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Preface

This book and its sister volumes, i.e., LNCS volumes 4221 and 4222, constitute the
proceedings of the 2nd International Conference on Natural Computation (ICNC
2006), jointly held with the 3rd International Conference on Fuzzy Systems and
Knowledge Discovery (FSKD 2006, LNAI volume 4223) on 24-28 September 2006
in Xi’an, Shaanxi, China. In its budding run, ICNC 2006 successfully attracted
1915 submissions from 35 countries/regions (the joint ICNC-FSKD 2006 event
received 3189 submissions). After rigorous reviews, 254 high-quality papers, i.e.,
168 long papers and 86 short papers, were included in the ICNC 2006 proceedings,
representing an acceptance rate of 13.3%.

ICNC-FSKD 2006 featured the most up-to-date research results in compu-
tational algorithms inspired from nature, including biological, ecological, and
physical systems. It is an exciting and emerging interdisciplinary area in which
a wide range of techniques and methods are being studied for dealing with large,
complex, and dynamic problems. The joint conferences also promoted cross-
fertilization over these exciting and yet closely-related areas, which had a sig-
nificant impact on the advancement of these important technologies. Specific
areas included neural computation, quantum computation, evolutionary compu-
tation, DNA computation, fuzzy computation, granular computation, artificial
life, etc., with innovative applications to knowledge discovery, finance, opera-
tions research, and more. In addition to the large number of submitted papers,
we were blessed with the presence of six renowned keynote speakers.

On behalf of the Organizing Committee, we thank Xidian University for
sponsorship, and the National Natural Science Foundation of China, the Inter-
national Neural Network Society, the Asia-Pacific Neural Network Assembly, the
IEEE Circuits and Systems Society, the IEEE Computational Intelligence Soci-
ety, the IEEE Computational Intelligence Singapore Chapter, and the Chinese
Association for Artificial Intelligence for technical co-sponsorship. We thank the
members of the Organizing Committee, the Advisory Board, and the Program
Committee for their hard work in the past 12 months. We wish to express our
heartfelt appreciation to the keynote speakers, session chairs, reviewers, and stu-
dent helpers. Our special thanks go to the publisher, Springer, for publishing the
ICNC 2006 proceedings as two volumes of the Lecture Notes in Computer Sci-
ence series (and the FSKD 2006 proceedings as one volume of the Lecture Notes
in Artificial Intelligence series). Finally, we thank all the authors and partici-
pants for their great contributions that made this conference possible and all
the hard work worthwhile.

September 2006 Lipo Wang
Licheng Jiao
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of Quantum Search Algorithm System 

Sun Li1 and Xu Wen-Bo2 

1 School of E-learning, Southern Yangtze University, Wuxi, P.R. China 214036 
lisun@sytu.edu.cn 

2 School of Information Engineer, Southern Yangtze University, Wuxi, P.R. China 214122 
xwb@sytu.edu.cn 

Abstract. NMR has been considered as one of the most effective physical 
system to realize quantum computation. As multiple-quantum operator algebra 
theory mentioned, any unitary transformation can be decomposed into a 
sequence of a limited number of one-qubit quantum gates and two-qubit 
diagonal gates. Based on these backgrounds, we proposed the method to design 
NMR pulse sequences to implement Generalized Quantum Search Algorithm 
with arbitrary phase rotation, and, experimental finished the algorithm with 
different phase rotations respectively in a two-qubit system, on a Quantum 
Computer Emulator. 

Keywords: NMR, Generalized Quantum Search Algorithm, phase rotations, 
NMR pulse sequences. 

1   Introduction 

Grover’s Quantum Search Algorithm (Grover, 1996) is optimal. Depending on the 
superiority of quantum parallel computation, the algorithm has decreased query 
number to search an item in an unsorted database squarely, compared to classical 
search algorithms. As a next wave of evolution, building blocks of the algorithm are 
aimed to be defined as general as possible. The original Grover algorithm has been 
enhanced to Generalized Quantum Search Algorithm (Grover, 1998). 

Quantum computation follows the laws of quantum mechanics. The two-state 
quantum system which represents qubit should be interacted. The interaction can be 
used in computation. So the computation would be underway though a special extra 
action, which operates and controls the change of the state. Besides this, the system 
should be independence. This ensures the coherence of quantum states not to be 
disrupted. Because of the weak interaction with outsides, spin-1/2 for every nuclear 
(up and down), and the spin coupling between two spins, together with the extra radio 
frequency (RF) pulses to control and survey the spin, Nuclear Magnetic Resonance 
(NMR) system is coming to be one of the mostly used physical systems to implement 
quantum computation. 

To implement quantum computation through NMR, quantum gates should be 
turned into NMR pulse sequences. As multiple-quantum operator algebra theory 
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mentioned (Miao, 2000), any unitary transformation can be decomposed into a 
sequence of a limited number of one-qubit quantum gates and two-qubit diagonal 
gates. In this paper, we decomposed quantum gates in Generalized Quantum Search 
Algorithm in a 2-qubit system with different phase rotating angles, designed NMR 
pulse sequences to realize those gates. Finally, we verified the design with a Quantum 
computation Emulator (Michielsen et al., 2003).  

2   Generalized Quantum Search Algorithm 

Beginning with an average probability amplitude superposition state to be the initial 
state, Grover algorithm consists of four steps in a iteration: (1) a phase inversion of 
the target state |s>, with the operator Is=I-2|s><s|; (2) the Walsh–Hadamard 
transformation W; (3) a phase inversion of the prepared state |00…0>, with the 
operator I0=I-2|0><0| and (4) the Walsh–Hadamard transformation W. Step 2–4 are 
combined to give the inversion about average D=WI0W. The operator for one Grover 

iteration is Q=WI0WIs. After T=(π/4) N  iterations, the probability amplitude of the 
marked state |s> is nearly 1.  

In Generalized Quantum Search Algorithm, phase inversions are replaced by 
arbitrary phase rotations. An iteration is composed of four steps as follows: (1) a 
phase rotation of the target state |s> with the angle θ, the operator is Ig

s=I-(1-eiθ 

2|s><s|; (2) a arbitrary unitary transformation U; (3) a phase rotation of the prepared 
state |00…0>, with the angle φ, the operator is Ig

0=I-（1-eiφ
）|0><0| and (4) an 

arbitrary unitary transformation U.  
Obviously, when U turns into W and θ =φ =π, Grover algorithm is recovered. 

Further research indicated that only when phase matching was satisfied, which is θ 
=φ, that Generalized Quantum Search Algorithm would work (Long et al., 1999). 
With different phase rotating angle θ (φ), the iteration number is not the same.  

3   Design of NMR Pulse Sequences for Generalized Quantum 
Search Algorithm 

3.1   Multiple-Quantum Operator Algebra Theory 

Quantum computation is a reversible process. It can be thought of as a series of 

unitary transformations acted on the input state, that is: ∏ >=
i

i tUt 0|)()(| ϕϕ . 

The time-evolutional operator U(t) obeys the basic law of quantum mechanics-
Schrödinger Equation:  

)()(
)(

tUtiH
dt

tdU −=               ( 1= )                           (1) 

where H(t) is the effective Hamiltonian for the unitary operator U(t). Then it follows 
from (1) that: 
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                       ])(exp[)( ttiHtU −=                                                (2) 

The research of NMR (Chuang et al., 1998) mentioned that in a strong static multi-
dimensional magnetic field, the spin Hamiltonian could be expressed as: 

∑∑∑
=>>=>=

++++=
N

klm
zmzlzkklm

N

kl
zlzkkl

N

k
zkk IIIJIIJIhhH

111
00 ......42'      (3) 

where hk’ and Ikz  are planck parameter and spin angular momentum operator in Z 
direction for spin k respectively. J is the coefficient of spin-coupling. 

Following from (2) and (3), we gain the operator U0 in a multi-qubit quantum 
computation system that:  

∏ ∏ ∏
= => =>>

−−−−=
1 1 1

00 )...4exp()2exp()'exp()exp(
k kl klm

zmzlzkmlkzlzkklzkk IIIJiIIJiIihihU  (4) 

where exp(-ih0) and other constant items can be ignored. (4) can be further 
decomposed into production of a series of single-qubit gates and two-qubit CNOT 
gates. In a two-spin NMR system, as a two-qubit system, unitary operator U0 can be 
expressed as that:  

)exp()'exp()'exp( 211222110 zzzz IIiJIihIihU −−−=                      (5) 

3.2   Elementary Quantum Gate, Walsh-Hadamard Gate and Spin-Coupling 
Item 

Those spin angular momentum operators in a spin-1/2 system can be denoted in the 
form of the famous Pauli Matrix in Atomic Physics, which is:  

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
==

01

10

2

1

2

1
xxI σ , ⎟⎟

⎠

⎞
⎜⎜
⎝

⎛ −
==

0

0

2

1

2

1

i

i
I yy σ , ⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
==

01

10

2

1

2

1
xxI σ  

The operator making the spin to rotate in an angle θ around the x-axis, which 

requires a pulse along the y-axis, can be defined as ]exp[ xIiX θθ = . 
θ

X  means 

an inverse rotation to θX , ]exp[ xIiX θ
θ

−= . 

Of particular interest, when θ=π/2, 

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
==

1

1

2

1
]2/exp[2/

i

i
IiX xππ  

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
−

−
=−=

1

1

2

1
]2/exp[

2/

i

i
IiX xπ

π
 

It is easily to give that:   )1|0(|2/10|2/ >+>>= iX π , 

)1|0|(2/10|
2/

>+>>= iX
π

.  

So 2/πX  and 
2/π

X  can be taken as elementary quantum gates. 
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Same to the rotation around y-axis, which needs a pulse along x-axis. 

]exp[ yIiY θθ = , ]exp[ yIiY θ
θ

−= . 

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
−

==
11

11

2

1
]2/exp[2/

yIiY ππ , 

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛ −
=−=

11

11

2

1
]2/exp[

2/

yIiY π
π

. 

)1|0(|2/10|2/ >−>>=πY , )1|0(|2/10|
2/

>+>>=
π

Y . 

In a NMR system, the RF pulse can only be lead into along x or y-axis, so the spin 

operator making a rotation around the z-axis can be denoted as a combination of θX  

and θY , which is 22
π

θ
π

θ YXYZ = ，

22
πθ

π
θ

YXYZ = . 

>>= 0|]4/exp[0|2/ ππ iZ , >−>= 0|]4/exp[0|
2/

π
π

iZ . 

>−>= 1|]4/exp[1|2/ ππ iZ , >>= 1|]4/exp[1|
2/

π
π

iZ . 

Another basic operation is the single-qubit Walsh-Hadamard transform W, which, 
in terms of elementary rotations, reads 

W= 222222 )()(
11

11

2

ππππ

XYYX
i ==⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
−

                               (6) 

Multi-qubit W-H transform can be expressed as an orderly conduction by a series of 
single-qubit W-H transforms. 

n
n WWWW ⊗⊗⊗= ...21                                               (7) 

The spin-coupling item in a two-qubit system is defined as: 

]2exp[ 2112 tIIiJG zzπ−= , in which: πθπ 122/)2( Jt −= . 

It gives:                  ])2(exp[ 21 zz IIiG θπ −−=                                               (8) 

3.3   NMR Pulse Sequences for Generalized Quantum Search Algorithm 

On the basis of (5)-(8), we give NMR pulse sequences for all operators in a two-qubit 
Generalized Quantum Search Algorithm. 

W-H Transform: 22
2

2221
2

21
2 )()(

ππππ
YXYXW =                                        (9) 

Phase inversion operator for |00>: GYXYYXYI g
2222222121210

πθππθπ
=     (10) 

Phase inversion operator for |10>: GYXYYXYI g
2222222121211

πθππθπ
=      (11) 
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Phase inversion operator for |01>: GYXYYXYI g
2222222121212

πθππθπ
=         (12) 

Phase inversion operator for |11>: GYXYYXYI g
2222222121213

πθππθπ
=          (13) 

The sequence to finish the whole search is, 

>>= 0
22

0
2

0 |)(| φφ WIWIWQ Tg
j

gg
j                              (14) 

Where j is the target for search, |Φ0> is the prepared state |00> and T is the iteration 
number. 

4   Simulating Implementation and Results 

Quantum Computer Emulator (QCE) is a classic computer program with graphical 
user interface. It emulates various hardware designs of Quantum Computer, simulates 
the physical processes that govern the operation of the hardware quantum processor, 
strictly according to the laws of quantum mechanics. The QCE also provides an ideal 
NMR environment to debug and execute quantum algorithms under realistic 
experimental conditions. In QCE, all operations to a spin, which require extra RF 
pulse, can be achieved through Micro-Instruction (MI). A series of MIs compose 
quantum program to constitute quantum gates and the complete quantum algorithm. 
The key to design a MI is the definition of some significant parameters, such like 
operating duration τ/2π, J and h. 

We designed QCE Micro-Instructions required to implement generalized search 
algorithm in a 2-qubit NMR system under conditions described below. 

In an ideal 2-spin NMR system, any operation to a spin by a RF pulse can be 
denoted as,                                     )exp()( τiHtU −=                                          (15) 

z

z

z

z
y

y

y

y

x

x

x

x

zz IhIhIhIhIhIhIJIH 22112211221121 −−−−−−−=           (16) 

When we considerate the operator ]exp[
xjj IiX θθ = , 

x
j

x
j IhH −= , it gives 

xjxj
x

j IiIih θτ =  (j=1,2). So the MI to achieve the operator 
θ

jX  meets:                   

x
jhπθπτ 2/2/ =                                               (17) 

Same to the MI for operator 
θ

jY , 
y

jhπθπτ 2/2/ =                                       (18) 

To spin-coupling item: ])2(exp[ 21 zz IIiG θπ −−= , zz IJIH 21−= , it gives  

Jπθππτ 2/)2(2/ −=                                             (19) 
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In the simulation, we implemented Generalized Quantum Search Algorithm with 
three different phase rotation, π, 3π/4 and π/2 respectively. All significant parameters 
for MI design required in the experiment, according to (17)-(19), are shown in table 1. 

Table 1. QCE MI parameters in the simulation 

MI /2  H1
x H2

x H1
y H2

y H1
z H2

z J12
z

X1( /2) 0.25 1 0 0 0 0 0 0 
X2( /2) 0.25 0 1 0 0 0 0 0 
X1(- /2) 0.25 -1 0 0 0 0 0 0 
X2(- /2) 0.25 0 -1 0 0 0 0 0 
Y1( /2) 0.25 0 0 1 0 0 0 0 
Y2( /2) 0.25 0 0 0 1 0 0 0 
Y1(- /2) 0.25 0 0 -1 0 0 0 0 
Y2(- /2) 0.25 0 0 0 -1 0 0 0 
X1(3 /8) 0.1875 1 0 0 0 0 0 0 
X2(3 /8) 0.1875 0 1 0 0 0 0 0 
X1(-3 /8) 0.1875 -1 0 0 0 0 0 0 
X2(-3 /8) 0.1875 0 -1 0 0 0 0 0 
X1( /4) 0.125 1 0 0 0 0 0 0 
X2( /4) 0.125 0 1 0 0 0 0 0 
X1(- /4) 0.125 -1 0 0 0 0 0 0 
X2(- /4) 0.125 0 -1 0 0 0 0 0 

G( ) 5*105 0 0 0 0 0 0 -1*10-6

G(3 /4) 6.25*105 0 0 0 0 0 0 -1*10-6

G( /2) 7.5*105 0 0 0 0 0 0 -1*10-6

 

τ/2π corresponds to the QCE MI parameter ‘Time step’. We set ‘Main steps’ and 
‘Intermediate step’ to 1. All other parameters not in table 1 are set to 0. 

After finishing Micro-Instructions, we composed all quantum programs with 
three phase rotations based on (9) to (14), and formed iterations for quantum search 
algorithm. Fig. 1 to 3 gave the QCE results to implement generalized quantum 
search to reach single target state |00>, |10>, |01> and |11>, with different phase 
rotation, π, 3π/4 and π/2 respectively. The QCE results are, when phase rotation is 
π, which means classic Grover search algorithm, only one iteration would lead to 
the target state; 3 iterations are needed when phase rotating 3π/4; iteration number 
is 6 with π/2 phase rotation. The result in π/2 is in accordance with the conclusion 
to search for |11> in a concrete NMR system reported by Long GL (Long et al., 
2001). 
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Fig. 1. QCE result (phase rotation =π) 

 

Fig. 2. QCE result (phase rotation =3π/4) 

 

Fig. 3. QCE result (phase rotation =π/2) 
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5   Conclusion 

The simulating results stated that those NMR pulse sequences we designed to 
implement Generalized Quantum Search Algorithm were on the whole reasonable. 
Although Generalized Quantum Search Algorithm has extended Grover quantum 
search algorithm effectively, those integrated expenses to practically implement the 
search is not optimal. That means, phase inversion is the most economical method to 
finish the iteration in the search step, even though it is not easy to control the spin 
rotation in real NMR system.  

An important topic that we did not touch upon at all is the effect of the interaction 
of the NHR with its environment (dissipation, decoherence). Dissipation can not be 
treated within the context of the models that the QCE can solve. We need to solve the 
equations of motion of the full density matrix, instead of solving the time-dependent 
Schrödinger equation, if we take into account of the dissipation. On the other hand, 
decoherence can be studied within QCE, though we did not include in the paper. Not 
considering the interaction may bring about some affections to the identification of 
simulating effects, but we think they would not be strong enough to change the 
iteration number of the quantum search.  

Due to the easy use of QCE on a personal computer, its exact simulation to the real 
NHR environment, and NHR being regarded as one of the mostly used physical 
systems to implement quantum computation, we think it show advantages compared 
to other simulations of quantum search algorithm, which not being realized on a PC or 
in a NHR environment (Jumpei Niwa, Keiji Matsumoto, Hiroshi Imai, 2002 and Shingo 
Fujiwara, Shuichi Hasegawa, 2005). A computer simulation of NMR implementing 
quantum algorithm provides certain reference senses to theoretical research of 
quantum computation and algorithm, verification for feasibility of quantum algorithm, 
as well as physical achievement of quantum computer.  
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Abstract. Based on the quantum algorithms for approximating the
mean of p-summable sequences, we develop quantum algorithms for ap-
proximating the integration from anisotropic and generalized Sobolev
classes. Then we analyze query error of these algorithms and prove their
optimality. It is proved that for these classes of functions the optimal con-
vergence rates of quantum algorithms are essential smaller than those of
classical deterministic and randomized algorithms. Our results extend
recent works of Heinrich on classical Sobolev classes.

1 Introduction and Results

An important question in the overlap of computer science, mathematics, and
physics, is the exploration of potential capabilities of quantum computers. Mile-
stones work is Shor’s discovery of polynomial factoring algorithm on a quantum
computer and the quantum search algorithm of Grover, cf. [7, 10]. So far, major
research was concentrated on discrete problems that one encounters in computer
science. While for the quantum computation of numerical problem, the pioneer-
ing work is the establishment of the matching upper and lower bound for the
numerical integration from classical Hölder classes which was done by Novak,
cf. [9]. After that, a series of papers about summation of p-summable sequences
and multivariate integration of various function classes were published, cf. [3–6]
and the references therein. In this paper, we extend the work of Heinrichs’ about
classical Sobolev classes by studying the optimal order of quantum integration
error for anisotropic Sobolev classes and generalized Sobolev classes. Comparing
our results with the exact order of these classes in the classical deterministic and
randomized settings cf. [2, 11], we see that quantum algorithm bring a essential
speedups over classical algorithms.

Let’s recall the quantum computation model for numerical problems. For non-
empty set Ω and K we denote the set of all function from Ω to K by F(Ω, K).
Let G be a normed space with scalar field K, which is either R or C, and let
S be any mapping from F to G, where F ⊂ F(Ω, R). We want to approximate
S(f) for f ∈ F by quantum computations. Denote Z[0, N) := {0, . . . , N − 1} for
� Corresponding author, supported by the Natural Science Foundation of China

(Grant No. 10501026).
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N ∈ N. Let Hm be m-fold tensor product of H1, two-dimensional Hilbert space
over C, and let {e0, e1} be two orthonormal basis of H1. An orthonormal basis of
Hm, denoted by Cm, consist of the vectors |l >:= ei0 ⊗ . . .⊗eim (l ∈ Z[0, 2m−1)),
where ⊗ is the tensor product, ij ∈ {0, 1} and l =

∑2m−1
j=0 ij2m−1−j . Let U(Hm)

stand for the set of unitary operator on Hm. Two mappings is defined respec-
tively by τ : Z → Ω and β : K → Z[0, 2m

′′
). where for m, m′, m

′′ ∈ N,
m′+m

′′ ≤ m and Z is the nonempty subset of Z[0, 2m′
). A quantum query on F

is given by a tuple Q = (m, m′, m
′′
, Z, τ, β), and the number of quits m(Q) := m.

We define the unitary operator Qf for a given query Q by setting for each f ∈ F

Qf |i > |x > |y >:=
{

|i > |x ⊕ β(f(τ(i))) > |y > if i ∈ Z,
|i > |x > |y > otherwise, (1)

where set |i > |x > |y >∈ Cm := Cm′ ⊗ Cm′′ ⊗ Cm−m′−m′′ and denote addition

modulo 2m
′′

by ⊕. Let tuple A = (Q, (Uj)n
j=0) denote a quantum algorithm on F

with no measurement, where Q is a quantum query on F , n ∈ N0 (N0 = N
⋃

{0})
and Uj ∈ U(Hm), with m = m(Q). For each f ∈ F , we have Af ∈ U(Hm) with
the following form

Af = UnQfUn−1 . . . U1QfU0. (2)

The number of queries are denoted by nq(A) := n. A quantum algorithm
A : F → G with k measurements is defined by for k ∈ N

A = ((Al)k−1
l=0 , (bl)k−1

l=0 , φ), (3)

where Al(l ∈ Z[0, k)) are quantum algorithms on F with no measurements,
b0 ∈ Z[0, 2m0) is a fixed basis state with which A starts. For 1 ≤ l ≤ k−1, apply
the quantum operations to bl−1 and get a random state ζl−1. The resulting state
ζl−1 is memorized and transformed into a new basis state bl,

bl :
l−1∏

i=0

Z[0, 2mi) → Z[0, 2ml), (4)

where we denote ml := m(Al) and φ is a function

φ :
k−1∏

i=0

Z[0, 2ml) → G. (5)

Let nq :=
∑k−1

l=0 nq(Al) denote the number of queries used by A and
(Af (x, y))x,y∈Cm the matrix of the transformation Af in the canonical basis Cm,
Af (x, y) =< x|Af |y >. The output of A at input f ∈ F will be a probability
measure A(f) on G, defined as follows:

pA,f (x0, . . . , xk−1) = |A0,f (x0, b0)|2|A1,f (x1, b1(x0))|2
. . . |Ak−1,f (xk−1, bk−1(x0, . . . , xk−2))|2.

(6)
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Define A(f) by

A(f)(C) =
∑

φ(x0,...,xk−1)∈C

pA,f(x0, . . . , xk−1), ∀C ⊂ G. (7)

The error of A for S on input f is defined as follows: Let 0 ≤ θ < 1, f ∈ F , let
ξ be any random variable with distribution A(f), and let e(S, A, f, θ) = inf{ε ≥
0 : P{‖s(f) − ξ‖ > ε} ≤ θ}. Associated with this we introduce

e(S, A, F, θ) = sup
f∈F

e(S, A, f, θ), (8)

e(S, A, f) = e(S, A, f,
1
4
), (9)

e(S, A, F ) = sup
f∈F

e(S, A, f). (10)

The n-th minimal query error is defined for n ∈ N0 as

eq
n(S, F ) := inf{e(S, A, F ) : nq(A) ≤ n}. (11)

Let D = [0, 1]d, C(D) be the space of continuous functions on D with the
supremum norm. For 1 ≤ p < ∞, let Lp(D) be the space of p-th Lesbegue-
integrable functions with the usual norm. Below for any Banach space X the
unit ball centered at the origin is denoted by B(X), which is defined as {f ∈ X :
‖f‖X ≤ 1}.

Let ej = (δi,j), the Kronecker notation. For r ∈ N
d and 1 ≤ p < ∞, the

anisotropic Sobolev space W r
p (D) consists of functions f ∈ Lp(D) such that for

j ∈ {1, ..., d}, ∂rjej f ∈ Lp(D). It is known that the space W r
p (D) is a Banach

space with the norm

‖f‖W r
p(D) := ‖f‖Lp(D) +

d∑

j=1

‖∂rjej f‖Lp(D). (12)

We use the notation g(r) = (
∑d

j=1
1
rj

)−1 and assume that g(r) > 1/p, so that
the space W r

p (D) can be imbedded into C(D). Define the integration operator
Id : W r

p (D) → R by

Id(f) =
∫

D

f(t)dt. (13)

Theorem 1. Let r ∈ N
d, 1 ≤ p < ∞ and assume g(r) > 1/p, then

n−g(r)−1 ≤ eq
n(Id, B(W r

p (D))) ≤ c · n−g(r)−1 · αp, (14)

where

αp :=

⎧
⎨

⎩

1 if 2 < p ≤ ∞,

(log log n)3/2 log log log n if p = 2,

(log n)2/p−1 if 1 ≤ p < 2,
(15)
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Note that the results of the case r1 = r2 = · · · = rd were obtained by Heinrich.
Then we consider more general Sobolev class. A set Λ ⊂ N

d
0 is said to be com-

plete, if it is bounded and satisfies: α ∈ Λ and α′ ≤ α, implies that α′ ∈ Λ, and
the boundary of Λ is defined by

∂Λ := { α : α /∈ Λ, and if α′ < α, then α′ ∈ Λ }, (16)

The generalized Sobolev class is defined as

B(WΛ
p (D)) :=

{
f ∈ C(D) :

∑

α∈∂Λ

‖Dαf‖Lp(D) + ‖f‖Lp(D) ≤ 1
}
. (17)

Theorem 2. Let Λ be a complete set, 1 ≤ p < ∞, then

eq
n(Id, B(WΛ

p (D))) ≤ c · n−g(rΛ)−1 · αp , (18)

rΛ = (r1, . . . , rd) satisfying rjej ∈ ∂Λ for j = 1, . . . , d.

It is known from [2] and [11] that the optimal bound of integration error for the
classes B(W r

p (D)) is n−g(r) while that of randomized algorithms is
n−g(r)−min{1−1/p ,1/2}. As the classical Sobolev classes we find that for there
is a e essential speedup of quantum algorithm over classical deterministic and
quadratic speedup over randomized algorithm. Similar comments can be made
for the class B(WΛ

p (D)), cf. [2].

2 The Proof of Results

Lemma 1. Let Q be a rectangle with side length vector δ = (δ1, . . . , δd), Pr =
span{xk : k ∈ N

d
0, kj < rj , 1 ≤ j ≤ d}. For each f ∈ W r

p (Q), there exists a
polynomial g ∈ Pr such that,

‖f − g‖C(Q) ≤ c
d∑

j=1

δ
rj−d

p

j ‖∂rjej f‖Lp(Q). (19)

where c is independent of δ and f .

Lemma 2. Let F ⊆ F(Ω, K) and F̃ ⊆ F(Ω̃, K̃) be nonempty sets Γ : F → F̃
be of the following form. For κ, m∗ ∈ N there are mappings

ηj : Ω̃ → Ω,

β : k → Z[0, 2m∗
),

� : Ω̃ × Z[0, 2m∗
)κ → K̃

(20)

such that for f ∈ F and s ∈ Ω̃

(Γ (f))(s) = �(s, β ◦ f ◦ η0(s), . . . , β ◦ f ◦ ηκ−1(s)) . (21)

If S̃ : F̃ → G is any mapping and S = S̃ ◦ Γ , then for each n ∈ N0

eq
2κn(S, F ) ≤ eq

n(S̃, F̃ ) . (22)
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Lemma 3. Let Ω, K and F ⊆ F(Ω, K) be nonempty sets, let k ∈ N0 and let
Sl : F → R (l = 0, . . . , k) be mappings. Define S : F → R by S(f) =

∑k
l=0 Sl(f)

(f ∈ F ). Let n0, . . . , nk ∈ N0.
(i) Assume θ0, . . . , θk � 0 and put n =

∑k
l=0 nl. Then

eq
n(S, F,

k∑

l=0

θl) ≤
k∑

l=0

eq
nl

(Sl, F, θl). (23)

(ii) Assume v0, . . . , vk ∈ N satisfy
∑k

l=0 e−vl/8 ≤ 1/4. Put n =
∑k

l=0 vlnl.
Then

eq
n(S, F ) ≤

k∑

l=0

eq
nl

(Sl, F ). (24)

Lemma 4. Let S, T : F → G be any mappings. Then the following hold:
(i) eq

n(T, F ) ≤ eq
n(S, F ) + supf∈F |T (f) − S(f)|.

(ii) If K = K and S is a linear operator from F(D, K) to G, then for all
λ ∈ K

eq
n(S, λF ) = |λ| · eq

n(S, F ) . (25)

Then we recall the results about summation from [3, 5]. For 1 ≤ p < ∞, let LN
p

denote the Banach space of all functions f : Z[0, N) → R, equipped with the
norm

‖f‖LN
p

=

(
1
N

N−1∑

i=0

|f(i)|p
)1/p

. (26)

The summation operator SN : B(LN
p ) → R is defined by

SNf =
1
N

N−1∑

i=0

f(i). (27)

Theorem 3. Let 1 ≤ p < 2, n, N ∈ N with 2 < n ≤ c1N ,

c · n−1 ≤ eq
n(SN , B(LN

2 )) ≤ c · n−1 log3/2 n log log n, (28)

c · λp(n, N) ≤ eq
n(SN , B(LN

p )) ≤ c · max(log(n/
√

N), 1)2/p−1λp(n, N) (29)

where λp(n, N) = min(n−2(1−1/p), n−2/pN2/p−1).

Proof of Theorem 1: Let n0 be sufficiently large integer such that n0

g(r)
rj >

2 , let mj(r) = [n0

g(r)
rj ], j = 1, . . . , d. Define the real number P0 as P0 =

∑d
j=1 log mj(r). After some simple calculations, we can yield

2P0g(r) ≤ c1m
rj

j ≤ c22P0g(r), j = 1, . . . , d. (30)
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Now we subdivide D into 2P0l congruent rectangles Dli with side length vector
( 1

m1(r)
, . . . , 1

md(r)). Let sli denote the point in Dli with the smallest Euclidean
norm. We introduce the following extension operator Eli : F(D, R) → F(D, R)
by

(Elif)(s) = f(sli + (m−l
1 s1, . . . , m

−l
d sd)). (31)

Let J be d-fold tensor product of appropriate degree Newton-Cotes formula with
the form Jf =

∑κ−1
j=0 bjf(tj), where κ = dimPr, which is exact on Pr. By Lemma

1 and (30) that for f ∈ W r
p (D)

|Idf − Jlf | ≤ c 2−P0g(r)l|f |W r
p (D). (32)

Now we apply the multilevel techniques as in [4]. We approximate Idf by Jkf
with the desired error bound, however the node number required by Jk might
be much larger than n. We split Jk into Jk0 and J ′

l (l = k0, . . . , k − 1). The
computation of J ′

lf reduces to that of the mean of sequences with bounded LNl
p

norms for proper Nl. This enable us to use Theorem 3 and approximate the
mean by quantum algorithm.

Let J ′f := (J1 − J0)f . Then J ′f has the form

J ′f =
κ′−1∑

j=0

b′jf(t′j) (33)

where
κ′ ≤ κ(2P0 + 1) . (34)

For l ∈ N0, set
J ′

lif = J ′(Elif) (35)

J ′
l = 2−P0l

2P0l−1∑

i=0

J ′
li . (36)

We conclude that:

Jl+1f = 2−P0l
2P0l−1∑

i=0

J1(Elif) (37)

and hence

Jl+1f − Jlf = 2−P0l
2P0l−1∑

i=0

J ′
lif = J ′

lf . (38)

Using (35) and (40), we get

2−P0l

2P0l−1∑

i=0

|J ′
lif |p ≤ 2−P0l

2P0l−1∑

i=0

|J1(Elif) − J0(Elif)|p

≤ 2−P0l

2P0l−1∑

i=0

(|(Id − J1)(Elif)| + |(Id − J0)(Elif)|)p

≤ c 2−pg(r)P0l‖f‖p
W r

p(D) .

(39)
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For n ≥ max(κ, 5), let k0 = �log(n/κ)/P0� and k = �(1 + 1/g(r))k0�. By
(2.40) we have

Jk = Jk0 +
k−1∑

l=k0

J ′
l . (40)

For k0 ≤ l < k put Nl = 2P0l. To apply Lemma 3 we shall define the mapping
Γl : W r

p (D) → LNl
p (D). Since g(r) > 1/p, by the imbedding theorem [8]

‖f‖C(D) ≤ c‖f‖W r
p(D). (41)

Let us fix an m∗ ∈ N with

2−m∗/2 ≤ k−12−g(r)kP0 (42)

and
2m∗/2−1 ≥ c, (43)

where the constant c comes from the inequality (41). Therefore for f ∈ B(W r
p (D))

‖f‖C(D) ≤ 2m∗/2−1. (44)

Let the mapping ηlj (i) : Z[0, Nl) → D (j = 1, . . . , κ′ − 1) be

ηlj (i) = sli + (m−l
1 t′j1, . . . , m

−l
d t′jd). (45)

Define β : R → Z[0, 2m∗) by

β(z) :=

⎧
⎨

⎩

0 if z < −2m∗/2−1,

�2m∗/2(z + 2m∗/2−1)� if −2m∗/2−1 ≤ z < 2m∗/2−1,

2m∗ − 1 if z ≥ 2m∗/2−1,

(46)

and γ : Z[0, 2m∗
) → R by

γ(y) = 2−m∗/2y − 2m∗/2−1. (47)

It is obvious that for −2m∗/2−1 ≤ z ≤ 2m∗/2−1,

γ(β(z)) ≤ z ≤ γ(β(z)) + 2−m∗/2. (48)

The mapping � : Z[0, 2m∗
)κ′ → R is defined by

�(y0, . . . , yκ′−1) =
κ′−1∑

j=0

b′jγ(yj). (49)

We give the expression of the mapping Γl for f ∈ B(W r
p (D)),

Γl(f)(i) = �((β ◦ f ◦ ηlj (i))
κ′−1
j=0 ). (50)
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Let x = sli + (m−l
1 t′j1, . . . , m

−l
d t′jd) by (35) and (50) we have

|J ′
lif − Γl(f)(i)| ≤

κ′−1∑

j=0

|b′j ||f(x) − γ(β(f(x)))|. (51)

By (44) and (48),

|J ′
lif − Γl(f)(i)| ≤ 2−m∗/2

κ′−1∑

j=0

|b′j| ≤ ck−12−g(r)kP0 . (52)

By (36)
|J ′

lf − SNl
Γl(f)| ≤ ck−12−g(r)kP0 . (53)

Using (39), (53) and l < k, we have

‖Γl(f)‖
L

Nl
p

≤ ‖(J ′
li
f)Nl−1

i=0 ‖
L

Nl
p

+ ‖Γl(f) − (J ′
li
f)Nl−1

i=0 ‖
L

Nl
p

≤ c · 2−g(r)P0l.
(54)

We conclude that

Γl(B(W r
p (D))) ⊆ c2−g(r)P0lB(LNl

p ). (55)

Choose μ to satisfy the following condition

0 < μ < min
(

g(r)P0,
p

2
P0

(

g(r) − (
2
p

− 1)
))

(56)

and let
nl = �2P0k0−μ(l−k0)�, (57)

vl = �8(2 ln(l − k0 + 1) + ln 8)�, (58)

for l = k0, . . . , k − 1. A simple computation leads to

k−1∑

l=k0

e−vl/8 < 1/4 . (59)

Set

ñ = n + 2κ′
k−1∑

l=k0

vlnl. (60)

By the definitions of nl, vl, k0 and k,ñ ≤ cn. Using Lemma 4 (i) and (32), we
have

eq
ñ(Id, B(W r

p (D))) ≤ c2−g(r)P0k + eq
ñ(Jk, B(W r

p (D))). (61)

Since κ2P0k0 ≤ n,
eq

n(Jk0 , B(W r
p (D)), 0) = 0. (62)
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According to the Lemma 3, (62) and Lemma 4, (44), (61), (62),

eq
ñ(Jk, B(W r

p (D))) ≤ eq
n(Jk0 , B(W r

p (D))), 0) + eq
ñ−n(Jk − Jk0 , B(W r

p (D)))

≤
k−1∑

l=k0

eq
2κ′nl

(J ′
l , B(W r

p (D))).

(63)

From (53), Lemma 4, (55), and Lemma 2, we have

eq
2κ′nl

(J ′
l , B(W r

p (D))) ≤ ck−12−g(r)P0k + eq
2κ′nl

(SNl
Γl, B(W r

p (D)))

≤ ck−12−g(r)P0k + c2−g(r)P0leq
nl

(SNl
, B(LNl

p )).
(64)

Combining (61)-(64), we conclude

eq
ñ(Id, B(W r

p (D))) ≤ c2−g(r)P0k + c

k−1∑

l=k0

2−g(r)P0leq
nl

(SNl
, B(LNl

p )). (65)

The treat of the case of 2 < p < ∞ is similar to p = ∞, cf. [6]. We omit it.
Next we consider the case 1 ≤ p < 2, Note that by (56)

2
p
μ < P0

(

g(r) − (
2
p

− 1)
)

. (66)

For brief, denote F = B(W r
p (D)). From (65) and Theorem 3

eq
ñ(Id, F ) ≤ c2−g(r)P0k + c

k−1∑

l=k0

2−P0g(r)l−μ(l−l0)+(2/p−1)P0l(k0 + 1)
2
p−1

≤ c · 2−(g(r)+1)P0k0(k0 + 1)
2
p−1

≤ c · n−g(r)−1(log n)
2
p−1.

(67)

Finally we consider the case p = 2. From (65) and Theorem 3

eq
ñ(Id, F ) ≤ c2−g(r)P0k +

k−1∑

l=k0

c · 2−g(r)P0l · n−1
l λp(nl, Nl)3/2 log λp(nl, Nl)

≤ c · n−g(r)−1λ0(n).
(68)

Combine the method in [4] and the skill of treating anisotropy, we prove the
lower bound, so the proof of Theorem 1 is complete.

Based on Theorem 1, using the method in [2], we can prove Theorem 2.
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Abstract. All-or-Nothing Disclosure of Secrets, or ANDOS for brevity, is an 
interesting cryptographic task, which involves two parties, say Alice and Bob. 
Alice has a few secrets, which she regards as equally valuable. She would like to 
sell any of them to Bob, with the guarantee that no information about the other 
secrets will be obtained if he pays for only one secret. Moreover, Bob can freely 
choose his secret and wants to ensure that Alice can obtain no information about 
which of her secrets he has picked. In this paper, we present a new quantum 
ANDOS scheme which achieves the same functionality, but which is of 
unconditional security and is able to contain arbitrary number of secrets.  

1   Introduction 

In modern cryptography, secure two-party protocols are of great value both in 
research and in practice. All-or-Nothing Disclosure of Secrets (ANDOS) is such a 
kind of cryptographic task that involves two parties, Alice and Bob. Alice has a few 
secrets, which she regards as equally valuable. She would like to sell any of them to 
Bob, with the guarantee that no information about the other secrets will be obtained if 
he pays for only one secret. Moreover, Bob can freely choose his secret and wants to 
ensure that Alice can obtain no information about which of her secrets he has picked. 

The first ANDOS protocol was introduced in 1986 by Brassard, Crépeau and 
Robert in [1]. Indeed, the first case known as One-out-of-t String Oblivious Transfer 
for 3t =  was addressed and solved in [2]. After [1] and [2], several other schemes 
were proposed. Salomaa and Santean [3] designed an efficient ANDOS protocol that 
can distribute secrets to any number of people greater than one. Adrian Kent [4] gave 
a novel solution to this problem using the exchange of quantum information. In [5], 
Stern proposed a very efficient algorithm for real-life applications. 

However, previous ANDOS protocols all have some drawbacks. In [2] the number of 
secrets is limited to no more than three. [3] is vulnerable to collusion among the 
participants. Under cryptographic assumptions, the security obtained by [1] and [5] can 
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complement each other: the former is computationally secure for Alice and 
unconditionally secure for Bob, the latter provides unconditional security to Alice and 
computational security to Bob. In [4], Adrian Kent claims that his protocol is 
unconditionally secure. However, he used a bit commitment protocol as a building 
block in his scheme. In fact, unconditionally secure bit commitment is known to be 
impossible in both the classical and quantum worlds（ [6]～[7]）. Thus the protocol 
given in [4] does not really have the property of unconditional security. 

This paper gives a new ANDOS protocol by virtue of the elegant nature of 
quantum Positive Operator-Valued Measure or POVM measurements. Comparing to 
previous ANDOS protocols，the major contributions of this work are: 

① Both Alice and Bob have no limitation on their computing power, so it is 
unconditionally secure for each participants. (Comparing to [4], it need not invoke a 
bit commitment scheme as a building block in our scheme.) 
② According to Heisengberg Uncertainty Principle and quantum no-cloning 

theorem，no eavesdropper can escape being detected. Obviously, this is impossible 
in a classical environment.  
③ The number of secrets can be an arbitrary positive integer greater than 2. 

The paper is organized as follows. The k-OT protocol based on POVM construc- ted 
as a sub protocol in our ANDOS scheme is presented in section 2. The k-OT protocol 
ensures that Bob can reliably get the right information of each bit sent by Alice with 
probability about 0.3. In section 3, we use the k-OT protocol to construct our ANDOS 
scheme and then we introduce the intuition behind the scheme. We prove that the 
ANDOS protocol presented in this paper cannot be cheated by either party, except with 
arbitrarily small probability in section 4. Section 5 concludes the paper with some open 
questions.  

2   k-OT Sub Protocol Based on POVM Measurements 

First let us define two constants to be used later: cos
8

πμ = ， sin
8

πυ =  . 

In order to distinguish two non-orthogonal states ( )1 0 1 2ϕ = − +  and 

2 1ϕ =  reliably with success probability of some constant, consider a POVM 

containing three elements,  

                 1

0 1 0 1 1 1

1 122 2
E

αα
⎛ + ⎞⎛ + ⎞ ⎛ ⎞= ⋅ =⎜ ⎟⎜ ⎟ ⎜ ⎟

⎝ ⎠⎝ ⎠⎝ ⎠
 .                       (1) 

2

1 0
0 0

0 0
E β β ⎛ ⎞

= ⋅ = ⎜ ⎟
⎝ ⎠

 .                                        (2) 

( )( )
2

3 2
0 1 0 1E

υ μυγ υ μ υ μ γ
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where α , β  and γ  are constants to be later determined.       
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Because operators 1E , 2E  and 3E  constitute a POVM，they satisfy： 

             1 2 3E E E I+ + =  .                                                (4) 

Now we can get that, for state 1ϕ ，if Bob performs the measurement described 

by the POVM { }1 2 3, ,E E E , the probabilities of outcomes of 1E  and 2E  are 0  and 

2β  respectively. Similarly, for state 2ϕ , the probabilities of outcomes of 1E  and 

2E  are 2α  and 0  respectively. 

Therefore, suppose Alice sends to Bob a photon with the state 1ϕ  or 2ϕ , Bob 

measures it by the POVM { }1 2 3, ,E E E , if the result of his measurement is 1E  then 

Bob can safely conclude that the state he received must have been 2ϕ . A similar 

line of reasoning shows that if the measurement outcome 2E  occurs then it must have 

been the state 1ϕ  that Bob received. Some of the time, however, Bob will obtain the 

measurement outcome 3E ，then he will infer nothing about the identity of the state 
he was given.  

For the sake of symmetry of our protocol presented later, we let 

                           
2 2

β α=  .                                                              (5) 

Combine（1）～（5）we can get 

                
2

2 1
α β= =

+
 .                                                       (6) 

                  
2

2 1
γ =

+
 .                                                            (7)  

Let 
1 2 1

0.292895
2 2 2 1 2 2

k
α= = ⋅ = ≈

+ +
. 

Now we can conclude that no matter what state Alice sends to Bob, he will always 
confirm the identity of the state he received with success probability of k . 

Below we present the k-OT sub protocol. 

Before the protocol, Alice and Bob agree on that ( )1 0 1 2ϕ = − +  and 

2 1ϕ =  represent the bit 0 and 1 respectively. 1E ~ 3E  are defined as（1）~（3）, and  

α , β  and γ  are defined as（6）~（7）. 

Protocol 1  k-OT_POVM (b) 
Step 1. Let b  denotes the bit Alice wants to send. If 0b = , 

then she sends Bob 1ϕ . Otherwise she sends Bob 2ϕ . 

Step 2. After received the state, Bob performs the POVM 

measurements with { }1 2 3, ,E E E . 
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It is easy to know that protocol k-OT_POVM (b) satisfy: 

① Alice knows 0b =  or 1b = . 
② Bob gets bit b  from Alice with probability k . 
③ Alice does not know whether Bob got b  rightly or not. 

3   The New ANDOS Protocol 

In this section we present a new quantum ANDOS scheme based on protocol 1 and 
introduce the intuition behind the scheme. 

Before presenting our new scheme, we make the following assumption as in [1]: we 
assume that Alice is honest when she claims to be willing to disclose one secret, that is, 
she is not going to send junk to Bob. 

3.1   Quantum ANDOS Protocol Based on POVM Measurements  

Let t  be the number of Alice’s secrets, and 1 1, , , ts s s  be the secrets themselves. Let 

c  be Bob’s choice (i.e. Bob wants to get cs ). In order for Alice to sell one secret to 

Bob, she uses protocol Quantum_ANDOS( 1 1, , , ts s s ) ( c ) with Bob. 

Before the protocol, Alice and Bob agree on a security parameter N  used below. 

Protocol 2  Quantum_ANDOS ( 1 1, , , ts s s )(c) 

Step 1. Alice selects uniformly and randomly a N-bit sting 

1 2 NR r r r= . 

Step 2. For each bit in R , Alice uses the k-OT_POVM (b) 
protocol to transmit the relevant state to Bob.  
Step 3. Bob records each state he measured. If 5t ≤  then 

they skip to step 5 directly. Otherwise Bob sends ω  bits of 
the measurement outcomes that he has measured with certainty 

to Alice, where 1.2

1.2

kt
N

t
ω −⎡ ⎤= ⎢ ⎥−⎢ ⎥

 will be explained later.     

Step 4. Alice verifies that each bit she received be equal 
to the corresponding bit in R . If Bob pass the verification 
then they go to step 5. Otherwise she outputs “reject” to 
terminate the protocol. 
Step 5. Bob partitions his measurement outcomes (which were 

not sent to Alice) into t  sets ( ) ( ){ } [ ]( )1 1 1 2, , 1,i ii iB a a a i tθθ θ− + − += ∈ , 

where θ  is defined as follows:  

0.19     if 5

      otherwise

N t

N

t

θ ω
⎧ ≤⎡ ⎤⎢ ⎥⎪= ⎨ −
⎪⎩
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where N is selected such that 
N

t

ω−
 would be an integer. Bob 

is sure that he knows every 
jar  affirmatively for each 

( )( 1 1, )j ca B j c cθ θ∈ ∈ − +⎡ ⎤⎣ ⎦ . 

Step 6. Bob sends t-tuple 1 2 1 2( , , , ) ( , , , )t tX X X B B B=  to Alice. 

Step 7. For each [ ]1,i t∈ , Alice gets a binary string 

( ) ( )1 1 1 2 ii ii a a am r r r
θθ θ− + − +

= . Then she sends Bob t-tuple 

1 2 1 1 2 2( , , , ) ( , , , )t t tY Y Y s m s m s m= ⊕ ⊕ ⊕ . 

Step 8. Bob computes c cY m⊕  to get his secret sting cs . 

3.2   Intuition Behind the Protocol 

Intuitively, in order for Bob to get only one of Alice’s secrets, his sets of B ’s should 
satisfy that he knows at most one of the sets completely. So if t  is large to some 
extent then Bob has to announce some measurement outcomes to Alice to give her 
adequate confidence that his knowledge about R  is limited to a small number of bits. 
Therefore the ratio of p  to q  should be greater than 1 t  and less than 2 t , where p  

represents the number of Bob’s secret affirmative bits and q  represents the number of 

all his bits (exclusive of the disclosed bits in step 3). In our scheme, we let this ratio 
be 1.2 t .  Thus ω  can be calculated as follows: 

1.2kN

N t

ω
ω

− =
−

 

then we get that 1.2

1.2

kt
N

t
ω −=

−
. Because ω  must be an integer, we let 1.2

1.2
kt

N
t

ω −⎡ ⎤= ⎢ ⎥−⎢ ⎥
. 

N  is chosen large enough as a security parameter. Moreover, N  satisfies that 
N

t

ω−  be an integer in our quantum ANDOS scheme. In fact, we can let N

t

ωθ −⎢ ⎥= ⎢ ⎥⎣ ⎦
 for 

arbitrary N  when 5t ≥ , but obviously the former will make the proof of protocol 2 
more convenient than the latter. 

4   Analysis and Proofs 

At the end of the above ANDOS protocol, Bob’s knowledge about Alice’s secrets can 
be divided into three cases: 

1A ：Bob obtains nothing about Alice’s secrets. 

2A ：Bob gets only one of Alice’s secrets. 

3A ：Bob gets more than one secret. 
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Clearly, the above three mutually exclusive events constitute a complete event 
group. What is the probability that each event occurs? Indeed, we show that 

Theorem 1. For sufficiently large N , there exist a constant λ ( 0 1λ< < ) such that 
Bob can obtain at least one secret with probability at least 1 Nλ− . 

In order to prove Theorem 1 we need an inequality named “Chernoff Bound”[8]. We 
present the inequality first and then come back to the proof.  

Lemma 2. Chernoff Bound [8]. Let 0.5p ≤ , and let 1, 2, , nX X X  be independent 

0 1−  random variables, so that [ ]Pr 1iX p= =  for each i . Then for all ε , 

0 (1 )p pε< ≤ − , we have  

2

2 (1 )1Pr 2

n

i n
p pi

X
p e

n

ε

ε
− ⋅

−=

⎡ ⎤
⎢ ⎥
⎢ ⎥− > < ⋅
⎢ ⎥
⎢ ⎥
⎣ ⎦

∑
 .                                   (8) 

Proof of Theorem 1. Let 

[ ]1    if Bob got  reliably
1,

0    otherwise  
i

i

r
x i N

⎧
= ∈⎨
⎩

   
 （ ） .                     (9)  

By definition [ ]Pr 1ix k= = , [ ]Pr 0 1ix k= = − , and 
1

N

i
i

x
=
∑  indexes the total number 

of the bits Bob reliably got from 1 2 NR r r r= . 

If we let 0.2 0.092895kε = − ≈ , then by inequality (8) we get 

( )2
0.2

0.0208332 (1 )1Pr 0.2 2 2

N

ki N
Nk ki

x
k k e e

N

−
− ⋅

−−=

⎡ ⎤
⎢ ⎥
⎢ ⎥− > − < ⋅ ≈
⎢ ⎥
⎢ ⎥
⎣ ⎦

∑
 .                        (10) 

Similarly, if we let 0.36 0.067105kε = − ≈ , then we get 

( )2
0.392895

0.0108712 (1 )1Pr 0.36 2 2

N

ki N
Nk ki

x
k k e e

N

−
− ⋅

−−=

⎡ ⎤
⎢ ⎥
⎢ ⎥− > − < ⋅ ≈
⎢ ⎥
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⎣ ⎦

∑
 .                 (11) 

For integer 5t > , if we let 
1

0.2
1.2

k

t
ε −=

−
, then 

( )

2

2

1
0.2 0.0482841.2

1.22 (1 )1 1
Pr 0.2 2 2

1.2

N k

t Ni N
tk ki

x
k

k e e
N t

−⎛ ⎞
⎜ ⎟−⎝ ⎠ −− ⋅

−−=

⎡ ⎤
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−⎢ ⎥
⎢ ⎥
⎣ ⎦

∑
 .                (12) 

At last, if we let 
1

0.8
1.2

k

t
ε −=

−
, then we get 
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( )

2

2

1
0.8 0.7725441.2

1.22 (1 )1 1
Pr 0.8 2 2
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tk ki
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If 5t ≤ , by inequality (10) we get 

[ ]Pr Bob gets at least one secret     [ ]11 Pr A= −
1

1 Pr
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x θ
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As long as N  is large enough 

( )0.020833 0.0201 2 1
NNe e− −− > −  

Therefore for any constant λ , 0.020 1e λ− < < , Theorem 1 follows.  
If 5t > , by inequality (12) we get that 
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Therefore for any constant λ , ( )2

0.048

1.2 1te λ
−

− < < , Theorem 1 follows.                          □ 
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Theorem 1 tells us that Bob can get at least one of Alice’s secrets with a probability 
that can be made arbitrarily close to 1. Then, suppose Bob is semi-honest, will he 
obtain more than one secret sent by Alice? Or in other word, what is the probability 
that event 3A  occurs? In fact, we have 

Theorem 3. For sufficiently large N , there exist a constant η  ( 0 1η< < ) such that 

Bob can obtain more than one secret with probability at most Nη . 

Proof. Let ix  be defined as (9), if 5t ≤ ,  

[ ] [ ]3
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Pr Pr Pr 2
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i
i
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∑
0.0108712 Ne−<  

where the last inequality uses inequality (11). 
As long as N  is large enough, the probability that Bob will get more than one 

secret from Alice can be made arbitrarily small. 
Similar to the proof of Theorem 1, for any constant η , 0.010 1e η− < < , Theorem 3 

follows.                         
Otherwise, if 5t > , by inequality (13) we get that     

[ ] [ ]3
1

Pr Pr Pr 2
N

i
i

Bob gets more than one secret A x ω θ
=

⎡ ⎤= = − ≥⎢ ⎥
⎣ ⎦
∑       

1

Pr 2
N

i
i

N
x

t

ω ω
=

−⎡ ⎤= ≥ +⎢ ⎥
⎣ ⎦
∑ ( )

1

2 2
Pr

N

i
i

N t
x

t

ω
=

⎡ + − ⎤
= ≥⎢ ⎥

⎣ ⎦
∑

( )
1

1.2
2 2

1.2Pr
N

i
i

kt
N t N

tx
t=

−⎡ ⎤+ −⎢ ⎥−≤ ≥⎢ ⎥
⎢ ⎥
⎣ ⎦

∑  

( )1
1

Pr 0.8
1.2

N

i
i

x
k

k
N t

=

⎡ ⎤
⎢ ⎥−
⎢ ⎥= − ≥

−⎢ ⎥
⎢ ⎥⎣ ⎦

∑ ( )1
1

Pr 0.8
1.2

N

i
i

x
k

k
N t

=

⎡ ⎤
⎢ ⎥−⎢ ⎥≤ − ≥

−⎢ ⎥
⎢ ⎥
⎣ ⎦

∑
( )2

0.772544

1.22
N

te
−

−≤  

Similarly, as long as N  is large enough, the probability that Bob will get more than 
one secret from Alice can be made arbitrarily small. Therefore for any constant η , 

( )2

0.772

1.2 1te η
−

− < < , Theorem 3 follows.                                                                                   □ 

Theorem 1 and 3 ensure that after protocol 2, an honest or semi-honest Bob can get 
only cs  from Alice. Now let us consider for a cheating Bob, if he cheats by 

measuring Alice’s states in bases other than { }1 2 3, ,E E E , will he successfully get 

more than one secret? 

Theorem 4. Even if cheating Bob performs other measurements instead of POVM, it 
will help him little to get more than one secret. 
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Proof. Besides POVM measurement, Bob can perform projective measurements that 
may maximize his information about each bit in sting R . 

Suppose the measurement basis Bob chooses is  “ + ”, then for state 

( )1 0 1 2ϕ = − + , the probabilities of outcomes of 0  and 1  are both 1 2 . 

Similarly, if the state Alice sent is 2 1ϕ = , the probabilities of outcomes of 0  and 

1  are 0  and 1  respectively. Therefore if R  is uniformly distributed, Bob obtains 

each of Alice’s states with probability 

1 1 1
1 0.75

2 2 2
× + × =  

At a first glance, the result seems better than the success probability k  in POVM 
measurements. But notice that the probability 0.75 here does not convince Bob that he 
has got the state reliably. Indeed, there exist only one case that Bob believes he has 
obtained the state rightly, i.e. the result of Bob’s measurement is 0 . In this case, 

Bob can infer that the state Alice sent must have been 1ϕ . However, the probability 

of this case is only 1 4 , which is even worse than k . 
If Bob chooses “× ” basis to perform the measurements, the result is similar. We 

omit the analysis for the sake of brevity. 
However, if Bob’s choice is non-canonical bases, then for whether 1ϕ  or 2ϕ  all 

the measurement outcomes will larger than 0, which will render Bob unsure of any 
state.                                                                                                                                        □               

Below we shall show that there is very little Alice can do in order to cheat in 
protocol 2.   

Theorem 5. Alice knows noting about Bob’s choice c  in protocol 2. 

Proof. In fact, Bob does not reveal anything that involves c  until Step 4. Moreover, 

cB  is purely random and information-theoretically hidden from Alice for that she is 
unable to distinguish which of Bob’s set he had measured with affirmative outcomes. 
Therefore, sending t-tuple 1 2 1 2( , , , ) ( , , , )t tX X X B B B=  to Alice at step 6 does not 
reveal anything about c  either. Thus it is information-theoretically impossible for 
Alice to cheat, regardless of her computing power and available technology. 

On the other hand，even if Alice deviated protocol 2 by sending entangled states 
to Bob, it will not help her to tell which secret Bob has obtained. Suppose Alice sends 

( )'
2 00 11 2ϕ = +  instead of 2 1ϕ = . Bob receives it and performs POVM 

measurement as usual. By equation (2) and (6) we know that, the measurement 
outcomes no longer have the property of infallibility. This will render Bob unable to 
decide a state correctly. The subsequence is that Bob will obtain none of Alice’s 
secrets. By the assumption mentioned at the start of this section the whole of the 
scheme will fall to the ground. Obviously, this kind of attack is trivial and Alice will 
not take it.                                                                                                                                   □                 
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Finally, we would like to discuss the wire-tapping detecting ability of protocol 2. 
Suppose there exists an eavesdropper, say Eve, on the channel, who tries to eavesdrop 
on the transmission. For each state, Eve will not be able to “read” it without altering 
it. Each state sent by Alice is converted into electrical energy as it is measured and 
destroyed, so Eve must generate a new state to send to Bob. By the proof of Theorem 
4 it is clear that Eve’s best strategy is to perform the same POVM measurements 
adopted by Bob. For each state sent by Alice, the probability of Eve’s failing to 
confirm its state is 1 k− . Then Eve has to guess a significant number of states 
randomly. When Bob receives the states sent by Eve, his probability of getting the 

right information of each state is equal to 
1

0.189341
2

k
k k

−⎛ ⎞+ ⋅ ≈⎜ ⎟
⎝ ⎠

, which is a value 

much less than k . Therefore by comparing small quantities of their bits publicly, 
Alice and Bob can reach a conclusion. If they find more differences than can be 
attributed to known sources, they will know that there is an eavesdropper on the 
channel and they will terminate the ANDOS protocol. 

5   Conclusion and Open Questions 

We have described a complete protocol for ANDOS based on POVM measurements. 
We have shown that in the light of the laws of quantum mechanics, this protocol 
cannot be cheated by either party except with exponentially small probability. The 
protocol in this paper does not invoke any bit commitment protocol and any 
eavesdropper can be detected efficiently. Furthermore, both Alice and Bob have no 
limitation on their computing power in our scheme. Therefore our ANDOS protocol is 
unconditionally secure. 

In order to make the analysis easier, we present our new quantum ANDOS scheme 
without the consideration of transmission errors on the channel. In fact, it is impractical 
to some extent. How to construct a secure ANDOS protocol based on POVM 
measurements that can tolerate transmission errors? We will leave it as an open 
question. 
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Abstract. This paper proposes a novel immune clonal algorithm, called a quan-
tum-inspired immune clonal algorithm (QICA), which is based on the concept 
and principles of quantum computing, such as a quantum bit and superposition 
of states. Like other evolutionary algorithms, QICA is also characterized by the 
representation of the antibody (individual), the evaluation function, and the 
population dynamics. However, in QICA, antibody is proliferated and divided 
into a set of subpopulation groups. Antibodies in a subpopulation group are rep-
resented by multi-state gene quantum bits. In the antibody’s updating, the sca-
bilitable quantum rotation gate strategy and dynamic adjusting angle mecha-
nism are applied to guide searching. Theoretical analysis has proved that QICA 
converges to the global optimum. Some simulations are given to illustrate its ef-
ficiency and better performance than its counterpart.  

1   Introduction 

Immune clonal algorithm (ICA) [1] is principally a stochastic search and optimization 
method based on the clonal selection principle in AIS. Compared to traditional opti-
mization methods, such as calculus-based and enumerative strategies, ICA are robust, 
global, and may be applied generally without recourse to domain-specific heuristics. 
In particular, ICA has the better ability of the local search. But with the scale of the 
problem increased, ICA did not solve effectively the complicated problem. 

This paper proposes a novel immune clonal algorithm, called a quantum-inspired 
immune clonal algorithm (QICA), which is based on merging quantum computing 
and clonal selection theory. Unlike other research areas, there has been relatively little 
work done in applying quantum computing to AIS. In [2], quantum-inspired comput-
ing was proposed. A quantum-inspired immune clonal algorithm was firstly intro-
duced in [3] for solving the high dimensional function optimization problems. It 
should be noted that although QICA is based on the concept of quantum computing, 
QICA is not a quantum algorithm, but a novel optimization algorithm for a classical 
computer. There are two innovation points listed as follows in this paper. 

1) Antibodies are proliferated and divided into some subpopulation. Antibodies 
in a subpopulation are represented by multi-state gene quantum bits. The 
quantum bit antibody has the advantage that it can represent a linear superpo-
sition of states (classical solutions) in search space probabilistically. Thus, the 
quantum bit representation has a better characteristic of population diversity 
than other representations. 
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2) In the antibody’s updating, the scabilitable quantum rotation gate strategy and 
dynamic adjusting angle mechanism are applied to guide searching.  Quantum 
mutation focuses on a wise guidance by the current best antibody. Thus, it can 
accelerate convergence. 

2   QICA 

2.1   Representation 

In AIS, a number of different representations can be used to encode the solutions onto 
antibodies. The representation can be generally classified as: binary, numeric, and 
symbolic. QICA uses a new representation, a qubit for the probabilistic representation 
that is based on the concept of qubits and a qubit antibody as a string of qubits, which 
are defined below. 

Definition 1: The probability amplitude of one qubit is defined with a pair of num-
bers ( , )α β  as  

α
β
⎛ ⎞
⎜ ⎟
⎝ ⎠

, (1) 

where 
2 2

1α β+ = . 

Definition 2: The phase of a qubit is defined with an angle ω  as  

arctan( / )ω β α=  (2) 

and the product *α β  is represented with the symbol d, i.e. 

*d α β= , (3) 

where d stands for the quadrant of qubit phase ω . If d is positive, the phaseω lies in 
the first or third quadrant, otherwise, the phase ω  lies in the second or fourth quadrant. 

Definition 3: A qubit antibody as a string of m qubits is defined as: 

1 2

1 2

...

...
m

m

α α α
β β β
⎛ ⎞⎜ ⎟
⎝ ⎠

, (4) 

where
2 2

1, ( 1,2,..., ).l l l mα β+ = =  So the phase of the l-th qubit is 

arctan( / )l l lω β α= . (5) 

2.2   Immune Clonal Algorithm 

The Clonal Selection Theory is put forward by Burnet in 1958 [4]. Based on the 
clonal selection theory, Immune Clonal Algorithm (ICA) is proposed. The used ICA 
in this paper is an antibody random map induced by the avidity including three steps: 
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clone operation, immune genetic operation and clonal selection operation. The state 
transfer of antibody population is denoted as follows [5]: 

clon operato r im m une genetic operato r selection      operator( ) '( ) ''( ) ( 1).A t A t A t A t⎯ ⎯ ⎯ ⎯ ⎯ ⎯→ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯→ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯ ⎯→ +  

2.3   The Quantum-Inspired Immune Clonal Algorithm (QICA) 

Fig. 1 lists the major steps in the proposed algorithm. 

Algorithm1: The quantum-inspired immune clonal algorithm 
Step1: Initialize ( )  and   ( )Q t B t , t=0.

Step2: Generate )(' tQ from Q(t) by the clonal operator Θ .

Step3: Update )(' tQ  by quantum mutation. 

Step4: Produce '( )P t by observing the updated )(' tQ .

Step5: Evaluate the avidity of '( )P t , produce B(t) by clonal selecting '( )P t and record 

the corresponding qubit to generate next generation Q(t+1).
Step6: Store the best solutions among B(t) to b and judge the termination condition 
Step7: If it is satisfied, output the best solution and end the process; otherwise go to 
step2.

 

Fig. 1. The quantum-inspired immune clonal algorithm 

The major elements of QICA are presented as follows. 

 The quantum population  
QICA maintains a quantum population

1 2( ) { , , }t t t
nQ t q q q= at the t-th generation 

where n is the size of population, and m is the length of the qubit antibody t
iq which is 

defined as: 1 2

1 2

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

...

t t t
t m

t t ti
m

q i nα α α
β β β
⎧ ⎫= =⎨ ⎬
⎩ ⎭

. At step1 all t
lα an t

lβ of t
iq  

( 1, 2,..., ;  0l m t= = ) are randomly generated between -1 and 1 satisfying 
2 2

1, ( 1,2,..., ).t t
l l l mα β+ = =  

 Clonal operator 
The clonal operator Θ  is defined as: 

1 2( ( )) [ ( ) ( ) ( )]T
nQ t q q qΘ = Θ Θ Θ , (6) 

where ( ) , 1,2i i iq I q i nΘ = × = , and iI is iC  dimension row vectors. Generally, iC is 

given by: 

( , ( )) 1,2i c iC g N D q i n= = , (7) 

and can be adjusted self-adaptively by the avidity D(*). Nc is a given value relating to 
the clone scale. After clone, the population becomes: 



34 Y. Li and F. Liu 

1,'( ) { ( ), ' ' }nQ t Q t q q= , 
(8) 

where: 

1 2 1' ( ) { ( ), ( ), , ( )}, ( ) ( )
ii i i iC ij iq t q t q t q t q t q t−= = 1,2, , 1ij C= − . (9) 

 Immune gene operator 
Antibodies in population '( )Q t  are updated by applying quantum mutation defined as 

the immune genetic operator. The quantum mutation deduces a probability distribu-
tion in terms of the current best antibody in subpopulation, whose process is: define a 
guide quantum antibody ( )guideQ t  from the quantum rotation gate based on the current 

best antibody in subpopulation which is stored in B(t) and spread the new antibody 
with this guide antibody being the center in subpopulation. Firstly, the quantum rota-
tion gate is given as follows. Firstly, the quantum rotation gate is given as follows. 

A quantum rotation gate U is 

cos( ) sin( )
( )

sin( ) cos( )
U

θ θ
θ

θ θ
−⎡ ⎤

= ⎢ ⎥
⎣ ⎦

, (10) 

where θ  is the rotate angle which controls the convergence speed and θ  is defined as  

* ( , )l lk fθ α β= , (11) 

where k  is a coefficient determining the speed of convergence. If k  is too big, search 
grid of the algorithm is large and the solutions may diverge or have a premature con-
vergence to a local optimum; if it is too small on the other hand, search grid of the 
algorithm is also small and the algorithm may stay at a stagnant state. Here, by taking 
advantage of rapid convergence of QICA, k  is defined as a variable that is relative to 
the clone scale. Thus, the better antibody quality is, the smaller the mutating size is 
and thus local search is the more advantageous. For example 10*exp( / ),i ck C N= −   

where iC  is the clone scale and cN  is a constant which is the clonal size.  

The function ( , )l lf α β  determines the search direction of convergence to a global 

optimum. The following lookup table (Table 1) can be used as a strategy for conver-
gence. 

Table 1.  Lookup Table of ( , )l lf α β  

( , )l lf α β  1 0d >  2 0d >  

1 2ω ω>  1 2ω ω<  

true true +1 -1 

true false -1 +1 

false true -1 +1 

false false +1 -1 
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Table 1: 1 1 1*d α β= , 1 1 1arctan( / )ω β α= , where 1α , 1β  is the probability amplitude of 

the best solution in subpopulation, and ' '
2 2 2*d α β= , ' '

2 2 2arctan( / )ω β α= , 

where ' '
2 2,  α β is the probability amplitude of the current solution after clone. 

The quantum mutation can be described as 

( ) ( )* '( )guideQ t U Q tθ= , (12) 

'''( ) ( ) * * (0,1)guide iQ t Q t I a N= + , (13) 

in which '
iI is ( 1)iC −  dimension unit row vectors. In other words, the quantum muta-

tion is unused to ( ) '( )Q t Q t∈ . a is the spread variance which often we let 

[0.05,0.15]a ∈  and (0,1)N  is a random number, chosen from a normal distribution 

with mean zero, variance one and standard deviation one.  

 Observing operator 
At Step4, in the act of observing a quantum state, it collapses to a single state (namely 
classical representation). For non-binary coding optimization problem, we observe the 
updated )(' tQ  (namely ''( )Q t ) and produce numerical stings population 

1 2'( ) { , , , }t t t
nP t x x x=  where  ( 1,2,..., )t

ix i n=  are numeric strings of length m derived 

from '' t
lα  or ''t

lβ  (l=1,..,m).  The process is described as: (a) a random number 

p [0,1]∈ ; (b) if it is larger than
2'' t

lα , the corresponding bit in '( )P t  

takes "( 10)t
lfloor β × ; otherwise it takes "( 10)t

lfloor α × , where floor(x) rounds the 

elements of x to the nearest integer smaller than or equal to x. In fact, each bit in a 
antibody t

ix  denote a encoded variable and only the corresponding bit in t
ix  is 

mapped to the feasible solution space for converting from numeric stings to real 
value, namely a quantum antibody of length m is equal to the number of variable.  

 Clonal selection operator 
Assuming we will search maximal value of object function, the operation is given as 
follows: (a) for ni ,2,1=∀ , if there is the mutated and observed classical antibody 

ib and ( ) max{ ( ) | 2,3, }i ij iD b D x j C= = , namely: ( ) ( ' )i iD b D x> , then bi replaces 

the antibody 'ix  in the aboriginal population; (b) record the corresponding qubit of bi 

as the next generation population Q(t+1) at the same time. The antibody population is 
updated, and the information exchanging among the antibody population is realized. 

3   Convergence of QICA 

Definition 4: Assume that the size of a population is n, and X is a searching space 
which all the antibodies belong to. Let 

1 2( , , , )t nX x x x=  be the population at the  

t-th generation, D be the avidity function (namely the fitness function) on X and *f  

be the global optimum. Let: 
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{ ( ) max{ ( ), }}
i t

i
x X

M X D X D x i n
∈

= = ≤ , 
(14) 

M  is called the satisfied set of population tX . 

Definition 5: Let max{ ( ) : 1,2,..., }
i t

t i
x X

D D x i n
∈

= = . For any initial distribution, if the 

following equation holds, 

*lim { } 1t
t

P D f
→∞

= = , (15) 

where P stands for the probability, then we say that the algorithm is convergent with 
probability 1.  

Theorem 1: the population series of QICA { , 0}tX t ≥  is a finite homogeneous 

Markov chain. 

Proof: Like the evolutionary algorithms, the state transfer of QICA is processed on 
the finite space. Therefore, population is finite, since 

1 ( ) ( )t t s g tX T X T T X+ = = Θ . (16) 

,s gT T  and Θ  denote the clonal selection operator, the immune genetic operator and 

the clone operator respectively. Note that ,s gT T and Θ  have no relation with t, so 

1tX +  is only related to tX . Therefore, { , 0}tX t ≥  is a finite homogeneous Markov 

chain. 

Theorem 2: The M  of Markov chain of QICA is monotonically increasing, 
namely, 10, ( ) ( )t tt D X D X+∀ ≥ ≥ . 

Proof: It is apparent that the antibody of QICA does not degenerate since holding 
best strategy is used in the algorithm. 

Theorem 3: The quantum-inspired immune clonal algorithm is convergent. 

Proof: For Theorem 1 and Theorem 2, the QICA is convergent with the probability 1. 

4   Numerical Optimization 

4.1   Problem Definition 

A global unconstrained numerical optimization can be formulated as solving the fol-
lowing objective function 

1minimize    ( ),    ( , ..., )mf x x x x S= ∈ , (17) 

where mS R⊆  defines the search space which is an m-dimensional space bounded by 

the parametric constraints ii ix x x≤ ≤ , i=1,…m, f(x) is an objective function. 
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A global constrained numerical optimization can be formulated as solving the fol-
lowing objective function 

1minimize    ( ),    ( , ..., )mf x x x x S F= ∈ ∩ , (18) 

where mS R⊆  defines the search space which is an m-dimensional space bounded by 

the parametric constraints ii ix x x≤ ≤ , i=1,…m, f(x) is an objective function and the 

feasible region F is defined by 

{ | ( ) 0   {1,..., } }m
jF x R g x j N= ∈ ≤ ∀ ∈ , (19) 

where ( ),  {1,..., }jg x j N∀ ∈  are constraints. In this paper, we transform a constrained 

optimization problem into an unconstrained one by the penalty term, such as the one 
given by (20): 

1
( ) ( ) max{0, ( )}

N

jj
x f x A g x

=
ψ = + ∑  (20) 

where A is static penalty coefficient. An antibody for numerical optimization prob-
lems is defined as follows: 

Definition 6: An antibody, a, represents a candidate solution to the optimization 
problem in hand. The value of its avidity is equal to the negative value of the objec-
tive function, 

   and    ( ) ( ).a S D a f a∈ = −  (21) 

4.2   Unconstrained Optimization 

We execute the QICA to solve the unconstrained test functions f1-f4 (see [3]). f1-f4 are 
high-dimensional problems. They appear to be the most difficult class of problems for 
many optimization algorithms (including EP). 

To identify any improvement due to qubit antibody design and quantum mutation 
operator, we design and carry out the following control experiment. We execute a 
standard immune clonal algorithm (SICA) to solve the above test functions. We adopt 
the following parameter values or scheme. 

1) For QICA, the size of initial antibody population is 10 and the clonal sizes Nc 
is 30. The numbers of the qubits for the ten test functions are m, where m is 
dimensions of the above test functions and mutation probability pm=0.9. The 
termination criterion is that the quality of the solution cannot be further im-
proved in successive 50 generations for each function. 

2) SICA (see section 2.2) does not apply qubit antibody design and quantum mu-
tation operator. Gaussian mutation is used on the classical numeric represen-
tation. Its parameters are the same as those of QICA and the termination crite-
rion is the same as that of QICA. 

Table 2 shows the results averaged over 50 control trials. Recall that SICA is the 
same as QICA, except that it uses classical representation (numerical stings) and 
Gaussian mutation instead of qubit antibody and quantum mutation. We see that 
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SICA requires more function evaluations than QICA, and hence it has a larger time 
cost. However, SICA gives larger mean function values than QICA under the same 
termination criterion, and hence its mean solution quality is poorer. In addition, SICA 
gives larger standard deviations of function values than QICA, and hence its solution 
quality is less stable. These results indicate that quantum representation design and 
quantum mutation operator can effectively improve SICA.  

Table 2. The comparing results of QICA and SICA on the function f1-f4, where m is the  
dimensions 

Evaluations Mean 
(St. Dev.) 

f m 

QICA SICA QICA SICA 

f1 30 12,329 108,431 0 

(0) 
5.841×10 

(2.451×10-1) 
f2 100 24,267 343,710 -78.3323 

(2.339×10-10) 
-69.3441 

(1.651×10-2) 
f3 30 13,731 225,213 -12569.49 

(1.035×10-10
)
 

-12554.5 
(20.9) 

f4 100 24,934 356,341 -99.5034 
2.23×10-2 

-86.8901 
(2.626×10-1) 

4.3   Constrained Optimization 

In order to test the performance of QICA further, six constrained benchmark functions 
have been used (see [6]). f7 and f10 included the equality constraints and All equality 
constraints have been converted into inequality constraints, ( ) 0h x δ− ≤ , using the 

degree of violation 410δ = . We transform a constrained optimization problem into an 
unconstrained one by the equation (20), where A is given by (22):  

5 6 7

8 9 10

4

6

   100    10         10
   500   5 10    0.05

f f f

f f f

A A A
A A A

⎛ ⎞= = =
⎜ ⎟= = × =⎝ ⎠

. (22) 

For QICA, the size of initial antibody population is 20, the clonal sizes Nc is 60 and 
mutation probability pm=0.9. The numbers of the qubits for the ten test functions are 
m, where m is dimensions of the above test functions. 

RY [6] is a method proposed recently and obtains good performances on con-
strained optimization problems. In [6], the termination criterion of RY was to run 
1750 generations for the six functions. Thus, to make a fair comparison, we compare 
both the qualities of their final solutions and the computational cost at the same. Ac-
cordingly, the termination criterion of QICA is that the quality of the solution cannot 
be further improved in successive 50 generations for each function. The results aver-
aged over 100 trials for QICA are shown in Table 3, where the all solution for QICA 
is the feasible solution. 
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In Table 3, we compare the performance of QICA with RY, where including: 1) 
the best solution in the 100 trials (Best), 2) the mean function value (Mean) (i.e., the 
mean of the function values found in the 100 trials), 3) the standard deviation of func-
tion value (St. dev.), 4) the worst solution in the 100 trials (Worst), 5) the running 
time (Time) and 6) the mean number of function evaluations (Evaluations). Note that 
the results averaged over 30 trials for RY are shown in Table 3. 

Table 3. Comparison between QICA and RY where the results for RY are obtained from [6] 

f Algo-
rithm 

Best Mean St. dev. worst Time 
(s) 

Evalua-
tions 

QICA -0.803618 -0.787021 1.101×10-2 -0.744321 1.85 64,904 f5

RY -0.803515 -0.781975 2.0×10-2 0 - 350,000 
QICA -30665.539 -30665.539 2.235×10-11 -30665.539 0.43 23,112 f6

RY -30665.539 -30665.539 2.0×10-5 -30665.539 - 350,000 
QICA 5126,497 5127,081 7.907×10-1 5138,612 0.47 25,067 f7

RY 5126,497 5128,881 3.5 5142,427 - 350,000 
QICA 680.630 680.631 1.231×10-3 680.639 0.67 64,612 f8

RY 680.630 680.656 3.4×10-2 680.763 - 350,000 
QICA 7053.004 7183.128 54.1 7213.791 0.64 64,599 f9

RY 7053.316 7559.613 530 8835.655 - 350,000 
QICA 0.053942 0.053964 2.015×10-7 0.054002 0.5 26,109 f10

RY 0.053957 0.067543 3.1×10-2 0.216915 - 350,000  

Tables 3 compare QICA with RY. As can be seen, QICA and RY can find the ex-
act global optimum, in all trials for f6, but QICA gives smaller standard deviation of 
function values than RY, and hence it has a more stable solution quality. For f5, f8, f9 
and f10, both the solution of QICA are much better than those of RY. Moreover, the 
mean number of function evaluations of QICA is about 20 000 or 60 000 for all func-
tions, while that of RY is 350 000. Therefore, the computational cost of QICA is 
much lower than those of OGA/Q. Especially, for all the test functions, the mean 
running time is between 1s and 2s. For f7, the best solution of QICA is as good as that 
of RY, and both are smaller than the global optimum because equality constraints are 
converted into inequality constraints, but the mean and worst solution of QICA are 
better than those of RY. To summarize, the results show that QICA outperforms RY, 
and is competent for the numerical optimization problems. 

5   Conclusions 

This paper proposed a novel immune clonal algorithm-QICA, inspired by the concept 
of quantum computing. Our objective was to apply the quantum theory to enhance the 
immune clonal algorithm, so that it could be more robust and statistically sound. In 
particular, a qubit antibody was defined as a string of qubits for the probabilistic rep-
resentation. The qubit representation has a better characteristic of population diversity 
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than other representations. Due to the novel representation, we put forward the quan-
tum mutation operator which is associated with the probability amplitudes of basic 
quantum states and is used at the inner subpopulation to accelerate the convergence.  
Simulations are given to test this new algorithm, and rapid convergence and good 
global search capacity characterize the performance of QICA. The application of 
QICA to other problems such as the multiobjective optimization problem deserves our 
further research. 
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Abstract. A secure quantum broadcasting scheme is proposed by
means of a secure quantum lock, which is implemented by the legal
communicators using the the generators of the stabilizer of a stabilizer
quantum code (SQC). The advantages of the proposed scheme for the
designed lock is that it can be implemented in the noisily broadcasting
channel. Based on physics of the quantum system, the secret messages
are broadcasted to the legal users in the noisy environments with uncon-
ditionally security.

1 Introduction

Different from Quantum key distribution (QKD), whose object is to establish
a common key between the communicators, quantum broadcasting is to trans-
mit the secret messages from a sender to several spatially separated receivers
via quantum broadcasting channels [1]. Dubbed quantum telecloning has been
suggested to distribute an input qubit into M particles, all spatially separated
from each other. This transmission is achieved by first establishing a particu-
lar initial entangled state between the sender and the receiversto allow multiple
receiver receivers at arbitrary location [2]. However, the structure of the distri-
bution channels in these scheme are determined by the transmitted quantum
messages and the illegal users may obtain the secret messages from the sender
easily. Moreover, the secret messages can not be distributed in the noisy channel.
To defend the illegal users against obtaining the messages from the sender and
recover the destroyed qubits of the broadcasted state, a secure quantum lock
is designed for the distribution the messages to several receivers in this paper.
Except the legal users, none should unlock the broadcasted state.

Because the no-cloning theorem [3,4] forbids perfect duplication of quantum
information by the receivers, it is possible for the sender to perform such one-
to-many quantum communication perfectly with unconditional security by pro-
ducing and sending several same quantum states at the same designed machine.
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2 Description of the Quantum Broadcasting Scheme

Consider a broadcasting system consisting of a broadcast network and a group U
containing m users. Let U0 denote a nonempty subgroup of m0 legal users within
U for 2 ≤ m0 ≤ m. In order to send the k-qubit messages |P 〉 = |p1 · · · pk〉 to
U0 with security, |P 〉 should be enciphered before being broadcasted, in which
a lock is superimposed onto the front of the messages to control the deciphering
session keys that match the keys of U0.

2.1 Construction of the Secure Lock

In this phase, we present the construction method of the secure lock L to generate
the enciphering or deciphering session key Ks, Kv and KU0 by exploiting a SQC,
where KU0 is private but Kv and Ks are public.

In the n-qubit depolarizing channel, error operators can be represented by
Pauli group Gn = {μ⊗n

i }, where μi ∈ {I, X = σx, Z = σz , Y = ZX} and ⊗n de-
notes the n-fold tensor product [4]. SQC [[n, k, d]] can be constructed from a sta-
bilizer S = {

∏n−k
j=1 M

bj

j : bj ∈ {0, 1}, 1 ≤ j ≤ n − k}, where M1, · · · , Mn−k ∈ Gn

are the (mutually commuting) generators of S. Code words of SQC are gener-
ated by the eigenvectors associated with eigenvalue ‘1’ of S denoted byC(S) =
{|υ〉 : M |υ〉 = |υ〉, M ∈ S}. Operators Z1, · · · , Zk can be selected from {Z̄ :
Z̄M = MZ̄, M ∈ S} such that {M1, · · · Mn−k, Z1, · · · Zk} is an independently
commuting set. For an arbitrary Zi ∈ Ω, there is an operator Xi ∈ Gn satisfying
XiZi = −XiZi and Xiσ = σXi, where σ ∈ Ω for σ �= Zi. Since the encoding on
n-qubits can be written as tensor product of (single) qubit states, the encoder
of the stabilized quantum code generates a k-qubit logical state [5]

|P 〉L =
1√

2n−k
(X p1

1 · · · X pk

k

n−k∏

i=1

(I + Mi))|0⊗n〉). (1)

Thus, the lock L, along with Ks, Kv and KU0 , are generated as follows.
Step 1. Alice generates k operators Ks = {X1, · · · , Xk}, which are shared by

the legal communicators.
Step 2. Alice regards n − k generators of the stabilizer S of SQC as the

lock L denoted by L = {M1, M2, · · · , Mn−k}. She regards operators Kv =
{Mτ+1, · · · , Mn−k} as the public key used for deciphering the secret messages.
Then, Alice sends the operator set KU0 = {M ′

1, · · · , M ′
τ , M ′

τ+1, · · ·M ′
τ+τU0

} as
the private key held by U0, where M ′

t =
∑

at
M c1

1 M c2
2 · · · M cτ

τ (1 ≤ t ≤ τ)
and M ′

i =
∑

bi
M

cτ+1
τ+1 M

cτ+2
τ+2 · · ·M cn−k

n−k with at = (c1, · · · , cτ ) ∈ {0, 1}τ and
bi = (cτ+1, · · · , cn−k) ∈ {0, 1}n−k−τ .

2.2 Broadcasting of the Messages

This phase corresponds to the actual broadcasting algorithm QBKs to broadcast
the k-qubit message |P 〉 with a suitable state |B〉 by exploiting a SQC Q.
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Step 1. By making use of the generators M1, · · · , Mn−k and Ks, Alice encodes
|P 〉 into |P 〉L according to Eq.(1).

Step 2. Alice creates the broadcasted state |B〉 = EB|P 〉L, where EB is an
arbitrary operator with the weight, at most, t. Then, she sends |B〉 to U0.

We note that state |P 〉 is encoded by SQC before the generations of the broad-
casting state instead of giving |P 〉 directly to tolerate more errors introduced by
the possible attackers and the noisy channel. By this way, the messages are
broadcasted securely because the state distributing process is also be used for
the proof of the unconditional security of QKD by Lo and Chau [6].

2.3 Deciphering of the Broadcasting State

A deciphering algorithm QDKv is developed here such that Bob is enabled to
gain Alice’s secret messages.

Step 1. After U0 have received the broadcasted state |B′〉, which may be
different from |B〉 because of the effects of the noises and the possible attackers
U0 obtains the operator E′

B from the error syndromes computed by utilizing
KU0 and Kv together.

To check the attackers, they may do as follows. when Alice announces EB

publicly, they implement the process of the identity verification. If E′
B = EB , it

implies that the qubits of |B〉 are kept well without being destroyed by the noises.
Then, Bob goes to Step 2 to decipher it to obtain the secret messages. Otherwise,
some qubits of |B〉 are destroyed by the noisy channel or the attackers.

Step 2. By performing E′
B onto the received state |B′〉 from the sender, U0

obtain |P 〉L = E′
H |B′〉. Then, U0 have the secret messages |P 〉 by using the

decoder of SQC, i.e., performing the inverse process of the operations in Eq.(1).

3 Security Analyses

Firstly, the broadcasted state |B〉 can not be forged by the attackers or the
users in U . It is stipulated that the attacker may be a legitimate user in U0. It
is shown that the transformation from KU0 and Kv to the enciphering session
key Ks is intractable. Suppose an attacker can make use of Grover iteration to
search for the private key on a quantum computer [7]. Though the algorithm has
remarkable efficiency, the attackers must be required, at least, O(

√
22n/k) times

of the search algorithm to catch k operators close to the enciphering session key
X1, · · · , Xk and O(

√
22n) times of the search algorithm to catch an operators

close to EB . Thus, the broadcasted state |B〉 of the messages |P 〉 would not be
forged by anyone else using the public parameters Kv.

Secondly, it is impossible for the attacker to obtain the distributed messages
from the known-plaintext |B′〉. In this case, the attackers belong to the users
out of U0. To gain the secret messages, they try to obtain the key KU0 , which is
kept secret by the legitimate users. However, it is intractable to gain KU0 even
if the attacker utilize the Grover iteration to search for them. By making use of
the powerful quantum computer, the attackers must require at least, O(

√
22n/k)

times of the search algorithm to catch k operators close to KU0
. According to
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the fundamental properties of the quantum physics, the attackers can not obtain
the operator EB by making use of the generators, neither can they decode |P 〉
from |B′〉. Furthermore, they may also be detected by U0 in the process of the
identity verification.

Finally, it is impossible for Alice to disavow the legally broadcasted messages
because the enciphering key Ks have been contained in the broadcasted state
|B〉. If the sender and U0 are engaged in the disputations because of the sender’s
disavowal, they need send the broadcasted state |B〉 and the messages |P 〉 to
the arbitrators. If the broadcasted state can be obtained by using the sender’s
secret key and the messages, the broadcasted state must be carried out by the
sender, otherwise, the broadcasted state is forged by the illegal users out of U0
or the possible attackers.

4 Conclusion

In this paper, we have proposed the locking concept and a secure lock constructed
from the generators of the stabilizer of the SQC. By using this secure lock, we
have proposed a secure broadcasting scheme for solving the secure broadcasting
problem. It is clear that the proposed scheme is a quantum message distribution
scheme since each legal user in U0 can compute the lock by himself. In the end,
the proposed scheme is proved to be unconditionally secure.
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Abstract. A quantum algorithm which allows one to simulate the quan-
tum open-loop control systems is presented. We study the model of steer-
ing a spin 1/2 particle via externally electromagnetic fields in detail.
Simulation results obtained from the quantum circuit confirm the valid-
ity of our approach.

1 Introduction

As Feynman emphasized, quantum computer can efficiently simulate the evolu-
tion of certain quantum systems [1,2]. Such systems are computationally very
hard for classical simulations as the size of the Hilbert space grows exponen-
tially with the number of particles. More recently, a few quantum algorithms
simulating quantum maps were developed to study the complex behavior of
the corresponding quantum dynamics. Examples include the baker map [3], the
quantum kicked rotator [4] and the quantum tent map [5].

In this paper, we show that quantum simulation can be efficiently used to
study quantum control systems. We demonstrate it on the model of manipulating
a two-level quantum system which has many important applications in quantum
information processing. The advantage of quantum simulation is that one only
needs few qubits to simulate the evolution of such open-loop control systems.
This allows one to investigate the quantum control problems on the existing
nuclear-magnetic-resonance(NMR) quantum computers.

2 System Model

The problem of controlling systems in quantum regime has recently attracted a
lot of attention [6,7,8]. In this paper we will take as our model a spin-1/2 particle
placed in an external electromagnetic field [8].

The time evolution of the controlled two-level system is determined by the
unitary operator U(t), which is formulated in a bilinear equation

U̇(t) =

⎛

⎝H0 +
∑

k=x,y,z

Hkuk(t)

⎞

⎠ U(t) (1)
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where the internal Hamiltonian H0 and the external Hamiltonian Hk are Her-
mitian linear operators, and uk(t) are the components of the external electro-
magnetic fields which play the role of controls. The optimal control problem for
(1) is defined as: for a specified final time T and a target final matrix Uf , find
a set of control inputs ux, uy, uz such that U(T, ux, uy, uz)=U f and the energy
function

J(u) =
∫ T

0

∑

k,j=x,y,z

qkjuk(t)uj(t)dt (2)

is minimized with the form {qkj} being positive-definite.
Using algebraic dynamical method, the exact analytical solution for the opti-

mal control problem can be obtained. In the case of two component of the electro-
magnetic field being varied, say ux and uy, the optimal solutions for the problem
of flipping the spin have the form ue

x(t)=a cos(ωt + φ) and ue
y(t)=a sin(ωt + φ),

where a, ω and φ are constant parameters. As a result, the possible minimum
cost of the energy function (2) is:

J(u) = (2n + 1)2
π2

4T
n=0, 1, 2, · · · (3)

and the corresponding evolution operator is

U(t) =

(
e−i( ωt+φ

2 ) 0
0 ei( ωt+φ

2 )

) (
cos at −i sinat

−i sinat cos at

) (
eiφ 0
0 e−iφ

)

. (4)

3 Quantum Simulation Analysis

An evolution operator U can generally be described by some self-adjoint operator
H to yield U =e−iH (we set h̄=1 throughout the paper). To simulate the unitary
operator U with a finite dimension N =2nq , we will represent the state |ψ〉 with
a quantum register of nq qubits. Then we transform the eigenstates |n〉 of H to
binary notation and identify them with the quantum register states

|α0, α1, · · · , αnq−1〉 = |α0〉0|α1〉1 · · · |αnq−1〉nq−1 (5)

where αj∈{0, 1} and the states |0〉j and |1〉j are the two basis states of the jth
qubit. Thus for a diagonal evolution operator U(t), it can be expressed in terms
of elementary quantum gates by:

U(t)|ψ〉 = e−itH |ψ〉
= e−itn|n〉

=
nq−1∏

j=0

B
(1)
j (−t · 2j)|α0α1 . . . αnq−1〉 (6)

where B
(1)
j (φ) is the phase-shift quantum gate which provides a phase factor eiφ

if αj =1.
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B(−ωt+φ
2 ) Rx(at) B(φ

2 )|ψ〉

Fig. 1. Quantum circuit simulating the optimal control of a spin-1/2 particle. The one-
qubit quantum gate e−i(at)σx is denoted by Rx(at) which is actually an X-axis rotation
operation

Recalling the evolution operator (4) in the optimal control model, the first
and third factors on the right side of the equation can be realized solely in terms
of the phase-shift gates according to the mechanism described above. As regards
the second factor, we will use a one-qubit quantum gate e−i(at)σx to implement
it in which σx is the Pauli spin matrix. This approach is based on the following
theorem:

Theorem 1. Suppose A is a matrix satisfying A2 =I, x ∈ IR, then the following
equation holds:

eiAx = cos(x)I + i sin(x)A . (7)

Proof. Expand cosA and sinA as the series cosA =
∑∞

n=0
1

(2n)!(−1)nA2n and
sin A=

∑∞
n=0

1
(2n+1)! (−1)nA2n+1. Substituting eiAx by the series and following

A2 =I, one can easily verify the equation (7). ��

A quantum circuit simulating the time evolution of the quantum state in the
optimal control system is provided in Fig. 1. Note that the sequence of simple
matrix factors to accomplish the evolution operator U(t) is by no means unique
[7]. Using the procedure above, however, similar quantum algorithms can be
developed for other constructive decompositions.
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Fig. 2. Time-variation of θ in the process of flipping a spin-1/2 particle. The full line
in each figure corresponds to the quantum simulation while the dashed lines are for
the case of classical simulation. Various time period T and number of n in (3) are
represented in the lower-right corner of each figure.



48 B. Ye and W.-B. Xu

4 Simulation Results

In order to show the quantum state evolution explicitly, it is mapped onto a
Bloch sphere. A point on Bloch sphere describes a qubit state |ψ〉 = cos θ

2 |0〉 +
eiϕ sin θ

2 |1〉, with θ ∈ [0, π], ϕ ∈ [0, 2π]. Since the factor eiϕ is of no effect on the
probability amplitudes, we will pay our attention only to the variation of θ.

Several simulations are performed with various control inputs. Simulation
results obtained by the proposed quantum algorithm are compared with that
of classical simulation. The frequencies in the control functions are choose as
the resonance frequency ω = 2. For simplicity, the initial phases in the control
functions are set to φ = 0. The results are shown in Fig. 2. As expected, the
quantum simulation tracks the trajectory of classical simulation with little or no
error.

5 Conclusions

There has been significant interest in controlling the two-level quantum systems.
We have developed a quantum algorithm to efficiently simulate the optimal con-
trol model using few qubits. The quantum simulation results are in agreement
with that of classical simulation with little or no error. The algorithm presented
here shows that quantum open-loop control systems can be simulated efficiently
on a quantum computer.
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Abstract. Inspired by Membrane Computing, this paper presents an
optimization algorithm for the problems with large feasible space and
large parameters. The algorithm consists of two parts. One is to deter-
mine the good area and another is a fast searching tool.The comparisons
among some evolutionary algorithms illuminate that the algorithm is
simple and computes fast with high precision on optimal problems.
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1 Introduction

Many complex problems are very difficult to optimize. For the intractable prob-
lems, this paper presents a new algorithm. Inspired by Membrane Computing
[1,2], the algorithm consists of two parts. One adjusts the good area, where the
optimal solution exists with high probability. Another part is a cell-like fast
searching tool which searches the best solution. The algorithm repeats the mod-
ification of the best area and optimal solution until the stopping condition is
satisfied.

2 The Construction of the New Algorithm

The fast searching tool is the most important part of the algorithm. It adopts
the similar structure (figure 1) of Membrane Computing [1,2]. In each region of
the tool, there are some chromosomes. They evolve as the rules, which belong to
the regions exist respectively. It has the evolution rule, the crossover rule and the
communication rule. The crossover rule is same as that in genetic algorithm. In
a region, one chromosome S evolves into S′ according to the following evolution
rule. ⎧

⎨

⎩

S → S′

S = x1x2 . . .xl

S′ = y1y2 . . .yl

(1)
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where yi = xi or y′ = xi + ηi, i = 1, 2, . . . , l, xi, yi are the variables of a
problem.The chromosome S is a feasible solution of the problem, which are
coded by l variables. ηi is the range of distribution which is different in different
membranes.

The communication rules means that the membrane sends some maximum
strings into the outer membrane which directly contains it. The rule can be
written as follows.

[amax1, amax2, . . . , amaxn]i → []iamax1, amax2, . . . , amaxn (2)

[]i represents the membrane i. amax1, amax2, . . . , amaxn are n maximum strings
in the region i . The tool converges very fast because of the communication
between membranes.

Fig. 1. The structure of the searching tool

It is difficult to use some evolutionary algorithms to deal with the problems
with a large search space. The algorithm can select a small good area for the
fast searching tool. First, it randomly collects samples in different areas of the
whole feasible space. Second, the area with a low mean fitness of samples will
be deleted, or the area with a high mean fitness of samples will remain as the
good area. The system objective function is expressed as follows.

Minmize: y = f(x1, xi, . . . , xl). (3)

where xi ∈ [uilow, uiup], uiup is the upper limit of range of xi, uilow is the
lower limit of range of xi . uim is the mean value of range of xi ; For example,
the feasible space of each variable is divided into two parts. Then, the whole
feasible solution of the problem will be divided into 2l subspaces. We adopt
random n chromosomes to represent dots in the feasible space. Let yj denote a
function value of the chromosome j, where j = 1, . . . , n. Suppose there are n1
chromosomes, which gene xi ∈ [uim, uiup] and there are n2 chromosomes, which
gene xi ∈ [uilow, uim] . Definitions of the mean value of areas mfi1, mfi2 are as
follows. ⎧

⎪⎪⎨

⎪⎪⎩

mfi1 = 1
n1

n1∑

h=1
yh

mfi2 = 1
n2

n2∑

k=1
yk

(4)

If mfi1 < mfi2,the area [uilow, uim] will be deleted and the area [uim, uiup]
will be selected as the good area. On the contrary, if mfi1 > mfi2 , the area
[uilow, uim] will be selected as the good area.
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If the best solution is found out of the good area but in the global feasible
space, the area will be enlarged to comprise the adjacent field of the best solu-
tion. Then, the algorithm randomly produces new initiate chromosomes for the
searching tool from the new good area. However, the best solution of the last
generation is kept in the new population of the fast searching tool.

3 Performance Comparisons

The performance of the new optimization algorithm is compared with some evo-
lutionary algorithms using benchmark functions as following table 1 [3]. The
average results of 30 independent runs are listed in Table 2. The experimental
results of the algorithms come from [3]. In table 2, IEA refers to the intelli-
gent evolutionary algorithms [3]. OGA is an orthogonal genetic algorithm [4].
Other algorithms with elitist strategy and the associated crossover are denoted as
OEGA (one-point), TEGA (two-point), UEGA (uniform) and BLXGA (BLX-a).
In the experiments, each parameter is encoded using 10 bits for all test func-
tions except that of function f1 which uses 24 bits. For all compared evolutionary
algorithms, the populations are 10 and the stopping condition is 1000 genera-
tions. There are 25 chromosomes in each region of the fast searching tool of the
new algorithm. In other words, the population is 100. In addition, 5% of the
good area will be deleted when the fast tool runs 10 generations. The results
are shown in following table 2 when the algorithm evolves 50 generations and
5000 generations. To illustrate the performance of comparisons on various num-
bers of parameters as following figure, the distance dist(D) is used to describe
the mean distance between the optimal solution fopt(D) and the obtained best
solution fbest(D)for one parameter as follows.

dist(D) = |fopt(D)−fbest(D)|
D

(5)

Fig. 2. dist(D) curves for f3 and f4
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Table 1. Benchmark Functions [3]

Test function Domain Optimum(minize)

f1 = 1
4000

�D
i=1 x2

i −
�D

i=1 cos( xi√
i
) + 1; [−600, 600] 0

f2 =
�D−1

i=1 [100(xi+1 − x2
i + (xi − 1)2]; [−5.12, 5.12] 0

f3 =
�D

i=1[x
2
i − 10 cos(2πxi) + 10]; [−5.12, 5.12] 0

f4 = 6D +
�D

i=1 floor(xi); [−5.12, 5.12] 0

Table 2. Mean fitness of functions with 10 dimensions and 100 demensions

function(D) IEA OEGA UEGA TEGA BLXGA OGA MC(50G) MC(5000G)

f1(10) 0.999 1.001 1.030 1.002 1.030 1.002 0.334 0.0152

f2(10) 116.4 41.4 40 23 22.6 94.6 14.6 0.27

f3(10) 15.4 8.9 9.5 11.6 6.5 5.3 4.2 1.2 × 10−10

f4(10) 0.338 0.03 0.067 0.17 1.03 0.9 3.8 0

f1(100) 32.86 511.93 1002.00 537.09 237.84 48.25 29.57 0.0006

f2(100) 2081 96556 89514 97990 16086 5282 1107 93

f3(100) 211.3 795.7 819.6 791.5 763.4 367.5 474.4 0.43

f4(100) 43.9 159.9 154.4 172 233.6 65.2 269.7 0

4 Conclusions

This paper proposed a new evolutionary algorithm for solving optimization prob-
lems with large feasible solution space and large parameters. It is shown empir-
ically that the optimization algorithm has good performance in solving bench-
mark functions as compared with some existing evolutionary algorithms. Due to
its simplicity, converge fast,theoretical elegance, generality, and superiority, the
optimization algorithm can be used to solve complex problems.
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Abstract. Cellular automata are a very powerful and well researched area in
computer science. We use approaches from the cellular automata research to solve
optimization problems in the multi agent system research area. For this purpose,
we require a transformation from agents located in an Euclidean space into an
abstract cell assignment for cellular automata. In this paper, a mapping function
is presented and evaluated with a reverse function. This function can be calcu-
lated by each agent individually based only on local information. Additionally,
we examine the performance of the function in inexact and non-deterministic
environments.

1 Introduction

Cellular automata (CA) are a very powerful and well researched area in computer sci-
ence and are able to cope with a lot of problems. In [1] we used a genetic algorithm
to create suitable sets of rules for cellular automata that could successfully solve an
optimization problem (the Online Partitioning Problem) from the area of multi agent
systems (MAS). The ideas for this approach came from classification problems in CAs.
The Majority Classification (MC) or Density Classification (DC) task is a well known
and exhaustively studied problem in the field of Cellular Automata [2], first published
by Gacs, Kurdyumov and Levin [3]. There, an one-dimensional binary CA with an ini-
tially random state for each cell should classify the initial assignment depending on the
ratio of 0’s to 1’s. This means, if there were more 1’s than 0’s in the input, the final
state of each cell should be ′1′, if there were more 0’s, the final state of each cell should
be ′0′. We define the final state to be the CA assignment after a predefined and fixed
number of transitions.

In our approach we used several ideas from the field of the majority classification task
for two-dimensional CAs to solve the Online Partitioning Problem (OPP) introduced in
[4]. One key restriction of the OPP is the absence of any kind of central instance, all
decisions of the agents are based only on local information, received by communication
with direct neighbours. Thus, CAs seem to be a good concept for this kind of problems
because of the exclusive interaction with cells that are located nearby. Therefore, we
incorporate the ideas of Mitchell et al. [5] and transfer them from one dimensional
CAs to two dimensional ones. The activated cells in the cellular automata represent the
agents and the value of an activated cell describes the currently chosen target according
to the OPP .
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One open issue in [1] was the mapping from agents, located in an Euclidean space, to
a CA assignment. This mapping should take the neighbourhood properties of the agent
set into account. There exist several ideas to embed graphs in data structures or grids
(e.g. [6]), but these operate only with the whole graph as input. Here, we present a map-
ping function in a deterministic and a random version, based only on local information.
Additionally, we limit the agents’ abilities by introducing inexactness and limited view
radii. Hence, our approach is suitable for real world applications with uncertain sensor
inputs.

The paper is organized as follows. Section 2 gives an overview of the researches in
the Majority/Density Classification Task for one-dimensional cellular automata and the
Online Partitioning Problem, which is formally defined there. In section 3 the mapping
function is presented and motivated and its quality is shown in experimental runs. In
the next section 4 we introduce inexactness and limited agents’ visibility and in the end
we conclude the paper and give ideas for future research.

2 Related Work

The Majority Classification (MC) or Density Classification (DC) task is a well known
and exhaustively studied problem in the field of Cellular Automata (CA) [2], first pub-
lished by Gacs, Kurdyumov and Levin [3]. A one-dimensional binary CA with an ini-
tially random state for each cell ci ∈ {0, 1} should result in a uniform state for all cells
depending on the initial ratio of 0’s to 1’s. This means, if there were more 1’s than 0’s
in the initial configuration, the final state of each cell should be ′1′, if there were more
0’s, the final state of each cell should be ′0′. We define the final state to be the CA
assignment after a predefined and fixed number of transitions.

There exist many different approaches to generate rules for classifying a high pro-
portion of such random initial cell assignments. The best approaches classify more than
86% correct. Manually generated rules reach a correct classification value of around
82%; the best one has been obtained by Das, Mitchell and Crutchfield with 82.178%.

For the automatic generation of rules for cellular automata, several techniques have
been used, e.g. genetic algorithms [5], genetic programming [7] or coevolution [8][9]
[10]. In [11] an exhaustive study of the Majority Classification Task has been made.
There, Kirchner could reproduce most of the results obtained by Mitchell et al. Under
our supervision she developed a software tool that can also be used to group the values
in a randomly initialized one-dimensional cellular automata.

The Online Partitioning Problem (OPP ) is a multi objective optimization prob-
lem dealing with the distribution of agents with very limited and mostly local knowl-
edge onto different tasks represented as targets. The agents distribute themselves au-
tonomously according to the following three objectives:

(1) The agents have to be distributed uniformly
(2) Minimize the overall distance toward the targets
(3) The abilities of the agents should be very simple

Each of these goals is oppositional to any other, so we look for the best possible so-
lution fitting in all objectives in quite an acceptable way. We can put this objectives
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in a more formal way by defining the first two objectives mathematically: An instance
of OPP with OPP = (A, T , ρ) with the agent set A = {a1, ..., an}, the target set
T = {t1, ..., tm} and a location function ρ is an optimisation problem. δ(p1, p2) de-
fines the geometric distance between two points in the Euclidean space. This function
works in the same way if we consider two arbitrary agents a and a′ or an agent ak and a
target tl, then δ(a, a′) and δ(ak, tl) calculate the distance between the positions of two
agents or between an agent and a target, respectively.

δ : A x A → R : δ(a, a′) = d and δ : T x T → R : δ(t, t′) = d

δ : A x T → R : δ(a, t) = d = δ : T x A → R : δ(t, a) = d

The question is whether there are subsets S = {S1, S2, ..., Sk} with
A = {S1 ·∪S2 ·∪... ·∪Sk} such that the following objectives are minimal:

−
|S|∏

i=1

|Si| and
|S|∑

i=1

∑

a∈Si

δ(a, ti)

These can be combined by the following formula:

f = α ·

⎛

⎜
⎜
⎝

m∏

i=1
bi

m∏

i=1
oi

⎞

⎟
⎟
⎠ + β ·

⎛

⎜
⎜
⎝

n∑

i=1
min

j=1..m
(δ(ai, tj))

n∑

i=1
δ(ai, target(ai))

⎞

⎟
⎟
⎠

with
α + β = 1; α, β ≥ 0

f has to be maximized. bi(oi) is the current (optimal) number of agents that have chosen
target i and target(a) specifies the target the agent a has chosen. All agents are able to
communicate with their direct neighbours and know the order of the targets according
to their distance. A more detailed description of the abilities of the agents can be found
e.g. in [4].

The Online Partitioning Problem belongs to the area of Multi Agent Systems and
Swarm Intelligence. Swarm Intelligence deals with large sets of individuals or agents
that can be seen as a self organizing system showing emergent behaviour [12][13].
Several basic strategies have been presented and we compared our results obtained with
the CA-approach in [1] with those obtained in [4]. The difference between this new CA
based approach and the earlier published ideas is, that here the CA rules only guide the
decision process of the agents for a target in the first few time steps.

3 Mapping Function

Our idea presented in this paper is to map a set of agents, that are located somewhere
in space, onto a two-dimensional cell-grid with two main states, active and inactive; an
active grid field represents the presence of an agent. This grid is the cell assignment
of a cellular automata. The transformation from an agents’ positions to the grid will
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be realized by a mapping function, denoted by ψ. It is important to carry-forward the
neighbourhood relations of agents in the space to the activated cells in the cellular au-
tomata. Hence, agents that are located nearby in space should be direct neighbours in
the grid. One major problem for such a function ψ is the decision if an agent is closeby,
because this decision has to be calculated based on exclusively local information. ψ has
to decide for each agent a ∈ A with a fixed but only locally known position p in space,
how the adjacent N = {n0, n1, ..., n8} cells (including the center cell n0 itself repre-
senting the current agent) on the CA should look like to represent the original situation
as best as possible.

Fig. 1. How to measure the mapping-quality

To test the quality of such a function ψ, we need the ideal mapping as a reference
value. Therefore, we decided to start with a random cellular automata CA and a map-
ping function f from activated cells of a CA to coordinates of agents in space. This
agent set is the input for our mapping function ψ. The CA description CAmapped, that
can be derived from ψ, can then be compared with CA.

The function f : CA → RxR can be defined by

f(ci,j) =

{
agent on position (i, j) if ci,j is activated in CA

no agent on position (i, j) else

The idea of our mapping function ψ is to find for each agent a an appropriate represen-
tation for the terms ’near’ and ’far’ and to decide for each nearest agent in one of the
eight sectors around a if it is ’near’ or ’far’. The first problem is solved by the consider-
ation of the nearest and the farthest among the eight closest agents in the sectors. These
two extreme values constitute our normative system. The second part is realized by us-
ing a special gradient for ψ. The concept to divide the space into sectors originating at
each agent is similar to the construction of efficient graphs for mobile ad hoc networks
(MANETS). One example of such successful graphs is a special kind of Yao graphs,
the sparse Yao graph (SparsY, see [14] and [15]). For these graphs, each node divides
the space into k cones and draws an edge to the nearest node in each sector. Therefore,
the in- and the out-degree of each node is limited to at most k.

3.1 Deterministic Mapping

We start with the mapping of the (highly environment distance measurement depen-
dent) distances from the agent a to its neighbours in each sector into the standardised
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interval [0; 1]. After the mapping, the distance value of the closest agent is 0 and the dis-
tance value of the agent that is farthest away is 1. This distance values are now totally
independent from the original values, so we do not longer have to take into considera-
tion if we are dealing with kilometres or nanometres etc. The conversion is done by the
formula

r-dist(a, ak) =
δ(a, ak) − min

i=1,...8
{δ(a, ai)}

max
i=1,...8

{δ(a, ai)} − min
i=1,...8

{δ(a, ai)}
∈ [0; 1] (1)

for each agent separately depending on the nearest agent in each sector1. In this formula,
the agent ai is the nearest agent in the sector i, this sector can be described as the cone
with an angle of

( 2·π
8

)
with sides from

(
i−1
8 · 2π

)
to

(
i
8

)
· 2π.

Next, we define a strictly monotonic decreasing function ψ.

ψ(x) = 2

− x2�
1
8 ·

8�
i=1

r-dist(a,ai)

�2

This is our mapping function that determines for an arbitrary relative distance (r-dist)
value x ∈ [0; 1] if this is a far or a near distance. The decision, if an agent is neighbour
or not, depends on the value of this function, and we can decide for each sector if the
agent is close enough to appear in the neighbourhood of agent a or not. Therefore, the
value for each cell n0, ..., n8 in the neighbourhood of an arbitrary agent a is defined by

nk =

⎧
⎪⎪⎨

⎪⎪⎩

active for k = 0;

active for ψ(r-dist(a, ak)) ≥ 1
2 ;

inactive else

3.2 Random Mapping

The random mapping is a slight modification of the deterministic mapping presented
before. We allocate the adjacent cells of agent a with a probability that depends on the
function ψ.

nk =

⎧
⎪⎪⎨

⎪⎪⎩

active for k = 0;

active with probability p = ψ(r-dist(a, ak));

inactive else

3.3 Measuring the Error Rate

We tested our mapping function ψ(x) by comparing the mapping result onto a cellular
automata with the optimal solution. Therefore, we start with a cellular automata cell
assignment C1 with a varying density d of activated cells (d ∈ {0%; ..., 100%}). The

1 If the denominator of the fraction is zero, we force r-dist to return 0.5 because all agents have
exactly the same distance.



58 A. Goebels

activated CA-cells will be converted into a set of agents with position in space based on
the cell position in the CA. For cell cij the position in space will be (i, j). Then we ap-
plied our algorithm to this set of agents and convert them back into a cellular automata
cell assignment C2. The quality of the final assignment C2 is measured by two error
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Fig. 2. The development of the absolute and the relative error metrices for different numbers of
agents. The curves are nearly identical. This is due to the only local decisions the agents make.

metrics. The absolute error metrix represents the ratio of correspondent activated cells
that have an identical neighbourhood in C1 and C2 to the overall number of activated
cells. The relative error regards similarities in the neighbourhood of correspondent ac-
tivated cells. In figure 2 we compare the mapping quality of our algorithm for different
CA-sizes. The absolute error erra is calculated by

erra =

∑

c∈C2 with c �= empty

{
1 for n(c ∈ C1) = n(c ∈ C2)

0 else

|{c|c ∈ C2 and c �= empty}|

and the relative error errr by

errr =

∑

c∈C2 with c �= empty

|Δ(n(c ∈ C1), n(c ∈ C2))|

9 · |{c|c ∈ C2 and c �= empty}|
In this formulas we use n(c) as a function representing the Moore neighbourhood of cell
c (and c itself) and the difference function Δ(n, n′) calculates the number of differences
between the neighbourhoods of n and n′ with Δ(n, n) ∈ {0, ..., 9}.

4 Introducing Inexactness and Limitations

In the previous section we assumed that the distances could be measured with no kind of
noise and 100% preciceness. Now we consider the behaviour of our algorithm if we add
noise to the distance measurements. Therefore, we modify the correct distance value by
p percent (distm = dist + m with m ∈ [−p · dist; p · dist]). The other parameters
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remain the same. Figure 3(a) visualizes that the characteristics of the random and the
absolute mapping show a high similarity, but for cell densities greater 50% the quality
of the random mapping is significantly better. At the end there is a difference of more
then 5%.
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Fig. 3. Comparison of the absolute and the probability mapping function when the agents cannot
measure distances exact. In figure 3(a), we used an error of at most p = 10%. In (b), we compare
the development for different error sizes.

Following the success of our mapping function in an ideal environment and satis-
fying results when adding inexactness, we analyse our approach with more realistic
agents, i.e. agents with limited sensor information in respect of view radius. In detail,
we observed the behaviour of our ψ while applying different view radii. Therefore, we
modify our original formula (1) as follows:

r-distvr(r)(a, ak) =
δvr(r)(a, ak) − min

i=1,...8
{δvr(r)(a, ai)}

max
i=1,...8

{δvr(r)(a, ai)} − min
i=1,...8

{δvr(r)(a, ai)}
∈ [0; 1]

The only difference between the r-distvr(r) and the prior r-dist function is that we now
have two case differentiations:

δvr(r)(a, ak) =

{
δ(a, ak) for r � δ(a, ak);

∞ else

In the figures 4(a)-4(c) we compare the quality of our mapping function for agents using
limited view radii r. The influence of the real value r depends obviously onto the real
value distances of the agents in the space. For the experiments presented here we chose
the r’s from a reasonable interval2. In the experiments you can observe that the view
radius cannot be chosen in a really wrong way. We distinguish three different cases:

2 A reasonable interval [I1; I2] is obviously an interval with the minimum and maximum dis-
tance of agents in the simulation space as interval borders. Hence, I1 should be equal to or
smaller as the minimum distance between any two agents a and a′ and I2 should be greater as
or equal to the maximum distance between any two agents a and a′.
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Fig. 4. Comparison of different view radii of the agents. Again, we compare the results of our
mapping function for different agent densities. The figures 4(a) and 4(b) show the behaviour of
our mapping function without errors in the distance measurement. The absolute and the relative
error is shown. Figure 4(c) is the result of increasing the distance inexactness of the agents to
10%.

No Sensing: If the view radius is smaller than the minimum distance of any two agents,
the mapping function can obviously map the agent set only into a cellular automata
in which no cell has any neighbour. Therefore, the quality of the mapping function
is decreasing when the density of the agents and therewith the average number of
neighbours in the original CA is increasing. This can be seen in all settings in figure
4 considering the quality development for the view radius V R = 0.

Over Sensing: If the view radius is greater than the maximum distance between any
two agents, there is no change in the knowledge of the agents because with an
increase of the radius no additional information can be gained.

Variable Sensing: If the view radius is inside the reasonable interval then the qual-
ity of the mapping function changes. We can distinguish between two cases. For
sparse agent densities, a decrease of r increases the mapping quality. In such set-
tings, agents that are far away can be misleadingly considered as near neighbours
because there are not enough agents to calculate a good normative distance value
base. An example for such a bad case is shown in figure 5. For an agent density of
approximately 50% there is no longer a significant difference for the different radii
V R. There is one special case if the view radius is equal to the minimal distance
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Fig. 5. Due to the missing global information, the mapping function can not distinguish between
the four originally different cell assignments. For our formula, the grey agent is the nearest one
in all settings and therefore a neighbour for the black agent.

between any two agents. This radius is identical to the function we use to map the
agents from the original CA to the agent set in space. In the experiments with no
inexactness, r = 1 is a direct inversion of this function and therefore the mapping
quality is always exact 100%. In the experiments with inexactness, there are some
agents that could not be sensed because they are out of the sight radius. Therefore,
we receive slightly worse results.

5 Conclusion and Future Work

In this paper, we presented a mapping function to transform a group of agents into
active and inactive cells of a cellular automata. The quality of this function has been
determined by a comparison with the ideal cell assignment obtained via a double trans-
formation process. To make the system more realistic, we added inexactness and limited
agent abilities. In all combinations, our mapping function ψ shows an behaviour from
acceptable to very good, mostly depending on the agent density in the system. The best
results could be obtained if the agent distribution is not too sparse. Consequently, if the
density in the agent setting is below 50%, our approach could only produce a mapping
with up to 40% differences to the best mapping. Such worst case scenarios have been
presented.

In our future research, we will try do prove the quality of this best approach and
present more worst case scenarios.
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4. Goebels, A., Büning, H.K., Priesterjahn, S., Weimer, A.: Towards online partitioning of agent
sets based on local information. In: Proceedings of the International Conference on Parallel
and Distributed Computing and Networks (PDCN), Innsbruck, Austria (2005)

5. Mitchell, M., Hraber, P.T., Crutchfield, J.P.: Revisiting the edge of chaos: Evolving cellular
automata to perform computations. (1993)

6. Boris, J.: A vectorized ’near neighbors’ algorithm of order n using a monotonic logical grid.
J. Comput. Phys. 66 (1986) 1–20

7. Andre, D., III, F.B., Koza, J.: Discovery by genetic programming of a cellular automata rule
that is better than any known rule for the majority classification problem. In: In Proceedings
of the First Annual Conference on Genetic Programming, MIT Press (1996)

8. Juille, H., Pollack, J.: Coevolving the ideal trainer: Application to the discovery of cellular
automata rules. In: Proceedings of the Third Annual Genetic Programming Conference (GP-
98). (1998)

9. Pagie, L., Mitchell, M.: A comparison of evolutionary and coevolutionary search. In: R.K.
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Abstract. This paper proposes a Clonal Selection Algorithm for Multimodal 
function optimization (CSAM) based on the concepts of artificial immune sys-
tem and antibody clonal selection theory. In CSAM, more attention is paid to 
locate all the peaks (both global and local ones) of multimodal optimization 
problems. To achieve this purpose, new clonal selection operator is put forward, 
dynamic population size and clustering radius are also used not only to locate 
all the peaks as many as possible, but assure no resource wasting, i.e., only one 
antibody will locate in each peak. Finally, new performances are also presented 
for multimodal function when there is no prior idea about it in advance. Our ex-
periments demonstrated that CSAM is very effective in dealing with multimo-
dal optimization regardless of global or local peaks. 

1   Introduction 

At present, many researchers have gone into this field, and proposed some effective 
methods to solve multimodal function, such as crowding factor model proposed by De 
Jong [1], shared function model proposed by Goldberg and Richardson [2], artificial 
immune system method [3,4], split ring parallel genetic algorithms [5], Evolution 
Strategy [6], Particle swarm Optimization [7,8], and so on, which are trying to keep 
the diversity of population in the process of evolution. All above methods are effec-
tive in keeping diversity of population, and help a lot to locate more than one global 
peak. However, they seldom consider finding the sub-optima if a problem has any, 
while in the practical engineering, the sub-optimal solution maybe the alternative one. 
Thus, the main focus of this paper is to find a feasible method to locate all peaks of multi-
modal function no matter whether these peaks have the same height or not.  

This paper is organized as follows. After defining several basic concepts of artificial 
immune system in Section 2, a novel algorithm, Clonal Selection Algorithm for Mul-
timodal function optimization (CSAM), is put forward in Section 3. In Section 4, new 
performances are proposed, then three representative multimodal problems are selected 
for simulation tests in Section5. Finally, some discussions are presented in Section6. 

2   Basic Definitions 

The antibody clonal selection theory (F. M. Burnet, 1959) is used in the immune sys-
tem to describe the basic features of an immune response. Its main idea lies in that the 
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antigens can selectively react to the antibodies, which are the native production and 
spread on the cell surface in the form of peptides. The reaction leads to cell proliferat-
ing clonally and the clone has the same antibodies. Some clonal cells divide into  
antibodies that produce cells, and others become immune memory cells to boost the 
second immune response. In order to describe the algorithm well, some definitions are 
given in the following. 

Definition1. Antigen. In Artificial immune system (AIS), antigen usually means the 
problem and its constraints. Without loss of generality, we consider maximizing mul-
timodal optimization problems as follows.  

),,,(),(max 21 n
Sx

xxxxxf …=
∈

 (1) 

where S  is searching space. The antigen is defined as objective function )(xf , 

namely, )(xG = ))(( xfg . Similar to the function of antigen in immunology, it is the 

initial factor for the artificial immune system algorithm. Usually, we let 
)()( xfxG = when not mentioned especially. 

Definition2. Antibody. Antibodies represent candidates of the problem. The limited 
length character string lqqqp …21= is the antibody coding of variable x , denoted 

by )(xenp = , and x is called the decoding of antibody p , expressed as )( pdex = . In 

practice, binary coding and decimal coding are often used. Set I is called antibody 

space and the antibody population { } k
k IpppPoP ∈= ,,, 21 … is a k-dimensional 

group of antibody p , namely 

( ){ }klIppppPPI lk
k ≤≤∈== 1 ,,,,,: 21 …  (2) 

where the positive integer k is the antibody population size. 

Definition3. Antibody-Antigen Affinity. Antibody-Antigen Affinity is the reflection 
of the total combination power locates between antigen and antibodies. In AIS, it 
generally relates to the objective value or fitness. Namely 

))(()(Affinity Antigen-Antibody xfGp =  (3) 

Definition4. Antibody-Antibody Affinity. Antibody-Antibody Affinity is the reflec-
tion of the total combination power locates between two antibodies. In this paper, we 
calculate the antibody-antibody affinity with Euclidean distance between 

lqqqp …21=  and lqqqP ′′′=′ …21 , namely, 

∑
=

′−=′=′=′
n

i
ii xxpdepdedistppdistppAffinity

1

2)())(),((),(),(  (4) 

Of course, other distance measures are possible. 
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3   Algorithm Description  

3.1   Clustering Algorithm 

As we known, there exist difficulties in searching all peaks for multimodal problem. 
One is how to keep the diversity of population. Another is how to avoid the less peak 
points being swallowed by the bigger one and the other is the number of peak points 
is unknown. In this paper a clustering algorithm is developed.  

Let population in the tht −  generation as { } k
k

t IpppPoP ∈= ,,, 21 … , and num  

be the number of clustering. The main steps for it are in the following. 

Step1. 0=num , { }k
t pppPoPC ,,, 21 …== . 

Step2. 1+= numnum . Find the best antibody numP  in the current antibody set C , 

satisfying ( )( ))(max)))((( pdefGpdefG
Cp

num

∈
= and construct Clustering set numC  as 

follows, 

{ }CpppAffinitypC num
num ∈<= ,),(| ω  { }numTemp CpandCpC ∉∈= ,, , TempCC =  

Stp3.  If φ≠C , go to step2; else stop. 

Based on the above operations, num clustering set iC ( numi ,,1…= ) centered as 

iP  can be obtained, and t
num

i
i PoPC =

=
∪

1
, jiCC ji ≠= ,∩ φ ω is clustering radius.  

3.2   The Framework of CSAM 

Inspired from the biology immune system and the clonal selection mechanism, 
CSAM is put forward in this section. The main process for Clonal Selection Operator 
is presented as Fig. 1, and the antibody population at time k  is represented by the 

time-dependent variable ( ){ })(,),(,)( 21 kPkPkPkP n…= = ∪
num

i
iC

1=
. 

Clonal Operating C
cT ： Define  

T
n

C
c

C
c

C
c

C
c kPTkPTkPTkPT ]))(())(())(([))(( 21 "=  (5) 

where ),,2,1)(())(( nikPIkPT iii
C

c "=×= iI  is a iq dimension row vector. 

))(( kPT i
C

c  is the iq clone of antibody and iq is adjusted to the antibody-antigen 

affinity adaptively. After Clonal Operating, the population becomes 

)}(,),(),({)( 21 kPkPkPkP nnew "= where )}(,),(),({)( 21 kPkPkPkP
iiqiii "=  

and iiij qjkPP ,,2,1),( "== . 

 

，
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Fig. 1. The main operating processing of the Clonal Selection Operator 

Immune Genic Operating C
gT : Crossover and Mutation are the two main operators 

in immune genic operating. In this paper, all the antibodies can be categorized into 
three groups, and different operators are adopted on the different groups. The combi-
nation of the three operators helps to improve the global search ability.   

For antibody set )}(,),(|{ kPpppAffinitypC i
i ∈<= ω  centered on 

ip ( numi ,,1…= )，let )( ipdex = and  for every antibody iCp ∈ , if ipp = , we 

adopt Gaussian mutation to generate new antibody p′ = )(xen ′ in the following  

),0(* σω gxx +=′  (6) 

where ),0( σg  is a Gaussian random variable. 

To antibodies in },,2/),(|{ i
i

i CpppppAffinityp ∈≠< ω , study operator is 

adopted as follows 

)(* mm xxrcxx −+=′  (7) 

Here, r  is a uniformly random value in the range [0, 1]. c is study factor. 
And to antibodies in set },2/),(|{ ii Cpppaffinityp ∈≥ ω , uniformly mutation is 

adopted according to the following equation. 

)( lowuplow xxrxx −+=′  (8) 

lowup xx ,  is upper bound and lower bound of  x , r  is a uniformly random value be-

tween 0 and 1.  
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Clonal Selection Operating C
sT : ni ,,2,1 "=∀ , if there exists mutated antibody iB  

which satisfies iiji qjPdefBdef ,,2,1))((max)(( "== .The probability of iB tak-

ing place of )(kPi is defined as  

( )
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⎪
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⎛ −
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exp

))(()))(((1
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ii
ii

ii

i

BdefkPdef
a

BdefkPdef

BdefkPdef

BkPp
  

(9) 

Hereα is a positive value related to the diversity of the antibody population. Gener-
ally, the better the diversity is, the biggerα is. Otherwise, α is smaller. 

Clonal Death Operating C
dT :  After the above operating, antibody population is 

)}1(,),1({)1( 1 ++=+ kpkpkP n" . If ε<++ ))1(),1(( kPkPdist ji , one of )1( +kPi  

and )1( +kPj will be died forcedly according to the death probability dp , 

where )1( +kPi  and )1( +kPj  belong to )1( +kP , ( njiji ,,2,1,, "=≠ ), 0>ε . The 

death strategy can be either generating a new antibody randomly to 
replace )1( +kPi or )1( +kp j  , or using mutation strategy to generate a new antibody 

to replace them，and thus we complete the whole operation on antibody population.  

3.3   Self-adaptive for ω  and Population Size  

Another difficulty for multimodal problem is that the number of extreme points is 
unknown to us, which requires the scale of population to be adjusted adaptively. Gen-
erally, there are two cases. On the one hand, if the population size is too big, compu-
tation resources may be wasted. On the other hand, if too small, some peaks may be 
ignored. Therefore, an adaptive operator will be adopted for the scale of the popula-
tion, and clustering radius will also be adjusted adaptively. 

3.3.1   Self-adaptive for Population Size 
There is an important question: how many new individuals should be introduced? In 
order to guarantee locating all peaks and wasting no resources, a dynamic strategy 
will be taken in this paper. 

In this context, if only iP  is in the clustering set iC , then the size of the population 

will be increased with the following equation  

)(*)()1( kPoPSizekPoPSizekPoPSize μ+=+  (10) 

where )(kPoPSize is the size in generation iteration k , μ  is a learning factor which is 

related to the number of clustering set, and the new individuals were generated ran-
domly to improve the ability of global searching .  
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On the other hand, when the number for clustering set is far less than the popula-
tion size and its number is no longer increase during many generations, then the popu-
lation should be decreased according to the following  

)(*)()1( kPoPSizekPoPSizekPoPSize μ−=+  (11) 

Generally, individuals approaching to the clustering center will be deleted.    

3.3.2   Self-adaptive for ω  
If the population size is up to the predefined value maxnum , the clustering radius need 

be decreased, here ],[ iii uplowx ∈ , and maxnum is defined as follows 

maxnum = ∏
=

⎟⎟
⎠

⎞
⎜⎜
⎝

⎛ −n

i

ii lowup

1 2ω
                                          (12) 

Obviously, a fixed ω is not suitable for searching more extreme points, and too large 
clustering radius ω may lead some extreme points to be swallowed up. While 
smaller ω makes convergence slowly. Hence, new method is taken in our paper as 

follows. Let { }numppP ,,1 …=  be the set of all clustering center in a certain genera-

tion, if one clustering has no improvement during the generation, then clustering ra-
dius should be reduced, otherwise, it will be increased.  

The total process of the proposed CSAM is in the following: 

Step1 t=0，initialize antibody population { } k
k

t IpppPoP ∈= ,,, 21 … , compute the 

affinity among all antibodies and set all relative parameters; 
Step2 use Clustering Algorithm, the population is divided into num sub-

population ∪
num

i
i

t CPoP
1=

= , the Clustering centre is ip . 

Step3  According to affinities and given clonal size, implement Clonal Operating 
C

cT , Immune Genic Operating C
gT , Clonal Selection Operating C

sT , Clonal Death 

Operating C
dT , thus obtains the new antibody population is denoted as )(kP . 

Step4 Computing the affinity of )(kP , Self-adaptive updating of Population Size 

and Clustering radius. 
Step5  k=k+1；If the halt conditions achieved, then stop, otherwise go to step2. 

4   Performance Measurements 

Generally, the performance for multimodal function can be measured according to 
three criteria, number of evaluations required to locate the peak, accuracy, measuring 
the closeness to the peak, and success rate, i.e., the percentage of runs in which all 
global optima are successfully located. 

In this paper, new performances for measuring the closeness to the optima are pre-
sented according to two cases. One is all the extreme points are all known in advance 
and the other is that there is no any information to the extreme points in advance. 
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In the first case, assume { }e
N

e
extremum ppP …,1=  includes all the extreme points, 

N is the number of extreme points, and the approximation set of the extreme points 

is { }M
ppproposed ppP …,1= , M is the cardinality of proposedP , then the approximation 

of proposedP  to extremumP  can be defined as follows  

∑
=

=
M

i
extremum

i
p MPpdistGD

1
/),(  (13) 

where
extremumPq

i
pextremum

i
p qpdPpdist

∈
= ),(min),( . ),( qpd i

p  is the distance between two 

antibody i
pp  and q . 

At the same time, the success rate is defined as  

NPP findrate /=  (14) 

Here { }∪
M

i
proposed

i
pextremum

i
p

i
pfind PpPqppqdppdpP

1
,,),,(),(|

=
∈∈<= . 

In the second case, let { }M
ppproposed ppP ,,1 "= . Obviously, if the i

pp  is approach-

ing some real extreme point, the bigger probability of { }))(())(( qdefpdef i
p >  is, here 

q is a random antibody in the neighborhood centered with
i
pp

.Obviously, the prob-

ability equal to one means the i
pp  is a real peak. 

Based on the above consideration, N points are selected randomly from the 

neighborhood of i
pp with certain distribution (Gaussian or uniform•, which are de-

noted as { }N
randrandrand ppP …,1= . 

Computing the probability  

i
rP =

{ }
∑
=

∈>M

i rand

rand
i
p

P

Pppdefpdefp

1

)),(())((|
   where proposed

i
p Pp ∈ , randP is the 

cardinality of randP . The approximation of set proposedP  can be measured with 

∑
=

=
M

i

i
rr MpP

1

/  (15) 

5   Numerical Tests and Results 

To validate our approach, we chose three multimodal functions, which turn out to be 
difficult for any search algorithm because they have numerous peaks. For convenience, 
decimal coding is used and the related parameters are in the following: population size 
is 100 and function evaluation times are 25201, clustering radius 1.0=ω , learning 
factor 1.0=μ , death probability dp is 8.0 . And mutation is according to the  
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equation )1.0,0(*1.0 gaussianxx += , study operator is according to 

)(*)1,0(*2* xprandwxx −+= . In addition, we found an interesting case during the 

experiments, when ω is chosen as 4.0 , study operator is similar to particle swarm 
optimization. 

5.1   Discussion of the Results 

In this paper, three functions are used in the following, the first one is used in [4].the 
second is Rastrigin function and the last one is Schwefel function. 

(1)  ( ) ( ) 14sin4sin),( +−= yyxxyxF ππ , where ]2,2[, −∈yx . 

(2)  yyxxyxG ππ 2cos102cos1020),( 22 −+−+= , where ]12.5,12.5[, −∈yx . 

(3)  ( )yyxxyxH sinsin),( +−= , where 500,500 ≤≤− yx . 

The first function was taken frequently by many researchers, which has many local 
optima peaks and one global optimum peak. Fig. 2(a) illustrates the located peaks of 
the proposed algorithm for function ),( yxF . Fig. 2(b) gives the location of found 

peaks in variation space. In [5], only 18 peaks are found, and in [4], 61peaks were 
located, while in this paper, 80 peaks are located.  

   
(a) (b) 

Fig. 2. Simulation of function F(x, y) (a) Plots of function F(x, y) (b) distribution of antibodies 
in variation space 

The second function has a lot of local and global peaks and the third not only has 
many local peaks, but also the range of variation is wide, due to much difficult to 
optimize, few report is given. Fig.3(a), 4(a) illustrates the located peaks found by the 
proposed algorithm for them and Fig.3(b), 4(b) gives the location of found peaks in 
variation space. From Fig. 2(a), 3(a) and 4(a), it can be seen that our algorithm could 
find almost all peaks. 

By using Self-adaptive adjustment of Population Size, the number of peaks found 
is almost equal to the size of population. To the first function, 80 peaks are located, 
the Population Size is 90; to the second function 96 peaks are located, the Population 
Size is 100; to the last function, 54 peaks is found, and the Population size is 60. 
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In order to illustrate the feasibility and efficiency of our algorithm,Table1 show the 
min, max, mean, median and standard deviation (std.dev) for the above functions, 
regarding to the approximation of our method, for the first function, the mean can 
achieve 0.9826, the standard deviation is 0.0366. For the second function, the mean is 
0.9993, the standard deviation is 0.0015. To the third function, the mean can achieve 
0.9883, the standard deviation is 0.0284.  

   
                                  (a)                                                           (b) 

Fig. 3. Simulation of Rastrigin function. (a) plots of Rastrigin function (b) distribution of anti-
bodies in variation space. 

   

Fig. 4. Simulation of Schwefel function. (a) Plots of Schwefel  function (b) distribution of 
antibodies in variation space. 

Table 1. Approximation of the proposed algorithm for different functions 

Function 
Number of 

peaks  found 
Approximation of the proposed algorithm 

),( yxF  80 0.8530 1.0000 0.9826 1.0000 0.0366 

),( yxG  96 0.9930 1.0000 0.9993 1.0000 0.0015 

),( yxH     54 0.8940 1.0000 0.9883 1.0000 0.0284 
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6   Conclusion 

This paper presents a novel algorithm for multimodal function optimization. Based on 
the AIS, a novel clonal selection are designed, in addition, to keep the diversity of 
population and avoid extreme points with different fitness values to be swallowed up, 
clustering operators and population size are adjusted adaptively. To measure the per-
formance of the different algorithm for multimodal problem, new performances were 
also proposed. Simulations show that our algorithm is competitive, and it can find 
peaks as many as possible with the advantage of easy to operate and few parameters 
to adjust. However, how to judge a point is a globally one, how to select a suitable 
clustering radius and how to measure the convergence are our next work. 
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Abstract. This paper proposes a novel grid intrusion detection model based on 
immune agent (GIDIA), and gives the concepts and formal definitions of self, 
nonself, antibody, antigen, agent and match algorithm in the grid security do-
main. Then, the mathematical models of mature MoA (mature monitoring 
agent), and dynamic memory MoA (memory monitoring agent) survival are es-
tablished. Besides, effects of the important parameter Τ  in the model of mature 
MoA on system performance are showed. Our theoretical analysis and experi-
mental results show that the model that has higher detection efficiency and 
steadier detection performance than the current models is a good solution to 
grid intrusion detection. 

1   Introduction 

Grid environments have many distinctive characteristics that are different from com-
mon network environments [1], so grid intrusion detection problems that are not  
addressed by existing intrusion detection technologies for common network environ-
ments. Artificial immune system has the features of dynamicity, self-adaptation and 
diversity [2-7] that just meet the constraints derived from the characteristics of the 
grid environment, and mobile agent has many same appealing properties as that of 
artificial immune system [8]. Thus, we apply mobile agent technology as support for 
intrusion detection, and propose a novel grid intrusion detection model based on im-
mune agent (GIDIA). 

In GIDIA, the concepts and formal definitions of self, nonself, antibody, antigen 
and agent (that simulates the lymphocyte and is used as a detector to recognize non-
self antigens, i.e. intrusions,) in the grid security domain are given firstly. We define 
three kinds of immune agents: monitoring agents (MoA), communicator agents (CoA) 
and beating off agents (BoA). Then, the mathematical models of mature MoA and 
dynamic memory MoA survival are established. 

In the present immunity based intrusion detection systems [9], the memory lym-
phocytes have an unlimited lifecycle except they match the newly added selfs. Obvi-
ously, a considerable number of memory lymphocytes will be generated in the end. 
As the increasing of memory cells, the cells number will increase, at the same time, 
the intrusion detection time will increase. When the number of cell reaches a certain 
value, the intrusion detection system will either become a bottleneck or ineffective as 
some packets are skipped. 

However, GIDIA introduces a new idea of dynamic memory MoAs survival to 
overcome this problem: a given number of the least recently used memory MoAs that 



74 X. Gong et al. 

simulate memory lymphocytes will degrade into mature MoAs and be given a new 
age and affinity (the number of antigens matched by antibody), if the number of 
MoAs reaches or exceeds a given maximum. The method assures the number of 
memory cells does not exceed a given value, so that the total number of cells does not 
exceed a given value. So it does not take too long time to detect intrusions. The new 
age of degraded memory MoAs cannot be set too large or too small. Too large age 
will affect the diversity of GIDIA and too small age will reduce detection efficiency, 
which are proved in Theorem 1. In mature MoA model, the new affinity of degraded 
memory MoAs is set close to the lifecycle of mature MoAs. Once a degraded memory 
MoA matches only one antigen in its lifecycle, it will be activated immediately and 
evolve into memory one again. It is important to set the number of degraded memory 
MoAs to a given value, which assures GIDIA steady performance. If the number of 
degraded memory MoAs is not given, the number of degraded memory MoAs will be 
random and the remainder will be small or large. The false negative rate will be large 
or intrusion detection time will be long. The set of new affinity gives priority to de-
graded memory MoAs in evolvement, which enhances detection efficiency.  

2   The Proposed Grid Intrusion Detection Model (GIDIA) 

GIDIA has two sub-models (see Fig. 1). The first is the model of the generation and 
evolvement of MoAs in the square frame. The second is the intrusion detection model.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1. The proposed grid intrusion detection model. (a) The generation and evolvement of 
MoAs. (b) Intrusion detection model. 
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In the second sub-model, we define antigens (Ag) to be the features of grid services 
and accesses: 

}{ DagagAg ∈= . (1) 

.}1,0{},,,,|{ lDpaclevelprolevelsysleveluslevelddD =>=<=  (2) 

uslevel, syslevel, prolevel and paclevel present the parameters, which are monitored 
by monitoring agents at user, system, process, and packet level respectively. They are 
also called, respectively, the field of an antigen. l is a natural number (constant). The 
length of string ag is l. For the convenience using the fields of a antigen x, a subscript 
operator “.” is used to extract a specified field of x, where 

xfieldnamefieldnamex  of   field of  valuethe  . = . (3) 

For example, x.uslevel = 01101…10. 
We define Self to be the set of normal grid services and accesses. Similarly, Non-

self is a set of abnormal services and accesses. Ag contains two subsets, Self and Non-
self, where AgSelf ⊂ and AgNonself ⊂ such that 

ΦNonselfSelfAgNonselfSelf =∩=∪      , . (4) 

In the second sub-model, MoAs simulate B-lymphocytes in the immune system 
and patrol grid nodes. They are responsible for monitoring various parameters simul-
taneously at four levels (user level, system level, process level, and packet level) and 
detecting intrusion. As B-lymphocytes consist of mature and memory lymphocytes, 
MoAs are divided into mature and memory MoAs that simulate, respectively, mature 
and memory cells. CoAs serve as communicators and are responsible for message 
transmission among agents. They simulate lymphokines secreted from T cells to 
stimulate B cells to clone themselves or eliminate cloned cells. BoAs simulate T killer 
cells are responsible for dealing with intrusive activities. Once MoAs detect intru-
sions, they will stimulate CoAs and present the features of intrusions to BoAs. CoAs 
will activate BoAs. BoAs will move to the suspected place to counterattack intru-
sions. The counterattack strategies consist of disconnecting a node, killing a process, 
discarding dubitable packets, and so on. MoAs can clone themselves if the intrusion is 
detected. Some cloned MoAs are left here to detect more intrusions, and others are 
moved to other grid nodes to detect the similar intrusions. 

All the agents form a set (Agent). Agent contains three elements, MoA, CoA and 
BoA. Monitoring agents, communicator agents and beating off agents form, respec-
tively, the set MoA, CoA and BoA. A monitoring agent is used as a detector to recog-
nize nonself antigens (intrusions). Thus, we have: 

{ }BoACoAMoAAgent ,,= . (5) 

{ }.  agents.  among  message  sh transmitagent whic orcommunicat a is  c   c=CoA  (6) 
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.}  . MoAsby    presented  featuresantigen      the  toaccording

 intrusions  ackscounteratth agent whic off beating a is  b  b{=BoA
 (7) 

},,|,,{ NcountNageDdcountagedMoA ∈∈∈><= . (8) 

d is the lymphocyte antibody that is used to match an antigen. Each monitoring agent 
carries several antibodies. age is the agent age, count (affinity) is the antigen number 
matched by antibody d, and N is the set of natural numbers. d, age and count are also 
called, respectively, field d, age and count of an agent. Similarly, the subscript opera-
tor “.” is used to extract a specified field of an agent x. For example, x.d.uslevel = 
1101…101, x. age = 25. 

MoAs consist of Mature and Memory MoAs (see sect. 1). A mature MoA is a 
MoA that is tolerant to self but is not activated by antigens. A memory MoA evolves 
from a mature one that matches enough antigens in its lifecycle. Mature and memory 
MoAs form, respectively, the set MAMoA and MEMoA. Mature MoAs detect novel intru-
sions that have not previously been identified. Memory MoAs greatly enhance detec-
tion of previously seen intrusions. Therefore, we have: 

ΦMEMAMEMAMoA MoAMoAMoAMoA =∩∪= , . (9) 

{ }).,.(   , βcountxMatchydxSelfyMoAxxMAMoA <∧>∉<∈∀∈= . (10) 

{ }).,.(   , βcountxMatchydxSelfyMoAxxME MoA ≥∧>∉<∈∀∈= . (11) 

Match is a match relation in D defined by 

)}.1).,.(

1).,.(1).,.(

1).,.((  ),,(|,{

=∨
=∨=∨

=∈><=

paclevelypaclevelxf

prolevelyprolevelxfsyslevelysyslevelxf

uslevelyuslevelxfDyxyxMatch

match

matchmatch

match

 (12) 

fmatch(x, y) is based on the affinity between x and y: if the affinity greater than a speci-
fied threshold, then 1 is returned, otherwise, 0 is returned. In GIDIA, the affinity func-
tion can be r-contiguous-bits matching rule, Hamming distance, Landscape-Affinity 
Matching, etc. As intrusions do not always happen simultaneously at four levels, we 
consider an intrusion happens as long as MoA matches an antigen at any one level of 
the fours. The method enhances detection efficiency. 

2.1   Mature MoAs Model 

1

0

),()()()(

,
)(

≥
=

⎩
⎨
⎧

−∪∪
=

t

t

tMAtMAtMAtMA

Φ
tMA

activationcyclenewretain
MoA . (13) 

)()()()( tAtAtAMtMA MoAretain ′∪−′= . (14) 
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MAretain(t) simulates the process that the mature cells evolve into the next generation 
ones, where the cells do not tolerate to those newly added self elements or have not 
match enough antigens ( 0>β ) in lifecycle λ , will be eliminated. MAnew(t) depicts the 

generation of new mature MoAs. Γ (>0) is the max number of mature MoAs in 
GIDIA. MAactivation(t) is the set of mature MoAs which match enough antigens and will 
be activated and evolved into memory MoAs at time t. MAcycle(t) is the set of the least 
recently used memory MoAs which degrade into mature MoAs and be given a new 
age T (>0) and count 1−β  ( 1≥β ). Once a mature MoA with count 1−β  matches an 

antigen in lifecycle λ , the count of the mature MoA will be set to β  and it will be 

activated again. Because the degraded memory MoA has better detection capability 
than mature MoAs, it is endowed with a priority in evolvement into memory MoAs. 
When the same antigens arrive again, they will be detected immediately by the re-
evolved memory MoA. The method enhances detection efficiency.  

Theorem 1. Given all the degraded memory MoAs have tolerated to those newly 
added self elements from time t1 to tn , Τ  is in direct proportion to )1( +nnew tMA .  

Proof: Suppose the least recently used memory MoAs degrades into mature MoAs at 
the time point t1, t2, …, tn, respectively. Thus, according to equations (13) - (21), we 
have: 

[ ]( ).,,,1,1)( 1321 −≠∧−+∈= nncycle tttttttΦtMA …  (22) 
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[ ]( ).,,,1,1)()()( 1321_ −≠∧−+∈∪= nnothertolerancecycleMoA ttttttttMAtMAtMA …  (24) 

MAcycle-tolerance(t) is the set of memory MoAs which are degraded at the time point t-1 
and tolerate to those newly added self elements at the time point t. MAother-retain(t) is 
the set of other retained mature MoAs. MAother(t) is the set of other mature MoAs at 
the time point t. At the time point t1, we have: 

ΦtMAcycle ≠)( 1 . (25) 

At the time point t2, we have: 

ΦtMAcycle ≠)( 2 . (26) 

).()()( 2_2_2 tMAtMAtMA retainothertolerancecycleretain ∪=  (27) 

).()()()( 222_2 tMAtMAtMAtMA othercycletolerancecycleMoA ∪∪=  (28) 

Similarly, at the time point t3, we have: 

ΦtMAcycle ≠)( 3 . (29) 

)()()( 3_3_3 tMAtMAtMA retainothertolerancecycleretain ∪= . (30) 

).()()()( 333_3 tMAtMAtMAtMA othercycletolerancecycleMoA ∪∪=  (31) 

Suppose all the degraded memory MoAs have tolerated to those newly added self 
elements and been in mature MoAs from time t1 to tn in the worst condition. The sur-
vival time of the degraded memory MoAs is 1ttn − . Therefore, we have: 

.1 Τ−=− λttn  (32) 

And, we have: 

).()( 2_1 tMAtMA tolerancecyclecycle =  (33) 

).()()()( 2212 tMAtMAtMAtMA othercyclecycleMoA ∪∪=  (34) 

).()()( 3_21 tMAtMAtMA tolerancecyclecyclecycle =∪  (35) 

).()()()()( 33213 tMAtMAtMAtMAtMA othercyclecyclecycleMoA ∪∪∪=  (36) 

Then, we have: 

).()()( 3

3

1
3 tMAtMAtMA other

i

icycleMoA ∪=
=
∪  (37) 

Similarly, at the time point tn, we have: 
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).()()(
1

nother

n

i

icyclenMoA tMAtMAtMA ∪=
=
∪  (38) 

.)()()(
1

nother

n

i

icyclenMoA tMAtMAtMA +=
=
∪  (39) 

Obviously, Τ  is in inverse proportion to n according to equation (32). And n is in 

direct proportion to ∪
n

i

icycle tMA
1

)(
=

. ∪
n

i

icycle tMA
1

)(
=

 is in direct proportion to 

)( nMoA tMA  according to equation (39). |MAMoA(tn)| is in inverse proportion to the 

number )1( +nnew tI  of new immature MoAs according to equation (21), and in in-

verse proportion to )1( +nnew tMA  the number of new mature MoAs according to 

equation (20). So ∪
n

i

icycle tMA
1

)(
=

 is in inverse proportion to )1( +nnew tMA . Similarly, 

Τ  is in direct proportion to )1( +nnew tMA .  

The value of Τ  cannot be set too large or too small. If the value of Τ  is too large 
and even close to λ , the survival time of the degraded memory MoAs will be short, 
and the degraded memory MoA will die soon because it cannot match enough anti-
gens in lifecycle λ . Contrarily, if the value of Τ  is too small and even close to 0, the 
degraded memory MoA will have been in mature MoAs for a long time. As the de-
graded memory MoAs in mature MoAs increasing, the number of mature MoAs 

)( nMoA tMA  will increase. The larger )( nMoA tMA  is, the less new immature MoAs 

Inew(tn+1) and even new mature MoAs )1( +nnew tMA  will be generated. When the 

number of mature MoAs reaches or exceeds the maximum Γ , immature MoAs will 
not be generated. Therefore, too large value of Τ  will affect the diversity of GIDIA. 

2.2   Dynamic Memory MoAs Survival Model 

⎩
⎨
⎧

≥−∪
=

= .
1),()()(

0,
)(
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tΦ
tME

radationnewretain
MoA  (40) 

).()()()( tEtEtEMtME MoAretain ′∪−′=  (41) 
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Equation (40) depicts the dynamic evolvement of memory MoAs, where the mem-
ory MoAs that match the newly added selfs will die and those matched by an antigen 
will be activated immediately. MEretain(t) simulates the process that the memory 
MoAs evolve into the next generation ones. MEnew(t) is the set of new memory MoAs 
evolved from mature ones. MEdegradation(t) is the set of memory MoAs that are not ac-
tivated by antigens lately and are selected randomly to degrade into mature MoAs 
when the number of memory MoAs reaches a given maximum κ . P (>0) is the num-
ber of selected memory MoAs. Obviously, the number of memory MoAs does not 
exceed a certain maximum. 

3   Simulations and Experiment Results 

To prove the intrusion detection performance of GIDIA, we developed abundant  
experiments to show the effect of parameter Τ  on high detection efficiency and di-
versity in GIDIA. The experiments were carried out in the Laboratory of Computer 
Network and Information Security at Sichuan University. We developed a grid simu-
lation toolkit based on GridSim [10] to satisfy our needs. The simulation environment 
simulated users with different behaviors, resources and agents. A total of 40 com-
puters in a grid were under surveillance. The length of selfs was 1 K. The affinity 
threshold was 0.7. Suppose all the mature MoAs, including the degraded memory 
MoAs had tolerated to those newly added self elements, and the degraded memory 
MoAs in evolvement into memory MoAs were prior to other mature MoAs. Every 
MoA carried an antibody. The mature MoAs maximum Γ  was set to 256 and lifecy-
cle λ  was set to 20. 16 mature MoAs were evolved at a time. The initial number of 
memory MoAs was 192. The memory MoAs maximum κ  was set to 256. P was set 
to 80. To simplify environments, we define a function )(tf generation  of the generation 

of new immature MoAs. If new immature MoAs are generated, the value of 
)(tfgeneration  is 1, 2, 3, respectively, when the survival time λ−Τ  is 4, 2, and 1. Oth-

erwise, the value of )(tf generation  remains 0. 
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The effects of Τ  on the number of mature MoAs are shown in Fig.2. Given the 
survival time 4=−Τ λ , 80 memory MoAs degraded into mature ones when the 
number of memory MoAs reached the given maximum 256 at the fourth, ninth,  
fourteenth, nineteenth, twenty-fourth time point, respectively. Given the survival time 

2=−Τ λ , only 32 degraded memory MoAs re-evolved into memory MoAs and other 
degraded memory MoAs died due to exceeding the survival time at the eighth, four-
teenth, twentieth time point, respectively. 80 memory MoAs degraded into mature 
ones at the fourth, tenth, sixteenth, twenty-second time point, respectively. Given the 
survival time 1=−Τ λ , only 16 degraded memory MoAs re-evolved into memory 
MoAs and other degraded memory MoAs died due to exceeding the survival time at 
the seventh, thirteenth, nineteenth time point, respectively. 80 memory MoAs de-
graded into mature ones at the fourth, tenth, sixteenth, twenty-second time point.  

The generation of new immature MoAs is shown in Fig.3. Before the sixth time 
point, there had been new immature MoA to be generated. Given the survival time 

4=−Τ λ , new immature MoA were generated again only at the tenth, fifteenth, 
twentieth, twenty-fourth time point, respectively. Given the survival time 2=−Τ λ , 
new immature MoA were generated again at the ninth, tenth, eleventh, fifteenth, six-
teenth, seventeenth, twenty-first, twenty-second, twenty-third time point, respectively. 
Given the survival time 1=−Τ λ , new immature MoA were generated again at the 
eighth, ninth, tenth, eleventh, fourteenth, fifteenth, sixteenth, seventeenth, twentieth, 
twenty-first, twenty-second, twenty-third time point, respectively.  

Obviously, when the survival time of the degraded memory MoAs was short, the 
degraded memory MoA died soon because it could not match enough antigens in life-
cycle λ . Because the degraded memory MoAs have better detection capability than 
mature MoAs, the death of too much degraded memory MoAs will decrease detection 
efficiency. Contrarily, the longer the survival time, the less new immature MoAs were 
generation. Of course, the number of new generated mature MoAs was small. There-
fore, too large value of Τ  will affect the diversity of GIDIA. 

Therefore, the experiments results show that the appropriate value of Τ  assures 
high detection efficiency and diversity in GIDIA.  
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Fig. 2. Effect of Τ  on the number of mature 
MoAs  

Fig. 3. Effect of Τ  on the generation of new 
immature MoAs 
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4   Conclusions 

The proposed grid intrusion detection model based on immune agent (GIDIA) is an 
active grid security technique.  

In GIDIA, the concept of self, nonself, antigen, antibody, agent and match algo-
rithm have been abstracted and extended. Besides, GIDIA introduces a new idea of 
dynamic memory MoAs survival, which enhances detection efficiency and assures 
steady detection performance. Furthermore, the mathematical models of mature MoA 
and dynamic memory MoA survival are presented. 

The important parameter Τ  is discussed in the theoretical analysis and the experi-
ment results, which show that the proposed method is an effective solution to intru-
sion detection for grid security. 
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Abstract. A novel model of artificial immune network is presented at first, 
and then a simulative research work is made on its dynamic behaviors. Simula-
tion results show that the limit cycle and chaos may exist simultaneously when 
four units are in connection, and the network's characteristic has a close rela-
tionship with the intensity of suppressor T-cell's function, B-cell's characteris-
tics and transconductance.  Besides this, with Liapunov's method, the suffi-
cient conditions for network's stability is studied, especially for the case of 
system’s characteristics under the condition that the helper T-cells appear as a 
nonlinear function. 

1   Introduction 

As we know, computation theories inspired from natural phenomena are being paid 
more and more attention in the domestic research field.  Different from traditional 
methods, and with the condition of admitting the existent means the logical, naturally 
heuristic methods always try to find the order of nature discovered by now, and then 
regard them as the rule or principles of constructing novel computer structures or 
algorithms with high performance.  In which, a typical example is about the study and 
the development in the research of artificial immune system (namely, AIS for short). 
Especially, computer science researchers are always interested in intelligent behaviors 
displayed by biology, and bring out inspirations from their structure, function and 
mechanisms [1].  In 1974, American Nobel prize owner N. K. Jerne advanced the 
famous immune network theory, who suggested that a biological immune system is in 
fact composed of many different kinds of immune cells [2][3].  Once the emergence 
of Dr. Jerne's theory, it aroused a great interest.  Some years later, J. D. Farmer et al 
successfully used this theory for machine-learning research, which sets up an impor-
tant foundation for the development of modern computation and immune mechanisms 
based information-processing systems [4]. 

In recent years, many different kinds of researches and applications of AIS have al-
ready been found such as optimization, intelligent control, pattern cognition, network 
security, hardware design etc.  Among which, Prof. S. Forrest at University of New 
Mexico proposed a negation selection algorithm, which is normally used as a detector 
                                                           
* This research is supported by Shaanxi Province Education Department's Science Research 

Project under grant no06JK224. 
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for the action of artificial immune acceptance, and further educed the concept of com-
puter immune system[5][6].  Referring to existing discoveries of biologic immune 
system, this model is also a multi-agent system (MAS), distributive and without cen-
tral control.  Another Prof. D. Dasgupta at Memphis University made a deep research 
on immune MAS [7], and pointed out most of application problems dealt with MAS 
can also be done with AIS, because it is similar to MAS not only in the methods of 
realization but the mechanisms of operation as well [8].  Dr. Leandro Nunes de Castro 
at Brazil Phnom Penh National University made a comprehensive analysis on both the 
artificial immune clonal selection and the artificial immune network (AIN, which is 
called aiNet by authors) [9][10].  aiNet is an incompletely connected graph, and any-
one of its nodes can be regarded as an antibody.  Dr. J. Timmis at Kent University in 
Britain proposed a machine-learning model based on AIS with finite resource 
[11][12], in which, AIS is used as a tool to abstract knowledge from experience and 
then for new problem solving.  Dr. J. A. White at IBM proposed a novel pattern clas-
sifier and recognition method in accordance with the immune mechanism that an 
antibody identifies and classifies an antigen during the process of contact [13]. 

For natural immune system, it is a parallel, distributed and self-adaptive informa-
tion-process system.  From microcosmic view on this system’s components, it is 
made up of many different kinds of cells, organs and organizations which interact and 
collaborate with each other so as to complete a target task.  Usually, B-cells take an 
important role inside; however, their function would not be implemented without 
cooperation from other materials or various T-cells, such as TH and TS.  On the other 
hand, there are various and interplayed affinities among B-cells.  Additionally, such 
kind of relations may take some complex and dynamic changes due to cell’s death or 
clonal procreation.  Since 1997, some AIN models have been proposed for simulating 
the characters of the natural [14][15]. Although these models are distributed, self-
adaptive, and suitable for some purpose of complex applications, over a period of 
practice, they are found not satisfied at diversity maintenance, or distributed process-
ing, or fault tolerance of information, or dynamic learning, or self-recovery. There are 
perhaps two reasons inside, firstly, it is a gradually deepening process of our recogni-
tion and understanding to nature; and secondly, our research in this area is insuffi-
cient, which certainly brings about some difficulties to our current work. 

From analysis above, it can be seen that the immune mechanisms is very import to 
construct a model whether on its organization or structure. In addition, the stability of 
a system or a network is the basis of further theoretical analysis and applications. 
However, this is usually ignored in some degree. Due to lack of powerful theoretical 
work, current research on AIS is mostly limited to some simulations of simple func-
tions of biology immune system.  Deep-going research has not been done yet on how 
to construct a network which is provided with most important features of natural sys-
tems.  In other words, such kind of examples have been seldom seen that integrate 
equilibrium point, limit cycle and chaos into one system or network. Therefore, novel 
AIN models are still needed whose behaviors should: 1, integrate equilibrium point, 
limit cycle, chaos and other characteristics together, which could occur respectively 
with parameter's variation in the same model; 2, have a simple structure and conven-
ient realization; and 3, be provided with a wider versatility. 
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2   The Model of Artificial Immune Network 

As shown above, there are already some AIN models such as aiNet, dynamic immune 
network, multiple-valued AIN, et al. Among which, the model based on immune 
response by Zhang Tang imitates some key features of natural immune system, such 
as the reaction between B-cells and T-cells. In detail, a population composed by sup-
pressor T-cells (TS, in the suppressing layer of the network) is strict with monoto-
nously increasing or decreasing nonlinear relationship for its saturation. However, 
besides saturate, interactions between excitement and suppression also frequently 
occur in body's physiological process, which means AIN's nonlinear unit can be not 
only monotonous but also non-monotonous as well.  Based on this consideration, it is 
necessary to survey if there are some features missing for constructing our artificial 
models. In fact, there is another population composed of assistant T-cells (TH) in the 
natural immune system, which simulates the function of system’s memory, and 
meanwhile, TH cells can cooperate with TS, so as to make the system appear complex 
and non-monotonous. 

The function of cooperation between TS and TH sets up a feedback channel transfer-
ring information from the output layer (antibodies) to the input (antigens).  If there 
have already been some antibodies corresponding to a special kind of antigens, other 
similar antigens will not activate the immune network any further when invading the 
system.  In this case, the system appears suppressant.  On the contrary, if there are 
some new antigens invading the system, due to no corresponding antibodies existing 
in the output layer, they will activate the immune network immediately and obvi-
ously, and now, the system appears excited.  

In view of the above process, it is necessary to perfect our current AIN models, so 
as to reflect the cooperation mechanisms among B-cells and different kinds of T-cells. 
For the new model design, because the population of B-cells is usually in a stable 
state, so we can also regard it as the core of network structure, and mainly performing 
the task of information-processing.  Under the assistant function of TH cells, the popu-
lation of antibodies generated by B-cells takes a dynamic role of either enhancing B-
cell’s ability of information-processing, or making some information-preprocessing 
before B-cell’s action.  On the other hand, there are two different kinds of channels in 
the network, that are respectively the information-processing channel, namely a for-
ward channel composed by B-cells and antibodies; and the information-transforming 
channel, namely a backward channel by T-cells.  In which, the function of coopera-
tion between TS and TH  sets up a feedback channel from the output layer (antibodies) 
to the input (antigens) that can transmit a status information of the system.  In this 
case, if there already exist some antibodies to a special kind of antigens, this system 
will not generate the same new antibodies any more.  However, it is necessary to 
point out that the function and the power of antibodies generated by self or non-self 
B-cells are different during the system’s information feedback.  In other words, even 
if the system does not produce antibodies for a special purpose, it is possible that the 
system still generates some in order to maintain its normal status. This possibility 
maybe provides some diversity due to itself or non-itself reasons.  Based on these 
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a.      b. 

Fig. 1. The schematic structure of an artificial immune network model, in which, a, the immune 
response network in view of nature, and b, the engineering system model in accordance with 
the immune response network on its left 

considerations above, an AIN model and its corresponding structure are given as 
shown in Fig.1. 

In the model above, transconductance matrix, TH takes a role as collecting informa-
tion from other immune units. In which, Tij  is defined as action or connection intensity 
to antigen Agj, and TS is shown as a nonlinear voltage-controlled units denoting the 
direct action of antibody Abi to its corresponding antigen Agj. Therefore, its differen-
tial equation is available from system topology configuration corresponding to Fig.1 
which can be expressed as followed: 
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where TSi suggests a nonlinear voltage-controlled unit denoting the feedback charac-
teristic of antibody generated by a single white blood cell to its antigen, that  
is ( ) ( )iiiiiiii uAbGuGi −== . Besides this and for the convenience, we let 

∑+= ijii TrR 1 , then the equation above can be changed as: 
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In the equation above, Bi(⋅) is defined as a continuous function, and Gi(⋅) is a continu-
ous differentiable monotonous function. Obviously, equation (2) will be common 
form of Hopfield network when iii≡0 and Tij=Tji, as well as Bi(⋅) belongs to continuous 
differentiable monotonous function. Besides this, the network will be a continuous 
asymmetrical form when iii≡0 and Tij≠Tji.  Therefore, equation (2) suggests a more 
general situation. 

Here we limit the population of TS cells in the system to a saturated situation, in 
other words, when a kind of antibodies generated by B-cells reach achieve to a certain 
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level, their function to these antigens will not strengthen any more.  Therefore, for the 
continuous function Bi(⋅) simulating the characteristics of B-cells, it shows the nonlin-
ear part of this unit which has the following five types: 1, monotone-saturation type, 
as a majority units of this network model, and from the dynamics point of view, if 
there exists an isolated equilibrium point, then it must be exclusive; 2, excitement 
type, whose output of leucocytes is a monotonously increasing function of the interior 
status; 3, suppression type, contrary to excitement type, whose output of leucocytes is 
a monotonously decreasing function; 4, excitement-suppression type, whose output of 
leucocytes firstly rises with the increase of its interior status, and then began to de-
scend when reaching a certain degree; and 5, suppression-excitement type, contrary to 
the excitement-suppression type, it firstly descends with the increase of its interior 
status and then rises when arriving at a limit.  To be clearer, all of these models are 
illustrated in Fig.2. In this part of the follow-up we can see that if these types con-
struct a large-scale network, its dynamics characteristics might be a more complex 
character and different stability. 
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Fig. 2. Five types that a B-cell could be, a, monotone-saturation type; b, excitement type; c, 
suppression type; d, excitement-suppression type; and e, suppression-excitement type 

3   Simulation on AIN's Dynamic Behaviors 

With digital simulation on the above models, it can be seen that this model is pro-
vided with some very complex characteristics when the network is under three-  
or four-unit's connection. In this model, the nonlinear characteristics of Bi(⋅) are  
given by: 

3)( iiiiii ubuauB +=  (3) 

When ai >0, bi <0, it means that this model belongs to the excitement type, and oppo-
sitely, ai <0, bi <0, means the suppression type, and ai >0, bi <0, the excitement-
suppression type.  On the other hand, the characteristics of TS are defined as: 
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where ki suggests a saturated feed-back value, ci means the feed-back intensity, and 
especially, ci=0 indicates no-feedback and ci=1 is whole-feedback.  In order to reflect 
the more comprehensive characteristics the network behaves at different conditions, 
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we observe it under four-unit's connection to examine its characteristics (the chaotic 
phenomenon is not found when the network is under three-unit's connection). 

3.1   Influence of the Transconductance Matrix TH on System's Dynamics 

When the Transconductance matrix TH is asymmetrical, for example in the case of 

four-units connection network, when 
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HT , and a1=5, b1=-1; 

a2=8, b2=-2; a3=10, b3=4; a4=6, b4=-2. With different initial conditions, there  
usually exist some stable limit-cycles, as shown in Fig.3(a). However, when the  
transconductance matrix TH is symmetrical, for example when 
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HT , and the rest are as same as the above, some  

asymptotically stable limit-cycles appear as shown in Fig.3(b). 

a. 

 

  b.  

Fig. 3.  Influence of the Transconductance matrix TH on dynamic locus, a, Transconductance 
matrix is asymmetrical, and b, Transconductance matrix is symmetrical 

3.2   Influence of B-Cell’s Characteristics on System's Dynamics 

When ki=1, ci=1, namely the whole-feedback scenario, and a1=8, b1=-1; a2=6, b2=-2; 
a3=10, b3=-9; a4=6, b4=-4, the nonlinear characteristics of unit belong to excitement-
suppression type, the results of simulation show that equilibrium point only may oc-
cur,  which are shown in Fig.4(a). When a1=8, b1=-1; a2=13, b2=-2; a3=6, b3=-3; 
a4=10, b4=-4, namely the nonlinear characteristics of cell belong to excitement-
suppression type all the same, then the corresponding limit cycle occurs as shown in 
Fig.4(b).  By only changing a4 from 6 to 1; b4 from -4 to 2 and thereby turning B-
cell’s characteristics into the excitement type, chaotic phenomenon now appears as 
shown in Fig.4(c). 
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a.         b.         c. 

Fig. 4.  Influence of B-cell’s characteristics on system’s dynamics, a, the equilibrium point of a 
four-order network; b, the limit cycle; and c, the chaotic phenomenon 

3.3   Influence of the Suppressor T-Cell’s Characteristics on System's Dynamics 

For convenient comparison, the experiment is based on the parameters of when cha-
otic phenomenon appears, only changing the feed-back intensity c. Dynamic locus 
can be obtained as shown in Fig.5 with ci=0, ci=0.5, ci=1.0, c i=1.2 respectively.  It 
can be seen from Fig.5 that if ci =0 (i.e. no-feedback), only a equilibrium point occurs; 
if ci =0.5, the dynamic locus changes to a limit circle; if ci =1, chaotic phenomenon 
appears in dynamic locus; and if ci =1.2, the track tends to a limit circle after running 
chaotically for a while.  Finally it should be pointed out that when nonlinear character 
is of monotonous-increasing type, there is no presence of limit cycle, irrespective of 
the choice of whatever parameters.  In addition, it seems that there is even no sign of 
spiral approach of dynamic locus towards equilibrium point.  These outlined above 
show: the networks structured by monotonous increasing satiation units have a simple 
characteristic, which is unable to analogize the memory and response process of 
body's immune system. 

a. b. c. d.  

Fig. 5. Influence of the feed-back intensity on dynamic locus, in which, a, ci=0; b, ci=0.5; c, 
ci=1; and d, ci=1.2 

4   Analysis on the Network's Stability 

Based on the analysis above, it can be seen that the network is able to eliminate anti-
gen's action through activating antibody's multiplication, and finally tends to a stable 
status.  In other words, it is a gradual process that the system reaches its equilibrium, 
which provides the conditions for utilizing Lyapunov's methods to analysis this 
model's stability.  In detail, for the system described as equation (2), we presume the 
following two properties exist in the active function B(⋅) of B-cells and the reactive 
function G(⋅) of the antibody with the assistance of helper TS-cells.  Here we suppose 
uii = Abi - ui. 
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Theorem 1: According to the property of reaction from antibodies (through the helper 
TS-cells), Gi(⋅) in the real number set R is a monotonously increased function, and there 
exist a series of constant number αi, βi, where 0<αi<βi<∞ (i = 1, 2,…,n), which makes 
the following equation satisfied for any u, v∈R, and u≠v. 

βα ≤
−
−≤

vu

vu )(G)(G
 (5) 

Due to the limitation of paper length, the detailed proof process is omitted here, and 
we let ),...,,( 21 ndiagI ααα=  and ),...,,( 21 ndiagL βββ= . 

Theorem 2: For the active function 3)( iiiiii ubuauB += , there exists a constant mi, 

0<mi<∞ (i=1,2,…,n), which makes the following equation satisfied for any u, v∈R, 
and here we let ),...,,( 21 nmmmdiagM = . 

i
ii m

vu

vBuB <
−
−< )()(

0  (6) 

For the discussion of system's stability, it is also necessary to introduce two defini-
tions from the reference [16], which are respectively: 

Definition 1: If all principal forms of a matrix A are positive, then we call the matrix 
A belongs to a class of matrixes P, and mark it as A∈P. 

Definition 2: For a matrix A, if there exists a diagonal matrix  

0)...,,(diag n,21 >= αααα  such that 0][ s >Aα , in which 2/)T(]A[ s ααα += TA , 

then we call A is Liapunov’s diagonal stable, and mark it as A∈LDS. 

From the above theorems and definitions, we can conclude the following theorem. 

Theorem 3: If the functions G(⋅) and B(⋅) satisfy the theorems 1 and 2 respectively, and 

LDSMLA ∈′+− −1 , then for any nRI ∈ , there is not only an exclusive equilibrium 
point in the system, but this system is global stable with exponential level as well.  

5   Conclusion 

Based on the statements above, we firstly conclude that AIN's dynamics has a close 
relationship with its transconductance, features of B-cells and the function’s intension 
of suppressor T-cells.  From the analysis on simulation results, it can also be seen that 
system’s dynamics with symmetrical transconductance is more complex the asymmet-
rical.  Especially, when some B-cells belong to the excitement-suppression type and 
the rest are the excitement type, chaos may appear. 

Secondly, for the system described by equation (2), with theorem 1, we can find 
out that, 1, if B-cells belong to the excitement type, the network is globally stable 
with exponential level; 2, if B-cells are the suppression type, it is not enough to fore-
cast whether the system is globally stable or not; and 3, if B-cells are the excitement-
suppression type, then the system is stable under the condition of existing u1 and u2, 
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which satisfies iiii bauuba 33 21 −≤<≤−− ,or if B-cells are the suppression-

excitement type, then it is stable under the condition of 213 uuba ii <≤−  or 

ii bauu 321 −−≤< . 
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Abstract. In the paper, immune algorithm(IA) is proposed for optimizing 
membership function of fuzzy variables for mining associate rules. It is used in 
network detection to testify its efficiency in such mining task, including maxi-
mizing the similarity between normal association rule sets while minimizing the 
similarity between a normal and an abnormal association rule set. Experiment 
results show that IA-optimization based fuzzy logic system can improve the 
performance of mining associate rules in network intrusion. 

1   Introduction 

Fuzzy logic is a useful tool for modeling complex systems and deriving useful fuzzy 
relations or rules [9]. GA had been used to optimize the membership functions of the 
fuzzy sets used by fuzzy systems[15],[16]. [12] has developed a method for mining 
fuzzy association rules for intrusion detection. This method is a fuzzy extension of the 
techniques used by Lee[10],[11], in which one compares the similarity of association 
rules mined from audit data when there are no intrusions with rules mined from audit 
data when there are intrusions. 

In this paper, we report on the use of immune algorithm to tune the membership 
functions of the fuzzy variables used to mine the fuzzy association rules in order to 
improve the performance of the intrusion detection system and testify the use of im-
mune algorithm in such mining task. The goal is to maximize the similarity of sets of 
normal rules and minimize the similarity of normal and abnormal rule sets. Non-
intrusion is considered here as a normal situation and intrusion as an abnormal situa-
tion. Similarly, rules mined when there are no intrusions comprise a description of the 
normal situation while rules mined in the presence of an intrusion describe an abnor-
mal situation. The remainder of this paper is organized as follows. Section 2 presents 
a brief overview of AIS, and related work about AIS in the field of data mining and 
computer intrusion detection. Section 3 describes immune algorithm. Section 4 re-
ports computational results. Finally, section 5 presents the conclusions and future 
research directions. 
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2   Artificial Immune Systems and Related Work 

Immune system can be divided into innate immune system and adaptive immune 
system. Innate immune system is composed mainly of phagocytes and the comple-
ment system(blood proteins) It is the first line of defense that works rapidly. 

Adaptive immune system is composed mainly of lymphocytes, such as B-cells and 
T-cells. B-Cells are generated and developed in the Bone Marrow. T-Cells are gener-
ated in the Bone Marrow and developed in the Thymus. They can generates specific 
antigen receptors on their surface (clonal selection of B-Cells and T-Cells). Adaptive 
immune system is capable of fine-tuning the cell receptors(maturation of B-Cells) and 
confers resistance against future infections (memory of B-Cells and T-Cells).AIS 
consist of methods that are inspired by the biological immune system and designed to 
solve real-world problems [2]. This work focuses on one kind of AIS inspired by the 
mechanisms of the biological immune system. We now briefly review related work. 
Immune algorithm had been used in solving optimization such as n-TSP[4]. Another 
standard application is function optimization [3],[8]. AIS have been applied success-
fully in anomaly based computer network intrusion detection[5][7]. It has been sug-
gested that an AIS based on the clonal selection principle, called CLONALG, can be 
used for classification in the context of pattern recognition[2], although originally 
proposed for other tasks. An AIS for discovering IF-THEN rules is proposed in [6]. A 
fuzzy AIS is proposed in [14]. However, that work addresses the task of clustering, 
which is very different from the task of optimization addressed in this paper. 

3   Immune Algorithm 

This section introduces the basic principle and process of immune algorithm. 

3.1   Process of Immune Algorithm  

Figure 1 shows the adaptive immune system. Immune algorithm inspired by such 
process and its steps are shown in Figure 2. First step of immune algorithm is to ini-
tialize the problem environment. Second step is to generate some candidate solutions. 
 

 

 
 
 
 
 
 
 
 
 
 

Fig. 1. Adaptive process of immune system 
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1 Recognize an antigen

3 Calculate affinity
(fitness and similarity)

5 Accelerate and Restrain to
produce antibodies

6 Recognize an antigen
(selection and mutation)

4 Memory cells and suppres-
sion cells generation

2 Generate initial antibodies

 

Fig. 2. The process of immune algorithm 

Third is to calculate evaluation value(like GA) and similarity value of each solution. 
Fourth is to memory some important solutions on suppression cells and memory cells 
The memory on suppression cell is used to change search scope effectively. The 
memory on memory cell is to keep the candidate solutions. Fifth is to modify the 
fitness landscape based on the similarity value of each solution. Sixth is to reproduce 
candidate solutions using selection, crossover and mutation operators. 

For the antibodies that survived in last step and for the newly produced antibod-
ies,N/4 sets of antibodies pairs are selected by allowing duplications(N is the total 
number of antibodies). However, it is assumed that antibodies with higher fitness 
values are more likely to be selected. For the antibodies that become a pair, N/2 new 
antibodies are produced by crossover. For the antibodies produced, the genes are 
changed using a preset mutation probability and mutation operation method. How-
ever, the operation method and the probability of crossover and mutation are set arbi-
trarily. Until the preset final generation is reached, it returns to step 3. 

3.2   Data Structure 

In this initial work, each fuzzy variable is defined by 3 fuzzy sets. We use the stan-
dard SZ ,,Π  functions as the membership functions for these fuzzy sets. Each of 
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these functions has two parameters as shown in Figure 3. An antibody/antigen gene in 
the fuzzy logic/immune algorithm is the set of 6 parameters that are used to define the 
standard membership functions of a fuzzy variable(Figure 3).In turn, an antibody is a 
string of such genes where each gene represents a different fuzzy variable. For the 
example of intrusion detection task, the fuzzy variable SN,FN and RN are the number 
of SYN,FIN and RST Ags appearing in TCP packet headers during last 2 seconds. 
The fuzzy variable PN is the number of different destination ports during network 
traffic are thought to be diagnostic for network intrusions[13]. 

 

Fig. 3. The process of immune algorithm 

3.3   Fitness Functions 

The  fitness functions for the immune algorithm is based on the similarity of rule sets 
mined from different sets of audit data. [12]defines the similarity between two fuzzy 
association rules and between tow fuzzy rules sets. An association rule is of the 
form: scYX ,,→ ,where X and Y are two disjoint item sets )( φ=∩YX , s  is 

the support for the association rule, and  c is the confidence for the rule. The support 
for a rule is the percentage of transactions in which X and Y appear in the same 

transaction: nns /'= ( 'n  is the number of transactions that contain both X  and Y , 
n  is the total number of transactions). The confidence in the rule is the percentage of 

the transactions containing X  that also contain: ''' /: nncY = ( ''n  is the number of 
transactions that contains X ). Algorithms for finding association rules in transaction 
data use two parameters called the minimum support threshold and the minimum 
confidence threshold [1]. Only rules with s and c values above the thresholds are 
mined from the data. Given two association rules scYXR ,,:1 →  and 

'''' ,,:2 scYXR → ,if 'XX =  and 'YY =  then 1R and 2R  is  

))
||

,
||

max(1,0max()2,1(
''

s

ss

c

cc
RRsimilarity

−−−= . (1) 

otherwise, 0)2,1( =RRsimilarity . The similarity between two rule sets 1S  and 

2S  is  
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|2||1|
)2,1(
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SSsimilarity ∗= . (2) 

where ∑ ∈∀∈∀= 22,11),2,1( SRSRRRsimilaritys , |1| S  and |2| S are  

the total number of rules in 1S  and |2| R ,respectively, where |1| S and |2| S are 

the total number of rules in 1S  and 2S ,respectively. Three different  sets of  audit 
data were available for testing the fuzzy logic genetic algorithm: a normal data set 
with no intrusions and two "abnormal" data sets with different types of intrusions. The 
normal data set was partitioned into two sets. One partition of the normal audit data is 
called the reference data and one set is called normal data. The following five fitness 
functions have been designed and tested: 

21
1

ra

rn

ra

rn

S

S

S

S
F ∗= . (3) 

21
2

ra

rn

ra

rn

S

S

S

S
F += . (4) 

213 2 rararn SSSF −−= . (5) 
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15 rrn SSF −= .  (7) 

where rnS  is the similarity between a reference rule set and the ‘normal’ rule set, 

1raS and 2raS are respectively the similarity between the reference rule set and ab-

normal rule set 1 and between the reference rule set and abnormal rule set 2. In prac-
tice, a small constant has been added to all denominators in the above fitness  
functions to avoid division by zero. Functions (3)-(5) will drive a co-evolution of the 
system's sensitivity to the two types of intrusions, because the similarities between the 
reference rule set and the two anomaly rule sets must be minimized at the same time. 
Functions (6)-(7) are designed to test the versatility of our intrusion detection ap-
proach, i.e., a system trained with only one type of intrusion is used for detecting 
another type of intrusion. 

4   Experimental Results 

The network intrusion detection system has been trained and tested using three sets of 
network traffic data downloaded from http://iris.cs.uml.edu:8080. These three data 
sets were collected by tcpdump. The first data set, baseline, was collected in normal 
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situations (no network intrusion), the second data set, abnormal1, was collected when 
"IP spoofing" intrusions were simulated, and the third data set, abnormal2, was col-
lected when "port scanning" intrusions were simulated. Four diagnostic Ags (SN, FN, 
RN, PN) were extracted from the raw data sets. The data set Baseline was divided into 
two partitions, one of  which will be called reference and the other normal. Reference 
was used to mine the reference association rule set that represents the normal situa-
tions, while normal, abnormal1 and abnormal2 were used to mine new association 
rule sets to be compared with the reference rule set. The goal is to use the IA to derive 
membership functions that maximize normal similarity, and minimize both abnormal1 
similarity, and abnormal2 similarity. Normal similarity, abnormal1 similarity, and 
abnormal2 similarity are short names for the similarity between the reference associa-
tion rule set mined from reference and one of the three rule sets mined from normal, 
abnormal1, and abnormal2. 

Table 1. Similarities of rule sets to the reference rule set before optimization and using 
different fitness functions 

 State Original   F1 F2 F3 F4 F5 
Normal 0.74 0.03 0.08 0.06 0.04 0.04 
Abnormal 0.31 0.04 0.06 0.06 0.05 0.03 
Abnorma2 0.32 0.00 0.01 0.02 0.05 0.03 

Table 1 shows the similarities before and after optimization with all five fitness 
functions. In all cases the similarities of the references rule set and normal rule set are 
increased while the similarities of the reference rule set and abnormal sets are de-
creased. The results using fitness functions F4 and F5 indicate the generality of our 
detection approach, since the system was trained in those experiments with only one 
type of intrusion, but it was able to recognize another type of intrusion. As a matter of 
fact, abnormal1 similarity and abnormal2 similarity were found close to each other in 
all experiments, regardless of the fitness function used or the parameter settings. In 
addition to the effect of the fitness functions, the settings of minimum support and 
minimum confidence obviously influence the system performance.  

Table 2. Similarities between the reference rule set and the 3 test rule sets (normal, anormal1, 
abnormal2) before and after IA optimization using fitness function F4 

State 0.6 0.8 
Normal 0.761 0.82 
Abnormal 0.225 0.04 
Abnorma2 0.224 0.04 

Table 2 presents the results of an experiment comparing the similarity of the three 
rule sets and the reference set before and after the IA was used to optimize the mem-
bership functions. Fitness function F4 was used in this experiment. In the pair of bars, 
the former one is before IA optimization and the later is after IA optimization. 
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Table 3. Different minimum supports lead to different sets of anormal1 similarities 

Min.Support F1 F2 F3 F4 F5 
0.6 0.141 0.24 0.29 0.32 0.34 
0.8 0.045 0.044 0.04 0.044 0.04 

Table 3 shows the effect of two different minimum support thresholds when ab-
normal set 1 is compared to the reference set for all fitness functions. The lower 
minimum support value results in a larger number of association rules with a greater 
degree of variation. In the table, one is minimum support=0.6 and another is mini-
mum support=0.8.  

5   Conclusions 

A IA-optimized fuzzy logic system has been experimentally shown to have an im-
proved performance for mining associate rules in network intrusion, i.e., maximizing 
similarity between a normal and an abnormal association rule set. It shows that IA can 
be used in such task. Further experiments will be conducted to determine the effects 
of additional variations in the IA parameters and algorithm. It can also be used to 
optimize the membership functions for fuzzy serial frequency episodes, and to tune 
other association rule mining parameters such as minimum support and minimum 
confidence. The further application of IA in data mining will be researched, too.  
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Abstract. In this paper, we introduce a new multiobjective optimization (MO) 
algorithm to solve ZDT test problems using the immune clonal principle. This 
algorithm is termed Immune Clonal MO Algorithm (ICMOA). In ICMOA, the 
antibody population is split into nondominated antibodies and dominated anti-
bodies. Meanwhile, the nondominated antibodies are allowed to survive and to 
clone and the nonuniform mutation is adopted.  Two metrics proposed by K. 
Deb et al. are adopted to measure the extent of convergence to a known set of 
Pareto-optimal solutions and the extent of spread achieved among the obtained 
solutions. Our algorithm is compared with another algorithm that is representa-
tive of the state-of-the-art in evolutionary multiobjective optimization--NSGA-
II. Simulation results on ZDT test problems show that ICMOA, in most prob-
lems, is able to find much better spread of solutions and better convergence 
near the true Pareto-optimal front compared to NSGA-II.  

1   Introduction  

Many real-world optimization problems involve optimization of several (conflicting) 
criteria. Since multiobjective optimization searches for an optimal vector, not just a 
single value, one solution often cannot be said to be better than another and there 
exists not only a single optimal solution, but a set of optimal solutions, called Pareto 
front. Consequently, there are two goals in multiobjective optimization: (i) to discover 
solutions as close to the Pareto front as possible, and (ii) to find solutions as diverse as 
possible in the obtained nondominate front. Satisfying these two goals is a challeng-
ing task for any algorithm for multiobjective optimization. 

In recent years, many algorithms for mutiobjective optimization have been intro-
duced. Most originate in the field of Evolutionary Algorithms (EAs). Among this the 
NSGA-II by Deb et al. [1] and SPEA2 by Zitzler et al. [2] are the most popular. 
IDCMA [3] designed for MO problems and CSADMO [4] used for dynamic MO 
problems originate in the field of Artificial Immune System. 

The immune system is one of the most important biological mechanisms humans 
possess since our life depends on it. In recent years, several researchers have devel-
oped computational models of the immune system that attempt to capture some of 
their most remarkable features such as its self-organizing capability[5][6]. The im-
mune system establishes the idea that the cells are selected when they recognize the 
antigens and proliferate. When exposed to antigens, the immune cells which may 
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recognize and eliminate the antigens can be selected in the body and mount an effec-
tive response against them. Its main ideas lie in that the antigen can selectively react 
to the antibody, which are native production and spread on the cell surface in the form 
of peptides. The reaction leads to cell proliferate clonally and the colony has the same 
antibody. Some clonal cell divide into antibody producing cells, and others become 
immune memory cells to boost the second immune response. From the point view of 
the Artificial Intelligence, some biologic characters such as learning, memory and 
antibody diversity can be used to artificial immune system [7].   

Based on the immune clonal theory, a new MO algorithm-Immune Clonal MO 
Algorithm (ICMOA) is proposed. We test ICMOA on the five ZDT test problems. 
The simulation results on the five test problems show that ICMOA outperforms the 
NSGA-II in terms of finding a diverse set of solutions and in converging near the true 
Pareto-optimal set. 

2   The Artificial Immune System (AIS)  

The main goal of the immune system is to protect the human body from the attack of 
foreign organisms. The immune system is capable of distinguishing between the nor-
mal components of our organism and the foreign material that can cause harm. These 
foreign organisms are called antigens. In AIS, antigen usually means the problem and its 
constraints. Especially, for the multiobjective optimization problems, we have 
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(1) 

Where, 1 2( , ,... )nx x x=x  and x is the vector of decision variables. 2p ≥  and p  is the 

number of the objectives. ( )( ) 0 1,2,ig i m≤ =x "  defines m inequality constrains and 

( ) ( )0 1,2, ,jh j q=  =x "  defines q  equality constrains. 

The molecules called antibodies play the main role on the immune system re-
sponse. The immune system response is specific to a certain foreign organism (anti-
gen). When an antigen is detected, those antibodies that best recognize an antigen will 
proliferate by cloning. This process is called clonal selection principle [5]. In the 
traditional AIS, the new cloned cells undergo high rate mutations or hypermutation in 
order to increase their receptor population (called repertoire). These mutations experi-
enced by the clones are proportional to their affinity to be antigen [6].Our Algorithm 
in this paper is based on the AIS previously described. In ICMOA, the affinity of the 
nondominated solutions in the objective space is defined as the same value 1 and that 
of the dominated solutions is defined as the same value 0.  

3   The Multiobjective Optimization (MO) 

Multiobjective optimization also called multicriteria optimization, multiperformance 
or vector optimization. Formally, we can state the general MO problem as follows:  
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where x  is called decision vector, X decision space, y  objective vector and Y ob-

jective space; F defines the mapping function. The following four concepts are of 
importance: 

1. Pareto dominance: A solution *x  is said dominate (Pareto optimal) another 

solution x (denoted *x x; ) iff: 

        { } ( ) ( ) { } ( ) ( )( )1, , : 1, , :x x x x∀ ∈ ≤ ∧ ∃ ∈ <" "* *
i i i ii m f f k m f f . (3) 

2. Pareto optimal: A solution *x  is said to be nondominated (Pareto optimal) 
iff:        

*:x X x x¬∃ ∈ ; . (4) 

Pareto optimal solutions are also termed non-inferior or efficient solutions; their cor-
responding vectors are termed nondominated. These solutions may have no clearly 
apparent relationship besides their membership in the Pareto optimal set. 

3. Pareto optimal set: The set SP  of all Pareto optimal solutions is defined as: 

       { }* *| :x x X x x= ¬∃ ∈ ;SP . (5) 

4. Pareto optimal front: The set FP  of all objective function values correspond-

ing to the solutions in SP : 

{ }T
1 2( ) ( ( ), ( ),... ( )) |F x x x x x= = ∈F p SP f f f P . (6) 

4   The Immune Clonal MO Algorithm (ICMOA) 

4.1   The Algorithm 

Our algorithm is the following: 

Step1: Give the population size N , the clonal size R, the 
termination generation maxG ,the initial iteration : 1=it ; 
Generate randomly the initial antibody population with 
the size N .  

Step2: Determine for each antibody in the antibody 
population, whether it is Pareto dominated or not. 

Step3: Create a number R of copies of all of the nondo-
minated antibodies. 
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Step4: Assign a mutation rate (MR ) to each clone and 
apply mutation rate MR to each clone. In our algorithm, 
we adopt the nonuniform mutation. 

Step5: Determine for each antibody in the new antibody 
population, whether it is Pareto dominated or not. 

Step6: Delete all of the dominated antibodies in the 
antibody population and the corresponding individuals 
in the Pareto optimal set.  

Step7: If the size of the antibody population is lager 
than N ,delete the antibodies in the antibody population 
based on the crowding distance [1] until the size is N .  

Step8: : 1it it= + and go back to step3 until maxit G> .  

4.2   Nonuniform Mutation 

In ICMOA, we adopt the nonuniform mutation. Z.Michalewicz [8] first combined the 
effect of mutation operator with the evolutionary generation. At the early age of the 
evolutionary process, mutation operation has a comparatively larger range; but as the 
evolutionary progresses, it becomes smaller and smaller which has a fine-tuning ef-
fect on the evolutionary system. The details are described as following: 

Let 1 2( , , , )= " ns v v v is a parent solution, and kv ∈ [ ],k ka b  is selected to mutate. 

The resulting solution after mutation is 

' '
1 1( , , , , )−= " "k k ns v v v v  (7) 

where,         

( ) ( )
( ) ( )

' , , rnd 2 0

, , rnd 2 1

⎧ + Δ −           =⎪= ⎨ − Δ −           =⎪⎩

k k k
k

k k k

v t b v
v

v t b v

i f  

i f  
 (8) 

and rnd(2) is the result of managing  a stochastic positive integer m with module 2 
and t represents the current generation. The range of function ( ),Δ t y is [ ]0, y and 

when t becomes larger, the probability of ( ),Δ t y approaching 0 increases. 

Function ( ),Δ t y is expressed as following:              

( ) (1 / ), (1 )−Δ = −i t Tt y y r
λ

 (9) 

where, r ∈ [ ]0,1 is a random number, T is the maximum generation and parameter λ  

determines the degree of the nonuniformity and tunes the region of search. 
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5   Simulation Results  

5.1   Test Problems 

We analyze the performance measures for evaluating our algorithm on five ZDT test 
problems (introduced in [9]) that were frequently used as benchmark problems in the 
literature [1, 10, 11]. These problems are described in detail in table 1. 

Table 1.  Description of the Test Problems ZDT1, ZDT2, ZDT3, ZDT4 and ZDT6 

                                                    ZDT1 

Decision space              30x [0,1]∈  

Objective functions       ( )1 1x =f x  

                                     
( ) ( ) ( )( )

( ) ( ) ( )
2 1

2

x g x 1 g x

g x 1 9 1

- /

/ -

=

= + ∑ n

ii=

f x

x n
 

Optimal solutions          *
10 1≤ ≤x  and * 0=ix  for 2, ,30= "i  

Characteristics                convex  Pareto front 

 
                                                    ZDT2 

Decision space              30x [0,1]∈  

Objective functions       ( )1 1x =f x  

                                     
( ) ( ) ( )( )( )

( ) ( ) ( )

2

2 1

2

x g x 1 g x

g x 1 9 1

- /

/ -

=

= + ∑ n

ii=

f x

x n
                                      

Optimal solutions          *
10 1≤ ≤x  and * 0=ix  for 2, ,30= "i  

Characteristics                nonconvex  Pareto front 
 

                                                    ZDT3 

Decision space              30x [0,1]∈  

Objective functions       ( )1 1x =f x  

                                     
( ) ( ) ( ) ( )( )

( ) ( )
2 1 1 1

2

x g x 1- / g x / g x sin(10 )

g x 1 9 / -1

= − π

= + ∑ n

ii=

f x x x

n x
                   

Optimal solutions          *
10 1≤ ≤x  and * 0=ix  for  

Characteristics              discontinuous Pareto front 
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                                                    ZDT4 

Decision space              [ ]9
x [0,1] 5,5∈ × −  

Objective functions       ( )1 1x =f x  

                                     
( ) ( ) ( )( )

( ) ( ) ( )( )
2 1

2

x g x 1- / g x

g x 1 10 -1 10cos 4

=

= + + − π∑ n 2
i ii=

f x

n x x
                        

Optimal solutions          *
10 1≤ ≤x  and * 0=ix  for 2, ,10= "i  

Characteristics              many local Pareto fronts 

 
                                                    ZDT6 
Decision space              10x [0,1]∈  

Objective functions       ( ) ( )1 1

6
1 x 1 exp 4 sin 6( )= − πf - x x  

                                     
( ) ( ) ( ) ( )( )( )

( ) ( )

2

2 1

0.25

2

x g x 1- x / g x

g x 1 9( / -1 )

=

= + ∑ n

ii=

f f

x n
                                      

Optimal solutions          *
10 1≤ ≤x  and * 0=ix  for 2, ,10= "i  

Characteristics                low density solutions near Pareto front 

5.2   Performance Measures 

Unlike in single-objective optimization, there are two goals in a multiobjective opti-
mization: 1) convergence to the Pareto-optimal set and 2) maintenance of diversity in 
solutions of the Pareto-optimal set.  In this paper, we adopt two performance metrics 
(proposed in [1]) that are direct in evaluating each of the above two goals in a solution 
set obtained by multiobjective optimization algorithm. 

The first metric γ measures the extent of convergence to a known set of Pareto-

optimal solutions. But this metric cannot be used for any arbitrary problem. It is suit 
for the test problems having a known set of Pareto-optimal solutions. The detail de-
scription of this metric please see[1]. 

The second metric Δ measures the extent of spread achieved among the obtained 
solutions. We first calculate the extreme solutions (in the objective space) by fitting a 
curve parallel to that of the true Pareto-optimal front. We use the following 
metric Δ to calculate the nonuniformity in the distribution:             

1

1

1

-

( - )

−

=

+ +
Δ =

+ +

∑
N

f l i
i

f l

d d d d

d d N d
 (10) 

Where, the parameters fd and ld  are the Euclidean distances between the extreme 

solutions and the boundary solutions of the obtained nondominated set. The pa-
rameter id is the Euclidean distance between consecutive solutions in the obtained 
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nondominated set of solutions and the parameter d  is the average of all distance id , 

1 2 1i= , ,N-" .  

5.3   Discussion of the Results  

In order to validate our approach, we used five ZDT test problems that were fre-
quently used as benchmark problems in the literature [1]. In the objective space, the 
known Pareto-optimal fronts are shown as continuous lines in NSGA-II and in 
ICMOA. The obtained solutions are shown with “*” in NSGA-II and with “o” in the 
ICMOA. The simulation results of NSGA-II and ICMOA on ZDT1, ZDT2, ZDT3, 
ZDT4 and ZDT6 are shown in figure 1. 
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Fig. 1.  Simulation results of NSGA-II and ICMOA on five ZDT test problems. (a1), (b1), (c1), 
(d1) and (e1) are the simulation results of NSGA-II on ZDT1, ZDT2, ZDT3, ZDT4 and ZDT6 
respectively. (a2), (b2), (c2), (d2) and (e2) are the simulation results of ICMOA on ZDT1, 
ZDT2, ZDT3, ZDT4 and ZDT6 respectively. 

Figure 1 shows that for ZDT1, ZDT2 and ZDT3, both NSGA-II and ICMOA have 
the ability in converging to the true front. But ICMOA has better ability in finding 
diverse solutions in the front. For ZDT4, NSGA-II and ICMOA encounter some diffi-
culties in converging to the true front, but the convergence and the ability to find a 
diverse set of solutions much better with ICMOA. For ZDT6, the distribution in solu-
tions is good with NSGA-II and ICMOA. ICMOA finds a definitely better converged 
set of nondominated solutions in ZDT6. However, NSGA-II has some difficulties in 
converging to the true front. So for this five ZDT test problems, our algorithm has a 
very competitive behavior with respect to NSGA-II. 

Table 2. Mean and Variance of the Convergence Metric γ  

Algorithm                                       ZDT1      ZDT2       ZDT3       ZDT4       ZDT6 
Mean 0.0010 0.0007 0.0129 0.2519    0.0040 ICMOA 
Variance 0.0019 0.0005 0.0003 0.0178 0.0041 
Mean 0.0335 0.0723 0.1145 0.5131 0.2966 NSGA-II 

Real-coded Variance 0.0048 0.0317 0.0079 0.1185 0.0131 
Mean 0.0009 0.0008 0.0434 3.2276 7.8068 NSGA-II 

Binary-coded Variance 0.0000 0.0000 0.0001 7.3076 0.0017 
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Table 2 shows the mean and variance of the convergence metric γ obtained by 

ICMOA, NSGA-II (real-coded), NSGA-II (binary-coded). ICMOA is able to con-
verge better in all problems except in ZDT1, where NSGA-II (binary-coded) found 
better convergence. Especially for ZDT4 and ZDT6, the mean of the convergence 
metric γ obtained by ICMOA is far smaller than NSGA-II (real-coded or binary-

coded). In all cases with NSGA-II the variance in ten runs is small, except in ZDT4. 
In ZDT4, the variance obtained by ICMOA is much smaller than NSGA-II. This met-
ric shows that ICMOA has better performance in the convergence to the Pareto-
optimal front than NSGA-II. 

Table 3.  Mean and Variance of the Diversity Metric Δ  

Algorithm ZDT1 ZDT2 ZDT3 ZDT4 ZDT6 
Mean 0.3995 0.3950 0.3525 0.3327 0.2776 ICMOA 
Variance 0.0001 0.0013 0.0002 0.0010 0.0000 
Mean 0.3903 0.4308 0.7385 0.7026 0.6680 NSGA-II 

Real-coded Variance 0.0019 0.0047 0.0197 0.0646 0.0099 
Mean 0.4633 0.4351 0.5756 0.4795 0.6445 NSGA-II 

Binary-coded Variance 0.0416 0.0246 0.0051 0.0098 0.0350 

Table 3 shows that the mean and variance of the diversity metric Δ obtained by 
ICMOA, NSGA-II (real-coded), NSGA-II (binary-coded). ICMOA is able to find a 
better spread of solutions than NSGA-II (binary-coded or real coded) in all problems 
except in ZDT1, where NSGA-II (real-coded) found better spread of solutions. In all 
cases with ICMOA the variance in ten runs is small. This metric shows that ICMOA 
has better performance in finding the spread of solutions. 

6   Conclusion 

In this paper, we have introduced a new multiobjective optimization algorithm- Im-
mune Clonal MO Algorithm (ICMOA). And test the algorithm on five ZDT test 
problems which were frequently used as benchmark problems. The ICMOA seems 
promising and is able to produce results similar to or better than those generated by an 
algorithm that represents the state-of-the-art in evolutionary multiobjective optimiza-
tion.  However, how to improve our algorithm to constrained test functions, how to 
produce a highly competitive algorithm (based on AIS) and how to evaluate a mul-
tiobjective optimization algorithm more efficiently are our further work and such 
work is currently under way. 
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Abstract. This paper analyzes the deficiencies of current grid trust systems 
based on PKI (Public Key Infrastructure), ambiguity certificate principal infor-
mation, and complicated identification process. Inspired by biologic gene tech-
nique, we propose a novel grid trust model based on Family Gene (FG) model. 
The model answers the existing questions in tradition trust model by adopting 
the technology of family gene. The concepts and formal definitions of Family 
Gene in the grid trust security domains are given. Then, the mathematical mod-
els of Family Gene are established. Our theoretical analysis and experimental 
results show that the model is a good solution to grid trust domain. 

1   Introduction 

Grid[1][2][3] is a new (next-generation) generation Internet. Current several grid trust 
models mainly are based on PKI theoretical [4][5]. They do not solve problem com-
pletely. Firstly, in this model, the legitimacy of the user node is guaranteed through 
the certificate that the CA distributes, but it is hard to differentiate homonymy entities 
in the reality due to ambiguity certificate principal information. Secondly, as identifi-
cation process needs the third organization, the trust technique realization process is 
complicated. In the end, this technique needs great calculation capacity, and the effi-
ciency is low. The gene technique was proposed by Gregor Mendel in 1865 abroad 
success application in the biology situation [6][7][8][9][10] enlightens us, leading it 
into the grid trust realm to have a kind of original creative meaning. This paper bring 
forward a new grid trust technology based on family gene principles and particular 
depict its application in grid trust domain. 

2   Grid Trust Model Based on Family Gene 

2.1   Grid Trust Model Based on Family Gene 

We propose a grid trust model based on family gene and depict its workflow in de-
tailed. The section ① in the figure 1 represents grid resource. The section ② in the 
figure 1 represents grid family based on family gene. The section ③ in the figure 1 
represents gene examination and gene assignment. The work course of the model is as 
follows: The user of the application service is lined up one queue, gene-examining 
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agents examine family gene of the first user in the sequential queue. If the user's fam-
ily gene belongs to the family, an assigning gene is assigned the user. If the user's  
application conforms to the user privilege and behavior, user application will be satis-
fied; otherwise user’s application is refused. If the user’s family gene does not be-longs 
to the family, examining agent examine whether the user brings forward a regis-ter 
application or not. If the user puts forward the application, a new node is created for it 
and the user is endowed with the identity, otherwise user's application is refused. 

GR-1 ……GR-2 GR-N

Ancestor Grid 

Child Family-A

Child Visitor 

Child Family-B

Grandson Family-C

Child Visitor 

User 

Gene 
Exam 
Agent 

Gene 
Assign 

①

②③  

Fig. 1. The proposed grid trust model based on family gene 

2.2   Formation Definition of Trust Model 

According to grid trust model based on family gene, we describe a trust model for 
Grid family system in a structure (G, TR, OP), where G represents the set of the Grid 
family member gene, TR represents the set of trust relationships between Grid family 
member entities and OP represents the set of operations for the management of such 
trust relationships.  

1) Gene of grid family (G) 
Definition 1(Grid Family Gene): Grid family gene is a set of isogenous genes that 
have similar functions. The ancestral grid gene generated grid family gene by mutat-
ing and duplicating. 

Definition 2(Aberrance Gene): Gene mutation generates the aberrance genes, which 
embody the differentiation of junior family members. 

Definition 3(Assigning Gene): Assigning Gene is to assign a gene role (temporary 
visitor or Shaikh) to a user. The role is endowed with a certain privilege and behavior 
(read, write). In this model, the gene role is composed of two fields: privilege field, 
and behavior field. Users privilege and trust grade is ascertained according to users 
gene. The different privilege is endowed different behavior and function.                   
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2) Trust Relationship between grid family members (TR) 
Definition 4(Genetic Trust): Each children trust area is a subset of theirs father trust 
area. As long as the father-trust is satisfied, the sub-trust will be satisfied. The ances-
tor grid node has the largest trust field and privilege. So the user in the ancestor grid 
trust field can visit all children trust fields. The user in sub-trust field can only visit its 
children trust field, but can't visit the trust field of its father or ancestor. Therefore, the 
delivery of genetic trust is single direction, can't be reverse. 

Definition 5(Brother Trust): Drawing lessons from the relation of brothers in the 
mankind, users of the brothers in the same class trust each other therefore they can 
visit each other, but the relation of the brothers' kid is delivery-trust at a certain time.  

3) Operation in the grid trust model (OP)  
Definition 6(Gene Identification): Gene's identification is to exam a visitor’s gene to 
confirm whether it is the member of this family or not. 

Definition 7(Gene Assignment): Gene assignment is to assign a gene role (tempo-
rary visitor or Shaikh) to a user. The gene role is endowed with a certain management 
behavior (Read, Write). In this model, we implemented gene assign behavior by as-
sign an assigning gene to a user. 

3   Simulations and Experiment Results 

To test the validity of our approach, a series of simulation experiments of algorithm 
were performed. We developed a grid simulation toolkit based on GridSim [11] to 
satisfy our needs. The experiment was carried out in the Laboratory of Computer 
Network and Information Security at Sichuan University. In the imitate experiment, 
we compared FG grid trust model with PKI grid trust model of the time of examina-
tion user identity. The purpose of the experiment is to prove that the gene examination 
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Fig. 2. The performance time and number of users. In the experiment we compared grid trust 
model based on Family Gene with grid trust model based on Public Key Infrastructure of the 
performance time and number of users.   
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method improves the efficiency of identity examination in the model. In the curve of 
figure 2，with the increasing of the user number, gene identification time in FG grid 
trust model increases more slowly than PKI. Its curve slowly goes up. But PKI curve 
goes up quickly. The method of FG model simplifies the process of the trust identifica-
tion, hence reduces time of trust identification. It shows that the FG model avoids the 
overhead of trust identification calculation that improves the efficiency and perform-
ance of trust model. 

4   Conclusions 

Inspired by biologic gene technique, we carry out a beneficial attempt with gene tech-
nique application in the grid trust, present a new trust method different from a tradi-
tional PKI method, build up a grid trust model based on family gene, and give the 
formal definition of model and correlation conception of gene. We depict model work 
course and design a range of family gene trust algorithms and experiments. The ex-
periment results prove the model has steady and excellent real-time performance on 
the realization and possess characteristic of simple and convenient identification.  
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Abstract. Based on the clonal selection theory, the main mechanisms of clone 
are analyzed in this paper, a new immune operator, Clonal Operator, inspired by 
the Immune System is discussed firstly. Based on the Clonal operator, we 
propose Immune Clonal Strategy Algorithm (ICSA); three different mutation 
mechanisms including Gaussian mutation, Cauthy mutation and Mean mutation 
are used in IMSA. IMSA based on these three methods are compared with 
Classical Evolutionary Strategy (CES) on a set of benchmark functions, the 
numerical results show that ICSA is capable of avoiding prematurity, increasing 
the converging speed and keeping the variety of solution. Additionally, we 
present a general evaluation of the complexity of ICSA. 

1   Introduction 

Biologically–motivated information processing systems can be classified into some 
branches such as Artificial Neural Network (ANN), Evolutionary Computation (EC) 
and Artificial Immune System (AIS). The great advances have been achieved in the 
fields of ANN and EC [1-3]. AIS is a relatively new bio-inspired area and aims at using 
ideas gleaned from immune system in order to develop systems capable of 
performing a wide range of tasks in various areas of research [4]. 

The models based on immune system principles, such as the clonal selection 
theory [5, 6], the immune network model [7, 8] or the negative selection algorithm[9], 
have been finding increasing applications in fields of science and engineering, such 
as: computer security, virus detection, process monitoring, fault diagnosis, pattern 
recognition, etc [10, 11]. 

According to Burnet [5], biological clonal selection occurs to the degree that a B-
cell matches an antigen. A strong match causes a B-cell to be cloned many times, and 
a weak match results in little cloning. These ‘clones’ are mutated from the original B-
cell at a rate inversely proportional to the match strength: a strongly matching B-cell 
mutates little and thus retains its match to the antigen to a slightly greater or lesser 
extent; a weakly matching cell mutates much more [12]. 

Based on the clonal selection theory, this paper presents a novel artificial intelligent 
algorithm, named Immune Clonal Strategy Algorithm (ICSA). The new immune operator, 
Clonal Operator, inspired by the Immune System is discussed firstly. Three different 
mutation mechanisms are used in ICSA; they are Gauss mutation [13], Cauchy mutation [14] 
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and Mean Mutation [15]. For the sake of distinguishing, we call these algorithms as 
Immunity Clonal Strategy Algorithm based on the Mean Mutation (ICSAMM), Immunity 
Clonal Strategy Algorithm based on Gaussian Mutation (ICSAGM) and Immunity Clonal 
Strategy Algorithm based on Cauchy mutation (ICSACM) respectively. ICSA was 
compared with Classical Evolutionary Strategy (CES) on a set of benchmark functions. 

This paper is organized as follows. Section 2 defines the clonal operator, and a 
novel algorithm of Artificial Immune System, Immunity Clonal Strategy Algorithm is 
put forward. In Section 3, we use the theory of Markov chain to prove the 
convergence of ICSA and present a general evaluation of the complexity of IMSA. 
Section 4 demonstrates the special implementation of ICSA used to compare with the 
Classical Evolutionary Strategy (CES), the numerical experiment shows ICSA can 
enhance the diversity of the population and avoid the prematurity to some extent. 
Finally Section 5 gives some conclusions. 

2   Clonal Operator and ICSA 

The clonal selection theory [5] is used by the immune system to describe the basic 
features of an immune response to an antigenic stimulus; it establishes the idea that 
only those cells that recognize the antigens proliferate, thus being selected. Upon 
exposed to antigens, an immune cell with an appropriate receptors will divide. Each 
daughter cell will have a receptor with the same receptor with the same specificity. In 
other words, an antigen specific cell will undergo clonal expansion. As a result, there 
will be many more cells capable of reacting with antigen, sufficient to mount a strong 
response, Some of this clones will differentiate into effector cells, and other will 
remain and will be ready to give rise to effector cells upon re-exposure of the host to 
the same antigen. The main features of the clone selection theory are: 

 The new cells (clone) are copies of their parents, subject to a mutation 
mechanism with high rates; 

 Elimination of newly differentiated lymphocytes carrying self-reactive 
receptors; 

 Proliferation and differentiation on contact of mature cells with antigens; 
 The persistence of forbidden clones, resistant to early elimination by self-

antigens, as the basis of the autoimmune disease. 

In order to use for reference this mechanism in artificial intelligent research fields, 
we propose a new operator—immune clonal operator.  

2.1   Clonal Operator 

The clonal operator is an antibody random map induced by the affinity including three 
steps: clone, clonal mutation and clonal selection. The state transfer of antibody 
population is denoted as follows: 

CMA: ( ) ( ) ( ) ( 1)clone clonalmutution clonalselectionA k A k A k A k′ ′′⎯⎯⎯→ ⎯⎯⎯⎯⎯→ ⎯⎯⎯⎯⎯→ +             (1) 

here antibody, antigen, the affinity between antibody and antigen are similar to the 
definitions of the objective function and restrictive condition, the possible solution, 
match between solution and the fitting function in AIS respectively. According to the 
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affinity function f (*), a point { }mi xxxa ,, 21= , )()( kAkai ∈ in the solution space 

will be divided into qi different points )()( kAkai ′∈′ , by using clonal operator, a new 

antibody population is attained after performing clonal mutation and clonal selection. 
If the antibody population is an n-dimension vector },{ 21 naaaA = , clone 

operator can be described as follows: 

Clone C
cT : The clonal operator is defined as 

1 2( ) [ ( ) ( ) ( )]C C C C T
c c c c nT A T a T a T a=                                 (2) 

Where ( ) 1,2C
c i i iT a I a i n= × = , and Ii  is qi dimension row vectors 

( , ( ))i c iq g N f a=                                                    
(3) 

Generally, qi is given by:        

               

1

( )
* , 1,2 .

( )

i
i c n

j
j

f a
q N i n

f a
=

= =
∑

                                  (4) 

Nc>n is a given integer relating to the clonal scale, it is easy to see that the clonal scale 
is regularized automatically. After cloning, the antibody population becoming the 
following equation: 

                    
1 2{ , , , , }nA A A A A′ ′ ′ ′=                                                          (5) 

Where:           

1 2 1{ , , , },i i i iqi
A a a a −′ =

  
, 1, 2, , 1.ij i ia a j q= = −                   (6) 

Clonal Mutation C
mT : unlike the general mutation operator in GA, in order to save 

the information of the original population, the clonal mutation is unused to AA ′∈  
namely, the component xi of individual a can be mutated as follows: 

( ) ( ) exp( ' (0,1) (0,1))i i ij j N Nη η τ τ′ = +                                     (7) 

                    '( ) ( ) ( )i i ix j x j jη δ′= +                                              (8) 

Where ( ), '( ), ( ), '( )i i i ix j x j j jη η  denote the jth component of the vector 

, ', , 'i i i ix x η η respectively, )1,0(iN denotes a normally distributed one-dimensional 

random variable with mean zero and standard deviation one, τ and τ ′ are set 

commonly to 1( 2 )n − and 1( 2 )n − [12],  σ is a Gaussian distributed random variable or 

a Cauthy  distributed random variable, or the combination between two distributed 
random variable. 

Clonal Selection C
sT : ni ,2,1=∀ ,  if }1,3,2|)(max{ −== iij qjafb , let: 

( ) ( ) , .i if a f b a A< ∈                                        
(9)

 
Then b replaces the antibody ai in the original population. So the antibody 
population is updated, and the information communication between generations can 
be realized. 

It is easy to find that the essential of the clonal operator is producing a variation 
population around the parents according to their affinity. Then the searching area is 
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enlarged, ulteriorly, the clonal operator maps a problem in a low dimension space (n 
dimensions) to a high one (Nc dimensions), and then projects the results to the original 
space after solving. Thereby the problem can be solved better. 

2.2   Immune Clonal Strategy Algorithm 

The main step of the ICSA is described as follows:   

0=k  
Initialize the antibody population: { }1 2(0) (0), (0), , (0) m

nA a a a I= ∈  

Calculate the affinity: { } { }1 2(0) : ( (0)) ( (0)), ( (0)), ( (0))nA f A f a f a f a=   

While there is no satisfied candidate solution in A(k), do 
Clone:

1 2( ) ( ( )) [ ( ( )), ( ( )) , ( ( ))]C C C C T
c c c c nA k T A k T a k T a k T a k′ = =  

Clonal mutation: ( ) ( ( ))C
mA k T A k′′ ′=  

Calculate the affinity: { }( ) : ( ( ))A k f A k′′ ′′  

Clonal selection: ( 1) ( ( ))C
sA k T A k′′+ =  

Calculate the affinity: 
{ } { }1 2( 1) : ( ( 1)) ( ( 1)), ( ( 1)) , ( ( 1))nA k f A k f a k f a k f a k+ + = + + +  

1+= kk  
End 

3   Analysis of the Proposed Algorithm 

In this selection, we give a proof that the ICSA is convergent with probability 1and 
present a general evaluation of the complexity of ICSA. 

3.1   Convergence of the Proposed Algorithm 

Theorem 1: The population series of the immune clonal strategies algorithms 
{ }0,)( ≥nnA  is finite homogeneous Markov chain.  

Proof: Similar to the evolutionary strategies, the state transfer of immune clonal 
strategy algorithms are processed on the finite space, therefore, population is finite, 
since 

( 1) ( ( )) ( ( ))C C C
s m cA k T A k T T T A k+ = =                               (10) 

, ,C C C
c s mT T T  have no relation with n, so A(n+1) just relates with A(n), namely, 

{ }0,)( ≥nnA  is finite homogeneous Markov chain. 

    The size of the initial population of the algorithms is n and the size of the middle 
population is Nc, all the possible solutions in the initial population can be seen as a 
point in the state space 1 : nS X= and all the possible solutions in the middle population 
can be seen as a point in the state space 2 : cNS X= , when it is not necessary to 
distinguish 1S and 2S , we denote the state space as S , 

is S∈ denote the ith state in S , 

let f  is the affinity function defined on the hunting space X . Let: 
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        { ( ) max ( )}
ix X

s x X f x f X∗

∈
= ∈ =                                         (11) 

Then we can define the convergence of the algorithms as follows. 

Definition 1: Suppose for arbitrary initial distribution, the following equation satisfies: 

 { }
*

lim 1
i

i
k

k
s s

p A
→∞

∩ ≠∅

=∑                                               (12)                                  

Then we call the algorithm is convergent [16]. 

TThheeoorreemm  2:: The immune mono-clone strategies algorithm is convergent with the 
probability 1. 

The definition of the convergence means that if the algorithm implements for enough 
iteration, then the probability with which the population contains the optimal 
individual will verge on 1, thus the definition shown as the above is usually called the 
convergence with probability 1. The detailed proof can be found in literature [17]. 

3.2   Analysis of the Complexity of the Proposed Algorithm 

In this section we will present a general evaluation of the complexity of the proposed 
algorithm, taking into account the computational cost per generation for the real-
valued coding. 

We can measure the time required by an algorithm by counting the maximum 
number of instructions executed, which is proportional to the maximum number of 
times each loop ids executed. In the process of analysis, we will use the parameters 
that characterize the computations performed, such as the size of the antibody 
population n , the clonal size

cN ; L is the number of variants to be optimized, in order 

to describe simply. 
The proposed algorithm has four main processing steps: (1) determining the 

affinity of the antibodies, (2) clonal selection, and (3) the clonal mutation. According 
to [18], the step (1) and step (2) can be performed in ( )o n time for the worst cases. 

Mutating the individuals in the antibody population demands a computational time of 
the order ( )co N L× . The total computational time of algorithm will be: 

( ) ( )co n o N L+ ×  

4   Numerical Experiment and Results 

In order to validate the proposed algorithm, the ICSA is applied to solve optimization 
problem, this work also contains a compare done among CES, ICSAGM, ICSACM 
and ICSAMM based on the results of experiments. The following test functions are 
used to test the performance of the algorithms, all of them have more than one local 
optimum, and some even have infinite local optima solutions. 

2 2
1( ) 0.3cos 3 0.3cos 4 0.3 , [ 1,1]f x x y x y x yπ π= + − + + ∈ −                   (13) 
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          2 4 6 2 4
2

1
( ) 4 2.1 4 4 , [ 5,5]

3
f x x x x xy y y x y= − + + − + ∈ −                               (14)        

10
2

3
1

( ) [ 100,100]i i
i

f x x x
=

= ∈ −∑                                                              (15) 

10
2

4
1

( ) [ 10cos(2 ) 10] [ 5.12,5.12]i i i
i

f x x x xπ
=

= − + ∈ −∑                                               (16) 

                ( )
210

5
1

0.5 [ 100,100]i i
i

f x x
=

= + ∈ −⎢ ⎥⎣ ⎦∑                                                      (17) 

10 10

6
1 1

1 1
20exp 0.2 exp cos(2 ) 20 [ 32,32]

10 10i i i
i i

f x x e xπ
= =

⎛ ⎞ ⎛ ⎞
⎜ ⎟= − − − + + ∈ −⎜ ⎟⎜ ⎟ ⎝ ⎠⎝ ⎠

∑ ∑            (18) 

For CES, the initial population size was 50.  For ICSA, the antibody population 
size was 25 and the clone scale was 50. Given the optimized accuracy 10-3, Table 1 
provides a set of results averaged over 20 runs for the functions being optimized. The 
result records the mean numbers of iterations performed until the algorithms are 
capable of locating at least one global optimal. It can be sent from table 1ICSA 
outperform CES in 20 runs. It is interesting to note that ICSAMM, ICSAGM and 
ICSACM generally have a very similar convergence rate for all of test functions, and 
the convergent rate of ICSACM is higher than that of IMSAMM and IMSAGM when 
optimizing functions f1-f5, ICSAMM is performed extremely well in f6. Additionally, 
it is demonstrated that bigger clonal size can improve the diversity; as a result, the 
prematurity can be avoided effectively. 

Table 1. The performance comparison of ICSA and CES  

     Mean number of iterations and the standard deviation Test 

function CES ICSACM ICSAGM ICSAMM 

f1 46 ± 14.87 25 ± 8.4 30.9 ± 7.8 28.9 ± 10.12 

f2 98 ± 20 27.3 ± 10.88 27.88 ± 13.91 28.5 ± 5.62 

f3 135 ± 24.2 85 ± 37.15 115.2 ± 25.56 110.16 ± 25.4 

f4 446 ± 94 62 ± 20.8 70 ± 11.94 85 ± 21.4 

f5 109 ± 19.3 71.5 ± 23.81 85 ± 37.1573 76.37 ± 23.81 

f6 198 ± 116.5 178 ± 84.2 98.5 ± 11.26 94.3 ± 20.7 

With a further analysis of the optimizing results, we find that ICSA can hunt more 
local optima than CES. Figure 1 shows a certain optimizing results of function f1 by 
CES and ICSA, here “*”denotes the optimal value. 
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  CES                                                      ICSA 

Fig. 1. The optimizing results of f1 (x, y) 

5   Conclusions 

The mechanize of the antibody clonal selection is discussed systematically in this 
paper; the clonal operator is proposed, by applying the clonal operator, Immune 
Clonal Strategy Algorithm is put forward. We find the essential of the clonal operator 
is producing a variation population around the parents according to their affinity, and 
then the searching area is enlarged. Compared with CES, ICSA is convergent faster 
and the diversity is much better.  A further study shows when the objective function 
becomes complex and the coupling between variables are great, the hunting ability of  
the algorithms becomes weak, the later research will focus on improving the ability of 
the algorithms to hunt the local optima based on the ideas of intelligent-synthesizing. 
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Abstract. Terrestrial social insects build architecturally complex nests
despite their limited sensors, minimal individual intelligence and the lack
of a central control system. [3] Many of the nest structures emerge as
a response of the individual insects to pheremones, which the insects
themselves can emit.[2] The work in [4] extrapolated from social in-
sect building behavior to a system where the behavior of homogenous
swarms of virtual agents could be designed to build simple structures.
Like termites, these agents have no memory and limited sensors, and the
macroscopic structure emerges from their interactions with their imme-
diate environments. This paper presents Stigcode, a swarm programming
language that permits more complex structures to be more conveniently
specified. A StigCode program is a description of a target structure that
is compiled into a set of reactions to pheremone concentrations for the
swarm agents. Though not Turing-Universal1, StigCode provides a syn-
tax for defining re-usable, composable design elements. In keeping with
the entomorphic theme, In the manner of ant and termite nests, Stig-
Code architectures can do limited self-repair

Keywords: stigmergy, swarm intelligence, stigmergic programming, ant
algorithms, self-organization.

1 Introduction

Termite nests are large, intricate structures, ten- to a hundred-thousand times
the size of an individual termite. This structure-size-to-creator-size ratio is ex-
ceeded only by the largest human cities [1]. The African termite sub-family
Macrotermitinae builds complex nests of many distinct functional parts, such
as defensive walls, pillar-supported brood chambers, spiral cooling shafts, royal
sanctuaries and fungus gardens. Although the termites’ nests are architecturally
advanced, the termites themselves are blind, physcially weak, have relatively sim-
ple nervous systems and seem to lack any central authority (the queen, despite
her name, is essentially an inert egg-laying factory.)

1 Since it is, in effect, a language for specifying architecture and from that specifica-
tion producing instructions that will emergently produce it, recursion is unnecessary
(unless, perhaps, the specified architecture is a sort of Borgesian architectural night-
mare.)

L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 122–125, 2006.
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[4] describes a way to generalize the termite’s approach to construction (as
described in [3],[2],,[1] ) and use it to develop articial, decentralized swarms that
can be programmed to build complex structures, although the programming is
onerous - akin to writing a program in assembly language. This work builds on
that, providing a powerful, higher-level combinatorically defined language for
specifying the structures a swarm is to build.

The principle underlying the communication of termites and many other so-
cial insects is stigmergy, that is, communication via changes in the environment
rather than through the direct transmisssion of information. Stigmergy has been
used to model the pillar-building behavior of termites, the foraging behavior of
ants, and their spontaneous cemetery building. These applications are exam-
ples of qualitative stigmergy - the actions of individual agents are governed by
continuous environmental variations.

2 The Command Language

StigProg is a command language for programming swarms of agents to stigmer-
gically build structures. The virtual world of the agents is a two dimensional
grid. Each cell of the grid contains one or zero agents, one or zero bricks (the
construction material in the StigCode universe) and the some concentration of
pheremones. The agents wander around at random - at each timestep, they can
pick up a brick, put down a brick, or emit a pheremone plume. Which action
they will undertake depends on the local pheremone concetrations. Pheremone
intensities decrease geometrically over distance. Pheremones do not interact with
the world except in so far as they stimulate the agents to various behaviors.

The swarm of agents is homogenous. Agents have no memory and no state
- they react to their environments from a condition of innocence. They form a
sort of gas, permeating the grid-space, enforcing the rules compiled from the
StigCode at randomly selected points, thereby influencing the behavior of the
other agents. Agent behavior is governed by a set of behaviors - a behavior
is triggered if pheremone concentraitons at the agent’s location fall within a
specified range.

The limitations of agents and their dependence on their immediate environ-
ment for information suggest an interesting gestalt shift, namely that it is less
useful to think of the StigCode as a way of programming with swarms, than
as a way of programming with interacting pheremone plumes implemented via
swarms. In effect, the agents are a lower level computational stratum underlying
a cellular automaton over pheremone plumes.

The primary problem one encounters when programming with pheremone
plumes is that the pheremone concentration diffuses isotropically away from a
given deposit - that is, there is no directional orientation and no way to tell left
from right (it would be unfortunate to be restricted to structures with mirror
symmetries.) Also, concentrations of pheremone rapidly become very low as one
gets farther from the deposit, making it difficult, if there is noise or a compet-
ing signal in the environment, to accurately assess the distance to the deposit.
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These problems is solved by using multiple pheremone plumes to define lines and
preserve orientation. Part of the challenge of designing StigCode was ensuring
that this information was coherently maintainted at each step in the run of the
program.

StigCode is something between a command language and an architectural
specification language. A StigCode program indirectly describes the shape of the
structure that the swarm is to build, specifying it in terms of the combinatorics of
a set design primitives. The most elementary StigCode structure is a base-point,
which consists of four pheremone plumes, required so that, based on pheremone
concentration, both distance and orientation with respect to the base-point can
be inferred.

Base-points are the stepping off points for other structures, such as line seg-
ments. A line segment emanates from a base-point at a given angle, for a given
length. The line is built by incrementally adding pheremone deposits, each close
to the last one laid down. This takes care of the problem of the difficulty of com-
munication over long distances (as there may be other, similar lines in existence,
remotely exerting an unwelcome influence), but introduces a tendency to drift,
as, since behaviors are based on continuous plume gradients, there is a small
range of points at which each successive plume may deposited, and errors may
accumulate.

Each command in StigCode is compiled down to a lower-level command lan-
guage that is intended to make it easy to program behaviors with respect to
the geometry of pheremone deposits (i.e., in terms of distance and angle) rather
than absolute local pheremone levels, as described in [4].

Below is a program used to encode an approximation of a chess board. The
plan is essentially to build a sort of spinal column heading downward from the
upper left hand corner. Periodically this column emits either an even or an odd
row, heading east. The rows periodically emit pheremones that code for the
construction of a square.

grow-segment:begin vertebra1,angle 0,end vertebra2,steps 8,name spine1
grow-segment:begin vertebra2,angle 0,end vertebra1,steps 8,name spine2
grow-segment:begin spine1,angle -90,end chess1,steps 4,name spine-row1
grow-segment:begin spine2,angle -90,end chess2,steps 4,name spine-row2
grow-segment:begin chess1,angle 0,end chess2,steps 4,name row1
grow-segment:begin chess2,angle 0,end chess1,steps 4,name row2
build-square:center chess1, radius 4, name makesquare, deposit true

In the system’s initial state, both bricks are agents are distributed at random.
Figure 1 shows a final state of the system - the bricks are all collected into a
chess-board like pattern, though there aren’t quite enough bricks to complete
the pattern. The squares have hollow centers because an agent carrying a brick
releases the brick as soon as it steps into the pheremone boundary for that
behavior (and is on an empty square.)
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Fig. 1. End state of chess-board builder

3 Conclusion

StigCode is a programming language with re-usable, composable elements for
specifying swarm construction. Generalizing on termites, the swarms consist of
simple homogenous agents with limited sensors who communicated through vir-
tual pheremone plumes.
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Abstract. The Ant Colony Optimization has gained great success in ap-
plications to combinatorial optimization problems, but few of them are
proposed in the continuous domain. This paper proposes an ant algo-
rithm, called Direct Ant Colony Optimization (DACO), for the function
optimization problem in continuous domain. In DACO, artificial ants
generate solutions according to a set of normal distribution, of which
the characteristics are represented by pheromone modified by ants ac-
cording to the previous search experience. Experimental results show the
advantage of DACO over other ACO based algorithms for the function
optimization problems of different characteristics.

Keywords: Ant Colony Optimization, Function Optimization Problem,
Continuous Domain.

1 Introduction

Swarm Intelligence is a fast growing meta-heuristic of Evolutionary Computa-
tion [16,14]. Of which the Ant Colony Optimization (ACO) is one of the most
promising benchmark applications, which is inspired from the stigmergy com-
munication of the real ants [4,6].

Although ACO has gained great success in some combinatorial optimization
problems [5,10,9], the application to the function optimization problem appears
a little difficult, since the pheromone laying method is not straightforward,
specially in the continuous domain. There have been several attempting ap-
plications of ant algorithm in the continuous domain, they are: the Continuous
ACO(CACO) by Bilchev etal. [1,2,11,15], the API algorithm by Monmarchè
[12], Continuous Interacting Ant Colony (CIAC) by Dréo and Siarry[7,8], and
the extended ACO application, proposed by Socha[13].

CACO consists of global and local search, the global search incorporates a
GA method, and the local search is a kind of ant algorithm. API incorporates
a moving nest idea inspired by the prey behavior of the Pachycondyla apicalis
ants. CIAC does not use the stigmergy communication, but uses a kind of direct
communication within two communication channels. The extended ACO is much
closer to the framework of ACO, it incorporates a mixture of Probability Density
Function (PDF) to replace the discrete probability distribution. The common
problem of these algorithms lies in their weak performance comparing to other
state-of-art algorithms in continuous domain.
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This paper proposes a Direct Ant Colony Optimization algorithm (DACO)
for tackling the function optimization problem in continuous domain. Different
from other ACO applications to the function optimization problems, pheromone
in DACO are directly associated to a set of normal distribution. Artificial ants
construct solutions by generating stochastically the value of every variable ac-
cording to the normal distribution. DACO is developed on the base of the gen-
eral ACO framework. It takes advantage of the successful results of recent ACO
studies by the use of some successful ideas such as some special pheromone main-
tenance methods. Experimental results over various benchmark problems show
the potential of DACO for solving function optimization problems of different
characteristics.

2 ACO in Continuous Domain

Various versions of ACO have a common framework which is described in pseudo-
code in fig.1[6]. The main procedure of the ACO metaheuristic, ScheduleActivi-
ties, manages the scheduling of three components:

ConstructAntsSolutions A population of artificial ants are managed to con-
struct incrementally the solutions to the optimization problem instance.
They add solution components one by one with a stochastic local deci-
sion policy that make use of pheromone trails and problem specific infor-
mation.

UpdatePheromones Pheromone trails are modified according to the previous
search experience. Normally it includes two phases of procedure: the evap-
oration phase and the intensification phase. The former avoids a too rapid
convergence of the algorithm toward a local optima, the latter focuses the
search around the rather promising area.

DaemonActions This is the optional component which is used to implement
centralized actions that cannot be performed by single ant, such as local
search, pheromone re-initialization, and search process control etc.

The main difference of the various version of ACO is the pheromone laying
methods and the way of handling the above three components, how to sched-
ule and synchronize these components according to the characteristics of the
considered problem is key to the quality of the algorithm.

DACO is designed under the ACO metaheuristic framework, in which an
iteration includes the three components as described above. At the following
subsections, we will describe in detail the ConstructAntSolutions and Update
Pheromones procedure, the DaemonActions that contains more centralized con-
trol will be discussed in the next section, in which some previous successful
implementation experience of different version of ACO, such as the methods of
pheromone maintenance and the use of local search, are incorporated into the
system.
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Procedure ACOMetaheuristic
ScheduleActivities

ConstructAntsSolutions
UpdatePheromones
DaemonActions % optional

end-ScheduleActivities
end-procedure

Fig. 1. The ACO metaheuristic in pseudo-code

2.1 Solution Construction

In DACO, a number of artificial ants are managed in searching the continuous
domain of the problem instance at each iteration. Each artificial ant constructs
its solution by generating a real number for each variable i stochastically de-
cided by a special normal distribution N(μi, σ

2
i ), of which the characteristics

are modified by the ants during iterations in a form of pheromone maintenance
procedure.

For a normal distribution N(μ, σ2), the mean value μ and the deviation value
σ completely identify its characteristics, the probability density function (PDF)
of a normal distribution N(μ, σ2) is:

fPDF (x) =
1

σ
√

2π
e−

(x−μ)2

2σ2 , −∞ < x < ∞ (1)

μ represents the center of the distribution, or the concentrated position of the
random variables, the left part of fig.2 shows the positions of PDF with different
μ and a fixed σ; σ represents the diversification of the distribution, with a small
σ, the PDF will be narrow and high, with a quick descendence along both sides
of x = μ, representing that the random variables are more concentrated around
x = μ; while a large value of σ means that the PDF is flat, with a slow de-
scendence along both sides of x = μ, representing that the random variables are
more diversified. The right part of fig.2 shows the PDF with different σ and a
fixed μ.

DACO incorporates a number of n normal distributions, with each normal
distribution N(μi, σ

2
i ), i ∈ {1, · · · , n} associated to each variable i, where n is

the number of variables in the function optimization problem. And two kinds of

μ1 μ2 μ3
μ1 < μ2 < μ3

f(x)
σ1

σ2

σ3

σ1 < σ2 < σ3

Fig. 2. Characteristics of the Normal Distribution
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pheromone are incorporated: one is associated to μ = [μ1, · · · , μn], the other is
associated to σ = [σ1, · · · , σn]. The amount of pheromone associated with μ and
σ directly represent the value of μ and σ respectively. In the following, we will
use the term μ and σ as the pheromone representation as well.

The solutions generated according to the normal distribution are checked and
modified to fit into the constraint range, that is, for every variable xi, it follows
the following transferring rule:

xi =

⎧
⎨

⎩

ai xi < ai

xi ai ≤ xi ≤ bi

bi xi > bi

(2)

where bi and ai are the top and lower limit of variable xi.

2.2 Pheromone Update

Initially, pheromone are set as μi(0) = ai+rand()(bi−ai), and σi(0) = (bi−ai)/2,
where rand() is a randomly generated number with an even distribution in the
range of [0, 1].

After all the ants have finished their solution construction, the pheromone
evaporation phase is performed first, in which all the pheromone evaporate :

μ ← (1 − ρ)μ
σ ← (1 − ρ)σ (3)

where ρ ∈ [0, 1] is the pheromone evaporation parameter.
Then, the pheromone intensification procedure is performed as:

μ ← μ + ρx
σ ← σ + ρ|x − μ| (4)

where x = [x1, · · · , xn] is the solution used for pheromone intensification, which
is normally the global best solution Sgb found by the previous search.

3 Additional Features

Theorem 1. Suppose SL is a local optima, and there has been no improvement
over SL after t iterations in DACO, we have μ → SL and σ → 0 when t → ∞.

Proof. According to the pheromone update procedure described in the previous
section, we can combine equation (3) and (4) to calculate the μ at iteration t as:

μ(t) = (1 − ρ)μ(t − 1) + ρSL

= (1 − ρ)tμ(0) +
∑t

i=1(1 − ρ)t−iρSL
(5)

Because 0 < ρ < 1, asymptotically, we have μ → SL when t → ∞. For the
same reason, we have,

σ(t) = (1 − ρ)σ(t − 1) + ρ|SL − μ(t − 1)|
= (1 − ρ)tσ(0) +

∑t
i=1(1 − ρ)t−iρ|SL − μ(i − 1)| (6)
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Because μ → SL with i → t → ∞, we have σ → 0.

Theorem 1 means that once DACO gets into a local minima SL, it will be more
and more likely to find SL again, in other words, DACO will get into premature
very easily. The convergence problem of DACO is rather how to escape from a
local optima than how to get into it.

DACO incorporates three methods in the DaemonActions procedure to escape
from a local optima, they are, local search with different neighborhood struc-
ture, pheromone re-initialization, and using different solutions for pheromone
intensification.

Local Search. In DACO, a simple local search is designed, in which a random
bidirectional movement is performed one by one for every variable. The local
search for every variable xi contains two phases: the first phase increase xi

with a random distance di, and continues until a worse solution is found or
the constraint limitation are violated. The second phase reverse the process by
decrease xi with a random distance di. The random distance di moved at every
step is biased by σi

di = rand() ∗ σi (7)

The local search process is performed to the iteration best solution Sib and
the global best solution Sgb during every iteration cycle.

Pheromone Re-initialization. The main idea is to re-initialize all the
pheromone once the algorithm gets near to a local optima. In DACO, a con-
vergence factor, cf , is defined to monitor the status of convergence:

cf =

∑n
i=1

2σi

bi−ai

n
(8)

Initially, since σi is set as σi = (bi −ai)/2, thus that cf = 1; when the algorithm
gets into some local optima, σ will be decreased to be close to 0 as indicated by
theorem 1, such that cf → 0. So, according to the definition of cf , we can see that
as the algorithm gets near to a local optima, cf changes from 1 to 0, we can set
a threshold cfr as a trigger for the re-initialization, once cf ≤ cfr, the algorithm
is considered to be in some state of premature, then a re-initialization procedure
will be performed, in which the pheromone μ is set equal to Sgb, σi is set to the
initial value (bi − ai)/2, followed directly by a pheromone intensification phase
using all the previous re-initialized best solutions Srbs as a weighted combination
for pheromone intensification:

μ ← μ + ρ
nr∑

j=1
wjS

rb(j)

σ ← σ + ρ
nr∑

j=1
wj |Srb(j) − μ|

(9)

where nr is the number of previous Srb, wj is the weight for the jth Srb, which
is calculated according to the fitness value of every Srb:
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wj =
f(Srb(j))

∑nr

l=1 f(Srb(l))
(10)

Using Different Solutions for Pheromone Intensification. Using different
solution for pheromone intensification is another method for diversification. We
use the method introduced by Blum and Dorigo [3], where different combination
of Sib, Srb and Sgb are selected for the pheromone intensification according to the
current status of convergence. The details of the selecting strategy is described in
Tab.1, where wib, wrb and wgb are the weights for the solution Sib, Srb and Sgb

respectively. cfis are the threshold parameters whose values will be determined
in the next experimental section.

Table 1. Pheromone Intensification Strategy for DACO

cf > cf1 cf ∈ [cf2, cf1) cf ∈ [cf3, cf2) cf ∈ [cf4, cf3) cf ∈ [cfr , cf4)
wib 1 2/3 1/3 0 0
wrb 0 1/3 2/3 1 0
wgb 0 0 0 0 1

4 Experimental Results

Two sets of experiments are performed in this paper. The purpose of the first
set is to fine tune the parameter m, ρ and cfi for DACO. The second test set
is to compare DACO with other Ant System. Five mostly used test functions in
the literature are selected as the test bed for comparison. These test functions
are also used in the parameter setting experiments, the detail of these functions
are presented in Appendix A. In all the experiments performed in this paper, a
test is considered to be successful if it observes the following condition:

|f∗ − fknown best| < ε1 · |fknown best| + ε2 (11)

where f∗ is the optimum found by DACO, fknown best is the global optimum
of the test function. ε1 and ε2 are accuracy parameters, which is set to be:
ε1 = ε2 = 10−4.

4.1 Primary Experiments for Parameter Setting

As discussed in the previous section, there are three parameters need to be set by
experiments, they are cfi, m and ρ. We set the parameters one by one with other
parameters being fixed, the algorithm stops when it satisfies condition (11).

Parameter Setting for the cfi Threshold. To get a good cfi setting, a set of
25 combinations of cfi are designed for test considering a wide range of different
combinations. Fig.3 shows the test results, which includes the accumulated best
and average evaluation numbers for all the test functions over 100 runs.
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Fig. 3. Test Results of cf setting

From the test results we can see that several combinations of the cfi settings
have better performance than others, such as the combinations of 9, 11, 17, 18,
21, 22, 24 and 25. Among them, the combination 9 is the best, which is cf =
[1.0, 0.5, 0.1, 0.05, 0.01]. In all the following tests, we will use this cfi combination.

Parameter Setting for m. Parameter m is tested with a range from 1 to 20
for all the 5 test functions. Fig.4 shows the test results of average evaluation
number over 100 runs for each test function. From the test results we can see
that, overall, more m needs more evaluation number, but a number of 1 or 2 do
not definitely get the best performance, a number of 3 or 4 yield the overall best
results. For the following tests, we will use m = 3 as the parameter setting.

Parameter Setting for ρ. Parameter ρ is tested with a range from 0.01 to 1
with a step of 0.01. The accumulated average evaluation of the five test function
is presented in fig.5. From fig.5 we can see that the average evaluation decreases
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as ρ increases from 0.01 to about 0.9, but then increases as ρ increases. The
proper setting of ρ would be 0.85 for all the subsequent tests.

4.2 Comparison with Other Ant System

Table 2 displays the test results of DACO comparing to other Ant Systems.
Some information of the test results of other Ant Systems are unavailable, so
the relative places are blank. The brackets indicate the tests are performed under
a fixed evaluation number. For all the test functions, DACO outperforms other
Ant Systems both in success rate and the average evaluation number. For all the
functions tested, DACO finds all the known-optimal solutions. Overall, DACO
greatly improves the ability of ACO in quickly finding the optimal solutions of
function optimization problems with different characteristics.

Table 2. Comparison of DACO with Other Ant Systems

f
CACO API CIAC ExtendedACO DACO

% ok evals % ok evals % ok evals % ok evals % ok evals
R2 100 6842 [10000] 100 11797 2905 100 1946.77
SM 100 22050 [10000] 100 50000 695 100 264.87
GP 100 5330 56 23391 364 100 229.53
MG 100 1688 20 11751 100 169.49
St [6000] 94 28201 100 33.33

5 Conclusions

This paper presented DACO, a direct application of ACO to handle continuous
optimization problems. In the proposed version of the system, pheromone trails
represent the mean and deviation of the normal distribution for every variable,
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and they are modified according to the previous search experience. Ants con-
struct solutions by randomly selecting values for each variable biased by the
normal distribution. A discussion of the speed of convergence, and some meth-
ods to escape from local optima are presented. Experimental results show that
DACO outperforms other previous ACO related algorithms in success rate and
the number of function evaluation. The results reported in the previous sec-
tion demonstrate that DACO is capable of solving these various problems very
rapidly and effectively.

The new version of the ACO algorithm improves the capabilities of the ACO
to the function optimization field. Further research is under work for the principle
parameter setting and quicker convergence speed.
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A Functions Tested in the Paper

Rosenbrock (Rn) Variables: n Minimum: f(1, · · ·) = 0
f(x) =

∑n−1
i=1 (100 · (x2

i − xi+1)2 + (xi − 1)2)
xi ∈ [−5, 10]
Sphere Model (SM) Variables: 6 Minimum: f(0, · · ·) = 0
f(x) =

∑6
i=1 x2

i

xi ∈ [−5.12, 5.12]
Goldstein & Price (GP ) Variables: 2 Minimum: f(0,−1) = 3
f(x) = (1 + (x1 + x2 + 1)2 · (19 − 14x1 + 3x2

1 − 14x2 + 6x1x2 + 3x2
2))

·(30 + (2x1 − 3x2)2 · (18 − 32x1 + 12x2
1 + 48x2 − 36x1x2 + 27x2

2))
xi ∈ [−2, 2]
Martin & Gaddy (MG) Variables: 2 Minimum: f(5, 5) = 0
f(x) = (x1 − x2)2 + ((x1 + x2 − 10)/3)2

xi ∈ [−20, 20]
Step(St) Variables: 5 Minimum: f(x∗) = −30
f(x) =

∑5
i=1[xi] with [xi] greatest integer ≤ x

xi ∈ [−5.12, 5.12]
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Abstract. By introducing the information entropy H(X) and mutual information 
I(X;Y) of information theory into swarm intelligence, the Interaction Optimiza-
tion Model (IOM) is proposed. In this model, the information interaction  
process of individuals is analyzed with H(X) and I(X;Y) aiming at solving opti-
mization problems. We call this optimization approach as interaction optimiza-
tion. In order to validate this model, we proposed a new algorithm for Traveling 
Salesman Problem (TSP), namely Route-Exchange Algorithm (REA), which is 
inspired by the information interaction of individuals in swarm intelligence. 
Some benchmarks are tested in the experiments. The results indicate that the al-
gorithm can quickly converge to the optimal solution with quite low cost.  

1   Introduction 

As a new way of treating systems, swarm intelligence was noticed decades ago. In 
1991, Marco Dorigo was inspired by the forage behaviors of ants, and proposed Ant 
Colony Optimizer (ACO) [1] for distributed optimization problems. After that, J. 
Kennedy and R. C. Eberhart were inspired by the forage behaviors of birds and fish, 
and proposed Particle Swarm Optimizer (PSO) [2] for continuous optimization prob-
lems. These methods have been applied to many problems and proved successful. 
Generally speaking, the Genetic Algorithm (GA) [3] is relevant to swarm intelligence, 
in that many individuals cooperate to solve problems by evolution. In addition, there 
are many analogous methods [4][5][6][11][12]. 

In the swarm systems, environment, individual and behavior rule are all suffi-
ciently considered [7]. Based on them, however, systematical and general theory still 
cannot be established. In the past years, the information interaction of the individuals 
was ignored to some extend. At least there is not very elaborate analysis about it yet.  

In this paper, we introduced the information entropy of Shannon [8] to depict the 
information of interaction among individuals, and proposed an interaction optimiza-
tion model. Based on this model, a new algorithm is proposed to prove the model 
valid and effective. The rest of this paper is organized as follows. Section 2 gives a 
brief introduction to the swarm intelligence. Section 3 applies information entropy 
and mutual information to analyze the information interaction. Section 4 describes the 
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and the National Basic Research Program, China (2002CB312204). 



 Information Entropy and Interaction Optimization Model 137 

interaction optimization model. The new algorithm is proposed in section 5. Section 6 
tests it on the benchmarks, and gives out the results. Finally, section 7 outlines the 
conclusions. 

2   Swarm Intelligence 

Swarm intelligence is defined as any attempt to design algorithm or distributed prob-
lem-solving devices inspired by the collective behaviors of the social insect colonies 
and other animal societies [9]. More generally speaking, swarm intelligence denotes 
that more complex intelligence emerges from the interactions of individuals who 
behave as a swarm. [1][9]. 

In a swarm intelligence model, environment, individual and behavior rule of indi-
viduals are three basic elements. All the individuals behave in given environments 
according to the rules. They are usually characterized by self-organization, and com-
plex collective behavior emerges from the interaction of individuals. In social insects, 
individuals are self-autonomous. They obtain local information, and interact with 
their geographical neighbors. They also change the local environments or mark in the 
local environments to interact with the remote individuals indirectly, namely  
stigmergy.  

When solving problems, however, there may be a lot of information each individ-
ual has. Some may be useful to his neighbors, while others not. Some given informa-
tion may be useful to neighbor a, but it may be useless to neighbor b. As a result, the 
quality of information should be evaluated before interaction. This is the reason why 
information entropy must be applied. 

3   Information Entropy and Information Interaction 

Originally, the concept of entropy in thermodynamics referred to the amount of en-
ergy that is inaccessible for work. Shannon applied the concepts of information en-
tropy and mutual information to the development of information theory of communi-
cation. High information entropy is equivalent to high levels of uncertainty or vari-
ability in a system. Information entropy has been broadly used to infer the uncer-
tainty, disorganization, or variability in a physical system. 

Basically, probabilities are the foundation of information entropy. Let 

},,,{ 21 MaaaS …=  be a finite set and p be a proper probability density function 

on S. The amount of information needed to fully characterize all of the elements of 
this set consisting of M discrete elements is defined by  

MSI M 2log)( =  (1) 

and is known as Hartley’s formula. Shannon built on Hartley’s formula, within the-
context of communication process, to develop his information criterion. His criterion, 
called entropy, is 

∑
∈

−=
Sx

xpxpXH )(log)()(  
(2) 
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with xlog(x) tending to zero as x tends to zero. This information entropy measures the 
uncertainty or information content that is implied by p. H(p) reaches a maximum 

when Mppp M /121 ==== " (and is equal to Hartley’s formula) and a mini-

mum with Sxxp ii ∈∃= ,1)( . It is emphasized here that H(p) is a function of the 

probability distribution. For example, if η is a random variable with possible distinct 

realizations ),,,( 21 Mxxx … with probabilities ),,,( 21 Mppp … , the entropy H(p) 

does not depend on the values ),,,( 21 Mxxx … of η . 

Considering two probability variants X and Y, if their joint probability density 
is ),( yxp , marginal probability is )(xp  and )(yp , respectively, and the condi-

tional probability is )|( xyp , then the conditional entropy is defined as: 

∑−=
yx

xypyxpXYH
,

)|(log),()|(  
(3) 

Their mutual information );( YXI is defined as: 

∑ ∑
∈ ∈

=
Sx Sy ypxp

yxp
yxpYXI

)()(

),(
log),();(  (4) 

If the information of Y is given, then it can be deduced as: 

∑=
yx ypxp

yxp
yxpYXI

, )()(

),(
log),();(  

∑=
yx xp

yxp
yxp

, )(

)|(
log),(  

∑ ∑+−=
yx yx

yxpyxpxpyxp
, ,

)|(log),()(log),(  

∑ ∑−−−=
x yx

yxpyxpxpxp ))|(log),(()(log)(
,

 

)|()( YXHXH −=  (5) 

The result (5) indicates that the mutual information );( YXI  is the decrease of un-

certainty for X when Y is given. 
Since the information is finite in given environments, as for an individual, the 

smaller his information entropy is, the more information he has, and the more cer-
tain his behavior is. In other words, the information entropy is a measure for the 
quantity and quality of information. For a given individual, selecting which one to 
interact with can be determined by the mutual information besides time and  
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position. Interaction with those who can remarkably decrease uncertainty can accel-
erate to solving the problems. 

4   Interaction Optimization Model 

Assuming each individual has a finite set of actions },,,{ 21 NaaaA …=  available to 

it, and },,,{ 21 NsssS …=  is a finite state space. Formally, an action a maps ak state 

si into another state sj. Whether to take the action is determined by the behavior rules, 
the past states, and the heuristic information at discrete-time stochastically. Therefore, 
an action can be represented by a set of transition matrices with elements kt

ijp . This is 

the probability of entering state sj at time t+1 given that at time t the kth individual 
was in state si and an action was executed, or mathematically 

),,,|(Pr 0
0

1
11 sSsSsSsSobp i

t
i

t
j

tkt
ij ===== −

−+ …  (6) 

The selection of the next state may depend not only on the current state, but also 
the past state the individual has experienced, namely the system is not necessarily 
Markovian. In this paper we treat on the general stochastic process. Fig.1 shows the 
two kinds of stochastic process. 

 

 

(a) A general stochastic process 

 
 

 (b) A Markov chain 

Fig. 1. Two kinds of stochastic process 

Definition 1: If the kth individual is in state si at time t, then the information entropy 
is: 

kt
ij

kt
ij

kt
i ppH

kt
iallowedj

log∑
∈

−=  (7) 

where kt
iallowed  denotes the set of all candidate states when the individual at the 

state si. 

Definition 2: Considering two state sequences A and B， if there exists the same state 
sequence as A in B, then we call BA ⊂ . 
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Definition 3: Considering the kth individual and lth individual, the state sequences 
they experienced are Sk and Sl, respectively. If their initial state is the same one, and 

lk SS ⊂ , then the information of the kth individual is redundant to the lth individual. 

Deduction 1: If the information of the kth individual is redundant to the lth individ-
ual, and vice versa, then the state sequences the two have experienced are identical. 

Definition 4: Let )( ltyp  be the distribution of the lth individual at time t, if his 

information has influence on the kth individual’s action, then )|( ltk yxp  denotes 

the distribution of the kth individual after the information of the lth is given, otherwise 

)()|( kltk xpyxp =  (8) 

Definition 5 

)|()(),( ltktltltkt yxpypyxp =  (9) 

 It should be noticed that  

),(),( ktltltkt xypyxp ≠  (10) 

Now we can give the definition of mutual information. 

Definition 6 

)()(

),(
log),();(

,
ltkt

ltkt

yx

ltktltkt

ypxp

yxp
yxpYXI

ltkt
∑=  

)(

)|(
log),(

,
kt

ltkt

yx

ltkt

xp

yxp
yxp

ltkt
∑=  

)|()( ltktkt YXHXH −=  (11) 

);( ltkt YXI  measures the decrease of uncertainty for the kth individual at time t 

after the information of the lth individual is given. 
Assuming the heuristic information is always helpful to improve the individuals’ 

fitness, and the rules are the same for each individual. In the process of search, the 
individual should evaluate its information itself firstly. As for the lth individual,  

the smaller the value of )( ltYH  is, the better the quality of its information is, and the 

more reliable the information is for other individuals with whom the lth individual 

would interact. Then, the value of );( ltkt YXI  determines whether the kth individual 

should interact with the lth. The larger the value of );( ltkt YXI  is, the more influ-

ence the kth individual has on the lth. In this way, the individuals can be more and 
more intelligent to find the solution. The process is illustrated in Fig. 2. 
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Individual information Individual information Individual information 

Evaluate: H Evaluate: H Evaluate: H 

Interact: I Interact: I 

Individual information Individual information Individual information t+1

t …

 

Fig. 2. The interaction optimization model 

5   The Route-Exchange Algorithm 

The route-exchange algorithm is designed for solving Traveling Salesman Problem 
(TSP). The problem is to find the shortest route for a traveling salesman to visit all the 
cities once and only once, and return to the starting city, which is also known as a 
Hamiltonian cycle. Because the exchange of route information is the most important 
idea in the algorithm, it is called route-exchange algorithm. The problem can be de-
scribed as follows. 

Given a set of cities },,,{ 21 ncccC "= , for each pair ),( ji cc , ji ≠ , let 

),( ji ccd be the distance between city ic  and jc . Solving the TSP entails finding a 

permutation *π  of the cities ),,(
)()1( ** n

cc ππ " , such that 

1)1(,),,(),( *

1
)1()(

1
)1()(

≡+≠∀≤ ∑∑
=

+
=

+∗∗ nccdccd
n

i
ii

n

i
ii

ππππππ  (12) 

In the symmetric TSP jiccdccd ijji ,),,(),( ∀= , while in the asymmetric TSP 

this condition is not satisfied. In this work we consider the symmetric TSP. 
The route-exchange algorithm is a heuristic approach inspired by the behaviors of 

people, in which every individual searches the state space independently and simulta-
neously. As far as people are concerned, if a number of them are asked to fulfill the 
same task independently, they would learn from each other to improve their own 
performances when encountering. This mechanism is applied to the route-exchange 
algorithm. 

Given a symmetric TSP of n  nodes, m  individuals are required to find a closed 
tour independently from different starting nodes with the same velocity v , where 

nm ≤ . They could encounter the fellows somewhere in the process. Each of them 

has two storages: one is for the permutation of cities ),,( )()1( ncc ππ "  visited by 

itself in the current repetition, another is for the best permutation ),,(
)()1( ** q

cc ππ "  
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visited by itself or others ever encountered in the current repetition, where nq ≤ . For 

the convenience of depiction, we denote the former with route-storage-A, RS_A for 
short, and the latter with RS_B. When two individuals encounter each other, they 
would compare the quality of the two routes visited in the current repetition with each 
other, put the better one into RS_B, and continue to tour. In the next repetition, the 
individual would prefer to RS_B of previous repetition and follow it first, then previ-
ous RS_A. 
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(13) 

As for the kth individual, if he is at node i sometime, then the probability that he se-

lects the node j as his next node is defined as (13), where ijij d/1=η , ijl  denotes the 

edge ),( ji , kallowed  denotes the set of all candidate nodes when the kth individ-

ual is at node i, Aρ  , Bρ  and Cρ  are selection parameters, BAC ρρρ << , and 
α  is a control parameter. 

Considering the fact of the real world and the feasibility of computation, we take 
time that individuals reach the same node as interaction criteria instead of I(X;Y). 
Given that the kth individual reaches the node i at time Tk, and the lth individual 
reaches the same node at time Tl. If the following inequality is satisfied, then the two 
individuals are judged encountered. 

,ij
k l i

d
T T j Neighbor

vβ
− ≤ ∈  (14) 

where iNeighbor  is the set of nodes connected directly with node i , and β  is a 

control parameter. 

In order to evaluate the quality of the route ),,( )()1( qcc ππ " , we have G that  

q

d
HG

q
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ii

kt
∑
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1
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(15) 
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where ktH  is the information entropy of the kth individual at time t . The smaller the 
value of G is, the better the quality of the route is. 

A positive feedback mechanism is designed to avoid vibrations. After each repeti-
tion, the individual having the best results in the current repetition saves his experi-
ence, and take the same tour in the next repetition. In this way, the best individual can 
keep his capability of influence on others, and accelerate others to improve their fit-
ness. The pseudo-code of route-exchange algorithm is illustrated in Fig. 3. 

 

Step 1  Initialize, put all individuals on different nodes randomly, NC=1 

Step 2  Take the nodes as the starting nodes, tour the cities by (13) with velocity v 

Step 3  Repeat Step 2 for each individual; Goto Step 4 

Step 4  For each node, calculate the time T that every individual reaches it, determine  

whether two individuals encounter with each other according to (14) 

if yes, compare their routes with G in (15) and put the better routes into 
RS_B 

Step 5  Find the individual who has the best results in the current repetition, put his  

RS_A into RS_B 

Step 6  NC=NCmax? 

if yes, stop the program and return the results 
else, RS_B is empty? 

if yes, put the individuals on the first node of their RS_A  

else put the individuals on the last node of RS_B 

                     end 

             end 
Goto Step 7 

Step 7  NC=NC+1, Goto Step 2 
 

Fig. 3. The route-exchange algorithm 

6   Experiments and Results 

The route-exchange algorithm was tested on some TSP instances defined in the 
TSPLIB [10]. The experiments were conducted on several Windows XP Pentium IV 
1.60 GHz PCs with 256 Mbytes of memory. The results of the instances are summa-
rized in Table 1. The first column stands for the names of the test instances, the sec-
ond for exact optimal tour length for each problem given in the TSPLIB. The third 
column stands for the best results we have obtained, the fourth to the sixth for the 
results in each run time, the seventh for the average results, and the eighth for the 
relative error (Err) respectively, where the relative error is calculated as 

%100×−=
Opt

OptAve
Err  (16) 

The ninth column denotes the repetition times required, and the last denotes the num-
ber of individuals employed in the program. 



144 X. He et al. 

Table 1 indicates that the proposed route-exchange algorithm can be used to solve 
symmetric TSP effectively. It can be seen that among 8 test problems, the maximum 
relative error is 8.22% (of the test problem Eil51) and the average relative error of all 
is easily calculated to be 4.71%. While the number of nodes increases, the repetition 
times required doesn’t increase remarkably. In other words, the results can converge 
quickly to good solutions, and the complexity of the computation can be kept quite 
low.  

Table 1. Summary of the experiment results 

Problem Opt 
Best 
Result 

Run1 Run2 Run3 Ave. Err(%) NCmax Ind. 

Burma14 33.23 31.88 33.23 31.88 33.21 32.77 -1.38 10 10 
Ulys-
ses22 

75.67 75.67 76.06 76.63 75.67 76.12 0.59 30 20 

Bayg29 9074 9399 9399 9519 9433 9450 4.14 30 20 
Bays29 2020 2097 2134 2097 2107 2113 4.60 30 28 
Swiss42 1273 1325 1325 1374 1357 1352 6.21 30 30 
Att48 33524 35073 35073 36573 37073 36240 8.10 30 40 
Eil51 426 451 451 473 459 461 8.22 30 40 
Berlin52 7542 7870 8182 7870 8208 8087 7.23 30 40 

7   Conclusions 

In the biological world, information interaction phenomenon exists widely in most 
species from insects to mammals. It is necessary for them to fulfill tasks coopera-
tively. In this paper we introduced the information entropy and mutual information 
into the artificial intelligence system, which can be applied to analyze this phenome-
non mathematically. On the basis, the interaction optimization model is proposed as a 
general model for swarm intelligence. This is also an endeavor to descript the swarm 
intelligence theoretically. Then a new algorithm is proposed to validate it. As can be 
seen in the experiments and results, this algorithm can converge quickly to a good 
solution with quite low computing complexity. The stagnancy in local optimum, 
which is generally existent as a defect in the analogous other algorithms, can be effec-
tively avoided. Also, the positive feedback mechanism we designed plays a very im-
portant role in this algorithm, which helps to attract other individuals to the global 
optimum step by step.  
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Abstract. Particle swarm optimization (PSO) has proven to be a promising 
heuristic algorithm for solving combinatorial optimization problems. However, 
N-P hard problems such as Job Shop Scheduling (JSSP) are difficult for most 
heuristic algorithms to solve. In this paper, two effective strategies are proposed 
to enhance the searching ability of the PSO. An alternate topology is introduced 
to gather better information from the neighborhood of an individual. 
Benchmarks of JSSP are used to test the approaches. The experiment results 
indicate that the improved Particle Swarm has a good performance with a faster 
searching speed in the search space of JSSP. 

1   Introduction 

The job shop scheduling problem (JSSP) is one of the most difficult N-P hard 
problems in the sense of its high computational complexity [1]. The JSSP is described 
as follow: There are n  jobs with m operations scheduled on m  machines in a given 
order. Each operation is specified to a fixed machine and has a fixed processing time. 
The constraints of the problem are [7]: 

(1) Each job must pass through each machine once and only once. 
(2) Each job should be processed through the machine in a particular order. 
(3) Each operation must be executed uninterrupted on a given machine. 
(4) Each machine can only handle at most one operation at a time. 

It is impractical to use some traditional exact algorithms to solve this problem even 
in a small size because of the time-consuming computational procedure. The 
constraints of the problem are so strong, making the valid search space of the problem 
too complicated. 

Recently, many heuristic algorithms have been developed to obtain the solution. 
The performances are quite good because those algorithms can obtain the near 
optimal or even the best solution with useful techniques. Among them, genetic 
algorithm (GA) is one of the most promising techniques to solve N-P hard problem. It 
is usually combined with local search methods to get a near optimal result [1]. 
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Particle Swarm Optimization (PSO) is a newly developed algorithm by Eberhart 
and Kennedy [8]. Later, many useful techniques and mechanism have been added to 
PSO to improve its computational efficiency. Several effective topology modals for 
the population of PSO such as ‘Star’, ‘Triangle’ and ‘Ring’ etc are proposed [4, 5]. 
Later, a hybrid PSO was proposed to solve the JSSP and gained a good result [17, 18]. 

However, PSO does not always gain an efficient performance in the minimization 
of some discrete multimodal functions because of the different searching methods. 
This paper studies the searching strategy of PSO, tries to explain the reason why some 
topologies are better than others and then presents two improved strategies and an 
alternate topology. 

2   Job Shop Scheduling Model for the Algorithm 

2.1   The Representation 

There are several kinds of representations for JSSP such as priority-rule-based 
representation, random key representation and operation-based representation [15]. 
This paper uses the job-order-based representation because it is easy for the PSO to 
compute. For example, a solution to a 3-job and 2-machine problem may be expressed 
in a 3 2×  integer array as [1 3 3 2 1 2], where the value of the component in the array 
represents the job number. Thus, the array above means that the first operation of job 
1 should be processed first, followed by the first and the second operation of job 3. 
The whole procedure should end with the last operation of job 2. 

The position found by an individual may be invalid, so for an n -job and m -
machine problem, the array should be repaired to satisfy the constraints:  

(1) The value of the component should not be less than 1 or larger than n ;  
(2) There are m components having the same integer value of i , 

where 1, 2, ,i n= " . 

2.2   The Left Shift for the Representation 

When the operation-based representation is adopted, there exist two kinds of solution 
spaces: semi-active solution space and active solution space. In a semi-active solution 
space, some solutions can be decoded to semi-active schedules in which a certain 
operation can be put ahead without modifying the processing time of other operations. 
In an active solution space, the schedule corresponding to an active solution cannot be 
modified by putting an operation ahead.  

The left shift operator changes a semi-active schedule into an active schedule. The 
maximum job completion time can be improved when the maximum finishing time of 
the jobs is shortened.  

This paper implements the technique of reconstructing a semi-active solution into 
an active one in [14] to enhance the performance of the algorithm. 
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3   Particle Swarm Optimization 

The idea of PSO originates from the social behavior of swarms of birds or fish 
schools. It has been reported that each bird or fish in the swarm in a school moves 
according to the information given by others in the neighborhood. Similar to the GA, 
there is a population called a swarm in PSO, and every individual in the swarm is 
called a particle which represents a solution to the problem. In an iteration, each 
particle moves in the search space from one position to another according the 
information from its neighborhood. The distance for which the particle moves in one 
iteration is called velocity and the position of the particle is evaluated by an object 
function. Each particle records the best position it found in the previous iteration as a 
local best. A global best position is chosen from the local bests of all the particles. 

Converting a solution to an n-dimensional vector, the search space S  is accordingly 
an n-dimensional space, where nS R∈ . The position 1 2( , , , )i i i inX x x x= "  of the 
i th particle is a point in S , the velocity 1 2( , , , )i i i inV v v v= "  of the i th particle is 
also a vector with n dimension, The local best position of the i th particle denotes as 

1 2( , , , )i i i inP p p p= " .The best of the local best positions is chosen as the global best 
position 1 2( , , , ) max{ }g g g gn iP p p p P= =" . 

The object function is used to evaluate the quality of the position X  found by a 
particle, denoted as ( )f X . In the t th iteration, each particle updates it position with 

the following formula: 

1 ( ( ))t t m tV V P Xχ ϕ+ = + −  (1) 

1t t tX X V+ = +  (2) 

where 1 2 1 2( ) /( )m i gP P Pϕ ϕ ϕ ϕ= ⋅ + ⋅ + and 1 2ϕ ϕ ϕ= + ， 1ϕ and 2ϕ  are the 

values of the acceleration coefficient limits, χ is the constriction coefficient 

determined by 1ϕ  and 2ϕ .  

Kennedy et al changed the swarm topology and neighborhood information by 

modifying the form of mP  [6]: 

( )

( )
k kk N

m
kk N

W k P
P

W k

ϕ
ϕ

∈

∈

= ∑
∑

 (3) 

where kϕ  is an random value between 0 and max / Nϕ , N  is the set of neighbors of 

the particle and kP  is the best position found by individual k . ( )W k , the weight 

function of the information given by individual k , is usually related to a certain 
aspect of the particle such as the fitness of the best position or the distance from 
particle k  to the current individual. 
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4   Improved PSO 

4.1   Analysis of the Topology 

It is pointed out that the increase of neighborhood size of a particle may deteriorate 
the performance of the swarm [6]. ‘UAll’ and ‘All’ topologies obtained worse results 
than other topologies such as Square and Ring versions. 

In this paper, we try to explain the reason why the truly fully informed version 
such as All topology has a worse performance. In the experiments, we found that not 
all the information gathered from the neighborhood contributes to the individual’s 

movement. In some cases of the ‘All’ topology, the velocity  1tV +  even leads the 

particle to the opposite direction of the global best or the local best. Although this 
phenomenon is important for a particle to search for a new position, the fitness of the 

new position is always lower than expected. In formula (3), the larger N is, the 

more information an individual gets from the neighborhood. For those particles whose 
best position ever found are above the average, much of the information from the 
worse positions in the neighborhood is not worth using because it leads the individual 
to a worse direction. The more the useless information is, the more “confused” an 
individual will be. From Kennedy’s experiments, we can deduce that appropriate 
amount of information sources is better than the truly informed version. Thus, the 
refining of the information from the neighborhood is needed for an individual to 
improve its direction. 

There are two tasks left for a particle before it moves to a new position with a 
better strategy: 

(1) Selecting useful information from the neighborhood to determine a proper 
direction to a better position; 
(2) Evaluating the velocity of last iteration and make adjustment according to the past 
experiences as well as the information in the neighborhood. 

4.2   Information Selecting 

The original PSO uses information from the best position in the population and the 
individual’s best. Chunming et al uses the information of worse positions to keep 
away from them [9]. These two strategies suggest simply that a better position 
potentially provides positive instruction. Thus, adding good particles to the 
neighborhood may produce an efficient topology. On the other hand, a worse position 
is more likely to mislead the individual to an area with low fitness value. This 
suggests a direct way to refine the information. 

Here, an alternate form of mP  is proposed to implement the information selecting: 

( ) ( )

( )

i i j ji N j M
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kk N M

W i P W j P
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where N −  is the set of particles better than the individual in the neighborhood and 
M  is the set of the three best position in the population. 

4.3   Velocity Evaluating and Adjustment 

Formula (1) shows how a particle moves in an iteration: it keeps part of its previous 
velocity with inertia and adjusts its direction to a new position according to the 
information from the neighborhood. However, the individual moves without 
“questioning” whether it will go to an area with low fitness value in the search space. 
As has mentioned in the analysis of the topology, one of the tasks of an individual is 
to check the quality of the previous velocity so as to make an adjustment. 

One applicable method to evaluate the velocity is to see whether the individual has 
found a better position than before. If the fitness of the positions improves iteration 
after iteration, the particle probably moves towards a direction to an optimum. On the 
other hand, if the fitness decreases continuously, the particle may go in a wrong 
direction and just search in an area with low fitness.  

Two methods can avoid the individual to go towards the potentially inappropriate 

area: (1) “jump over” the area and (2) “step back” a little. The weight of tV  in 

formula (1) can be changed adaptively to implement the adjustment:  

1 ( ( ))t t m tV V P Xχ α ϕ+ = + −  (5) 

1( ) ( )

1
t j t ja fitness i fitness i

otherwise
α − − −<⎧

= ⎨
⎩

 (6) 

where 1/a χ>  in “jump over” version and 1a = −  in “step back” version, 

max0 j j≤ ≤ , ( )t jfitness i −  is the fitness of the position found by individual i  in 

the t j−  iteration. Formula (6) indicates that an individual should avoid the inertia of 

previous velocity if the fitness continuously decreases for j  iterations. 

5   Experiments and Results 

Two versions of the PSO were tested and compared with the GA. The PSO with the 
“jump over” strategy is denoted as JOPSO and the “step back” version is denoted as 
SBPSO. One experiment is to test the contribution of the strategies to the searching 
speed; another one is carried out to test the efficiency of the improved PSO. 

The parameters of the PSO are set as follow according to [6]: the population is 100, 

maxj  is 3 and a  is set to be 3 in JOPSO, χ is 0.7298 and maxϕ  is 2.05. 

( ) 1/ ( )W i fitness i= . 
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The same operators of GA as in [14] are implemented. The parameters are as 
follow: population size is 100; crossover probability is 0.8; mutation probability is 
0.2. All the algorithms will stop after 3000 iterations or if the global best stops 
improving for 500 iterations. 

 

Fig. 1. Performance of the algorithms on La01 

 

Fig. 2. Performance of the algorithms on La05 

In the evaluation of the strategies, we measure the searching speed of the 
algorithms by iterations. Although the computation time shows directly the speed at 
which an algorithm can find an optimal of a problem, it is not applicable when the 
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algorithms are implemented on different machines. Meanwhile, it is hard to illustrate 
clearly the effect of a strategy to a heuristic algorithm in a step searching for a better 
solution. In the tests, the global best of the population of the algorithms is recorded in 
each iteration. Benchmarks of JSSP for OR-library from [16], namely, la01, la05 and 
abz5 are used to test the searching speed of the PSOs and the GAs. 

In Figure 1, JOPSP had a faster searching speed than the other three in the first  
75 iterations. However, SBPSO had a better performance than JOPSO after about 75 
iterations and found the global optimum of 666 before 200 iterations. The JOPSO converged  
slower than the SBPSO but faster than the GA and the traditional PSO, reaching the 
optimum after 200 iterations. The result can be explained as follow: in the solution space of 
la01 problem, the “step back” strategy is less effective when a better solution can be easily 
found at the beginning of the search; but its contribution to the performance of PSO is 
steadier than “jump over” strategy when better solutions are hard to find.  

Figure 2 and figure 3 suggest that JOPSO also has a good searching ability and 
performed the best. It must be pointed out that the la05 problem is relatively easy for 
most algorithms to find the optimal solution. Thus, the “jump over” strategy can boot 
up the speed of the algorithm. 

 

Fig. 3. Performance of the algorithms on Abz5 

Next, more benchmarks with larger size are used to test the efficiency of the PSOs 
and the GAs, namely, mt10, mt20, abz7, abz8, la21 and la22. Each benchmark is 
tested for 40 times on every algorithm, the best and the worst results are recorded and 
then the average of the 40 results is calculated. The proposed PSOs are compared to 
the fGA and GA-asol reported in [14]. 

Table 1 illustrates the experimental results of fGA, the problem sizes and the 
optimum of each benchmark are also listed in it. Table 2, Table 3 and Table 4 show 
the results of GA-asol, JOPSO and SBPSO. 
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Table 1. Experimental results of fGA 

Benchmarks n m optimum Best Worst Average 
Mt10 10 10 930 937 982 957.33 
Mt20 20 5 1165 1184 1234 1207.47 
Abz5 10 10 1234 1234 1253 1246.15 
Abz7 20 15 656 716 744 731.85 
Abz8 20 15 (645,669) 742 769 754.66 
La21 15 10 1046 1082 1130 1104.61 
La22 15 10 927 948 986 970.85 

Table 2. Experimental results of GA-asol 

Benchmarks Best Worst Average 
Mt10 930 967 949.25 
Mt20 1173 1199 1182.38 
Abz5 1234 1250 1241.58 
Abz7 700 726 715.57 
Abz8 720 746 733.61 
La21 1074 1109 1092.10 
La22 940 970 953.52 

Table 3. Experimental results of JOPSO 

Benchmarks Best Worst Average 
Mt10 955 965 958.83 
Mt20 1165 1184 1171.53 
Abz5 1234 1242 1240.21 
Abz7 666 716 683.74 
Abz8 681 703 697.49 
La21 1047 1082 1064.04 
La22 927 940 936.88 

Table 4. Experimental results of SBPSO 

Benchmarks Best Worst Average 
Mt10 942 955 951.71 
Mt20 1165 1179 1172.46 
Abz5 1234 1250 1239.8 
Abz7 675 703 680.27 
Abz8 681 710 686.49 
La21 1054 1073 1062.19 
La22 927 935 934.22 
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From the four tables, the improved PSOs gain better results than the GAs in the 
test. In half of tested problems, the best solutions found by the PSOs are the optima, 
while the GAs only found two. The worst results by the PSOs are also impressive: 
some solutions are the same as the best ever found by the GAs(see Mt20, Abz7 and 
Abz8). 

The “best” column in Table 3 and Table 4 illustrate that JOPSO found more good 
solution than SBPSO, which means JOPSO has a better searching ability than SBSO. 
However, results of the SBPSO from the “worst” and “average” columns are better. 
This suggests that the “step back” strategy is steadier than the “jump over” version. 

It must be noted that the improved PSOs do not always gain better results than the 
GAs. In the mt10 benchmark, neither of the PSOs found a good solution in the 40 
times of computation. The PSOs are probably misled to a local optimum in the 
solution space. 

6   Conclusion 

In this paper, an improved topology and two alternative searching strategies were 
proposed specifically for PSO to solve discrete N-P hard problem such as JSSP. The 
experimental results show that the searching speed of PSO was improved by the 
topology and the new strategies. The strategies enhance the searching ability of the 
algorithm by leading the particles to a potentially better direction. The “jump over” 
strategy performs better than the “step back” version in some benchmarks where 
better solution is easy to find in the solution space, while in other benchmarks the 
“step-back” shows its efficiency in the steady converging speed.  

An exception of the good performance of the improved method is showed in the 
testing of mt10 benchmark. This phenomenon suggests that a different method should 
be used for a different problem. That is, there probably exists no such a powerful 
algorithm that can solve all the problems better than others. An effective method for 
some problems may perform badly in other problems. 

The two strategies are actually adaptive techniques for the parameter adjustment of 
the PSO. The heuristic algorithm relies a lot on its parameters to gain a good result. 
Thus, the parameters should be further investigated according to a specific problem. 
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Abstract. This paper presents an improved discrete particle swarm optimization 
algorithm based on virus theory of evolution. Virus-evolutionary discrete parti-
cle swarm optimization algorithm is proposed to simulate co-evolution of a par-
ticle swarm of candidate solutions and a virus swarm of substring representing 
schemata. In the co-evolutionary process, the virus propagates partial genetic 
information in the particle swarm by virus infection operators which enhances 
the horizontal search ability of particle swarm optimization algorithm. An ex-
ample of partner selection in virtual enterprise is used to verify the proposed  
algorithm. Test results show that this algorithm outperforms the discrete PSO 
algorithm put forward by Kennedy and Eberhart. 

1   Introduction 

The particle swarm optimization (PSO) algorithm, proposed by Kennedy and  
Eberhart [1,2], is a new optimization technique originating from artificial life and 
evolutionary computation [3,4]. The algorithm completes the optimization through 
following the personal best solution of each particle and the global best value of the 
whole swarm. PSO can be implemented with ease and few parameters need to be 
tuned. It has been successfully applied in many areas and proved to be a very effec-
tive approach in the global optimization for complicated problems [5,6]. However, as 
a newly developed optimal method, the PSO algorithm is still in its developmental 
infancy and further studies are necessary. For example, the original PSO had difficul-
ties in controlling the balance between exploration and exploitation because it tends to 
favor the intensification search around the ‘better’ solutions previously found [7]. In 
such a context, the PSO appears to be lacking global search ability. Also, its computa-
tional efficiency for a refined local search to pinpoint the exact optimal solution is not 
satisfactory [8,9]. 

Many researchers have proposed various kinds of approaches to improve the PSO 
algorithm [10,11,12]. To enhance the performance of PSO, we first propose a virus- 
evolutionary particle swarm optimization algorithms (VEPSO). It is composed of a 
particle swarm and a virus swarm. The process of the VEPSO is similar to co-
evolution based on both a horizontal propagation between particle and virus particles 
and a vertical inheritance of genetic information from ancestors to offspring. In the 
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co-evolve process, the virus particles propagate partial genetic information in the 
particle swarm by virus infection operators. Numerical examples presented by us 
show that the model has better global convergence performance.  

This paper is organized as follows. Section 2 presents a new PSO algorithm based 
on virus theory of evolution. The virus infection operators are defined and incorpo-
rated into the PSO. Section 3 presents an application of VEPSO in partner selection of 
virtual enterprise problem. In section 4, the effectiveness of the proposed algorithm is 
shown through some numerical simulations. Further, the comparison between the 
VEPSO and the binary PSO proposed by Kennedy and Eberhart is discussed through 
simulation results. 

2   Virus-Evolutionary Particle Swarm Optimization Algorithm 

2.1   Overview of PSO Algorithm 

Like genetic algorithm, the PSO algorithm first randomly initializes a swarm of parti-
cles. Each particle is represented as ),...,,( ,,, ni2i1ii xxxX = ， ,,...,2,1 Ni =  where N is 

the swarm size. Thus, each particle is randomly placed in the n -dimensional space as 
a candidate solution. Each particle adjusts its trajectory toward its own previous best 
position and the previous best position attained by any particle of the swarm, namely 

ipbest  and gbest . In each iteration, the swarm is updated by the following equations: 
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where k  is the current iteration number, jiv , is the updated velocity on the j th di-

mension of the i th particle, 1c and 2c  are acceleration constants, 1r  and 2r  are real 

numbers drawn from two uniform random sequences of )1,0(U .  

The above continuous particle swarm algorithm has been used to solve many opti-
mization problems. In the discrete binary version [1], a particle moves in a state space 
restricted to zero and one on each dimension, where each jiv ,  represents the probabil-

ity of bit jix , taking the value 1. Thus, the step for updating jiv , remains unchanged as 

shown in Eq. (1), except that jipbest ,  and jgbest  are integers in {0, 1} in binary case. 

The resulted changes in position are defined as  
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where  r  is  random number drawn from uniform sequence of )1,0(U .  



158 F. Gao et al. 

2.2   Virus-Evolutionary Particle Swarm Optimization Algorithm 

Virus theory of evolution is based on the view that virus transduction is a key mecha-
nism for transporting segments of DNA across species [13,14,15,16,17,18]. A virus-
evolutionary PSO algorithm simulates co-evolution based on the virus theory of  
evolution. VEPSO has two swarms: a particle swarm and a virus swarm (Fig.1). The 
particle swarm and the virus swarm are defined as a set of candidate solutions and a 
substring set of the particle swarm, respectively. We assume the virus infection en-
ables the horizontal propagation of genetic information in the intra-generational parti-
cle swarm, while the updating of particles’ position and velocity enable the vertical 
inheritance of genetic information from particles’ current generation to their next 
generation. VEPSO has two virus infection operators as follows [17]: 

(a) Reverse transcription operator (infection): A virus overwrites its substring on 
the string of particles for generating new particles (Fig.2.a). 

(b) Incorporation operator (transduction): A virus takes out a substring from the 
string of a particle for generating new virus particles (Fig.2.b). 

                                                                         

                     Fig. 1.  VEPSO  algorithm                       Fig. 2. Virus infection operators 

First, a virus performs the reverse transcription to a particle randomly selected out 
of the particle swarm. Each virus has fitvirusi, as a strength about the virus infection. 
We assume that jefitparticl  and jefitparticl ′  are the fitness value of a particle j be-

fore and after the infection, respectively. The fitvirusi,j denotes difference between 

jefitparticl  and jefitparticl ′ , which is equal to the improvement obtained by infect-

ing to the particle as 

jjji efitparticlefitparticlfitvirus −′=,  (5) 

∑
∈

=
Sj

jii fitvirusfitvirus ,  (6) 

where i is the virus number and S is a set of particles which are infected by the virus i. 
After infections, each virus evolves by incorporation according to fitvirusi. If fitvi-

rusi is larger than zero, the virus performs incorporation by taking out partially new 
substring from one of the infected particle. Otherwise, a virus shortens the genotype 
by removing some substrings. Actually, the virus length shortens/extends according to 
an incorporation probability (Pi ). Pi denotes the probability to take out a substring 
from a particle. In addition, each virus has infratei for the virus infection as [14]: 
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where α (>0) is coefficient. When fitvirusi is high, infratei also becomes high. The 
increase of infratei accelerates the increase of effective schemata by virus infection. 
Furthermore, each virus has a life force as follows:  

ikiki fitvirusliferlife +×=+ ,1,  (8) 

where k and r mean the generation and the life reduction rate, respectively. If r takes a 
negative value, the virus particle takes out a new substring with the incorporation 
operator from the randomly selected particle. The VEPSO’s procedure is as follows: 

begin 

t=0; 

Initialize particle and virus swarm respectively; 

t=1; 

repeat 

Update particle（position，velocity）; 

Virus infect; 

Evaluate fitness of particle; 

Evaluate fitness of virus; 

t=t+1; 

until (Termination condition is true) 

end 

In the above procedure, initialization randomly generates an initial particle swarm, 
and then a virus is generated as a substring of a particle encoding. The virus randomly 
takes out each substring from the particle according to probability Pi. The worst parti-
cle with least fitness is eliminated as the selection scheme. New particles generated by 
virus infections, as new individuals. After virus infections, if the fitness of one parti-
cle is improved comparing with its current particle, then the current position is re-
placed with its infected position. Consequently, the successfully infected particles 
survive into the next generation. This indicates the virus infection operator can be 
regarded as a local hill-climbing operator in the long run. 

3   An Example: Partner Selection of Virtual Enterprise 

3.1   Problem Definition 

Suppose that a virtual enterprise consists of n  business processes (core competen-

cies): iE , Ii ,...,2,1= . For the i th business process, there are ia  potential candidates 

for the partners. Let i

jm , ,,...,2,1 iaj =  be the j th potential candidate for the i th 

business process. The partner selection problem can be described as follows: take one 
candidate from i

jm  for each business process iE  to form a virtual enterprise, for  
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example 5
4

4
2

3
1

2
1

1
3 mmmmm , and the resultant combination of selected partners must sat-

isfy an optimization objective. 
Since the running cost, reaction time and running risk are the key points in the op-

eration of virtual enterprise, we take them as the optimization objectives for partner 
selection[19,20]: 

(1) Running cost: namely C , consists of the internal cost of each candidate and the 
link cost between any two candidates: 
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the link cost between two candidates of i

jm and i

jm ′
′ .   

(2) Reaction time: namelyT , consists of the internal reaction time of each candidate 
and the link time between any two candidates: 
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where i

jT is the internal reaction time of the candidate i

jm . jj
iiT ′
′
,

, is the link time be-

tween two candidates of i

jm and i

jm ′
′ .   

(3) Running Risk: namely R , is defines as follows: 
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where i
jR  is the running risk generated by selecting i

jm . 

Here we take the weighted sum of Eq. (9), (10) and (11) as the objective function: 
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where cE , tE  and rE are the least desired values of C , T and R  respectively, and 

cω , tω and rω are the weight coefficients of C , T and R  respectively. 

3.2   Particle Representation and Fitness Function Selection 

Suppose n  is the total number of all the business process types. Since each particle of 
the swarm is one of the candidate solutions for the problem, we represent each parti-
cle by a binary vector as follows: 
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jb  represents the j th candidate for the i th 

process, which is restricted to take integers in {0, 1} according to  

 
 
 

Based on the optimization objective function in Eq. (12), the fitness function )(xf  

of each particle is set as ( )xFxf /1)( = . 

3.3   Virus Infection 

A virus individual can transmit a substring between particle individuals. A substring 
of a virus individual consists of three characters {0,1,*} and is the same length as that 
of the particle individual. The character '*' denotes ‘don't care’ mark. A virus individ-
ual does not perform the reverse transcription in the same position where there is a '*'.  

In this case, the length of the virus is constant, but the order of the virus is variable. 
Figure 3 shows an example of the reverse transcription.  

 

Fig. 3.  Reverse transcription operator 

The reverse transcription overwrites the substring of the virus individual on a ran-
domly selected particle individual. The incorporation has two types of operations 
(Fig. 4). The first one is to copy substrings from a particle. The other is to replace 
some substrings with character '*'. If the virus improves the fitness values of particle 
individuals, the copy operator is performed with probability iP , otherwise, the re-

placement operator is performed. 

  
(a) Copy operator                                                   (b) Replacement operator 

Fig. 4.   Incorporation operators 

if mj
i is selected 

if mj
i is not selected ⎩
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1
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3.4   Optimization Procedure 

The procedure of the proposed VEPSO algorithm for solving the optimization prob-
lem of partner selection is described as follows: 

Step 1. Initialize particle swarm: Generate N  particles with random positions: 

NXXX ,...,, 21 , according to Eq. (1). Generate velocities jiv , , ,,...,2,1 Ni =  and 

nj ,...,2,1= , where jiv , ~ )1,0(U . 

Step  2. Initialize virus swarm: Generate 0.1× N  viruses randomly. 
Step  3. Evaluate each particle according to ( )xFxf /1)( =  based on Eq. (12). 

Step  4. Evaluate each virus according to Eq. (5) and (6). 
Step 5. Individual and global best positions updating: If )()( ii Xfpbestf < , then 

ii Xpbest = , and search for the maximum value maxf  among )( ipbestf , If  

max)( fgbestf < ,  maxXgbest = , maxX is the best particle associated with maxf . 

Step 6. Velocity updating: update the i th particle velocity using the Eq. (1) re-
stricted by maximum and minimum threshold maxv and minv . 

Step 7.  Position updating: update the i th particle position using Eq. (3) and (4). 
Step 8. Virus infection using Eq. (7) and constraint checking. If constraint is not 

satisfied, reset to step 7 and repeat step 8 until it is satisfied. 
Step 9.  Virus life force computation using Eq.  (8). 
Step 10. Repeat step 3 to 9 until a given maximum number of iterations is achieved. 

4   Numerical Simulations 

In this section we use a detailed example of partner selection to illustrate the effec-
tiveness of the VEPSO algorithm. A supply chain for some product consists of four 
business processes: design (D), purchase (P), manufacture (M) and sale (S) . Candi-
dates for each business process are presented in Table 1. Our goal is to select one 
candidate from each business process to minimize the objective functions in Eq. (12). 
The internal running cost, reaction time and running risk of each candidate are pre-
sented in Table 2. The link time and cost between candidates are as shown respec-
tively in Table 3. In Table 3, elements on the left lower region of the diagonal line 
represent the link time, and elements on the right-upper region represent the link cost 
between two candidates. 

Table 1. Business processes iE  and their candidate enterprises i

jm  

Business Processes Design Purchase Manufacture Sale 

Candidates D1 D2 P1 P2 P3 P4 P5 M1 M2 M3 M4 S1 S2 S3 
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 Table 2. Internal cost i

jC , reaction time i

jT  and running risk i

jR  of each candidate enterprise 

 D1 D2 P1 P2 P3 P4 P5 M1 M2 M3 M4 S1 S2 S3 

)(i

jT /month 8.8 5.3 7.6 4.5 8.9 10.5 11.8 4.4 9.7 2.4 7.8 9.1 8.3 5.9 

)(i

jC /104 RMB 85.3 74.6 55.5 82.6 91.2 63.2 51.6 99.4 96.5 86.4 92.9 89.7 90.2 84.0 

i

jR  0.3 0.5 0.5 0.2 0.2 0.4 0.4 0.3 0.4 0.2 0.5 0.3 0.3 0.2 

Table 3. Link cost jj

iiC ′
′
,

, (104 RMB) and link time jj

iiT ′
′
,

, ( month) between any two candidates 

 D1 D2 P1 P2 P3 P4 P5 M1 M2 M3 M4 S1 S2 S3 

D1 0 5.3 1.7 2.5 5.8 5.0 5.7 3.2 0.7 3.9 2.3 3.2 3.8 3.7 

D2 5.9 0 2.1 1.6 5.9 4.2 4.1 2.3 4.8 3.6 5.9 2.1 1.2 4.1 

P1 1.9 5.1 0 4.1 2.3 1.4 4.1 5.0 1.6 5.9 3.5 5.9 3.0 3.3 

P2 5.7 1.6 3.7 0 1.1 0.6 1.3 2.0 1.0 4.7 1.1 3.7 1.6 5.5 

P3 5.7 3.3 3.1 2.6 0 3.6 0.8 0.9 4.5 4.3 1.4 4.8 0.6 2.1 

P4 4.1 3.6 0.0 3.8 3.5 0 0.9 5.5 4.5 0.7 4.9 5.1 5.7 4.5 

P5 3.0 2.1 2.4 2.0 4.4 4.9 0 2.6 5.0 1.5 1.1 3.2 3.6 3.5 

M1 0.4 5.2 4.8 5.8 5.1 2.6 4.7 0 5.5 4.5 3.1 0.6 4.8 5.8 

M2 5.9 1.4 1.6 1.5 0.2 0.2 5.9 0.5 0 3.2 3.3 5.7 0.9 0.7 

M3 2.0 1.6 5.2 0.5 1.0 1.7 4.7 3.2 0.8 0 0.9 5.2 0.6 3.5 

M4 3.8 3.2 5.0 4.1 0.0 4.6 2.2 0.8 4.2 2.2 0 1.3 5.6 4.3 

S1 5.6 3.0 2.2 2.8 2.6 1.6 5.3 2.6 4.2 3.9 3.8 0 4.9 5.0 

S2 4.3 5.6 5.8 2.1 2.6 4.8 5.5 1.8 4.2 6.0 3.5 1.8 0 3.6 

S3 3.1 0.5 5.7 5.0 3.3 2.0 0.1 4.7 3.3 3.3 1.5 0.7 5.7 0 

Parameters of the problem are set as: 150=cE , 60=tE , 2.0=rE , 

25.0=cω , 45.0=tω  and 3.0=rω .Parameters of the algorithm are set as: 

100=N , 21 =c , 22 =c , 4max =v  and 4min −=v . Main virus parameters are set as:  

virus swarm size equals to 10, infrate=0.02, α =0.9 and Pi=0.1. Fig. 5-(a) shows a 
typical running of the VEPSO algorithm and it shows that the objective function 

)(xF  quickly converges to the optimal solution as the iteration generation increases 
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Fig. 5. Iteration process of the algorithm 
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The optimum represented by gbest  equals to {10010000010001} with the objective 

functions 2625.2)( =gbestF , which means that the best partner combination is {D1, 

P2, M3, S3}.  Fig. 5-(b) shows that the average value of the whole swarm descends and 
approaches quickly to the best value in Fig. 5-(a).  

Simulation with the discrete PSO proposed by Kennedy and Eberhart (here called 
PSO) is also performed as a comparison with our VEPSO algorithm. We set the PSO 
swarm size and other parameters to be same with the swarm size of the VEPSO. The 
results are also presented in Fig. 5. It shows that the VEPSO algorithm has faster con-
verging speed and better average value than the discrete PSO proposed by Kennedy 
and Eberhart. To present detail comparison further, the above two algorithms are run 
fifty times respectively, and the corresponding statistical results is shown in Table 4. 
From this table, it can be seen that VEPSO algorithm outperforms the PSO algorithm. 

Table 4.  Statistical contrast results of algorithms 

Algorithms 
Mean of number of 

generations 
Standard deviation of 
number of generations 

PSO 10.62 4.28 
VEPSO 7.78 3.79 

5   Conclusions 

This paper presents a virus-evolutionary particle swarm optimization algorithm, 
which has two features of horizontal propagation and vertical inheritance of genetic 
information. VEPSO enhances the global search ability and the refined local search 
ability of available PSOs. Furthermore, an example of partner selection of virtual 
enterprise is presented to show the VEPSO algorithm’s effectiveness and efficiency.  
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Abstract. An innovation long period grating (LPG) synthesis method based on 
intelligent particle swarm optimization (PSO) algorithm is demonstrated to be 
very effective for designing optimized LPG filters. A flatten 3dB loss spectrum 
LPG is designed as an example to show the effectiveness of the PSO algorithm. 
This 3dB LPG is a key component of multi-channel filter in optical communi-
cations and optical sensors. The results showed that the intelligent PSO algo-
rithm is very powerful and can be used for complex optimization problem.  

1   Introduction 

Fiber gratings have been evolved into one of the key optical components and found a 
multitude of applications in optical communications and optical sensor fields [1,2]. 
LPG is one of the most popular transmission-type grating devices, which couples the 
fundamental guided mode to one or more the phase-matched cladding modes. The 
LPG filters have proved to be very useful in band rejection filter [3], high sensitive 
temperature and strain sensors [4], and EDFA gain flattening [5]. Generally specking, 
the uniform LPG has little applications because of the limited transmission loss spec-
trum. In recent years, lots of synthesis methods are developed to design the index 
modulation profile that can produce the specific spectrum applications. These synthesis 
methods can be roughly divided into two groups: the fist group is inverse scattering 
based algorithm including the layer-peeling method, which can be used for both the 
LPG and fiber Bragg grating (FBG) designing [6,7]. For a reasonable spectrum, these 
methods can uniquely determine the index modulation. However, it is generally not 
easy to determine weather the spectrum is reasonable or not, and the couple strength 
generally should not too strong or there will be large divergence. The other kind of 
synthesis methods is the stochastic optimization approaches. Because the FBG or LPG 
filters synthesis is generally a complex optimization problem, so the used optimization 
algorithms are not common sense’s optimization algorithms. The widely used optimi-
zation algorithms for complex problem are evolution algorithms that originate from the 
bioscience. The advantages of these methods are that we can obtain an easily imple-
mented index modulation profile by imposing additional constraints on the solution. 
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The evolutionary programming (EP) and genetic algorithm (GA) are important 
branches of the evolution algorithms, which are probabilistic search algorithms 
gleaned from the organic evolution process [8,9]. EP is relative simple compared with 
the GA) and only use the mutation process of continuous variables and does not use 
the coding and crossover process. However, for both these methods, the controllable 
parameters are problem sensitive and not easy selective properly. Recently, PSO has 
been proposed as a simple and alternative tool for solving optimization problems. 
PSO has been shown to be effective in optimization for multidimensional discontinu-
ous problems. PSO has also been successfully applied in electromagnetic design prob-
lems. In this article, we have successfully utilized this intelligent optimization algo-
rithm to design a LPG with flatten 3dB loss spectrum within the bandwidth about 
100nm. In another example, we designed a single-stage long period grating EDFA 
gain flattening filter for the whole C-band. 

We organized the papers as follows: first we gave the principle of the PSO algo-
rithm and show how to improve PSO algorithm by some modification to the original 
version; second we gave a simple revive about the LPG filters, and focused on how to 
design of LPG by PSO algorithm; third, we demonstrated an design example to prove 
the effectiveness of the improved PSO and the design results are also shown with 
some useful discussions; in the final, conclude remarks are given. 

2   The Principle of PSO 

The PSO algorithm, like GA, is population-based optimisation tool and can be applied 
to virtually any problem that can be expressed in terms of an objective function for 
which extremum must be found [10]. It emulates some aspects of social behaviour of 
a flock of birds and a school of fish. The PSO algorithm is iterative and involves ini-
tializing a number of vectors (particles) randomly within the search space. The collec-
tive of the particles is known as the swarm. Each particle presents a potential solution 
to the problem of the target function. At initial stage, each particle is also randomly 
initializing a vector called particle speed.  During each time step (generation), the 
objective function is evaluated to establish the fitness of each particle using the parti-
cle position itself as the input parameter. Then the particle will fly through the search 
space being attracted to both their personal best position as well as the best position 
found by the swarm so far.  

We make the position of particle i  expressed as ),,( 2,1 idiii xxxX …= and the best 

position of that particle so far expressed ),,( 21 idiii pppp …= . The best position of 

the whole swarm can be expressed as ),,,( 21 gdggg pppp …= . Then the particle 

position update can be expressed as ididid vxx +=  where the idv denote the speed of 

the d dimension component of particle i and expressed as: 

)()()()( 21 gdgdidididid xprandxprandwvv −+−+= φφ                        (1) 

where w  is the inertia weight determining how much of the particle’s previous speed 
is preserved, 21,φφ are two acceleration constants present the cognition part and the 

social part respectively, ()rand is uniform random sequences from {0,1}.  



168 Y. Liu and Z. Yu 

It should be noted that, each particle has the memory ability and could remember 
the best position it has been gone through. What’s more, there is information flow 
among the particles, by which they could communicate with the global particles or 
with the special particles based on some topological neighbourhood structure. Each 
particle updates its speed and position based on its memory and communion informa-
tion of the swarm. So we called the PSO algorithm as intelligent PSO algorithm.  

The absolute value of the current speed determines the searching depth and ex-
pandability in solve spacing. The direction of the speed determines the path by which 
the particle could quickly or slowly go to the best solution. So the speed update is 
very important in the PSO algorithm. Fro the speed update, there are two basic ver-
sions: one employ the weight factor w , A large weight facilities the global explora-
tion, while a small exploration facilities the local exploration; the other one employ 
the K factor, which has proved to be better than the first one in success probability 
and searching speed [8]. Thus, in later sections, the position vectors and speed vectors 
in our paper are mainly based on the constriction factor factor K technique, which 
describes in detailed as follows: 

( )(
( ))

1

2 min max

()

() ,

0,

id id id

id gd id id

id

K v rand p x

v rand p x x x x

v otherwise

φ

φ

⎧ + −
⎪⎪= + − < <⎨
⎪

=⎪⎩

   

  

              (2) 

, min max

max, max

min, min

id id id

id id

id

x v x x x

x x x x

x x x

⎧ + < <
⎪

= ≥⎨
⎪ ≤⎩

  

  

  

       

       

                                             (3)                    

where K is computed as:
1

22 2 4K ϕ ϕ ϕ
−

= − − − , 1 2ϕ φ φ= + , 4ϕ > . 1φ , 2φ are 

constants  represents the social learning and self recognition components and set 1.1 
and 3.0 respectively in our algorithm. Just as can be seen in (2), we used the absorber 
boundary conditions when the one components of the particle vector overcome the 
boundary. In other PSO literatures, boundary selection problem have been studied and 
show that reflection and trap boundary generally can produce better performance. 

The iterative process will continue using the formula (2) until the extremum has 
been found or the number of iteration reached the maximum value. The algorithm in 
pseudo-code follows:[11]  

Intialize population 
Do  
For 1i =  to population swarm size 

If ( ) ( )i if x f p<G G
 then ii xp

GG
=  

( )ming neighorsp p=G G
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      for 1d =  to Dimension 

( )
( )

, , 1 , ,

2 , ,

()

        ()

i d i d i d i d

g d i d

v wv rand p x

rand p x

ϕ

ϕ

= + −

+ −
 

       ( ) ( ), , , maxmin ( ),i d i d i dv sign v abs v v=  

       dididi vxx ,,, +=  

    Next  d   
Next i  
Until termination criterion is met 

 

Fig. 1. Two possible particles swarm local topological structures used for LPSO 

The ability of avoiding being trapped into the sub optimal is an important factor to 
evaluate the performance of an algorithm. Fro the PSO algorithm, it provides the 
selective topological structures to solve this problem. The two most common used 
structures are known as a global neighbor and a local neighbor. In the global 
neighborhood structure, the trajectory of each particle’s search is influenced by the 
best position found so far and the other particles of the entire swarm. The local 
neighborhood structure allows each individual particle to be influenced by only some 
small number of adjacent members. A kind of lore has evolved regarding these so-
ciometric structures. It has been thought that the global structure converges rapidly 
on problem solutions but has a weakness of being rapidly on problem solutions but 
has a weakness of being trapped into local optima, while the local structure can flow 
around local optima and avoids being trapped into local optima. In this paper we use 
two possible structures just as in reference [7,9] Generally, there are two kinds of 
topological neighborhood structures, global neighborhood structure, corresponding 
to the global version of PSO (GPSO), and local neighborhood structure, correspond-
ing to the local version of the PSO (LPSO). For the global neighborhood structure 
the whole swarm is considered as the neighborhood, while for the local neighbor-
hood structure some smaller number of adjacent members in sub-swarm is taken as 
the neighborhood. In the GPSO, each particle’s search is influenced by the best posi-
tion found by any member of the entire population. In contrast, in LPSO, the search 
is influenced only by parts of the adjacent members. It is widely believed that GPSO 
converges quickly to an optimum but has the weakness of being trapped in local 
optima occasionally, while the LPSO is able to “flow around” local optima, because 
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the sup-swarm explore different regions in hyperspace. To improve the search abil-
ity, for the simple applications, we can use the GPSO algorithm and get the opti-
mized solution in short searching time. For the complex applications, we used the 
LPSO algorithm to improve the probability of finding the best global solution. The 
two possible topologies for LPSO are shown in Fig.1 [12]. 

3   Analysis and Optimization of LPG 

The coupled mode equations describing the coupling in long period fibre gratins are 
given by [13] 

AiikBdzdA δ−−=  

                              BiikAdzdB δ+−=                                                 (4) 

where A  B  are respectively the amplitude of the guide mode and cladding mode, 
k is the couple strength, Λ−Δ πλπδ neff＝ represents the detuning and  

clacorneff nn −=Δ , where corn and clan  are the effective refractive index, and Λ  is 

the period of the LPG. For the uniform LPG there exist analytic solution for the equa-
tion (2). If only one cladding mode is excited, the un-uniform LPG of the equation 
can be solved by the transfer-matrix method. The LPG is assumed to be divided into 
N  sections and each section is treat as a uniform LPG in index modulation and pe-
riod, and then the transmission characteristics of the whole grating can be expressed 

as ∏
=

=
N

i
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, where iT is the transmission matrix of the section i . 
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where 22
iii k δ+=Ω , then the transmission of the whole LPG can be expressed as: 

                           22

22 11 12 21( )

T
t

T T T T
=

−
                                              (6) 

In our problem, we first define an error function to evaluate the fitness of the parti-
cles (each particle is a set of the index modulations). The spectral window are divided 
into m discrete wavelength, the sum of the weighted errors is normally used as cost 
function. 
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where the )( iParticleErr is the deviation of the calculated spectrum of particle 

i from the target spectrum, lettT ,arg  is the target spectrum component at the sampling 

point l , liT , is the calculated spectrum component of particle i  at the sampling point 

l , and lσ  is the uncertainty at the sampling point l . At the parts where the spec-

trum should be fitted better, the uncertainties should be smaller, to obtain good per-
formance. In the simulation, we have to specify the upper and lower bounds of the 
grating physical parameters that should be optimized. The N particles are randomly 
initialized and each particle is a set of the grating index modulation parameters. In 
the upper and lower bonds the parameters values are continuous. The parameters of 
PSO algorithm is set as: 1.11＝φ , 0.32 =φ , 20=N , 500=l , and w  is tunable pa-

rameter expressed as: 

))(/()( minmaxmaxmax wwiteriterwiterw −−=                               (8) 

where iter and maxiter are the current and the maximum iteration number respectively. 

The advantage of tunable inertia weight are as follows: At the beginning stage, the 
inertia weight can be set a large value, so we can expand the searching space, when 
the potential particle has been approached to the best solution, the inertia weight must 
be very small, which make the PSO can implement elaborate searching around the 
best solution and avoiding escaping from the best solution to bad solutions. To im-
prove the convergence solution to be the best results, we used local PSO (LPSO) 
where a special neighbor topology is introduced [12]. This can be seen in Fig.1, which 
shows two possible topologies used in our simulation. 

4   Numerical Results and Discussions 

In this section, two examples are demonstrated to test the effectiveness of the PSO 
algorithm for complex optimization designing problems in the fields of optical  
devices.  

Mini Das proposed an improved version to realize wavelength multiplexing isola-
tion filter using concatenated chirped LPG [14]. Although the introducing of chirp 
increased the useful channels by extending the loss window of the single LPG, how-
ever, to get high isolation between the channels, the key factor is to design the flat 
loss spectrum of the single LPG approach to 50%. The loss spectrum of the chirped 
LPG is approximately to be parabolic curve, which limited the useful channels, oth-
erwise, in the chirp-type cascaded filter, the isolation undulation among the channels 
are very large. To overcome these problems, the best method is to design a wide 
bandwidth 3dss LPG filter within the bandwidth of 100nm, and the characteristics of 
the LPG pair interferometer made of two identical designed LPGB LPG filter. In the 
first example, we designed a 3dB loss sandwiched a standard fiber are also  
discussed.  

The target spectrum loss in the region of 1500nm to1600nm should be 3dB, and 
outer the bandwidth the spectrum loss is 0. In our problem we mainly focus on the 
3db loss bandwidth range. Fig.2 shows the optimized index modulations envelop 
using the improved LPSO method. In our simulation, we divided the fibre grating into 
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80 sections of the same length and assumed the index modulation in each section is 
unchanged; the whole length of the LPG is 5cm, the center resonance wavelength is 
1550nm, the grating period is uniform along the whole LPG, the effective index dif-
ference between the core mode and cladding mode is 0.01. As can be seen, the  
designed index modulation profile is just like a sinc function, and the envelope is 
approximately symmetry. The maximum index modulation position is located in the 
center of the LPG, and the index modulation amplitude is less than 42 10−× , so it is 
easy to realize such device for the low index modulation. Fig.3 (a) shows the output 
spectrum of the core mode of the single stage LPG calculated by the couple mode 
equation using the transfer matrix method. As can be seen, within the 100nm band-
width that starts from 1500nm to 1600nm, the designed spectrums agree well with the 
target spectrums. There is a little divergence around the side band where the target 
transmission loss spectrum is a steep step, and break the continuity fortunately, how-
ever, those parts are not useful to our problem, and we are not concern about those 
region. Fig.3 (b) shows the divergence degree of the designed spectrum from the 
target spectrum within part of the useful bandwidth, we can see the divergence ripple 
is less than 0.0002± , the influence of the divergence on the transmission to the LPG 
pair interferometer can be ignored.  

Fig.4 (a)  shows the interference spectrum of the two identical optimized LPGs pair 
interferometer that made by cascading two LPGs together, and length of the sand-
wiched fibre between them is 20cm. We can see, in the bandwidth scope of more 
than100nm, the isolation degree at the stop bands is larger than 30db. What’s more, 
the isolation undulation among channels is very small, and almost all the channels are 
in equal operation in the 100nm bandwidth region. This is because of the little diver-
gence between the designed spectrum and that of the idea 3dB transmission loss filter. 

 

Fig. 2. The optimized index modulation envelop for 3dB LPG transmission spectrum 

The channel spacing is about 1nm, so there are more than 100 useful equal spaced 
channels produced by the LPGs pair. To give a clear picture, Fig.4(b) shows part 
transmission spectrum of Fig.4 (a), in the central part, the isolation degree is about 
40dB. The channel spacing can be tuned by changing the length of sandwiched fibre. 
With increasing the length of sandwiched fibre, the channel spacing will become 
narrower and we will get more useful channels. Fig.5 shows part of the delay spec-
trum, as can be seen, the dispersion effect of each pass band can be ignored, this is 
because the produced scheme of the channels are by interference, and the devices are  
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operated at transmission not reflection style. For single LPG, the delay difference 
acquired due to the group velocity difference between the core mode and cladding 
mode can cause the dispersion effect. But, in the devices discussed above, the whole 
length of the grating and the sandwiched fibre is very small, resulting a negligible 
dispersion. These characteristics make the device are very potential as interference 
filter in wave division multiplexing (WDM) systems.    

 
                                    (a)                                                     (b) 

Fig. 3. The designed (solid line) and target (dotted line) transmission spectrum for the cladding 
mode (a) , The transmission spectrum ripples of the designed LPG(b) 

 
                                   (a)                                                            (b) 

Fig. 4. The interference spectrum of the LPGs pair with inserted single mode fibre is 20cm (a), 
(b) is part of the transmission spectrum of (a)  

 

Fig. 5. The delay spectrum of the LPGs pair (only show part of the whole delay spectrum) 
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5   Conclusions 

In conclusion, we proposed a novel synthesized method based on the improved intel-
ligent LPSO algorithm. To make the algorithm convergence to a global optimal or a 
better sub-optimal, a special topology is used in our problem. An example to design a 
flatten loss spectrum in a large bandwidth that approach 50% is demonstrated to test 
the effectiveness of the algorithm. From the optimized LPG’s sinc-type index modu-
lation profile, we obtained a flat transmission spectrum in bandwidth of 100nm with 
the transmission loss approximately to be 50%. A numerical simulation showed the 
performance of the cascaded isolation filter consisted of two identical LPGs. A large 
number high isolation channels uniformly distributed in about 100nm bandwidth, so 
this type of filter is very suitable for used in the WDM systems. Compared with the 
chirped LPGs used for isolation filter, the LPG optimized by our method is easy to 
realize because there no chirp introduced. Otherwise, the isolation undulation is far 
less than cascading of two chirped LPGs. Based on the studied results, we believe that 
the LPSO algorithm is an effective inveiglement algorithm for optimally designing 
complicated LPG and other fibre grating filters. Since the LPSO is a stochastic search 
approach in nature, the required computation time cannot be precisely predicted. 
However, the advantage computer hardware can remedy this disadvantage. Other-
wise, we may change some PSO control parameters to accelerate the convergence 
speed. 
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Abstract. This paper proposes kalman particle swarm optimization algorithm 
(KPSO), which combines kalman filter with PSO. Comparison of optimization 
performance between KPSO and PSO with three test functions shows that 
KPSO has better optimization performance than PSO. The combination of 
KPSO and ANN is also introduced (KPSONN). Then, KPSONN is applied to 
construct a soft-sensor of acrylonitrile yield. After comparing with practical in-
dustrial data, the result shows that KPSONN is feasible and effective in soft-
sensor of acrylonitrile yield. 

1   Introduction 

Particle swarm optimization (PSO) is a stochastic optimization technique developed 
by Dr. Eberhart and Dr. Kennedy in 1995 [1], inspired by social behavior of bird 
flocking or fish schooling. PSO has been successfully applied in many areas: function 
optimization, neural network training, fuzzy system, and other areas where GA can be 
applied [2]. But, PSO suffers from an ineffective exploration strategy, especially 
around local optimal [3], thus can’t find best solution as quickly as it can. 

This paper presents an approach to particle motion that significantly speeds the 
search for global optimal fitness while improving on the premature convergence prob-
lems. The algorithm presented here, kalman particle swarm optimization algorithm 
(KPSO), bases its particle motion on kalman filtering and prediction. 

2   The Kalman Particle Swarm Optimization Algorithm 

The basic PSO assumes that each particle is a data structure that keeps track of its 
current position x  and its current velocity v . Additionally, each particle memorizes 
the “best” position (best fitness) it has obtained in the past, denoted as p . The index 

of the global best particle is denoted as g . Each iteration step, the particle updates its 

position and velocity according to the following equations [1]: 

)(())(() 211 tttt xgRandcxprandcvv −⋅⋅+−⋅⋅+⋅=+ ω                     (1) 

   11 ++ += ttt vxx                                                                                         (2) 
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Where, ω  is inertia weight. 1c  and 2c  are acceleration constants. ) (rand  and 

) (Rand  are random numbers between [ ]1,0 .  

Kalman filters involve taking noisy observations over time and using model infor-
mation to estimate the true state of the environment [4]. The kalman filter is limited to 
normal noise distributions and linear transition and sensor functions and is therefore 
completely described by several constant matrices and vectors. Specifically, given an 
observation vector 

1+tZ , the kalman filter is used to generate a normal distribution 

over a belief about the true state. The parameters 
1+tm  and 

1+tV  of this multivariate 

distribution are determined by the following equations: 
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Where, F  and 
xV  describe the system transition model while H and zV  describe the 

sensor model. The equations require a starting point for the filtered belief, represented 
by a normal distribution with parameters 

0m  and 
0V , which must be provided. The 

filtered or “true” state is then represented by a distribution: 

),(~ ttt VmNormalx                                               (6) 

Here, the mean tm  is sampled once to obtain the value. After describing how to con-

struct kalman filter, yielding 
tm  from 

tZ , a simple form of prediction involves ap-

plying the transition model to obtain a belief about the next state '
1+tm : 

tt Fmm =+
'

1
                                                       (7) 

KPSO defines particle’s motion entirely according to kalman prediction. Each par-
ticle keeps track of its 

tm , 
tV , and 

tK . The particle then generates an observation for 

the kalman filter with the following equations: 

)( xgzv −= φ ;        
vp zxz += ;        ),( T

v
T

p zzZ =                         (8) 

Where, φ  is drawn uniformly from [0, 2.05]. The observation is then used to generate 

tm  and 
tV  according to equations (3), (4), and (5). Once the filtered value is obtained, 

a prediction '
1+tm  is generated using equation (7), then, 

),(~ 121 +++ ′ ttt VmNormalX                                         (9) 

The new state of the particle is obtained by sampling once from this distribution. 
The position of the particle may be obtained from the first half of 

1+tx . 

KPSO algorithm can be summarized in the following steps: 

Step1: Initialize the parameters of KPSO and the position of each particle. 
Step2: Evaluate the fitness of each particle according to the objective function. 
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Step3: Update the parameters of system according to equations (3)-(8). 
Step4: Update the new position of each particle according to equation (9). 
Step5: Update the fitness of each particle according to the objective function. 
Step6: If necessary, update and store the global best particle of whole swarm. 
Step7: If the stopping condition is not satisfied, go to step3. Otherwise, stop and 

obtain the result from the global best position and the global best fitness. 

3   Experiment and Discussion 

KPSO was compared with PSO to three test functions: Sphere, DejongF4, and 
Griewank. The three test functions are described as follow: 

∑
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The success rate and average convergence step are very important for any optimi-
zation algorithm. In order to compare the optimization performance of KPSO and 
PSO, the test experiment is designed as follows: The maximum value of iteration step 
is set to 2000, ω  decay from 1.8 to 0.06, 

1c , 
2c are set to 2, the population of KPSO 

and PSO are set to 30, the error limit for fitness is 10-5. For every test function, there 
are 100 times of independent tests to be carried out. Then, test results are statistical 
accounted, averaged and summarized in Table 1. 

Table 1. Optimization results for the three test functions with KSPSO and PSO 

Functions Algorithm Ave. fitness Best fitness Success rate, % Ave. step 
KPSO 0.0000 0.0000 100 863.7 Sphere PSO 1.8572 0.0000 83 1812.4 
KPSO 0.0000 0.0000 100 507.8 DeJongF4 PSO 5.3389 0.0000 63 1744.6 
KPSO 0.1220 0.0000 94 713.1 Griewank PSO 26.1992 0.0000 53 1800.1 

 

It is clear from Table 1 that KPSO can find the global best fitness more easily and 
more quickly than PSO and KPSO can obtain better fitness than PSO. These results 
show that KPSO has better optimization performance than PSO. 

4   KPSO’s Application in Soft-Sensor of Acrylonitrile Yield 

In process of acrylonitrile, acrylonitrile yield is one important guideline. It is impor-
tant and useful for chemical plants to get the acrylonitrile yield. KPSO is applied to 
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train NN to construct neural networks called KPSONN. Here, KPSONN is used to 
construct a soft-sensor of acrylonitrile yield. The soft-sensor chooses six input signals 
that include pressure of reacting, temperature in middle unit, quantity of pure acry-
lonitrie, air percent, ammonia percent, and velocity of reacting. The output signal of 
the soft-sensor is acrylonitrile yield. This paper have trained the soft-sensing model 
by 267 groups of training sample data which is processed by error-detection, smooth-
ing, normalization. After model learning and accounting, average variance is 0.342; 
average value of error is 0.221. This result shows that the fitness precision between 
the model’s predictive values and real values is high. Then the soft-sensing model is 
examined by another 50 groups of examining sample data. The comparison between 
predictive values and real values is showed in Fig. 1. 
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Fig. 1. The comparison between predictive values with KPSONN and real values 

In 50 groups of examining sample data, average variance is 0.198; average value of 
error is 0.160. These data and Fig. 1 show that the predictive precision between the 
model’s predictive values and real values is high. 

5   Conclusion 

KPSO is a new improved PSO algorithm. KPSO can find the global best solution 
effectively, and has better performance than PSO. KPSO is feasible and effective in 
soft-sensor of acrylonitrile yield. 
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Abstract. A novel method of data fitting via chaotic ant swarm (CAS)
is presented in this paper. Through the construction of a suitable func-
tion, the problem of data fitting can be viewed as that of parameter
optimization, and then the CAS is used to search the parameter space
so as to find the optimal estimations of the system parameters. To in-
vestigate the performances of the CAS, the CAS is compared with the
particle swarm optimization (PSO) on two test problems. Simulation
results indicate that the CAS achieves better performances.

1 Introduction

Data fitting is one of the crucial steps to analyze the data produced in experi-
mental, social, and behavioral science, because it can not only explain the data
but also do some predictions for the future. Data fitting includes three impor-
tant steps: Firstly choose a suitable function flexibly from a linear, polynomial,
exponential function or any other function in accordance with the changing ten-
dency of the data; Secondly determine the parameters of the chosen function by
using some kind of method; Finally make the sum of square errors tend to zero
infinitely. Thus, we can convert the problem of data fitting to that of parameter
optimization of the chosen function.

Many data fitting techniques have been proposed recently, such as data fitting
by spline function, exponential data fitting. In this paper we present a novel
method based on the CAS [1,2] to solve the problem of data fitting.

The remainder of this paper is organized as follows. Section 2 reviews the
CAS. Section 3 describes the parameters estimation process of data fitting via
the CAS. Section 4 compares the CAS with the PSO [3] on two problems of data
fitting and gives the discussions. Finally, a summary is given in section 5.

2 Chaotic Ant Swarm Optimization

By connecting the chaotic behavior of individual ant with the intelligent op-
timization actions of ant colony, a novel optimization method, the CAS, was

L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 180–183, 2006.
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developed. To explain their connection, the organization variable is introduced
to adjust the chaotic behavior of individual ant and lead the individual to move
to the new position acquired the best fitness eventually. In this paper we use
the global version of the CAS in which the whole swarm is considered as the
neighborhood. In this version the ants are manipulated according to (1):

⎧
⎪⎪⎨

⎪⎪⎩

yi(t) = yi(t− 1)(1+ri)

zid(t) = (zid(t− 1) + 7.5
ψd

× vi)
×exp((1 − exp(−ayi(t)))(3 − ψd(zid(t− 1) + 7.5

ψd
× vi)))

− 7.5
ψd

× vi + exp(−2ayi(t) + b)(pid(t− 1) − zid(t− 1)) .

(1)

where i = 1, 2, · · · , N , N is the swarm’s size. t means the current time step. yi(t)
is the current organization variable of ant i, yi(0) = 0.999. ri(0 < ri < 1) is the
organization factor of ant i. ψd(ψd > 0) determines the selection of the search
range of dth element of variable in search space . If the interval of the search
is [0, ωd], we can obtain ωd ≈ 7.5

ψd
. vi(0 < vi < 1) determines the search region

of ant i. a is a sufficiently large positive constant. b(0 ≤ b ≤ 2
3 ) is a constant.

pid(t − 1) is the best position found by the ith ant and its N − 1 neighbors
within t− 1 steps. zid(t) is the current state of the dth dimension of ant i, and
zid(0) = 7.5

ψd
× (1 − vi) × rand(1) where rand(1) is a random number uniformly

distributed within the range [0, 1].
Equation (1) describes the search process of the CAS. The organization vari-

able is used to control the chaotic process of ant moving, and its influence on the
ant’s behavior is very weak initially. That is, initially the organization capabili-
ties of the ants are very weak so that a non-coordinated process occurs which is
characterized by the chaotic walking of ants. This phase lasts until the influence
of organization on the individual behavior is sufficiently large. Then, the chaotic
behavior of the individual ant disappears and a coordination phase starts. That
is, ants do some further searches and move to the best position which they have
ever found in search space. Throughout the whole process, these ants exchange
information with other ants, then compare and memorize the information.

3 Parameters Identification of Data Fitting Via the CAS

In this paper, the chosen function is y = f(x, c), where x = (x1, · · · , xM )T is
the state vector, and c = (c1, c2, · · · , cl)T is the unknown parameter vector. The
fitness function was defined: F =

∑M
k=1 [yk − f(xk, c)]2, where (xk, yk) is one

known point of the data and M is the number of the known points. The parameter
identification process of data fitting via the CAS is expressed as follows:

1. Randomly generate the organization variable factors and the initial posi-
tions of all ants in the respective search space, where the initial position of the
ith ant is ĉi = (ĉi1, · · · , ĉil)T and ĉi is the estimation of c;

2. Compute fitness values of N ants according to the fitness function, and
then find the minimal fitness value Fmin among N ants and its coordinates p;
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3. Change organization variables and current states of N ants according to
(1), and then find the current minimal fitness value Fmin′ among N ants and its
coordinates p′. If Fmin′<Fmin, we assign Fmin′ to Fmin, and assign p′ to p;

4. Repeat step 3 until a given maximal number of iterations is achieved.

4 Experimental Results

In our experimental study, the CAS was compared with the PSO to investigate
the performances of the CAS by two test problems [4] of data fitting. The two
test problems were defined in Table 1, and their figures were reported in Fig.1.
According to the changeful tendency of the points in Fig.1, the chosen function
is f(x) = c1x + c2x

2 + · · · + clx
l for Test problem 1 while the chosen function

was f(x) = c4/(c1 + ec2x+c3) for Test problem 2. For each test problem, the
parameters of the CAS were a = 200, b = 7

12 , ψd = 0.75, ri = 0.05 + 0.1 ×
rand(1), vi = rand(1), and the parameters of the PSO were c1 = c2 = 0.5,
ω was gradually decreased from 1.2 toward 0.4 during the three quarters of the
maximum allowed number of iterations. For each test problem using the CAS and
the PSO, the maximum number of allowed function evalutions was set to 500,
and 50 experiments were performed, starting from the range [−10, 10]l, where l
was the dimensions of the corresponding problem. By the search of the CAS, the
best function is f(x) = 2.9972x− 4.7480x2 +2.1553x3 +3.1261x4 − 2.5478x5 for
Test problem 1 while f(x) = 3.5523/(3.5666+e−2.0325x+1.2574) for Test problem
2. The search results of the CAS and the PSO are reported in Table 2. From
Table 2, the CAS achieves better performances.

Table 1. Starting with the following set of data for each test problem

Test problem X 0.0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1.0
1 Y 0.00 0.30 0.40 0.55 0.63 0.71 0.77 0.84 0.89 0.95 1.00

Test problem X -2.0 -1.6 -1.2 -0.8 -0.4 0.0 0.4 0.8 1.2 1.6 2.0
2 Y 0.018 0.039 0.083 0.168 0.310 0.500 0.690 0.832 0.917 0.961 0.982
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Fig. 1. (a) is the simulation for Test problem 1 while (b) is for Test problem 2
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Table 2. The experimental results for Test problem 1 and Test problem 2

Test problem Test problem 1 Test problem 2
experiment method CAS PSO CAS PSO CAS PSO CAS PSO
dimension number 3 3 4 4 5 5 4 4
best fitness value 0.0059 0.0060 0.0059 0.0063 0.0043 0.0046 0.0015 0.0051

the mean 0.0222 0.0279 0.0508 0.0512 0.0375 0.0382 0.0016 1.3999

5 Conclusions

This paper not only presents a novel method based on the CAS to cope with
the problem of data fitting, but also investigates its performances to solve the
problem of data fitting by comparing with the PSO. Experimental results show
the CAS achieves better performances. In conclusion, the CAS is an efficient
alternative for solving the problem of data fitting.
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Abstract. The discrete particle swarm algorithm for binary constraint
satisfaction problems (CSPs) is analyzed in this paper. The analysis de-
notes that ϕ1 and ϕ2 are set to 0 may be a heuristic similar to min-conflict
heuristic. The further observation is the impact of local best positions. A
control parameter pb is introduced to reduce the effect of the local best
positions. To improve the performance, simulated annealing algorithm
is combined with the discrete particle swarm algorithm, and the neigh-
borhood exploring in simulated annealing is carried out by ERA model.
Eliminating repeated particles and Tabu list avoiding cycling are also
introduced in this paper. Our hybrid algorithm is tested with random
constraint satisfaction problem instances based on phase transition the-
ory. The experimental results indicate that our hybrid discrete particle
swarm algorithm is able to solve hard binary CSPs.

1 Introduction

Particle Swarm Optimization (PSO) is a stochastic search technique developed
by Kennedy and Eberhart[1], which is inspired by the behavior of bird flocking
and fish schooling. PSO exploits a population of potential solutions to probe the
search space. Each particle is assigned a randomized velocity and is iteratively
moved through the search space. PSO is widely used as optimizer for continuous
nonlinear functions. Many experimental results denote that PSO is a excellent
stochastic search method on continuous numeric optimization problems. Basi-
cally the PSO is developed to solve non-constrained optimization problems. But
recently PSO is proposed to solve constrained optimization problems[2],[3] and
integer programming[4]. Constraint satisfaction problems are usually discrete
and are not so easily solved by PSO. [5] proposed a discrete particle swarm al-
gorithm to solve binary constraint satisfaction problems (we call it PS-CSP),
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which is a general version of Clerc’s[6]. The experimental results indicate the
discrete PSO is competitive with other algorithms such as HC, ant colony[7].

The remainder of this paper is organized as follows: Section 2 provides a
short overview of constraint satisfaction problem and the discrete particle swarm
algorithm PS-CSP, outlining the basic concept of CSP and the basic operations
redefined in PS-CSP. PS-CSP is analyzed in Section 3 and a substituted version
is proposed to improve the performance. In Section 4 the simulated annealing
is introduced to enhance the global best particle, the neighborhood particle in
simulated annealing is generated by ERA model. In Section 5 we add nohope to
increase the opportunity for searching and add tabu list to prevent cycle in the
search procedure. Some experimental results are given in Section 6. Section 7 is
the conclusion.

2 Preliminaries

A Constraint Satisfaction Problem (CSP) is a triplet (X, D, C), here X =
{X1,X2, . . . , Xn} is a set of Variables, which may take on values from a set of
domains D = {D1,D2, . . . , Dn}, and a set of constraints C = {C1, C2, . . . , Cm}.
A constraint Ci on the ordered set of variables X(Ci) = (X1, . . . , Xn) is a subset
of the Cartesian product D(X1) × . . . × D(Xn) that denotes the compatible
pairs of value for variable X1, . . . , Xn. A binary constraint Cij on variable Xi

and Xj is a set of pairs, Cij allows for Xi to take the value vi and Xj to take the
value vj iff (vi, vj) ∈ Cij and we say the binary constraint is satisfied otherwise
it is violated. We call a CSP binary constraint satisfaction problem iff all the
constraints in CSP are binary constraints. Conflict number of x is the number
of constraints who contain the variable x and violate the current assignment,

conflict(x) =
|C|∑

i=1
violate(ci). A solution of a constraint satisfaction problem is

an assignment of values to the set of X such that all the constraints are satisfied
simultaneously.

PS-CSP is a discrete particle swarm algorithm based on the idea of[6],[8],
which redefined the operators for velocity. PS-CSP throws all the particles into
the problem space just the same as the basic particle swarm algorithm does at the
initial phase. Velocity is a real number in basic particle swarm algorithm while
the subtraction of two positions resulting in a velocity in PS-CSP. Supposing
→
x and

→
y are positions. Then

→
v =

→
x �→

y = {→y → →
x} denotes a velocity. The

long arrow indicates the change of position. Additional operators need to be
redefined for the changing of velocity. The addition of a position with a velocity
results in a position,

→
x ⊕→

v , where suppose
→
x is a position and

→
v =

→
z �→

y . Then
→
x ⊕→

v equals the position produced in by
→
x ⊕→

v =
{
zi if xi = yi
xi otherwise

. The next

operator is a velocity add another velocity resulting in a new velocity
→
v ◦→

w,
where

→
v =

→
b �→

a ,
→
w =

→
y �→

x . Then the newly created velocity is
→
v ◦→

w ={
ai → yi if bi = xi
ai → bi otherwise

. The last operation is the multiplication of a velocity and a
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coefficient, according to a corresponding position. The multiplication results in a
velocity vector ϕ⊗→

v , where
→
v =

→
y �→

x . The result velocity vector produced in

by ϕ⊗→
v =

{
xi → xi if nbconfi ≤ ϕ
xi → yi otherwise

, nbconfi is the conflict number of position
→
x with offset i . The calculation of conflict number uses the equation defined
above. At last the main formulations of the discrete particle swarm algorithm
can be rewritten as follows:

→
v t = (ϕ1 ⊗ (

→
p �→

x t−1)) ◦ (ϕ2 ⊗ (
→
g �→

x t−1)) (1)

→
x t =

→
x t−1 ⊕ →

v t (2)

3 Analysis of the Discrete Particle Swarm

The formula (1) is partitioned into two parts in the algorithmic description of
[5], i.e.

→
v t = v′ ◦ v′′, where v′ = ϕ1 ⊗ (

→
p �→

x t−1) and v′′ = ϕ2 ⊗ (
→
g �→

x t−1).
With the definition of the operators in Section 2, we can see that v′ can be re-

garded as
∣
∣xt−1
ij → bestSoFarij if nbConf > ϕ1

xt−1
ij if nbConf ≤ ϕ1

∣
∣
∣
∣ and v′′ can be

∣
∣xt−1
ij →

Rand if nbConf > ϕ2 and deflection
globalBestj if nbConf > ϕ2 and not deflection
xt−1
ij if nbConf ≤ ϕ2

∣
∣
∣
∣
∣
∣
, where nbConf is the

conflict number of variable xj , deflection is a sufficient small positive real
value of the threshold for random selection. Then we get the addition of two
velocities with v′ and v′′. We have the formula

→
v t = v′ ◦ v′′ =

∣
∣xt−1
ij →

bestSoFarij if nbConf > ϕ1

xt−1
ij if nbConf ≤ ϕ1

∣
∣
∣
∣ ◦

∣
∣xt−1
ij →

Rand if nbConf > ϕ2 and deflection
globalBestj if nbConf > ϕ2 and not deflection
xt−1
ij if nbConf ≤ ϕ2

∣
∣
∣
∣
∣
∣

and have

→
v t =

∣
∣xt−1
ij →

bestSoFarij if nbConf > ϕ1 and xt−1
ij �= bestSoFarij

Rand if nbConf > ϕ2 and deflection
globalBestj if nbConf > ϕ2 and not deflection
xt−1
ij if nbConf ≤ ϕ2

∣
∣
∣
∣
∣
∣
∣
∣

(3)
After the update of the velocity at time (iteration) t with formula (3), we achieve
the position at time t as follows

→
x t =

→
x t−1 ⊕ →

v t =

→
x t−1⊕ ∣

∣xt−1
ij →

bestSoFarij if nbConf > ϕ1 and xt−1
ij �= bestSoFarij

Rand if nbConf > ϕ2 and deflection
globalBestj if nbConf > ϕ2 and not deflection
xt−1
ij if nbConf ≤ ϕ2

∣
∣
∣
∣
∣
∣
∣
∣

,
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i.e.

xtij =

⎧
⎪⎪⎨

⎪⎪⎩

bestSoFarij if nbConf > ϕ1 and xt−1
ij �= bestSoFarij

Rand if nbConf > ϕ2 and deflection
globalBestj if nbConf > ϕ2 and not deflection
xt−1
ij if nbConf ≤ ϕ2

(4)

We can see from formula (4) that ϕ1 and ϕ2 play important roles in the update
of position throughout the search procedure. Their values determine whether the
PS algorithm converges or not. PS-CSP tests both ϕ1 and ϕ2 being set to 0 and
1 respectively. Results indicate that better performance it can achieve when
ϕ1 and ϕ2 are set 1 and the diversity is enhanced too. Higher diversity means
more powerful global search ability. In fact if we consider the fourth element in
formula (4) we can see that ϕ2 being set to 1 may not as efficient as mentioned
in PS-CSP.The position value of xij is reserved into the next iteration even if
xij exists conflict (i.e. nbConf = 1) when ϕ2 is set to 1. Thus the algorithm
remains the conflicting value in the population and it does not converge until
each the position value happens to have non-conflict. It is obvious that the non-
conflict position value propagates from time (iteration) t− 1 to t when ϕ2 is set
to 0. In fact ϕ2 is set to 0 is a heuristic similar to min-conflict heuristic. The
same situation can be applied to ϕ1, i.e. we replace the current position value
by bestSoFarij only non-conflict exists. Although ϕ1 and ϕ2 be set to 0 reduces
the diversity in the population, the experiments indicate they are more efficient,
and we produce in an opposite result as did in PS-CSP. Thus in our algorithm
we merge ϕ1 and ϕ2 into another parameter, namely ϕ. ϕ is set to 0 in our
experiments. Now we get the particle swarm algorithm as follows:

→
v t = ϕ⊗ ((

→
p �→

x t−1) ◦ (
→
g �→

x t−1)) (5)

→
x t =

→
x t−1 ⊕ →

v t (6)

The update of xij is refined as follows:

xtij =

⎧
⎪⎪⎨

⎪⎪⎩

bestSoFarij if nbConf > ϕ and xt−1
ij �= bestSoFarij

Rand if nbConf > ϕ and deflection
globalBestj if nbConf > ϕ and not deflection
xt−1
ij if nbConf ≤ ϕ

(7)

bestSoFarij is a local attractor. In the update of xij , the conflict is checked at
first. If the conflict is larger than 0 then the equality of xij and bestSoFarij is
determined. If xij �= bestSoFarij then bestSoFarij is assigned to xij directly
and entered into the next iteration. In some certain extremely situation when
bestSoFarij unsatisfies the constraints and so does globalBestj , the only way
to satisfy nbConf ≤ ϕ is to select random value (Rand in algorithm). But
deflection itself is a very small positive value (the quasi-optimal value is 2/n),
thus xij always wanders about the bestSoFarij and globalBestj , which may
decrease the performance of the algorithm. We believe that the search ability
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can be enhanced if the bestSoFarij is reduced, and the particles converge to the
global best particle is a good strategy. We add a control parameter pb ∈ [0, 1] to
the first part of the formula (7). The algorithm assigns bestSoFarij to xij for
entering the next iteration with probability pb when nbConf > ϕ and xij �=
bestSoFarij . We define a operator • to denote the probability selection. At last
the discrete particle swarm algorithm is as follows:

→
v t = ϕ⊗ ((deflection • (Rand�→

x t−1)) ◦ (pb • (
→
p �→

x t−1)) ◦ (
→
g �→

x t−1)) (8)

→
x t =

→
x t−1 ⊕ →

v t (9)

Then the update of xij can be

xtij =

⎧
⎪⎪⎨

⎪⎪⎩

bestSoFarij if nbConf > ϕ and xt−1
ij �= bestSoFarij and pb

Rand if nbConf > ϕ and deflection
globalBestj if nbConf > ϕ and not deflection
xt−1
ij if nbConf ≤ ϕ

(10)

4 Combining Simulated Annealing with Discrete Particle
Swarm

4.1 Simulated Annealing for Global Best Particle

Simulated annealing is an advanced local search method which, introduced by
Kirkpatrick, Gelatt and Vecchi[9], inspires the physical annealing process stud-
ied in statistical mechanics. At each iteration, starting from an initial solution
s, a new solution s′ in the neighborhood of s is generated randomly. Then a
decision is taken to decide whether s′ will replace s based on the calculation
of 	 = f(s′) − f(s). For a minimization problem, if 	 ≤ 0, we move from s

to s′, otherwise, we move to s′ with the probability e−
�
t , where t is a control

parameter called the temperature (higher temperatures lead to higher accepting
probabilities and vice versa). Usually SA algorithm starts from a high temper-
ature and decreases gradually. The algorithm will stop until the termination
criterion is reached.

SA can enhance the ability of local search. Applying SA to all the parti-
cles is a straightforward way when we combine SA with particle swarm. But
the computation cost increases if this method is adopted. On the considera-
tion of the performance, we apply the SA procedure only to global best par-
ticle and propagate the results of SA to other particles with particle swarm
algorithm.

4.2 Generating Neighbor with ERA Model

The exploring of the neighborhood structure may greatly influence the perfor-
mance of SA. A good neighbor can increase the likelihood of finding better
solution. Many methods can be used to generate neighbor.
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ERA(Environment, Reactive rules, Agent) model[10] is similar to min-conflicts
heuristic[11] though it is a distributed multi-agent system based on the theory of
artificial life. [10] compared ERA model with min-conflicts heuristic and pointed
out the ERA model is superior to min-conflicts. In ERA, each agent represents
a variable in CSP. Agents live in lattice environment, and sense the local and
global information around them. The environment records agents’ current state
and computes the constraint violations for each value in the domains of all vari-
ables. Each agent can only move within a row it located in and has predefined lo-
cal reactive behaviors: better move, least move and random move. Agents select
them with some certain probability under the pressure of environment that based
on constraint violations. better move is to find a position with less violation num-
ber with a probability of better p, least move is to find the least violation number
position with a probability of least p, and random move is to move randomly with
a probability of random p. better move has less time complexity than least move
and may be more efficient at the early search stage. While obviously the least move
can accelerate convergence to local optima or global optima. random move is a
necessary technique to avoid getting stuck in local optima.

Three local behaviors have been analyzed in [10], and pointing out that maybe
exist random p < better p < least p for general purpose. Their experiments also
indicate least p / random p = n (here n is the domain size of the specified
problem) may be a good choice. We use this empirical setting for our test. From
the algorithmic description of the ERA it can be concluded that there exists
a approximate formulation, namely better p + random p + least p = 1. Thus
if better p is specified, we can compute random p and least p with empirical
approximate formulations:

random p = (1 − better p)/(d+ 1) (11)

least p = random p × d (12)

where d is the domain size of a constraint satisfaction problem(assuming all
variables have the same domain size).

5 Further Improvement

5.1 Eliminating Repeated Particles

As mentioned in PS-CSP, if ϕ1 and ϕ2 are set to 0, the Hamming distance will
be lower. In our observation the same position takes place in the running both
in PS-CSP and our newly developed substitute. It shrinks the population size
indirectly and is helpless in search procedure. To enlarge the diversity among
particles, we compare the Hamming distance between the current particle and
the global best particle. If the distance is zero i.e. the two particles have the
same position, we redistribute the current particle, however, remains the local
best position. In order to keep the result that the current particle has achieved,
we redistribute only partial elements in the position.
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5.2 Avoiding Cycle with Tabu List

Stochastic search algorithm may repeatedly enter into the same status, i.e. par-
ticle swarm optimization find a position repeatedly. It is useless in the search
procedure, especially after the nohope activity. We introduce a short tabu list
to avoid cycling. Each iteration the global best position is recorded, and is com-
pared with the elements in the tabu list. If the global best position already exists
in the tabu list, a repair is activated by a more chaotic SA procedure(where we
increase random p in ERA model). When the global best particle arrives at
a new position(i.e. a less fitness it approaches) we add it into the tabu list. a
fist-in-fist-out queue is used for tabu list in our algorithm and only global best
particle uses tabu list.

6 Experimental Results

To compare the performance of PS-CSP with the revised algorithm and our
hybrid discrete particle swarm algorithm, first we choose the Model E[12] class
with 15 variables and 15 domain elements as PS-CSP did, and choose JavaCsp
(JavaCsp is a random binary constraint satisfaction problem instance generator)1

to generate instances. Model E has one parameter named p. The generation
process is to select uniformly, independently and with repetition, pd2n(n− 1)/2
conflicts out of the d2n(n − 1)/2 possible, where d is the domain size and the
n is the number of variables. In our observation, the phase transition point is
approximately 0.31 in the development of JavaCsp. Thus we set parameter p at
11 values equals spaced between 0.21 and 0.31 instead of between 0.2 and 0.38.
Random constraint satisfaction problem theories proved these values located in
the so called mushy region, where interesting instances with few solutions can be
sampled. Each value of p we sample 5 instances; each instance has at least one
solution. In our test all algorithms stop when they have found a solution or when
it has performed 106 evaluations in each case. 106 evaluations are considered no
more solution can be found and are excluded from experimental results. 10 runs
are performed for each instance. The experiments are made on PC(Intel Celeron
CPU 1.8GHz, 512M RAM, Window XP SP2 and JDK 1.5).

The parameters of PS-CSP in this test are set the quasi-optimal values de-
scribed in [5]. Those values include: swarm size is 50, deflection = 2/n, where
n is the number of variables, ϕ1 = ϕ2 = 1. the nohope times is set to 100. For
our hybrid algorithms parameters, the swarm size, deflection and nohope times
reserve the same values as PS-CSP. pb = deflection/30, and tabu list length
is set to 15. The parameter setting for SA including: the initial temperature
T0=5, the terminating criterion temperature tend=0.02, the epoch length L is
set to the dimension of a particle (i.e. the number of variables in the constraint
network), and decreasing rate b = 0.95. The parameter setting for ERA model
has only one value to be tuned for experimental convenience, given by our ex-
perience, where better move = 0.15. In the repair phase we give more random
1 http://www.xs4all.nl/∼bcraenen/JavaCsp/resources/javacsp 1.0.2.jar.
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Table 1. Comparison results with the success rate and the mean iteration of Model E
class

p
PS-CSP PS-CSPϕ=0 PS-CSPϕ=0, pb HPS-CSP
succ. mean iter. succ. mean iter. succ. mean iter. succ. mean iter.

0.21 50/50 350.7 50/50 68.9 50/50 54.5 50/50 0.7
0.22 50/50 621.1 50/50 198.1 50/50 99.4 50/50 0.6
0.23 50/50 1522.1 50/50 257.7 50/50 159.6 50/50 0.9
0.24 49/50 7978.8 50/50 1048.7 50/50 253.2 50/50 0.9
0.25 45/50 26260.4 50/50 5004.1 50/50 541.2 50/50 0.9
0.26 30/50 63732.6 31/50 14287 50/50 1733.3 50/50 1.6
0.27 27/50 59207.1 35/50 19022.2 50/50 2017.3 50/50 1.1
0.28 11/50 24638.9 20/50 39142.8 50/50 4111 50/50 4
0.29 8/50 183358.5 12/50 228299 50/50 2189.7 50/50 3
0.30 0/50 − 1/50 694652 50/50 72442.8 50/50 41.6
0.31 0/50 − 2/50 19892 50/50 32487.8 50/50 353.3

opportunity to the algorithm to get out of local optima. The parameter change
to better move = 0.1.

From the table 1 we can see that PS-CSP has the worst performance com-
paring with other algorithms. PS-CSP use the quasi-optimal parameter setting
with ϕ1 = ϕ2 = 1 while in the second column our refined algorithm with ϕ = 0
is used. The results denote that the refined algorithm can find more solutions
and has less iteration. In the third column, pb is used to reduce the effect of local
best positions. The results indicate that this improvement can enhance both the
success rate and the reduction of iteration except for the last one (comparing
with PS-CSPϕ=0). The hybrid algorithm HPS-CSP has the best performance on
these instances. It can reduces the iteration dramatically. Both PS-CSPϕ=0,pb

and HPS-CSP can find all solutions of each run.
Further random constraint satisfaction problem theories are proved there ex-

ists exactly critical values at which the phase transitions occur. The hardest
instances to solve are concentrated in the sharp transition region and become
remarkable benchmark to evaluate the efficiency of the newly developed algo-
rithms. These efforts result in the Model RB [13], the state of the art in random
CSP Model theory, which is a revision to the standard Model B. Those studies
also revise the drawback of Model E and produce in a simple model to generate
hard satisfiable instances[14]2. Now we use the benchmark problems generated
from Model RB to test our algorithm3. In our experiments the repetitive con-
straint instances are omitted. The parameter setting unchange with the above
setup. The PS-CSP is completely defeated by these benchmarks and does not
appear in the experimental results any longer.
2 http://www.cril.univ-artois.fr/∼lecoutre/research/tools/RBGenerator.jar.
3 http://www.nlsde.buaa.edu.cn/∼kexu/benchmarks/benchmarks.htm. or

http://www.cril.univ-artois.fr/∼lecoutre/research/benchmarks/benchmarks.html#
instances. the former also includes the solved results comparison with CSP Solver
Competition.
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Table 2. Comparison results with the success rate and the mean iteration of partial
instances generated by Model RB

instances
ERA SA HPS-CSP
succ. mean iter. succ. mean iter. succ. mean iter.

frb30-15.csp 26/50 166974.6 50/50 12150.8 50/50 4390.7
frb35-17.csp 7/50 526292.7 49/50 31310.1 50/50 59992.3
frb40-19.csp 12/50 343972.8 50/50 47494.1 50/50 38372.6
frb45-21.csp 0/50 − 35/50 462957 50/50 210792
frb50-23.csp 0/50 − 0/50 − 50/50 475337
frb53-24.csp 0/50 − 0/50 − 41/50 479826

Table 2 reports the results of the HPS-CSP algorithm on the hardest bench-
mark problems. For success rate, the HPS-CSP has higher success rate than
ERA and SA. Our HPS-CSP can solve 30 instances out of all the 35 instances.
The first 25 instances can always be tackled by HPS-CSP although on the
sixth group instance there are 9 run unsolved left by HPS-CSP. For mean
iteration, HPS-CSP has less iteration than ERA for these instances and, in
most situations, HPS-CSP has less iteration than SA except for frb35-17 series
instances.

7 Conclusion

In this paper, a more direct update formula of position is induced in our analysis,
and we find ϕ1 and ϕ2 being set to 0 can be viewed as a heuristic like min-conflict
heuristic. Our opposite experimental results seem to prove that our observation
is correct. We believe that reducing the effect of local best position can improve
the performance the algorithm. To improve the performance of particle swarm
algorithm for CSPs, simulated annealing algorithm is introduced in the discrete
particle swarm algorithm. After the update of positions, SA is activated on global
best particle to get better solution quality. Also ERA model is used to generate
neighbor configurations for the consideration of efficiency. Meanwhile diversity
process and tabu list are combined with particle swarm algorithm for avoiding
sticking in the local optima and in the useless loop throughout the search proce-
dure. Experimental results indicate our hybrid algorithm has advantages either
on search capability or on iterations.
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Abstract. Inspired by the searching model proposed by Kleinberg in a small-
world network and based on a novel proposed description that an optimization 
can be described as a process where information transmitted from a candidate 
solution to the optimal solution in solution space of problems, where the 
solution space can also be regarded as a small-world network and each solution 
as a node in the small-world network, a new optimization strategy with small-
world effects was formulated in this paper. The analysis and the simulation 
experiments in the global numerical optimization problems indicated that the 
method achieved a fast convergence rate and obtained a good searching 
performance in optimization.  

1   Introduction 

The notion of small-world was first introduced in a sociological experiment to show 
that any pair of individuals in large social networks could be connected through a 
short chain of acquaintances by Stanley Milgram in 1967 [1]. As a suitable model for 
abstracting real-world complex networks, small-world networks (SWNs) have been 
demonstrated in many systems comprised by individuals with some relations. Now 
the research of SWNs has reached a great achievement in many fields [2]-[7].  

Many search algorithms have been developed and adopted to optimization 
problems [8]-[10]. These algorithms have approved that they could search the global 
optimum with a high probability. Now emergence of SWNs supplies a new idea for 
optimization. For optimization searching in SWNs, Kleinberg presented a searching 
model in a SWN [7]. He illustrated that it was possible to use local information with 
limited global knowledge to find short paths between nodes without an entire network 
map. And all those indicated that there existed a certain speedy mode to transmit 
information in a SWN. 

Considering an optimization, it can be described by a process where information 
transmitted from a candidate solution to the optimal solution in solution space of the 
problem. And if regarding the solution space of optimization as a SWN and each 
solution as a node in the SWN, a certain relationship between optimization and SWN 
can be obtained. 

In this paper, the authors proposed a novel algorithm with small-world effects for 
optimization, which was named Small-World Optimization Algorithm (SWOA). The 
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idea behind this method was to construct a set of searching arithmetic operators based 
on SWNs. The theory analysis and the simulation experiments in the optimization 
problems indicated that the proposed method can achieve a fast convergence rate and 
obtain a good performance in optimization. 

The rest of this paper is organized as follow. Section 2 describes how to search in 
small-world networks. Section 3 describes the basic SWOA. Section 4 carries out 
some comparisons with the other algorithms on 10 high-dimensional functions, and 
also discusses the experimental results. And finally Section 5 states the conclusions. 

2   Searching in Small-World Networks 

2.1   Modeling a Small-World Network 

Usually SWNs are characterized by two distinct properties: small characteristic path 
length and large clustering coefficient. The characteristic path length is defined to be 
the average number of edges in the shortest path between a pair of nodes in the 
SWNs. It measures the efficiency of information propagation between nodes. The 
clustering coefficient measures the degree of a typical neighborhood and is defined to 
be the probability that two nodes connected to a common node are also connected to 
each other. 

The research pointed out that the SWNs exhibited connectivity characteristics 
between random and regular lattice [7], Watts and Strogatz proposed a rewired model 
by randomly rewiring some edges of an ordered structure [11]. The edges in the 
underlying ordered structure can be viewed as local short contacts. By rewiring edges, 
it not only increases the randomness of the structure but also creates a few long-range 
contacts. Thus with a high clustering subnet comprising of the local short contacts and 
a few random long-range contacts, the small-world networks can be established. 

Another model was proposed by Kleinberg [7] and illustrated by an n n×  lattice 
with some non-negative constants δ , q and r. Denote the distance between nodes u 
and v as ( , )D u v . The edges can be constructed as follows: the node u has a local short 

contact to nodes v if ( , )D u v δ≤ , and q other edges, the long-range contacts, to other 

nodes w are on the probability proportional to ( , ) rD u w − . The parameter r partially 

reflects the offset degree of a small-world lattice to a random or regular lattice. 

2.2   Searching Mechanism in Small-World Network 

Considering a SWN ( , )G V E= , where V is the set of nodes and E is the set of edges. 

A node v is called a neighbor of node u if there is an edge between them, and ,v u V∈ . 
All the neighbors of u comprise the neighborhood of u. The location of node u is the 
coordinate that shows the position of u. Since a SWN is comprised by individuals 
with some relations, the node u can be characterized by an individual feature uξ . And 

the feature distance, ( , )u vD ξ ξ , measures the difference between u and v in terms of 

the node individual features.  
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Given a source node S with individual features Sξ and a destination D with 

individual features Dξ in a SWN, a search is to determine whether there is a path from 

S to a given node with desired individual feature Dξ  or not. Assuming that a node with 

individual features Dξ always exists, the problem can be simplified to find a 

mechanism to reach the destination. The Kleinberg’s search mechanism is based on 
local optimality and can find an approximate shortest path to a destination. In 
searching, there is no any global and centralized mechanism to control the search 
direction. For example, when the search is passed to a node u, the next node to reach 
is determined by the local information of u. It was possible to use local information 
with limited global knowledge to find short paths between nodes, and it was a feasible 
choice in searching a large network without an entire network map [7]. 

In order to perform a search in a SWN, the authors first presume that each node 
in the network possesses two kinds of information: the global and the local 
information. The global information includes the destination feature, and the 
method of calculating the feature distance, while the local information includes the 
individual feature and locations of its own, and individual feature of its neighbor 
nodes. 

3   Small-World Optimization Algorithm (SWOA) 

The two models above were the basic models for simulating the real-world networks 
with small-world characteristics. The correlation between the local short contact and 
long-range contacts provided an important clue to transmit information to a given 
destination in a SWN effectively, namely information transmission in the SWN would 
become high-efficiency when a few random long-range contacts were added into the 
local short contacts [7] [12]. Therewith, how to construct a local search arithmetic 
operator based on local short contacts and a global search arithmetic operator based 
on a few random long-range contacts became very important. Here the authors added 
the global search, which was resulted from the random long-range contacts 
mechanism, on the base of the local search, which was resulted from the local short 
contacts mechanism. Then the optimization strategy based on small-world networks 
was formulated. 

3.1   Useful Definitions of SWOA 

In general, a global numerical optimization could be formulated as solving the 
following objective function.  

minimize 1( ), ( , , ) ,mf x x X= ∈ ≤ ≤X X I d u , (1) 

where mR⊆I defined the search space which was an m-dimensional space bounded 

by the parametric constraints [ , ] ( 1,2, , )i i ix d u i m∈ = . Thus [ ],=I d u , where 

1( , , )md dd =  and 1( , , )mu uu = . 
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According to Milgram’s sociological experiment, in which different individuals 
was chosen to be source nodes who would be given a letter to deliver to a given target 
person [1], a candidate solution aggregate S is adopted as a set of source nodes 
instead of picking a single node in solution space which has been regarded as a SWN. 
Namely 1 2{ , , ... , }nS S S=S , where n is the number of nodes in S. Using some 

nomenclature in evolutionary computation for reference, the authors introduce the 
similar nomenclature here. Thus S is the search population, subscript n is the search 
population size, and iS is the ith individual in S, and denoted the code of variant X of 

the objective function. Given an m-dimensional optimization problem, each 
node iS would be divided into m segments, and each segment indicated ix  

respectively. The authors write 1 2( , , ... , )i i i imS x x x=  here. 

Define the optimal destinations solution space of the objective function as: 

*{ | ( ) min( ( ) | ), 1 }i iS f S f f i n∈ = ≡ ≤ ≤ ≤ ≤Ο I X d X u , (2) 

where *f denotes the optimal solution of the objective function. 

Define the individual features distance between iS and jS as ( , )i j i jD S S S S−  in 

terms of the coding form, for instance, Hamming distance is adopted for the binary 
code, and Euclidean distance for decimal code. 

Define the δ neighborhood of iS  as 

( ) { | 0 ( , ) }i j i jS S D S Sδμ δ< ≤ , (3) 

where δ denotes the threshold value of neighborhood. | ( ) |iSδμ denotes the number of 

members in the ( )iSδμ . 

Define the δ non-neighborhood of iS  as 

( ) { | ( , ) }i j i jS S D S Sδμ δ> , (4) 

With the useful definitions above, a mapping relationship between optimization and 
search in a SWN can be found. The solution space of the optimization can be 
regarded as a SWN and each solution as a node in the SWN. And in term of 
the δ value the authors can distinguish between the local short contacts and long-
range contacts in the SWN. 

3.2   Local Short Contacts Search Arithmetic Operator 

This arithmetic operator was defined as Ψ , and its main function was to transmit 
information from ( )iS k  to ( 1)iS k +  which was the closest node to O in 

the ( ( ))iS kδμ , the authors write ( 1) ( ( ))i iS k S k+ ← Ψ . And the arithmetic 

operator Ψ was described as the followings: 
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Step1. Set δ , and get | ( ( )) |in rand S kδ
δ μ= × , where rand denotes a random 

number in the domain [0,1], obviously | ( ( )) |in S kδ
δ μ≤ . 

Step2. ' 0nδ = , and ' ( ) ( )i iS k S k← and '' ( ) ( )i iS k S k← . 

Step3. ' ''( ) ( )i iS k S k← , and execute operating '( ( ))AEA iS kM ;  

Step4. For the objective function, If '( ( )) ( ( ))i if S k f S k< , execute '( ) ( )i iS k S k← ; 

Step5. ' ' 1n nδ δ= + ; If 'n nδ δ= , execute ( 1) ( )i iS k S k+ ← , and the iteration is 

terminated, otherwise, return to Step3. 

Operating ( )AEA iSM  is similar to AEA mutation [13], and the operation method is 

implemented as follows: 

1( ) ( , , ( ), ... , )AEA i i AEA ij imS x x x=M M , (5) 

( ( 10 ) mod10 (10))
( )

10

rnd(15)
ij

rnd(15)AEA ij ij

fix x rnd
x x

× −= −M , (6) 

where ijx is chosen in iS randomly, ( )fix x denotes taking integer part of  x, and ( )rnd N  

denotes getting a random integer less than N. 

3.3   Random Long-Range Connections Search Arithmetic Operator 

This arithmetic operator is defined as Γ , and its main function is to select a random 

node in ( )iSδμ as the next destination node ' ( )iS k , obviously '( ( ), ( ))i iD S k S k δ> . The 

authors write ' ( ) ( ( ))i iS k S k← Γ , here ( )iS k is not the global optimal node for the 

objective function ( ( ))if S k at present. And the arithmetic operator Γ is described as 

the followings:  

' ( ( )) if 0.5
( ) ( ( ))

( ( )) otherwise
R i

i i
B i

S k rand
S k S k

S k

≤⎧
← Γ = ⎨

⎩

I

I
. (7) 

Operating ( ( ))R iS kI is implemented as follows: 
Under the two point p and q (suppose p<q) randomly chosen 

in 1 2( ) { , , , , , , , }i i i ip iq imS k x x x x x= , the offspring of ' ( )iS k will be 
'

1 2 1 1( ) { , , , , , , , }i i i iq iq- ip+ ip imS k x x x x x x x= . 

Operating ( ( ))B iS kI is implemented as follows: 

Execute binary coding operation of the ( )iS k , and get a binary 

cluster 1{ , }i lA a a=  with the length l. Taking the required precision in SWOA into 

account here, l is set to 20 m× . And the coding method is given by:  

( ) (2 1) ( )cl
i ij i i ia x d u d= − × − − . (8) 
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Under the random integers p and q (suppose1 p q δ≤ < ≤ , and | |p q δ− > ) 

randomly chosen in 1{ , , , , }i p q lA a a a a= , the offspring of '
iA will 

be 1 1 1{ , , , , , , }i q q p p lA a a a a a a− += . Then with the decoding method implemented 

as formula (9), the authors can get '
1 2 3( ) { , , , }' ' '

i i i iS k x x x= . 

' ' ( ) (2 1)cl
ij j i i ix a u d d= × − − + . (9) 

3.4   Small-World Optimization Algorithm (SWOA) 

Based on the expatiation above, the authors introduced SWOA shown as the 
followings: 

Step1. Initialize: Set population size n, probability shortP for the local short connections 

search, probability osP for optimization of search population, and the maximal 

generation threshold mgt. Then generate an original search population 

1 2 n(0) { }=A A , A , ... , A  with the size n in the domain [0,1] randomly, where 

{ }i1 i2 ima ,a , ... ,a=iA . 

Step2. Domain transformation: The method is implemented as follows. 

( ) , , 1,2 , 1,2ij i i ij i ij ix u d a d x S i n j m= − × + ∈ = = . (10) 

Then 1 2 n(0) { (0), (0), ... , (0)}S S S=S  can be obtained. 

Step3. Optimize the search population: The method is implemented as follows. 
If osrand P≤ , execute 'S ( )* * *

1 2 mx ,x , x= , and  

* '
11 12 1{ | ( , , , ) , 0,1 }j ij ij mx x f x x x x Min i n= = = . (11) 

where 'Min denotes the objective function get the local optimal value for the 
different , 0,1ijx i n= , then the worst node of the current generation would be 

replaced by 'S ; otherwise continue. 
Step4. Calculate the value of objective function: The value of objective function is 
defined as follow: 

{ } { }1 2( ) : ( ( )) ( ( )), ( ( )), , ( ( ))nF k f k f S k f S k f S k=S . (12) 

Step5. Check the halted condition of algorithm: If the condition is met, then the 
algorithm terminates, otherwise continue. 
Step6. Hold the optimal node: If the optimal node of the last generation is better than 
that of the current generation, the worst node of the current generation would be 
replaced by that of the last generation. 
Step7. 0i ← , If shortrand P≤ , execute ( 1) ( ( ))i iS k S k+ ← Ψ and check the halted 

condition of algorithm; otherwise execute ' ( ) ( ( ))i iS k S k← Γ . If the condition is met 

here, the SWOA algorithm terminates. 
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Step8. 1i i= + . If i < n, return to Step7, otherwise continue. 
Step9. 1k k= + . If k < mgt, return to Step3, otherwise the SWOA algorithm 
terminates. 

In this paper, the halted conditions of SWOA are defined as follows: 

 The generation times have reached the maximal generation threshold; 

 ε<− bestff * , where f* is the global optima of f, fbest is the current optima, 

and ε is the required precision. 

4   Experimental Studies 

4.1   Test Functions 

In order to prove the effect of the novel algorithms proposed, the authors use ten 
benchmark functions in the experiments shown as follows. 

2
1

1

( ) 100 100
N

i i
i

f x x x
=

= − ≤ ≤∑  (13) 

2
1 1

( ) 10 10
NN

i i i
i i

f x x x x
= =

= + − ≤ ≤∑ ∏  (14) 

2
3

1 1

( ) ( ) 100 100
N i

j i
i j

f x x x
= =

= − ≤ ≤∑ ∑  (15) 

2
4

1

( ) ( 0.5 ) 100 100
N

i i
i

f x x x
=

= + − ≤ ≤⎢ ⎥⎣ ⎦∑  (16) 

4
5

1

( ) [0,1) 1.28 1.28
N

i i
i

f x ix random x
=

= + − ≤ ≤∑  (17) 

4 2
6

1

1
( ) ( 16 5 ) 5 5

N

i i i i
i

f x x x x x
N =

= − + − ≤ ≤∑  (18) 

2
7

1

( ) ( 10cos(2 ) 10) 5.12 5.12
N

i i i
i

f x x πx x
=

= − + − ≤ ≤∑  (19) 

8
1

( ) sin( ) 500 500
N

i i i
i

f x x x x
=

= − − ≤ ≤∑  (20) 

2

9
1 1

( ) cos( ) 1 600 600
4000

NN
i i

i
i i

x x
f x x

i= =

= − + − ≤ ≤∑ ∏  (21) 

2
10

1 1

1 1
20exp 0.2 exp cos(2 ) 20 30 30

N N

i i i
i i

f x x e x
N N

π
= =

⎛ ⎞ ⎛ ⎞= − − − + + − ≤ ≤⎜ ⎟ ⎜ ⎟⎜ ⎟ ⎝ ⎠⎝ ⎠
∑ ∑  (22) 

 f1-f5 are unimodal functions, and f6-f10 are multimodal functions where the number of 
local minima increases with the problem dimension. For example, the number of local 
minima of f7 is about 10N in the given search space. 
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4.2   Experimental Setup 

In order to prove the effect and efficiency of our algorithm, the authors present some 
simulation results and comparisons. The performance of the SWOA is evaluated via 
computer simulations and compared with that of APPA [14], OGA/Q[15]. In the 
experiments, the parameters of SWOA are set as: 15n = , 1δ = , 0.8shortP = , 

0.4osP = , and 10000mgt = . 

4.3   Comparison Between SWOA, APPA and OGA/Q on Functions 

The authors regard the mean number of function evaluations and the mean function 
values as objective. The statistical results of the different algorithms over 20 trials 
respectively are summarized in Table 1. Where dimension m=30, except for f6  
with 100. 

It is indicated from Table 1 that for all test functions, SWOA can find the global 
optimal solution with the required precision over 20 trials. As also can be seen, the 
mean number of evaluations of SWOA is lesser than that of APPA and OGA/Q 
except for function f3, f4, f9. And as a result of the halted conditions of SWOA, the 
authors can see the mean functions values of SWOA may be worse than APPA and 
OGA/Q for some functions, but considering the computational cost shown by the 
mean number of evaluations, SWOA is competent for the numerical optimization 
problems. 

Table 1. Comparison between SWOA, APPA and OGA/Q on functions with 30 dimensions 
except for f6 with 100. “Prob” is the contrastive problems, “m” denotes the dimension of the 
function, “fmin” is the global optimal value of the function, and “ ”” is the required precision of 
the function. 

Prob Mean number of function 
evaluations 

mean function values 
(mean standard deviation of function values) 

f m fmin SWOA APPA OGA/Q SWOA APPA OGA/Q 

f1 30 0 10-4 5096.6 5,117 112,599 3.5208×10-5

(3.5992×10-5)
2.809×10-7 

(2.969×10-7)
0

(0)

f2 30 0 10-4 3496.6 4,220 112,612 1.8775×10-5

(2.8555×10-5)
3.579×10-9 

(3.362×10-9)
0

(0)

f3 30 0 10-4 149312 47,406 112,576 9.9381×10-6 

(7.8718×10-6)
3.826×10-10 

(4.340×10-10)
0

(0)

f4 30 0 10-4 2292.1 1,534 62,687 0
(0)

0
(0)

0
(0)

f5 30 0 10-4 1077.8 24,261 112,652 4.3201×10-5

(2.8312×10-5)
4.848×10-4 

(3.298×10-4)
6.301×10-3 

(4.069×10-4)

f6 100 -78.3323 10-3 6302.6 11,541 245,930 -78.332 
(1.8382×10-5)

-78.33009
(8.381×10-4)

-78.33000296
(6.288×10-3)

f7 30 0 10-2 4296.2 4,657 224,710 4.2009×10-3 

(3.2452×10-3)
1.10645×10-10 

(1.359×10-10)
0

(0)

f8 30 -12569.5 10-2 4971.8 9,499 302,166 -12569.4932 
(5.3184×10-4)

-12569.49
(1.253×10-5)

-12569.4537 
(6.447×10-4)

f9 30 0 10-4 30618 8,280 134,000 4.0518×10-5 

(3.4054×10-5)
5.12923×10-15 

(3.463×10-15)
0

(0)

f10 30 0 10-3 4224.6 8970 112421 3.0287×10-4

(3.8906×10-4)
1.95399×10-15 

(2.398×10-15)
4.440×10-16 

(3.989×10-17)
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4.4   Discussions 

According to the experimental results, the SWOA is more robust and efficient than 
APPA and OGA/Q for most problems the authors tested. The local short contacts 
search arithmetic operator and the random long-range contacts search arithmetic 
operator in SWOA can be regarded as the local search arithmetic operator and the 
global search arithmetic operator respectively. SWOA not only can find the global 
optima with the “collected” local optima by the local search around the neighborhood 
of an individual but also can jump out of the local optima by the global search, and the 
combined effects of the local search and the global search are capable to improve the 
convergence rate, and also avoid the premature convergence availably. Furthermore, 
the randomicity in SWOA can keep the diversities in search populations as possible. 

5   Conclusions 

Inspired by the SWN model proposed by Kleinberg and due to the novel proposed 
description of the optimization problems, a novel numerical optimization algorithm, 
SWOA, has been proposed in this paper. Referring to the searching mechanism in 
SWNs, the authors construct the local short contacts search arithmetic operator for the 
local short contacts search and the random long-range contacts search arithmetic 
operator for the global search correspondingly. The comparisons with APPA and 
OGA/Q considering the mean number of function evaluations and mean function 
values show that SWOA can provide more efficient performance with better 
reliability on most high-dimensional multimodal functions in test.  

To summarize, SWOA can converge to the global optimal solution successfully, 
and still has a faster convergence rate, a comparatively better capability in 
optimization, namely SWOA obtains a good performance. The successful application 
in the global numerical optimization problems with SWOA shows that this algorithm 
is feasible to solve the complex problems. 
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Abstract. A novel method for the real-time global optimal path planning of 
mobile robots is proposed based on the modified ant system (AS) algorithm. 
This method includes three steps: the first step is adopting the MAKLINK 
graph theory to establish the free space model of the mobile robot, the second 
step is adopting the Dijkstra algorithm to find a sub-optimal collision-free path, 
and the third step is adopting the modified AS algorithm to adjust and optimize 
the location of the sub-optimal path so as to generate the global optimal path. 
The results of simulation experiments confirm that the proposed method is ef-
fective and has better performance in convergence speed, solution variation, 
dynamic convergence behavior, and computation efficiency as compared with 
the path planning method based on the real-coded genetic algorithm. 

1   Introduction 

The global optimal path planning is a key problem in the navigation of autonomous 
mobile robots, which means finding the optimal collision-free path between a starting 
point and a goal in a given environment according to some criterion. At present, there 
are many solving methods about this problem, such as the potential field method [1] 
and grid method [2]. With the rapid development of evolutionary computation [3], 
[4], many intelligent algorithms were applied to this problem, such as neural network 
[5], genetic algorithms [6], the fuzzy logic and reinforcement learning [7], and so on.  

Ant system (AS) algorithm is a novel kind of simulated evolutionary algorithm [8]. 
Its main characteristics include positive feedback search mechanism, distributed com-
putation, and the use of a constructive greedy heuristic. So far, AS algorithm has been 
used successfully to solve many practical optimization problems. 

This paper presents a modified AS algorithm, which is used to solve the problem 
of the real-time global optimal path planning of mobile robots. The global path plan-
ning includes two sub-problems: the free space modeling and path finding. In this 
paper, first we adopt the MAKLINK graph theory to establish the free space model of 
a mobile robot, then we use the Dijkstra algorithm to find a sub-optimal collision-free 
path, finally we use the modified AS algorithm to adjust and optimize the location of 
the sub-optimal path so as to obtain the global optimal path.  
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2   Free Space Modeling of Mobile Robot 

The MAKLINK graph theory [9] is adopted to establish the free space model of a 
mobile robot. Fig.1 illustrates a moving environment of a mobile robot. Between the 
starting point S and goal T, an area with 300×300 square meters is enclosed, in which 
five obstacles are distributed. The boundaries of every obstacle are expanded by an 
amount that is equal to half of the greater size in the length and width of the robot’s 
body plus the minimum measuring distance of the used sensors. In this case, the robot 
can be regarded as a “spot” with no size. In Fig.1, for each of the obstacles, the black 
polygon denotes its original size, and the white margins denote its expanded parts. A 
black part plus its white margins constitutes a so-called “grown obstacle”. 

In Fig.1, the symbols B1, B2, …, and B20 denote respectively the vertices of these 
grown obstacles. The (x, y) coordinates of B1, B2, …, and B20 are (40, 288), (66, 288), 
(66, 151), (40, 151), (115, 275), (95, 214), (123, 163), (170, 245), (90, 106), (90, 45), 
(183, 45), (183, 106), (238, 311), (212, 248), (274, 268), (258, 205), (234, 190), (234, 
111), (296, 111), and (296, 137), respectively. The (x, y) coordinates of the starting 
point S and the goal T are (15, 335) and (315, 35), respectively.  

The free space of a mobile robot consists of some polygonal areas, each of which is 
enclosed by several free MAKLINK lines. A free MAKLINK line is defined as: (1) 
whether its two end points are two vertices on two different grown obstacles or one of 
the two points is a vertex of a grown obstacle and the other is located on a boundary 
of the environment; (2) every free MAKLINK line cannot intersect any one of the 
grown obstacles. If we draw all the free MAKLINK lines on the environment map, 
we can obtain the so-called MAKLINK graph of the environment. Fig.1 also shows 
the MAKLINK graph of this example. 
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Fig. 1. An environment of a mobile robot and 
its MAKLINK graph 

Fig. 2. Network graph for free motion of the 
mobile robot  
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As shown in Fig.2, assume that the middle points of all free MAKLINK lines on a 
MAKLINK graph are denoted respectively by v1, v2, …, vl (where l=23). If each pair 
of middle points on two adjacent free MAKLINK lines are connected together, a 
network graph can be formed, which gives the possible paths for the free motion of 
the mobile robot. In Fig.2, points S and T are also denoted by v0 and vl+1, respectively. 
In fact, Fig.2 is an undirected graph. We use G (V, E) to denote this graph, where 
V={v0, v1, …, vl+1}; E is a set of lines which includes: the lines, each of which con-
nects a pair of the middle points on two adjacent free MAKLINK lines; the lines con-
necting S and the middle points on the free MAKLINK lines adjacent to S; and the 
lines connecting T and the middle points on the free MAKLINK lines adjacent to T. 
In this paper, the undirected graph G (V, E) is used as the free space model. 

3   Searching for Sub-optimal Path Using Dijkstra Algorithm 

The Dijkstra algorithm is widely used to search for the shortest path on a network 
graph. When using it on the network graph G (V, E), the path generated by it is pass-
ing through the middle points of the relevant free MAKLINK lines. So, the generated 
path is only a sub-optimal path.  

Before using this algorithm, it is necessary to define the adjacency matrix with 
weights for the network graph G (V, E). Each element of the matrix represents the 
length of the straight line between two adjacent path nodes on G (V, E), where a path 
node means the intersection of a robot’s moving path and a free MAKLINK line. For 
the problem discussed here, each element of the adjacency matrix is defined as:  

                                                                                            , (1) 
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Fig. 3.  Sub-optimal path generated by Dijkstra algorithm 
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where adjlist [i][j] is the element corresponding to the ith row and the jth column of 
the matrix. Using the Dijkstra algorithm the sub-optimal path for the example in Fig.1 
is obtained as: S→v1→v2→v8→v9→ v14→v15→T, as shown in Fig.3. The length of this 
path is 485.851 meters. 

4   Modified AS Algorithm Based Global Optimal Path Searching  

In this section, we will adopt the modified AS algorithm to optimize the locations of 
the path nodes on the sub-optimal path to obtain the global optimal path. 

4.1   Description of Optimization Problem 

Assume that the sub-optimal path is denoted in order by nodes P0, P1, P2, …, Pd, and 
Pd+1, where P0 and Pd+1 denote the starting point S and the goal T respectively. At the 
beginning, these path nodes lie on the middle points of the relevant free MAKLINK 
lines. Now, we need to adjust and optimize their locations on their corresponding free 
MAKLINK lines. The adjustment method is described as follows.  

For a path node Pi, i=1, 2, …, d, its location is on the free MAKLINK line Pi1Pi2. 
Introducing a parameter hi, the location of Pi on line Pi1Pi2 can be expressed as: 

                                                                                                        . (2) 

Obviously, given a set of values to {h1, h2, …, hd}, together with the staring point S 
and the goal T, a robot path can be generated. Rewriting Pi as Pi (hi), then the objec-
tive function of the optimization problem can be defined as: 

                                                                        ,  (3) 

where length {Pi (hi), Pi+1 (hi+1)} represents the straight-line distance between Pi and 
Pi+1. Our purpose is to use the modified AS algorithm to find the optimal parameter 
set {h1

*, h2
*, …, hd

*} so that the objective function L has the minimum value. 

4.2   Generating Method of Ant Moving Paths 

In order to use the AS algorithm conveniently, we express the values of parameters 
h1, h2, …, and hd on plane O-XY. As shown in Fig.4, we draw d lines on O-XY 
which have equal length and equal interval and are perpendicular to axis X. The x 
coordinates of these lines are represented by 1, 2, …, and d. Then, we divide each 
of these lines equally into ten portions, and thus eleven nodes are generated on 
these lines. The y coordinates of the eleven nodes on each line are 0, 0.1, 0.2, …, 
and 1.0, which represent the eleven possible values of parameter hi, i=1, 2, …, d. 
Corresponding to the MAKLINK graph, this means each of the relevant free 
MAKLINK lines is transformed into the eleven discrete path nodes, which can be 
chosen easily by an ant.  
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Fig. 4. Generating of nodes and moving paths 

Fig.4 is a grid graph on which there are d×11 nodes. Using nij denotes node j on 
line hi, i=1, 2, …, d; j =0, 1, …, 10. Let an ant depart from the starting point S. In its 
each step forward, it chooses a node from the next line hi, i=1, 2, …, d, and then 
moves to this node along the straight line. When it arrives at the goal T, it completes 
one tour and its moving path can be expressed as Path={S, n1j, n2j, …, ndj, T}.  

Assume that from any node on line hi to any node on the next line hi+1, each ant in 
the ant colony has the same moving time. So, if all ants depart from the point S at the 
same time, they will arrive on each line hi at the same time too, and finally arrive at 
the goal T at the same time. To this moment, the AS algorithm completes an iteration. 

Let τij (t) represent the concentration of pheromone at node nij, where t is the itera-
tion counter of the AS algorithm. Assume that at initial time t=0 all the nodes have the 
same pheromone concentration 0τ . Assume that the total number of ants is m. In 

moving process, for an ant k, when it locates on line hi-1, it will choose a node j from 
the next line hi to move to according to the following random transition rule:  

 

                                                                , (4) 

 
where ηij represents the visibility of node nij and is computed by (5); α, β are two 
adjustable parameters. According to the suggestion in [8], α and β are set to 1 and 5 
respectively. For visibility ηij, we define it as: 

                          

                                                   ,  

 

(5) 

where yij is the y coordinate of node nij; the values of *
ijy  are set in the following way. 

In the first iteration of the AS algorithm, the values of 
*
ijy  are set respectively to the 

values of h1, h2, …, and hd that are corresponding to the nodes on the free MAKLINK 

lines found by the Dijkstra algorithm. In each of the following iterations, the values of 
*
ijy are set to the values of h1, h2, …, and hd which are corresponding to the path 

nodes on the optimal path generated by the AS algorithm in the previous iteration. 
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4.3   Updating Rules of Pheromone Concentration 

For an ant k, when it passes through a node nij, the pheromone concentration τij (t) of  
this node needs to be updated immediately using the local updating rule  [10]: 

               0)1()()( τρτρτ ⋅−+⋅← tt ijij ,                              (6) 

where 0<ρ<1 is the pheromone decay coefficient. When the AS algorithm completes 
an iteration, all the ants arrive at goal T. Now, the pheromone concentration of each 
node on the grid graph needs to be updated according to the global updating rule: 

                              γτρτρτ +Δ⋅−+⋅← )()1()()( ttt ijijij ,                      (7) 

where )(tijτΔ is computed by 

 
                                                                                                                  ,    (8) 

 
where L+ is the length of the path T +, the shortest path in the current iteration. γ in (7) 
is a penalty factor newly introduced by us and computed by the following formula:                                   

           QTyTyLL iji /|)()(|)( ** ++ −⋅−=γ , (9) 

where L* is the length of the path T * which is the shortest robot path generated from 
the beginning of the trial till the previous iteration; yi (T

 * ) is the y coordinate of the 
node on line hi which belongs to the path T *; yij (T

 + ) is the y coordinate of the node 
nij which belongs to the path T +; Q is a positive constant. 

The penalty factor γ is applied only at each node of the path T +. It can guide the 
ants to search for the better paths than path T *.  

4.4   Modified AS Algorithm for Global Optimal Robot Path Searching 

The modified AS algorithm can be summarized as follows. 

Step 1: Establish the free space model using the MAKLINK graph theory, and then 
find a sub-optimal collision-free path using the Dijkstra algorithm.  

Step 2: Define ant number m and specify the values of α, β, ρ, τ0, and Q; For each 
ant k (k=1, 2, …, m), define a one-dimensional array Pathk with d elements, in which 
the y coordinates of the d nodes that ant k will pass through on the grid graph Fig.4 
will be stored in order. Array Pathk can be used to denote the moving path of ant k. 

Step 3: Set the iteration counter t=1 and define the maximum number of iterations 
NC; Then place all the m ants at the starting point S.  

Step 4: Set i=1. 
Step 5: Set k=1. 
Step 6: Select a node on line hi for ant k using (4) and Roulette Wheel Selection 

Method, move ant k to this node, and save the y coordinate of this node into the ith 
element of Pathk; Then, update the pheromone concentration of this node using the 
local updating rule (6). 

Step 7: Set k←k+1. If k≤m, go to Step 6; Otherwise, go to Step 8. 
 

⎩
⎨
⎧

=Δ
+

0

1
)(

L
tijτ

,  if the shortest robot path T+ generated in the  
current iteration passes through node nij 

,  otherwise.



210 G. Tan and D. Mamady I 

Step 8: Set i←i+1. If i≤d, go to Step 5; Otherwise, go to Step 9. 
Step 9: Move each ant from its location on line hd to the goal T.  
Step 10: For each ant k: (a) according to array Pathk, obtain the values of parameter 

set {h1
k, h2

k, …, hd
k}; (b) according to {h1

k, h2
k, …, hd

k} determine the locations of 
path nodes P1

k, P2
k, …, and Pd

k on their corresponding free MAKLINK lines; and (c) 
using (3), compute the length Lk of the robot path found by ant k.  

Step 11: Compare these m paths and find the shortest robot path T + in the current 
iteration t. Compare T + with T *, the shortest path generated from the beginning of the 
trial till the previous iteration t−1 (for the first iteration, directly denote its shortest 
path by T * ), and denote the new shortest robot path by T *, then save the values of h 
parameter set corresponding to T * into {h1

*, h2
*, …, hd

*}.  
Step 12: Set each element of Pathk to zero, k=1, 2, …, m. 
Step 13: Update the pheromone concentration of each node on the grid graph Fig.4 

using the global updating rule (7).  
Step 14: Set t←t +1. If t< NC and all of the m ants do not make the same tour, place 

all the ants at the starting point S and go to Step 4; If t< NC but all of the m ants make 
the same tour or t=NC, output the optimal (shortest) robot path T * and its correspond-
ing parameter set {h1

*, h2
*, …, hd

*}, then stop. 

5   Simulation Results and Comparison with Real-Coded GA 

5.1   Simulation Result Based on the Modified AS Algorithm 

In order to examine the performance of the proposed modified AS algorithm, for the 
example given in Fig.1, a simulation experiment was executed on a personal com-
puter with 2.66-GHz CPU and 256-MB RAM. The parameters were set as m=10, 
α=1, β=5, ρ=0.7, τ0=0.01, Q=1000, and NC=200. The result is shown in Fig.5, in  
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Fig. 5. Computer simulation result using the modified AS algorithm 
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which, the thin solid line denotes the sub-optimal path with the length of 485.851 
meters, which was obtained from the Dijkstra algorithm; the thick solid line denotes 
the global optimal path with the length of 439.538 meters, which was obtained from 
the modified AS algorithm. The optimal h parameter set for this example is {h1

*, h2
*, 

h3
*, h4

*, h5
*, h6

*}={0.2, 0.1, 0.0, 0.0, 1.0, 0.7}.   

5.2   Comparison of Modified AS Algorithm and Real-Coded GA 

We also performed a simulation experiment for the given example using the real-
coded genetic algorithm (GA) with the Elitism scheme [11]. In the real-coded GA, an 
individual was coded as h1…hi…hd, where h i∈[0, 1], i=1, 2, …, d. The parameters of 
the real-coded GA were specified as: population size m=50, crossover rate Pc=0.3, 
mute rate Pm=0.05, and crossover coefficient a=0.5. Fig. 6 and Fig. 7 show the con-
vergence processes of the optimal solutions generated respectively by the two algo-
rithms. Obviously, the modified AS algorithm has much faster convergence speed.  
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Fig. 6.   Convergence tendency of the modified 
AS algorithm  

Fig. 7.  Convergence tendency of the real-
coded GA 
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Fig. 8. Comparison of optimal solution variation of both the methods 
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In order to observe the variation in optimal solutions, 100 simulation trials were 
performed for the two methods with different random number. The result is shown in 
Fig. 8. From this figure, it can be seen that the optimal solution variation of the modi-
fied AS algorithm is much smaller than that of the real-coded GA. 

We also adopted two statistic indexes, i.e., the mean value μ and the standard de-
viation σ, to evaluate the dynamic convergence behavior of the modified AS algo-
rithm and the real-coded GA. The two statistic indexes are defined as follows: 

,                                              (10) 
 

                                                 ,  (11) 

where Lk represents the solution (the path length) generated by the ith individual after 
the modified AS algorithm or the real-coded GA completes an iteration. The less the 
μ value, the better the solution generated by each individual. So, μ reflects the accu-
racy of an algorithm. The less the σ value, the better the centrality of the solutions 
generated by all individuals. So, σ reflects the convergence speed of an algorithm.   

Fig. 9 and Fig. 10 show the convergence tendency of μ and σ of the two methods. 
As can be seen, (1) after about the tenth iteration, the mean value μ of the modified 
AS algorithm is always smaller than that of the real-coded GA, which indicates that 
the solution generated by the modified AS algorithm is always better than that of the 
real-coded GA after the tenth iteration; (2) the mean value μ of the modified AS algo-
rithm becomes very stable after about the twentieth iteration, whereas the mean value 
μ of the real-coded GA still oscillates violently after achieving the 200th iteration, 
which indicates that the convergence speed of the modified AS algorithm is faster 
than that of the real-coded GA; (3) The standard deviation σ of the modified AS algo-
rithm is always smaller than that of the real-coded GA, which indicates that the solu-
tions generated by the modified AS algorithm in each iteration has always better cen-
trality compared with the real-coded GA. 
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Fig. 9. Convergence tendency of mean value 
μ using both the methods 

Fig. 10.  Convergence tendency of standard 
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Table 1 shows the comparison data in computation efficiency of the two methods. 
As can be seen, the computation efficiency of the modified AS algorithm is much 
higher than that of the real-coded GA. 

Table 1.   Comparison of computation efficiency of both the methods 

Methods Average CPU time 
per iteration (sec.) 

Average number of itera-
tions for convergence 

Average CPU time for obtain-
ing optimal solution (sec.) 

Modified AS 
algorithm 0.00125 56 0.07 

Real-coded GA 0.00067 864 0.5789 

6   Conclusions 

This paper presents a novel global optimal path planning method for mobile robots 
based on the modified AS algorithm. The simulation results show that the proposed 
method is effective and the search time needed for obtaining the global optimal path 
is just several tens of milliseconds, which indicates that this method can be used in the 
real-time path planning of mobile robots. As compared with the path planning method 
based on the real-coded genetic algorithm, it has been confirmed that the proposed 
modified AS algorithm has better performance in convergence speed, solution varia-
tion, dynamic convergence behavior, and computation efficiency.   
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Abstract. It is very important to design a good routing-system for the whole 
compile-synthesis system of reconfigurable architecture (RA). Because the 
routing resources of coarse-grain RA (CGRA) are less than those of fine-grain 
RA, and several functions are often defined in same one element of RA, it is 
difficult to find a good route. Therefore, it is more important for routing-algorithm 
of CGRA to have stronger ability of finding feasible and optimum path. In the 
paper, the improved max—min Ant System (MMAS) that added the ability of 
smell for ant is applied for the routing problem of CGRA. By several benchmarks 
on CTaiJi that is a new developed CGRA, The improved MMAS shows better 
ability to find the best solution than PathFinder that is often used now. 

1   Introduction 

Reconfigurable Architecture (RA) is emerging as an important new computing 
platform for implementing intensive computations. It is well known that RA is a 
bridge between the flexibility of software and performance achievable in hardware 
[1]. Based on the width of data-path, RA can be divided into two parts: one is fine-
grain RA where the typical production is FPGA (field programmable gate array); 
another is coarse-grain RA (CGRA) whose width of data-path is larger than one. 
Some mapping algorithms, which are well known for FPGA, can often be used 
directly for CGRA. These projects of CGRA include XPP64 [2], Morsys [3], Rapid 
[4] and CTaiJi [5], etc. The whole mapping technology includes two steps: place and 
route. Contrary to FPGA, the routing resource of CGRA is less and it is more 
important to design a good route system to find a feasible path than that of FPGA for 
the whole compile-synthesis system. 

Routing problem (RP) for RA is the process of deciding exactly which routing 
resources will be used to carry signals from where they are generated to where they 
are used. Unlike many other technologies, RA has prefabricated routing resources. 
Thus, instead of trying to limit the size of routing channels (which is the goal of 
routing in standard cell), a RA router must work within the framework of the 
architecture’s resources. Thus, the router must consider the congestion of signals in a 
channel, and make sure that no more routes are made through the same channel.  

By now, there are mainly two routing methods for RP of CGRA. The first method 
is shortest-path [6]. It is to find the shortest path of every signal in turn, once the 
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shortest path of a signal is found, this path is deleted from the connected graph and 
begin to find next signal. Therefore, the routing effect of every signal has much 
relation to the start sequence. Many schedule methods about the sequence of signals 
are appeared in [7][8][9]. The second method is pathfinder [10]. This method firstly 
finds the shortest path of every signal and then checks if there are congestions on 
edges of the connected graph. If there are congestions, the weight of the edge on 
which congestions occur is increased. Repeat above steps, until there are no 
congestions on edges of the connected graph. This method is very sensitive to 
parameter (hn，pn), and the results maybe changed very much with different 
parameters. Here, hn is related to the history of congestion on n during previous 
iterations of the global router, and pn is related to the number of other signals 
presently using n. 

Dorigo put Ant Colony forward by in 1991. It is a meta-heuristic algorithm.  not 
only can put the search behavior of ant to the around of optimum solution to improve 
the solution’s quality and accelerative the speed of convergence, but also can 
effectively avoid premature. The mainly different aspect of MMAS from ordinary Ant 
System is that in order to limit the stagnation of the search, a more direct influence on 
the trail limits is exerted by limiting the allowed range of the possible trail strength by 

some maximum and minimum trail values: minτ  and maxτ . The result of MMAS is 

better than that of other ant colony algorithms by applied to TSP.  
In the paper, we improve the method of MMAS and add the ability of smell for ant. 

Let’s suppose that there are two types of pheromone trails that ant can release: 
optimal trail and ordinary trail. Whenever an ant finds an optimal path, it gives out 
optimal trail value, whereas it gives out ordinary trail value. Further more, optimal 
trail value is always larger than that of ordinal. At the first glance, it may seem quite 
unnatural. But also Ant System is only very loosely coupled to the original behavior 
of the ants. The good result has been gotten by using this improved MMAS to resolve 
the routing problem of CGRA. 

The mathematics model for route-problem is introduced in the second part of 
paper. The route-problem can be transformed to shortest-path problem by model 
properly changed. The third part is mainly about the improved MMAS algorithm, the 
updating of pheromone trail and how to ascertain the value of maximal trail and 
minimal trail. The effort of MMAS for routing is compare with that of pathfinder 
through instance in the last part. 

2   Mathematics Model of CGRA Routing-Problem  

CGRA is a network structure composed of lots of processing units (PUs). After the 
function of PUs is defined, we need to link the used PUs by lines that have existed. 
The routing-problem is the process of determining how to link these PUs. There are 
some requirements about the process: the delay of line should not exceed the given 
scale; the length sum of line should as short as possible and the congestion should not 
occur (i.e., the same line should not be used more than once).  

If vertex iv  represents PU and direction edge ie  represents the line between PUs, 

the connected graph is expressed as follows:  

G=（V，E） 
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Here V= },,{ 321 nvvvv … is set of vertexes; E= },,{ 321 meeee "  is set of direction 

edge. sqsss vvvv "321 ,, , dqddd vvvv "321 ,,  are elements of V .  

Let sdiL ( i= q",2,1 ) represents the path from siv  to div , it is a directed chain 

composed of lots of directed edges connected end to end. Then the routing problem 
can be defined as: 

)(
1

min ∑
=

=
q

i
sdiLMINL                                             (1) 

The restriction conditions are:  

① i∀ ， )( sdiLD < maxD （ maxD :maximal delay permitted）； 

② )(, jiji ≠∀  φ=∩ sdjsdi LL  

These two conditions are necessary for routing-problem: the first condition 
guarantees that the delay of critical path is smaller than maximal delay permitted; the 
second condition guarantees that no congestion occurs. 

3   MMAS Algorithm for Routing-Problem 

It can be seen from formula 1 that the essence of routing-problem model is to look 
for the shortest-path. As an NP-complete problem [12], MMAS is a good choice to 
get the solution. A simple routing-problem is shown in figure 1, 
S1,S2,S3,A,B,C,D1,D2,D3 are vertexes. There are directed edges between vertexes 
and the weight of directed edges is shown in figure. The problem is that how ant 
chooses path in order to get the minimum length sum of line from S1 to D1, line 
from S2 to D2 and line from S3 to D3. Furthermore, no congestion occurs at the 
same time.   

 

Fig. 1. Simple routing-problem 

 



218 L.-G. Song and Y.-X. Jiang 

3.1   Improved MMAS Algorithm 

（1） Add vertex iL  for every link pair ( ii DS → ). For vertex iL , there are one 

input vertex iD  and ( 1−linkN ) output vertexes, where linkN  is the number 

of link pairs. These output vertexes point to the source vertex )( ijS j ≠ of 

other link pair, like L1A,L1B,L2B etc in figure 1.  

（2） Put kAnt on the source vertex iS  for every link pair ii DS → . 

kAnt  moves toward destine vertex jD by the action of pheromone trails 

and attractiveness. 
（3） If the length that ant has moved for finding path are more than the maximum 

permitted, this indicate the path that ant has chosen could not be passed 
through and go to step 5.  

（4） If kAnt  reach to the destine vertex jD , then it directly go into vertex jL . 

Only iAnt that start from iS  can pass through vertex iL . This ant chooses 

path from additional direction edges such as: L1A, L1B, L2B, by equal 
probability and begins to go through other link pair that has not been. If all 
of the link pairs have been passed through, go to next step. Otherwise, go 
back to step 3. 

（5） The pheromone trails update until all ants finish their route. Pheromone trail 
only adds to optimum route and other path’s pheromone trail will evaporate 
to decrease. Jump to step 2, and restart until the repeated times come to 
required number. 

In order to accelerate the speed of convergence, the MMAS is improved, i.e. ant 
has the ability of smell. Thus, there are two kinds of pheromone trail for every edge in 
graph G:  

ijop−τ : pheromone trail of optimum path; ijge−τ : pheromone trail of ordinary path.  

The ant needs to check the pheromone trail of edges that link to the vertex where 
the ant lies in before it determines the direction of next step. If the checked edge 

belongs to optimum path, it uses ijop−τ . While if the checked edge doesn’t belong to 

optimum path, ijge−τ is used. For edges belong to optimum path, ijop−τ  is always 

larger than ijge−τ . Therefore, the chosen path always tends to the existed optimum 

path. This ensure the quickly convergence of algorithm.  

3.2   Updating of Pheromone Trails 

The rules for pheromone trail’s updating are critical for ant colony. For the improved 

MMAS, ant adds the smell ability. There are two kinds of pheromone trail ijop−τ  and 

ijge−τ need to update, as in formula (2) and (3).  
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                       （3） 
Here pathoptimumij −∈  indicates that edge ij  belongs to optimum path. 

pathoptimumjlast −∉   indicates that edge ij  doesn’t belong to optimum path 

last time. 

3.3   Boundary of Pheromone Trail 

It is very important to ascertain pheromone trail scope for MMAS. In MMAS 
algorithm, the maximal and minimal values of pheromone trail are limited and can be 
express as: maxmin )( τττ ≤≤ tij .  This can effectively avoid searching path falling 

into standstill. But, how to ascertain the value of minτ and maxτ ?  

Definition 1. When the path composed of edges chosen by maximal pheromone trail 
is same as the optimum path, it is defined as MMAS convergence. 

Lemma 1. 
)(

1

1

1
max optsfρ

τ
−

=  

Here ρ is evaporation parameter of pheromone trail; )( optsf is the value of globe 

optimum solution.   

Lemma 2. 
min

max
min )( AvgPn

P

TB

TB

×−
×

=
ττ  

Here TBP  is the mutation probability in MMAS; minAvg  is average of edge number 

on all vertexes and the number of edge does not include edge whose pheromone trail 

is equal to maxτ .  

We omit the proofs of these lemmas because they are obviously true from the 
definition of MMAS. 

4   Algorithms Compare 

Because there are no standard routing test programs for CGRA, we map net lists of 
several digital signal-processing algorithms to CGRA. MMAS and pathfinder  
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algorithm is individually applied to get routing results. The CGRA we chosen is 
CTaiJi, it is a mesh architecture for data stream processing. It is composed of 128 
16bits PUs. The test results are listed in table 1. 

The values of MMAS in table 1 are statistic from the results of 40 repeated times 
These four examples stand for routing problem from simple to complex. For 16 points 
DCT, the number of operas that mapped onto architecture is minimum and the 
relationship of link is simple, MMAS and pathfinder both can get result very quickly. 
While for 16point FFT, the resources that needed are more than others and the 
relationship of link is complex, pathfinder do not find a feasible route. From the data 
in table 1, MMAS is effective for routing problem of CGRA. Its disadvantage is that 
it takes longer time. But, as routing resource of CGRA are simple and the number of 
PU is limited, the time taken by MMAS is permissible. 

Table 1. Test result 

algorithm   length PU number  cost time *1 S

Best result 44 16 324.6 

Worst result 48 18 308.5 MMAS

Average result 45.3 16.4 322.9 
16points FFT 

pathfinder / / not find path 

Best result 34 9 31.5 

Worst result 35 9 35.3 MMAS

Average result 34.2 9.0 31.7 

two type 

IIR(L=3) 

pathfinder 35 10 12.7 

Best result 28 8 23.5 

Worst result 29 9 23.8 MMAS

Average result 28.0 8.0 23.6 

12order 

2parallelism 

FIR filter  

pathfinder 30 9 11.6 

Best result 8 4 1.8 

Worst result 8 4 1.8 MMAS

Average result 8.0 4.0 1.8 
16points DCT 

pathfinder 8 4 0.4 

*1 for MMAS  it is the time takes before algorithm get into convergence;  

for pathfinder, it is the time that solution first occurs;  

5   Conclusions 

The improved MMAS for routing problem of CGRA is effective and has stronger 
ability of searching optimum path than pathfinder. This algorithm is very fit to CGRA 
whose resources are not too much. Using parallel computing technology and 
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improving the strategy of candidate set for ant colony are good ways to overcome 
MMAS shortcoming.  
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Abstract. This paper investigates the problem of robot planning with ant col-
ony optimization and artificial potential filed algorithms. Robot planning is to 
find a feasible path from a source to a goal while avoiding obstacles in configu-
ration space. Artificial potential field (APF) is verified as an efficient method to 
find a path by following the maximum potential field gradient. But it suffers 
from the local minima. However, ant colony optimization (ACO) is character-
ized as powerful probabilistic search ability, which is thought to be fit for solv-
ing such local minima problems. By the combination of both merits, an APF 
guided ACO algorithm is proposed, which shows some good features in search-
ing for the optimal path solution. The length optimal path solution can always 
be achieved with the proposed hybrid algorithm in different obstacles environ-
ment from simulation results. 

1   Introduction 

Robot planning is to find a feasible or optimal path from a source to a goal while 
avoiding obstacles in configuration space. The problem has been widely investigated, 
and some famous methods have been proposed, such as artificial potential field (APF) 
[1-6], probabilistic roadmap planner (PRM) [7-8], sensor-based method [9], etc. They 
all have their merits and shortcomings. The PRM is fit for planning the robot with 
multiple degrees of freedom, but hard to be extended in dynamic environment. The 
sensor-based method is simple but the generated path is rather zigzag. The APF is to 
find a path by following the maximum potential field gradient. It is easy to be applied 
in practical robot with the local potential field constructed by sensing the local envi-
ronment with range sensors. It also facilitates the application in dynamic environment, 
but still suffers from the problem of local minima. Several methods, such as harmonic 
function [2-4], and other hybrid algorithms [5-6] were proposed to overcome such 
shortcoming.  

Ant colony optimization (ACO) [10-13] was originated from natural ant colony 
behavior. It gained great successful applications for traveling salesman problem, 
quadratic assignment problem, scheduling problem, telecommunications networks 
routing problem, etc. As to our knowledge, there are few attentions paid to the appli-
cation of ACO on path planning problem [14-15]. In our previous work [16], a modi-
fied ACO algorithm for robot path planning was proposed.  
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It was indicated that the modified ACO was featured as probabilistic search ability 
to explore the space. A feasible solution could be always achieved, but the optimal 
solution could not be guaranteed and the learning process was rather time consuming. 
However, APF will provide some deterministic information for the environment, 
which could be used to guide the robot from the source to the goal effectively. At the 
same time, the local minima shortcoming of APF could be overcome by probabilistic 
search ability of ACO.  

2   Deterministic Planning with Artificial Potential Field 

2.1   Robot Planning Problem 

Robot planning is to find a feasible or optimal path from a source to a goal while 
avoiding obstacles in configuration space. The space can be discretized to a series of 
grid points according to certain sample resolution. The source and the goal are on the 
grid points. Obstacles are just in the path from the source to the goal, and they can be 
thought as sets of the grid points. In one step, the mobile robot moves from the cur-
rent point to the next point, one of its eight neighbors. Then a feasible path is con-
structed by a series of such moving steps.  

The sampling resolution is represented by dg, the distance between two horizontal 
or vertical neighbor points, the robot path is updated by  

( )[ ]
⎭
⎬
⎫

⎩
⎨
⎧=+= πππθθθ 2,,

2
,

4
,)(sin,cos …iig signsigndpp . 

(1) 

where θ represents one of the eight directions. If the value of the trigonometric func-
tion is zero, then the function sign returns 0, otherwise, it returns 1 or –1.  

2.2   Artificial Potential Field  

In an artificial potential field method, the goal is represented by an attractive poten-
tial, while the source and the obstacles are represented by repulsive potentials. So the 
robot can reach the goal from the source while avoiding obstacles. Harmonic func-
tion, featured as free of local minima, is often adopted to construct the artificial poten-
tial field. A spherical symmetry function is used to represent the potential.  

rogs log,, λφ = .  (2) 

where r is the distance from the current position to the goal, source, or obstacles. The 
subscripts s, g, and o represent source, goal, and obstacles respectively. λ represents 
attractive or repulsive strength. 

A uniform harmonic function is denoted as 

( )uuuu yx θθλφ sincos +−= .  (3) 

where θu is angle between axis x and the direction from the source to the goal.  
The whole potential is the superposition of all harmonic functions. The velocity 

components are calculated as the differentiation with respect to x and y.  
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In continuous configuration space, the robot path can be constructed successfully 
by following the velocity direction. But the continuous harmonic function should be 
described in a discrete form based on range sensors for the environment in practical 
application. Due to the error caused by discrete calculation, local minima may also 
exist. A discrete laplace method could be used instead, but a feasible not the optimal 
solution is the desired [4].  

As to our knowledge, discrete harmonic potential functions are the widely adopted 
algorithms for obstacles avoidance. The robot will move to the next point, one of its 
discrete neighbors, with the maximum velocity component.  
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(5) 

where θv is the velocity direction. By comparison, one of the eight directions closest 
to the velocity direction is selected as the robot moving direction. 
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Fig. 1. Measured obstacles distances and a feasible path achieved with artificial potential field  

An example of robot planning with artificial potential filed is shown in Fig.1, 
where a source, a goal and an obstacle are indicated as a circle, a cross and a line 
respectively. The blue solid circle represents one possible robot position. The meas-
ured distances in eight directions to its surrounding including the obstacle and borders 
are shown with blue lines in the left side of Fig.1. Then, the velocity field can be 
calculated with Equ.(2) to (5), and indicated as blue radials with velocity magnitude 
and direction in the right side of Fig.1. A feasible path, not the optimal, could be 
found by following the maximum velocity component from the source to the goal. 
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Where the robot is in local minima, a commonly used method is to select a random 
direction, which will cause the path rather zigzag and lengthy, shown in Fig.1.  

3   Probabilistic Search with Ant Colony Optimization 

As indicated in [16], we proposed a modified ACO algorithm for robot planning prob-
lem, which showed good performance on finding a feasible path with a high probabil-
ity. The iteration learning process consists of the following steps. 

3.1   Initialization 

The current robot position p is set to the source point ps initially. θi represents moving 
direction. Δτ and τ are pheromone increment and pheromone on the robot path. Sup-
posed the pheromone on all the paths are the maximum τmax initially.  

( ) ( ) 8,2,1,,,0, max "===Δ ipp ii τθτθτ . (6) 

3.2   Finding a Feasible Path 

The probability pk of the next point to be selected is  
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where η is a heuristic function, defined as the reciprocal of the distance from the 
current point p to the next point pn. α and β are weights of pheromone and heuristic 
function respectively. Roulette method or other rank methods can be selected to de-
termine the next point according to the probabilities of all candidate points.  

m ants locate at the same source point. The kth ant path is stored in the path list 
pathk. Supposed the robot could not penetrate the obstacles, only the borders of the 
obstacles and the environment are considered in the set obs. So once a feasible path is 
achieved, it must be the best path from the source to the goal. Then, the searching 
process stops. A path pruning mechanism is followed to remove repeated points in the 
path to derive a clean path with the robot stepping on each point once [16]. The global 
best path is also obtained by comparing the best path with the previous best values. 

3.3   Update of Pheromone Increment 

The pheromone increment is calculated by  
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where Lbest is the length of the best path in each iteration step. Q represents the 
amount of the pheromone quantity deposited on the best path. The shorter the path is, 
the higher the pheromone increment on the path is. The global best solution is used to 
replace the best path of the current iteration step once for many iteration steps. This 
assures the iteration converge to the optimal solution with a high probability. 

3.4   Update of Pheromone 

Considering evaporation effect on the path, the pheromone is updated as 

( ) ( ) ( ) ( ) 8,2,1,,,1, "=Δ+−= ippp iii θτθτρθτ . (9) 

where evaporation coefficient ρ is an constant from 0 to 1, to represent the pheromone 
decreasing rate. The updated pheromone is further limited in a scope [τmin, τmax]. To 
maintain a large pheromone on the best path, an evaporation related pheromone quan-
tity mechanism is adopted, denoted by 

maxτρ estimateLQ ≈ . (10) 

where Lestimate is an estimate value of the best path length. The ant number can also be 
assumed as Lestimate divided by dg.  

3.5   Stop Criterion 

If the iteration process reaches the maximum step, it stops and the final optimal path 
outputs. Otherwise, the algorithm returns to the part of finding a feasible path and 
continue the iteration process.  

4   APF Guided ACO Algorithm  

As mentioned in section 2, artificial potential field provides deterministic information 
about the configuration space, which facilitates the search process of path planning. 
But the robot may be trapped in local minima in discrete configuration space even 
with the harmonic potential function. The path is not with the minimum length, but to 
follow the maximum velocity gradient. However, ACO is indicated as powerful prob-
abilistic search ability to escape the local minima. The positive feedback mechanism 
will guarantee the optimal solution with a high probability.   

To combine the merits of both algorithms, a hybrid algorithm is presented. The 
path planning is conducted under the infrastructure of ACO. But the APF is intro-
duced in the step of find a feasible path, to guide the searching process efficiently. 
Then, Equ.(7) in ACO is modified as   
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where σ is the velocity function calculated by APF, and γ is the weight. The velocity 
component on each one of the eight directions and the weight are calculated by  

( ) ( )( )
v

p

v

ivi
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θθθσ

=
−= cosexp,

. 
(12) 

which means the velocity component with the direction closest to the velocity direc-
tion will get the maximum value. The velocity value is proportional to the weight.  

From Equ.(11) and (12), we can see that if the point is in local minima with a zero 
velocity value, the velocity function item in Equ.(11) will be eliminated completely. 
That means the algorithm turns to the single ACO. The robot path will be found by 
the powerful probabilistic search ability free of the problem of local minima. 

If the velocity value is large, the velocity function will have a more important in-
fluence on determining the robot path, so that the influence of probabilistic search 
property by ACO is decreased. The deterministic velocity value will facilitate the path 
planning process.  

Equ.(4) indicates that several attractive and repulsive strength coefficients affect 
the velocity. By strengthening obstacles repulsive strength, a safety path solution is 
inclined to achieve. On the other hand, a length optimal path with less safety may be 
obtained instead. This is verified in the following simulation results.  

5   Simulation and Comparison 

The configuration space is with the dimensions of [100 100] points, which is sampled 
with grid distance of 5 points. The obstacles are the same with [16] to test and com-
pare the algorithm performances. The maximum iteration step is 500. The global best 
solution is used to replace the best solution every 50 steps. The parameters of the APF 
guided ACO algorithm are tabulated in Table 1.  

Table 1. Parameters of the APF guided ACO algorithm 

5.1   Single Simple Obstacle  

The problem is shown in Fig.2(a). The source and the goal of the robot are [25,50] 
and [75,50], indicated as a circle and a cross respectively. An asymmetrical line ob-
stacle is from [50,20] to [50,70], shown as a black line. There is only one optimal path 
solution from the source to the goal while avoiding the obstacle.  

The path length is estimated to be 100, so the ant number m is calculated to be 20. 
Ten experiments are carried out. A promising result is achieved that the optimal solu-
tion can be always achieved, compared to the probability of 70-80% in [16]. One 
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example is shown in Fig.2, where the left shows the final pheromone intensity distri-
bution, proportional to the line width, and the right is the best path length. About step 
100, the path length converges to the optimal solution. The convergence steps are 
shorter than about 130 steps in [16]. 
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Fig. 2. Robot planning in a single simple obstacle environment. (a) Pheromone intensity distri-
bution at iteration step 500; (b) The best path length. 

5.2   Single Complex Obstacle 

The problem is shown in Fig.3. The source and the goal of the robot are [40,50] and 
[80,50] respectively. A rather complex symmetrical obstacle is shown in black part. 
There are many optimal path solutions from the source to the goal while avoiding the 
obstacle, for example, either in the upper or lower blank area. The experiment is con-
sidered to test the path planning performance of the algorithm to find one of the opti-
mal paths in a difficult environment. 

The path length is estimated to be 150, so the ant number m is calculated to be 30. 
Simulation results do not indicate better performance than the single ACO algorithm 
[16]. By analyzing the velocity field and one sub-optimal solution, shown in Fig.3(a) 
and (b), the robot path or direction is affected by a large velocity magnitude. The 
length optimal solution is to follow the path just above or below the obstacle, but 
where the large velocity magnitude tends to guide the robot away from the obstacle. 
The solution can be thought as another safety optimal solution.  

To achieve the length optimal solution, it is a feasible way to the take little consid-
eration of the path safety. The obstacles strength is reduced to –1.25. Ten simulation 
experiments are also conducted, and the result is quite different. The length optimal 
solution can always be achieved. The velocity field and one pheromone intensity 
distribution at step 500 are shown in Fig.3(c) and (d). Compared to [16], the probabil-
ity of the optimal solution is effectively increased. The result indicates that the obsta-
cle strength plays an important role in determining a length optimal or safety optimal 
solution. Furthermore, there is much less fluctuations in the best path length, shown in 
Fig.3(e).  
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Fig. 3. Robot planning in a single complex obstacle environment. (a) Velocity field; (b) Phero-
mone intensity distribution at iteration step 500; (c) Velocity field with a reduced obstacle 
repulsive strength; (d) Pheromone intensity distribution at iteration step 500 with a reduced 
obstacle repulsive strength; (e) The best path length with a reduced obstacle repulsive strength. 

5.3   Multiple Obstacles 

The problem is shown in Fig.4. The source and the goal of the robot are [10,10] and 
[90,90] respectively. Multiple rectangle obstacles with different width and height are 
distributed in the environment randomly, shown in black parts. There are several 
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optimal path solutions from the source to the goal while avoiding the obstacles. The 
experiment is considered to test the path planning performance of the algorithm with 
more obstacles and narrow passage, a typical problem of robot planning.  

As indicated in single ACO algorithm [16], the optimal solution can always be 
achieved. This is because the narrow passage reduces the searching space greatly so 
that the problem difficulty is reduced. The proposed hybrid algorithm also shows the 
same performance of the optimal solution achievement, but the convergence time is 
quite shorter than that of [16], shown in Fig.4. 
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Fig. 4. Robot planning in multiple obstacles environment. (a) Pheromone intensity distribution 
at iteration step 500; (b) The best path length. 

6   Conclusions 

By combining the merits of deterministic planning of artificial potential field (APF), 
and probabilistic search ability of ant colony optimization (ACO), a hybrid algorithm 
is proposed for the problem of robot planning. Simulation results indicate better per-
formances including iteration convergence time and the probability of the length op-
timal solution than that of single APF or ACO algorithm. The idea of incorporating 
deterministic information in ACO could also be applied in other application fields.  

Acknowledgement 

This work is funded partly by Natural Science Foundation of China No.60475030, 
Most Project of China No.2004DFB02100, international cooperative project on intel-
ligence and security informatics by the Chinese Academy of Sciences, and Joint 
Laboratory of Intelligent Sciences & Technology of Chinese Academy of Sciences. 

References 

1. Khatib, O.: Real-time Obstacle Avoidance for Manipulators and Mobile Robots, The Int. J. 
of Robotics Research 5(1)  (1986) 90-98 

2. Rimon, E., Koditschek, D.E.: Exact Robot Navigation Using Artificial Potential Functions, 
IEEE Trans. on Robotics and Automation 8(5) (1992) 501-517 



 Robot Planning with APF Guided Ant Colony Optimization Algorithm 231 

3. Kim, J.O., Khosla, P.K.: Real-time Obstacles Avoidance Using Harmonic Potential Func-
tion. IEEE Trans. On Robotics and Automation 8(3) (1992) 338-349 

4. Connolly, C. I., Burns, J. B., Weiss, R.: Path Planning Using Laplace’s Equation. Proc. of 
the IEEE Int. Conf. on Robotics and Automation Vol.3 (1990) 2102-2106  

5. Rosell, J., Iniguez, P.: Path planning using Harmonic Functions and Probabilistic Cell De-
composition. Proc. of the IEEE Int. Conf. on Robotics and Automation (2005) 1803-1808  

6. Kazemi, M., Mehrandezh, M.: Robotic Navigation Using Harmonic Function-based Prob-
abilistic Roadmaps. Proc. of the IEEE Int. Conf. on Robotics and Automation (2004) 
4765-4770  

7. Kavraki, L.E., Svestka, P., Latombe, J.C., Overmars, M.H.: Probabilistic Roadmaps for 
Path Planning in High-dimensional Configuration Spaces, IEEE Trans. on Robotics and 
Automation 12(4) (1996) 566-580 

8. Nielsen, C.L., Kavraki, L.E.: A Two Level Fuzzy PRM for Manipulation Planning, Proc. 
of the IEEE/RSJ Int. Conf. on Intelligent Robots and Systems (2000) 1716-1721 

9. Lumelsky, V.J., Stepanov, A.A.: Dynamic Path Planning for A Mobile Automaton with 
Limited Information on The Environment, IEEE Trans. on Automatic Control AC-31(11) 
(1986) 1058-1063  

10. Dorigo, M., Maniezzo, V., Colorni, A.: Positive Feedback as A Search Strategy, Technical 
Report (1991)  

11. Dorigo M., Gambardella, L.M.: Ant Colony System: A Cooperative Learning Approach to 
The Traveling Salesman Problem, IEEE Trans. on Evolutionary Computation 1(1) (1997) 
53-66 

12. Stützle, T., Hoos, H.: MAX-MIN Ant System and Local Search of The Traveling Sales-
man Problem, Proc. of the IEEE Int. Conf. on Evolutionary Computation (1997) 309-314 

13. Stützle, T., Dorigo, M.: ACO Algorithms for The Traveling Salesman Problem. In: Mietti-
nen, K., Makela, M., Neittaanmaki, P., Periaux J. (eds): Evolutionary Algorithms in Engi-
neering and Computer Science. Wiley (1999) 

14. Fan, X.P., Luo, X., Yi, S., Yang, S.Y., Zhang, H.: Optimal Path Planning for Mobile Ro-
bots Based on Intensified Ant Colony Optimization Algorithm, Proc. of the Int. Conf. on 
Robotics, Intelligent Systems and Signal Processing (2003) 131-136 

15. Hu, X.B., Huang, X.Y.: Path Planning in 3-D Space for Robot Based on Ant Colony Algo-
rithm, J. of Chongqing University 27(8) (2004) 132-135 

16. Zhao, D.B., Yi, J.Q.: A Framework of Mobile Robot Path Planning with Ant Colony  
Optimization. Proc. of the Int. Conf. on Sensing, Computing and Automation (2006)  
2009-2013 



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 232 – 235, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

Heuristic Searching Algorithm for Design Structurally 
Perfect Reconstruction Low Complex Filter Banks* 

Zhe Liu1 and Guangming Shi2 

1 School of Science, Northwestern Polytechnical University, 
Xi’an, 710072, China  

liuzhe@nwpu.edu.cn 
2 School of Electronic Engineering, Xidian University, Xi’an,710071, China 

gmshi@xidian.edn.cn 

Abstract. Filter banks are found many applications for images and signal proc-
essing. A lower complex filter banks are desired for their effective implementa-
tion. In this paper, we address a problem how to design low complex filter 
banks. A perfect restructure (PR) filter banks can be factorized by lifting steps 
and the procedure of factorization are described as multi-fork tree-structure. A 
heuristic-searching algorithm was proposed for finding the optimization PR fil-
ter banks with low dynamical coefficients. The given examples show the pro-
posed method is effective.  

1   Introduction 

Filter banks are popular in the applications various speech and image processing ap-
plications. Recently, there is increasing interest in designing filter banks with low 
implementation complexity because of the demand for signal processing in real time. 
At same time, a structurally PR FBs because the system can be implemented by using 
sum of powers-of-two (SOPOT) [1] coefficients are popular. With the use of SOPOT, 
coefficient multiplications can be implemented with simple shifts and additions. The 
complex of implementation and calculations of filter banks is reduced. 

Unfortunately, due to the large dynamic range of coefficients, frequency re-
sponses of the FBs with SOPOT coefficients are not as good as FBs with infinite 
precision arithmetic if the shorter terms of SOPOT are chosen. Therefore, the FBs 
with coefficients in lower dynamical range are preferred. The iterative searching 
method [2] for solving the problem is very complex because there exist many  
optimization calculations.  

In this paper, a novel a heuristic-searching algorithm is proposed for solving the 
problems. Firstly, by using a lifting factorization algorithms [3], a non-structurally PR 
or nearly PR FBs can be converted into a structurally PR FBs. Two kinds of long 
division are used in the factorization [4]. Because of non-unique factorization results 
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NSF of China (Grant No. 60372047) and. NSF of Shaanxi Province 2005F44, China. 
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by long division, whole procedures of possible lifting factorizations are described as 
multi-fork tree-structure. There exist many factorization paths for getting a group of 
the coefficients of filter bank. During the group of coefficients, there must be one 
group with minimal dynamic range coefficients. Secondly, a heuristic-searching algo-
rithm is employed to find the best factorization path in order to get coefficients in low 
dynamical range. 

2   Factorization of Two or M-Channel FIR FBs 

The PR condition [5] of two channel filter bank with analysis filters { )(0 zH , )(1 zH } 

and synthesis filter { )(0 zF , )(1 zF } can be expressed as following when setting 

)()( 10 zHzF −−=  and )()( 01 zHzF −= : 

dzzHzHzHzH −⋅=− β)()()()( 10011100 , (1) 

where )()()( 2
01

12
000 zHzzHzH −+= , )()()( 2

11
12

101 zHzzHzH −+= , β  is some constant 

and d  is some integer.  
And the PR condition of M-channel maximally decimated filter banks constructed 

by a prototype filter )(nh  with Cosine-Modulated [5] is given as following: 

d
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k zGzzH , 10 −≤≤ Mk , and d ( 120 −≤< md ) is a delay pa-

rameter of the filter banks. We can find that Eqn.(1) and Eqn.(2) have same format.  
Using lifting factorization [3[4] on Eqn.(1) and (2), we have   
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Where )(zqi and )(zQ are polynomial. There are two kinds of long division are used in 

the lifting factorization and factorization results are non-unique [4]. Because of con-
strained by PR conditions, number ( j ) of ( )iq z terms of fore-long division should 

satisfied [4] 

dq
i

i =+∑
=

)1|(|
1

j

(z) , (5) 
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where is length operation. We find that if the order of fore- or back-division to be 

taken is arbitrarily arranged during the procedures of factorization, )(zqi will be in 

large dynamical range.  

3   Heuristic Searching Algorithm  

Here we propose heuristic searching algorithm in order to get a low dynamical coeffi-
cients of filter. Assume that it needs n steps to finish whole factorizations. The possi-
ble paths of the factorization are like a tree-structure with multi-fork shown in Fig.1. 

An evaluation function of dynamical range in each branch is defined as: 

)](),(,),(min[

)](),(,),(max[
),(Φ

,11

,11

zqzqzq

zqzqzq
mi

mii

mii

−

−= ,. (6) 

Because of the constraint of Eq.(5), there are four possible strategies in some levels 
of the tree. Assume that we have processed the factorization on i -th step, 

)(,),(1 zqzq i  are obtained, and there exist 4 branches (or 4 strategies) in the )1( +i -th 

step. Then four evaluation functions )41(),1(Φ ≤≤+ mmi  are calculated. A branch 

with minimal ),(Φ mi  is chosen in )1( +i -th step and also let )()( ,11 zqzq mi =+ , then 

continue next steps. The heuristic searching algorithm is formulated as follows: 

(1) Give an predefined dynamical range Φ .Start the factorization from the root of the 
tree. There are 4 possible start points, and one of them is chosen as initiation point 
called father ( 1=i ). 

(2) Determine how many children (strategies, or m) exist in the next stop according to 
Eq.(5)  

(3) Factorize ( )k
iq z  using the possible strategies and obtain )1()(, mpzq pi ≤≤  

(4) Calculate the evaluation functions ),(Φ pi  for every )(, zq pi  

(5) Sort ascending order of branches with ),(Φ pi  as first child, second child,  . 

(6) Chose the branch with minimal evaluation functions ),(Φ pi  

If minimal (Φ ( , ))i p ≤ Φ , then the children upgrade as fathers, continue the step 

(2)~(6) until the all )(zqi ( ni <<1 ) are found.  
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Fig. 1. Tree structure of factorization path 
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4   Design Examples  

We now present an example which is a low-delay PR two-channel FB with length 

0N = 1N =12 and d=3. The optimal factorization matrix is  
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Their magnitudes of minimum and maximum coefficient are 0.110361 and 
3.478578, and the dynamical range of the coefficient is 31.52. Another example is 5-
chaanel Cosine-Modulated filter bank with the length-30 of prototype filter and 1=d . 
If factorization path is arbitrary and the magnitude of minimum and maximum coeffi-
cient is 0.7561e-2 and 1.1995e+1, respectively, thus the dynamical range is 
1.5863e+3. If the heuristic searching algorithm is used, we get an optimal factoriza-
tion path. And the magnitude of minimum and maximum coefficient is 3.5330e-2 and 
3.7980e-1, respectively. And the dynamical range of the coefficients is 1.0750e+1. 
For the space limited, the detail coefficients are not given here. 

5   Conclusions  

By using lifting factorization and the heuristic searching algorithm, a novel method 
for design M-channel structurally PR FB with lower dynamical range coefficients is 
presented. It is useful for reducing the complexity of implementation of FBs. The 
results given in the paper illustrate that the method is effective. 
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Abstract. To mitigate the inter-chip and inter-symbol interferences (ISI), multi-
carrier code-division multiple access (MC-CDMA) communication systems, 
which integrate the advantages of multi-carrier transmission systems with those 
of CDMA, are considered as promising techniques for future broadband wire-
less multimedia communications. In this paper, we focus on the uplink multi-
user detection (MUD) on the scheme that a uniform linear array (ULA) is  
applied to the base station of the MC-CDMA system. We first describe the 
equivalent spatial-temporal channel model of multi-user multiple-input multi-
ple-output (MIMO) MC-CDMA systems. Based on this scheme, by utilizing the 
finite alphabet property of transmitted symbols, an multi-user detector is de-
rived for the MC-CDMA system with the ULA over frequency-selective fading 
channels. Computer simulations illustrate that our algorithm is more robust 
against noise and can well mitigate multiple access interference (MAI) in multi-
user scenarios. In particular, the proposed scheme has the potential of providing 
the anticipated MUD performance gains with a complexity that would be man-
ageable for MC-CDMA systems. 

1   Introduction 

Future wireless communication systems need to support a very high transmission data 
rate in order to provide voice and multimedia services. Multi-carrier (MC) technolo-
gies are emerging as a considerable force to support the needs of next generations 
(NextG) of wireless communication systems. One of MC modulation schemes is 
orthogonal frequency division multiplexing (OFDM), in which a single high-rate data 
stream is transmitted over a number of lower rate subcarriers, which makes the sys-
tem robust against frequency-selective fading and intersymbol interference (ISI). As a 
form of combining code-division multiple access (CDMA) and OFDM, the multicar-
rier (MC) CDMA scheme was originally proposed by N. Yee et al in PIRMC’93 for 
high-data-rate wireless multimedia applications[1]. Owing to merits of the efficiency 
                                                           
* This work was supported in part by the National Natural Sciences Foundation (No. 60572046 

and No. 60502022) and the Research Fund for Doctoral Program of Higher Education (No. 
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to utilize the available spectrum and the capability to meet the demand of diverse 
multimedia services, MC-CDMA techniques are strong contestants for NextG wire-
less multimedia communications. Different variations of combination of CDMA and 
OFDM are known under acronyms such as MC-CDMA, MC-DS-CDMA (multicar-
rier direct sequence CDMA), and MT-CDMA (multitone CDMA)[2]. The MC-
CDMA system we consider in our study is the one where signal is spread and then 
converted into parallel data stream to be transmitted through different subcarriers. 

The MC-CDMA scheme is a promising technique for relieving capacity limit prob-
lems of conventional CDMA systems. MC-CDMA signals do not experience signifi-
cant linear distortion in frequency-selective fading channels because the symbol  
duration is much longer than the delay spread. Another different approach to further 
increase the system capacity is the use of spatial processing technique with antenna 
arrays at the base station of wireless communication systems. 

2   Model of Multi-User MIMO MC-CDMA 

Here, we assume that the base station ULA with MR elements is employed and as-
sumed that K users share the same set of subcarriers. The number of subcarriers 
equals to the length of spreading code G. Fig.1 shows the baseband model of the 
multi-input multi-output (MIMO) MC-CDMA systems. “IDFT” shown in Fig.1 is the 
corresponding all-digital implementation of the MC modulation bank, while “DFT” is 
the corresponding all-digital implementation of the MC demodulation bank [3]. 
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Ĥ

)(ˆ nbk

)()( nTM
kx

..

.
..
.

..

.

RM

S
pa

ce
-T

im
e

D
ec

od
in

g

 

Fig. 1. Equivalent Baseband Model of MIMO MC-CDMA 

The MC-CDMA scheme does the spreading spectrum (SS) operation in the fre-
quency domain [3]. We define the m-th assigned frequency domain spreading code 

for the k-th user as a 1×G  vector ),,1;,1(~ )(
T

m
k MmKk "" == ,c , which can be 

written as 
( ) ( ) ( ) ( )[ (1) (2) ( )]m m m m T
k k k kc c c G=c� � � �…                                 (1) 

As well known, the multipath nature of the wireless channel can be described as a 
finite impulse response (FIR) filter, which easily results in hostile ISI. When the MC-
CDMA system is over an FIR channel, an acceptable approach for combating the 
resultant hostile ISI is with the aid of a cyclic prefix (CP) to each transmitted data 
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block, where the length of CP exceeds the FIR channel memory duration. The CP can 
convert the time-domain linear convolution of the FIR channel to a cyclic convolu-
tion, or effectively, to a multiplicative channel distortion in the frequency domain so 
that the ISI can be avoided. Such multiplicative channel distortion in the frequency 
domain can be converted from the time-domain channel impulse response (CIR) that 
presents the effects of all multipaths. 

For clarity, we describe the time-domain FIR CIR vector for the k-th user between 
the p-th (p=1,…,MR) receive antenna and the m-th (m=1,…,MT) transmit antenna as 

( ) ( ) ( ) ( )[ (0), (1), , ( 1)]pm pm pm pm T
k k k kh h h L= −h "                              (2) 

where L expresses the maximum common FIR-channel length of all channels between 
receive antennas and transmit antennas. Without loss of generality, we assume L<G. 

The effects of above dispersive channels appear as random frequency-domain at-
tenuations in each subcarrier. We depict the frequency-domain attenuations for the k-
th user on all subcarrier channels between the p-th receive antenna and the m-th 

transmit antenna as the vector ( )pm
kς  with dimensions 1×G . Successively, we can 

obtain ( )pm
kς  by performing the discrete Fourier transform (DFT) on the aforemen-

tioned time-domain FIR vector ( )pm
kh , that is, 

( ) ( ) ( ) ( ) ( ) ( )[ (1) (2) ( )] (:,1: )pm pm pm pm T pm pm
k k k k DFT k FRO kG Lη η η = =ς F h F h� "  (3) 

where the matrix DFTF  denotes the GG ×  DFT matrix with its (l, l’)th element given 

by )/)1)(1(2exp(1)( , Gllj
GllDFT −′−−=′ πF . ),,1,( Gll …=′ . The matrix FROF  

with dimensions LG ×   consists of the first L column vectors of the DFT matrix. 
In multi-user MIMO MC-CDMA systems, when all K active users within one cell 

share all subcarriers at the same time, provided that the symbol synchronization 
among different users is done using timing synchronization techniques for the uplink, 
the frequency-domain ISI-free matrix-vector at the p-th receive antenna from all 
transmit antennas can be given by 
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where the matrix )(m
kO  with dimensions GG ×  is defined as )~( )()( m

k
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matrix kO  with dimensions GMG T×  is defined as ][ )()2()1( TM
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with dimensions GKMG T×  is defined as ][
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21 KOOOO "= ; the matrix 
( )p
kC  with dimensions TT MGM ×  is the channel frequency response matrix for k-th 
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( ) ( )p p
k= ⊗KC I C� , and KI is a KK × identity matrix and ⊗  denotes the matrix 

Kronecker product; the vector )(nkt  defined as TM
kkk ntntn T )](,),([)( )()1( "=t , which 

describes the symbol block of the k-th user and consists of MT symbols from MT 

transmit antennas, and TT
K

T nnn ])(,,)([)( 1 ttt "= . 

Stacking these frequency-domain ISI-free received data vectors corresponding to 
all MR base station receive antennas and omitting the symbol index n for ease of nota-
tion, we obtain an extended ISI-free received data vector with dimensions 1×GM R , 

which is the numerical model for the multiuser MIMO MC-CDMA system by 

Ctxxxx O== TTMTT R ][ )()2()1( "                                      (6) 

where the matrix O with dimensions GKMMGM TRR ×  is defined as OO
~⊗=

RMI ; the 

matrix C  with dimensions 
R T TM KGM KM× is defined as ( )(1) (2)[ ]RM TT T T=C C C C� � �" . 

Considering the thermal noise, we rewrite (6) as 

nxy +=                                                             (7) 

where every entry of the thermal noise vector n with dimensions 1×GM R  is the 

independent identically distributed (i.i.d.) complex zero-mean Gaussian noise with 

variance 2
nσ . 

3   Blind MUD for MIMO MC-CDMA System with ULA 

Based on the aforementioned numerical model for the multi-user MIMO MC-CDMA 
system with the base station ULA, we present an blind MUD approach for the MIMO 
MC-CDMA system with the ULA. 

3.1   Subspace Based Channel Identification Scheme for MIMO MC-CDMA  

Now, we consider the auto-correlation matrix of x in (6). We define it as 
HHHH OOOO CCCtCtxxRxx === ]))([(E][E                               (8) 

where Rxx is of dimensions GMGM RR × . H)(•  denotes the Hermitian transpose. 

Likewise, we describe the auto-correlation matrix of y in (7) as 

GM R
ICCyyR 2][E n

HHH
yy σ+== OO                                  (9) 

If the matrix C has full column rank of KMT and TR KMGM > [5], OC has full  

column rank of KMT. Performing an eigenvalue decomposition (ED) on Ryy results in 
two subspaces, namely the signal subspace and the noise subspace. Then, the signal 
subspace, SU , where signals of different users lie, is spanned by eigenvectors that corre-

sponds to the KMT nonzero largest eigenvalues of yyR , that is range{ SU }=range{OC}. 

While the noise subspace defined as ][ )1(10 −−=
TR KMGMN uuuU "  is spanned by  

eigenvectors associated with the remaining )( TR KMGM −  smallest eigenvalues.  
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Accordingly, the CIR vector can be efficiently identified other than an ambiguous com-
plex coefficient. We further use the finite alphabet property of transmitted symbols to 
estimate the ambiguous complex coefficient so that the CIR vector is accurately  
estimated. 

By exploiting the orthogonality between the signal and noise subspace, the follow-
ing matrix equation holds, i.e. 

( )R T T

H
N M G KM KM− ×=U C 0O                                           (10) 

from which we have 
( )(1)

1 2

( )(1)
1 2 ( )

[ ][ ][ ]

[ ][ ]

R

R R

R

R R T T

M TH H H T T
N N NM M

M TH H H T T
N N NM M G KM KM− ×

⊗

= =

U U U I C C

U U U C C 0

� � �" "
� � � � �" "

O

O O O
          (11) 

where the sub-matrix H
NpU  consists of MR column vectors of the matrix H

NU  from the 

(p-1)MR-th column to the pMR-th column. We have 
( )(1)

1 ( )[ ][ ]R

R R T T

M TH H T T
N k NM k M G KM KM− ×=U U C C 0" "O O                    (12) 

Let ( )( ) (1 ) (2 )
( 1)[ ]R

R

M m Tm m T m T T
k k k k M L×=h h h h"  denotes the channel vector for k-th user 

formed by the wireless FIR channels between the m-th transmit antenna and all re-
ceive antennas. From (12) we have 

R R

H ( ) H ( ) ( )
N1 NM M FRO ( ) 1[ ][ ]

R T

m m m
k k k M G KM− ×⊗ =U U I F h 0"O O                       (13) 

When LMKMGM RTR ≥− , the above linear equation set is overdeterminated. De-

fine ]][[ )()(
1

)(
FROM

m
k

H
NM

m
k

H
N

m
k RR

FIUUQ ⊗= OO " . Then the equations described in 

(13) are equivalent to the following equations. 

0)()()()(2)()( == mm
k

Hm
k

Hmmm
k hQQhhQ                               (14) 

We can obtain the solution to above equations by solving the following subspace 
fitting problem. 

2( )

2( )

( ) ( ) ( ) ( ) ( )

1 [1, ]

( ) ( ) ( )

1 [1, ]

ˆ arg min [ ]

arg min [ ]

m
k

m
k

m m H m H m m
k k k k k

k K

m H m m
k k k

k K

= ∈

= ∈

=

=

∑

∑
h

h

h h Q Q h

h hΘ
                        (15) 

where )(H)()( m
k

m
k

m
k QQ=Θ . 

Obviously, we can obtain the solution of (15) by the least-squares method. In short 

words, the estimated channel vector ( )ˆ m
kh  between the m-th transmit antenna and all 

receive antennas is just the eigenvector of )(m
kΘ  associated with its smallest eigen-

value. 

By constructing )(m
kΘ (m=1, …, MT) according to (15) for different transmit an-

tenna, we can easily estimate the uplink channel vector in turn. Note that there is an 

ambiguous complex coefficient ( )m
kγ between the estimated channel vector ( )ˆ m

kh  and 

the actual channel vector ( )m
kh . 



 Blind Multi-user Detection for Multi-carrier CDMA Systems 241 

3.2   Identification of Ambiguous Complex Coefficient and Blind Multiuser 
Detector  

Due to the uncertain complex coefficient between the estimated CIR and the original 
one, we further use the finite alphabet property of transmitted symbols to estimate the 
ambiguous complex coefficient so that the accurate CIR is obtained [6]. 

We substitute ( )pm
kς (k=1~K, p=1~MR) in (3) by ( )ˆ pm

kς , where ( )pm
kh is substituted 

by ( ) ( )ˆm pm
k kγ h ,and  

( )( ) ( )| |
m

kjm m
k k e φγ γ= , ( ) ( )ˆ ˆ (( 1) 1: )pm m

k k p L p L= − ∗ + ∗h h . And then 

we obtain ΓCC ˆ=  in (6). Accordingly, (7) is rewritten as 

nΓtCOy += ˆ                                                            (16) 

where the ambiguous complex coefficient matrix Γ  with dimensions TT KMKM ×  

is described as 
( )(1)( , , ) | |TM j

K k kdiag eγ γ= ⊗ =Γ I Γ" Φ                          (17) 

where the modulus matrix || Γ  and the phase angle matrix Φje  with dimensions 

TT KMKM ×  are defined as 

( )(1)

( )(1)| | (| |, ,| |)

( , , )

T

MT
k k

M
K k k

j jj
K

diag

e diag e eφ φ

γ γ= ⊗

= ⊗

Γ I

I

"

"Φ
                              (18) 

By defining the matrices above, we can obtain the identification of the modulus 
matrix and the phase angle matrix as in [6], that is 

H
n ))ˆ)((()ˆ(|| 2 ++ −= CIRCΓ OO σ                             (19) 

( )je diag= zΦ                                                             (20) 

where +•)( represents the Penrose-Moore pseudo-inverse; R denotes the auto-

correlation matrix of the received data matrix Y, which is defined 

as ][E
1 HYYR
bL

= ,and Lb is the number of received samples [7]; the vector z is the 

column-wise average of matrix ]|)|ˆ[(]|)|ˆ[( YΓCYΓC ++ ⋅ OO . 

Using the estimated ambiguity coefficient matrix Γ , we obtain the equivalent spa-

tial-temporal signature waveform matrix as ˆOCΓ . 
Once the equivalent spatial-temporal signature waveform matrix is estimated, the 

equivalent spatial-temporal minimum mean square error (MMSE) multi-user detector 
is defined as 

2 1ˆ ˆ ˆˆ (( )( ) ) ( )H
nσ −= +t OCΓ CΓ I CΓ y                             (21) 

Where t̂  with dimensions 1TM K ×  is the estimated vector for the transmitted sym-

bol vector t . 



242 A. Ren and Q. Yin 

3.3   Brief Summary of Proposed Multi-User Detector  

The proposed blind channel estimation scheme for uplink channel in MIMO MC-
CDMA systems with the base station ULA can be summarized as follows: 

1) Estimate the auto-correlation matrix of the received data vector y in (9) from the 

sampled average matrix as ∑
=

=
bL

n

H

bL
1

1ˆ yyRyy , where Lb depicts the number of sym-

bol blocks; 

2) Perform eigen decomposition operation on the auto-correlation matrix yyR̂ , and 

construct the estimated noise subspace matrix H
NÛ  according to (10); 

3) Construct )(m
kΘ  for each active user based on (13) and (14), and estimate the chan-

nel vector ( )ˆ m
kh (k=1~K, m=1~MT) according to (15), which is just the eigenvector 

associated with the minimum eigenvalue of the constructed )(m
kΘ ; 

4) Estimate the modulus matrix || Γ  and the phase-angle matrix Φje  of ambiguous 

complex coefficients by (19) and (20), respectively; 

5) Estimate the transmitted symbol vector t̂  by (21). 

To significantly reduce the computation complexity, we propose to estimate the 

CIR vector ( )pm
kh  (p=1~MR) for each element of the ULA concurrently for the k-th 

user as in [8]. Based on these estimated CIRs for all elements of the ULA, we can 

construct the equivalent CIR vector ( )m
kh  for the k-th user according to (13). By ex-

ploiting these reconstructed CIRs, an equivalent multi-user detector for MIMO MC-
CDMA system with the ULA can be developed as (21). 

Because there is no need of a large amount of computing burden, this concurrent 
scheme is greatly suitable for the fast time varying wireless channels. 

4   Simulation Results 

Computer simulations have been conducted to demonstrate the performance of our 
algorithm, and a set of computer simulation results are presented to illustrate the ad-
vantages of the proposed MUD for the MIMO MC-CDMA system with ULA. The 
validity of our method is also illustrated. We use an MC-CDMA system with the 
differential binary phase shift keying (DBPSK) modulation mode in our simulations. 

In simulations, we show the performance results of Monte Carlo simulation. The 
base station is equipped with three transmit antennas. Spreading factor G is set as 32. 
Hadamard multiple access codes are distributed to different users. 50 Monte-Carlo 
trials are performed for each simulation. The performance of our algorithm is evalu-
ated by the root mean square error (MSE) which is defined as 

2

1

1 1 ˆ( ) , 50
ˆ

tN

t
it

MSE i N
N =

= − =∑ t t
t

                                  (23) 
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where ˆ( )it  is the estimate of t from the i-th trial, and i  represents the Frobenius 

norm. To calculate the RMSE, it is assumed that the mean power of all users is 
identical.  
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Fig. 2. The root MSE verses the SNR 
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Fig. 3. The root MSE verses the Lb 

In Fig.2 we present the simulation results of root MSE when the signal-to-noise ra-
tio (SNR) varies from 0 to 25 dB, where the SNR is defined as 

)dB(/1log10SNR 2
10 nσ= , and L=6. As it is shown in Fig.2 that the root MSE of the 

multi-user detector as in (21) quickly declines as the SNR increases. 
The performance of the root MSE against the number of data samples Lb are  

displayed in Fig.3, where SNR=10dB, MT=2, MR=2, and L=6. According to the linear 
equation set (13), when LMKMGM RTR <− , the linear equation set (13) is  
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underdeterminated. The uplink channel vector ( )m
kh  (m=1,…,MT) therefore is unable 

to be estimated uniquely. As shown in Fig.3, when the number of users within one 
cell is greater than 26, the performance of the root MSE is therefore severely  
degraded. 

5   Conclusion 

In this paper, we interpret the MIMO MC-CDMA system with the base station ULA. 
Then, by utilizing the known specific spreading code and the finite alphabet property 
of transmitted symbols, we propose an exact uplink multi-user channel estimation and 
an MUD scheme for MIMO MC-CDMA system over the frequency-selective fading 
channel. Superior to the MC-CDMA system with a single antenna at base station, our 
algorithm is more robust against noise and can well mitigate MAI in multi-user sce-
narios. Our proposed algorithm is especially significant for the larger number of an-
tennas. Simulation results are presented for the evaluation of the proposed algorithm. 
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Abstract. In this paper, we propose a simple design method of nonuniform filter 
banks (NUFBs) with rational sampling factors. The analysis filters are respec-
tively generated by cosine modulating several prototype filters with certain 
matching condition. By following a cosine roll-off function of the transition 
bands of the stretched prototype filters, the overall system is approximately 
power complementary and therefore possesses the near-prefect-reconstruction 
(NPR) property. Further, due to the use of the Parks-McClellan algorithm in the 
filter design, no objective function in the optimization is explicitly required and 
optimal prototype filters for NPR cosine-modulated NUFBs can be obtained. 
Design examples along with comparisons show that the resulting filter banks are 
of high filter quality and the proposed method is of simplicity and effectiveness.  

1   Introduction 

Filter banks are used in many signal processing applications. The theory of perfect 
reconstruction (PR) and near perfect reconstruction (NPR) filter banks with uniform 
frequency partition has been well established [1, 2]. However, in some applications, 
filter banks with flexible time-frequency decomposition are much preferred. Efficient 
design of nonuniform filter banks (NUFBs) is therefore preferred. On the theory and 
design of NUFBs, many works have been done over the years [3]-[10]. For the filter 
banks with rational sampling factors, detailed discussion can be found in [4]. Design 
methods based on modulation were reported in [5]-[9]. Recombination nonuniform 
cosine modulated filter banks (CMFBs) were proposed in [5], which is performed 
with a two-stage structure. It has a long system delay due to its recombination archi-
tecture. In [6], each filter of a NUFB is formed by merging the relevant filters of a 
uniform modulated filter bank, preserving the design procedure and structure of uni-
form CMFBs. Another nonuniform pseudo quadrature mirror filter (QMF) bank de-
sign was proposed in [8], where nonuniform filters are achieved by joining different 
uniform filters with transition filters. To match the different transition bandwidth, the 
transition filters have to be modulated from complex lowpass prototypes. Based on 
                                                           
* Work supported by NSF of China (Grant No. 60372047) and NSF of Shaanxi Province, China 

(Grant No. 2005F18).  
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the cosine modulation of different linear phase prototypes, Argenti [9] proposed a 
new method for nonuniform QMF banks. The aliasing cancellation imposes con-
straints on the prototypes being dependent on each other. Among all the designs for 
NUFBs, most methods rely on a kind of nonlinear optimization. Since the optimiza-
tion procedures are in general computationally intensive, the converging rate towards 
optimum solutions is rather slow. Even worse, their cost functions usually have many 
local minima which make the starting points choosing critical. As a result, significant 
human intervention is required in order to obtain an acceptable solution.  

In this paper, we propose a simple design method for NPR cosine modulated 
NUFBs with rational sampling factors. Based on the cosine modulation of different 
linear phase prototypes introduced by Argenti [9], we employ the Parks-McClellan 
algorithm to design optimal prototype filters. Following a cosine roll-off characteristic 
of the transition bands of all the stretched prototype filters, the desired magnitude 
responses are specified as an optimization objective. Rather than resulting in a local 
optimal by nonlinear optimization, a global optimum solution is obtained. As a result, 
the overall system is approximately power complementary and hence has the NPR 
property. In addition, the stopband attenuation of all the analysis/synthesis filters can 
be significantly high. The design examples show that the performance of the results 
obtained by our proposed approach is much better than that in [9] with an assumption 
of the same distortion level. Most importantly, it also demonstrates that the proposed 
design is very simple.  

The rest of the paper is organized as follows. Section II gives a brief introduction 
to the principle of NPR cosine modulated NUFBs. The design method of optimal 
prototype filters is described in Section III. Design examples along with comparisons 
are shown in Section IV. Finally, some conclusions are drawn in Section V.  

2   NPR Cosine-Modulated NUFBs with Rational Sampling Factors 

In this section, we will introduce the design of pseudo-QMF banks with rational sam-
pling factors. The filter bank is generated by modulating different prototype filters. 
The basic idea for the design is from Argenti [9]. Here, we will briefly review the 
basic principle of the NUFBs along with the analysis of the elimination of the phase 
and significant aliasing distortions. Those will lay the foundation for our proposed 
method for the optimal prototype filter designs.  

 

Fig. 1. General structure of NUFBs with rational sampling factors 
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2.1   Basic Principle of NUFBs with Rational Sampling Factors 

Consider the structure of the NUFBs with rational sampling factors k kp q  shown in 

Fig. 1, where 0,  ,  1k M= −" . We assume that each filter is FIR with real coeffi-

cients and the sampling factors kp  and kq  are coprime. For critical sampling, they 

have to satisfy the condition 1k kk
p q =∑ . The input-output relationship of this 

system can be expressed as  
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where 2j M
MW e π−= , ( )kH z  and ( )kF z  are respectively analysis and synthesis fil-

ters.  The transfer function of the overall system ( )T z  is 
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and the aliasing components are 
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The analysis filters ( )kh n  and synthesis filters ( )kf n  are assumed to be time-

reversed. That is,  

( ) ( )k k kf n h N n= −  or ( ) ( )1kN
k kF z z H z− −= , 0 1k M≤ ≤ − ,  (4) 

where kN  is the order of analysis filter ( )kh n .  

Substituting (4) into (2), we get  

11
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To eliminate the phase distortion, the following condition should be satisfied,  

0 1 2 1

0 1 2 1

,M

M

N N N N
C

p p p p
−

−

= = = ⋅⋅ ⋅ = =  (6) 

where C  is a positive integer. Under this relation, ( )jT e ω  in (5) can be rewritten as  
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( ) ( ) ( )
1 11 12 2
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It is clear that ( )T z  has linear phase property and thus the phase distortion is elimi-

nated.  

2.2   Cancellation of Significant Aliasing Distortion 

In [9], each analysis/synthesis filter is obtained by the cosine modulation of a lowpass 
prototype filter. Different prototypes may be used in different branches. Thus the modu-
lation formulas of the k-th analysis and synthesis filters are respectively written as:  

( ) 2 ( ) cos((2 1) ( ) )
2 2

k
k k k k

k

N
h n p n l n

q

π θ= + − + ,  (8) 

( ) 2 ( ) cos((2 1) ( ) ),
2 2

k
k k k k

k

N
f n p n l n

q

π θ= + − −  (9) 

where 0 1k M≤ ≤ − , ( )kp n  is the prototype filter of the k-th channel, kl  is the posi-

tion parameter, and kθ  is the original phase. It is well known that kθ  can only be 

selected as / 4π±  for the significant aliasing cancellation in the uniform CMFBs. 
From (9), it can be found that the time-reverse relation of analysis and synthesis filters 
is still maintained. With phase distortion of the system being eliminated, we turn to 
the cancellation of aliasing distortion.  

To begin with, we introduce two concepts: high side and low side transition bands 
of a filter. For the high side, we mean the transition band in the higher frequency 
region; while for the low side, we refer to the one in the lower frequency region.  

For the cancellation of the aliasing error, certain requirements must be met in the 
following cases,  

for the high-high case, 12 2 0k kj je eθ θ +±+ =∓ , (10) 

for the high-low case, 12 2 0k kj je eθ θ ++ =∓ ∓ ,  (11) 

for the low-high case, 12 2 0k kj je eθ θ +± ±+ = ,  (12) 

for the low-low case, 12 2 0k kj je eθ θ +± + =∓ .  (13) 

The detailed derivation can be found in [9]. To minimize the aliasing distortion fur-
ther, it is necessary to give a lemma as follows:  

Lemma: Let ( )l kT  and ( )r kT  denote the width of the left and right transition bands of 

( )kH z , partitioning the lower and higher frequency components of input signal  re-

spectively. To minimize the aliasing distortion further, we should set 

( ) ( 1) 1r k k l k kT p T p+ += , 0 2k M≤ ≤ − .  
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3   Design of Optimal Prototype Filters 

Since the reconstructed signal does not suffer from phase distortion, and the signifi-
cant aliasing error is also reduced, the only consideration for us is the amplitude dis-
tortion. In this section, we will deal with this remaining problem and design the opti-
mal prototype filters.  

Due to the advantages of the Parks-McClellan algorithm, it is employed in our de-
sign of optimal prototype filters. Thus, the filter performance is an equiripple opti-
mum approximation and the magnitude response of the filter is completely specified 
and used as the design target. The Parks-McClellan algorithm for filter designs is also 
very popular in constructing filter banks with a linear phase property. Interested read-
ers please refer to [10].  

In the nonuniform CMFBs, all the analysis and synthesis filters are the shifted and 
stretched versions of different prototype filters. By imposing some constraints on the 
transition bands of all the stretched prototypes, an ideal filter magnitude response can 

be achieved. To make ( )jT e ω  be approximately flat, it is sufficient to impose the 

following constraint on the prototype filters ( )j
kP e ω ,   
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= + , 0 2k M≤ ≤ − . We notice that this constraint in the tran-

sition band would be met if we force the response of the right transition band of  the 

stretched version 
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tion and that of the left transition band of the stretched and shifted version 
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∑  to follow a sine function such that 2 2cos sin 1α α+ = , 

where 0 2α π≤ ≤ . This constraint is fundamental to our design.  

 

Fig. 2. The magnitude responses of the stretched and shifted versions of adjacent two prototype 
filters in the region [ ]10, kω ϕ +∈  
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Fig. 2 illustrates the desired responses of 
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∑  in the region [ ]0,ω π∈ , denoted by ( )kj p
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( )1 1

1 ( )k kj p
kP e ω ϕ + +−

+  respectively. Points a and e indicate respectively the passband and 

stopband edges of ( )kj p
kP e ω , denoted by ( )k

pω  and ( )k
sω . While points b and d asso-

ciated with ( )1 1

1 ( )k kj p
kP e ω ϕ + +−

+  are the counterparts of points a and e. Point c is the 

intersection of the magnitude responses of the two filters. Clearly, if the value at this 

point is 1 2 , then the sum of the square amplitude of the two filters at this point will 

be equal to unity. In addition, it should be expected that (a) ( )kj p
kP e ω  and 

( )1 1

1 ( )k kj p
kP e ω ϕ + +−

+  are symmetric with respect to point c, (b) point c corresponds to 

( ) 2k
c k kp qω π=  which is the cutoff frequency of ( )kj p

kP e ω , and (c) the passband 

edge frequency ( )k
pω  of ( )kj p

kP e ω  should be equal to the stopband edge frequency 

( )1k
sω +  of ( )1 1

1 ( )k kj p
kP e ω ϕ + +−

+ , which should be held inversely. Now we are ready to 

characterize their magnitude responses in the transition band. Denote ( )A ω  as the 

response of ( )kj p
kP e ω  in the right transition band and ( )B ω  that of 

( )1 1

1 ( )k kj p
kP e ω ϕ + +−

+  in the left. To meet all the constraints and requirements described 

above, we must set ( )A ω  and ( )B ω  to follow cosine and sine functions in their tran-

sition bands respectively. Finally, it can be found that the transition bands of all the 
stretched prototype filters are similar with each other under this constraint.  

4   Design Examples 

In this section, we will give two examples and compare the results with those in [9] to 
show the simplicity and effectiveness of the proposed method.   

The first example is a 3-channel NUFB with sampling rate [ ]1 5,3 5,1 5 . Here, the 

sampling factors 0 2 1p p= = , 1 3p = , and 0 1 2 5q q q= = = . Due to the fact that 

0 2p p= , only two prototype filters need to be designed. To eliminate the phase dis-

tortion, Eq. (6) should be satisfied. Here we set 55C = . Thus the order of analy-

sis/synthesis filters is [ ]55,165,55 . The couplings of the aliasing components that 

must be considered are of the type high-high and low-low between the branches 0-1 
and 1-2, respectively, so we select [ / 4, / 4, / 4]θ π π π= . By employing the Parks-

McClellan algorithm and using Eqs. (8), (9) and (14), we get the desired filter bank. 
Fig. 3 shows the magnitude responses of prototype filters and analysis filters, as well 
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as the amplitude and aliasing distortions. Their maximum values denoted by ppE  and 

aE  are 36.463 10ppE −= ×  and 47.452 10aE −= × , respectively. And the stopband 

attenuation is 117.5 dB.  
While in example of [9], under the same design parameters, the maximum ampli-

tude and aliasing distortion are about 31.6 10ppE −= × , 42.5 10aE −= × , and the stop-

band attenuation is only approximately 70 dB.  

  

(a) Magnitude responses of prototype filters (b) Magnitude responses of analysis filters  

        

(c) Amplitude distortion (d) Aliasing error 

Fig. 3. A 3-channel NPR cosine modulated NUFB with sampling rate [1/5, 3/5, 1/5] 

The second example is a 4-channel nonuniform CMFB with sampling rate 
[1/ 2,1/ 4,3 /16,1/16] . Here we choose 169C = , and the order of analysis/synthesis 

filters is [ ]169,169,507,169 . All the aliasing couplings are of the type high-low, thus 

we get [ / 4, / 4, / 4, / 4]θ π π π π= − − . Also by following the same design procedures, 

we obtain the desired result. The magnitude responses of prototype filters and analysis 
filters are shown in Fig. 4, along with the amplitude and aliasing distortion. Their 
maximum values are 34.903 10ppE −= ×  and 31.826 10aE −= × , respectively. And the 

stopband attenuation is 111.2 dB.  
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(a) Magnitude responses of prototype filters (b) Magnitude responses of analysis filters 

    

(c) Amplitude distortion  (d) Aliasing error 

Fig. 4. A 4-channel NPR cosine modulated NUFB with sampling rate [1/2, 1/4, 3/16, 1/16] 

Again it is interesting to compare the result of our second example with the one 
with the same decimation factors given in [9]. Under the same design specifications 
such as filter length and stopband cutoff frequency, the amplitude and aliasing distor-
tion given in [9] are about 33.8 10−×  and 33.2 10−×  respectively, which are almost the 
same as ours. However, the stopband attenuation by using our approach is nearly 60 
dB higher than that in [9] (111.2 dB versus 50 dB). More importantly, the analysis 
and synthesis filters in our design are capable of achieving the comparable perform-
ance without nonlinear optimization.  

5   Conclusions 

In this paper, a simple approach is proposed for designing optimal prototype filters for 
NPR nonuniform CMFBs with rational sampling factors. By employing the Parks-
McClellan algorithm, we force the transition bands of all the stretched prototype fil-
ters to follow a cosine function so that the overall system possesses a NPR property. 
The design examples have shown that the comparable performance can be achieved in 
terms of significantly higher stopband attenuation. Most importantly, it is very effi-
cient and effective without nonlinear optimization.  
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Abstract. This paper introduces a XCP framework based reliable multicast 
transport protocol XRMCCP (XCP framework based Reliable Multicast Con-
gestion controlled protocol) that has been designed to be simple, scalable and 
reliable for high bandwidth-delay product  (BDP) networks. We observe that 
TCP Friendly Throughput Equation (TFTE), which many current multicast 
transport protocols use to estimate available rates of multicast sessions, has lim-
its of performance in high BDP networks. XRMCCP generalizes XCP frame-
work to support one-to-many transport congestion control. The scalability issue 
is addressed with an exponential timers scheme that is also used to estimate the 
number of receivers involved in the communication. The paper presents a num-
ber of simulation results on its performance. Besides, some design choices are 
evaluated. 

1   Introduction 

Multicast technique was thought as a very efficient transmission method in one-to-
many application such as content distribution, VOD, interactive simulation, coordi-
nated virtual reality environment. For multicast to be successful, it is crucial that  
multicast transport protocol has effective congestion control scheme to respond to 
congestion in the bottleneck links. A larger number of multicast congestion control 
schemes, such as TFMCC [1], PGMCC [2], ORMCC [12] and RCCMP [8] etc., have 
been proposed. In order to be TCP-friendly, all of abovementioned schemes require to 
monitor the behavior of each receiver and to measure many parameters such as packet 
loss rate (P) and Round Trip Time (RTT), which are filled into TFTE to estimate 
available data sending rate. Those multicast congestion control mechanisms perform 
well in low BDP networks. 

However, TCP friendly throughput equation based multicast congestion control 
mechanism has limits in high BDP networks. Firstly, TFTE cannot fully characterize 
the rate changing of TCP. TFTE is the TCP response function describing the steady-
state sending rate of TCP. TCP has another important state, slow start. There are 
many short-term flows such as HTTP and telnet, etc., which only behavior in the slow 
start phase.  
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Second, multicast congestion control mechanisms imitate the mechanism of current 
TCP versions, while papers [4], [5], [6], [7], [10] show that current TCP versions 
perform poorly in high bandwidth-delay product networks. With development of 
network, links with 10Gbps or even more capability will be deployed in the Internet. 
For example, the capability of backbone links of the next generation Internet of China 
reaches 20Gbps. Both TCP’s AIMD and TFTE prevent flows from achieving high 
throughput, and decrease the utilization of high bandwidth links. More and more 
applications, which apply multicast to deliver large volume of data in Local Area 
Networks (LAN), will be deployed in Metropolitan Area Networks (MAN) and Wide 
Area Networks (WAN). Not only unicast congestion controlled flows take the respon-
sibility to efficiently use resource in high BDP networks, but also multicast conges-
tion control mechanism should be made some modification to contribute to do that. 

Third, in order to generate status report, receivers of TFTE based multicast conges-
tion controlled session should allocate buffer to store information of received packets, 
while receivers should allocate more buffer size to cope with increasing number of 
packets in high BDP networks. If the size of buffer isn’t assigned appropriate value, it 
is prone to come out wrong status report of network. We give some result of simula-
tion to further explore the limits of TFTE in the next section. 

The recently developed Explicit Control Protocol (XCP) [10] is a congestion con-
trol system well suited for high-BDP networks. It delivers the highest possible appli-
cation performance over a range of network infrastructure, including extremely high-
speed and high-delay links not well served by TCP. It achieves maximum link utili-
zation and reduces wasted bandwidth due to packet loss. It separates the efficiency 
and fairness policies of congestion control, enabling routers to quickly make use of 
available bandwidth while conservatively managing the allocation of bandwidth to 
flows. It is built on the principle of carrying per-flow congestion state in packets. 
And its packets each carry a small congestion header through which the sender re-
quests a desired throughput. Routers compute a fair per-flow bandwidth allocation 
without maintaining any per-flow state. The sender thus learns of the bottleneck 
router’s allocation in a single round trip. It effectively decouples congestion control 
from bandwidth-allocation policy. The router has two separate controllers: the Effi-
ciency Controller for preventing congestion and maintaining high utilization and the 
Fairness Controller for splitting the aggregate bandwidth fairly among connections 
sharing the link. 

This paper introduces a XCP framework based reliable multicast transport protocol 
XRMCCP (XCP framework based Reliable Multicast Congestion controlled protocol) 
that has been designed to be simple, scalable and reliable for high bandwidth-delay 
product  (BDP) networks. We observe that TCP Friendly Throughput Equation 
(TFTE), which many current multicast transport protocols use to estimate available 
rates of multicast sessions, has limits of performance in high BDP networks. 
XRMCCP generalizes XCP framework to support one-to-many transport congestion 
control. The scalability issue is addressed with an exponential timers scheme that is 
also used to estimate the number of receivers involved in the communication. The 
paper presents a number of simulation results on its performance. Besides, some de-
sign choices are evaluated. 
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2   Evaluation of TFTE 

In order to compete fairly with TCP, many multicast congestion control protocols and 
TFRC use the TFTE, which roughly describes TCP's sending rate as a function of the 
loss event rate, round-trip time, and packet size. A loss rate is calculated by construct-
ing a loss history and identifying loss events. These events are then converted to a 
loss event rate. Smoothed RTT, loss event, and various other values are then used as 
inputs into TFTE [3]: 
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Which calculates a TCP-compatible transmission rate X (bytes/sec) where s is the 
packet size (bytes). R is the round trip time (sec), p is the loss rate, tRTO is the TCP 
retransmission timeout (sec), and b is the number of packets acknowledged by a sin-
gle TCP acknowledgement. Updates in bandwidth availability are made at a fre-
quency of once every RTT. 

However, the available bandwidth estimated by the control equation is not friendly 
with TCP flows, especially in high-BDP networks. Firstly, the TFTE cannot fully 
characterize the rate changing of TCP. The TFTE is the TCP response function de-
scribing the steady-state sending rate of TCP. TCP has another important state, slow 
start. There are many short-term flows such as: HTTP, telnet, etc. only in the slow 
start phase. Second, the input parameter p is assigned with an inaccurate estimated 
value. If the value of p is higher than the real value, the estimated throughput is lower 
than the deserved throughput, else the flow become more aggressive than TCP flows. 
The loss rate estimation scheme affects the performance of TCP friendly flows. Third, 
in high BDP networks, flows often maintain larger congestion window, so receivers 
should allocate larger buffer to store packets information. If the size of buffer isn’t 
assigned appropriate value, it is prone to come out wrong status report of network.   
Besides, Paper [9] listed some limits of TFTE. 

 

Fig. 1. The throughput of TCP flows vs. the throughput of TFTE-based TFRC flows 
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We carry out simulations in ns-2 [11]. The result is shown in the Figure 1.  The 
simulations use a dumbbell network topology with a common bottleneck link between 
all senders and receivers. Each sender/receiver is connected to the bottleneck link by a 
high bandwidth access link. The propagation delays of the access link are varied in 
the range from 2ms to 10ms. The propagation delay in the bottleneck is 40ms. The 
routers use FIFO queuing with RED queue management. The maximum packet size is 
1048. There are 32 TCP flows and 32 TFRC flows running in the simulations. 

In the Figure 1 throughput of TCP flows and TFRC flows are shown. We observed 
that TFTE based TFRC flows are not friendly with TCP flows, and the utilization of 
the bottleneck is very low, about 73.5%. 

3   Description of XRMCCP Protocol 

XRMCCP is a XCP framework based reliable multicast congestion control protocol 
for high-speed networks. XRMCCP is a window based single rate reliable multicast 
transport congestion control protocol. Senders, intermediate routers and receivers all 
are based on XCP framework to select a appropriate transmission rate, especially in 
the high bandwidth-delay product network, to fairly share available bandwidth with 
other traffic flows and to increase bandwidth utilization while not cause congestion 
incur. XRMCCP uses congestion header, which is on top of TCP/UDP layer, to con-
vey congestion information such as sender’s current congestion window W, receiver 
representative ID, Round trip time between sender and receiver representative, delta 
throughput. Senders maintain congestion window W, receiver representative ID and 
round trip time. After senders initiate congestion header with these variables, Senders 
send packets to following router. Intermediate Routers receive packets arriving them 
and adopt efficient controller and fair controller to update delta throughput value. 
Only representative need feedback congestion information by ACK. Details of re-
ceiver’s behavior and receiver representative selection is presented in following sub-
section. 

3.1   Representative Selection 

The main goal of representative selection is to select the slowest receiver among the 
group members. At the beginning of a session, the sender sends an initial hello packet 
(IHP) to all the group members. As soon as receiver receives the IHP, the sender 
sends an IHPACK to the sender as quickly as possible. Once the sender gets the first 
of IHPACK from one of receives, the receiver that sent the IHPACK is selected as 
transient representative. This selected receivers is one of the closest to the sender. To 
find out the slowest receiver, the sender will change the representative when a NAK 
from one of receivers is received. To avoid frequent changes, selected representative 
lasts at least two times round trip time (RTT). The representative feedbacks ACK to 
the sender, then, the sender will adjust its congestion window according to the equa-
tion: W = W + Delta. To avoid stall of convergence when remaining available band-
width approach zero, XCP router allocates available bandwidth equally to every 
packet across itself. Addition to this, XCP router’s fair controller allocates 10 percent 
of arrival rate as bandwidth shuffle in order to achieve max-min fairness among 
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flows. Many experiments show that XCP protocol has very small convergence time. 
So the sender will find out the slowest receiver after several RTT. RTT in the conges-
tion header doesn’t affect correctness of delta throughput calculated by routers that 
are not in the path from the sender to representative. 

During the rest of the communication, a representative change is caused by every 
one or both of two following cases: 

    Case1: packet loss found by one receiver; 

                                 Case2: curl WDeltaW   <+∑                                              (2) 

Where lW  is the sender’s congestion window at the end of last round. When a re-

ceiver sends a ACK, it includes its deserved congestion window and highest received 
sequence number. The sender compares them with the representative’s ones, and if 
they are worse enough, the new receiver will be selected as the slowest receiver. To 
avoid excessive representative changes, the selection mechanism is biased towards the 
current representative. Besides, each representative should stay a minimum period on 
this state. 

Another cause to look for a new representative is that the current one has left the 
session. If four retransmissions of a packet are sent and there is no reply, the sender 
has to request IHP to receivers in order to select the slowest receiver. 

3.2   Flow Control  

In XRMCCP, a closed loop control is run between the sender and the representative. 
A window-based congestion control scheme that emulates XCP congestion control is 
used. So, the representative behavior is equivalent to XCP’s receiver in a point-to-
point connection. When a packet is received, the slowest receiver executes the follow-
ing algorithm: 

1. If the sequence number is the expected, the representative sends an ACK 
packet to sender. 

2. If the sequence number is lower than the expected, the received packet is a re-
pair one that replies to a sent NAK. This packet is not acknowledged. 

3. If the sequence number is higher than the expected, an ACK packet with the 
expected sequence number is sent immediately to acknowledge the last re-
ceived packet and to notify the sender that some packets are lost. 

This algorithm is executed at the representative and it is a general XCP algorithm. 
At the sender, a standard XCP algorithm is also executed, but packets instead of bytes 
are used to control transmission window. The sender algorithm can be summarized as 
follows: 

1. The window sized is initiated depending on packet size. 
2. Packets are sent until the window is full. The retransmission timer is started. 
3. ACK packets are expected and are used to update RTT. (This time is estimated 

between the sender and the representative and is calculated in seconds). 
1) If the sequence number is the expected, every ACK with congestion 

header, the window size is update by : W+delta. 
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2) If the sequence number is not the expected and three duplicate ACKs are 
received, then congestion is detected. The window size is decreased, the 
last non- acknowledged packet is resent and the retransmission timer is 
reset. 

If ACK is not received and the retransmission timer expires, the retransmission 
timer is doubled, and the window size is set to 1. 

3.3   Receiver’s Behavior 

Receivers know current the sender’s current congestion window and round trip time 
between the sender and the representative. Receivers can estimate the sender’s send-
ing rate R = W/T. Receives integrate delta throughput in every T and remember the 
sender’s congestion window when one round starts. Two round later, receivers calcu-
late their estimated congestion window and compare with the sender’s current conges-
tion window. If estimated congestion window is less than the sender’s current conges-
tion window, the receiver can send an ACK to the sender. If it is really the slowest 
one among the group, it will be selected as the representative. 

3.4   Error Control 

XRMCCP achieves reliability by means of NAK mechanism. How does a receiver 
distinguish a loss packet that representative has already received. Since representative 
can send NAK to the sender when some packets are lost, while other receivers cannot 
intermediately send NAK to the sender to inform the sender to retransmit them. 
XRMCCP need a mechanism to assure other receivers can inform the sender when 
it’s necessary. The representative is allowed to multicast ACK to the group members. 
In case of that representative has acknowledged a packet while a receiver doesn’t yet, 
if this receiver’s delta throughput is smaller than the representative’s this receiver is 
allowed to send a NAK intermediately to the sender. This receiver is selected as new 
representative. If not, the receiver should wait for random time sending NAK. During 
the waiting time, the packet arrive the receiver, the receiver cancels sending NAK. In 
other case of that receivers and the sender don’t receive ACK from representative, the 
sender will retransmit the loss packets automatically. 

4   Simulations 

We have implemented XRMCCP on ns-2 and conducted a simulation study to vali-
date the proposed design in terms of intra protocol fairness, inter protocol friendliness 
and representative selection. 

We consider network topologies with a single bottleneck link (dumbbell-like), mul-
tiple bottleneck links (Figure 4). Each sender/receiver is connected to the bottleneck 
link by a high bandwidth access link. All senders, receivers and intermediate router 
nodes are XCP capable. The propagation delays of the access link are varied to obtain 
different RTT between each sender/receiver pair. The propagation delay in the bottle-
neck is 20ms in short RTT scenario and 80ms in long RTT scenario respectively. 
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4.1   Intra Protocol Fairness 

Intra protocol fairness has been analyzed by running multiple instances of the proto-
col through the same bottleneck link. The bottleneck has a capacity of 500 Mbps and 
a router buffer size of BDP/size packets, where size is packet size. In this simulation, 
packet size is 1009. There are n multicast connections, and n is in the range from 1 to 
16. The propagation delays between the senders and the router are (10+n)ms. Each 
multicast connection has three receivers with a propagation delay from the router to 
the receivers of 10, 20 and 30ms respectively. The senders start each 10s. 

In Figure 2 the fairness index [13] is shown to different number of sessions. Fair-
ness index measures the fair division of bandwidth. A value near to one means that 
network resources are fairly shared. The results show that the instances share band-
width in a fair way. When there are 16 multicast sessions running at the same time, 
fairness index of XRMCCP is 0.99, while fairness index of RCCMP of ref [8] is 0.94. 
Although we change the link delay or add random losses the intra XRMCCP fairness 
is achieved. 

 

Fig. 2. Intra protocol fairness: Fairness Index of multiple XRMCCP instances 

4.2   Inter Protocol Fairness 

XRMCCP tries to have a behavior as similar to XCP as possible avoiding starvation 
in XCP connections. For this reason, the flow and congestion control mechanisms are 
similar to XCP. 

Inter protocol friendliness has been studied by running multiple instances of XCP 
and XRMCCP. The bottleneck link capacity is 50*n Mbps and router buffers of n*15 
packets, where n is the number of XCP sessions. The propagation delays from the 
router to the receivers are equal to m*10ms, where m is the number of receivers, and 
the propagation delay from the sources to the router is (10+s)ms, where s is the num-
ber of senders. Figure 3(a) shows the fairness index to different experiments. Figure 
3(b) shows the utilization of bottleneck to different experiments. We see that 
XRMCCP and XCP flows fairly share the bandwidth resource. The utilization of 
bottleneck is very high. 
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Fig. 3. (a). Inter protocol fairness: Fairness Index of XRMCCP and XCP sessions;  (b) Utiliza-
tion of the bottleneck; X label means n XRMCCP sessions and n XCP sessions 

4.3   Representative Selection 

We have run several simulations to evaluate the behavior of the representative proc-
ess. The experiments involved a single sender with multiple receivers connected 
through independent bottlenecks. Figure 5 shows a simulation result based on the 
scenario proposed on Figure 4, involving one XRMCCP session with two receivers 
and one XCP session. The links L1 and L2 have a capacity of 500Mbps and 400Mbps  
 

 

Fig. 4. Topology: One sender XRMCCP with two receivers and one XCP connection. 
XRMCCP starts at 2s and XCP1 at 62s. 
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Fig. 5. Representative selection: throughput of XRMCCP and XCP sessions. At the beginning 
XRMCCP1 is the representative, a representative change take places at 32s and XRMCCP2 is 
the new representative. 

respectively. Both links have a propagation delay of 80ms and buffer sizes of 100 
packets. The expected behavior, which it can be observe in the graph, is that at the 
beginning of the session the XRMCCP takes the full 400Mbps and XRMCCP1 is the 
representative. When XCP1 starts the throughput is reduced to 250Mbps and a repre-
sentative change takes place. The representative changes achieve that XRMCCP flow 
is adapted to the available bandwidth. 

5   Conclusion  

XRMCCP generalizes XCP framework to support one-to-many transport congestion 
control for high-speed networks. XRMCCP is a window based single rate reliable 
multicast transport congestion control protocol. As far as I know, it’s the first time to 
adopt XCP framework in multicast transport.  

Simulations show that fairness between XCP and XRMCCP connections and be-
tween XRMCCP connections are fulfilled. Besides, XRMCCP has short convergence 
time and can be helpful to increase the utilization of bottleneck in High-BDP net-
works. 

As a future work, we modify XRMCCP to support multiple rate multicast transport 
congestion control. 
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Abstract. Inspired by the mechanism of small-world phenomenon, some small-
world optimization operators, mainly including the local short-range searching 
operator and random long-range searching operator, are constructed in this 
paper. And a new optimization algorithm, Small-World Optimization Algo-
rithm (SWOA) is explored. Compared with the corresponding Genetic 
Algorithms (GAs), the simulation experiment results of some complex 
functions optimization indicate that SWOA can enhance the diversity of the 
population, avoid the prematurity and GA deceptive problem to some extent, 
and have the high convergence speed. SWOA is shown to be an effective 
strategy to solve complex tasks.  

1   Introduction 

The small-world phenomenon has its roots in experiments performed by the social 
psychologist Stanley Milgram in the 1960s to trace out short paths through the social 
networks of the United States [1]. The results indicate that any two individuals in the 
social network are all linked by short chains of acquaintances (popularly known as 
“six degrees of separation”). After Duncan Watts and Steve Strogatzs’ paper -
“Collective Dynamics of Small-World Networks” published in Nature in 1998 [2], the 
small-world phenomenon has been introduced to network theory by some computer 
scientists. And it’s with great expectations to become an important theory related to 
computer science after systematology, information theory and cybernetics. The small-
world phenomenon is an interdisciplinary problem involving with sociology, 
mathematics and computation science, which has become hotspots in the theoretical 
discussion of Artificial Intelligence (AI) and Complexity Theory. It has been 
successfully used in internet control [3], AIDS diffusion forecast [4] and dynamical 
research of biological protein networks [5], yet little discussion about small-world 
phenomenon has been found in the field of optimization algorithm. 

If the precision is set, optimization space can be considered as a grid space 
(network space) constructed by the variables. We can take the optimization as a 
process that information transmits from candidate solution to optimal solution in 
search space (networks). In this paper, therefore, a new optimal search algorithm is 
constructed which makes use of the effective information transmission mechanism 
inspired by the small-world phenomenon. We proceed as follows: Section 2 provides 
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a description of the general theories about small-world phenomenon and introduces 
the optimal search process from the point view of the small-world principle. Based on 
the local shortcuts search operator and random long-range search operator of small-
world, section 3 discusses a kind of Small World Optimization Algorithm (SWOA). 
The experiments and the corresponding analyses bout SWOA are described in 
Sections 4. Finally, Section 5 states some conclusions. 

2   Small-World Networks and Optimal Process 

Roughly speaking, the small-world phenomenon reveals a most effective mode of 
information transmission in the movement of a lot of complex networks (such as 
social network), which are high clustering subnest including “local contacts” nodes 
and some random long-range shortcuts that conduce to produce shortcuts to increase 
efficiency of information transmission. The small-world phenomenon still has no 
accurate definition. Ordinarily, if the mean distance L between two nodes of the 
networks increases logarithmically with the number of network nodes N 
(namely NL ln∝ ), it can be considered that the network has the small-world 
phenomenon. 

The small-world network of Watts and Strogatz is an intermediate between regular 
and random networks [2], namely, it combined with a subnet that has local clustering 
shortcuts and some random long-range shortcuts. Kleinberg points out that the small-
world phenomenon is an efficiency question about routing algorithm, where local 
knowledge suffices to find effective paths to get to destination [1]. 

Without loss of generality, we consider the following global optimization problem 
P: 

( ) uxdx ≤≤tosubjectmaximize f  (1) 

Where, { } m
mxxx ℜ∈= ,,, 21x is a variable vector, { }mddd ,,, 21=d  and 

{ }muuu ,,, 21=u  define the feasible solution space, namely, 

miudx iii ,,2,1],[ =∈ , f (x) is the objective function. 
When m=2, x1-x2 constructs the search space as figure 1 shown, in which x1,x2 get 

its value only at the circle. Let T be the optimal solution and B be the initial candidate 
solution, thus the resolving procedure of optimal question P is the search from B to T, 
which can be considered as the information transmission process from B to T, as the 
broken line shown in figure 1. The optimal search networks that we were talking 
about above is very similar to “the planar lattice small-world networks with many 
random contact”[2] constructed by Watts and Strogatz. If we consider the small-world 
phenomenon in search process, which is to say that we introduce global random 
search (random long-range contacts) into local search (local shortcuts) and emphasize 
the global result induced by local action, an optimal search algorithm with small-
world phenomenon will be constructed. We call this kind of algorithms as Small 
world Optimization Algorithm (SWOA). 
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Fig. 1.  Node Lattice of Two-dimensional Space Search Question 

3   Small-World Operator and the Algorithm 

3.1   Basic Definition  

Considering the efficiency of algorithm and Stanley Milgram’s design about 
sociological examination [1], the point which participates in search or information 
transmission should not be a simple one but a set of candidate solutions. We denote 
these transmission node populations as set S. Furthermore, lsss 21=s , Ss ∈ , is the 

node coding of the variable x, described by )(xs = , and x is called the decoding of 

node s, described as )(1 sx −= . Let τ  be the number of the possible values of ai. For 

binary coding and decimal coding, there are 2=τ and 10=τ accordingly. Generally, 

antibody bit string is divided into m parts, and the length of each part is il , where 

∑
=

=
m

i
ill

1
, and each part is denoted as miudx iii ,,2,1],[ =∈ . Especially, for 

binary coding, we use the decoding method as follow: 
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In this paper, we adopt 0-1 binary encoding. 
And small-world search space ( Is ∈ ) is: 

{ }nkkn
n ≤≤∈== 1,),,(: 21 IssssSSI  (3) 
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Where the positive integer n is the size of node population. The node 
population },{ 21 nsssS = , which is an n-dimension group of node s, is a point in the 

node group space nI  
The global optimal solutions for set of problem P is defined as the following 

{ }):)(min())((: *1 uxdxsIsT ≤≤≡=∈≡ − ffef  (4) 

Where f * is the optimal value of objective function f. For the node population S, 
TSS ∩≡)(ϑ  denotes the number of optimal solutions in antibody population S. 

Define the distance between Sss ∈ji ,  is ( ) jijid ssss −=, , where •  

denotes an arbitrary norm. For binary coding, we use Hamming distance; while for 
decimal coding we generally use Euclidean distance. 

The  neighborhood set of the node si can be defined as  

( ) { }Ssssssς ∈≤−<= jjiji ,0  (5) 

And ( )isς  is the number of elements in ( )isς , ( )isς  is the non-  

neighborhood set of si. Obviously, there is  

( ) { }Ssssssς ∈−<= jjiji ,  (6) 

Furthermore, if Ts ∉i  and ( )( ) ( ) 0=∩≡ Tsςsς iiϑ , there is 

( ) ( ) 1≥∩≡⎟
⎠
⎞⎜

⎝
⎛ Tsςsς iiϑ .  

3.2   Local Shortcuts Search Operator 

The main action of local shortcuts search operatorΨ  is transmitting the information 
from node si(k) to the corresponding node si(k+1) which is the nearest node to the goal 
set T in ( )( )i kς s  with minor . We denote this process with ( )( 1) ( )i ik k+ ← Ψs s . 

In practice, ( )( )i kς s  is very big. We often randomly select ( ))()( kkn il sς<  

nodes from ( ))(kisς  to construct a temporary local transmission network to realize 

local search. For example: 20 bits binary encoding node si(k), ( ) 19)(1 =kisς  but 

( ) ( ) 2
20

12 C)()( += kk ii sςsς . In detail, we construct the following local shortcuts 

search operator Ψ  for binary encoding. 
0)()( ×←′ kk ii ss  get a temporary zero bit string which has the same construction 

as )(kis .And  ⊕ , ¬ , ⊗  corresponding to bit-oriented adding、minus and multiply. 
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Local Shortcuts Search Operator Ψ       

given ( )il kn sς<)( ;  )()1( kk ii ss ←+ ;    

begin 
    0←j ; 

repeat 
       0)()( ×←′ kk ii ss ; 

Stochastic selecting r( ≤< r0 ) bits from )(kis′  and change 

them into 1; 
( ) )()()(2)()( kkkkk iiiii sssss ′⊕′⊗×¬←′ ; 

if ( )( )( ) ( )( )( )111 +<′ −− kefkef ii ss  

   )()1( kk ii ss ′←+ ; 

end if 
1+← jj ; 

 until j = nl(k) 
end. 

Fig. 2.  Flowchart of Local Link Search Operator 

3.3   Random Long-Range Search Operator 

Essentially, a point in ( )isς  is stochastically selected as the information transmission 

object point, )(kis′  of si(k), by random long-range search operator Γ  according to the 

preset probability distribution, which can be described as ( ))()( kk SS Γ←′  (  gets a 

bigger value, namely )(kii ss ′−  is bigger). Considering the convenience and 

availability, the Inverse Operation in evolutionary computation is used to construct 
the operator Γ . The random long-range search operator Γ  in this paper is described 
as the figure 3.  

Where rand(0-1) generates uniform distributed random number whose values fall 

between 0 and 1. 
ν
μ)(kis′  means overturning positive sequence of the characters’ from 

bit μ to bit ν ,for example:  

)(kis′
ν
μ)(kis′

μ ν
 

lp in the operator Γ  is corresponding to the inversion probability of inversion 

operation in evolutionary algorithm except that a limit for the distance between μ and 

ν  is set. 
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Random Long-range Search OperatorΓ  
Given global long-range probability lp and ; 

begin 
    0←i ; 

Repeat 
)()( kk ii ss ←′ ; 

    )10(rand −←p ; 

if ppl <  and )(kis is not the optimal solution in current set of node,  

Stochastic generate two integer μ 、 ν ,where  

l≤<≤ νμ1 and >−νμ ; 

ν
μ)()( kk ii ss ′← ; 

end if 
1+← ii ; 

until  i = n 
end. 

Fig. 3.  Flowchart of Random Long-range Search Operator 

3.4   Small World Optimal Algorithm 

Based on the local shortcuts operator Ψ  and random long-range operator above, the 
step of realizing SWOA is shown in figure 4. 

The stop conditions are defined as either the restricted iterative number or the time 
when the solutions are not improved at successively iterations, or both of the two. 
Combining the enactment iterative times with hunting condition, here the algorithm is 
halted as the following criterion: 

ε<− bestff *  (7) 

Where f* is the global optimum of f, f best is the current best function value. 

If 10 << ∗f , the following equation holds: 

** fff best ε<−  (8) 

Compared with the evolutionary algorithm, the SWOA does not adopt crossover 
operator or global selection operation; instead, local selecting is applied so that local 
information transmission in small world phenomenon is emphasized. Instead of 
simple point search strategy, the algorithm adopts population as in the evolutionary 
algorithm, which is consistent with socialist investigative experiment [1]. 

According to the analysis of the two-dimensional grid network just like figure 2, 
Jon Kleinberg proved that the expected delivery time of the decentralized algorithm is 

at most ( )2log Nα [6]. Inspired by Jon Kleinberg’s analyzing and thinking of the 
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Small World Optimal Algorithm (SWOA) 
  Initialization: Enactment the size of node population n, inversion probability lp ,  

and other parameters. initialize the node population ( ) ( ) ( ) ( ){ }0,,0,00 21 nsssS = ; 

0←k ; 
begin 

while terminative condition doesn’t satisfy; 
)()( kk SS ←′ ; 

( ))()( kk SS ′←′ Γ ; 

0←i  
Repeat 

( ))()1( kk ii ss ′←+′ Ψ ， )()( kki Ss ′∈′ ; 

if ( )( )( ) ( )( )( )kefkef ii ss 11 1 −− <+′  

)1()1( +′←+ kk ii ss ; 

else 
)()1( kki ss ′←+ ; 

end if 
1+← ii ; 

until I = n 
1+← kk ; 

end while  
end. 

Fig. 4.  Flowchart of SWOA 

characteristic of SWOA, we can roughly estimate SWOA’s computation complexity 

as ( )2logτα l . 

4   Simulation Experiment 

4.1   Test Function and Conditions 

Seven functions adopted in our simulation experiment are shown as formulas from (9) 
to (15). These functions’ space shapes are so complex that their optimal question can 
not be better solved by using general algorithm.  

[ ]1,1,
106

)6sin(
)4sin()4sin(1),(max

1522

22

1 −∈
++

+
++×−×+=

−
yx

yx

yx
yyxxyxf πππ  ,  f *＝2.118 

(9) 

[ ]1,1,)4sin()4sin(1),(max 2 −∈+×−×+= yxyyxxyxf πππ ,   f *＝2.055 (10) 

( ) ( ) [ ]12.5,12.5,),(max
222

2

223 −∈++⎟
⎟
⎠

⎞
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⎜
⎝

⎛

++
= yxyx
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b
yxf , f *＝3600 where a=0.05 b=3 (11) 
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[ ]10,10,])1cos[(])1cos[(),(min
5

1

5

1
4 −∈
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⎫

⎩
⎨
⎧ ++×

⎭
⎬
⎫

⎩
⎨
⎧ ++= ∑∑

==
yxiyiiixiiyxf

ii

, f *＝-186.73 (12) 

( ) [ ]12.5,12.5,441.24),(min 2223

4
2

5 −∈+−++⎟
⎟

⎠

⎞

⎜
⎜

⎝

⎛
+−= yxyyxyxxxyxf  f *＝--1.031628 (13) 

( ) ( ) [ ]12.5,12.5,0.150sin),(max
1.022225.022

6 −∈⎟
⎠
⎞⎜

⎝
⎛ +++−= yxyxyxyxf  f *＝0 (14) 

[ ]12.5,12.5,)2cos(10)2cos(1020),(min 22
7 −∈−+−+= yxyyxxyxf ππ  f *＝0 (15) 

All numerical experiments in this paper are implemented on PC of PIV2.4G、
512MRAM by using Matlab language. 

4.2   Experiment Result and Analysis 

The performance comparison of SWOA and a GA (MGA) is shown in table 1. MGA 
is a modified genetic algorithm which adopts new selection operator and population 
update strategy [7].  The population size of MGA is 30 and the encoding length is 80, 
maximal generation is 1500, crossover probability is 0.7, mutation probability is 
0.0017, Generation gap (GGAP, namely how many new individuals are created) is 
0.9. In order to keep the approximate computational complexity with MGA, the 
population size S of SWOA is30 and )(knl is 4, lp is 0.3,  is 1, node’s encoding 

length is also 80.The statistical results in table 1 are obtained from 50 simulations.  

Table 1.  Performance comparison of MGA and SWOA 

Contrast item f1 f2 f3 f4 f5 f6 f7 
MGA 21 50 45 19 49 8 49 Nbest SWOA 50 50 50 50 50 50 50 
MGA 74 26 1382 706 200 1031 1005 Nmax SWOA 113 29 1136 166 49 396 88 
MGA 2 1 45 20 1 161 19 Nmin SWOA 5 2 32 7 7 43 23 
MGA 14.48 6.24 387.9 78.95 22.43 593. 363.0 Nmean SWOA 31.92 8.56 115.7 59.84 25.9 116.3 45.92 
MGA 15.57 5.24 308.6 153.68 27.43 339.0 266.3 Nstd SWOA 22.02 5.07 166.1 34.84 11.75 54.50 14.84 

ε 1.0×10-2 1.0×10-2 1.0×10-1 1.0×10-2 1.0×10-2 1.0×10-2 1.0×10-2 

Where Nbes denote the time of reaching the optimal value, Nmax, Nmin, Nmean, and 
Nstd denote the maximum, minimum , average  and standard deviation of the 
evaluation number reaching the optimal value respectively. Nmax, Nmin, Nmean, and Nstd 
in table 1 are only the statistic results without immersing into the local optimal value, 
because MGA can break away from the local optimal triumphantly only for function 



272 H. Du, X. Wu, and J. Zhuang 

f2 in 50 simulations. For f2, the performance of SWOA is equivalent with MGA. For 
other functions, SWOA has more strong ability to break away from the local optimum 
than MGA; and the convergent speed of ADCSA is generally faster than MGA. Nstd of 
SWOA is less than that of MGA universally, which indicate that SWOA has better 
robustness and stability than MGA. f3 is a function which is used in Evolutionary 
Computation to test algorithm’s ability to overcome deceptive problem. The optimal 
result shows that SWOA overcomes the deceptive problem to a certain extent. The 
relatively changing of the objective function denotes the algorithm’s diversity 
essentially. For functions f1 and f3, the change of objective function in one experiment 
is shown in fig 5. It can be seen that SWOA keeps the population diversities better.  

 
 (a)  f1                                            (b) f3 

Fig. 5.  The changing of the function value for SWOA 

Figure 6 gives one of the optimization solution distributed in function space for f1 

and f3, where “*” denotes the final solution.  

 
(a)  f1                                              (b) f3 

Fig. 6.  The optimized result of SWOA 

Obviously, SWOA has searched a lot of local optimal solution at the same time. 
The corresponding evolutionary computation, such as MGA, can also search the 
optimal solution but the distribution of the solution is centralized, furthermore the 
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individual of population may become completely the same. Accordingly, SWOA has 
better diversity than MGA. 

5   Conclusions and Prospecting 

Based on the view of small-world phenomenon, the text gives a new description of 
optimal search process. It considers that the search process is essentially an 
information transmission process in search space networks. Different from six degrees 
of separation phenomenon experiment, we know less or even no knowledge about the 
behavior of object point so that the question will be more complex. Making use of 
theories of small-world phenomenon, the paper constructs local shortcuts search 
operator and random long-range search operator; furthermore it constructs a Small 
World Optimization Algorithm used for optimization. The experiment of some typical 
function optimal questions shows that the SWOA has following advantages: avoiding 
the problem of getting into local minimum; increasing the diversity of population; 
improving convergence rate and overcoming deceptive problem to a certain extent. 

Main work of the paper is concentrating on constructing a new optimal algorithm 
based on the Small-World Phenomenon mechanism, at the same time it exploits a 
new field in application of small-world phenomenon. Kleinberg found that a subtle 
variant of the Watts–Strogatz network will in fact support efficient search: Rather 
than adding the long-range shortcuts uniformly at random, add links between nodes of 
this network with a probability that decays like the dth power of their distance (in d 
dimensions)[1]. Therefore how to improve the searching efficiency of small world 
algorithm and the interrelated theoretical analysis are foci of our further research.  
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Abstract. Chaotic optimization is a new optimization technique. For image 
segmentation, conventional chaotic sequence is not fit to two-dimension gray 
histogram because it is proportional distributing in ]1,0[]1,0[ × . In order to 
generate a chaotic sequence can be used to the optimization processing of 
image segmentation method in two-dimension gray histogram, we propose an 
chaotic sequence generating method based on Arnold chaotic system and Bézier 
curve generating algorithm. Simulation results show that the generated 
sequence is pseudorandom. The most important characteristic of this chaotic 
sequence is that its distribution is approximately inside a disc whose center is 

)5.0 , 5.0( , this characteristic indicates that the sequence is superior to the 
Arnold chaotic sequence in image segmenting. Based on the extended chaotic 
sequence generating method, we study the two-dimension Otsu’s image 
segmentation method using chaotic optimization. Simulation results show that 
the method using the extended chaotic sequence has better segmentation effect 
and lower computation time than the existed two-dimension Otsu’s method. 

1   Introduction 

Image segmentation is the fundamental and first step for image analysis and 
understanding. Image thresholding selection method[1] is a main and applause 
segmentation method. Among the thresholding selection methods, Otsu's method is an 
attractive one due to its simplicity and effective[1,2]. But in practice, Otsu's method in 
one-dimension gray histogram could fail to images with noises. In order to improve 
the segmentation effect, Liu and Li[3] extended Otsu’s method to two-dimension gray 
histogram, their method not only uses the pixels’ gray histogram but also uses the 
pixels’ neighborhood’s information. In their method, the hypothesis that “the sum of 
the target and the background’s probability is approximate to 1” was used and a close 
expression can be obtained. Considering the computation time for Otsu’s method with 
two-dimension histogram is large, recursion algorithm was given [4]. It had found 
that the hypothesis is not established in many cases. Therefore, it is valued to study 
the two-dimension Otsu’s method which not use the hypothesis. 
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For this case, because we could not get a close expression, so we face large 
computation amount. In this paper, we will use two-dimension chaotic optimization to 
process this problem. 

Chaotic systems are nonlinear dynamic behavior, they are pseudorandom and 
sensitivity to the initialize conditions. Because chaotic systems have good properties, 
chaotic systems are widely used in communications, optimization, control and image 
processing et.al[5-8]. For image segmentation, Xiu et.al [9] used Logistic chaotic 
sequence to optimize one-dimension entropy thresholding method and better 
segmentation result was obtained. But it is unfeasible to directly extend the one-
dimension chaotic optimization method to two-dimension situation, because the 
generated two-dimension chaotic sequence is proportional distributing in ]1,0[]1,0[ × . 

It should be pointed out that for two-dimension gray histogram, the pixels inside the 
target class and the background classes’ distribution are distributed near the diagonal 
from )1, 1(  to ),( LL , so the conventional chaotic sequences is not fit to image 

segmentation in the case of two-dimension gray histogram, the problem is how to 
generate a two-dimension sequence that is pseudorandom and the values of x  and 
y in the sequence are approximately equality. In order to solve this problem, the key 

work is to construct a two-dimension chaotic sequence has the mentioned properties. 
Section 2 presents the chaotic sequence generating method based on chaotic 

system and Bézier curve generating algorithm, Section 3 presents a two-dimension 
Otsu’s image segmentation algorithm based on chaotic optimization(without using the 
hypothesis of “the sum of the target and the background’s probability is approximate 
to 1”) and also analysis the effect and the efficiency of the method by 
experimentations. The conclusion is given in Section 4. 

2   Chaotic Sequence Generating Method 

2.1   Bézier Curve and Its Properties 

In 1971, Bézier presented a generating curve method based on Bernstein function and 
control points[10], this method is widely used in computer aided geometric 
design(CAGD) because of its good properties. The method is described as follows: 

Suppose ),,( iiii zyxP = , ni ,,1,0= , are control points, where 3RPi ∈ . Then the 

n -rank Bézier curve generated by these 1+n  points is defined as follows: 

P( u ) ∑
=

⋅=
n

i
nii uBP

0
, )(  ,  ]1,0[∈u  (1) 

here )(, uB ni
iini

n uuC ⋅−⋅= −)1(  is called Bernstein basic function. When the 

parameter u  changes from 0  to 1 , we can get a curve generated by formula (1) 
which is inside the polygon constituted by control points. The curve is called Bézier 
curve generated by the control polygon. 
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In the above processing, the control points are all geometric points in three-
dimension space, and the curve is also in the polygon generated by control points. 
Now let us consider an extended situation. If the control points are nonobjective 
numeral points, then the points on the curve generated by formula (1) will also be 
nonobjective numeral points, and we can get a nonobjective numeral curve generated 
by formula (1) which is inside the nonobjective numeral polygon constituted by the 
nonobjective numeral control points. When the control points are random then we can 
get a random curve generated by the random control points. 

2.2   Extended Chaotic Sequence Generating Method 

Based on the statement in section 2.1, we present the extended chaotic sequence 
generating method based on the above analysis. 

Suppose },,,,{ 21
i
n

ii aaa ,（ K,  1  0 ,,i = ）are known chaotic sequences, and 

suppose the sequences have the same dimension D  and },,{ 21 tt is a chaotic 

sequence with one or D  dimension. Then we can get an extended chaotic sequence 
},,{ 21 aa as follows: 

)(,
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i
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 ,  , 2 , 1=n  (2) 

when },,{ 21 tt is one dimension or 
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 ,  , 2 , 1=n  Dj ,,2,1=  (3) 

when },,{ 21 tt is D  dimensions. 

For example, we can show an extended chaotic sequence generated by Arnold 
chaotic system for 2=D . Arnold chaotic system is defined as: 
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where mod 1 is defined as: ⎣ ⎦xxx −=1 mod , so the sequence generated by formula 

(4) is inside the square ]1,0[]1,0[ × . We can describe the formula (4) in matrix form: 
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If we generate the control points and the sequence },,{ 21 tt  using formula (4) 

and Arnold chaotic system, then with formula (3), we can get an extended chaotic 
sequence. 
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(a) (b) 

             
(c)                                                           (d) 

Fig. 1. Sequences generated by Arnold system: (a) generating 1000 points (b) generating 2000 
points (c) x coordinator’s randomness analysis (d) y coordinator’s randomness analysis 

          
       (a)                                                            (b) 

           
(c)                                                         (d) 

Fig. 2. Sequences generated by formula(3): (a) generating 1000 points (b) generating 2000 
points (c) x coordinator’s randomness analysis (d) y coordinator’s randomness analysis 

Fig.1 and Fig.2 give the simulation results for Arnold chaotic system and our 
method, it is shown that the sequences generated by formula(4) are random and 
proportional distributing in ]1,0[]1,0[ × , and the sequences generated by formula (3) are 

random and its distribution is approximately inside a disc whose center is )5.0 , 5.0( . It 

should be pointed out that for image’s two-dimension gray histogram[3,4], the most 
pixels inside the target class and the background classes’ distribution are distributed 
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near the diagonal from )1, 1(  to ),( LL , this property means that the most thresholds for 

image segmentation are distributed near the diagonal from )1, 1(  to ),( LL . So the 

sequence generated by formula(3) is superior to the Arnold chaotic sequence for image 
segmenting in the case of two-dimension gray histogram. 

3   Two-Dimension Otsu’s Image Segmentation Method Based on 
Chaotic Optimization 

Otsu's method[2] is an attractive threshold selection method due to its simplicity and 
effective. In Otsu's paper, the between-class variance (BCV) is defined, and the gray level 
at the BCV maximum determines an optimal threshold. But in practice, one-dimension 
Otsu's method would fail to apply in cases of images with noises. Liu and Li[3] extended 
Otsu’s method to two-dimension case, the detail is stated in the following. 

Let the image’s gray levels is L , then the pixels’ neighborhood’s gray levels are 
also L . For every pixel, we can compute its average gray value, with these values, 
for every point ),( ji where i  is the pixel’s gray value and j  is the pixel’s 

neighborhood’s average gray value, the frequencies of ),( ji is written as ijf , then we 

can define the joint probability of ),( ji  as: 
NM

f
P ij

ij ×
= , where NM ×  is the size 

of the image. We have ∑∑
= =

=×
L

i

L

j
ijfNM

1 1

, 1
1 1

=∑∑
= =

L

i

L

j
ijP . 

 

Fig. 3. Two-dimension histogram 

For two-dimension gray histogram, there are 2L  elements. On the assumption that 
),( ts is the segmentation threshold, the two-dimension histogram is divided into four 

parts just as Fig.3 shows. Because the most pixels inside the target class and the 
background classes are consistent, so they are distributed near the diagonal from 

)1, 1(  to ),( LL . That means region A and B involve most pixels of target class and 

background classe, region C and D involve most pixels of edge and the noises. 
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Now let: 
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The mean values of region A and B are computed as follows: 
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the whole mean value is computed as: 
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Now defining the scatter matrix as follow: 

])()[(),(),( T
AAAB uuuutsPtsS −⋅−⋅= ])()[(),( T

BBB uuuutsP −⋅−⋅+  (9) 

The trace of ),( tsSB is defined as: 

=)),(( tsSTr B  

   ])()[(),(])()[(),( 2222
jBjiBiBjAjiAiA uuuutsPuuuutsP −+−⋅+−+−⋅  (10) 

The optimal threshold value ),( ** ts  is obtained by: 

))},(( {),(
1 ,1

** tsSTrArgts B
LtLs ≤≤≤≤

=  (11) 

In many cases, pixels in region C and D can be ignored. So we can assume that 
1),(),( ≈+ tsPtsP BA  

then we have 

BBAA utsPutsPu ⋅+⋅≈ ),(),(  
Under this assume, a more simple expression is given by Liu and Li[3]. 
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Liu and Li’s method is validity for noise image, but the computation time is very 
large, to reduce the computation amount, Gong et.al[4] gave a recursion algorithm 
using formula (12). In practice, the supposition that “the sum of the target and the 
background’s probability is approximate to 1” is not fit in some cases, thus we 
consider to use formula (10) not to use formula (12) as the selection criterion. But 
now we are confronted with the tremendous computing complexity. How to solve this 
problem? In the following, we will use chaotic optimization method to determine the 
good threshold value. The algorithm is described as follows: 

Step1: Input the image , the times of iterative p , the number of the initial points r  
and the initial conditions of chaotic system. Set the gray levels region: 

},,2,1{},,2,1{ LL × . 

Step2: Generating the chaotic sequences ),(,),,(),,( 2211 rr yxyxyx with formula 

(4) and (3), discrete the sequences from real number region into integer region. Get 
the sequences ),(,),,(),,( 2211 rr YXYXYX . 

Step3: Computing the )),(( iiB YXSTr by formula(10), then generate the new chaotic 
sequences with formula (4) and (3), discrete the sequences from real number region 
into integer region, at the same time, computing the )),(( iiB YXSTr of new chaotic 

sequences, comparing the new )),(( iiB YXSTr  with the previous iterative results. 

Reserve the front r maximum values )),(( iiB YXSTr  from the obtained r2  

)),(( iiB YXSTr  values and its corresponding gray values ),( ii YX . 

Step4: Continue the computation process for p  times, then find the satisfied result in 

the last r  points ),( ii YX . 

In step 4 of the above algorithm, the words “satisfied result” relies on the man and 
the case the image may be used, it may be subjective or objective. For example, we 
can get a better segmenting result from the last r  results based on vision effect. In 
this paper, in order to compare the efficiency of our method with existed two-
dimension Otsu’s method [3,4], we think that the “satisfied result” is the ),( ii YX  

corresponding to the maximum value of )),(( iiB YXSTr , this can be consider as a 
approximate solution for formula(11).  

Now we give the simulation results based on Arnold system and the 33×  
neighborhood. As compare, we also present the results of the two-dimension Otsu’s 
method using the formula (10) (without using the hypothesis that “the sum of the 
target and the background’s probability is approximate to 1”) by exhaust search, the 
two-dimension Otsu’s recursion algorithm using the formula (12) and the chaotic 
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optimization of Otsu’s image segmentation method in two-dimension gray histogram 
using the formula (10) and the Arnold chaotic sequence. 

                       
(a)                                                   (b) 

             
(c)                                    (d)                                   (e) 

Fig. 4. Results of image segmentation (a) Image with noises  (b) Results of chaotic 
optimization using the expended chaotic sequence (c) Results of two-dimension Otsu’s 
algorithm using formula (10) (d) Results of recursion algorithm using formula (12) (e) Results 
of chaotic optimization using the Arnold sequence 

                               
(a)                                                       (b) 

             
(c)                                  (d)                                  (e) 

Fig. 5. Results of image segmentation (a) Image with noises (b) Results of chaotic optimization 
using the expended chaotic sequence (c) Results of two-dimension Otsu’s algorithm using 
formula (10) (d) Results of recursion algorithm using formula (12) (e) Results of chaotic 
optimization using the Arnold sequence 
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Table 1 shows the performances of the four methods, where T means runtime the 
method expended and the unit of T is second. H means the threshold the method got. 
Tr means the values of )),(( tsSTr B corresponding to the threshold we have got. 

Table 1. Performances of four methods 

Fig 4                         Fig 5 
T 1.6520                       1.6120 

H (144,109)                   (88,119) 
Chaotic optimization 

using extended 
chaotic sequence Tr 1.1722e+003             1.1488e+003 

T 146.0200                   145.8500 
H (141,106)                    (118, 88) Two-dimension 

Otsu’s method 
Tr 1.1735e+003             1.2044e+003 
T 1.5220                      1.5520 
H (118,121)                   (100,102) Recursion method 
Tr 1.0147e+003                997.4332 
T 1.6830                        1.6920 

H (141, 103)                     (80,120) 
Chaotic optimization 
using Arnold chaotic 

sequence Tr 1.1656e+003             1.1293e+003 

From the simulation results and table 1, we can seen that the segmentation results 
using our method is approximately equivalent to the two-dimension Otsu’s method 
using formula (10), but the efficiency of our method is better than the two-dimension 
Otsu’s method using formula (10) because our method optimize the computing 
process. 

On the other hand, the efficiency of our method is comparative to the recursion 
method using formula (12), but the segmentation results using our method is better 
than the results of the recursion method using formula (12) because the computation 
process of our method is accurate without using the hypothesis that “the sum of the 
target and the background’s probability is approximate to 1”. 

If we set the value of )),(( iiB YXSTr  as the optimization target value, from the 
simulation results we know that the effect of chaotic optimization method using the 
extended chaotic sequences is better than the method using the Arnold chaotic 
sequences. This means that our method is more fit to image segmentation. 

4   Conclusion 

In this paper, we present a chaotic sequence generating method. The simulation 
results show that the sequence generated by our method are pseudorandom, and the 
most important characteristic of the extended chaotic sequence is that its distribution 
is approximately inside a disc whose center is )5.0 , 5.0( , this characteristic indicates 
that the sequence is fit to image segmentation in two-dimension gray histogram. As 
an application, we also present a two-dimension Otsu’s image segmentation method 
based on chaotic optimization. If we set the value of )),(( iiB YXSTr  as the 
optimization target value, The simulation results show that the effect using our 
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method is approximately equivalent to the two-dimension Otsu’s method using 
formula (10) and the efficiency using our method is comparative to the recursion 
method using formula (12). In the experiment we used a objective criterion. In the 
future work, we will consider the case using subjective criterion. 
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Abstract. Time-varying wavelets are highly desired in exploiting the nonsta-
tionarity of signals. However, it is difficult to hold the perfect reconstruction 
(PR) and regularity properties simultaneously in the construction of time-
varying wavelets. This paper proposes a simple method to construct time-
varying orthogonal wavelets based on the lattice structure of two-channel 
paraunitary (PU) filter banks, in which both the PR and orthogonality properties 
are well preserved. The regularity conditions imposed on the lattice structure 
are expressed in terms of the lattice coefficients and the wavelet filter banks are 
obtained by using an optimization technique. Then the time-varying orthogonal 
wavelets can be constructed by the lattice structure formulation for time-
varying filter banks. Design examples show that this method is of great flexibil-
ity and effectiveness. 

1   Introduction 

In the field of signal and image processing, time-varying filter banks and time-varying 
wavelet transforms have attracted considerable attention as powerful tools to exploit 
the non-stationary of signals[1]-[4]. So far there are various construction techniques 
for time varying filter banks [2], [5]-[17]. Furthermore, many different approaches 
have been proposed to resolve the perfect reconstruction (PR) problem of switching 
between two sets of filters on both the analysis and synthesis sides of the filter bank 
structure. Two prominent types are mentioned here. One is designing transition filters 
[5], [7], [11]-[14] in the transition period to maintain the PR property, and the other is 
obtaining PR time-varying filter banks by cascading sections of FIR lattice [18] with 
time-varying parameters [6], [8], [16]. It is well known that the wavelet bases can be 
obtained from PR filter banks with added regularity conditions [19]-[26]. Similarly, 
time-varying wavelets can be constructed by using time-varying filter banks. In [12], 
the authors proposed two methods to implement time-varying wavelet transforms. 
One employs a two-band PR time-varying filter bank in the tree structure and the 
other is based on the time-varying parallel structure. The former achieves good  
reconstruction performance but requires intermediate transforms when changing from 
one wavelet transform to another. On the contrary, the latter provides immediate 
                                                           
* Supported by National Natural Science Foundation of China (Grant No. 60372047). 
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switching. However, the reconstruction is much more difficult. In [14], time-varying 
discrete wavelet bases are obtained by taking of the effective input/output map of an 
arbitrary unitary time-varying filter bank tree. Time-varying wavelet transforms with 
lifting steps were introduced in [2]. The corresponding time-varying filter bank is 
switched between three filter banks, depending on the standard deviation estimated by 
the maximum likelihood problem. In [27], two-channel wavelet filter banks with 
adaptive number of zero moments based on the lifting scheme were proposed. The 
number of zero moments is changed at each step of decomposition or reconstruction.  

Time variant wavelet filter banks are more suitable for analysis of non-stationary 
signals than fixed banks. But up to now, the problem that maintaining both the PR and 
regularity properties simultaneously has not been effectively resolved. In this paper, a 
new method is proposed to construct time-varying orthogonal wavelets based on the 
lattice structure, which possesses the PR property structurally. The regularity condi-
tions of two-channel lattice-structured paraunitary (PU) filter banks are discussed, and 
the relationship among the lattice coefficients is also pointed out. Consequently, an 
effective optimization algorithm with constraints is employed to design wavelet filter 
banks. Moreover, we extend this structure to time-varying case to obtain time-varying 
orthogonal wavelets. Design examples show the flexibility and the effectiveness of 
the presented method.  

This paper is organized as follows. Section 2 reviews the lattice structure of two-
channel PU filter banks. Section 3 gives the relation between lattice coefficients and 
the regularity, and discusses how to design time-varying wavelets based on the lattice 
structure. Section 4 presents the design procedure and several examples. Finally some 
conclusions are drawn in Section 5. 

2   Two-Channel Lattice-Structured PU Filter Banks  

The lattice structure is an attractive structure in the design of PU filter banks [18]. In 
Fig. 1, a lattice structure of J stages is given, where 2J N=  and N  is even, 

denoting the length of filters. ( ) ( ){ }2 1 2 1, , 1, , 2m mP z Q z m N− − =  is defined as the  

 

 

Fig. 1. The lattice structure. (a) The analysis bank, and (b) the synthesis bank. 
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transfer function pair of the m-th lattice section. Then the relation between the 
neighbor lattice sections is given by  

( ) ( ) ( )
( ) ( ) ( )

2
2 1 2 3 2 3

2
2 1 2 3 2 3 ,

m m m m

m m m m

P z P z z Q z

Q z P z z Q z

α

α

−
− − −

−
− − −

= −

= +
 (1) 

where iα  denote lattice coefficients. So that the corresponding lowpass and highpass 

filters of the analysis bank are given by ( ) ( )0 1NH z P zγ −=  and ( ) ( )1 1NH z Q zγ −= , 

respectively, where ( ) 1
2 2

1
1

J

ii
γ α

−

=
= +∏ . Consequently, ( )0H z  and ( )1H z  satisfy 

the “power complementary property” 

( ) ( )2 2

0 1 ,j jH e H e dω ω+ =  (2) 

where d is some constant. In Fig. 1, 1d = , and the relation between ( )0H z  and 

( )1H z  is expressed as  

( ) ( ) ( )1 1
1 0 .NH z z H z− − −= −  (3) 

And the two corresponding synthesis filters ( )0F z  and ( )1F z  are given by 

( ) ( ) ( )1 1
0 0

NF z z H z− − −=  and ( ) ( ) ( )1 1
1 1

NF z z H z− − −= . 

As discussed in [28], ( ) ( ){ }0 1,H z H z  satisfies the PR condition if all 

( ) ( ){ }2 1 2 1, , 1, , 2m mP z Q z m N− − =  satisfy the power-complementary image pair 

condition. Hence, if we remove the rightmost lattice section shown in Fig. 1(a), we do 
not destroy the PR property but only form a new system with a deterioration of the 
analysis filters performance. Similar comment also holds for the synthesis bank. 

The polyphase matrix ( )E z  of a PU filter bank of degree J  can be factorized as 

( ) ( ) ( )1 1 ,J Jz zλ −= Λ ΛΕ z R R R  (4) 

where 2λ γ= , 
1

, 1, 2, , 2
1

m
m

m

m N
α

α
−⎛ ⎞

= =⎜ ⎟
⎝ ⎠

R  and ( ) 1

1 0

0
z

z−

⎛ ⎞
Λ = ⎜ ⎟

⎝ ⎠
. 

Therefore, ( )E z  can obtain orthogonality if each lattice section is orthogonal. That is 

to say, we can construct orthogonal wavelets using the lattice structure. This will be 
discussed in detail in the latter section. 

3   Time-Varying Orthogonal Wavelets Based on Lattice Structures 

In this section, we focus on two problems: the K-regular conditions corresponding to the 
lattice coefficients and the construction of time-varying wavelets in the lattice structure.  

It has known that two-channel FIR PU filter banks satisfying the K-regular 
conditions can be used to generate orthogonal wavelets. Hence, time-varying 
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orthogonal wavelets can be obtained by employing the lattice structure based on two-
channel time-varying FIR filter banks. In [29], the theorem which guarantees the 
regularity has been proved; it is also applicable to the two-channel case. In two-
channel filter banks, it is simplified as follows:  

Corollary: For two-channel PU filter banks, ( )1H z  has K zeros at 1z = , if and only 

if ( )0H z  has K zeros at 1z = − . Equivalently,  

1

1
, 0,1, , 1 ,

1 0

n

n

cd
n K

zdz z −

⎡ ⎤ ⎡ ⎤
= = −⎢ ⎥ ⎢ ⎥= ⎣ ⎦⎣ ⎦

2E (z )  (5) 

where c  is a non-zero element. 

3.1   The K-Regular Conditions of Lattice-Structured Filter Banks  

Here, according to the polyphase matrix ( )E z  expressed in (2), we will study the 

regularity conditions of the lattice structure for 1, 2, and 3K =  as examples.  

In the case of 1K = : Here the condition on the lattice structure is derived such that 
the resulting PU filter banks have one vanishing moment. Substituting 0n =  into (5), 
we get  

1 1

1 1
.

1 0J Jλ −
⎡ ⎤ ⎡ ⎤

=⎢ ⎥ ⎢ ⎥
⎣ ⎦ ⎣ ⎦

R R R  (6) 

This equation (6) provides a necessary and sufficient condition for the filter banks 
having one degree of regularity.  

In the case of 2K = : Similarly, we can deduce the necessary and sufficient condi-
tion  for the filter banks to possess two vanishing moments. Substituting 1n =  into 
(5), it can be simplified to  

[

]

1 2 1 1 2 1

1 2 1 1

2

1 0
,

1 1 0

J J J J J J

J J J

c

λ

λ

− − − −

−

− Ψ + Ψ +

⎡ ⎤ ⎡ ⎤ ⎡ ⎤+ Ψ − =⎢ ⎥ ⎢ ⎥ ⎢ ⎥
⎣ ⎦ ⎣ ⎦ ⎣ ⎦

R R R R R R R R

R R R R R R
 (7) 

where 
0 0

0 1

⎛ ⎞
Ψ = ⎜ ⎟

⎝ ⎠
 and c  is an uncertain constant. It should be noticed that in order 

to have two vanishing moments for the filter bank, equation (5) must be valid for both 
0n =  and 1n = . That is to say, conditions (6) and (7) must be satisfied simultane-

ously and they are also the necessary and sufficient conditions. 
In the case of 3K = : For the further study, here we also give the condition for 

three vanishing moments. Substituting 2n =  into (5) suggests that 
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for some constant c, where 
1

1

⎡ ⎤
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⎣ ⎦

e , 
0

1

⎡ ⎤
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⎣ ⎦

v , Ψ  is defined as above. Note that if the 

filter banks have three vanishing moments, it is necessary to satisfy all conditions (6), 
(7) and (8). Since the conditions for higher degree of regularities are much more com-
plex, in this paper, we only study the case with three regularities. 

At the time being, we have obtained the conditions for three regularities. And then 
using the optimization algorithm with the regularity conditions as constraints, we can 
design PU filter banks having one or two or three vanishing moments. Moreover, the 
desired orthogonal wavelets can be obtained by the iteration of filter banks designed 
above. Two examples are displayed in section 4. 

3.2   The Time-Varying Wavelet Based on Lattice Structure 

In view of the relation between wavelets and filter banks, it is suggested that changing 
the wavelets is equivalent to changing the analysis section in the lattice structure. In 
time-varying systems, how to preserve the PR property during the transition period is 
an important problem. In this section, an efficient method for switching between two 
sets of lattice coefficients is introduced. From the switching process, it will show that 
there are transition functions when changing from one wavelet to another. 

The lattice structure applied to time-varying banks had been introduced in [6].  To 
obtain a PR time-varying system, we can change one or all of the lattice sections in 
the analysis bank, and ensure the corresponding synthesis section to change at the 
correct time. For example, there are J  lattice sections in the analysis bank in Fig. 
1(a). If we change the i -th lattice section at time 0n , the corresponding section in the 

synthesis bank must be changed at the time ( )0n J i+ − . Here we also simply show 

how to switch two different sets of lattice coefficients in the transition period. Given 
two sets lattice coefficients 1, , Jα α  and 1, , Jβ β , assume the switch takes place at 

time 0n , then replacing 1α  with 1β  at this time while “ turn off ” Jα  through 2α  and 

replacing each of them with a zero. The remaining β ’s will be “turned on” in a 

cascade fashion at different time, until all α ’s are replaced with β ’s, the time-

varying procedure is performed. For many cases, the switching method makes the 
transitions somewhat smooth. 

According to the hierarchical property of the lattice structure, if we delete the 
rightmost lattice section, a new system with analysis and synthesis filters of reduced 
length 2N −  will be generated, and the polyphase matrixes for the filters are still 
paraunitary. Hence, we can obtain time-varying wavelets through changing the 
regularity and the length of the wavelet filter banks. 
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4   Design Procedure and Examples  

In this section, we discuss how to design wavelet filter banks and construct time-
varying wavelets using the lattice structure. In addition, some examples are also pre-
sented. The K-regular conditions referred to lattice coefficients have been given in 
section 3, now we can use optimization algorithm with constraints to design the wave-
let filter banks. Since the two-channel filter bank is orthogonal, we only need to de-
sign the lowpass filter ( )0H z  . The objective function is given by 

( )
2

0
s

jH e d
π ω
ω

ωΦ = ∫ , (9) 

where the parameter sω denotes the stopband frequency of ( )0
jH e ω . The objective 

function is used to minimize the stopband attenuation of ( )0H z , which is sufficient 

to guarantee good frequency response. In this paper, the regularity conditions are used 
as constraints. The design procedure is described as follows. 

Step 1 Determine the length N  of the filters, and N  is even. 
Step 2 Obtain 2N  initial estimates of the coefficients mα , 1, , 2m N=  using    

the method introduced in [28]. 
Step 3 Calculate the objective function in terms of the relation between  mα  and 

( )0H z . 

Step 4 Select the condition of the K-regularity as constraint, here 1, 2,3K = . 
Step 5 Take the initial estimates of mα  as inputs to the quasi-Newton routine and 

optimize the objective function using the function fmincon. 

Design Example 1: In this example, a 1-regular 8-tap lattice-structured filter bank is 
designed using the optimization algorithm. Fig. 2(a) shows the frequency responses of 
the resulting analysis filters. The zeros of the lowpass filter plotted in Fig. 2(b) show  
 

                     
 (a) (b) 

Fig. 2. A 1-regular PU filter bank with length 8. (a) frequency responses, (b) zero locations of 
the lowpass filter, (c) the scaling function, and (d) the wavelet function. 
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(c) (d) 

Fig. 2. (Continued) 

that the filter bank has one degree of regularity which confirms the theory. The corre-
sponding scaling and wavelet function are shown in Fig. 2(c) and (d), respectively. 

Design Example 2: In this example, a 2-regular 16-tap lattice-structured filter bank is 
designed. Fig. 3(a) shows the frequency responses of the resulting analysis filters, the  
 

   

(a) (b) 

      

(c) (d) 

Fig. 3. A 2-regular PU filter bank with length 16. (a) frequency responses, (b) zero locations 
of the lowpass filter, (c) the scaling function, and (d) the wavelet function. 
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zeros of the lowpass filter are plotted in Fig. 3(b). It is known that the highpass filter 
will have two vanishing moments because the lowpass filter has two zeros at the mir-
ror frequency. The corresponding scaling and wavelet function are shown in Fig. 3(c) 
and (d), respectively. 

Design Example 3: A switching process between two wavelets is given in this exam-
ple. The wavelet designed in example 1 is called the old wavelet, and the wavelet in 
example 2 is the new one. They are shown in Fig. 4(a) and (c), respectively. The 
 

  ( )tφ                                                           ( )tψ  

  

(a) 

   

(b) 

   

(c) 

Fig. 4. A complete process of switching from the wavelet with one vanishing moment (shown 
in Fig. 2(d)) to the one with two vanishing moments (shown in Fig. 3(d)). (a) The scaling and 
wavelet functions of the old wavelet, (b) the seven switching states, and (c) the scaling and 
wavelet functions of the new wavelet. 
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switching between these two wavelets is achieved by using the time-varying lattice 
structure, and the whole process is shown in Fig. 4(b). It can be seen that there are 
seven transition states before the new wavelet is formed. The scaling functions and 
the corresponding transitions are shown in the left column and the wavelets and the 
corresponding transitions are shown in the right column. 

The simulations in Fig. 4 show that changing from one wavelet to another using 
the lattice structure requires intermediate functions, but transitions are relatively 
smooth. And in view of the switching method, the transitions are only associated with 
the new scaling and wavelet functions. 

We also have tried to obtain the initial estimates of mα  by starting from a half-

band filter [18], but it is subject to severe numerical errors to find a spectral factor of 
such a half-band filter. In addition, the nonlinear optimization technique which we 
selected needs relatively small number of iterations for convergence, though each of 
these iterations might be more time consuming than that of other methods such as 
conjugate-gradient technique. Therefore, the desired wavelets can be obtained easily 
by using the proposed method.  

5   Conclusion 

In this paper, the construction of time-varying wavelets based on the lattice structure 
of two-channel PU filter banks has been studied. The proposed method guarantees 
that the wavelets have not only the one or two or three vanishing moments but also 
the orthogonal property. Furthermore, we can switch the wavelets generated by filter 
banks with different lengths and regularities. And the switching method makes the 
transitions somewhat smooth. Simulations show that our approach is flexible and 
efficient to construct time-varying orthogonal wavelets. 
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Abstract. It is important to acquire accurate knowledge of traffic matrices of 
networks for many traffic engineering or network management tasks. Direct 
measurement of the traffic matrices is difficult in large scale operational IP net-
works. One approach is to estimate the traffic matrices statistically from easily 
measured data. The performance of the statistical methods is limited due to they 
rely on the limited information and require large amount of computation, which 
limits the convergence of such computation. In this paper, we present an alter-
native approach to traffic matrix estimation. This method uses assignment 
model. The model is based on the link characters and includes a fast algorithm. 
The algorithm combines statistical and optimized tomography. The algorithm is 
evaluated by simulation and the simulation results show that our algorithm is 
robust, fast, flexible, and scalable. 

1   Introduction 

Many decisions that IP network operators make depend on how the traffic flows in 
their network.  Traffic Matrix (TM) reflects the volume of traffic that flows between 
all possible pairs of origins and destinations in a network. When used together with 
routing information, the traffic matrix gives the network operator valuable informa-
tion about the current network state, routing protocol configuration and management 
of network congestion, etc. It is impossible to set up internal monitors at all routers in 
the networks due to cost and deployment problems so that directly measuring TMs is 
very difficult. In another hand such measurement would impose on the regular behav-
ior of the network because of large amounts of data to be collected. The challenge is 
then to obtain TMs using limited data measured and information obtained from the 
network. 

Previous work on obtaining traffic matrix usually relied on statistical inference 
methods that use limited measurements to estimate TM. The term Network Tomogra-
phy [3] was coined for this problem when the partial data come from repeated meas-
urements of the traffic flowing along directed links in the network. In order to handle 
the estimation problem, Vardi [3] assumes a Poisson model for the traffic matrix 
estimation in which the covariance of the link loads is used as an additional constraint 
condition. The traffic matrix is estimated through Maximum Likelihood (ML) estima-
tion. Cao et al. [4] proposed a modified EM algorithm to estimate TM in which a 
more general scaling law between means and variances of traffic is adopted to find 
maximal likelihood parameters based on Gaussian model and convergence is hastened 
by using second-order methods. Tebaldi and West [1] presented a solution which is 
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also based on the Poisson model and the Bayesian approach. Since posterior distribu-
tions are hard to calculate, they use a Markov Chain Monte Carlo simulation to  
simulate the posterior distribution. It is also possible to formulate the traffic matrix 
estimation as a constrained optimization problem that could be solved by using the 
methods such as Linear Programming [5]. Those statistic techniques produce unac-
ceptable error rates to ISPs. Medina et al. [6] made a comparison between [3] and [4] 
and proposed a novel choice model to estimates the probability of sending a packet 
from an origin node to a destination node in the network. Zhang et al. [7] introduced a 
gravity model and assumed that the amount of traffic from or to a given node was 
only related to this node. The estimation of TM by this model is consistent with 
measured link loads at the network edge, but not necessarily so in the interior links. 
Zhang et al. [8] presented an information-theoretic approach with the Kullback-
Leibler distance to minimize the mutual information between source and destination. 
Medina et al.[10] proposed a two-step approach to infer network traffic demands. 
First, alternative models, for instance choice model [6] or gravity model [7], are 
evaluated to generate good starting points for iterative statistical inference techniques. 
Second, the generated starting point is provided to a statistical inference technique. 
The division of the TM estimation process into two steps offers great flexibility for 
combining and evaluation different strategies. In all papers mentioned above, the 
routing is considered to be constant. Nucci et al [11] presented an approach of chang-
ing routing and shifting link loads to infer the traffic matrix. 

In this paper, we present an assignment model based on the link characteristics and 
inspired by Transportation and Traffic Theory [12], propose two algebraic operations 
to analyze the network and a new algorithm Expectation Error Rectify Algorithm 
(EERA), which combines statistical and optimized tomography.  

The remaining parts of this paper are organized as follows. Section 2 introduces the 
problem and notation. Section 3 introduces the estimation model. Section 4 describes 
the details of EERA. Section 5 gives the simulation results. Finally, Section 6 makes 
conclusion. 

2   Problem Descriptions 

The problem of inferring network traffic matrix can be formulated as follows. Con-
sider a network with N nodes and L directed links. Such a network has P = N×(N-1) 
pairs of origin-destination pairs. Although conceptually traffic matrix is represented in 
a matrix X, with the amount of data transmitted from node n to node m as element xnm, 
it is more convenient to use a vector representation. Thus, we enumerate all P origin-
destination pairs, and let xp denote the point-to-point demand of node pair p. For sim-
plicity, we will assume that each point-to-point demand is routed on a single path. 
The paths are represented by a routing matrix R. R is a {0, 1} matrix with rows repre-
senting the links of the network and columns representing the OD pairs. Element rij=1 
if link i belongs to the path associated to OD pair j, and rij=0 otherwise. Let 
Y=(y1,…,yL) be the vector of link counts where yj gives the link count for link j. Then, 
X and Y are related via: 



 An Assignment Model on Traffic Matrix Estimation 297 

RX = Y   or i

P

j
jij yxr =∑

=1

 .                                        (1) 

The matrix R can be obtained by gathering the OSPF or IS-IS links weights and com-
puting the shortest-paths between all OD pairs. The link counts Y are available from 
the SNMP data. The traffic matrix estimation problem is simply the one of estimating 
the non-negative vector x based on knowledge of R and y. The challenge in this  
problem comes from the fact that this system of equations tends to be highly underde-
termined: there are typically many more origin-destination pairs than links in a net-
work, and the formula (1) has many more unknowns than equations. So some sort of 
side information or assumptions must then be added to make the estimation problem 
well-posed. 

3   Assignment Model 

The traffic matrix is necessary for many network planning functions. It is clearly 
necessary to know the volume of expected demand in order to plan the network ade-
quately to handle that traffic with satisfactory quality (low delay and loss of transmit-
ted data). Traffic on any link of the network depends on the way traffic is routed. In 
current IP networks, the path of a given origin-destination pair is the shortest one, in 
which the “length” of a link is an administratively assigned weight.  Routing for a 
given origin-destination demand is thus fixed. It is therefore very important to plan 
route assignments carefully to avoid the demand on any link from overload.  Our 
proposed assignment model is one of such solutions. 

The traffic matrix estimation is equivalent to finding a reasonable OD matrix X 
which reproduces count data of the observed links when X is assigned to the network. 
In a practical application the reproduction might not be exactly achieved for all traffic 
counts because of different representation of traffic collection at different times or in 
the different aggregated network. Therefore, we believe that it is crucial to use the 
assignment technique in OD matrix estimation based on link counts. 

3.1   Link Assignment Coefficient 

The link counts are the sum of the OD pairs that are routed across that link. If a link is 
shared by a large number of OD pairs, then it may be hard to disambiguate how much 
bandwidth belongs to each OD pair. Each value of OD pair is different proportion out 
of the link load. We define assignment coefficient lkz and let lkz denote the fraction 
that OD pair xz is in the link load yk. Thus, the traffic of OD pair xz can be described 
by: xz= lkz yk.    

yk=∑
=

p

z
zkz xr

1

    and   ∑
z

kzl =1 .                                      (2) 

Thus, T values can be got from each OD pair xz ( LT ≤≤0 ).  
Assignment coefficient usually depends on the policies of traffic exogenous or en-

dogenous determination in the network, for example, congestion in the network and 
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route characteristics. Assuming independence between the traffic volumes and pro-
portion lkz, the link counts are proportional to the OD volume. In order to reduce the 
computational complexity of the OD matrix estimation model, we define another 
coefficient to dispose the data. 

3.2   Weight Coefficient 

It is true that some OD pairs are more difficult to estimate than others. It would be 
interesting to investigate the properties of the paths associated with such “trouble-
some” OD pairs. We assign some weights to each OD pair depend on links, so that we 
can dispose different values of the OD pair. Let xzt denote one of the values of OD 
pair xz. Note that t∈T. Each of xzt had different weight during estimating xz. So we 
introduce a new coefficient — weight coefficient, wzt. The ultimate value of OD pair 
xz can be described by:  

zx ＝∑
t

ztzt xw      and        ∑
t

ztw ＝1   .                                 (3) 

That is, estimate volume of OD pair xz is expectation of all of xzt. 
The values of lkz and wzt can be determined before estimation of the OD matrix is 

done and taken as exogenous given. The “all-or-nothing” assignment method can be 
used: all-or-nothing assignment of traffic is obtained when all traffic, for all OD pairs, 
is assigned to the cost minimizing path. Or, the equilibrium assignment is also a more 
realistic approach. We have made use of Wardrop’s first equilibrium principle in our 
model. It is that the traffic is in “equilibrium” when no POP can achieve a lower cost 
by switching to another POP.  

Once we have specified the value of assignment coefficient lkz and weight coeffi-
cient wzt, the estimation problem is reduced to the combine of constraint program 
problem and statistical problem. We named it as assignment model. The use of as-
signment model was motivated by wonder which OD pair would influence the load 
through the link and which OD pair is difficult to estimate. We introduce assignment 
coefficient and weight coefficient, because we think that the two coefficients are 
much more stable than the OD matrix itself during the measurement period. What’s 
more, the additional data or assumption about the travel behavior can be used to find a 
unique traffic matrix. 

3.3   Algebraic Operation 

The routing matrix summarizes the network traffic structure in useful way. In order to 
realize the network framework and its characteristic, we present two types multiplica-
tion operation to the routing matrix R.  

First:                                              S= R× RT .                                                   (4) 

R multiplied by RT (matrix transpose) is an L by L matrix SL×L. Entries sij of matrix S 
have different signification. While i = j, sij is the total of OD pair through the link i or 
j, otherwise, sij is the total of OD pair through the link both i and j.  

Second,                                         Q= RT × R.                                                      (5) 
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RT multiplied by R is a P by P matrix QP×P. Element qij of matrix Q has also different 
meaning. While i = j, qij is the path length of the OD pair i or j. While i ≠ j, qij is the 
sum of the link counts that is shared by both OD pair i and OD pair j.  

Applying the two operations, we can obtain the correlation between the OD pairs 
and find the vital link that impacts the accuracy of estimated method. 

4   Algorithm 

Any method must provide a solution to the traffic matrix estimation from limited data. 
This indicates that a new approach incorporating additional knowledge about the 
network is needed. Indeed non-statistical knowledge about how networks are de-
signed is available to network operators. It would achieve more accurate traffic matrix 
estimation if combined with statistical data.  

The goal of our algorithm is to find the optimization of the following equation: 

  minimize 
2

2
YRX − .                      (6) 

sub       0≥ijx .                      (7) 

That is, the distance between the estimated OD matrix and the real OD matrix is 
minimized subject to the observed link counts.  

The algorithm contains three nested iterative processes. The first is to compute the 
OD pairs based on the link counts. The second is to calculate the expectation of OD 
pairs. The third is to validate the constrained term and adjust the traffic matrix. When 
the total measured and total estimated link loads in each direction converge, this reck-
oned process ends. 

The pseudo-code of our algorithm is listed following: 

① Network topology, link vector Y and error threshold e are inputs; 
② Computer shortest paths for all OD pairs. Using the operation described in the 

section 3.3, find the “vital” link and the “troublesome” OD pairs; 
③ Iterate as follow to determine the OD pairs. 

(Ⅰ) compute OD pair by: xzk= lkz yk; 

(Ⅱ) calculate expectation of OD pairs by: zx ＝∑
t

ztzt xw ; 

(Ⅲ) test the acquired OD pair by: RX = Y'. 
④ Let ε=Y- Y' denotes the error vector. If ε<e, the algorithm end. Otherwise, make ε 

an relaxation variable turn to the step ③. 

The results estimated must satisfy equation (1),. Therefore it is vital that there is no 
error in measurement of the link loads. If the link count data are wrong, it is impossi-
ble to get accurate traffic matrix by any algorithm based on link count data. Our ap-
proach is not to incorporate additional constraint, but rather to use assignment model 
to obtain initial estimate, which needs to rectify to satisfy the constraint. 
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5   Performance 

It is not possible to obtain an entire “real” traffic matrix via direct measurement. 
Therefore assessing the quality of TM estimations and validating TM models is diffi-
cult because one cannot compare an estimated TM to “the real thing”. There would be 
no inference problem if real TMs could be obtained.  

In order to evaluate TM estimation methods, we need the data about routing, traffic ma-
trix elements and link loads to be consistent. We get the data by the simulate tool OPNET. 
Our algorithm assumes that Dijkstra’s Minimum Weight Path Algorithm is used to the 
traffic routing. We also assume that all nodes can originate and terminate traffic. 

5.1   Topology 

We consider a small scale network with 4 nodes topology, as depicted in Figure 1.  

 

Fig. 1. 4-Node Topology 

This network has L = 7 directed links and P = 12 OD pairs; the ordered sequence of 
nodes comprising these links and OD pairs appears in the flowing. The corresponding 
7×12 routing matrix R is: 

1 0 0 0 0 0 0 0 0 0 0 0

0 0 0 1 0 0 1 0 0 1 0 0

0 1 1 0 0 0 0 0 0 0 0 0

0 0 0 0 1 1 0 0 0 0 0 0

0 0 0 0 0 0 1 1 0 1 1 0

0 0 1 0 0 1 0 0 1 0 0 0

0 0 0 0 0 0 0 0 0 1 1 1

R

⎛ ⎞
⎜ ⎟
⎜ ⎟
⎜ ⎟
⎜ ⎟= ⎜ ⎟
⎜ ⎟
⎜ ⎟
⎜ ⎟
⎜ ⎟
⎝ ⎠

 

 

We use this simple case because it allows us to enumerate all the OD pairs and link 
counts, which is useful for illustrating how the method behaves. It had also been used 
in many pioneer papers [3], [6]. 

observed link:  1y : A→B, 2y : B→A, 3y : A→C, 4y : B→C, 5y : C→B, 6y : C→D, 

7y : D→C; 

OD pair: 1x :  A→B, 2x : A→C , 3x : A→C→D, 4x : B→A , 5x : B→C , 6x : B→C→D,  

7x : C→B→A, 8x : C→B,  9x : C→D, 10x : D→C→B→A, 11x : D→C→B,  

12x : D→C . 
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5.2   Comparison of Algorithms 

In this section, we evaluate our method and three methods of others. The optimization 
approach [2] presents a linear program (LP). VPossion and CGauss separately de-
scribed in [3] and [4]. The evaluation results of the four methods are presented in 
Table 1.  

Table 1. The compared result among four algorithms 

The table 1 shows the original traffic matrix (OTM), the estimated value (ETM) for 
each OD pair and the relative error (E%). The average error was 98% for the LP 
method, 13% for the VPoisson method, 3.2% for the EERA method and 7.6% for the 
CGauss method. The LP method clearly is the worst in the four methods. Although 
this approach may have worked in the 3-node topology considered in [2], it seems not 
seem to be effective in the classical 4-node topology. The reason can be that LPs are 
indeed sensitive to the topology. The data show that EERA is the best method in 
terms of both the average error and the biggest error. What’s more important, our 
method computation complexity is proportion to n3, however, other approaches com-
putation complexity is proportion to n5. 

5.3   Sensitivity 

We have compared these techniques with respect to the estimation errors yielded. 
Next we will analyze the sensitivity to prior information and modeling assumptions 
on OD pairs of our algorithm. 

We use synthetic traffic matrices since real TMs are not available. The best  
TM subjected to certain random model can be obtained by generating synthetic TMs 
based on what the properties of real TMs are. We need also to generate synthetic TMs 
that exhibit certain properties that expose the strengths and the weaknesses of the 
evaluated techniques. With this goal in mind, we generate six types of synthetic TMs 
that differ in the distribution used to generate their elements. Specifically, we consider 
constant, Exponential, Poisson, Gaussian, Uniform and Mixture TMs. Up to now, 

LP VPoisson EERA CGauss OTM 
ETM E% ETM E% ETM E% OTM ETM E% 

AB:318 
AC:289 
AD:312 
BA:294 
BC:292 
BD:267 
CA:305 
CB:289 
CD:324 
DA:283 
DB:277 
DC:291 

318 
601 
0 
579 
559 
0 
303 
0 
903 
0 
851 
0 

0 
107 
100 
96 
91 

100 
0.6 
100 
178 
100 
207 
100 

318 
342 
259 
334 
310 
249 
291 
361 
395 
257 
245 
349 

0 
18 
17 
14 
6 
7 
5 
25 
22 
9 
12 
20 

318 
297 
304 
300 
271 
288 
293 
290 
311 
289 
282 
280 

0.0 
2.8 
2.6 
2.0 
7.2 
7.9 
3.9 
0.3 
4.0 
2.1 
1.8 
3.1 

318.65 
329.48 
277.18 
298.14 
354.81 
355.39 
327.20 
330.04 
253.01 
320.50 
291.52 
310.40 

318.65 
286.98 
318.36 
298.14 
360.97 
347.94 
317.34 
373.65 
217.32 
329.07 
246.60 
344.82 

0 
13 
15 
0 
1.6 
2 
3 
13 
14 
3 
15 
11 
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human being have not discovered the random model of OD pair distributions. We 
suspect that these are no distributions that may properly reflect the distributions of 
OD traffic demands in the Internet backbone. So, we design the mixture TMs, which 
each node have different attribute of delivering packets. We consider the Uniform 
scenario because this is what is often used by researchers who need a traffic matrix in 
evaluating algorithms. We include the Constant case because this should be the easi-
est for these methods to estimate. To compare with [3], [4], we also include poisson 
and gauss case. All of scenario can be obtained by assigning a attribute of node, con-
stant(1.0)，uniform(0.5,1.5) , poisson (1.0), exponential (1.0), normal(1.0,0.2). 

0.00%

2.00%

4.00%

6.00%

8.00%

10.00%

12.00%

AB AC AD BA BC BD CA CB CD DA DB DC

constant

uniform

exponential

poisson

gauss

mixture

 

Fig. 2. A comparison of the error to the traffic matrix elements estimated by our algorithm. The 
curve lines show the error of different scenarios.  

Figure 2 shows the error of each OD pairs in different scenario. Obviously, the er-
ror is related to the prior information. That is, the maximum error of OD pair is dif-
ferent in the different case. For example, the AD pair is the worst in the Uniform 
scenario; however, the DB pair is the worst in the Constant scenario. From the Figure 
2 we can think that estimation errors may be correlated to heavily shared links, be-
cause the assignment model is based on the links. For a given traffic matrix, there are 
always some OD pairs that can be estimated very closely, while at the same time, 
other OD pairs are estimated very poorly. What’s more, the assumption of independ-
ence between the OD pairs can be inaccurate. So, we think that it will be a new ap-
proach to find the correlation between the OD pairs. In order to evaluate our method 
sensitivity to prior information, we show the average error in Figure 3. 

0.00%

1.00%

2.00%

3.00%

4.00%

5.00%
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Fig. 3. The average error of different scenarios 
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Figure 3 shows the results of our method. These results indicate that our method is 
not sensitive to the distribution, and is more robust to various types of OD pair distri-
butions. From the both figure, we can get a result that the “troublesome” OD pairs are 
related to not only topology configure but also “real” traffic.  

6   Conclusion and Future Work 

Availability of an O-D traffic matrix is essential if network “what if” analyses are 
desired. Estimation techniques based on partial information are used to populate traf-
fic matrix because amassing sufficient data from direct measurements to populate a 
traffic matrix is typically prohibitively expensive. To handle the problem, we consider 
the links attribute. For example, how is the link loads aggregated by OD pairs that are 
routed through the link.  

We have presented a new model and introduce a new algorithm. We have validated 
the method through simulate tool. The results show remarkable accuracy in the small 
scale network. Our study leaves many important issues unexplored. For example, the 
data set does not contain measurement errors or component failures and we have not 
evaluated the effect of such events on the estimation. We have not considered how 
sensitive traffic engineering tasks are to estimation errors in different demands, and 
how such information could be incorporated in the estimation procedures. We will 
expand our method to large network. Another interesting topic for future work would 
be to understand the nature of the worst-case bounds, and see if they could be ex-
ploited in other ways. 
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Abstract. In conventional filter banks, the sampling factors are restricted to ra-
tional numbers and frequency partition is always rather inflexible, stemming 
from the fact that certain constraint on each subband position is always placed. 
In this paper, we present a class of M-channel nonuniform filter banks with ar-
bitrary sampling factors including integer, rational, and even irrational numbers. 
Consequently, the frequency partitioning in the proposed filter bank is much 
more flexible, which is very attractive in many applications. 

1   Introduction 

Filter banks have been widely used in many applications such as subband coding due 
to its quality in time-frequency decomposition. The filter banks with only two sub-
bands were proposed in the 70s to 80s of last century. Later, M-channel filter banks 
appeared, which allow us to partition the signal more precisely. In these filter banks, 
the bandwidths of all subbands are equal and therefore they are called uniform filter 
banks. However, in many applications such as speech coding, the energy distribution 
of the signal is not uniform. Filter banks which can split the signal into unequal parts, 
known as nonuniform filter banks, are therefore much desired, due to their flexibility 
in frequency partitioning. A great deal of the work has been done on the nonuniform 
filter banks [1-7]. The integer-decimated filter banks [1] were studied at early stages, 
in which the sampling factors are all integers and the subband bandwidth have the 
form of / kpπ , where kp  are integers. Then, more flexible nonuniform filter banks 
[2-7] with rational decimation factors were brought forward, in which the sampling 
factors are in the form of /k kp q , where kp  and kq  are mutually prime. A primary 
drawback of these systems is that there exist some constraints on the position of the 
subbands, which makes its application very limited. Although this problem can be 
solved by shifting the frequency band of each channel to a suitable band before the 
decimation [4-5], the system seems very complicated, because in each channel we 
need to multiply the filtered signal with two sequences to move the band to a proper 
position. Furthermore, the sampling factors in these systems are still restricted to 
                                                           
* Work supported by NSF of China (Grant No. 60372047) and NSF of Shaanxi Province, China 

(Grant No. 2005F18).  
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rational numbers. When the sampling factors are irrational, the structures of the sys-
tems described above do not work because any irrational number cannot be expressed 
exactly as a fraction. 

Some early works on the irrational scaling operation were found in [8-10]. In [11], 
based on the idea of the frequency warping [12-14], a concise closed formula in time 
domain was proposed. Different from the traditional decimation, the formula com-
bines an ideal low pass filter with a decimation operation. However, only two-channel 
nonuniform filter bank was achieved. 

In this paper, we will extend the traditional decimation/interpolation operation to a 
more general case, in which the decimation factor can even be an irrational number. 
Based on this concept, we construct an M -channel filter bank with arbitrary sampling 
factors. In this system, the first and the last channels are easy to realize. However, as 
for the other channels, it is much more involved to design them. Basically, there exist 
two main problems: a) how to extract the frequency; and b) how to decimate with no 
aliasing. Some appropriate schemes are proposed in this paper, aiming at solving 
those problems. In particular, we propose a novel structure to deal with the second 
problem by dividing the decimating operation into two blocks and putting a modula-
tor ( 1)n−  between them. This new filter structure enables the filter banks to be real-
ized with an arbitrary frequency partitioning.   

The organization of the paper is as follows, Section 2 presents the arbitrary scaling 
formula. Section 3 discusses the structure of the proposed system. The simulation 
result is given in Section 4. Conclusions are drawn in Section 5. 

2   The Arbitrary Scaling Operations 

Traditionally, the decimation and interpolation operations refer to the integer sam-
pling factors [15, 16]. In this section, we will extend these two concepts to more gen-
eral cases. 

2.1   Arbitrary Decimation 

Suppose there is a discrete time signal ( )x n , and we denote its DTFT by ( )jX e ω . 

Decimating the signal by a , where a  is an integer and 1a > , is easy to be realized 
since we can preserve the signal at the time ,  an n ∈` . However, if a  is a rational or 
irrational number, it becomes invalid.  

Now we will show the fact that no matter what a  is, integer, rational or irrational 
number, decimating the signal ( )x n  by a  can be realized if the following procedures 

are taken: 

(a) From the digital signal ( )x n , the corresponding  continuous time signal ( )x t  can 

be obtained. The relation between ( )x n  and ( )x t  is that the signal ( )x n  is sampled 

from ( )x t  with the time period T . For a good expression, we need to define a func-

tion ' ( )jX e ω ,  
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' ( ),  - ,
( )

0,           others.

j
j X e

X e
ω

ω π ω π⎧ ≤ ≤
= ⎨
⎩

 (1) 

If we denote continuous time Fourier transform of ( )x t  by ( )X jΩ , then with 

Tω = Ω  we have 

'( ) ( ).j TX j TX e ΩΩ =  (2) 

(b) Sample ( )x t  with new time period aT , the sampled signal is what we want fi-

nally. Here, we denote it by ( )ax n  and its DTFT ( )j
aX e ω , and 

2
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According to the definition of IDTFT, we can get,  
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Eq. (4) shows the relationship in frequency domain between the original discrete 
signal ( )x n  and the decimated signal ( )ax n .  

For the purpose of the later use, we would like to discuss briefly the implication of 
the above results in the context of the filter bank. Basically, a filter bank consists of a 
set of filters with different subbands performing frequency partitioning. In general, a 
decimation operation is always done after filtering, giving rise to a lower sampling 
rate.  

Assume the filter is an ideal lowpass one with the passband being [ / , / ]b bπ π− , 

the decimation factor is a , and the signal after the filtering and decimation operation 
is , ( )b ax n . The signal , ( )b ax n  can be derived readily from Eq. (4) by changing the 

integration range from [ , ]a aπ π−  to [ / , / ]a b a bπ π− . More specifically, we have  

/ ( / )
,

1 1
( ) ( ) ( )

2 2

1 2
          ( ) sinc
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(5) 
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When b a> , the sampling is called oversampling. And when b a= , it is critical sam-
pling. Then, Eq. (5) can be written as (6) 

 ,

1
( ) ( )sinc .a a

k

k
x n x k n

a a

+∞

=−∞

⎛ ⎞= −⎜ ⎟
⎝ ⎠

∑  (6) 

When 1b = , which means that the signal is decimated directly without any filter. In 
this case, Eq. (5) becomes 

 1, ( ) ( ) ( )sinc( ).a a
k

x n x n x k an k
+∞

=−∞

= = −∑  (7) 

2.2   Arbitrary Interpolation 

Similar to the derivation above, the signal ( )x n  is interpolated by a factor a , 

(1, )a ∈ +∞ . The DTFT of the resulting signal ( )ax n  is defined as follows,  

( ) ( ),j ja
aX e X eω ω=  (8) 

or in time domain,  

1
( ) ( ) .

2
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ax n X e e d
π

ω ω

π
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= ∫  (9) 

In filter banks, after interpolation the low frequency part ( / , / )b bπ π−  of the inter-

polated signal is preserved by a filter in the synthesis part, the output after filtering 
denoted by , ( )a bx n  can be written as 

( )
, ( ) ( ) ( )

2 2

2
          ( ) sinc

2

       ( )sinc .

b b
j a j n j n ka

a b
k

b b

k

k

a a
x n X e e d x k e d

a an k
x k

b b b

a n ak
x k

b b b

π π

ω ω ω

π π

ω ω
π π

π
π

+∞
−

=−∞
− −

+∞

=−∞

+∞

=−∞

= =

⎛ ⎞= −⎜ ⎟
⎝ ⎠

⎛ ⎞= −⎜ ⎟
⎝ ⎠

∑∫ ∫

∑

∑

 
(10) 

When b a= , substituting b a=  into Eq. (10), then (10) becomes  

, ( ) ( )sinc .a a
k

n
x n x k k

a

+∞

=−∞

⎛ ⎞= −⎜ ⎟
⎝ ⎠

∑  (11) 

If 1b = , which corresponds the case of no filter used. Rewriting Eq. (10) by substitut-
ing b with 1，then we get Eq. (12), 
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,1 ( ) ( ) ( )sinc( ).a a
k

x n x n a x k n ak
+∞

=−∞

= = −∑  (12) 

To summarize, we have proposed the concepts of arbitrary decimation and interpo-
lation, which are the extension of the traditional concepts. The realizations of these 
two operations are given in Eq. (7) and (12). In addition, we combine the decimation 
and interpolation with the ideal filtering operation, which are realized by using Eq. (5) 
and Eq. (10), respectively. All these results will be used in the next section. 

It can be easily proved that when a  is an integer number, the output signal ( )ax n  

expressed by Eq. (7) or (12) is the same as the output of traditional decimation or 
interpolation.  

3   M-Channel Nonuniform Filter Bank with Arbitrary Scaling 
Factors 

Based on the two concepts given above, a two channel nonuniform filter bank with 
arbitrary scaling factors was proposed in [11]. The frequency partitioning in this filter 
bank structure is very flexible. However, it only deals with the two-channel cases. 
Here, we will try to extent it to M-channel cases.  

As shown in Fig. 1, the input signal is decomposed into M  subbands. In each 
channel, the corresponding frequency part of the signal should be dealt with. From 
low to high in frequency, we denote them by channel 0  to channel 1M − , which 
covers the regions 0 0 0 1 1 0( / , / ), ( / , / ) ( / , / ),...,a a a a a aπ π π π π π− − −∪  

2 2( / , ) ( , / )M Ma aπ π π π− −− −∪ , where 0 1 2 1Ma a a −> > > >" . The bandwidths of 

those subbands are 02 / ,aπ  1 0 0 12( ) / ,a a a aπ−  2 2, 2( 1) /M Ma aπ− −−" respectively.  
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Fig. 1. M-channel frequency partition Fig. 2. The system structure 

From the frequency partitioning described above, we get the structure of the whole 
system shown in Fig. 2. In order to realize the frequency partitioning shown in Fig. 1, 
the filters in channel 1 to channel M-2 are all treated as ideal filters with the pass-
bands being in the frequency region of the corresponding channel in Fig. 1. To be 
more specific, the filter 0H  are lowpass ones, 1 2 2, , MH H H −"  are  bandpass. For the 
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last channel, due to the effect of the modulator ( 1)n− , the filter in this channel is also 

an ideal lowpass filter.  
The whole filter bank structure is realized in three parts which are divided accord-

ing to the corresponding channels of the filters. 0H  is a lowpass filter. 1MH −  is also a 

lowpass filter. As for the others, filters 1 2 2, , MH H H −"  are achieved by the manipula-

tion of two ideal lowpass filters. In what follows, we will discuss the realization of the 
whole system structure in details. The main analysis will be focused on last part. 

The first channel: This channel only deals with the low frequency part 

0 0( / , / )a aπ π−  of the original signal. Thus we can apply an ideal lowpass filter with 

the pass band being 0 0( / , / )a aπ π−  and take a decimation by 0a . Those two opera-
tions can be realized in one step directly with the help of (6) , 
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In the synthesis part, (11) is used  
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The last channel: We must notice that the formulas in Section 2 are derived based on 
the ideal lowpass filter. Here, it deals with the high frequency part of signal. There-
fore the signal has to be shifted by π  in frequency domain. This can be done by mul-

tiplying the signal with the sequence ( 1)n−  in time domain. The following operation 

is the same as channel 0 , only need to change the passband of ideal lowpass filter to 

2 2 2 2( ( 1) / , ( 1) / )M M M Ma a a aπ π− − − −− − − , and the decimation factor to 

2 2/( 1)M Ma a− − − . So according to (6), the operation in the analysis part can be realized 
as follows, 
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and in the synthesis part,  they need to be shifted back. The results can be expressed 
as follows,  
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The remaining channels: As described above, there exist two problems with these 
channels. The first one is how to design filters to obtain the corresponding subband 
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signals of those channels; And the second one is that even if the needed parts of the 
original signal are filtered out, they cannot be decimated to full frequency band directly 
because it is very likely to cause aliasing without being able to recover the signal per-
fectly in the synthesis part. The details of this discussion can be found in [3, 4].  

For the sake of easy discussion, we denote the channel number by 
, 1,2, 2l l M∈ −" , as shown in Fig. 2. To solve the first problem mentioned above, 

two ideal lowpass filters with the passband being ( / , / )l la aπ π− and 

1 1( / , / )l la aπ π− −−  can be used to realize the frequency extraction. By a simple opera-

tion of subtracting, an identical bandpass filter with the passband being 

1 1( / , / ) ( / , / )l l l la a a aπ π π π− −− − ∪  is formed.  

For the second problem, we proposed a simple and effect approach to solve it. Af-
ter passing the equivalent bandpass filter, the signal is decimated by la  firstly other 

than 1 1/( )l l l la a a a− − − . Because 1l la a− > , there will be no aliasing caused in this op-

eration. Then the output signal is shifted by π  and decimated by 1 1/( )l l la a a− − − . It is 

obvious that there will be no aliasing in this step either. The problem is solved by 
dividing one decimation operation into two steps. 

We combine the ideal bandpass filter and the first decimation shown in Fig. 2. The 
relation between output ' ( )lv n  and the original signal ( )x n is got by Eqs. (5) and (6) 

'

1 1 1

1 1 1

1 1
( ) ( )sinc ( )sinc

1 1
      ( ) sinc sinc .

l
l

k kl l l l l

l

k l l l l l

a nk k
v n x k n x k

a a a a a

a nk k
x k n

a a a a a

+∞ +∞

=−∞ =−∞− − −

+∞

=−∞ − − −

⎛ ⎞ ⎛ ⎞
= − − −⎜ ⎟ ⎜ ⎟

⎝ ⎠ ⎝ ⎠
⎛ ⎞⎛ ⎞ ⎛ ⎞

= − − −⎜ ⎟⎜ ⎟ ⎜ ⎟⎜ ⎟⎝ ⎠ ⎝ ⎠⎝ ⎠

∑ ∑

∑
 (17) 

The signal ' ( )lv n  is then modulated by the sequence ( 1)n−  and decimated by 

1 1/( )l l la a a− − − . With the help of (7), these two steps can be written as follows, 

( )'
1 1( ) ( 1) ( )sinc /( ) .k

l l l l l
k

v n v k a a a n k
+∞

− −
=−∞

= − − ∗ −∑  (18) 

In the synthesis part, the inverse operation can be expressed as 

'
1 1 1 1( ) /( ) ( )sinc( /( ) ).l l l l l l l

k

y n a a a v k n a a a k
+∞

− − − −
=−∞

= − − − ∗∑  (19) 

Finally, we can obtain ( )ly n  by Eq. (11) 

( ) ( ) ( )'

1 1 1

1 sinc sinc .
k l l

l l
k l l l l

a a kn n
y n y k k

a a a a

+∞

=−∞ − − −

⎛ ⎞⎛ ⎞ ⎛ ⎞
= − − − −⎜ ⎟⎜ ⎟ ⎜ ⎟⎜ ⎟⎝ ⎠ ⎝ ⎠⎝ ⎠
∑  (20) 
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4   Design Example 

In this section, we will give an example to illustrate the validity of this approach. Due 
to space limitation, only an example of 3 -channel filter bank is shown. It should be 
noticed that in the formula above, the index k  has a range from minus infinity to 
infinity, so we must take a truncation of k  in practical implementations. In this ex-
periment, we set [ ]256 256k = − +∼ . The parameters of the filter bank system are 

given in Table 1. The simulation results are shown in Fig. 3.   

Table 1. The parameters of the system  

Channel 
number 

0 1 2 

la  4 / 2  3  1 

Passband of 
the filter 

,
4/ 2 4/ 2

π π⎛ ⎞−⎜ ⎟
⎝ ⎠

 , ,
3 4 / 2 4 / 2 3

π π π π⎛ ⎞ ⎛ ⎞− −⎜ ⎟ ⎜ ⎟
⎝ ⎠ ⎝ ⎠

∪ ( ) ( )
2 2

,
3 3 3 3

π π⎛ ⎞
⎜ ⎟−
⎜ ⎟+ +⎝ ⎠

 

Bandwidth 2

2

π
 

2 3 2

3 2
π

⎛ ⎞
−⎜ ⎟⎜ ⎟

⎝ ⎠
 

2 3
2

3
π

⎛ ⎞
−⎜ ⎟⎜ ⎟

⎝ ⎠
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Fig. 3. The experimental results. (a) Original input signal: A 256-point normalized Gaussiaan 
random signal with zero mean and unit variance; (b) Reconstructed signal; (c), (d) and (e) 
Subband signals of channel 0, 1, 2, respectively; (f) Reconstructed error. 
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Fig. 3. (Continued) 

From the experimental results, we can see the reconstruction errors with the mean 
absolute being about 31.5 10−×  is introduced due to the truncation of k , however, 
which can decrease as k  grows larger . 

5   Conclusions 

A class of M-channel nonuniform filter banks with arbitrary scaling factors is proposed. 
The system casts off the constraint on the each subband in traditional nonuniform filter 
banks designed by directly structure. So the system we proposed has realized arbitrary 
frequency partitioning, and which can be well used in many applications. 
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Variance Minimization Dual Adaptive Control
for Stochastic Systems with Unknown

Parameters

Gao Zhenbin, Qian Fucai, and Liu Ding

School of Automation and Information Engineering, Xi’an University of Technology,
Xi’an, China,710048

Abstract. The variance minimization dual adaptive control approach
with unknown parameters for stochastic system is studied in this pa-
per. First,the problem is proposed for solving the optimal dual control
law. Furthermore, the differential equation is transferred into state space
model, the suboptimal dual control law is obtained through DUL algo-
rithm. Finally, the example is given to verify the method developed in
this paper. It is shown that the method is effective and practical.

Keywords: dual control; adaptive control; stochastic systems.

1 Introduction

In 1960, former Soviet Union researcher Feldbaum presented the notion of dual
control when he studied the unknown parameter stochastic system[1]. The dual
control has the two aims:(i)to drive the system towards a desired state,and (ii) to
perform learning to reduce the systems uncertainty. In 2000,IEEE Control Sys-
tems Magazine lists the dual control as the one of 25 most prominent subjects
in the last century which had significantly impacted the development of control
theory. In 1973, Lainiotis et al adopt the adaptive control strategy which base
on the weighting of the posterior probability, it is called the DUL algorithm[2];
In 1982, Milito et al lead the innovation with learning coefficient into the per-
formance index, achieving the better compromise between the controlling and
the learning, it is famous IDC (Innovations dual control) strategy[3]. In 2002,
Li Duan et al present variance minimization method, which have the feature of
active learning[4][5]. In 2004, Qian Fu-cai et al present the two level optimal al-
gorithm of dual control law which system model is the differential equation with
the unknown parameter[6]. This paper considers the extensive class of dual con-
trol problem, which system model is the differential equation and the unknown
parameters exist in the definite set which include the finite group of values. A
suboptimal dual control law is achieved through the differential equation trans-
ferring into the state space model.

L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 315–318, 2006.
c© Springer-Verlag Berlin Heidelberg 2006
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2 Problem Formulation

Consider a time-varying discrete single-input/single-output system described by

y(k) = A(q−1)y(k) + B(q−1)u(k) + w(k) (1)

where A(q−1) = a1q
−1 + · · ·+anq−n, B(q−1) = b1q

−1 + · · ·+ bmq−m, (m ≤ n),
y(k) ∈ R,u(k) ∈ R,w(k) ∈ R are the output, input, and disturbance sequences,
respectively. ai(i = 1, · · · , n),bj(j = 1, · · · , m) are the unknown parameters, q−1

is time delay. The noise sequence w(k) is assumed to be Gaussian white noise,
that is, w(k) ∼ N(0, R1). Suppose the finite parameters can be select, that is,
θ = [a1, · · · , an, b1, · · · , bm], θ ∈ Θ = {θ1, · · · , θs}.

Consider the stochastic optimal problem with the unknown parameter above-
mentioned

(G) minJ = minE

{

y2(N) +
N−1∑

k=0

[
y2(k) + r(k)u2(k)

]
| I0

}

(2)

s.t. y(k + 1) = Ai(q−1)y(k) + Bi(q−1)u(k) + w(k) (3)
k = 0, 1, · · · , N − 1, i = 1, 2, · · · s

where I0 = {u(−1), · · · , u(−m − 1), y(0), · · · , y(−n + 1)} is the set of origi-
nal information; Ai(q−1), Bi(q−1) are polynomial of the parameter θ = θi(i =
1, 2, · · · , s);r(k) ≥ 0(k = 1, 2, · · · , N − 1) is weighting coefficient; The priories
probability of the parameter θ is qi(0) = P (θ = θi | I0), i = 1, 2, · · · , s.

Suppose the information set is Ik at the k stage, Ik = {u(0), u(1), · · · , u(k −
1), y(1), y(2), · · · , y(k), I0}, then, the aim of the dual control is finding control
law u(k) = fk(Ik), (k = 0, 1, · · · , N −1) , which minimize the performance index
of problem (G).

3 Suboptimal Dual Control Law

Theorem: The problem (G) of the minimization variance control with the un-
known parameter equals to the problem (P)

(P ) minJ1 = minE{xT (N)Q0(N)x(N)

+
N−1∑

k=0

[
xT (k)Q1(k)x(k) + Q2(k)u2(k)

]
| I0} (4)

s.t. x(k + 1) = Φi(k)x(k) + Γi(k)u(k) + Λi(k)w(k), i = 0, 1, · · · , s (5)
y(k) = Hx(k) + w(k) (6)

where x(k) ∈ Rn. When θ = θi(i = 1, 2, · · · , s) ,let αi = [αi
1, α

i
2, · · · , αi

n]T , β =
[I(n−1), O(n−1)×1]T , then Φi(k) = [αi, β], Γi(k) = [bi

1, · · · , bi
m, · · · , bi

n]T , (bi
t =

0, t=m+1, · · · , n), Λi(k)=αi, H =[10 · · · 0], where ai
1, · · · , ai

n, bi
1, · · · , bi

m, · · · , bi
n

are the parameters of polynomial Ai(q−1), Bi(q−1) in the equation (3). v(k) =
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Λi(k)w(k) ∼ N(0, R2(k)), w(k) ∼ N(0, R1).Q0(N) = Q1(k) = HT H, Q2(k) =
r(k), (k = 0, 1, · · · , N − 1).

Definition 1: When θ = θi,assuming the state estimation of the k stage is

x̂i(k|k) = E{x(k) | θ = θi, I
k}, k = 1, 2, · · · , N, i = 1, 2, · · · , s (7)

which can be obtained from the Kalman filter.

Definition2: The posterior probability of the model i at the k stage

qi(k) = P (θ = θi | Ik), k = 1, . . . , N, i = 1, · · · , s (8)

posterior probability qi(k), i = 1, 2, . . . , s can be calculated from the Bayes
formula

qi(k) =
Li(k)

s∑

j=1
qj(k − 1)Lj(k)

qi(k − 1), k = 1, 2, . . . , N (9)

original condition: qi(0),where

Li(k) = |Py(k|k − 1, θi)|−
1
2 exp[−1

2
ỹT (k|k − 1, θi)P−1

y (k|k − 1, θi) ×

×ỹ(k|k − 1, θi)]
ỹ(k|k − 1, θi) = y(k) − Hx̂i(k|k − 1)
Py(k|k − 1, θi) = HPi(k|k − 1)HT + R1.

where x̂i(k|k − 1) is the one-step-ahead predictive estimating values; Pi(k|k − 1)
is the one-step-ahead covariance on Kalman filter when θ = θi, i = 1, 2, · · · , s.

According to reference[2],the suboptimal dual control law can be obtained by

u(k) =
s∑

i=1

ûi(k|k)qi(k), (k = 0, 1, · · · , N − 1) (10)

ûi(k|k) = −Kix̂i(k|k)(i = 1, 2, · · · , s)

Ki(k) =
[
Q2(k) + Γ T

i (k)Si(k + 1)Γi(k)
]−1

Γ T
i (k)Si(k + 1)Φi(k) (11)

Si(k) = ΦT
i (k)S(k + 1)Φi(k) + Q1(k)

−KT
i (k)

[
Q2(k) + Γ T

i (k)Si(k + 1)Γi(k)
]
Ki(k) (12)

boundary condition: Si(N) = Q0(N)

4 Simulation

Consider single input single output discrete system as follows

y(k) = a1y(k−1)+a2y(k−2)+b1u(k−1)+b2u(k−2)+w(k), k = 0, 1, 2, · · · , N−1

Where, w(k) ∼ N(0, 0.04),the parameter[a1, a2, b1, b2] is the unknown and ex-
ists in the model set:θ ∈ Ω = {θ1, θ2, θ3}, assuming θ1 = [0.8, 0.2, 0.5, 1] , θ2 =
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[0.4, 0.6, 0.9, 1] , θ3 = [0.05, 0.5, 0.2, 1]. These three models have the same priories
probability and all equal to 1

3 . suppose the real parameter of the system is θ1.Put
the above-mentioned equation into the formation of the state equation (5) and
(6). It is the aim that seeking control sequence {u(k)}(k = 0, 1, · · · , N − 1) and
minimizing the performance index expression (4). Fig.1 gives the changing case
of the posterior probability of three-models; Fig.2 gives the changing case of
the optimal control sequence and dual control sequence. Make 100 Monte Carlo
simulation with the method of the suboptimal dual control in the note and that
of LQG, the performance indexes are: Jdual = 537.0673,Jopt = 509.4697 .
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5 Conclusion

In this paper, we study the dual adaptive control of SISO stochastic system with
the unknown parameter by the differential equation. Through transferring the
differential equation with the unknown parameter into the state space model,
we achieve the suboptimal dual control law. The example is illustrated to clarify
the effectiveness and feasibility. This paper is supported by Natural Science
Foundation of Shaanxi Province of P.R.China(2005F15).
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Abstract. The least-cost multicast routing with delay constrained is an NP-
Complete problems, to deal with which, a Multi-Agent Immune Clonal 
Selection Algorithm based multicast routing (MAICSA) is proposed in this 
paper. MAICSA combines the characteristic of Multi-Agent with the search 
strategy of Immune Clonal Selection Algorithm. To compare with the 
conventional Genetic Algorithm (GA), MAICSA overcomes the most serious 
drawbacks, such as slow convergence rate and “prematurity”. The experimental 
results show that MAICSA has faster astringency and higher precision than 
traditional GA, MAGA (Multi-Agent multicast routing based on Genetic 
Algorithm) and MAIA (Multi-Agent multicast routing based on Immune 
Algorithm).  

1   Introduction 

The term multicast means sending information from one source node to multi nodes 
(but not all) in the communication network [1]. The goal of multicast routing is to 
find an optimal multicast tree, which satisfies all constraints. The evaluation of 
finding an optimal multicast tree is an NP-completed problem on both theory and 
practice, to deal with which, algorithms such as KMB with no constraint and BSMA 
[1] with constraint have proposed. However, an ubiquitous problem of these 
algorithms is the failure in keeping the balance of network cost and Quality of Service 
(QoS) constrains. As an effective stochastic searching algorithm, Genetic Algorithm 

(GA)[2] can be used to solve multicast routing problem [3][4][5]. However, GA is a 
general purposed optimization algorithm, where slow convergence rate and precocity 
are the most serious drawbacks of it. Hence, other many methods have proposed, such 
as Immune Algorithm (IA) [6] and Immune Clonal Selection Algorithm (ICSA)[7][8], 
and so forth.  

In the last few years, the research of Multi-Agent system has been noticed. A 
Multi-Agent system [9] is a set of a number of computable agents with intelligent, 
goals and capabilities. Many researches have shown the advanced performance of 
agents in the real world. Zhong,W.C., et al presented the Multi-Agent Genetic 
Algorithm (MAGA) [10]. Liu Jing, et al presented a multiagent evolutionary 
algorithm for constraint satisfaction problems [11]. Jiao Li-Cheng, et al presented an 
organizational coevolutionary algorithm for classification [12]. These algorithms are 
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practically useful in the optimization of functions with high dimensionality, constraint 
satisfaction problems and classification. Because finding an optimal multicast tree is 
considered as the optimization of functions, hence, a Multi-Agent Immune Clonal 
Selection Algorithm based multicast routing (MAICSA) is proposed in this paper.  

2   Multicast Routing Problem Statements 

Communication network can be presented as a weighted graph: ( , )G V E= . 

Thereof, V is the set of all switching nodes of the network; E is the set of 
communicating links (x, y) of any two adjacent nodes x and y. ( , )x y E∀ ∈ exist a pair 

of positive weighted value (Delay (x, y),Cost (x, y)) presenting the time-delay and the 
cost of (x, y) separately. In this paper, we use Source presenting the source node of a 
multicast session, and DestSet presenting the set of all members of multicast group. 
Source DestSet V⊆∪ , D e s tS e t  is the size of multicast group. Multicast tree MT= 

(
MTV ,

M TE ), ( ,  
MT MT

V V E E⊆ ⊆ ). Multicast routing problem i.e. the Steiner tree 

problem can be declared as looking for a spanning tree which satisfy the following 
expression: 

( , )

( ) min( cos ( , ))
M Tx y E

Cost MT t x y
∈

= ∑  (1) 

In the route selecting based on QoS problem, the formula (2) is the mathematical 
model of the multicast routing problem with Delay-Constraint: 

( , )

( , ) ,  
M TSource v Path

Delay source v v DestSet
∈

≤ Δ ∀ ∈∑  
(2) 

where 
M TPath is the set of all paths from source node to all destinations, and Δ  is the 

delay- constraint. 

3   Multi-Agent Immune Clonal Selection Algorithm Based 
Multicast Routing (MAICSA) 

A multi-agent system can implement its global goal by these relationships and every 
agent inside the system implementing its local goals. An Immune Clonal Selection 
Algorithm has the ability of global searching, it not only overcomes the prematurity to 
some extent and avoids falling into local optimums. Through a combination of 
characteristics of a multi-agent system and immune clonal selection algorithm, we 
proposed MAICSA. 

3.1   The Basic Idea of Immune Clonal Selection Algorithm[7]
 

An Immune Clonal Selection Algorithm [7][8], based on the Antibody Clonal 
Selection Theory of immune system, solves the optimization problem by constructing 
the clonal operator corresponds to certain problem. The state transformation of 
antibody population is denoted as follows: 

 ( ) ( ) ( ) ( 1)c lo n e m u ta tio n se lec tio nA k A k A k A k′ ′′⎯ ⎯ ⎯→ ⎯ ⎯ ⎯⎯→ ⎯ ⎯ ⎯ ⎯→ +  
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3.2   The Basic Idea of Multi-Agent Genetic Algorithm (MAGA)[10] 

A multi-agent system is composed of many autonomic unit agents. The sensation and 
behavior of an unit agent can only affect a limited local environment. In different 
problems, agent has different concrete meanings. In this paper, every agent presents 
one combination of possible paths in the whole network topology, which is a 
multicast tree. The logic structure of the Multi-Agent system is an L×L agents grid as 
illustrated in Fig.1, the topology of the grid is annular. Every agent holds a point and 
cannot move, the parameter range as illustrated in Fig.2 decides the scale of its 
neighborhood. Since an unit agent has only local sensations, it can only interact with 
the agents in the neighborhood. In MAGA [10][11], Neighbor-Competition Operator 
and Agent Crossover Operator are used to realize the competition and cooperation of 
agents, while the functions of Agent Mutation Operator and Agent Self-study 
Operator are improving agents’ energy with their knowledge. These four operators are 
leading the evolution of agents. In this paper, mutation is executed by immune clonal 
operation. 

               

Fig. 1. Logic Structure of Multi-Agent                       Fig. 2. Neighborhood of the Agent 

3.3   Descriptions of MAICSA  

Step 1. Generating the set of possible paths 

Find 
iΩ , the set of possible paths for every pair of notes ( , )iSource v (thereof 

iv D estSet∈ ), by Distance Finding Station(DFS). From 
iΩ , select the paths 

satisfying formula (2) and generate 
ivΦ . 

Step 2. Coding mechanism and initialization 
Assume that there are  (  )m m DestSet= destinations in the communicational 

network, each iv DestSet∈  corresponding to the set of possible paths 
ivΦ , the 

number of paths in 
ivΦ is

ivn . Code 
ivΦ  by ordinal positive integers, the proper path 

code sequence is { }1 , 2 , . . . . . . ,
ivn . 

Pick up the number of NPop (the scale of an antibody population) combinations of 
paths randomly as an initial antibody community, i.e. AntibodySet, within which each 
antibody presents a combination of paths or a multicast tree. We can code those 
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antibodies as 
1 2

, 
mv v va a a" the coding length is m, and the value of each unit can 

be: 

0

,
1, 2 , ... ,

i

i

v i ii

v

v
n v v

,  N o  p o ss ib le  p a th  o f   b e  s e le c te d

 T h e  p a th  n o f b e  se le c te d
i ma  

 
    

Φ

Φ
==

⎧
⎨
⎩

 

(3) 

Step 3. Calculating the antigen-antibody affinity 
Let EMT  present the multicast tree corresponding to the Antibodyi, the affinity is: 

( )
( ),

( ) 1 ( ) 1 ,
M T

i i

x y E

f A n t ib o d y C o s t A n tib o d y C o s t x y
∈

= = ∑  (4) 

The repetitious link just be calculated once when we calculating
( , )

( , )
MTx y E

Cost x y
∈
∑ . 

Step 4. Distilling the bacterin 
The function of bacterin is, by injecting which, directing search and expediting 
convergence. In this paper, for each destination, the bacterin is distilled from the 
shortest path with the lowest cost and common shorter paths in the multicast tree. It’s 
obvious that the method takes advantage of the knowledge of multicast routing 
problem.  
Step 5. Clone Operation 
For each antibody Antibodyi of initial population, clone operation duplicates it to the 
new population Antibody’i with the scale of qi, qi is given by formula (5): 

1

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

( )
Pop

i
i C P opN

j
j

f A ntigen
q In t N i N

f A ntigen

i

=

⎡ ⎤
⎢ ⎥
⎢ ⎥
⎢ ⎥= =⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥⎢ ⎥

∑

 
(5) 

where Nc>NPop is a given integer relating to the clonal scale, min{ | }xInt t x t Z= > ∈⎡ ⎤⎢ ⎥ . 

As presented in formula (5), the clonal scale of an antibody accommodates to its 
affinity. The antibody with greater affinity has larger clonal scale.  
Step 6. Clonal Mutation Operation 
In order to keep the information of the parent population, mutation operation only be 
applied on the population after Clonal Operation in the Immune Clonal Selection 
Algorithm. The mutation operation is applied on each unit of every antibody 
according to the mutation probability PM.  
Step 7. Injecting the bacterin 
Pick out some antibodies with lower affinity from the mutated population randomly, 
they are replaced by the bacterin we distilled in step 4. 
Step 8. Clonal Selection Operation 
Let { ' }i iA Antibody Antibody= ∪ , pick out the antibody with the greatest affinity 

from A to express it as Bi, then Bi replaces Antibodyi   according to the probability PT 
given as formula (6): 
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(6) 

where ( )f ⋅  was defined as formula(4) above. 0,α >  α is related to the diversity of 

antibody population, in general, the better is the diversity of antibody population, the 
bigger is value ofα . 
Step 9. Initializing the Multi-Agent grid 
All antibodys are sorted logically. In the Multi-Agent grid, assume the given agent to 
be

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

mij v v vAgent a a a= . Each antibody is put into a certain point of the 

Multi-Agent grid, that is, 11 1 21 2 1L L L LLAgent , ,Agent Agent , ,Agent , ,Agent , ,Agent" " " "  are put 

into ( ) ( ) ( ) ( ) ( ) ( )1 1 1 2 1 2 1, , , ,L , , , ,L , , L, , , L,L" " " " , as is illustrated in Fig.1.An agent has 

energy. In the multicast routing problem, let EMT present the multicast tree 
corresponding to Agentij, Energy (Agentij) is defined as formula (7). Since the goal of 
MAICSA is to find the lowest cost multicast tree, therefore the goal of the agents’ 
revolution is to increase their selves’ energy. 

( ) ( ) ( )
( )

1 1
MT

ij ij
x ,y E

Engery Agent Cost Agent Cost x, y
∈

= = ∑  (7) 

Step 10. Neighbor-Competition Operator 

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

mij v v vMax h h h=  is the agent with the highest energy in its neighborhood, 

namely 
ij ij

Max Neighbors∈ , and 

,  ( ) ( )ij ijA g en t N eig h b o rs E n erg y A g en t E n erg y M a x∀ ∈ ≤  (8) 

If formula (9) is true, then
i jA g e n t  is the winner of the competition, otherwise it is 

the loser: 

( ) ( )ij ijE n e rg y A g en t E n erg y M a x≥  (9) 

If Agentij is winner, it will stay alive at its point of the grid. Otherwise it will die and 
has its point emptied, then Maxij will take over that point using one of the two take-
over methods according to the probability PS. 

Let 
1 2

( , ,......, )
mij v v vNew n n n= , in the method1, Newij is decided by formula (10): 

,    ( ) ( )

,    ( ) ( )    

k k k

k

k k k

v v v

v
v v v

a C o st a C o s t h

C o s t a C o s t h
n

h

≤

>
=
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⎨
⎪⎩

 (10) 

where k=1,2,…,m, and in the method 2, 
k kv vn h= , i.e. Newij = Maxij. 
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The two methods have different functions. When Agentij is loser, it may still have 
some useful knowledge to the optimization, the method1 benefits keeping that 
knowledge, the method 2 use the knowledge of the winners to direct searching and 
discover new search spaces. 
Step 11.Agent Crossover Operator 
According to the probability PC, Agent Crossover Operation is applied on Agentij and 
Maxij to realize the collaborations among different agents.  
Step 12. Agent Self-study Operator 
The agents can study with their selves’ knowledge to improve their abilities of 
competing and adapting to the environment. After crossover operator, pick out the 
agent with the highest energy within the whole agent grid AgentGrid, i.e. Curbest. 

1 2( , ,......, )mCurBest b b b= . According to formula (11), we generates a new Multi-

Agent grid sAgentGrid with smaller scale (sL×sL), sAgenti’j’ ∈  sAgentGrid, 
, 1,2,i j sL′ ′ = " . The sAgenti’j’ is defined by formula (11). 

' '
' '

,    ' 1  ' 1

 ,            i j
i j

C urBest i and j
sAgent

sN ew otherw ise

⎧ = =⎪⎪= ⎨⎪⎪⎩
 (11) 

where sNewi’j’ is generated by mutation operation on a random single gene unit of 
Curbest  according to the probability mp′ . Then the best agent Curbest′  will be 

generated after applying Neighbor-Competition Operator (Step10) and Agent 
Crossover Operator (Step11) on sAgentGrid in presumptive iterative times.  

If ( ') ( )Energy CurBest Energy CurBest> , then Curbest′   replace Curbest. 

Allbest is the best agent by last iterative time. If Energy(CurBest)> Energy(AllBest), 
then AllBest CurBest← . MAICSA stops if Energy(AllBest) doesn’t change any 
more or the iterative times get to the limited number. Else, go back to Step5. 

4   Simulations and Results Analysis 

The model of the network we used in our experiment is produced by the method in 
[13]. In our simulation, we compared the cost of delay-constrained multicast tree got 
by MAICSA discussed in the paper, MAGA, GA [4] and MAIA [14]. An immune 
operator is introduced into MAIA, which is to say, distilling the bacterin step and 
injecting the bacterin step are added to MAGA. To compare easily, we used the same 
crossover probability PC =0.8,the mutation probability PM=0.1 in Clonal Mutation 
Operation, Pm1=Pm2=Pm3=0.03 in MAGA, MAIA and GA, 0.3mp′ = and ps=0.7. The 

network scale n is from 100 to 500, number of destintions is m and delay is 120Δ = . 
The size of AgentGrid is 4 4× , the size of sAgentGrid is 2 2×  and rang=1.  

The average iterative time of MAIA is bigger than MAGA with the network scale 
n from 100 to 500 because the immune operator (see Table 1), but these differences 
are very small. The multicast tree cost got by MAIA is lower than MAGA (Cost of 
MR Tree in Table 1 stands for Cost of Multicast Routing Tree). Because MAISCA is 
combination of Multi-Agent with immune clonal selection algorithm, it has features 
of solution diversity and no easy “prematurity”. In order to firstly evolve in a larger 
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population space for the solution diversity, MAICSA has run Clonal Selection 
Operation before some antibodies selected from the population are put into some 
points of the Multi-Agent grid. So the average iterative time of MAISCA is the least 
in GA, MAGA and MAIA with the network scale n from 100 to 500 (as shown Table 
1 and Fig.4), the multicast tree cost got by MAICSA is the lowest in GA, MAGA and 
MAIA with the network scale n from 100 to 500 (see Table 1), Fig.3 (a) and (b) 
illustrate the multicast tree cost ratio of MAICSA to GA, MAGA and MAIA with 
m/n=15% and m/n=30%. 

Table 1. The result of four algorithms 

m/n=15% m/n=30% Net- 
work 
scale 

Algor- 
ithm Cost of MR 

Tree 
Average 

iterative time 
Cost of MR 

Tree 
Average 

iterative time 
MAICSA 323 6.9 504.15 9.6 

MAIA 326.25 16.65 507.9 26.15 
MAGA 327.25 14.35 510.5 22.1 

100 

GA 343.85 36.6 623.15 59.1 
MAICSA 790.65 16.85 1245.4 17.75 

MAIA 796.5 35.05 1259.75 68.45 
MAGA 796.75 27.25 1268.5 57.55 

200 

GA 854.9 58.5 1435 64.85 
MAICSA 1379.45 18.7 2340.6 28.65 

MAIA 1391.8 73.65 2355.05 88.5 
MAGA 1398 49.85 2366.45 72.75 

300 

GA 1638.35 83.75 3011.85 80.55 
MAICSA 1598.2 25.3 2733.35 45.6 

MAIA 1611.2 75.15 2766.25 157 
MAGA 1630.5 77.7 2787.8 114.55 

400 

GA 1919 73.95 3520.3 83.05 
MAICSA 1737.6 29.65 2822.35 66.7 

MAIA 1755.35 118.15 2865.2 229.7 
MAGA 1771.9 94.65 2909.45 142.6 

500 

GA 2053.3 90.95 3714.2 95.5 

 
   (a) m/n=15%                                            (b) m/n=30% 

Fig. 3. The multicast tree cost ratio of MAICSA to GA, MAGA and MAIA 
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          (a) m/n=15%                                           (b) m/n=30% 

Fig. 4. The average iterative time ratio of MAICSA to GA, MAGA and MAIA 

5   Conclusions 

In this paper, we have described a new Multi-Agent algorithm based on Immune 
Clonal Selection Strategy and applied it to the multicast routing problem. 

In Multi-Agent system, since there are competitions and cooperations between 
neighboring agents and the ability of self-studying of agents, we combine these 
characteristics of Multi-Agent with global powerful searching ability of Immune 
Clonal Selection Algorithm to solve multicast routing problem. In MAICSA, Agent 
Mutation Operator is subtituted by Clonal Mutation Operation in step 6.In ICSA 
(Immune Clonal Selection Alogrithm), Clonal Mutation Operator is the main 
Operator, so clonal mutation probability is much larger than mutation probability of 
GA. In consideration of solution stability, the clonal mutation probability of MAICSA 
is less than one of ICSA, but it is larger than one of GA, MAGA and MAIA .The 
experiment results have shown that MAICSA has faster astringency and higher 
precision than traditional GA, MAGA and MAIA. And also, MAICSA can be 
operated simply and implemented easily. We think that MAICSA is a fruitful 
approach to study multicast routing problem, it has better prospective of application. 
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Abstract. With the rapid development of genome projects, clustering of gene 
expression data is a crucial step in analyzing gene function and relationship of 
conditions. In this paper, we put forward an estimation of distribution algorithm 
for fuzzy clustering gene expression data, which combines estimation of  
distribution algorithms and fuzzy logic. Comparing with sGA, our method can 
avoid many parameters and can converge quickly. Tests on real data show that 
EDA converges ten times as fast as sGA does in clustering gene expression 
data. For clustering accuracy, EDA can get a more reasonable result than sGA 
does in the worst situations although both methods can get the best results in the 
best situations. 

1   Introduction 

With the rapid advancement of genome sequencing projects, microarrays and related 
high-throughput technologies have been key factors in the study of global aspects of 
biological systems. Generally speaking, gene expression data can be gotten from 
microarray experiments by readout of the mRNA levels of genes, which are con-
ducted to address specific biological questions. The microarray experiments are usu-
ally carried on a genome with a number of different samples (conditions) such as 
different time points, different cells or different environmental conditions [1]. These 
data are always stored in a matrix, in which each row corresponds to a gene, each 
column corresponds to a condition, and each entry is a real number and denotes the 
expression level of the gene under the specific condition. The matrix can be denotes 
by X(G,C), where G is the set of genes and C is the set of samples. When gene ex-
pression data are analyzed, common pursued objectives are to group genes over all 
samples or cluster samples over all genes. The promise of these objectives is that the 
similar genes exhibit similar behaviors over all samples, or vice versa. This process is 
called clustering. 

A cluster is a collection of data objects that are similar to one another within the 
same cluster and are dissimilar to the objects in other clusters [2]. In machine  
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learning, clustering is an example of unsupervised learning. Unlike classification, 
clustering and unsupervised learning do not relay on predefined classes and class-
labeled training examples. 

There exist a large number of traditional clustering algorithms based on methods of 
statistics such as partitioning methods, hierarchical methods, density-based methods, 
grid-based methods and model-based methods. At the same time, many natural com-
putation and other intelligence algorithms, such as neural network, evolutionary com-
putation, fuzzy logic, are introduced into cluster analysis. For an example, fuzzy c 
means (FCM) is a popular method of cluster analysis and is applied in many fields 
now. 

Combining genetic algorithms and fuzzy logic, zhao et al presented a genetic algo-
rithm for fuzzy clustering [3]. However, the behavior of evolutionary computation 
algorithms such as GAs depends on a large extent on associated parameters like op-
erators and probabilities of crossover and mutation, size of the population, rate of 
generational reproduction, the number of generations, and so on. So Larranaga and 
Lozano[4] presented a new algorithm—Estimation of distribution algorithm (EDA)—
to come over the disadvantages of genetic algorithm based on probabilistic graphical 
models. Based on these ideas, we adopt estimation of distribution algorithms for 
fuzzy clustering gene expression data, combining EDA and fuzzy logic. Experiments 
on real data show that our methods can outperform sGA both in convergence speed 
and accuracy of clustering samples. 

The remainder of this paper is organized as follows: Model of fuzzy cluster is pre-
sented in section 2 and estimation of distribution algorithm is presented in section 3. 
We do some experiments on real data and discuss the results in section 4. In section 5, 
we make a conclusion. 

2   Model of Fuzzy Cluster 

Suppose X={x1,x2,…,xn} is the set of objects to be clustered and each object 
xi={xi1,xi2,…,xis} in X has s attributes. The objective of clustering is to partition n 
objects in X into c groups X1,X2,…,Xc, which satisfy: X1∪X2∪…∪Xc=X, Xi∩Xj=Φ 
for each 1≤i≠j≤c. 

Traditionally, each object only belongs to one group and each group contains at 
least one objects. This partition method is called hard partition or crisp partition. Set 
μik to be the grade of membership that object k belongs to group i, then, for crisp 
partition, the membership function can be denoted as follows: 

1

0

k i
ik

k i

x X

x X
μ

∈⎧
= ⎨ ∉⎩

                                                      (1) 

Ruspini E.[5] introduced the fuzzy logic into partition and define the member-
shipμik to be a real number in [0,1] and satisfy that 

1 1
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c n

f ik ik ik ik
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E k n iμ μ μ μ
= =

= ∈ = ∀ < < ∀∑ ∑                      (2) 
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Suppose U=[μik]c×n is the partition matrix and P={ pi | pi = (pi1,pi2,…,pis) is cluster-
ing center (also called clustering prototype) of group i, i=1,2,…, c}. According to 
Dunn [12] and Bezdek [13], the objective function of clustering is to minimize the 
following equation: 

2

1 1

( , ) ( ) ( )
n c

m
ik ik

k i

J U P dμ
= =

=∑∑ , s.t. μik∈Ef                                  (3) 

where dik is the distance between the kth object and the ith clustering center and m is 
weight coefficients. Here m is in [1,∞) and usually m=2. 

According to Zimmermann, H.J[6], if clustering center pi is known, then fuzzy par-
tition matrix U can be computed as follows: 
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                                (4) 

Where Ik={i|1≤i≤c,dik=0} and I k={1, 2, …, c}-Ik. 
In a word, fuzzy clustering is to find a fuzzy partition matrix U or a vector of clus-

tering prototype (clustering center), which can minimize equation (3). In this paper, 
we try to find the best clustering prototype using estimation of distribution algorithms. 

3   Estimation of Distribution Algorithm 

3.1   Description of Algorithms 

Genetic Algorithm is widely used in searching problems as an optimization algorithm. 
However, the researcher requires experiences in order to choose the suitable values 
for the parameters in the algorithm. Therefore, a new type of algorithms, Estimation 
of Distribution Algorithms (EDAs), was introduced [4]. The algorithms try to make 
easier to predict the movements of the populations in the search space as well as to 
avoid the need for so many parameters. Like GAs, the algorithms are also based on 
the populations and have a theoretical foundation on probability theory. 

Unlike GAs, the new individuals in the next population are generated without 
crossover or mutation operators in EDAs. In fact, they are randomly reproduced by a 
probability distribution estimated from the selected individuals in the previous gen-
eration. At the same time, in EDAs the interrelations between the different variables 
representing the individuals are expressed clearly by means of the joint probability 
distribution associated with the selected individuals at each generation.  

Suppose a population consists of R chromosomes (individuals) and each chromo-
some is composed of n genes as X1,X2,…,Xn. Then a generic scheme of EDA ap-
proaches are shown as figure 1 and the essential steps are following: 
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Step 1. Generate randomly R individuals, composed of n-dimension, in D0 generation. 
Step 2. Select m (m<R) individuals, denoted by Dh-1

m, from the population in h-1 
generation following a criterion. 
Step 3. Induce the n-dimensional probabilistic model that better represents the in-
terdependences between the n variables. The model can be presented by a directed 
acyclic graph (DAG). This is the most crucial step in EDA. 
Step 4. Propagate R new individuals, which constitute the new population Dh, by 
carrying out the simulation of the probability distribution. 

Steps 2, 3 and 4 are looped until the terminated condition is satisfied. 
There are many ways to estimate the joint probability distribution associated with 

the selected individuals from the previous generation in discrete domains and more 
details are introduced in [4]. 
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Fig. 1. Illustration of EDA approaches in the optimization process 

3.2   Parameter Selection 

Each individual in the population denotes clustering prototypes of each partition. 
Suppose that each object has s attributes and all objects are classified into c classes, 
then the chromosome is composed of s*c real numbers, which ranges are between the 
minimum and maximum value of the attribute in all objects. Each real number is 
discretized into 20-length gray code. Thus each chromosome is coded into s*c*20-
length gray code. The population size is set to 100 in this paper. 

The crucial step in EDA is to induct the probability model from the last popula-
tions. In this paper, we suppose that the n-dimensional joint probability distribution 
factorizes like a product of n univariate and independent probability distribution. So 
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the famous algorithm UMDA (univariate marginal distribution algorithm) in [4] is 
adopted to form the directed acyclic graph (DAG) and propagate the next generation 
in our program. 

We use the probabilistic logic sampling (PLS) proposed in [7] to sample the popu-
lation in next generation. Stochastic Universal Sampling (SUS) is used to select the m 
individuals from the population in the previous generation. The generation gap in our 
method is set to 0.95 and the maximum generation is set to 100. 

Equation (3) is computed for each individual and taken as the fitness function be-
cause our objective is to minimize the equation. In equation (3), dik is the Euclid dis-
tance between kth object and ith clustering center and the fuzzy partition matrix can be 
computed equation (4). 

4   Experiments and Results 

We tested our method using two gene expression data sets: ALL/AML data set and 
human renal tumor data set, which can be downloaded from Gene Expression Omni-
bus (GEO).  

First, we filtered the genes with more than 20 percents null values over all samples. 
Then, just like [8], we only selected 50 genes that were most informative about the 
class distinction in the data for each data set. The genes were scored by the "twoing 
rules" using the tool package Rankgene, which is developed by [9]. 

The program is developed in MATLAB 7.01 for windows XP using GATBX tool-
box, which is developed by University of Sheffield (1994). 

To compare with sGA, we also did experiments on the same data sets using sGA. 
The probabilities of crossover operator and mutation operator were set to be default n 
GATBX toolbox and other parameters were set as same as UMDA's. 

4.1   ALL/AML Data Set 

The ALL/AML data set, which is published in [10], consists of the expression levels 
of roughly 6,800 human genes and data are measured using an Affymetrix oligonu-
cleotide array from bone marrow samples collected from 47 patients suffering from 
acute lymphoblastic leukaemia (ALL) and 25 patients suffering from acute myeloid 
leukaemia (AML). 

According to the types of patients, we grouped the samples into two clusters using 
different methods: EDA and sGA, and each run 10 times. The cluster details in the 
best situations and the worst situations are shown in table 1 and table 2, respectively. 

Table 1. Best result for ALL/AML data 

 Cluster No. Cluster samples AML ALL Cluster Error Total Error 
Cluster 1 24 24 0 0 

EDA 
Cluster 2 48 1 47 1/48 

1/72 

Cluster 1 24 24 0 0 
sGA 

Cluster 2 48 1 47 1/48 
1/72 
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Table 2. Worst result for ALL/AML data 

 Cluster No. cluster samples AML ALL Cluster Error Total Error 
Cluster 1 26 24 2 2/26 

EDA 
Cluster 2 46 1 45 1/46 

3/72 

Cluster 1 17 12 5 5/17 
sGA 

Cluster 2 55 42 13 13/55 
18/72 
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Fig. 2. Convergence speed for ten tests on ALL/AML data set. (a) GA's convergence curve (b) 

EDA's convergence curve. 

From table 1, we can we can see  that both methods reach the same error rate in the 
best situation, only one sample is grouped wrongly. The situation emerges 6 times in 
EDA and 4 times in sGA. In the worst situation listed in table 2 only 3 of 72 samples 
are wrongly grouped in EDA, while there are 18 of 72 wrongly grouped samples in 
sGA. That is to say, EDA are quite stable through all runs while the performance of 
sGA fluctuates across different runs. To sum up, EDA outperforms sGA in clustering 
ALL/AML gene expression data. Figure 2 shows the converge speeds of two meth-
ods. From figure 2, we can see EDA converges in around 5 seconds, while sGA con-
verges in 60 seconds or so. Table 1,2  and figure 2 illustrate that,  compared with 
sGA, EDA can converge more rapidly and get a more reasonable result in practice. 

4.2   Kidney Cancer Data Set 

Cutcliffe C. et al present a human renal tumor data set in 2005, which is composed of 
22,283 genes and 35 samples [11]. Excluding three control samples, the 32 left sam-
ples come from two types of renal tumor patients: 18 of Wilms' tumor (WT) patients 
and 14 of clear cell sarcoma of the kidney (CCSK) patients. The expression data are 
measured using Affymetrix oligonucleotide arrays.  

Performing the same experiments as in ALL/AML data set, we found that both 
methods can group the samples without errors in all runs, with result shown in table 3. 

(a) (b) 
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Table 3. Result for Kidney data  in all situations 

 Cluster No. cluster samples WT CCSK Error ratio Total ratio 
Cluster 1 14 0 14 0 

EDA 
Cluster 2 18 18 0 0 

0 

Cluster 1 14 0 14 0 
sGA 

Cluster 2 18 18 0 0 
0 
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Fig. 3. Convergence speed for ten tests on kidney cancer data set. (a) GA's convergence curve 
(b) EDA's convergence curve. 

The convergence speeds of both methods are shown in figure 3. From figure 3(a), 
we can find sGA converge slowly and usually converge in 80 seconds or so. How-
ever, EDA converge more quickly and can always converge in less than 8 seconds as 
Fig 3(b) shows. So we can conclude that, for kidney cancer data set, EDA outper-
forms sGA in convergence speed although both methods can get good result in clus-
tering the samples using gene expression data. 

5   Conclusions 

In this paper, we put forwarded a fuzzy estimation of distribution algorithm to cluster 
gene expression data, which combines the estimation of distribution algorithm with 
fuzzy logic. Our method uses fewer parameters to reproduce the offspring than other 
evolutionary algorithms which can avoid adjusting the parameters in dealing with 
different problems. In order to evaluate our method,  we clustered two real gene ex-
pression data sets using our methods and sGA. For ALL/AML data set, our method 
outperforms sGA both in accuracy and in convergence speed. For kidney cancer data 
set, both methods can get the perfect result, but EDA converges much more quickly 
than sGA. That is to say, in both real data, EDA outperforms sGA in convergence 
speed and gets a more reasonable result than sGA does. In this paper, we just assume 
that the variables are independent and use UMDA model to compute the joint  
 

(a) (b) 
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probabilities in EDA, in the future, we will consider the interrelations between vari-
ables and introduce more sophisticated joint probability models. Much more compari-
son experiments with other EAs are also needed to evaluate the overall performance 
of our method. 
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Abstract. This paper presents a novel approach, called MWPAlign-
Maximum Weighted Path approach to multiple ALIGNment, to per-
form global multiple alignment of DNA sequences. In our method, de
Bruijn graph is used to describe input sequences information. As a re-
sult, a consensus-finding problem can be transformed to a maximum
weighted path problem of the graph. MWPAlign gets almost linear com-
putation speed of multiple sequences alignment problem. Experimen-
tal results show that the proposed algorithm is feasible, and for large
number of sequences with lower mutation rate 5.2%, MWPAlign gener-
ates better alignment and has a lower computation time as compared to
CLUSTALW, T-Coffee and HMMT.

1 Introduction

The Multiple Sequence Alignment (MSA) is one of the challenging tasks in
bioinformatics. It is computationally difficult and has diverse applications in
sequence assembly, sequence annotation, structural and proteins, phylogency
and evolutionary analysis.

The best-known system based on progressive multiple alignment is perhaps
CLUSTALW[1]. Other multiple alignment systems that are mostly targeting
proteins or short DNA sequences, and based on progressive alignment, include
T-COFFEE[2], MAFFT[3], MUSCLE[4], and PROBCONS[5]. DIALIGN[6]uses
iterative refinement strategy for multiple alignments. The partial order alignment
(POA) approach[7] models a multiple global alignment as a directed acyclic
graph that includes blocks similarity and regions of non-homology. The A-Brujin
graph (ABA) approach further generalizes POA to allow an alignment to be
represented by a graph that can include cycles, allowing for the inclusion if
repeated structure[8].

In this paper, A new method graphed based was presented for multiple se-
quence alignment, called MWPAlign, in which de Bruijn graph was applied to
global multiple alignment for DNA sequences, so that the time and space com-
plexity is almost reduced to linearity, O(NL). MWPAlign is tested for simu-
lated sequences. Experimental results show that MWPAlign is feasible, and for
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large number of sequences with mutation rate less than 5.2%, MWPAlign gen-
erates better alignment results and has lower computation speed compared with
CLUSTALW, T-Coffee and HMMT.

2 Multiple Sequence Alignments

Let s1, s2, ... ,sn be n sequences of length l1, l2, ..., ln over an alphabet , which
is {A, C, G, T }, for DNA sequences and twenty different amino acid for protein
sequences. Let Σ′ denote the extended alphabet Σ ∪ {−}, where ′−′ denote the
gap character (reserved for insertions and deletions). A multiple alignment of
sequences s1, s2, ... ,sn is specified by a n×m matrix S, where max1≤i≤nli ≤ m.
Each element of the matrix is a member of S′, and each row i contains the
characters of si in order, interspersed with M − li gaps. We also assume that
every column of the multiple alignment matrix contains at least one symbol
from Σ , that is, no column in a multiple alignment contains only gaps. The
multiple alignment matrix we have constructed is a generalization of the pairwise
alignment matrix to n > 2 sequences. The score of a multiple alignment is the
weighted sum of scores of all the induced pairwise alignments, with the optimal
alignment being the one that maximizes the score.

3 Algorithms

The main idea of the algorithm MWPALign is to produce consensus sequence
from the maximum weighted path, and then compare each of the sequences with
the consensus sequence using pairwise alignment, finally construct the global
multiple alignment of the sequences unambiguously.

3.1 Algorithm Design

The algorithm MWPAlign for multiple sequence alignment can be formally de-
scribed as follows.

Algorithm MWPAlign
Input S = s1, s2, ..., sn, each si has length li
Output S′ = s′1, s

′
2, ..., s

′
n, each sri has length m

1. use S to construct de Bruijn graph G = (V, E)
2. eliminate cycles of G
3. get a maximum weighted path from G, then construct consensus

sequence sc from the path
4. FOR i ← 1 to n
5. DO s′i ← pairwisealignment(sc, si)
6. construct output result S′ ← s′1, s

′
2, ..., s

′
n

The first step is to construct a directed de Bruijn graph using S. This might
leads to a vertex with more than one incoming or outgoing edges and may result
in cycles in the graph when the number of incoming or outgoing edges in a vertex
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increases. So the second step is to remove cycles in the graph and transform it
into a directed acyclic graph while keeping all the similarity information among
sequences as much as possible. The third step is to compute a path with max-
imum weighted value on the directed graph, then extract the consensus path
from the maximum weighted path. The for loop in lines 4 and 5 repeatedly per-
forms banded pairwise alignment between the consensus path and each input
sequence. The last step is to form the final multiple alignment in terms of the
pairwise alignment.

3.2 Algorithm Analysis

Let N denote the number of sequences to be aligned, L denote the average
sequence length and k denote the size of the k-structure used in construction of
the graph.

MWPAlign runs approximately in linear time O(NL), where NL is the total
size of the sequences. The steps of the algorithm MWPALign each runs in almost
linear time. During the construction of the graph, notice that the total number
of the k-structure is N ∗ (L − k + 1), so this step takes the running time of
O(NL) in the worst case. We use DFS to transform a graph, while the running
time of DFS is the O(V ′ + E′), where V ′ and E′ is the set of vertices and
edges in the transformed graph, respectively. There are at most N ∗ (L − k + 2)
vertices and N ∗ (L − k + 1) edges in the transformed graph. Thus, this step
has the running time O(NL). During the process for solving maximum weighted
path, both the topological sort and shortest-path finding in DAG are performed
in time O(V ′ + E′), that is, O(NL). In the last step, we use banded dynamic
programming to perform local alignment and yield a banded matrix for sequence
alignment. This strategy can cut off part of the matrix and leave only a diagonal
band, which can reduce the time complexity of the sequence alignment algorithm
to be linear, also the O(NL).

Hence, the total running time of MWPAlign algorithm is approximately in
linear time O(NL), where NL is the total size of the sequences.

4 Experimental Results

MWPAlign has been implemented on Pentium 4 1.5GHz under the linux oper-
ating system with C language for simulated sequences. We generate the tasted
data in the following way: first yielding a sequence at random, and then per-
forming mutation with a probability of 5.2%, 10.5%, and 16.4% on the sequence,
respectively.

Table 1 shows the results from MWPAlign, CLUSTALW, T-COFFEE, and
HMMT with mutation rate 5.2%, with various N, L. We use ”F” to represent the
fail alignment because T-COFFEE doesn’t works for the number of sequences
being tested more than 60. The digits in parenthesis denote time(by second)
used by that approach.
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Table 1. Multiple alignment comparison among MWPAlign, CLUSTALW, T-Coffee,
and HMMT with mutation rate 5.2%

N L MWPAlign CLUSTALW T-Coffee HMMT
10 100 0.857/0.664(1) 0.844/0.581(1) 0.830/0.542(2) 0.515/0.103(1)
10 200 0.831/0.630(2) 0.823/0.561(2) 0.806/0.519(4) 0.510/0.078(1)
10 500 0.846/0.657(2) 0.833/0.584(4) 0.816/0.543(9) 0.530/0.095(2)
50 100 0.746/0.191(3) 0.728/0.171(4) 0.703/0.093(100) 0.522/0.008(2)
50 200 0.741/0.158(7) 0.732/0.148(9) 0.706/0.064(223) 0.730/0.013(3)
50 500 0.740/0.193(17) 0.700/0.149(55) 0.671/0.065(623) 0.461/0.010(7)
100 100 0.688/0.100(6) 0.655/0.098(10) F/F(F) 0.474/0.014(2)
100 200 0.714/0.107(13) 0.666/0.105(35) F/F(F) 0.490/0.004(5)
100 500 0.700/0.101(36) 0.641/0.094(185) F/F(F) 0.401/0(20)
500 500 0.640/0.090(227) 0.561/0.091(4656) F/F(F) 0.273/0(90)

5 Conclusions

A new algorithm graph-based called MWPAlign is presented for aligning multiple
DNA sequences. We found the maximum weighted path that corresponds to the
consensus sequences of the input sequences without doing pairwise alignments.
It yields good results with a lower computational time.
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Abstract. Computer-aided radiotherapy planning within a clinically acceptable 
time has the potential to improve the therapeutic ratio by providing the opti-
mized and customized treatment plans for the tumor patients. In this paper, a 
hybrid method is proposed to accelerate the beam angle optimization (BAO) in 
the intensity modulated radiotherapy (IMRT) planning. In this hybrid method, 
the genetic algorithm (GA) is used to find the rough distribution of the solution, 
i.e., to give the initial pheromone distribution for the following ant colony sys-
tem (ACS) optimization. Then, the ACS optimization is implemented to find 
the precise solution of the BAO problem. The comparisons of the optimization 
on a clinical nasopharynx case with GA, ACS and the hybrid method show that 
the proposed algorithm can obviously improve the computation efficiency. 

1   Introduction 

The goal of radiotherapy is to deliver a required dose to the tumor, while sparing 
those neighboring organ-at-risks (OARs) and normal tissues as much as possible. 
Intensity-modulated radiotherapy (IMRT) is a powerful mean to potentially improve 
the therapeutic ratio by using modulated beams from multiple directions to irradiate 
the tumors. The conventional IMRT planning starts with the selection of suitable 
beam angles, followed by an optimization of beam intensity maps under the guidance 
of an objective function and the prescribed dose distributions [1][2].  

Beam angle optimization (BAO) is an important but also challenging issue in 
IMRT planning because of the inherent complexity, mainly the large search space and 
the coupling between the beam configuration and the beam intensity maps [3][4]. 
Many published papers have shown that BAO is most valuable for a plan with a small 
number of beams (<5) [1], and is also clinically meaningful for plans with large num-
ber of beams (>9) in complicated cases, where the tumor volume surrounds a critical 
organ, or is surrounded by multiple critical organs [3][5]. 

At present, beam angle selection is generally based on the experience of the human 
planners in the clinical practice. Several trial-and-error attempts are normally needed 
in order to find a group of acceptable beams [3]. To date, though there are fruitful 
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improvements achieved [3~11], computer-aided BAO still cannot act as a routine 
planning tool because of the limitation of the extensive computation time.  

Mathematically, any appropriate objective function as a function of beam orienta-
tions is nonconvex, which requires the use of either an exhaustive search or stochastic 
optimization methods in order to deal with the potential multiple extrema [1][5]. 
Among those published algorithms introduced in radiotherapy planning, there exist a 
number of natural algorithms, which borrow the intelligence from the nature organ-
isms and inherit a global search mechanism. Two typical examples are simulated 
annealing (SA) [3] [10] and genetic algorithm (GA) [4][7][11]. 

Since 1996, a new population-based algorithm named ant colony optimization 
(ACO) has gradually gained much favor [12]. First proposed by Colorni, Dorigo and 
their colleagues (1991), ACO algorithms are a class of heuristic search algorithms 
biologically inspired from the behavior of colonies of real ants, and in particular how 
they forage for food [12~14]. To date, ACO has demonstrated significant successes in 
dealing with the difficult combinatorial optimization problems in many fields includ-
ing, among others, traveling salesman problem (TSP) [15], graph coloring problem 
[16], routing for telecommunication networks [17], quadratic assignment problem 
(QAP) [18], data mining [19], etc.  

In our previous works we have preliminary shown the feasibility of ACO for the 
BAO problem [20~21], and the limited results showed the better convergence of ACO 
over GA. The reasons could be partially explained as follows. The ACO algorithm is 
based on a simplified model of the swarm theory. In the socio-cognitive viewpoint, 
this means that the mind and, as a consequence, the intelligence, are social attributes. 
ACO is distinctly different from GA in that it constructs an entire new solution set 
(colony) in each generation, while GA focus on improving the set of solutions or a 
single solution from previous iterations. The constructive cooperation between all ants 
in a generation provides more chances for ants in the swarm to share preferable in-
formation between them compared to the GA, in which the information sharing only 
happens between two parent individuals in a generation.  

It has been normally accepted that, GA suffers from slow convergence before pro-
viding an accurate solution, i.e., GA has a poor ability of exploitation [22~23]. How-
ever, GA turns out to be very good for exploration [24~25]. On the contrary, ACO has 
a good ability of exploitation, but the canonical ACO suffers from the relatively lower 
convergence because the pheromone distribution is simply initialized randomly, i.e., 
there is little initial information on the path. In this paper, a new hybrid method, 
named GA-ACO, is presented to accelerate the convergence of BAO by combining 
the merits of GA and ACO. The basic idea is to use GA to generate preliminary BAO 
results, converting them into initial pheromone distribution for ACO, and then using 
ACO to search for optimal beam angles. 

The rest of this paper is organized as follows. After a brief description of the BAO 
problem and the general ideas of the proposed algorithm, the mathematical implemen-
tation of BAO with the hybrid algorithm is presented in details. A clinical nasophar-
ynx tumor case is studied in order to investigate the efficiency of the proposed  
algorithm by comparing with the separate GA and ACO algorithms. Finally, some 
conclusions and directions for future research are presented in the last section. 
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2   Materials and Methods 

2.1   Problem Descriptions and General Ideas 

In radiotherapy with external beams, a specified number of beams are used to irradi-
ate the tumor from different directions. IMRT uses intensity-modulated beams to 
produce expected doses by dividing these beams into beamlets (also called rays) and 
calculating the weights of these beamlets with different optimization algorithms. 

In essence, BAO is a combinational optimization problem, in which a specified 
number of beams are to be selected among a beam candidate pool. As for the coplanar 
radiotherapy, the beam directions cover the 360º gantry rotational angles while the 
collimator angle and couch angle keep fixed. In BAO implementation the continuous 
360º angles are generally discretized into equally spaced directions with a given angle 
step, such as 5º. As for each trial beam combination, the beam intensity maps are 
optimized to get the corresponding dose distribution inside the body volume, and this 
dose distribution is used to evaluate the performances of the trial solution. 

Based on our previous works [7][20~21], here we propose a hybrid algorithm with 
GA and ACO to accelerating the solution of BAO. In this hybrid algorithm, GA is 
used to find a group of rough solutions (chromosomes) for BAO, and then these sub-
optimized solutions are converted to the initial pheromone values of the ACO model, 
according to the fitness values of each chromosome. Then the solution is fine-tuned 
by ACO. The simplified flowchart is graphically illustrated in Fig. 1. 

Due to the limited space, here we do not restate the detailed implementations of 
BAO with GA [7] and BAO with ACO [21~22]. The details could be found in our 
corresponding works. In the following two sections we just summarize these two 
algorithms for the convenience of understanding the proposed hybrid algorithm. 

 

Fig. 1. The simplified flowchart of the proposed hybrid algorithm 

2.2   Finding the Rough Solution with Genetic Algorithm  

The GA adopts a one-dimensional integer-coding scheme, in which the beam combi-
nation is represented as a chromosome (an individual), and the length of chromosome 
is equal to the beam number of the plan [7]. Each gene represents a trial angle. The 
individual parent 1 shown in Fig. 2 demonstrates a five-beam plan with angles: 0°, 
80°, 140°, 190° and 300°. The genes in one chromosome are different with each other, 
which means that there should be no two beams with same angles in one plan. 
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Four genetic operations are adopted in this study, i.e., selection, crossover, muta-
tion, and pseudo immunity (Fig. 2). Parent individuals with higher fitness are selected 
into the next generation with a higher probability. To the selected parent individuals, a 
crossover operation is applied according to a crossover probability. Then a mutation 
operation to the children will be done according to a mutation probability. Finally a 
pseudo immunity operation is applied to the children sets. For example, in the first 
individual generated after the mutation operation, the angles in the first and last genes 
are 310° and 300°, respectively, which are two angles with too small separation for an 
acceptable plan. So it is reasonable to replace one of them with a suitable angle (310° 
is randomly selected to be randomly replaced by 220° in Fig. 2). 

 

Fig. 2. The coding scheme and the genetic operations for beam angle optimization 

2.3   Fine-Tuning the Solution with ACO 

The first ACO algorithm, called Ant System (AS), was initially introduced to solve 
TSP [14]. Subsequently, some modifications were carried out over the original AS. 
Among those ant colony meta-heuristics, the ant colony system (ACS) algorithm is a 
typical improvement of the AS algorithm. 

 

Fig. 3. The graph representation of the BAO problem with the ACO algorithm [20] 
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Fig. 3 shows the graph representation of the BAO problem using ACS [20]. In this 
graph, the layer number is equal to the beam number, and the node number at each 
layer is equal to the number of the angle candidates. Each node is associated with a 
discrete angle. Considering a five-beam plan shown in Fig. 3, the layer number is 5. 
The total 360º angles are discretized into equi-spaced directions with a step of 5º, and 
then the node number at each layer is 72. The thick black lines show a solution con-
structed by an ant, which includes angles of 0º, 5º, 10º, 15º, and 55º.  

Instead of randomly initializing the pheromones on the edges in Fig. 3, the pro-
posed algorithm initializes them according to rough solutions given by each individ-
ual in GA, and the amount of the pheromone on the edge described by this individual 
is proportional to the fitness value of the individual. The pheromones of the remaining 
edges not being covered by those individuals are initialized randomly. After the ini-
tialization of pheromone, the best solution is to be search by ants cycle by cycle. The 
general process of the ACS-based optimization could be described as follows. 

A colony consists of N ants. The ants start from the home node and move from the 
first layer to the last layer in each cycle. Each ant can select only one node at each 
layer according to the state transition rule given by Eqs. (1) and (2), which give the 
probability with which ant k  in node i  chooses to move to the node j  on the next 
layer. The best state is chosen with probability 0q  (that is a parameter ]1,0[0 ∈q  usu-

ally set to 0.8~0.9) according to 
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and with probability )1( 0q−  the next state is chosen randomly with a probability 

distribution based on ijτ  and ijη  according to 
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Where ijτ  is the pheromone intensity on edge ),( ji ; ijη  is the heuristic function value 

of the edge ),( ji ; )(iAk  is the set of angles that remain to be visited by ant k  posi-

tioned on node i , and 0>β  is a parameter which determines the relative importance 
of pheromone versus heuristic function. Here, the heuristic function value ijη  is calcu-

lated based on the beam’s-eye–view dosimetrics (BEVD) score given by [10] 
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Where njd  is the maximum dose delivered to the voxel n  by the jth beam; 
TN  is the 

number of voxels in the tumor, and P
TD  is the prescription dose to the tumor.  
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While constructing a feasible solution (i.e., a trial plan), ants visit edges and 
change their pheromone level by applying the local updating rule given by 

( ) 01 τψτψτ ⋅+⋅−← ijij  (4) 

Where 10 <<ψ  is a parameter and 0τ  is the initial pheromone level. 

Once all ants have completed their tours, a cycle is finished and a global phero-
mone updating rule is applied, and only the globally best ant is allowed to deposit 
pheromone. The global updating rule is given by 

( ) ijijij τρτρτ Δ⋅+⋅−← 1  (5) 
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Where 10 << ρ  is a pheromone decay parameter. objF  is the objective function value, 

and maxF  is a estimation of the maximum value of the objective function, which is 

used to keep the global updating more controllable by ensuring the value of objFFmax  

around 1.0. ζ  is a parameter to control the scale of the global updating of pheromone. 

2.4   Objective Function and Fitness Value 

For each trial plan, a conjugate gradient (CG) method is used to optimize the corre-
sponding beam intensity maps [2][7], and then the dose distributions calculated using 
these optimized intensity maps are used to evaluate the individual. The optimization 
aims to minimize the dose difference between the prescribed and calculated dose 
distributions, which can be simply described by the following objective function 

( )∑
=

−⋅⋅=
NT

j
jjjobj pbdwbF

1

2

)()( δ  (7) 

Where )(bFobj  is the value of objective function of the beam set b , NT  is the point 

number in the volume. δ = 1 when point dose in the volume breaks the user-specified 
constraints, else δ = 0; jw  is the weight of the jth point, jd  and jp  are the calculated 

and prescribed doses of the jth point in the volume, respectively.  
As for the BAO problem with GA, the quality of each trial plan is evaluated by a 

fitness value, which is calculated by 

)()( max bFFbFitness obj−=   (8) 

Where maxF  is a rough estimation of the maximum value of the objective function. 

Both maxF  and )(bFobj  are calculated using Eqs. (7) ~ (8). 
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3   Results 

In order to verify the feasibility of the proposed algorithm (GA-ACS, for short), three 
types of optimization tasks are separately implemented with GA, ACS and GA-ACS, 
based on a clinical case with nasopharynx tumor (planning tumor volume, PTV) 
shown in Fig. 4(a). There are three organ-at-risks (OARs) to be protected during the 
irradiation: spinal cord, the left and right parotids. Five 6MV coplanar photon beams 
are used to irradiate the tumor.  

Experimentally and statistically, the number of ants is set to 30, the coefficient β  

in Eqs. (1) and (2) is set to unity, 0q  is fixed to 0.8, the parameter ψ  in Eq. (4) is set 

to 0.6, and the pheromone decay parameter ρ  in Eq. (5) is set to 0.6. A population 
size of 30 is used for GA, same as the number of ants in ACO. 0.95 and 0.01 are used 
for the crossover and mutation probability of GA, respectively. The angle search 
space is discretized with angle step of 5º, which results in 72 discrete angles in the 
candidate pool among the whole 360º coplanar gantry angle.  

For a relatively fair comparison, all of the three methods run independently 20 
times. All of the runs find the same optimal beam angles: 10°, 80°, 155°, 205° and 
280°, shown as the dotted straight lines in Fig. 4(b). The result of BAO is compared 
with that of a manual plan with a set of five equi-spaced beams with the angles of 0º, 
72º, 144º, 216º and 288º. The beam directions and the doses of the manual plan are 
shown in Fig. 4(a). From these dose distributions we can see that, with a higher con-
formality, the PTV in the optimal plan is more tightly surrounded by high doses, and 
the OARs are spared high doses for larger volumes, especially for the spinal cord and 
the right parotid, compared to the dose distributions of the manual plan. 

  

Fig. 4. The beam angles and dose distributions of (a) the manual plan and (b) the optimal plan. 
1-tumor (PTV), 2-spinal cord, 3-right parotid, 4-left parotid. 
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The comparisons about the computation efficiency are listed in table 1. Compared 
to the GA-based optimization algorithm, the ACS algorithm reduces the mean compu-
tation time from 28 min 43 s to 23 min 16 s, about 19% of the computation time is 
saved; the hybrid GA-ACS algorithm further reduces the mean computation time to 
18 min 22 s, about 21% of the mean computation time is meaningfully saved. 

The improvement of computation efficiency of GA-ACS is also graphically illus-
trated by the curves of fitness value versus generation number shown in Fig. 5, in 
which each of the three curves is the one with minimum computation time among 20 
runs for the three algorithms, and the fitness values are those of the current best indi-
vidual. The faster convergence of GA over ACS in the earlier stage and the quicker 
convergence of ACS over GA in the later stage of the optimization progress are obvi-
ously illustrated in the figure. In the GA-ACS algorithm, the first 20 generations are 
implemented by GA, and the later optimization progress after the 20th generation is 
conducted by ACS. The improvement in computation efficiency of GA-ACS over GA 
and ACS is also clearly shown in Fig. 5, i.e., GA-ACS has a better convergence than 
that of GA and ACS. 

Table 1. The statistical comparisons about the computation efficiency of the three algorithms 

Optimization  
algorithm 

Run  
times 

Minimum  
optimization 
time 

Maximum  
optimization 
time 

Mean 
optimization 
time  

GA 20 26 min 57 s 30 min 27 s 28 min 43 s 
ACS 20 22 min 33 s 26 min 08 s 23 min 16 s 
GA-ACS 20 16 min 32 s 20 min 19 s 18 min 22 s 

 

Fig. 5. The fitness value versus generation number curves of the three algorithms. The curves 
are from the runs with the minimum computation time of each algorithm. Note that the fitness 
values are those of the current best individual (plan).  
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4   Discussion and Conclusions 

In this paper, a new optimization technique (named GA-ACS) was introduced to ac-
celerate the beam angle optimization (BAO) in IMRT planning by hybridizing the GA 
and ACS algorithms. The basic idea of GA-ACS is to use GA to generate rough BAO 
results, which are converted into initial pheromone distribution for ACS, and then 
ACS is followed to fine-tune the optimal beam angles. This hybrid method combines 
the merits of the faster convergence of GA in the earlier progress and the better con-
vergence of ACS in the later progress of the optimization. The efficiency comparison 
on a clinical nasopharynx tumor case shows that all of the GA, ACS, GA-ACS can 
produce a better dose distribution by optimizing the beam angles compared to the 
manual plan. More importantly, the GA-ACS-based BAO algorithm improves the 
optimization efficiency meaningfully compared to the separate GA and ACS.  

Beam angle optimization for IMRT planning is a difficult problem because of the 
extensive computation. Many efforts are still expected before the automatic selection 
of beam angles becomes a routine tool. The limited results in our works reflect an 
interesting potential of ACO meta-heuristic approach for the BAO problem and en-
courage further research on the topic.  

However, it should be noted that, though there are so many published works on the 
efficiency comparisons between GA and ACO, we still couldn’t conclude that one 
algorithm is absolutely preferable to another in any field at any circumstance. Each 
algorithm holds its own merits. It is now an obvious trend to hybridize different algo-
rithms by combining their merits together.  

The results in this paper are preliminary, and two directions for future research are 
as follows. First, more test cases are needed to thoroughly compare the performance 
of GA-ACS, which may help us improve its performance. Second, it is necessary to 
make an insight into the heuristic function. Knowledge-based solution is an inevitable 
trend for those computer-assisted diagnosis and therapy systems. The probabilistic 
state transition rule in ACS provides us a chance to incorporate the human experience 
and knowledge about the specified engineering problem into the optimization process 
by formulating them into a heuristic function.  
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Abstract. We present a further step in developing an in silico model
that simulates the immune system responses to tumor cells in vacci-
nated mice. Our study is based on our previous model that simulates the
cancer - immune System competition activated by a tumor vaccine. In
what follows, we show first results on effects of deconstructing the com-
ponents of Triplex vaccine that are in very good agreement with in vivo
results.

1 Introduction

Immunoprevention of mammary carcinoma in HER-2/neu transgenic mice was at-
tempted using various immunological strategies, including cytokines, non-specific
stimulators of the immune response, and HER-2/neu specific vaccines made of
DNA, proteins, peptides, or whole cells.

A new vaccine, called Triplex, was proposed in [3]. The vaccine combined
three different stimuli for the immune system. The first was p185neu, protein
product of HER-2/neu, which in this system is at same time the oncogene driving
carcinogenesis and the target antigen [1].

A complete prevention of mammary carcinogenesiswith the Triplex vaccine was
obtained when vaccination cycles started at 6 weeks of age and continued for the
entire duration of the experiment, at least one year (Chronic vaccination) [2].

We developed an accurate model [6] of immune system responses to vaccina-
tion. We performed in silico experiments considering a large population of indi-
vidual mice. Each individual mouse is characterized by a sequence of uniformly
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distributed random numbers which will determine the probabilistic events. As
showed in [6], comparison with in vivo experiments shows excellent agreement.
The model has been already used in searching for better therapies [4,7].

In this paper we present a further, yet important, step in developing the model
of immune system response to vaccination. In particular we show initial results
on the effect of the three components of the Triplex vaccine. In silico surviving
results are in good agreement in in vivo experiments [5]. This result enhances
the model and its potential applications.

2 Materials and Methods

We have used our previous model [6] as a starting point. We have enhanced
the SimTriplex simulator in order to have more accurate results. Refinements
included: i) a better and precise implementation of allogeneic MHC factor in the
simulator. ii) Interleukin 12 management; it has been introduced separately in
the interactions dendritic cells ↔ helper T cells and in vaccine cells ↔ helper
T cells; here interleukin 12 allows a vaccine cell to have the same behavior of
an antigen presenting cell, stimulating humoral response; natural killer cells ↔
cancer cells; here we allow a natural killer cell to kill a cancer cell coated by
antibodies only if there is a sufficient amount of interleukin 12, we have set up
accordingly to in vivo experiments. iii) a better and precise implementation of
tumor associated antigens (TAA) and specific p185neu.

These enhancements have been allowed us to reproduce some in vivo results
from [5].

3 Results

In setting the computer experiments, we randomly chose 10 virtual mice over
the 100 of the first sample set we used in [6]. All the 10 virtual mice gave very
similar, but obviously not identical, results. Figure 1 shows in vivo results using
a Chronic schedule with different Triplex’s components combinations. First two
cases has been already simulated in [6].

With refinements introduced in SimTriplex simulator, we were able to suc-
cessfully reproduce third (a vaccine with only the Tumor Associated Antigen,
p185 ) and fourth case (a vaccine containing only the allogeneic class I major
histocompatibility complex (MHCI) glycoproteins ) of figure 1.

The third case on figure 1 shows that mice treated with a Triplex vaccine
that lacks interleukin 12 and allogeneic class I major histocompatibility com-
plex (MHCI) glycoproteins have the same behavior of the no treated mice. We
perfectly reproduce this behavior in our in silico experiments. Figure 2 (right
side) shows that cytotoxic T cells response is almost flat. This is due to fact that
a vaccine without allogeneic MHCI and interleukin 12 components is unable to
stimulate both the cytotoxic response driven by cytotoxic T cells and humoral
response driven by T helper cells. The Tumor Associated Antigen is a self and
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Fig. 1. Triplex vaccine effects. A ”+” sign means that the vaccine components is
present. A ”-” sign means that the vaccine components has been omitted [5].

Fig. 2. Cytotoxic T cells behavior in absence of IL12 and allogeneic MHCI vaccine
components (left side) and with full Triplex vaccine (right side)

will not be recognized. Figure 2 (left side) shows cytotoxic T cells response with
normal Triplex vaccine.

The fourth case reproduces the Triplex vaccine without interleukin 12 and
p185neu specific antigen. Our virtual mice produce solid tumor in about 20
weeks, in exact agreement with in vivo experiments. As shown in figure 3 (right
side), specific antibodies were not produced by immune system. This is due to
missed stimulation of helper T cells from B cells. Antigen presenting cells (B
cells, macrophages, dendritic cells) were not be able to capture and process

Fig. 3. Antigens - antibodies behavior with Triplex lacking IL 12 and p185neu compo-
nents (right side) and full components (left side)
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tumor associated antigens (p185neu) that are not released by vaccine cells.
Helper T cells are not stimulated and consequently B cells don’t duplicate and
don’t become plasma B cells able to release specific antibodies. Moreover the
absence of interleukin 12 did not allow direct stimulation of helper T cells from
vaccine cells. As one can see, left side of figure 3 show a constant presence of
specific antibodies in mice treated with full Triplex vaccine.

4 Conclusion and Future Work

We have presented a further step in developing a model that is able to reproduce
in vivo experiments on HER-2/neu transgenic mice describing the action of a
tumor vaccine in stimulating immune response and the ensuing competition
between the immune system and tumor cells.

Introduced refinements demonstrate that the model and its computer imple-
mentation are very flexible and new biological entities, behavior, and interactions
can be easily added. This helps achieving a realistic description of the immune
responses that target solid tumor formation.

We plan to further investigate in improving the model, taking into account
new biological requirements.
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Abstract. Detecting individual microbubbles is important for the quantification 
of the amount of bubbles in the tissues, determination of microvascular volume 
and targeted microbubble imaging. We took the advantage of a theoretical bubble 
oscillation model to construct a matched wavelet, i.e. bubble wavelet as mother 
wavelet to detect individual microbubble using wavelet transform. The 
experimental echoes with different levels of added noises were processed. The 
results showed significant improvement even for an Echo-Noise-Ratio (ENRin) 
of -20 dB and the spatial location demonstrated very close agreement with the 
original experimental echo. This technique was much better than those based on 
harmonic analysis especially under the circumstance of short pulse insonation.  

1   Introduction 

Bubble detection is a challenging topic in many industrial, medical and environmental 
applications[1]. During the past decades, several acoustic detection techniques have 
been developed based on the strong backscattering properties of bubbles[2][3]. 
Usually, ultrasound contrast agents (UCAs) are encapsulated microbubbles similar in 
size to human erythrocytes[4]. Based on the linear, nonlinear or transient characteristics 
of UCAs, several UCAs specific detection method have been developed to improve the 
ultrasound images quality[5][6]. These detection techniques are mainly prone to 
improve the image quality, that is, to detect the group effect demonstrated by 
microbubble population rather than individual microbubbles. Besides, the very weak 
echo backscattered from individual microbubble makes it difficult to detect.  

However, in recent years, the detection of individual microbubbles is gradually 
attracting researchers’ attentions due to the emerging of “Molecular Imaging”. 
Unger[7] and Lamerichs[8] have reported that nowadays ultrasound imaging is highly 
sensitive to small amounts of contrast microbubbles – it is even possible to detect an 
individual microbubble. The capability of ultrasound imaging to detect individual 
microbubbles is important for the quantification of bubbles in the tissues, determination 
of microvascular volume and targeted microbubble imaging. Klibanov has reported the 
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images of individual microbubbles presented as write foci in B-mode image 8, wherein 
a very low concentration ~90-240/ml was used, that is more less than the usual 
concentration used in UCAs specific detection modalities, ~106/ml or even more. A 
clinic application was also reported by Dorset[10][11]. They employed contrast 
transcranial Doppler ultrasound (TCD) to diagnose the right-to-left shunts by detecting 
the presence and the number of individual microbubbles within intracranial arteries.  

A higher spatial resolution is required for detection of individual microbubbles since 
the detection target is so tiny. Accordingly, the length of insonation burst should be 
short. However, a very short insonation burst goes against the onset of the harmonic 
frequencies of individual microbubbles, especially of the subharmonic and 
superharmonic frequencies[12][13][14]. Even we can augment the amplitude of the 
harmonic frequencies simply by increasing the amplitude of insonation pressure to an 
enough high level, the risk of the destruction of microbubbles will make these harmonic 
techniques based on Fourier transform (FT) fail to function. 

Considering the “pulse-like” echo of a microbubble insonified by a single incident 
burst, detecting individual microbubbles may be equivalently thought as detecting the 
response of a microbubble from the background noise. If the information about the 
desired waveform can be known in advance and used in detection, the optimization of 
the performance of detection will be achieved[15].Several theoretical models on the 
dynamics of single oscillating microbubble have been well established, which can be 
used to predict the echo backscattered by a single microbubble in our detection. The 
basic idea of the method based on matched filter is to calculate the correlation between 
prior known echoes, so called matched filter, predicted by using the theoretical model 
and a detected signal, and then find the maximum in the correlation. The occurrence 
time of the maximum will demonstrate the presence of microbubble. Intuitively, a 
matched filter can be interpreted as a wavelet-based detector with the predicted echo 
waveshape of an oscillating microbubble serving as a mother wavelet function. The 
inherent shift and scale properties of wavelet transform (WT) can provide more flexible 
and powerful performance than common correlation analysis[16].  

2   Method 

A simplified model is used to represent the corresponding signals: 

( ) ( )
t b

x t A s n t
a

⎡ ⎤−⎢ ⎥= ⋅ +
⎢ ⎥⎣ ⎦

. (1) 

Where x(t) is the signal received by the transducer used for detection; 

 
t b

A s
a

⎡ ⎤−
⎢ ⎥⋅
⎢ ⎥⎣ ⎦

 is the desired echo of insonified microbubble, which is time and 

amplitude scaled and is a time translated version of a predicted waveform, s(t). Wherein 

A is an amplitude scaling factor, a is a time scaling factor and b is a time delay (or shift); 

n(t) is the noise component.  
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2.1   Modified Herring Model 

A modified Herring equation was employed to predict the radius-time curve and 
furthermore the echo backscattered of microbubbles[17][18]: 
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The predicted echoes were calculated as follow: 

1 2 2( ) ( )P t ρr R R RR−= + . (3) 

Where r is the distance to receive the echo from the bubble and spred(t) = P(t).  

 

 (a)                      (b)                       (c) 

Fig. 1. (a) Theoretical radius-time curve, (b) Predicted echo, (c) Normalized amplitude spectrum. 
of a insonified microbubble (R0=1.7 μm, χ = 0.26 N/m, ε = 10 nm, μsh = 1.49 Pa.s, P=486kPa) 

Figure 1 shows a typical result predicted by the modified Herring equation, which 
includes the radium-time curve, the echo pressure waveform, e.g. s(t) and the 
corresponding normalized spectrum. 

 

Fig. 2. Schematic representation of the detection method 

2.2   Matched Wavelet 

A method formulated in terms of match wavelet is used, as depicted in Fig. 2, where 
Spred(t) represents the prior information as described in Eq. (3). 
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For one-dimensional data, the continuous wavelet transform (CWT) maps the time 
variable into a two-dimensional signal with parameters a , scale, and b , shift 19.The 
continuous wavelets transform is given by 

,

1
( , ) ( ) ( )s a bW a b s t ψ t dt

a

+∞
∗

−∞
= ⋅∫ . (4) 

Where 

,

1
( ) ( )a b

t bψ t ψ
aa

−
= . (5) 

Here )(tψ is an appropriate square integrable function termed as mother wavelet, 
which is chosen to analyze a specific transient signal of finite energy. The transformed 
result Ws(a,b) is called wavelet transform coefficients. 

Theoretically, the mother wavelet can be any function as long as it satisfies the 
following admissibility condition: 

2
( )ψ ω

dω
ω

+∞

−∞

<+∞∫ . (6) 

where ( )ψ ω  is the Fourier transform of the mother wavelet. In our detection practice, 
according to the frequency response of the experimental system, the predicted echoes 
are bandpass filtered with 100 KHz-10 MHz, and this results in the consistence with the 
fact that for Eq. (6) to be satisfied, ( )ψ ω  must have a bandpass like spectrum and has 
a zero direct current (D.C.) value i.e. (0) 0ψ = . Even though the admissibility 
condition can not be well satisfied by the predicted echo, which means the 
transformation is not energy persevering, the amplitude of the coefficients will be 
proportional to the energy of the predicted echo, which is our really concern in the 
detection.  

3   Experiment and Data Analysis  

3.1   Materials and Protocol  

The experimental contrast agent was prepared by sonicating the surfactants mixture 
solution with SF6 gas[19]. The mean radius of microbubble was 1.7μm and 82% 
microbubbles were in the radius range of 0.5μm to 3.5μm，the concentration was 
approximately 3.6×108/ml. Before injection, the sample was further diluted with 
phosphate buffered saline (PBS) solution (pH=7.4).  

The experimental acoustical setup was shown in Fig. 3. Arbitrary wave generator 
(AWG2021, Sony/Tektronix, JP) produced a single sinusoid bursts with the frequency 
of 2.25MHz at a pulse repeated frequency (PRF) of 1 Hz for transmission. The 
transmitted sinusoid pulses were first amplified in a linear power amplifier (25A250A, 
AR, USA) and then supplied to a transmitting transducer (V306; Panametrics, 
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Waltham, MA). The signals scattered from microbubble were received by a receiving 
transducer (V309; Panametrics) and amplified with a RF amplifier (BR640, Retic, 
USA). The amplified signals were acquired using a digital oscilloscope (TDS 340A, 
Tektronix, USA) and then transferred via a GPIB to a PC for further processing.  

 

Fig. 3. Acoustical measurement diagram 

The acoustic pressures of the co-focal region of the transmitter and receiver were 
measured with a needle hydrophone (HPM02/1; Precision Acoustics Ltd.). A cellulose 
tube with an inner diameter of 200 μm was located at the co-focal region, which was 
connected to a syringe pump (Pump 11, Harvard Apparatus, USA) to control the flow 
rate of the microbubbles. To ensure only one microbubble in the sample volume at a 
given time, the suspension was injected at a flow rate of 1 ml/h. A mini magnetic stirrer 
was used in the syringe to avoid the microbubbles’ floating up during the injection. 

3.2   Data Analysis 

To verify the robustness of the method, various levels of the Gaussian white noise W(n) 
were added to the received signal E(n) and their relationship was represented by an 
input Echo-Noise-Ratio, ENRin: 
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The received signals with added noises were analyzed using CWT and then 
produced two-dimension signals with parameters (e.g. shift and scale), representing the 
time-scale distribution of the signals. The intensity of the two-dimension signals, i.e. 
the WT coefficients, represented the degree of the correlation between the received 
signal and the predicted echo, that is, the maximum of the WT coefficients should be 
the position indicator of microbubble. In practice, however, we adopted the -3 dB value 
of the maximum as the threshold to discriminate the microbubble from noises and this 
leaded to a contour-line representation in the two-dimension plane. In some sense, the 
time-span of the area encircled by the contour lines can be thought as the temporal 
resolution of the method.  
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For the convenience of comparision, we also defined ENRout to represent the output 
Echo-Noise-Ratio. The scale Smax at which the maximum of WT coefficients was found 
is picked to obtain a one-dimension signal with a parameter (e.g. shift) and hence 
obtaining ENRout

.
. Since synthetic signals was used in verifying and approximately 

knowing the location and the length of the signal, the ENRout can be calculated as the 
ratio of the output signal power computed in a time window where the received echo 
was present and a time window for which the original echo was null[21]. It should be 
pointed out that the “echo” in ENRout was pseudo signal, actually the WT coefficients; 
additionally, it should be kept in mind that the scale in calculating the ENRout was 
always Smax. 

3.3   Results  

Figure 4 (a)-(d) showed for different ENRin, the typical experimental echo of 
microbubble with additive Gaussian white noises (the top) and corresponding wavelet 
transform results: 2D-contour lines of WT coefficient, scale S and shift time (the 
middle); 1D-coefficient line at the maximum of S, Smax (the bottom). The 2D-contour 
 

 

(a)                                                            (b) 

 

(c)                                                          (d) 

Fig. 4. Typical experimental echo with additive noises (the top ), the contour plot of WT 
coefficients (the middle) and the coefficient line at scale Smax (the bottom) for different ENRin    

(a) -0.86 dB (b)-20.32 dB (c)-23.39 dB (d) -31.86 dB 



360 Y. Zong et al. 

lines only denoted the -3db value of the maximum of the wavelet coefficients and above. 
It was clearly shown that with the decreasing of ENRin, the experimental echo of 
microbubble was submerged in the noises and unable to be visually discriminated any 
more. However, with the detector based on the bubble wavelet as demonstrated in Fig. 1, 
the submerged echo was revealed accurately again in the contour depiction and 
1D-coefficient line at Smax even when ENRin was -23 db. With the further decreasing of 
ENRin, the method based on the bubble wavelet did not work well any longer and the 
probability became little that the maximum of the wavelet coefficients fall in the interval 
where the experimental echo was actually presented, that is, it was hard to assert the 
location of microbubble echo in statistics sense. Fig. 5 showed a statistics results of 100 
Monte Carlo tests at each noise level. The Y axis represented the percentage that the 
maximum of the wavelet coefficients fall in the interval, which may be regarded as the 
degree of the detection reliability in this study.  

 

Fig. 5. Statistics results of 100 Monte Carlo tests at different noise levels 

Figure 6 showed the mean output ENR of the WT signal detector plotted as a 
function of the mean input ENR of 100 Monte Carlo tests. The mini bars in the figure 
represented the standard deviation. From the Fig. 6 we can see that the enhancement of 
ENR was rather marked even for very low echo-noise-ratios. It should be noticed that 
the ENRout was positive (larger than 0 db) even in very low ENRin, that is, the signal had 
a larger amplitude than the noise and can then be discriminated from the noises.  

 

Fig. 6. The mean ENRout for the typical echo in Fig .4 plotted as a function of ENRin 
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A few samples of the echoes measured in our experiment were shown in Fig. 7. 
Although the difference between each echo of individual microbubbles did exist and 
sometimes even was large, the detection based on WT still worked well, as showed in 
Fig. 8, where 100 individual microbubbles were measured. The notable improvement 
characterized the large dispersion among the results of the 100 given measurements, 
which was consist with the diversification of the echoes of individual microbubbles in 
Fig. 7. 

 

Fig. 7. Some samples of the experimental echoes 

 

Fig. 8. The mean ENRout of 100 individual microbubbles for different ENRin 

4   Discussion 

By exploiting the WT coefficient line at Smax (the bottom in Fig. 4), the spatial location 
was showed very close agreement with the experimental echo even for very low ENRin, 
that is, the spatial solution did not degrade and seemed only dependent on the hardware 
of the experiment system, hence the trade-off between the wideband spectrum of a 
insonation pulse and the temporal resolution inherently in the application of harmonic 
detection was avoided. It should be pointed out that the well-known uncertainty 
principle still was complied if we reviewed the middle subplot in Fig. 4, where the time 
resolution (X axis) was good while the frequency resolution (Y axis) degraded. Another 
thing which deserved mentioned was that the inverse wavelets transform (IWT) was 
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unnecessary since the detection can be accomplished in the domain of the WT 
coefficients.  

We used -3dB of the maximum of the WT coefficients as a threshold to suppress the 
noises and Fig. 5 demonstrated a satisfying result, even where ENRin was as low as 
-21dB, 98% of the intervals of detected echoes fall in the right locations as showed in 
the middle subplot. Actually, how to select a proper threshold was one of the interesting 
and widely studied topics on noise reduction with wavelet theory but beyond the scope 
of this study. So far as the detection of individual microbubbles was concerned, 
sometimes only knowing maximum of the WT coefficient was enough, for example, in 
the application of counting number of microbubbles passing through the region of 
interest (ROI) such as in Dorset’ work [10][11]. 

An important issue in our method was to construct a bubble wavelet as optimal as 
possible. Although the modified Herring model was certainly able to predict the echo of 
a single microbubble accurately, nevertheless in most time the corresponding 
parameters, such as the initial bubble radius, the shell parameters even or the incident 
ultrasound pressure, may be impossible to be well told. In fact, it was unpractical to find 
an ideal bubble wavelet for every microbubble. Therefore, what we used in prediction 
of the bubble wavelet only was the average values of those parameters and it seemed to 
work well enough. In Fig. 6 and Fig. 8, the improvements of ENR all were achieved by 
using a “general” bubble wavelet as showed in Fig. 1.  Especially for Fig. 8, which 
resulted from 100 various bubbles, the mean ENRout still reached about 27.95 dB  
( although lower than 32.70 dB in Fig. 6, where only one microbubble was involved). In 
our opinion, it was the unique shape, which captured the basic characteristics of the 
echo of microbubble that played the most important roles in WT detection. 

Moreover, the WT seemed to be able to provide more powerful performance than 
what we understood only from the point view of correlation analysis based on shape of 
echo. In some extreme cases, the echo of one microbubble was by no means like the 
predicted shape by theoretical model, which may be due to the collapse of microbubble 
or some other reasons, nevertheless, this type of echo could also be detected. We 
guessed that this may be explained by the capability of singularity detection of wavelet 
transform as described by Mallat[22]. Even so, it was no doubtable that an optimal 
detection greatly depended upon the choice of an appropriate bubble wavelet. Using a 
more delicate bubble wavelet will result in higher amplitude wavelet coefficients and 
hence a higher ENR value. 
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Abstract. This paper presents a new approach to detect depth of anaesthesia by 
using recurrence quantification analysis of electroencephalogram (EEG) and  
artificial neural network(ANN) . From 98 consenting patient experiments, 98 
distinct EEG recordings were collected prior to incision during isoflurane an-
aesthesia of different levels. The seven measures of recurrence plot were ex-
tracted from each of four-channel EEG time series. Prediction was made by 
means of ANN. Training and testing the ANN used the ‘leave-one-out’ method. 
The prediction was tested by monitoring the responses to incision. The system 
was able to correctly classify purposeful responses in average accuracy of 
92.86% of the cases. This method is also computationally fast and acceptable 
real-time clinical performance was obtained. 

1   Introduction 

In practice, depth of anesthesia(DOA) is always assessed by anaesthesiologists sub-
jectively by means of observing the blood pressures(BP), heart rate(HR), somatic 
movement, facial grimacing, lacrimation and diaphoresis. For example, the presence 
or absence of movement of patients during a surgical procedure can be used to detect 
level of anaesthesia. The existence of pain can be demonstrated by a rise in blood 
pressure, tearing, sweating, techycardia, pupillary dilation and so on. The presence of 
these signs indicates the inadequate level of anaesthesia. However, these clinical signs 
may be absent due to treatment with muscle relaxants, opioids, cholinergic and β-
adrenergic antagonists, vasodilators, and antihypertensive agents. Also, factors like 
induction agents, patient’s illness, age and general health, and site and extent of surgi-
cal stimulation, use of controlled ventilation, body temperature, PaCO, and duration 
of anesthesia may obscure or modify these signs to a large extent making these signs 
quite unreliable for estimating DOA. For lack of a reliable monitor of anesthetic 
depth, inadequate levels of anaesthesia occasionally occur, the overall incidence of 
recall most frequently stated is approximately 1%, cases of intraoperative awareness 
have been reported in the literature[1][2]. A new non-invasive monitoring technique 
for detection of DOA would be extremely valuable. 
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As a target site of anaesthetic effect is the brain, the central nervous system has 
been the center of attention during anaesthetic course, using electroencephalogram 
(EEG) to monitor DOA is a reasonable choice. Over the years, numerous efforts have 
been made by EEG analysis, such as time/frequency domain analysis[3-5], bispectral 
analysis[6,7], time-frequency distribution (wavelet transform)[8] and so on. However, 
the use of EEG as a measure of adequacy of anesthesia has achieved limited success. 
This partly may be attributed to the fact that commonly used signal processing meth-
ods is based on the assumption that EEG arises from a linear or stationary process. 

Since the middle of the 1980s, some scientists have tried to analyze and study the 
EEG time series by means of nonlinear theory especially by chaotic dynamics. The 
fact that EEG possesses chaotic and fractal natures, at least to some extent, has been 
demonstrated [9-11]. The correlation dimension D2, which can be used to characterize 
the complexity of a non-linear dynamical process, has also been used to analyze EEG 
for evaluating DOA [12].  

However, Theiler et al.[13, 14] have proved that the brain is nonlinear but is not 
low dimension chaos. If the EEG is from a high dimension chaotic system, more than 
10m~30m data are necessary to characterize an m-dimension attractor reliably [15]. So 
long-time EEG series is needed for reliable prediction, and using D2 as a measure of 
DOA becomes impractical. In this paper, a new method is introduced to monitor DOA 
by using recurrence quantification analysis (RQA) of EEG and artificial neural net-
work(ANN). 

2   Materials and Data Acquisition 

The Data were obtained from experiments on 98 consenting patients(ASA grade I~II). 
The patients, 56 men and 42 women, ranging in age from 26 to 63 years(37.8±9.3), 
were scheduled for elective noncranial surgery.  

Anesthesia was induced with propofol, followed by a muscle relaxant to facilitate 
intubation, and maintained with isoflurane in oxygen. Eelectrocardiogram (ECG), the 
arterial BP, HR, arterial oxygen saturation, End-tidal CO2(EtCO2, by capnograph) 
were monitored and all gases(carbon dioxide, isoflurane, oxygen, nitrous oxide) were 
continuously monitored by mass spectrometer. The arterial pressure and heart rate 
were measured every minute non-invasively using a Dinamap monitor(Critikon).  

Anaesthetic depth has, for the past 30 years, been defined in terms of minimum al-
veolar concentration(MAC). MAC of an inhalational agent is defined as that alveolar 
anaesthetic concentration that will prevent movement in 50% of the population sub-
jected to a supramaximal stimulation. This has recently been revised to include intra-
venous anesthetic agents[16]. A supramaximal stimulation is that stimulation beyond 
which there is no change in the results of the study[17]. The average MAC value is 
1.15% for persons during isoflurane anaesthesia. Responses to skin incision during 
anesthesia represent a standard test of anaesthetic effect. In our study, we have used 
this as one of main indicators to assess our prediction.  

During and after skin incision, each patient was observed carefully for 2 min to de-
tect purposeful movement, changes in hemodynamic parameters and respiratory pattern. 
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A gross purposeful movement, usually of the head and limbs, or grimace was consid-
ered a positive response, the EEG recording preceding the incision was then labelled as 
0.0 for the responder. The response was also estimated as a positive one, in any two of 
the following three cases, when there were no movement and grimace, but  

(1) a significant HR response (rise was greater than 15%); 
(2) a significant BP response(rise was greater than 15%); 
(3) a spontaneous change in respiratory pattern(change in EtCO2 was more than 

12mm Hg). 

where the response was negative one, the EEG recording preceding the incision was 
labelled as 1.0 for non-responder. 

Isoflurane concentration must be maintained for a period of time, until the end-
tidal concentration of isoflurane stabilized, and a further 15-min time period was  
allowed for equilibration with the brain concentration[18, 19]. The initial surgical 
incision was made after return of neuromuscular function as determined by a periph-
eral nerve stimulator and at least 30-min after induction of anesthesia, and after at 
least 10 min at a different end-tidal isoflurane concentrations of 1.0MAC(37 patients), 
1.2MAC (33 patients) or 1.4MAC(28 patients).  

The EEG was monitored using a HXD-I(E) (China) monitor for 2 min before inci-
sion. Four channels of EEG were recorded using Ag/AgCl electrodes ( Fp1, Fp2, O1 
and O2, they were placed in accordance with the international standard 10~20 system, 
with the reference points at left earlobe and right earlobe). The impedance on each of 
the EEG channel was required to be less than 2KΩ at the start of each experiment. 
The EEG data were filtered with a high-pass filter at 0.4Hz and a low-pass filter at 
70Hz, a 50Hz notch filter was also employed, and sampled at 250Hz, digitized to 
12bits. From 98 patient experiments, 98 distinct EEG recordings were collected prior 
to incision during different isoflurane anaesthesia levels, including 31 responder and 
67 non-responder recordings. Each recording was 2 min long (30,000 points). 

3   Method 

The proposed approach includes three different procedures. First, RPs are computed 
from each of four-channel EEG time series, and then the complexity measures are 
extracted from every RP map. At last, prediction was made by ANN. The input to the 
ANN will be the 28 measure values (7 from one-channel EEG), the output will be 
result of the prediction. We describe these procedures briefly as follows. 

3.1   Recurrence Plot  

Suppose that a dynamic system can be relaxed to an attractor which has an invariant 
probability distribution in a phase space. The phase space can be constructed by ex-

panding a one-dimensional time series iu (e.g. EEG, from observations) into a vector 

set using the Taken’s time delay theorem[20], 
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),,,( )1( ττ −++= miiii uuux . (1) 

the dimension m can be estimated with the method of false nearest neighbors [21, 22], 
the time delay τ can be estimated with the method of mutual information[23]. 

Based on the reconstruction of phase space mentioned above, Eckmann et al. 
(1987) first proposed a new method, recurrence plot (RP), to visualize the time de-
pendent behavior of the dynamics of systems, which can be pictured as a trajectory 

),,1( Nix n
i =ℜ∈ in the n-dimensional phase space[24]. Mathematically 

speaking, RP can be obtained by the calculation of the NN ×  matrix,  

),(:, jiiji xxR −−Θ= ε         Nji ,,1, = . (2) 

where ⋅ is a norm (e.g., the Euclidean norm), iε  is a cutoff distance, and )(xΘ  is 

the Heaviside function( 1)( =Θ x , if 0>x ; 0)( =Θ x , if 0≤x ). In this paper iε  

can be determined by 5% of the maximum value of all norms and the Euclidean norm 

are used. The binary values in jiR ,  can be simply visualized by a matrix plot with the 

colors black (1) and white(0). 

3.2   Recurrence Quantification Analysis 

Recurrence plots contain subtle patterns that are not easily ascertained by qualitative 
visual inspection. Zbilut and Webber have presented the recurrence quantification 
analysis (RQA) to quantify an RP [25, 26, 27], and Marwan et al. extend the defini-
tion on the vertical structures[28]. Seven RQA variables are usually examined: (1) 
Recurrence rate(RR), quantifies a percentage of the plot occupied by recurrent points; 
(2) Determinism (DET), quantified a percentage between the recurrent points that 
form upward diagonal line segments and the entire set of recurrence points. The  
diagonal line consists of two or more points that are diagonally adjacent with no in-
tervening white space; (3)Laminarity(LAM), quantified a percentage between the 
recurrence points forming the vertical line structures and the entire set of recurrence 
points; (4)L-Mean: quantified an average of the lengthes of upward diagonal lines, 
this measure contains information about the amount and the length of the diagonal 
structures in the RP; (5)Trapping time(TT):  quantified an average of the lengthes of 
vertical line structures; (6)L-Entropy(L-ENTR), is from Shannon’s information theory, 
quantified a Shannon entropy of diagonal line segment distributions; (7)V-Entropy  
(V-ENTR), quantified a Shannon entropy of vertical line segment distributions. 

3.3   Artificial Neural Networks 

In our study, the input feature vector of the ANN consists of 28 measure values, ex-
tracted from each of the four-channel corresponding EEG recordings with label 1.0 
(for non-responder) or 0.0 (for responder). 
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Compared with three-layer(one hidden layer) ANNs, the four-layer ANN(two hid-
den layers) has a certain advantage in estimating DOA(see Table 2). The number of 
the second hidden units and the optimum number of clusters are determined according 
to analysis of input and output feature space[29, 30] and pseudo F-statistic(PFS) clus-
tering technique[31]. The optimum result of ANN structure is 28-8-2-1. We build up 
the network in such a way that each layer is fully connected to the next layer. 

Training of the ANN, essentially an adjustment of the weights, was carried out on 
the training set, using the back-propagation algorithm. This iterative gradient algo-
rithm is designed to minimize the root mean squared error between the actual output 
and the desired output.  

We trained and tested the ANN using ‘leave-one-out’ strategy. That is, to train the 
ANN on samples from n–1 rats and test on samples from the remaining one. This 
process is repeated n times and each time a different rat is left behind [32]. 

4   Results 

The RP of the EEG recorded was computed and mapped for each patient with a time 
series of 512 points. Fig 1(a)~(c) show the RPs of three responders with 1.0, 1.2, 1.4 
MAC, respectively. (d)~(f) show the RPs of three non-responders with 1.0, 1.2, 1.4 
MAC, respectively. 

The results of testing our proposed system are shown in Table 1. In total, three re-
sponse states are misclassified as non-response, and four non-response states are mis-
classified as response. For response prediction, the average accuracy is 92.86% (see 
Table 2). For different prediction schemes, the comparison of performances is shown 
in Table 2. 

 

 
 

(a) (b) 

Fig. 1. RP of typical patients, including three responders with 1.0 MAC (a), 1.2 MAC (b), 1.4 
MAC (c), and three non-responders with 1.0 MAC (d), 1.2 MAC (e), 1.4 MAC (f) 
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                                   (c)                                                                    (d)  

  
 
                                    (e)                                                                     (f) 

Fig. 1. (Continued) 

We tested our system using different ANNs, for four-layer (28-8-2-1) and three-
layer (28-8-1) ANNs, the accuracy is 92.86% and 87.76%, respectively.  

It would be informative to briefly compare our system with the commonly used 
spectral analysis methods, such as the bispectral analysis (BIS)[6, 7], the spectral edge 
frequency (SEF) and the median frequency (MF) [33, 34]. 

The accuracy for BIS, SEF and MF methods is 84%, 79% and 68%, respec-
tively[7]. Another accuracy 83% was given out by another researcher, Sebel[35], also 
using bispectrum method. Some of the results are cited from the references (paper [7] 
and [35]) for comparison.    
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Table 1. Testing results for proposed system, which employs four-layer ANN 

Level of 
anesthesia 

Size of 
training 

set 

Number of  
patients 

Misclassified 
rate for re-

sponse state 

Misclassified 
rate for non-

response  state 
Accuracy 

1.0MAC 97 37 3/21 0/16 91.89% 

1.2MAC 97 33 0/7 3/26 90.91% 

1.4MAC 97 28 0/3 1/25 96.43% 

Table 2.  Comparison of performances of different prediction schemes 

Predicting 
schemes 

Other conditions 
Types of ANN 

employed 
Average 
accuracy 

RQA using ANN 

98 patients and 98 
EEG recordings at 
different anesthetic 

levels 

Four-layer ANN 
(28-8-2-1) 

Three-layer ANN 
(28-8-1) 

92.86% 
 

87.76% 

Spectral analysisa BIS  83% 

Spectral analysisa 
BIS 
SEF 
MF 

 
84% 
79% 
68% 

a These results are cited from the references, paper [7] and [35], respectively, compared with 
our conclusion. 

5   Discussion 

The study of EEG in monitoring the DOA has been cited as early as 1940[3], how-
ever, the use of EEG as a measure of adequacy of anesthesia has achieved limited 
success. The passed studies show that adequacy of anesthesia is a complicated con-
cept and it is difficult to accurately evaluate DOA by a single parameter[36]. The 
recurrence plot represents the recurrence of the phase space trajectory to a certain 
state, which is a fundamental property of deterministic dynamical systems[37, 38]. 
The chaotic or quasi-random behavior of EEG signals gives us the possibility to quan-
titatively study functional changes of the brain by means of RQA. In this paper, we 
propose a new approach to predict response to incision during anaesthesia using re-
currence quantification analysis method. Compared with other schemes, our designed 
system has a better performance and the RQA is a potential way to assess the anaes-
thetic adequacy.  
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The anesthetic dose versus the depth of anesthesia curve is highly nonlinear [39] 
which motivated the use of ANN’s as the basic classifiers in our design. Owing to the 
restricted experimental conditions, we have only 98 recordings from 98 patients for 
training and testing ANN. A good way to tackle such a dilemma would be to train and 
test ANN using ‘leave-one-out’ method [32]. It is a standard method to evaluating 
classification systems, especially in the case of small samples.  

The designed system consists of two operations: off-line training of the ANN and 
on-line operation of prediction of responses during anaesthesia. These two operations 
contain similar function blocks: EEG collection, RP and its measure extraction and 
four-layer ANN for prediction. Before the system goes into operation, a specific data-
base must be built for off-line training of the ANN. After training, the weights are 
fixed and can be used for on-line work. The last decision is made according to the 
output of the ANN. During the on-line application, the recorded EEG and other pa-
rameters can also be stored in the specific database for updating. Thus, every certain 
period, the ANN is retrained off-line using the newly updated specific database, and 
then the new weights are sent to the trained ANN to update its weights.  

The RP and its measure analysis are much more computationally efficient than 
conventional analysis methods, such as FFT and D2. Moreover, after off-line training, 
the ANN can implement on-line forward propagation at high speed. In our experi-
ment, the average time for computing RPs and their measures of EEGs, then predic-
tion by ANN is about 0.057s on our computer (Toshiba Satellite Pro 4600 with  
Pentium III 1G CPU). So our system can be computationally enough fast and suited 
for real-time clinical application. 

Nevertheless, the work reported here is preliminary. More studies need to be per-
formed to test the effectiveness of the system, especially with different inhalational 
anaesthetic agents and with opioid anaesthesia, where awareness during surgery is a 
major concern.  
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Abstract. Contribution of chemical shift to intermolecular multiple-quantum 
coherence (iMQC) imaging signals in two-component systems was simulated 
and discussed using an efficient numerical algorithm based on the Bloch 
equations with an additional nonlinear term describing distant dipolar field. 
Numerical simulation switches back and forth between real and Fourier spaces 
to handle dipolar field effects in three-dimensional sample. The iMQC signals 
of each component of two-component systems can be obtained respectively 
when the second pulse of the CRAZED pulse sequence is selective. Simulation 
results show that chemical shift provides an edge detection method to regions 
containing spins with chemical shift offset and selected by the second RF pulse, 
and different gray value is related to different chemical shift in detected regions. 
These results indicate that chemical shift may provide new imaging information 
helpful for iMQC magnetic resonance imaging. 

1   Introduction 

In conventional magnetic resonance imaging (MRI), chemical shift in some instances 
introduces artifacts, such as chemical shift mismatch artifacts (CSMAS) [1], which 
result in a blur boundary or ghost image. This is similar to the effects of different 
magnetic susceptibilities in MRI, which cause the variation of imaging signal 
intensity at the edges of metallic implant, tumor and bone-tissue [2,3]. However, these 
bad effects may become favourable for object detection in the intermolecular 
multiple-quantum coherence (iMQC) MRI. In addition, chemical shift imaging (CSI) 
is an established tool in vivo biochemistry study and fundamental biomedical 
research. CSI is also emerging as a valuable diagnostic method in clinic. It has been 
successfully applied to detecting at a very early stage tumor response to 
chemotherapy [1], or to studying brain metabolic alterations in patients with AIDS 
[1]. Therefore, the study and applications of chemical shift in MRI have become 
increasing important and valuable. 

In recent years iMQC has been a hot topic in nuclear magnetic resonance comm.-
unity. Warren and coworkers first achieved successfully intermolecular zero-quantum 
                                                           
* Corresponding author.  
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coherence (iZQC) imaging of in vivo rat brain in 1998 [4]. Zhong and Chen et al. 
obtained the first multislice human brain images of intermolecular double-quantum 
coherence (iDQC) on a clinical 1.5T MR scanner in 2000 [5]. In addition, iMQC has 
also been studied and applied deeply in functional magnetic resonance imaging (fMRI) 
[6]. Although the signal of iMQC has lower intensity than conventional one, it includes 
specific imaging parameters such as dipolar correlation distance, providing new contrast 
mechanism for imaging, and can get higher contract and resolution. All these give 
iMQC a seductive foreground in MRI. 

Warren’s group has simulated contribution of chemical shift in iMQC MRI using 
the CRAZED pulse sequence with two hard pulses [7,8]. In this paper, contribution of 
chemical shift to iZQC and iDQC imaging signals of two-component systems was 
simulated and discussed using a modified CRAZED pulse sequence, where the 
second pulse was selective. 

2   Simulation Algorithm 

Fig. 1 shows the modified CRAZED pulse sequence, where the second radio-
frequency (RF) pulse β is selective for either I or S spins in a two-component system 
[9,10]. Imaging signals were acquired at maximum intensity of spin echo in 
simulation, so the frequency encoding and phase encoding gradients are omitted. 

 

Fig. 1. The pulse sequence for investigating the iMQC signal behaviors in a two-component 
system without J coupling. The second RF pulse is frequency selective. 

Theoretically, the signals for coherence orders n = 0 and –2 have strongest 
intensities among all coherence orders, and the signal intensities of iZQC (n = 0) and 
iDQC (n = –2) of two components reach maximum when the sequence parameters are 
optimal [10]. To obtain maximal signals of I spin, the second RF pulse β should be 
phase cycled between 45° and 135° for n = 0, and be 60° for n = –2. For the signals of 
S spin β is 90°. 

To achieve a good quantitative description of iMQC signals in MRI, we use a two-
component system consisting of I and S spins without J coupling as an example. Let 
ΩI and ΩS be the resonance frequency offsets of I and S spins in the rotating frame, 

I
1T and S

1T  be the single-quantum coherence (SQC) longitudinal relaxation times, and 
I

2T  and S
2T be the SQC transverse relaxation times of I and S spins, respectively. 

Ignoring other factors, and only considering chemical shift and relaxation, the final 
signal of I spin can be expressed as 
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where γ is the gyromagnetic ratio, μ0 is the magnetic vacuum permeability, M0 
represent the equilibrium magnetization of spins per unit volume, t2 is detection time. 

2.1   Simulation Method 

Assume the correlation gradients are along z direction, according to the classical 
theory, the time evolution of spin magnetizations can be described by non-linear 
Bloch equation 
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where D is the translational self-diffusion coefficient of spins; x̂ , ŷ , and ẑ  are unit 

vectors along the three orthogonal coordinate axes. The simulation process is solving 
Eq. (3) on each time step under pulse sequence by using a Runge-Kutta algorithm, 
starting from initial parameters and conditions. In the equation, the radiation damping 
term Br(r,t) is easy to calculate in real space if RF pulse is uniform over the whole 
sample, but diffusion term D∇2M(r,t) and distant dipolar field term Bd(r,t) are 
difficult to calculate in real space. The expression for the distant dipolar field is 

2
30

3

1 3cos
ˆ( ) [3 ( ) ( )]

4 2 | |
rr

d zd M
μ θ ′−′ ′ ′= −

′π ∫B r r r M r
r - r

z  (4) 

where θrr′ is the angle between the inter-nuclear vector r–r′ and the main magnetic 
field. Since Bd(r) must be integrated over the magnetization of the whole sample, it is 
quite computationally expensive to calculate the dipolar field from Eq. (4) directly. 
Fortunately, this equation can be simplified in k-space, 

20 ˆ ˆ ˆ( ) [3( ) 1][3 ( ) ( )]
6d zM
μ= − −B k k k M kiz z  (5) 

Similarly, the calculation of the diffusion operator D∇2 is reduced to multiplication 
−Dk2 in Fourier space [7,8]. Fig. 2 gives a schematic of the numerical algorithm. 
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Fig. 2. Schematic of the algorithm for integration of the non-linear Bloch equation 

For two-component systems, each spin evolves simultaneously according to 
individual Bloch equation. Chemical shift and relaxation effects of each spin are 
independent respectively, while distant dipolar field, diffusion, and radiation damping 
of each spin are interactive with each other. So in simulation we replaced distant 
dipolar field term of each spin with interactive term, such as I I S

d d d→ ( + )B B B  and 
S I S
d d d→ ( + )B B B . 

The frequency encoding gradient and phase encoding gradients were not 
considered in simulation, because they were only used for spatial location of imaging 
information. Imaging signals were sampled at the center of spin echo (maximum 
intensity), and calculated with orthogonal detection, namely Mabs=abs(Mx+iMy). Two-
dimensional images came from the final signals summed along z-direction, along 
which gradient pulses were applied. 

2.2   Initial Parameters for Imaging Sample 

Two homo-nuclear components (I and S spins) with different chemical shift offsets 
were assumed to mix uniformly. Each component had its own initial parameter set. 
The sample used for simulation is shown in Fig. 3. It is a cube (solid) with a length of 
2.8 mm (56×56×56 grid points along x, y, and z directions). To prevent anomalous 
edge effects, the sample must be surrounded by empty space. Therefore, the sample is 
zero-padded by 4 grid points at the edges along each direction, resulting in a cube box 
(dashed) with a length of 3.2 mm and 64×64×64 grid points. The shaded cube 
(24×24×24 grid points) with a length of 1.2 mm at the center of the sample has 
slightly different chemical shift from the other region of the sample.  

The evolution time (τq) and echo time (TE) were set to 10 and 100 ms, respectively. 
The amplitude of the gradient pulse G was 5.87 G/cm and the duration δ was 1 ms. 
The correlation distance controlled by the gradient pulse was then calculated to be 
200 μm. Other parameters of each component are listed in Table 1. 
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Fig. 3. Sample used for simulation. The region of simulation is the dashed box, the solid cube is 
the sample region, and the shaded box has chemical shift offsets. 

Table 1. Parameters for each spin 

Spin M0 (A/m) Ω outside the shaded 
region (Hz) 

T1 (s) T2 (ms) 

I 0.04 
0 

1.5 150 

S 0.02 200 1.0 100 

3   Results and Discussion 

Ignoring diffusion and radiation damping effects, we simulated contributions of 
chemical shift to iZQC and iDQC imaging signals of two components for two cases: 
(1) I spin in the shaded region had chemical shift offsets relative to I spin in the other 
region while the chemical shift of S spin was uniform in the whole sample; (2) S spin 
in the shaded region had chemical shift offsets relative to S spin in the other region 
and the chemical shift of I spin was uniform in the whole sample. The second RF 
pulse was optimized to attain maximal iZQC and iDQC signals of I and S spins. 

3.1   Imaging Signals of I and S Spins in the First Case 

A．Imaging Signals of I Spin 
Figure 4 shows the simulation results for coherence order n = –2 of I spin when the 
chemical shift offset of I spin in the shaded region was –50 Hz. 

Since the selective RF pulse is only applied on I spin, the iMQC signals of I spin 
are not contributed by S spin. Based on Eq. (1), the variation of the signals with 

chemical shift for n = –2 and n = 0 can be written as 22 ( )I q tI
obsM e τΩ +∝ when the 

chemical shift of I spin is uniform. If the chemical shift offset of I spin in the shaded 

region is notated as I
′Ω , the signal intensity then becomes 2( )( )I I q tI

obsM e τ′Ω +Ω +∝  at 

the edge of the shaded region. Because the π RF pulse in detection period cannot 
completely remove the effect of chemical shift in the evolution period at the edge of 
the shaded region, the signals there are not completely refocused. In addition, the total 
phase evolution after a time interval of 2τq is ( )q I Iτ ′± Ω − Ω , which is not influenced  

 



 Numerical Simulations of Contribution of Chemical Shift in Novel MRI 379 

0 10 20 30 40 50 60
0

0.05

0.1

0.15

0.2

0.25

0.3

0.35

X

Y(a) (b)  

X/Y position point 

Si
gn

al
 in

te
ns

ity
(A

/m
)

 

Fig. 4. The simulation results for coherence order n = –2 of I spin. The chemical shift offset of I 
spin in the shaded region was –50Hz. (a) Imaging result. (b) The signal intensity distribution of 
the center slice along x or y direction in the imaging result. 

by the π RF pulse. Therefore, the signal intensity at the edge of the shaded region 
decreases as cos[ ( )]q I Iτ ′Ω − Ω . These two reasons result in attenuation of the 

signal intensity at the edge of the shaded region. These results agree with the 
simulation results using the CRAZED sequence with non-selective RF pulse [7].  

B．Imaging Signals of S Spin 
Figure 5 shows the simulation results for coherence order n = –2 of S spin when the 
chemical shift offset of I spin in the shaded region was –50Hz. The Simulation results 
show that the signal intensity of S spin not only attenuates at the edge of shaded 
region, but also lowers in the whole region.  

Since the selective β pulse is not applied on S spin, the iMQC signals of S spin 
result from the distant dipolar field caused by I spin. Based on Eq. (2), the variation of 
the signals with chemical shift for n = –2 and n = 0 can be written as  
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Fig. 5. The simulation results for coherence order n = –2 of S spin. (a,b) The chemical shift 
offset of I spin in the shaded region was –50 Hz. (a) Imaging result. (b) The signal intensity 
distribution of the center slice along x or y direction in the imaging result. (c) The signal 
intensity at the center point of the image of S spin when the chemical shift offsets of I spin in 
the shaded region varied. 
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2( )( )I S q tS
obsM e τΩ +Ω +∝ . When the chemical shift of I spin is uniform, the π RF pulse 

in the detection period removes the effect of chemical shift ΩI and ΩS. When the 

chemical shift offset of I spin in the shaded region is I
′Ω , S

obsM  in the shaded region 

is different from the outside one. At the edge of the shade region, the signal intensity 
decreased similarly to I spin.  

We also simulated the imaging signals of S spin with I
′Ω  varying from –60 Hz to 

60 Hz in an increment of 10 Hz. Fig. 5c shows the signal intensity at the center point 
of image. The variation of the intensity approximately obeys the relation of 
cos[ ( )]q I Iτ ′Ω − Ω . So does the signal intensity at the other point of the shaded region. 

3.2   Imaging Signals of I and S Spins in the Second Case 

A．Imaging Signals of I Spin 
According to the theory, the iMQC signals of I spin are only contributed by I spin, not 
by S spin. Therefore, when S spin in the shaded region has chemical shift offsets 
different from the other region and the chemical shift offset of I spin is uniform in the 
whole sample, the imaging signal intensity of I spin is uniform. Simulation results 
agree well with theoretical prediction [10]. 

B．Imaging Signals of S Spin 
Figure 6 shows the simulation results for coherence order n = –2 of S spin when the 

chemical shift offset S′Ω  in the shaded region was 150 Hz. The signal intensity also 

lowers in the whole shaded region. At the edge of the region, the signals decreased 
rapidly due to the uniform chemical shift offset of I spin, evidently different from the 
first case (Fig. 5b). The signal intensity in the shaded region varies according to 
cos[ ( )]q S Sτ ′Ω − Ω  (Fig. 6c). 
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Fig. 6. The simulation results for coherence order n = –2 of S spin. (a,b) The chemical shift 
offset of S spin in the shaded region was 150 Hz. (a) Imaging result. (b) The signal intensity 
distribution of the center slice along x or y direction in the imaging result. (c) The signal 
intensity at the center point of the image of S spin when the chemical shift offsets of S spin in 
the shaded region varied. 
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Above we have discussed the iDQC imaging signals of I and S spins. The iZQC 
imaging signals of I and S spins had identical features with iDQC. 

3.3   Imaging Signals of I and S Spins with a Selective π  Refocusing Pulse 

The effect of chemical shift in evolution period τq can be removed when a π 
refocusing pulse is added at the center of τq, as shown in Fig. 7. We simulated 
imaging signals of I and S spins in the same two cases as above when the π 
refocusing pulse in τq was selective.  

 

Fig. 7. The pulse sequence with a selective π refocusing pulse in τq 

Figure 8 shows the simulation results of I and S spins for iZQC when the π 
refocusing pulse in τq excites only I spin. The π pulse refocuses the chemical shift 
evolution of I spin in τq, but not the chemical shift evolution of S spin. As a result, the 
signal intensity of I spin is almost identical in the whole sample although there is 
chemical shift variation of I spin in the shade region (see Fig. 8a). A little attenuation 
at the edge of the shaded region is due to the incompletely refocused magnetization 
resulting from the limited number of sample points around the edges, which 
introduces small differences in evolution before and after the selective π refocusing 
pulse. In Fig. 8b the signal intensity of S spin attenuates in the whole shaded region 
when there is a chemical shift variation of S spin in the shade region. 

I spin S spin 

(a)

I spin S spin 

(b)  

Fig. 8.  The simulation results of I and S spins for iZQC when the selective π  refocusing pulse 
in 

q
τ excites only I spin. (a) 50HzI′Ω = − . (b) 150HzS′Ω = . 

When the π refocusing pulse in τq excites only S spin, the simulation results of I 
and S spins for iZQC are shown in Fig. 9. This pulse refocuses only the chemical shift 
evolution of S spin in τq. Therefore, the attenuation of the signal intensity of I and S 
spins retains when there is a chemical shift variation of I spin in the shade region (Fig. 
9a), while the signal intensity of I or S spin is identical in the whole sample when the 
chemical shift variation in the shade region comes from S spin (Fig. 9b). 
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I spin S spin 

(a)

I spin S spin

(b)  

Fig. 9.  The simulation results of I and S spins for iZQC when the selective π  refocusing pulse 
in 

q
τ  excites only S spin. (a) 50HzI′Ω = − . (b) 150HzS′Ω = . 

Similar to reference [7], subtracting the results obtained from the pulse sequence in 
Fig. 6 from the results obtained from the pulse sequence in Fig. 1 leaves the 
contribution of chemical shift. The subtraction image is almost specific to areas 
containing spins with different frequency offsets, and provides signal contrast for 
these areas.  

4   Conclusions 

The simulation algorithm based on the non-linear Bloch equation provides a fast, 
efficient computing method, which can present intuitive, exact imaging results for 3D 
sample in MRI. Different from conventional MRI, contribution of chemical shift in 
iMQC imaging can not only offer an edge detection tool in MRI, but also give 
different gray value of image in detected regions. Our simulation results show that 
chemical shift in iMQC imaging is a potential parameter for studying MRI. It 
produces a new interesting image contrast different from conventional one, which 
may be useful for fMRI and MRI. 
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Abstract. We discuss secrecy of signals in signal transduction. As we
have developed a basic concurrent language with interferencial coeffi-
cients, Iπ-calculus, to describe aberrance in biological models, a typing
system for Iπ-calculus is proposed for achieving secrecy of signals in
signal transduction. We show that this typing system guarantees that, if
signal transduction typechecks, then it does not leak aberrance of signals.

1 Introduction

Signal transduction, short for ST, is the key to uncover the wild growth of
cells. Aberrant ST is the cause of many diseases challenged by modern medicine,
including cancers, inflammatory diseases, and so on. Formal method is one of
approach to research ST. Process algebra, such as pi calculus and its variation,
is a way to model ST system. There are several pieces of related work about
modelling ST [4,5,2,3], based on pi calculus [1,6]. Interference pi calculus [8],
(Iπ- calculus) is proposed to model aberrant ST.

When a signal mutates aberrantly, we want to know what will happen in the
whole ST. We used a typing system [9], to replace the tag system which is used to
label the existence of aberrance by sets computation, such as union, disjoint [8].
This typing system is simple enough to be enforced statically. It had been proved
to be equivalent to the tag system in the capability of labelling the existence of
aberrance [9].

In this paper, we emphasis on this typing system. An informal principle is
developed for achieving secrecy of signals in ST. In particular, in the analyzing
aberrance of ST, we label each protein(its domains) and each signal as either
normal or aberrant. A signal-receiver can not find the signal from signal-sender
is normal or aberrant during the transduction of signals. That is to say, the
whole ST does not leak aberrance of signal. The notion of leaking is formalized
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in terms of testing equivalence. We point out, if ST typechecks, then it does not
leak the aberrance of signals.

2 Secrecy of Signals in Signal Transduction

Signal transduction is a manner to answer the stimulation of cells outside. It is
the key to uncover the wild growth of cells leading to many diseases. When the
whole ST works perfectly, decisions of growth and death of cells are also made by
rule and line. When some signals mutate aberrantly, however, the whole ST could
be interfered. Cancers are some diseases resulting from this kind of interference
of ST.

The sequel that the ST is interfered is, the growth of a cell is never controlled
by growth factors outside. There exist many methods to get it, one of which
is that some aberrant proteins make the cell release the growth factors into
the environment. These factors can stimulate the cell which sets them free, and
make it grow. Another is the aberrance of Ras protein. Normal Ras protein in
the inactive state is waiting for the signal. It is activated when it receives the
signal, and then sends signal to the others. After that, it could be inactivated
to return the initial state. This kind of inactivity make assure that the cell just
can receive finite signals.

Aberrant Ras protein has some difference with normal Ras protein. Aberrant
Ras protein can be activated and send a signal to the others, as same as normal
Ras protein. Aberrant Ras protein however can not be inactivated any more.
That means, it will be always in the active state and always sends the signal to
the others, even there is no real signal coming.

In a word, whatever is chosen, aberrant proteins pretend the normal proteins
to transduce stimulation signals. In another word, a carrier waiting for signals
does not know the category of signals.

Therefore, we have an important property about aberrance:

In signal transduction, a sender does not leak aberrance of signals.

This is also a principle in the studying of signal transduction.

3 The Pure Iπ-calculus

Iπ-calculus is proposed to describe aberrant ST. This section presents the pure
version of Iπ-calculus that serves as the preliminary setting for our formal work.

We assume an infinite countable set A of values, an infinite countable set N
of names and an infinite countable set V of variables. Let σ, ρ be functions from
N to A. One can think of σ as an interference function and that σ(a) as the
interference degree of a. The function ρ is a critical function and that ρ(a) is the
critical value of the interference degree of a. The interferential coefficient can be
defined below:

Definition 1 (Interferential Coefficient). For a ∈ N , let ia be |ρ(a)−σ(a)|.
We say that ia is the interference coefficient of a.
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Intuitively, when ia is equal to zero, we take that a is in an aberrant state; when
ia is not zero, we think that a is still in a normal state.

Processes evolve by performing actions. In process algebra actions capabilities
are introduced by prefix capabilities. In Iπ-calculus, we introduce two capabili-
ties in addition to the prefix defined by pi calculus.

Let a, b, · · · range over the names and x, y, · · · range over the variables. We
also define two symbols § and � to represent the aberrance capability. Here
§ represents the suicide capability and � the propagation capability. When a
process has the suicide capability, it terminates its action immediately. And when
a process has the propagation capability, it will duplicate its action infinitely.

Definition 2 (Prefix). The prefix of Iπ-calculus are defined as follows:

π ::= a(b) | a(x) | a | a πi ::= π | [iπi = 0]§(πi) | [iπi = 0]�(πi)

The capability of π is the same as in pi calculus. [iπi = 0]§(πi) and [iπi = 0]�(πi)
are the substitution capabilities. They are respectively the capabilities § and �
if the subject of πi is in an aberrant state.

Definition 3 (Process). The Iπ-calculus processes are defined as follows:

P ::= 0 | πi.P | πi.P + π′
i.P

′ | P |P ′ | (νa)P

Intuitively the constructs of Iπ-calculus processes have the following meaning:
0 is the inert process. The prefix process πi.P has a single capability imposed by
πi, that is, the process P cannot proceed until that capability has been exercised.
The capabilities of the sum πi.P + π′

i.P
′ are those of πi.P plus those of π′

i.P
′.

When a sum exercises one of its capabilities, the other is rendered void. In the
composition process P |P ′, the components P and P ′ can proceed independently
and can interact via shared channel. In the restriction process (νa)P , the scope
of the name a is restricted to P .

We write fn(P ) for the set of free names in process P , and fv(P ) for the set
of free variables in P . An expression is closed if it has no free variables. Notice
that a closed expression may have free names.

The reaction relation, introduced initially by Milner [1], is a concise account
of computation in the pi calculus. In addition to the well-known interaction
rule(Com-N), our reaction relation also includes two new rules about reactions
with aberrance(Pre-§ and Pre-�).

A barb is a name m, a co-name m or two primitives § and �. An action is a
barb or the distinguished silent action τ . We range α, β, · · · over actions.

[iπi = 0]§(πi).P
§−→ 0

Pre-§ ;
[iπi = 0]�(πi).P

�−→ πi.[iπi = 0]�(πi).P
Pre-� ;

a(b).Q | a(x).P τ−→ Q|P{b/x} Com-N;
a.Q | a.P

τ−→ Q | P
Com-SN

P
α−→ P ′

P + Q
α−→ P ′ Sum;

P
α−→ P ′

P | Q
α−→ P ′ | Q

Com;



Secrecy of Signals by Typing in Signal Transduction 387

P
α−→ P ′ a �= α

(νa)P α−→ (νa)P ′ Res;
Q ≡ P P

α−→ P ′ P ′ ≡ Q′

Q
α−→ Q′ Stc.

The first two rules deal with reactions with aberrance: the former says that the
resulting process is terminated; the latter declares that the resulting process du-
plicates its action infinitely. The third reaction rule deals with the interaction
in which one sends a message with a channel while the other receives a message
with the same channel so that they have an interactive action. Each of the reduc-
tion rules are closed in the summation, composition, restriction and structural
congruence.

Next, we represent some preliminaries of testing equivalence. These notions
are belong to Mart́ın Abadi [7].

A test is a pair (Q, β) consisting of a closed process Q and a barb β. We say

that P passes a test (Q, β) if and only if (P | Q) τ−→ Q0 · · · τ−→ Qn
β−→ A

For some n ≥ 0, some processes Q0, · · ·Qn, and some process A, we obtain a
testing preorder � and a testing euqivalence � on closed processes:
P � P ′ �

= for any test (Q, β), if P passes (Q, β) then P ′passes (Q, β)

p � P ′ �
= P � P ′ and P ′ � P

A strict barbed simulation is a binary relation S on closed processes such
that PSP ′ implies:

(1) for every barb β, if P
β−→ A for some A, then P ′ β−→ A′ for some A′,

(2) for every P1, if P1
τ−→ P1 then there exists P1

′ such that P ′ τ−→ P1
′ and

P1SP1
′ .

A strict barbed bisimulation is a relation S such that both S and S−1 are strict
barbed simulations.

The following lemma provides a method for proving testing equivalence:

Lemma 1. If for every closed process Q there exists a strict barbed bisimulation
S such that (P | Q)S(P ′ | Q), then P � P ′

In [7], Mart́ın Abadi gave a simple direct proof.

4 The Typing System

This section describes rules for controlling information flow in Iπ-calculus cal-
culus. Here we embody them in a typing system for Iπ-calculus calculus. The
typing system was firstly introduced by Martin Abadi in studying security pro-
tocols [7].

In order to represent the aberrance of ST we classify signals into three classes:

– A Normal signal is one that takes part in the normal processes.
– An Aberrant signal is one that takes part in the aberrant processes.
– An Unknown signal could be any signal.
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To simplify we define a reflexive order relation <: among these three classes:

Normal<: Unknown; Aberrant <: Unknown.

For convenience of representation, we denote M as a name or a variable. M
is called term. Corresponding to these three classes the typed system has three
kinds of assertions:

– “	 Γ well formed” means that the environment Γ is well-formed.
– “Γ 	 M : T ” means that the term M is of the class T in Γ .
– “E 	 P : ok” means that the process P typechecks in E.

Typing rules are given under an environment. An environment is a list of
distinct names and variables with associated classifications.

Definition 4 (Typed Environment). Typed environments are given by the
following rules:

	 ∅ well formed
Environment Empty

	 Γ well formed, M �∈ Γ
	 Γ, M : T well formed

Environment Term

Having defined the environments, one can define rules for terms and processes.

Definition 5 (Terms). The rules for terms of typing system are as follows:

Γ 	 M : T T <: R
Γ 	 M : R

Level Subsumption

	 Γ well formed M : T in Γ
Γ 	 M : T

Level Term

Intuitively the rule Level Subsumption says that a term of level Normal or
Aberrant has level Unknown as well.

Definition 6 (Processes). The rules for typing processes are as follows:

Γ � a : Normal Γ � b : Normal Γ � P : Ok

Γ � a(b).P : Ok
T-out

Γ � a : Normal Γ � x : Unknown Γ � P : Ok

Γ � a(x).P : Ok
T-in

Γ � a : Normal Γ � P : Ok

Γ � a.P : Ok
T-sout

Γ � a : Normal Γ � P : Ok

Γ � a.P : Ok
T-sin

Γ � a : Aberrant Γ � b : Normal Γ � P : Ok

Γ � a(b).P : Ok
T-aout

Γ � a : Aberrant Γ � x : Unknown Γ � P : Ok

Γ � a(x).P : Ok
T-ain

Γ � a : Aberrant Γ � P : Ok

Γ � a.P : Ok
T-asout

Γ � a : Aberrant Γ � P : Ok

Γ � a.P : Ok
T-asin
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Γ � a : Aberrant Γ � b : Normal Γ � P : Ok

Γ � [ia = 0]§(a(b)).P : Ok
T-kout

Γ � a : Aberrant Γ � x : Unknown Γ � P : Ok

Γ � [ia = 0]§(a(x)).P : Ok
T-kin

Γ � a : Aberrant Γ � P : Ok

Γ � [ia = 0]§(a).P : Ok
T-ksout

Γ � a : Aberrant Γ � P : Ok

Γ � [ia = 0]§(a).P : Ok
T-ksin

Γ � a : Aberrant Γ � b : Normal Γ � P : Ok

Γ � [ia = 0]�(a(b)).P : Ok
T-pout

Γ � a : Aberrant Γ � x : Unknown Γ � P : Ok

Γ � [ia = 0]�(a(x)).P : Ok
T-pin

Γ � a : Aberrant Γ � P : Ok

Γ � [ia = 0]�(a).P : Ok
T-psout

Γ � a : Aberrant Γ � P : Ok

Γ � [ia = 0]�(a).P : Ok
T-psin

� Γ well formed

Γ � 0 : Ok
T-nil

Γ, a : Normal � P : Ok, a �∈ dom(Γ )
Γ � (νa)P : Ok

T-res

Γ � P : Ok Γ � Q : Ok

Γ � P | Q : Ok
T-com

Γ � P : Ok Γ � Q : Ok

Γ � P + Q : Ok
T-sum

Γ � a : Unknown Γ � b : Noraml Γ � P : Ok

Γ � P{b/x} : Ok
T-Sub

Γ � P : Ok Q ≡ P

Γ � Q : Ok
T-stc

5 Secrecy of Signals by Typing

As mentioned in the section 2, an important principle in the modelling signal
transduction is to guarantee that category of signals can not be detected. In this
section, we show that a signal-receiver can not distinguish the difference of signal
using our typing system. The original idea is from [7]. In that paper, Mart́ın
Abadi applies the similar typing system to Spi calculus, and uses it to analyzes
security protocols. Our main result says that if only variables of level Unknown
and only names of level Normal are in the domain of the environment E, if σ
and σ′ are two substitutions of values for the variables in E, and if P typechecks,
then Pσ and Pσ′ are testing equivalence.

We write E 	 σ when σ(x) is a closed term such that fn(σ(x)) ⊆ dom(E) for
every x ∈ dom(E).

Lemma 2. Suppose that E is an environment which all variables in dom(E)
are of level Unknown, E 	 P : ok and E 	 σ. Then we have

(1) if Pσ
τ−→ Q′, then there exists a process Q such that

– Q′ = Qσ
– E 	 Q : ok
– Pσ′ τ−→ Qσ′ whenever E 	 σ′

(2) if Pσ
β−→ A′, there exists a process A such that

– A′ = Aσ
– E 	 A : ok

– Pσ′ β−→ Aσ′ whenever E 	 σ′
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Theorem 1. Given an environment E, suppose that all the variables in dom(E)
are of level Unknown. Suppose further that E 	 σ and E 	 σ′. Then the relation

{(Pσ, Pσ′) | E 	 P : ok}

is a strict barbed bisimulation.

This conclusion means that a signal-receiver can not distinguish Pσ and Pσ′, so
it can not detect the difference of signals.

6 An Example in Signal Transduction

In order to illustrate the use of our typing rules, we consider as an example of
aberrance of Ras protein. Ras protein is an important protein in the well-studied
RTK-MAPK pathway.

Fig.1 gives an example of Ras Activation of the ST pathway, RTK-MAPK. At
the normal state, the protein-to-protein interactions bring the SOS protein close
to the membrane, where Ras can be activated. SOS activates Ras by exchanging
Ras ’s GDP with GTP. Active Ras interacts with the first kinase in the MAPK
cascade, Raf. GAP inactivates it by the reverse reaction. When Ras mutates
aberrantly, it does not have any effect on the Ras ’s binding with GTP but
will reduce the activity of the GTP hydrolase of Ras and lower its hydrolysis
of GTP greatly; in the meantime Ras will be kept in an active state; it keeps
activating the molecule, inducing the continual effect of signal transduction,
which result in cell proliferation and tumor malignancy. Aviv Regev and his
colleagues have given the representation of normal RTK-MAPK using the pi
calculus [4]. We had given the representation of the aberrant Ras protein using
Iπ-calculus.[8].

RAS

GDP

RAS

GTP

GNRP

GTP

GDP

GAP

Pi

SOS

INACTIVE

ACTIVE

Fig. 1. Ras Activation

The interpretation of Ras in the Iπ-calculus can be done in the following man-
ner: The system defined in (1) is a collection of concurrently operating molecules,
seen as processes with potential behavior. Here the operator | is the concurrent
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combinator. In biological models, all the names are bounded, for simplicity, we
here only list the aberrant names for restriction :

SY STEM ::= (νsACTSWI I)(νbboneACTSWI I)(νsgACTSWI II)
(RAS | SOS | GAP | RAF ) (1)

A protein molecule is composed of several domains, each of which is modelled as
a process as well. In (2) through (5) the detailed Iπ-calculus programs for the
proteins Ras, SOS, Raf and GAP are given:

RAS ::= INASWI I | INASWI II (2)
SOS ::= S SH3 BS | S GNEF (3)
RAF ::= R Nt | R ACT BS | R M BS

| INA R Ct | R ATP BS (4)
GAP ::= sg(x).x(gdp).GAP (5)

The molecules (or domains) interact with each other based on their structural
and chemical complementarity. Interaction is accomplished by the motifs and
residues that constitute a domain. These are viewed as channels or communica-
tion ports of the molecule:

INASWI I ::= bbone.ACTSWI I (6)
INASWI II ::= sg(rs 1).rs 1(y).bbone.ACTSWI II (7)

S GNEF ::= bbone.S GNEF + sg(z).z(gtp).S GNEF (8)
S SH3 BS ::= bbone.S SH3 BS (9)

The following interactions are possible:

INASWI I | S GNEF −→ ACTSWI I | S GNEF (10)
INASWI II | S GNEF−→∗bbone.ACTSWI II | S GNEF (11)

bbone.ACTSWI II | S SH3 BS −→ ACTSWI II | S SH3 BS (12)

The interaction (10) shows that the domain INASWI I of Ras is activated
by the domain of S GNEF of SOS. The interaction (11) and (12) show that
the domain INASWI II of Ras is activated by the domain S GNEF and
S SH3 BS of SOS.

The detailed Iπ-calculus programs for activated domains, ACTSWI I (Aber-
rant), ACTSWI II (Aberrant) of the protein Ras and the domain R Nt of Raf
are defined in (13) through (15):

ACTSWI I∗ ::= (νs)[is = 0]�(s(rs 2).rs 2).INACTSWI I +
(νbbone)[ibbone = 0]§(bbone).INASWI I (13)

ACTSWI II∗ ::= (νsg)[isg = 0]§(sg(r swi 1)).r swi 1(h).bbone.

INACTSWI II (14)
R Nt ::= s(i).i.ACTR Nt (15)
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The processes so defined have the following interactions:

ACTSWI I∗ | R Nt −→∗ (νs)[is = 0]�(s(rs 2).rs 2).INACTSWI I

| ACTR Nt (16)
ACTSWI II∗ −→ 0 (17)

The interaction (16) shows that the active domain ACTSWI I of Ras interacts
with the domain R Nt of Raf, but it can not be inactivated any more. (17)
shows that the domain ACTSWI II of Ras can not inactivated by GAP.

In order to indicate how the process SY STEM typecheks, we annotate its
bound names and variables with there levels, as they are introduced.

Let E be an environment, where the variables are Unknown levels:

x : Unknown, z : Unknown, h : Unknown i : Unknown.

The bound names with their Normal levels:

sgGAP : Normal, bboneINASWI I : Normal, sgINASWI II : Normal,

rs 1INASWI II : Normal, bboneINASWI II : Normal, bboneS GNEF : Normal,

sgS GNEF : Normal, bboneS SH3 BS : Normal, rs 2ASWI I : Normal,

r swi 1ACTSWI II : Normal, bboneASWI II : Normal, sR Nt : Normal.

The bound names with there Aberrant levels:

sACTSWI I : Aberrant, bboneACTSWI I : Aberrant, sgACTSWI II : Aberrant.

We define:

Ras
�= (bbone : Normal)[(s : Aberrant)(rs 2).(rs 2 : Normal).INACTSWI I +

(bbone : Aberrant).INASWI I ] | (sg : Normal)(rs 1).(rs 1 : Normal)(y)

.(bbone : Normal).(sg : Aberrant)(r swi 1).(r sw 1 : Normal)

(h).(bbone : Normal).INACTSWI II

SOS
�= (bbone : Normal).S SH3 BS | [(bbone : Normal).S GNEF + (sg :

Normal)(z).(z : Unknown)(gtp).S GNEF ]

RAF
�= (s : Normal)(i).(i : Unknown).ACTR Nt | ...

GAP
�= (sg : Normal)(x).(x : Unknown)(gdp).GAP

Finally, in the given environment E, we set

SY STEM
�= (νsACTSWI I : Aberrant)(νbboneACTSWI I : Aberrant)

(νsgACTSWI II : Aberrant)(RAS | SOS | GAP | RAF ) (18)

It is easy to find E 	 SY STEM : Ok. By Theorem 1, as a consequence of the
typechecking, we obtain that SY STEM does not reveal the aberrance of Ras
protein.
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7 Future Prospects

The typing system we introduced is very simple but strong. It can applied not
only into analyzing security protocols but also in the study of signal transduc-
tion with exception, which is also opening up new possibilities in modelling of
biochemical systems.

To make quantitative analysis is another important step for studying bio-
chemical systems. So far, our Iπ-calculus is concerned about qualitative analy-
sis. Could it do some quantitative analysis? Two functions ρ and σ which are
used to describe some quantitative properties of proteins will be found its value
in future work.
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Abstract. Distributed components, such as CORBA and COM+, implement the 
two-way invocation between the client and server using RPC in the distributed 
network. RPC requires that server must be certain and online all the time, which 
will endow the server with heavy burden and the system with single dependence 
on the server. The task certification and result certification, based on SPKI, are 
proposed to transform the RPC to Request/Response of XML-formed 
Certification. DHT is used to store and look up the certificates, which enable 
MR2CG (the Method of Coarse-Grained P2P Computing Based on XML 
Request/Response) to get rid of the limitation of the server and support the 
different kinds of Coarse-grained P2P computing. 

1   Introduction 

The central server can manage all the clients to collaboratively work in the traditional 
client/server or browser/server net. Though it is easy to implement the above structures, 
what cannot be neglected are the busy server and one point failure of the server 
resulting in the malfunction of the system. The server in the Client/Server-based 
coarse-grained computing must allot the subtasks and cope with these results of the 
subtasks. Consequently, all the clients must know the server address to set up the 
communication in advance and the server must be always on line. All these 
characteristics determine the Client/Server net can not well match the P2P net featuring 
dynamism and symmetry. 

SPKI/SDSI has resolved naming and authorization in the distributed network and 
presented one relatively comprehensive trust management. And DHT describes how to 
look up the resource in an efficient model in the distributed network. These lay a solid 
foundation for managing the XML-formed messages efficiently. The existing RPC is 
one special kind of message, involving some necessary parameters, which informs the 
remote object implementing a task [1]. SPKI-based CGP2PC (Coarse-Grained P2P 
Computing) has been presented in this paper to meet the following goals: 

− Constructing the system, in which the server is eliminated and all the peers act as 
both server and client to meet the dynamism and symmetry of the P2P net, 

− Guarantying the security of the task and result, 
− Auditing the results. 
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2   Related Works 

Distributed computing can not only be put into applications, but also boom in science 
research on multi-agent fields [2, 3]. Distributed computing is based on communication 
protocols (TCP, UDP) and middlewares (DCOM, CORBA). TCP and UDP require that 
communication components must know the counter’s IP and port. And their reference 
implementations offer the different invocation interfaces of the client and server. So 
TCP and UDP are implemented on the basis of the Client/Server structure. The 
CORBA of OMG and DCOM of Microsoft are standard distributed middleware. The 
client request and server response are carried out via ORB in CORBA [4], and mutual 
invocations between the server and the client component are executed via the connect 
point in DCOM [5]. Both CORBA and DCOM are able to implement the binary 
interoperation, offer the neutral interface, and provide transparency of the location. 
However, they are based on Client/Server structure and do not suit well the P2P 
network. 

There are many exampled applications based on Client/Server structure. 
Seti@Home[6] is one of the SETI (Search for Extraterrestrial Intelligence) projects. 
Other examples include solving the RSA cryptographic challenge on idle cycles of 
personal computers and finding large Mersenne prime numbers. The Verbeke of SUN 
Company has presented one framework for peer-to-peer distributed computing in a 
heterogeneous and decentralized environment, in which peers can be divided into three 
kinds of roles: TRM, TD, and TW. However, TDs take the server role in charge of 
allotting the subtasks and managing all the TWs [7]. However, TWs, implementing 
special computing task, will only exchange the messages with the peer performing the 
task assignment, which is not able to suit well the characteristics of P2P network and 
limits the computing efficiency. 

SPKI/SDSI presents one method on how to construct the authentication and 
authorization certificates [8]. It will take a long time for one peer to search the resource 
in the distributed and decentralized network because resources and replications are 
stored in diverse peers. DHT (Distributed Hash Table) [9] is one high efficient method 
to search the resources in the distributed network, and ConChord [10] and CAN [11] 
are the typical cases of DHT. 

3   MR2CG 

3.1   Definitions 

Let the task be S and the result be R. The task S can be divided into N subtasks: 
St(1)…St(N). Let the corresponding results of N subtasks be Rt(1) … Rt(N), run time 
be T(1) … T(N), and the parameters be Pt(1) … Pt(N). There will be 

− Parameters independency: Pt(1)∩…∩Pt(N)=NULL  
− Order independency: If the task is implemented in different orders, the result makes 

no difference. 
− Result independency: Rt(1)∩…∩Rt(N)=NULL 
− Execution independency: Any single subtask can be carried out independently. 
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CGC (Coarse-Grained Computing): the task and subtasks St(1)…St(N) can meet the 
above four kinds of independency. 

CICGC (Completely Independent Coarse-Grained P2P Computing): the result of the 
task is equal to the result of a subtask, that is, it can be defined in the mathematics form: 
∃(m){R≡Rt(m), 1≤m≤N}. Brute decryption DES key and Eight Queens are the typical 
examples. 

PCCGC (Partly Collaborative Coarse-Grained P2P Computing PCCGC) The result 
of the task is composed of all the subtasks’ results, that is, it can be defined in the 
mathematics form: {R=∪Rt(i), 1≤i≤N}. Sorting the large scale data and finding the 
prime numbers are the standing examples. 

SPKI name certificate can be used to express task S and subtasks St(1)…St(N) 
binding task and issuer together. To describe the results Rt(1)…Rt(N) binding result 
and executor together. So task and result certificates are: 

− Task certificate <Issuer, Task, TID, PTID, Validity>: Issuer is a public key or hash 
value of the Issuer, TID is the Task ID, PTID is the parent task ID of TID, and 
Validity is the period of certificate’s validity. 

− Result certificate <Executor, Result, TID, PTID, Validity>: Executor is a public key 
or hash value of the Executor, Result is the result of the TID task, TID is the Task ID, 
PTID is the parent task ID of TID, and Validity is the period of the certificate’s 
validity. 

3.2   MR2CG Structure 

MR2CG, depicted as Fig.1, comprises three layers from top to bottom: application 
layer, DHT layer and base layer. Application layer can mainly arrive at producing the 
task and result certificate, and implementing the computing. DHT layer can be in 
charge of storing and locating all the certificates, reconstructing the DHT ring when the 
peer joins and quits the group, and providing the interface of partitioning task, allotting 
task, executing task and expiring the certificate. The base layer is composed of net, 
software and hardware and offers the basic and necessary services. 

DHT layer revises the find_successor(id), find_predecessor(id) and Closet_ 
preceding_finger(id) to find the task certificate. Afterwards, DHT layer will return the 
task certificate from peer storing the certificate to the request peer, and pick the task 
certificate in the order of own-first and succeed-second. As a result, DHT layer can 
implement the interface of “allot”. 

 

Fig. 1. MR2CG structure, 1) partition, 2) allot, 3) execute, and 4) expire 
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Every peer in MR2CG has three sets: FTS (Free Task Set), ATS (Allotted Task Set) 
and CTS (Completed Task Set). The process of MR2CG can be divided into three parts: 
partition task, allot task and execute task. The corresponding operations in the three 
periods are Partition, Allot and Execute. 

Partition: Creator partitions the task T and plugs the TaskCert(No) into the FTS in 
the peer StorePeer. 

Partition = Creator ⎯⎯⎯⎯⎯ →⎯ )No(TaskCert
Store Peer 

Store Peer : FTS = FTS∪TaskCert( No ) 
(1) 

Allot: Request Peer applies for the new free task certificate and Allot Peer will 
dispatch TaskCert( No) to the Request Peer. Allot Peer will change the state of the 
TaskCert(No) from FTS to CTS. 

Allot = Allot Peer ⎯⎯⎯⎯⎯ →⎯ )No(TaskCert
Request Peer 

Allot Peer: FTS = FTS- TaskCert( No ),  ATS = ATS∪TaskCert( No ) 
(2) 

Execute: If Execute Peer finishes the TaskCert(No), it will produce the result 
certificate and insert the result certificate into the CTS in the Allot Peer. And then the 
Allot Peer change the state of the TaskCert( No) from ATS to CTS. 

Execute = Execute Peer ⎯⎯⎯⎯⎯ →⎯ )No(ResultCert
Allot Peer 

Allot Peer:ATS=ATS-TaskCert(No),Allot Peer:CTS=CTS∪ResultCert(No) 
(3) 

Expire: If Allot Peer does not receive the result certificate corresponding to TaskCert 
(No) during the Validity, it will change the state of the TaskCert( No) from ATS to FTS. 

4   Interface Design 

DHT layer in MR2CG mainly provides four function invocations: Partition, Allot, and 
Execute. One implementation algorithm based on Chord ring and one sum case will be 
given in the following part. 

4.1   Partition Invocation 

Partition invocation aims at splitting the task into the smaller grained subtasks, 
generating task certificates corresponding to the subtasks, and inserting these task 
certificates into the peers in the chord ring. The specialized steps can be listed as 
follows: 

− According to the one way hash function, all the online peers are mapped into the 
Chord space. 

− The peer setting up the computing task will divide the task into subtasks, which will 
be mapped into the Chord space according to the ID of the task certificate generated 
by the same direct hash function. 

Expire Allot Peer ⎯⎯⎯⎯⎯ →⎯ )No(TaskCert
Allot Peer 

Allot Peer: ATS = ATS- TaskCert( No ), FTS = FTS∪TaskCert( No ) 
(4) 
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− These task certificates are inserted into the Chord ring and put into the FTS of the 
correspondent peer. 

− If the peer wants to further divide these subtasks into smaller subtasks, the step 2 and 
3 are going to be implemented. Or else, the tag PTID in the task certificate will be 
same as the TID. 

Chord instance that sum form 1 to 1000 has been partitioned is illustrated in Fig.2. 
Chord data structure has been modified and the state item is added up to the finger table 
to express what the current state of the task certificate is. How to generate the finger 
table has been explicitly given in [13]. The online peers store all the task certificates 
whose states are FTS indicating that all the tasks are free. 
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Fig. 2. Chord ring after implementing the task partition 

From the above analysis, the partition interface holds the following characters: 

− supporting the tree-like hierarchy task partition, 
− every peer can determine the grain size and the number of the subtasks partitioned, 
− the different level of task certificates uniformly managed by Chord, 
− Task partition is also one coarse-grained computing and one parallel algorithm, 

whose time complexity is determined by the depth of the task partition tree and not 
influenced by the number of the subtasks.  

4.2   Allotting Task 

Chord only offers one lookup service so that one peer can search the value according to 
the key. If one peer apply for one free subtask, MR2CG will only need dispatch one 
arbitrary free subtask instead of one special free subtask. We modify the Chord 
algorithm to meet this requirement. 
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Theorem 1: One peer firstly accesses the succeed peer in the first row of its finger 
table, then access the succeed peer in the first row of its succeed peer’s finger table. In 
this order, the peer can visit all the active peers as well as all the task certificates stored 
in all the online peers. 

Proof: If all the online peers are sorted according to the Chord space order as Peer(0), 
Peer (3),…, Peer(i), Peer(j), …, Peer(M). So all these peers can construct one Chord 
ring: Peer(0), Peer (3),…, Peer(i), Peer(j), …, Peer(M), Peer(0). Let us say, one peer be 
peer(i), the next online peer be peer(j) in the Chord space. The first row of peer(i)’s 
finger table is [i+20,i+21] mod 2m and the peer(j) meets j>=(i+20=i+1) mod 2m. At the 
same time, Peer(j) is the minimal peer among the Peer(j), …, Peer(M) that are the 
succeed peers of the Peer(i), that is, Peer(j) is the direct succeed peer of the peer(i). So 
the Peer(j) is the succeed peer in the first row of Peer(i)’s finger table. All the online 
peers can be visited by accessing the succeed peer in the first row of the finger table in 
the order described in Theorem 1.                             □ 

On the basis of Chord, the “Allot_FreeTask” function dispatching the free atom tasks is 
added to Chord algorithm. How to search the free atom task is depicted in Fig. 3 as 
follows: 
− The requestor will implement the free atom subtasks stored in the local peer; 
− The requestor will search the succeed peers to request one free atom task in accord 

with Theorem 1, and the responder will change the state of the allotted atom task to 
ATS; 

− The responder will send the free atom task to the requestor.  

get the free task certificate form Chord ring by the peer n. 

TaskCert Allot_FreeTask(n) 
     if((q = HasFTS(n)>-1) return GetFTS(n, q); 
    m = n; 
     while(HasFTS(m)==-1 and m <> n) 
       m = m.finger[0].successor; 
     if(HasFTS(n)>-1) return GetFTS(m) 
    else return null; 

check the peer id whether to have the free atom task 

int HasFTS(id) 
    for( i=0; i<id.FTS.Size; i=i+1) 
       if(id.FTS[i].TID <> id.FTS[i].PTID) return i; 

     return -1; 
get the no i free atom task from the peer id 

TaskCert GetFTS(id,i) 
    AC = id.FTS[i] 
   id.ATS = id.ATS + AC 

     id.FTS = id.FTS - AC; 
     return AC  

Fig. 3. The algorithm of obtaining the free atom task from Chord rings by peer n 
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Fig. 4. Requesting and allotting free task in sum instance 

Requesting and allotting one task are depicted in Fig. 4. The entire task 4, 5 and 6 in 
the finger table of the peer 7 have been implemented and their states are CTS. Peer 7 
applies for one free atom task to its succeed peer 10, then peer 10 returns one free atom 
task 9, whose state is changed from FTS to ATS, to the request peer 7. 

4.3   Implementing Task 

Execute interface mainly generates the result certificate according to the task certificate 
and inserts the result certificate into the peer which stores the correspondent task 
certificate. Execute interface will perform the following steps: 

− The result certificate will be generated according to the task certificate. If the task 
certificate is standing for one atom task, the result certificate will be directly inserted 
into the peer who stores the correspondent task certificate, and the peer will change 
the state of the task certificate into CTS. 

− The peer storing the task certificate will inform the peer storing the parent certificate 
that this subtask has been completed. The peer storing the parent certificate can be 
searched by the peer storing the task certificate through the lookup service according 
to the tag PTID. 

− If all the subtasks are completed, the peer storing the parent task certificate will 
generate the result certificate in accord with the parent task certificate and Step 1 and 
Step 2 will be executed. 

The Execute interfaces of CICGP and PCCGP have different reference 
implementations. If one peer sets up one CICGP task, the peer will inform all the peers 
to wrap up the task upon receiving and verifying one result certificate that claims the 
result is successful. If the work is PCCGP, the peer can notify all the peers to finish the 
task until he receives all the result certificates.  
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5   Conclusions 

MR2CG, through task certificate and result certificate, allots the tasks and submits the 
results for P2P distributed network, which can eliminate the limitations of the server 
and gear to the dynamism of P2P network. MR2CG can locate the task and result 
certificates to dispatch and manage the subtasks replacing the online server. All the 
peers can carry out the computing to improve the efficiency in MR2CG. SPKI 
certificates are tailored into MR2CG to perform the trust management and identity 
audit. MR2CG can make the coarse-grained P2P computing in a much more efficient 
manner than RPC and Verbeke. 
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Abstract. A novel detection algorithm for V-BLAST system is proposed, based 
on the clonal selection theory and the idea of immune evolution. The 
complexity of the clonal selection detection algorithm for V-BLAST system 
(CA-VBLAST) is analyzed and the bit error ratio (BER) performance is 
verified via computer simulations. Simulation results show that the BER 
performance of CA-VBLAST detector with proper algorithm parameters is 
comparable with the maximum likelihood (ML) detector which presents the 
best BER performance but the highest computational complexity, and our CA-
VBLAST detector obtains a much more decreased complexity. 

1   Introduction 

In the past few years, information theory has shown that multiple-input multiple-
output (MIMO) systems can provide enormous capacities, provided that the multipath 
scattering of wireless channels is exploited with appropriate space-time processing [1-
3]. The diagonally-layered space-time architecture proposed by Foschini [4], now 
known as diagonal BLAST (Bell Laboratories layered space-time) or D-BLAST, is 
one such approach. D-BLAST utilizes multi-element antenna arrays at both 
transmitter and receiver and an elegant diagonally-layered coding structure in which 
code blocks are dispersed across diagonals in space-time. This processing structure 
leads to theoretical rates which grow linearly with the smaller number of transmit 
antennas and receive antennas, and these rates can approach 90% of Shannon 
capacity. However, this system requires a complex coding structure that makes the 
detection procedure complicated. Then Vertical BLAST (V-BLAST) [5] has been 
proposed as a simplified version of D-BLAST, which has been implemented in real 
time in the laboratory. Bell labs have demonstrated spectral efficiencies of 20-40 
bps/Hz at average SNRs ranging from 24 to 34 dB. Although these results were 
obtained in a relatively benign indoor environment, that spectral efficiencies of this 
magnitude are unprecedented and simply unattainable using traditional techniques. 
For these causes, we take V-BLAST into account. 

Many V-BLAST detectors have been proposed in recent years and some classical 
detection algorithms are introduced in [6]. The classical Golden detector was 
proposed by Golden [7], but its computational complexity is high for existing many 
times of pseudo inverse and sort operations; the MMSE-OSIC detection algorithm [6] 
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which uses MMSE nulling criterion has a good BER in the V-BLAST system with 
M N=  ( M :the number of transmit antennas , N : the number of receive antennas), 
but its BER will worsen if M N< compared with Golden algorithm; the detector 
combining interference cancellation with ML, which achieved a tradeoff between 
performance and computational complexity, was given by Ashish Bhargave [8], but a 
low transfer rate was resulted from the requirement of  a number of training 
sequences for the estimation of channel matrix. 

In this paper, a new detector based on clonal selection algorithm for V-BLAST 
system（CA-VBLAST）is presented, which obtains a comparable BER performance 
and a much more decreased complexity compared with ML detector. 

This paper is organized as follows: Section 2 describes the system model. In 
Section 3, we introduce the clonal selection detection algorithm for V-BLAST 
system. Section 4 gives the complexity analysis. Section 5 shows the simulation 
results and performance analysis. Concluding remarks are given in Section 6. 

2   System Model 

We consider a V-BLAST system equipped with M transmit antennas and N receive 
antennas. The high-level block diagram of this system is shown in Figure.1. A single 
data stream is demultiplexed into M substreams, and each stream is then encoded into 
symbols and fed to its respective transmitter. Transmitter1 M− operate co-channel at 
symbol rate of 1 T symbols/s, with synchronized symbol timing. Regardless of the 

number of transmit antennas, the total radiated power is constant and the power 
launched by each transmitter is proportional to1 M . Receivers 1 N− operate 

individually and co-channel, each receiving the signals radiated from all M transmit 
antennas. We assume that transmissions are organized into bursts of L symbols. We 
take the quasi-stationary viewpoint that the channel time variation is negligible over  
 

( )1s n

( )2s n

( )Ms n

( )1r n
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( )3r n
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Fig. 1. System model of V-BLAST 
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the L symbol periods comprising a burst, and the channel is estimated accurately. For 
simplicity, flat fading is assumed. We also assume symbol-synchronous receiver 
sampling and ideal timing. 

In flat fading channel, the received signal can be expressed as 

( ) ( ) ( )r n Hs n n n= + . (1) 

where ( ) ( ) ( ) ( )1 2[ , , , ]T
Ms n s n s n s n= denote the vector of transmit symbols; 

( ) ( ) ( ) ( )1 2[ , , , ]T
Nr n r n r n r n= denote the corresponding received signals;  

( )ij N M
H h

×
= is the matrix channel transfer function, where , 1, 2 , ,ijh i N=  

1, 2, ,j M= is the (complex) transfer function from transmitter j to receiver i , and 

M N≤ . ( )n n is the additional Gaussian white noise vector (AWGN) with 

components drawn from IID wide-sense stationary processes with variance 2σ , and 

( ) 0
HE nn N U= , U is the identity matrix. 

3   Clonal Selection Algorithm Based V-BLAST Detection 

3.1   Clonal Selection Theory 

Clonal selection theory was proposed by Burnet in 1959, and since then different 
clonal selection algorithms were proposed one after the other [9-14]. These human 
immune systems (HIS) realize researches which are uncorrelated to themselves by 
encoding and provide immune mechanisms such as noise endurance, unsupervised 
study, self-organization, memorizing and so on. HIS has been widely used in such 
areas as Anomaly Detection, Pattern Recognition, Job shop Scheduling, Optimization 
or Engineering Optimization and so on for the better ability of problem solving. 
Licheng Jiao, Haifeng Du and Maoguo Gong applied HIS to detection of 
communication systems and proposed immune clonal selection algorithm for 
multiuser detection in DS-CDMA communication systems [15]. It obtained a good 
detection performance with a low computational complexity. Inspired by the ideas 
above, we apply the clonal selection algorithm to the detection for the V-BLAST 
systems. 

3.2   The Clonal Selection Detection Algorithm for the V-BLAST System 

Let us assume a V-BLAST system equipped with M transmit antennas and N receive 
antennas operating with a coherent binary phase-shift keying (BPSK) modulation, 
and L is the frame length of transmitted bits. 

B is the transmitted bits matrix whose dimension is M L× during a data burst，we 

define B = { }(1) (2) ( ) (1) (2) ( )
1 1 1[ , , , ] ; ;[ , , , ]L L

M M Mb b b b b b { }( ) 1 , 1l
mb ∈ − . B is disposed 

column by column, so the search space of transmitted sequence is 2M .The detection  
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of V-BLAST system can be described as a combinatorial optimization problem(P): 
{ }min ( ) :f I∈b b , ( ) ( ) ( )

1 2[ , , , ], 1, 2, ,l l l
M l L= =b b b b  I denotes the set of  candidate 

solutions, f is the antibody-antigen affinity function. b  is the variant to be optimized, 
so the length of antibody is M . It does not need the coding operation for b is binary 
sequence. Since our intension is to obtain a comparable detection performance with 
ML detector, we define formula (2), according to the ML detection formula [6], as the 
affinity function: 

2
( )f r H= −b b . (2) 

where b is the i -th column of transmitted signal matrix, 1, 2,i L= , r is the 

corresponding i -th column of received signal matrix ( N L× ), H is the matrix 
channel transfer function. 

The clonal selection detection algorithm for V-BLAST can be described as 
follows:  

Step 1. Initialization. Set the halt conditions and algorithm parameters: population 
size n , clonal scale cN , mutation probability pm , clonal death proportion %T ; 

Initialize 1 2(0) { (0), (0), ,B b b=  (0)}nb nI∈ ; The number of generations k =0. 

Step 2. Calculate the affinity of population 

{ } { }1 2( ) : ( ( )) ( ( )), ( ( )), , ( ( ))nF k f k f k f k f k=B b b b . (3) 

Step 3. Judgement of halt conditions. While satisfy the halt condition, stop; if not, go 
to step 4. 

Step 4. Clonal Death Operation C
dT to ( )kB . Get ( )k′B (father) by substituting the %T  

antibodies with high affinity for the %T  antibodies with low affinity. 

Step 5. Clonal Operation C
cT to ( )k′B . Get ( )kY with population size ( )1cn N× + by 

cloning each antibody of ( )k′B , the sum of clone times is cN . 

Step 6. Clonal Mutation Operation C
mT to ( )kY . According to the mutation 

probability mp , the cloned antibody populations are mutated as follows: 
C( ) ( ( ))mk T k=Z Y ,  all genes of each antibody of ( )kY multiple -1 with probability 

mp . It is no need to apply mutation operation to father to avoid the loss of good 

information of father. 

Step 7. Clonal Selection Operation C
sT to ( )kZ (child). Calculate the affinity of 

population, and the antibody with the highest affinity is selected to the next 
generation among all the antibodies of each group including all children of each father 

and each father itself, so get the antibodies population ( 1)k +B of the next generation. 

We also get the optimum antibody of the current generation by checking the highest 

affinity from ( )kZ . 1k k= + , go to Step 2. 
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4   Computational Complexity 

The ML detector [6] has an exponential complexity ( ( )MO P , P is the modulation 
stage, M is the number of transmit antennas) for it need to present a full-search to the 
search space of the transmitted sequences. When M is large, the complexity is 
striking.  

The OSIC detector offers an obviously decreased complexity, but the complexity is 
still very high ( 4( )O M ) for many times of pseudo inverse [16]. 

We define that CA-VBLAST detector has a population size n , clonal scale cN , 

mutation probability pm , clonal death proportion %T , number of transmit 

antennas M , frame length of transmitted signals L and runs for ga generations. 

During one “data burst”, a M L× transmitted data matrix is presented and operated 
column by column, so the length of coding is M . For a given L , the computational 
complexity of the algorithm is decided by two elements: one is ga and the other is the 

computational complexity per generation gN . Therefore, the complexity will 

be ( )gO N ga× . Enact ga Mα= , whereα is a constant. The time complexity per 

generation for the algorithm can be calculated as follows: 
The time complexity is ( )n MO × for initialing antibody population and calculating 

the antigen-antibody affinities for all antibodies; the time complexity for clonal death 

operation is
( 1)

( )
2

n n
O

× −
; ( )cN n MO × × for clonal operation and clonal mutation 

operation, and
( 1)

2
c cn N N

O
× × +⎛ ⎞

⎜ ⎟
⎝ ⎠

 for clonal selection operation. So the worst total 

time complexity is 
( 1)( 1)

( ) ( ) ( )
2 2

c c
c

n N Nn n
n M N n MO O O O

× × +× − ⎛ ⎞× + + × × + ⎜ ⎟
⎝ ⎠

. 
 

(4) 

where, cN and n  are set as constants. According to the operation rules of the 

symbol O , the worst time complexity of one generation for CA-VBLAST is ( )O M . 

Thereupon the complexity of the new algorithm is 2( )O M . This implies significant 

computational savings over the ML detector. 

5   Simulation Results and Performance Analysis 

To certify the effectiveness of the new detector, the performance of CA-VBLAST is 
evaluated via computer simulations and compared with the detectors based on 
standard genetic algorithm [17] (GA-VBLAST), ML algorithm, MMSE-OSIC 
algorithm and Golden algorithm. BPSK modulation, the frame length 50 and a flat-
fading and quasi-stationary rayleigh channel are assumed. Considering the complexity 
of ML detector, we set the number of transmitted frames 100. 10 times Monte-Carlo 
simulations are adopted. We consider the V-BLAST systems with 4×4, 4×8 and 8×8 
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antenna configurations. The maximum number of generations ( ga ) is considered as 

stopping criterion in the simulation of CA-VBLAST and GA-VBLAST. 

4×4 V-BLAST 
We set ga  =20 here. We define population size of GA-VBLAST n =20, selection 

probability 0.4, cross probability 0.6, mutation probability 1mp M= ; CA-VBLAST 

has a population size n =4, clonal scale cN =4, clonal death probability %T =50%, 

clonal mutation probability 1mp M= . 
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Fig. 2. The BER simulation result versus snr (4×4) 

Figure.2 shows that ML detector obtains the optimum BER performance, but its 
exponential complexity is the highest. CA-VBLAST exhibits a comparable BER with 
the ML detector and a much better BER than other detectors. BER of CA-VBLAST 
reaches 310−  when snr =10 dB, and BER equals to 210−  when snr =6dB which saves 
4dB than MMSE-OSIC. CA-VBLAST also has a much lower computational 
complexity than ML, which demonstrates the effectiveness of the new detector. GA-
VBLAST does not have a satisfactory BER performance with the same iterative 
generations, because GA is subject to converge prematurely for the limitations of its 
algorithm mechanism. 

4×8 V-BLAST 
CA-VBLAST and GA-VBLAST run for the same generations in 4×8 V-BLAST as in 
4×4 V-BLAST and the rest algorithm parameters are all the same.  

Figure.3 shows that CA-VBLAST obtains a better BER performance in 4×8 
( M N< ) V-BLAST than in 4×4 ( M N= ) V-BLAST with the same iterative 
generations. It is obvious that CA-VBLAST has an absolute identical BER compared 
with ML in 4×8 V-BLAST. The BER of CA-VBLAST equals to 410− when snr =6 dB  
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Fig. 3. The BER simulation result versus snr (4×8) 

which means a much better improvement compared with 210− in 4×4 V-BLAST. The 
conclusion is that the more the number of transmit and receive antennas, the better 
performance is obtained in V-BLAST system.  

8×8 V-BLAST 
As M is increased, the solution space is extended, so we should alter the parameters of 
CA-VBLAST and GA-VBLAST. The V-BLAST system runs for 200 and 400 
generations respectively, and the rest algorithm parameters of CA-VBLAST and GA-
VBLAST keep invariable. 

Figure.4 shows that a just passable BER performance is obtained by CA-VBLAST 
from 200 runs in 8×8 V-BLAST without altering others algorithm parameters. It is 
also unsatisfactory from 400 runs. It demonstrates that the number of iterative 
generations should be increased following with increased number of transmit  
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    (1)  200 generations                                   (2)  400 generations 

Fig. 4. The BER simulation results versus snr (8×8) 
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antennas, the satisfactory BER performance can not be obtained by increasing the 
number of iterative generations purely. So the algorithm parameters should be altered 
to get the comparable BER with ML detector. 

For less runs and satisfactory BER, the population size n is increased. The new 
population size of CA-VBLAST equals to 8 which equals to 4 formerly, and 40 of 
GA -VBLAST which equals to 20 formerly. The result is followed as Figure.5 (1) 
from 100 runs. We also increase the mutation probability following with the larger 
population size for much less runs. The mutation probability mp is changed 

from1 M to 2 M . Figure.5 (2) shows the result from 50 runs. 
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   (1) n =8 mp =1 M for CA-VBLAST             (2) n =8 mp = 2 M for CA-VBLAST  

      n =40 mp =1 M for GA-VBLAST                   n =40 mp = 2 M for GA-VBLAST 

                    100 generations                                              50 generations 

Fig. 5. The BER simulation result versus snr with altered parameters (8×8) 

It is obvious that the BER curve of CA-VBLAST in Figure.5 (1) from less runs 
approaches ML better than in Figure.4. The BER curves of CA-VBLAST and ML are 
better approached in Figure.5 (2) from 50 runs than in Figure.5 (1). So the conclusion, 
a much better BER performance should be obtained by increasing the population size 
and mutation probability from less runs as the transmit antennas are increased, can be 
presented.  

Better population diversity and stronger ability of random search can be obtained 
from the increased population size and mutation probability, so satisfactory BER 
performance can also be gained by CA-VBLAST with relatively less iterative 
generations. But the population size and mutation probability can not be random 
altered. 

6   Concluding Remarks 

In this paper, an artificial immune system algorithm for V-BLAST detection inspired 
by the antibody clonal selection theory was proposed. Theoretical analysis and 
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computer simulations have shown that the new clonal selection detector could reduce 
the computational complexity significantly and exhibit better BER than standard 
genetic algorithm detector and some classical detectors for V-BLAST systems. With 
proper parameters, the BER curve of CA-VBLAST detector can be obtained which 
approaches the curve of ML well, so the effectiveness of our algorithm is fully 
testified. 

The future work is that the clonal selection algorithm combined with orthogonal 
frequency division multiplexing (OFDM) is to be utilized in the V-BLAST system 
with frequency selective fading channels. 
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Abstract. In order to improve error resilient capability and transmission 
efficiency for image transmission over wireless channels, a joint source channel 
coding (JSCC) scheme was proposed. Adaptive segmentation can segment an 
image into different size of block with different level of significance; high 
degree bit nodes within an irregular low-density parity check (LDPC) code can 
provide unequal error protection (UEP) scheme. So the adaptive segmentation 
and irregular LDPC coding were combined together to provide JSCC. 
Simulation results show that the proposed scheme can support robust image 
transmission in a very effective way with high visual quality.  

1   Introduction 

JSCC has been proven to be very promising to provide reliable image transmission 
while maintaining high transmission efficiency[1]. An important means to achieve 
JSCC is to partition source information with different levels of significance so that 
different levels of error protection may be applied as just required[2-3]. However, in 
this paper, we proposed an adaptive segmentation method in terms of pixel intensity 
variation, which is further incorporated with an UEP scheme to achieve high error 
resilience for image transmission. 

According to the weight of columns in the parity check matrix being equal or not, 
LDPC code can be divided into two classes: regular code and irregular code. The 
performance of irregular code is much better than the regular one[4-5]. Except the 
unique performance to Shannon limit, irregular LDPC code can provide UEP by 
different degree bit nodes. Accordingly, a robust and efficient image transmission 
scheme based on adaptive segmentation and irregular LDPC is contrived in this paper.  

2   Adaptive Image Segmentation 

A non-stationary image source S  may be considered as a combination of a set of 
stationary sub-sources 1S , 2S , 3S  ... LS , and each sub-source can be considered as 

stationary. So motivated by this theory, an adaptive segmentation was contrived in 

                                                           
* Work was supported by grant NO.60534070 from the national foundation of China. 
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this paper, which follows the variation of stationarity.  And is determined by the pixel 
varianceσ of the block, which is calculated by the following.  

∑∑
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x  
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M , N  is width and height of each image block respectively. 
The algorithm of adaptive segmentation consists of the following steps [6]:  

Step 0. Set a threshold for variance control Tσ in terms of certain visual quality 

guarantee. 
Step 1. Select an initial seed block with a size of 88×  ( n is equal to 1) 
Step 2. Extend the seed block to surrounding blocks ( 1+= nn ).  
Step 3. Calculate the pixel variance σ of the extended block. If the variance within 

the block is less than the threshold Tσ , set the extended block as a seed block and go 

to step 2 or go to step 1 otherwise.  

3   Proposed JSCC Scheme Based on Segmentation and Irregular 
LDPC 

An ensemble of irregular LDPC code's column and row weight distribution can be 
described by two polynomials: 

∑
=

−=
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−

=
∑= ρρ  

(2) 

Where, iλ and iρ  represent the percentage of edges emitting from bit nodes and 

check nodes with degree i ; vd and rd are the maximum degrees for bit nodes and 

check nodes, respectively. 
The decoding procedure of irregular LDPC codes is the same as that of regular 

LDPC codes using an iteratively probabilistic algorithm [7]. In the process of 
decoding, the bit nodes with high degree can get more information from neighbor 
check nodes, so the bit nodes with high degree can be decoded very fast with high 
validity. That is the inherent UEP property of irregular LDPC codes. 

The algorithm of the UEP scheme in proposed JSCC consists of the following 
steps: 

(1)  Set variance threshold 1σ  and 2σ ,which satisfy 21 σσσ >>T . 

(2)  Compare the pixel variance of the each block σ which has been provided by 
SSI from adaptive segmentation with 1σ  and 2σ . 

(3)  If 1σσσ >>T , these blocks (denoted as 1B ) need the most powerful error 

protection and correspond to the bit nodes with highest degrees in irregular LDPC 
codes. 
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(4)  If 21 σσσ >> , these blocks (denoted as 2B ) need a relative lower error 

protection than blocks B1, corresponded to the bit nodes with moderate degrees in 
irregular LDPC codes. 

(5)  If 2σσ < , these blocks (denoted as 3B ) need the lowest error protection 

and encoded by the bit nodes with lowest degrees in irregular LDPC codes. 

Arranging the image block with the above rule, the most important bits are 
transmitted by the part with the most powerful error protection. 

4   Simulation Results 

In experiment, we compare two kinds of transmission schemes. The first one is 
adaptive segmentation with UEP by code1 scheme. The second is JPEG coded image 
with Equal Error Protection (EEP) by code 2. A 256256× gray image Lena is used 
for test. In experiment, SUI-3 channel model was used. BPSK was choosen. The 
threshold Tσ is equal to 10, 1σ  is equal to 6 and 2σ is 3 .The interactive number is 

equal to 50 in the LDPC decoding. Code 1 is irregular LDPC code, the code's block is 
8192 bits, and code rate is 1/2, the column polynomial and row polynomial are as 
fellows: 

49192 4132x.03306x.0124x.01322x.0)x( +++=λ  1514 1322x.08678x.0)x( +=ρ . (2) 

Code 2 is regular LDPC code each bit node has 10 edges and each check node has 
20 edges. Simulation of different PSNR (peak-signal-noise-ratio) to SNR are 
presented in Fig.1. As a special example, the PSNR and visual characteristic of 
reconstructed images transmitted by two schemes when Eb/No=1.6 and 1.1dB are 
given in Fig.2. 

It is clear that the proposed JSCC with adaptive segmentation combined with 
irregular LDPC outperforms the traditional JPEG coding scheme with equal error 
protection (EEP) substantially. The image quality of the UEP scheme (PSNR=49.02 dB) 
is about 17.78 dB higher than that of the EEP scheme (PSNR=31.24 dB) when  
Eb/No=1.6dB. This is because, channel errors likely corrupt those less significant  
 

 

Fig. 1. Comparison of  reconstructed 
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(a)(PSNR=31.24)     (b) (PSNR=20.59)   (c)(PSNR=49.02)     (d)(PSNR=32.94)  

Fig. 2. Comparison of Reconstructed image (a) (b) JPEG with EEP, (c) (d) adaptive segment-
ation with UEP;(a)(c) Eb/N0=1.6dB, (b(d) Eb/N0=1.1dB 

blocks, which are relatively easy to be concealed due to less details being included. 
The most significant blocks, which are coded by the high degree bit nodes in LDPC 
codes, can get higher error protection. 

5   Conclusions  

In this paper, an efficient and reliable image transmission scheme based on JSCC is 
contrived. In this scheme, adaptive segmentation and irregular LDPC coding are 
designed jointly. Adaptive segmentation potentially leads to a high compression ratio 
whilst indicating different levels of source significance of individual blocks. 
Consequently, irregular LDPC code is employed to provide UEP to different 
important image blocks in terms of SSI. Simulation results confirm that this scheme 
can support robust image transmission in a very effective way while yielding high 
visual quality in various channel conditions without any cost. 
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Abstract. Wireless sensor and actor networks (WSANs) are composed of a 
large number of sensors and a small number of (mobile) resource-rich actors. 
Sensors gather information about the physical phenomenon, while actors take 
decisions and then perform appropriate actions upon the environment. Real time 
and network lifetime are important factors of WSANs. So in this paper, a 
single-actor selection problem for WSANs is addressed from real time and 
nodes’ Relay Bound constraints first, and then a multi-objective programming 
is provided. After that, two approximate algorithms, Global Relay-Bounded and 
MIN-MAX Hops (GRBMMH) and Distributed Relay-Bounded and MIN-MAX 
Hops (DRBMMH), are put forward. In the performance evaluation, those 
algorithms are compared with MECT (Minimum Energy Cost Tree) and 
MPLCT (Minimum Path Length Cost Tree) algorithms. 

Keywords: Wireless Sensor and Actor Networks, Real-Time Communications, 
Energy Efficiency, Relay-Bound. 

1   Introduction 

In the wireless sensor and actor networks (WSANs), there are a small number of actor 
nodes as well as a large number of sensor nodes. As in the wireless sensor networks 
(WSNs), sensor nodes, which are passive elements sensing from the environment, 
have limited energy, processing and wireless communication capabilities. Those actor 
nodes, which are active elements acting on the environment, have higher processing 
and communication capabilities, less constrained energy resources (longer battery life 
or constant power). Compared with sink nodes in WSNs, actor nodes are closer to 
sensor nodes around the event area, so the delay of data delivery is shorter, and the 
real-time requirements of the applications are met easily. There are many potential 
applications of WSANs, such as battlefield surveillance and microclimate control in 
buildings, nuclear, biological and chemical attack detection, industrial control, home 
automation and environmental monitoring [1] [2]. 

There are single-actor and multi-actor models in WSANs. In the single-actor model, 
sensor readings may be sent only to one actor. In this way, if the actor has enough 
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capability to perform the action, it can immediately perform the action, especially for 
single-actor task. This implies that in the model latency between sensing and acting 
may be low as well as there may be no needed for actor–actor coordination [1]. In the 
multi-actor model, multiple actors can also receive the information about the sensed 
event. In the model, actor–actor coordination is always necessary; on the one hand 
each actor receiving sensor data has partial information about the overall event, on the 
other hand it can avoid many actors making repetitive and redundant decisions to the 
same event. So the model may cause high network load as well as high latency. 

In the paper [3], a distributed coordination framework for WSANs is provided. It 
considers multi-actor single task model mainly, and involves multi-actor selection 
algorithm. Some real-time and energy-efficient routing [4] [5] [6] are concerned. 
Multi-sink position [7], placement of integration points between the wireless and 
wired network [14], minimum energy data gathering problem with multiple sinks 
[15], and data acquisition with voronoi clusters [16] are concerned. But single-actor 
selection problems haven’t be presented. 

In WSANs, sensor nodes have limited transmission range, and therefore are forced 
to route their data over multi-hops until the data reach the final destination. So there is 
an unavoidable problem of unbalanced energy dissipation among different nodes: the 
nodes, closer to the actor as a collector, are burdened with a heavy relay traffic load 
(i.e., the “hot spot” problem). The problem leads to the situation where some nodes 
lose energy at a higher rate and die much faster than others, possibly reducing sensing 
coverage and leading to network partitioning. So we first introduce a concept: Relay 
Bound. There are two reasons for introducing it: there exists a capacity problem when 
a node’s processing speed becomes the bottleneck; it is necessary for avoiding 
relaying packets superfluously for one event. Via setting Relay Bound threshold, any 
one node couldn’t consume more energy for one event, and the network lifetime of 
WSANs is prolonged. Besides energy constraint, real-time requirement of the 
applications is important for WSANs. To satisfy the real-time constraint at the same 
time, we minimize maximum hops from sources to the selected actor, and put forward 
multi-objective programming of single-actor selection problem. 

In this paper, we investigate schemes to efficiently select single actor in WSANs. 
Our key contributions are: 

 We formulate the single-actor selection problem from network lifetime and real-
time aspects. Our algorithms aim to minimize the maximum number of hops 
from sources to the selected actor while guaranteeing nodes’ Relay-Bounded 
constraint. 

 We put forward two approximate algorithms, Global Relay-Bounded and MIN-
MAX Hops (GRBMMH) and Distributed Relay-Bounded and MIN-MAX Hops 
(DRBMMH).We demonstrate the efficiency of the algorithms through simulation. 

The paper is organized as follows. In Section 1, we state single-actor selection 
algorithm from real-time and nodes’ Relay Bound. In Section 2, we provide the 
preliminary model and concepts used in the paper, and propose a multi-objective 
programming formulation for RBMMH in section 3. We describe a global approximate 
algorithm GRBMMH and a distributed approximate algorithm DRBMMH respectively 
in section 4 and 5. Detailed comparative performance evaluation and simulation results 
are presented in Section 6. Finally, in Section 7 we draw the main conclusions. 
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2   Network Model and Definitions 

2.1   Network Model 

The single-actor selection problem, in its simplest form, is to select only one actor as 
the collector that can receive sensor readings in real-time and efficient way. 

The network of sensor and actor nodes is represented as a directed graph G (V, E), 
where V is a finite set of sensors and actors (vertexes) in a finite-dimension terrain, 
with v=|V|, and the arc set E stands for valid communication links. Let A represent the 
set of actors, with m=|A|. Let N represent the set of sensors, with n=|N|. We refer to an 
actor that is collecting traffic from one or more sources as a collector. Let S be the set 
of traffic sources, with s=|S|. This set represents the sensor nodes that detect the event, 
i.e. the sensors residing in the event area. It is obvious, ν=n+m, V=N∪A, S⊂N, and 
N∩A=φ. 

In the paper, we assume: Sensors have the same capability such as communication 
range, energy, and sensing range. Sensors and actors are immobile.  

2.2   Definitions and Decisions 

Before providing the multi-objective programming of single-actor selection, we first 
introduce some symbols and definitions [11]. We don’t consider data aggregation. 

Definition 1. A path from a sensor i∈S to an actor a∈A is a non-empty subgraph Pi→a 
of G, where Pi→a=(Vi→a, Ei→a), Vi→a={i, i1, i2, …, in, a} , i, i1, i2, …, in∈N, Ei→a={(i, i1), 
(i1, i2), …, (in-1, in), (in, a)}⊆E. The node i∈S is called as the initiator node or traffic 
source, and the nodes i, i1, i2,…, in∈N are called as intermediate nodes or relay nodes. 

Definition 2. The cost of an arc (i, j)∈E, eij is defined to be a real-valued function e: 
A→ℜ. The cost of a path Pi→a from a sensor node i∈S to an actor node a∈A is given by 

( )
( )
∑

→∈
→ =

aiEkj
jkai ePe

,

. 

Definition 3. The minimum cost path min
aiP→ from a sensor node i∈S to an actor node 

a∈A is a path with the vertex set min
aiV → , where e(Pi→a) is a minimum, i.e., 

( ){ }
aiP

aiai PeP
→

→→ = minargmin

. 
The minimum cost tree Tmin=(V′, E′) is a subgraph of G=(V, E), V′⊆V, E′⊆E, where 

{ }minmin min ai
Si

Aa
PT →

∈
∈

=∪ . 

The tree ( ) AaEVTa ∈′′′′= ,,min is a subgraph of G= (V, E), V″⊆V, E″⊆E, where 

∪
Si

aia PT
∈

→= minmin
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The tree min
aT  is a collection of all the minimum cost paths from the sensors residing 

in the event area to the actor a. It is worth noting that not all sensors are the vertexes 
of the minimum cost tree. 

Definition 4. Let s=⏐S⏐, n=⏐N⏐, m=⏐A⏐, v=⏐V⏐=n+m. The path matrix MP 

= ( )
vnms

ia
jkp

×××
of the tree min

aT  a∈A is defined by 

( )
⎩
⎨
⎧ ∈∈

= →

               otherwise                0

, if              1 SiEj,k
p aiia

jk . 

The elements of the form ia
jkp should be read as follows: If we consider a path from a 

sensor i to an actor a, and if the link connecting the nodes j and k lies on that path, 
then the value of the element is 1, otherwise 0. 

Definition 5. Let i∈S, a∈A. The set of relay nodes of the path Pi→a is defined as 

Ri→a = {j∈N : j∈Vi→a−{a}}⊆N. 

Definition 6. The hops of the path Pi→a are defined as 

li→a=|Ri→a| 

Theorem 1. Let Pi→a be the path from a sensor i∈S to an actor a∈A. Then we have 

∑∑
∈ ∈

→ =
Nj Vk

ia
jkai pl . 

The result of theorem 1 can be used to calculate the hops of each path in the tree Ta. 

Definition 7. Let a∈A. The branch set of a relay node j∈N is defined as 

}.:{ ai
a
j RjSiB →∈∈=

 

Similarly, the set of branch nodes or the branch set of an actor node a∈A is defined 
as 

∪
Nj

a
j

a BB
∈

=
. 

Definition 8. The branch size of a relay node j∈N is defined as 

∑
∈

=
Aa

a
jj Bb . 

Theorem 2. Let Tmin
 be the minimum cost tree in a sensor and actor network, and j∈N 

be an arbitrary sensor node. Then, we have 

∑∑∑
∈ ∈ ∈

=
Aa Ni Vk

ia
jkj pb . 
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Definition 9. The relay bound threshold C is defined as the maximum packets 
allowed to be relayed by any sensor between the instant when the sensors sample the 
physical features of the event and the instant when the actor receives a data packet 
describing these event features. 

In this study, we define the network lifetime as the time duration till the first sensor 
node runs out of initial energy. The threshold C can be calculated before network is 
deployed. 

Given initial energy E, network lifetime T, event frequency f, maximum energy 
dissipation of receiving and relaying a packet E1 (it is related to communication 
radius and the deployed environment), then the relay bound C of the sensors is 

C ≤ ⎣E / ( E1*T*f )⎦ . 

3   Multi-objective Programming 

Network lifetime and real-time are important factors for single-actor selection 
problem. So we model the single-actor selection problem as multi-objective 
programming from relay bound and the minimum of maximum hops. We introduced 
the notation hi that is used in the problem formulation. 

-hi is a binary variable representing actor i, that equals 1 iff actor i is selected as a 
collector. 

Given: C . (1) 

Find: 
ia
jkk ph , . (2) 

∑∑
∈ ∈∈

Nj Vk

ia
jkp

Aa
max  min . (3) 

Subject to: 

NjCp
Aa Si Vk

ia
jk ∈∀≤∑∑∑

∈ ∈ ∈

      
. 

(4) 

Sihpp a
Vk

ia
ki

Vk

ia
ik ∈∀∈∀=−∑∑

∈∈

A,a    . (5) 

N-SjA,aS,ipp
Vk

ia
kj

Vk

ia
jk ∈∀∈∀∈∀=−∑∑

∈∈

   0 . (6) 

AaSihpp a
AVk

ia
ak

AVk

ia
ka ∈∀∈∀=− ∑∑

−∈−∈

,   . (7) 

{ }1,0               1 ∈=∑
∈

a
Aa

a hh . (8) 

The objective function (3) minimizes the maximum hops of the network. The 
constraint (4) expresses that the relay nodes of each sensor node from sensors in the 
event area to the selected actor are less than the relay bound threshold C. Constraints 
(5-7) express conservation of flows, i.e. each source generates a flow, which is 
collected by an actor. In particular, constraint (5) guarantees that a source node 



 Relay-Bounded Single-Actor Selection Algorithms for WSANs 421 

generates a flow on the tree of the selected actor, and only on that one; while non-
source nodes do not generate any flow. Constraint (6) imposes that the balance 
between incoming and outgoing flows is null for non-source and non-actor nodes. 
Constraints (7, 8) require that only one actor collect flows generated by each source. 

Integer multi-objective programming belongs to a class of problems known as NP-
hard. It is difficult to solve the problem even with the professional solver such as 
cplex[8]. So a global approximate algorithm of relay-bounded and min-max hops is 
provided in next section. 

Input: set of sources S, set of sensors N with relay bound threshold C, set of 
actors A, graph G on the set N∪A with capacities on its vertices. 

Output: an actor selected as the collector. 
BEGIN 
for all a∈A do 

Set MaxHop(a)=inf; Set TotalEnergy(a)=inf; 
end for 
while (A not empty) do 
Select an actor a from A. 
Let G′ be the subgraph of G induced on N∪{a}, with the same capacities as G. 
Flag=true; 
for each sensor j∈S do 

Try to find a path Pj→a with minimum hops from j to a. (the path with 
minimum energy dissipation is selected if there exist multi-path) 

if No path is found then 
  Flag=false; break; 

end if 
for all k∈ Pj→a∩N do 

Ck=Ck−1; 
if Ck= =0 then 

Remove the node k and the edges related to k from G′. 
end if 

end for 
end for 
if (Flag) then 

Set MaxHop(a)←maximum number of hops; 
Set TotalEnergy(a) ←total energy consumption per event. 

end if 
A=A−{a}; 

end while 
The actor with Minimum value in MaxHop is selected as the collector. (If exist 

multi actor with same MaxHop, the actor with minimum TotalEnergy is selected.) 
END 

Fig. 1. A skeleton of GRBMMH 
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4   A Global Approximation Algorithm of RBMMH 

In the section, we provide a Global Relay-Bounded and Minimum Maximum Hops 
algorithm (GRBMMH) for single-actor selection. In GRBMMH, sensors try to find an 
actor so that at the premise of relay bound constraint, the minimum hops from the 
sensors in the event area to that actor can be constructed and thus event information 
can be transmitted in time. 

We design the algorithm as follows. We iteratively consider the maximum hops 
from sources to each actor. For computing the maximum hops, we iteratively pick a 
source node, and find a path with minimum hops to the actor. If there are multi-path, 
the path with minimum energy dissipation is selected. Since there is the relay bound 
in every node, the graph is reconstructed after one path is found. For each node in the 
path, the relay bound is decreased one. If the relay bound is zero, the node and the 
edges related to it are removed from the graph. At last, the maximum hops of every 
actor are calculated and the actor whose maximum hops is smallest is selected as the 
collector. Figure 1 shows a skeleton of the algorithm. 

5   A Distributed Approximation Algorithm of DRBMMH 

Before providing the algorithm, we introduce some assumption. Each sensor node is 
aware of: i) its position, as the sensor node can be equipped with a GPS receiver, or 
the position can be determined by means of localization techniques [8] [9]; ii) the 
position of its neighbors, as every node periodically sends its position to its neighbors; 
iii) the position of the actors, as each actor periodically beacons its position in the 
sensor field; iv) the network is synchronized by means of one of the existing 
synchronization protocols [16]. 

The shorter the distance between the center of event area and the selected actor is, 
the faster the actor may take appropriate action. Moreover, if all the actors have same 
action range, it is more possible that the event area is fully covered by the closest 
actor’s action range; Even if different actor has different action range, the actor is 
closer to the actors whose action range cover the event area, which is help to decrease 
time-delay of action. 

So in our distributed algorithm, the main idea is that the actor which is closest to 
the center of the event is selected as the collector, and that the network, from source 
nodes to the actor, is constructed to transfer sensor reading. In the tree framework 
rooted at the actor, the node, which is closest to the collector, has more heavy traffic. 
The number of its branch nodes will be over the relay bound threshold. So the tree 
structure is unable to meet our requirement. At first each source in the event area 
sends a REQUENT packet to the node with best forward in random time. When 
receiving a REQUENT packet, the node decides whether the number of its branch 
nodes is over the relay-bounded threshold. If not, the node sends an ACK packet for 
acknowledge, and else sends a UNACK packet to the sender. For the node receiving 
the UNACK packet, it selects the node with second closer to the actor as the relay 
node, and sends REQUEST packet again. Since in the distributed algorithm, we only 
consider the case that for each source node, there is a greedy path to the actor, and 
each node in the path meet the relay threshold, so the traffic network could be 
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constructed via REQUENT/ACK/UNACK packets. For every event source, each 
node records the id of its relay node and the number of packets to each relay node. 
When an event happens, source nodes transfer the reading to their relay node. 
According to the number of packets to their relay node, intermediate node sends the 
receiving packets to corresponding relay node. 

6   Performance Evaluation 

Before evaluating the performance of those algorithms, we introduce three metrics: 

Average number of hops: without collision and retransmission, average hops reflect 
the time by the packets traveled. The smaller average number of hops is, the shorter 
the delay of data delivery is. 

Average energy per packet: This metric represents the average energy consumed in 
the network for transmitting and relaying a data packet until the actor successfully 
receives it. 

Maximum packets relayed by the nodes: this metric represents network lifetime from 
one aspect. The metric is bigger; it means that there exists one node’s energy 
consumed quickly, so the network lifetime is shorter. 

To contrast the algorithms of GRBMMH and DRBMMH, we introduced two 
algorithms: minimum energy cost tree (MECT) and minimum path length cost tree 
(MPLCT). In MECT, sensors try to find an actor so that the minimum energy cost 
path from the sensors in the event area to that actor can be constructed and thus event 
information can be transmitted in an energy efficient way. In MPLCT, sensors try to 
find an actor so that the minimum path length cost tree from the sensors in the event 
area to that actor can be constructed. The two algorithms are implemented based 
global network status also. 

All algorithms were implemented in Matlab [13]. We consider three different 
simulation scenarios. In each scenario, there is a square area of 100mX100m, and 
circle event area with radius 20m and centre coordinate (50, 50). Four actors are 
randomly placed at 10mX10m area in the four different corner of the deploy area. In 
scenario 1: we vary sensors nodes with the number ranging in [50,300], step 25. In 
scenario 2: 200 sensors nodes are randomly deployed. We vary Communication 
radius of the sensors from 20m to 36m. In scenario 3: 200 sensors nodes are randomly 
deployed. We vary relay threshold from 4 to 10 for the approximate algorithms. For 
different setup in each scenario, we simulate at least 50 times. In the simulation, we 

adopt the energy model: eij = τκ α +ijd [12] (where dij is the Euclidean distance 

between nodes i and j.), α = 4, τ = 50nJ/bit, κ = 100pJ/bit/mα. The transmission range 
of sensors is set to 25m in the scenario 1 and 3. The relay bound threshold is set to 6 
in the scenario 1 and 2. 

In scenario 1, the study focuses on sensor density effect on different algorithms. 
Figure 2 (a) we can see that the average hops of MECT are most, are 9 when sensor 
number is more than 100. The average hops of other algorithms are almost same, and 
less than 4. Figure 2 (b) shows, the average energy per packet of GRBMMH and 
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DRBMMH are bigger than that of MPLCT and MECT. Since there are relay 
threshold in every node, some packets are transferred by far path. For MPLCT, 
GRBMMH and DRBMMH, average energy per packet change little as sensor density 
increases. The value of MECT drops slowly. This is since a sensor is likely to select 
the neighbor node with the nearest distance to relay a packet in MECT. The distance 
between nodes decreases as sensor density increases. For other algorithms, the 
minimum hops are considered, so sensor density doesn’t influence them. From figure 
2(c), the maximum packets relayed increase quickly in MECT as sensor density 
increases. When the sensor number is 300, the maximum packets relayed by one node 
are 34. Compared to MECT, the value increases slowly in MPLCT, is 16 when the 
sensor number is 300. For there are relay threshold in every node, the maximum 
packets relayed are 6. It means that the network lifetime of GRBMMH and 
DRBMMH are bigger than that of other algorithms. 

 
(a) (b) 

 
(c) 

Fig. 2. (a) Sensor density vs. Average number of hops, (b) Sensor density vs. Average energy 
per packet, (c) Sensor density vs. maximum packets relayed 
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In scenario 2, the study focuses on communication radius effect on different 
algorithms. From figure 3 (a) we can see that the average hops of MECT are most, are 
9. The average hops of other algorithms are almost same, and decrease slowly as 
communication radius increases. Figure 3 (b) shows, for MPLCT, GRBMMH and 
DRBMMH, average energy per packet change rapidly as communication radius 
increases. The value of MECT keeps steadily since radius couldn’t influence the way 
of selecting relay node. For other algorithms, a sensor may relay a packet more 
possible to the neighbor node with the most forward within radius. As communication 
radius increases, the energy dissipation of single hop increases also, so average 
energy per packet augments. From figure 3(c), we can see that the maximum packets 
relayed change a little in MECT as communication radius increases. Compared to  
 

 

(a) 

 

(b) (c) 

Fig. 3. (a) Communication radius vs. Aver-age number of hops, (b) Communication radius vs. 
Aver-age energy per packet, (c) Communication radius vs. maxi-mum packets relayed 
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(a) (b) 

Fig. 4. (a) Relay threshold vs. Average number of hops, (b) Relay threshold vs. Average energy 
per packet 

MECT, the value drops slowly in MPLCT, is 7 when the sensor number is 300. For 
GRBMMH and DRBMMH, there are relay threshold in every node, the maximum 
packets relayed are 6. 

In scenario 3, the study focuses on relay threshold effect on approximate 
algorithms. Figure 4 (a-b) shows, for GRBMMH and DRBMMH, as relay threshold 
increases, there are no change almost for average energy per packet and average 
number of hops. So at the premise of meeting real-time, the relay threshold should 
be decreased as soon as possible, which is help to improve the lifetime of the 
network. 

From the above performance evaluation, although in GRBMMH and DRBMMH 
average energy per packet are larger than that of MECT and MPLCT, maximum 
packets relayed by any node are reduced via setting relay threshold. Total energy 
dissipation is allocated among more nodes, so the network lifetime is prolonged. At 
the same time, real-time requirement is met via min-max hops. 

7   Conclusion 

In the paper, we provide a multi-objective programming of single-actor selection 
problem from network lifetime and real-time aspects, and put forward two 
approximate algorithms GRBMMH and DRBMMH. The algorithms can prolong the 
lifetime of the network, and meet real-time requirements of the applications via 
setting the relay threshold. 

In the future, we plan to perfect the algorithms RBMMH from contention based 
MAC. And then single-actor coordination framework is one of our future works. 
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Abstract. Future high-speed networks will simultaneously support multiple 
types of services over a single physical infrastructure. Packet scheduling 
discipline is a crucial technique to enable this. This paper proposes a new 
weighted fair queuing discipline - Probability based Weighted Fair Queueing, 
P-WFQ - for high-speed, integrated-service, packet-switched networks. P-WFQ 
reduces the complexity of implementation by avoiding the main problem of 
traditional weighted fair queueing algorithm - the calculation of the weight 
parameter for each packet. It uses a random number to find the next packet to 
be serviced. In addition, it uses a novel grouping technology, which congregates 
large number of different flows into a smaller number of groups and reduces the 
complexity of P-WFQ greatly. This makes it suit for high-speed networks. The 
simulations prove the validity and practicability of P-WFQ. 

1   Introduction 

The integration of a wide range of services with different Quality of Service (QoS) 
requirements in high-speed networks has made the efficient use of resources an issue 
of great practical and research importance. In packet-switched networks, packets from 
different sessions belong to different services and administrative classes, which 
interact with each other when they are multiplexed at the same output link of a switch. 
The scheduling algorithms at switching nodes play a critical role in controlling the 
interaction among different traffic streams and different service classes [10].  

In the literature, many packet scheduling algorithms have been proposed. Among 
them, a class of service disciplines called packet fair queueing (PFQ) algorithms have 
received much attention. PFQ algorithms approximate the idealized generalized 
processor sharing (GPS) policy [3]. While there are many proposed PFQ algorithms 
with different tradeoffs between complexity and accuracy [1], [3], [4], [6], [7], [8], few 
real implementations can be used in high-speed networks while maintaining important 
properties of GPS (delay bound, fairness and worst-case fairness). The key difficulty is 
that PFQ algorithms require buffering on a per-session basis and nontrivial service 
arbitration among all sessions. There are three major costs associated with the 
arbitration: 1) the computation of the system virtual time function; 2) the management 
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of a priority queue to order the transmission of packets; and 3) the management of 
another priority queue to regulate packets [10].  

Compared to GPS-based queueing algorithm, Round-Robin based algorithms have 
the main advantage - low implementation complexity. So it is more suitable for high-
speed networks in terms of the speed. However, conditional RR has a major problem - 
unfairness, which is caused by possibly different packet sizes used by different flows. 
On the other hand, RR algorithm can not grantee specific delay bound. In order to 
improve its performance, many new RR based algorithm have been proposed, such as 
Weighted Round Robin (WRR) [2], Deficit Round Robin (DRR) [5] and Urgency-
based Round Robin (URR) [9]. But in each round-robin, all of these need to calculate 
weight parameters for all classes once or servral times. Then they are not very suitable 
for high-speed networks. 

In recent years some architectures have been proposed to schedule packets in high-
speed networks. In [12] Stoica proposed a core-stateless fair queueing architecture, 
which uses an island concept to devide routers into edge routers and core routers. 
Edge routers maintain per-flow state; they estimate the incoming rate of each flow 
and insert a label into each packet based on the estimate. Core routers maintain no 
per-flow state; they use FCFS packet scheduling discipline. Stephens used a 
uniformly exponential spanning technology to devide flows into groups in [10] to 
meet the requirement of high-speed networks. Inspired by [11], we have proposed a 
new weighted fair queueing algorithm - P-WFQ, which uses the flows’ relative 
weight parameters as the serving probabilities in one round-robin. In this paper, we 
extend P-WFQ to high-speed networks. In order to reduce the complexity to meet the 
speed requirement of high-speed networks, we use a new grouping technology 
inspired by Stephens [10], which congregate flows into groups according to their 
weight parameter.  

The paper is organized as follow. The next section presents the model of P-WFQ 
discipline and its implementing algorithm. Section III presents some theoretical 
results. In section IV, we demonstrate its ability in providing service differentiation as 
well as fairness among traffic classes through simulations. Finally, in section V the 
paper ends with the main conclusions.  

2   P-WFQ Discipline 

As shown in Fig. 1, our P-WFQ scheduling algorithm is composed of Flow Grouping, 
Adaptive Buffer Manager (ABM) and P-WFQ queue scheduler. The Flow Grouping 
divides N flows into M groups according to their weight parameters. The ABM 
automatically adapts the sizes of different flows’ buffer according to the number of 
dropped packets in constant time interval. It optimizes the utilization of server’s 
queue buffer and limits the queueing delay with some packets dropped. In the high-
speed networks, ABM is disabled for the consideration of simplicity. The P-WFQ 
queue scheduler selects the next queue packet to be served on the basis of serving 
probability. In this paper, we suppose that all packets have the same length. The 
queue length and buffer length are counted in number of packets. 
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Fig. 1. P-WFQ Scheduling Discipline 

The P-WFQ discipline is non-preemptive. Each flow of packets has its own finite 
queue. Packets in the same queue are served in the First-Come-First-Served (FCFS) 
fashion. Consider a single-server system. Suppose there be N flows with packets 
transferred by this switch. Each flow has a weight (1 )iw i N≤ ≤ . So the serving 

probability function is defined as 

( )

,      ( )

       0        ,       ( )

i

ji j AQ N

w
i AQ N

wp

i AQ N

∈

⎧ ∈⎪∑= ⎨
⎪ ∉⎩

 

(1) 

Where ( )AQ N  is the set of current active flows. In this discipline we do not use 

priority conception. All flows are served on the base of its weight parameter.  

2.1   Flows Grouping 

In order to reduce the overall complexity of PFQ-based algorithms, Bennett proposed 
a new grouping architecture in [16]. His grouping architecture is based on the 
calculated virtual start time and virtual finish time. Inspired by this, we propose 
another simpler grouping algorithm to reduce the number of sessions considered by 
the scheduler.  

Consider a single-server system with N packet flows. Each flow has its own weight 
parameter iw . Without loss of generality, supposes there are M different weight 

parameters. So we can group N different flows into M groups according to flows’ 
weight parameters. Flows with same weight are assembled into the same group. Denote 
by iw  the weight of flow i , jS  the number of flows in group j , jW  the sum weight of 

flows in group j  and jP  the service probability of group j  in one round-robin. Then 

we have the following: 
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The P-WFQ scheduler use jP  to select the next group to be serviced. Within groups, 

flows are serviced in Round-Robin manner. Then the complexity of P-WFQ is reduced 
from dealing with N flows to dealing with M groups. The next question is that how 
many different weights maybe exist in the networks. There are only four different QoS 
classes in IETF’s DiffServ model. In real networks, the number of different QoS classes 
should be limited. So compared to the number of flows N, M is very small. In this paper 
we only consider high-speed networks with fixed-length packets, like ATM networks.    

2.2   P-WFQ Queue Scheduler 

P-WFQ queue scheduler uses formula (4) to calculate the serving probability of each 
group in the current round-robin. It works as follows: 

a) The server monitors all flows in the system to inquire about the set of active flows. 
b) Serving cycle always starts from 1i = , i.e. starting from the first active group. As 

we have explained before, the first group is the group with the biggest weight 
parameter (the sum of all active flows’ weight parameters in this group) in this 
server. 

c) In every serving cycle, the probability of serving the first packet of queues within 
the same group is calculated according to formula (4). 

d) Only when all queues are empty (no active flow), the server goes to idle status. 
That is, the server is work-conserving. 

The following algorithm outlines a simple implementation of the P-WFQ discipline: 

1)  After initialization, the server inquires to determine the set of active flows ( )AQ N . 

Then calculate the servicing probability parameter p
i

for each active queue. Sort 

queues with p
i

. Queues with bigger p  are head of those with smaller. Congregate 

flows into several groups according to their relative weights as we have described 
above. If all queues are empty (no active flow), the server is waiting. 

2)  Generate a random number (1)RN , 0 (1) 1RN≤ ≤ . Define a variable sum  with 

initial value 0. 
3)  Set the first group in ( ),   jj AQ N sum P= ← . 

4)  If (1)RN sum≤ , go to step 6. Otherwise go to step 5. 

5)  Set the next group in ( ),     jj AQ N sum P= + = . Go to step 4. 

6)  Serve the first packet of all queues in group j . Then go to step 1. 

3   Analytical Results 

In P-WFQ discipline we use a random number (1)RN  to find the next packet to be 

served. So the performance of P-WFQ discipline is largely depended on the random 



432 D.-B. Yin and J.-Y. Xie 

number generating algorithm. In this section, we begin with the following assumption: 
the random number generating algorithm is perfect, so the random number is uniformly 
distributed within (0,1) strictly. Then service probabilities are totally determined by 
weight parameters. 

3.1   Complexity of Implementation 

Suppose there are M active flows, which are sorted according to service probabilities 
from large to small: 

0 1 ( 1)  ... Mp p p −≥ ≥ ≥  (5) 

Then the average number of floating-number (variable sum  and random number 
(1)RN ) compare operations to find the next packet to be served is 

0 1 ( 2)

( 1)

 2 ... ( 1)

                                             

aver M

M

Num p p M p

M p

−

−

= + × + + − ×

+ ×
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Formula (9) shows that sorting queues with service probabilities from big to small 
can reduce the number of compare operations within one round robin. This will improve 
the executing speed of P-WFQ discipline. Suppose there are M active flows in the 
current system. In the worst case (the first packet of the last active queue – the queue 
with the smallest weight in the active queues set – will be transferred in this round 
robin), the discipline needs M floating-point compare operations to find the packet to be 
sent. So the implementation complexity of P-WFQ is ( )averO Num . Compared to 

GPS/Virtual-Time based PFQ disciplines, P-WFQ only has one weight parameter for 
each active flow, no parameters for each packet. There is no need to calculate relative 
weight parameters until events of new flow entering the server or current active flow 
becoming idle happen. So the operation complexity of P-WFQ is greatly less than 
GPS/Virtual-Time based disciplines. Even compared to RR based disciplines, which are 
proud of their low implementation complexity, P-WFQ still has comparable 
performance. This is profited from that P-WFQ does not have to trace with the changes 
of normalized relative weights for each active flows dynamically. 

3.2   Fairness and Delay Bound 

All active flows share the server on the basis of their relative weight calculated by 
formula (1). On the assumption that the random number (1)RN  is perfect, we can say 

that in an enough long time interval, the throughputs gained by two active flows will 
proportional to their weight. P-WFQ discipline is long-time fair. 

Due to the same assumption, each flow will get its weighted bandwidth share 
regardless of other flows’ traffic patterns. So we get the following delay bound. Due to 
space limitation, their proofs are omitted. 

Theorem 3.1. Consider a flow i  in a system with P-WFQ. Assume traffic arrival of 
each active flows is ( , )σ λ  upper constrained, i.e. the number of bits arrived in interval 

[s, t] is at most ( ( ))t sσ λ+ − . Denote by M the number of current active flows in the 
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system, 
iw  the weight parameter of flow i , and maxL  the maximum packet length. Then, 

the waiting time in queue of flow i  packet is bounded by: 

max
10     -   
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jj ki
i i

i

wL
d D

C C w

σ =≤ ≤ + ×
∑

 

(7) 

Where 
1

M

jj
w

=∑  is the sum of weights of current active flows, C  is the throughput of 

this server.  

4   Simulation Results 

We have done many simulations to demonstrate the performance of P-WFQ discipline 
by using network simulation software ns-2 [18]. For space limitation, only some of 
them are present here. They are divided into two groups. The first group of 
simulations is to demonstrate the fairness performance. The second group is to 
demonstrate the delay bound.  

n0

n1

n2

n3

n4 n5

10Mbps,DropTail

10Mbps,DropTail

10Mbps,DropTail

10Mbps,DropTail

0.95Mbps,P-WFQ

 

Fig. 2. Network Topology - Fairness Examination 

4.1   Service Fairness 

This group of simulations is to demonstrate the service fairness of P-WFQ discipline. 
The network topology used in the simulation is shown in Fig. 2. Node 0, 1, 2 and 3 
are linked to node 4 with 10Mbps bandwidth, Drop-Tail discipline respectively. Node 
4 is linked to node 5 with 0.95Mbps, P-WFQ discipline. Node 0, 1, 2 and 3 are the 
data sources. They use the same traffic generator: CBR with 4ms sending interval. 
The packet buffer of node 4 is 500 packets. It is shared by the 4 data flows equally. 
Then the buffer length of each flow is 125 packets. The weights of node 0, 1, 2 and 3 
are 4, 2, 1 and 1 respectively. In this simulation ABM is not enabled. The simulation 
time is 100s. Figure 3 shows the simulation result. The bandwidth used by each flow 
is averaged on every 0.5s. The three vertical lines present the theoretically assigned 
bandwidth. 

From Fig.3 we can see that throughputs of each flows are proportional to their 
relative weights when the server is overload. This demonstrates the short-term fairness 
performance of P-WFQ discipline. Because of the probability nature, which is caused 
by the use of random number, the performance of P-WFQ in small time-scale is not as 



434 D.-B. Yin and J.-Y. Xie 

good as that in the large time-scale. But in the real networks, a data flow normally last 
several minutes. In this time-scale we can see that P-WFQ is fair. This is also 
demonstrated by simulation results shown in table 1. 

Using the same network topology and parameters, but replacing the discipline on 
the link between node 4 and node 5 with DropTail, WFQ and WF2Q+, we get table 1. 
In this table, “Sent” is the number of packets received by node 4, “Received” is the 
number of packets received by node 5 and “Percent” is the transferring ratio of this 
link. Table 1 shows that P-WFQ is same as WFQ and WF2Q+ on the fairness of 
weighted bandwidth assignment. Data in column “Received” demonstrates the long-
term fairness performance of P-WFQ discipline. 

4.2   Delay Bound 

The network topology used in simulations of this section is similar to that of Fig.2 in 
section IV.A. The differences are that the bandwidth between node 4 and 5 is changed 
to 5Mbps, time delay is 1ms, and queue buffer of node 4 is changed to 320 packets.  
 

Table 1. Bandwidth Allocations of Different Algorithms 

Displines Node Sent Received Percent 
0 25025 23774 0.95001
1 25025 16 0.00064
2 25025 16 0.00064

DropTail 

3 25025 16 0.00064
0 25000 11875 0.52252
1 25000 5938 0.26124
2 25000 2969 0.13064

WFQ 

3 25000 2969 0.13064
0 24907 12375 0.49685
1 25054 6438 0.25697
2 24925 2989 0.11992

WF2Q+ 

3 24997 2988 0.11953
0 25025 11895 0.47533
1 25025 6135 0.24516
2 25025 3122 0.12476

P－WFQ 

3 25025 3121 0.12472

Table 2. Traffic Parameters of Each Nodes 

Node Flow Type Rate(bps)Packet Length(bytes)Weight
0 CBR 64Kb 1000 1 
1 CBR 1Mb 1000 2 

2 Exponential① 2Mb 1000 2 

3 FTP -- 1000 5 
               

①burst-time and idle-time are 500ms respectively. 
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At the start, buffer length of each flow is 80 packets. The simulation time is 100s. 
Parameters of each flow are shown in table II. Data from node 0 represents audio data 
flow, node 1 video data flow, node 2 data flow with LRD (long range dependence), 
and node 3 the FTP data flow. 

Fig.4 is the delay curves of each flow. Analysing Fig.4 we find that the audio and 
video data flows’ queueing delays are limited within acceptable scopes. This shows 
that P-WFQ can grantee a queueing delay bound according to its weight. For time-
sensitivity but loss-tolerant data flows, we also can limit queueing delay bounds by 
limit flows’ buffer sizes. Then at the cost of few packets dropped, the fluctuation of 
queueing delay will be weakened. 

5   Conclusion 

In this paper we proposed a novel scheduling discipline for high-speed networks, 
referred to as Probability based Weighted Fair Queueing (P-WFQ) algorithm. It uses 
the serving probability parameter to implement the weighted server share. In this 
discipline, the tracing to change of weights of different flows commonly used in most 
weighted scheduling algorithms is avoided. This reduces the discipline’s 
implementing complexity greatly. A new grouping algorithm is also proposed to 
satisfy with the requirement of high-speed networks. The simulation results 
demonstrate P-WFQ discipline’s fairness and effectiveness for use in high-speed 
networks. 
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Abstract. A new method for synthesis of fiber Bragg gratings based filter is 
proposed. By combining the transmission matrix method and the particles 
swarm optimization algorithm, we obtain a novel method for the inverse prob-
lem of the synthesizing fiber gratings. With adjusting the parameters of the PSO 
algorithm we can get the demand index modulation for the target reflection 
spectrums including the phase response. Compared with other synthesis meth-
ods, the PSO algorithm characteristics are simple and faster convergence, espe-
cially by using the improved local PSO (LPSO) algorithm, we obtained the  
better results for the same problem. 

1   Introduction  

Fiber Bragg gratings have evolved into critical components for a multitude of applica-
tions in fiber communication systems [1]. The synthesis problems have attracted ex-
tensively interesting in the fields of physics and engineering. Recently lots of methods 
are proposed for the synthesis or reconstruction problems of the fiber Bragg grating 
[2]-[6]. It is important for both device design and characterization purpose. 

The inverse Fourier transform of the grating spectrum can be accepted as the index 
modulation profile of the fiber Bragg grating for the weak grating especially for the 
maximum reflection peak is less 0.3 at which the first Born approximation is satisfied 
[2]. The Gel’fand-Levitan-Marchenko integral equations method is the exact descrip-
tion of the inverse problem of fiber Bragg gratings [3], but this method is very com-
plex and is restricted to reflection spectrums which must be expressed as a rational 
function. Another powerful method is the layer-peeling techniques [4], which 
achieved successes for its simplex and easy to application, but it is very difficulty to 
design strong narrow band grating, otherwise the grating length required is typically 
long and the index modulation profile are complicated.  

Evolution algorithm is a powerful artificial intelligence technology can be used for 
solving the problems of global optimization. Recently, fiber Bragg grating synthesis 
problems treated as a global optimization and solved by the evolution algorithm have 
been proved to be very useful [6][7][8].  
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In this paper we present a new approach to the solution of inverse problems, in par-
ticular the problem of synthesizing fiber Bragg gratings. In our method the grating is 
divided into N  sections, each section is treated as a uniform grating, so we can use 
the piece wise method to describe the whole grating and calculated the reflection 
spectrum. An error value is introduced by calculating the difference of the target spec-
trums and the calculated spectrums. Thus, the problem is a minimized problem of N  
variables. We use the particle swarm optimization (PSO) algorithm to solve the prob-
lem. The PSO was originated form the social modal and was presented by Kenedy 
and Eberhart in 1995. For its simplex and powerful, PSO algorithm have achieved 
great successes and become one of special topics by ‘CEC’[8]-[13]. 

The remainder of the paper is organized as follows: First, in section II a short  
description of the principle of PSO is reviewed. Then in section III the grating theo-
retical approach of transmission matrix method was presented. Next, we discussed 
simulation results by three examples. Finally, the conclusion follows.. 

2   The Principle of PSO 

The PSO algorithm can be applied to virtually any problem that can be expressed in 
terms of an objective function for which extremum must be found. The PSO algo-
rithm is iterative and involves initializing a number of vectors (particles) randomly 
within the search space. The collective of the particles is known as the swarm. Each 
particle presents a potential solution to the problem of the target function. Each parti-
cle is also randomly initializing a vector called particle speed. During each time step 
the objective function is evaluated to establish the fitness of each particle using the 
particle itself as the input parameter. Then the particle will fly through the search 
space being attracted to both their personal best position as well as the best position 
found by the swarm so far.  

We make the position of particle i  expressed as ),,( 2,1 idiii xxxX …= and the 

best position of that particle so far expressed ),,( 21 idiii pppp …= . The best position 

of the whole swarm can be expressed as ),,,( 21 gdggg pppp …= . Then the particle 

position update can be expressed as ididid vxx +=  where the idv denote the speed 

of the d dimension component of particle i and expressed as: 

 )()()()( 21 gdgdidididid xprandxprandwvv −+−+= φφ                          (1) 

where w  is the inertia weight determining how much of the particle’s previous speed 
is preserved, 21,φφ are two acceleration constants present the cognition part and the 

social part respectively, ()rand is uniform random sequences from {0,1}. In the stand 

PSO algorithm (1) only the inertia weight is introduced. To improve the performance, 

we introduced another parameter K expressed as:
1

2 422
−

−−−⋅= φφφK , 

21 ϕϕϕ += , 4>ϕ , so the speed update can be expressed as: 

( ) ( )( )idgdidididid xprandxprandwvKv −+−+= ()() 21 ϕϕ                               (2)  
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The iterative process will continue using the formula (2) until the extremum has been 
found or the number of iteration access to the maximum value. Fig.1 shows the flow 
chart of the particular PSO algorithm that we used for the synthesis of the fiber Bragg 
gratings. 

 

Fig. 1. Flow chart of the PSO algorithm for the synthesis of fiber Bragg gratings    

      

Fig. 2. The two possible topologies of the swarm particles for the LPSO 

Generally, there are two kinds of topological neighborhood structures, global 
neighborhood structure, corresponding to the global version of PSO (GPSO), and local 
neighborhood structure, corresponding to the local version of the PSO (LPSO). For the 
global neighborhood structure the whole swarm is considered as the neighborhood, 
while for the local neighborhood structure some smaller number of adjacent members 
in sub-swarm is taken as the neighborhood. In the GPSO, each particle’s search is 
influenced by the best position found by any member of the entire population. In con-
trast, in LPSO, the search is influenced only by parts of the adjacent members. It is 
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widely believed that GPSO converges quickly to an optimum but has the weakness of 
being trapped in local optima occasionally, while the LPSO is able to “flow around” 
local optima, because the sup-swarm explore different regions in hyperspace. To im-
prove the search ability, for the simple examples A and B in section IV, we used the 
GPSO algorithm. For the complex example C, we used the LPSO algorithm, and the 
two possible topologies for LPSO are shown in Fig.2 [14]. 

3   The Principle of Fiber Bragg Gratings 

The index modulation of the FBG is a periodic function, and can be expressed as 
cosine function: 

                      ))(/2cos()()( 0 zzznnzn θπ +ΛΔ+= .                                    (3) 

where )(),( zzn θΔ are the amplitude and phase modulation of the fiber Bragg grating 

respectively, and slowly varying compared to the grating period. There are two contra 
direction couple mode in single mode fiber Bragg grating and expressed as: 

                                                     AiikBdzdA δ−−=/  

                                   BiAikdzdB δ+−= ∗/                                         (4) 

where A  and B  are the amplitude envelopes of the two modes , k  is the couple effi-
cient, δ is the detuning Λ−Δ // πλπδ n＝ . For the un-uniform fiber Bragg grating 
one cannot get the analytic expression. To analysis the transmission characteristics of 
such grating, one must introduce numerical solution. A lot of methods can be used to 
describe the differential equation of (4), such as Runge-Kutta algorithm, matrix trans-
mission method, predictor-corrector and finite difference method. In this paper we use 
the matrix transmission method, where the grating is uniformly divided into N  sec-
tions and each section is treat as a uniform grating expressed as a matrix of (5). Then 
the whole grating can be expressed as multiplication of each matrix: 

   ⎥
⎦

⎤
⎢
⎣

⎡
ΩΩ+ΩΩΩ

ΩΩ−ΩΩ−Ω
=

iiiiii

iiiiii
i dzidzdzik

dzikdzidz
T

/)sinh()cosh(/)sin(

/)sin(/)sinh()cosh(

δ
δ

   (5)  

11 TTTTT kmm −⋅= …                                             (6) 

where 22
iii k δ－=Ω , and the complex reflective amplitude of the grating is 

2111 TTr = . In this paper we set the error function as:  

Err{ ettcalc RR arg, }= ∑ −
j

jclacjett RR
J

2
,,arg )(

1
                        (7) 

where jettR ,arg and jcalcR , are the target and calculated spectrum at the samples of 

j position of the reflection spectrum, and 2
, jjcalc rR = . As shown in the flow chart of 

Fig.1, we can use the following steps to optimize the target spectrum by the PSO 
algorithm: Randomly Initialize M particles, each particle is a D dimension random 
numbers as the index modulation profile, D is the number of section of the grating, 
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and D is in real space, M is the number of swarm. Compare the error value of each 
particle with the minimum error value of its history. If the current error value is 
smaller than the history error value of the particle, the history position and the error 
value of the particle are replaced by the current particle position and the error value. 
Otherwise nothing changed. Updating the position and speed of each particle for the 
next loop until the optimization condition is satisfied or the maximum iteration num-
ber is reached. 

4   Numerical Results and Discussions 

4.1   Bandpass Filter 

First, we use the synthesis algorithm to synthesize a fiber band pass filter. The target 
band pass filter is characterized using an ideal rectangle band pass filter.  

      2
1      

0     

a
R r

a

δ
δ

⎧ <⎪= = ⎨
>⎪⎩

                                                  (8) 

where a2  refers to the band width of the filter. The pass band is reflection band, and 
in this case we set the band to be nm2.0 .   The central Bragg grating is nm1550 , the 

maximum index modulation is 4105 －× , the length of the grating is 1cm , the grating 
is divided into 16 sections, the particles is generated randomly, and the swarm is com-
posed of 250 particles because the dimension of the particle is too large. The best 
index modulation profile optimized after 20 iterations by the PSO is shown in Fig.3 
(a), and the reflectivity spectrum is shown in the solid curve of Fig.3(b). The best 
index modulation is just like a raise-cosine function. The side band is suppressed 
approximately to be less than - db25 . Fig.4(a) and Fig.4 (b) gave the best index 
modulation and reflectivity spectrum after 100 iterations calculation by the GPSO 
algorithm. We can see from Fig.4 (b) that the capability of the side band suppression  
 

              
(a) (b) 

Fig. 3. The calculated index modulation profile of the best particles in the 20 generation (a), 
and 100 generation (b) 
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                          (a)                                                                 (b) 

Fig. 4. Calculated reflection spectrums. (a)The dotter curve is the best spectrum of the fist 
generation; the solid curve is the best spectrum of 20 generation;   (b)The dotter curve is the 
best spectrum of the fist generation; the solid curve is the best spectrum of 100 generation. 

is further improved, and the side band is less than - db30 . As a comparing with the 
article [6], where the genetic algorithm solves the inverse problem of band pass filter, 
the PSO algorithm is more efficient and the speed of convergence is faster. The re-
flection spectrum is accepted only after 10 iterations. We found that after 100 itera-
tions the index modulation convergence speed is very slow and we can assume that it 
has reached the best position. The optimized results in our algorithm are better than 
that in literature [6]. The first side band of the grating synthesized by the GPSO is less 
–30dB, while in the genetic method the first band is only about –20dB. Real-coded 
genetic algorithm and simulated annealing algorithm have been proved their useful-
ness for fiber Bragg grating parameters synthesis [8,17], however there are only three 
parameters to be synthesized, so we thought it is a trivial problem and any optimized 
method (including PSO algorithm off course) could fulfill such tasks.  

 
                                          (a)                                                     (b) 

Fig. 5. The optimized transmittivity spectrums of the multi phase-shift grating; (a)when the 
phase-shift positions is uniformly distributed along the grating, (b) when the positions of phase-
shifts along the grating are optimized at the fixed phase-shift values listed at Table.1 

4.2   Multi Phase-Shift Transmission Filter Improved by the PSO  

The fiber Bragg grating filter can be designed as a transmission filter by introducing 
multi phase-shift along the grating. But the positions and amplitude of the phase-shift, 
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which determines the transmission characteristics, is a critical problem. In the flowing 
we first optimize the amplitudes of the phase-shift, and based on which we optimize 
the positions of the multi phase-shift. We adopt the index modulation profile of the 
Fig.3 (b) as the multiphase-shift grating index amplitude modulation profile and the 
target of the transmittivity spectrums is expressed as: 

      2
1      

0     

a
T t

a

δ
δ

⎧ <⎪= = ⎨
>⎪⎩

                                                 (9) 

where a is 0.2nm. In the first step we fix the positions of phase-shift along the grat-
ing uniformly. The amplitudes of each phase-shift are the objects we want to opti-
mize. In the next step we fix the optimized phase-shift and optimized the positions of 
the phase-shift along the grating. The number of the phase-shift introduced in the 
grating is assumed to be 11. Amplitude of the phase-shift optimized by our PSO algo-
rithm is listed in table 1, and the transmittivity spectrums are shown in Fig.5 (a) 

Table 1. Amplitude of phase-shift along the 
grating 

Table 2. The position of phase-shift along 
the grating (mm) 

                   

Using the date of table1, we continue the next optimization process where the am-
plitudes the phase-shift is fixed just as the data listed in table 1, and the positions 
along the grating is the objects that should be optimized. The optimized dates are 
listed in Table.2. The optimized transmittivity spectrums are shown in Fig.5 (b). 

Comparing with the Fig.5 (a) and the Fig.5 (b), we can see the transmittivity spec-
trums of Fig.5 (b) are more approach the target spectrums of (9) than that of Fig.5 (a). 
It is showed that the second optimization is necessary when only the amplitudes of 
phase-shift optimization cannot acquire the demand of target spectrum. Another no-
ticeable problem is that the optimized parameters of the problems of synthesis fiber 
Bragg grating must be reasonable. In other words, the optimized range of the parame-
ters must reasonable to realize the target spectrum to be optimized, which must be 
judge by experience. 

4.3   Low Dispersion Narrow-Band Filter 

Synthesizing a low-dispersion narrow-band filer using the fiber Bragg grating by PSO 
is a complicated multi-objective optimization problem. To get better results we used 
the LPSO algorithm, and the topological structures are just as shown in Fig.2. The 
error function of the particle is the weighing of the amplitude and phase response and 
expressed as: 
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where arg ,t et kD  and ,calc kD  are the target and calculated dispersion at the sampling 

point k , and we only consider the dispersion response in reflective band, b is the 
weighting factor between the reflectivity and dispersion, in our simulation, we as-
sumed 0.001jσ = , the unit of dispersion is ps/nm, 5.0=b , and the grating length is 

4.5cm. To prove the ability of LPSO, in designing the dispersion-free filter, we di-
vided the grating into 80 sections. This can assure the smooth index modulation for 
designing complex filter. Unlike dividing the grating into 20 sections [7], which make 
the optimized the index modulation is an obviously stepped function and difficult to 
fabrication. 

There are 20 particles in each swarm, and five swarms are used in our simulation. 
Fig. 6 (a) and (b) shows the optimized amplitude and phase response using the LPSO 
algorithm after 500 generations, The first side band is less than –25dB,and the in-band 
delay ripple is less than 3± ps. Fig. 6 (c) shows the optimized index modulation pro-
file, as can be seen a smooth index modulation can be obtained by our LPSO algo-
rithm. 

 
                   (a)                                    (b)                                     (c) 

Fig. 6. The optimized reflection spectrum (a), delay spectrum (b) and best index modulation by 
the LPSO algorithm after 500 generation 

As a comparison with the results obtained by genetic optimization [6], we found 
that LPSO algorithm can provide better performance in designing narrow-band low 
dispersion filter, including both amplitude and phase response. In Johannes Skaar’s 
literature [6], only the phase can be acceptable, the first side band of the amplitude 
response is large than –10dB. In fact, such bad performance filters cannot be used for 
optical communications system. For comparison purpose, in Fig.7, we gave the opti-
mized results by an improved version of the genetic algorithm, which is a standard 
toolbox of the Matlab software. The err function and other physical parameters are 
just the same with that used in the LPSO. In the improved version we used the sub 
swarm technology. As can be seen, the best results after 1000 generations are better 
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than that of the literature [6]. As the knowledge about author, although genetic algo-
rithm has been used for synthesis fiber Bragg grating or obtained some applications in 
strain sensor [15-16], however, better results can only be obtained when the applica-
tions are dependent only on the amplitude response. For applicators that dependent on 
both amplitude and phase response, no acceptable results have been reported yet. 

 
(a)                                         (b)                                        (c) 

Fig. 7. The optimized reflection spectrum (a), delay spectrum (b) and best index modulation by 
the genetic evolution algorithm after 1000 generation 

5   Conclusions 

In this paper we present a new method to solve the problems of synthesis fiber Bragg 
gratings. Using three design examples: band pass filter, multi-phase band pass filter 
and narrowband dispersion-free filter, the ability of the PSO, especially the version of 
LPSO was proved to be powerful and efficient. Compared with the other algorithms 
the advantages of the PSO are that its simplicity and the convergence speed is very 
fast so reduced calculating time-consume greatly. We compared the optimized results 
of the complex narrowband dispersion-free filter with those obtained by the genetic 
algorithm and Layer peeling algorithm. We found that the results obtained by LPSO 
are better than these methods both in the aspects of amplitude and phase response. 
Otherwise, the LPSO method can also be used for other synthesis problem, especially 
for photoelectronic devices [14]. 
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Abstract. We propose a novel approach to chaotically mask traffic pattern acc- 
ording to a predetermined chaotic mode, aiming at making the masked traffic lose 
values for intruders to analyze for malicious activities in a mission critical network.  

1   Introduction 

Information security in the Internet is expected to be guaranteed by security protocols, 
such as IP security protocol [1] and transport layer security [2]. However, it is not 
enough for a mission critical application, e.g., military networks, just to encrypt and 
authenticate transmitted data since a real-traffic series has its statistical patterns [3], 
which contain information for intruders to analyze to launch so called traffic analysis 
attacks [4]. Thus, methods to prevent traffic analysis attacks are desired in 
ultra-secure distributed systems. The idea behind that is based on Shannon’s perfect 
secrecy theory as stated like this. If one can map any masked traffic to a predefined 
pattern, which is a sufficient condition used by most researchers, the adversary cannot 
obtain any information by analyzing the masked traffic [5]. 

Several approaches have been reported, see e.g. [6], [7]. The work [8] gave a 
scheme to mask traffic pattern using constant packet size. Though simple in method, 
it has the disadvantage since opponents may easily find secure network if traffic with 
constant packet size is identified. This paper substantially extends [8] so that traffic 
pattern analysis is prevented based on chaotically masking traffic pattern on a 
link-by-link basis. Besides, we also hide IP addresses of each packet so as to enhance 
difficulties for intruders to trace the packet within a time duration they desire.  

This paper is organized as follows. Section 2 discusses the methodology. A case 
study is given in Section 3 and conclusions in Section 4. 

2   Methodology 

We purposely control the lengths of the packets to be sent by one network node based 
on a predetermined chaotic mode with IP addresses of packets encrypting. During 
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each unit time period, only one packet is sent. If the length of a packet to be sent is 
shorter than expected length, some extra bytes are padded to its rear. If longer than 
expected length, the packet is divided into two or more. The length of each packet is 
aligned according to a chaotic data generator that obeys a predetermined chaotic 
mode. Dummy packet and extra bytes make up the complementary traffic.  

In the present scheme, masking traffic pattern in overall network is done in the 
same way as that in each network segment. Hence, it is on a link-by-link basis. A side 
benefit of doing so is that the cost of secure communications in the complementary 
traffic does not consume the bandwidth of other network segment though such a 
secure strategy is generally under the assumption that bandwidth is always sufficient.  

The above scheme contains 3 components: 1) a chaotic data series generator; 2) an 
aligner algorithm to align packet length according to a given chaotic mode; and 3) a 
protocol to negotiate the parameters, such as the encryption algorithm and key. Since 
3) is similar to that in [8], the following will only discuss 1) and 2).  

Denote a network by a directed graph (N, E), where n ∈ N is a network node (e.g., 
host or router). Then, for n1, n2 ∈ N, if (n1, n2) ∈ E, (n1, n2) is a link e. Denote lene the 
maximum length (bytes) of a frame in e and eσ  as the minimum interval time between 

two frames. Define two terms as follows. The first one is link feature and the second 
man-made traffic pattern. The feature of link e ∈ E means a pair (lene, ).eσ  The 

man-made traffic pattern implies that xe[t(i)] for e has a predetermined chaotic mode 
ce(x), if xe[t(i)] follows ce(x) and 0 ≤ xe[t(i)] ≤ lene ∀e ∈ E, where xe[t(i)] is the length of 
the ith packet for e at the time t(i), where t(i) is the timestamp (i = 0, 1, 2, …). 

Chaotic data generator is described as follows. Solutions to non-linear differential 
equations are dependent on initial conditions [9]. A solution of a non-linear system in 
time is a time series. We note that a significant advantage using chaotic pattern is that 
chaotic series in theory is unpredictable. The following uses the simple pendulum just 
for the sake of indicating a case of chaotic data generation. 

Let x(t) be the angle displacement of the pendulum and m be its mass. Let l be the 
length of string and g be the gravitation acceleration (9.8 m/s2). Suppose a periodic 
force exerts on the pendulum such that the Lagrangian function ( ,  )L x x  of the 
pendulum system, without considering the damping, is 

2 21
( ,  ) cos( ) sin( ) ,

2
L x x ml x mgl x k t xω= + −  (1) 

where k is a constant. The Lagrangian equation of motion with respect to (1) is given 
by 

2
sin( ) cos( ).

g k
x x t

l ml
ω ω= − +  (2) 

Let Bx−  be the damping. Then, considering the damping, the system is given by 

sin( ) cos( ) ,
g

x x A t Bx
l

ω= − + −  (3) 

where A = (k/ml2)ω. Let ω = 2/3, l = g, A = 1.5 and B = 0.5. Then, Fig. 1 and Fig. 2 
show a phase plot and its corresponding chaotic time series at x(0) = −2, x′(0) = 3. 
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Fig. 1. Phase plot at x(0) = −2, x′(0) = 3       Fig. 2. Chaotic series at x(0) = −2, x′(0) = 3 

The functionality of the aligner is stated as follows. For a given traffic series x[t(i)], 
the aligner should transform x[t(i)] into y[t(i)] such that y obeys (3) under given initial 
conditions. In passing, encryption operation needs keys and algorithms. Following the 
IKE protocol [10], we define the link security association of e ∈ E by a pair sae = 
(Ence, ke), where Ence is the encryption algorithm while ke implies the relevant key. 
The addresses of packet transmitting on e can be encrypted by Ence with ke.  

Man-made traffic on e can be detailed like this. During the interval σe, if there is no 
packet to be transmitted on e, we need to send a dummy packet with lene, or if the size 
of packet transmitting on e is less than lene, some extra bytes are appended at the 
packet rear so that it has the size lene.  

3   A Case Study 

Fig. 3 (a) indicates a time series of real traffic named pAug.TL [11]. Fig. 3 (b) is its 
autocorrelation function (ACF for short). Let x(t) in Fig. 3 (a) be the traffic to be 
masked. Calibrate the series in Fig. 2 to be in the range of 64 to 1518 bytes. Aligning 
x(t) with that calibrated chaotic series yields a chaotically masked series y(t) as shown 
in Fig. 4. Let Ry(k) be the ACF of y(t). Fig. 5 indicates Ry(k). Let corr[Ry, Rx] be the 
correlation coefficient between Ry and Rx. By computation, we obtain corr[Ry, Rx] = 
0.21, implying that Ry significantly differs from Rs. Hence, the pattern of x is hidden. 
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Fig. 3. A real traffic series and its autocorrelation. (a) Time series x. (b) Autocorrelation of x. 
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                             Fig. 4. Masked traffic            Fig. 5. Autocorrelation of masked traffic 

4   Conclusions 

We have explained an approach to prevent traffic pattern analysis. An advantage and 
a reason to use chaotically masking is because a chaotic series is sensitive to initial 
conditions so that one may easily obtain flexible data sets for aligning masked traffic.  
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Abstract. It proposes a chaotic secure communication scheme by introducing a 
concept of key function (KF) and key initial conditions (KICs). By using KF, 
secret signal is combined with complex chaotic signal in order to enhance the 
security of transmitted signal. KICs are used to enlarge minor mismatch of 
drive signal so as to increase initial conditions sensitivity of the auxiliary driver 
system. Experiment results show that proposed cryptosystems are very sensitive 
to KICs’ and KFs’ mismatch.  

1   Introduction 

Recently, chaotic system and its useful application in secure communication have 
been widely studied. Since Pecora and Carroll [1] proposed chaos synchronization  
and verified by electric later, chaotic circuits and applications for secure communica-
tions have received a great deal of attention [2],[3]. However, it have shown that most 
of them are not equipped with sufficient security [4],[5],[6].  

In this paper, encryption method is based on EKF to generate a sufficiently compli-
cated signal, which is compounded by masked secret information and chaotic signal. 
By this method, we make use of an auxiliary chaotic system embedded in the encryp-
ter and the decrypter to drive two identical chaotic systems to synchronize. During 
decryption processing, secret information can be retrieved correctly if and only if 
decrypter offers the same KICs and right DKF corresponding to EKF. This design 
mechanism can actually make communication system more secure.  

2   Chaotic Secure Communication Systems 

In this section, it will present chaotic secure communication systems for transmit 
signals. System block diagram is shown in Fig. 1. Secure system has two major parts: 
encrypter and decrypter.  

Encrypter consists of an auxiliary driver chaotic system, a sender chaotic system 
and EKF combination system. Decrypter is composed of an identical receiver chaotic 
system, an auxiliary driver chaotic system and a corresponding DKF decompound 
system. Signal of auxiliary system is to synchronize two identical systems embedded 
in encrypter and decrypter. In following text it will be described. 
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Fig. 1. Chaotic secure communication system block diagram 

2.1   Synchronization Scheme 

Assume auxiliary driver chaotic system, sender chaotic system and receiver chaotic 
system are respectively defined as following forms 

{X’=f(X1, X2),  Y
’=g(X1, Y) ,  Z’=g(X1, Z) }T . (1) 

where X1=(x1, x2,…, xl )
T, X2=(xl+1, xl+2,…, xn )

T , Y=(y1, y2,…, ym )T and Z=(z1, z2,…, 
zm )T, f() and g() are nonlinear vector valued functions. First part of Eq. (1) is called 
auxiliary drive system which generate drive signal X1, while second and third part of 
Eqs. (1) are called sender and receiver systems which will be synchronized by driver 
signal X1. Synchronization is said to be achieved if get  

e(t)= Z(t)-Y(t)→0         as t→∞ . (2) 

An effective synchronized to second part method is to reconstruct an identical third 
part to second part, and driving it with same X1. But if different initial conditions to 
start system (1), it will generate different X1, then second and third part cannot be 
synchronized. Rössler system is well-known chaotic system, define as:  

{x’
1=-x2-x3, x

’
2=x1+0.2x2, x

’
3=0.2+x3(x1-5.7)}T . (3) 

Use its output x1(t) as drive signal to drive two identical unified chaotic systems [6] 

{y’
1=(25ρ+10)( y2- y1), y

’
2=(28-35ρ)x1-x1 y3-(29ρ-1) y2, y

’
3= x1 y2-(ρ+8)/3y3 }

T.   (4) 

Eq.(4) is a sender system, receiver systems is defined as 

{z’
1=(25ρ+10)( z2- z1), z

’
2=(28-35ρ)x1- x1 z3- (29ρ-1) z2 , z

’
3= x1z2-(ρ+8)/3 z3}

T .   (5) 

In [6], sufficient conditions for chaos synchronization of the unified chaotic system 
are gained. If 0≤ρ<1/29, system (5) will synchronize to system (4). 

2.2   Secure Communication for Transmission Signals 

Based on synchronization method in section Fig.1, we proposed a secure communica-
tion scheme for transmission signals in the following text. In Fig.1. Chaotic secure 
communication system, the transmitted signal T(t) of encrypter is defined as 

T(t)=AX1+αg(X2,S(t)) . (6) 

where A is a constant matrix with appropriate dimension, α(≠0) is a scaling factor 
allowing the term g(.) to belong to a compatible range with respect to the minimum 

Original Signal S Retrieved Signal S’

Auxiliary 
drive system 

KICs 

Sender 
system 

Compound EKFs Channel 

Intruder 
Auxiliary 

drive system 

KICs 

Receiver
system 

Decompound DKFs 

Encrypter Decrypter 
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and maximum bound of capability. S is the external input secret information, which is 
to be masked to transmit. g(X2,S(t)) is an appropriate EKF, maybe linear or nonlinear 
which is chosen by both sides encrypter and decrypter. The reason is that it is to gen-
erate a sufficiently complicated chaotic signal, which consists of the secret informa-
tion S to be masked. Form of EKF is within our choice and possible choice functions 
are massive. So S is combined to generate transmitted signal T by EKF. 

Assume received signal from channel is T. Then retrieved secret information is de-
fined as 

S’(t)=h[X2
’,1/α(T(t)- AX1)]  . (7) 

h[X2
’,1/α(T(t)- AX1)]  is a DKF corresponding to EKF g(X2,S(t)). 

3   Experimental Results 

In this experiment, system (3), (4), (5) are auxiliary driver systems, sender and re-
ceiver system. Set KICs is (0.1, 0.2, 0.3)T , EKF is (y1+ y2+ y3)+(S(t)+2)(x2

2+x3
2+50). 

DKF is (T(t)-z1-z2- z3)( x2
2+x3

2+50)-2. Original information S(t)=0.5sin(0.1t) is secure 
signal, it is shown in Fig.2(a). When auxiliary driver systems, sender and receiver 
system are starting from (0.1,0.2,0.3)T, (0.1,0.1,0.1)T, (1,1,1)T, the transmitted com-
pound signal T(t) versus t is shown in Fig.2(b). The correctly retrieved signal S’(t) is  
shown in Fig.2(c). The error e(t) =S’(t)-S(t) is  shown in Fig.2(d). When auxiliary 
driver systems are starting from little different initial conditions (0.1,0.2,0.3)T and 
(0.1001,0.2,0.3)T , sender and receiver system are starting from the same initial condi-
tions (0.1,0.1,0.1)T , EKF and DKF are the same as above. The numerical simulations 
results of incorrectly retrieved signal are shown in Fig.3(a). The error e(t) is  shown in 
Fig.3(b). When auxiliary driver systems, sender and receiver system are starting from 
(0.1, 0.2, 0.3)T, (0.1, 0.1, 0.1)T, (0.1, 0.1,0.1)T , but EKF and DKF are (y1+ y2+ 
y3)+(S(t)+2)(x2

2+x3
2+50). DKF is (T(t)-z1)( x2

2+x3
2+50)-2. The retrieved signal and 

error versus t are shown in Fig.3(c,d). 
The results indicate that if Decrypter offers same KICs as encrypter and right DKF, 

then can correctly retrieve secret signal. It will be very hard for intruders to extract 
hidden information without knowing detail of DKF (or EKF) and KICs.  

 

Fig. 2. Results of with right EKF and KICs 
 

a  
 
b 
 
c 
 
d 
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Fig. 3. Results of with incorrect EKF or KICs 

4   Conclusion 

With choosing appropriate EKFs, secret signal is “syncretised” into compound cha-
otic signal, so transmitted signal is complex. Numerical simulations show that our 
secure communication system is very sensitive to DKFs and KICs mismatch. 

In next work, we will give a strong cryptanalysis of those methods and test robust-
ness of the system to additive channel noise. 
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Abstract. This paper addresses a special type of graph, the k-neighbourhood
graph, for the usage in huge multi agent systems. It can be used to establish slim
communication structures in extensive groups of agents as they are present e.g. in
swarm applications. We will prove some properties of k-neighbourhood graphs
in two- and three-dimensional Euclidean space, i.e. we show that the maximum
number of incoming connections per agent is limited to a value independent from
the overall number of agents in the system. For the two-dimensional case we
prove a maximum in-degree of 6 · k. Furthermore, for agents interacting in three
dimensions an upper and a lower bound for this value is presented.

1 Introduction

In several multi agent or swarm intelligence systems[1][2] it is shown that inter-agent
communication can improve the performance of the whole system(see e.g. [3]). Several
approaches exist that apply different techniques and concepts to establish such commu-
nication structures. These techniques can be divided into two main areas.

The first one contains all methods that offer global communication for each agent
in the group. This can be realized by centralized techniques, e.g. the usage of a black-
or whiteboard[4], or by allowing each agent to communicate directly with any other
in some kind of complete communication structure[1]. When dealing with large num-
bers of agents as they are present in swarms or swarm like systems, the centralized
approaches have some disadvantages. The blackboard can become a bottleneck and is a
single point of failure. The complete communication structure shows some problems in
such large settings, too, since the amount of messages grow very fast in such systems.

The second area is more applicable to large groups of agents since it allows only
communication in a local area, mostly defined by a maximum communication radius[5]
or by limiting communication to a special direction, e.g. defined by a cone. Such latter
graphs are named after the author Yao-graphs[6]. These systems need a fixed, environ-
ment- or problem-dependent radius. A radius which is too big will produce similar
problems as the global communication concepts entail because there can be too many
communication partners. A radius which is too small can lead to a system with no
communication (and hence no information exchange) at all. Other concepts in this area
are e.g. c-spanners. These are graphs satisfying that between any two vertices there
exists a path of length at most c in geometric distance[7].
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Our approach is related to the local communication concepts. The difference to the
ideas we mentioned before is that we allow each agent to adjust its communication ra-
dius individually. Compared to Yao graphs, we do not claim that our neighbours are
in different sectors. In detail, each agent will increase its radius until a fixed number
k of other agents are accessible, wherever they may be located. We model our system
by transforming the agents and communication lines into a more abstract geometrical
graph structure. In such a graph, each agent is represented by a node and each com-
munication line is an edge. In the remaining text we will use the terms node and agent
in parallel. The arising graph is denoted as a k-neighbourhood graph (kNG). We used
such graphs successfully in some coordination problems for agents (e.g. in [8]). In [9],
we give an example for learning appropriate sizes of the k-neighbourhood for each
agent individually when handling a multi objective optimization problem.

The kNG has been examined in [10], but there Eppstein considered only agents
interaction in the two-dimensional space having an out-degree of k = 1.

The remaining part of this paper is structured as follows. In the next section, we
give a formal definition of the k-neighbourhood graph and introduce some notations.
The two-dimensional in-degree proof is layd out in section 3 and the bound for three
dimensions in section 4. In the end, we conclude this paper and give ideas for future
research and possible applications.

2 Notation

In this section, we formally define the k-neighbourhood graph and several functions or
terms we use in this paper. First of all, we consider a set of n agents denoted by A
with n = |A|. We assume that no two agents are located on the same position in space
(distance δ(a, a′) > 0 ∀a, a′ ∈ A, a �= a′).

Definition 1. The function δ(p1, p2) defines the distance between two points in a three
dimensional Euclidean space. This function works in the same way if we consider two
arbitrary agents a and a′, then δ(a, a′) returns the distance between the positions of
two agents

δ : A x A → R : δ(a, a′) = |a, a′| =
√

(ax − a′
x)2 + (ay − a′

y)2 + (az − a′
z)2

Definition 2. The k-neighbourhood ℵa of an agent a ∈ A is defined to contain the k
nearest agents.

ℵa = {a1, ..., ak} such that ∀a′ ∈ (A \ ℵa) : δ(a′, a) ≥ δ(ai, a)(i = 1, ..., k)

Definition 3. We consider the graph G = (V, E) created when connecting each of the
n nodes (n = |A|) with its k nearest nodes. These are defined by the k-neighbourhood.

V = A; E = {(a, b)|a ∈ A, b ∈ ℵa}

We call this graph G a k-neighbourhood graph (kNG). If the edges are directed, the
graph is a directed-kNG.

In [11], there is an algorithm that can compute such graphs in O(k ·n log n) and in [12]
the algorithm needs O(k · n + n logn).
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3 Graph Properties 2D

In this section, we will provide some theoretical insight into the introduced k-neighbour-
hood graphs. It will be proven with geometrically properties that the number of incom-
ing connections to an arbitrary node is independent from the overall number of agents
and bounded by 6 · k. We start with a proof for k = 1 and extend this one for arbitrary
values of k. In [10] there is another idea for this case, but we need this approach to show
the more general relation for arbitrary k.

Theorem 1. In a two-dimensional space the maximum number of incoming connec-
tions to an arbitrary agent aM ∈ A in a 1-neighborhood graph is exactly 6.

We begin with a lemma proving that it is possible to locate 7 agents in such a way that
one agent has 6 incoming connections.

Lemma 1. For special values of n, agents can be located in such a way that one agent
has 6 incoming connections if the agents are connected by a 1-neigbourhood graph.

Proof. We arrange (n − 1) agents on the edges of a regular polygon with the remaining
agent aM in the centre of the polygon. We denote the distance between each agent and
the agent aM with r and the distance between two adjacent agents with s. We have the
law of cosine

s2 = 2r2 − 2r2cos

(
2π

n − 1

)

⇔ r = ± 1
√

2 − 2cos
(

2π
n−1

) · s ⇔ r = Δ · s

(We can ignore the negative value for the radius r)
For Δ smaller than 1, r is smaller than s. Hence, there will be a connection from an
agent in the polygon with the agent aM . This inequality is only true for (n − 1) < 6 or
n < 7. In the case n = 7 the distance from one agent to the agent aM in the middle of
the polygon is the same as the distance to its two adjacent polygon neighbours, therefore
the agents can still choose the agent in the middle and the in-degree of aM can be 6. �

Now we start with the proof for theorem 1. Therefore, we divide the space around agent
aM in s sectors (or cones) Si with equal size. We choose for each sector the agent
ni with the lowest distance to agent aM . An agent a will be in the sector Si if it is
situated directly inside a sector (see figure 1(a)). If an agent is located on the border
between two sectors, it will belong only to the right one. Now we consider an arbitrary
sector Si with the agent ni that lies nearest to aM and we show that there can be at
most one connection to aM . Let Ai be the set of agents that are in this sector Si with
ni, aM �∈ Ai. For all agents a ∈ Ai it holds that δ(a, aM ) > δ(a, ni) if we have a
sufficient large number s of sectors. This is proven in the following Lemma.

Lemma 2. Let S be a sector originating at aM with an angle α in a two-dimensional
space and let ni and a be two points in S with |aM , ni| ≤ |aM , a|. Then |a, ni| <
|a, aM | for α ∈ [0, π

3 [.
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(a) (b)

Fig. 1. A sketch of one sector that contains ni and a and the order of all nearest agents nxy in a
way that they can choose aM as one of the k nearest agents

Proof. First we define an imaginary point a′ that lies on the line from aM to a with the
same distance to aM as ni has (see figure 1(a)). The law of cosine states:

|a′, ni|2 = |aM , ni|2 + |aM , a′|2 − 2 · |aM , ni| · |aM , a′| · cos(β)

Because of the construction of point a′, it holds that

|a′, ni|2 = 2 · |aM , ni|2 − 2 · |aM , ni|2 · cos(β)

We use a trigonometric transformation and obtain

|a′, ni| = 2 · sin
(

β

2

)

· |aM , ni| (1)

Applying the triangle inequality we know that

|a, ni| ≤ |a′, ni| + |a, a′| (2)

and, of course, it holds that

|a, a′| = |aM , a| − |aM , a′| = |aM , a| − |aM , ni| (3)

So, if we combine (1), (2) and (3):

|a, ni| ≤ |aM , a| −
(

1 − 2 · sin
(

β

2

))

· |aM , ni|
︸ ︷︷ ︸

=Δ

For β ∈ [0, π
3 [ Δ is always > 0, therefore |a, ni| < |aM , a|. �
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Lemma 3. There can be at most 6 sectors with one agent that chooses aM as commu-
nication partner.

Proof. Assume we have s > 6 sectors with an agent ni
1 each. There is at least one

pair of agents (ni1 , ni2) with an angle γ between the lines from aM to each of it with
γ < 2π

6 . In lemma 2 we have proven that for such a setting only one of these agents
can choose aM as a communication partner. This is a contradiction to our assumption,
hence s has to be ≤ 6. �

Now we have all the information we need to prove theorem 1:

Proof. If we choose a number of sectors that is equal to 6, we can define β to be an angle
< π

3 because of the definition that points on the border between two sectors belong only
to the rightmost one and β ≤ α < π

3 (due to construction). Thus we know that for all
agents a ∈ Ai the agent ni is located nearer to a than the agent aM (see Lemma 2). The
in-degree can no more be increased, it’s maximum value is 6. �
In the next theorem we will expand this result for arbitrary k’s, the proof is very similar
to the one of theorem 1.

Theorem 2. In a two-dimensional space the maximum number of incoming connec-
tions to an arbitrary agent aM ∈ A in a k-neighbourhood graph is 6 · k.

Proof. Again we divide the space around agent aM into 6 uniform sectors S1, ..., S6.
Without loss of generality we consider one of these sectors denoted by Si. Now we
consider the k nearest agents ni1 , ..., nik

with

δ(aM , ni1) ≤ δ(aM , ni2) ≤ ... ≤ δ(aM , nik
)

in each sector to the agent aM (see figure 1(b)).
Let Ai contain the remaining agents in this sector Ai = {aj |aj located in Si, aj �=

nil
∀l ∈ {1, ..., k}}. If each of these agents nix can be located in the sector in such a

way that the agent aM is among the k nearest ones, the agent aM has an in-degree of
6 · k. In figure 1(b) one can find an example how an in-degree of 6 · k can be realized.
For construction we use the same idea as we did in lemma 1.

Now we can argue as we did in theorem 1. If we consider any agent a ∈ Ai, the k
nearest agents are among other agents in Ai (or maybe other agents in other sectors),
or at least the k agents nik

. The reason is the same as in the proof for theorem 1. There
is no chance to chose the agent aM as the nearest one, the nix agents are always closer.
Therefore, the in-degree of the agent aM could never become higher than 6 · k. �

4 Graph Properties 3D

In this section, we will concentrate on the three-dimensional space and will determine a
lower and an upper bound for the in-degree. Therefore, we start with giving an example
how an in-degree of 12 · k can be constructed and will then prove that an in-degree
greater than 60 · k cannot occur.

1 This is again the agent with the least distance to aM in sector i.
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Theorem 3. In a three-dimensional space the in-degree for an arbitrary agent aM can
be equal to 12 · k.

Proof. For this lower bound proof we construct an ikosaeder I (see figure 2(a)) with
side length l, vertex set E = {e1...e12} and aM as the centre. The outer sphere perimeter
radius of I is

R = 0.25
√

10 + 2
√

5 · l ≈ 0.95106 · l < l

We distribute 12 · k agents in such a way that on each vertex there are exactly k agents
in a small ε environment located. Now we show for any k that such an agent positioning
results in an in-degree of exactly 12 · k for agent aM .

For k = 1, the analysis is very simple. If we locate agents on all vertexes of I (i.e.
ε = 0), the agent aM in the middle will have an in-degree of 12 because for each
agent, aM is the nearest adjacent agent. This is due to the geometrical properties of an
ikosaeder. Each vertex has a maximum distance of R to the centre point, maybe less.
At the same time, the side length, i.e. the distance between adjacent vertexes, is l and
this is greater than R. Hence, the agent aM in the centre is closer than any agent on
the ikosaeder vertexes. Therefore, aM is chosen by all 12 agents and has an in-degree
of 12 · 1.

This idea can be enhanced for arbitrary k. If we consider k > 1, we can locate k
agents in an ε ∈ R

+
0 environment around each vertex ex. This environment can be seen

as a sphere with radius ε and ex in the center. We denote the agents around an arbitrary
vertex ei by Ai = {a1, ..., ak}. By definition, the distance from vertex ei to any a ∈ Ai

is bounded by ε (i.e. δ(ei, a) ≤ ε).
If we now choose

ε <
1
3

· (l − 1
4

√

10 + 2
√

5 · l) ⇔ R < l − 3 · ε

(a) (b)

Fig. 2. Figure 2(a) visualizes the geometrical shape of an ikosaeder. It consists of 20 triangles of
the same size and 12 vertexes. In figure 2(b), one of these regular triangles and the ε-environment,
where the agents are located, is schematicly displayed.
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and consider the ikosaeder with side length l, it holds for each agent a ∈ Ai that
(k − 1) agents are in the same ε-neighbourhood (the agent will not choose itself as a
neighbour). Due to the location of the ε-neighbourhood sphere we know that |a, aM | ≤
(R + ε) ∀a ∈ Ai.

At the same time, the distance between any agent a ∈ Ai and an arbitrary agent
b ∈ Aj in the ε-environment of edge ej (i �= j) is: |a, b| ≥ (l − 2 · ε). Therefore, the
following inequality holds:

|a, aM | ≤ (R + ε) < (l − 3 · ε) + ε = (l − 2 · ε) ≤ |a, b|

Hence, each agent in an arbitrary ε-environment will choose the remaining (k-1) agents
and then the agent aM as communication partners, thus aM has in-coming connections
from all 12 · k agents. �

Definition 4 (3-face Ikosaeder (3F-Ikosaeder)). We introduce a new geometrical fig-
ure that is similar to the ikosaeder (see figure 2(a)). In the 3F-Ikosaeder, we divide each
of the 20 faces of the ikosaeder with side-length l into three faces of equal size. There-
fore, we consider a single face with the vertexes A, B and C. These three vertexes form
an equilateral triangle (with the side length l). The median lines from each side cross in
a unique centroid point S (see figure 3(b)). Now we can construct three faces with the
same area as shown in figure 3(a). This quadrangle has the side length 1

6 ·
√

3 · l and l
2 ,

the diagonals have the length 1√
3

· l and l
2 .

The resulting geometric object has obviously 20 · 3 = 60 faces. An example is shown
in figure 4(a). From the geometrical properties of the Ikosaeder we know the in-sphere
radius

r = (1/12) ·
√

3 · (3 +
√

5) · l ≈ 0.755761 · l

and the same circum-sphere radius R = 0.25
√

10 + 2
√

5 · l as the Ikosaeder presented
before.

(a) (b)

Fig. 3. Figure 3(a) shows the construction of the single faces of the 3F-Ikosaeder. In figure 3(b),
the geometrical properties of these faces are presented. The side length of the whole 3F-Ikosaeder
is l.
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(a) (b)

Fig. 4. The 3F-Ikosaeder and a schematic figure of the proof for theorem 4

Theorem 4. In a three-dimensional space the maximum number of incoming connec-
tions to an arbitrary agent aM ∈ A in a 1-neighbourhood graph can not be greater
than 60 · 1. This is an upper bound.

Proof. We start with the construction of a 3F-Ikosaeder I as defined before. The side
length of I is variable and denoted by l. The centre of I is the agent aM . The whole
space around aM can now be divided into 60 cone-like structures S = {S1, ..., S60}.
Each Si can be seen as the extension of a pyramid, with aM as apex and one face of I
as basis. Without loss of generality, we consider an arbitrary segment S ∈ S.

In S, we consider the agent a ∈ A with the shortest distance to aM . We modify now
the side length of I in such a way that a lies directly in a face of I. An example is
shown in figure 4(b).

Now we will prove that the distance from an arbitrary agent b that lies in S to this
agent a is always smaller than the distance from b to agent aM . Hence, the in-degree of
aM is bounded by the number of faces of the ikosaeder.

Therefore, we have to show: |b, a| < |b, aM |
We know that all points on the surface of an 3F-Ikosaeder face lie between or on the

in- and the circum-sphere, therefore we know that

r ≤ |aM , a| ≤ R (4)

We can add the projection of b2 (denoted by b′) onto the face into this relation, then we
can restate our goal to |b, aM | = |aM , b′| + |b′, b| > |b, a| If we add here equation (4),
we can consider the minimum value for |aM , b′| and replace this part by its minimum
value r, hence it is enough to show that

r + |b′, b| > |b, a| (5)

Because the triangle inequality holds, we know that

|b, a| ≤ |b′, b| + |b′, a| ⇔ |b′, b| ≥ |b, a| − |b′, a| (6)

2 The projection of b onto an ikosaeder face is the intersection point of the connection between
b and aM and the face itself.
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If we combine (5) and (6), we get

r + |b, a| − |b′, a| > |b, a| ⇔ r > |b′, a|

We know from our definition of the 3F-Ikosaeder that the longest distance d in one face
is

d =
1√
3

· l ≈ 0.57735 · l

Therefore, the distance from b′ to a is bounded by d and we can say that

r =
1
12

·
√

3 · (3 +
√

5) · l >
1√
3

· l = d

This statement is true for arbitrary l > 0, thus we have shown that in each sector only
the agent that is closest to aM can choose this agent as communication partner. In each
cone the agent a is some kind of barrier for further connections of other agents with
aM . Hence, we have proven an upper bound of 60 · 1 for the number of incoming
connections.

Now, we will prove the upper bound for incoming connections for arbitrary k.

Theorem 5. In a three-dimensional space the maximum number of incoming connec-
tions to an arbitrary agent aM ∈ A in a k-neighbourhood graph cannot be greater
than 60 · k.

Proof. Assume, we have more than 60 · k agents with connections to the agent aM . If
we again construct an 3F-Ikosaeder around aM , then there has to be at least one cone-
like structure with aM as apex (cf. figure 4(b)) with k′ > k agents that have connections
to aM . Now we consider the (k+1)-nearest agent to aM . With the same argumentation
as we did in the proof for theorem 4 we can show that this agent will choose as its
communication partners each of the k-nearest agents to aM prior. Hence, there is no
possibility left to choose aM as communication partner and this is a contradiction to
our assumption. �

If we now combine the results from Theorem 3 and Theorem 5, we have a lower and an
upper bound for the maximum number of communication partners for arbitrary agents
in a kNG. This number m ∈ {12 · k, ..., 60 · k} is independent from the overall number
of agents.

5 Conclusion and Future Work

In this paper we were engaged with a special kind of graph. We have proven that in such
graphs with k outgoing edges to the nearest agents the in-degree of each agent is inde-
pendent from the overall number of agents. The maximum value could be determined
exactly for two-dimensional interactions by 6 · k. For three-dimensional interactions,
we could prove lower and upper bounds of 12 · k and 60 · k by the construction of a
special geometrical structure called 3F-Ikosaeder.



Studies on Neighbourhood Graphs for Communication in Multi Agent Systems 465

In some experiments we compared the kNG communication structure with the clas-
sical and often used radial communication structure concerning energy costs. In exper-
imental settings we found out that we can save a lot of energy (more than 40%) with
only small values for k. At the same time, we do not need a parameter for such a com-
munication radius. Our system can generate a connected graph with very small values
for k. These experiments and results will be presented in an upcoming paper.

References

1. Ferber, J.: Multi-agent systems: An introduction to distributed artificial intelligence.
Addison-Wesley, Harlow, England [u.a.] (1999)

2. Bonabeau, E., Dorigo, M., Theraulaz, G.: Swarm Intelligence - From natural to artificial
Systems. Oxford University Press (1999)

3. Matarić, M.J.: Using communication to reduce locality in distributed multi-agent learning.
In: Journal of Experimental and Theoretical Artificial Intelligence, special issue on Learning
in DAI Systems, Gerhard Weiss, ed., 10(3) (1998) 357–369

4. Nii, H.P.: Blackboard systems, part one: The blackboard model of problem solving and the
evolution of blackboard architectures. AI Magazine 7 (1986) 38–53

5. Gao, J., Guibas, L., Hershberger, J., Zhang, L., Zhu, A.: Geometric spanner for routing in
mobile networks. (2001)

6. Eppstein, D.: Spanning trees and spanners. Technical Report Technical Report 96-16, Uni-
versity of California, Dept. Information and Computer Science (1996)

7. Schindelhauer, C., Volbert, K., Ziegler, M.: Spanners, weak spanners, and power spanners for
wireless networks. In: Proceedings of ISAAC 2004, LNCS 3341, Springer (2004) 805–821
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Abstract. There are restrictions of complete rationality and informa-
tion symmetry, which is difficult to work in reality, in the traditional
game theory. However, the evolutionary game theory, based on bounded
rationality, can compensate these defects. In this paper, we set up an
asymmetric model of the evolutionary game between a supplier and a
retailer with asymmetric information. The evolutionary stable strategies
and their premises were obtained with the replicator dynamics mech-
anism. The analysis in this paper has significance of explanation and
direction for the supply chain management.

1 Introduction

Since the game theory generated in the 20th century, it rapidly became one of the
major methods to the problems of supply chains. Cachon and Zipkin(1999)[1]
proposed a model of an inventory game in a two-stage supply chain. Then
Cachon(2001)[2] expanded it, he set up a model that a supplier and several
retailers choose the re-ordering point. Gurdal(2002)[3] articulated a game model
of a two-stage supply chain in which the retailing price is a linear function of the
wholesaling price. LI Ling and DENG Fei-qi(2006)[4] gave detailed introduction
of the cooperative game analysis on enterprises coalition.

Above mentioned game theory models are based on the traditional game
theory, its prerequisite is complete rationality which calls for the perfect mas-
ter of the game. But in reality, a supplier and a retailer usually cannot know
each other’s payoff function, and their rationality also will encounter various re-
strictions. As a consequence, attention has shifted to evolutionary game theory
which is based on bounded rationality and emphasizes the dynamic evolving
process.

This paper provides an asymmetric model of evolutionary game between a
supplier and a retailer with asymmetric information, and get the evolutionary
stable strategies (ESSs) of it with the replicator dynamics mechanism. To the
best of our knowledge, this is the first time that evolutionary game theory is
used to analyze the asymmetric model of upper and lower corporations in supply
chains. Previous applications of evolutionary game theory are all based on the
fixed parameters, the difference of this paper is to analyze the different ESSs in
case of variable parameters.
� This work is supported by the NSFC under the project 60374023.
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2 ESS and Learning Mechanism

In the bounded rational analytic frame of evolutionary game theory, a player’s
behavior is not optimal at first, instead, his decision is optimized by dynamic
processes such as individuals’ mutual imitation, learning and mutation. ESS is
one of the core concepts in evolutionary game theory. The definition of an ESS
requires that for all mutant populations R there exists an invasion barrier ε
such that the original population P does better against the mixed population
(1 − η)P + ηP than R does for all η ≤ ε[5]. That is to say a ESS is a strat-
egy with which a whole population cannot be invaded by small set of mutant
genotypes.

Another key in evolutionary game theory is to confirm the mode for players’
strategy adjustment, which we call learning and evolutionary mechanism. The
most concerned one is replicator dynamics, the thought of which is players within
a population change strategy from one to another with rates being functions of
the average payoff(fitness) of the strategies. We adopt this mechanism because
it’s suitable for the large group and random matching environment in the global
supply chains which are the trend of modern supply chain management.

3 The Evolutionary Game Model Between a Supplier
and a Retailer

Consider the principal-agent relationship between a supplier and a retailer. The
supplier provides products to the retailer for sell. The retailer can choose the
strategy: promotion or non-promotion, and doesn’t know whether the supplier
will inspect his action. Owing to asymmetric information, the supplier can’t ex-
amine whether the retailer works hard or not, but can only find out the final sales
amount, thus to choose his strategy: inspection or non-inspection. The decision-
making processes have the features of asymmetry and bounded rationality, and
decisions of the supplier and the retailer interact, so it’s suitable to analyze the
processes with evolutionary game theory.

Notes:

e1,e2 respectively stand for profits of the supplier and retailer from selling one
unit of product,e1,e2 > 0; B stands for the fixed sales quantity if the retailer
doesn’t promote sales of the product, B > 0; cs, cr respectively stand for inspec-
tion cost of the supplier and sales promotion cost of the retailer, cs, cr > 0; cp

represents the punishment suffered by the retailer when he doesn’t promote sales
of the product but the supplier inspects, cp > 0; α represents the sales quantity
factor when the retailer promotes sales of the product but the supplier doesn’t
inspect, α > 1; β represents the sales quantity factor when the retailer promotes
sales of the product and the supplier inspects, β > α.

Evolutionary game is played among suppliers and retailers groups, every time
the game is played by one member of the former group and one member of the
later one. Every side make use of replicator dynamics to adjust his strategy.
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Following is the payoff matrix of the supplier and the retailer:
����������Supplier

Retailer Promotion Non-Promotion

Inspection (e1βB − cs, e2βB − cr) (e1B − cs, e2B − cp)
Non-Inspection (e1αB, e2αB − cr) (e1B, e2B)

Suppose x as the proportion of the suppliers using the ”inspection” strategy in
suppliers group, (1-x) as ”non-inspection”; y as the proportion of the retailers
using the ”promotion” strategy in retailers group, (1-y) as ”non-promotion”.

Then the expected payoff of a supplier when choosing ”inspection” is:

Ei = (e1βB − cs)y + (e1B − cs)(1 − y) = e1B(β − 1)y + e1B − cs (1)

It follows that the expected payoff of suppliers group is:

Es = xEi + (1 − x)Ei = e1B(β − α)xy − csx + e1B(α − 1)y + e1B (2)

Thus we get the replicator dynamics equation of suppliers group:

ẋ = x(Ei − Es) = x(1 − x)[e1B(β − α)y − cs] (3)

Similarly the replicator dynamics equation of retailers group is:

ẏ = y(1 − y){[e2B(β − α) + cp]x + e2B(α − 1) − cr} (4)

In above nonlinear system, order ẋ = 0, ẏ = 0, we get five equilibriums: (0,0),
(0,1), (1,0), (1,1), ( cr−e2B(α−1)

e2B(β−α)+cp
, cs

e1B(β−α) ).
As can be seen in reference[6], when a equilibrium of the replicator dynamics

equations is an evolutionary equilibrium (equals to the locally asymptotically
stable point in dynamic systems), it is an ESS.

So we can judge whether the five equilibriums are ESSs via analyzing Jacobian
Matrix of this system. We get the Jacobian Matrix:

J =
[
[e1B(β − α)y − cs](1 − 2x) x(1 − x)[e1B(β − α)]
[e2B(β − α) + cp]y(1 − y) e2B(β − α)x + cpx + e2B(α − 1) − cr](1 − 2y)

]

(5)
The equilibriums fitting det(J) > 0 and tr(J) < 0 are asymptotically stable,

thus they are ESSs of the game[7]. Thus we conclude that:

i When e2B(α − 1) − cr < 0, there is one ESS (0,0), the strategy profile
which the supplier and retailer adopted will converge to (Non-inspection,
Non-promotion);

ii When e1B(β − α) − cs < 0 and cr − e2B(α − 1), there is one ESS (0,1), the
strategy profile will converge to (Non-inspection, Promotion);

iii When cs − e1B(β − α) < 0 and cr − cp − e2B(β − 1) < 0, there is one ESS
(1,1), the strategy profile will converge to (Inspection, Promotion);

iv When e2B(α−1)−cr < 0, cs −e1B(β −α) < 0 and cr −cp −e2B(β −1) < 0,
there are two ESS (0,0)and (1,1), the strategy profile will converge to (Non-
inspection, Non-promotion) or (Inspection, Promotion) according to different
initial strategy profiles.
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4 Conclusion

Game theory has become one of the main methods to solve the problems in
supply chains. But the former articles are generally based on complete rationality
and strictly require the players to master correct knowledge and abilities of
analysis and judgement for the structure of the game, and the condition of every
player. Actually in the real market economy, even if the upper and lower streams
are in cooperative partner relationship, it’s still difficult to guarantee absolute
information symmetry. So we generate an asymmetric information evolutionary
game model between a supplier and a retailer, and analyze the ESSs of the game
with the replicator dynamics learning mechanism. The conclusion is that the
ESSs in this evolutionary game model are influenced by the parameter values
and the initial strategy profile.

This paper can clearly and effectively explain the strategy evolutionary pro-
cesses of upper and lower enterprises in supply chains. It also gives theoretic
basis for the national and government to interfere supply chain operations.
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Abstract. An optimal public investment model with two objective func-
tions considering efficiency & equity and several constraints such as taxes
and capital transfer loss are established by dividing public & private sec-
tors and relaxing several original hypotheses respectively. And the objec-
tive functions and constraints are handled to adapt the model into the
double-objective multi-constraint programming model suitable for ge-
netic algorithm-based solution. Then encoding and decoding approaches
are designed. Finally a case study is carried out to validate the proposed
model and the GA-based solution.

1 Introduction

Optimal public investment model is evolved from optimal economic growth
model. In nature, it is the optimal economic growth model focusing on opti-
mal public investment. Research on optimal economic growth model emerged
in 1920’s and reached a peak in 1980’s. In recent years, academics from many
countries have studied optimal public investment from many specific aspects. For
example, Gaube [1] researched public investment and income taxation, Basu,
etc. [2] researched cross-country economic growth and inequality correlation,
Brecher, etc. [3] researched dynamic stability in a two-country model of opti-
mal economic growth and international trade, Van, etc. [4] researched recur-
sive utility and optimal economic growth, Jouini [5] researched convergence of
utility Functions and optimal strategies, Aurell [6] researched optimal growth
strategies, Saglam [7] researched optimal economic growth model and the la-
grange multiplier, and Gómez [8] researched optimal fiscal policy in Uzawa-Lucas
model with externalities, etc. However, there are little literature on establish-
ment of and solution to the whole optimal public investment model. In this
paper, optimal public investment is studied from a spatial perspective, i.e. cap-
ital flows and labor flows are caused by different marginal capital productivity,
� This paper is supported by the Specialized Research Fund for the Doctoral Program

of Higher Education of China (Grant No. 20050006025).
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marginal labor productivity, production function, income and other factors of
different regions, which will further affect public investment of the next pe-
riod. Therefore, it is of realistic significance to study optimal cross-region public
investment.

2 Review of Optimal Economic Growth Model

Wu, Jih-Hwa [9] carried on extensive work on optimal economic growth model
and its extensions to cross-region investment. Since Ramsey published his semi-
nal work about optimal economic growth [10] in Economic Journal in 1928, much
literature has come out. In neo-classical optimal economic growth model under
aggregative close economy, the time path of consumption per capita should be
selected to solve the following single-objective maximal problem:

Max W = N
∫ T

T0
e−μ(t−T0)U(c(t))dt

Subject to k′(t) = f(k(t)) − c(t) − ρk(t)
k(t0) = k0
0 ≤ c(t) ≤ f(k(t)),

(1)

among which W is social welfare; the individual utility function U at time t is the
function of c(t); N is the gross population; μ is exponential discounting factor;
c(t) is piecewise continuous; output Y (t), consumption C(t), and investment I(t)
are all functions of t; the current capital stock depreciates at a constant rate γ;
suppose K(t) is the capital stock at t, and then:

I(t) = K ′(t) + γK(t) . (2)

Divide K(t) by simple labor, i.e. k(t) = K(t)/L(t); suppose labor supply
grows at a constant exponential rate θ, i(t) = k′(t) + (γ + θ)k(t), let ρ = γ + θ,
so (2) can be rewritten as k′(t) = f(k(t)) − c(t) − ρk(t).

Solutions to (1) have been addressed in much economic growth literature.

3 Establishment of Optimal Regional Public Investment
Model

Suppose there are n different regions. Part of the income Yi of region i(i =
1, ..., n) is saved for investment. And the central government distributes the in-
vestment fund to every region according to the principle of maximizing the total
regional incomes. In this section, the cross-region cross-sector production func-
tion is established first, then the objective functions and constraints of optimal
regional public investment model are discussed in turn, and the double-objective,
multi-constraint, cross-region, and cross-sector optimal regional public invest-
ment model will be established finally.
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3.1 Cross-Region Cross-Sector Cobb-Douglas Production Function

First, the assumption that aggregative production function is homogenous pro-
duction function of degree one is relaxed as Cobb-Douglas production function
is adopted. According to the simple model of Mankiw, Romer, and Weil [11],
Cobb-Douglas production function is:

Y (t) = F (K(t), L(t)) = AK(t)αL(t)β , (3)

among which A represents technical factor. Suppose 0 < α < 1, 0 < beta < 1,
which indicate the marginal outputs of manufacturer’s capital and simple labor
are declining. Theoretically, (α + β) may be larger than 1, equal to 1, or smaller
than 1, which figure increasing returns to scale, constant returns to scale, and
decreasing returns to scale.

The regional production functions and economic structures are different, in
the same region, the industrial sector may be in the stage of constant returns to
scale, but the service sector may be in the stage of increasing returns to scale, so
the aggregative production function should be break down by region and sector.

Suppose there totally are m sectors in every region. Then the Cobb-Douglas
production function of sector j in region i is:

Yij(t) = Fij(Kij(t), Lij(t)) = AijKij(t)αij Lij(t)βij . (4)

Then the Cobb-Douglas production function of region i is:

Yi(t) =
m∑

j=1

Fij(Kij(t), Lij(t)) =
m∑

j=1

AijKij(t)αij Lij(t)βij . (5)

And then the aggregative Cobb-Douglas production function is:

Y (t) =
n∑

i=1

Fi(Ki(t), Li(t)) =
n∑

i=1

m∑

j=1

AijKij(t)αij Lij(t)βij . (6)

3.2 Cross-Region Cross-Sector Public Investment Objective
Functions

The aims of cross-region cross-sector public investment may include but not
limited to final total income maximization and cross-region equity maximization.
The control variables include rate of savings, tax rates, public investment shares
of regions and sectors, etc.

Cross-Region Cross-Sector Final Total Income Maximization. Friesz
and Luque (1985) were the first to propose the income objective function con-
sidering relative importance of different regions. And in this section, the relative
importance of different sectors will also be considered. Suppose the income of
sector j in region i at the final time T is Yij(T ). Then the total income of region
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i at the final time T is
∑m

j=1 Yij(T ). Considering the relative importance of dif-
ferent sectors, a weight can be added in front of the income of every sector, and
then the weighted total income of region i at the final time T is

∑m
j=1 ξijYij(T ),

among which ξij is the weight of sector j in region i, and
∑m

j=1 ξij = 1. There-
fore the cross-region total income at the final time T is

∑n
i=1

∑m
j=1 ξijYij(T ).

Similarly, a weight can also be added in front of the regional incomes before sum-
ming up, i.e.:

∑n
i=1

∑m
j=1 ωiξijYij(T ), among which ωi is the weight of region

i, and
∑n

i=1 ωi = 1. If the final total income is used to represent total welfare,
then the maximization objective of cross-region final total income is:

Max J1 =
∑n

i=1
∑m

j=1 ωiξijYij(T ) . (7)

Cross-Region Income Per Capita Gap Minimization. The cross-region
income gap minimization objective was first addressed in Friesz’s (1977) multi-
objective optimal economic growth model. However, his objective was limited to
cross-region income gap minimization but not involving income per capita. In
order to balance regional differences in income per capita, develop the lagging
regions, and guarantee social stability, it is necessary to reduce the degree of
cross-region income per capita gap.

Suppose two regions k and v, 1 ≤ k, v ≤ n, and k �= v. The incomes of region
k and region v are Yk(t) and Yv(t) respectively. Considering population, suppose
the populations of region k and region v are Nk(t) and Nv(t); notice the simple
labor supply functions of region k and region v are Lk(t), Lv(t), respectively,
and Nk(t) > Lk(t), Nv(t) > Lv(t). Then the incomes per capita of region k and
region v are Yk(t)/Nk(t) and Yv(t)/Nv(t) respectively.

In order to minimize cross-region income per capita gap, it is only necessary
to satisfy:

Max J2 = −
∑n

k,v=1

∫ T

T0
|Yk(t)/Nk(t) − Yv(t)/Nv(t)| dt . (8)

There is a unique rule of change of simple labor due to change of investments in
every specific sector of specific region according to statistics. These rules change
as the level of economic development, human environment, historical and other
factors of countries or regions differ. These rules can be simplified as the following
homogenous function of degree one:

Lij(t) = λijIij + Cij , λij > 0, Cij > 0 , (9)

among which Cij represents the necessary simple labor of sector j in region i,
including management, accountants, etc., the number of which will hardly change
with investment within a certain scope;λij is the labor-investment ratio of sector
j in region i, representing changes of simple labor due to changes of investment.
Statistic data will be applied to survey labor-investment relationships.

In a word, the output-capital ratio assumption is relaxed, the labor-investment
assumption is established, the cross-region cross-section production function is
applied to the optimal public investment model, and the optimization objectives
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proposed by the predecessors are expanded. There is certain relationship between
these objectives. Income maximization and gap minimization are constrained
mutually. These objectives must be realized by meeting certain constraints.

3.3 Extension of the Original Constraints

The main contributions of this paper in extending the original constraints lie in
modifying taxation and capital transfer loss by dividing the economy into public
sectors and private sectors.

Modification of Taxation. Two-sector investment model was first raised by
Sakashita (1967). He supposed that in the income Yi(t) of region i, first (1 − si)
proportion of the income should be consumed in public sectors and private sec-
tors, and then the rest siYi(t) should be used to pay taxes at the rate r(t). There-
fore (1 − r(t)siYi(t)) should be controlled by private sectors, while r(t)siYi(t)
should be controlled by public sectors, i = 1, 2.

Later Friesz (1977, 1978) proposed that the rate of savings for private sectors
should be si, while the rate of savings for public sectors should be zi, and these
two rates are not identical.

Considering characteristics of taxation, the income Yi(t) of region i should
first be used to pay taxes according to tax rate r(t), ignoring the differences
in tax rate between different regions. Suppose all the incomes of public sectors
come from taxation, the income amount controlled by the public sectors should
be r(t)Yi(t), applying to consumption and savings of public sectors. The rest
(1 − r(t))Yi(t) should be controlled by private sectors, applying to consumption
and savings of private sectors. Suppose all the savings are used to invest, and the
rate of savings for public sectors is zi, the rate of savings for private sectors is si.
Then public sector investment of region i is r(t)ziYi(t), and total public sector
investment of all the regions is

∑n
i=1 r(t)ziYi(t); similarly, total private sector

investment of all the regions is
∑n

i=1(1− r(t))siYi(t). So the total investment is:
I(t) =

∑n
i=1(r(t)zi + (1 − r(t))si)Yi(t). Rewrite it into cross-region cross-sector

form: I(t) =
∑n

i=1
∑m

j=1(r(t)zi + (1 − r(t))si)Yij(t). According to (2), the time
rate of change of capital of all the regions is:

K ′(t) =
n∑

i=1

m∑

j=1

[(r(t)zi + (1 − r(t))si)Yij(t)] − γ

n∑

i=1

m∑

j=1

Kij(t) . (10)

Suppose ϕij is the distribution rate of public sector investment to sector j of
region i, φij is the distribution rate of private sector investment to sector j of
region i, 0 ≤ φij , ϕij ≤ 1, and

∑n
i=1

∑m
j=1 φij = 1,

∑n
i=1

∑m
j=1 ϕij = 1. Then

the time rate of change of capital of region i is: K ′
i(t) = r(t)zi

∑m
j=1 ϕijY (t) +

(1 − r(t))si

∑m
j=1 φijY (t) − γ

∑m
j=1 Kij(t). So, (10) can be written as:

K′(t)=r(t)
n�

i=1

[zi

m�

j=1

ϕijY (t)]+(1−r(t))
n�

i=1

[si

m�

j=1

φijY (t)]−γ
n�

i=1

m�

j=1

Kij(t). (11)
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It should be pointed out that ϕij and φij are macroeconomic control indexes of
great significance. For example, governmental sectors can regulate the emphases
of national economy and influence the track of national economy through ad-
justing the distribution rate of public investment to different sectors of different
regions.

Modification of Capital Transfer Loss. The total savings were supposed
to be equal to the total investments in the description above. However, Datta-
Chandhuri (1967), Domazlicky (1977), and Michel, Pestiean, Thisse (1983) all
believed that cross-region capital transfer should cause loss, that is, the invest-
ments should be equal to the total available savings.

Suppose the proportion is constant, bik proportion of the public savings of
region i will be lost in the process of capital transfer to region k, bik ∈ [0, 1],
and aik proportion of the private savings of region i will be lost in the process
of capital transfer to region k, aik ∈ [0, 1], k = 1, ..., n. Then the time rate of
change of capital of region i is: K ′

i(t) = r(t)(1−
∑n

k=1 bik)zi

∑m
j=1 ϕijY (t)+(1−

r(t))(1 −
∑n

k=1 aik)si

∑m
j=1 φijY (t) − γ

∑m
j=1 Kij(t). So, (11) can be written as:

K ′(t) = r(t)
∑n

i=1[(1 −
∑n

k=1 bik)zi

∑m
j=1 ϕijY (t)]

+(1 − r(t))
∑n

i=1[(1 −
∑n

k=1 aik)si

∑m
j=1 φijY (t)] − γ

∑n
i=1

∑m
j=1 Kij(t)

(12)

3.4 Establishment of Optimal Regional Public Investment Model

To sum up, the double-objective multi-constraint optimal regional public invest-
ment model can be expressed as following:

Max(J1, J2) s.t. (2), (4), (9), (12) . (13)

The dependent variable of the model is the income of sector j of region i. The
control variables of the model are financial tools, including tax rate, weights
of every sector of every region, etc. The main external parameters are rate of
savings, private sector investment share, discounting rate, and other constraint
parameters.

4 Solution and Analysis on the Basis of Genetic
Algorithm

The traditional algorithms usually cannot solve optimal economic growth prob-
lem with complicated objective functions and constraints well. During the past
more than 10 years, GA has been applied to solve all kinds of complicated engi-
neering problems widely, because it is the effective algorithm designed specially
for complicated optimization problems developed on the basis of biological sim-
ulation, and the powerful stochastic searching optimization technique [12]. As
for the optimal public investment model proposed in this paper, because there
are many variables, multiple objective functions, and complicated constraints in
the model, it should be solved with GA, and in the solving process advantages
of GA can be fully shown.
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4.1 Handling Objective Functions and Constraints

Resolve ordinary differential equation (2):

K(t) = e
�

(−γ)dt(
∫

I(t)e−
�

(−γ)dt + C̃) . (14)

Combine (4), (9) and (14):

Yij(t) = Aij(e
�

(−γ)dt(
∫

I(t)e−
�

(−γ)dt + C̃))αij (λijIij + Cij)βij . (15)

Without loss of generality, suppose the government is making public invest-
ment plan for period [T0, T ] at T0. The total public investment is I. At T0 during
[T0, T ] the government plans to invest ϕijI in sector j of region i. For given T0,
T , ϕij and I, there are infinite feasible investment paths Iij(t) of sector j of
region i. However, most investment process can be divided into two stages in
practice: At first a initial Ĩij is invested, and the rest is invested gradually. The
investment process can be described with the following segmented function:

Iij(t) =

{
Ĩij if t = T0

(ϕijI − Ĩij)/(T − T0) if t > T0
. (16)

Combine (5), (7), (8), (15) and (16), and it can be seen that both the objective
functions and constraints in (13) can be converted into functions of ϕij . Also,
some constraints have been incorporated into the objective functions. As a result,
(13) can be written as:

Maximize J1 = f1(ϕ11, ϕ12, ..., ϕ1m, ϕ21, ..., ϕ2m, ..., ϕn1, ..., ϕnm)
J2 = f2(ϕ11, ϕ12, ..., ϕ1m, ϕ21, ..., ϕ2m, ..., ϕn1, ..., ϕnm)

Subject to f3 = f3(ϕ11, ϕ12, ..., ϕ1m, ϕ21, ..., ϕ2m, ..., ϕn1, ..., ϕnm) = 0
f4 =

∑n
i=1

∑m
j=1 ϕij = 1

, (17)

among which f3 is converted from (12).
When this double-objective programming problem is solved with GA, con-

straints f3 and f4 should be relaxed properly in avoidance of premature conver-
gence of the algorithm. So, let f5 = |f3| ≤ Δ1, f6 = |f4 − 1| ≤ Δ2, among which
Δ1 and Δ2 are positive real numbers with very small value. Then (17) can be
rewritten as:

Max(J1, J2) s.t. f5 ≤ Δ1, f6 ≤ Δ2 . (18)

Combine weighted-sum approach and penalty function approach, transform
(18) into the following single objective programming model:

Max J = π1J1 + π2J2 + F (f5) + F (f6) , (19)

among which πi ≥ 0(i = 1, 2) represents the weight of two optimal objective
functions in (19), and

∑2
i=1 πi = 1. F (f5) and F (f6) are negative penalty func-

tions which penalize the solutions violate constraints. The design features of
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penalty functions are:

F (f5) =
{

1.01glogg
G, f5 > Δ1

f5, f5 ≤ Δ1
and F (f6) =

{
1.01glogg

G, f6 > Δ2
f6, f6 ≤ Δ2

,

among which g is the number of evolution generations, and G is the maximal
number of generations (see [13]).

4.2 Encoding and Decoding Approaches

It is a key to GA to encode and decode the solutions into chromosomes. In the
optimal cross-region public investment model, a binary string [14] of 7 bits can
be used to represent ϕij . The value of the binary string is a percent. If it exceeds
100%, the value is defined as 100%. For example, if the corresponding binary
string of ϕ11 in the chromosome is 0011001, so ϕ11 = 15%. Then after encoding
m × n variables, the chromosomes of optimal cross-region public investment
model are binary strings with the length of 7 × m × n, i.e. A[1..7 × m × n]. Let
array element Solution[i][j] store ϕij , and the decoding algorithm of solution to
optimal cross-region public investment model is as following: INPUT: A[1..7 ×
m × n]; OUTPUT: Solution[1..i][1..j].

Algorithm: Decoding BEGIN
INTEGER i:=1; INTEGER j:=1; INTEGER k:=1; FLOAT temp:=0.0;
WHILE (i<=n) DO

{WHILE (j<=m) DO
WHILE (k<=7) DO

{temp:=temp+A[7*(i-1)*m+7*(j-1)+k]*2^(7-k);
k:=k+1;}

IF (temp/100 > 100%)
temp=100%;

Solution[i][j]:=temp; j:=j+1; k:=1; temp:=0.0;}
i:=i+1; j:=1;}END

4.3 Case Study and Result Analysis

A case study is carried out to verify effectiveness of the optimal cross-region
public investment model. Values are assigned to relevant constant parameters in
the model first, and weights of the three optimal objective functions are adjusted
dynamically to record the changing courses of two optimal objective functions
secondly. As a result, it can be concluded whether the public investment decision
on basis of the proposed GA-based model is able to adjust economic growth rate
and control income gap.

Suppose there are two regions with two sectors each. The relevant parameters
are: A = 5, αij = 0.6, βij = 0.4, si = 50%, zi = 90%, ξ11 = 0.6, ξ12 = 0.4, ξ21 =
0.7, ξ22 = 0.3, ω1 = 0.4, ω2 = 0.6, φij = 0.25, r(t) = 0.3, aij = bij = 0.1, γ =
0.1, λ11 = 1, λ12 = 0.5, λ21 = 2, λ22 = 0.2, C11 = 1, C12 = 2, C21 = 1, C22 =
2, N1 = 15, N2 = 20 (in thousands), Y11(0) = Y12(0) = Y21(0) = Y22(0) =
0, [T0, T ] = [0, 1], I(0) = RMB200 (in millions).
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The optimal public investment model is resolved with GA according to the
parameters above. Chromosome encoding and decoding approaches are shown in
Subsection 4.2. The chromosomes are selected based on roulette wheel selection
approach for next population. Two-point crossover and uniform mutation is per-
formed. And the population is evaluated based on fitness function ( 19). Then
we get ϕij = 0.25. Change the relevant parameters, the distribution proportions
of ϕij will change correspondingly. Results are demonstrated in Fig. 1.

In Fig. 1(a), the investment is averagely divided between regions. The return
of capital increases and the percentage of income gap to average regional income
decreases as the investment to the more labor-intensive sector increases.
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Fig. 1. Investments vary in sectors and regions

In Fig. 1(b), the investment is averagely divided between sectors. The return
of capital fluctuates but tends to decrease as the investment to the less-developed
region increases. And the percentage of income gap to average regional income
fluctuates but tends to increase in the same process as above.

As can be seen from Fig. 1, different proportions of public investment may
cause economic growth and income gap to vary; proportions of public investment
may be used for macro-control of different regions and sections; and GA-based
solutions to the model can provide feasible foundation for public investment
decision.

5 Conclusions

To sum up, the cross-region cross-sector Cobb-Douglas aggregative production
function is established first in this paper. Secondly two objective functions in-
volving both efficiency and equity and such constraints as taxation and capital
transfer loss are combined to form a double-objective, multi-constraint, cross-
region, cross-sector optimal regional public investment model. Thirdly GA is
applied to solve the model. And finally a case study validates the effectiveness
of both the model and GA-based solution.
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Abstract. This paper describes the application of a multi-population genetic 
algorithm to the selection of feature subsets for classification problems. The 
multi-population genetic algorithm based on the independent evolution 
of different subpopulations is to prevent premature convergence of each 
subpopulation by migration. Experimental results with UCI standard data 
sets show that multi-population genetic algorithm outperforms simple genetic 
algorithm. 

1   Introduction 

Dimensionality reduction is a common preprocessing step used for pattern recognition 
and classification applications. Nowadays, many Dimensionality Reduction Methods 
are introduced, as feature selection, sparse representations, feature construction, etc [2] 
[4] [5]. However, feature selection has received considerable attention. As we know, 
Feature selection is the problem of selecting a subset of d features from a set of D 
features based on some optimization criterions. The primary purpose of feature selection 
is to design a more compact classifier with as little performance degradation as possible 
in which the features removed should be useless, redundant, or of the least possible use. 

Genetic algorithms (GAs) are heuristic methods for solving computationally 
difficult problems using biologically inspired notions of Darwinian evolution [3]. 
They have been applied to a variety of problems, from function optimization to 
feature selection. GAs frequently have an advantage over many traditional local 
search heuristic methods when search spaces are highly modal, discontinuous, or 
highly constrained. Several authors have explored the use of genetic algorithms for 
feature subset selection for neural network and nearest neighbor classifiers, but the 
primary complaints toward genetic algorithms are the occurrence of premature 
convergence [6],[14]. Premature convergence can be subdued through variations of 
operations such as crossover, selection, mutation, and through alterations of 
parameters such as population size, crossover rate, and mutation rate. Much research 
has been done in developing improved genetic algorithms. Past research has focused 
on the improvement of operators and parameter settings and indicates that premature 
convergence is still the preeminent problem in GA’s. 
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This paper describes the application of a multi-population genetic algorithm (MGA) 
to the selection of feature subsets for classification. MGA is an algorithm whose 
architecture is specifically designed to confront the causes of premature convergence. 
The communication between sub-populations is assured by a migration process: after 
some generations several elements leave their population and migrate to another. This 
process has in important role in preserving the population diversity, thus in avoiding 
premature convergence cases. Experimental results with UCI standard data sets show 
that multi-population genetic algorithm outperforms simple genetic algorithm. 

The paper is organized as follows. The next section is a brief introduction to 
feature selection and nearest neighbor classification. Section 3 proposes a multi-
population genetic algorithm for feature selection (MGAFS). Our experimental results 
and a discussion are presented in Section 4. Finally, Section 5 concludes the paper. 

2   Feature Selection and Nearest Neighbor Classification 

Feature selection is a common and key problem in many classification and regression 
tasks. It can be viewed as a multi-objective optimization problem, since, in the simplest 
case, it involves feature subset size minimization and performance maximization. 

2.1   Feature Selection Problem  

The problem of feature selection is defined as follows: given a set of candidate 
features, select a subset that performs the best under some classification system. This 
procedure can reduce not only the cost of recognition by reducing the number of 
features that need to be collected, but in some cases it can also provide a better 
classification accuracy due to finite sample size effects [4].A number of approaches to 
feature subset selection have been proposed in [9],[10],[15]. These approaches 
involve searching for an optimal subset of features based on some criteria of interest. 
Since exhaustive search over all possible subsets of a feature set is not 
computationally feasible in practice ,a number of authors have explored the use of GA 
for feature subset selection[2],[12],[13]. Kudo and Sklansky [5] have compared 
several algorithms for feature selection and concluded that GAs are suitable when 
dealing with large-scale feature selection. 

Feature subset selection algorithms can also be classified into two categories based 
on whether or not feature selection is done independently of the learning algorithm 
used to construct the classifier. If feature selection is performed independently of the 
learning algorithm, the technique is said to follow a filter approach, Otherwise it is 
said to follow a wrapper approach. 

2.2   Nearest Neighbor Classification 

The nearest neighbor (1-NN) classifier is one of the oldest and simplest methods for 
performing general, non-parametric classification. It can be represented by the 
following rule: to classify an unknown pattern, choose the class of the nearest 
example in the training set as measured by a distance metric. A common extension is 
to choose the most common class in the k nearest neighbors (kNN). Despite its 
simplicity, the nearest neighbor classifier has many advantages over other methods. 
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For example, it can learn from a small set of examples, can incrementally add new 
information at runtime, and can give competitive performance with more modern 
methods such as decision trees or neural networks. 

We propose a multi-population GA-Based Wrapper Feature Selection for nearest 
neighbor classification. 

3   Multi-population Genetic Algorithm for Feature 
Selection(MGAFS) 

Genetic algorithms are able to escape from local optima by means of the crossover 
and mutation operators, and to explore a wide range of search space when the 
selection pressure is properly controlled. However, the primary complaint toward 
simple genetic algorithms (SGA) is the occurrence of premature convergence. To 
improve the fine-tuning capability of SGA, multi-population GAs have been 
developed in many applications, including function optimization [1], the 0/1 knapsack 
problem [7], and the file allocation problem [11]. Multi-population genetic algorithm 
is an extension of traditional single-population genetic algorithms by dividing a 
population into several isolated sub-populations within which the evolution proceeds 
and individuals are allowed to migrate from one sub-population to another. Generally, 
There areãsubpopulations. Individual in MGA are migrated after every ù(migrate 
interval) generations and the best-worst migration policy is used. That is, the best 
ñ(migrate rate)of individuals in one subpopulation are selected to migrate its neighbor 
subpopulations, and replace the worst individuals therein. 

In recent years, MGA have been recognized as being more effective both in speed 
and solution quality than single-population genetic algorithms. 

We propose a multi-population GA for the feature selection problem. It is outlined 
below. 

A Multi-population genetic algorithm can be described as Figure 1. 
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Fig. 1.  A typical MGA with two subpopulations  
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3.1   Chromosome Encoding 

For the feature selection problem, each individual in the population represents a 
candidate solution to the feature subset selection problem [13]. Let D be the total 
number of features available to choose from to represent the patterns to be classified. 
It is represented by a binary vector of dimension D (where D is the total number of 
features). If a bit is a 1, it means that the corresponding feature is selected. A value of 
0 indicates that the corresponding feature is not selected. As an example, chromosome 
0100010 means that the second and sixth features are selected.  

The fitness of an individual is determined by evaluating the Nearest Neighbor 
classifier using a training set whose patterns are represented using only the selected 
subset of features. 

3.2   Initial Population 

Instead of generating a single population as in SGA, MGAFS uses two 
subpopulations: subpopulation 1 and subpopulation 2. 

The generation of the initial subpopulation is straightforward, as shown below. The 
function rand (subpop_size,D) generates a random floating-point array that the value 
of the elements contained in the array is within [0,1]. The expected number of 
selected features in an arbitrary initial solution is d. Initial sub-population: 

for (i = 1 to subpop_size) 
for (j = 1 to D) 
if (rand (i,j) < d/D) g =1; else g= 0; g represents jth gene in ith chromosome 

MGAFS initially creates subpopulation 1 and subpopulation 2. To enhance 
exploration early, each initial subpopulation is generated with a predetermined bias. 
One subpopulation is biased to more 0’s in individual chromosomes, the other is 
biased to more 1’s, 

The initial subpopulation 1 is randomly created with a bias of 0.4.The initial 
subpopulation 2 is created with a bias of 0.6 giving an approximate initial ratio of four 
0’s to six 1’s. 

3.3   Fitness Function 

The fitness function is straightforward since each individual in the population 
represents a selected feature subset, x, and the fitness function is simple. 

Fitness(x) = accuracy(x) 

Where fitness(x) is the fitness of the feature subset represented by x, accuracy(x) is 
the test accuracy of the Nearest Neighbor classifier trained using the feature subset 
represented by x. 

3.4   Selection 

Our experiments were run using a genetic algorithm using rank-based selection 
strategy. The probability of selection of the highest ranked individual is p (where p is  
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a user-specified parameter), that of the second highest ranked individual is p (1- p), 

that of the third highest ranked individual is p (1- p)
2

; that of the last ranked 
individual is 1-(sum of the probabilities of selection of all the other individuals). 

3.5   Migration 

MGA is more complex than simple genetic algorithms. In particular, the migration of 
individuals from one subpopulation to another is controlled by several parameters like 
[1]: (1) the topology that defines the connections between the subpopulations, (2) a 
migration rate that controls how many individuals migrate, (3) a migration interval that 
affects the frequency of migrations, and(4) migration policy defines what is being sent. 

In the experiments we used a model with two identical subpopulations (the same 
parameters) evolving synchronously and a best-worst migration policy, in which the 
best individual is chosen from the source subpopulation and the worst individual is 
replaced in the target population occurred after everyùgenerations. We varied the 
migration interval from 1 to 100. 

3.6   Parameters 

No systematic parameter optimization process has so far been attempted, but the 
following parameter set was used in our experiments. Tuning the values to be suitable 
for a specific data set may give rise to improved performance. 

Parameter setting: 

Control procedure: generational procedure 
Subpopulation size = 10 
pc (crossover probability) = 1.0     
pm (mutation rate) = 0.1                
q (in rank-based selection) = 0.25   
T (maximum generation) =100 
Number of experiments: 10 runs (get the average) 
The parameter settings were based on results of several preliminary runs. 

4   Results and Discussion 

4.1   Dataset 

The two data sets used to test the algorithms are summarized in Table 1. Two data 
sets were chosen from the UCI repository [8] with the condition that the number of 
features be 30 or greater, that there be no missing feature, and that all of the features 
be numeric. 

Ionosphere. This data set consists of 351 patterns, with 34 attributes and one output 
with two classes, good or bad, with good implying evidence of some type of structure 
in the ionosphere and bad the lack of such evidence.  

Sonar. (Mines vs. Rocks) The task is to discriminate between sonar signals 
bounced off a metal cylinder and those bounced off a roughly cylindrical rock. The 
dataset has 208 cases, 60 inputs and one output of two classes. 
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Table 1. Data Sets Used for Our Experiment 

evaluation 
dataset 

Number 
of samples 

Number 
of features 

Number 
of classes classifier Leave 

one out 
Ionosphere 351 34 2 1-NN yes 

Sonar 208 60 2 1-NN yes 

4.2   Classification Accuracy 

Table 2 summarizes the performance of the three feature selection algorithms for the 
two data sets. SGA-P represents proportional selection; SGA-R represents rank-based 
selection .X and y in x(y) represent the maximum and average recognition rates. 

The evaluation was conducted in terms of the criteria: classification accuracy. 
Accuracy was measured by determining the recognition rate of 1-NN classifiers 
without rejection. 

Through the experimental results obtained using the two data sets, the 
performances of our MGAFS and simple genetic algorithms are compared, in terms of 
the accuracy of their classification. We were able to conclude that our MGAFS is 
superior to the SGA.  However, the average quality of the final population was much 
lower in the MGAFS. It is trade off between exploration and exploitation. 

Table 2. Recognition Rates for the two Data Sets (Unit: %) 

dataset 
All 

features 
SGA-P SGA-R MGAFS 

Ionosphere 86.61 92.88(87.90) 94.59(93.21) 95.16(91.74) 
Sonar 82.69 93.75(84.74) 94.23(91.37) 95.19(90.7) 
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Fig. 1. Average fitness and max fitness in runs with different migration intervals 
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Fig.1 indicates that migration frequency has a significant effect on the quality of 
the solutions. Migration can prevent premature convergence. There is an interesting 
question being raised here: when is the right time to migrate? It seems that there exists 
a relationship between migration frequency and the appearance of the max fitness; 
however, more research is necessary to understand the effect of migration on the 
quality of the search in MGAFS. 

5   Summary and Discussion 

An approach to feature subset selection using a multi-population genetic algorithm for 
the nearest neighbor (1-NN) classifiers is proposed in this paper. The results presented 
in this paper indicate that MGAFS offer an attractive approach to solving the feature 
subset selection problem in nearest neighbor pattern classifiers. However, additional 
experiments with other datasets and varying subpopulation sizes and migrations sizes 
are needed to confirm and extend the results. We plan to implement parallel multi-
population genetic algorithm in cluster computers. 
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Abstract. Falls in the elderly people often cause serious physical injury, result 
in fracture, cerebral haemorrhage, even death. To find falls as earlier as possible 
is very important to rescue the subjects and facilitate the rehabilitation in the fu-
ture. In this paper, we use a wearable tri-axial accelerometer to monitor the 
movement parameters of human body, and propose a novel fall detection algo-
rithm based on non-negative matrix factorization (NMF). The input vectors are 
the acceleration sequences of the transverse section and the vertical axial of 
human body, and these vectors are decomposed via NMF. And then, a k-nearest 
neighbor method is applied to determine whether a fall occurred. The results 
show that this method can detect the falls effectively. 

1   Introduction 

The fall is very dangerous to the elderly people, often causes serious results as frac-
ture, cerebral haemorrhage, even death. To find the fall as earlier as possible is highly 
important to rescue the subjects and facilitate the rehabilitation in the future. 

There are basically three ways to realize fall detection[1]: video based, acoustic 
based and wearable sensor based. Because video and acoustic devices (e.g. camera 
and microphone) are generally installed in fixed position, the wearable sensor based 
system is more suitable for ambulatory monitoring, but currently, there exist many 
problems in the corresponding algorithms, involve lacking of adaptability, deficiently 
in classification precision, etc. Hence, we try to find some intelligent methods to solve 
these problems. This paper uses a tri-axial accelerometer to capture the movement 
signals of human body and proposes a novel algorithm based on NMF to detect falls. 
The input vectors are the acceleration sequences of the transverse section and the 
vertical axial of human body, these vectors are decomposed via NMF, and then a k-
nearest neighbor method is applied to realize the classification. We got approximately 
600 examples for training and testing, and the results show that this method can detect 
the falls effectively. 
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2   Methods 

2.1   Fall Analysis and the Input Vectors 

We attached the sensor “MMA7260Q”, a tri-axial low-g micro-machined resistance 
accelerometer with the outputs of ax, ay, and az, to a belt and bound it to abdomen 
(between the lumbar vertebrae L2-L4). If the volunteer standing upright, the axis y 
direct upwards (against the vertical axis), the axis x parallel to frontal axis, the axis z 
coincide with sagittal axis. We denote as as the vector sum of ax +az, atotle as as +ay, and 
therefore as indicates the acceleration in the transverse section of human body. 

The fall is a non-cyclical movement, there are basically three steps in turn: daily ac-
tivities, falling and a period of motionless (or only a little motion). The motionless 
interval will last for several seconds or more with atotle nears to g; the falling will gen-
erally be completed within 0.4-1.0 second with acute varieties in as and/or ay. So we 
detect |atotle| at first, if it nears |g| in one second, we will consider the subject in mo-
tionless, then we backdate the data to find a 1.5s-length-section with acute changes in 
|as| and/or ay. The sample rate is 512 points per second, and after low-pass filter, we 
get the 768*2 sequence as an input vector. Because ay has negative values, we plus a 
positive constant of 5g to ensure the input vectors be non-negtivity.  

2.2   NMF Algorithm 

Non-negative matrix factorization (NMF) is a method for space decomposition and 
feature extraction, it factorizes an input matrix into a basis vector matrix and a project 
matrix with non-negtivity constrains. Each input vector can be expressed as a linear 
combination of the basis vectors, both the basis vector matrix and the project matrix 
are sparse [2].  

Given an input martix with m n×  dimensions, denote as Vmn, where Viu∈R and 
Viu ≥ 0, then NMF constructs the following factorization: 

1
( )

r

iu iu i uV WH W Hα αα =
≈ =∑  , 0, 0i uW Hα α≥ ≥  (1) 

When the evaluation function is defined by Kullback-Leibler divergence, the equa-
tion (1) becomes an optimization problem as follows: 
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2.3   Classification 

All available data are random divided into two subsets, for training and testing respec-
tively. The training set Vmn , includes positive (fall) and negative (daily activity) 
samples with approximately the same number, is decomposed via NMF. After the 
decomposition, every row vector of H is normalized, then the k-nearest neighbor algo-
rithm is applied for classification, and a threshold Td is introduced to avoid a wild 
point be classified in positive sample. When a test vector x is factorized and the output 
project vector ht has k nearest neighbors in {hj}, the decision function will be: 

    if  ( , )p q p qk k k k k> + =  and  min( ( , ) )t kp dd h h T<  (4) 

then          px ω∈           ,       otherwise      qx ω∈   

where {hj} is the row vector set of H, ω p is the positive sample class, ω q is the 
negative sample class. To the nearest neighbors, kp is the number of the positive sam-
ples, kq is the number of the negative samples, and hkp expresses arbitrary the positive 
samples, dmin indicates the minimum distance. The value of r and k are determined by 
global search, where we let r∈{20, 25, … , 100} and k∈{11, 13, …, 51}, and we 
decompose Vmn 16 times for each (r, k) because the decomposition is not unique. Then 
we select the optimal (r, k, W) based on the empirical error minimization. Td = pdnp, 
where dnp indicates the minimum distance between the positive and negative samples 
in the training set, and p is a positive coefficient. 

3   Results and Discussion 

We arranged the experiments on 6 categories, as shown in table.1, where the 3rd cate-
gory are the movements of groveling on the ground quickly, sat down heavily, etc.; 
the 4th is similar to the 3rd, but the movements were slower; the 5th involves walking, 
jogging, etc.; and the 6th means some acute daily activities, e.g. jump and gymnastics. 
Our aim is to detect fall, so the negative samples (daily activities) we selected are 
basically more similar to falls than other daily activities (e.g. cooking, sleeping). And 
in order to reduce the risk in experiments, the elderly people only attended category 4 
and 5, the category 2 were implemented with a dummy. 

There were 602 examples obtained, 331 for training and 241 for testing. After trial, 
we got r=50, k=21,and Td =0.17. The examination results are shown in table.1. For 
category 1, 2, 4 and 5, the ratio of correctness rc is high, indicates that the algorithm 
has a well performance on distinguishing falls from non-acutely daily activities; for 
category 3 and 6, rc does not exceed 85%, that shows the capability of our method is 
not well in differentiating the real falls from the acutely movement. But fortunately, 
the activities corresponding to category 3 and 6 are rarely to the elderly people. 

Almost all the current algorithms have a connotative condition, i.e., the tilt degree 
of human body will be changed significantly when a fall occurred, but that’s not al-
ways true, e.g. a person slide down and sitting on the ground, the tilt degree will be 
changed slightly. Our algorithm has no this implied condition, it is more adaptive and  
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efficient. We also developed a fall detection method based on 1-class support vector 
machine, it has similar performance to the NMF based algorithm, but the pre-
processing is more complex than the latter. 

Table 1. The examination results 

category correct incorrect ratio of correctness(%) 

1. fall down on soft cushion 63 1 98.4 

2. fall down on hard floor, stair, etc 86 4 95.6 

3. critical movements 15 3 83.3 

4. sub-critical movements 28 0 100.0 

5. low-intensity daily activities 28 1 96.6 

6. high-intensity daily activities 9 3 75.0 
total 229 12 95.0 

4   Conclusion and Future Works 

Capturing the movement parameters of human body by wearable sensors, and using 
NMF algorithm, we can realize the ambulatory fall detection credibly and efficiently. 
In the future, we intend to extend this method to realize the monitoring to the patients 
with some chronic diseases (e.g. Parkinson’s disease). 
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Abstract. Content-based video indexing and retrieval algorithms are presented 
in this paper that aim at temporally indexing a video sequence according to ac-
tors. Our system splits a video into a sequence of a few representative frames. 
We use color information and then SGLD matrix on the representative frames 
for face region detection. Detected faces are used to build a face database. We 
construct eigen faces applying PCA on the faces in the face database for ex-
tracting important features. Extracted features are then used in MPM for identi-
fying the input face from the training faces. Experimental result shows that our 
approach can correctly recognize 95.3% and 90.84% of the faces from the 
AT&T face database and video sequence respectively.  

1   Introduction 

Multimedia retrieval and browsing techniques improve a service quality of the 
multimedia and value of contents that the media provider possesses, and it is a 
salient research topic in the multimedia service industry. Also, the more multime-
dia information is utilized in the various field of industry including internet based 
e-library, digital studio and VOD (video on demand) etc., the more techniques for 
video retrieval and database management will be demanded increasingly. So, re-
search for multimedia indexing and retrieval has to be worked continuously. Its 
technique must be diffused by the production on commercial scale and new tech-
niques must be developed for an efficient multimedia indexing and retrieval. There 
is a recent research of semantic based video analysis. In the semantic video index-
ing, adjacent shots are clustered and clustered shots compose the story units [2]. 
Video summarization based story units provides a higher-level video context, 
however, not every shots contains a meaningful thematic topic [1]. For that reason, 
specific event detection methods are demanded for a higher semantic level so as to 
better reveal, represent and abstract the video content. The typical research for 
content-based video indexing includes face detection [3], speaker identification 
and character recognition [4]. 

In this paper, we propose an efficient face region detection and identification algo-
rithm using visual information for character recognition in future. The paper is organ-
ized as follows. Section 2 demonstrates the framework of the approach. Section 3 
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represents the skin color detection, along with statistical attribution for skin color. 
Section 4 explains SGLD (spatial gray level dependence) matrix as textural feature 
value and describes classification tree of CART (classification and regression tree). 
Section 5 and 6 describes PCA (Principal Component Analysis) and MPM (Minimax 
Probability Machine) respectively. In Section 7, an experimental result shows that the 
proposed method has a high performance. Finally, the conclusion and discussion of 
future work are given in Section 8. 

2   Framework for Our Approach 

Given an arbitrary image, the goal of face identification is to determine whether or not 
there are any faces in the image, if present, return the image location and extent of 
each face, and finally identify the face from face database. In our work, we go for 
actor faces in video frames. So, for key frame selection, we build skin color statistics 
at first from known face region of an actor, and apply Bayesian decision rule to input 
frames. For face region detection, we segment input image, extract feature values, and 
classify those values. Using detected faces we look for actor faces in the face database 
for identification. So, our approach works as like as the following diagram. 

 

 
 
 
 
 
 
 
  
 
 
    

 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1. General schema of our approach to video indexing. In the figure, the symbol 
           stands for “applied to” and              for “results”. 
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3   Generation of Face Candidates Using Skin Color 

Human skin color has been used and proven to be an effective feature in many appli-
cations from face detection to hand tracking [5]. Although different people have dif-
ferent skin color, several studies have shown that the major difference lies largely 
between their luminance rather than their chrominance [1]. Out of various color 
spaces like RGB, HIS, YCbCr, YIQ, and CIE, we use  YCbCr color space for face 
candidate. 

3.1   Building Skin Color Statistics 

The conversion between RGB color space and YCbCr color space is given as follow-
ing Equation (1). RGB values normalized to [0, 1] are transformed into [0, 1] lumi-
nance Y and [-0.5, 0.5] chrominance Cb, Cr. 
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We manually generate mask image to extract skin color from training images sam-
ple. The color of the mask region is used as training samples for the skin and other for 
non-skin class. Most skin pixels are distributed like the two dimensional Gaussian 
density function with a negative mean for Cb, positive mean for Cr, and low variation. 
So, we assumed that the probability distribution function of skin color pixels is the 
bivariate Gaussian distribution illustrated in equation (2). The parameters μ, σ and ρ 
denote the mean, standard deviation and correlation coefficient, respectively. 
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3.2   Bayesian Decision Rule 

When there are continuous d dimensional features, and their ranges overlap for the 
two classes, optimal decision boundary between two classes, Ci and Cj, will be where 
their posterior probabilities are equal like equation (3). 

)|()|( xx jCPiCP =
 

(3) 

)|()()|()( jCpjCPiCpiCP xx =
 

(4) 

)|()()|()( jCpjCPiCpiCPD xx −=
 

(5) 

Applying Baye’s theorem to (3), we can get equation (4) that is a condition for the 
decision boundary using conditional and prior probabilities. And (5) means the  
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discriminant function for Bayesian decision rule, if D is more than zero, a sample is 
classified into class Ci, else the sample belongs to class Cj. 

The parameters μ, σ and ρ for skin and non-skin class are estimated using MLE 
(Maximum Likelihood Estimation) for about 5000 blocks (8×8 pixels) that are ex-
tracted from video clip.  

3.3   Image Segmentation Using Projection 

To eliminate noise and isolated lines that is made of 1 block, cross median filter ap-
plied to the binary image. After that, binary image is segmented by horizontal and 
vertical projection. After first projection, we get segmented regions. However, some 
of their regions don’t contain any skin block and the region is such rough that search 
processing is very complex. So, further projection is needed on those regions to re-
move non-skin blocks, efficiently detect location and size of the face region precisely.  

4   SGLD (Spatial Gray Level Dependence) Matrix and CART 
(Classification and Regression Tree) 

The candidates of the face region have also a part of arm and neck because they have 
skin color. They don’t have to be included in the detected face region. So, face detec-
tion algorithm is required to locate the region with only face and to minimize false 
alarms. Ying Dai proposed the method that it detects face region by setting threshold 
value for the feature value extracted from SGLD matrix [6]. And he extracted SGLD 
matrix that is adequate to small face size such as 16×20 pixels. We extract SGLD 
matrix that is adequate to the face region size for video indexing.  

4.1   Feature Value Extraction from SGLD 

SGLD matrix is used in textural feature analysis. For an image with level [0, L-1], let 
I(i, j) be the gray level value at pixel (i, j). As shown in equation (6), the number of 
occurrence in two neighboring pixels displaced by a vector (m, n) for m = 1, 2, … , M 
and n = 1, 2, … , N can be calculated. It is denoted as Pab(m, n) and called as SGLD 
matrix. In equation (6), # means the counting number of set {I(i, j) = a, I(i+m, j+n) = 
b}. W and H denote the width and height of the image, respectively. SGLD matrix is 
normalized approximately by equation (7). Textural feature values are derived from 
normalized matrix Nab(m, n). 
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Textural features derived from SGLD matrix include energy, entropy, inertia, in-
verse difference, and correlation. We utilize inertial, inverse difference, correlation 
shown in equation (8), (9), and (10), respectively.  
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To maximize classification performance using the textural features of SGLD ma-
trix, we experiment classification into face and non-face image, varying normalized 
image size and the values of M and N in SGLD matrix. We evaluated the classifica-
tion performance as the recall and precision ratio using cross-validation method, when 
learning samples are classified by classification tree. 400 face images from AT&T 
face database are used as samples of the face class and about 300 images for non-face 
class are extracted from Corel images. 

Classification performance, in our experiment, varies depending on M,N, and nor-
malized image size. The more normalized image size and the values of M and N are 
increased, the more classification performance is improved. However, when image 
size is 92×112, the performance start going worse. On the other hand, normalized 
image size has a little effect on SGLD extraction speed. So, we select normalized 
image size with maximum performance and set the value of M, N that satisfy the 
performance as well as the speed. When SGLD matrix with M=N=6 is extracted from 
60×78 normalized image, the result of classification has the highest performance. 

4.2   Classification Trees 

Tree classifier is constructed to detect precise face location and size in the segmented 
region. To construct classification tree, we utilize BI(m, n), BD(m, n), and BC(m, n) 
arrays as the feature values. Classification tree has fast learning and classification 
procedure because of the non-metric method unlike Bayesian classifier [7]. Using 
binary classification tree of CART (Classification And Regression Tree) that is pro-
posed by Breiman, Friedman, et al., classifier is learned to minimize the false detected 
face region. 

Classification tree consists of the root node, links or branches, and terminal or leaf 
nodes. It follows tree-growing methodology known as CART and is grown through 
the splitting and pruning process [8]. In splitting process, each node chooses a feature 
decreasing the impurity as much as possible in the descendent node and splits the data 
into subsets by the selected feature. We measure impurity using Gini impurity func-
tion shown as equation (11) that is generalized as the variance impurity function use-
ful in the two-class case. P(ωi) of (11) is the fraction of patterns at node N that are in 
class ωi. 

∑∑ −==
≠ j
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The tree growing goes on until all terminal nodes are pure. However, when the new 
samples are inputted to the classification tree, the performance of classifier is not 
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stable because it is learned by only observed samples. To settle this problem, CART 
methodology has the pruning procedure lowering performance for high stability to 
new sample.  

5   PCA (Principal Component Analysis) 

Feature extraction is an important step toward face identification. In previous tech-
niques, the systems measured nodal points on the face, such as the distance between 
the eyes, the shape of the cheekbones and other distinguishable features. These nodal 
points are then compared to the nodal points computed from a database of pictures in 
order to find a match. But, these systems were limited based on the angle of the face 
captured and the lighting conditions present. New technologies are using statistical 
properties of the features of the images.  

If a face image I(x, y) be a two-dimensional N by N array of intensity values, it can 
be represented by a vector of dimension N2. Since, when normalized image size is 
60×78, the classification performance is maximum, we use this face size for PCA. So, 
a typical image of size 60 by 78 describes a vector of dimension 4,680, or, equiva-
lently, a point in 4,680-dimensional space. In such case, an image, maps to a point in 
this huge space. Images of faces will not be randomly distributed in this huge image 
space, rather can be represented by a relatively low dimensional subspace. The main 
idea of getting low dimensional subspace is to extract the important features from the 
face space. 

This can be done using the covariance properties of the dataset. We use principal 
components analysis (PCA) also called the Karhunen-Loève transform for achieving 
low dimensional subspace. PCA is a linear transformation that chooses a new coordi-
nate system for the data set for simplification providing the greatest variance on the 
first axis (called the first principal component), the second greatest variance on the 
second axis, and so on. PCA works in the following way in our face identification 
approach. 

Let the training set of face images be the vectors Γ1, Γ2, Γ3 ... ΓM. The average face 

of the set is defined by ∑ Γ=Ψ
M
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1 . The covariance matrix is calculated as 
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. Let, ui and λi be the 

eigenvectors and associated eigen values of the C matrix respectively. But, AAT is 
impractical. So, if we consider vi as eigen vectors of the AT A, then we can find ui=Avi. 
Thus M largest orthonormal vectors ui and their associated values λi are taken for 
processing because they can describe the images significantly. Thus the calculations 
are greatly reduced from the order of the number of pixels in the images (N2) to the 
order of the number of images in the training set (M). In face recognition arena, ui is 
called eigenfaces. Each face image can be represented by combining these vectors 
linearly by equation (12) and normalized training face by equation (13)  
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These wj’s   are the extracted features for face recognition.   

6   MPM (Minimax Probability Machine) 

When constructing a classifier, the probability of correct classification of future data 
points should be maximized. There are many classifiers which try to maximize the 
correct classification. In face recognition, two kinds of well-known methods are Neu-
ral Network and Support Vector Machine. As a famous machine learning technique, 
NN has been widely used in face recognition investigated and its application on face 
recognition can be found in [10]. In recent years SVM, a currently popular classifica-
tion technique, has been shown with many successful applications in the pattern 
recognition field [11]. SVM attempts to find the optimal decision boundary which 
separates the data points with a maximum margin based on the Structural Risk Mini-
mization principle [11]. The research work in [12] demonstrated the success of eigen-
face, SVM, NN on face recognition applications. On the other hand, MPM is a very 
new classification technique proposed in [13, 14]. It enjoys competitive classification 
performance comparing with most of state-of-the-art classification techniques. The 
most attractive properties of MPM are that it can explicitly provide a worst-case 
bound on the probability of misclassification of future data when the mean and co-
variance matrix of the data are known. The basic theory of MPM for binary classifica-
tion is discussed below.  

The goal of MPMC is to find a decision boundary H(a,b)={z|aTz = b} such that the 
minimum probability ΩH of classifying future data correctly is maximized. If we as-
sume that the two classes are generated from random vectors x and y, we can express 
this probability bound just in terms of the means and covariance of these random 
vectors. The following result due to Marshall and Olkin [15] and extended by 
Bertimas and Popescu [16] provides the theoretical basis for assigning probability 
bounds to hyperplane classifiers: 

}Pr{inf
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Note that we do not make any distributional assumptions other than that x ,ΣX, y , 

Σy are bounded. Exploiting a theorem from Marshall and Olkin[15], it is possible to 
rewrite(14) as a closed expression: 
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The optimal hyper plane parameter a* is the vector that minimizes (15). The hyper 
plane parameter b* can then be computed as equation (16). 
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A new data point Znew is classified according to sign(a*
TZnew-b*); if this yields +1, 

Znew is classified as belonging to class x, otherwise it is classified as class y. 

7   Experiments 

In this section we report the results of experiments that we carried out to test our algo-
rithmic approach. We experiment three different videos for face region detection. Our 
system shows precision ratio of 0.85% in an average for face region detection. The 
performance in different videos varies due to the variations of video quality. Fig. 2 
shows the extracted face regions from several video frames.  

We, in our experiment, build a database of 400 face images, including 40 distinct 
persons, each with 10 faces that vary in position, rotation, scale, and different expres-
sions. Fig. 3 shows snapshots of two persons from constructed face database.  

 

Input 
Frame 

Detected 
Face      

Fig. 2. Detected face regions 

 

    

    

Fig. 3. Snapshots of an actress and an actor from face database 

For multi-class pattern recognition, we construct multi-class classification tech-
nique by employing binary MPM classifier. The database is partitioned into 10 
subsets; each contains 1 face image from each distinct person. Like face detection, 
here we use the 10-folder cross validation also. Ten trails are run in the experiment. 
Table 1 shows the final experimental results for AT&T face database and video 
sequence. It contains the result of identification after applying face region detection 
in the video frames. The result in percentage represents the correct identification 
rate.   
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Table 1. Experimental results on the AT&T face database and video sequence 

Subset AT&T Face Database Video sequence 

1 93.37 % 90.89 % 

2 95.06 % 91.91 % 

3 96.06 % 91.93 % 

4 95.31 % 90.45 % 

5 94.43 % 88.88 % 

6 95.87 % 90.9 % 

7 96.68 % 91.91 % 

8 97.93 % 92.96 % 

9 94.37 % 89.98 % 

10 95.87 % 88.56 % 

Average 95.30 % 90.84 % 

8   Conclusion and Future Work 

We propose an efficient actor dependent video retrieval method using classification 
tree for face region detection which is followed by Minimax Probability Machine for 
recognition. Classification tree was constructed by facial texture features from SGLD 
matrix. For efficiency of search procedure, we used the skin detection method of 
Bayesian decision rule and segmented image by horizontal and vertical projection. 
For recognition, we use PCA for feature extraction and a state-of-the-art classification 
technique called Minimax Probability Machine (MPM). Although, PCA and MPM 
have higher computational cost, it can reliably evaluate future data class. MPM uses 
means and covariance matrices for classification. Therefore, correct estimation of the 
means and covariance matrices is important for face recognition. Experimental result 
shows that classification rates are 95.30% and 90.84% for AT&T face database and 
video frames, respectively. Although, video frames suffers from variations in lighting, 
pose, scale etc our system shows good result. We get very good result if we use face 
region detection and then recognition.   

In future work, we will consider event based video summarization and indexing by 
character recognition with the proposed method. 
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Abstract. Inspired by complementary strategies, a new fault diagnostic method, 
which integrates with the Adaptive Resonance Theory (ART) and Artificial 
Immune Network (AIN), is proposed in this paper. With the help of clustering 
of ART neural network, the vaccines that image features of data set are 
extracted effectively, and then an AIN named aiNet is adopted to realize data 
compression. Finally the memory antibodies optimized by aiNet can be used to 
recognize each feature of original dataset and to realize fault diagnosis. The 
experimental results show that the approach is useful and efficient for the fault 
diagnosis of the multilevel reciprocating compressor. 

1   Introduction 

The multilevel reciprocating compressor is a system with multifactor, coupling and 
nonlinear. So it is difficult to establish the precise mathematic model. In addition, due 
to its fault information is numerous and complicated, many conventional methods 
maybe can find the faults, but cannot give the reasons [1]. To some extent, these 
methods are limited in the application. However, some new methods have been put 
forward to solve these similar problems based on artificial intelligence strategies. 

As an artificial intelligence method, Adaptive Resonance Theory (ART) neural 
network has some good properties, such as online learning and nonstationary signal 
process, etc. Because of recognizing the samples steadily and quickly, ART is suitable 
for clustering and classification [2]. In addition, artificial immune system (AIS) 
describes a learning technique based on the heuristic of biological immune system 
and the natural defense mechanism of learning outside material. Due to integrating 
with many mechanisms of noise tolerance, un-supervise learning, self-organizing and 
immune memory, etc., AIS has the potential to solve many complex problems [3][4]. 

In this paper, inspired by complementary strategies, a novel ART-Artificial 
Immune Network model, namely ART-aiNet algorithm, is proposed. With the 
excellent clustering ability of ART, the prior information of patterns can be obtained, 
such as the classification and data distributing. Then, in order to accelerate the 
evolution of antibody, the centers of clustering are taken as vaccines that inoculate to 
be initial antibodies. Thereafter, under the optimization of aiNet, not only the 
computation effort decreases, but also the features of dataset can be obtained. Finally, 
the optimization memory antibodies can distinguish the different data patterns. 
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The rest of this paper is organized as follows. In Section 2, ART-aiNet algorithm is 
introduced. Section 3 presents the fault diagnosis experiments of the four-level 
reciprocating compressor and gives the conclusions. 

2   ART-Artificial Immune Network 

For convenience, the proposed method adopts definition of paper [5]. Ag is the 
population of antigens, and Agi is the input antigenic pattern with Np. Ab is the 
population of Nt network cells (antibodies) with elements Abj, and Ab{n} is the total 
memory antibody repertoire. C is the population of Nc clones generated from Ab, and 
C* is the population C after the affinity maturation process. The memory antibodies 
set M∈ Ab, has n memory antibodies with p-dimension. D is the affinity matrix 
between each pair Agi-Abj with elements dij (i = 1,…, Np, j = 1,…, Nt) which reflects 
the probability of starting a clonal response. Similarly, the affinity matrix S will be 
assigned to each pair Abi-Abj (i, j = 1,…, Nt), with elements sij, reflecting their 
similarity. ξ  is the percentage of the mature antibodies to be selected, and sd ,σ  is the 

natural death and suppression threshold, respectively. Meanwhile, the suppression 
threshold sσ , which performed by eliminating the self-recognizing antibodies, is 

determined by the affinity of vaccines, and the natural death threshold dσ  is given by 

experience. 
The ART-aiNet learning algorithm can be described as follows: 

Step 1 Data preprocess: there are filter process and outlier removing; 
Step 2 The ART is adopted to cluster the patterns, and the centers of classes are 
used as initial antibodies. Meanwhile, sσ  is determined by the minimal affinity sij; 

Step 3 Test stopping criterion: 
Step 3.1 For each antigenic pattern Agi, do: 
Step 3.1.1 Determine its affinity dij to all Abj, j = 1,…, Nt; 
Step 3.1.2 A subset Ab{n} composed of the n highest affinity antibodies is selected; 
Step 3.1.3 The n selected antibodies are going to proliferate (clone) proportionally 
to their antigenic affinity dij , generating a set C of clones; 
Step 3.1.4 The set C is submitted to a directed affinity maturation process (guided 
mutation) generating a mutated set C*. 
Step 3.1.5 Determine the affinity D among Ag and all the elements of C*; 
Step 3.1.6 From C*, re-select ξ % of the antibodies with highest affinity and put 
them into a matrix M of clonal memory; 
Step 3.1.7 Eliminate all the memory clones from M whose affinity less than dσ ; 

Step 3.1.8 Determine the affinity sij among the memory clones; 
Step 3.1.9 Clonal suppression: eliminate those memory clones whose sij< sσ  ; 

Step 3.1.10 Concatenate the total antibody memory matrix with the resultant clonal 
memory M* for Agi: Ab{n}←[Ab{n}; M

*
]; 

Step 3.2 Network suppression: eliminate all the antibodies such that sij< sσ ; 

Step 3.3 Eliminate a percentage d % of randomly generated antibodies; 
Step 4 Return Step 3. 
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In the above algorithm, the affinity between two immune antibodies is represented 
by Euclidean distance in Step 3.1.1, 3.1.5 and 3.1.8. Specially, the Ag-Ab affinity is 
inversely proportional to the distance between them: the smaller the distance, the 
higher the affinity, and vice versa. In addition, in Step 3.1.4, in order to determine the 
mutation process of antibodies, the following equation was employed 

C* = C - α f (C - Ag) . (1) 

Where C is the antibody matrix, Ag is the antigenic matrix. The parameter α  is the 
learning rate which inversely proportional to the antigenic affinity of its parent 
antibodies. In addition, the transcendental function f(x) is given by 

f (x) = sgn(x)exp(x) . (2) 

The network outputs can be taken to be the matrix of memory antibodies (M) and 
their matrix of affinity (S). While the matrix M represents the network internal images 
of the antigens presented to the aiNet, matrix S is responsible for determining which 
network antibodies are connected to each other, describing the general network 
structure. Therefore, the memory antibodies matrix M reflects the features of input 
patterns, and can be used directly for pattern recognition, or can used as input 
information for other diagnostic strategies. 

3   Experiments and Conclusions 

The fault diagnosis of the multilevel reciprocating compressor is still an unsolved 
problem. The valve, which is a vulnerable part in a compressor, can directly influence 
the air displacement, power consumption and the safety of the compressor. The outlet 
valve leakage may result in temperature rise in output air and change in air pressure, 
these make the compressor cannot work in normal. 

For a four-level compressor shown in Fig. 1, the samples are collected respectively 
in the three situations: outlet valve failure in the first level, inspiratory valve failure in 
the second level and normal. Thereafter, 3,586 samples are obtained by some 
preprocess methods (filter, gross errors elimination and normalization). Each sample 
contains eight variables, which are pressure variables p1, p2, p3 and p4 and temperature 
variables T1, T2, T3 and T4. 

1p

1T
2p 3p 4p

2T 3T 4T

Air-in Air-out

 

Fig. 1. Sketch of a four-level reciprocating compressor 

The contrastive results obtained by ART-aiNet approach and Rough Set (RS) 
method [6] are shown in Table 1. Meanwhile, an index En is adopted to evaluate the 
influence of accuracy of decision rules concluded by the data compression [7]. 
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Table 1. The contrastive results 

Method ART-aiNet RS 
Classification success rate 95.5% 88% 
Decision rules 195 88 
Evaporation ratio En 90.28% 83.68% 

From Table 1, it can be seen, that the number of decision rules obtained by ART-
aiNet is more than Rough Set-based method, but the classification success rate of 
dataset and the evaporation ratio En based on ART-aiNet are better. So the ART-aiNet 
approach shows superior performance in diagnosis classification success rate and data 
evaporation ratio. 

In addition, compared with other immune algorithms, the ART-aiNet can decrease 
the computational cost, but it still cannot satisfy the online monitoring. Thereby, there 
is need to search for some new strategies to decrease computational cost in further.  
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Abstract. This paper presents a novel approach for online multi-strokes compos-
ite sketchy shape recognition based on Bayesian Networks. By means of the defi-
nition of a double-level Bayesian networks, a classifier is designed to model the 
intrinsic temporal orders among the strokes effectively, where a sketchy shape is 
modeled with the relationships not only between a stroke and its neighbouring 
strokes, but also between a stroke and all of its subsequence.. The drawing-style 
tree is then adopted to capture the users’ accustomed drawing styles and simplify 
the training and recognition of Bayesian network classifier. The experiments 
prove both effectiveness and efficiency of the proposed method. 

1   Introduction 

As sketching can be to help us convey ideas and guide our thinking process both by 
aiding short-term memory and by helping to make abstract problems more concrete in 
the graphic computing [1], numerous researchers have been working on the subject of 
online sketch recognition for many years. It is true that some prototype systems come 
into being in online sketch recognition either as a natural input modality [2][3][4] or 
to recognize the composite sketchy shapes [5][6]. However, sketching is usually in-
formal, inconsistent and ambiguous. Most of the existing methods are either only 
applicable to single-stroke sketches (such as rectangles and circles) [4] or limited to 
their computational complexity and high sensitivity to the segmentation process 
[5][6]. More important, this brings on the poor effect and efficiency of sketch recogni-
tion engines, especially for multi-strokes sketchy shapes and newly added users. 
Therefore, adaptive sketchy shape recognition is anticipant, where recognition engine 
should be trainable and adaptable to a particular user’s drawing styles, and have a 
priori probabilities of the sketchy shape classes for each user [7]. 

Obviously, one solution for adaptive sketch recognition is to construct appropriate 
classifiers based on machine learning to learn users’ drawing styles. As strokes are 
natural conceptual elements of freehand drawings, modeling sketchy shapes with 
strokes is important for classifiers. The conventional approaches convert a drawing 
input into local feature vectors, assume independences between them, and use statisti-
cal or structural classifiers such as Support Vector Machine (SVM) and Hidden 
Markov models (HMM) in classifying them. In our previous researches, we have 
developed a stroke classification method based on SVM [7][8], where a modified 
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turning function is used to model sketchy shapes, and virtual strokes are introduces to 
link continuous strokes orderly and translate the multi-strokes sketchy shapes into a 
single stroke. Recently, HMM has been used for online sketch recognition [8][10], 
where the drawing patterns are treated as the result of a stochastic process that is gov-
erned by a hidden stochastic model and identified according to its probability of 
generating the output, inspired by its success in speech recognition and handwriting 
recognition. However, the dimension of feature vectors in SVM classifier must be 
fixed for all shapes and the number of states in HMM classifier depends heavily on 
stabilization of drawing styles. Moreover, relationships between strokes cannot felici-
tously be modeled (In fact, stroke relationships are indispensable to discriminate be-
tween sketches of similar pen-movements, and only adjacent relationships between 
temporal-sequence strokes are considered). These limit their capability to capture 
users’ drawing styles. 

In this paper, we propose to explicitly model drawing sketches with strokes and 
their relationships in a probabilistic framework. Bayesian networks, a well-known 
framework for modeling dependencies, are adopted to represent drawing sketch mod-
els whose nodes correspond to strokes and whose arcs their dependencies. A decision 
tree is then defined to model and capture users’ drawing styles of special symbols or 
shapes. The rest of the paper is organized as follows. In section 2, the framework and 
its principle of our Bayesian Networks framework for adaptive online sketch recogni-
tion is introduced in detail. In section 3, some experimental results are evaluated and 
conclusions are given in the final section. 

2   Bayesian Networks Framework for Sketch Recognition 

A Bayesian network [11] is a graph with probabilities for representing random vari-
ables and their dependencies. It efficiently encodes the joint probability distribution of 
a large set of variables. Its nodes represent random variables and its arcs represent 
dependencies between random variables with conditional probabilities at nodes. It is a 
Directed-Acyclic Graph (DAG) so that all edges are directed and there is no cycle 
when edge directions are followed. Using a Bayesian Network offers many advan-
tages over traditional methods of determining causal relationships [11]. Independence 
among variables is easy to recognize and isolate while conditional relationships are 
clearly delimited by a directed graph edge: two variables are independent if all the 
paths between them are blocked. Not all the joint probabilities need to be calculated to 
make a decision; extraneous branches and relationships can be ignored. By optimizing 
the graph, every node can be shown to have at most k parents. The algorithmic rou-
tines required can then be run in O(2kn) instead of O(2n) time. In essence, the algo-
rithm can run in linear time (based on the number of edges) instead of exponential 
time (based on the number of parameters). 

2.1   Bayesian Networks Structure for Sketch Recognition 

There have been few researches using Bayesian network for online graphics recogni-
tion. Cho and Kim [12] have proposed a Bayesian network framework for explicitly 
modeling components and their relationships of Korean Hangul characters. A character 
is modeled with hierarchical components: a syllable model, grapheme models, stroke 
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models and point models. However, it is not enough for adaptive sketch recognition to 
model drawing styles with a point model represented by a 2-D Gaussian for point 
positions on X-Y plane. Alvarado et al [13] have described a model for dynamically 
constructing Bayesian network to represent varying hypotheses for the task of sketch 
recognition and allow both stroke data and contextual data to influence the probability 
of an interpretation for the users’ strokes. However, they put their emphasis upon draw-
ing semantic description and inference for sketch understanding to assist sketch recogni-
tion, not for adaptive sketch recognition (Their sketch recognition process is not actually 
brought into Bayesian network framework). For adaptive online sketch recognition, we 
design a Bayesian Network structure as shown in Fig. 1.  

 
C

S1 

F1

S2 S3

F3F2

Shape Class 

Strokes 

Features 
 

Fig. 1. Bayesian Networks Structure for Adaptive Sketch Recognition 

We consider three types of random variables: two discrete variables - the shape 
classes C and stroke types S, one continue variable - feature vectors F. Accordingly, 
all nodes in our Bayesian Network structure are arranged in three level: only one node 
in top level is the shape class, nodes in middle level are several strokes constituted a 
sketchy shape and nodes in the bottom level are some multi-dimension feature vectors 
correspond to each of strokes. In Fig. 1, node C indicates a type of sketchy shape, 
nodes 321 ,, SSS  represent respectively the first, second and third stroke drawn by user 

for a sketchy shape C, and nodes 321 ,, FFF  are feature vectors respectively corre-

sponding to the first, second and third stroke. In order to simplify Bayesian Network 
structure, the directed arcs in the structure link each of nodes in keeping with three 
regulations relative to the speciality of freehand drawing: (1). Each of strokes is only 
relative to a sketchy shape and all previous inputting strokes; (2). Each of feature 
vectors for every stroke is only relative to a sketchy shape and all previous inputting 
strokes; (3). There are no relationships between the feature vectors corresponding to 
every stroke. As shown in Fig. 1, there are directed arcs between node C and other 
nodes because all of them are composed of a sketchy shape. According to regulations, 
there are directed arcs between each pair of nodes 21 ~ SS , 31 ~ SS ,

32 ~ SS , 11 ~ FS , 

21 ~ FS ,
22 ~ FS , 31 ~ FS , 32 ~ FS , 33 ~ FS  respectively, and no arcs between 

nodes
321 ,, FFF . 



 Online Composite Sketchy Shape Recognition Based on Bayesian Networks 509 

2.2   Maximum Posteriori Probability Estimation 

According to our definition of Bayesian Network, adaptive sketch recognition can be 
seen as the problem of solution of maximum posteriori probability.  

Supports there are m classes of sketchy shapes to be recognized and a sketchy 
shape is composed of n number of strokes, the posteriori probability can be calculated 
in terms of Bayes expressions as follow:  

( ) ( )
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2121
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Because ( )nn FFFSSSP ,,,,,, 2121  is independent on the shape classes C, the prob-

lem of maximum posteriori probability means to maximize the joint probability 
( )nn FFFSSSCP ,,,,,,, 2121

. The sketch recognition process can then be described as 

to find a solution to maximum joint probability as follow: 
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In a Bayesian network, the joint probability of a set of random variables 
{ }nxxx ,,, 21  is calculated by the multiplication of local conditional probabilities 

of all the nodes. Let a node 
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Where, ),,...,,,|( 121 iiji SSSSCFP −  is the conditional probability between continuous 

random variables with high order dependencies and ),...,,|( 121 −iji SSSCSP  is the 

conditional probability between discrete random variables. 
We suppose that the feature vectors of a drawing satisfy the random variables 

Gaussian distributions, that is to say, ( )Σ− ,~),,...,,,|( 121 μNSSSSCFP iiji
. Therefore, 
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the conditional probability ),,...,,,|( 121 iiji SSSSCFP − can be modeled by conditional 

Gaussian distributions using following formula: 

)]()'(
2

1
exp[

||)2(

1
)( 1

2/12/ μμ
π

−Σ−−
Σ

= − xxxp
d

 (5) 

where, x is the feature vectors of random variables, d is the dimension of feature vec-
tors, |Σ| is the determinant value of covariance matrix Σ of feature vectors Σ，Σ-1 is 
the converse matrix of covariance matrix Σ. 

The conditional probability ),...,,|( 121 −iji SSSCSP  can be estimated by the fre-

quency distribution in sample space as follow: 
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where， ( )121 ,...,,, −ij SSSCCount  is the total number of samples which is composed 

of a series of strokes 121 ,...,, −iSSS  and belongs to the shape class jC , 

( )iij SSSSCCount ,,...,,, 121 −  is the total number of samples which is composed of a 

series of strokes ii SSSS ,,...,, 121 − . 

The priori probability ( )jCP  can be estimated simply by the frequency distribution 

in sample space as follow 

( ) ( ) ( )AllSamplesCountCCountCP jj =  (7) 

Where, ( )jCCount  is the total number of samples belonged to the shape class jC  

and ( )AllSamplesCount  is the total number of samples. 

2.3   Drawing Style Modeling 

Theoretically, the conditional probabilities are computable. However, they require a 
high computing complexity and a large of posteriori probability matrix, for example, 

),...,,|( 121 −iji SSSCSP  requires reasoning nM  cases and ( )nNNN ××× 21
-dimensions 

matrix for M classes of shape with n number of strokes.  
In fact, the posteriori probability matrix is sparse for a specific user, because 

his/her drawing styles (including the number and type of strokes, the temporal order 
of primitives and so on) for a shape is relatively fixed though the possible drawing 
styles of a shape may be diverse [7]. Therefore, we define a particular data structure 
to model drawing styles (the probability value in the posteriori probability matrix for 
sketch recognition is nonzero) of a shape for a specific user, as shown in Fig. 2(a), 
named as drawing-style tree (DS-tree) to be used as the model of Bayesian classifier 
training and recognition. A drawing-style tree is hierarchical according to the drawing 
sequences of strokes and enumerates all accustomed drawing styles/manner of a shape 
for a specific user, where the root represents a class of shape, every children node 
indicates the addition of a stroke and the attributes of drawing till current stroke, 
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every directed arc represents the successive relationships between two strokes, each 
of level lists all possible type of strokes in a drawing step and each of branches repre-
sents a possible drawing style/sequence consisted of a series of strokes. Fig. 2(b) 
shows an example of a user accustomed drawing styles/manner of electronic diode 
symbol in term of drawing-style tree for a specific user.  

 
 

Third 

Stroke

First 

Stroke

Root 

Second 

Stroke

 

 

 
(a) Definition of drawing-style tree (b) A drawing style tree of diode symbol 

Fig. 2. Illustration of Drawing-Style Tree 

The attributes of drawing in each node include the type of current stroke and its 
corresponding feature vectors, the list of previous strokes and their corresponding 
feature vectors, the statistical access frequency of drawing style along with a branch 
from root to current node (that is, the value of ( )iij SSSSCCount ,,...,,, 121 − ), as well 

as the mean vector μ and the covariance matrix Σ of feature vectors corresponding to 
current drawing. 

Based on definition of drawing-style tree, the task of Bayesian Networks classifier 
training to establish a drawing-style tree for each of shape classes by calculating and 
updating iteratively the value of ( )ij SSSCCount ,...,,, 21  and the parameters μ and Σ 

of the corresponding node in term of the collected samples. For every stroke of sam-
ple, if there is node in every level of the drawing-style tree so that the type of the 
current stroke and the list of previous strokes at this node are same as that of sample, 
increment the number of statistical access frequency of drawing style or the value of 

( )ij SSSCCount ,...,,, 21  by one, add the feature vectors of this sample to node and 

update the parameters μ and Σ of feature vectors of drawing in this node. If not, create 
a new node in current level of the drawing-style tree, calculate the attributes of draw-
ing in this novel node according to the stroke of sample and set the statistical access 
frequency of drawing style as one. 

After established of drawing-style tree, the adaptive sketch recognition based on 
Bayesian Networks classifier for each of users’ online drawing can be describe as 
follow. For each of shape classes, the following probabilities are calculated: (a) the 
priori probability ( )jCP  by means of equation (7) for root node, (b) the conditional 

probability ),...,,,|( 21 iji SSSCFP  according to equation (5) and the conditional prob-

ability ),...,,|( 21 iji SSSCSP  according to equation (6) for each of nodes, (c) the joint 

probability ),...,,,,...,,,( 2121 nnj FFFSSSCP  according to equation (4) for each of 
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branches in a drawing-style tree, and (d) the maximal joint probability 
( ) ( ) ),...,,,,...,,,( 2121 nnjji FFFSSSCPCPSP ×=  for each of shape classes. For all shape 

classes, some candidate drawing styles or candidate recognition results can then be 
sorted by the magnitude of the maximal joint probability ( )iSP  of each of classes. 

3   Experimental Results and Evaluation 

In our experiments, we select 10 categories of typical symbols from the Chinese Elec-
tric Symbols Standard (GBT4728&GBT5465), which are most commonly used in 
circuit diagramming, as shown in Fig. 3(a). Some of them are simple in structure and 
others relatively complicated. We design two experiments to validate the effects of 
our proposed method in contrast with our two previous method: SVM classifier [7][8] 
and HMM classifier [10]. All experiments are run on Microsoft Windows XP with 1.4 
GHz Intel CPU and 512MB memory). 

 

Fig. 3. Symbols and strokes used in our experiments 

The goal of first experiment is to compare the convergent performances of three 
classifiers under different sample sets. We collect 1000 samples for each of the 10 
graphical symbols, which are divided into a training set and a testing set with the 
proportion of 7 to 3. We do the experiment six times, with the total samples of 100, 
200, 400, 600, 800 and 1000, respectively. Thus, in all these experiments, the sizes of 
training samples are in turn 70, 140, 280, 420, 560 and 700. All samples are repre-
sented as the modified turning function [7] with 20-dimensional features. Fig. 4 
shows the recognition precisions of three classifiers training under different sizes of 
sample sets in our first experiment and Fig. 5 shows the training time of three classi-
fiers under different sizes of sample sets in our first experiment.  

 

Fig. 4. Recognition precision of three classifiers under different size of samples 
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(a) Bayesian Classifier (b) SVM Classifier  (c) HMM Classifier 

Fig. 5. Training time of three classifiers under different sizes of sample sets 

From Fig. 4 we can see that the recognition precision of both HMM and Bayesian 
Networks classifiers reaches a convergence of perfect precision at a small sample sets 
(For HMM classifiers, the recognition precision reaches 97% at 400 samples, for 
Bayesian Networks classifier, it reaches 99% at 100 samples) while the recognition 
precision of SVM classifiers is poor. That is, both HMM and Bayesian Networks 
classifiers are more suitable for multi-stroke symbols recognition than SVM classifier. 
From Fig. 5 we can see that the training time of SVM and Bayesian Networks classi-
fiers is acceptable while that of HMM classifier is tremendous.  

The second experiment is designed to verify the multi-users adaptability of three 
classifiers under different feature representations. We invite two users to draw 400 
and two users to draw 500 samples for every graphical symbol, where three draw in 
only one manner they prefer themselves while one draws in several manners so that 
there are more than one kind of combinations of strokes in a symbol’ samples by 
using some types of strokes as shown in Fig. 3(b). The samples of each user are also 
divided into training samples and testing samples according to the proportion of 7 to 
3. All samples are represented as the modified turning function [7] and the composite 
feature vectors [10] respectively. Table 1 lists the recognition precision of three clas-
sifiers for four users under two types of feature representation. From Table 1, we can 
see that the recognition precision of both HMM and Bayesian Networks classifiers is 
perfect for multi-users adaptation and insensitive to feature representation while the 
recognition precision of SVM is poor and sensitive to feature representation.  

Table 1. Average Recognition Precisions of three classifiers for multi-users (%) 

Turning Function Feature Composite Feature 
Classifier 

User1 User2 User3 User4 User1 User2 User3 User4 

SVM 70.27 68.99 63.17 68.25 43.30 56.08 30.30 30.44 
HMM 92.53 84.20 92.83 99.00 90.07 94.73 83.42 95.75 

Bayesian 99.27 96.82 97.16 99.42 99.53 97.82 99.67 100 

As an experimental result, we can conclude that the Bayesian Networks classifier 
proposed in this paper is the most preferable for online adaptive multi-strokes sketch 
recognition both in recognition and training performances and multi-users adaptability 
among three classifiers, at least in our defined domain. SVM is mainly designed for 
distinguishing different categories and their decision regions need to be convex and 
are sensitive to the definition of feature spaces. This restriction limits the flexibility 
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and accuracy of the SVM classifiers only suitable for simple sketchy shape recogni-
tion or stroke classification [7][8]. In addition, the training of SVM classifier is actu-
ally an iterative process sensitive to feature definition [7][8]. We employ a first-order 
left-to-right chain for HMM classifier [515], supposed that each stroke is strongly 
relevant to the previous and the next. This is an appropriate HMM mode for the 
strictly serial drawing in sketch. In other hand, our HMM classifier for sketch recog-
nition is sensitive to stroke orders. These may result the larger training time and un-
satisfactory recognition, especially for complicated symbols. Our Bayesian Networks 
classifier models a sketch with the relationships not only between stroke and its 
neighbouring strokes, but also between a stroke and all of its subsequence. Therefore, 
it may be more suitable to describing multi-stroke symbols than SVM and HMM. As 
shown in Table 1, when the three classifiers work on user4’s samples which are 
drawn in more than one manner, the recognition result of Bayesian Networks classi-
fier is much more prominent than that of HMM and SVM classifiers on every kind of 
features. A most salience characteristic of Bayesian Networks classifier is the interde-
pendencies of the causal relationships among the component variables, which is also 
the foundation of naive Bayes’ rule. In online sketchy shape recognition, although the 
features extracted from the strokes can be as interdependent as possible, there are at 
least time and serial orders among the strokes and people always input certain strokes 
before others when drawing a specific symbol, which do not perfectly conform to the 
independence hypothesis and affect the recognition results. 

4   Conclusion 

In this paper, we develop a method for adaptive online sketchy shape recognition 
based Bayesian Networks. A sketch is modeled, by means of Bayesian Networks, 
with the relationships not only between stroke and its neighbouring strokes, but also 
between a stroke and all of its subsequence. The drawing-style tree is then adopted to 
capture the users’ accustomed drawing styles and simplify the training and recogni-
tion of Bayesian Networks classifier. A most salience characteristic of Bayesian Net-
works classifier for adaptive online sketchy shape recognition is that it can effectively 
model the intrinsic temporal orders among the strokes. The experiments prove both 
effectiveness and efficiency of the proposed method. 
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Abstract. In order to realize robust visual tracking in natural environments, a 
novel algorithm based on adaptive appearance model is proposed. The model 
can adapt to changes in object appearance over time. A mixture of three 
Gaussian distributions models the value of each pixel. An online Expectation 
Maximization (EM) algorithm is developed to update the parameters of the 
Gaussians. The observation model in the particle filter is designed based on the 
adaptive appearance model. Numerous experimental results demonstrate that 
our proposed algorithm can track objects well under illumination change, large 
pose variation, and partial or full occlusion. 

Keywords: visual tracking; adaptive appearance model; Expectation Maximi-
zation algorithm; particle filter. 

1   Introduction 

Visual tracking has very important applications in many fields, such as vision-based 
control, smart surveillance, and visual recognition. One of the key challenges in 
visual tracking is to handle the appearance variability of an object over time. This 
variability results from many factors, including variation in object pose or object 
deformations, partial or full occlusion. Therefore, an important research in visual 
tracking is to design a robust tracking algorithm and adaptive appearance model in 
natural environments. 

In conventional tracking algorithms, the appearance model is either fixed or rapidly 
updated. In the first case, the appearance model is extracted from the first frame and 
kept unchanged during tracking, such as color models in [1, 2], and gray-level tem-
plate in [3]. In the second case, the appearance model is updated every frame using 
the tracking results from the previous frames, such as gray-level templates in [4, 5, 6], 
and color model in [7]. Both kinds of the methods are unavailable. If the appearance 
model is fixed, the tracking will fail in natural environments such as illumination 
change, pose variation, or occlusion. However, if the appearance model is updated 
rapidly, the tracker can easily use wrong appearance information due to partial occlu-
sion or due to the accumulation errors from the previous tracking steps. 
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In this paper, we propose a robust objects tracking algorithm based on adaptive ap-
pearance model. The model can adapt to slowly or rapidly changing appearance. In 
this model, the value of each pixel over time is considered as a “pixel process” and 
each “pixel process” is modeled with a mixture of three Gaussian distributions. To 
adapt to changes in object appearance over time, an online EM algorithm is developed 
to update the Gaussian parameters. The adaptive appearance model is incorporated in 
the particle filter. Experimental results in indoor and outdoor video sequences demon-
strate the effectiveness and robustness of our proposed algorithm. 

2   Adaptive Appearance Model 

2.1   Mixture Appearance Model 

Due to pose variation or occlusion, a three-Gaussian mixture model is constructed for 
each pixel to model the distribution of value observed at that pixel over time in this 
paper. Our mixture model for appearance shows some similarity to the model used in 
[8] for background. We use tA  to denote the appearance model at time t . Assume the 

recent history values of a given pixel i , denoted by 1: 1( ) { ( ), , ( )}t tZ i Z i Z i= … , are 

regarded as a statistical process independent of that for all other pixels, then the prob-
ability of the current pixel value ( )tZ i  in tA can be estimated by: 

( ) ( )
3
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where , , ,( ) ( ( ), ( ))m t m t m ti i iθ μ σ= , 3
, , 1( ) ( ( ), ( ))t m t m t mi i iΘ π θ == , , ( )m t iπ  is the weight of the 

mth  Gaussian at time t , ( ),( ) | ( )t m tp Z i iθ  is a normal density represented by: 
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2.2   Parameter Online Estimation 

We use EM algorithm to estimate ( )t iΘ parameters. To make the parameters estima-

tion depend more heavily on the most recent observations, define a forgetting fac-
torα . The log-likelihood expression for the observation at given pixel  i , 1: ( )tZ i , is 

given by: 

( ) ( )
3

1: , ,
1 1

( ) | ( ) log ( ) ( ) | ( )
t

t k
t t m t k m t

k m

L i Z i i p Z i iΘ α π θ−

= =

⎡ ⎤= ⎢ ⎥⎣ ⎦
∑ ∑       (0,1]α ∈  (3) 

Our aim is to find that ( )t iΘ  which maximizes the log-likelihood function. Similar to 

standard EM algorithm [9], ( )t iΘ  can be estimated by iterating the following two steps: 
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Step 1. E-step 
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Step 2. M-step 
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In the EM algorithm, computing ownership , ( )m ko i  would require storing all of the 

observations from previous times. Considering that the parameters of the Gaussians 
change slowly, assume , , 1( ) ( )m t m to i o i−≈ , the approximation equations as follows: 
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, , , 1 ,( ) 1 ( ) ( ) ( ) ( )m t m t m t m t ti i i i Z iμ β μ β−= − +⎡ ⎤⎣ ⎦  (11) 

22 2
, , , 1 , ,( ) 1 ( ) ( ) ( ) ( ) ( )m t m t m t m t t m ti i i i Z i iσ β σ β μ−= − + −⎡ ⎤ ⎡ ⎤⎣ ⎦ ⎣ ⎦  (12) 

2.3   Model Update 

Fig. 1 shows that the update procedure. In the initialization step, the distribution of the 
pixel is represented by the first Gaussian component. If at least one match is found, 
the parameters will be updated using the current pixel value. If none of the Gaussian 
distributions match the current pixel value, a reset step will be implemented. It is 
noted that when the object is occluded, the current update process will stop, and the 
appearance model is kept unchanged.  
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Step 1. Initialization 
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(iii) If ( )1( ) | ( ) 0t tp Z i iΘ − >  

For m = 1, 2, 3    // Update step 
Cm(i)=0       // Once the update condition is met, all the counters are 

cleared 
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End If 
End For 

Else         // Reset step 
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Ck(i) = Ck(i)+1   // The counter of the kth Gaussian is incremented by 1 
Else  

2 2
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Ck(i)=0        // The counter of the kth Gaussian is cleared 
End If 

For m = 1, 2, 3, 
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=
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End If 

Fig. 1. The update procedure for the appearance model 
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3   Visual Tracking with Adaptive Appearance Model 

3.1   Dynamic Model 

The motion of an object is represented by a parameterized image warp. The warp 
parameters are defined as ( , , , )t t t t tW u v s r= , where , , ,t t t tu v s r  correspond to transla-

tion, scale, and rotation respectively.  
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where T( , , , , , )t t t t t t tX u u v v s r= � � , tu�  and tv�  are the velocities of tu and tv , Σ  is a 

diagonal matrix whose elements are the corresponding variances of four parameters in 

tW  , i.e., 2 2 2 2, , ,u v s rσ σ σ σ . 

3.2   Adaptive Observation Model 

Given a particle state ( )j
tX , the candidate object region is determined by the following 

transformation: 
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The observation of the candidate object region can be represented as: 

( )( ) ( )
1

ˆ ( , )j j
t t t tZ I Xψ −= x  (15) 

After obtaining the observation ( )ˆ j
tZ  corresponding to the state ( )j

tX , the observa-

tion likelihood ( )( | )j
t tp Y X  is designed as: 
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(16) 

4   Occlusion Handling 

In general, outlier pixels cannot be explained by the underlying process and their 
influences on the estimation process should be decreased. We adopt the Huber’s func-
tion ρ , which is defined as follows: 

2

   if  
2( )

1
            otherwise

2

c
c cε ε

ρ ε
ε

⎧ ⎛ ⎞+ >⎜ ⎟⎪⎪ ⎝ ⎠= ⎨
⎪
⎪⎩

 (17) 
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At time t = 0. 
Step 1. Initialization 

For j = 1, …, N, sample ( )
0

jX  from prior distribution 0( )p X  

Set Occ_Flag = 0 to indicate no occlusion 
At time t = 1, 2, … 
Step 2. Important sampling step 

For j = 1, …, N  
Propagate ( ) ( )

1 1{ , }j j
t tX w− −  by sampling ( )j

tX�  using the dynamic model 

Compute the warped image ( )ˆ j
tZ  and ( ) ( )ˆ( | )j j

t tp Z X�  

Update the weight using ( ) ( ) ( ) ( )ˆ( | ) ( | )j j j j
t t t t tw p Y X p Z X∝ =� �  

End For 

For j = 1, …, N, normalize the weight ( ) ( ) ( )

1

/
N

j j j
t t t

j

w w w
=

= ∑  

Step 3. Resampling step 
Resample ( ) ( )

1{ , }j j N
t t jX w =
�  to obtain a new particle set ( )

1{ ,1 }j N
t jX N =  

  Step 4. State estimation 

Estimate the state ( )

1

1ˆ
N

j
t t

j

X X
N =

= ∑  

  Step 5. Appearance model update 

Compute the warped image Zt using the state ˆ
tX  

Set Occ_Flag according to the number of the outlier pixels in Zt 
If Occ_Flag = 0 

Update the appearance model At-1 using Zt 
      Else 

  At-1=At 
End If 

Fig. 2. The tracking algorithm with occlusion handling 

Where the constant c is a scale parameter, the function ρ  has the following expression: 
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 (18) 

Where ( )tZ i , Tσ , , 1( )m t iμ − , and , 1( )m t iσ −  are the same as those in the previous 

sections. 
The proposed objects tracking algorithm with occlusion handling is shown in Fig. 2. 
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5   Experiments and Results Analysis 

In this section, we test our algorithm on many real-word video sequences [11]. These 
sequences contain many difficult tracking conditions in natural environments, includ-
ing illumination change, large pose variation and partial or full occlusion. Some pa-
rameters are set as: 0.85α = , 0 20σ = , 0 0.1π = , 3Tσ = , 5cT = .The tracking result is 

shown with a white bounding box. Table 1 summarizes some statistics about these 
video sequences and the appearance model size used.                                                    

Table 1. Comparison of tracking results with different appearance models 

Video Video1 Video2 Video3 Video4 

# of frames 500 1540 1144 550 

Frame size 96x128 240x320 240x320 240x320 

At size 43x37 40x32 45x32 36x24 

Non-adaptive  136 254 318 240 Lost 
tracks  Adaptive 0 0 0 0 

5.1   Tracking a Head 

The video sequence shown in Fig. 3 is a woman head moving in an office environ-
ment. The tracking results show that the adaptive tracking algorithm can track the 
object successfully throughout the sequence. 

 
(a) Tracking using the fixed appearance model 

 
(b) Tracking using the adaptive appearance model 

Fig. 3. Tracking results with head rotation and cluttered backgrounds 

The RMSE for the non-adaptive tracking algorithm is computed as: 

[ ]2

0
1

1
( ) ( ) ( )Fixed

d

t
i
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= −∑  (19) 
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The RMSE for the adaptive tracking algorithm is computed as: 

23

, ,
1 1
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( ) ( ) ( ) ( )Adaptive

d

t m t m t
i m

RMSE t Z i i i
d

π μ
= =
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⎣ ⎦

∑ ∑  (20) 

The RMSE curves indicate that the adaptive appearance model invokes smaller. 
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Fig. 4. The RMSE for two kinds of the trackers 

5.2   Tracking Face Under Illumination Change 

Fig. 5 shows the results of tracking a man face under illumination change. The results 
show that the adaptive tracker can track the face robustly, while the non-adaptive 
tracker fails when there is a large illumination change. 

 
(a) Tracking using the fixed appearance model 

 
(b) Tracking using the adaptive appearance model 

Fig. 5. Tracking results under illumination change 

5.3   Tracking Head Under Full Occlusion 

The sequence shown in Fig. 6 is a man head fully occluded twice by a tree. The re-
sults are obtained by incorporating the occlusion analysis in the adaptive tracker. It 
can be seen from the results that when the object become visible again after a period 
of occlusion, our tracker can succeed to track it. Fig. 7 shows that the occlusion han-
dling can succeed to judge the time when occlusion happens. 
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Fig. 7. Tracking results under full occlusion 
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Fig. 8. The number of the outlier pixels vs. frame number 

6   Conclusions 

We have presented an algorithm for tracking objects in natural environments using 
adaptive appearance model. An online EM algorithm was developed to handle ap-
pearance changes between frames. The adaptive appearance model was incorporated 
in the particle filter. Occlusion analysis was implemented using robust statistics. 
Demonstrated by five challenge video sequences, the algorithm can robustly track an 
object in many complex situations. 

Future work will need to address the better model characterizing object maneuvers. In 
addition, more optimal algorithm suitable for practical application will be developed. 
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Abstract. The paper presents and realizes a new image retrieval method based 
on the combination of the color connected area information with the texture 
features. The image is firstly divided into several parts and the color connected 
areas in the image is computed, then, the primitive co-occurrence matrix of the 
four color components corresponded with the connected area of each color is 
extracted. Lastly the image retrieval on the basis of the content is realized by 
using of the feature similar function which is designed according to these 
features.  

1   Introduction 

This paper present and realize the new image retrieval method that combining the 
distribution of color and texture of image. Based on color connected region, the 
method combines the information of the color constitution and its distribution in 
the image and gets each of features of the co-occurrence matrix relevant to the each 
component of color. Then, it realizes the Content Based Image Retrieval on the basis 
of the image similitude measure function of this feature. The results of the experiment 
in this paper demonstrate that the effect of the image retrieve method is well. 

2   Grey-Primitive Co-occurrence Matrixes 

2.1   Primitive Arrays 

If there exists a image f(i,j)，i=0,1,2,… ,Lx-1; j =1,2,… ,Ly-1，we will discuss the 
constitution of the primitive array in the forms of the primitive like Fig.1 (a) and (b). 
The value of primitive is measured by moment of neighborhood pixels coping with 
the pixel. Except for the boundary pixels, calculating the moment of each pixel that 4 
neighborhood pixels grey level cope with the pixel: 

)2,...,2,1;2,...,2,1(              

  )1,(),1()1,(),1(),(

−=−=
−+++++−=

LyjLxi

jijifjifjifjim   (1) 
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(a)       (b)     (c)          (d)            (e)         (f) 

Fig. 1. The structure of primitive 

2.2   Grey Primitive Co-occurrence Matrix 

Let Lgpx=fnormalize, and let Lgpy=mnormalize. The following GP(i,j) is the define grey 
primitive co-occurrence matrix. 

The matrix of GP(i, j), i= 0, 1, 2, … , Lgpx; j = 0, 1, 2,… , Lgpy，whose 
dimension  is (Lgpx+1)×(Lgpy+1)  consists of grey matrix and primitive matrix. The 
value of element of marix GP(i, j) is the number of points which the grey equal to i 
and the primitive equal to j.  

Take GP(5,8)=16 as an example, in the grey-primitive co-occurrence matrix of a 
image, the number of points is 16. the grey of this kind point equals to 5, and the 
primitive equals to 8. 

3   Set of Color-Connected Regions[4] 

3.1   Color Connected 

A color image T is divided into N×N sub images. And, calc is calculated according to 
ulate the dominant color C(i,j) of every sub image T(i,j) (1≤i≤N, 1≤j≤N) according to 
the mosaic algorithmic of extracting dominant colors. If two arbitrary sub images that 
are called T(i,j) and T(k,l)(i-k=1 and j-l=1) conform to 8-connected regulation and the 
corresponding dominant colors are interrelated, the sub images T(i,j) and T(k,l) are 
color-connected. 

3.2   Set of Color-Connected Regions 

According to 8-connected regulation, compose all the sub images as a set of color-
connecting regions S={Ri} (1≤i≤M), which conform to the conditions as follows (M is 
the number of color-connecting regions): 

(a) TR
M

i
i =

=
∪

1

 

(b) ),1,( MjijiΦRR ji ≤≤≠=∩   
(c) Ri is a set of color-connected regions 
(d) Ri and Rj are color-unconnected 
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4   Algorithm of Retrieving Image 

4.1   Distill Texture Feature of Color Primitive Co-occurrence Matrix 

Distill each feather of grey primitive co-occurrence matrix from each region Ri 
(1≤i≤M) of the set S of color-connecting regions, which is in corresponding to the 
range of Ri, then, compose them together to form the texture signature of color 
primitive co-occurrence matrix of this image. 

Step1, Divide color image of T into N×N sub images and form the set 
S={Ri}(1≤i≤M) of color-connected regions according to the color-connected 
regulation which is mentioned above. 

Step2,  Extract matrix information of four color components of R, G, H and I 
which belong among image of T. And the maximal gradation of each component 
equals to D=8. 

Step3, As is mentioned in 2.2, we ought to calculate primitive co-occurrence 
matrix which has been normalized of four color components of R, G, H and I. for 
each color connecting region Ri (1≤i≤M). Then, for each co-occurrence matrix, we 
should calculate statistical characteristic quantities such as E(Energy), I(Inertia), 
S(Entropy), H(Evenness):[5] 

The texture feature vector Fi=[FRi,FGi,FHi,FIi] = {fi1, …, fi16}, which is 16 
dimensions consists of  characteristic quantities which are mentioned above . 

Step4, There is a hypothesis that the number of sub images of each color-
connecting region equals to B. And, calculate the texture feature vector F= [FR, FG, 
FH, FI]= {f1,…,f16}.: 

Step5, over. 

4.2   Similarity Measurement Function  

Assuming image A and B, the color primitive matrix characteristic respectively is: 

FA=[FRA,FGA,FHA,FIA]={fA1,…,fA16}，FB=[FRB,FGB,FHB,FIB]={fB1,…,fB16} 

Four parts in the above-mentioned characteristic vector represent the different 
aspect of the characteristic respectively. The similarity measurement function is 
constituted by four items, showing such as the following formula: 

|43

21

GBGAHBHAE

GBGAERBRAE

F|Fw),F(FDw                 

),F(FDw),F(FDwD(A,B)

−⋅+⋅+
⋅+⋅=  (2) 

5   Analysis of the Experiment Results 

This paper has set up a database of 500 images which are collected from web. It 
includes nature scenes, animals, flowers, food, cars and so on, which are all 24-bit 
true-color image. We can find this algorithm is effect when rotated. 

Table 1 listed the comparison of retrieval with grey co-occurrence matrix, grey 
primitive co-occurrence matrix and color primitive co-occurrence matrix. 
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Table 1. Retrieval result comparison 

Co-occurrence 
matrix 

Template 
content 

Correctly 
retrieved 
sample 
number 

Erringly 
retrieved 
sample 
number 

Accurate 
rate(%) 

Food  29 21 58 
Grey 

Snow 31 19 62 
food 44 6 88 Color 

primitive snow 46 4 92 

6   Conclusion 

As referring to the color structure and distributing information, the features which are 
extracted in this way can reflect both texture relation and color structure. It has also 
built the corresponding relationship with people’s perception. The experiment has 
turned out that this method is better than the method of block grey co-occurrence 
matrix and the method of color co-occurrence matrix on whole image. This method 
has better retrieval effect and is applicable to contend-based image retrieval.  
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Abstract. Fault diagnosis is a small sample problem as fault data are absent in 
the real production process. To tackle it, Support Vector Machines (SVM) is 
adopted to diagnose the chemical process steady faults in this paper.  Consider-
ing the high data dimensionality in the large-scaled chemical industry seriously 
spoil classification capability of SVM, a modified adaptive chaotic binary ant 
system (ACBAS) is proposed and combined with SVM for fault feature selec-
tion to remove the irrelevant variables and ensure SVM classifying correctly. 
Simulation results and comparisons of Tennessee Eastman Process show the 
developed ACBAS can find the essential fault feature variables effectively and 
exactly, and the SVM fault diagnosis method combined with ACBAS-based 
feature selection greatly improve the diagnosing performance as unnecessary 
variables are eliminated properly. 

1   Introduction 

Fault diagnosis, which can provide early warning for process upset and reduce loss, 
plays an important role in industry process. But it is a challenge to apply fault diagno-
sis to modern complex and large-scaled chemical process because there are large 
amounts of variables with noise monitored. When all collected variables are taken as 
the inputs to discriminate faults, high dimension of data greatly reduces the perform-
ance of diagnosing because of the disturbances of too much irrelevant variables and 
noises, and badly spoil the real-time capability due to the increased complexity of 
computation. Especially, fault diagnosis is a small samples problem as the fault data 
are deficient in the really production process, which make some classification algo-
rithms not suitable for fault diagnosis.  

In this paper, we use the SVM as classifier to diagnose the chemical process steady 
faults as it can tackle the small sample problem. As mentioned above, high dimension 
of data will impair the classification capability of SVM. So it is essential to preproc-
ess the sampled data to reduce the data dimension. 

There have been several approaches to preprocess data developed, applied and 
widely researched in fault diagnosis applications, such as Principal Component 
Analysis (PCA) [1] and Kernel PCA [2], which are well-known methods for feature 



 A Modified Adaptive Chaotic Binary Ant System and Its Application 531 

extraction. The large sets of process monitored variables data in the chemical industry 
are often highly correlated and as a result are generally good candidates for PCA and 
KPCA. As feature extraction methods can produce lower-dimensional representations 
of the data which better generalize to data independent of the training set than using 
the entire dimensionality of the observation space, and therefore, improve the profi-
ciency of detecting and diagnosing fault.  

But the extracted information by feature extraction methods is not directly re-
lated to the objective of fault diagnosis. So the number of retained components 
maybe is still large in order to contain enough information for diagnosing. Some-
times, even worse, the extracted data is not exactly acceptable for fault diagnosis 
because the resulting lower dimensional space may contain little of the required 
faults information, which makes the feature extraction invalid for fault diagnosis 
in some conditions.  

To make up for this shortage, feature selection method was proposed as an alterna-
tive to preprocess the collected data [3]. In the process of fault diagnosis, feature 
selection is operated to directly search and find the essential fault variables. Only the 
selected variables will be retained and used as inputs for fault diagnosis. As the irrela-
tive variables are all removed, the real-time capability and correct rates of fault diag-
nosis will be greatly improved. In order to find the fault feature variables effectively 
and properly, a modified adaptive chaotic binary ant system is proposed and com-
bined with SVM to realize fault feature selection in the paper.  

The reminder of the paper is organized as follows. Section 2 presents the ACBAS 
algorithm and the feature selection method based on ACBAS combined with SVM in 
detail. The setup of simulations is introduced in Section 3. Section 4 describes the 
performances and comparisons of developed ACBAS algorithm and fault diagnosis 
method based on feature selection. Section 5 concludes the results of simulations. 

2   Theory 

2.1   Ant Colony Optimization (ACO) 

ACO algorithm inspired by colonies of real ants has been successful employed to 
solve various optimization problems. It is an evolutionary approach where several 
generations of artificial agents in a cooperative way search for good solutions. Agents 
are initially randomly generated on nodes, and then stochastically move from a start 
node to feasible neighbor nodes. Agents collect and store information in pheromone 
trails during the process of finding feasible solutions. Agents can online release 
pheromones while building solutions. In addition, the pheromones will be evaporated 
in the search process to avoid local convergence and to explore more search spaces. 
Thereafter, additional pheromone is deposited to update pheromone trail offline so as 
to bias the search process in favor of the currently path.  

The pseudo code of the classical ACO algorithm [4] can be described as: 

Procedure: Ant colony optimization 
Begin 
   While (ACO has not been stopped) do 
      Agents_generation_and_activity(); 
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      Pheromone_evaporation(); 
      Daemon_actions(); 
    End;  
End;  

More details on ACO algorithm can be found in [5]. 

2.2   Chaotic Sequences 

Recently chaotic sequences have been adopted instead of random ones and the im-
provements of algorithm performance have been shown in many applications such as 
neural networks [6], [7] and optimization algorithms. The choice of chaotic sequences 
is justified theoretically by their unpredictability.  

With regard to optimization algorithms, chaotic sequence was introduced and used 
in the genetic algorithm (GA) [8], [9], evolutionary algorithm (EA) [10] and ACO 
[11], and the results showed the enhancing of exploitation capability.  

In this paper, chaotic sequence has been used in the all the phase of ACO algo-
rithm, i.e., in the generation of the initial population and during the execution of the 
exploiting and updating pheromone trails.   

Here we use the logistic map to produce the chaotic sequences. The logistic equa-
tion is defined as follows. 

1 0(1 )     0 1n n nx x x xμ+ = ⋅ ⋅ − < < . (1) 

where μ  is the control parameter, x is a variable and n=0,1,2,… The logistic equation 

is chaotic when μ =4 and 0 0.25, 0.5, 0.75{ }x ∉ .  

2.3   Support Vector Machines 

SVM is a relatively new class of machine learning techniques introduced by Vapnik 
[12]. Unlike most of traditional methods that implement Empirical Risk Minimization 
Principal, it implements the Structural Risk Minimization Principal by seeking to 
minimize an upper bound of the generalization error instead of minimizing the train-
ing error. This eventually results in better generalization performance than other tradi-
tional methods. As the solution is determined only by support vectors that are a subset 
of all training data points, it has a sparse representation and entails a fast test speed. 
Because of the remarkable characteristics of SVM, such as good generalization per-
formance, the absence of local minima and the sparse representation of solution, it has 
been popularly used in the fault diagnosis applications [13-15], but only a few on 
chemical processes [16].  

In this paper, SVM is adopted as fault classifier and combined with the proposed 
ACBAS for feature selection. 

2.4   Fitness Function 

To estimate and guide the feature searching of ACBAS, it is essential to measure the 
performances of fault features selected by each ant. So a pre-defined fitness function 
is applied to evaluate the fitness. Usually, the fitness function can be simply defined 
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as the correct classification rate. As irrelative variables are useless and cost much 
computing time, the fitness function is modified as Eq. (2) to remove the unnecessary 
variables in this paper. 

all

c
id m

m
pidfxf ×−= )()( . (2) 

where f(xid) means the modified fitness function, f(id) represents the correct fault 
classification rate, mc is the number of variables chosen by the ant while mall is the 
dimension of data samples, p is an important parameter which balances the maximum 
correct classification rate and the number of retained variables. 

2.5   Feature Selection Based on ACBAS 

In the proposed ACBAS-based feature selection algorithm, features are represented as 
graph-ere nodes, with the edges between them denoting the choice of the next feature. 
Then the fault feature selection is transformed into an ant traversal through the graph. 
The built solutions of ants are represented as the binary sequences where a bit “1” 
denotes the corresponding feature is selected and a bit “0” means its corresponding 
feature is eliminated [17].  

The main steps of feature selection based on ACBAS are as follows: 

1. Represent all features as graph-ere nodes and initialize the parameters of 
ACBAS algorithm. 

2. If termination criteria is reached then terminate, else go to the next step.  
3. Generate ants and visit all features from a chaotic beginning node to build so-

lutions completely according the following rules: 
First of all, produce a chaotic number pchaso by logistic map and compare 

with the exploiting probability pe.  
If pchaos is greater than or equal to the parameter pe, whether the feature j is 

selected or not by ant i is decided by the two probability parameters Pj,0, Pj,1.. 
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where di is the sum of selected features by ant i now.α and β are two parame-

ters that determine the relative influence of the pheromone trail and the heuris-
tic information, i.e., the number of selected features.  

If pchaos is less than pe, whether the feature j is chosen is determined by the 
threshold function: 
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where c is another chaotic number and 0η is a constant, for instance, 0.5. In 

our work, we increase 0η  as the heuristic information to speed searching. 

4. Calculate the fitness of each ant after all ant agents completing building solu-
tions. 

5. The best found solution is reserved and updated. The iteration-best solution 
(or best found solution sometimes) is chosen to update the pheromones inten-
sities as: 

        ,0 ,0 (1 ) /i i F Qτ ρ τ ρ= ⋅ + − ⋅  if feature i not selected 

    ,1 ,1 (1 ) /i i F Qτ ρ τ ρ= ⋅ + − ⋅  if feature i selected 
(7) 

where ρ is the evaporation rate to avoid unlimited accumulation of phero-

mone, F is the fitness of the corresponding ant and Q is an constant. 

In the process of ant searching, the exploiting probability pe is a very important pa-
rameter. A small pe can speed convergence of ACO, but it is also likely to stagnate in 
the local optimal. So a self-adaptive pe as Eq. (8) is adopted in the proposed ACBAS 
algorithm to improve its global searching capability,  

0.2 0.2 /c maxpe Ite G= + ⋅  (8) 

In Eq. (8), Itec represents the current generation number and Gmax is the number of the 
maximum iterative generations.  

3   Experimental Simulation Setup 

3.1   Tennessee Eastman Process 

The Tennessee Eastman is a well-known benchmark chemical process, which was 
firstly introduced by Downs and Vogel [18]. The TEP provides a realistic industrial 
process for evaluating process control and monitoring methods. Now, the TEP has 
been widely used for the process monitoring community as a source of data for com-
paring various approaches [19].  

The TEP simulator, coded in Matlab, was used to generate normal data and fault 
data. The pre-defined fault 4, fault 6 and fault 7 with stable operating conditions be-
fore and after the faults occur, are researched in this paper. 

3.2   Data Sampling 

The first simulation ran 25 hours and sampled per 3 minutes to generate500 observa-
tions under the normal operating conditions. The next three simulations also ran 25 
hours and each of them corresponded to three different faults mentioned above. These 
three simulations started without faults, and the faults were introduced 1 simulation 
hour later into the run. So the total number of observations generated for each run was 
n=500, but only 480 observations were collected after the introduction of the fault. 
Each observation contains 52 observation variables. As SVM is fit to limited samples, 
only 30 training data samples and 60 data validation samples data were chosen  
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randomly from each simulation run and used for fault feature variables selection. 
Another 4 simulations ran to generate test data to evaluate the performances of fault 
diagnosis. Like the former 4 simulations, one simulation ran in the normal condition, 
and the other 3 simulations ran corresponding to fault 4, 6 and 7. But the simulation 
time for each run was 48 hours. Each simulation started with no faults, and the faults 
were introduced 8 simulation hours later into the run. The total number of observa-
tions generated for each run was n=960.  

To make the simulation results comparable, the data used for experiment come 
from http://brahms.scs.uiuc.edu. 

4   Simulation Results 

4.1   Fault Feature Selection 

In the fault 4 case, all variables remain steady except the 51-th variable induced a 
change when the fault occurred. So the fault feature variable of fault 4 is variable 51. 
Fault 6 involves a step changes in variable 1and variable 44, and the other variables 
are all bothered. The change of variable 1 and variable 44 are so remarkable that any 
one of them can be taken as fault feature. Variable 45 has a noticeable step change 
when the fault 7 is introduced into the process. And affected by it, other 34 variables 
deviate significantly from their normal operation behavior and go aback to normal 
values later by the control of closed loop.  

The experiments were carried out within a Matlab 6.5 enviroment, running on a PC 
powered by a Pentium IV 2.4GHz and 256MB RAM. To evaluate and compare the 
developed algorithm, fault feature selection of three faults all ran 20 times using 
ACBAS algorithm, chaotic binary ant system (CBAS) with pe=0.2, 0.4and ACO with 
the best parameters reported in [18]. All algorithms ran with the same value of pa-
rameters except pe, set as N=52, 1α = , 0β = , 0.1ρ = , 10Q = , Gm=50, and the ant 
trails were initialized by logistic map chaotic sequences. 

The features selected of 3 faults by all algorithms are shown in Fig. 1–3.  
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Fig. 1.  Fault features of fault 4 selected by all algorithms 
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Fig. 2. Fault features of fault 6 selected by all algorithms 
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Fig. 3. Fault features of fault 7 selected by all algorithms 

And the average fitness changes of all algorithms are figured in Fig. 4–6. 
As shown in Fig. 1–3, the introductions of modified heuristic strategy and chaotic se-

quence greatly improve the initial solutions and the searching ability of ACO algorithm. 
Ant system with a small pe can speed convergence and achieve a better solution while a 
high value pe may make ant system escape from local optimal more effectively as the 
fitness changes of ant system with different pe displayed in Fig. 4–6. According to the 
results shown in the figures, it is obvious that the proposed ACBAS algorithm can effec-
tively find the fault features prior to classical ACO or the chaotic ant system.  
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Fig. 4. Fault 4 average fitness changes of all algorithms 
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Fig. 5. Fault 6 average fitness changes of all algorithms 
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Fig. 6.  Fault 7 average fitness changes of all algorithms 

4.2   Fault Diagnosis Base on SVM with Fault Feature Selection 

Table 1 presents the results of fault diagnosis based on SVM with fault feature selec-
tion (FFS). To give a comparison, fault diagnosis methods based on SVM with the all 
collected data, data extracted by PCA and KPCA were tested with the same data set. 
The results of these three fault diagnosis methods are given in the Table 1 as well.  As 
the focus of this paper is to develop an effective algorithm to select fault feature and 
evaluate the fault diagnosis method based on SVM with feature selection in chemical 
process industrial, the details of whole fault diagnosis strategy are not described here.  

Table 1. The correct diagnosing rates of SVM with all variables, PCA, KPCA and feature 
selection based on ACBAS 

 All variables PCA  KPCA FFS 
Fault 1 61.3% 68.2% 74.5% 100% 
Fault 2 99.4% 99.5% 99.9% 100% 
Fault 3 51.8% 59.7% 71.2% 100% 
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5   Results and Discussion  

In this paper, we adopted SVM to diagnose the steady faults in chemical process and 
proposed a modified adaptive chaotic binary ant system algorithm for fault feature 
selection. The simulation results show the developed ACBAS algorithm has better 
searching capability and converge more quickly than classical ACO and the chaotic 
ant system as the adaptive exploiting probability and chaotic sequence are introduced. 
SVM based on feature selection works perfectly in its applications to diagnosing the 
chemical process steady faults, as it is suitable for the small sample problem and with 
good generalization capability. These excellent characteristics make the proposed 
SVM with feature selection method based on ACBAS algorithm noticeable and at-
tractive in the chemical process fault diagnosis applications. 
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Abstract. In this paper, we present a novel eye location approach based on 
image context analysis. It is robust from the image variations such as 
illumination, glasses frame, and eyebrows. Image context of an image is any 
observable relevant attributes with other images. Image context analysis is 
carried out using the hybrid network of k-means and RBF. The proposed eye 
location employs context-driven adaptive Bayesian framework to relive the 
effect due to uneven face images. The appearance of eye patterns is represented 
by Haar wavelet. It also employs a merging and arbitration strategy in order to 
manage the variations in illumination and geometrical characteristics of ambient 
eye regions due to glasses frames, eye brows, and so on. The located eye 
candidates are merged or eliminated, and adaptive arbitration strategy is used 
based on a minimizing energy function by probabilistic forces and image 
forces. The adaptation is carried out by the analysis of image context. The 
experimental results show that the proposed approach can achieve superior 
performance using various data sets to previously proposed methods.  

1   Introduction  

Recently, automatic face recognition has become a hot topic of computer vision 
research area [2, 9]. And an important point in face recognition is face alignment. 
Face alignment includes spatial face normalize as scaling and rotating to match with 
face samples in the datasets. Already papers [10, 7] shown that face alignment has a 
huge effect on recognition accuracy. Contemporary, face alignment system usually 
perform eye location firstly. Most of the face recognition methods use eye positions 
which manually given. But for real time face recognition system, manually locating 
eye positions is obviously not reasonable. Therefore an automatic eye location 
method is needed for a real face recognition system. In this paper, we first propose a 
context-driven classifier. Our eye location method is then detection eyes using 
Bayesian discriminant method. And then we apply two kinds of post-processings to 
output of Bayesian classifier.  

Under most cases, the eye center is measured with the pupil center. Contemporary 
eye location manners can be divided into two classes: active and passive eye location. 
The active location manners use restrictive representation of illumination. Under IR 
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illumination, pupils display physical attributes which can be employed to localize 
eyes [2]. The benefits of active eye location manners are accurate and robust, but they 
need restricted lighting sources and they have many false locations with an outdoor 
condition, where the outdoor illumination influences the IR illumination. On the other 
hand, passive manners immediately detect eyes from images within normal 
illumination. The difficulties of passive manners in eye location are mainly caused by 
the variations of intrinsic object characteristics, viewpoint, viewing distance, eye 
brows, thick spectacle rims illumination.  

In this paper we solve uneven illumination problem to employ context-driven 
framework and resolve viewpoint, eyebrows and spectacle rims problem with 
merging and arbitration strategy. The experiments have been carried out using 
the BioID, FERET and Inha face data sets. We achieved very encouraging results, 
especially for the face images with glasses and uneven illumination. 

2   Image Context-Driven Eye Location 

Our eye locator is designed to detect two eyes of 1616 × pixel minimum size, rotated 
up to ± 20 degrees in image plane. It contains a pipeline of an image context-driven 
method, the Bayesian context aware method and the postprocessing strategy. This 
pipeline achieves automatically multi-resolution, feature representation and 
classification of eye candidates, in a single integrated scheme. The image contexts are 
affected by illumination direction, intensity, glasses frame, eyebrows, and so on. The 
image contexts are modeled and analyzed by the hybrid network of k-means and 
RBF. The image context analysis assigns detected face image into one of several 
image contexts so that Bayesian classifier and post-processing can be tuned in 
accordance with varying illumination and eye patterns. Hence, the proposed image 
context based eye location has advantages over previous approaches in robustness to 
varying environments. 

2.1   The Proposed Approach  

An overview of our eye location algorithm is described in Fig. 1, which contains three 
major modules: 1) image context analysis, 2) discriminant with context adaptive 
thresholds and 3) merging and arbitration strategy. The algorithm first classifies face 
images by class using k-means and RBF algorithm. The image which is classified by 
image context analysis passes through a Bayesian eye locator. The Bayesian eye 
locator consists of a six-level multi-resolution method, a feature vector generator 
using 2D Haar transform and an eye candidate windows classifier with the Haar 
feature based Bayesian discriminant method. There appear usually multiple eye 
candidate windows and they should be merged into two eye windows since there are 
two eyes in a face region. In this paper, the derived eye windows are converted into 
eye candidate centroids. The block diagram of the proposed method is shown in  
Fig. 1.  
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Fig. 1. Block diagram of the proposed eye location method 

2.2   Image Context Analysis by the Hybrid Network of k-Means and RBF 

Image context is any observable relevant attributes and its interaction with other 
images, and image context analysis deals with variations of illumination condition. 
We formulate the image context analysis to learn discriminative object patterns which 
can be measured formally, not intuitively as most previous approaches did. The image 
context analysis assigns detected face image into one of several image categories. The 
image contexts are modeled and analyzed by the hybrid network of k-means and 
RBF. The proposed image context-driven eye location has advantages over previous 
approaches in robustness to varying intrinsic and extrinsic illuminations. 

The RBF networks, just like MLP networks, can therefore be used in classification 
and/or function approximation problems. In the case of a RBF network, we usually 
prefer the hybrid approach, described below [4]. The RBFs, which have a similar 
architecture to that of MLPs, however, achieve this goal using a different strategy. 
One cluster center is updated every time an input vector x is chosen by k-means from 
the input data set.  
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Then the iterative application of iμ̂  leads to the following procedure for 

finding cμμμ ,...,, 21 . In the absence of other information, we may need to guess the 
“proper” number of clusters, c. Likewise, we may assign c based on the final 
application. Here and throughout, we denote the known number of patterns as n, and 
the desired number of cluster c. It is traditional to let c samples randomly chosen from 
the data set serve as initial cluster centers. 

In training step we classify face images along illumination peculiarity, and in 
experience phase we apply Bayesian theory with optimized different thresholds at 
each cluster. We call this manner a context-driven method. The general Bayesian 
method [1] applies same threshold to whole test images, but the context-driven 
method applies several thresholds according to the number of clusters. 

 

Fig. 2.  Training system architecture 

As showed Fig. 2, the idea is to train the network in two separate stages. In first 
stage, we perform an unsupervised training (k-means). In the second stage, the diverse 
thresholds are trained using the regular supervised approach. Input pattern is 
vectorized for grayscale image size of 1616 ×  pixels. The transformation from the 
input space to the hidden unit space is non-linear, whereas the transformation from 
the hidden-unit space to the output-space is linear. RBF classifier expands input 
vectors into a high dimensional space. RBF network has architecture that of the 
traditional three-layer back-propagation. In this paper, hidden units are trained using 
k-means. The network input consists of n normalized and rescaled size of 1/2 face 
images fed to the network as 1 dimension vector. And input unit has floating value  
[0, 1]. The vector value is normalized. 

3   Haar Feature Based Bayesian Eye Candidate Location 

In this paper, we accept 2D Haar wavelet representation for generating the feature 
vectors of eyes. Large number of eye images and non-eye images are needed to train 
the Bayesian classifier [1]. These images are normalized to the same scale (16×16). 
These samples are modeled using PCA for reducing feature dimension in the manner 
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of a paper [1]. Then, they are measured by Bayesian discriminant method with 
Mahalanobis distance [8]. At least two class models [1] are required to classify eye 
and non-eye using Bayesian method: one is eye class model and the other is non-eye 
class model. We employ the multiple two class models here for individual 
illumination contexts, respectively for each class.  

3.1   Eye Candidate Window Using Haar Feature Based Bayesian Classifier  

We employ Mahalanobis distance for each window. Let exd )( be the Mahalanobis 

distance of the eye class, and nxd )(  be that of for non-eye class. exd )(  and nxd )( can 

be calculated from the input pattern x , the eye class parameters (the mean eye, and 
the corresponding covariance matrix), and the non-eye class parameters (the mean 
non-eye, the corresponding covariance matrix) respectively. We use two thresholds, 
θ and τ as follows: 
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where α is training samples of eye class and β is training samples of non-eye class. 
The two thresholds are constant values, which are calculated in the training time. The 
Bayesian classifier offers the classifying rule to the eye detection system as follows:  
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4   Post-Processing for Deciding True Eye Centroid  

The post-processing of the proposed eye location consists of the merging and 
arbitration strategies. Merging strategy was devised to improve the credibility of the 
eye location by removing false detections. Arbitration strategy finds a mediated 
position among multiple merged centroid patterns by a minimizing energy function of 
probabilistic forces and image forces. 

4.1   The Proposed Merging and Arbitration Strategy  

The result from the Bayesian classifier usually contains multiple eye candidate 
windows including false detections as illustrated in Fig. 3. Merging strategy is 
devised to improve the credibility of the eye location by removing false detections 
[4]. Extensive experiments discover that there are usually multiple candidate windows 
detected nearby eyes with high frequency, while false detections usually arise with 
low frequency. This discovery gives us a reasonable decision rule that can eliminate 
false detections and merge true detections into a single merged detection.  

This method is good at not only improving accept rate but also at decreasing false 
detection. If a specific position is correctly classified as an eye, then all other detected 
positions which overlap it are regarded as errors, therefore these can be 
eliminated. The position with the higher number of detections is conserved, and the 
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position with the lower detections is eliminated. This method is controlled by two 
variances: the threshold of overlapping density and the size of spread out. We will 
only accept a detection if there are at least more than threshold detections within a 
region (spread out along x, y, and scale) in the detections phase. The size of the region 
is determined by a variable, which is the number of pixels from the center of the 
region to its edge. Each detected centroid at a particular position and scale is marked 
in image. Then, each position in image is replaced by the number of detections in a 
specified neighborhood of that position. This has the effect of spreading out the 
detections. The proposed merging strategy is shown in Fig. 4. In Fig. 4a ~ e, it shows 
simple case with overlap elimination process. 

After the merging strategy is applied, sometimes two or more merged eye centroids 
appear. As a matter of fact, eyebrows or thick rims of spectacle often are so similar to 
closed eye that the proposed merging strategy sometimes makes a wrong decision. So 
both eye region and ambient eye regions should be considered together. The merging 
strategy enforces to remain a merged eye centroid which has a higher overlapping 
detections (i.e., higher density of overlapping virtual density) and to eliminate other 
merged eye centroid(s). However, if two or more high overlapping detections (merged 
centroids) independently survive around the eye, the merging strategy fails to produce 
correct eye location any more.  

In order to resolve the above problem, we analyze the multiple merged window 
distribution and devise the proposed arbitration strategy. It is a method which finds a 
mediated position among false detections. The arbitration strategy is based on a 
minimizing energy function by probabilistic forces and image forces. The 
probabilistic forces serve to impose a reasonable mediated position according to their 
density of detections. The image force pushes the position toward salient eye features. 

Representing the mediated position parametrically by ),( yxv = , we can use its 
energy function as: 

∫ +=
1

0
)()( dsvEvEE imageprobnarbitratio  (4) 

where probE  represent the probabilistic energy of the detections due to density, 

imageE  gives image force which consist of intensity and gradient. An example of the 

application of these functions is shown in Fig. 4. Fig. 4f shows fail of merging and 
overlap elimination strategy. Red marks are false merged eye windows which are 
made by merging strategy. A blue point of right region in Fig. 4g indicates that 
centroid points of each wrong eye windows. We generate one nn×  rectangle region 
which has height and width which vertical distance between two centroid points as in 
Fig. 4h. The center of the region is became centroid of two centroid points. Energies 
of each pixel in the region are calculated and the pixel which has minimum energy is 
regarded as eye centroid. The energy functions introduction should be scaled so that 
each component of function contains comparable values.  

This process is referred to as regularization. Each of the energy functions is 
adjusted to the range as follows: 
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where mine and maxe  are the minimum and maximum valued elements, respectively, 

in each energy function component. 

 

Fig. 3. The proposed post-processing (a) Result of Bayesian classifier. (b) Eye candidate windows. 
(c) Centers of eye candidate windows. (d) The windows are “spread out” and a merging is 
applied. If threshold is two, ② is conserved because its density is lower than threshold. (e) 
Eliminating overlapping detections. ③ is eliminated by elimination rule. (f) Result of merging. 
⑤ will be arbitrated by arbitration strategy. (g) Arbitration. ⑥  is centroid of two false 
detections. (f) Result of proposed eye location. ⑦ is arbitration region. 

5   Experiments 

The training set is obtained from FERET database, and totally 1970 eyes of 985 faces 
are extracted and normalized for training. Experimental test set consists of BioID, 
FERET, and Inha data sets, and totally 6537 face images are used in our experiment.  

There are several methods to measure the accuracy of eye location used in previous 
research [6, 3]. In this paper, we adopt a scale independent localization measurement, 
called relative accuracy of eye location, to estimate the accuracy of eye location [3]. 
The relative accuracy of detection is defined as follows [3]:  

err
lr

rl

d

dd ),max(
=  (6) 

In Fig. 4, we offer error curves of 3 test databases and the system can show 
satisfactory performance in the vicinity of err <0.14. 

In order to make comparison with context-driven method with general Bayesian 
method, we cluster 1093 images FERET fa set for three, six and nine clusters. 
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Performance of three-clustering (k=3) is demonstrated in Table 2. It shows that 
context-driven method is superior to general Bayesian method. Table 3 is show 
similar results. From the tables, we can conclude that k-means based context-driven 
Bayesian method have an effect on eye location. Although it is a performance under 
err <0.10, Table 2 and 3 show similar performances with general Bayesian method of 
Table 1. We offer some examples out of the test sets for visual examination at Fig. 5. 
The system appears to be robust to the presence of glasses, closed eyes, slightly 
rotated faces and even significant pose changes. Fig. 5a shows that the proposed 
method is robust to the eye glasses and Fig. 5b also shows its robustness to 
illumination variation. 

The proposed system is compared with other systems. We select paper [5] and [6] 
as targets of comparison because they use identical evaluation protocol (err) and data 
sets with us. In paper [6], the detection rate is 99.1% under err <0.20. On the other 
 

Table 1. Performance of general Bayesian method with merging and arbitration strategy 

Source Images 
Accepted 

faces 
False 

detects 
Acceptance 

rate 

FERET 3816 3690 126 96.70% 

BioID 1521 1458 63 95.86% 

Inha 1200 1148 52 95.67% 

Total 6537 6296 241 96.31% 

err < 0.14 

Table 2. Acceptance rate for three-clustering (k=3) 

general Bayesian method  context-driven method 
classes images 

detect false rate detect false rate 
class 0 293 277 16 94.54 281 12 95.90 
class 1 672 650 22 96.73 650 22 96.73 
class 2 128 119 9 92.97 124 4 96.88 
total 1093 1046 47 95.70 1055 38 96.52 

err < 0.10 

Table 3. Acceptance rate for six-clustering (k=6) 

general Bayesian method context-driven method 
classes images 

detect false rate detect false rate 
class 0 221 206 15 93.21 211 10 95.48 
class 1 93 87 6 93.55 91 2 97.85 
class 2 553 533 20 96.38 539 14 97.47 
class 3 31 30 1 96.77 30 1 96.77 
class 4 21 19 2 90.48 19 2 90.48 
class 5 174 171 3 98.28 171 3 98.28 
total 1093 1046 47 95.70 1061 32 97.07 

err < 0.10 



548 E.J. Koh and P.K. Rhee 

hand, our detection rate is 99.92% if err <0.20 at all test sets. In paper [5], the 
detection is considered to be correct if err <0.25. Their detection rate on BioID dataset 
is 94.81%. We evaluate proposed method on BioID under the same evaluation 
protocol. The detection rate of our system is 95.86% if err <0.14, and the detection 
rate is 98.82 % if err <0.25. And their system achieve on 97.18% of JAFFE data set. 
But backgrounds and illumination conditions of JAFFE are not as complex and 
diverse as these of BioID. Table 1 shows the comparative eye location performance of 
the proposed method in this paper and other methods. 

Table 4. Comparative Eye Location Performance of the proposed method in this paper and 
other methods 

Method err < 0.2 (all dataset) err < 0.25 (BioID) 

Y. Ma 99.1% N/A 

H. Zhou N/A 95.86% 

The proposed method  99.92% 99.14% 

 

Fig. 4. Error curves 

     
(a)                                                                 (b) 

Fig. 5. Eye location results on a subset of FERET, BioID photos 

6   Conclusion  

This paper addresses an image context-driven eye location method using the hybrid 
network of k-means and RBF. The proposed eye location employs image context 
based adaptive framework to relive the effect of uneven images coming from 
illumination condition, glasses frame, eyebrows, and so on. The novelty of this paper 
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comes from image context analysis based adaptive framework. First, an image 
context-driven method applied. Second, input images are classified by the context-
driven Bayesian method. Third, we employ the merging and arbitration strategy. The 
image contexts are analyzed by c-means and RBF. In order to classify eyes and non-
eyes, we use statistical modeling which evaluates the conditional probability density 
functions of eyes and non-eyes classes. Multiple Bayesian frameworks are 
constructed with different thresholds derived by image context. The adaptive merging 
and arbitration strategy is applied to improve accuracy of the system. Sophisticated 
post-processing, i.e. adaptive merging and arbitration strategy manages the variations 
in geometrical characteristics of ambient eye regions due to glasses frames, eye 
brows, and so on. The arbitration strategy is trained with 1970 eye images and 3844 
random natural (non-eye) images. Experimental results using 6537 images 
(containing a total of 13074 eyes) from various image sources.  The proposed method 
achieves 97.11 percent eye detection accuracy under err < 0.14. 
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Abstract. This paper proposes a robust hand-posture recognition method by 
learning similarity between hand-posture and structure for the performance 
improvement of vision-based hand-posture recognition. The difficulties in 
vision-based hand-posture recognition lie in viewing direction dependency and 
self-occlusion problem due to the high degree-of-freedom of human hand. 
General approaches to deal with these problems include multiple camera 
approach and methods of limiting the relative angle between cameras and the 
user's hand. In the case of using multiple cameras, however, fusion techniques 
to induce the final decision should be considered. Limiting the angle of user's 
hand restricts the user's freedom. The proposed method combines angular 
features and appearance features to describe hand-postures by a two-layered 
data structure and includes learning the similarity between the two types of 
features. The validity of the proposed method is evaluated by applying it to the 
hand-posture recognition system using three cameras.  

1   Introduction 

Research on automatic hand-posture recognition is important to realize natural 
human-computer interaction. Most people use hand-postures in addition to words 
when they speak: clenching a fist, pointing, pinching, and doing finger spelling. Thus 
hand-posture recognition is attracting attention as one of the intuitive human-
computer interfaces. This paper presents a robust method to recognize hand-postures 
captured by vision sensors. 

In vision-based tracking, visibility is important because many occlusions occur. 
Cameras should be placed so that hands being tracked remain in the scene. The 
number of cameras is another important issue. Although using multiple cameras 
increase the algorithmic complexity of dealing with multiple image streams, they 
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improve visibility. Once raw data have been collected, the system analyzes the 
existence of hands in the scene and recognizes hand-postures. A recognition 
technique should be chosen on the basis of how many postures are in the recognition 
set, the complexity of the set, and whether or not the set is known beforehand.  

The work on hand-posture recognition is divided into two streams of research: 
model-based and view-based approaches.  

Model-based approaches use an articulated three-dimensional (3D) hand model to 
describe hand-postures[1][2]. The model is projected onto the image and an error 
function is computed, scoring the quality of the match. The model parameters are then 
adapted such that the error is minimized. Mostly, it is assumed that the model 
configuration at the previous frame is known, and only a small parameter update is 
necessary. Therefore, model initialization is important in model-based approaches. In 
many researches, the model is aligned manually in the first frame. 

In the view-based approach, the problem is formulated as a classification 
problem[3][4]. A set of hand feature is labeled with a particular hand posture, and a 
classifier is trained with this dataset. These techniques have been employed for 
gesture recognition tasks, where the number of learnt postures is relatively limited. To 
recognize a limited set of hand-postures, only useful models are registered. Because 
calculation for the 3D features is not necessary, it takes less computation. However, it 
requires images from various viewing directions to define hand-postures. If a hand-
posture is obtained from a view that is not predefined, this method cannot guarantee 
good performance. 

This paper proposes the Object Shape and Structure Network (OSS-Net) to 
recognize hand-postures under varying viewpoints. It is a layered hand-posture 
recognition structure in which view-based and model-based approaches are 
complementarily combined. In this method, there are two advantages. First, it 
considers both changes of the shape due to viewpoint variation and the angular 
configuration of the hand. Since the relation between two-dimensional (2D) 
appearance features and three-dimensional (3D) structures is many to many, they 
should be considered together to improve the robustness against viewing direction 
changes. Second, it gives a solution to deal with multiple image streams. 

Fig. 1 shows the target hand-postures. 

       

Fig. 1. Target hand-postures  

To recognize the hand-postures in Fig. 1, three cameras equipped on the ceiling 
were used (Fig. 2). Fig. 3 shows the effect of variance in viewpoint. Although their 
appearances are different from each other, those five images have been taken for the 
same hand-posture. 
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Fig. 2. Camera configurations 

   

Fig. 3. Example of hand appearances from various 

The remainder of the study is organized as follows: Section 2 shows the proposed 
hand-posture database structure, Section 3 deals with details of the hand-posture 
recognition system application, Section 4 shows some experimental results and 
Section 5 concludes.  

2   Hand-Posture Database Structure  

We propose Object Shape and Structure Network (OSS-Net) model to recognize hand-
postures under varying viewpoints. 

OSS-Net model is a hand-posture database structure that has both characteristics of 
the 3-dimensional model based approach and appearance-based approach. It is a 
layered hand-posture recognition structure in which view-based and model-based 
approaches are complementarily combined. In this method, there are two advantages. 
First, it considers both changes of the shape due to viewpoint variation and the 
angular configuration of the hand. Since the relation between two-dimensional (2D) 
appearance features and three-dimensional (3D) structures is many to many, they 
should be considered together to improve the robustness against viewing direction 
changes. Second, it gives a solution to deal with multiple image streams.  

The OSS-Net is defined as below: 

Def. 1 Object Shape and Structure Network (OSS-Net),  

OSS-Net = (S, P, L1, L2, C) 

S: pattern set 

P: network variable set 

L1: 2D view-based feature layer 

L2: 3D model-based feature layer 

C: set of interconnections between the elements of L1 and L2 
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The main parts of the structure are 2D view-based feature layer (L1), 3D model-
based feature layer (L2), and the set of interconnections between the elements of L1 
and L2 (C). Each layer is constructed by several nodes representing a certain type of 
hand-posture. Nodes composing layers are described by a feature vector and a 
connectivity vector which defines connectivity to hand-posture model identifiers. A 
hand-posture is described by interconnections between the nodes. By constructing 
nodes on L1 layer with appearance features observed from various views, we can 
consider the varying view effects on the shape. The connections between nodes on L2 
layer represent different hand-postures with the same appearance. Pattern set S is the 
set of data used to construct OSS-Net. Network variable P defines network parameters 
such as threshold values and maximum number of repetition.  

L1 and L2 layers are defined as below: 

Def. 2 2D View-based Feature Layer, ),( UXL =1  

{ }mxxxX ,,2,1= :  2D view-based feature node set 

m : the number of view-based feature nodes  

):( ixhixfix = , mi ,,1= ,  

i
xf : 2D view-based feature vector 

ixh : p-dimensional vector representing connectivity to the hand-posture where p is 

the number of hand-postures to be recognized 

{ }ijuU = , mji ,,1, = :  Interconnections between view-based feature nodes 

m : the number of view-based feature nodes 

⎩
⎨
⎧ =

=
otherwisejip

jiif
u

u
ij ),(

0

, 

),( jipu
: connectivity between 

ix  and 
jx  

ixh  represents the relation between ith appearance-based representation and  each 

hand-postures. There can be several possible hand-postures which results in the same 
appearance. However, for example, if the value of jth element in ixh  is bigger than 

others, the jth element is considered the most probable hand-posture for ith appearance 
in L1 layer. 

Def. 3 3D Model-based Feature Layer, ),( VYL =2  

{ }
n

yyyY ,,,
21

= :  3D-model based feature node set 

n :  the number of 3D-based feature nodes  

):(
iii

yhyfy = , ni ,,1=  
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i
yf : 3D-model based feature vector 

i
yh : p-dimensional vector representing connectivity to the hand-posture where p is 

the number of hand-postures to be recognized 

{ }ijvV = , nji ,,1, = :  interconnection between 3D model-based feature nodes 

n :  the number of 3D model-based feature nodes  

⎩
⎨
⎧ =

=
otherwisejip

jiif
v

v
ij ),(

0

, 

),( jipv : connectivity between 
i

y  and 
j

y  

The meaning of each connection between nodes is similar with the case of L1 layer. 

i
yh  is the relation between a 3D model-based feature nodes and each hand-posture 

model.  
The interconnection between layers is defined as follows: 

Def. 4 Connectivity between Layers, C : 

{ }ijcC = , ni 1= , mj ,1=  

ij
ij

yto

otherwise

relatedisxif
c

0

1

⎩
⎨
⎧

=  

The elements of C indicate the interconnection strength between view-based nodes 
in L1 layer and 3D model-based nodes in L2 layer. 

With the hand-posture database based on OSS-Net model, the hand-posture 
recognition process copes with search within the structure. 

To construct OSS-Net, two kinds of hand-posture descriptors, view-based and 3D 
model-based, are required to construct each of two layers which comprise the 
network. For view-based feature layer, we have used the boundary descriptor. It is a 
real vector of which elements are lengths between the center of segmented hand 
region and its boundary pixels. For 3D model-based feature layer, finger-angles are 
measured by a dataglove. The dataglove is only used in the training phase. Once 
trained, the system works using the 3D-model based feature layer with parameters 
decided from training. 

3   Hand-Posture Representation and Recognition  

The OSS-Net explained in the previous chapter was applied to build the hand-posture 
recognition system. Hand-posture descriptions from two aspects are needed to 
construct two layers which comprise the database. We used boundary description 
feature vector composed of lengths between the center of the hand region and the 
boundary pixel and finger-angles measured by a dataglove. Fig. 4 shows boundary 
description feature extracting process. 
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Fig. 4. Boundary description extracting process 

First, the segmented hand-region is normalized in size and aligned to the principle 
axis. Next, the region boundary is achieved by the conventional boundary following 
algorithm. We use an angle segmentation mask to select points on boundary with same 
interval. After the center of an angle segmentation mask is moved onto the hand region 
center, logical AND operation is applied. From the resulting image with dots which 
mean same interval point on boundary, we can calculate the length between those dots 
and region center. It is expressed as n-dimensional vector where n is the number of 
angle segmentation. Finally it is normalized to have 1 as the maximum value.  

Fig. 5 shows a dataglove used in finger-angle extraction process. 

  

Fig. 5. Dataglove (0~13: Sensor position to achieve angles) 
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The finger-angle values are normalized by equation (2). 

max
minmax

min
_ ×

−
−= val

datanormalized  

val: input value for the sensor 
max: the maximum value of the sensor input 

       min: the maximum value of the sensor input 

(2) 

The boundary descriptors and normalized finger-angle vectors are used to construct 
the sets, { }

i
xf  and { }

j
yf , i=1,…,n, j=1,…,m, respectively. In the construction stage, the 

hand-posture identifiers are given together with these two kinds of feature vectors. 
First, we find a node on L1 with a view-based feature vector which has the smallest 

Euclidean distance from the input view-based feature vector
i

xf . If the distance value 

is bigger than the predefined threshold value, create a new node on L1. Otherwise, the 
selected node is adjusted to have a feature vector which is the center of three vectors: 
the most similar feature vector, the next most similar feature vector, and the input 
feature vector. If a new node is created on L1, the same procedure is conducted on L2 
for the corresponding input finger-angle vector. 

After creating or adjusting a node, connections between nodes are modified. There 
are two kinds of connections: intralayer and interlayer connections. U in Def. 2 and V 
in Def. 3 are intralayer connections. C in Def. 1, interconnection between the elements 
each from L1 and L2 layer, is the interlayer connection. Intralayer connections reflect 
the possibility that they are caused by the same hand-posture. Intralayer connections 
reflect two cases by real values. One is due to the variance in the viewing direction. 
Even the same appearance may be caused by 3D structures different from each other, 
that is, a different hand-posture. Likewise, the same 3D structure does not always show 
the same appearance. Interlayer connections reflect these two cases. 

Under the OSS-Net model, hand-posture recognition is processed by transition 
between nodes constructed by given data. Q-learning algorithm is applied to determine 
the transition. The comparison is occurred on the L1 layer and then, transition between 
nodes on the L2 layer is conducted according to the previous result. The problem 
description by Q-learning is shown below: 

• Initial values of Q-table: Immediate reward values 

• Action: Transition between nodes 

• State: Allocated value for each feature node determined by Euclidean distance 
between nodes and transition 

• Immediate Reward:  

 -5 for false and normalized value of inverse Euclidean distance for true 

Fig. 6 shows hand-posture recognition process based on OSS-Net database structure 
using three cameras. 
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Fig. 6. Hand-posture recognition process  

4   Experimental Results  

The hand-posture recognition system has been constructed and tested using three 
cameras. To build the hand-posture database, subjects were requested to pose 15 
orientations for each hand-posture as Fig. 7. The sample was acquired from 3 people 
and 5 trials for each. For each trial we can get 225 images: three cameras, 5 hand-
postures and 15 views. Consequently we get 3375 images. During data capture stage, 
a dataglove is used to get the finger-angle data. For recognition, a dataglove is not 
used. Randomly selected 1500 images (300 images/hand-posture) were used to build 
OSS-Net structure and randomly chosen 1500 images (300 images/hand-posture) 
from remaining were used to test.  

From experiments, we decided 0.55 as the exploration probability for Q-learning. 
Generally, higher exploration probability results in better recognition rate and higher 
 

        

Fig. 7. Fifteen orientations for each hand 
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Fig. 8. Hand-posture recognition result (A1: Similarity by Euclidean distance, A2: Similarity 
by Q-learning) 

convergence speed. However, too high exploration probability makes recognition rate 
rapidly decrease and increases the number of iteration for convergence.  

To validate the proposed similarity defining method using Q-learning, we also 
tested the case using Euclidean distance as a similarity measure. As Fig. 8 shows, the 
proposed method has showed good performance except for the hand-posture 1(fist). 
For the constructed OSS-Net, we tested 10 times and got average recognition rate of 
90.80%. The recognition failure of the hand-posture 1 was caused by commonness of 
the appearance. Since, according to the viewing direction, other 4 hand-postures also 
can be seen as the ‘fist-like’ shape, 5 hand-posture sets commonly include the 
appearance similar to a fist.  

5   Conclusion  

A human-hand is the object with the high articulation, and thus, it has high degree of 
freedom. This, together with self-occlusion phenomena and view-variance, makes it 
hard to recognize a human-hand. This paper suggested OSS-Net structure, two-
layered database structure representing both 2-dimensional appearance features and 3-
dimensional features. The contribution of this paper is a robust hand-posture 
recognition method with characteristic feature database structure, OSS-Net, and a 
novel method to combine multiple views.  

Although the proposed method gives effective way of hand-posture recognition, more 
research is needed for optimization of each stage. Future work will focus on the numerical 
extension of the database and advanced analysis on features and distance measure.  
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Abstract. A novel scheme is proposed for training Support Vector Machines 
(SVMs) in automatic recognition of young-old gait types with a higher 
accuracy. Kernel-based Principal Component Analysis (KPCA) is employed to 
initiate the training set, which efficiently extracts more nonlinear features from 
highly correlated time-dependent gait variables and improves the generalization 
performance of SVM. With the proposed method (abbreviated K-SVM), the 
gait patterns of 24 young and 24 elderly normal participants were analyzed. 
Cross-validation test results show that the generalization performance of K-
SVM was on average 89.6% to identify young and elderly gait patterns, 
compared with that of PCA-based SVM 83.3%, SVM 81.3% and a neural 
network 75.0%. These results suggest that K-SVM can be applied as an 
efficient gait classifier for young and elderly gait patterns. 

1   Introduction 

It is well known that aging influences gait patterns, and considerable studies have 
reported changes during obstructed and unobstructed walking, which indicate age-
related declines in lower limb control [1]. In [2], Nigg et al. studied the effects of 
aging through analyzing joint angular motion data such as ankle, knee and hip joint 
angles. In the clinical context, identification of the significant changes in gait 
between young and elderly is necessary to prevent severe injuries such as falls and 
alzheimer disease [3]. Thus, automated recognition of gait change has many 
advantages such as early identification of at-risk gait and monitoring the progress of 
treatment outcomes [4]. 

Recently, the machine classifier becomes more and more prevailing on the 
application of classification /recognition, which provides an opportunity to automated 
recognition of gait pattern changes with a higher accuracy. The typical Neural 
Network (NN) has been adopted to classify different kinds of gait patterns. For 
example, in the paper [5], Lees and Barton employ NN to discriminate simulated gait 
(e.g., leg length discrepancy) using features from lower-limb joint-angle measures. 
Holzreiter and Kohle [6] applied NNs for classification of normal and pathological 
gait using force platform recordings of foot-ground reaction forces. Especially, 
Rezaul K. Begg introduced Support Vector Machine (SVMs) to classify the gait 
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patterns and gained a superior performance of classification. Although these above 
methods can classify the gait data with a relative higher accuracy, they all ignore the 
heuristic nature of these machines for which proper pre-processing of input variables 
are essential for good generalization [7]. 

In this study, we proposed a novel scheme of training SVM for automated 
recognition of young-old gait patterns using joint angular motion such as the ankle, 
knee and hip joint angles. As we know, the characteristics of gait data, such as high-
dimensionality and nonlinear relationship, make the automated recognition by a 
machine classifier a challenging endeavor [7]. Pre-processing the raw gait data for 
machine classifier is critical for the entire result of gait analysis. Considering the 
high-dimensionality and nonlinear nature of gait data, we adopted kernel-based 
principal component analysis (PCA) to extract nonlinear features from highly 
correlated time-dependent gait variables, and then to train the SVM. The advantage of 
using kernel method is that it is neither necessary to know the form of the function, 
nor to calculate the dot product in the higher-dimensional space due to fact that an 
inner product in the feature space has an equivalent kernel in the input space. Thus, 
the kernel-based gait model was produced to classify different kinds of gait patterns. 

This paper is organized as follows: Section 2 presents the procedure of the 
application of KPCA to process gait data. In Section 3, we briefly explain why we 
choose SVM as a machine classifier for gait data. In Section 4, we evaluate the 
performance of our technique via experiments. Discussions and conclusions are given 
in the Section 5. 

2   KPCA for Gait Data Pre-processing 

KPCA [8], proposed by Scholkopf et al, is a technique of generalizing linear PCA 
into nonlinear case by using the kernel method. Its basic idea is that linear PCA is 
performed in some high-dimensional feature space which is related to the input space 
by a possibly nonlinear map, just as a PCA in input space. Here, we adopt KPCA to 
extract nonlinear features from gait variables as follows.  

Given a set of M  centered gait data xk , 1,...,k M= , x N
k R∈ ,

1

x 0
M

k
k=

=∑ . 

KPCA is to first map each gait data xk  into the higher-dimensional feature space F  

than the original one via a nonlinear functionφ  

: NR Fφ →    (1) 

Then, the PCA problem in F  can be formulated as the diagonalization of an M-
sample estimate of the covariance matrix 

( ) ( )
1

1
Ĉ x x

M
T

i i
iM

φ φ
=

= ∑    (2) 
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where ( )x iφ  are centered nonlinear mapping of the input variables 

x N
k R∈ ,

1

x 0
M

k
k=

=∑ . Here, we have to find eigenvalues 0λ ≥  and non-zero 

eigenvectors V , satisfying the equation 

ˆV=CVλ    (3) 

Note that all solutions V with 0λ ≠  lie in the span of mappings 

( ) ( )1x ,..., xMφ φ . Consequently, the equivalent relation can be written as 

( )( ) ( )( )ˆx V x CVk kλ φ φ⋅ = ⋅   for all 1,...,k M=    (4) 

Also, there are coefficients ( ) 1,...,i i Mα =  such that 

( )
1

V= x
M

i i
i

α φ
=
∑      (5) 

Combination of Eq.(2),(4) and (5) yields 

( ) ( )( ) ( ) ( ) ( ) ( )( )
1 1 1

1
x x x x x x

M M M

i k i i k j j i
i i jM

λ α φ φ α φ φ φ φ
= = =

⎛ ⎞
⋅ = ⋅ ⋅⎜ ⎟

⎝ ⎠
∑ ∑ ∑   

1,...,k M∀ =  

  (6) 

Further, we define an M M× kernel matrix K  such that 

( ) ( )( ) ( ): x x x , xij i j i jK Kφ φ= ⋅ =    (7) 

Here, kernel function ( )x , xi jK  is introduced so that the mapping of ( )x iφ from 

x i is implicit. As K is symmetric, it has a set of Eigenvectors which span the 

complete space, thus 

=KM λα α    (8) 

Therefore, we only need to diagonalize K to obtain the normalization condition for 

,...,p Mα α  

( ) 1k k
kλ α α⋅ =    (9) 

Finally, we can extract principal components by computing the projection of 

( )xφ onto the eigenvector Vk  in high-dimensional space ( ),...,F k p M= . 
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( )( ) ( )
1

V x x , x
M

k k
i i

i

Kφ α
=

⋅ =∑   (10) 

Therefore, we only choose the first n nonlinear principal components, e.g. the 
directions which describe a desired percentage of data variance, and thus work in an 
n -dimensional sub-space of feature space F . This allows us to construct a novel 
gait classifier, K-SVM called in this study, where a preprocessing layer extracts 
nonlinear gait features for classification of gait patterns later. 

3   SVM Classifier for Gait Patterns Recognition 

Support Vector Machine, proposed by Vanpick and based on the VC theory and 
SRM, is one prevailing tool for machine learning. The SVM implements the 
following idea: it maps the input data nonlinearly into a higher-dimensional feature 
space where an optimal separable hyper-plane is constructed via kernel function. The 
more detailed description can be found in [9].  

In this study, considering the situation of statistically small size issue due to the 
fact that gait data collection is costly, we adopted the SVM for it is non-sensitive to 
the sample size and the dimensions. Thus, we first extract non-linear principal 
components according to Eq. (10), and then train a Support Vector Machine. 
Combining principal components extracted with the Support Vector decision 
function, we thus obtain machines of the type 

( ) ( ) ( )( )2
1

x sgn x x
M

i i
i

f K g g bβ
=

⎛ ⎞= ⋅ +⎜ ⎟
⎝ ⎠
∑   (11) 

with  

( ) ( )( ) ( )1
1

x V x x x
M

j
j k k

k

g Kφ α
=

= ⋅ = ⋅∑   (12) 

where ( )x,yK is a positive definite symmetric function, b is a bias estimated on the 

training set. Note that different kernel function 1K and 2K  are used for KPCA and 

SVM respectively. Here, we can obtain the expansion coefficients iβ  which are 

computed by a standard Support Vector Machine. The more detailed solution for iβ is 

given in [9]. 

4   Experiments and Results 

4.1   Acquisition and Features Selection of Gait Data 

The experiment was carried out within two differently aged groups of subjects, one of 
which included twenty-four healthy young men with mean age (27.5±5.3) years and 
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heights (172±5.4) cm, while the other included twenty-four healthy elderly ones with 
mean age (62.4±4.3) years and heights (169±4.8) cm. The subjects had no known 
injuries or abnormalities affecting their gait. The gait was recorded using 3D-
Optotrak® (NDI Corp. Canada). The motion tracking system was composed of 
Optotrak3020 motion sensor, Optotrak3020 control unit, Optotrak camera and 
markers, and IBM computer. With markers attached to lower limb joints and 
segments [10], motion analysis system collected the gait data. Gait recordings were 
performed during comfortable walking on a 10m laboratory walkway, and the sample 
frequency was 100Hz. All subjects in this study completed 3 gait trials and the 
kinematic parameters of each subject were calculated using the mean of 3 trials, and 
temporal data were normalized to gait cycle. A subject’s sagittal angles plots during 
gait cycle is illustrated in Fig.1 (0%~60% stance phase, 60%~100% swing phase). 

 

Fig. 1. The sagittal angles of the hip, knee and ankle joint of the subject 

According to the definition of gait feature parameters by Sandro Giannini and 
clinical situation [11], we selected the gait feature parameters based on the joint-angle 
curve within a gait cycle. (1) joint angle at heel contact; (2) joint angle at toe off; (3) 
joint angle at flat foot;(4) joint angle at heel off;(5) maximal flexion angle during 
swing phase;(6) maximal extension angle during stance phase;(7) joint angular range 
of motion during the stance phase; (8) joint angle joint angular range of motion during 
the swing phase. Thus, all 24 features described the gait characteristics. 

4.2   KPCA for Gait Data Analysis 

The gait nonlinear feature was extracted from gait data by using KPCA algorithm. In 
this section, we compared the performance of KPCA with different kernel functions 
such as Gaussian RBF and the Polynomial function. Forty-eight subject’s gait data 
with all 24 features were adopted as a sample set, and randomly selected 40 (20 
young and 20 elderly) and 8 (4 young and 4 elderly) subjects’ data were used as a 
training and testing sample set, respectively. According to section 2, its algorithm step 
is as follow: 
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(1) Compute the dot product matrix 1K  according to Eq. (7). 

(2) Compute the Eigenvector expansion coefficients iα by requiring Eq. (8) and (9). 

(3) To extract the principal components of a test gait data x , we then compute 
projection onto the Eigenvectors by Eq. (10). 

As a result, the nonlinear information feature of gait can be obtained easily by a 
simple transformation for the projected data. We evaluate the ability of KPCA to 
preprocess the raw gait data as follows. First, the parameters of SVM were set at the 
fixed values. Then, we observed the accuracy of classification under the condition of 
the various extraction features using KPCA and PCA respectively. And also we 
compared the results to SVM without using KPCA or PCA. 

 

Fig. 2. The Relation between Accuracy-No. of Feature 

Fig.2 illustrates the extent, to which change in the selection of the number of 
feature dimension can influence classification accuracy. The accuracy varies with the 
different number of the feature dimensions. When the dimensionality is more than 5, 
KPCA-based SVM shows a better performance than that of PCA-based SVM. The 
maximal classification accuracy (89.6%) is reached while the number of feature 
dimensions equals to 16, whereas the maximal classification accuracy of PCA-based 
SVM is 83.3% while the number of feature dimensions equals to 14. 

4.3   Evaluation of K-SVM 

After extracting non-linear principal components, we trained and tested a SVM 
classifier. In the section, we evaluate the performance of KPCA-based SVM, which 
we abbreviatedly call K-SVM. Training SVM classifier mainly includes initialization 
of the training set or samples, and optimization of parameter such as regularization 
parameter C , the Gaussian parameter δ  and number of principle components n of 
KPCA and the kernel parameter q of SVM (SVM with RBF, q denotes the width of 
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RBF function; SVM with Poly, q denotes the degree of polynomial). We describe 

detailed training procedure as follow:  

(1) Initiate the parameters C ,δ , n and q , and construct an initial training set 

through KPCA pre-processing technique. 
(2) The cross validation method is used to select the optimal free 

parameters C ,δ , n and q  till an optimal SVM Gait Classifier are produced. 

The cross-validation is adopted to adjust the above parameters. The Evaluation 
Criteria is described in section 4.3.2. And 4.3.3 presents comprehensive comparative 
results of K-SVM and other types of machine classifiers. 

4.3.1   Cross-Validation 
Cross-validation is a standard test commonly used to test the ability of the 
classification system using various combinations of the testing and training data sets 
[12]. As the number of gait data available was limited in this experiment, a 6-fold 
cross-validation test was applied, in which 48 subjects’ data were divided into six 
segments with the testing data set (8) selected as: Segment 1 (1-8), Segment 2 (9-16), 
Segment 3 (17–24), Segment 4(25-32), Segment 5(33-40) and Segment 6(41-48). 
Each of the six cross-validation test segments, therefore, had 4 young and 4 elderly 
subjects while their respective training segment included the remaining 20 young and 
20 elderly subjects’ data. 

4.3.2   Evaluation Criteria   
The following three measures of accuracy (Ac), sensitivity (Se) and specificity (Sp) 
were used to assess the performance of the SVM classifier [13]. 

  100%
TP TN

Accuracy
TP FP TN FN

+= ×
+ + +

   (13) 

 
100%

TP
Sensitivity

TP FN
= ×

+  
 (14) 

  100%
TN

Specificity
TN FP

= ×
+

  (15) 

where TP is the number of true positives, i.e. the SVM recognizes an elderly gait 
labeled as elderly; TN is the number of true negatives, i.e., SVM identifies a young 
gait labeled as young. FP is false elderly identifications; FN is false young 
identifications. Accuracy indicates overall detection accuracy; sensitivity is defined 
as the ability of the classifier to recognize an elderly gait pattern whereas specificity 
would indicate the classifier’s ability not to generate a false detection (normal 
young gait). 
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4.3.3   Comparative Results 
In Table 1, we compare the performance of K-SVM to the other types of SVM 
classifiers, including original SVM and PCA-SVM. In any kind of classifier, three 
types of kernel functions were adopt, including Poly, RBF and Linear. The parameters 
such as regularization parameter C , the kernel parameter of KPCA δ  and number of 
principle components n of KPCA and the kernel parameter q of SVM, were all set 

the optimal values. According to the records, the K-SVM (Poly kernel for KPCA; 
Linear kernel for SVM) gained the best performance with the Ac of 0.89, Sp of 0.89, 
and Se of 0.89, followed by the PCA-SVM and then the original SVM.  We also 
conclude that the type of kernel function of SVM is still non-sensitive to the 
performance of SVM classifier.  Also, the Neural Network with three-layer was 
selected as an evaluation purpose of K-SVM. The NN adopt backpropagation (BP) as 
its learning algorithm.  We observed that the Ac, Sp and Se of K-SVM are great more 
than those of NN. This demonstrates K-SVM is a robust classifier for gait data. 

Table 1. The comparative classification performance of SVM, K-SVM and PCA-SVM 

Techniques Kernel function of 
SVM 

( C ,δ , q ) ( , , )Ac Sp Se  
n  

SVM Poly 
Linear 
RBF 

(0.25,450,3) 
(0.3,400,---) 
(0.5,500,630) 

(0.81,0.81,0.79) 
(0.81,0.81,0.81) 
(0.83,0.81,0.81) 

--- 
--- 
--- 

K-SVM Poly 
Linear 
RBF 

(0.6,600,3) 
(0.7,700,---) 
(0.65,800,950) 

(0.87,0.87,0.85) 
(0.89,0.89,0.89) 
(0.87,0.89,0.87) 

13 
16 
15 

PCA-SVM Poly 
Linear 
RBF 

(0.75,650,3) 
(0.55,600,---) 
(0.8,850,900) 

(0.83,0.81,0.83) 
(0.83,0.83,0.83) 
(0.83,0.83,0.81) 

11 
14 
12 

NN (BP) ---- ---- (0.75,0.75,0.75) ---- 

Note: C , q are regularization parameter and the kernel parameter of SVM (SVM with RBF, 

q denotes the width of RBF function; SVM with Poly, q denotes the degree of polynomial). 

δ is the kernel parameter of  KPCA  and n is number of principle components. 

5   Discussions and Conclusions 

The results of this research suggest that the kernel-based models were able to map the 
underlying data structure relating to young and ageing populations. To date, the 
analysis of gait data is a challenging endeavour because of a handful of complicate 
features such as high-dimensionality, temporal dependence, high variability, and 
highly correlation and nonlinearity. To the machine classifier, these features could 
definitely deteriorate the generalization performance. So it is essential for good 
generalization performance while selecting a proper pre-processing of input variables.  
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Here, we adopted KPCA as a pre-processing tool for gait data, because KPCA not 
only condensed the representation of gait but also revealed clinically relevant 
information that would have been difficult to interpret from the original variables. In 
the terms of gait data, kernel PCA extracts a substantially larger number of nonlinear 
principal components, and therefore allows spreading the information regarding the 
data structure more widely giving a better opportunity to discard some of the 
eigendirections where the noisy part of data resides. In this study, we also noticed 
some application issues for KPCA. Generally, KPCA can ravel global structure in the 
data, preserving the entire sample space. It is useful for making general conclusions 
about the study population; however, we are often interested in localized structures, 
such as specific details of pathological gait deviations. This information resides in 
pockets of the samples space and can not be successfully uncovered with KPCA. 

As for why we choose SVM, we mainly consider situation of statistical small size 
issue due to gait data collection is costly. The performance of SVM classifier is non-
sensitive to the sample size and the dimensions. It eliminates many of the problems 
experienced with NN such as local minima and over fitting. In addition, its ability to 
produce stable and reproducible results makes it a good candidate for solving many 
classification problems. 

In conclusion, the experimental results show that our method is able to extract the 
useful information of gait data effectively, enhancing the generalization ability of the 
classifier and improving the accuracy of gait pattern recognition. Our method has a 
great potential in the clinic applications of early diagnosis of gait diseases and 
evaluation of outcome of treatment and rehabilitation.  
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Abstract. In this paper, an interactive color planning system is proposed. The 
core of the system is an emotion-based pattern retrieval that can be imple-
mented with two data bases. In the system a user can issue an adjective word 
that represents the desired feeling to the system. Then the system retrieves the 
color combinations or representative color patterns from the knowledge base. 
Again when the user selects a color combination or representative color pattern, 
the system provides similar product patterns from the product DB according to 
MPEG-7 visual descriptors. Finally the user can choose the color patterns and 
apply them to the 3D VRML space. The decision support system can help users 
who do not have enough knowledge about color planning and can be used to 
promote e-business. 

1   Introduction 

The relation between color and human feeling is widely used in color planning includ-
ing interior design, fashion design, commodity design, and urban design. Interactive 
color planning system assimilates human color designer’s process and is a decision 
support system that helps users to make color design of a space.  

In the color design, the designer can use the color image scales as published by 
Gobayashi or IRI Color Research Center, in which particular colors or color combina-
tions are related and arranged with emotional adjectives.[1][2] Also, he (she) can rely 
on his (her) knowledge base to find a representative color and harmonious colors. 

The decision support system for color design was proposed by Nakanishi, in which 
the principal color was selected by Gobayashi’s color image scale and the harmonious 
colors were searched with the constraints according to Moon-Spencer’s theory.[3][4] 
In the system, fuzzy set theory was widely used to represent the constraints to reduce 
the search space and process vague adjectives.  

This paper proposes a new architecture to do the interactive color planning. In the 
proposed architecture, a knowledge base can be constructed according to the diction-
ary of color arrangements or representative color patterns. In the experiment, actually 
we use the dictionary from IRI color research center for the purpose. 
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Also, the architecture involves a data base of color patterns such as wall papers, 
carpets, furniture, and so on. Those color patterns are evaluated by similarity com-
parison with the color arrangements or representative patterns obtained from knowl-
edge base and the patterns with higher scores are retrieved to the user. Eventually the 
user can choose a pattern among alternatives to apply it to objects in 3D space con-
structed with VRML. In the experiments, the system for interior design gives promis-
ing results. 

2   Color Planning System 

The proposed color planning system consists of 4 modules as shown in Fig. 1. The 
first one is retrieval module, which provides the corresponding product (color) pat-
terns according to input adjective query such as “cool”, ”elegant”, “simple”, etc. The 
second one is 3-D navigation module with 3-D virtual objects, which makes user to 
apply the retrieved product (color) patterns to the virtual space. The third one is ad-
minister module that can be accessed in order to construct knowledge base and pattern 
DB. The last one is GUI subsystem to help user interaction with the planning system 
and to integrate the whole modules. 

 

Fig. 1. Four subsystems of the color planning system 

The core of the system is retrieval module. There are two data bases in it; the one is 
knowledge base and the other one is product (color) pattern DB. The formal stores the 
knowledge captured from experts of specific domain and the latter stores product 
patterns.  

For an input adjective, the knowledge base recommends color arrangements to user 
through graphic interface. The knowledge base and the process to recommend color 
arrangements can be expressed as  

KB_C = Fc(adjective, color_arrangements). (1) 

and 

 Recommended Color_Arrangements = KB_C(given_adjective). (2) 
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Also, the knowledge base can store representative product color patterns for emo-
tion expressed by an adjective.  

The other DB stores color products, color images or patterns. After the system rec-
ommends using the knowledge base, the user can interact with the system to select a 
color arrangement or a product pattern in order to give a key for product DB. The 
information retrieval in the product DB is similar to the search by example in conven-
tional content-based image retrieval process. In other words, the similar product im-
ages or patterns to the selected key can be searched and retrieved in the process. In the 
product pattern retrievals, MPEG-7 visual descriptors and corresponding similarity 
measure can be widely used. 

3   Implementation and Results of Experiment 

In the system, the 3-D navigation module is constructed by Cortona viewer and 3-D 
objects are modeled VRML(Virtual Reality Markup Language) which makes user to 
navigate and apply the retrieved product (color) patterns. Administer module that can 
be accessed in order to construct knowledge base and pattern DB is implemented with 
a web server and browser. The GUI module to help user interaction with the planning 
system is also implemented as the administer module. 

 

Fig. 2.  Example of the system for “cheerful 

After a user issue an adjective through the interface, the system recommends the 
color arrangements depending on the adjective. Once he (she) selects an arrangement, 
the system compares the arrangement with the colors of stored product patterns in-
cluding wall paper, floor, and carpet. The comparison is done with the similarity 
measure of dominant color descriptor in MPEG-7. One can use various descriptors 
with similarity measures defined in MPEG-7 when the recommendation of the knowl-
edge base is representative color patterns. 

Some results of experiment are shown in Fig. 2. In the figures, the right part shows the 
input adjective and recommended color arrangements.  The selected color arrangement 
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for interiors such as wall paper, floor and carpet are followed and finally the sug-
gested product patterns for each interior component are displayed. The chosen prod-
ucts are applied to the 3D virtual space as shown in the left part of the figure. One can 
find the virtual space is pretty “cheerful” in the figure. 

4   Conclusion and Further Study 

In this paper, an interactive color planning system is proposed. The core of the system 
is an emotion-based pattern retrieval. The proposed architecture of emotion-based 
color pattern retrievals has an advantage that the conventional content-based image 
retrievals in MPEG-7 can be easily expandable by adding a proper knowledge base. 
One may construct emotion-based any information retrievals as same as the proposed 
architecture including music, sound, and video. Also, this type of architecture can be 
used to evaluate the emotion incurred from images and pictures. 

There can be three variants of the emotion-based color pattern retrievals according 
to the application domain and added knowledge base. One of them was implemented 
for interior design with knowledge base of color arrangements. The experiment shows 
the promising results of decision support system that can help users who do not have 
enough knowledge about color planning and can be used to promote e-business.  

There are some research problems to fully verify the proposed system with the ar-
chitecture. The one is the performance evaluation of the results by human subjects. 
This requires a proper measure of evaluation with careful samples of subjects. Also, 
the other two variants and emotional evaluation of image and picture with knowledge 
base will be implemented sooner or later. 

Acknowledgments. This research was supported by the Program for the Training of 
Graduate Students in Regional Innovation which was conducted by the Ministry of 
Commerce Industry and Energy of the Korean Government. 

References 

1. Gobayashi, Color Image Scale, Kohdansha Japan, 1990. 
2. I.R.I Image Research Institute Inc, Best Color Selection for Beautiful Design, Color Combi-

nation, YoungJin.com, Seoul Korea, 2003. 
3. Shohachiro Nakanishi, Toshiyuki Takagi and Satoshi Inamura, "Color Harmony by Fuzzy 

Set Theory,” Proceedings of the Int. Conf. on Fuzzy Logic & Neural Networks, Vol. 1, pp. 
419-422, July, 1990. 

4. Shohachiro NAKANISHI, Toshiyuki TAKAGI, and Taichi NISHIYAMA, "Color Planning 
by Fuzzy Set Theory,” IEEE Int. Conf. on Fuzzy Systems, Vol. 1, pp. 5-20, March. 1992.  



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 574 – 577, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

Linear Program Algorithm for Estimating the 
Generalization Performance of SVM* 

Dong Chun-xi, Rao Xian, Yang Shao-quan, and Wei Qing 

School of Electronic Engineering, Xidian University, China 
chxdong@mail.xidian.edu.cn 

Abstract. A novel algorithm applied linear program to estimate the generaliza-
tion performance of SVM is presented. When span is used to estimate the gen-
eralization performance of SVM, a series of quadratic programs needs to be 
solved, of which the object function defines an elliptic norm. Based on the theo-
rem of convergence property of norm, the function can be approximated to an 
infinity norm, and then a linear program is achieved. The theoretic analysis and 
experiment results show that the method can estimate the generalization per-
formance well and reduce the computation time greatly. 

1   Support Vector Machines 

SVM is a learning machine that classifies unknown sample into two classes. If sam-
ples are not linear separable, an inseparable SVM can be obtained by introducing a 
slack variable. It can be generalized to nonlinear case by introducing a kernel function 
that satisfies Mercer condition, which implements a nonlinear transformation from 
origin space (input space) to a high (maybe infinite) dimensional space (feature 
space), where the optimization classification hyper-plane is achieved. The procedure 
is easy to be implemented by replacing the inner produce with kernel function. 

2   Using Span to Estimate the Generalization Performance of a 
SVM 

Generalization performance is an important measurement of learning machines, it is 
also the basis of selecting parameters and features. In short, to estimate the generaliza-
tion performance of a SVM is to estimate the potential error rate of a sample dataset 
with obtained SVM decision function. Loo method is a famous one. It is proved that 
the Loo error rate is an unbiased estimation of generalization performance.  

Among these methods, Span method is a good method issued in recent years[3]. 
Besides the method described in this paper, most methods to estimate the generaliza-
tion performance of SVM is an approximation to Loo method.   
                                                           
* Support by National Electronic Warfare Lab under grant no. 51435040105DZ0103. 
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3   Compute Span with the Linear Program 

For convenience, the span can be rewritten with matrix form. 

Let ( )*1
, , 1

T

pn
λ λ λ λ= = −" , ( ) ( )( )

*

, 1
,

n

i j i j i j
H H x x

=
= = , Span can be rewritten as: 

2 0 0

1

m i n , . . 1 , 0 , 0
n

T

p p i i i p p i

i

S H s t y y Cλ λ λ λ α α λ
=

= = − = ≤ + ≤∑
 

(1) 

An ellipse norm of λ is defined by (1)[4], its object function is convex. The QP de-
fined by (8) is a convex quadratic program.  

Lemma 2[5]: For a bounded convex program, Newton algorithm will stop after finite 
iteration, or it will produce an infinite point set { }kx  with following characteristic: 

(1). ( ){ }kf x  is a strict monotonically decreasing sequence; (2). { }kx  has a unique ut-

most point 
*x , and ( )*f x  is the minimum of ( )f x . 

In fact, the characteristics are not limitation to Newton algorithm, all the convergence 
algorithms have the characteristics. If the procedure of searching the optimization 
point stops after finite iterations, an infinite point set can be construed with following 

manner: its first N  points are same as that obtained by the procedure and the other 
points are same as the Nth point. The norm defined upon such set has following 
characteristic: 

Lemma 3[4]: Necessary and sufficient condition that the sequence of vector 
( ) ( ) ( ) ( )( )1 2

, , , ,k k k k

n
x ξ ξ ξ= "

 1, 2, 3,k = " in 
nC   converges to vector 

( ) ( )1 2
, , ,k

n
x ξ ξ ξ= "

 is 

that the number sequence 
( ){ }kx x−  converges to zero with any norm i . 

According to lemma 1, 2 and 3, an issue can be achieved: 

Issue 1: If the optimization procedure keeps unchanged, the optimization solution of 
(1) is same as that with ellipse norm. 

The issue is easy to be proved with lemma 1, 2, and 3. However, it is inanition to 
search the optimization solution with ellipse norm and compute the value of object 
function with other norm. From another point of view, however, infinite norm is also 
a convex function, and if it is used to search the optimization solution, a monotonic 
convergent infinite sequence can be obtained. For the reason that a convex program 
has unique convergent point, if the procedure for searching optimization solution is 
long enough, the values of object function with different norm will be close enough. 
So the ellipse norm in (8) can be replaced with infinite norm and keep the error little 
enough, then the program (8) can be expressed as following: 

( )2 0 0

1

m i n m a x , . . 1 , 0 , 0
n

p i p i i i p p i

i

S s t y y Cλ λ λ α α λ
=

= = − = ≤ + ≤∑
 

(2) 

Later experiment results will verify that the difference between the results of two 
object function defined by (1) and (2) is little enough in estimating the generalization 
performance. 

In order to solve (2) with linear program, some further derivations are required. 

Firstly, p
λ corresponding to support vector p

x  is excluded from solution procedure. 



576 D. Chun-xi et al. 

Secondly, after optimization, 1
p

λ = −  is compared with other i
λ  to compute the span

2

p
S . 

Finally, the 
i

 in object function of (2) will be removed. To do this, let 
, max

i i i
R Rλ γ λ= = , then 1 1

i
γ− ≤ ≤ , and (2) can be rewrite as: 
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Finally, the program can be expressed as a standard optimization form: 
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4   Experiments 

Experiment 1: The comparison of estimate results. 

According to the features, the datasets selected from UCI repository [6]  can be di-
vided into some categories such as linearly separable or not, discrete or continuous, 
sparse or dense and so on. (1) Wisconsin Breast Cancer dataset (abbr. WBC). (2) IRIS 
dataset. The dataset is abbreviated as IRIS1vs23 and IRIS2vs3. (3) Tic Toc Toe data-
set (abbr. TTT). (4) Prima Indian Diabetes dataset (abbr. PID).  

The estimation results of generalization performance (error rate) are given in table 1; 
Loo rate (denoted as LooRate) and testing rate (denoted as ClassRate) is given in the 
table,LpRate is denoted as the result obtained with our method, and QpRate with origin 
one. The parameters of SVM are selected with the rule for minimizing the Loo rate. The 
last column is the result on USPS dataset, the detail result on USPS [7] dataset will be 
presented in the second experiment. 

Table 1. Estimation results with linear program span, quadratic program span and Loo method     

 IRIS2vs3 IRIS1vs23 WBC PID TTT USPS 
looRate 0.038462 0 0.04375 0.34839 0.015306 0.078864 

ClassRate 0.081081 0 0.049808 0.3491 0.018373 0.1300 
LpRate 0.0059172 0.033299 0.00050781 0.54543 0.0063515 0.09811 
QpRate 0 0.032258 0 0.54194 0.005102 0.097792 

From table 1, it can be seen that the results are very closed, it is to say our method 
can replace the origin one to estimate the generalization. At the same time, there is 
little error between the results obtained by span method and that by Loo method, the 
reason is that Loo method tests all the support vectors while span method tests  
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unbound support vectors only. Nevertheless it will not affect the validity of our 
method to replace the origin one. 

 

Experiment 2: The comparison of estimation results and computation time. 

In this experiment, the USPS handwrite optical character recognition dataset[7] is 
used. Table 2 is variation of computation time with parameters variations on different 
subsets. 

Table 2. The comparison of computation time spent by two methods on different datasets  

Gamma 0.001 0.002 0.004 0.0075 0.01 0.02 0.05 
Qp on 3 subsets 8.954 50.953 380.42 3453.2 7334.2 42000 97955 
Lp on 3 subsets 5.578 33.765 206.06 1633.6 4108 16368 26163 
Qp on 4 subsets 14.515 98.625 1086.3 9378.9 22278 107870 356120 
Lp on 4 subsets 9.235 67.532 446.39 6240.7 10933 24432 44889 

From the results, it can be seen that either the estimation value or the varying trend 
is close. Further more, if more training samples are used, the difference will be more 
difficult to be distinguished; at the same time, computation time spent by our method 
is less than that by origin one, this advantage will become more clear when training 
sample number is large. The variation of computation time with the parameters can be 
explained as the change of the number of unbound support vectors. 

5   Conclusion and Discussion  

Span method is a good method issued in recent years, but span method needs to solve 
a series of quadratic program in solution procedure, its computation cost is huge. The 
method proposed uses linear program to compute the span, it simplifies the computa-
tion, shortens the computation time, and keeps the estimation accuracy unchanged 
almost. It is proved theoretically and experimentally that the method can take place of 
the origin one to compute the span and estimate the generalization performance.      
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Abstract. A good size measurement method should meet at least three criteria. 
These are rotational invariance, reproducibility and embody overall shape de-
scription (elongation / flakiness or angularity). According to these three criteria, 
this paper analyzes and evaluates several existing methods of solid particle 
measurement, such as Chord sizing, (multiple) Ferret diameter, equivalent cir-
cle, maximum diameter and equivalent ellipse etc. in image analysis. Based on 
the analyses and evaluations of the existing methods, we propose a new method 
- best-fit rectangle for size measurement that satisfactorily meets the criteria of 
rotational invariance, reproducibility and shape description. 

1   Introduction 

The methods of image analysis for measuring solid particles can be classified as one-
dimensional (1D), two- or three- dimensional (2D or 3D). 1D is simple (i.e. chord 
sizing) and rough. 3D is complex and depends more on special equipments. 2D is 
widely used today, due to its accuracy (compared to 1D) and its industrial applicabil-
ity (compared to 3D). 2D image analysis for measuring fragments has been applied in 
laboratories (where sieving analysis was and is used), analysis of rock muckpile, 
fragments on moving conveyor belts and on trucks etc. However, the common prob-
lem in the applications is how to set up a standard for obtaining fragment particle size 
distribution when using image analysis. There is no standard for image analysis yet, 
except that people try to make 2D size distribution from image analysis coincide with 
those obtained from sieving analysis. Therefore, a host of methods for converting 2D 
size distribution into sieving size distribution have been proposed and reported. 

Currently, numerous fragmentation measuring systems have been developed and 
marketed, based on image-processing [1-20]. Generally, in 2D image analysis, a frag-
ment particle’s length, width, area and perimeter are measured. For evaluating the 
image analysis result, most researchers, directly or indirectly, convert 2D-size distri-
bution into a size distribution weighted by volume because they believe the traditional 
method of sieving analysis, but there is little paper to discuss the reproducibility of the 
measured parameters.  
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To setup a standard of image analysis of rock fragmentation, the first important 
thing is to reasonably define measuring parameters and make measurement stable 
(reproducible), then to setup smart methods to convert visual parameters to engineer-
ing parameters. This paper will discuss the fragmentation measurement stability by 
using image analysis. In this study, several samples of railroad fragments have been 
used for measurement testing in a laboratory, and ten widely used image measurement 
parameters have been applied. In this paper, we mainly analyse the stability of image 
analyses for measuring fragment particles in the situations when (a) particles stand-
ing, (b) particles lying, (c) particles overlap and (d) are separated from each other. We 
also give some experimental results both from laboratory tests and field tests.  

2   Widely Used Image Measurement Parameters 

From a literature review, summarizing, the most widely used methods for solid parti-
cle size measurement appear: (1) Ferret diameter (length L, width W and maximum 

length L W2 2+ ); (2) Equivalent circle diameter (equivalent perimeter, radius and 
area of circle); (3) Equivalent ellipse (or rectangle) and (4) Maximum diameter (come 
from Multiple Ferret diameters or radiuses). Let us analyze and evaluate these widely 
used size definitions in image analysis. 

The calliper diameter is the distance between two parallel tangents which are on 
opposite sides of the fragment. This method was proposed by L.R.Ferret 1931 [1], and 
the measurement is often referred to by his name. In systems employing boundary-
coding techniques, a single pass around the boundary of an object noting maximum 
and minimum x and y co-ordinates will yield vertical and horizontal Ferret diameters 

(length L, width W, and maximum length L W2 2+ ).  
The method of equivalent circle diameter has been widely used [3 - 11]. The term 

"Equivalent circle" has two different definitions. They are: (1) the equivalent circle of 
area and (2) the equivalent circle of perimeter (or mean radius, is a crude result of 
equivalent circle of perimeter). An equivalent circle is judged to have the same area or 
perimeter as the object to be measured, and the diameter of the circle taken as a meas-
ure of size. These definitions were proposed by Heywood (1964) [1]. 

The "mean radius" has been used by different image system to measure the size of 
fragment, the procedure is to count a number of radii, then average them. The general 
formula can be presented as 

r
N

ri
i

N

=
=
∑1

1

 (1) 

where, r  is mean radius, N is the number of sampled radii (ri ). 

when N → ∞ , ( )∫
−

=
π
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θθ
π

drr
2

1
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From Eq.(2), it is clear that r  is the radius of equivalent circle of perimeter.  



580 W. Wang and B. Cui 

Let us consider a solid particle's perimeter is P, area is A, the shape factor is de-

fined as Sh
P

A
=

2

4π
 (≥ 1). The difference of radii (or diameters) between equivalent 

circle of perimeter rp  and equivalent circle of area ra  can be presented as  

D
r r

r

P

A
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p a

a

=
−

= − = −
2

1 1
π

 (3) 

So Df  is the function of Sh, it is always greater or equal to zero. It is clear that rp  is 

always greater than ra  except for the solid particles with a shape of circle and non-

roughness on solid particle’s boundary, where rp=ra . 

From the digitizing technique point view, the object area calculation is easier than 
object perimeter calculation; the later is more sensitive to the boundary roughness of 
solid particles. The method of the equivalent circle of area is easy to use.  It is rota-
tionally invariant, reproducible a roughness independent, but has no shape reflection. 
It is applicable for non-elongated objects. 

For elongated objects, length and width are also measured by using Multiple Ferret 
diameter, within multiple Ferret rectangle boxes; the box with a maximum diameter is 
selected. This method is based on how many Ferret rectangle boxes are taken [12 - 
18]. This kind of measurement includes some shape reflection comparing with the 
Chord sizing, Ferret diameter and Equivalent circle measurements. The number of the 
boxes will affect measurement result, which will cause the problems of rotational-
invariance and reproducibility. 

The multiple Ferret method, in the sense that { }DLLL ,...,,max 21 is chosen as the 

diameter, coincides with the dot product method, if new scanning directions are im-
plemented using dot products with new coordinate axes. The only difference is that 
the directions chosen are multiples of 2, and multiple Ferrets are often not imple-
mented as a one-pass algorithm. 

For maximum radius measurement, after obtaining the gravity centre of a solid par-
ticle, the orientation is the axis through the centre and lies on the maximum length 
axis that also depends on how many radii are chosen. After obtaining the orientation 
of solid particles by utilizing the procedure, the lengths and widths of solid particles 
can be obtained by using radii in the decided orientations. In the method, only the 
length that is approximately close to maximum length can be obtained, the orientation 
depends on how many radii are used. The conditions of reproducibility, rotationally-
invariant and shape reflection can not be fully met, because that the measured pa-
rameters of length, width and elongation are not stable. 

The method assumes that every solid particle has a rectangular (or ellipse) shape 
with length L and width W, the L and W can be calculated based on equivalent pe-
rimeter and area [1]. The method is simple, but measuring result is more depending 
on solid particle’s boundary roughness, can not gives out any shape information. It 
may be good for the solid particles with a similar shape and light roughness on the 
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boundaries. This method has the following procedure: a solid particle's area, gravity 
centre and least interior are obtained by using zeroth, first and second moments  
respectively, then a ellipse (or rectangle) that has the same zeroth, first and second 
moments as the solid particle has, is made, the length and width are used as the size 
parameters of the solid particle. 

From the least moment concept, the equivalent ellipse and rectangle can be ob-
tained as following description. Considering the length of major axis as 2α and length 
of minor axis as 2β, we obtain the minimum and maximum second moments of the 

ellipse about an axis through its centre: 
π

αβ
4

3 and 
π

βα
4

3 respectively. For the 

equivalent rectangle, the minimum and maximum second moments are 
4

3
3αβ  and 

4

3
3βα  respectively. This method can produce one group of parameters (length L, 

width W and ratio L/W) for every individual solid particle. It is rotationally-invariant 
because of least second moment theory applied, therefore, it also meet the condition 
of reproducibility and boundary roughness independence. For the shape reflection, 
from ratio L/W, the solid particle elongation can be known. The problem is that it can 
not distinguish angularity of solid particles.  

3   Testing and Comparison Results 

The material used in the study is railroad solid particles (crushed granite).Two solid 
particle samples (A and B) have been tested in a laboratory, the sample A consisted of 
91 solid particles and the sample B consisted of 108 solid particles. The size range in 
sample A is with a sieve size between 31.5 and 50 mm, and the size range in the sam-
ple B is between 31.5-63 mm.  

Images were taken of the solid particles in two different positions, lying and stand-
ing for the samples. For each of these positions 10 images were taken of the exact 
same solid particle sample. The solid particles were collected and replaced on the 
background material between each image.  

The background material for the lying position was a luminous plastic sheet. The 
solid particles were placed randomly on the sheet in a stable position. No considera-
tion was taken to which stable position it was placed; each solid particle may have 
several stable positions. Care was taken that the solid particles were not touching or 
overlapping in the field of view of the camera.  

The background material for the standing position consisted of a layer of sand cov-
ered by a layer of luminous beads. The solid particles were placed; pushed down into 
the bed about half way, orient with their longest projected axis perpendicular to the 
background material. Care was taken that in the camera view the solid particles did 
not touch or overlap. A digital camera was mounted on a stand at 1.8 meters above 
the background material on which the sample was placed.  
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Fig. 1. Three different solid particle images where the same particles were in the position of 
standing 

 

Fig. 2. Three different solid particle images where the same particles were in the position of 
lying 

Image Analysis Method yields enormous amount of information. The object of this 
study has been to determine which of the parameter(s) yield the most reproducible 
results. The results show that in general there is good accuracy and reproducibility for 
most of the parameters; however, there are 4 parameters that yield substantial varia-
tion in the results.  

There are some general trends for all the parameters: (1) for the parameters that 
show generally good accuracy and reproducible results, listed above, the mean stan-
dard deviation of the standard deviation as a percent of the mean is 2.1 %; (2) for the 
parameters that yield poor reproducible results the mean standard deviation with re-
spect to the standard deviation in percent of the mean of the parameter is 43%; (3) 
there is a general trend for decrease of standard deviation with increase of size, this is 
not true for Perimeter and Roundness; (4) there are some erratic values, the smallest 
and the largest size layer in the sequence often shows extreme variation; (5) the solid 
particles in a lying position normally display lower standard deviation than do the 
solid particles in standing position; (6) the results for Ferret, Equivalent Ellipse, and 
Rectangle are nearly identical even though they are calculated in slightly different 
ways; (7) there is no uniform difference in standard deviation for the two resolutions, 
they often are nearly identical. There are however slight differences but there is no 
uniform trend than one of the resolutions yields less standard deviation than the other, 
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they switch relationships; (8) The variation in the standard deviation with respect to 
the mean of the 4 parameters with poor reproducibility clearly shows a strong rela-
tionships to size.  

There are different reasons for this “diminishing tendency”.  Overlapping might be 
only one of several main reasons. The factors which cause a diminishing tendency 
problem can be classified into: (1) camera system error; (2) the quality of aggregate 
materials; and (3) working ability of software (algorithm or program).  

Camera system (image acquisition system) error includes mainly illumination con-
ditions, camera location and quality. Poor illumination may cause the omission of 
parts of a particle. A good camera location of should make the image resolution con-
stant over an image. Camera quality means the camera should not be affected by dust, 
rain and temperature etc. 

The individual parameters (lengths and widths), all yield highly reproducible re-
sults. However the reproducibility decreases somewhat for the Elongation of these, 
ratio between the length and width. Noted also is that the results for the length be-
tween these three pair of parameters are nearly identical whereas they vary somewhat 
for the width. The Rectangle width is very slightly larger than Ferret and Ellipse 
widths. The definition of what is measured by these parameters is slightly different. 
One would expect that the Rectangle length might be slightly less than the Ellipse and 
Ferret length, this is not observed. As expect it is observed that the Rectangle width 
would be slightly greater than the Ellipse and Ferret width.  

One would expect that the parameter Area would yield the least amount of varia-
tion since it is the area of the pixels represented in each solid particle and should not 
be rotational dependent. This is not the case. The lengths and widths of Ellipse, Rec-
tangle and Ferret, and Equivalent Circle Diameter yield lower standard deviations 
than do area. Area has a mean standard deviation of the standard deviation is 4% 
where as the others all have means of less than 2%. It may be that the solid particles 
position in the field of view of the camera affects the results of Area more than it does 
the axial relationships of the geometric forms produced even if they are the equivalent 
ellipse and circle which by definition have the same Area as the solid particle.  

Differences due to resolution are not observed for the parameters that yield good 
reproducibility of results. There is no difference in standard deviation between the 
two series of lying solid particles or the two series of standing solid particles; the 
sample A test with a resolution of 0.27 mm per pixel and after the sample B with a 
resolution of 0.63 mm per pixel. There is however a difference between the standard 
deviation for the two resolutions for the parameters of Minimum Radius, Radius Ra-
tio, Perimeter and Roundness. In contrast to what might be expected the standard 
deviation increases for pictures taken with greater resolution.  

There is a clear difference in standard deviation between the lying solid particles 
and the standing solid particles. In general the two series of lying solid particles have 
lower standard deviations than do the two series of standing solid particles. The varia-
tion is greater for the standing solid particles than it is for lying solid particles. This 
variation can be attributed to differences in the position of the solid particles. For both 
the lying and standing solid particles the position in the field of view of the camera 
should introduce some variation. This is assumed to be similar for both these posi-
tions. Thus the difference between these tow positions is how they are placed. For the 
lying solid particles variation is dependent upon which stable position they take. This 
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can change the viewed size substantially. For the standing solid particles the variation 
is due to how they are physically placed into the sand bed. The aim has been to orient 
the longest axis perpendicular to the background surface. This is done manually and 
human judgment can play an important role in the error introduced. Also the ability to 
actually orient the axis exactly perpendicular can be difficult to obtain. Size variation 
would be introduced if the axis were slightly dipping. Variation could also be due to 
which end of the solid particle is placed up or down. And furthermore how deep down 
into the sand bed the solid particles were pushed. This would especially affect long 
solid particles placed on the outer edge of the view of the camera.  

Perimeter and Roundness are parameters that would have described changes in the 
surface texture. These however do not produce reproducible results and are not reli-
able. Area, Equivalent Circle, and Maximum Radius show that the solid particles 
become smaller but are not easily related to the nature of the size change. One can see 
that the solid particles in the lying position decreased much more in size than did 
those in the standing position.  

Table 1. The order of image measurement parameter reproducibility  

No Parameters Mean variation Maximum variation 
1 Maximum Radius 1.1-1.2 0.6-7.7 
2 Rectangle Length 1.1-2.3 0.3-10.5 
3 Ferret Length 1.1-2.3 0.3-10.5 
4 Ellipse Length 1.1-2.3 0.3-10.5 
5 Equivalent Circle Diameter 1.7-2.5(2.1)  
6 Ellipse Width 1.7-2.3 0.5-10 
7 Ferret Width 1.7-2.3 0.5-10 
8 Rectangle Width 1.7-2.3 0.5-10 

The axial dimensions are represented by many parameters; the lengths and widths 
of Ferret, Equivalent Ellipse, and the Rectangle. The three dimensions of the solid 
particles, longest, intermediate and shortest axis can be observed. The longest axis is 
observed in the lying position by these parameter’s lengths. The intermediate dimen-
sion is represented both by the width of lying solid particles and the length of standing 
solid particles. The shortest axis is the width of the standing solid particles.  

Based on the statistics for the variability related to the mean of the different parameters 
(table 1) it is possible to rank them with respect to reproducibility of results. The following 
parameters yielded the most reproducible results, in order with the best at the top: 

In order to analyze the difference and relationship between overlapping and non-
overlapping of solid particles, we took one sample of 306 solid particle particles and a 
sieving size range from 11.2 mm to 20 mm. The particles were measured by image 
analysis.  

In image analysis, particles were put on a plane with a black or white color con-
trasting with the color of particles, and separated or overlapped by hand to make sure 
that every particle was in a stable attitude. The camera was installed above the plane 
vertically. A good illumination was controlled by light sources. The equivalent circle 
diameter (Circle) was obtained for each of the solid particles.  

Anyway, there is a certain difference: the range is up to 8%, as shown in Fig. 3. 
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Fig. 3.  Different sizes of a same material between overlapped and separated particles 
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Fig. 4. Test in Jordbro, group 1,2,3 = image group 1,2,3. 

The quality of solid particles mainly includes color variation on the surface of parti-
cles, degree of overlapping that relates to particle size distribution, and three dimen-
sional geometry properties of particles. A large variation of color (grey value) can cause 
an over-segmentation problem. In size distribution, the narrower the sizes ranges, the 
higher the degree of overlapping. Complex three dimensional geometric properties and 
roughness on the surface of particles also create an over-segmentation problem. 

The image analysis system can process 32-48 images as one processing group to 
provide a size distribution (consisting of 700 - 2000 particles) on average per three 
minutes. We kept the system working for almost 30 days. One hundred size distribu-
tions from image analysis have been picked out from our data base for analyses. Fig-
ure 4 shows one of examples of the size distribution on three consequently times. 
There is little difference between the three curves. 

4   Conclusions 

There are four parameters that yield extreme variation in results, Perimeter, Roundness, 
Minimum Radius and Radius Ratio. This should be clear before drawing conclusions 
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from these parameters. The reason for the high variation is not understood however they 
all seem to be related to size. It is more difficult for the program to determine the 
Minimum Diameter of small solid particles than it is for large solid particles. In con-
trast the standard deviations of Perimeter and Roundness increase with increased solid 
particle size. The larger the solid particles are the more variation there is in the length 
of the Perimeter and the degree of Roundness. The variations for these parameters is 
so great that it can not be explained by distortion in the view of the camera or change 
in the orientation of the solid particles in the 10 pictures; it must be due to how the 
program determines these parameters.  
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Abstract. Nowadays, empirical mode decomposition (EMD) and Hilbert spec-
trum (HS) have been broadly investigated on non-stationary and nonlinear  
signal processing, especially on vibration signal analysis. But as diesel engine 
vibration signal wide frequency band, it leads to this method not decompose in-
trinsic mode function (IMF) successfully. Therefore, the obtained IMF is less 
meaning. For a better recognition of diesel condition because of its wider fre-
quency band, this paper uses wavelet packet as preprocessing for HS analysis. It 
can effectively reduce wide frequency band and noise interference. Thus, the 
developed method is named as Wavelet Packet Hilbert Spectrum (WPHS). Ex-
perimental data of a DI135 diesel engine with different fuel supply advanced 
angle is used to evaluate effectiveness of the developed methodology on diesel 
pattern recognition. According to the recognition result, it can be concluded that 
this approach is very promising for reciprocating engine condition classification 
and preventative maintenance. 

1   Introduction 

Due to the complexity of mechanical systems and variation of working conditions, 
diesel engines often operate in an off design condition which could lead to poor  
performance, heavy wearing and even a break down of engines. Preventative mainte-
nance based on an operation condition is a proven strategy that minimises mainte-
nance and increases engine availability. It is normally convenient to monitor vibration 
signal of a diesel engine to evaluate the engine working condition and predict the 
occurrence of faults without interrupting its operation because its vibration signal 
contains most of information about diesel engine condition. Such an approach can 
provide preventive maintenance and replacement of failure components at an opti-
mum period of engine operation.  

But diesel engine vibration is a very complicated phenomenon caused by impulsive 
forces of moving components and external forces, such as cylinder combustion pres-
sure, valve vibration, impulsive injection pressure, initial force, which occur simulta-
neously with external load disturbances. The vibration signals from cylinder head and 
cylinder block are typical non-stationary and nonlinear. At the same time, it also con-
tains much noise [1]. All these have much effect on the signal analysis and pattern 
recognition. Thus, the traditional Fourier transform analysis is not effective for diesel 
engine signal analysis. Nowadays, advanced signal analysis technology which is 
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called "time-frequency distribution analysis" has been used widely in nondestructive 
evaluation (NDE) applications. Time-frequency distribution (TFD) contains both time 
and frequency information and is suitable for non-stationary and nonlinear signal 
analysis. This method has been broadly investigated and applied on signal processing 
since it was introduced. As for now, there are many TFD methods for non-stationary 
signal analysis, such as short-time Fourier transform or spectrum, Wigner-Ville dis-
tribution and wavelet analysis. But all these methods are developed from traditional 
Fourier transform, not very suitable for diesel vibration signal analysis because of its 
typical non-stationary characteristics [2]. 

In this paper, the most recently developed signal analysis technique, i.e. Hilbert 
spectrum (HS) analysis [3], is applied to diesel engine pattern recognition. HS is de-
veloped according to instantaneous frequency, which offers narrow TFD and is an 
ideal method for non-stationary signal analysis. It has been broadly investigated and 
applied to signal processing. But it also has some limitations for real vibration signal 
analysis. The signal decomposition for HS analysis is a self-adaptive process, where 
frequency band width and noise have a strong influence on real signal. This has let to, 
in this study, the application of wavelet packet method to pre-treat signals and to 
obtain the required frequency band and improve the signal-to-noise ratio for analysis. 
The purpose of using wavelet packet is to improve the representation of TFD. After 
pre-processed by the wavelet packet, the HS is more accurate and convenient for real 
diesel vibration signal analysis. Thus, the developed method is named as wavelet 
packet Hilbert spectrum (WPHS). Experimental data of a DI135 diesel fuel injection 
system of different conditions is used to evaluate the improved methodology for sys-
tem pattern recognition and fault diagnosis. It can be concluded that this method is 
very promising for diesel engine preventative maintenance. 

2   EMD and Hilbert Spectrum 

2.1   Signal Decomposition 

To get a meaningful Hilbert spectrum, a new signal processing method was intro-
duced by Huang named as empirical mode decomposition [3]. In 2000, Professor Ma 
put forward a new signal analysis theory, named as local wave method [2] which is 
the development of EMD and HS. For an arbitrary time series, )(tX , its Hilbert 

transform )(tH  can always be expressed as: 

∫
∞+

∞− −
= τ

τ
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π
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X
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)(1
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With this definition, )(tX and )(tH form a complex conjugate number. As a result, 

an analytic signal, )(tZ  is written as, 

)()()()()( tietatiHtXtZ θ=+=  (2) 
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2 2 ( )
( ) ( ) ( ) , ( ) arctan

( )

H t
a t X t H t t

X t
θ= + =  (3) 

( )a t is the instantaneous amplitude of ( )X t , and ( )tθ is the instantaneous phase of 

( )X t . One important property of the Hilbert transform is that if the signal ( )X t  is 

mono-component, then the time derivative of instantaneous phase ( )tθ  will physi-

cally represent instantaneous frequency ( )tω of signal ( )X t , as shown Equation (4). 

( )
( )

d t
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dt

θω =  (4) 

Unfortunately, almost all signals in practical applications hardly belong to the mono-
component but multi-component ones. To make the instantaneous frequency applica-
ble, Huang developed a new signal decomposition method named as empirical mode 
decomposition (EMD), which is able to decompose a signal into several individual 
and nearly mono-component signals [3]. The mono-components obtained by EMD are 
named as intrinsic mode functions (IMF) to which the instantaneous frequency de-
fined by Equation (4) can be applied. An IMF is a function that satisfies with the 
following two conditions: (i) in the whole data set, the number of extrema and the 
number of zero crossing points must either equal or differ at most by one; (ii) at any 
point, the mean value of the envelope defined by the local maxima and envelope de-
fined the local minima is zero. Data satisfied with IMF will have well-behaved Hil-
bert transform, from which a meaningful instantaneous frequency can be calculated. 
The decomposition process can be found in reference. According to EMD, original 

data is decomposed to n  intrinsic mode components ( )iC t  and a residual compo-

nent nr as Equation (5).  

1

( ) ( ) ( )
n

i n
i

X t C t r t
=

= +∑  (5) 

2.2   Hilbert Spectrum 

After finding each IMF component, Equation (6) can be obtained. It gives both the 
amplitude and the frequency of the real part (RP) of each component as a function of 
time. 

( )( )

1 1

( ) RP ( ) RP ( ) jj

n n
i t ti t

j j
j j

X t a t e a t e
ωθ

= =

∫= =∑ ∑  (6) 

Both the amplitude and the instantaneous frequency can be represented in a three-
dimensional plot, in which the amplitude can be contoured on a time-frequency plane. 
The TFD of the amplitude is expressed by the Hilbert spectrum, ),( tH ω , as shown 

in Equation (7). 
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3   Wavelet Packet Hilbert Spectrum 

HS is developed according to instantaneous frequency. It offers narrow TFD and is an 
ideal method for non-stationary signal analysis. Thus, it has been broadly applied on 
signal analysis and pattern area [1], [2], [4]. Although HS are convenient for signal 
analysis, there are also some limitations for EMD process. One is from the frequency 
bandwidth which is also close related to gathering frequency. The other is from noise 
interference [1]. If the original signal can not be decomposed into several meaningful 
IMFs, its HS and HMS will not clearly reflects the characteristics of signal [4],[5]. 
The real monitored diesel engine vibration signal, its frequency band is very wide, 
from 0-10000Hz and even more. Therefore, EMD process must be affected, so does 
the accuracy of HS analysis. At the same time, noise also has much effect on HS 
analysis for the real monitoring signal [1]. 

Thus, it is better to shorten the frequency band width and remove noise interference 
before using HS for signal analysis. Among many methods, wavelet provides an effec-
tive way to separate different frequency band for analysis. It can decompose signal into 
several child frequency band. At the same time, it is also a powerful filter. Wavelet is 
often used to low frequency band analysis. As wavelet technology development, wave-
let packet is more powerful and suitable for all frequency band analysis compared with 
wavelet [1]. It can decompose signal in the whole frequency band. At the same time, 
noise can also be filtered. It is more flexible for wider frequency band signal analysis 
compared with wavelet. The difference for wavelet and wavelet packet process is 
shown in Fig.1. Wavelet packet transform (WPT) can be used as a preprocessing for 
HS analysis, especially for diesel engine medium and high frequency band vibration 
signal analysis. Thus, the developed method is named wavelet packet Hilbert spectrum 
(WPHS). It will be more suitable for non-stationary characteristics signal analysis and 
put forward an effective method for reciprocating engine condition classification. 

 

Fig. 1. Comparison of Wavelet and Wavelet packet decomposition process 
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4   Application of Wavelet Packet Hilbert Spectrum 

4.1   Experiment 

To test the effectiveness of this an approach on diesel engine pattern recognition, 
simulation experiments were carried out on a DI135 diesel engine, at Institute of In-
ternal Combustion Engine, Dalian University of Technology. The main technical 
parameters of the experimental engine are shown in Table 1. The experiments were 
following three different diesel engine working conditions by changing its fuel supply 

advanced angle fsθ . These are: reduced fsθ (11deg), normal condition (15deg) and 

increased fsθ (17deg). Other parameters of working condition are kept the same. 

Table 1. Parameters of the DI135 diesel engine 

Cylinder Diameter D (mm) 135 
Piston stoke S(mm) 140 
Piston swept volume Vs (L) 2.0 
Compression ratioε 17.5 
Declare power Pe (Kw) 14.7 
Declare speed RPM(r/min) 1500 
Injection nozzle 5×0.32×150 

Injection starting pressure (MPa) 22 

The acceleration transducer was located on the cylinder head, which is used to 
monitor the vibration signal. The top dead center (TDC) signal was also monitored 
together with cylinder head vibration. It is to determine the time information the vi-
bration. It is very useful for feature extraction and fault diagnosis. The experimental 
condition is shown in Table 2. 

Table 2. Experiment and sampling condition 

Working speed RPM(r/min) 1500 
 Load 25% 
Sampling Frequency (Hz) 25600 
Analysis Frequency (Hz) 10000 

4.2   Analysis Data Selection 

Fig.2 shows the time domain vibration signal measured in one engine cycle under the 

increased fsθ condition. For a single cylinder diesel engine working period, the vibra-

tion impulse is from four different sources: combustion process impulse response, 
exhaust valve close impulse response, throttle force impulse response and inlet valve 
close response. It is also obvious that diesel engine vibration signal is full of non-
stationary characteristics. The combustion process impulse response is very different 
though the working period is successive shown in Fig.2 (b). 
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Fig. 2. Cylinder head vibration signal in a diesel engine working period. (a) TDC signal; (b) 
Vibration signal; CPI: combustion process impulse response; OVC: exhaust valve close 
impulse response; TI: throttle force impulse response; IVC: inlet valve close response. 

The vibration of an engine cylinder head can be simplified as a linear system of 
multi-inputs and single output as shown. It contains the response of vibrations caused 
by combustion pressure impulsive response function, exhaust valve closing impulsive 
response function impact, throttle impulsive response function and inlet valve closing 

 

 

Fig. 3. Time domain signals of different working conditions 
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impulsive response function. At the same time, the vibration signals generated by 
impulse forces follow a fixed time regularity in every engine working cycle. Thus, the 
impulse response functions in the time domain can be separated and their individual 
characteristics studied [6]. In this investigation, the combustion impulse is used for 
pattern recognition, which can simplify the problem for analysis. 

By using TDC signal for location determination, the data length of 256 point near 
the combustion process is taken from different condition for condition analysis shown 
in Fig.3. It can be found that max amplitude of the signal is basically the same. But 
the maximum corresponding time is different. Apart from the amplitude, it is difficult 
to distinguish the diesel engine condition because its vibration signal is full of non-
stationary characteristics.  

4.3   Hilbert Spectrum Analysis 

According to the HS calculation, the HS of combustion process for different condition 

is obtain and shown in (i) of Fig.4, Fig.5 and Fig.6. The energy for reduced fsθ  

(11deg) is mainly concentrated on high frequency band. It is about 8000-10000Hz. 
On the other hand, the energy for normal (15deg) is distributed on medium frequency 

band, which is about 4000-8000Hz. For the increased fsθ (17deg), the frequency band 

is from 4000-10000Hz.  
The vibration frequency band due to diesel engine combustion varies with the 

structure of the engine, particularly, the combustion chamber structure and the materi-
als of the engine components which affect transmission speed of vibration. It changes 
with the diesel engine working condition. In normal condition, diesel engine vibration 
signal frequency is concentrated on medium frequency band. But diesel engine work-
ing condition can not be clearly demonstrated by the time and frequency information 
shown in HS of different conditions.  

 

Fig. 4. HS and WPHS for reduced fsθ 11Deg condition. (i) HS; (ii) WPHS 
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Fig. 5. HS and WPHS for normal fsθ 15Deg condition. (i) HS; (ii)WPHS. 

 

Fig. 6. HS and WPHS for increased fsθ 17Deg condition. (i) HS; (ii) WPHS. 

4.4   Wavelet Packet Hilbert Spectrum Analysis 

As above analysis, it is better to analyse the medium frequency band feature for diesel 
condition analysis. Wavelet packet is used as the Hilbert spectrum analysis preproc-
essing. The 10th order of orthogonal Daubechies wavelet basis is used for decomposi-
tion. In wavelet packet transform process, three levels decomposition have used. 
Then, the time domain signal of frequency band from 3750Hz to 6250Hz is recon-
structed. WPHS for different conditions can be obtained according to the recon-
structed time domain signal, shown in (ii) of Fig.4, Fig.5 and Fig.6 corresponding to 
different conditions. 

Compared with different working condition by using WPHS, it is obvious that the 
durative time for combustion process reduces in the energy distribution plane with the 
fuel supply advanced angle increasing. It is unlike the HS, which is difficult to recog-
nize. It can be concluded that the combustion time decrease with the increment of fuel 
supply angle. According to diesel engine working condition [7], the fuel supply angle 
is directly to the formation of mixture gas before ignition in the combustion chamber. 
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The bigger of the fuel supply advanced angle, the more mixture forms before ignition. 
After ignition, the combustion process will be very fast. The maximum pressure of 
combustion process will increase. Thus, it will lead to the improvement of vibration 
and reduction combustion time. At the same time, the exhaust air temperature also 
reduces since the reduction of combustion time and its energy distribution is more 
concentrated compared with small fuel supply advanced angle.  

Diesel engine must work at the suitable fsθ . Increased fsθ will improve the cylin-

der pressure and the cylinder head vibration. On the contrary, reduced fsθ  will make 

the exhaust temperature and brake specific fuel consumption increase. Neither in-

creased nor reduced fsθ  is good for diesel engine performance. It is a trade-off proc-

ess. There is a best fsθ  for a determined diesel engine. It is more convenient to rec-

ognize diesel engine working condition compared with HS. Thus, it will put forward 
an effective tool for diesel engine pattern recognition and fault diagnosis. 

5   Conclusions 

In this paper, a developed approach named as wavelet packet Hilbert spectrum used 
on diesel engine condition monitoring and pattern recognition is demonstrated in 
detail. From the example of WPHS application, it can be concluded that this approach 
is very effective nondestructive evaluation for diesel engine pattern recognition and 
fault diagnosis. WPHS can effectively shorten the frequency and remove noise for 
signal analysis. It is more suitable for practical wide frequency band signal analysis. 
Thus, this promising method will contribute to the development of reciprocating en-
gine condition monitoring and pattern recognition. Further research should also be 
carried out on its application. 
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Abstract. Purpose of speech stream detection is to capture speech stream coming 
randomly in adverse acoustic environments. A novel robust method for speech 
stream detection is introduced based on both linear predict code all-pole model 
and lossless sound tube model to detect speech stream from inputs of wireless 
speech band communication. It makes use of autocorrelation distribution 
characteristics of variance sequence of linear predictive residual sequence to 
formulate two dimensions decision threshold vector. The decision threshold is 
adaptive to energy of background noise. It can make minimum decisions error. 
Plenty of signal stream data with various noises under various Signal-to-Noise 
Ratio and wireless speech band recordings on the spot were used to compare the 
proposed algorithm respectively with spectrum Entropy and short-time energy 
algorithm. The experiment results show that the new method for speech stream 
detection has good detection performance, and it performs well in adverse 
environments, and the speech stream detected sounds fluently. 

1   Introduction 

Speech Stream Detection(SSD) is a new research subject. Especially, weak speech 
stream detection under the background of complex and strong noise is a difficult 
problem. Its task is to capture speech presented random in endless acoustic stream. On 
the one hand, though Speech End Point Detection(SEPD) and Voice Active Detection 
(VAD) are also used for detecting speech, SSD's endless watching, unknown and 
protean acoustic environment and no cooperation with speaker etc. are traits differed 
from another two. On the other hand, it also stresses integrality of speech detected 
because information undetected can not be acquired again without cooperation with 
speaker. Book-phrase can not be loosed yet. That is not easy to be accomplished as 
sounds. For example, the pronunciation, “yes” or “no”, is no more than one second, but 
its meaning may be important. SEPD, VAD and SSD are all speech detection 
arithmetic. It is inevitable for them to deal with common problem including noise and 
real time etc.. SEPD is necessary part for improving the performance of speech 
recognition system. Since 1970s,many scholars have researched it and introduced their 
methods openly, such as Time-Frequency Power[1], Crosing-Zeros Rate[2], Entropy 
Function[3-5], Hidden Markov Model[6,7], Neural Network[8,9], Cepstrum[4,9], Short-
Time Fractal[10], auto-correlation similarity distance[11], finite state machine [12] etc.. 
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Those methods can be classified into two kinds. One is to find robust new feature 
parameters for differing speech from noise. The other is to combine multi-features of 
speech. The two methods stress features of speech itself and can get good performance 
in SNR more than 5dB. But their limitations exist as follow: firstly, related information 
outside of speech itself can not be used, such as speech producing theory. Secondly, 
they do for specific language. Thirdly, examples for experiments are usually records 
under lab condition. Fourthly, it is only for specific background noise, so it is difficult 
for popularizing in practice. Fifthly, some of them need prior knowledge of speech and 
noise. VAD[13] is usually used in modern mobile communication and multimedia 
communication. It can detect speech in circuitry. It permits loss with context and can 
regain information with speaker's cooperation. Obviously, SE-PD and VAD can't satisfy 
with SSD's requirements. Currently, Shen Liran ect. makes use of method, such as 
High-Order Spectrum[14], Auditory Perception[15], Double Spectrum[16], Wavelet 
Transform[17] etc. to detect speech stream and get some achievement. But that is only 
just beginning of research work. Linear predictive coding (L-PC) technology is the 
kernal technology. This paper combins LPC with speech producing mechanism and 
applies them in speech stream detection. Its kernal method is to extract decision 
threshold by the autocorrelation coefficient distribution of Varivance of LPC Residual 
Sequence to detect speech in acoustic stream. In the process. It is key to make use of 
periodicity of LPC all-pole model's deconvolution. Experiment results show that the 
approach can detect weak speech efficiently under the background of strong noise. The 
ratio of detection can arrive more than 98% averagely. 

2   Feature Extraction 

2.1   Processing of LPC Residual 

Speech Producing Model, shown in Fig.1, is based on both LPC all-pole model and 
lossless sound tube model. Its transfer function, H(z), that is 
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where G is constant. S(z) and U(z) is respectively Z transform of input signal s(n) and 
output signal u(n). Relationship between s(n) and u(n) is given by the following 
expression. 
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If signal s(n) can exactly satisfy with the model described by Eq.1, Eq.2 and Fig.1, we 
have the linear predictive residual sequence, e(n), that is 

)()( nGune =  (4) 

Real signal isn't like that completely .But it can be estimated by Eq.5 
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Where the sequence ak, called as LPC coefficient, can be calculated by Eq.5 under the 
short-time average least-power-error criterion. Substitution of Eq.5 into Eq.4 yields 
u(n)’s expression, that is 
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In addition, if varied factors in process of producing speech can be considered 
adequately, LPC all-pole model can approach lossless sound tube model better. In this 
case, the characteristics of s(n)’s can be identified by analyzing the characteristics of 
e(n)’s. Based on speech knowledge that e(n) is either quasiperiodic pulse train(s(n) is 
voiced sound) or a random white noise source(s(n) is unvoiced sound). Based on 
above basic idea, the speech stream detection method is proposed in this paper. 
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Fig. 1. Speech Producing model based on LPC model 

To make clear the characteristics of e(n)’s, we calculate variance of e(n), that is 

})}]({)({[)( 2
ll neEneElD −=  (7) 

Where D(l) is variance of the lth-frame residual sequence. Then, autocorrelating D(l) 
yields auto-correlation coefficients of variance, R(n),that is 

∑
=

+=
1-n-M
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lnDlDnR )()()(  (8) 

Where M denotes frame number. 
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2.2   Decision Threshold Feature Extraction Algorithm 

Algorithm of threshold feature extraction is as follow, shown as Fig.2 

− Signal Stream is weighted by Hamming window 
−  Band-pass filter consists of two low-pass filters 
−  High frequency pre-emphasis by using 1th-order FIR filter complements the 

effection due to glottal pulse and lip radiating. 
− Calculating the variance of LPC residual sequence  
− Calculating autocorrelation coefficients of  variance sequence of  LPC residual 

Sequence  
−  Making use of 1th order auto-regress model to produce curve-fitting of 

autocorrelation coefficients  
−  Calculating slope of auto-regress curve and standard deviation of autocorrelation 

coefficients against auto-regress curve yields decision threshold for detection.  

Operation of variance and auto-correlation reduces dimension, keeps short-time 
stationarity of speech and makes use of information of multi-frames. So it can 
improve system's distinguishability largely. Band filter gets rid of the industry 
frequency noise and high frequency components due to pulse noise. 

3   Experiment Analysis and Result 

3.1   Experiment Data 

Experiment data is as follow: 

− Pure speech data. 2002 Rich Transcription Broadcast News and conversational 
Telephone Speech, from Linguistic Data Consortium speech database(LDC), is 
about 30 minutes. Effective length of speech in it is about 15 minutes. 

− Speech data with noise. Wireless speech band recordings from six frequency 
channels, including multi-language of Chinese, English, Russian, Korea, Japan 
etc., include complexed background noise. Signal-noise ratio is lower. Its length is 
about 34 hours and Effective length of speech is about 8.7 hours. 

−  Noise data. Noise data. From NOISEX-92 noise database, including speech babble 
noise, Volvo car interor noise, F16 cockpit noise, Tank noise, HF channel, factory 
floor noise, white noise. 
 

 

Fig. 2. Process of Decision threshold Feature Extraction 
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3.2   Experiment Analysis 

Fig.3 shows the time domain waveform of speech and noise include pure speech from 
LDC, speech with noise from Short-wave field records, babble noise, Volvo car 
interor noise, F16 cockpit noise, tank noise, HF channel, factory floor noise and white 
noise from NOISEX-92. Fig. 4 shows autocorrelation coefficients of variance of LPC 
residual sequence for signals above. Observing Fig.4, we can get the following 
conclusions: 

− The curves of various noise look relatively flat. 
− The curves of pure speech and speech with noise change crookedly. 
− Pure speech and speech with noise can be differentiated from others noise by a 

straight line. 

Naturally, we will bethink of using auto-regress model to fit autocorrelation 
coefficients curve. That is 

( ) bnxany +∗=)(  (9) 

where x(n) is x-coordinates of curve, y(n) is y-coordinates of curve. At the rule of 
least squares error, we can solve the parameter a and b and yield 1th order auto-regress 
equation, shown in Eq.9. Auto-regress curves of various signals above are shown in 
Fig.5. Seeing from the picture, we can know different slope among speech and noise. 
From Fig.4 and Fig.5, we can catch on different standard deviation of autocorrelation 
coefficients against curve-fitting. 

In term of conclusions above, by calculating standard variance or slope, we can get 
appropriate two dimension threshold vector to distinguish speech from noise. That is, 
whether speech exists in signal stream or not, it can be judged by comparing it with 
the adaptive reference threshold vector. Let γ denote the reference threshold, we can 

calculate γ  by Eq.10. 
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Where 1γ , 2γ are the threshold of best SNR and worst SNR respectively. 10 EE ,  are 

background noise power respectively. Background noise power can be calculated by 
non-speech frame. 

3.3   Detection Result for Various Environmental Conditions 

To verify the effectiveness of the proposed algorithms, In the experiment, mixed 
signal with SNR from -5dB to 5 dB, by adding various noise from NOISEX-92 into 
pure speech from lDC, is used. Furthermore, we compared speech detection and 
denosing probability with spectrum entropy and short-time engery’s method based on 
adaptive decision threshold.  
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Fig. 3. Waveform of speech, speech with noise and several kinds of noise 

 

Fig. 4. Autocorrelation curve of varivance of LPC residual sequence for pure speech, speech 
with noise, and noise include speech babble noise, Volvo car interor noise, F16 cockpit noise, 
tank noise, HF channel, factory floor noise, White noise 
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Fig. 5. 1th order auto-regress Curves of autocorrelation coefficients of LPC residual sequence of 
speech, speech with noise and several kinds of noise 

Let Ps denote probability of speech detection, let Pn denote probability of 
denoising. That is 

Ps=SDL/ESL (11) 

Pn=DDL/(SSL-ESL) (12) 

Where SDL is the length of speech detected, ESL is the length of effective speech in 
signal stream, DDL is the length of throwing off noise, SSL is the length of the whole 
signal stream. Experimental results are shown in Table.1. 

Observing Table.1,the proposed arithmetic is obviously better than other two.In 
odB,detection performance is still satisfying.for babble noise, Ps and Pn are relativly 
lower,the reason is that babble noise listens like many people talking together in pub. 

3.4   Detection Result of Six Channels Records 

For furthermore evaluating detection performance,field records from six short-wave 
channels is used in the experiments.compared with spectrum entropy and short-time 
energy’s algorithms,the results are given in table.2. 

Observing Table 2, we can see the proposed algorithms' performance is also better 
than other two's under the condition of complicated background noise. The  
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probability of speech detection and probability of denosing are averagely more than 
95%. Furthermore, in experiment, we find that speech detected by the proposed is 
smoother and more pellucid than the other two. 

Table 1. Comparation of Detection Result for various Enviromental Conditions 

Environments 
Proposed 

SSD 
Spectrum 
Entropy 

Short-Time 
Energy 

Noise SNR(dB) Ps(%) Pn(%) Ps(%) Pn(%) Ps(%) Pn(%) 

5 98.32 94.69 92.07 62.61 88.89 98.16 
3 97.19 92.96 89.79 70.17 86.97 97.96 

0 94.55 86.83 87.30 76.96 87.78 97.35 

-3 92.43 85.34 87.73 78.78 91.83 79.04 
Babble 

-5 91.08 82.78 85.31 73.91 87.30 88.43 

5 99.69 97.84 95.30 99.98 95.08 98.86 
3 99.51 96.21 95.23 99.97 97.13 92.61 
0 99.67 95.98 89.64 99.94 94.32 73.91 
-3 99.68 94.70 85.46 99.27 93.18 73.04 

Car Interior 

-5 98.70 93.13 78.91 99.71 87.35 71.18 

5 99.51 98.17 89.12 64.34 86.27 98.31 

3 99.35 97.30 84.97 61.74 85.54 98.27 
0 99.19 96.47 84.11 77.71 81.47 88.10 
-3 96.79 94.26 81.83 60.87 61.74 88.78 

F16-cockpit 

-5 94.86 92.96 82.65 42.61 50.22 90.81 

5 99.75 99.23 96.78 89.12 92.17 95.23 
3 99.41 98.27 95.21 88.25 90.89 94.12 
0 99.24 98.01 92.24 84.07 85.34 87.13 
-3 97.31 96.32 83.12 76.45 79.23 85.34 

White 

-5 96.24 93.12 80.19 72.17 77.61 80.17 

Table 2. Detection Result of six Channels Speech Records�

Data Records 
Proposed 

SSD 
Spectrum 
Entropy 

Short-Time 
Energy 

Channel 
Number 

Data 
Length(m) 

Effective 
Speech(m) 

Ps(%) Pn(%) Ps(%) Pn(%) Ps(%) Pn(%) 

1 210.05 91.73 98.17 98.35 80.22 78.86 84.07 86.87 
2 458.64 21.31 95.76 98.26 71.32 73.65 67.53 63.77 
3 496.25 203.78 98.83 99.98 89.31 81.72 88.74 88.46 
4 175.70 68.42 94.63 95.34 81.67 78.91 78.07 78.55 
5 559.90 98.10 96.76 97.64 86.31 84.92 80.01 83.65 
6 146.63 41.22 98.97 99.91 90.45 92.42 88.37 85.77 

4   Conclusion 

Speech stream detection, is mainly used as intelligent speech detection in short-wave 
communication, is a meaning and challenging subject. Its difficulties are due to 
endless watching, unknown speaker, complicated acoustic environment and not to 
permit losing information. VAD and EPD arithmetics demanding SNR more than 5dB 
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determine that they are not directly used as speech stream detection for short-wave 
channel. In this study, basing on mechanism of speech producing model and LPC all-
pole model, standard variance of autocorrelation coefficients of LPC predictive 
residual sequence is applied to differentiate speech from noise. Not only short-time 
stationarity can be guaranteed but also multi-frame information is made use of. In 
some range of field data, experiment gets good detection performance for SNR no 
more than -5dB.Of course, good system performance depends on exact adaptive thres-
hold estimation which is difficult as well as noise estimation. 

Acknowledgements 

This study was supported by the National Nature Science Foundation of China 
(No.60475016). 

References 

1. Yie, T., Zuoying, W., Dajin L.: Robust word boundary detection through linear mapping of 
the sub-band energy in noisy environments. Journal of Tsinghua University (Science and 
Technology), Beijing, China 42 (2002) 953-956 

2. Li Q., Zheng J.，Zhou Q.: A robust, realtime endpoint detector with energy normalization 
for ASR in adverse environments． IEEE International Conference on Acoustics, Speech 
And Signal Processing (ICASSP 2001), Salt Lake City,USA1 (2001) 574–577． 

3. Huang, L.S., Yang, C.H.: A novel approach to robust speech endpoint detection in car 
environments. IEEE International Conforence on Acoustics, Speech, and Signal Processing 
(ICASSP), Istambul, Turkey (2003) 1751–1754 

4. Jia, C., Xu, B.: An Improved Entropy–based Endpoint Detection Algorithm. International 
Conference on Spoken Language Processing (ICSLP 2002), Taipei (2002) 285–288  

5. Wang, X., Qi, D., Bingxi,W.:A speech endpoint detector based on eigenspace-energy-
entropy.Journal Of China Institute Of Communications 24 (2003) 125–132 

6. Kosmides, E., Dermatas, E., Kokkinakis, G.: Stochastic endpoint detection in noisy 
speech. International Workshop on Speech and Computer(SPECOM97), ClujNapoca, 
Romania (1997) 109–114 

7. Jie, Z., Xiaodong, W.: Speech Signal Endpoint Detection Method Based on HMM in 
Noise.Journal of Shanghai Jiaotong University,China 32 (1998) 14–16 

8. Yuhong, L., Qiao, L., Qiang, R.: Speech signal endpoint detection and separation based on 
improved fuzzy ART. Systems Engineering and Electronic, China 26 (2004) 1151–1154 

9. Guangrui, Hu., Xiaodong, Wei.: Endpoint Detection of Noisy Speech Based on cepstrum. 
Acta Electronica Sinica, China 28 (2000) 95–97 

10. Yaqiang, S., Genliang, F.: Two End Points Detecting and Filtering on Low SNR Speech 
Signals Based on Short–time Fractal Dimension. Journal of Zhejiang Normal University 
(Natoral Sciences),China 22 (1999) 16–21 

11. Feili, C., Jie, Z.: A New Method of Endpoint Detection Based on Distance of Auto-
Correlated Similarity. Journal of Shanghai Jiaotong University, China 33 (1999) 1097–1099 

12. Qiuan, H., BO, J., Bingwen, W.: Endpoint detection of Chinese digital speech based on 
finite state machine. Journal of Hubei University (Natural Science Edition), China 26 
(2004) 35–38 



 Research of a Novel Weak Speech Stream Detection Algorithm 607 

13. Javier, R., Jose, C.: Efficient voice activity detection algorithms using long-term speech 
information [J]. Speech Communication, 42 (2004) 271–287 

14. Liran, S., Xueyao,.: Speech stream detection based on higher-order statistics. International 
Conference on Machine Learning and Cybernetics, Xi'an, China 5 (2003) 3086–3089 

15. Xueyao, L., Liran, S. A new method of robust detection for speech stream. Proceedings of 
2002 International Conference on Machine Learning and Cybernetics, Beijing, China 5 
(2002) 1066–1069 

16. Liran, S., Xueyao, l. Speech stream detection based on one and half spectrum. Proceedings 
of the 5th World Congress on Intelligent Control and Automation, Hangzhou, China 5 
(2004) 4223–4226 

17. Rubo, Z., Jiashi, L., Xueyao, L., Liran, S.: Speech stream detection in non-Gaussian 
background noise based on statistic characteristics of wavelet coefficient. Journal of 
Harbin Engineering University, Harbin, China 25 (2004) 487–490 



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 608 – 616, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

Large Diamond and Small Pentagon Search 
Patterns for Fast Motion Estimation* 

Jianbin Song, Bo Li, Dong Jiang, and Caixia Wang 

Digital Media Laboratory, School of Computer Science and Engineering, 
Beihang University, Beijing, 100083, China 

buaasjb@yahoo.com.cn, boli@buaa.edu.cn, 
duff99@163.com, yueliangbuku@163.com 

Abstract. In fast motion estimation, a search pattern with different shape or size 
has a very important impact on search speed and distortion performance. A 
motion estimation algorithm based on the novel large diamond and small 
pentagon search patterns is proposed in this paper. The stride of the proposed 
large diamond pattern is 3 pixels and it just need 2 or 3 search points for every 
new search step. So, the large diamond pattern can find the lager-motion vector 
quickly compare with the 2-pixel-stride hexagon pattern, and, it is does not easy 
to lose correct search path and fall into locally optimum point compare with the 
three-step search. The proposed small pentagon pattern can do more refined 
search than the small diamond pattern and small hexagon pattern. The proposed 
algorithm may find any motion vector regardless of no-, small-, medium- ,or 
large-motion with fewer search points than the diamond search algorithm and the 
hexagon-based algorithm while maintaining similar distortion performance. 
Experimental results substantially justify the further improvement achieved of 
the LDSPS algorithm compared with several other popular fast algorithms. 

1   Introduction 

Block-based motion estimation is an essential technique of most international coding 
standards such as MPEG–4, H.264 and so on. However, the computation of motion 
estimation is extraordinarily complex. If use the full search (FS) motion estimation, it 
approximately consumes 60% or higher of the encoding time. Fast motion estimation 
algorithm is always the hot research in the video compression field. The search pattern 
and search strategy lead a vital role in speedup of a fast algorithm. The three step search 
(TSS) [1] is extremely easy to miss the correct search path and not unable to find the best 
matching block. Comparing with TSS, the performance of new three step search (NTSS) 
[2] and four step search (FSS) [3]is improved greatly, but the zero-vector coding block 
also needs 17 search points. The block based gradient descent search (BBGDS) [4]carries 
on the search by the length of 3×3 stride and it is easy to fall into locally optimum point 
The diamond search (DS) [5,6] use diamond pattern and the recently proposed 
                                                           
* Supported by the NSFC(60505007), the Program for New Century Excellent Talents in 

University, the Doctoral Education Foundation of MOE and the ERIPKU. The research is 
made in the State Key Lab of Software Development Environment. 
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hexagon-based search algorithm(HEXBS) [7] use hexagon pattern respectively to 
remarkably decrease computational complexity of motion estimation, because of the 
short search stride and the more search points for every step, there exists redundancy of 
search and the performance is still waited for further enhancement.  

Many efficient motion estimation motheds such as literature[8~9] based on good 
search pattern is proposed. So the search patterns have very important impact in fast 
motion estimation. This paper aims to study the search pattern and search strategy, 
doesn’t study the prediction of search beginning point and the search termination 
criterion. A fast motion estimation algorithm based on novel large diamond and small 
pentagon search patterns are proposed, which further speed up of the motion estimation 
algorithm. Section 2 reviews and investigates HEXBS algorithm. Section 3 firstly 
explains the large diamond and small pentagon patterns, and then describes the steps of 
the new LDSPS algorithm. Section 4 compares the number of search points of HEXBS 
with LDSPS. Compare with FS, NTSS, FSS, DS and HEXBS, section 5 presents and 
analyzes the experiment results. Section 5 concludes this paper.  

2   The HEXBS Algorithm 

Compared with the DS algorithm, the computation speed of the HEXBS increases by 
21.4% ~ 36.7%[7], while image quality nearly does not decrease. However, in Fig.1(a), 
we observe the pixels in the big hexagon, if the pixel 3 or 7 is the best matching 
position, it needs 11 search points; if the pixel 1 or 5 is the best, it needs two steps of big 
hexagon search, 14 search points possibly; if the pixel 2/4/6/8 is the best, it needs two 
steps of big hexagon search and altogether 14 search points. In addition, the search 
stride of the large hexagon is 2, so the HEXBS algorithm needs many steps to find the 
best position for the coding block which has large motion, search efficiency is still 
insufficient and needs to improve. Statistical results suggest that 40%~70%[2][5] best 
optimum point is around the center point, it has the center-biased characteristic. 
Therefore, the HEXBS algorithm still has search redundancy. Designing more 
reasonable search pattern and search strategy can evidently speed up the motion 
estimation. 

 
                                               (a)                                                (b) 

Fig. 1. Seach pattern of HEXBS 
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3   The LDSPS Algorithm 

3.1   Search Pattern 

Based on the proposed large diamond search pattern(LDS) and the small pentagon 
search pattern(SPS), this paper propose a fast motion estimation algorithm(LDSPS). 
may find any motion vector regardless of no-, small-, medium- ,or large-motion with 
fewer search points than the diamond search algorithm and the hexagon-based 
algorithm while maintaining similar distortion performance. 

 
                                       (a)                                            (b) 

 
                      (c)                        (d)                        (e)                          (f) 

Fig. 2. Search pattern of LDSPS. (a) large diamond pattern; (b)group of horizontal and vertical 
MBD points; (c)~(f), small pentagon patterns. 

1)  LDS: LDS’ search stride is 3 pixels and search 1 center point and 4 corner points at 
the first step and needs 2 or 3 additional search points for every new LDS step, whereas 
the stride of the DS is 2 pixels, at the first step it must search a center point, 4 corner 
points (vertex) and 4 edge points (face).According to different search directions, it 
needs 3 or 5 additional search points for every later step. In the HEXBS, the search 
stride of large hexagon is 2 pixels, the first step needs to search 1 central point and 6 
vertexes, every later step needs 3 search points. If the best point is the adjacent pixel 
around the search center, LDSPS algorithm needs 1 step LDS, 1 step SPS and only 
searches 10 points. However, the famous HEXBS algorithm needs 11 or 14 points. The 
motion vector has the center-biased characteristic, therefore, for most motion block, the 
LDSPS algorithm can search the best point very quickly. For the movement who has 
large motion vector, LDSPS algorithm can find the best matching block in the reference 
frame quickly by using LDS because of its larger search stride. The larger the motion 
vector is, the more obvious the advantage of the LDS is. 
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2)  SPS: SPS is appropriate for refined search. In this paper, minimum block 
distortion (MBD) is used for selection of the best position. SPS finds 4 horizontal or 
vertical points around the point which is selected as the best one in the last LDS. In 
order to improve search efficiency, a supplement search point is added. Here, we 
assume reasonably that the global minimum has a monotonic distortion and the nearer 
to the global minimum the smaller the distortion in all directions (horizontal, vertical or 
diagonal) within a small neighborhood around the global minimum. So, the selection of 
the supplement point is mainly based on the horizontal MBD point and the vertical 
MBD point in the previous LDS. In Fig.2(b), if the horizontal MBD point and the 
vertical MBD point compose Group1, the algorithm uses the small pentagon like Fig.2 
(c), if Group2, uses Fig.2 (d), if Group3, uses Fig.2 (e), if Group4, uses Fig.2 (f). 
Comparing with the small diamond in DS and small hexagon in HEXBS, SPS finds five 
points and can achieve more refined result. 

The search range of TSS, NTSS and FSS is restricted by the method itself, while the 
LDSPS algorithm proposed in this paper doesn’t have the restriction, so it can find 
the best matching block in arbitrary search scope. The video encoder always confines 
the search scope considering the balance of speed and efficiency, such as 7± , 15± , 

31± and so on. In this kind of situation, it just needs to add boundary judgment in the 
LDSPS algorithm. In section 5, the search window size of the experiment is 15± . 

3.2   Algorithm Process 

The LDSPS algorithm can be divided into three steps as follows: 

Step 1: Taking the search beginning point as the diamond center and starting first LDS. 
If the best position is the center point, then go to step 3, otherwise go to step 2; 
Step 2: Taking the MBD point of the previous step as the center point, start a new LDS, 
if new MBD position of current step is the diamond’s center point, then go to   step 3, 
otherwise repeat this step; 
Step 3: Judging the horizontal and vertical MBD point in previous LDS, if the 
horizontal MBD point and the vertical MBD point compose Group1, the algorithm uses 
the small pentagons like Fig.2 (c), if Group2, uses Fig.2 (d), if Group3, uses Fig.2 (e), if 
Group4, uses Fig.2 (f).After this step, the best position of motion estimation is 
obtained. After selecting the small pentagon, do the SPS, then the search process is 
stop. 

A search path example is showed in Fig.3. There are 6 steps of LDS. The first step 
searches 5 points. The second, third and fourth step searches along the horizontal 
direction and each step needs 3 points. The fifth step searches along the vertical 
direction, adds 2 search points. The sixth step changes to the horizontal direction, needs 
2 search points. The MBD point of this step is the center point of the diamond, so the 
LDS is stopped and the SPS is started. The horizontal and vertical MBD points 
compose Group4, therefore, pentagon like Fig.2 (f)is selected as final search pattern. 
This search example altogether needs 23 search points. 
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Fig. 3.  Search path example 

4   Search Points Contrast 

The hexagon’center point and the large diamond’center point are the search beginning 
points. Supposing that the point around of the center within 4×4 search window is the 
best position respectively, the HEXBS and the LDSPS respectively calculate the fewest 
search points number and the total number is recorded in the Fig.4(a) and Fig.4(b). 
Fig.4 (a) shows the search number of different points as the best position using the 
HEXBS algorithm, Fig.4 (b) records the search point number of the LDSPS algorithm. 
Fig.4(c) shows the number of search points saved by LDSPS compared with HEXBS 
for each motion vector location. If the point dyed by deep color is the best position, it 
needs 14 search points in the Fig.4 (a) while the same position in Fig.4 (b) just needs 10 
points, 4 search points are saved by using the LDSPS. As for the other points in the 
Fig.4, the LDSPS algorithm can saves 1 search point at least and 5 at most. Not only the 
large motion vector but also the small motion vector, LDSPS can improve efficiency of 
motion estimation all the time. 

        
                       (a)                                         (b)                                         (c) 

Fig. 4. (a) Minimum possible number of search points for each motion vector location by 
HEXBS algorithm. (b) Minimum possible number of search points for each motion vector 
location by proposed LDSPS algorithm. (c) Number of search points saved by LDSPS compared 
with HEXBS for each motion vector location. 
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In the video, the majority movement is along the horizontal direction, so this paper 
discusses the search points of the HEXBS algorithm and the LDSPS algorithm in the 
horizontal direction just as an example. Showed in Fig.5, the point (0,6k) is selected as 
the comparison point, H k  represents the number of search points when using the 

HEXBS, while N k represents the number of search points when using the LDSPS. 

According to HEXBS and LDSPS: 

  H 0  = 7 + 4, altogether needs 2 steps, 11 search points; 

  N 0 = 5 + 5, altogether needs 2 steps, 10 search points; 

  H 1 = 7 + 3 + 3 + 3 + 4, altogether needs 5 steps, 20 search points; 

  N 1 = 5 + 3+3+5, altogether needs 4 steps, 16 search points; 

  H 2 = 7 + 3 + 3 + 3 + 3 + 3 + 3 + 4, altogether needs 8 steps, 29 search points; 

  N 2 = 5 + 3+3+3+3 + 5, altogether needs 6 steps, 22 search points; 

  H k = 7 + 9k + 4, altogether needs 3k + 2 steps, 9k + 11 search points; 

  N k = 5 + 6k + 5, altogether needs 2k + 2 steps, 6k + 10 search points; 

  The speed improvement ratio(SIR) is defined as follow: 

  %100
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  When k=0, SIR is 10.0%; When k=1, SIR is 25.0%; When k=2, SIR is 31.8%; For 
the large motion vector, the SIR is close to 50%. 

 

Fig. 5. Assume that the motion vectors are in the horizontal direction with values of (0, 6k); k = 1; 
2; 3 . . . : It is easy to see that to find these motion vectors, the number of search points for the  
LDSPS algorithm follows 10k6 + , whereas the number for HEXBS is 11k9 + .  

5   Experimental Results for Comparison 

The experimental condition is as follows. The distortion measurement of mean absolute 
difference (MAD) is used, block size:8×8, and search window size of 15± . Seven standard 
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video sequences“Mother”,“Foreman”,“Flower”,“Basket”, “Mobile” (352×288),“Boat”and 
“Piano” (720×576) were used, which vary in motion content as well as frame size. Average 
MAD values and average search point numbers are summarized in Tables I and II for 
different algorithms, including FS, NTSS, FSS, DS, HEXBS and our proposed LDSPS, 
respectively. Note that only the search region inside the image boundary is considered 
consistently for all the fast algorithms tested to make a fair comparison.  

We can see that the proposed LDSPS consumes the smallest number of search points 
with just a slight increase in MAD compared with other fast algorithms. The number of 
search points used by the LDSPS method is substantially smaller than that by NTSS, 
FSS, DS, or HEXBS, nearly half the number of NTSS. Here, we mainly compare the 
HEXBS with the proposed LDSPS algorithm in terms of number of search point as well 
as MAD. According to Tables 1 and 2, Table 3 particularly tabulates the average SIR 
and average MAD increase in percentage of the proposed LDSPS over HEXBS. For 
“Mother” sequence with motion vectors limited within a small region around, our 
proposed LDSPS achieves 11.14% speed improvement over HEXBS. For “Foreman” 
sequence with medium motion, the average SIR of LDSPS over HEXBS is 11.26%. For 
“Mobile” and “Boat” which contain large motion, as predicted in theory, our LDSPS 
has obtained higher speed improvement over HEXBS, here more than 22%. The large 
the motion in a video sequence, the large the speed improvement rate of LDSPS over 
HEXBS or the other fast algorithms will be. On the other hand, the change in MAD of 
LDSPS compared with HEXBS is trivial, some video sequence less than 1.04% or 
smaller of MAD increase, while the other video sequences’ MAD is decrease as high as 
1.30%.  

Table 1. Average MAD per pixel for different methods and different video sequence(proposed 
methods are highlighted) 

 Mother Foreman Basket Flower Mobile Boat Piano 
FS 1.086 5.884 4.963 5.963 11.656 8.478 2.257 

NTSS 1.093 5.900 4.999 6.075 11.706 9.076 2.284 
FSS 1.093 5.917 4.985 6.162 11.871 10.635 2.313 
DS 1.091 5.920 4.980 6.104 11.734 9.390 2.310 

HEXBS 1.096 5.974 4.993 6.228 11.965 9.678 2.312 
LDSPS 1.095 5.996 5.003 6.293 11.957 9.552 2.295 

Table 2. Average number of search points per block with respect to different methods and 
different video sequence(proposed methods are highlighted). Note that the search point number 
per block for the FS is Fixed as 961 for all video sequences. 

 Mother Foreman Basket Flower Mobile Boat Piano 
FS 961 961 961 961 961 961 961 

NTSS 18.29 18.34 20.61 24.20 22.20 34.93 29.81 
FSS 17.52 17.56 19.24 20.55 20.11 23.94 22.65 
DS 14.08 13.99 16.95 18.55 17.51 34.76 22.00 

HEXBS 11.38 11.46 13.39 14.58 14.19 22.53 16.32 
LDSPS 10.24 10.30 11.61 12.83 11.62 18.34 15.00 
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Table 3. Average SIR and Average MAD increase in percentage of LDSPS over HEXBS 

 Mother Foreman Basket Flower Mobile Boat Piano 
Avg.SIR(%) 11.14 11.26 15.29 13.65 22.11 22.83 8.83 
Avg.MAD 
increase(%) 

-0.09 0.37 0.20 1.04 -0.07 -1.30 -0.74 

Fig. 6(a) and (b) plot a frame-by-frame comparison of MAD and search point 
number per block respectively for the different algorithms applied to “Basket” 
sequence. Fig. 6(a) shows the similar MAD performance for all the methods tested, 
while Fig. 6(b) clearly manifests the substantial superiority of the proposed LDSPS to 
the other methods in terms of number of search points used. From Fig. 6(b), we can also 
see that the curve of the proposed LDSPS fluctuates much less violently than that of 
HEXBS with respect to the number of search points. Apparently, all the experimental 
results substantially justify the fastest performance of the proposed LDSPS algorithm 
as compared with the other popular fast algorithms. 

 
(a) 

 
(b) 

Fig. 6. Performance comparison of FSS, DS, HEXBS and the proposed LDSPS for “Basket” 
sequence in terms of: (a) average MAD per pixel and (b) the average number of search points per 
block 
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6   Conclusion 

A novel fast algorithm using a large diamond and small pentagon search patterns in 
block motion estimation is proposed in this paper, which demonstrates significant 
speedup gain over the HEXBS and other fast search methods while maintaining similar 
distortion performance. The proposed LDSPS consistently has a faster search 
performance than DS, regardless of no-, small-, medium-, or large-motion. Strikingly, 
for large motion image sequences, the new method may use much fewer search points 
than the HEXBS algorithm. Theoretical analysis shows that a speed improvement of up 
to 50% over the HEXBS algorithm can be obtained for locating some motion vectors in 
certain scenarios. In other words, the new algorithm may find any motion vector in 
motion field with fewer search points than the HEXBS algorithm. Generally speaking, 
the large the motion vector, the more significant the speedup gain for the new method 
will be. The experimental results have verified the statement, which have convincingly 
demonstrated the superiority of the proposed LDSPS to the other fast methods in terms 
of using the smallest number of search points with a very small penalty of marginal 
degradation in distortion. Note that based on the LDSPS algorithm and combined the 
prediction of search beginning point with the search stop criterion ahead of time, 
motion estimation algorithm may be further speeded up. 
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Abstract. A shot boundary detection algorithm based on fuzzy theory and 
Adaboost is proposed in this paper. According to changes of color and camera 
motion, videos are classified into six types. By using features in compress do-
main such as DCT coefficients, the type of the MB, HSV color histogram dif-
ference, camera motion difference and so on, videos are segmented into three 
classes, that is, cut shot, gradual shot and non-change. The results of experiment 
have shown that this algorithm is robust for camera motion and walk-in of large 
objects in videos, and have better precision of shot boundary detection com-
pared with the classic double-threshold method and the method of presented by 
Kuo et al.. There is no problem of threshold selection in our algorithm but it ex-
ists in most of other algorithms. 

1   Introduction 

With the development of the multimedia and internet technologies, content-based 
video retrieval (CBVR) has been paid more and more attention, and has become the 
focus of information retrieval field [1]. In many video retrieval algorithms shot is the 
basic video cell for operation, which means that before depositing and searching, 
video has to be segmented into shots. Generally, by detecting the boundaries among 
shots one can confirm the transited positions of shots [2]. 

The shot is usually categorized into two types: cut shot and gradual shot. Cut shot 
occurs between two frames of a video sequence, but gradual shot is a slow process 
from a shot to transit to another. Currently, a majority of videos has been deposited in 
compressed format, so the shot boundary detection in compressed domain becomes 
the focus of research. 

Now, algorithms presented in the literature for video segmentation in compressed 
domain are based on DCT coefficients, DC image and MB types, DCT coefficients 
and motion vectors [3]. Most of these algorithms involve the problem of threshold 
selection, which directly affects the precision of shot boundary detection. Recently, 
several researchers proposed such methods as double-threshold algorithm [4], adap-
tive threshold selection algorithm [5] to improve detection result. However, since 
features such as camera motion have not been used in these algorithms, the problems 
of motion sensitive remain unresolved and unable to adapt to various videos. 

In this paper, fuzzy theory and Adaboost algorithm [6], [7] are applied to shot 
boundary detection in compressed domain. Firstly, on the basis of fuzzy theory, we 
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use color and motion features which are sensitive to human vision to roughly classify 
videos into six types, which include color change greatly and motion rapidly, color 
change slightly and motion slowly. Secondly, according to Adaboost’s principle, 
video frames are classified as cut frame, gradual frame and non-change frame, and 
then, we use features such as HSV color histogram, camera motion and so on to ac-
complish cascade training aiming at six different types of videos. By doing this, six 
types of strong classifiers could be obtained. 

Finally, the strong classifiers are adaptively selected according to features of video 
materials to perform test for shot boundary detection. Moreover, we analyze the roles 
of various features in Adaboost algorithm, and propose several methods to improve 
the performance of Adaboost. Since we have selected the camera motion as one of 
training features, experiments proved that this algorithm is robust for camera motion 
and walk-in of large objects, and is adaptable to various kinds of videos. 

The remainder of this paper is organized as follows. In section 2, the basic classifi-
cation theory of Adaboost is briefly described. Section 3 presents a novel algorithm of 
shot boundary detection based on fuzzy theory and Adaboost. Section 4 discusses re-
sampling technology and the improvement of Adaboost. Section 5 is the experiment 
results, and finally in section 6, the conclusion is made. 

2   The Adaboost Algorithm 

The Adaboost algorithm is briefly described as follows: 

 Given N training samples },{ 11 yx ,…, },{ nn yx , where }1,0{=iy for negative and 
positive samples respectively. Each sample has K simple features )(⋅jf ( Kj ≤≤1 ), 
and each feature corresponds with a simple two-class classifier: 

⎩
⎨
⎧ ≤≤<=

otherwise
Kjpxfp

xh jjjj
j 0

)1()(1
)(

θ  (1) 

where jθ is threshold and jp is shift, }1{±=jp denotes the direction of inequality. 

 Initialize weights Nw i /1,1 =  for each Syx ii ∈},{ . 
 TtFor ,,1= : 

1) Normalize the weights, 

∑ =
= N

j jijiit www
1 ,,,  (2) 

2) For each feature j , train a classifier jh , with the lowest ∑ −=
i iijitj yxhw |)(|,ε . 

3) Choose the classifier th , with the lowest error tε .  
4) Update the weights: 

ie
titit ww −

+ = 1
,,1 β  (3) 

where 0=ie , if sample ix is classified correctly, 1=ie , otherwise, and )1/( ttt εεβ −= . 
 The final strong classifier is: 
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where )/1lg( tt βα = . 

3   Shot Boundary Detection Based on Adaboost  

One of the important reasons why Adaboost algorithm can be widely applied to many 
fields such as face recognition [8] and object detection [9] is that the content of the 
object in question is usually unitary, and easy to extract a plenty of features needed by 
Adaboost training. However, as for videos, due to its coverall contents, various mo-
tions and changeful video editing means, Adaboost algorithm is difficult to be utilized 
there. Thus, three problems have to be first considered: 

1) Feature extraction, that is how to obtain enough features to meet the training? 
2) Training set formation, which means how to reduce distributive dispersancy and 

confusability of training sample space? 
3) Fast training realization, which is how to efficiently decrease training time and 

improve the efficiency of the algorithm? 

3.1   Features Extraction  

Features selection always determines the performance of Adaboost classifier. We 
extract features in compressed domain, and make up training and testing sample sets: 

(1) Intra-coded MB rate: For I frame, all MBs are Intra coded; for B and P frames, 
this parameter varies from zero to the total number of MBs in whole frame. If P frame 
mostly comprises Intra MBs, it is in high possibility that shot transition occurs in the 
current frame. a,b,c,d in Fig.1(a) show such cases. 

 

 

Fig. 1. Several features of the video: (a) the rate of Intra-coded MB of P frame, (b) shot change 
rate, (c) standard deviation of camera motion, (d) HSV color histogram difference, (e) and (f) 
distributions of MB type consecutive frames 
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 (2) Shot change rate: It is calculated by backward and forward predicted MBs. By 
using a video whose length of GOP is 12 and I:B:P is 1:3:8, we can illustrate this 
feature. Forward reference rate (FRR) is defined as: NNFRR f /= , where 

fN is the 

number of forward predicted MBs and N is the total number of MBs. Backward refer-
ence rate (BRR) is defined as: NNBRR b /= , where bN  is the number of backward 
predicted MBs in current frame. The possible positions of shot change in one GOP are 
six types, as shown in Fig.2 by character “|”. 

 

Fig. 2. The possible positions of shot change in one GOP 

For example, in Fig.2 (a), if shot change occurs in I frame, the BRRs of the preceding 
two B frames are small; in Fig.2(c), if shot change takes place in B2 frame, the FRR of 
B2 frame and P frame and the BRR of B1 frame are small. So the shot change rate 
shown in Fig.1 (b) could be defined as follows. 

N

N
c

RRRRRR

RRRRRR
P

+++
+++−=

21

22
2

2
11  

(5) 

where, RR denotes FRR or BRR of one frame. The Bigger PC, the higher the possibil-
ity of the shot change is, and PC=1, if RRi=0. 

(3) Rate of bidirectional predicted MB: For I/P frame, this parameter is zero, and 
for B frame, the smaller the rate, the larger the shot change occurring possibility is.   

(4) Luminance histogram difference between previous and current frames: The 
bigger the difference, the larger the shot change occurring possibility is. 

(5) RGB color histogram difference between previous and current frames: In RGB 
color space, R,G,B are quantized into 4:4:4 respectively. The bigger the difference, 
the larger the shot change occurring possibility is. 

(6) HSV color histogram difference between previous and current frames: In HSV 
color space, H,S,V are quantized into 8:3:3 respectively. The bigger the difference, 
the larger the shot change occurring possibility is, as shown by a,b,c,d in Fig.1 (c). 

(7) Differences of DCT coefficients in Y,U,V spaces: The bigger the difference, 
the larger the shot change occurring possibility is. 

(8) Rate of motion MB: That is defined as the radio between the number of MBs 
with motion vectors not equal to zero and the total number of MBs in one frame.  The 
bigger the rate, the larger the shot change occurring possibility is. 

(9) Standard deviation of position after global motion compensation: Suppose that 
( x

ie , y
ie ) are the coordinate of a pixel after global motion compensation, i.e., 

)( 31 qxpxe ii
x
i +−=  (6) 



 Shot Boundary Detection Algorithm in Compressed Domain 621 

)( 41 qypye ii
y
i +−=  (7) 

where ),( ii yx is the coordinates of the pixel, p1,q3,q4 are three parameters for zoom, 

pan, and tilt of camera [10], respectively. Then we can calculate the standard devia-
tion of position: 

22
yixi eeei diffdiffdiff +=  (8) 

where 2
xiediff , 2

yiediff  are variances of x
ie and y

ie , respectively. Example are shown in 

Fig.1.(d) with high values at a,b,c,d. 
 (10) Difference of dominant color: DC images are extracted firstly, and sub-

sampling is applied to obtain dominant color for each frame. The bigger the differ-
ence of adjacent frames, the larger the shot change occurring possibility is. 

(11) Spatial distribution difference of the MB types: The alteration number of MB 
type of adjacent frames see Fig.1 (e) and (f) is calculated, the bigger the difference of 
adjacent frames, the larger the shot change occurring possibility is. 

However, the number of features is quite insufficient if we only use the above 11 
kinds of features to train Adaboost classifier. Further processing is needed. We divide 
each frame into 6, 9, 12, 16, 18 or 24 sub-blocks, and then select a set of sub-blocks 
with certain patterns to make up new features. Finally, in our experiment, 120 features 
are obtained for each frame and formed to be one feature vector after normalization. 
Fig.3. shows an example of a video frame divided into 9 blocks, and the black blocks 
are selected to extract new features of the frame. 

 

Fig. 3. An example of 9 sub-blocks, and new features are extracted from the black blocks 

3.2   Fuzzy Classification for Videos and Training Set Construction 

A feature set is comprised by feature vectors which are extracted in turn from every 
frame of a video. A number of feature sets are stochastically interlaced with each 
other frame by frame to construct a training sample set. Because the stochastic inter-
lacement partly eliminates temporal correlation of video frames, the training effi-
ciency is elevated to some extent. However, the variety of video materials still limits 
the effect of interlacement. Therefore, in order to improve the adaptability of shot 
segmentation algorithm to various videos, we extract two features of color and mo-
tion, which are most sensitive to the human vision, to first carry out a fuzzy classifica-
tion on videos. 

Suppose that there are M various video segments, MVVV ,, 21 , and their lengths 

respectively are MLLL ,, 21 , we apply features (6) and (9) which are clarified in 
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section.3.2 to calculate means Mμμμ ,, 21  and standard deviation Mσσσ ,, 21 of each 

feature which will then be used to respectively recalculate their means as μ andσ for 

the M videos. Then we design a Gaussian membership function to analyze features: 

))
4

(exp(1)( 2

σ
μ−−−= x

xf  (9) 

The analysis results of Gaussian membership function are shown in Fig.4. 
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Fig. 4. Using Gaussian membership function to analyze color and motion features 

According to the statistics of 24 various videos and the membership functions, we 
classify them into 6 types. The fuzzy classification is shown in Table.1. 

Table 1. Fuzzy classification 

Color )( xf c Motion )( xf m Classification 

cT>  1mT>  Great change of color, fast motion 

cT>  2mT> & 1mT≤  Great change of color, moderate motion 

cT>  2mT≤  Great change of color, slow motion 
cT≤  1mT>  Slight change of color, fast motion 
cT≤  2mT> & 1mT≤ Slight change of color, moderate motion 
cT≤  2mT≤  Slight change of color, slow motion 

In the experiment, we select 4.0=cT , 8.01 =mT , 4.02 =mT . The result of fuzzy 
classification is quite consistent with human subjective perception. It is shown that 
fuzzy principle made up of color and motion features could reflect some of the char-
acteristics of the video. And more importantly, fuzzy classification reduces disper-
sancy and confusability of training sample space and increases efficiency. 

3.3   Fast Adaboost Algorithm 

Adaboost is a process of machine learning which calculates strong classifier through 
iterative algorithm with slow convergence. Thus some improvement has to be made in 
Adaboost algorithm in order to realize fast training. We adopt the following methods: 

(1) Eliminating shift parameter jp in Eq.(1) and making features monotonic. We 

change all the normalized features into monotonous function and as a result, the  
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bigger the feature’s value, the higher shot change possibility occurs. This method 
decreases half of the calculation. 

(2) Converting three-class classifier into two serial two-class classifiers which will 
be used to classify cut shot and gradual shot respectively. We find that the training 
time is reduced to one percentage of the original training time.  

(3) Adopting Quick-sort algorithm to eliminating the repeated feature values. 
(4) Setting the starting point of threshold which will not search from the small-

est value but from σμ ⋅+= cTs
, where, μ  is means of the feature, σ  is its stan-

dard deviation, and C is a constant. The approach is proved to decrease the time 
of convergence. 

(5) Using a look-up table of the error rate. We first calculate error rates of corre-
sponding thresholds for each feature and save them in a table. Because the searching 
by table while training avoids the recalculation for each feature, training time is de-
creased significantly. 

4   Re-sampling and Weight Adjustment  

The result of training depends on the coverage of training samples to some extent. In 
order to solve the contradiction between finity of training sample and diversity of 
actual video, we use re-sampling technology to accomplish cascade training by sto-
chastically dividing a training set into three sub-sets. Suppose a false positive sample 
rate at each stage is )3,2,1%(8 =≤ ip i , after the three training stages shown in 

Fig.5, the total false positive sample rate will decease to 321 pppp =  %05.0≤ . 

 

Fig. 5. Flowchart of re-sampling and cascade training 

In the experiment, we train classifiers respectively for cut shot and gradual shot. 
Firstly, a two-class classifier is trained to classify videos into cut shot and non-change 
shot, where the cut frame is regarded as the positive sample, while the non-change 
frame as the negative. Secondly, the same method is applied to training for gradual 
shot. After the first training stage, a test is performed and the false samples are added 
into the second training stage, where the training and testing follow. Finally, a strong 
classifier is formed after three stages. 

We test 5 videos with this method, and count those features which are correspond-
ing with each weak classifier expressed in Eq.(4). Fig.6 shows the roles that various 
features played in shot boundary detection. The leading 8 features respectively are: 
(6), (10), (7), (5), (2), (4), (9) and (11) in section 3.1. 
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Fig. 6. Roles of features in shot boundary detection 

Based on the result above, we adjust the role factor tα  in Adaboost algorithm. The 
contribution of each feature in strong classifier as shown in Fig.6 is normalized and used 
as weight factor iω to produce a new role factor itt ωαα =' , 11,,1,,,1 == iTt . Thus 
a new strong classifier is changed into: 
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5   Experiment Results  

According to Fig.7, the final test is done. Considering some editing characters of 
videos, we perform a post-processing on the classification results of each video, and 
the principles is: if two successive frames are both detected as cut frames, the last 
frame is selected; if the number of successive gradual shot detected frames is less than 
5, these frames will then be deleted from the gradual shot set; if there exist no more 
than two non-change frames among successive gradual frames, they will be changed 
into gradual frames. 

 

Fig. 7. Flowchart of shot boundary detection 

Recall rate and precision rate are often taken as the evaluation measures in shot 
boundary detection, which are defined as follows: 

Recall=correct detection / (correct detection + missed detection). 
Precision= correct detection / (correct detection + false detection). 
Moreover, Cover is another evaluation measure for gradual shot detection, which is 

defined as the overlapped part between the detected and actual gradual shot durations 
in percentage. 
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In the experiment, we adopt various MPEG-2 video materials such as Ads, sports, 
scenery and cartoon, which include diverse gradual shot modes, many camera motion 
types and walk-in of large objects. The result is shown in Table.2. 

Table 2. Results of shot boundary detection based on Adaboost and fuzzy theory. The character 
“C” denotes cut shot, and character “G” denotes gradual shot. 

Video Frame C G 
Missed 
C     G 

False 
C    G 

Results   % 
Precision     Recall     Cover 

Ads 7598 292 4 8 1 6 0 
Scenery 7181 37 67 2 6 1 2 

C G C G G 

Cartoon 1311 33 1 2 0 1 0 96.1 89 97 94.3 91 
Sports 6006 123 6 6 0 6 2      

Using the same video material, we compared our algorithm with the classic double 
-threshold method and the method presented by Kuo et al. [11]. 

Table 3. Results of double-threshold algorithm and the method of presented by Kuo et al..  The 
character “C” denotes cut shot, and character “G” denotes gradual shot. 

Method Shot Correct Missed False Precision% Recall % 
 C G C G C G C G C G C G 

Double-
threshold

251 56 212 35 16 13 23 8 90.2 81.4 93 73 

Kuo 116 35 78 22 11 7 17 6 82.1 78.5 87.6 75.8 
 

The experiments show that good result can be obtained in slowly-changed videos 
such as scenery when using the method of classic double-threshold based on color 
histogram and the method presented by Kuo et al., however, for videos with change-
ful motions and complicated forms, for instance, sports and ads, the results is of these 
algorithms are not satisfactory. It indicates that their applications are limited, and 
moreover, the problem of threshold selection exists when only one or two features are 
used to detect shot boundary. Nevertheless, compared with these two, our algorithm is 
robust for camera motion and walk-in of large objects in videos, and obviously has a 
better precision and recall in shot boundary detection. 

6   Conclusion  

In this paper we use fuzzy theory to classify video material and adopt Adaboost algo-
rithm to accomplish shot boundary detection. The results of experiment have shown 
that this algorithm is robust for camera motion and walk-in of large objects in videos, 
and have better precision of shot boundary detection compared with the classic dou-
ble-threshold method and the method presented by Kuo et al.. Our algorithm has no 
problem of threshold selection which exists in most of other algorithms. More signifi-
cantly, based on Adaboost algorithm, we efficiently fuse the features extracted from 
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compressed domain, and analyze the roles of features played in shot segmentation, 
and ameliorate role factor of Adaboost according to the contributions of features. In 
the end, we use re-sampling and cascade training technologies to improve classifica-
tion result. 

It’s necessary to point out that the classification result in Adaboost algorithm is af-
fected by human subjective judgement. Thus, how to set up an appropriate visual 
model to improve reliability of this algorithm is our further task. 
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Abstract. In this paper, it is reported that the method and primary application of 
a novel noninvasive technique, resting functional magnetic resonance imaging 
(fMRI) with unified statistical parameter mapping (SPM) independent compo-
nent analysis (ICA), and principal component analysis( PCA), for localizing in-
terictal epileptic activities of glioma foci. SPM is based on the general linear 
model (GLM). ICA combined PCA was firstly applied to fMRI datasets to  
disclose independent components, which is specified as the equivalent stimulus 
response patterns in the design matrix of a GLM. Then, parameters were esti-
mated and regionally-specific statistical inferences were made about activations 
in the usual way. The validity is tested by simulation experiment. Finally, the 
fMRI data of two glioma patients is analyzed, whose results are consisting with 
the clinical estimate.  

1   Introduction 

SPM, based on the GLM, is a powerful tool for the analysis of functional mapping 
experiments [1]. To measure the magnitude of the blood-oxygenation-level-dependent 
(BOLD) signal that is task-specific, neuroimaging data at each voxel is modeled as a 
linear combination of explanatory variables plus a residual error term [2]. SPM cre-
ates images of a statistic reflecting ‘significance’. These SPMs is interpreted as spa-
tially extended statistical processes that behave according to the theory of Gaussian 
fields [3]. This enables the statistical characterization of regionally specific responses 
(e.g., using t tests or F tests). This technique makes it possible to test multiple factors 
that may contribute to the signal changes in neuroimaging data [4]. 

SPM is a model-driven and depends on some hypotheses about the data. These hy-
potheses are embodied in the design matrix of the GLM. The application of the GLM 
precedes under two assumptions: normal distribution and independence of the error 
                                                           
* Supported by NSFC#90208003, #30200059, 30470510, TRAPOYT, the 973 Project No. 

2003CB716100, Doctor training Fund of MOE, PRC, Fok Ying Tong Education Foundation 
(91041). 
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terms. Furthermore, SPM is a univariate approach, because it characterizes each voxel 
separately and performs voxel-wise statistical analyses in parallel. In neuroimaging, 
several factors can change the observed data. [4]. 

SPM offers several options to model evoked changes in signal intensities [5], in-
cluding a canonical hemodynamic response function (HRF), which can be supple-
mented with various derivatives. These basis functions are used to create regressors in 
the design matrix. The ensuing GLM is a convolution model that depends on knowing 
the form of the HRF and the stimulus functions. However, assumptions about the 
HRF are not always valid and different stimuli may elicit different kinds of hemody-
namic responses [6]. If the assumed forms of the HRF, or the stimulus functions it is 
convolved with, are incorrect or incomplete, this may result in biased estimates of the 
true response [7]. Rest is the state that in the brain when it is not engaged in specific 
goal-oriented task. So SPM is not fit for detecting activation sources when the data is 
acquired in the resting-state.   

Complementary methods, driven by the data, do not make any assumption about 
the causes of responses or the form of the HRF. They have been applied to functional 
mapping experiments in the context of principal component analysis (PCA) [8], Blind 
source separation (BSS) [9], and clustering analysis [7]. These methods emphasize the 
intrinsic structure of the data. An essential difference between these data-driven ap-
proaches and SPM is that they are multivariate approaches accounting for interactions 
among different regions or voxels [4].  

Among multivariate approaches, ICA has attracted attention recently and repre-
sents a promising approach to characterizing evoked responses [10]. ICA is capable of 
extracting multiple sources such as task-related components, cardiac and respiratory 
effects, subject movements, and noise. Two ways of the application are spatial-ICA 
[11] and temporal-ICA.  

Nevertheless, there are limitations to purely data-driven approaches. It is difficult 
to put these approaches into a statistical framework that allows one to test the activa-
tions against a desired hypothesis. Furthermore, the ICA algorithm has an inevitable 
problem: how to select the Independent Components (ICs) that describe “most rele-
vant” independent directions within the training dataset, a sorting method for ICA is 
required. This question is still open in the literature. In addition, it lacks the ability to 
assess the local or regionally-specific nature of brain responses. Recently, Dewen Hu, 
propose the unified SPM-ICA method, to analyze block stimulation fMRI data, sug-
gest that the method has a higher sensitivity than SPM analysis [4]. This approach 
successively combines independent components to construct task-related components 
and then turns to a fully hypothesis-driven approach.  

But epilepsy is characterized by transient behavioral and electro-physiologic dis-
turbances, which may or may not be associated with detectable structural lesions. In 
the localization of epileptic foci by resting fMRI, the timing of the stimuli (endoge-
nous epileptic activities) throughout the imaging series is unclear, so the method is 
proposed by Dewen Hu can not apply to the epileptic localization.  

PCA utilizing the orthogonality between signal and noise can separate the fMRI 
data into signal subspace and noise subspace. PCA results in a natural ordering of the 
vectors according to their variance, eigenvectors with highest variance are placed 
front and those with low variance are placed last. The resulting principal components 
which construct the signal subspace focalize the mass signal elicited by physiological 
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or non-physiological factors, thus it can be regarded as the pattern of activation signal. 
Furthermore, ICA has the performance of extracting multiple sources such as task-
related components, cardiac and respiratory effects. For the resting-fMRI are often 
local area activity and the signal noise ratio is higher such as many kinds of epilepsy 
demonstrate intense activation in resting-state, so we can select the components de-
rived from ICA which has tightly correlation with the resulting principal component 
as equivalent stimulus response pattern to model the resonance of equivalent explana-
tory variables. Furthermore, SPM is a fairly mature framework for neuroimaging data 
analysis and has been applied successfully in many situations. It would be nice to 
harness the inferential power of SPM to make inferences about data-led responses in a 
regionally-specific fashion [4]. With an eye to this issue, we present a united univari-
ate SPM, multivariate temporal ICA and PCA to localize the foci of glioma. In this 
method, the activation strength formula for index the cortex activity area and the 
equivalent stimulus response pattern instead of some column vectors of the SPM 
design matrix. Parameters were estimated and regionally –specific statistical infer-
ences were made about activations in the usual way.  

The method is presented in the next section, followed the simulation analysis, the 
primary application on two glioma patients in section, the final is the conclusion and 
discussion section. 

2   A Novel Unified Method 

The fMRI data are composed of functional active signals and noisy background. Let 

)(ty p  denote the fMRI measured data at voxel p , and then 
)(ty p  is:  

   )()()( tntsty ppp +=  (1)  

Where p =1… k is the index of voxel,  )(ts p  is functional activities, and )(tnp  are 

noises of each voxel. The matrix form of Eq. (1) is: 

   =y ns +         (2)  

Where y  R∈ K*N, s R∈ K*N and n  R∈ K*N, N stands for the number of 
temporal sample point, K is the number of voxel, and the subscript p is the index for 
voxel. 

We first segment the fMRI temporal signals into background signals and non-
background signals by simple thresholding. The term local area is made up of the 
calculating voxel and the 4 nearest neighbor voxels, respectively. 

2.1   Remain Step of the Novel Algorithm Are Briefly Described as Following: 

1. The delay principal component analysis for the temporal signal is performed on 
global fMRI dataset to decrease noise.  
2. Calculating activation strength at every local area according to the following  
criterion:  
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Where the symbol σ  stand for variance, the subscript k is the index for the calculat-

ing voxel, and the subscript i  is the index for every voxel. Only the activation 
strength exceed given threshold can be selected as potential activation area. 
3. The procedures of conducting local PCA (LPCA) and local ICA (LICA) on each 
local fMRI data set were performed, respectively. We select the component as the 
equivalent stimulus response patterns for it has the largest correlate coefficient with 
the first principal component  and also has large correlate coefficient with itself time-
course. We apply the FastICA algorithm to the ICA decomposition procedure. 
 4. For SPM, we used the conventional method to construct the design matrix. A box-
car stimulus function convolved with a canonical HRF was included. 
5. We applied the equivalent stimulus response patterns instead of some column vec-
tors of the design matrix. Parameters were estimated and regionally-specific statistical 
inferences were made about activations in the usual way.    

3   Simulation and Analysis  

3.1   Set the Cortical Activities and Generate Background Noise 

The rest state is characterized by an organized baseline level of activity [12] the null 
dataset representation rest state was acquired from a healthy subject who performed 
no specific task. The fMRI data are composed of baseline activity, BOLD signal and 
noisy background. Every fmri slice corresponds to a 64*64 image matrix. A stimulus 
was periodically applied on for 14s then off 14s and for total 240s. There are three 
type cortical BOLD activities, the first one as following: 1816 (24, 29), 1369 (25, 22), 
2388 (20, 38), 3632 (48, 57), the second one as following: 1754 (26, 28), 3344 (36, 
53), 875 (43, 14), 1558 (20, 25), and the third one as following: 1186 (34, 19), 1425 
(17, 23), 1557 (21, 50), 2608 (48, 41).The distribution of the twelve sources is shown 
in Fig1. Following references [13] and [14], we used passion kernel to model the 

hemodynamic response h (τ ) = ( μ τ )*e- μ / (τ !), Where μ  represents the delay 

in the response to the stimulus. In this simulation, we set μ  at 8s for the first type, 
11s for the second type, and 6s for the third type. We modeled the intensity distribu-
tion of these cortical activities by using a Gaussian distribution; its full-width at  
half-maximum was set at 0.2 cm based on the investigation reported in [15]. The 
maximum of the BOLD activities are no more than 4% of the baseline level activity. 
The standard deviation of the white noise added to each voxel has approximately 1% 
of background constant. The BOLD response curves of the 1816 (24, 29) of the cortex 
is shown in Fig.2. 
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Fig. 1. The assumed twelve sources in 
computer simulation 

Fig. 2. The time curves of source 1816 

3.2   Calculate the Activities Strength Coefficient 

In this stimulation, we calculate the activation strengthen coefficient at every local 
area as formula (3), and the activation strength one-dimension curve is shown in 
Fig.3. The two-dimension activation map is depicted in Fig.4.   

  

Fig. 3. The activation strength curve by using the novel 
criterion 

Fig. 4. The activation map obtained 
by using the novel criterion 

3.3   Calculate the LPCA and LICA 

In this simulation, these voxel whose activation strength exceed given threshold are 
considered as potential activation voxel. Several different methods for calculating 
ICA exist, such as the FastICA, the InfoMAX and the JADE algorithm. These meth-
ods differ in the optimized contrast function to achieve de-correlation. The Fast-ICA 
method is an iterative fixed-point algorithm that was developed by Hyvärinen et al. It 
is an alternative to gradient-based methods for maximizing non-Gaussianity and 
shows fast (cubic) convergence. We conducted independent decomposition and prin-
cipal decomposition on every potential activation area. Select the ICA component it 
has maximums correlation coefficient with the first principal component as the poten-
tial equivalent stimulus time course. 

Some components derived from FastICA are shown in the Fig.5. Correlation coef-
ficient curve of the principal component and the selected Independent component is 
shown in Fig.6. Then we calculate the correlation coefficient of the selected Inde-
pendent components with the voxel time course, if correlation coefficient exceed the 
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Fig. 5. Some independent components derived from the FastICA decomposition 

 

Fig. 6. The correlation coefficient curve of the principal component and the selected equivalent 
stimulus response patterns at all potential activities areas  

 

Fig. 7. The correlation coefficient curve of every equivalent stimulus response  pattern with 
itself real time curve, respectively 

threshold are consider as the equivalent stimulus time course. The correlation coeffi-
cient curves of the equivalent stimulus time course is shown in Fig.7.  

3.4   Equivalent Stimulus Response Patterns Instead of the Design Matrix and 
Analysis by SPM Software   

We applied the equivalent stimulus patterns instead of some column vectors of the 
design matrix, and then did some analysis by SPM software. The result is shown in 
figure8 and result analysis as follows: 
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Fig. 8. The SPM-ICA-PCA result map 

From the map of activation derived from SPM software, we can find that the voxel 
3344 (36, 53) and the voxel 3632 (48, 57) weren’t detected. For the two voxels signal 
noise ratio are lower than the given threshold. The total signal variance is approxi-
mately the sum of all components variance; hence we can use the variance percent of 
local area to index the ‘activation significance’. With ICA such an ordering is not 
obtained automatically. The components derived from ICA often represent independ-
ent sources including the heart beat, breathing and head motion artifacts. However, 
when brain is in the state of rest, the signals are including spontaneous low-frequency 
BOLD signal and some other noise (e.g., cardiac and respiratory effects). These 
noises except that less well understood sources such as low frequency drifts and high 
amplitude oscillations caused by pulse effects that induce localized motion of brain 
tissue are often difficult to localize into special area. If there contains fluctuation 
source, the BOLD signal is significantly stronger than noise in local area, that is the 
activation area with big signal noise ratio. So we can consider the maximal variance 
component representing the activities source which result in BOLD signal. If local 
area exists fluctuation source which contribute to functional magnetic resonance 
(fMRI) signal, PCA result in the first component representation almost activities sig-
nal which including BOLD signal. The basic idea is to concatenate the data from 
several voxels in the spatial dimension, and perform ICA to identify common activa-
tion time course. So we can consider the independent component which has the 
maximal correlation coefficient with the first principal component in identical local 
area as the fluctuation BOLD signal. By using spatial ICA in local area, we can ac-
quire the temporal pattern, the correlation coefficient curve of the selected component 
with the time course of given activities voxel and also validate that the selected com-
ponent can be equivalent stimulus response patterns of BOLD signal. The activation 
map derived from SPM can also validate the accuracy of this novel algorithm. 
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4   Application 

The fMRI data were provided by Nanjing general hospital of PLA. These whole brain 
BOLD/EPI images were acquired on a modified 2T Siemens MAGNETOM vision 
system. Each acquisition consists of 23 contiguous slice (64*64*23, 
3.75mm*3.75mm*4.00mm) voxel images. The scan to scan repeat time (RT) is set to 
2000ms (Epochs of 200 scans) The total 200 BOLD-fMRI images were acquired 
while subject was at rest with eyes closed in a period of 400s scan time. 

When processing this data, we firstly extracted data by the value larger than 200. 
By calculating the covariance matrix with 2 second time delay, then conducting SVD 

 

  

Fig. 9. Equivalent stimulus pattern Fig. 10.  Anatomy image 

The regions of interest derived from SPM, are shown as follows: 

 
Fig. 11. Depicts the results derived from SPM consist with the foci of anatomy demonstrated. 

The other example of glioma epilepsy is shown as following: 

  

Fig. 12. Equivalent stimulus pattern Fig. 13. Anatomy image 
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on the matrix and choose the first component as principle component. We can get 
local principal components and local independent component, by conducting LPCA 
and ICA on corresponding local fMRI dataset, respectively. In this algorithm, ICA 
was used as implemented by the software package Fast-ICA V.23. We extract the 
equivalent stimulus pattern by using the proposed algorithm, and it is shown in Fig.9, 
the anatomy image was shown in Fig. 10.  

Epilepsy is characterized by transient behavioral and electro-physiologic distur-
bances. Glioma is account for 40% of epileptic source. Many kinds of epilepsy, such 
as glioma, are associated with the structural lesions. Glioma is primary central nerv-
ous system tumors that arise from oligodendrocytes, astrocytes or their precursors. 
Orgnic pathologic changes often involve enhanced variation of metabolism, it lead the 
BOLD signal involves enhanced variation, so we can detect BOLD activation by 
using PCA [16] algorithm and seek the equivalent stimulus pattern, and then utilized 
the SPM (soft) to make statistic analysis. It has shown that the results derived from 
the application of our algorithm to vivo glioma fMRI data are conformed to those 
determined by the presurgical assessments. 

 
Fig. 14. Depicts the results derived from SPM consist with the foci of anatomy demonstrated 

5   Discussion and Conclusion 

A novel unified SPM-ICA-PCA algorithm is presented for activation signal detection 
of resting-state functional magnetic resonance imaging (fMRI). In this algorithm, a 
new criterion is proposed for calculating the activation strength and a novel equiva-
lent stimulus response pattern is acquired by uniting local principal component analy-
sis with local independent component analysis. By applying the equivalent stimulus 
pattern into SPM software, the activation sources of resting-state we can detect accu-
rately. Meanwhile, computer stimulation and vivo epilepsy fMRI data analysis dem-
onstrate the potential of this technique to localize foci (e.g., epilepsy) in resting-state 
fMRI. What the most important is, this paper provide the chance of utilize the novel 
algorithm to detecting activation source by using SPM soft in rest fMRI especially in 
the patients with serious brain diseases. 
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Abstract. Design IIR digital filters with arbitrary specified frequency is a 
multi-parameter optimization problem. In this paper, we employ our proposed 
method, Quantum-behaved Particle Swarm Optimization (QPSO), to solve the 
IIR digital filters design problem. QPSO, which is inspired by the fundamental 
theory of Particle Swarm Optimization and quantum mechanics, is a global 
convergent stochastic searching technique. The merits of the proposed method 
such as global convergent, robustness and rapid convergence are demonstrated 
by the experiment results on the low-pass and band-pass IIR filters. 

1   Introduction 

Digital IIR filters are widely used in the fields of automatic control, telecommunications, 
speech processing and etc. There are two main methods for IIR digital filters design [1]. 
Recently, many researchers have devoted themselves to the optimization techniques and 
proposed them for IIR digital filters design [2], [3], [4], [5]. Quantum-behaved Particle 
Swarm Optimization (QPSO), which was proposed by Sun [6], [7], is a novel algorithm 
inspired by fundamental theory of particle swarm and quantum mechanics. The algorithm 
has strong search capability and is superior to the PSO [10] and Genetic Algorithm (GA). 

The rest of the paper is organized as follows: In section 2, PSO is introduced and 
QPSO is detailed described and analyzed. Section 3 gives a brief introduction to the 
IIR digital filters and discusses how to apply QPSO in the design of IIR digital filters. 
Section 4 shows the experiment results and at last some conclusion remark is present. 

2   Quantum-Behaved Particle Swarm Optimization 

PSO, originally proposed by J.Kennedy and R.Eberhart [8], is a new global search 
technique. In PSO, each individual is treated as a volume-less particle in the D-
dimensional space, with the position and velocity of ith particle represented as 

),,,( 21 iDiii XXXX = and ),,,( 21 iDiii VVVV = . The particles move according to the following 

equation: 

)(**)(*** 2211 idgidididid XPrcXPrcVwV −+−+= ,  ididid VXX +=  (1) 
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where c1 and c2 are acceleration coefficients, r1 and r2 are two random numbers. 
Vector ),,,( 21 iDiii PPPP =  is the best previous position (the position giving the 

best fitness value) of particle i called pbest, and vector ),,,( 21 gDggg PPPP =  is the 

position of the best particle among all the particles in the population and called gbest. 
Parameter w is the inertia weight introduced to accelerate the convergence speed of 
the PSO. 

Quantum-behaved Particle Swarm Optimization, inspired by quantum mechanics, 
is a novel variant of original PSO with the following basic iteration equation, 

rand(0,1)u      ,2/)]/1ln(*)([)1( =±=+ utLptx , (2) 

where u is a random number distributed uniformly on (0,1), p is a stochastic point 
between the previous optimal position of the particle 

iP and the global best position 

gP , i.e. )/()( 2121 ϕϕϕϕ +⋅+⋅= gi PPp , where 1ϕ  and 2ϕ are random number in [0 1]. 

The value of L is calculated as |)(|**2)( txmbesttL −= β  [10], where 
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Therefore, equation (2) can be written as [10]:  

)/1ln(*|)(|*)1( utxmbestptx −±=+ β . (4) 

3   Application of QPSO to the Design of Digital IIR Filter 

The frequency response of second order IIR digital filters is  
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Let us assume that the desired amplitude response of the filter on a set of discrete 

frequencies { Miwi ,,2,1, = } is )( ijw
d eH . Now the main design problem is to 

determine the coefficients in the equation (5) so as )( ijweH approximates )( ijw
d eH as 

closely as possible. This approximation can be achieved by minimizing  
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where T
LLLL aabbaabb ],,,,,,,,[ 212121112111=φ  and gain  A0 is given as follows[1]: 
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In QPSO, the position of each particle represents the solution of the actual 
problem. Then the quality of the solution is dependent on the position of the particles. 
According to the characteristics of QPSO, the position of each particle is real-coded 
with each component representing a parameter of the designed filter. In order to 
ensure the stability of the filter, we set the same restriction to the parameters just like 
in [3], [4], [5]. 

4   Experiments and Results 

We take the same experiments in [3], [4], [5]. Each algorithm runs 100 times 
independently. The three algorithms take the same population size and iteration which 
are 50 and 500; In PSO, maximum velocity is 4; In GA, tournament selection, 
uniform crossover and uniform mutation are used and Crossover Rate=0.8, Mutation 
Rate=0.05. 

Experiments: design a low-pass and a band-pass IIR digital filter and the frequency 
response is as follows and the number of frequency sampling data is 46 and 50: 
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From Figure 1, it can be seen that the filters designed by QPSO has less ripple in 
the pass band and larger decline in the stop band. In Figure 2, it is apparent that QPSO 
can converge rapidly and get more good results than that of GA and PSO. Table 1 
shows that QPSO can generate better mean results with small variance than any other 
two algorithms, which testify the robustness of QPSO. 

 
 

 

Fig. 1. Magnitude response of Low-pass IIR 
digital filter 

Fig. 2. Convergence behaviors in design 
Low-pass IIR digital filter  
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Table 1. Comparision of the experiment results 

Filter Type Algorithm Mean Best Variance St.Dev. 
GA 0.3151 0.0204 0.1431 
PSO 0.0944 0.0264 0.1626 

Low-pass IIR 
digital filter 

QPSO 0.0079 8.6838E-5 0.0093 
GA 0.8894 0.0522 0.2285 
PSO 0.7608 0.2822 0.5313 

Band-pass IIR  
digital filter 

QPSO 0.3603 0.0118 0.1086 

5   Conclusions 

In this paper, with optimizing IIR digital filters being a multi-parameter problem, 
applying QPSO to the design of IIR digital filters has been studied. The proposed 
algorithm is global convergent, robustness and rapid convergent. From the experiment 
results it was concluded that QPSO could be efficiently used for IIR digital filter 
design and superior than GA and PSO. 
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Abstract. This paper considers the specific issues relating to finite word length 
(FWL) coefficient constraints for the case of infinite impulse response (IIR) 
digital filters.  Due to the feedback nature of recursive filters, stability issues are 
an important factor in their design and are discussed in some detail.  Some pre-
viously reported work on the optimization of FWL coefficients for IIR filters is 
also discussed.  Extensive range of filter types and structures of IIR filters and 
their optimization using genetic algorithms is investigated and reported.  Fi-
nally, comparative tests were conducted using the simple hill climber optimiza-
tion techniques for a selection of filters. 

1   Introduction 

In many examples of real-time; low power and high throughput applications, the ‘in-
finite precision’ coefficients of digital filters derived from their design have to be 
replaced by finite word length equivalents.  Simplistically, this can be achieved by 
rounding the coefficients to their specified word length.  However, such a truncation 
can result into an unpredictable frequency response that may become unacceptable.  
For this reason, optimization techniques are commonly used to derive a variant of the 
set of finite word length coefficients for near optimal design. 

The finite word length coefficient optimization of finite impulse response (FIR) 
digital filters has been previously reported [1].  In this paper we consider the case of 
infinite impulse response (IIR) digital filters.  The exact design and analysis of IIR 
filters is normally based in terms of linear systems.  However, when finite word 
length effects of quantization error and overflow are considered then the system be-
comes non-linear and it is this that causes difficulties in the analysis of fixed point 
filter implementation.  For recursive filter structures the problems of the effects of 
finite word length become more severe when compared to the non-recursive filters.  
In an extreme situation and especially for narrow band filters where the poles of the 
filter are fairly close to the unit circle, the finite word length coefficients of IIR filter 
may generate positive feedback and thus become unstable.  The finite word length 
realization of recursive IIR filters due to fixed-point hardware suffer from the same 
error effects as for non-recursive FIR filters such as; input signal quantization due to 
analogue to digital conversion, coefficient quantization, overflow errors and product 
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round-off errors.  In addition to these errors, two additional problems are caused by 
the feedback nature of the recursive filter.  These are; firstly, small-scale limit cycles 
that are oscillations caused by quantization non-linearity in the feedback loop and 
secondly, large scale limit cycles caused by fixed-point arithmetic non-linear over-
flow in the feedback loop.  Of these two problems, the first error is usually low and is 
easily tolerated but the second error can lead to large-amplitude sustained oscillations 
over the complete dynamic range of the recursive filters and so must be prevented.   

The commonly used structures for IIR digital filters are; direct, parallel and cas-
cade forms.  It is well established that a cascade of 2nd order sections is much less 
sensitive to coefficient quantization effects and its impact on stability of the filter, 
especially when compared to direct form implementation [2], [3].  Proper ordering 
and matching of poles and zeros in each section of the cascade and their scaling fur-
ther ensures reduced coefficient sensitivity [4], [5].  Other structures that can be used 
for IIR filter realization are: state-variable [6], lattice [7] and the wave digital filter 
[8].  Generally, as the filter structure becomes more complex then a larger part of the 
process of filtering is carried by the structure itself placing less load on the coeffi-
cients.  Thus, more complex structures such as lattice and wave digital filters, are 
capable of operating to a required response, with greatly reduced coefficient word 
lengths.  However, in terms of coefficient sensitivity, the 2nd order cascade has been 
shown to perform well even when compared to parallel and wave digital filter struc-
ture for a number of designs [9].  Hence, in this study, 2nd order cascades are used due 
to their simplicity of filtering algorithms and ease of performing stability tests. 

2   Optimization and Stability Issues in IIR Filter Design 

In a recursive digital filter the output is a linear combination of past and present inputs 
and past outputs.  The difference equation representation is of the form 

 ∑
=

−−∑
=

−=
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1m
m)y(nma
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0m
m)x(nmby(n)                                            (1) 
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∑
=

−+

∑
=

−

=
N

1m

m
zma1

M

0m

m
zmb

H(z)                                                     (2)             

The coefficients bm and am of the filter transfer function H(z) of eqn. (2) are ob-
tained in a high precision form through the initial design stage of the IIR filter such 
that the stipulated filter specifications are satisfied.  For real-time realization of such 
filters using fixed-point devices, then errors arise in a number of ways that could 
degrade the performance of the filter and in extreme situations make an otherwise 
stable filter to become unstable. 

Appropriate scaling of the inputs to the adders such that the outputs are kept low 
can prevent the large-scale limit cycles.  This can lead to a reduction of the signal-to-
noise ratio (SNR) of the system.  It is thus important to select an appropriate scaling 
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factor for a given structure to prevent overflow while at the same time preserving the 
best possible SNR.  There are three commonly used methods for determining a suit-
able scaling factor and are referred to as the L1, L2 and L∞ norms [10]. 

The issue concerning coefficient sensitivity and filter stability has been analyzed 
by considering the extent to which the pole positions change as a result of changes in 
the coefficient am [3], [11].  Some of the important deductions of the analysis are 

• The filter is most sensitive to the last coefficient aN. 
• Moving the poles closer to the unit circle increases the sensitivity of the pole 

location to the variation of a coefficient. 
• Coefficient sensitivity increases when the poles are close together. 

For high order filters, the poles are normally clustered together in the pass band, so 
in order to reduce sensitivity a cascade structure of several lower order sections is 
recommended.  This leads to the preference for using a cascade of 2nd order section.   
By factoring the rational transfer function of eqn. (2), the cascade 2nd order transfer 
function can be written as 

 ∏
++
++=

=

L

1k
2-

 2k
1- 1k0k

2- 2k
1- 1k0k

zazaa

zbzbb
H(z)                                            (3) 

where L is the number of cascade sections. 
There are many different cascade structures possible depending on the ordering of 

Hk(z) blocks and also on different pairings of the poles and zeros.  This flexibility of 
structural leniency allows for a choice of filter realizations that may be used to reduce 
coefficient quantization dependency.  For reduced coefficient sensitivity, a specific 
2nd order cascade design procedure is described in [5].  Some important considera-
tions in the ordering of the cascade sections are 

• Match the poles closest to the z-plane unit circle with the zeros closest to 
those poles. 

• Match the remaining poles to zeros similarly, moving towards the origin of 
the unit circle. 

• The section with poles closest to the unit circle is ordered as the last section 
of the cascade preceded by other pole/zero pairing sections according to the 
distance of the poles from the unit circle. 

The 3rd condition given above is based on the assumption that the following scaling 
of the sections in the cascade is applied i.e. 

 Max ∏
=

N

1i
i(z)H   <   1   N=1,….., L-1  (4) 

The scaling property of equ. (4) generates maximum peaking of the magnitude re-
sponse of the section with poles closest to the unit circle.  The ordering rule, there-
fore, is to start with sections that are least peaked and move towards the most peaked. 

The Matlab Signal Processing toolbox provides a function tf2sos (transfer function 
to second order section convert) that can be used to generate second order sections 
that are ordered according to the above rules based on appropriate optimum pole-zero 
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pairing.  This function generates a matrix sos containing the coefficients of each 
second order section of the equivalent transfer function H(z).   

3   GA Optimization of IIR Digital Filters 

Genetic algorithms are a useful tool in the optimization of finite word-length con-
strained coefficients for realization of IIR digital filters.  Some examples of GA opti-
mization applied to the IIR filter design problems have been reported in literature.  
Wilson and Macleod [12] consider a cascade form design of IIR filters.  A simple GA 
is applied in order to find a compromise solution to the frequency response error and 
adder cost.  In addition, stability and minimum phase is guaranteed by analyzing the 
genes and identifying positions of poles and zeros.  If the root is outside the unit circle 
then this is moved by multiplication with an all pass filter.  Quantizing the coeffi-
cients then follows this procedure.  This step is a restriction to direct optimization of 
the realizable IIR filter.  Harris and Ifeachor [13] have considered an automated de-
sign procedure for IIR filters.  This work considers a hybrid GA approach that opti-
mizes second order cascade sections of IIR filters in terms of pole-zero positions on 
the z-plane.  The GA culminates when an appropriate filter is located within specified 
bounds of maximum pass-band ripple and minimum stop band attenuation.  The sta-
bility criterion of the stability triangle is used to return unstable solutions with low 
fitness function.  A multiple objective fitness function includes a weighted component 
of round-off noise due to the ordering of the second order sections and the frequency 
response of the filter.  This combination allows a compromise solution to be found 
based on the two variables that can be controlled by the design specifications. Arslan 
and Horrocks [14] have reported other work in this field.  Again, second order sec-
tions are considered here, using real-valued coefficients that are arranged in a con-
catenated form represented by a string of cascade stages.  The frequency response 
template is specified within minimum and maximum limits and the overall fitness is 
evaluated as a function of the deviation from the exact design frequency response of 
the filter.  Stability checks are also conducted based on the stability triangle.  

The main advantage of the work covered here and reported in this study is that the 
complete process for design and optimization is Matlab based and can be executed 
sequentially by selecting the appropriate choice of the filter design and the optimization 
parameters.  This option offers flexibility of design using the standard Matlab Signal 
Processing toolbox functions that include issues about scaling, pole-zero pairing and 
ordering of the second-order sections.  The GA used in this work is a Matlab Toolbox 
developed by Chipperfield et al [15].  This toolbox was originally developed for Control 
Systems applications and has been adapted for IIR digital filter optimization.  The main 
GA functions such as ranking, crossover and reinsert were used without any change and 
new m-file function for calculating the fitness function was written. 

Such a Matlab based integral approach to the initial design of the IIR filter and 
subsequent GA optimization makes this procedure flexible to obtaining quantifiable 
metrics for a number of design specifications.  For example, the Matlab function 
tf2sos converts the high order rational transfer function H(z) into its second order 
sections in a cascade.  The pole-zero ordering in the default option ‘UP’ is such that 
the first row of the matrix sos of equ. (5) will contain poles closest to the origin and 
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the last row will contain poles closest to the unit circle.  This option allows for mini-
mum coefficient sensitivity due to quantization.  The ‘SCALE’ option of the tf2sos 
function specifies the desired scaling of the gain and the numerator coefficients of all 
the second order sections in the cascade.  The ‘SCALE’ options available are the L2-
norm, L∞-norm and no scaling.  A combination of the default ‘UP’ ordering of pole-
zero pairs and L∞-norm scaling minimizes the probability of overflow error in the 
realization of the IIR filter. 

The complete process of optimization is achieved in a single stage implementation 
using a single frequency response template of the exact magnitude response.  The 
magnitude error function is calculated using the following 

 mag_error = ∑
=

L

1i
iei H - H                                                        (6) 

where, Hei = Magnitude response of the exact (i.e. high precision coefficient) filter at 
frequency ‘i’ and Hi = Magnitude response of the test filter at frequency ‘i’ 
    The phase error function is similarly calculated using the phase response of the 
filter.  The object function value that must be minimized is evaluated using  

  Obj_Val = mag_error + W  phase_error                                     (7) 

where W = weighting fraction. 
The percentage error between the exact and the best optimized magnitude response 

is calculated using the following 

 % mag_error =  
∑

∑
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=
L

1i
ei

L

1i
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H

H - H
 100                                                   (8) 

4   Test IIR Filters and GA Optimization Results 

A number of example IIR filters were used to test the robustness of the GA optimiza-
tion code.  The filters are tested for the direct form format and the second-order cas-
cade form for a number of different types, order and number of bits.  Table 1 shows 
the different types of filters used i.e. A-type is a low pass filter with cut-off frequency 
Wn = 0.5π, B-type is a band pass filter with cut-off frequencies Wn = [0.3π   0.7π] 
and C-type is high pass filter with cut-off frequency Wn = 0.6π.  Each of these filters 
was tested for 4th, 6th and 8th order using 5, 8 and 12 bits in each case.  Further distinc-
tion of filters used were to test for minimal phase and non-minimal phase in the case 
of direct form filters and for the second order cascade form the case of ‘Infinity norm’ 
and ‘No norm’ options were both used.  The GA specifications used are 
  

 Population size (Nind) =120 
 Maximum number of generations =20 
 Weighting fraction (W) = 0.001 
 Number of frequency points (L) = 500 
 Generation gap (GGAP) = 0.8 
 Insertion rate (INSR) = 1 
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Table 1. Set of IIR Filter Specifications Note that the ‘ellip’ function of Matlab specifies cut-
off frequencies Wn between 0 and 1 where 1 is the Nyquist frequency 

Filter Wn 
A: range (low pass) 

Pass band ripple: 
Stop band attenuation: 

0.5 
1 dB 
40 dB 

B: range (band pass) 
Pass band ripple: 

Stop band attenuation: 

[0.3  0.7] 
1 dB 
40 dB 

C: range (high pass) 
Pass band ripple: 

Stop band attenuation: 

0.6 
1 dB 
40 dB 

The results for direct form and 2nd order cascade form structure GA optimization of 
IIR filters for various types, order and number of bits used are comprehensively cov-
ered in [16].  Some examples of the GA optimized response for a selection of filters 
are shown in Figs. 1-6. 

5   Simple Hill Climber Techniques and Exhaustive Search 

To test the robustness and accuracy of the GA optimized results, the methods of sim-
ple hill climber algorithms such as the steepest ascent (SAHC) and the nearest ascent 
(NAHC) were applied to a selection of filters shown in Table 1 for the second-order 
cascade form structure of IIR filters.  A flow chart for the hill climber algorithm used 
in this work is shown in [1].  Random sampling tests for the search space as used for 
the GA optimization were also conducted.  Furthermore, for a selection of low order 
filters, an exhaustive search was conducted over a matching search space. 

An important observation for the application of hill climber algorithms is that the 
search space for optimization can extend beyond the range of +1 or -1 of the rounded 
values for each coefficient.  This outcome is implicit in the evolutionary nature of the 
algorithms since mutation of the coefficient value occurs for each iteration. In this 
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Fig. 1. Magnitude and phase response of a 4th order direct form low-pass filter using 5 bit 
coefficients and non-minimal phase 
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Fig. 2. Magnitude response of a 4th order direct form high-pass filter (a) and a 6th order direct 
form band pass filter (b) using 5 bit coefficients 
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Fig. 3. Magnitude response percentage error against number of bits of a 6th order direct form 
low-pass filter and non-minimal phase 
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Fig. 4. Magnitude and phase response of a second order cascade form 4th order low-pass filter 
using 5 bit coefficients and Infinity norm 
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respect, there is a subtle difference when compared with the GA optimization because 
the search space for GA is confined to +1 and -1 of the rounded coefficient values for 
the results obtained in this study. 
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Fig. 5. (a) Magnitude response of a second order cascade form 8th order high-pass filter using 8 
bit coefficients. (b) Magnitude response of a second order cascade form 6th order band-pass 
filter using 5 bit coefficients. 
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Fig. 6. Magnitude response percentage error against number of bits of a second order cascade 
form 8th order high-pass filter with ‘None’ norm 

The hill climbers are thus subjected to a wider search space that may or may not 
be advantageous to the optimization process.  The results of SAHC, NAHC, the 
random sampling and exhaustive search for a selection of the IIR filters are shown 
in Table 2.  The results shown with an asterisk (*) are the ones for which the search 
space has deviated greater than +1 or -1 of the rounded coefficient values. Note also 
that the exhaustive search was confined to deviation of +1, 0 or –1 of the rounded 
coefficients. 
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Table 2.  GA and hill climber optimization results of summed magnitude error of equ. (6) over 
500 frequency points for second order cascade form IIR filters.       

Filter  Exh. Sch Random SAHC NAHC GA 
1) NN/SOS/LP4/5 6.1447 6.1447 9.3285 30.3495 6.1447 
2) NN/SOS/LP4/8 0.9172 0.9253 0.8200* 2.2104 0.9172 
3) IN/SOS/LP4/8 0.7966 0.7966 0.8812* 1.7215* 1.0973 
4) IN/SOS/HP4/5 9.2286 11.5684 11.0276 21.6502 10.3195 
5) NN/SOS/HP4/8 1.1778 1.4768 1.0779* 3.9608* 1.4458 
6) NN/SOS/BP4/5 14.9344 22.0861 14.9344 52.2511 14.9344 
7) IN/SOS/BP4/8 3.1483 3.1483 3.2204 5.0610 3.1483 

Exh. Sch = Exhaustive search; Randon=random sample; SAHC=steepest ascent hill climber 
NAHC=nearest ascent hill climber 
* indicates search space exceeded +1 and/or –1 variation of rounded coefficient values 
NN= ‘none’ norm, IN= ‘infinity’ norm, LP4/5= ‘low’ pass 4th order using 5 bits 

6   Discussion of Results and Conclusions 

As no quantifiable metrics for the example form and structure of IIR filters and their 
FWL optimized coefficients are available in literature, an extensive range of such 
filters have been arbitrarily selected and used in this study.  These cover both the 
direct form and the second order cascade form structures.  An investigation of GA 
optimization for each type of the test filters was conducted and a selection of opti-
mized frequency responses is reported.  It must be recognized that for stability of IIR 
filters, all poles of the transfer function must lie inside the unit circle of the ‘z’ plane.  
This condition is embedded in the GA optimization code thus leading to results that 
assure stable filter design.  The GA optimization was conducted for the case of mini-
mum phase (MP) and non-minimum phase (NMP) conditions of IIR direct form fil-
ters in case of the example filter specifications.  The results of GA optimization show 
a significant improvement over the simply rounded coefficient values.   

Further tests were conducted on a selection of IIR filters of the second order cas-
cade form structures using the simple hill climber techniques, random sampling and 
exhaustive search.  The results of these tests are shown in Table 2.  Once again, the 
GA optimized results are seen to be consistently good.  However, for some filters 
such as the Filter2: NN/SOS/LP4/8, Filter3: IN/SOS/LP4/8 and the Filter 5: 
NN/SOS/HP4/8, the steepest ascent hill climber method has generated superior re-
sults.  This is significant since the search space for these algorithms can intrinsically 
extend beyond the +1 and/or –1 of the rounded coefficient values.  The GA search 
space, however, is restricted to +1 or –1 of the rounded coefficients.  This offers 
credibility to the simple hill climber technique and complements the GA optimization 
to search for superior solutions for the application considered here. 
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Abstract. The key frame technology is one of the most important technologies 
in the computer animation. All the researchers in the key frame algorithm are 
mainly focusing on the Euclidean object, without considering the fractal object. 
Fractal geometry can describe many irregularly shaped objects or spatially non-
uniform phenomena in nature that cannot be accommodated by Euclidean ge-
ometry. In addition, the fractal objects in nature are almost colorful. Therefore, 
a computer aided inbetweening algorithm for color fractal graphics is presented 
in this paper. Our study shows that the fractal idea can be effectively applied in 
the key frame animation. The main feature of our algorithm is that it can deal 
with a fractal object while the conventional algorithm cannot. The theoretical 
and experimental results presented in this paper show that our algorithm has 
many practical values that can improve the efficiency of animation production 
and simultaneously greatly reduce the cost. 

1   Introduction 

Inbetweening is an important process in traditional 2D animation, where animators 
draw a sequence of key frames firstly, and then assistant animators draw in-between 
frames correspondingly. During this process animators use their experience and se-
mantic knowledge of nature of objects and their motion. Usually a huge number of 
in-betweens have to be drawn manually during the generation for the animation. 
However, an automatic inbetweening system could cut down significant amount of 
time and labor. Automatic inbetweening is one of the main focuses in computer as-
sisted animation as inbetweening process is traditionally time-consuming and labor-
intensive in the production of cartoon animation. One strength of key frame animation 
techniques is the analogy to conventional hand animation techniques, simplifying the 
transition when a classically trained animator adapts to using computers. For the time 
being, all the researchers in the key frame algorithm are mainly focusing on the 
Euclidean object, without considering the fractal object. In fact, Mandelbrot [1] has 
shown that mountains, clouds, aggregates, galaxy clusters, and other natural phenom-
ena are similarly fractal in nature, and fractal geometry's application in the sciences 
has become a rapidly expanding field. Fractals are used especially in computer model-
ing of irregular patterns and structures in nature. Fractals are not relegated exclusively 
to the realm of mathematics. If the definition is broadened a bit, such objects can be 
found virtually everywhere in the natural world.  
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2   Related Work 

The key frame technology is one of the most important technologies in the computer 
animation. Xiaogang et al. [2] only studied the Euclid objects among the computer 
aided inbetweening algorithms. Seah and Feng [3] proposed a method based upon 
using both distance vector estimation and segmentation of images in regions. Fekete 
et al. [4] presented an approach to the whole vectorized drawing process by providing 
an interface for a paperless system. Kort [5] offered an interactive model for auto 
inbetweening with a possible solution for “undetectable” parts. Rademacher [6] pro-
posed a solution for viewer-dependent geometry for characters already modeled in 
three dimensions. Except for the 2D and 3D animation techniques, there is also a  2.5 
D technique [7]. In [8], we put forward a key frame algorithm by meshing a three-
dimension object. 

However, all of the key frame approaches above are unable to deal with the fractal 
objects which can only be described by fractal geometry, because they strongly de-
pend on the underlying geometric model which can only be described by conventional 
Euclidean geometry. The conceptual roots of fractals can be traced to the attempts to 
measure the size of objects for which traditional definitions based on Euclidean ge-
ometry or calculus failed. Thus, the objects of the key frame animation should not be 
restricted to Euclidean objects. In addition, all of the fractal objects in nature are al-
most colorful and the beauty of fractals has made them a key element in computer 
graphics. Therefore, in this paper, a new computer aided inbetweening algorithm for 
color fractal graphics is presented.  

The remainder of this paper is organized as follows: In section 3, some preliminar-
ies used in our algorithm are reintroduced. We present a novel fractal-based animation 
for color fractal graphics in section 4. Then, a computer aided inbetweening algorithm 
for color fractal graphics is put forward in section 5. Next, we test our algorithm with 
the Matlab 6.5 software and analyze experimental results in section 6. Finally, in 
section 7, we conclude our work and discuss the future work. 

3   Preliminaries 

In this section, the first three theorems which have been introduced in [9] are repre-
sented, since this study is highly depends on them in designing our new algorithm. 
The fourth theorem, which we put forward in this paper, can guarantee that each in-
between is still a fractal during the inbeweening. 

Theorem 1. Suppose an affine transformation 2 2:W R R→  is a similitude as 

( )W x Ax t= + .If and only if ( ) 1Aρ < , the transformation W  is contractive, 

where ( )Aρ  denotes the spectrum radius of the matrix A . 

Theorem 2. Suppose ( , )X d is the metric space and 0 1 2{ ;( ), , ,..., }NX W W W W  is an 

IFS, the contractive factor :max{ 0,1,..., }ns s n N= = , if each nW  continuously  

depends on the parameter p P∈ , then the attractor ( ) ( )A p X∈Φ  continuously 
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depends on p P∈ according to the Hausdorf measure ( )h d , where P  is the metric 

space and ( )XΦ  is the set of all non-empty, compact subsets of X  . 

Theorem 2 shows that the attractor can be continuously controlled by adjusting some 
parameters of the transformation.  

Theorem 3. Suppose { }; , 1, 2,...,iX i nω =  is an IFS and its attractor is A .If 

= .k l mω ω ω ( , , {1,2,...,n})k l m∈ , then the attractor of  { }; , 1,2,..., ,iX i n i kω = ≠  is 

still A . 

Theorem 3 can increase or decrease the number of the contractive mapping sets, but 
the attractor remains invariant. 

Theorem 4. Suppose the corresponding affine transformation matrix of the contrac-
tive mapping sets , 1, 2,...,=iW i m  and , 1, 2,...,ψ =j j n  is A and B  respectively, 

then the united matrix  (1 ( )) ( )= − × + ×M f t A f t B  is also a contractive matrix, 

where ( ) [0,1]∈f t and [0,1]∈t . 

Proof 
(1) If ( ) 0=f t  or ( ) 1=f t , then M equals A or B , obviously M is a contractive 

matrix. 
(2) If ( ) (0,1)∈f t , then (1 ( )) (0,1)− ∈f t , since both A and B  are the contractive 

matrix, according to the theorem 1, we know 0 ( ) 1ρ< <A   and 0 ( ) 1ρ< <B , 

therefore lim 0
→∞

=n

n
A  and lim 0

→∞
=n

n
B .Then according to the binomial expand  

theorem, we know lim lim((1 ( ) ) ( ) )
→∞ →∞

= − × + ×n n

n n
M f t A f t B , 

1

lim lim (1 ( ) ) ( ( ) ) 0−

→∞ →∞ =
= − × × =∑

n
n r n r r

nn n
r

M C f t A f t B . So 0 ( ) 1ρ< <M , i.e. M  

is also a contractive matrix. 

Theorem 4 guarantees that each in-between is still a fractal. 

4   Fractal-Based Animation for Color Fractal Graphics 

The essence of the inbetweening problem is determining the correspondences be-
tween the key frames. In a simplified view, inbetweening is the process of generating 
all the frames of a motion sequence given its start and end key frames.  

The basic idea of IFS is that a fractal is a shape made of parts similar to the whole 
in some way [1]. It is the self-similarity that makes it possible to generate a graphic by 
the iteration. From the start of one point or a simple geometric graphic, a complex 
graphic can be produced by the iteration according to some regulars. At last, the ac-
quired target point sets have nothing with the initial given point and it only depends 
on the regulars of the iteration.  
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In the traditional key frame algorithms, the research object is the Euclidean object. 
The basic ideas in these traditional algorithms are consistent. Initially, there are three 
steps in the key frame process: the matching mapping, the interpolation of the ver-
texes, and the rendering method. However, these traditional algorithms don’t fit for 
the fractal object, because in the fractal geometry the point, the line, and the surface 
of an object are treated as a whole, not as a part. 

As for the fractal-based key frame algorithm for color objects, there are three main 
problems which need to be solved: First, the corresponding principles of the contrac-
tive mappings, i.e., how to correspond each of the contractive maps between the start 
and the end key frame. Second, the corresponding principles of the probabilities, i.e., 
how to correspond each of the probabilities between the start and the end key frame. 
Third, the corresponding principles of the colors.   

With regard to these three problems, a relatively good solution is presented in the 
following section 5. 

5   The Description of Our Algorithm for Color Fractal Graphics 

As a start point to describe our algorithm, we first introduce the interpolation function 
and the corresponding principle, which are the core part of our algorithm. 

5.1   Interpolation Function 

The interpolation function is an important function in producing the in-betweens. 
Therefore, it is essential to select an appropriate interpolation function to obtain high 
quality animation. In practice, we choose interpolation function f(t) which makes the 
in-between function G(t) meet G(t)=(1-f(t))*Gb+f(t)*Ge=Gb+(Ge-Gb)*f(t) where the 
function f (t) meets the these properties: f(0)=0, f(1)=1, 0≤f(t)≤1, 0≤t≤1. 

Among this kind of interpolation functions f (t), t is a pace factor controlling in-
between interpolation. As long as the selected function meets the above conditions, 
the generated in-betweens will not have dramatic distortion.  

5.2   Principium of Selecting the Corresponding Principle 

Three corresponding principles about contractive affine transformations, probabilities, 
and colors of the start key frame and the end key frame are used in our algorithm. 
Firstly, if the number of the contractive mapping between the start and the target ob-
ject is not equal, then by using theorem 3 we can increase or decrease the number 
until they are equal. Secondly, we normalize the probability for the start or the end 
key frame. Thirdly, according to the value of probabilities which are arranged in the 
degressive order, we can rearrange the subscript of all the contractive mappings and 
its corresponding color mappings in the ascending order for Gb and Ge respectively. 
Herein we can guarantee that the subscription of the contractive mapping and its cor-
responding color mapping is minimal whereas its probability used is maximal, and 
vice versa. Finally, according to the order of the subscription of the contractive map-
ping or its corresponding color mapping (degressive or ascending), the global map-
ping between Gb and Ge can correspond one by one. 
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On the contrary, if we don’t adopt this kind of corresponding principles, we might 
as well suppose the number of the contractive mapping between the start and the 
target object is equal. Firstly, according to the value of probabilities which are ar-
ranged in the degressive order, we can rearrange the subscript of all the contractive 
mappings and its corresponding color mappings in the degressive order for Gb but in 
the ascending order for Ge respectively. Secondly, according to the order of the sub-
scription of the contractive mapping or its corresponding color mapping (degressive 
or ascending), the whole mapping between Gb and Ge can correspond one by one. 
Finally, compute k k k(1-f(t))+ f(t)P p q= and (1 ( )) * ( ) *k k kM f t B f t E= − +  . Later on, 

it can lead to such fact that the contractive mapping whose probability is maximal (or 
minimal) before inbetweening is not maximum (or minimum) during inbetweening. 
As a result, the speed of each generating branch of the in-between is not greatly un-
even, because the point generated by a mapping with a bigger probability should have 
been denser, but now it is sparser because of using this kind of corresponding princi-
ples ,and vice versa. Therefore, according to such principles, the density contrast of 
the generated points on the fractal graphic must be very obvious, because the points in 
large area should have been produced, but now they have no opportunity to be pro-
duced, and vice versa. 

In short, for contractive mapping whose total number is m, there are m! arrange-
ment methods. The degressive order is used for the arrangement of probabilities in 
our algorithm. The other m!-1 arrangement methods may also be used, but just as 
what we have analyzed above, other arrangement methods can not guarantee the gen-
erated points on a fractal graphic are even. For this reason, the corresponding princi-
ple put forward in the paper is obviously better than the rest. 

5.3   The Steps of Our New Algorithm for Color Fractal Graphics 

Without loss of generality, we will assume that inbetweening takes place over the 
interval of time [0, 1]. In practice, N denotes the number of control frames that are 
used to generate a motion sequence. 

In fractal geometry, we might as well suppose the start and end key frame are Gb 
and Ge respectively and their contractive affine transformations are 

, 1, 2,..., ( 2)iW i m m= ≥  and , 1,2,..., ( 2)j j n nψ = ≥ , the probability used by each 

transformation is ip and jq  respectively, and color used by  each transformation 

is iB and jE  respectively. In this paper, the color is denoted by RGB system and 

let , ,i i i iB r g b⎡ ⎤= ⎣ ⎦ and , ,j j j jE r g b⎡ ⎤= ⎣ ⎦ , where , ,i i ir g b and , ,j j jr g b  are defined in 

the interval of [0,255]. 
Suppose the contractive mapping sets for Gb and Ge are: 

ii i

i i i

ea b

c d f
i

x x
W

y y

⎡ ⎤ ⎡ ⎤⎡ ⎤ ⎡ ⎤
= +⎢ ⎥ ⎢ ⎥⎢ ⎥ ⎢ ⎥

⎣ ⎦ ⎣ ⎦⎣ ⎦ ⎣ ⎦
 and 

j j j

j j j

a b e

c d f
j

x x

y y
ψ ⎡ ⎤ ⎡ ⎤ ⎡ ⎤ ⎡ ⎤

= +⎢ ⎥ ⎢ ⎥ ⎢ ⎥ ⎢ ⎥
⎣ ⎦ ⎣ ⎦ ⎣ ⎦ ⎣ ⎦

 respectively. 

By the formula M= (1-f (t)) Gb+ f (t) Ge, where f (t) is the interpolation function, 
we can get the united contractive mapping sets which are used to generate the in-
betweens: 
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i ji j i j

i j i j i j

e(1-f(t))+ef(t)a(1-f(t))+af(t) b(1-f(t))+bf(t)

c(1-f(t))+cf(t) d(1-f(t))+df(t) f(1-f(t))+ff(t)

x x

y y
η

⎡ ⎤ ⎡ ⎤⎡ ⎤ ⎡ ⎤
= +⎢ ⎥ ⎢ ⎥⎢ ⎥ ⎢ ⎥

⎣ ⎦ ⎣ ⎦⎣ ⎦ ⎣ ⎦
 

The start key frame and the end key frame are given beforehand in our algorithm; 
we only use their IFS codes to generate the in-bewteens. The following steps describe 
our computer aided inbetweening algorithm for color fractal graphics.  

Step 1. While m≠n, we might as well suppose m<n. According to theorem 3, then 
we can select a iω  whose probability is maximum among ip  , let 

1m i iω ω ω+ = × , 1m i ip p p+ = × , 1 *m iB Bλ+ = , then add them to 

, , ;{ 1,2,..., ( 2)}i i iW p B i m m= ≥ . Then we can get a new contractive mapping 

set , , ;{ 1,2,..., 1( 2)}i i iW p B i m m= + ≥ , where λ is a scale coefficient for color and  

( )0,1λ∈  . 

Step 2. m=m+1, go to Step 1;  

Step 3. To normalize ip of Gb make
1

1
n

i

i

p
=

=Σ ;  

Step 4. Herein, m＝n, i.e., the contractive mapping sets between Gb and Ge can cor-
respond one by one. Then according to the value of probabilities which are arranged 
in the degressive order, we can rearrange the subscript of all the contractive mappings 
and color mappings in the ascending order for Gb and Ge respectively. After rearrang-
ing them, suppose that the new contractive mappings of Gb and Ge is kW  and ψ k  

respectively, and the new color mappings of Gb and Ge is kB  and kE  respectively 
,where 1, 2, ..., max( , )=k m n . 

Step 5. For any given initial point, according to the number of the given in-
betweens N and the interpolation function f(t), we can have the middle interpolation 
formula expression: M=(1-f(t))Gb+f(t)Ge, then the contractive mapping sets corre-
sponding to the M are: 

k kk k k k

k k k k k k

e (1-f(t))+e f(t)a (1-f(t))+a f(t) b (1-f(t))+b f(t)

c (1-f(t))+c f(t) d (1-f(t))+d f(t) f (1-f(t))+f f(t)

x x
k

y y
η ⎡ ⎤ ⎡ ⎤⎡ ⎤ ⎡ ⎤

= +⎢ ⎥ ⎢ ⎥⎢ ⎥ ⎢ ⎥
⎣ ⎦ ⎣ ⎦⎣ ⎦ ⎣ ⎦

 

Moreover, the probability and the color are given as k k k(1-f(t))+ f(t)P p q= , 

(1 ( )) * ( ) *k k kM f t B f t E= − +  respectively, where 1,2,...,max( , )k m n= . Herein, we 

acquire the united IFS codes, which are used to generate the in-betweens.  
Step 6. While i=1, 2, 3… N-1, execute the following two steps repeatedly:  

① The in-between M= (1-f (t)) Gb+ f (t) Ge can be generated by IFS, where t=i/N; 
② Save the last in-between.  

    In the following section 6, we discuss and analyze the results of testing our algo-
rithm with the Matlab 6.5 software. Then, we compare the main features between our 
key frame algorithm and the traditional key frame algorithm.  
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6   Experimental Result and Analysis of Our Algorithm for Color 
Fractal Graphics 

Here, in this section, we first analyze the experimental result and then summarize the 
characteristics of our algorithm.  

6.1   Analysis of the Result  

Since a Barnsley leaf is a classic fractal object, the start key frame (Fig. 1 (a)) we 
have selected is a Barnsley leaf and the end key frame (Fig. 1 (f)) is also a Barnsley 
leaf whereas it has been swung by the wind.  

    
       (a)the start key frame       (b)the 15th                    (c) the 25th                 (d) the 40th 

    
       (e) the 60th             (f) the 75th               (g) the 85th          (h) the end key frame 

Fig. 1. The generation of the in-betweens 

By testing our algorithm with the Matlab 6.5 software which we have used as a test 
tool, we have succeeded in implementing the algorithm to realize 99 in-betweens 
between the start and the end key frame on a Pentium IV 2.4 GHz PC. Figure 1 shows 
inbetweening examples. We have selected only 8 (including Fig. 1 (a) and Fig. 1 (h)) 
out of 99 in-betweens.  

It can be seen from the Figure 1 that the animation generated according to this 
method has the sense of reality and the beauty of artistic conception which is relatively 
satisfying. The experimental result shows that each of the in-betweens is a fractal, and 
that the animation generated according to our method is smooth, natural, and fluent. 

6.2   The Characteristics of Our Algorithm 

The color objects in nature can be classified into two types. One is the color Euclid 
objects; the other is the color Fractal objects. In the key frame animation, the former 
has been widely studied by both national and international researchers [2-8]. How-
ever, the latter has been neglected. Just as what we have said before, there are many 
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color fractal objects in the nature, which the traditional Euclid-based algorithm cannot 
deal with. Therefore, as a new fractal-based algorithm for the key frame animation, 
the characteristic of our algorithm is distinctly different from the Euclid-based algo-
rithm. The following are the main differences between two types of the algorithm. 

First of all, the study object is different. Our fractal-based algorithm can deal with 
the fractal object while the traditional Euclid-based algorithm can not do. Since fractal 
geometry is an alogical architecture based on iterations or recursion, our algorithm is 
mainly appropriate for the description of the natural objects. But since Euclid geome-
try is a logical architecture based on axioms, the traditional Euclid-based algorithm is 
mainly appropriate for the description of the man-made objects. 

Secondly, although there are all the three main problems needed to be solved, the 
essence of the problems is greatly different. For our new fractal-based algorithm, the 
three problems are: First, the corresponding principles of the contractive mappings. 
Second, the corresponding principles of the probabilities. Third, the corresponding 
principles of the colors. But for the traditional Euclid-based algorithm, the three prob-
lems are: First, the matching mapping, i.e., which parts or points of the start key 
frame should be mapped or transformed into which parts or points of the end key 
frame. Second, the interpolation of the vertexes, i.e., once these correspondences have 
been established, their trajectories and transformations through time must be deter-
mined. Third, the rendering method, i.e., how the in-betweens is to be rendered. 

Thirdly, the prerequisite for them is different. The prerequisite for our new fractal-
based algorithm is that the acquisition of the IFS codes of an object is a requirement. 
However, for the traditional Euclid-based algorithm, the prerequisite is that the acquisi-
tion of the vertex coordinates or the formulary expression of an object is a requirement. 

Fourthly, the dimension number for the fractal object and Euclid object is quite dif-
ferent. A characteristic of a fractal is a mathematical parameter called fractal dimen-
sion. Conventional geometry is concerned with regular shapes and whole-number 
dimensions, such as lines (one-dimensional) and cones (three-dimensional), while 
fractal geometry deals with shapes found in nature that have non-integer, or fractal 
dimensions. 

Fifthly, the way, by which the point, the line, and the surface are treated, is dis-
tinctly different. In our new fractal-based algorithm, they are treated as a whole, but in 
the Euclid-based algorithm, they are treated as a part.  

By summarizing and contrasting our new fractal-based algorithm and the tradi-
tional Euclid-based algorithm, it can be seen that our algorithm can deal with the 
fractal object while the conventional algorithm cannot, and that the fractal idea can be 
effectively applied in the key frame animation. 

7   Conclusions and Future Work 

In this paper, a computer aided inbetweening algorithm for color fractal graphics is 
presented. Our study shows that the fractal idea can be effectively applied in the key 
frame animation. The main feature of our algorithm is that it can deal with a fractal 
object while the conventional algorithm cannot. There are three main problem needed 
to be solved in our algorithm. A relatively good solution to the corresponding princi-
ples of the contractive affine transformation, colors, and the probabilities between the  
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start and the end key frame is put forward. The theoretical and experimental results 
demonstrate that the animation generated according to our algorithm is smooth, natu-
ral, and fluent. In addition, our algorithm has the merits of stability, efficiency, and 
verisimilitude. In application, our algorithm has many practical values which can 
improve the efficiency of animation production and simultaneously greatly reduce the 
cost. However, how to effectively acquire the IFS codes of a fractal object is still a 
difficult problem deserving further study.  
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Abstract. Feature sensitive hole filling is important for many computer graph-
ics and geometric modeling applications. In this paper, we address the problem 
of reconstructing the salient features when filling holes in mesh. It respects fine 
shape features and works well on various types of shapes, including natural 
mesh and mechanical parts. For representing salient surface features, we adopt 
crest lines. The connectivity of the hole including the lost crest lines are decided 
by triangulation and region growing. The geometric position of the vertices and 
crest points in the hole are resolved by using a least-squares problem.  

1   Introduction 

Most shapes are nowadays captured with the range scanning devices, which can give 
high accuracy and resolution. However, these systems can not obtain a watertight 
surface, and the resulting models may have holes corresponding to deficiencies in 
original point data, or to occlusion in the process of scanning. Moreover, certain phys-
ics properties of surface such as high reflectivity may also prevent the range scanner 
from capturing geometry. 

In some applications, it is often desirable to fill in these holes because of aesthetics 
or the need for a watertight mesh from industry. In computer graphics field, there are 
a lot of methods proposed to fill hole. It can be performed as a post-processing of 
reconstruction, or it can be integrated into the surface reconstruction algorithm. Ac-
cording to the representative type of the model, hole filling can be classified to two 
types: mesh-based and point-based. The method proposed in this paper belongs to the 
former and is performed as a post process. In this subsection, we only give a simple 
review on two types of methods used as a post-processing after surface reconstruc-
tion. Minh X. Nguyen et. al. [1] utilized the geometry images [2] to fulfill the match-
ing both in boundary and context condition with the hole. However, their methods 
depend on the shape of boundary because of the parameterization, and can not deal 
with some holes. Furthermore, it can not reconstruct the salient features completely. 
Liepa [3] firstly use a modified minimum-area triangulation to close the holes, and 
then the techniques in [4] are used to refine the hole, i.e., adding the vertices and 
adjusting the shape of the triangle. In order to match the shape, the fairing process is 
applied. This method produces good-looking result for arbitrary holes in meshes, but 
it can not reconstruct salient features. Based on this method, we proposed a new 
method to reconstruct sharp features by using crest lines and the least-squares method. 
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2   Filling Hole Process 

Given an orientable triangle mesh M with arbitrary holes, our goal is to fill the hole 
and there have a natural and nice-looking transition including the salient features 
between the hole and the existing boundary. Totally, we use crest lines to build salient 
features, and the topology of the hole and crest lines are built by triangulation and 
region growing respectively. The geometry of both the vertices and crest points are 
decided by the least-squares method. In the following, we will give an outline of our 
proposed method (See Fig. 1). 

 

Fig. 1. Overview of our proposed method. In (a), the red lines are the ridges with threshold T = 
4 (quantity to measure the strength of a crest line) and K = 2 (the neighborhood size to build the 
crest lines), the grey region is the hole. (b), (c), (d), (e) and (f) are close-up views of the dark 
rectangle in (a). (e) and (f) are the final results built by our method and the method in [3], re-
spectively. Obviously, our method can achieve better salient features. 

1. Crest Lines Detection. The crest lines are salient surface characteristics and are 
widely used for shape matching, interrogation and segmentation. Given a mesh M 
with the hole, the first step is to detect the ridges and ravines and  set proper 
threshold values to select salient feature lines (Fig.1 (a)). We use the method pro-
posed in [5] to detect the crest lines. 

2. Triangulation and Refinement. Once a hole is identified (it can be identified 
automatically by searching boundary vertices or can be indicated by a user inter-
actively), hole triangulation and mesh refinement are applied. Hole triangulation 
is used to close the hole with a minimum area surface, and in [3] a modified 
method based on min-max dihedral angle is applied to process arbitrary holes. In 
order to approximate the density of the surrounding mesh, the patched hole is 
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refined by relaxing certain edges and subdividing certain triangles. In this step, 
we use the same method proposed in [3] to build the connectivity of the hole 
(The cyan edges in Fig.1(b)).  

3. Region Growing. In order to connect the crest lines correctly in the holes, we 
perform a region growth according to the surrounding boundary crest points. The 
result is a segmented region by the identified crest lines (The blue and yellow re-
gions in Fig. 1(c)). Sometimes, in our system the user can also have the ability to 
connect some crest lines. 

4. Crest lines Fairing. After region growing, the identified crest lines in the hole 
have proper topology, but inappropriate geometry. The least-squares method is 
utilized to decide the geometric position of those crest points (Fig. 1(d)).  

5. Region Fairing and Refinement. After obtaining proper feature lines in the hole 
we do mesh fairing to obtain the final geometry of the hole by using the same 
least-squares method as the crest lines faring. In most situations, mesh refinement 
is again used to approximate the mesh density because the connectivity has been 
changed in the fourth step (Fig. 1(e)). 

3   Results 

Besides the advantages inherited from the method in [3] such as the ability to process 
arbitrary holes, our proposed method can reconstruct salient features. Fig. 2 shows the 
best result of our method. There are threes holes in this mechanical part, which has 
one, two and three ridges passed through them (Fig. 2(a)). The method in [3] can only 
close the hole (Fig. 2(b)), and the method in [1] got better result but there are some 
noises in the region of the share edges (Fig. 2(c)), while only our method can recon-
struct the sharp features completely (Fig. 2(d)). 

When the hole has the ridges and the ravines at the same time, our method can also 
obtain nice-looking results. In Moai model (Fig 3), the hole has complex boundary 
that is a challenge job for the parameterization in method [1]. There are two crest  
 

 

Fig. 2. Compared with other two state-of-the-art methods. It can show that our method achieves 
the best salient features. 
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Fig. 3. Compared with the method in [3]. There are ridges and ravines passed through the hole 
at the same time in (a). 

lines, one ridge and the other ravine, passed through the hole(Fig. 3(a)). Although 
improved by using fairing process, it always gives a minimum-area solution because 
of lack of considering the salient features (Fig. 3(b)). By using the crest lines in our 
method, Fig. 3(c) seems more natural.  
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Abstract. Speech signal detection is very important in many areas of speech 
signal process technology. In real environments, speech signal is usually 
corrupted by background noise, which greatly affects the performance of speech 
signal detection system. Correlation analysis is a waveform analysis method 
which is commonly used in time domain, and the similarity of two signals can 
be measured by using of the correlation function. This paper presents a new 
approach based on waveform track from cross correlation coefficients to detect 
speech signal in adverse acoustic environments. This approach firstly removes 
irrelevant signal so as to decrease the interference from noise by making use of 
computing cross correlation coefficients, and then decides whether contains 
speech signal or not according to the waveform track. Moreover, the 
performance of the algorithm is compared to the approach based on short-term 
energy and the approach based on spectrum-entropy in various noise conditions, 
and algorithm is quantified by using the probability of correct classification. 
The experiments show that the waveform from cross correlation coefficients is 
powerful in anti-interference, especially being robust to colored noise such as 
babble. 

1   Introduction 

Speech signal detection refers to the ability of distinguishing speech from noise, and 
is an integral part of a variety of speech signal process systems, such as speech 
coding, speech recognition and speech enhancement. Meanwhile, the speech signal 
detection is always pretreated before other speech signal processing system. In the 
wireless system, for example, the speech detection module is used for discontinuous 
transmission to save battery power. Moreover, it is a great deal of need to the pure 
speech detection products. In our life, most of speech signal mixed strong noise is 
detected by human for the lack of reliable speech detection product. Over a long 
period of time, the man who works in this kind of environment would injure their 
hearing ability. 

Aiming at the special research field of speech signal detection in adverse acoustic 
environments, this paper presents a speech signal detection algorithm in adverse 
acoustic environments based on cross correlation technique. The proposed approach 
firstly removes irrelevant signal so as to decrease the interference from noise by 
making use of computing cross correlation coefficients, and then decides whether 
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contains speech signal or not according to the waveform track. In next part, we will 
introduce how to remove the effects from noise signals, and how to extract the 
characteristics of speech from the waveform track in the proposed algorithm. 
Finally, the experiments result of the proposed algorithm in white noise and colored 
noise are given respectively, and a table is also presented to measure the 
performance of the presented algorithm quantitatively. Compared to the approach 
based on short-term energy [2] and the approach based on spectrum-entropy in 
various noise conditions. 

2   Speech Signal Detection Based on Cross Correlation Technique 

Correlation analysis is a waveform analysis method which is commonly used in time 
domain. As a correlation analysis, cross-correlation function is used to measure the 
time lag between the two signals, and also to detect useful signal form noise. If two 
signals are completely unrelated, the value of cross-correlation function is close to 
zero. On the contrary, if the two signal waveforms are correlative, the value of each 
correlative function will be peaks. By using of the characteristic of cross-correlation 
function, and changing the location of the two signals in the cross-correlation function 
point by point (mobile length is the length of pitch in time domain.),  the waveform 
track of the cross-correlation function can be gotten . The waveform track produced 
by this way contains a wealth of information, such as the frequency of pitch and the 
phase of signal, as well as the frequency and energy of formant. According to the 
characteristics extracted from the waveform track, a judgment about whether contains 
speech signal could be made. 

3   Judgment by the Waveform Tack of Cross-Correlation 
Function 

The algorithm removes the interference from unrelated signal by the previous signal 
processing. It is well known that the colored noise is robust to cross-correlation 
function, and those signals of colored noise are closely correlative. Therefore, the 
traditional speech detection methods are regularly sensitive to the colored noise. 
However, this noise exists in many detected signals, and a great deal of equipment in 
our life trend to produce it. Experiments show that the characteristic of waveform tack 
introduced by the proposed algorithm is robust to the colored noise. 
If the detected signal contains speech signal, its waveform track should accord with 
the follow characteristics: 

Characteristic 1. The maximum of the waveform can not be extremely small. After 
the process of cross-correlation, the energy of those related signals in speech signal 
would survive and feedback in the waveform track. 
Characteristic 2. The number of those maxima of waveform should range in certain 
scope. Because the waveform relates directly to the distribution of speech signal 
frequency, whose highest harmonic generally lower than 5000Hz. 
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Characteristic 3. The formant of speech looks like a straight line approximately. 
Therefore, the interval to previous maximum appears in time is approximately equal 
to next interval, however, It can not absolutely closely coincide to the next interval. 
Characteristic 4. There is difference in maxima, some are greater, and some are 
smaller. It is because of that the greater is produced by all formants of speech signal, 
and the smaller may be produced by just one formant. 
Characteristic 5. If there are three or more consecutive waveform track which 
coincide to above characteristics, the detected signal is judged to contain speech 
signal. 

4   Experiment and Results 

To evaluate the effectiveness of the proposed algorithm, great deals of experiments 
have been done. The speech database used in the experiments contains the isolated 
words spoken by 10 male and 10 female speakers from microphone. The noise 
materials were collected from the NOISEX-92 noise-in-speech database including 
white noise and factory noise [7]. Furthermore, some sound artifacts were included in 
our experiments such as breath noise, cough noise and mouse click noise. Each case is 
a different combination of the speech normalization level, the noise type and the SNR. 
The SNR value here is computed as the ratio of the total energy of speech to that of 
the noise over the entire utterance. 

An executive program was generated based on the proposed algorithm in the VC 
6.0 platform. To evaluate the effectiveness of the proposed algorithm, great deals of 
experiments have been done. More precise experimental results are summarized in 
Table 1 compared to the algorithms base on the short-term energy and spectrum 
entropy. CCWT in Table 1 is the abbreviation for the proposed algorithm. 

Table 1. The probability of correct speech detection obtained by short-term energy, spectrum 
entropy and the proposed algorithm with different types and levels of noise 

 SNR Energy Entropy CCWT 
15 0.96 0.97 0.99 
10 0.76 0.78 0.99 
5 0.64 0.70 0.95 
0 0.63 0.56 0.92 

White noise 

5 0.12 0.30 0.88 
15 0.94 0.95 0.97 
10 0.71 0.73 0.94 
5 0.57 0.64 0.92 
0 0.38 0.47 0.87 

Factory  noise 

5 0.07 0.22 0.81 

The results show that the proposed algorithm has an overall better performance than 
the compared approaches in all the noise types used here. Especially, it performs 
excellently in factory noise, which is obstinate to most algorithms ordinarily. 
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5   Conclusion 

An algorithm based on waveform track from cross correlation coefficients to detect 
speech signal is presented in this paper. This approach firstly removes irrelevant 
signal so as to decrease the interference from noise, making use of computing cross 
correlation coefficients, and then decides whether contains speech signal or not 
according to the waveform track. The experiment results show that the proposed 
approach is robust and accurate to strong noise, and has an overall better performance 
than short-term energy and spectrum entropy especially in the condition of colored 
noise. However, our experiments also show that the algorithm is not robust enough to 
very strong noise with SNR under -5dB or more. 
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Abstract. Contour information is always valuable for object analysis
in image processing. In this paper, a new method of constructing con-
tours of skin regions is proposed. To exploit skin formation in images, a
nonlinear skin color classifier is first introduced. Then, a region splitting
scheme is adopted to generate adaptive grids over skin regions. Based
on the grids, initial contours are constructed. Finally, the contours are
refined according to the minimum energy principle. Experimental results
show that the proposed method has a good performance in contour con-
struction of skin regions.

Keywords: Skin detection, region splitting, contour construction.

1 Introduction

The contour information is very useful in object tracking, shape analysis and
image segmentation and so on. Traditionally, the edge-based and region-based
segmentation techniques are often used for contour acquisition. The common
disadvantage of these methods is that they often fail to extract valuable contours
when the environments of images are cluttered. Since the introduction of “snake”
based on the theory of curve evolution[1], extensive studies have been done on
active contour models (ACMs) that can drive an initial closed curve towards the
edges of regions of interest (ROIs) [2], [3], [4], [5], [17].

However, the application of the active contour models is often limited by two
problems. The first is the sensitivity to initialization. The ACMs without man-
ual initialization often fail to construct reliable object contours in the evolution
process. Moreover, the initial shape of a closed curve also affects the evolving
results directly. Thus, the ACMs can not meet the requirements of obtaining ob-
ject contours automatically in practice. The other is the computational cost. The
evolutionary process of driving a closed curve towards the boundary of an object
is often time-consuming under a certain energy criterion, especially involving re-
gion functionals. This makes the ACMs unsuitable for extracting object contours
in some applications, such as shape analysis [6] and gait recognition [7].

In this paper, we have no intention of addressing the general approaches to
extracting object contours. Instead, we concentrate on a specific method for
effectively obtaining the contours of skin regions. This is very useful for skin seg-
mentation, face detection and pornographic image detection, because the con-
tours of skin regions can greatly facilitate the localization of the potential skin
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regions, the process of face detection [8] and the discrimination between faces
and naked bodies [9].

To start with, we briefly introduce our method of building a nonlinear skin
color classifier. Next, the proposed method is detailed that can automatically
and efficiently accomplish the contour construction of skin regions. Experimental
results show that our proposed method performs well in obtaining the contours
of skin regions.

2 Nonlinear Skin Color Classifier

The human skin colors cluster spatially in whatever color space used [10]. How-
ever, an accurate description of skin color distribution is still not achieved at
present [11]. Here, we present a new nonlinear space transformation for investi-
gating the skin and non-skin color distributions. Fig. 1 shows our main idea to
skin and non-skin color discrimination.

ρ

θ

Fig. 1. The framework of the proposed a nonlinear skin color classifier

The proposed nonlinear space transformation is defined as
⎧
⎪⎪⎪⎨

⎪⎪⎪⎩

ρ = ((α1R − α2G)2 + (α2G − α3B)2)1/2

θ=

⎧
⎪⎨

⎪⎩

θt1 , α1R−α2G ≥ 0
π + θt2 , α1R−α2G<0, α2G−α3B ≤ 0
2π − θt2 , α1R−α2G<0, α2G−α3B > 0

(1)

where θt1 =arccos((α2G−α3B)/ρ), θt2 =arccos(|α2G − α3B|/ρ), and α1, α2, α3
represent the normalized r, g, b respectively. To obtain the skin and non-skin
distributions, we manually build a pixel dataset that contains 40,803,483 skin
samples and 54,710,462 non-skin samples using the ECU face image database
[15], and construct the skin and non-skin color histograms in (ρ, θ) plane(see
Fig. 2(a)). From Fig. 2(a), we can see that the skin colors prominently cluster
in the proposed space, while the non-skin colors spread out along the θ axis.

Based on the statistical results, the skin color distribution is fit using a closed
curve (see Fig. 2(b)), which enclose 98.4% of skin pixels in our skin set. The
closed curve is expressed as

S(ρ, θ)=

⎧
⎪⎨

⎪⎩

b2(ρ̃1−ρ0)2+a2
1(θ̃1−θ0)2−a2

1b
2, f1 ≤ 0

b2(ρ̃2−ρ0)2+a2
2(θ̃2−θ0)2−a2

2b
2, f2 ≤ 0

b2(ρ̃3−ρ0)2+a2
3(θ̃3−θ0)2−a2

3b
2, f3 ≥ 0

(2)
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Fig. 2. Statistical result of pixels. (a) The skin and non-skin distributions. (b) A closed
curve enclosing the skin pixels.

Table 1. The values of some parameters

(ρ, θ) 0 1 2 3 β1(a1) β2(a2) β3(a3)
ρ− 20.2 19.3 85 21.1 π/36 −π/36 π/36
θ− 1.37 2.15 1.45 0.62 (20.2) (64.2) (64.2)

where f1 =ρ−ρ0, f2 =(ρ2−ρ(ρ1+ρ2)+ρ1ρ2)(θ−θ2), f3 =(ρ2−ρ(ρ2+ρ3)+ρ2ρ3)(θ−
θ2), ρ̃i =ρ cosβi−θ sin βi, θ̃i=ρ sinβi+θ cosβi. The three sub-curves constrained
by f1, f2 and f3 are segmented piecewise from three ellipses locating at the same
center (ρ0, θ0). βi denotes the rotation angle of the ith sub-curve in the (ρ, θ)
plane. The parameters in Eq. (2) are obtained empirically and listed in Table 1.

Suppose that the skin and non-skin pixels overlapping in the ith ρiθi bin
build two sets ω1i and ω2i, and P (ω1i) and P (ω2i) are their prior probabilities,
respectively. Assume d1 = S/L and d2 = Cb/Cr, where S, L, Cb and Cr are
color components in HSL and YCbCr color spaces, we define x =

√
d2 + α2,

where d =
√

d2
1 + d2

2 and α = arccos(d1/d). Hence, two 1D histograms with 0.1
bin width in x are populated by the pixels in ω1i and ω2i. Based on the Bayes
decision rule for minimum error, we can build a discriminant function

g(x) = p(x|ω1i)P (ω1i) − p(x|ω2i)P (ω2i) (3)

Note that we let g(x) = 1 for the pixels that are not in the overlap bins en-
closed by the closed curve S(ρ, θ). Therefore, the non-linear skin color classifier
is defined as

Fs(q) = S(ρq, θq)g(xq) (4)

where q is a pixel. If Fs(q) ≤ 0 is satisfied, it is labelled as skin.

3 Contours of Skin Regions

3.1 Adaptive Grid over Skin Regions

The mechanism of region splitting is a fundamental processing stage in our con-
tour construction. Here, a region splitting scheme is proposed that can generate
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Fig. 3. Grid generation. (a) Grids over skin regions. (b) Region splitting scheme.

adaptive grids over ROIs automatically under our defined region splitting crite-
rion (RSC), as shown in Fig. 3(a).

Assume that ek denote the kth cell of a grid at the jth splitting iteration level,
ek(0) and ek(1) denote two states of the cell, the nodes of the cell in the two
states are numbered as shown in Fig. 3(b). Thus, the node relationship between
two adjacent splitting levels can be described as

⎧
⎪⎨

⎪⎩

p
ek(1)
i = p

ek(0)
i , i = 0 ∼ 4

p
ek(1)
i+5 = (pek(0)

i + p
ek(0)
i+1 )/2, i = 0 ∼ 3

p
ek(1)
i+5 = (pek(0)

i + p
ek(0)
i−2 )/2, i = 4

(5)

The skin color and texture information contained in R are here exploited together
to build a region splitting criterion (RSC). For reducing the computational cost
of generating grids over regions, we only select a square region R occupying one
ninth of a cell as its representative (see the top-left of Fig. 3(b)).

Suppose that U1 and U2 are the set of all pixels and the set of all detected skin
pixels in R respectively, we can calculate the approximate probability density
of occurrence of the intensity levels in the two sets: Ik(τ) = hk(τ)/Nk(τ =
0, 1, ..., Gk − 1; k = 1, 2), where Nk is the total numbers of pixels, Gk is intensity
levels in Uk, and hk(τ) is the number of pixels in the τth intensity level. Thus,
the following statistics can be obtain [12]

⎧
⎪⎪⎨

⎪⎪⎩

μk =
Gk−1∑

τ=0
τIk(τ), σ2

k =
Gk−1∑

τ=0
(τ − μk)2Ik(τ)

μ4k = σ−4
k

Gk−1∑

τ=0
(τ − μk)4Ik(τ)−3

(6)

where μ4k(k = 1, 2) is a measure of flatness of the histogram. Let ζ1 = Askin/AR

and ζ2 = μ42/μ41, where Askin denotes the detected skin area in R, and AR

represents the area of R, the proposed RSC is defined as

RSC(R) =

{
1, if ζ1 ≥ ς1 and ζ2 ≥ ς2

0, otherwise
(7)

where ς1 = 0.35 and 1 ≤ ς2 ≤ 1.6. The introduction of ζ2 aims to neglect the
regions with high textures considering the homogeneity of skin regions. Thus, a
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grid cell is split into four parts equally if RSC(R) = 1 is satisfied, otherwise it
stays unchanged, as shown in Fig. 4(b).

Let P
ek(1)
new = {p

ek(1)
5 , · · · , p

ek(1)
9 } and P

ek(0)
j = {p

ek(0)
0 , · · · , p

ek(0)
4 }, where

p
ek(0)
0 = p

ek(0)
4 , the node relationship between adjacent levels of a split cell is

{
P

ek(1)
j+1 = P
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ek(1)
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ek(0)
j + P

ek(1)
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Let Qj+1 = P
e0(1)
j+1 ∪ · · · ∪ P

eN (1)
j+1 , where N is the number of cells of a grid

at the (j + 1)th level, we can obtain a node set QM after a grid is updated M
times. Eliminating the nodes with identical positions in QM , we can obtain a
node set Q∗(⊂ QM ), as shown in Fig. 4(c).

(a) (b) (c)

Fig. 4. Region split result. (a) An original image. (b)The grid on skin region. (c) The
set Q∗ from the grid.

3.2 Point Filter and Initial Contours

From Fig. 4(c), we can see that not every node (called “points” in the following)
is essential for contour construction, so the redundant points in Q∗ should be
eliminated in practice. Here, the low-level information within a block centered
at a point pi is also used to describe its property, as shown in Fig. 5(a). The size
of a block is 2

3δx × 2
3δy, where δx and δy denote the width and the height of a

small cell respectively. Assume that si denotes the ith block, we define

ID(pi) =

{
1, if RSC(si) = 1
0, otherwise

(9)

Let E be a set of points with skin information, for ∀pi ∈ Q∗, if ID(pi) = 1
is satisfied, then pi ∈ E. One example is shown in Fig. 5(b). For the interior
points in E, we propose a point set filter (PSF) to filter them since they always
have negative effects on contour construction based on computational geometry
rules. In general, an image may contain several skin regions, so E may consist
of several subsets. Without loss of generality, assume that Zn(⊂ E) denotes
the nth set of points with connectivity in the grid and Bn is a “purified” set
corresponding to Zn. For ∀p(x, y) ∈ Zn, we can obtain its 4-neighbor points,
namely p1(x − δx, y), p2(x, y − δy), p3(x + δx, y) and p4(x, y + δy), in the grid.
The proposed PSF is defined as
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PSF (p) =

⎧
⎨

⎩

1, if 0 <
4∑

i=1
ID(pi) < 4

0, otherwise
(10)

Thus, if PSF (p) = 1 is satisfied, then p ∈ Bn. Fig. 5(c) is the result of PSF
applied to Fig. 5(b). To obtain a reliable contour of a set of points, such as Bn,
we here modify Jarvis’s March that is a classical algorithm with high efficiency
in computing the convex hull for T points [13]. Given two vertexes pm−1 and
pm, the criterion used in modified Jarvis’s March (MJM) for finding the next
vertex pm+1 is defined as

Dm+1 = argmin
i∈H

(Di),

{
Di =

√
α2

i + 
2
i


i = ‖pi − pm‖
(11)

where αi is a anti-clockwise angle between two segments: pm−1pm and pmpi, and
H represents the interval (m, T ). Fig. 5(d) shows the result of MJM, in which
we place a small square over each point satisfying the criterion.

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

Fig. 5. Initial contour construction. (a) Blocks centering at points. (b) The points with
skin information. (c) The set of points after PSF. (d) An initial contour.

3.3 Contour Refinement

To refine the initial contours, we here use the minimum energy principle under
a virtual gravity field. Assume that p1, p2 and p3 are three adjacent points on
an initial contour, and Γ denotes the exact boundary, their spatial relations are
shown in Fig. 6(a).

1p

2p

3p

1v

2v
Virtual 

gravity field

g�
Γ

p�

Exact boundary

Close-up of a 
local region

(a)

F1

F2

F

G
2p

(b)
1p

2p

3p

10r

20r
p�

1r�

2r�

(c)

Fig. 6. The state of p2 in virtual gravity field. (a) Virtual gravity environment. (b)
Forces acting on p2. (c) Point movement.
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In Fig. 6(a), p1 and p3 are viewed as two fixed points, and p2 is the point to be
adjusted. The potential positions of p2 are confined in the radial area determined
by the supplementary angle between v1 and v2 (see shadow region in Fig. 6(a)).
To describe the state of p2, we refer to p1, p2 and p3 as three particles with unit
weight in a virtual gravity field denoted by ġ. Based on the gravitational theory,
f1 = K/r2

1 and f2 = K/r2
2 represent the gravitational forces between p1 and p2

and between p2 and p3, respectively, where K is the gravitational constant and
ri(i = 1, 2) denotes the Eulerian distance between two particles. Assume that the
particle p2 is unstable due to the action of forces on it, as shown in Fig. 6(b),
where G denotes the gravitational force caused by ġ, and F , less than G in
module, is the composition of F1 and F2. Hence, p2 can move in the direction
denoted by G, as shown in Fig. 6(c), where denotes a new position of p2 after
movement. When p2 arrives at p̃ (see Fig. 6(c)), the total consumed energy is

W (p̃) = K(
∫ r̃1

r10

r−2
1 dr1 +

∫ r̃2

r20

r−2
2 dr2) = K(

1
r10

− 1
r̃1

) + K(
1

r20
− 1

r̃2
) (12)

where r̃1 = ||p̃− p1||, r̃2 = ||p̃− p3||, r10 = ||p2 − p1||r20 = ||p2 − p3||, K is viewed
as one, and || · || denotes the Euclidean norm. Based on the minimum energy
principle, an object in unstable state always reaches its stable position at the
least cost of its energy. Assume that Γ represents the balanced boundary of all
unstable points, the position with minimum W (−) on Γ can be regarded as the
optimal balanced position of p2. Hence, in the motion area of p2 indicated in
Fig. 6(a), only the positions on the skin edges are valuable. So, to detect the real
boundaries of skin regions, we first define a skin edge detector as

Ψ(x, y) =

⎧
⎨

⎩

1,
4∑

i=0
ξi �= 4 for ξ0 = 1

0, otherwise
, ξi =

{
1, Fs(qi) ≤ 0
0, otherwise

(13)

where q0 is the center pixel of its 4-neighbors. Then we combine it with the
Canny operator in 8-neighbors considering edge noise suppression in images.
The combined edge detector is defined as

Edge(xq, yq) =

{
1, η �= 0
0, otherwise

, η =
8∑

i=0

(Ψ(xqi , yqi) ⊗ C(xqi , yqi)) (14)

where q is the center pixel of its 8-neighbors, C(x, y) represents the Canny op-
erator and ⊗ denotes “AND” operator. Hence, the object function for contour
refinement is defined as

p′i = argmin
q∈Ω

(W (q)) (15)

where Ω = {q|Edge(xq, yq) = 1} is the set of points satisfied to Eq. (14). Thus,
for all the points on an initial contour, if their positions with the minimum
energies are determined in the counterclockwise order, the initial contour can be
refined accordingly.
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4 Experiments

4.1 Skin Color Detection

We here use the Compaq image database [14] to test the performance of the
proposed skin color classifier. The database consists of 4670 skin images and
4997 non-skin images. Based on the image database, we construct two pixel
sets Q1 and Q2 as testing sets. Q1 consists of 62,834,397 skin pixels, and Q2
of 195,438,297 non-skin pixels. Two pixel sets from ECU face database [15] are
used as training sets. Here, Jones-Rehg’s method [14] is tested at a threshold 0.4
and the results of ECU are reported by its “SkinColorDetector”, which can be
found in [15]. The CCRs (Correct Classification Rate) and FARs (False Accept
Rate) are illustrated in Table 2, which shows that our proposed method can
reduce the false positive rate significantly as well as increase the true positive
rate.

Table 2. Skin and non-skin pixel detection

Training set Testing setMethods
CCR(%) FAR(%) CCR(%) FAR(%)

Jones-Rehg 90.88 24.31 90.14 24.91
ECU 93.26 20.78 94.09 21.84

Proposed 95.46 12.34 95.03 13.01
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Fig. 7. Adaptive grids and energies of particles. (a) Grids over some images with tex-
tures. (b) The energies of some unstable particles.

4.2 Grids over Skin Regions

Based on the above discussions, we can see that the proposed skin color classifier
still is a pixel-based method. Hence, false classification is unavoidable, and un-
expected noises are always generated in images when the colors of background
are similar to human skin’s, as shown in Fig. 7(a). To eliminate the possible
negative effect of pixel-based skin detection on the generation of adaptive grids,
we introduced texture features of a representative region in RSC. Fig. 7(a) shows
that the divided cells are not placed over the noisy skin regions but real skin
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regions. This shows that the proposed region splitting scheme can successfully
find homogenous skin regions while neglecting the regions with high texture in-
formation. So, the proposed RSC can greatly reduce the negative effects of noisy
skin detection on contour construction of skin regions.

4.3 Energies of Unstable Particles

To understand the energy changes of unstable particles intuitively , the energy
of some particles corresponding to the face in the middle column of Fig. 7(a) are
illustrated in Fig. 7(b). From Fig. 7(b), we can see that, to any unstable particle,
the optimum position can always be obtained that makes the particle’s energy
minimum in its activity area. Hence, the minimum energy principle is suitable
for refining the initial contours of skin regions.

4.4 Contour Construction and Comparison

The ECU face database here is used to test the performance of the proposed
method in contour construction. The process of contour construction is accom-
plished without manual initialization, and suited for obtaining multiple skin
region contours. From Fig. 8(a), we also can see that the proposed method is
able to successfully describe the skin regions when the backgrounds and the skin
regions are very similar in colors. Hence, the fusion of skin color and texture
information is essential for detecting real skin regions, and Eq. (15) has a good
performance in determining optimal positions for the points to be adjusted in
their activity areas. From the results, we can see that the proposed method
perform well in obtaining the contours of skin regions.

To compare the proposed method with the ACMs in object contour acqui-
sition, we choose the DREAM2S method [17], which has a high ability in
describing the contours of regions with homogeneous property. Using manual

(a) (b) (c)

Fig. 8. Contour construction method comparison. (a) Contours of skin regions. (b)
DREAM2S method with iteration 1400. (c) The proposed method with iteration 1.
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initialization with a circle in the skin regions, the DREAM2S gives the re-
sults shown in Fig. 8(b) at the cost of 1400 iterations. Compared to this, our
proposed method without manual initialization gives the contour construction
results only after one times iteration, as shown in Fig. 8(c). Hence, from the
result shown in Fig. 8(b) and Fig. 8(c), we can see that the proposed method is
comparable to DREAM2S as well as saving manual work and computational
time significantly.

5 Conclusions

We have introduced a new method of contour construction for skin regions. First,
a nonlinear skin color classifier has been built to skin color detection. Second, a
region splitting scheme has been designed to generate adaptive grids on images.
Based on the grids, the initial contours were constructed. Finally, the contour re-
finement were finished using the minimum energy principle. Experimental results
have shown that the proposed method performed well in contour construction
of skin regions.

Acknowledgements

This work is supported by NSFC (Grant No. 60325102, 60428101), the open pro-
ject of CAUC and the start projects of CAUC (Grand No. 05qd02q, 05yk22m).

References

1. Kass, M., Witkin, A., Terzopoulos, D.: Snakes: Active contour models. Int. J. of
Computer Vision. 1 (1998) 321-332

2. Caselles, V., Kimmel, R., Sapiro, G.: Geodesic active contours. Int. J. of Computer
Vision. 22(1)(1997) 61-79

3. Xu, C.Y., Prince, J.L.: Generalized gradient vector flow external forces for active
contours. Signal Processing. 71 (1998) 131-139
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Abstract. In this paper, we present a realistic avatar called e-Shadow. This ava-
tar is a virtual shadow of a user and facial animations are injected into the head 
position as response to the user’s gestures. We adopt background subtraction 
method to separate the user’s shape from the background scene and combine 
several image processing methods in order to reduce noise. A heuristic algo-
rithm for tracking positions of head and hands is proposed to detect predefined 
user’s gestures. Because e-Shadow assumes everyday indoor lighting, casual 
camera, and small desktop, it can be directly incorporated with video chatting 
programs as a realistic avatar and the presented detection method might be ap-
plied to the applications of real-time interactive media art.  

1   Introduction 

This paper presents a real-time avatar called e-Shadow as a preliminary but practical 
application of gesture-based interaction through the Internet. e-Shadow has different 
characteristics from the existing avatars in that the motion of the avatar is a virtual 
shadow drawn from the real motion of a user and facial expression of the avatar is 
changed in real-time as response to user’s gestures. 

In the segmentation stage for separating user’s shape from the original scene, we 
adopted a background subtraction method [1]. To tackle the obstacles of this stage, 
noise of diffusing lighting and the effect of shadow, we applied several image proc-
essing methods: (1) a convolution technique, a kind of smoothing technique; (2) dila-
tion and erosion; (3) a labeling procedure to eliminate the isolated regions; (4) a 
sweeping process for filling in gaps between pixels. 

For the tracking stage, we devised a heuristic algorithm which tracks the positions 
of body segments, head and hands. Because we confine our work to the detection of 
head position and several simple predefined hand gestures expressed by positions and 
directions of hands, the algorithm focuses on finding distinguishable convex contours 
by examining surrounding pixels of each pixel in the body segment. 

We conjecture that e-Shadow can be used in web communication such as video 
chatting as a realistic avatar. In addition, the proposed detection scheme of e-Shadow 
can be applied to the research areas of interactive media art. 
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2   Segmentation of Virtual Shadow 

To separate the user’s shape from background, we use a background subtraction 
method. With this method, the image of the user is subtracted from a previous image 
without the user. However, the method is extremely sensitive to changes of scenes 
due to lighting and extraneous events. To solve this problem, we use the background 
primal sketch [2]. The background primal sketch Bjk is calculated by: 

),...,,( 21 N
jkjkjkjk IIImedianB = , (1) 

where                     is a sequence of N recent images, and (j, k) indicates the pixel 
location. The difference image is taken from a scene which the user is in, after the 
background primal sketch and a threshold value are determined. In order to decide the 
pixels which form the difference image, we define djk as follows: 

djk = 1, if || jk
i
jk BI −  > T 

0, otherwise (2) 

where       is the incoming image, Bjk is the primal sketch, and T is the threshold.  
After the difference picture is obtained, several noise reduction techniques are then 

performed. First, a convolution technique using a median mask, which is a kind of 
smoothing technique, is applied to remove Gaussian noise and dilations and erosions 
are repeated to obtain a clearer outline by removing stray pixels near to the outline. 
Next, isolated regions outside the shadow are eliminated using an algorithm identify-
ing each cluster of adjacent pixels with the foreground color [3]. Finally, sweeping 
process removes large gaps intervening between pixel strings in each row.  

3   Tracking Head and Hand Shape 

We present a new feature-based tracking algorithm [4] tailored for our constrained 
setting. The idea of this algorithm is to identify center positions of body parts by just 
analyzing several surrounding pixels. Because we are to detect predefined active 
gestures, it may assume that all the areas of interest to be detected have convex con-
tours. Under this assumption, the algorithm tries to find pixels whose surrounding 
pixels within some small distance have the background color and regards them as 
center positions. Following is the outline of the algorithm. First, we find the center 
position (x, y) of head, satisfying:  

color of (x + ox, y + oy) is white, for (ox, oy) ∈ O – {(0, -α), (0, 0)} and 

color of (x + ox, y + oy) is black, for (ox, oy) ∈ I 

(3) 

where O={ (x, y) | x = -α, 0, α and y = -α, 0, α}, I = { (x, y) | x = -β, 0, β and y = -β, 0, 
β}, β = kα > 0 and 0 < k < 1. The process of finding the center starts with some large 
α and iteratively update α to a smaller value until a pixel satisfying above condition is 
found. The left of figure 1 shows an example of a center position found. Pixels on the 
outer rectangle, except the one which is nearest to the center of body, are white. Pix-
els on the inner rectangle are black. The value of α finally used for center detection 

N
jkjkjk III ,...,, 21

i
jkI
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varies with the distance between the camera and the user. After the center of head is 
found, the run length of black pixels including the pixel of the center, l , is calculated 
for later use in the next step. 

     

Fig. 1. An example of detected centers of convex shapes 

To detect hand gestures, we find center positions of upward, leftward, or rightward 
hands. For this, a condition similar to (3) with the same O and I but with a different 
initial value of α scaled by l is used: 

color of (x + ox, y + oy) is white, for (ox, oy) ∈ O – S and 

color of (x + ox, y + oy) is black, for (ox, oy) ∈ I,  
(4) 

where S is {(0, -α), (0, 0)}, {(0, 0), (α, 0)}, and {(-α, 0), (0, 0)} for an upward, left-
ward, and rightward hand respectively (see the right of fig.1). Each time a hand posi-
tion is detected, it is checked if there is a head or hand position already found nearby. 
If it does, the detected position is discarded and the latter is tried. 

4   Experiment 

Fig. 2 and Fig.3 show snapshots of e-Shadow and an example of animation frames 
used. For each input frame, detection results are interpreted and classified into prede-
fined gestures, and then facial animations are injected into the head position. 

     

Fig. 2. Snapshots of e-Shadow 

 

Fig. 3. Animation frames in case of angry and joyful emotion 

Table 1. presents experimental results using a casual webcam, where 60 different 
gestures were tested for each setting. Head positions were correctly detected in all the 
settings. room1 is an office and room2 is a houseroom. s is the scaling factor used to 
get an initial value of α from l. type1 is the case that wrong hand positions were found 
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and type2 is the case that hand positions were not found. When s is small, more type1 
errors occurred due to the cases that other body parts with small convex contours are 
mistaken as hand(s) and type2 error occurred more when s is bigger. From the result, 
we conjecture that our system can work better in office environments than in house-
rooms. Though the accuracies are relatively low when the distance between the user 
and camera is very near (0.8m), we can find that the system achieve acceptable per-
formance by tuning s. 

Table 1. Summary of the experimental result 

s=0.2 s=0.3 s=0.4 distance room 
type1 type2 accuracy type1 type2 accuracy type1 type2 accuracy 

1 11 10 65.0 5 4 85.0 8 14 63.3 
0.8m 

2 16 7 61.7 13 4 71.7 6 18 60.0 
1 6 5 81.7 4 0 93.3 7 10 71.7 

1.5m 
2 14 4 70.0 7 5 80.0 4 11 75.0 
1 4 2 90.0 4 1 91.7 1 5 90.0 

3.0m 
2 6 4 83.3 5 3 86.7 3 4 88.3 

5   Concluding Remarks 

This paper presented e-Shadow, a real-time avatar, which can be utilized in web 
communication such as video chatting. The real shape of a user is obtained by a sim-
plified background subtraction method and, a newly devised heuristic algorithm is 
adopted for 2D-based gesture detection. We demonstrated that the proposed avatar 
operates well under casual environments with some plausible settings of parameters.  
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Abstract. In this paper, a novel image discriminant analysis method, coined two-
dimensional discriminant transform based on scatter difference criterion 
(2DSDD), is developed for image representation. The proposed 2DSDD scheme 
adopts the difference of both between-class scatter and within-class scatter as dis-
criminant criterion. In this way, the small sample size problem usually occurred in 
the traditional Fisher discriminant analysis (LDA) is essentially avoided. In addi-
tion, the developed method directly depends on image matrices. That is to say, it 
is not necessary to convert the image matrix into high-dimensional image vector 
like those conventional linear discriminant methods prior to feature extraction so 
that much computational time would be saved. Finally, the experimental results 
on the ORL face database indicate that the proposed method outperforms Fisher-
faces, the standard scatter difference discriminant analysis, not only in the compu-
tation efficiency, but also in its recognition performance. 

1   Introduction 

Recently, a novel LDA-like method called maximum scatter difference classifier 
(MSDC) [3] is proposed. Unlike LDA which bases on Fisher criterion [1,2], namely 
the ratio of between-class scatter and within-class scatter, MSDC adopts the differ-
ence of between-class scatter and within-class scatter as discriminant criterion for 
finding an optimal discriminant vector for classification. Compared with LDA meth-
ods, MSDC has two salient characteristics: (1) possessing the same physical meaning 
as LDA, (2) avoiding the singularity trouble of all LDA-like methods thoroughly. 
MSDC, however, extracts only an optimal projection vector for the resulting classifi-
cation, which is insufficient for multi-class classification task. In the MSDC-based 
image recognition methods, the two-dimensional image matrices must be previously 
transformed into one-dimensional image vectors. The resulting image vectors usually 
lead to a high-dimensional image vector space, where it is difficult to evaluate the 
covariance matrix accurately due to its large size and the relatively small number of 
training samples. Recently, Yang et al. [4] proposed a new technique known as two-
dimensional PCA, which directly bases on image matrix rather than image vector to 
calculate principal component. 
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In this paper, a novel image projection technique, coined two-dimensional dis-
criminant transform based on scatter difference criterion (2DSDD), is developed for 
image feature extraction. As opposed to traditional MSDC and LDA, 2DSDD has two 
important advantages. First, it is based on 2D matrices rather than 1D vectors. As a 
result, less time is required to evaluate the covariance matrix accurately. Second, it is 
free to the inherent singularity problem for MSDC and LDA-like methods. Finally, 
2DSDD has been used in face recognition. The experimental results are encouraging. 

2   Basic Idea and Algorithm 

Let j
iA  (i=1, 2, …, c, j=1, 2, …, Ni) be the jth ×m n  training image of the ith class, 

and c the number of all classes. We represent the number of the training samples per 
class by Ni. The mean images of the ith class and all training samples are denoted by 

iA and A , respectively. 

Let w denote an n-dimensional unitary column vector, known as the projection 
axis. After projecting the training image j

iA  onto w, the corresponding m-

dimensional projected feature vector is derived as follows: 

j j
i i=Y A w , i = 1,2,...,c , ij = 1,2,...,N  (1) 

To find the optimal projection direction w* of the j
iA , we define the following dis-

criminant criterion,  

( ) ( ) ( )J = −IS w SB SWtr tr , (2) 

where tr denotes the trace operator of a matrix, SB and SW denote the between-class 
scatter matrix and the within-class scatter matrix formed by the m-dimensional pro-
jected feature vectors, respectively, 

( )( ) [( ) ][( ) ]T T= − − = − −∑ ∑SB Y Y Y Y A A w A A w
c c

i i i i i i
i=1 i=1

P(ω ) P(ω ) , (3) 

[( ) ][( ) ]T= − −∑ ∑SW A A w A A w
iNc

j j
i i i i i

i=1 j=1i

1
P(ω )

N
. (4) 

From equation (3) and (4), it is easy to calculate the magnitude of between-class scat-
ter and within-class scatter as follows, 

( ) ( ) ( )T T⎛ ⎞= − −⎜ ⎟
⎝ ⎠
∑SB w A A A A w

c

i i i
i=1

tr P(ω ) , (5) 

( ) ( ) ( )
c

T T

i =

⎛ ⎞
= − −⎜ ⎟

⎝ ⎠
∑ ∑SW w A A A A w

iN
j j

i i i i i
1 j=1i

1
tr P(ω )

N
. (6) 
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We define the following two matrices, 

( ) ( )T= − −∑IM A A A A
c

b i i i
i=1

P(ω ) , (7) 

( ) ( )T= − −∑ ∑IM A A A A
iNc

j j
w i i i i i

i=1 j=1i

1
P(ω )

N
, (8) 

where IMb and IMw are referred to as image between-class scatter matrix and image 
within-class scatter matrix, respectively. By this definition, it is easy to show that 
they are non-negative definite matrices. 

From equation (5), (6), (7), and (8), the equation (2) can be rewritten as  

( ) ( )T T TJ = − = −w w IM w w IM w w IM IM wIS b w b w . (9) 

The new criterion function above, similar to the scatter difference criterion in equa-
tion (2), is called the generalized scatter difference criterion.  

Let , ,1w wd  denote a set of optimal projection axises obtained using 2DSDD. 

For a given training image A, a set of the corresponding projected features, 

k k=Y Aw , k = 1,2,...,d , (10) 

are obtained, which are called the dominant discrimination components (vectors) of 
A. The dominant discrimination components are combined to construct a matrix, 

[ ], ,..., d=Y Y Y Y1 2 . The matrix Y is referred to as discriminant matrix or discrimi-

nant image of A. 

3   Experiments 

The proposed 2DSDD method was used for face recognition and tested on the stan-
dard AT&T ORL face database. The ORL face database contains images from 40  
individuals, each providing 10 different images. In our experiments, the whole data-
base is divided into two parts evenly. One part is used for training and the other part is 
for test. In order to make full use of the available data and evaluate the generalization 
of the algorithm accurately, we adopt a cross-validation strategy and run the system 
20 times. In each time, five images from each person are randomly selected as train-
ing samples, and the rest is for testing. Fisherfaces [1], MSDC, and the presented 
2DSDD are employed for feature extraction. Finally, a nearest neighbor classifier is 
used for classification. The average CPU time consumed for training and testing and 
the top recognition rates of the above three methods are given in Table 1. Table1 
shows 2DSDD achieves its maximal recognition rate of 96.5% and, it needs less CPU 
time compared to other methods. It should be noted that the speed difference between 
2DSDD and other methods would become more significant with the increase of face 
database scale. 
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Table 1. The average CPU time (s) consumed for training and testing and the top recognition 
rates (%) of the four methods (CPU: PIII 800 MHZ, RAM: 256) 

Method Fisherfaces MSDC 2DSDD 
Recognition rate 89.5 89.5 96.5 
CPU time 75.2 45.5 18.1 

4   Conclusion 

The paper has presented a new scheme for image feature extraction, namely scatter 
difference criterion-based two-dimensional discriminant transform (2DSDD), which 
is based on a straightforward projection of the two-dimensional image matrix accord-
ing to scatter difference criterion. Since the size of the scatter matrices in 2DSDD is 
much smaller than those in the standard MSDC and Fisherfaces methods, less compu-
tation time is required for feature extraction. In the meantime, since the 2DSDD tech-
nique is based on scatter difference criterion, it is free to compute the inverse of the 
within-class matrix. Finally, experiments conducted on the ORL facial database have 
demonstrated that the 2DSDD features outperform those extracted by Fisherfaces, and 
MSDC methods in the performance of face recognition. 
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Abstract. Human motion analysis is an important research subject in human-
robot interaction (HRI). However, before analyzing the human motion, silhou-
ette of human body should be extracted from sequential images obtained by 
CCD camera. The intelligent robot system requires more robust silhouette ex-
traction method because it has internal vibration and low resolution. In this 
paper, we discuss the hybrid silhouette extraction method for detecting and 
tracking the human motion. The proposed method is to combine and optimize 
the temporal and spatial gradient information. Also, we propose some compen-
sation methods so as not to miss silhouette information due to poor images. 
Finally, we have shown the effectiveness and feasibility of the proposed method 
through some experiments.  

1   Introduction 

Human motion analysis is receiving an increasing attention for a wide spectrum of 
applications, such as man-machine interface, security surveillance, image retrieval 
and video indexing, and robot [1]. Especially, human motion analysis is studied as a 
new application of human-robot interaction (HRI) because it concerns with the key 
technique of HRI such as pose recognition and motion tracking of people.  

There are two approaches to analyze human motion [1-11]; first, some bio-sensors 
fixed on the human joints send major bio-information to a main computer. After main 
computer analyzes the major positions and motion information of human body from 
the bio-information, it gives the motion paymasters of human body. The color marks 
can be used instead of bio-sensors. The main advantage of this approach is that it 
gives accurate features for motion analysis. However, in robot system or general 
situation, it is not adaptable because it requires the sensing equipment and the re-
stricted environment. Second approach is to use the skeleton features of human body. 
To do this, the silhouette of human body should be first extracted from sequential 
images obtained by CCD camera. And human motion is then completed by analyzing 
the skeleton features based on silhouette of human body. It has been receiving an 
extensive attention from HRI researchers because it needs only one camera and does 
not need the main computer.  

There are three conventional approaches to silhouette generation: temporal differ-
encing [7], background subtraction [3-6], and optical flow [8]. The temporal 
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differencing is very adaptive to dynamic environments, but it generally has a poor job 
for extracting all relevant feature pixels. The background subtraction provides accu-
rate silhouette of human body, but it is extremely sensitive to change of images due to 
lighting and extraneous events. Optical flow can be used to detect features from se-
quential images with background motion, but most optical flow computation methods 
are very complex and are inapplicable to embedded system such as robot system. 
However, these conventional approaches are not adaptable to extract silhouette from 
images restricted within robot system.  

To solve the above problems, we propose the hybrid silhouette extraction method 
for detecting and tracking the human motion. The proposed method is to fuse the 
temporal and spatial gradient method. Also, we propose some compensation methods 
so as not to miss silhouette information due to poor images. Finally, we show the 
effectiveness and feasibility of the proposed method through some experiments.  

2   Hybrid Silhouette Extraction Method��

Gradients represent instantaneous changes in the pixel value over time and space. The 
three types of gradients that have proven useful are depicted in each image pixel as 
followings; the spatial information in the horizontal direction and in the vertical direc-
tion, and the temporal information. At each image pixel, two gradient operators are 
applied to enhance both vertical differences and horizontal differences. A statistic is 
then calculated on a selected sub-region of the spatial gradient image to produce a 
scalar quantity. Thus, at each image pixel, we can obtain estimates of the magnitude 
and direction of the spatial gradient. Temporal gradients are calculated for each image 
pixel by subtracting pixel by pixel.  

��

Fig 1. Hybrid silhouette extraction process 
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Using spatial gradient method, we can get all edge information of all things as well 
as a human body in one image. Using this edge information, it is not easy to find the 
unique silhouette of human body. On the other hand, using temporal gradient method, 
we can get the unique silhouette of human body from original image. But, this method 
has lost some information during updating the information obtained from the sequen-
tial images. To cope with these problems, we propose the hybrid silhouette extraction 
method. Figure 1 shows the block diagram for extracting the hybrid silhouette  

2.1   Hybrid Silhouette Extraction��

In this subsection, we discuss the hybrid silhouette extraction method. Let sequential 
image be defined as  

( , ; ) [ ( , ; ), ( , ; ), ( , ; )]

             [ ( )] .

T
r g b

T

I x y t I x y t I x y t I x y t

p t

=

=  

(1) 

Temporal gradient is temporal difference between consecutive two images. The 
temporal gradient and the spatial gradient including edge information are defined as  

, .

t

s

I
I

t

I I
I

x y

∂
=

∂
∂ ∂

=
∂ ∂
⎡ ⎤
⎢ ⎥⎣ ⎦  

(2) 

When we want to get the gradient information as key value of edge, it should be 
mapped into natural number. In this paper, we simply use the following mapping 
strategies:  

t tI I=
 

(3) 

s sI I=  (4) 

In robot system, the temporal gradient tI  can have three kind of undesired values: 1) 

tI can disappear because of camera problem. 2) tI has insufficient silhouette information. 

3) tI has unnecessary motion information due to internal vibration of robot. To overcome 

first undesired situation, we should check sum of temporal gradient tS  defined as 

( , )

1, If
( , )

0, else

t
t t

p I

t t
t t

S f I dp

I
f I

γ

γγ

∀ ∈

=

⎧ >⎪= ⎨
⎪⎩

∫

 

(5) 

where tγ  is minimum value to transform color image as binary image.  
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When tS is zero, the old temporal gradient is replace to current temporal gradient.   

The second and third undesired situation can be solved by using motion region 
model. To remove unnecessary motion information and complete insufficient silhouette 
information, we should use spatial gradient and history information of temporal gradi-
ent. History information of temporal gradient is the sum of consecutive some old tempo-
ral gradients. How to add spatial gradient and history information is key problem. 

We propose the convex sum of temporal and spatial gradient can generate reliable 
accurate silhouette. The convex sum denotes as 

( , ) (1 ) ( , )s tI x y I x yη η+ −
 

(6) 

where η  is the convex sum parameter. By adjustingη , we can get accurate silhouette 

or imprecise silhouette. Generally, the convex sum parameter has static value. It can 
be determined by experimental or manual method, generally. We determine the con-
vex parameter by using motion region model as shown in Figure 1.  

The motion region model is defined as 2R ⊂ . The initial motion region model 

has zero. Then the motion region mode is updated as following, where sγ is the bi-

narization parameter of spatial image. iγ  and iγ  are upper and lower increasing pa-

rameters. dγ  and dγ  are upper and lower decreasing parameters.  In subsection 2.2, 

the detailed description for parameters will be presented. Finally, the hybrid silhouette 
is calculated as  
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(8) 

where Rη  is convex sum parameter for motion region. Bη  is the convex sum pa-

rameter for background. Determination of these parameters is also discussed in 
section 2.2. 
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2.2   Choices of Parameters��

There exist many parameters in hybrid silhouette extraction method proposed in this 
paper. Unfortunately, these parameters are not easy to be determined via automatic or 
intelligent method. Therefore, we provide a guideline on appropriate relative choices of 
parameters. The upper and lower increasing parameters have the following constraint  

0i iγ γ> >  (9) 

 
 

�

(a) original image 
�

(b) hybrid silhouette 

�

(c)temporal gradient 
�

(d) spatial gradient 

Fig. 2. Hybrid silhouette extraction: tI has insufficient silhouette 

�

(a) original image 
�

(b) hybrid silhouette 

�

(c)temporal gradient 
�

(d) spatial gradient 

Fig. 3. Hybrid silhouette extraction: tI has unnecessary motion information 
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Similarly, the upper and lower decreasing parameters have the following constraint 

0 d dγ γ< <  (10) 

The increasing and decreasing parameters have to comply to the following con-
straint 

i d

i d

γ α γ

γ γ

>

<
 

(11) 

 
 

�

(a) original image 
�

(b) hybrid silhouette 

�

(c)temporal gradient 
�

�d) spatial gradient�

Fig. 4. Hybrid silhouette extraction: tI  is disappeared 

 

Fig. 5. Changes of hybrid silhouette of frame 1 and motion region model 
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where α  means temporal memory length. When  α  is two, the motion region model 

have recent two past motion information.  The convex sum parameter Rη  and Bη  

have following constraint 

0.5R Bη η> >  (12) 

Large iγ  values lead to make spatial gradient complete insufficient silhouette 

whereas small iγ  values yield less complete silhouette. However, large iγ  values 

also yield redundant silhouette information.  

3   Experimental Results�

We demonstrate the feasibility of the proposed method through some experiments. 
The sequential images are obtained by CCD color camera fixed on the robot. The 
sequential images are captured as 320x240 resolutions with 24 bit color depth. The 
proposed silhouette extraction method is applied to sequential images. The parame-
ters used in this experiment were manually chosen. We performed some experi-
ments for thee undesired situations as described in Section 2.1. Figures 2-4 show 
the results of the proposed extraction method under three undesired situations. Each 
figure has 4 pictures containing original image, temporal gradient, spatial gradient, 
and hybrid silhouette using one image. As shown in these figures, we could confirm 
the accurate hybrid silhouette in spite of unnecessary or insufficient silhouette  
information.  

 

Fig. 6. Changes of hybrid silhouette of frame 2 and motion region model 
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Fig 7. Changes of hybrid silhouette of frame 3 and motion region model 

�

Fig 8. Changes of hybrid silhouette of frame 4 and motion region model 

Figure 5-8 shows seven updating results of motion region model and hybrid silhou-
ette obtained from seven sequential images. Each figure shows 3 pictures containing 
original image, image obtained by motion region model, and hybrid silhouette extracted 
by the proposed method. As shown in this Figure 5-8, we can confirm more accurate 
hybrid silhouette after updating the information obtained from the sequential images.��

4   Conclusion��

In this paper, we proposed the hybrid silhouette extraction method of human body for 
detecting and tracking the human motion. The proposed method is to combine and 
optimize the temporal and spatial gradient information. Also, we proposed some 
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compensation methods so as not to miss silhouette information due to poor images. 
Finally, we have shown the effectiveness and feasibility of the proposed method 
through some experiments.��
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Abstract. A novel image registration scheme is proposed. In the proposed 
scheme, two-dimensional principal component analysis (2DPCA) combined 
with principal component analysis (PCA) is used to extract features from the 
image sets and these features are fed into feedforward neural networks to pro-
vide translation, rotation and scaling parameters. Comparison experiments be-
tween 2DPCA combined with PCA based method and the other two former 
methods: discrete cosine transform (DCT) and Zernike moment, are performed. 
The results indicate that the proposed scheme is both accurate and remarkably 
robust to noise. 

1   Introduction 

Image registration is the process of aligning two or more images of the same scene. 
Image registration techniques are embedded in a lot of visual intelligent systems, such 
as robotics, target recognition, remote medical treatment and autonomous navigation. 
The common image registration methods are divided into two types: intensity-based 
methods and feature-based methods. The analysis and evaluation for various 
techniques and methods of image registration are carried out on the basis of these two 
sorts, while the feature-based methods are emphasized [1]. 

Recently, Itamar Ethanany [2] proposed to use feedforward neural network (FNN) 
to register a distorted image through 144 Discrete Cosine Transform (DCT) -base 
band coefficients as the feature vector. But this method has too large lumber of input 
feature vectors for the un-orthogonality of DCT based space, thus expose low 
computational efficiency and high requirements on computer performance. Later, Wu 
and Xie [3] used low order Zernike moments instead of DCT coefficients to register 
affine transform parameters. Although the input vector dimension of neural networks 
is reduced, the estimation accuracy is still not satisfied. 

A key step in these image registration schemes is to extract image features to form 
the FNN training data set. The main challenge in this step is how to reduce the high 
dimensional input data and retain the feature for image registration. In this paper, we 
develop a novel method to image registration, which uses 2DPCA combined with 
PCA for feature extraction and then feed these feature vectors into a feedforward 
neural network to obtain register affine transform parameters. Experimental results 
                                                           
* Corresponding author. 
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show that the scheme we proposed is better than other methods in terms of accuracy 
and robustness to noise. 

This paper is organized as follows: In section 2, the new image registration scheme 
and its algorithm are presented. Section 3 focuses on experimental results comparing 
with other methods under various noisy conditions. Finally, the conclusions are 
presented in section 4. 

2   2DPCA Combined with PCA and FNN Based IMAGE 
Registration Scheme 

The registration scheme consists of two stages: the pre-registration phase and the 
registration phase. In the pre-registration phase, first, a training set is synthesized by 
the reference image. The feature coefficients are extracted from the training set with 
the method of 2DPCA combined with PCA, and then these feature coefficients are fed 
as inputs to a feedforward neural network. Second, the neural network is trained and 
its target outputs are affine parameters. In the registration phase, as the neural network 
is trained, the remainder work is simple. We just use the same method to extract 
features from the registered image and feed these features to the trained network to 
get the affine parameters estimated. The registration approach is shown in Fig. 1 in 
detail. 

   

R egistr ation phase :   

2DPCA&PCA

extract features  

 

P re - registration phase :  

 

Reference image   

Synthesize Training set 
 

-

( Apply affine 

transformation ) 

Train NN   

 

Register image   Trained NN
Registration   

parameters   
2DPCA&PCA
extract features  

 

Fig. 1. The pre-registration and registration phases of the proposed scheme 

2.1   Affine Transformation 

Geometrical transformation can be represented in many different ways, affine 
transformation is one of the most common used transformations.  It is a kind of rigid 
transformation, having many good mathematics characteristics. We can represent 
images with 2D matrices. Affine transformation can be described by the following 
matrix equation [2], [3]: 
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     (1) 

In the equation, there are four basic parameters for the transformation, where (x1,y1) 
denotes the original image coordinate, (x2,y2) denotes the transformed image 
coordinate in another image,  tx , ty are the translation parameters, s is a scaling factor 
and θ is a rotation angle. In this paper, we will adopt this transformation model. 

2.2    Feature Extraction Methods 

2.2.1   Principal Component Analysis 
PCA is a classical multivariate data analysis method that is useful in linear feature 
extraction and data compression [4]. It is essentially equivalent to Karhunen-Loeve 
transformation and closely related to factor analysis. All these methods are based on 
2nd-order statistics of the data. 

The PCA finds a linear transformation y=Wx such that the retained variance is 
maximized. It can be also viewed as a linear transformation that minimizes the 
reconstruction error [5]. Each row vector of W corresponds to the normalized 
orthogonal eigenvector of the data covariance matrix. 

One simple approach to PCA is to use singular value decomposition (SVD). Let us 
denote the data covariance matrix by Rx (0) = E{x (t)xT (t)}. Then the SVD of Rx (0) 
gives Rx (0) =UDUT, where U= [Us,Un] is the eigenvector matrix (i.e. modal matrix) 
and D is the diagonal matrix whose diagonal elements correspond to the eigenvalues 
of Rx (0) (in descending order). Then the PCA transformation from m-dimensional 
data to n-dimensional subspace is given by choosing the first n column vectors, i.e., n 
principal component vector y is given by y=Us

Tx. 

2.2.2   Two-Dimensional PCA 
Two-dimensional principal component analysis [6] is based on 2D matrices rather 
than 1D vectors. It is mean that the image matrix does not need to be previously 
transformed into a vector. An image covariance matrix can be computed directly by 
using the original image matrices. So, 2DPCA has two advantages over PCA. First, it 
is easier to compute the covariance matrix accurately. Second, less time is needed to 
determine the corresponding eigenvectors. 

We define X as an n-dimensional unitary column vector and present image A as an 
m × n random matrix. The main idea is to project the m × n random matrix, onto X by 
the following linear transformation [6], [7], [8]: 

=Y AX , (2) 

Where Y is an m-dimensional projected vector which is called the projected feature 
vector of image A. In order to determine a proper projection vector X, we introduce 
the total scatter of the projected samples to measure the discriminatory power of the 
projection vector X. The total scatter of the projected samples can be computed as the 
following equation: 

tr(X) = (S )xJ , (3) 
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where Sx is the covariance matrix of the projected feature vectors of the training 
samples and tr(Sx) denotes the trace of Sx. The covariance matrix Sx can be computed 
by 

[ ][ ]S = Y Y Y Y = AX AX AX AX
TT

x E E E E E E− − − −( )( ) ( ) ( )  
[ ][ ]) ) .

T
E E E− −= (A A X (A A X  

 

So, 

tr ) ( ) .T TE E E⎡ ⎤− −⎣ ⎦x(S ) = X (A A A A X
 

(4) 

Defining the following matrix H which is called the image covariance (scatter)  
matrix: 

) ) ,TE E E⎡ ⎤− −⎣ ⎦H = (A A (A A
 (5) 

where H is an n × n nonnegative definite matrix from its definition. The matrix H can 
be computed directly by using the training samples. Given training image samples 
A1,…,AM, the jth training image can be denoted by an m × n matrix Aj (j =1, 2,…, M), 
and the average image of all training samples is A . Then, H can be computed by the 
following equation: 

1

1
( ) ( ).

T
M

j j
jM =

− −∑H= A A A A
 

  
(6) 

The criterion in (3) can be represented by 

TJ (X) = X HX , (7) 

where X is a unitary column vector. We can call this criterion as the generalized total 
scatter criterion. The unitary vector X that maximizes the criterion is called the 
optimal projection axis. Intuitively, this means that the total scatter of the projected 
samples is maximized after the projection of an image matrix onto X. 

In fact, the optimal projection axes, X1, X2,…,Xd, are the orthonormal eigenvectors 
of H corresponding to the first d largest eigenvalues. So we can adopt these projection 
vectors, X1,…,Xd, for feature extraction. For a given image sample A, let 

, 1,2,...,Y =AXk k k d= . (8) 

Where Yk is the principal component (vectors) of the sample image A. So, a series of 
projected feature vectors, Y1,…,Yd, can be obtained. From the above equation, we can 
see that each principal component of 2DPCA is a vector, comparing with the principal 
component of PCA which is a scalar. 

As the principal component vectors are obtained from the above equation, an m × d 
matrix B can be defined as [Y1,…, Yd]. The matrix B is the feature matrix of the im-
age sample A. 

However, it should be pointed out that 2DPCA-based image representation was not 
as efficient as PCA in terms of storage requirements, since 2DPCA requires more coef-
ficients for image representation than PCA [6]. So in the proposed image registration 
scheme, we take advantage of PCA after 2DPCA for further dimensional reduction. 
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(a) 

 
(b) 

Fig. 2. (a) An original image and (b) a registered image  in the training set with 15-degree 
rotation, 110% scaling, translation of 2 pixel and -3 pixel on X-axis and Y-axis respectively 
at a signal-to-noise ratio (SNR) of 20 dB 

2.3   Image Registration Scheme with FNN 

The image registration scheme includes training the FNN to provide the required 
affine parameters. Each image in the training set is generated by applying an affine 
transformation. The affine parameters are randomly changed in a predefined range so 
as to reduce correlations among images. In order to improve the generalization and 
immunity of the FNN from over-sensitivity to distorted inputs, we introduce noise in 
the image synthesis. Then we employ 2DPCA combined with PCA as a feature 
extraction mechanism presented to the FNN. 

Because there is no theoretical guidance to decide the number of neurons in hidden 
layer [9] [10] and the low computational efficiency of some methods such as cross 
 

 

Fig. 3. Relative errors with respect to translation, scale and rotation vary with the number of
2DPCA component feature vectors (d) 
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validation and bootstrap, for the FNN with three layer structure we can use the 
empirical formula [11] to compute the hidden neuron number: 

20.43 0.12 2.54 0.77 0.35 0.5mn n m np + + + + += , (9) 

where p is the number of neurons in hidden layer, m is the number of input neurons 
and n is the number of output neurons. Here the structure of the FNN is that contains 
60 inputs, 4 outputs and 17 hidden neurons. Sigmoid transfer functions are employed 
in the hidden layers while linear functions characterize the output-level neurons. The 
FNN is trained by using the Levenberg-Marquardt algorithm [12] based on gradient-
descent learning technique. 

3   Experiments 

3.1   Parameter Selection and Accuracy of the Proposed Method 

In the experiment, a pair of 256×256 resolution images was used. Fig. 2 shows one of 
the original images and a transformed image containing translation, rotation and scaling. 

The training set consists of 300 images, each image is transformed from the 
reference image by translating, rotating and scaling randomly within a predefined 
range. Besides, additive Gaussian noise and Salt & Pepper type noise are applied on 
each image in various intensities. We can also generate some test samples to 
demonstrate the registration accuracy of the proposed method. The optimal projection 
vectors of 2DPCA, X1,…,Xd , described in (8) are used for feature extraction, and 
then we get the 256 × d feature matrix from  each image in the given training set. 
After using 2DPCA to feature extraction, we use PCA for further dimensional 
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Fig. 4. RMSE between the registered image  and the original image under 15 db SNR 
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Table 1. Distortion parameters estimation Under 20 db SNR 

Distortions Parameters Registered Parameters 
Translation [0,0] [-0.39192, -0.2638] 
Scale 1 1.0155 

No Distortion 

Rotation 0 0.08075 
Translation [0,0] [0.27772, 0.5015 ] 
Scale 0.9 0.90003 

No 
Translation 

Rotation 21 20.95 
Translation [-2,1] [-2.4469，0.68821] 
Scale 1 0.99839 

No Scale 

Rotation 3 2.7827 
Translation [5,-5] [4.7748，-4.4004] 
Scale 0.75 0.75554 

No Rotation 

Rotation 0 -0.14539 
Translation [-5,5] [-4.6695，4.438] 
Scale 1 0.99888 

Only 
Translation 

Rotation 0 -0.14539 
Translation [0,0] [0.46742，0.44583] 
Scale 1.25 1.2357 

Only  Scale 

Rotation 0 0.64803 
Translation [0,0] [-0.3987，-0.2838] 
Scale 1 1.0022 

Only Rotation 

Rotation 38 38.609 
Translation [-5,4] [-5.1254，3.8283] 
Scale 0.9 0.92162 

Combined 
Distortions 

Rotation 25 24.919 
Translation [5，-1] [4.7844，-1.265] 
Scale 1.134 1.1324 

Combined 
Distortions 

Rotation 11.2 11.218 
Translation [-2，-3] [-2.2719，-3.283] 
Scale 0.7 0.71089 

Combined 
Distortions 

Rotation 33 33.011 

reduction and the final the number of input feature is 60. These feature coefficients of 
images are inputs of FNN, the FNN is trained and its outputs are affine parameters. 
Finally, the feature coefficients are extracted from the registered image with the same 
method and fed as inputs into the trained neural network to get the affine parameters 
estimated.  

In this experiment, as we add the d from 1 to 12, Fig. 3 shows the relative error varies 
with d. As observed in Fig. 3, the relative error is reduced generally with the increase of 
d. we can also see that when d ﹥ 4, the registration scheme we proposed becomes 
accurate in estimating the affine parameters especially in estimating the scale parameter 
and the rotate parameter. The accuracy became steady and satisfying as d ≥  10.  
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Simulation results are shown in Table 1 as d = 12 and SNR = 20 db. The accuracy 
of parameter estimation can be also evaluated by root mean square error (RMSE) 
between the registered image and the original image, Fig. 4 shows the results under 
various test data sets under 15 db SNR. 

3.2   Comparison with Other Methods Under Different Noisy Conditions 

In the proposed method, we choose d=10 and dimension of input feature is 60.While 
in Zernike moment-based method, the dimension of input feature is 60 and 17 
neurons in hidden layer, and in DCT-based method, the dimension of input feature is 
=64 and 18 neurons in hidden layer. Same with the above experiment, a training set 
consisting of 300 images is synthesized. In order to evaluate registration performance 
with Gaussian noise, we take 40 images for each the evaluated SNR value. The test 
image as shown in Fig. 1 (a) is rotated 15 degree, 110% scaled, translated 2 pixels and 
-3 pixels on X-axis and Y-axis respectively. Fig. 5 depicts the results of estimating the 
affine transform parameters under different SNR values. 

 
(a) 

 
(b) 

 
(c) 

 
(d) 

Fig. 5. Absolute registration error comparison DCT, Zernike and 2DPCA combined with PCA. 
(a) error with respect to translation on X-axis, (b) translation on Y-axis, (c) scale  and (d) rota-
tion errors. 
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By analyzing the experiment results, it can be found that our method shows more 
accurate than the other two methods, especially when SNR is larger than 20 dB. 

4   Conclusions 

In this paper, a novel image registration scheme is proposed, which adopts the FNN 
and 2DPCA combined with PCA to register affine transform parameters. Comparison 
experiments for feature extraction based image registration among DCT, Zernike 
moment and 2DPCA combined with PCA are performed under different noisy 
conditions. It is shown that the proposed scheme has more accurate registration 
performance and robust to noise than the other methods. The experiment results 
suggest that 2DPCA combined with PCA is a much efficient method to represent 
image registration feature. 

The proposed method still deserves further study. First, the performance of this 
method is not very satisfying when SNR is low, the solution may be that other feature 
extraction methods [13], [14] are investigated. Second, the generalization abilities of 
the FNN can be optimized in other methods such as regularization [15]. Third, 2D-
image registration problem is not satisfied for some practical applications. In the fur-
ther study, we will engage to find the solution for these problems and try to develop 
3D-image registration based on the proposed method.  
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Abstract. This paper proposes a novel filtering method for removing such 
speckle noise from Synthetic Aperture Radar image that combines the 
Stationary Tree-structured Wavelet Transform (STWT) with a Bayesian 
wavelet estimator. Experimental results on several test images by using the 
proposed method show that, the proposed method yields significantly superior 
image quality and better Peak Signal to Noise Ratio (PSNR). 

1   Introduction 

Speckle reduction is an important issue in SAR image processing. In recent year, the 
wavelet-based techniques have been widely utilized in SAR image processing [1–4]. 
Wavelet denoising methods usually apply hard or soft thresholding to the detailed 
wavelet coefficients of noisy images [5]. However, most of the wavelet thresholding 
methods suffer from the drawback that chosen threshold may not match the specific 
distribution of signal and noise components in different scales. To address this issue, 
the non-linear estimators based on formal Bayesian theory are developed [3], [4]. 

In this paper, we propose an efficient Stationary Tree-structured Wavelet 
Transform (STWT) based despeckling method that preserves edges of the original 
image. We avoid the log-transform and derive a novel wavelet shrinkage factor based 
on the special form of the generalized Gaussian distribution, i.e. Laplace distribution 
model, of wavelet coefficients. 

2   Stationary Tree-Structure Wavelet Transform 

Generally there are two types of wavelet decomposition namely Discrete Wavelet 
Transform (DWT) and Stationary Wavelet Transform (SWT). Both DWT and SWT 
are the traditional pyramid-type wavelet transforms which recursively decompose 
subimages into low frequency channels. However, since the most significant 
information of texture often appears in the middle frequency channels, recursive 
decomposition just into the lower frequency region may not be optimum for SAR 
images, which contain a great deal texture information. 

Here we approach this problem by analyzing SAR images by the stationary tree-
structured wavelet transform (STWT). The key point in our approach is that we no 
longer simply apply the decomposition to the low frequency subimages only. Instead, 
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decomposition can be applied to the output of any filter LLh , LHh , HLh , or HHh , 

which is found to contain significant information. At the same time, the down 
sampling process is not applied to make it shift invariant. Note that it is usually 
unnecessary and expensive to decompose all subimages in each scale to achieve a full 
decomposition. To avoid a full decomposition, we may consider a criterion, such as 

1l norm or norm, to decide whether a decomposition is needed for a particular output. 

The STWT is given below. 

1) Decompose an image using SWT into four subimages. 
2) Calculate the average energy of each decomposed subimage. 

2

1 1

1
( , )

M N

m n

e x m n
MN = =

= ∑∑                                                    (1) 

3) If the energy of a subimage is significantly smaller than others of the same level, 
we stop the decomposition in this region since it contains less information. 

4) If the energy of a subimage is significantly larger, we apply the above 
decomposition procedure to the subimage once again. 

3   Bayesian Wavelet Estimate 

In the wavelet domain, multiplicative speckle noise can be converted into additive 
noise without the use of the log-transform [6]-[8] 

[ ] [ ] [ ] [ ( 1)]X Y NW W X W YF W Y W Y F W W= = = + − = +           (2) 

Equation (2) can be simply formulated as y w n= + , where y noisy wavelet 

coefficient, w true coefficient, and n noise, which is independent Gaussian. This is a 
classical problem in estimation theory. The MAP estimator for (2) is  

|ˆ ( ) arg max ( | )w y
w

w y p y x=                                            (3) 

Using Bayes rule, one gets 

|ˆ ( ) arg max[ ( | ) ( )] arg max[ ( ) ( )]

arg max[log( ( )) log( ( ))]

y w w n w
w w

n w
w

w y p y w p w p y w p w

p y w p w

= ⋅ = − ⋅

= − +
   (4) 

From the assumption on the noise and the wavelet coefficients, np  is zero mean 

Gaussian with variance nσ , and wp  can be described by the Laplace model which is 

a special case of GGD to reduce the computation complexity 

21
( ) exp

2
w

w
p w

σσ
⎛ ⎞
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                                          (5) 
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where σ is the standard variance of the wavelet coefficients, the estimator will be 

22
ˆ ( ) ( ) nw y sign y y

σ
σ

+

⎛ ⎞
= −⎜ ⎟

⎝ ⎠
                                          (6) 

Since ( ) 0E n = , and w and n are statistically independent, σ  in (6) is 

computed by 2 2( )y nsqrt σ σ− . 

4   Experimental Results 

In this section, the simulation results, obtained by processing a real SAR image using 
our proposed method are presented and the results of the proposed approach are 
compared with Lee filter, Gamma MAP filter, and SWT method [9]. Fig. 1(a) depicts a 
‘Horse track’ image (near Albuquerque, New Mexico) affected by speckle 
phenomena which Standard deviation to mean ratio (S/M) is equal to 0.5609. The 
denoised image by the proposed method is depicted in Fig. 1(d) which S/M value is 
reduced to 0.4255.  

   
                                   (a)                                                              (b) 

      
  (c)                                                      (d) 

Fig. 1. Result of different despeckling methods (a) original SAR image; (b) result of Lee filter; 
(c) result of SWT method; (d) result of the proposed method 
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5   Conclusions 

In this paper, we presented a wavelet-based despeckling method for SAR images. The 
proposed method exploits the translation invariance of an undecimated tree-structure 
wavelet decomposition to achieve a rejection of multiplicative noise that is practically 
free of the typical artifacts introduced by denoising schemes relying on critically 
subsampled wavelet transforms. Experimental results demonstrate that our method 
has a good despeckling performance in standard test and SAR images and typically 
preserves even the minor edges. In future work, we plan to further improve the 
performance of this despeckling method by including other techniques, such as the 
iteration process or simulated annealing. 
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Abstract. A new method of the Road extraction in synthetic aperture radar 
(SAR) image is proposed in this paper. Roads in a high resolution SAR image 
can be modeled as a homogeneous dark area bounded by two parallel lines. The 
fundamental is based on linear extraction and improved Hough transform. 
Combining Hough transform and the partition of the line, the problem of loca-
tion of line segments was solved. The improved Hough transform is tested on 
synthetic images and noisy images. The experimental results show the method’s 
validity. 

Keywords:  road extraction, Hough Transform, SAR image. 

1   Introduction 

Because of the speckled noise in SAR image, the structures of the Road are hidden 
partly. A noteworthy characteristic of the Hough Transform [1] is that it does not 
require the connectedness of co-linear points. Thus Hough Transform is very suitable 
for Road extraction from high resolution SAR images [2]. 

The Hough transform (HT) integrates binarization image along each possible line 
in the image and maps this information into a feature space. The mainly drawback of 
HT is that it can’t get the length and the endpoints position of the line segments. To 
avoid the this, Zhang and Webber[3] proposed WCHT which can extract short 
straight lines by using small overlapping windows. However, the WCHT may extract 
many false short lines if the window is set to a small size in the extraction of the short 
lines. Y. Furukawa and Y. Shinagawa [4] determined the endpoints of the line seg-
ments by analyzing the distribution of the butterfly.  

A new fast line extraction method is proposed in this paper. In this method a line 
segment is divided into many segments with different length which can exact location 
of the line. In SAR images road extraction is based on linear detection. While tradi-
tional methods need filter firstly, this decreased the singularity of the road. The 
method based on the improved Hough transform can solve the problem. It needn’t the 
filter of SAR image and can get over the affection of speckle noise. 

2   The Improved Hough Transform  

To a pair of parameter ),( ii θρ , the number of the pixels of the line segment and the 

position of each pixel can be gotten by Bresenham line-drawing algorithm [5]. In this 
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paper, the number of pixels in a line segment is noted as )1;,,2,1( ≥= nniMi . 

Form the definition of HT, we know the value of the peak in parameter space repre-
sents the number of the pixels of the white line in a black background image. So that 
is the same of the process of using Bresenham line-drawing algorithm, the value that 
is corresponded to the parameter ),( ii θρ  in HT is noted as )1;,,2,1( ≥= nniNi .  

Suppose an image I with white lines on a black background and the size of the im-

age is, kNNN k ,2, =× is integer, the improved Hough transform procedure as 
follow: 

i. Set the original value of the layer=0, then the presently calculative image C is 
original image I. And suppose there is a new NN ×  image R in which the 
value of every points are zero, that is, the whole image is black. 

ii. In image C, according to a group of parameters ),( ii θρ  and the peak 

value )1;,,2,1( ≥= nniNi , lines can be found by Hough transform. 

iii. The number )1;,,2,1( ≥= nniMi  of pixels in the line ),( ii θρ is calcu-

lated by Bresenham line-drawing algorithm. 

iv. Calculating the values of  ( 1, 2, , ; 1)i

i

N
i n n

M
= ≥ , if 

(0 1)k

k

N
thresh thresh

M
≥ < ≤ then the following steps will be carried out: 

a) In image R, plotting the line with the parameter ),( kk θρ run through the 

whole calculated range to the image C; 
b) Finding the location of the points of the line in the image C and Setting 

the values of these points with 0. 

If  k

k

N
thresh

M
< , then there is a line segment too which only lies in segmental range 

and the current layer isn’t suitable for detecting the line segment. So it is necessary to 
keep on dividing the image by increasing the value of the layer by 1. The image C is 
divided into four smaller image 4,3,2,1, =mCm . For each mC , supposing image 

mC is image C and repeating the procedure from step ii to iv till there don’t exist 

parameter ),( kk θρ  which can satisfy the condition of k

k

N
thresh

M
< . 

v. So the image R is the result of the extraction of the lines. 

A set of 128×128 synthetic images with noise was used to test the improved  Hough 
transform as is shown in Fig.1. There is a line segments in Synthetic image (a). Fig.1(c) 
shows the layers of the improved Hough transform. Comparing Fig.1(b) and Fig.1(d), 
the improved Hough transform can exactly locate the line while the traditional Hough 
transform only can get a line running though the whole image. The salt noise is added to 
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Fig. 1. The result of the improved HT and the Comparison with traditional HT  

the Fig.2(a). In Fig.2(d), the line segment still is found (see Fig.2(f)). So the method of 
improved Hough transform has the capability of anti-noise. 

3   Experimental Results and Analysis  

The first step of traditional methods of road extraction is filter while there isn’t a very 
perfect filter method for SAR images. The processing of filter always brings future 
trouble to edge detection. In our method, the process of filter is thrown off because of 
 

(a) Original SAR 
image 

(c)Linging shorten 
line segments 

(b) Result of im-
proved Hough transform

 

(d)Extraction of 
road edge 

(e)synthetical image of 
the edge and original image

(g)synthetical image of 
the edge and original image 

(f) original image 

 

Fig. 2. Road extraction in SAR image 
 

(a) original image (c)the line segments in different layers 

(e) noisy image  (f)the result of improved HT to noisy image  

(b)the result of  traditional HT

(d) the result of  improved HT 
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the ability of anti-noise of the improved Hough transform. The proposed algorithm of 
road extraction was tested on real SAR Images. The mainly steps are as follows.  

i. Edge detection by Canny operator; 
ii. Finding the short line segments by the improved  Hough transform  

iii. Linking the short line segments[6,7]; 
iv. The two edges of the road are parallel, and the distance of the two lines is 

more short that their lengths. So the other interferential lines in the edge image 
can be thrown off. 

Fig.2 proved that the improved Hough transform has better effect on the roads ex-
traction in SAR images. Based on this improved Hough transform, it also can detect 
bridges as is shown in Fig.2.(f),(g) 

4   Conclusions  

Improved Hough transform combing Hough transform and the partition of the line 
can exactly locate and extract lines segments from noisy images which also can be 
used in locating different polygons. The value of the thresh has influence on the accu-
racy of detection. We would go on the research of improving the accuracy of detec-
tion and the application in the processing of SAR images. 

Acknowledgments 

This works was supported by the National Natural Science Foundation of China (No. 
60472072), and the Specialized Research Found for the Doctoral Program of Higher 
Education (No. 20040699034), and Aeronautical Science Foundation of China (No. 
04153070; No.05153076), and the Natural Science Foundation of Shaan’xi Province, 
and Doctorate Foundation of Northwestern Polytechnical University. 

References 

1. J.Illingworth and A.K.Jain.: A survey of the Hough transform. Computer Vision Graphics 
Image Processing, vol.44.(1988)87-116. 

2. JIA Cheng-li, JI Ke-feng, JIANG Yong-mei, KUANG Gang-yao.: Road Extraction from 
High-Resolution SAR Imagery Using Hough Transform.  Geosciences and Remote Sensing 
Symposium, 2005. 1(2005)336 – 339. 

3. Zhang Y, Webber R.: A windowing approach to detecting line segments using Hough trans-
form, Pattern Recognition, 29:(1996)255-265. 

4. Y. Furukawa and Y. Shinagawa.: Accurate and robust line segment extraction by analyzing 
distribution around peaks in Hough space. Computer Vision and Image Understanding, Oc-
tober, 92(1): (2003)1–25. 

5. Jack E. Bresenham.: Algorithm for Computer Control of a Digital Plotter, IBM Systems 
Journal, 4(1): (1965)25-30. 

6. Wessel, B.and Wiedemann, C.: The role of context for road extraction from SAR imagery. 
Geoscience and Remote Sensing Symposium, 6 :(2003).4025-4027. 

7. Tupin, F. and Houshmand, B.: Road detection in dense urban areas using SAR imagery and 
the usefulness of multiple views. IEEE Transactions on Geosciences and Remote Sensing, 
40(2002):2405 – 2414. 



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 714 – 723, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

A Novel Method for Solving 
the Shape from Shading (SFS) Problem 

Yi Liao and Rong-chun Zhao 

Northwestern Polytechnical University, Xi’an, Shaanxi, 710072, China  
nwpu_liaoyi@yahoo.com, rczhao@nwpu.edu.cn 

Abstract. We consider the generalized regularization problem of Shape-from- 
Shading. The traditional algorithms are to find the minimum point of the 
optimization problem where the regularization term is considered as the part of 
the objective function. However, the result of regularization may deviate from 
the true surface, due to the ill-posedness of the SFS problem. In this paper, we 
propose a novel method to solve this problem. The algorithm consists of two 
steps. In the first step, we recover the components of the surface in the range 
space of the transpose of the system matrix, from the observed image by using 
the Landweber iteration method, where the Pentland’s linear SFS model is 
adopted without any regularization. In the second step, we represent the 
regularization condition as an energy spline in the Fourier domain, and find the 
minimum value of the energy function with respect to the components of the 
surface in the null space of the system matrix. Quantitative and visual 
comparisons, using simulated data of a fractal and smooth surface, show that the 
proposed method significantly outperforms the Horn, Zheng-Chellappa, 
Tsai-Shah and Pentland linear methods for surface reconstruction. 

1   Introduction 

Shape-from-Shading (SFS) has been researched for many years and applied in different 
areas. Although recent work on SFS claims that it can be modeled as a well-posed 
problem by assuming a pinhole camera and a point light source located at the optical 
center [1], [2], [3], in other situations SFS problem is ill-posed [8], [10] and the variety 
of regularization methods [4], [5], [6], [7], [23], [24] have been applied to obtain a 
stable result. Generally the regularization term is considered as the part of the objective 
function to optimize but the result may deviate from the true surface [4], [5], [6], [7]. 
However, Worthington and Hancock provided a new framework where the image 
irradiance equation is a hard constraint and the needle-map consistency constraint is 
used for updating the needle-map [23]. This improves the data closeness of the 
recovered needle-map and facilitates control of the new framework to investigate 
various types of needle-map consistency constraint. In this paper we propose a new 
method to keep the data closeness and a one-step update by using a generalized 
regularizer. The proposed method recovers the surface height directly rather than from 
a needle-map of the surface. 

The discrete surface and image are considered where the surface size is larger than 
the image size. Using the Pentland’s linear SFS model [9], we first reconstruct the 
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surface by using the Landweber iteration method. And then we provide a null space 
compensation method to recover the components of the surface. This is in the null 
space of the system matrix and cannot be obtained from the Landweber iteration. The 
regularization term is minimized with respect to the null space components of the 
surface to be reconstructed, where the regularization term is formed as a spline 
represented as an energy function in the Fourier domain [16]. 

In section 2, we introduce and apply the Landweber iteration to the Pentland’s 
linear SFS model to recover the range space components of the surface that is to be 
reconstructed. In section 3, we propose our null space compensation method for 
LSFS problem, with the regularization term represented as a variational spline in 
Fourier domain. Simulation results are shown in section 4, followed by conclusions 
in section 5. 

2   Linear SFS Based on Landweber Iteration 

The fundamental model of the SFS problem [4] is 

( ) ( ) ( )
( ) ( ) 1,,

,,
,

22 ++

++=
yxqyxp

cyxbqyxap
yxf                                      (1) 

where cba ,,  are the parameters determined by the illumination direction; ( )yxf ,  is 

the image intensity; yzqxzp ∂∂=∂∂= ,  with ( )yxz ,  being the surface height 

corresponding to image ( )yxf , . When the surface slope is low, i.e. 11 22 ≈++ qp , 

Pentland’s linear model [9] (LSFS) may be used: 

( ) ( ) ( ) cyxbqyxapyxf ++≅ ,,, .                                          (2) 

We denote the LSFS problem as a general matrix problem 

fAz =                                                                 (3) 

where A  is a coefficient matrix determined by equation (2), z  a vector representing 

the surface height to be recovered, f  a vector which satisfies cff += ˆ . f̂  is the 

vector form of the observed image and c  is a constant vector caused by linearization. 
The basic Landweber iteration to solve problem (3) is as follows [12]: 

( ) ( ) ( )( )fAzAzz −−=+ nTnn τ1                                               (4) 

where τ  is a constant that has to meet 2
10 A<< τ . Many modified Landweber 

iteration methods can be found in different applications, such as recent developments 
on image reconstruction in Electrical Impedance Tomography [12], [13], [14], [15]. 
However, these modifications do not perform much better than the basic Landweber 
iteration method according to Pan and Yagle [11]. They derived that the k-th iteration 
can be represented as 
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where the orthogonal matrices [ ] [ ]nm vvVuuU ,,,,, 11 ==  and the diagonal matrix 

S  form the singular value decomposition (SVD) TUSVA = .  
iσ  is the singular 

values of matrix A . ( )Ar  is the rank of A  and  
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are the components of the initial value ⊥+= 000
~ zzz  in the range space ( )TR A  and the 

null space ( )AN , respectively. niwi ,,1, =  are the coefficients. The first, second 

and third sums in the above equation represent the reconstruction from the data, the 
error in the observed data, and the initial value, respectively. As ∞→k , the first and 
second sum become constants, and the third sum approaches zero. It means that the 
effect of the components of initial value in ( )TR A  die out, the data will be 

reconstructed, but at the same time the error will be amplified. This explains the 
deterioration problem in [13]. 

3   Null Space Compensation with an Energy Spline 

From section 2 we can see that the components of the surface z  in the null space of the 
matrix A  cannot be reconstructed by the Landweber Iteration method (or any 
generalized Landweber iteration method [11]). However, the null space components 
may be very important to the reconstructed surface if the rank ( )Ar  is relatively low. 

This means that lots of information of z  is lost during the transformation and cannot be 
recovered without any other information on z . In this section, we propose a novel 
method to compensate the null space components of terrain surface z  with a spline 
represented as an energy function in the Fourier domain [16], based on the 
reconstructed result from the Landweber iteration method. 

Suppose the surface z  can be represented by the orthogonal matrix V  as 

Vwz =                                                                     (7) 

where w  is the coefficient vector that denotes the projection of z  onto V : 

zVw T= .                                                                   (8) 

Without loss of generality, we assume that w  is such that 

z
V

V

w

w
w

w

w

⎟
⎟
⎠

⎞
⎜
⎜
⎝

⎛
=⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
=

⊥
⊥

T

T

~
~

                                                       (9) 



 A Novel Method for Solving the Shape from Shading (SFS) Problem 717 

where 
ww

VV ~,⊥  denote the sub-matrices consisting of the basis corresponding to the 

null space components ⊥w  and the range space components w~  respectively. 
Given the expectation [ ] θz =E  and the covariance matrix C  of z , the expectation 

and covariance matrix of w  are θVμ T=  and CVV T  respectively. We infer the 

unknown components of the surface according to the given statistics, i.e. sample the 
unknown components with highest probability: 
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expmax~max TTπ , 

where π  denotes the probability function. It is equivalent to solving the following 
minimization problem: 
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where μμ ~,⊥  are the components of μ  in the null space ( )AN  and the range space 

( )TR A  respectively. The minimum value of equation (10) has to satisfy 

( ) ( ) 0μwCμwC
www

=−+− ⊥⊥
⊥⊥ ~~

~,

invinv                                   (11) 

where 

⊥⊥⊥
−=

www
VCVC 1Tinv , 

wwww
VCVC ~

1
~,

−
⊥⊥ = Tinv . 

More specifically, we provide the following proposition for the preferred structure of 
the prior information of the surface to be reconstructed. 

Proposition 1 (necessary condition): Let TPPΛC =−1  and TUSVA =  be the 

singular value decomposition of the symmetric matrix 1−C  and the system matrix A  
respectively. Suppose V  satisfies the equation (9). If 

wwww
VCVC ~

1
~,

−
⊥⊥ = Tinv  is not a zero 

matrix, then the inverse 1−C  satisfies: 

(1) The diagonal matrix OΛIΛ ≠≠ ,α ; and 

(2) The orthogonal matrix P  is not parallel to the orthogonal matrix V . Here 
parallel means that { }( )1,1 −= diagTVP , where { }( )1,1 −diag  is a diagonal matrix with 

each diagonal element being either 1 or 1− . 

Proof: We first show that the first condition has to hold. Obviously, if OΛ = , then 

OVPPΛVVCVC wwwwww
=== ⊥⊥⊥

−
~~

1
~,

TTTinv  is a zero matrix. If IΛ α= , then 

OVPPVVPPΛVC wwwwww
=== ⊥⊥⊥ ~~~,

TTTTinv α . 

Now we consider the second condition. ( )( )nrnj vvVv Aw ,,1~ +−=∈∀ , its projection 

on P  is 
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where ( )( )nrnj ppPp Aw ,,1~ +−=∈ . If { }( )1,1 −= diagTVP , then we have  

0=±= j
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ijj
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□ 
We seek the orthogonal matrix P  such that the projection of each component of V  
onto any axis of P  is nonzero. Szeliski and Terzopoulos [16] provided a regularization 
term for surface reconstruction problem, where the regularization term is a spline 
represented as an energy function: 

( ) ( )∑∫∫ ∑
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where ( )yxm ,μ  is the weight. The Fourier transformation of the above functions when 

mμ  are constant is ( ) ( )∫ ωωω dzG
22

ˆ
2

1 , where ( )ωẑ  is the Fourier transform of the 

surface ( )yxz ,  and ( ) ∑
=

=
n

m

m

mG
0

22 ωω μ . If ( )yxz ,  is a random field, then ( )ωẑ  is a 

Gaussian variable with variance ( ) 2−ωG . Szeliski and Terzopoulos extend the variance 

as β−ω  by comparing it with the power spectrum of a fractal Brownian surface. Thus 

the prior distribution of z  can be represented as: 

( ) ( ) ( )⎟
⎠
⎞

⎜
⎝
⎛−∝ zPΛzPz TTT

2

1
expπ                                       (12) 

where P  denotes a Fourier matrix. Covariance matrix 1−Λ  is diagonal with each 

diagonal element being β−ω  that corresponds to the same indices ω  in P . The 

exponent 42 ≤≤ β . When 4=β , it refers to a relatively smooth surface. When 

42 << β , it refers to a fractal surface. 

The equation (11) can be solved by any matrix problem solver [20]. We describe our 
null space compensation algorithm as follows. 
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Algorithm (Null Space Compensation): Given problem (3) and the prior information 
TPPΛC =−1  and supposing 0μ =  (this can be down by extracting the mean value): 

(a) Do the normal Landweber iteration using equation (4) until convergent with 
given initial value 

0z , obtain the reconstructed data z ; 

(b) Project z  and 
0z  onto the orthogonal matrix V  using equation (8), obtain the 

coefficient vector w  and 
0w  respectively; 

(c) Find the invariant components in w  and 
0w , obtain the components of z  and 

0z  

in the null space ( )AN , denote it as ⊥
0w ; 

(d) Subtract the invariant components ⊥
0w  from w  and obtain the components of z  

in the range space ( )TR A , denote it as w~ ; 

(e) Compute the new components ⊥w  of the reconstructed data in null space ( )AN , 

by minimizing ( ) ( )** VwPΛVwP TTT  with respect to ⊥w , where ( )( )TTT
www ~,* ⊥= . 

(f) Compute the new reconstructed data ** Vwz = . 

The complexity of the algorithm mainly depends on the SVD operator which is 
( )2NO . Thus the computation time increases dramatically when the image size 

increases. Its applicability depends on the performance of the hardware. However, in 
practice we can always apply multi-analysis [21] to a large-scale problem or recover the 
surface patch by patch, which results small-scale problems. 

4   Simulations 

In this section, we describe the simulation of a small fractal surface of size 17×17 with 
fractal dimension 2.2 (see Fig. 1 (a)) by the Power Spectral Synthesis method [17], and 
a surface of a semi sphere of size 17×17(see Fig. 1 (b)). The corresponding simulated 
images, of size 16× 16 with illumination (45º, 45º), are presented in figures 1(1) 
 
 

 
 

(1) 
 

 
 
(2) 
  
 

                         (3)                          (4) 

Fig. 1. Simulated Surfaces and Images. (3) is a surface of a semi sphere and (4) is a fractal 
surface. (1) and (2) are images generated with illumination direction as (45º, 45º) from the 
ground truth (3) and (4) respectively. 
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and 1(2) based on equation 
(1) respectively. Note that 
the box dimension [18] of 
the simulated fractal 
surface is not exactly 2.2, 
but 2.2541. Simulated data 
provides a valid and easily 
reproducible basis for 
comparative analysis of the 
proposed method with other 
known methods. 

In the implementation of 
our method, we set 

420.12 =+×=β  for the 

image (1) and 
6.328.02 =+×=β  for 

the image (2) in Fig. 1, 
since the former one is 
smooth and the latter one is 
fractal. Alternatively, we 
can use the method 
provided by Pentland to 
estimate the dimension of a 
fractal surface from its image intensity [22]. Set the parameter 5.0=τ  in the 
Landweber iteration. Before computing the squared error between the reconstructed  
 

   
                     (a) Horn                          (b) Zheng-Chellappa                     (c) Tsai-Shah 

   
                (d) Pentland linear                    (e) Landweber            (f) Null Space Compensation 

Fig. 3. The Reconstructed Smooth Surfaces. In this figure the reconstructed surfaces for image 
(1) in Fig. 1 from typical SFS algorithms, the Landweber iteration, and our null space 
compensation method are shown. The proposed method is a significantly more accurate 
reconstruction than the other known methods. 

Fig. 2. Comparison of the Percentage Errors. In this figure 
we compare the percentage error of our proposed method 
with the Landweber iteration and four typical 
Shape-From-Shading methods for the images (1) and (2) in 
Fig. 1. The proposed method significantly outperforms the 
other methods in both smooth (corresponding to image (1)) 
and fractal (corresponding to image (2)) surfaces. 
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                     (a) Horn                           (b) Zheng-Chellappa                    (c) Tsai-Shah 

   

               (d) Pentland linear                   (e) Landweber             (f) Null Space Compensation 

Fig. 4. The Reconstructed fractal Surfaces. In this figure the reconstructed surfaces for image (2) 
in Fig. 1 from typical SFS algorithms, the Landweber iteration, and our proposed method are 
shown. At first sight, the Horn, Landweber and proposed method are close to the model surface, 
however, a more detailed visual comparison shows the proposed method to be more accurate. 

surface and the ground truth, we force the value of data between 0 and 1 and subtract 
the mean value from the normalized data as μ−= jiji zz ,,

~ˆ , where 

{ } { } ∑===
−
−

=
ji

jijiji
ji

ji z
total

ztzs
st

sz
z

,
,,,

,
,

~1
,max,min,~ μ . 

We compare the results from four commonly used SFS algorithms with our method. 
The four SFS methods selected were Horn’s method [4], the Zheng-Chellappa method 
[5], the Tsai-Shah method [7], and Pentland’s linear method [9]. A survey [19] has been 
conducted on these methods (the source code is available from http: //www.cs.ucf.edu/ 
~vision/ source.html). The results from these methods are compared with the 
Landweber iteration method and our null space compensation method in terms of 
percentage error between the reconstructed surface and the ground truth in Fig. 1 (3) 
and (4) defined as: 

( ) ( ) %100_
,

2*
,

,

2*
,, ×−= ∑∑

ji
ji

ji
jiji zzzerrpercentage  

where *z  denotes the ground truth. They are shown in Fig. 2. The reconstructed 
surfaces from images (1) and (2) in Fig. 1 are compared in Fig. 3 and Fig. 4 
respectively. We can see that the percentage error of the reconstructed surfaces from 
our null space compensation method is much lower (below 10%) compared with other 
methods in both smooth and fractal surface cases. The Landweber iteration method can 
recover the surface to some extent and works even better than the Pentland’s linear 
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method when the Pentland’s linear SFS model is suitable, e.g. image (2) of a fractal 
surface (4) in Fig. 1. On the other hand, it suffers from the errors caused by linearization 
when linear SFS model is not suitable, and performs worse than the Pentland’s linear 
method. However, when using our method to compensate for the components that 
cannot be recovered by the Landweber iteration method, the error in the reconstructed 
surface compared with the ground truth dramatically decreases. It outperforms the 
usual regularization methods such as the Horn’s method, the Zheng-Chellappa method, 
and the Tsai-shah method. 

5   Conclusions 

In this paper, we provide a new method for the generalized regularization problem of 
shape from shading (SFS). The Pentland’s linear SFS model is adopted. By assuming a 
larger surface size than the image size from a finite difference discretization and 
representing the linear SFS problem as a general ill-posed matrix problem, we proposed a 
null space compensation method based on the Landweber iteration with a Fourier-based 
energy function to solve it. The novel idea is that we minimize the energy function with 
respect to the components of the surface in the null space of the system matrix, based on 
the components reconstructed by the Landweber iteration method. The experimental 
results on the small-scale simulated data strongly support our method. The comparisons 
between our method and four typical SFS methods, the Horn, Zheng-Chellapa, Tsai-Shah 
and Pentland linear, show that the proposed method significantly outperforms other 
methods in both smooth and fractal surfaces’ cases, although the nonlinear part in the 
image intensity is not removed and considered as the noise. Future work can focus on 
large-scale problems, which are more common in practice. 
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Abstract.  Stack filters are often employed for suppressing the pulse noise. In 
general, the larger sizes the stack filters are, the better results are. Unfortu-
nately, available algorithms for designing stack filters can only be suit for small 
window sizes due to their huge computational complexities. This paper presents 
a new fast adaptive algorithm for designing a stack filter with large windows. 
The idea of the new algorithm is to divide a lager window into many sub-
windows. The procedures of dividing a large window are given. An Immune 
Memory Clonal Selection Algorithm is employed to design the stack filters with 
small window sizes. Because of its highly parallel structure, it can be very fast 
implemented. As an experiment, the algorithm was used to restore images cor-
rupted by uncorrelated additive noise with the level from 10% to 50 %. The re-
sults show that the algorithm is effective and feasible. 

1   Introduction 

Stack filters are a new class of nonlinear, sliding-window filters that defined by a 
weak superposition property known as the threshold decomposition and an ordering 
property called the stacking properties [1]-[2]. Some well-known filters, such as the 
standard median [3], rank order filters [4], morphological filters [5], and all composi-
tions of these filters can be expressed as stack filters [1], [6]. Because of their ability 
to adapt to different types of noise and be suit for VLSI implementation [7], they are 
widely used in image processing applications as image enhancement, and edge detec-
tion in noisy image [8]. The difficulty is that the number of stack filters grows very 
quickly as the size of the filter window increases.  

A class of approaches is by making use of the adaptive training approach to deal 
with this hard problem and attempts to obtain a good solution in a comparatively 
shorter time. The adaptive approach arrives at an optimal or near-optimal stack filter 
through an iterative approach that relies on training data. It is time consuming and the 
convergence speed is slow. The FASTAF algorithm developed in [9] is often fast 
while designing stack filters with small window sizes, such as 3 3× . Unfortunately, 
this good feature disappears as the window size grows to 4 4×  and can only be used 
to design filters with up to 11-point windows. The new FASTAF algorithm developed 
                                                           
* Nation Natural Science Fund of China Under Grant No. 60372047. 
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in [10] differs in both the amount of training and the method used to enforce the 
stacking constraint. With this new algorithm, the stack filters with window sizes as 
large as 22 points can be developed. However, this algorithm will still become un-
manageable while designing stack filters with larger window sizes, such as 5 5×  and 
7 7× . 

The stack filters with large windows are often needed to produce the desired visual 
result in image processing applications. Unfortunately, available algorithms for de-
signing stack filters can only be suit for small window sizes due to their huge compu-
tational complexities. In our opinions, there exist unreasonable searching strategies in 
these algorithms. In fact, it is not necessary to perform a search over the set of stack 
filters. In this paper, a novel stack filter training algorithm is developed. Each filter 
designed in this work is in a cascade of several 3 3× stack filters, and this algorithm 
enables us to use very large window sizes. This new algorithm is also highly parallel 
in nature. It allows very fast implementations to be developed when massively paral-
lel machines are available. In this work, the 3 3× stack filters are configured by the 
Immune Memory Clonal Selection Algorithm (IMCSA) proposed in [11]. Using the 
algorithm, the 5 5× , 7 7×  or larger window stack filters can be designed. The given 
experiments show the efficiency of this proposed method. 

2   Stack Filters 

Stack filters are defined by two important properties – the threshold decomposition 
property and the stacking property [1]-[2]. Input signal 1 2( , , , )nX x x x=  is assume to 

be an M value, length-n vector, and it can be represented as the sum of a series of 
binary-valued sequence, 

1

( ) ( )
M

l
l

X i x i
=

= ∑ ,  where ( ) , 1,2, ,iX i x i n= =  (1) 

where for each l , the binary sequence ( )lx i  is obtained by thresholding ( )X i , as: 

1,   ( )
( ) ( ( ))

0,   ( )l l

X i l
x i T X i

X i l

≥⎧
= = ⎨ <⎩

 (2) 

where lT  is a threshold operator. For a stack filter S , the output ( )S X  is given by: 
1

1

( ) ( ( ))
M

l
l

S X S T X
−

=

= ∑  (3) 

where ( ( ))lS T X  is the output of the filter S operating on a binary signal ( )lT X . 

Each stack filter is defined by a positive Boolean function (PBF) ( )f ⋅  which can be 

uniquely expressed as the minimum sum of products of the elements of ( )f x with [12]: 
2 1

1

( ) ( )
n

i i
i

f x p m x
−

=
= ∑  ,   

: 1
j

j

j b

im x
=

= ∏  (4) 

where ip  is a Boolean variable deciding whether the ith Boolean product contributes 

to the result of applying function f. The ith product contains the input variables jx  for 

which the jth of the binary representation of the term’s index i  equals one.  
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In general, the number of PBFs (and therefore stack filters) is related to the number 
of input variables, namely the filter window size. Eq. (4) shows that an upper limit of 

PBFs of n  input variables is 2 12
n − , although a lower limit of 2 / 22

n

 can be derived by 
simplifying Eq. (4). Because of the computational complexity, it is much more diffi-
cult to design the large filters. In this paper, a new stack filter training algorithm is 
proposed. Each filter designed in this work is constructed by several 3 3× stack filters. 
This algorithm enables us to design stack filters with very large window sizes. 

3   Proposed Algorithm for Designing Stack Filters with Large 
Window Sizes 

3.1   Large Window Divided by Sub-windows 

It is easy to find the optimal PBFs for the stack filters with small window sizes under 
the MAE criterion by the IMCSA. While the window sizes grow up to 5 5× or 7 7× , it 
becomes very difficult to determine the optimal PBFs due to the sets of the stack 
filters that grow very rapidly. If the filters with large window sizes can be represented 
by these filters with smaller window size, such as 3 3× , it may not be such difficult to 
configure. Our efforts were therefore directed toward the development of a represen-
tation of larger windows by smaller windows, which are called sub-windows in this 
paper. As an example, a 5 5× window can be constructed by several 3 3× windows, as 
is shown in Fig. 1. 

1,2
9W 1,3

9W

2,2
9W 25W 2,4

9W

1,4
9W

3,2
9W 3,3

9W 3,4
9W

,
9
i jW

1, 2,3;   2,3, 4i j= =
(a) (b)

1x 2x 3x 4x 5x

6x 10x

11x 15x

16x 20x

21x 25x22x 23x 24x

5 1i jx × + −

5 4i jx × + +

5 ( 1) 1i jx × − + − 5 ( 1)i jx × − + 5 ( 1) 1i jx × − + +

5 1i jx × + +

5 5i jx × + + 5 6i jx × + +

 

Fig. 1. (a) A 5 5×  window divided by 3 3×  windows.  (b) A 3 3×  sub-window. 

As shown in Fig. 1, let , 1,2, , 25ix i =  be the pixels of the 5 5×  window, 
,

9 , 1, 2,3;  2,3,4i jW i j= =  be the outputs of the filters with 3 3× . The above statement 

can be formalized as: 

9

,
9 5 ( 1) 1 5 6( , , ),  1, 2,3; 2,3,4; 1,2, ,9i j r

f i j i jW S x x i j r× − + − × + += = = = , (5) 
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where , 1,2, ,9r
fS r = denote the corresponding stack filters with window size 3 3× , 

the window as is shown in Fig. 1(b). In addition ,
9 , 1,2,3;  2,3,4i jW i j= = are also the 

pixels of the 3 3×  window as is shown in Fig. 1 (a). 25W  is the output of the 3 3×  

filter, which is called synthesis filter in this paper, formalized as Eq. (6). 

9

1,2 1,3 3,4
25 9 9 9( , , , )fW S W W W= , (6) 

where fS is the 3 3× stack filter. Obviously 25W  is determined by all the 25 pixels 

that contained in the 5 5×  window, hence 25W is the output of the 5 5×  filters. What 

we need to do is to design those 10 adaptive 3 3×  stack filters. By dividing the 5 5×  
window into ten 3 3×  sub-windows, the computational complexity of designing the 
5 5×  stack filters can be greatly reduced. 

A 7 7× window can be divided by several 3 3×  windows similarly, as is shown in 
Fig. 2. 
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Fig. 2. (a) A 7 7×  window divided by 3 3×  windows.  (b) The 3 3×  windows. 

where , 1,2, , 49ix i = is the pixels of the original 7 7× window, 
,

9 , 1,2,3,4,5;  2,3,4,5,6i jW i j= =  is the output of the 3 3× stack filter. The corre-

sponding window is shown in Fig. 2 (b). The statement can be formulized as Eq. (7). 

,
9 7 ( 1) 1 7 6( , , ),  1,2,3,4,5; 2,3,4,5,6; 1,2, , 25i j r

f i j i jW S x x i j r× − + − × + += = = = , (7) 

49W is the output of the 5 5× filter. The corresponding window is shown in Fig. 2(a), 

formalized as Eq. (8). 

25

1,2 1,3 5,6
49 9 9 9( , , , )fW S W W W= , (8) 
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The steps for calculating the output of the 7 7×  filters are as follows: 

(1) Calculate the output of the 3 3× filters, ,
9 , 1,2,3,4,5;  2,3,4,5,6i jW i j= = ; 

(2) Use the above algorithm to calculate the output of the filter with 5 5× , namely 
the output of the filter with 7 7× . 

3.2   Stacking Property of the New Algorithm 

In this section, we show that the filters produced by the proposed algorithm satisfy the 
stacking property.  

Theorem 1: Assuming there are m positive Boolean functions ( ), 1,2, ,i i
P kf X i m=  

operating on threshold binary signals 1, 2, ,( , , , )i i i i
k k k P kX x x x=  in a length of P, where 

, , 1,2, , ,  and 0,1, , 1i
j kx j P k K= = −  denote the binary values of the thj sample at 

the thk  threshold level. If a Boolean function ( )N kf X  , operating on binary sig-
nals, 1, 2, ,( , , , )k k k N kX x x x= , can be represented as, 

1 1 2 2
9 9 9( ) ( ( ), ( ), , ( ))m m

N k M k k kf X f f X f X f X=  where , 1,2, ,i
k kX X i m∈ = , ( )Mf ⋅ is a 

positive Boolean function with m input variables，then Boolean function ( )N kf X  is 
also a positive Boolean function.  

Proof: Let lX  be another threshold binary signals, 1, 2, ,( , , , )l l l N lX x x x=  in a length 

of N, where 0,1, , 1l K= − , and k l< , 
1 2 9, , ,( , , , )i

l i l i l i lX x x x= , where 

1,2, , ;  1,2, ,ji N j P= = . The equality and inequality between them are defined as 

Eq. (9).  

, ,   for k l r k r lX X x x r= ⇔ = ∀ , 

, ,  ( 1  for )k l r k r lX X x x r≤ ⇔ = ⇒ ∀ . 
(9) 

Assume the binary sequence X possesses the stacking property, 
then   k lX X k l≤ ⇔ < . Then , 1,2, ,i i

k lX X i m≤ = . From the stacking property of 

the positive Boolean function, we obtain ( ) ( ), 1,2, ,i i i i
P k P lf X f X i m≤ = . Therefore 

the sequence constituted by the outputs of the positive Boolean functions 
( ), 1,2, ,i i

P kf X i m=  possesses the stacking property, as follows: 

1 1 2 2 1 1 2 2( ( ), ( ), , ( ))  ( ( ), ( ), , ( ))m m m m
P k P k P k P l P l P lf X f X f X f X f X f X≤ . (10) 

And the Boolean function with N input variables possesses the stacking property as 
follows: 

1 1 2 2

1 1 2 2

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

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

m m
N k M P k P k P k

m m
N l M P l P l P l

f X f f X f X f X

f X f f X f X f X

= ≤

=
. (11) 
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Therefore, the Boolean function 1 1 2 2( ) ( ( ), ( ), , ( ))m m
N k M P k P k P kf X f f X f X f X=  is a 

positive Boolean function, and the filters produced by the proposed algorithm are thus 
stack filters. 

3.3   Parallel Computing Features of the New Algorithm 

In the above algorithm, those stack filters with smaller window sizes can be trained in 
parallel machines. Fig. 3 illustrates the parallel computing structure of the adaptive 
stack filtering algorithm. 

1 ( )fS ⋅

2 ( )fS ⋅
.
.
.

( )m
fS ⋅

1( )m
fS + ⋅Image X

Windowing
1
XW

Windowing

2
XW

Windowing

m
XW

Windowing

1m
XW +

X

Decomposing filters

Synthesis filter

 

Fig. 3. Block diagram of optimal adaptive stack filtering algorithm 

Fig. 3.  shows that there are m decomposing filters for sub-windows, which can be 
trained independently. The PBF can be synthesized in a Look Up Table (LUT) which 
can be implemented in a Random Access Memory (RAM) [13]. Only 64 bytes are 
needed to implement a PBF of 9 input variables. For a PBF with 25 input variables, 
the number of RAM grows up to 4 MB. While the number of the PBF’s input vari-
ables grow up to 49, more than 60,000 GB RAMs are required to implement the PBF. 
In this paper, the window sizes of the decomposing filters and synthesis filter are 
usually under 9-point, or 13-point. Thus the stack filtering algorithms with larger 
window sizes, such as 5 5× , 7 7×  can be easily implemented in FPGA using the 
proposed algorithm.  

3.4   Applying IMCSA to Design 3 3× Stack Filters 

By encoding a PBF into a binary string or some other forms, the task of finding an 
optimal PBF can be formulated as an optimization problem. And an improved Clonal 
Selection Algorithm [14], called Immune Memory Clonal Selection Algorithm 
(IMCSA) [11] is adopted to solve the optimization problem.  
The main operations of IMCSA are: 

(1) Generate a set (A(0)) of candidate solutions, select s solutions in A(0) as a 
memory cell (M(0)), set k=0; 
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(2) Select t best individuals of the populations (A(k) and M(k)), based on an affinity 
measure. Replace t members of population (A(k)) with the selected t individu-
als, resulting the refreshed antibody population (A’(k)); 

(3) Reproduce (Clone) each individual of (A’(k)) , giving rise to a temporary popu-
lation of clones (Y(k)). The clone size is an increasing function of the antibody-
antigen affinity;  

(4) Submit the population (Y(k)) to a genetic operation scheme with recombination, 
mutation. The mutation probability is proportional to the affinity of the anti-
body with the antigen. A maturated antibody population is generated (Z(k)); 

(5) Re-select the improved individuals from Z(k) to compose the new antibody 
population A(k+1); 

(6) Implement the immune operation on memory cell (M(k)), returning an im-
proved memory cell (M(k+1)). 

4   Experimental Results 

In this section, experimental results are illustrated to demonstrate the validity and effi-
ciency of the proposed algorithm to design the stack filters with large window sizes. 
Experiments were conducted on PC (P4 3.0 CPU) using C++ language programming. 

In this experiment, the proposed algorithm is applied to a real image with size of 
256 256×  and 8-bit/pixel, which is corrupted with additive, uniformly distributed, 
uncorrelated impulse noise with the level from 10% to 60%. Our algorithms use a 
training window of 1/ 9th  full image area. Stack filters are trained using the original 
and noisy “Lena” images in Fig. 4(a), (b), and (c) and then applied to the noisy ver-
sions. The filtered images by the resulting stack filters are shown in Fig. 5. Their 
corresponding MAE’s are shown in Table 1. 

       
(a)                                       (b)                                        (c) 

Fig. 4. Images used in experiments. (a) Original image “Lena” with 256 256× .  (b) “Lena” 
10% noise.  (c) “Lena”30% noise. The noisy images in (b) and (c) are corrupted by additive 
impulse noise with occurrence probability of 10% and 30% respectively. 

Fig. 5(a), (b), and (c) show qualitative performance for 10% noise, and also show the 
effect of the size of stack filters, where for the 5 5×  filter as well as 7 7×  filter, the 
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images produced are visually more acceptable (fewer residual extreme values). Fig. 
5(d), (e), and (f) are the resulting images by applying the stack filters to the image of 
Fig. 4(c). As expected, while the noise level grows up to 30%, the 7 7×  stack filter has 
the best noise reduction performance. The experimental results show the good perform-
ance of our stack filtering algorithms. The relationship between MAE and noise prob-
ability is shown in Fig. 6, from which we find that the 7 7×  stack filter has a great 
advantage over the 3 3×  stack filter and 5 5×  stack filter at high noise levels. 

         
                    (a)                                        (b)                                          (c) 

         
                    (d)                                         (e)                                          (f) 

Fig. 5.  (a) Output of a 3 3× stack filter designed by the new algorithm for “Lena” corrupted by 
10% noise. (b) Same as (a) but with a 5 5× window. (c) Same as (a) but with a 7 7× window. 
(d) Output of a 3 3× stack filter designed by the new algorithm for “Lena” corrupted by 30% 
noise. (e) Same as (d) but with a 5 5× window. (f) Same as (d) but with a 7 7× window. 

Table 1. Comparison in the performances of the MAE of stack filters with different window 
sizes 

Corrupted    
Images 

3 3×    
Median 

5 5×    
Median 

3 3×      
Stack filter 

5 5×     
Stack filter 

7 7×     
Stack filter 

10% 3.8484 5.5615 2.29235 2.30637 2.53741 
30% 8.2375 6.5647 6.91275 5.20232 5.02942 
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Fig. 6.  MAE vari ation with stack filter sizes 

5   Conclusions 

In this paper, we proposed a new adaptive stack filtering algorithm for large window 
sizes. By dividing the large window into several sub-windows, the stack filter training 
process is significantly accelerated. And IMCSA is used to design the corresponding 
stack filters for the sub-windows. Then the desired stack filter is obtained by synthe-
sizing these sub-filters. The new algorithm also preserves the inherent stacking prop-
erty of stack filters.  

Experiments with stack filters with 7 7×  window are possible for the first time. 
The results show that the filters developed by this algorithm work well at high noise 
level. 
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Abstract. Cervical cancer is the second most common cancer among women 
worldwide. Early detection of cervical cancer is very important for successful 
treatment and increasing survival. We report a spectral imaging microscopic 
system for Papanicolaou smear analysis for early detection of cervical cancer. 
Different from traditional color imaging method, we use spectral imaging 
techniques for image acquisition, which can simultaneously record spectral and 
spatial information of a sample. In this paper, the imaging instrument 
construction and spectral image acquisition method is introduced. In the image 
segmentation process, an effective algorithm using spectral ratio method is 
applied for cell nuclei detection, which can easily detect the nuclei and diminish 
the influence of the cytoplasm overlap. Results showed that our segmentation is 
robust and precise. In addition to this, the segmentation speed is very high. 

Keywords: Cervical cell, spectral imaging, spectral image segmentation. 

1   Introduction 

1.1   Early Detection of Cervical Cancer 

Currently, Papanicolaou (Pap) test is the most popular and effective screening test for 
cervical cancer[1]. In many Western countries, cervical cancer screening programs 
(based on cytology-Pap smears) have reduced cervical cancer incidence and mortality 
by as much as 90 percent[2].  

With recent advance in technology, computer-assisted apparatus for automated Pap 
screening can release human from burdensome repetitive labor and increase detection 
rates of abnormalities. In the most of current automated systems, image acquisition and 
segmentation is the most important. Since most of the cells are overlapped with each 
other in Pap smear images, it is challenging to detect nucleus precisely. In many 
systems, they are analyzed as a group or directly discarded, which will decrease the 
sensitivity of the whole system. If these overlapped cells are precisely segmented, there 
will be a significant improvement. 

Due to these matters, we proposed a new image analysis system for early cervical 
cancer detection based on Pap smears Different from traditional color imaging method, 
we use spectral imaging. 
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1.2   Spectral Imaging 

Spectral imaging is a novel imaging technology that can simultaneously record spectral 
and spatial information of a sample[3]. A spectral image consists of a serial of grey 
images, each acquired at a desired narrow band of wavelengths. As shown in Fig. 1(a), 
the spectral image can be looked as a 3-dimensional image cube(x-y-λ dimensions), the 
2-dimensional image records the spatial information of a sample, and the third 
dimension represents spectral wavelength. Each pixel is associated with a spectrum. As 
shown in Fig. 1(b), by plotting the grey intensity of the images in the cube at the same 
position sequently versus wavelength, the spectrum at this point will be obtained. 
Hence, a spectral image can show not only the spatial features of the target, but also can 
reveal the unique spectral information of each pixel.  

 

Fig. 1.  Principle of spectral imaging. (a) Spectral image cube.  (b) Spectrum at pixel P(i,j).  

The combination of spectroscopy and image analysis technology can take advantage 
of current various tools borrowed from spatial image processing, chemometrics and 
specific spectroscopy. As we all know that biological tissue exhibits unique spectra in 
transmission. Spectral differences in tissue pathology may be spatially resolved using 
imaging processing and spectral analysis techniques. The additional spectral 
information can make our segmentation method more flexible. What’s more, for 
traditional color imaging method with R, G and B channels, a lot of chemical and 
physical information is buried under the spectral characteristics of the imaging system. 
Using spectral imaging can remedy these problems, and thus increase the color image 
quality significantly. 

2   Instrument 

A schematic diagram of the spectral imaging apparatus is shown in Fig. 2.  
This apparatus consists of a BX41 microscope (Olympus Corporation), a Liquid 

Crystal Tunable Filter (LCTF) device and its controller (VariSpecTM, Cambridge 
Research &Instrumentation, Inc.), a three-dimensional automation stage, a Pentium IV 
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computer (PC), a cooled monochrome Charge Coupled Device (CCD) camera 
(1024*1024, 12bits, Penguin 600L, Pixera Corporation) and etc. 

A 6V/30W halogen lamp is used as a bright-field source with Koehler illumination, 
which is connected to a stabilized power supply. The objective of 40x /0.65 NA is used 
and the condenser aperture iris diaphragm is set to 75% of the NA. 

A LCTF device[4] is placed in the imaging path, one side coupled with a CCD 
Camera and the other side mounted on the microscope by the standard C-mount. The 
image signal of the sample is filtered by the LCTF. 

A set of image processing and analysis software package was developed using 
Microsoft Visual C++ 6.0. It not only covers general image processing and analysis 
functions, but also has functions of spectral analysis, including spectral image 
acquisition, illumination and system response calibration, color image reconstruction, 
and spectral analysis. 

 

Fig. 2.  Schematic diagram of a spectral imaging microscope apparatus based on LCTF 

3   Multispectral Image Acquisition 

The LCTF is used to provide wavelength selection from range 400 nm to 700 nm with 
an increment of 10 nm, an image cube is acquired by sequently commanding the filter 
to a desired wavelength, taking an image, and this process repeats until all the images 
under desired wavelengths are captured. All the images of the same field of view were 
stacked in a computer, from the lowest wavelength to the highest, to create an “image 
cube”, which is called spectral image.  

4   Segmentation 

For segmentation, Pap smear images are segmented into cervical cells nucleus, 
cytoplasm, and background regions. Since it is difficult to detect nucleus and cytoplasm 



 Fast Segmentation of Cervical Cells by Using Spectral Imaging 737 

 

Fig. 3. Typical spectrum of cervical cells in Pap smear images.

①②nucleus ③④⑤cytoplasm ⑥background. 

directly, taking this into consideration, we do it in an indirect way: Background regions 
are firstly deleted, and of course the left regions S1 are the cell nucleus and cytoplasm 
regions. And then, binary operation is performed for each patch of cell clusters 
individually to separate nucleus and cytoplasm. 

Different from traditional color or grey image segmentation methods, which are so 
excessively dependent on absolute grey intensity of image, our segmentation is mainly 
based on spectral ratio image produced by a division operation between images at 
different wavelengths.  

4.1   Background Segmentation 

Observing the spectrum of 
cervical cells in spec-  
tral Pap smear image, as  
shown in fig. 3, we can find 
that different components 
of a cell have different 
spectrum. Nucleus has the 
lowest grey intensity, and 
the background has the 
highest grey intensity. 

To find background, 
from Fig. 3, we can find 
that at 530nm the different 
between background and 
other components is the 
most remarkable, thus, just 
apply an absolute threshold 
to image of 530nm can 
bring us good preliminary 
segmentation results. 

Experiments showed that this method is very effective for images of good quality, but 
not very robust when the smears are not well preprocessed or there is impurity. Taken 
this into consideration, we sought for better segmentation method. Experiments show 
that better results can be obtained by using spectral operation method. 

With spectral ratio method, a new gray image ),( jiG  can be generated: 

  
( , , ) ( , , )

( , ) min max ,0 , 255
( , , )

W i j λ W i j λ
m nG i j ρ

W i j λ
n

⎛ ⎞⎛ ⎞− ⎟⎜ ⎟⎜ ⎟⎟⎜ ⎜ ⎟⎟= ⎜ ⎜ ⎟⎟⎜ ⎜ ⎟⎟⎜ ⎟⎜ ⎟⎜ ⎝ ⎠⎝ ⎠

                     (1) 

),,( mjiW λ  represents the gray value of a pixel(i,j) in the image of wavelength mλ ,  

ρ  is the factor for setting the new image limited to a given maximal value of 255. With 
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Fig. 4. Cervical cells segmentation process. (a) Original Color 
image fused by multispectral image cube.  (b) background 
enhancement. (c)image of 700nm/600nm. (d) Gamma adjustment 
for image (c).  (e)Preliminary segmentation result   (f) Final results. 

different wavelengths mλ  and nλ carefully selected, our interested components in the 

image can be highly enhanced.  

In our segmentation, ρ  is set to the value of 1800 according to masses of 

experiments, mλ is 580nm and nλ is 530nm.  
After the ratio image is generated according to equation (1), a medial filter is applied 

for smoothing (Result is shown in fig. 4(b)), and then, an automatic thresholding 
method of Otsu[5] is used to delete the background regions, thus, a mask regions S1 of 
nucleus and cytoplasm regions is formed.  

From fig. 4(b), we can find that the nucleus and cytoplasm regions are greatly 
enhanced. 

4.2   Nucleus Enhancement 

Since the cervical 
cytoplasm and nucl- 
eus have a big variety 
of color, common 
image segmentation 
methods which only 
use color information 
are almost impossible 
to differentiate them. 
From fig. 4(a), we can 
easily find that the 
colors of nucleus vary 
in a large range. Some 
are very dark while 
some are in light dark, 
and some are buried 
under the overlapped 
regions of cytoplasm. 
For cytoplasm, its 
color covers the range 
from light blue to 
thick red, and there 
are a lot of regions 
have thick color than 
nucleus. For above 
reasons, nucleus de- 
tection is a very imp- 
ortant subject in cer- 
vical smear analysis. 

Different from the 
most of common color 
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image segmentation methods that use HSV (Hue, Saturation, Value) spaces converted 
from RGB (Red, Green, Blue) spaces, we use spectral ratio image analysis method. The 
ratio image is generated as equation (3) shows: 

( , , )
( , ) min , 255

( , , )

W i j λ
mG i j ρ

W i j λ
n

⎛ ⎞⎟⎜ ⎟⎜ ⎟= ⎜ ⎟⎜ ⎟⎟⎜⎝ ⎠
                                            (2) 

In our experiments, ρ  is set to 128, mλ  and nλ  is set to 700nm and 600nm 
individually. 

Fig. 4(c) is the ratio image generated as equation (2). From fig. 4(c), we can find that 
the nucleus regions are well enhanced. Both the black nucleus and the fawn nucleus 
almost have the same grey intensity and all the nucleus regions are outstanding. Even 
the nuclei (Marked with arrows) that are buried under the overlapped cytoplasmare also 
enhanced.  

In order to further enhance it, a Gamma adjustment process is followed for nucleus 
enhancement (Result is shown in fig. 4(d)). From fig. 4(d), we can find that the nucleus 
regions are enhanced remarkably and the grey intensity of cytoplasm are cut down 
greatly. 

4.3   Nucleus Segmentation 

The nucleus segmentation process is as following:  

(1) Delete background. In this step, a mask region S1 contains nucleus and 
cytoplasm regions is formed. 

(2) Nucleus enhancement as described in chapter 4.2. 
(3) For each patch in region S1, using an automatic thresholding method of Otsu to 

find a threshold to segment nucleus out. In this step, the nucleus mask S2 is formed. 
(4) A watershed algorithm is implemented to S2 for declustering of the inevitable 

clusters. And then delete small particles, and then mask S3 is formed. In this step, 
satisfactory preliminary results can be obtained [As fig. 4(e) shows]. But in many cases, 
the boundary of many nuclei is not very precise. So we need further precisely 
segmentation. 

(5) For each patch in regions S3, firstly find the circumscribed rectangle, and then 
enlarge the rectangle with 4 pixels on each side. And then apply an automatic 
thresholding method of Otsu in the new rectangle for binarization. In this step, the new 
nucleus mask S4 is formed. 

(6) Apply an open binary morphological operation to S4, and then using watershed 
algorithm to declustering of the inevitable clusters, and then delete small particles. In 
this step, the final results (As fig. 4(f) shows) are obtained.  

From fig. 4(f), we can find that the final segmentation results are highly 
satisfactory. The nuclei in deep dark or carmine, or even buried under the overlapped 
regions of cytoplasm can be well segmented out. 
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4.4   A Comparison with Traditional Color Analysis Methods 

Most of reported work for cervical cancer detection is based on traditional color image 
analysis methods, there are very few reports is based on spectral image. 

Since most of color image analysis method is based on HSV model. Here, we will 
have a comparison with traditional HSV model. Compared with HSV model, our 
method have many advantages: (1) Firstly, we use spectral ratio images for analysis 
while traditional HSV analysis uses original Hue, Saturation or Value channel for 
analysis. That is to say, the targets for our analysis are relative values but not the 
original absolute grey values. (2) Our images are spectral images. Each spectral image 
contains a set of grey images of different wavelengths. A spectral image can produce 
many ratio images when two different wavelengths are selected. With special different 
wavelengths carefully selected, our interested objects can be enhanced dramatically. 
From fig. 4(b)(c), we can easily find that the cytoplasm and nucleus are well enhanced 
as our desire, which is hardly obtained by HSV analysis method. For such an 
enhancement extent, there are no better reports found before. (3) Compared with the 
HSV images, our spectral ratio image is more direct and convenient for further 
analysis, and more similar to original image in shape when enhanced.  

5   Conclusions and Future Work 

Our spectral ratio segmentation method can effectively diminish the influences of 
illumination inconsistencies, CCD’s quantum efficiency (QE) curves, optic 
ununiformity and throughput properties, which makes our images segmentation 
device-independent in a large extent. For traditional image analysis method, even the 
same computational programme may yield quite different results when the imaging 
conditions change. These problems can be well overcome with our method. 

A mass of experiments show that our segmentation results are highly satisfactory. It 
is more robust and precise than conventional color imaging method while with high 
speed. It proved that our spectral imaging analysis introduced into the early detection of 
cervical is successful. 

Compared to traditional imaging analysis method, our segmentation has following 
advantages: 1) Segmentation is more flexible and accurate. Spectral images consist of 
both spectral information and image information. All common image processing 
techniques can be applied to them, in additional to this, current powerful spectral 
analysis techniques can also be applied to them. The additional spectral information is 
helpful for precise segmentation. 2) The segmentation method is more robust and 
insensitive to staining and imaging environments, which makes the segmentation 
results easily reproducible, for our spectral images are device-independent in a broad 
imaging environment and our segmentation is based on the ratio image, not the absolute 
gray value of original images. 3) With low computational cost. Our segmentation 
algorithm is very straightforward, by using a simple spectral division and automatic 
thresholding operation, we can readily obtain satisfactory preliminary segmentation 
results. With our segmentation method, any image of 1024*1024 pixels can be 
segmented in 0.3 to 3 seconds with our Pentium IV1.7GHz CPU. 
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Though preliminary results show that our spectral imaging analysis method in early 
detection of cervical cancer is promising and inspiring, yet for a practical system, there 
are still a lot of room for improvements: (1) Wavelengths selection. Currently, the 
wavelengths are selected manually according to large numbers of experiments, we 
believe that there will be an automatic selection method, which can save us a lot of time 
and provide us with more optimal results. (2) Further boost segmentation speed. 
Currently the speed is high comparing to previous reported method, but for a real 
practical system, it is not enough. Our future solution is to implement the segmentation 
operation by using special-designed hardware, such as DSP card. (3) Perform a study 
on 100x magnification images analysis. The advantage is that it can increase the scan 
speed than current 400x. A preliminary experiment shows that it is feasible and 
practical. 4) More effective feature extraction is one of the endeavors in future 
developments.  
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Abstract. Though there have been proposed many magnification works in lit-
eratures, magnification in this paper is approached as reconstructing the geo-
metric structures of the original high-resolution image. The structure tensor is 
able to estimate the orientation of both the edges and flow-like textures, which 
hence is much appropriate to magnification. Firstly, an edge-enhancing PDE 
and a corner-growing PDE are respectively proposed based on the structure ten-
sor. Then, the two PDE’s are combined into a novel one, which not only  
enables to enhance the edges and flow-like textures, but also to preserve the 
corner structures. Finally, the novel PDE is applied to image magnification. The 
method is simple, fast and robust to both the noise and the blocking-artifact. 
Another novelty in the paper is the application of the novel PDE to super-
resolution reconstruction, plus additional term for image fidelity. Experiment 
results demonstrate the effectiveness of our approach.  

1   Introduction 

Image processing has been one of the hottest research topics currently. Large numbers 
of image processing approaches are emerged [1-4]. Image magnification is just such 
an interesting problem which mainly aims at producing the original high-resolution 
(HR) image from a single low-resolution (LR) and perhaps noisy image. Taking into 
account the insufficient density of the imaging sensor, it is reasonable to consider the 
observation model: = +G G G

g Du n , where 
G
g , 

G
u , and 

G
n  are respectively the column-

ordered vectors of the ×M  N  LR image g , the original ×qM   qN  HR image u , and 
the additive random noise n . Besides, the variable q  represents the undersampling 
factor, and the matrix D  describes the nonideal sampling process, i.e., first local-
average and then down-sampling.  

There have been proposed many magnification algorithms [5-10] in literatures, 
which formulate image magnification as an ill-posed inverse problem. While cur-
rently the PDE-based level-set approaches [11-12] are the most popular choices, 
which are fast, edge-enhancing and robust to the noise. Generally, the level-set mag-
nification approaches can be unified to the following PDE 
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2 2
1 2/ ( , ) ( , )u t c D u c D uη η ξ ξ∂ ∂ = + . 

 

with the initial image as the bilinear or bicubic interpolation of the LR image. In the 
above PDE, / | |Du Duη = , / | |Du Duξ ⊥=  are orthonormal vectors in the direction of 
gradient and tangent respectively, and 1 2,  c c  are the diffusivity functions of the gradi-
ent | |u∇  in each direction. Nevertheless, as for the case of nonideal sampling, image 
sharpening has to be incorporated into the interpolation process. Therefore, we pro-
pose the following PDE through incorporating in the shock filtering [13-14] 

2 2 2
1 2/ ( , ) ( , ) ( ( , )) | |u t c D u c D u sign D u uη η ξ ξ β η η∂ ∂ = + − ∇ . (1) 

where β  is a positive controlling parameter. PDE (1) essentially magnifies images 
driven by the level curves, however, level curves do not capture all the geometric 
information that one desires to analyze the image content. Hence, more flexible 
PDE’s should be exploited to tackle with different geometric structures. 

Image magnification in this paper is approached as reconstructing the geometric 
structures of the original HR image. The structure tensor is able to estimate the orien-
tation of both the edges and flow-like textures, which hence is much appropriate to 
magnification. Firstly, an edge-enhancing PDE and a corner-growing PDE are respec-
tively proposed based on the structure tensor. Then, the two PDE’s are combined into 
a novel one, which not only enables to enhance the edges and flow-like textures, but 
also to preserve the corner structures. Finally, the novel PDE is applied to image 
magnification. The method is simple, fast and robust to both the noise and the block-
ing-artifact. Another novelty in the paper is the application of the novel PDE to super-
resolution reconstruction, plus additional term for image fidelity. Experiment results 
demonstrate the effectiveness of our approach. 

The paper is organized as follows. Section 1 gives a brief review of the previous 
PDE-based magnification algorithms. In section 2, an edge-enhancing PDE and a 
corner-growing PDE are respectively proposed based on the structure tensor, which 
are then combined into a novel one. Subsequently, section 3 applies the novel PDE to 
image magnification and section 4 applies it to super-resolution image reconstruction. 
Concluding remarks are finally given in section 5. 

2   Edge-Enhancing PDE and Corner-Growing PDE 

To estimate the orientation of local geometric structures, Weickert [15] proposed the 
well-known structure tensor  

( ) ( ),  0J u G u uρ σ ρ σ σ ρ∇ = ∗ ∇ ⊗ ∇ ≥ . (2) 

denoted as , 1,2; 1,2( )m n m nJ = = , where uσ  is the regularized version of u  with a Gaussian 
kernel 2(0, )N σ , making the edge detection insensitive to the noise at scales smaller 
than σ ; the tensor u uσ σ∇ ⊗ ∇  is convolved by a Gaussian kernel 2(0, )N ρ , making 
the structure analysis more robust to the flow-like structures and noises. The matrix 
Jρ  is symmetric and definite semi-positive, and hence has orthonormal eigenvectors, 

denoted as w  and w⊥  respectively. The vector w , defined as 
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( )
12

2 2
22 11 22 11 12

2

4

J
w

J J J J J

⎛ ⎞
⎜ ⎟=
⎜ ⎟− + − +⎝ ⎠

, / | |w w w= . (3) 

points in the direction with the largest contrast, and the orthonormal vector w⊥  points 
in the structure direction. Their corresponding eigenvalues μ  and μ⊥  can be used as 
descriptors of local structures: Constant areas are characterized by μ = μ⊥ = 0, straight 
edges by μ � μ⊥ = 0, and corners by μ ≥ μ⊥ > 0. Besides, 2( )μ μ ⊥−  is the measure 
of the local coherence, represented by 2 2 2

22 11 12( ) ( ) 4J J Jμ μ ⊥− = − +  . 

2.1   Edge-Enhancing PDE 

Based on the two eigenvectors w  and w⊥  provided by the structure tensor Jρ , we 

generalize PDE (1) to the following PDE 

2 2 2
1 2/ ( , ) ( , ) ( ( , )) | |u t c D u w w c D u w w sign D u w w uβ⊥ ⊥∂ ∂ = + − ∇ . (4) 

where β  is a positive parameter, 1c  and 2c  are respectively the diffusivity functions 
of the local coherence 2( )μ μ ⊥− . Particularly, when 1c  is a monotonically decreasing 
function ranged from 1 to 0, and 2c is equal to 1, the behavior of PDE (4) is easy to 
interpret. On homogeneous regions of u , the function 1c  has values near 1. Then the 
first two terms of the PDE will be combined into uΔ , yielding the isotropic diffusion. 
As for regions with edges and flow-like textures, the function 1c  has values near 0 
and hence the first term of PDE (4) vanishes. The second term forces PDE (4) to 
smooth the image in the structure direction, and therefore preserves the edges and 
flow-like textures. The last term in PDE (4) corresponds to the shock filtering for 
image sharpening, while the vector η  in PDE (1) is replaced by the vector w . In fact, 
we notice that the same modification has also been proposed in [16]. Though PDE (4) 
may perform well on preserving the edges and flow-like textures, while how about the 
corner structures. Fig. 1(d) shows that PDE (4) is not capable of preserving the corner 
structures. 

2.2   Corner-Growing PDE 

To overcome the blurring effect of corner structures in image diffusion, we propose 
the following PDE for corner growing 

T
3 ( ) ( ( ))u / t c  u w w⊥ ⊥∂ ∂ = ∇ ⋅ ∇ ⋅ ⊗ . (5) 

where 3c  is a positive controlling parameter, and the divergence operator ∇  for a 2×2 
matrix M is defined as   

T
11 12

T
21 22

( )

( )

 m m
 M

m m

∇ ⋅⎛ ⎞
∇ ⋅ = ⎜ ⎟ ∇ ⋅⎝ ⎠

, 
11 12

21 22

 m m
M

m m

⎛ ⎞
= ⎜ ⎟
⎝ ⎠

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

Fig. 1. (a) Original image, (b) Diffuse Fig.1 (a) with PDE (5), (c) Gaussian noisy image ( μ = 0, 
σ = 10), (d) Diffuse Fig.1 (c) with PDE (4), (e) Diffuse Fig.1 (c) with PDE (6) 

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

Fig. 2. (a) Original image, (b) Convolved image by the Gaussian kernel (σ = 2), (c) Diffuse 
Fig.2 (b) with PDE (7), (d) Diffuse Fig.2 (b) with PDE (6) 

Here, we demonstrate the performance of PDE (5) utilizing an interesting experi-
ment as shown in Fig. 1. Obviously, Fig. 1(b) shows that PDE (5) plays the role of 
corner growing, and in fact, the rate of corner growing is determined by both parame-
ters ρ  and 3c . Therefore, we combine PDE’s (4) and (5), obtaining a novel PDE (6) 
which not only enables to enhance the edges and flow-like textures, but also to pre-
serve the corner structures 

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

( ( ))2

c D u w,w c D u w ,w c  u w w
u / t

sign D u w,w | u |β

⊥ ⊥ ⊥ ⊥+ + ∇ ⋅ ∇ ⋅ ⊗⎧ ⎫
∂ ∂ = ⎨ ⎬− ∇⎩ ⎭

. (6) 

Other than PDE (6), Weickert [15] proposed the following PDE  

( ( ( )) )u / t D J u uρ σ∂ ∂ = ∇ ⋅ ∇ ∇ .  

Where D  is defined as 1 2( ( )) ( ) + ( )D J u c w w c w wρ σ ⊥ ⊥∇ = ⊗ ⊗ , called diffusion tensor. 

To achieve image sharpening, the modified shock filtering can be also incorporated in 
the above PDE, obtaining   

( ( ( )) ) ( ( ))2u / t D J u u sign D u w,w | u |ρ σ β∂ ∂ = ∇ ⋅ ∇ ∇ − ∇ . (7) 

Nevertheless, PDE (6) is more powerful than PDE (7) in preserving corner structures. 
Experiment results shown in Fig. 2 tell us the truth.  
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3   Local Geometry Driven Image Magnification 

In this section, we make use of PDE (6) for image magnification, with 0( ,0) ( )u x u x=  
as the initial image (bilinear or bicubic interpolation of the LR image g ). By now, 
each term in PDE (6) has had its corresponding physical meaning in magnification: 
the first and second term combine to perform the isotropic diffusion in the homogene-
ous regions; the second term plays the role of smoothing the blocking artifacts in the 
structure direction; the third term plays the role of preserving the corner structures; 
while the fourth term overcomes the blurring effect introduced in the interpolation 
process. Since PDE (6) considers almost all of the geometric structures in images, 
which hence is much more appropriate to magnification than the level-set approaches. 

For a vector T
1 2( , )ϖ ϖ ϖ= , 2 2 2

1 1 2 2( , ) ( ) 2 ( )xx xy yyD u u u uϖ ϖ ϖ ϖ ϖ ϖ= + + . And as for the 

first-order partial derivatives   andx y∂ ∂ , they are calculated by recently proposed op-

timized derivative filters [17], with properties of rotation invariance, accuracy and 
avoidance of blurring effects. The corresponding numerical scheme of PDE (6) is as 
follows: 

2 2 T
1 2 3

1
2

( ) ( , ) ( ) ( , ) +  ( ) ( ( ))

+ ( ( ( ) ( , )))

t t t
x x x

t t
x x

t t
x x

c D u w w c D u w w c u w w
u u

sign D u w w u
σ σ

σ

τ
β

⊥ ⊥ ⊥ ⊥
+

+ ∇ ⋅ ∇ ⋅ ⊗⎧ ⎫⎪ ⎪= + ⎨ ⎬− ∇⎪ ⎪⎩ ⎭
. (8) 

where τ  is the size of each iteration step, x is the pixel location and t is the current 
iteration time. Then, PDE (6) can be implemented by the following steps: 

1. Calculate the initial image 0 ( )u x using bilinear interpolation; 
2. Calculate the structure tensor ( ) ( )J u G u uρ σ ρ σ σ∇ = ∗ ∇ ⊗ ∇ using (2); 

3. Calculate the dominate vector w using (3);  
4. Calculate the local coherence and diffusivity functions 1c and 2c ;  
5. Calculate ( )xuσ , ( ) yuσ , ( )xxuσ , ( )xyuσ , ( )yyuσ , 2 ( , )D u w wσ  , and 2 ( , )D u w wσ ⊥ ⊥ ; 

6. Calculate xu , yu , | |u∇  and T( ) ( ( ))u w w⊥ ⊥∇ ⋅ ∇ ⋅ ⊗ ; 

7. Update the iteration process using (8) (The number of iteration step is T). 

   
(a)                                           (b)                                          (c) 

Fig. 3. (a) Original image, (b) Level-set approach ( 2T = 20, 0.24, 1, 1, 0.15c cτ β= = = = ), (c) 

Our proposed approach ( 2 3T = 20, 0.24, 1.5, 2, 1, 1, 1.5, 0.15c c cτ σ ρ β= = = = = = = ) 
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The diffusivity function 1c  in PDE’s (1) and (6) is chosen as 2
1( ) = /(1+ )c t c t  for 

gray images ranged from 0 to 255, and 2c  is defined as a variable. Hence, there are 
overall 8 parameters in the numerical scheme (8): T ,τ , σ , ρ , c , 2c , 3c , β . For 
simplification, three parameters are fixed in the following experiments, including: 

0.24τ = , 2ρ = , 1.5σ = . 

   
(a)                                         (b)                                          (c) 

Fig. 4. Magnified portions corresponding to (a) Fig. 3(a), (b) Fig. 3(b), (c) Fig. 3(c) 

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

Fig. 5. (a) Bicubic interpolation, (b) Edge detection of Fig. 5(a) using Canny operator, (c) Our 
proposed interpolation ( 2 3T = 20, 0.24, 1.5, 2, 1, 1, 0.15c cτ σ ρ β= = = = = = ), (d) Edge detec-

tion of Fig. 5(c) using Canny operator 

The shock filtering-incorporated level-set approach (1) and our proposed PDE (6) 
are utilized for image magnification. The initial guess for both PDE (1) and PDE (6) 
is chosen as the bilinear interpolation of the LR image. Fig. 3 shows the magnification 
results when the undersampling factor is 4. And Fig. 4 shows the portions of Fig. 3. 
Obviously, our proposed approach achieves much better visual quality compared  
with the level-set approach. As a matter of fact, the level-set approach not only re-
moves the corners, but also shortens the level curves of the original HR image. Fig. 5 
shows the magnification results of a real-scanned photo as the undersampling factor is 
3, utilizing the bicubic interpolation and our proposed approach respectively. It is 
clear that the novel approach also behaves more robust in suppressing the random 
noises, as well as enhancing the edges. 
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4   Applications to Super-Resolution Image Reconstruction 

Super-resolution image reconstruction aims at producing one or a set of high-
resolution images from a set of geometric warped, blurred, noisy, and under-sampled 
low-resolution images. In the last two decades, there has been proposed a variety of 
super-resolution methods [18-21]. Almost all of them originate in the theory of regu-
larization since super-resolution reconstruction is mathematically an ill-posed inverse 
problem. Thus, the novel PDE can also be applied to super-resolution. 

Given a sequence of degraded LR frames =1, ,{ }k k pg … , the imaging process of kg  

from the super-restored image u can be formulated as follows 

k k k k k k k k      = + ⇒ = +G G G G G G
g D B M u n g H u n . (9) 

where 
G
u  is the vector column-reordered from the HR image u of size [N×N], k

G
g  is 

the vector column-reordered from the LR image gk of size [L×L] (L < N), k
G
n  is the 

column-ordered additive Gaussian noise of size [L×L], kM  is the warp matrix of 

size [N2
×N2], kB  is the blur matrix of size [N2

×N2], and kD  is the decimation matrix 

of size [L2
×N2]. Degradation model (9) can be further written as 

1 1 1 1 1

p p p p p

      

⎡ ⎤ ⎡ ⎤ ⎡ ⎤
⎢ ⎥ ⎢ ⎥ ⎢ ⎥= + ⇒ = +⎢ ⎥ ⎢ ⎥ ⎢ ⎥
⎢ ⎥ ⎢ ⎥ ⎢ ⎥⎣ ⎦ ⎣ ⎦ ⎣ ⎦

# # #

G G
G G G G

G G

g D  B  M n

u g Hu n

g D B M n

. (10) 

In literatures [18-22], edge-preserving super-resolution is often approached as the 
following minimization energy functional 

2
min - [ ]

2
Regularization= arg 

λ⎧ ⎫⋅ +⎨ ⎬
⎩ ⎭

G
G G G G

u
u g Hu E u . (11) 

where [ ]Regularization
G

E u  is the regularization term for edge-preservation. In general, 

steepest descent is exploited to solve the minimization functional, and then super-
resolution reconstruction is approximately equivalent to 

( ) ( ){ }1
2- [ ]t t T t t

x x x xu u E uτ λ+ = + ⋅ + −∇G G
H g Hu . (12) 

where τ  is a scalar determining the step size in the gradient direction, t  is the itera-
tion time, and x is the pixel position in the HR image plane. The matrix-vector calcu-
lation in (12) is implemented as the direct image operators such as warp, blur, and 
decimation [23], which is an extremely fast and memory efficient way.  

Unlike the minimization functional (11), we approach the super-resolution recon-
struction as the following formulation, based on our proposed PDE (6)  

( ) ( ) ( ) ( )( )
( )( ) ( )( )

T2 2
1 2 3

-2 T t

c D u w,w c D u w ,w c  u w wu

t sign D u w,w u xβ λ

⊥ ⊥ ⊥ ⊥⎧ ⎫+ + ∇ ⋅ ∇ ⋅ ⊗∂ ⎪ ⎪= ⎨ ⎬∂ − ∇ +⎪ ⎪⎩ ⎭
G G

H g Hu
. (13) 

The corresponding numerical scheme of PDE (13) is the same as (8), except the 
last term for image fidelity. According to the discussion on PDE (6) in section 2, it is 
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easy to conclude that the proposed approach is not only capable of edge-preservation, 
but also edge-enhancement, corner-preservation and image sharpening. Hence, PDE 
(13) is more appropriate to the super-resolution task, especially for the cases of large 
sampling factors and noise levels. The simulation result demonstrates the strength of 
the proposed algorithm (All the experiments are implemented by MATLAB 7.0 on 
Pentium(R) 4 CPU 2.4 GHz).  

  
(a)                                                                                            (b) 

  
(c)                                                                                            (d) 

Fig. 6. Super-resolution results (a) Original image (256×256), (b) One of LR frames (64×64; 
Noise variance is 5), (c) the TV approach (PSNR=28.0098), (d) Our proposed approach 
(PSNR=28.6500) 

In the experiment, we create a sequence of LR frames utilizing an HR image  
[Fig. 6(a)]. First, we shifted the HR image by a pixel in the vertical direction. Then, 
the shifted image was locally averaged and under-sampled by the factor of 4 in each 
direction. The same operation with different motion vectors in vertical and horizontal 
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directions was used to produce 8 LR frames from the original scene. Finally, the re-
sulting LR frames were added to the white Gaussian noise (The noise variance is 5). 
One of these LR frames is presented in Fig. 6(b) (pixel replication). Fig. 6(c) shows 
the super-resolved HR image obtained by the TV approach [22] and the steepest  
descent (12). Fig. 6(d) is the result obtained by our proposed approach. In the TV 
approach, the experiment parameters are: T=15, τ =0.24, and λ =0.15; and in the 
proposed method, the experiment parameters are: T=15, τ =0.24, σ =1.5, ρ =2, c=5, 
c2=1, c3=1, β =0.05, and λ =0.25. To objectively evaluate the quality of images, the 
metric of PSNR (peak signal-to-noise ratio) [24] is used. As for Fig. 6(c), 
PSNR=28.0098; and as for Fig. 6 (d), PSNR=28.6500. Hence, the proposed approach 
is more powerful in keeping the image fidelity, and also suppressing well the random 
noises. On the other hand, compared with Fig. 6(c), it is obvious to see that Fig. 6(d) 
has higher contrast, smoother edges, and more natural appearance. Therefore, the 
proposed approach achieves better visual quality than the TV approach.  

5   Conclusions 

The paper proposed an alternative PDE approach for image magnification based on 
the proposed edge-enhancing PDE and corner-growing PDE, which is not only capa-
ble of enhancing the edge structures, but also preserving the corner structures. The 
method is simple, fast and robust to both the noise and the blocking-artifact. Another 
novelty in the paper is the application of the novel PDE to super-resolution image 
reconstruction, plus additional term for image fidelity. Experiment results demon-
strate the effectiveness of our approach. 
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Abstract. Recently the method restoring an old picture using the local
differential equation on the basis of the geometric measure is proposed.
It is necessary to restore an old film and a medical image with noise as
well as an old picture. So we extend the method applying for the two
dimentional image such as a picture to the three dimensional image such
as a time sequence image and a medical image. It is necessary to obtain
an object boundary from the original image in order to generate a com-
posite image of good quality, which is difficult to distinguish from the
original image. If an object boundary can not be detected, it is difficult
to remove the object. In this study, we propose a method for detecting an
object boundary and removing it and inpainting its image in a manner
that makes it difficult to distinguish from the original image. We extend
the image partition method based on the level set method to the method
applying for the movie and the medical image to detect an object bound-
ary. We demonstrate its effectiveness by removing a terop from a movie
and a tumor from a three dimensional medical image.

1 Introduction

Inpainting technique can be utilize for restorting an old picture[1]. Recently, the
inpainting method using the local differential equation based on the geometric
measure is proposed[2][3][4]. The neighbourhood pixels of an object boundary in
the two dimensional image is used for the image inpainting method.

It is necessary to detect an object boundary to generate the good compos-
ite image such that the person is not conscious that it is composite image. We
cannot generate the composite image if we cannot detect an object boundary.
So it is important to automatically detect an object bounary from the noisy
image. The active contour model is proposed to detect an object from the noisy
image[5]. This method is extend to the method applying for the three dimen-
sional image[6]. While the region detection using the moving curved surface
based on the local differntial equation is proposed[7]. The method of the region
partition using the local differential equation based on the geometric measure
with phases is applied for two dimensional image[8][9] but is not not applied for
three dimensional image. So we extend the method applying in the two dimen-
sional image to the three dimensional image for detecting an object boundary
in the three dimensional image.

L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 752–761, 2006.
c© Springer-Verlag Berlin Heidelberg 2006



Three Dimensional Image Inpainting 753

We apply for both the time sequence image and the medical image which are
three dimensional image.

The method using space feature [2][4][10][11] and the method using time fea-
ture [12][13] are studied. In this method, we regard the time sequence image as
three dimensional image. We detect an object boundary and inpaint the object
using both time and space features. If an object appears and disappears, the ob-
ject is inpainted using the adjacents image. If else, an object is inpainted using
the neibourhood of the object boundary in the current image. Thus, the time
and space features are efficiently used for the time sequence image.

The example of the medical image inpainting does not exist while some re-
searchers study to automatically detect a focus from the medical image. The
method based on moving curved surface using the differential equation is studied
[14][15]. That is why an object boundary can be detected from the noisy image.
We extend the image partition method based on the geometric measure applied
for the two dimensional image to the three dimensional image. The medical im-
age which a focus is removed can be appeared before a surgical operation. The
technique can be utilize the virtual surgery simulation[16][17][18].

Though sequential image in a video is improved by using image at neighbor
time in the video inpainting method [19][20]reported recently, the method de-
tecting an object boundary is not discussed and the method can not be applied
in the three dimensional density image such as CT and MRI image in which
three axis is common in the property. On the other hand , we do not pay atten-
tion to the difference between time and image though our method is applied for
the video inpainting. If we take into consideration with it, our method can be
improved for video inpainting.

In section 2 , we explain the three dimensional region detection, the three
dimensional inpainting in section 3 and we show that the effectiveness of this
method by removing the terop from the movie in section 4.

2 Three Dimensional Image Segmentation

Firstly, we explain the method for detecting an object boundary in a two dimen-
sional image[8][9]. Recently, an image processing method based on the moving
curved surface according to the partial differential equation was proposed. This
method is referred to as the level set method because we use the partial dif-
ferential equation defining the level of φ = 0. For this study, we use an active
contour model based on the partial differential equation by defining the level of
φ = 0. The contour in the image generated by deforming a curved surface is
defined according to the partial differential equation. The original image is u0,
and the phase φ is the function required for the region detection and can define
the initial value arbitrarily. The boundary of the object is the phase φ = 0 in
the image. u is the image produced as a result of region partition.

∂φ

∂t
= δ(φ)(ν∇ · (

∇φ
|∇φ| ) − ((u0 − c1)2 − (u0 − c0)2)) (1)
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c1 =
∫
u0H(φ)dxdy
∫
H(φ)dxdy

c0 =
∫
u0(1 −H(φ))dxdy
∫

(1 −H(φ))dxdy

u = c1H(φ) + c0(1 −H(φ)) (2)

This method can be extend for detecting a number of regions. The function
H is referred to as the Heviside function, and it is satisfies δ(x) = ∂H(x)

∂x . This
holds true for the method is different from the active contour model based on the
geometric measure, the method for useing some phases φ to detect some regions.
An image can be divided into the regions of 2n regions by using n number of
phases φ. The image is divided into 2n regions. The method of using the partial
differential equation to divide the image into four regions is shown below.

∂φ1

∂t
= δ(φ1)(ν∇ · (

∇φ1

|∇φ1|
)

− (((u0 − c11)2 − (u0 − c01)2)H(φ2)+ ((u0 − c10)2 − (u0 − c00)2)(1−H(φ2)) (3)

∂φ2

∂t
= δ(φ2)(ν∇ · (

∇φ2

|∇φ2|
)

− (((u0 − c11)2 − (u0 − c10)2)H(φ1)+ ((u0 − c01)2 − (u0 − c00)2)(1−H(φ1)) (4)

c11 =
∫
u0H(φ1)H(φ2)dxdy∫
H(φ1)H(φ2)dxdy

c10 =
∫
u0H(φ1)(1 −H(φ2))dxdy∫
H(φ1)(1 −H(φ2))dxdy

c01 =
∫
u0(1 −H(φ1))H(φ2)dxdy∫
(1 −H(φ1))H(φ2))dxdy

c00 =
∫
u0(1 −H(φ1))(1 −H(φ2))dxy∫
(1 −H(φ1))(1 −H(φ2))dxdy

(5)

u = c11H(φ1)H(φ2) + c10H(φ1)(1 −H(φ2))

+ c01(1 −H(φ1))H(φ2) + c00(1 −H(φ1))(1 −H(φ2)) (6)

Next, we extend the method for detecting the regions to a three dimensional
image. Since two phases are used in this experiment, the image is classified into
four regions. If three phases are used, the image will be classified into eight
regions. We arbitrarily generate the objects arbitrarily for each phase. The φ
sign is positive in the interior of an object and the sign of φ is negative outside
the object. The initial phase φ of a pixel is defined as the distance between the
φ = 0 contour and the pixel.
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c11 =
∫
u0H(φ1)H(φ2)dxdydz∫
H(φ1)H(φ2)dxdydz

c10 =
∫
u0H(φ1)(1 −H(φ2))dxdydz∫
H(φ1)(1 −H(φ2))dxdydz

c01 =
∫
u0(1 −H(φ1))H(φ2)dxdydz∫
(1 −H(φ1))H(φ2))dxdydz

c00 =
∫
u0(1 −H(φ1))(1 −H(φ2))dxdydz∫
(1 −H(φ1))(1 −H(φ2))dxdydz

(7)

u = c11H(φ1)H(φ2) + c10H(φ1)(1 −H(φ2))

+ c01(1 −H(φ1))H(φ2) + c00(1 −H(φ1))(1 −H(φ2)) (8)

3 Three Dimensional Image Inpainting

The inpainting method is proposed for the two dimensional image. The u image
is the original image that required the inpainting.

∂u

∂t
= ∇⊥ · ∇∆u+ ν∇ · (g(|∇u|)∇u) (9)

(a) (b) (c)

(d) (e)

Fig. 1. The image sequences in a movie with terop

The symbol ∇⊥ represents (− ∂
∂y ,

∂
∂x ). The image is inpainted according to the

partial differential equation.
We show an algorithm based on the partial differential equation. The gray

value is represented as u(i, j) in the (i, j) pixel. This image u(i, j) changes as
time t increases, according to the following equation.

∂u

∂t
= unt (i, j) (10)
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(a) (b)

(c)

(d) (e)

(f)

(g)

Fig. 2. Figures (a), (b), and (c) show the x-y, y-z,and z-x cross sections of the initial
regions detected from the movie with the terop at the iteration number t = 0. Figures
(d), (e), and (f) show the x-y, y-z, and z-x cross sections of the regions detected from
the movie terop at the iteration number t = 4096. (g) The detected three dimensional
boundary of the terop.

where the situation of the surface with equal gray level in the (i, j) pixel is
defined as Ln(i, j). This is shown using the following equation.

Ln(i, j) = unxx(i, j) + unyy(i, j) (11)

where the changing value δLn of the diffused gray level is obtained using Ln.

δLn = (Ln(i+ 1, j) − Ln(i− 1, j), Ln(i, j + 1) − Ln(i, j − 1)) (12)

We calculate the difference between the gradient direction of the gray level
and the direction that we would like to diffuse.

βn(i, j) = δLn(i, j) · N(i, j, n)
|N(i, j, n)| (13)

N(i, j, n)
|N(i, j, n)| =

(unx(i, j), u
n
y (i, j))

√
((unx(i, j))2 + (uny (i, j)2))

(14)

unt (i, j) = βn(i, j) · |∇un(i, j)| (15)

The image is inpainted by repeating this algorithm.
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(a) (b) (c)

(d) (e)

Fig. 3. The image sequences removed terop from the movie

The algorithm is extended to apply to the three dimensional image u(i, j, k).
The density is given as the u(i, j, k) image in the (i, j, k) pixel. The image changes
according to the following equation.

∂u

∂t
= unt (i, j, k) (16)

The situation of the surface with equal gray level at the (i, j, k) pixel is defined
as Ln(i, j, k) This is shown using the following equation.

Ln(i, j, k) = unxx(i, j, k) + unyy(i, j, k) + unzz(i, j, k) (17)

The changing value δLn of the diffused gray level is obtained using Ln.

δLn = (Ln(i+ 1, j, k) − Ln(i− 1, j, k), Ln(i, j + 1, k) − Ln(i, j − 1, k),

Ln(i, j, k + 1) − Ln(i, j, k − 1)) (18)

We calculate the difference between the gradient direction of the gray level
and the direction that we would like to diffuse.

βn(i, j, k) = δLn(i, j, k) · N(i, j, k, n)
|N(i, j, k, n)| (19)

N(i, j, k, n)
|N(i, j, k, n)| =

(unx(i, j, k), u
n
y (i, j, k), unz (i, j, k))

√
((unx(i, j, k))2 + (uny (i, j, k)2) + (unz (i, j, k)2))

(20)

unt (i, j, k) = βn(i, j, k) · |∇un(i, j, k)| (21)

The inpainting of the three dimensional image proceeds by iterating this cal-
culation. The object is removed from the three dimensional image, and we paint
the interior of the object using the background in a discrete manner.
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(a) (b)

(c) (d)

Fig. 4. Figures (a), (b), (c), and (d) show the cross section of the original medical
MRI image showing a brain tumor appears for z = 30, z = 33, z = 36, and z = 39
respectively

4 Generating Three Dimensional Composite Image

Next, we explain the process flow for removing an object from a three dimen-
sional image.

– An object boundary is detected from the image by using the region partition
method based on the partial differential equation, which in turn is based on
a geometric measure. ( 2.)

– An object is inpainted using the image inpainting method. (3.)

Figure 1 shows five images from a movie. The image size is 640 × 400 pixels,
and the three dimensional image is composed of 1000 images. The size of the
three dimensional image is 640 × 400 × 100 pixels. We show five images from
among the thousand images. The parameter ν = 0.03 and the time constant
value dτ = 0.0001 are used. Figure 2(a), (b), and (c) show the x-y, y-z, and z-x
cross sections for the initial regions detected from the movie with the terop at
the iteration number t = 0. Figures 2 (d), (e) and (f) show the x-y, y-z, and
z-x cross sections for the regions detected from the movie with the terop at the
iteration number t = 4096. Figure 2 (g) shows the detected three dimensional
boundary of the terop. Figure 3 shows the five images without the terop is
removed that corresponding to the five images of figure 1 in the movie using
three dimensional image inpainting. It is found that you cannot find the terop
in the result movie and the terop is inpainted using the background. The black
edges exist in the boundary between the terop and the background in the movie
using the experiment to emphasize the terop. The black edge is detected using
the expansion process of the morphological method before the three dimensional
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(a) (b)

(c) (d)

(e) (f)

Fig. 5. The detected brain tumor. (a) The cross section of the initial regions for z = 35
at the iteration number t = 0 of medical MRI image in which a brain tumor appears.
(b) The detected three dimensional boundary of the brain tumor. Figures (c), (d), (e),
and (f) show the cross section for the detected regions for z = 30,z=33, z = 36, and
z = 39 at the iteration number t = 4096 respectively.

image inpainting. It is found that the movie without the terop is generated from
the original movie with terop. The terop existed in three dimensional image is
detected from the sequential images using three dimensional method and the
terop is inpainted and romoved using two dimensional method.

Figure 4 shows a three dimensional medical image of a brain tumor. Figure
4(a), (b), (c), and (d) are the cross section of the initial regions for z = 30, z =
33, z = 36, and z = 39 for a original three dimensional medical image with a
brain tumor respectively. The size of three dimensional image is 100 × 100 × 60
pixels. Figure 5 shows the medical image of the brain tumor. Figure 5(a) shows
the cross section of the initial regions for z = 35 at the iteration number t = 0.
Figure 5(b) is the detected three dimensional boundary of the brain tumor.
Figure 5(c), (d), (e), and (f) show the cross sections of the detected regions for
z = 30, z = 33, z = 36 and z = 39 at the iteration number t = 4096. It is
found that the brain tumor is detected. The parameter ν = 0.03 and the time
constant dτ = 0.0001 are used. Figure 6 shows the composite image generated
from figure 5. Figure 6(a), (b), (c), and (d) show the cross sections of the medical
MRI image without brain tumor which is removed for z = 30, z = 33, z = 36,
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(a) (b)

(c) (d)

Fig. 6. Figures (a), (b), (c), and (d) show the cross section of the medical MRI image
without the brain tumor which is removed using three dimensional image inpaiting for
z = 30, z = 33, z = 36, and z = 39 respectively

and z = 39 respectively. It is found that the white focus shown in figure 4 is
romoved in figure 6. A focus is inpainted by detecting its boundary in the three
dimensional image and using the background of this image.

5 Conclusions

We showed that a three dimensional composite image can be automatically gen-
erated by detecting an object boundary and removing the object before the
inpainting.
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Abstract. As an effective method of background subtraction, codebook
model suffers from unacceptable false negative detection rate in many
situations due to its quantization criterion. In this paper, we propose
an improved codebook model to solve this problem. Instead of using
the original quantization criterion, we quantize the temporal series of
the observations at a given pixel into codewords based on the Gaus-
sian distribution assumption. We have performed this approach in our
surveillance system for outdoor scenes and achieved excellent detection
results.

1 Introduction

The segmentation of moving objects in videos is a fundamental task in many
computer vision applications, such as intelligent video surveillance. A common
approach to this is background subtraction. Its idea is to subtract the current
frame from a reference background model.

If the scene background is static, the pixel values over time can be reasonably
modeled with a Gaussian distribution. However, the natural scenes are not static
in most situations. There are many non-static objects like waving trees, flicker-
ing monitors, escalators in the background. To solve these bimodal/multimodal
backgrounds, Stauffer et al. [1] proposed the pixel-wise Gaussian mixture model
(GMM). Power and Schoonees [2] expounded Stauffer’s algorithm in terms of
the theoretical foundation. Many authors have proposed improvements to this
algorithm, including [3], [4]. Although GMM has many advantages, it does have
disadvantages. Background with high frequency variations is not easily modeled
by a few Gaussian components accurately. Moreover, using constant number of
Gaussian components for every pixel is not necessary because many pixels are
unimodal and only need one Gaussian distribution to fit them.

Recently, Kim et al. [5], [6] proposed a quantization/clustering technique
called codebook model to construct a non-parametric background model, which
bears the most similarity to our work. According to their clustering criterion,
some pixels, which belong to the foreground objects but have the similar color
to the shadows or highlights, are always misclassified as the background. The
false negative rate can not be accepted in many situations.
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We describe the improved algorithm procedure in great detail in section 2. In
section 3, the experiment results and analyses will be shown. Finally, conclusions
are presented in section 4.

2 Gaussian-Based Codebook Model

2.1 Background Modeling and Foreground Segmentation

This approach is a pixel-wise modeling technique so we ignore the pixel index for
convenience. Let X = {x1, x2, ..., xN} be the training sequence for a given pixel
consisting of N RGB vectors. Let � = {c1, ..., cL} represent the codebook for
this pixel consisting of L codewords. Each codeword ci, i = 1, 2, ..., L, comprises
a mean vector μi = (R̄i, Ḡi, R̄i), a diagonal covariance matrix Σi where the
diagonal elements are σ2

i,R, σ2
i,G, σ2

i,B , and a 3-tuple augi = (fi, λi, qi) where
fi records the frequency that the codeword has occurred, λi is defined as the
maximum interval of time that the codeword has not recurred, and qi is the
last access time. Let M denote the final background model and the algorithm
procedure is shown in Table 1.

For a new coming frame, each pixel is compared with the codewords of the
corresponding codebook in the background model M . If there is one codeword
matched, then the pixel is labeled as background and the codeword is updated.
Otherwise, the pixel is labeled as foreground.

2.2 Background Model Update

The background model above can adapt to the slow illumination changes. But
there exist other changes including parked cars and new appearing period-like

Table 1. Algorithm for Background Model Construction

I. L ← 0, � ← ∅;
II. For xt = (Rt, Gt, Bt)T (t = 1 to N) do

1) Find the codeword cm in � = {ci|1 ≤ i ≤ L} matching to xt based on the
following condition: xT

t

�−1
m xt < T 2 (usually T = 3)

2) If � = ∅ or there is no match, then L ← L + 1. Create a new codeword cL

by setting:
a) μL ← (Rt, Gt, Bt);
b) σ2

L,Z = const Z ∈ {R, G, B} (const usually ranges from 100 to 400);
c) augL ← (1, t − 1, t);

3) Otherwise, update the matched codeword cm by setting:
a) μm ← αxt + (1 − α)μm; (α ∈ (0,1), usually ranges from 0.005 to 0.01)
b) σ2

m,Z ← (1 − α)σ2
m,Z + α(xt,Z − μm,Z)(xt,Z − μm,Z) Z ∈ {R, G, B};

c) augm ← (fm + 1, max{λm, t − qm}, t);
End for;

III. For each codeword ci, i = 1, ..., L, calculate λi ← max{λi, N − qi};
IV. M = {cm|cm ∈ �, λm < TM} (Usually TM is equal to N/2).
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Table 2. Algorithm for Background Model Update

I. After training, M is obtained. Create a new model H as a cache.
II. For a new coming pixel, find a matched codeword in M . If found, update the

codeword.
III. Otherwise, try to find a matched codeword in H and update it. If no match, create

a new codeword h and add it to H .
IV. Filter out the cache codewords based on TH .

H ← H − {hi|hi ∈ H, λi > TH}

V. Move the cache codewords staying for enough time to M .
M ← M ∪ {hi|hi ∈ H,fi > Tadd}

VI. Delete the codewords not accessed for a long time from M .
M ← M − {ci|ci ∈ M, λi > Tdel}

VII. Repeat the process from step II

motions. In order to adapt to these changes, we build a cache model to update the
background. The construction of the cache model is similar to the background
model. The update procedure is shown in Table 2.

3 Experiments and Analyses

In the original method [5], [6], the shadows and the highlights are classified as
background objects simultaneously. This is not feasible in many natural scenes.
As shown in Fig. 1(b), the person is detected into pieces with the original method
because some pixels which belong to the person have the similar property to
that of the shadows and are easily misclassified as background objects. In our
approach, we first detect the shadow as foreground objects and then implement
the color constancy to verify them. Fig 1(c) shows the result of our approach.

In Fig. 2(a), there is a swaying tree in the scene. Fig. 2(b) shows the GMM
detection result and Fig. 2(c) shows ours. They both achieved good performance.
However, GMM needs to set 3 components for every pixel, while our method only
needs 1.81 codewords per pixel. In most situations, our approach can get a more
compact representation of the background compared with GMM.

(a) (b) (c)

Fig. 1. The detection results. (a) the original frame; (b) the detection result of the
original codebook model [5], [6]; (c) the detection result of our approach.
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(a) (b) (c)

Fig. 2. Comparison between GMM and our approach. (a) the original frame; (b) the
detection result with GMM; (c) the detection result with our approach.

In our approach, the detection results are decided by the parameters TM , TH ,
Tadd and Tdel. The larger TM is, the more codewords will be in the background
model. TH is similar to TM and it is used for the cache model. The function of
Tadd and Tdel is like that of the learning rate in GMM. All of them need to be
determined according to the scene. In the above two experiments, TM = N/2,
TH = 50, Tadd = 400 and Tdel = 200.

4 Conclusions

In this paper, we solve the problem that the false negative detection rate is too
large to be accepted in many situations in Kim’s codebook model. A comparison
has also been made between our improved codebook model with GMM. The
results show that our approach can achieve a more compact representation of
the background without performance reduction.
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Abstract. A new Fourier-wavelet volume rendering algorithm (FWVR) in fre-
quency domain is presented and corresponding preprocessing is given in this 
paper. After the wavelet transforming and obtaining slice plane, FWVR finish 
the volume rendering image with a wavelet-based X-ray rending method in the 
frequency domain. FWVR comprises and unifies the advantages of recently in-
troduced Fourier domain volume rendering techniques and wavelet based vol-
ume rendering. For the algorithm is based on the CT imaging and wavelet trans-
formation, the time complexity of this method is ( )NN log2Ο  which is reduced 
apparently. Experiment of medicine volume data shows that this method is effi-
cient. Finally, the potential application of FWVR is introduced in network ren-
dering for saving transmission time. 

1   Introduction 

The medical volumetric data with some resolutions is data scene based regular grid. 
3-D visualization has three methods: surface rendering, volume rendering and hybrid 
rendering. Recently, because of the advantage of processing of volumetric data and 
performance in character information, volume rendering is widely used in medical 
area[1-3]. A Fourier-wavelet volume rendering (FWVR) is presented in this paper, 
which contributes to the solution of the above problems by significantly reducing the 
time complexity. FWVR obtain a 2-D image in view plane based on the principle of 
3-D data, which improves the efficiency of remote network transmission. 

2   Volume Rendering in Frequency Domain Based on Wavelet 
Transformation 

Wavelet-based volume rendering[4] yields 3-D image by getting multi-resolution of 
volumetric data after the 3-D discrete wavelet transform. Presently, there are two 
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methods for volume rendering based on wavelet: ray-tracing and ray-footprints. The 
former has a disadvantage of big complexity of computation. The later has the  
advantage of little time complexity but it can not hold absorbing characteristic of 
illumination. 

2.1   Fast Wavelet Transformation in Frequency Domain  

Since the volume rendering is completed in frequency domain, the wavelet transform 
needed to be computed in frequency domain. Let the Z-transform of filters 

hh、 hg 、 gh、 gg  be HH , HG , GH , GG  respectively, where  ( ) ∑ −=
n

n
n zhz :H . 

Four filters are as follows: 

( ) ( ) ( ) ( ) ( ) ( )
( ) ( ) ( ) ( ) ( ) ( )⎩

⎨
⎧

==
==

21212121

21212121

GG,GGHG,GH

GH,HGHH,HH

zzzzzzzz

zzzzzzzz  (1) 

The decomposition in frequency domain is given by : 

  ( ) [ ] ( )2121
1 ,CH

~
H
~

,C zzzz
downjj ⋅=+    ( ) [ ] ( )2121

1,1 ,CG
~

H
~

,D zzzz
downjj ⋅=+  

( ) [ ] ( )2121
2,1 ,CH

~
G
~

,D zzzz
downjj ⋅=+    ( ) [ ] ( )2121

3,1 ,CG
~

G
~

,D zzzz
downjj ⋅=+  

(2) 

Formula (1) and (2) are Fourier-wavelet decomposition (FWD) and Fourier-
wavelet reconstruction (FWR) respectively. 

2.2  Wavelet X-ray Transformation 

The wavelet X-ray transformation[4] for volume rendering is proposed, followed by a 
procedure derived for wavelet transform in frequency domain. After the preprocessing 
by ordinary FVR, the wavelet decomposition of slice plane in frequency domain is 
performed. 
The discrete wavelet X-ray transform in a 2-D wavelet series is defined as follows: 

( ) ( ) ( ) ( ) ( )∑∑∑∑
= =

+Φ=
M

j lk
lkj

j
lk

lk
lkM

M
lk vuθdu,vθcvuf

1

3

1 ,
,,

,
,

,

0
,,, ,Ψ,P

τ

ττ
θ

,

 (3) 

where wavelet coefficients M
lkc , , τ,

,
j
lkd  depend on the view angle θ, M denotes the 

depth of the pyramid. The coefficients of the formula (11) can be computed as  
follows: 

Theorem 1. Let ( )32 RLf ∈ , then coefficients in formula (3) for X-ray transform are: 

( ) ( )( )lkFfPFFθc jj
M

M
lk 2,2

~ 0
22

1
2, Φ′⋅= −

θ ,
 (4) 

( ) ( )( )lkFfPFFθd jj
j

j
lk 2,2

~
22

1
2

,
,

τ
θ

τ Ψ′⋅= −

.
 (5) 
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where ),(
~

),(
~ ,0

0,0,
0 vuvu MM −−Φ=Φ′ ∗  and ),(

~
),(

~ ,
0,0, vuvu jj −−Ψ=Ψ′ ∗ττ . ( )2F  and ( )1

2
−F  

denote the Fourier transform and inverse Fourier transform respectively. ~ and * de-
note the dual and complex conjugate respectively. 

A client-sever visualization system is implemented by this method. The sever fin-
ishes the initial 3-D Fourier transform. Both the approximation and detail coefficients 
are sent to client. After clients perform the Fourier-wavelet reconstruction and IFFT, 
an approximation image is obtained.  

2.3   Time Complexity 

Assume that the input image 0C is square and contains 2N elements, where N is a 
power of two. Then the maximal number of decomposition levels is NM 2log= . 

Since each coefficient’s computation requires at 4 additions, 2)2/(4 jN multiplica-

tions for the jst decomposition level are needed. As a result, the computational com-

plexity in the frequency domain is ( )2NO . Since the complexity of the FFT is 

( )NNO 2
2 log  and the reverse transform can be computed in the same time, the over-

all time complexity of FWVR is obviously very favorable: ( )NNO 2
2 log .  

3   Experiments 

Experiments with CT data of size 1283 were carried out for Bior5.5 wavelets of Bior-
thogonal wavelet basis. The volume rendering is implemented by FWVR. Fig.1 
shows the reconstruction from Bior5.5 wavelet decomposition (decomposition level is 
M=3/2/10) for volume rendering of gray image. FWVR costs the 6.18 seconds, while 
wavelet splatting has timings of 12.62s with the same sets and image resolution . 
Fig.2 shows high-quality pseudo-color image rendered by FWVR with the same 
wavelets and decomposition level. Experiments shows that scaling of the timings for 
increasing data size is in agreement with the theoretical complexity. 

 

Fig. 1. volume rendering of gray image in frequency domain 
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Fig. 2. Volume rendering of pseudo-color image in frequency domain 

4   Conclusions 

The volume rendering in frequency domain based on the wavelet transform is pre-
sented in this paper, and a new Fourier-wavelet volume rendering algorithm (FWVR) 
in frequency domain is given here. This method has the advantage of the small time 

complexity, which is ( )NN log2Ο , over the other algorithm in spatial domain. The 

complexity of the computation is reduced with no loss in the performance and to 
provide comparable results. In the coming versions of the wavelet based rendering 
system, web-based user interfaces and servers that support simultaneous access from 
various sites will be implemented. The system will be integrated with a network mod-
ule (client/server) in future versions. 
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Abstract. In this paper, we present a new method of SAR imagery compression 
based on multiscale autoregressive moving average (MARMA) models. We use 
the multiscale representation as the cornerstone of the modeling process, and 
construct the MARMA models of SAR image. We then predict the initialized 
image data using these multiscale models. Next we compress image data 
through coding the residual image. Extension simulations have proven that the 
proposed method achieves high compression radios with impressive image 
quality. 

1   Introduction 

Synthetic aperture radar (SAR) data represents an important source of information for 
a large variety of scientists around the world. However, while the volume of data 
collected is increasing as fast, the ability of transmit it to the ground, or to store it, is 
not increasing as fast. Thus, there is a strong interest in developing data encoding and 
decoding algorithms which can obtain higher compression ratios while keeping image 
quality to an acceptable level [1]. Recently, different multiscale algorithms have been 
proposed to SAR image analysis [2-6]. The MAR model has been applied to the prob-
lem of compression in SAR image by Andrew. Kim [5]. That method compresses 
SAR image based on the results of supervised segmentation, and needs the prior 
knowledge for SAR image segmentation. In [6], MARMA processes were defined 
and applied to classification for SAR image. But it didn’t take further research on 
theory and other applications for MARMA models. In this paper, we present an ap-
proach to construct MARMA modeling frameworks, and applied them to SAR image 
compression. Our compression method doesn’t require the prior knowledge for super-
vised segmentation. We predict the SAR image data for compression using these 
multiscale models and compress image data through coding the residual image.  
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2   MARMA Model for SAR Imagery 

Assuming I is the SAR image for compression, the starting point for our model de-
velopment is a multiscale sequence 0 RI I of SAR images I , where 0I and LI corre-
spond to the finest and coarsest resolution images, respectively. Specifically, we  
assume that 0I  is equal to I . Each pixel ( , )mI k l  in mI  is obtained by  

2 ( 1) 1 2 ( 1) 1' '
10 2 2

( , ) 20log ( , ) ,            ( , ( , )   
m m

m m

k l

m m m mi k j l
I k l I i j I k l I k l C

+ − + −

= =
= = −∑ ∑ ）  (1) 

where mC  is mean value of ' ( , )mI k l and 1m = … R . This indicates that a quadtree is 
natural for the mapping, and each node s on the tree is associated with one of the pix-
els ( , )mI k l corresponding to pixel ( , )k l of SAR image mI . 

A MAR process defined on node s  satisfies 

1, ( ) , ( )( ) ( ) ... ( ) ( )R
m s R m sI s a I s a I s sγ γ ω= + + +  (2) 

where R is the order of autoregression, and ( ) 1, ( ) , ( )( ,..., )T
m s m s R m sa a a= are the real, scalar-

valued regression coefficients. The term ( )sω is a white noise process which can be 
viewed as the modeling error image. 

Furthermore, we develop a multiscale sequence 0 1, ,..., Qw w w of the MAR model er-
ror image ( )sω . Then we define a MARMA process on a node s  like so: 

1, ( ) , ( ) 1, ( ) , ( )( ) ( ) ... ( ) ( ) ... ( ) ( )R Q
m s R m s m s Q m sI s a I s a I s b w s b w s sγ γ γ γ ξ= + + + + + +  (3) 

here 1, ( ) , ( ),...,m s Q m sb b are coefficients of a multiscale moving average process, R  and Q  
are orders of autoregression and moving average respectively. The term ( )sζ  is 
white-noise and can be viewed as residual image. 

3   Compression of SAR Imagery Based on MARMA Model 

Assuming that the coarser resolutions 1 RI I , 1 Qw w  have already been coded to 

1 RI I , 1 Qw w , we compute each node s  in the predicted image 0I  from Eq. (3) 
neglecting the noise term ( )sζ . The residual image is then computed by Eq. (4) 

0 0 0E I I= −  (4) 

Because 0E has a much smaller dynamic range than 0I and conveys all the necessary 
information for decoder to reconstruct 0I , 0E can be coded instead of 0I . To further 
improve compression performance, residual image 0E  is transformed using discrete 
wavelet transform (DWT) and a soft threshold is applied to all the transformed coeffi-
cients. Following the soft threshold procedure, the coefficients are uniformly quan-
tized and entropy coded. Then data of SAR image compression is received. The SAR 
image compression and decompression methods are shown in Fig. 1. The structure 
within the long dashed boundary and the short dashed boundary correspond to   com-
pression procedures and decompression procedures respectively. 
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Fig. 1. Compression and decompression methods of SAR imagery based on MARMA models 

Because MAR models are a special case of MARMA models, the compression 
method based on MAR models is a special case of the MARMA compression method 
in our paper. The difference between MAR and MARMA method is that we use MAR 
models when we predict original image 0I  in MAR compression method.  

4   Experimental Results 

In order to evaluate the performance of our approaches to SAR image compression, 
we have applied them to a SAR image with size of 256x256 pixels as Fig. 2(a). 

Three different models were fitted to the SAR data: 

• a second order autoregression dubbed MAR(2): 

2( ) 0.050888 ( ) 0.44427 ( ) ( )I s I s I s sγ γ ω= − + +  (5) 

• a fourth order autoregression MAR(4): 

2 3 4( ) 0.021294 ( ) 0.1399 ( ) 0.41297 ( ) 0.4321 ( ) ( )I s I s I s I s I s sγ γ γ γ ω= − + + + +  (6) 

• a second order autoregressive moving average dubbed MARMA(2,2): 

2 2( ) .05089 ( ) 0.4443 ( ) 0.01379 ( ) 0.04138 ( ) ( )I s I s I s w s w s sγ γ γ γ ξ= − + − + +  (7) 

Fig.2 shows how the compression performance of our method compares with that 
of the JPEG algorithms. In order to evaluate the quality of compression images, we 
use the peak signal-to-noise ratios (PSNR’s) of the reconstructed images in (8) 

[ ]{ } { } 2
2

10 [ , ],
1 1

ˆ ˆPSNR 10log (max ( , ) min ( , ) ) ( , ) ( , )
M N

m nm n
m n

MN f m n f m n f m n f m n
= =

⎡ ⎤⎡ ⎤= − −⎢ ⎥⎣ ⎦⎣ ⎦
∑∑  (8) 

Where M and N are the dimensions of the finest resolution image, ( , )f m n is the finest 
resolution image, and ˆ ( , )f m n is the reconstructed image. Table 1 displays the com-
press radios and PSNR of the reconstructed images. The extent to which JPEG could 
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compress the images was limited, hence, the reason for they’re being larger than the 
MAR (2), MAR (4) and MARMA (2, 2) coded images. Even so, JPEG still performed 
considerably worse than the other three. The MAR (2), MAR (4) and MARMA (2, 2) 
methods perform very well at this high compression radio. Among the MAR (2), 
MAR (4) and MARMA (2, 2), MAR (2) has highest compression radio and lowest 
PSNR, MARMA (2, 2) has lowest compression radio and highest PSNR. 

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

Fig. 2. Compression results: (a) initial SAR image composed of grass and forest; (b) JPEG 
5079 byte;  (c) MAR (2) 1580 byte; (d) MAR (4) 1770 byte; (e) MARMA (2, 2) 1919 byte 

Table 1. PSNR comparing JPEG, MAR (2), MAR (4) and MARMA (2, 2) 

Algorithms JPEG MAR (2) MAR (4) MAR(2，2) 
Bits/pixel 0.0775 0.0241 0.027 0.0293 

PSNR 28.5dB 29.66dB 29.12dB 31.99dB 

5   Conclusion 

We have presented a new method of SAR imagery compression based on MARMA 
models. The result proved that MARMA models could be developed to compress 
SAR image, and achieve high compression radios with impressive image quality.  
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Abstract. When converting image sequence to 3D, several entries of the matrix 
have not been observed by occlusions and other entries have been perturbed by 
the influence of noise. In this paper, we propose a method for fitting geometri-
cally missing data in noisy observation matrix with iterative SVD factorization. 
The main idea of the proposed algorithm is that the orientation and distance of 
noisy vector ca be handled directly by geometrical properties between 2D im-
age plane and 3D error space under noise distribution. To confirm the recover-
ability of missing data, we carry out the experiments for synthetic and real se-
quences. The results in practical situations demonstrated with synthetic and real 
video sequences verify the efficiency and flexibility of the proposed method. 

1   Introduction 

In computer vision, matrix factorization methods have been widely used to recon-
struct 3D shape and camera motion from 2D image data matrices. To be factored out, 
it is essential that all of Feature Points (FPs) are visible in the measurement matrix. In 
order to provide sufficient 3D content, it is important to convert existing 2D video 
footage into 3D data [1], [2]. However, in practice, the observation matrix may be 
incomplete, i.e., some of entries may be unobserved. Therefore, there are actually 
some weak points in matrix factorization, resulting from tracking failure.  

Many researchers [3]-[12] have developed 3D reconstruction methods using SVD 
factorization methods in difference ways. The matrix collects 2D trajectories of pro-
jections of FPs [3]-[8] or other primitives [9]-[12]. In real life video clips, these  
projections are not visible along the entire image sequence due to occlusion and a 
limited field of view. Thus, the observation matrix is incomplete. Sub-optimal solu-
tions were proposed in [3] and [13]. In [3], the missing values of the observation ma-
trix are ‘filled in’, in a sequential and heuristic way, using SVD of observed partial 
matrices. Filling of missing data was first realized by Tomasi and Kanade [3] for 
affine camera. Jacobs [13] improved their method by fitting an unknown matrix of a 
certain rank to an incomplete noisy matrix resulting from measurements in images, 
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which is called Linear Fitting. However, his method presents no approach to deter-
mine whether the incomplete matrix is stable or unstable. Guerreiro and Aguiar [14] 
proposed Expectation-Maximization (EM) and Two-Step (TS) iterative algorithm. 
The algorithms converged to the global optimum in a very small number of iterations. 
However, the performance of both EM and TS are influenced by noisy observation.  

In the paper, a new estimation method that is executed under a noisy observation 
matrix is proposed. In particular, geometrical correlations on the proposed algorithm's 
behavior are studied, and compared with EM and TS. The experimental results dem-
onstrate that the proposed algorithm is more robust than EM and TS, with respect to 
the sensibility to noise. An affine camera model is mainly treated in this paper, but the 
method can be extended to a perspective camera model because of handling missing 
data using geometrical correlations. The remainder of this paper is composed as fol-
lows. In Section 2, the relationship between the number of frames and 3D shape error 
is introduced. Section 3 describes the estimation algorithm of missing data. In Section 
4, the behavior of the proposed algorithm is illustrated with synthetic and real video 
sequences that demonstrate good recoverability when dealing with arbitrary matrices. 
Finally, Section 5 concludes this paper.   

2   3D Shape Error by the Number of Image Frames  

When the observation matrix has no missing data, the error of the reconstructed 3D 
shape is not related to the number of image frames. However, in practice, several 
entries of the matrix may not be observed, or observed with noise, due to image reso-
lution, occlusion and so on. As a result, the 3D shape error is relative to the number of 
available image frames. Although most researchers [15]-[19] have analyzed noise 
characteristics in detail, the problem of estimating deficient matrices from noisy ob-
servations of their entries has no closed form solution. In addition, it is difficult to 
evaluate the reconstructed 3D shape under noise distribution accurately, even though 
it is perturbed by just one noisy entry in the observation matrix. The relationship be-
tween the number of frames and 3D shape error are now investigated. Given an ob-
servation matrix W  of a MxN incomplete matrix W

~  corrupted by white Gaussian 
noise, its Root Mean Square (RMS) error is   

NM

~

RMS

NM

i
F

×

−
=

∑
×

=1

2
WW

, (1) 

where  
F

⋅  means the Frobenius norm. Given a true point ( iP ) and a perturbed point 
( i~
P ) reconstructed from the corrupted FP, the position Root Mean Square (pRMS) 

error is defined in order to evaluate the 3D shape error. 

( )
N

~

argmimpRMS

N

n
F

nn∑
=

−+⋅
= 1

2
PTPR

TR,
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where N is the number of 3D points. R  and T  denote the rotation matrix and the 
translation vector, respectively. 

3D reconstruction error is dependant on the total viewing angle and the total num-
ber of frames [18], [19]. That is, the RMS error of (1) is constant with respect to the 
number of image frames. However, the pRMS error of (2) is strongly influenced ac-
cording to the number of image frames when the entries of the matrix are observed 
with noise. It means that, when the observation matrix has noisy entries, a greater 
number of image frames provide a better result. Therefore, in order to obtain accurate 
3D contents it is obviously essential that the missing data of the observation matrix 
must be estimated accurately. 

3   Geometrical Correlations Estimation Algorithm of Missing Data  

In this section, some specific geometry between the noise of the 2D observation ma-
trix and the error of 3D shape is described. 

3.1   3D Error Space  

It is extremely challenging to accurately evaluate the precision of the 3D shape recon-
structed from a noisy observation matrix. In order to estimate and evaluate missing 
data, at first, 3D error space is introduced as the following: 

i)  For recovering a missing FP (
mp ), its initial position ( ep Δ+t

) is first fit roughly 
and three FPs (

bAp ,
bBp , and 

bCp ) are randomly selected, which are called bias 
FPs being neighbors of the missing FP (

mp ), on the same 2-D image plane. Next, 
new FPs (

iq ) are added, which are called Reference Points (RPs), on a circular 
pattern ( ir cΔ= ) centering on the missing FP (

mp ). The aspects are shown in 
Fig. 1(a), where 

2Π  is a reference plane composed of 
iq  on the 2-D image plane 

and 
imqp  is a reference vector (RV) composed of 

mp  and 
iq  on the 2-D image 

plane. 

epp Δ+= tm
, (3) 

imi cpq Δ+= , Z,,,i 21= , (4) 

where 
tp , eΔ , 

iq , and 
icΔ  are a true FP, a noise vector, RPs, and circle radius on 

the 2D image plane, respectively. 
ii)  Using affine SVD factorization, the roughly fitted FP (

mp ), three bias FPs 
(

bAp ,
bBp , and 

bCp ), and circular RPs (
iq ) are reconstructed to *

mP ,  ( *
bAP , *

bBP , and 
*

bCP ), and *
iQ  on the 3-D reconstruction space, respectively (see Fig. 1(b)).  

*
i

*
m

*
i CPQ Δ+= , (5) 

where *
mP  and *

iCΔ  are the reconstructed RPs and its circular parameter on 3-D 
reconstruction space. The symbol ‘*’ means a perturbation.  
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Fig. 1. Comparison of some parameters on 2D image plane, 3D reconstruction space, and 3D 
error space. (a) noisy FP, three bias FPs and circular RPs on 2D image plane. (b) parameters 
reconstructed from (a) on 3D reconstruction space. (c) parameters transformed from (b) on 3D 
error space. 

iii) A 3-D error space is defined as the coordinates of 3-D point vectors without per-
turbation, which are transformed from three Euclidean distances between three 
bias FPs ( *

bAP , *
bBP , and *

bCP ) and a FP ( *P ) on 3-D reconstruction space. For ex-
ample, the 

mP  on 3-D error space can be transformed from the missing FP ( *
mP ) 

on 3-D reconstruction space by three Euclidean distances between three bias FPs 
and the missing FP on the same 2-D image plane as 

( )CBAm L,L,L=P , (6) 

where **
bAmAL PP= , **

bBmBL PP= , and **
bCmCL PP= . Also the circular RPs ( *

iQ ) 

can be also expressed as 
iQ on the 3-D error space as 

( )CiBiAii L,L,L=Q , (7) 

where **
bAmAiL PP= , **

bBmBiL PP= , and **
bCmCiL PP= , { }Z,,,i 21= . 

This aspect is shown in Fig. 1(c), where 
3Π  is an reference plane composed of 

iQ  on the 3-D error space and 
imQP  is a Reference Vector (RV) composed of  

mP  and 
iQ  on the same 3-D error space. 
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3.2   Geometrical Correlations Between 
2Π  and 

3Π  

In this section, the geometry between two reference planes 
2Π  and 

3Π  are analyzed 
on 2D image plane and 3D error space, respectively. In investigating the geometrical 
correlations, the following motivating facts are found (see Fig. 2): 

Plane: Since 2-D RVs are on a plane 
2Π , the 3-D RVs are also approximately located 

on a plane 
3Π . 

{ },...,Z,iim 212 ==Π ,qp , 

{ },...,Z,iim 213 =≅Π ,QP . 

Pattern: If the RPs on 
2Π  are distributed as a circular pattern, then the RPs on 

3Π  are 
distributed as an ellipse and are very close to being circular.  

{ }iq : circular pattern on 
2Π , 

{ }iQ : ellipse pattern on 
3Π . 

Symmetry: If two of any RVs on 
2Π  exist on symmetrical positions with 

mp , then 
their positions on 

3Π  are nearly symmetric. 

21 qpqp mm -≅ ⇔
21 QPQP mm -≅ . 

Size: If two of any RVs on 
2Π  are in the same direction with different sizes, then the 

RVs on 
3Π  keep their magnitude relationships and ratios relative to the size.  

21 qpqp mm < ⇔
21 QPQP mm < ,   

2

1

2

1

QP

QP

qp

qp

m

m

m

m
≅ . 

Angle: If three RVs on 
2Π  are arranged in some angles, then the RVs on 

3Π  are also 
arranged similarly, while maintaining the relationship magnitude and ratio around the 
angle.  

3121 qpqqpq mm ∠<∠ ⇔
3121 QPQQPQ mm ∠<∠ .  

1q
mp

2q1q
mp
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1Q
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Fig. 2. Relationship of RVs between on 
2Π  and 

3Π  
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According to the above investigations, it can be observed that there are these geometrical 
correlations such as plane, pattern, symmetry, size, and angle between on 

2Π  and 
3Π . 

These aspects are always true for not only synthetic images but also real images. There-
fore, the estimation algorithm for estimating the missing FPs can be derived using 
above facts in the next section. 

4   Geometrical Fitting Algorithm 

In this section, a new algorithm for solving the problem in estimating missing data 
from noisy observations of a subset of entries is introduced. The primary objective of 
this method is to obtain more accurate 3D reconstruction by estimating the missing 
data. 

4.1   Geometrical Fitting of Missing Data  

When a FP deviates from its observation matrix position, its 3-D point reconstructed 
by affine SVD factorization is also misaligned. In this section, we estimate the noise 
vector of the missing FP using the geometrical correlations described previously. Since 

( )CBAm L,L,LP  and ( )CiBiAii L,L,LQ  are transformed from (5) on the 3-D error space, 
an error vector of a missing FP can be expressed as  

tm PPE =Δ , (8) 

where 
tP  is the true FP on 3D error space. Because 

tP  is unknown parameter, an 
approximate 

tP′  is substituted. It can be obtained from a sub-matrix without missing 
FP. Also the relationship is satisfied with 

itit QPQP ′⋅≅⋅′ , where 
iQ  is the mean of 

iQ s. Hence, the approximate error vector can be represented as 

( )( )111 ,,/ iittm −′〉〈〈×〉′=′=′Δ QQPPPE , (9) 

where ( )212121 z,zy,yxx≡〈×〉QP  and 
⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
≡〉〈

2

1

2

1

2

1

z

z
,

y

y
,

x

x
/ QP   for ( )

( )⎩
⎨
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222

111

,z,yx
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Q
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If 0≠′EΔ , this means some noise exists in 
mP  on 3D error space and also in 

mp  of 
(3). In order to obtain the noise vector ( e′Δ ) of the missing FP on 

2Π , we first calcu-
late the error vector from the parameters represented on 

3Π  of the 3D error space. 

,Ψ i
id

d

2

∈
=Θ argmin   

⎟
⎟
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⎠

⎞

⎜
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⎜

⎝
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= −

imtm
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iΨfor
QPPP

QPPP
cos 1 , (10) 

dm
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dA
QP

PP ′
= , { }Z,,,d 21∈ , 

(11) 
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where 
dΘ  is the minimum angle between 

tm PP ′  and 
dmQP , and 

dA  is the ratio of the 
size of 

tmPP ′  based on 
dmQP . Next, according to the geometrical correlations, the 

noise vector of the missing FP on 
2Π  is derived from (10) and (11) as 

⎟
⎟
⎟

⎠

⎞

⎜
⎜
⎜

⎝

⎛

⋅

⋅
= −

1

11

qpqp

qpqp

mdm

mdm

d cosθ , (12) 

dmdd A qp=α . (13) 

Hence, the missing FP (
mp ) can be updated as 

epp ′−= Δmt
~ , (14) 

where ( )dd ,f θαΔ ≡′e , which is a vector with magnitude 
dα and angle 

dθ . If E′Δ  is 
larger than the predefined threshold, then 

t
~p  is set up to 

mp  and the above procedure 
is repeated until the position converses sufficiently close to the true position. 

4.2   Estimation Procedure for Multi-frame 

In order to accurately estimate the missing data from noisy observations of a subset of 
its entries, the missing data is required to be estimated until the noise level is included 
in the noisy observation matrix. In this paper, a minimum of three image frames with 
no missing data are required, which creates a sub-matrix. However, the other frames 
are allowed irrespective of missing data. This approach iteratively uses general affine 
SVD factorization to fit each missing data. It is explained in detail in Fig. 3. The esti-
mation procedure begins from four frames which consist of a sub-matrix frame, and a 
frame with missing data. The size of the sub-matrix increases gradually after solving 
the missing data in each frame. 

Image frames (I)

Feature
points

(F) … …

1 2 3 4 5 6… 1 2 3 4 5 6… 1 2 3 4 5 6…

…

Sub-matrix

missing data  

Fig. 3. Procedure for estimating missing data 

5   Experimental Results                                                                                                               

In this section, we describe experiments that illustrate the behavior of the proposed 
algorithm using real video sequences. The proposed system is confirmed through 
experimental results by comparing with other approaches, EM and TS. 
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In order to test the proposed algorithm on real data, the entries of an observation ma-
trix are tracked over the 36-frame ‘dinosaur’ sequence [20]. The 3rd, 6th, and 9th frame 
(720x576) are presented in Fig. 4(a), where the tracked FPs are denoted by symbol ‘+’. 
The FPs were extracted by the Harris interest operator [21]. The observation matrix of 
the video frames is presented in Fig. 4(b), where red points are the observed entries. The 
proposed algorithm is verified for noise levels from zero to 2 [pixel]. 

 

 
(a) 

500 1000 1500 2000 2500 3000 3500 4000 4500

10

20

30

 
(b) 

Fig. 4. Real video seuqnece. (a) 3rd, 6th , and 9th frame of ‘dinosaur’ sequence with the tracked 
FPs. (b) observation matrix (36x4983). 

(a)     (b) 

Fig. 5. RMS errors. (a) 2D reprojection errors (2D-RMS errors). (b) 3D reconstruction errors 
(3D-pRMS errors). 

Fig. 5(a)-(b) illustrates the results of the estimated missing data. The proposed 
method leads to results of greater accuracy for the 2D-RMS errors and 3D-pRMS 
errors in various levels of noise. Therefore, it can be confirmed that the proposed 
method provides more satisfied results for real sequences. 
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6   Conclusions 

In order to handle the problem of missing data, a new geometrical approach is pre-
sented by minimizing the influence of noise. The main idea is to estimate missing data 
by the geometrical correlations between 2D image plane and 3D error space. The 
achievements of the proposed system are presented using experimental results using 
real sequence. In the results, it can be confirmed that the proposed geometrical fitting 
algorithm can provide more accurate estimation results than the EM and TS algo-
rithms’ in various levels of noise. The abilities of the proposed system are as follows: 
i) converge to accurate estimation by calculating a wide ranges of noise levels, ii) 
handle the orientation and distance of a missing data by geometrical correlations. 

In the near future, the system will be extended to estimate noise level within a re-
covered 3D shape. This estimation algorithm will support the creation of 3D video 
material from original 2D footage with self-occluding objects. Furthermore, the pro-
posed method will assist 3D content creation by advancing 3D TV significantly and 
increasing its attractiveness. 
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Abstract. The physical flame characteristics in the burning process are ana-
lyzed in detail. Combined with static and dynamic flame features, a flame de-
tection algorithm based on multi-feature fusion is designed to quickly recognize 
fire flame using the theory of the degree of belief. The experiments show that 
the processing rate of the algorithm is as high as 25 frames/s without any man-
ual adjustments. In complex situations, the algorithm remains with stronger 
anti-jamming ability and higher accuracy, for example, the suspected probabil-
ity of street lamps and automotive lamps is lower than 10%. From comparing 
results, the video-based detection algorithm has the good capabilities. 

1   Introduction 

Fire detection is a very important issue because it is closely related to people's safety 
and property. Fire detection techniques have been explored by many investigators and 
video-based approach is becoming more and more interesting. Flame is an important 
characteristic of flaming combustion and plays an important role in fire detection. 
Now, most fire detection methods based on video image use flame as a primary crite-
rion to recognize fire. These methods have many distinct advantages, such as discov-
ering fire quickly and finding fire location directly. Hence, they have attracted much 
attention in the field of automatic fire surveillance, especially in the field of fire detec-
tion in large space. 

Many studies have been conducted on fire flame detection algorithms based on 
video. And most flame detection algorithms mainly focus on the analysis of flame 
color and flame area. These algorithms commonly extract flame combustion regions 
according to setting threshold in the color space, and eliminate surrounding distur-
bance by area criterion. They have the advantages of rapid processing rate and good 
real time ability. But, they can’t work well under complex situations because of the 
disturbance from the surrounding environment. 

In some works, the shape characteristics are incorporated into flame detection cri-
terion. Liu et al. [1] presented spectral, spatial and temporal models of fire regions in 
visual image sequences. They suggested that the shape of a fire region was repre-
sented in terms of the spatial frequency content of the region contour using its Fourier 
coefficients and the temporal changes in these coefficients were used as the temporal 
signatures of the fire region. Results given in the literature showed that their method 
was capable of detecting fire reliably. But the method proposed by Liu has a strict 
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requirement for the environments. And the method can not detect flame in some situa-
tions, such as low burning power and relatively steady burning.  Li et al. [2] used the 
first-order moments of consecutive flames as a criterion to detect flame. Their ex-
periments showed that the first-order moments of all kinds of flames were not af-
fected by the different burning materials and the viewing distance. Moreover, for the 
first-order moments, the average number of the changing pixels of flame was greater 
than that of flame-like disturbances. However, under the complex illumination condi-
tion (for example, with the disturbance due to moving vehicle lamps), the first-order 
moments of non-fire regions have great change, which results in the un-successful fire 
flame detection by their method. 

In order to inform user of fire alarm as early as possible, the practical image based 
fire monitoring system must work in real time and must be applied in more general 
environments instead of being restricted on some specific situations. Accordingly, a 
better flame detection algorithm should have stronger anti-jamming ability and rapid 
processing rate in order to ensure the accuracy, robustness and real-time ability of fire 
detection. In this paper, the static and dynamic features of fire flame in burning proc-
ess are analyzed and a video-based flame detection algorithm is proposed. The algo-
rithm synthesizes multi-features of fire flame to detect flame, and works out the  
occurrence probability of fire regions according to the probability model of the flame 
detection. The experiments show that our algorithm can work well in the complex 
situations and detect fire accurately and quickly at the rate of 25 frames a second. 

The organization of this paper is as follows. In section 2, we discuss the physical 
flame characteristics in burning process, including the static and dynamic features. 
Section 3 proposes the probability model of flame detection and flame detection algo-
rithm. Section 4 shows the experiment results. Finally, the conclusions are given in 
section 5. 

2   Physical Flame Characteristic 

2.1   Static Flame Feature 

Flame can be divided into two categories: static flame and diffusion flame. During 
combustion, fuels are in contact with air. So the burning process depends on the  
mutual diffusion rate of fuel and air. The flame producing in this process is called 
diffusion flame. Diffusion flame emits light and releases heat in burning process. 
Generally, the temperature of flame gas is as high as over 1400K. Furthermore, the 
shape of diffusion flame keeps changing and exhibits a lot of shape features, such as 
burning height, flame core, flame spire points. However, flame shape features depend 
on the environmental factors, for instance airflow and burning material [3]. In video 
images, the pixels in fire region display reddish colors and fire regions are distinctly 
brighter than other regions under ideal lighting conditions [4, 5]. Fire region exhibits a 
structure of nested rings of closed contours because of the gradient difference be-
tween flame core and periphery, and moreover, one or more spire points exist in the 
contour [6]. They represent the characteristics of light and heat emission and the 
shape features of flame, respectively. 
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Suppose that in nth frame of the video sequence, after image segmentation, the mth 
region is a flame region. Then the pixel set of the region is 

{ }Cl P | (P ) , P MAPm
n ij ij r ijf s= > ⊆ , (1) 

where Pij is a pixel with a triple (r, g, b); r, g, and b are the intensities of the R, G, and 
B components respectively in RGB color model and Pij is adjacent with other pixels in 
the same set, MAP is a set of M*N digital images, f(Pij) is the estimate function of the 
flame chroma and luminance, sr denotes a threshold. 

Many researchers have studied the eigen function of chroma and luminance and 
have presented a lot of eigen functions in different styles. However, by single eigen 
function, it is difficult to distinguish between fire flame area and flame-like area in the 
complex situation. As shown in Fig.1, the left is an original flame image in the street 
at night. In the original image, there are many regions in which pixels have the same 
values of r, g, and b of the RGB model with pixels in the flame region, such as vehicle 
lamp region, street lamp region and the reflection region of the ground. The right is 
the segmentation result obtained by threshold segmentation algorithm. The result 
shows that the disturbance area, street lamp region and vehicle lamp region can’t be 
eliminated only using simple chroma function or luminance function. Under such 
conditions, the detection algorithms are difficult to recognize fire flame area correctly. 
It is obvious that the methods based on simple chroma fuction or luminance function 
have strict requirement for detection situations. 

     

Fig. 1. Street flame image: Left: The original image; Right: The processed image by threshold 
segmentation 

In video image, the closed contour set of flame area Clmn is defined by 

0 0Contour(Cl ) {P , P ,P }m
n k= , (2) 

where Pk is a pixel in the edge of the area. When edge trembling exists in the contour, 
it must be satisfied with the following relation 

θ(P P ,P P )k 1 k k 1 k 0θ− + ≤ , (3) 

Where θ() is the angle function of two vectors and θ0 is a angle threshold. 
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According to combining static flame features, closed contours and edge trembling 
together, flame detection algorithm can eliminate most of the surrounding distur-
bances. Nevertheless, false recognition would happen in some situations. For exam-
ple, edge trembling of vehicle lamps and background would result in unsuccessful 
flame detection only by static flame features. Therefore, in order to improve the capa-
bility of removing spurious flame-like regions, flame dynamic features are needed to 
integrate the detection algorithm. 

2.2   Dynamic Flame Features 

Diffusion flame is flickering in burning process, and the flicker phenomenon is re-
lated to tangent force between fuel jets and ambient air. Flicker frequency is low and 
normally from several hertz to twenties [3]. Image sampling frequency is 25HZ, 
namely 25 frames per second in video sequence. Obviously, flame flicker can not be 
sampled without any distortion at the sampling frequency. Consequently, it is difficult 
to obtain feature spectrum of flame flicker directly by video information. Whereas we 
find that the height of flame is changeable due to flame flicker, the height change 
pattern is directly related to flame flicker frequency and the change pattern differs 
from jamming sources in our practical operation process. So, we use the flame height 
change as a dynamic eigen-factor to detect flame. 

Let us suppose that Hm is the height sequence set of fire-like area CIm extracting 
from video image sequence. Then the elements of the set can be written as 

Height(Cl )m m
i ih = . (4) 

Define Am as the set of the coefficients of the Discrete Fourier Transform (DFT) of 
the height sequence Hm. Then the element of Am is described as 

1

1 2
DFT(H ) exp( )

n
m m m
k i

i

π
a h j ik

n n=

= = −∑ . (5) 

Here the height change eigen function is 

2

2

f (A )
/ 2 1

l
m m

m k k
d

i

a a

l=

⋅
=

−∑ , (6) 

where l is the length of the Fourier transform, am
k is a coefficient of the DFT. The 

larger the value of f(Am) is, the more spectrum components are. 
Three video sequences have been selected to test the performance of our algorithm. 

They are vehicle lamp video sequence, street lamp video sequence, and fire flame 
video sequence, respectively. And four sample frames from each sequence are shown 
in Fig.2. The first sequence is called "Vehicle", which is 400 frames length showing a 
vehicle at night. The sequence contains a vehicle lamp that moves from far to near. 
And the sample frames are shown in the top row of Fig.2. The second sequence is 
called "Street", which are 400 frames length showing the street lamp in the night. And 
the sample frames are shown in the second row. The third sequence "Flame" is also 
400 frames length. And the sample frames are shown in the bottom row of Fig.2. 
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Fig. 2. Video image sequences. Top row: Vehicle video sequence; Middle row: Street video 
sequence; Bottom row: Flame video sequence. 

The proposed method was used to detect flame after image segmentation. For the 
three video sequences, the spectrograms of the height change of the detected object 
 

 

Fig. 3. Spectrogram of the height change. Top: Vehicle spectrogram; Middle: Street spectro-
gram; Bottom: Flame spectrogram. 
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are shown in Fig.3.  The length of the Fourier transform was 256 points. The top of 
Fig.3 is the spectrogram of the object height change in "Vehicle"; the middle is the 
spectrogram of the object height change in "Street", and the bottom is in "Flame". 

Comparing the three spectrograms, we found that the spectrum of the “Flame” 
video sequences contained very abundant spectrum components and two others had 
few spectrum components. Thus, this feature was used as a primary criterion to detect 
flame region. In order to reflect the change of the signal spectrum, more sample sig-
nals may be needed. The sample signals contain many dynamic random disturbances 
with more spectrum components and disturbances occur intermittently and remain 
shortly, such as the lamp of moving vehicle. But the time to detect flame combustion 
could be longer than the duration of disturbance. So the probability model of fire 
alarm is established and the uncertainty of recognizing flame is decreased by increas-
ing sample video sequence. 

3   Probability Model and Flame Detection Algorithm 

Suppose that H is a hypothesis and E is an item of evidence. Thus CF(H|E), the cer-
tainty factor of hypothesis H given evidence E, is used as the uncertainty of measure-
ment and denotes the modified quality of the subjective degree of belief in the cer-
tainty factor model. At the same time CF(H|E) reflects that people increase or  
decrease the belief of uncertain knowledge. Based on the certainty factor model and 
the flame characteristics of video images, the probability model of flame detection is 
established as following 

1 1
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1

1

f (A ) f (Cl )    0 1

1                                  1

0                                 0
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b

⎧⎪= ⎨
−⎪⎩

, 

(7) 

where k is an adjusting coefficient, the values of a and b are defined by the following 
rule: if allowing false alarms instead of neglect, then a is a great number and a>b; if 
no false alarms, then a is a little number and a<b. 

Accordingly, based on the analysis of the physical flame characteristics and the 
probability model of the flame detection, a new flame detection algorithm based on 
multi-feature fusion (FDAMF) is proposed. The algorithm is described as follows. 

1. Judge whether user ends the process. If user ends the process, then jump into step 
7. Otherwise capture video images and put into the set MAP. 

2. Segment images in the set MAP using image segmentation algorithm based on 
Thermodynamics [7]. Extract closed regions Clm

n according to equation (1) and 
calculate the coefficients of the Fourier transform of the height change (The change 
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length is 256 points. If the length of data is less than 256, the length of data is ex-
tended to 256 points with zero. 

3. Calculate the probability CFm
n of flame occurrence in each region by the formula 

(7). 
4. Judge whether CFm

n>1. If CFm
n>1, then alarm. Or else show the maximal sus-

pected probability in the suspected region set. 
5. Judge whether CFm

n = 0. If CFm
n = 0, then discard the suspected region from the 

suspected region set. 
6. Jump into step (1). 
7. End the process. 

4   Experiments and Analysis 

The experiments were carried out using C++ on a PC with PIV3.0G CPU and 1GB 
primary memory. The size of video sequence image is 300×300 pixels. Four sample 
frames from the processed results of three test video sequences are shown in Fig.4. 

 

Fig. 4. The processed results of three video sequences. Top row: The result video sequence of 
vehicle; The second row: The result video sequence of street; Bottom row: The result video 
sequence of flame. 

The top row of Fig.4 is the processed result of vehicle video sequence. The second 
row is the processed result of street video sequence. The bottom row is the result of 
flame video sequence. In the processing procedure, if the suspected probability of the 
region is greater than 10%, then the region is marked with a red rectangle. As shown 
in the first row and the third column of Fig.4, some moving vehicle lamp regions 
marked with a red rectangle are suspected of flame areas in “Vehicle” sequence. But 
the moving vehicle lamp remains in the video sequence for a while, the suspected 
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probability reduces to zero quickly after the vehicle lamp disappears according to the 
formula (7). As shown in the middle row of Fig.4, the static features of the reflection 
of the ground and the leaves are similar to those of flame areas, but their dynamic 
features are different to those of flame in the street lamp video sequence. Hence, the 
probability of all closed areas is less than 10% and no red rectangle occurs in the 
video sequence. In the flame video sequence, shown in the last row of Fig.4, our 
method recognizes the flame area quickly. At the same time the suspected probability 
increases to 100%, then the system gives a fire alarm. Because the position of flame is 
marked by a simple maximal rectangle, the vehicle lamp could be included in the 
flame region when they are closed to the fir flame. The experiments demonstrate that 
our flame detection algorithm can locate the position of flame automatically, has a 
rapid processing rate and the time processing each frame is less than 40ms. The algo-
rithm still has strong anti-jamming ability and can be used in practical environment. 

In order to verify the performance of our algorithm, we have done three comparing 
experiments that correspond to the three algorithms: the flame detection algorithm by 
the first-moments (FDAFM), the flame detection algorithm by the Fourier coefficients 
of the flame shape (FDAFC) and our method mentioned above. Under indoor and 
outdoor environments, the flame was extracted from the high power combustion and 
the low power combustion using the three algorithms. The combustion experiments, 
with light source disturbance, were repeated 100 times in different environments. The 
duration of each experiment was 10 minutes.  The statistical results of the correct 
alarm rate and the false alarm rate of the three methods are given in Table 1. 

Table1 shows that the flame detection algorithm based on video multi-feature fu-
sion is better than others. This method can recognize flame correctly and has no false 
 

Table 1. The capabilities of three algorithms. The first colum denotes algorithm name; The 
second column is the correct alarm rate in the indoor high power combustion experiment 
(CARIHPC); The third is the false alarm rate in the indoor hige power combustion experiment 
(FARIHPC); The fourth is the correct alarm rate in the indoor low power combustion expriment 
(CARILPC); The fifth is the false alarm rate in the indoor low power combustion experiment 
(FARILPC); The sixth is the correct alarm rate in the outdoor high power combustion 
experiment (CAROHPC); The seventh is the false alarm rate in the outdoor high power 
combustion experiment (FAROHPC); The eighth is the correct alarm rate in the outdoor low 
power combustion experiment (CAROLPC); The last is the false alarm rate in the outdoor low 
power combustion experiment (FAROLPC). 

Algo-
rithm 

CARI
HPC

FARI
HPC

CARI
LPC 

FARI
LPC 

CAR
OHPC

FARO
HPC

CAR
OLPC

FARO
LPC 

FDAF
M

87% 12% 67% 12% 56% 23% 34% 35% 

FDAF
C

95% 3% 56% 6% 90% 8% 46% 17% 

FDAM
F

100% 0% 95% 0% 100% 0% 93% 0% 
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alarm in high power combustion and low power combustion, no matter under indoor 
situation or outdoor situation. Hence, our method can work well in practical use. 

5   Conclusions 

In the paper, we analyzed the static and dynamic features of fire flame and designed a 
flame detection method based on multi-features fusion. Then we proposed the prob-
ability model of flame occurrence based on the theory of the degree of belief and used 
the suspected probability to represent the probability of fire flame occurrence in video 
image. The experiment results show that the detection algorithm processes image 
quickly at rate of 25 frames a second and detects flame with high accuracy. Moreover, 
our method has strong anti-jamming ability and can be applied to practical complex 
environment. The program code and the video sequences, in the paper, can be 
downloaded from http://202.117.58.58/files/FlameAlarm_setup.exe. 

However, the ability of our method can be improved further. For instance, we used 
a rectangle to mark the flame, which was easy to treat disturbance as flame and re-
sulted in deviation of the location of fire flame occurrence. On the other hand, how to 
remove the jamming source under strong light in the day is our future work. 
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Abstract. A series of high order Mandelbrot and Julia fractal images of com-
plex map ）Nnnczzf n ∈>+←  ,2(:  are constructed by using escape time algo-
rithm. Topology invariance and the relation between period bud distribution and 
mapping orders are found through lots of computer mathematic experiments. 
The escape time algorithm is improved on basis of the rotation symmetric prop-
erty of Manderlbrot and Julia sets, and then a rotation escape time algorithm is 
established. The high-order Mandelbrot and Julia sets fractal images are gener-
ated by using Web oriented Java Applet. Therefore the complexity of computer 
simulation under complex conditions is greatly reduced. The application of Java 
technology provides an Internet-based distribution platform for chaos-fractal 
theory study. 

1   Introduction 

Mandelbrot and Julia sets has been regarded as one of the most complicated collec-
tions in mathematical field since American mathematician Benoit B.Mandelbrot of 
IBM Corporation first constructed the images of Mandelbrot set in 1980 [1]. Scien-
tists have discovered many inner rules and fractal properties of Mandelbrot and Julia 
sets through 20 years research [2]. Up to now, many questions in mathematics and 
computer graphical fields have not been solved yet and people will continue to have a 
research on Mandelbrot and Julia sets for the valuable reason. In this paper, the es-
cape time algorithm on constructing general high-order Mandelbrot and Julia sets are 
improved through lots of computer mathematics experiments. The plotting speed is 
greatly improved. The topology invariance property of general high-order Mandelbrot 
and Julia sets and the embedded rule of period bud in fractal space are also discussed. 

2   Basic Theories for Mandelbrot and Julia Sets 

Definition 1. The collection of complex parameter c that makes the sequence 

, ,( ) ,n n nc c c c c c+ + + constructed by high-order complex map czzf n +←:  

) ,2( Nnn ∈>  bounded is called a kind of general Mandelbrot set, or M set for short, 

namely 
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bounded}. is)(|{ c,...ccc,c,cCcM nnn +++∈=  (1) 

Definition 2. The collection of complex parameter z that makes the sequence 

,)(,, 000 cczczz nnn +++ constructed by high-order complex map czzf n +←:  

) ,2( Nnn ∈>  bounded is called a kind of general Julia set, or J set for short, namely 

bounded}. is)(|{ 000 ,...ccz,cz,zCzJ nnn +++∈=  (2) 

Definition 3. Mx ∈∀ 0 , If p is the minimum integer for 00 )( xxf p = , then x0 is 

called the p periodic point of general M set. This different single connective domain 

that contains same period points is called the period bud of general M set. 

Definition 4. Let x0 be a periodic point of period p , if complex derivative 

0)()'( 0 =xf p
，then x0 is called the super attractor periodic point of f . 

To a non-linear dynamical system, super attractor point is the steadiest and the stable 
condition of period point can be extended as 

| | 1q < , (3) 

while | | 1q =  (called neutral points) corresponds to the boundary of steady domain. 

Fractal space is a topology space that defined by Hausdorff metric, whereas fractal set 
is a topology embedded invariance set constructed by compression map in fractal space. 

Definition 5. The δ-parallel object of A is a close set construct by the points whose 
distance to A is not greater than δ, namely 

{ | ( , ) }A x X x Aδ ρ δ= ∈ ≤ , (4) 

then 

}  |inf{),( δδρ δ ABandBABAh ∈∈=  (5) 

is called the Hausdorff distance from A  to B . 

Theorem 1. Let ( , )X ρ  be self-contained metric space， then ( ( ), )H X hρ  is self-

contained space, called fractal space, and if 1{ ( )}n nA H X ∞
=∈  is a Cauchy sequence, 

then lim n
n

A A
→∞

=  can be presented as 

}    toeconvergenc }{  |{ xAxsequenceCauchyXxA nn ∈∃∈= . (6) 

Theorem 2. Let :w X X→  be a compression map with compression ratio c in self-
contained metric space ( , )X ρ , then )()(: XHXHW →  defined by the following 

equation is a compression map with compression ratio c on ( ( ), )H X hρ : 

( ) { ( ) | }w B w x x B= ∈ . (7) 
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3   Rotation Escape Time Algorithm 

Escape time algorithm is a common and effective method for plotting M and J sets  
[3-5], but for high-order M and J sets, when the order grows, the calculation complex-
ity grows exponentially. For example, when 10=m , for a size of 480640 ×  image 
domain, it takes approximate 1 billion times calculation to iterate 30 times. Effec-
tively reducing the calculating time and storage space complexity is an important 
guarantee for the study of high-order questions. The symmetric relationship between 
order and period bud and origin and axes has been found by constructing a series of 
general high-order M and J sets. The escape time algorithm is improved by using this 
property, namely rotation escape time algorithm. The following theorem is the theo-
retic basis that the entire rotation symmetric domain in M and J fractal sets has the 
same escape time. 

Theorem 3. For general M set constructed by high-order complex map 
czzf n +←:  ),2( Nnn ∈≥ , 

2

1| ( ) | | ( ) |
j

i
k k nf c f ce

π
−= , .2,,2,1,0;,,2,1 −== njNk  (8) 

The rotation escape time algorithm is constructed as follows: 

(1) Select a maximum iteration step N that computer calculates; 
(2) Select an escape radius 2≥R ; 
(3) Define escape time function as: 

⎪
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. (9) 

(4) For integer 2≥n , select a sector domain 
1

2
0

−
≤≤

n

πθ ( θ  is extent angle), and 

do iteration calculation to each point x in this sector domain. If it is an attractor, the 

escape time function 0)( =xT , then rotating an angle of 
1

2

−n

jπ )2,,2,1( −= nj  in 

turn, the points obtained from the rotation are also attractors. 
(5) Color each point according to the escape times of escape time function. 

4   Experimental Results and Conclusions 

The rotation escape time algorithm greatly reduces the time and space complexity of 
calculating with the plotting time of M and J fractal sets approaching )1/(1 −n  of the 

original escape time algorithm. The M and J sets fractal images plotted by rotation 
escape time algorithm are shown in Fig. 1 and 2. The program is implemented by 
using Web oriented Java Applet, which provides a distributed and open platform for 
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Fig. 1. General high order M set fractal images 
(a) m=2；(b) m=4；(c) m=8；(d) m=12；(e) m=16；(f) m=20；(g) m=24；(h) m=30 

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

Fig. 2. General high order J set fractal images 
(a) m=5；(b) m=7；(c) m=8；(d) m=9 

chaos-fractal theory study. The paint method and Graphics object in Applet class 
provide a uniform interface for drawing graphics in a Web page.  

General M set is not topologically homeomorphic with M set once 2>n . The 
high-order M and J fractal images are all rotation symmetric and have total 1−n  
sector symmetric domains. The number of period 2 buds of general high-order M sets 
is n-1, and the buds distribute equably at the circumference of period 1 bud.  
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Abstract. Most texture-based image retrieval system just consider an original 
image of coarseness, contrast and roughness, actually there are many texture 
information in the edge image. In this paper, a method combining both edge 
information and gray level co-occurrence matrix properties is proposed to 
improve the retrieval performance. The proposed method gives encouraging 
results when comparing its retrieval performance to that of the Yao’s method, in 
the same image database. 

1   Introduction 

Texture, the variations of shading or color, is an important feature in images. Texture 
analysis has long been an active area in computer vision. While the human ability to 
distinguish different textures is obvious, the automated description and recognition of 
these patterns have proven to be quite complex. There are many algorithms 
expounded how to extract texture feature efficiently and accurately in the field of 
image retrieval. W. S. Zhao[1] used the angle and gradient magnitude to represent the 
texture directionality. N.V. Shirahatti and K. Barnard[2] evaluated query-result pairs 
for both query by image example and query by text. M.Partio, B.Cramariuc and 
M.Gabbouj[3] proposed a combination of ordinal measures and co-occurrence 
matrices. In Yao’s[5] method, a smoothed image is obtained by using Sobel operator, 
then construct a gray level co-occurrence matrix(GLCM) with the correspond  pixels 
in both of these two images and a vector composed with the set of matrix statistical 
features is regarded as the final characterization of the image. 

In this work, image retrieval based on texture is studied, and a novel approach to 
retrieve images proposed for texture retrieval, the proposed method used a 
composition of edge detection information and GLCM properties oriented to four 
directions to extract texture feature. Retrieval performance of the proposed method is 
evaluated using a set of well known Brodatz textures[8], which consists of 10 classes, 
each class contain 30 similar images with size 128*128.  

The remainder of the paper is organized as following. Section 2 describes the 
compass edge detector and GLCM. Retrieving images and performance evaluation are 
presented in section 3, and the paper is concluded in section 4. 
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2   Proposed Method 

2.1   Compass Edge Detector 

The edges of an image hold one of the texture information in that image. The edges 
tell where objects are, their shape and size, and something about their texture[4]. 
When using compass edge detection the image is convolved with a set of convolution 
kernels, each of which is sensitive to edges in a different orientation. In order to 
combine with four directions gray level co-occurrence matrices we only use four 
kernels of eight: 0°, 45°, 90° and 135°. We select Prewitt operator because it is not 
susceptible to noise.  Figure 1 (A) shows the directions of edge detection. 

2.2   Gray Level Co-occurrence Matrix 

The gray level co-occurrence matrix defined by Haralick[7] can reveal certain 
properties about the spatial distribution of the gray levels in the texture image. It 
denotes how often a pixel with the intensity value i occurs in a specific spatial 
relationship to a pixel with the value j. Each element (i,j) is simply the sum of the 
number of times that the pixel with value i occurred in the specified spatial 
relationship to a pixel with value j. By default, the spatial relationship is defined as 
the pixel of interest and the pixel to its horizontally adjacent. In this work, four spatial 
relationships were specified: 00, 450, 900 and 1350, Figure 1（B） shows it . In order 
to avoid large co-occurrence matrices, the number of intensity values in grayscale 
image is used scaling to reduce from 256 to 8. 

In order to estimate the similarity between different gray level co-occurrence 
matrices, many statistical features extracted from them were proposed[6]. To reduce 
the computational complexity in this study we use the four of them: energy, entropy, 
contrast and homogeneity.  

 Pixel of interest 00[0 D]

1350[-D-D]  900[-D 0]  450[-D D]

(B)(A) 

00 

1350 900 
450 

 

Fig. 1. Directions for extracting texture feature. (A) Edge detection directions; (B) Co-
occurrence matrix directions. 

2.3   Combination of Edge Information and GLCM Properties 

The output of edge detectors can form continuous boundaries of the interest regions 
that can be used for extracting texture feature in content based image retrieval(CBIR) 
system. So firstly the detection of edge is done for query image using only four 
among eight direction kernels of Prewitt edge detector. When using compass edge 
detection the image is convolved with a set of convolution kernels. For each pixel of 
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the query image the local edge gradient magnitude is estimated with the response of 
four kernels at the pixel location, and we can respectively obtain 4 direction edge 
images. Through edge detecting, 4 texture images are formed. In these texture edge 
images there are salience spatial relationships between different gray level pixels 
which we interest.  

On the other hand, the GLCM can reveal certain properties about the spatial 
distribution of the gray levels in the texture image, so we respectively construct same 
direction GLCM from corresponding direction texture edge image, and then compute 
all gray level co-occurrence matrices statistical features: contrast, entropy, energy, 
and homogeneity. Figure 2 shows the process of combination.  

 Divide to 
segments 

Detect
edges 

 

Compute
co_occurrence matrices

Statistical 
feature  

00 

450  

900 

1350 

Statistical 
feature  

Statistical 
feature  

Statistical 
feature  

0°

45°

90°

135°

Query
image 

Make 
feature vector 

 

Fig. 2. Composition of edge information and GLCM properties 

3   Retrieving Images and Performance Evaluation 

The proposed retrieval system consists of four major parts. The first one is that 
obtains four edge images by using four directions edge operators of Prewitt edge 
detector. Usually, in order to get clearer edges, a threshold is used in the edge image, 
but it would lose a part of texture information by the threshold set, so that the 
proposed system doesn’t apply the threshold. Second, the image should be divided 
into 4, 9 or 16 segments before compute GLCM, in the proposed method we divided 
every edge image into 16 segments. Third, construct same direction co-occurrence 
matrix for all segments, and compute statistical features: contrast, entropy, energy and 
homogeneity. The end, regard the set of statistical feature as feature vector and obtain 
distance measures using Euclidean distance. 

Using GLCM to extract image texture feature is the most typical method in CBIR 
system. In 2003, Yao proposed a retrieval system using edge detection and GLCM[5] 
and he applied Sobel operator as a edge detector. To test performance of our system, 
we compared with Yao’s system on same database. Figure 3 shows comparison of 
retrieval results. In every result, we select the 20 most similar images in order and the 
first image marked rectangle is the query image. The first row is results of Yao’s 
method; the second row is results of the proposed method. It clearly indicates that this 
proposed method is better than Yao’s method when the query image is same.  

Figure 4 shows comparison of precision, it is average precision of 10 classes’ 
image; each class contains 30 similar images. The line marked diamond is Yao’s 
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method, the line marked rectangle is the proposed method. The average precision of 
Yao’s method is 88.2%, the proposed method is 97.9%. 

 

Fig. 3. Comparison of retrieval results                         Fig. 4. Comparison of precision 

4   Conclusion 

In this paper, a new texture-based retrieval method was proposed. Its advantage is that 
a composition of edge information and gray level co-occurrence matrix properties 
oriented to four directions was used, adequately to use texture information held in 
edge image. The results show that the proposed method has high retrieval precision. It 
gives encouraging results when comparing its retrieval performance to Yao’s 
approach. 
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Abstract. Many researches on path planning and obstacle avoidance for the 
fundamentals of mobile robot have been done. Although many solutions help 
finding a optimal path, those can be applied to real world only under con-
strained condition, which means that it is difficult to find a universal algorithm. 
Moreover, a complicated computation to obtain an optimal path induces the 
time delay so that a robot can not avoid moving obstacles. In this paper, we 
propose the algorithm of path planning and obstacle avoidance using Random 
Access Sequence(RAS) methodology. In the proposed scheme, the cell decom-
position is make first and cell neighbors are assigned as sequence code, then the 
path with minimum length is selected.  

1   Introduction 

Path planning and avoid obstacles are central to navigation strategy of mobile robots. 
Many researchers have investigated various navigation strategies where a mobile 
robot has to move from its current position to goal position in known and unknown 
terrain, respectively. However each proposed strategy is only applied to a specific 
condition of environment terrain, robot dimension, and shape of obstacles, etc. In the 
incompletely known domain, robot path planning to find a goal has focused on the 
completeness rather than the optimality[1]. Usually, a fast  replanning is essential in 
unknown environment[3-4]. Skeleton, cell decomposition, and potential field ap-
proaches have been proposed for path planning[5-6]. A recent survey of relevant 
literature can be found in [2]. Although a lot of algorithms for path finding have been 
proposed, the most popular solution is A* since it combines the efficiency of heuristic 
and incremental searches, yet still finds shortest paths algorithm based graph-theory is 
usually. Moreover Dynamic A*(D*) achieves a large speedup over repeated A*[3] 
searches by modifying previous search results locally.  

Generally, the path finding process is composed of cell decomposition and path se-
lection. In the first process, all space is divided into a small region using their algo-
rithms and then the path to move is selected by A* or D*. From this episode, we can 
get the shortest and complete path. This means that it is difficult to get both of opti-
mality and completeness by only one method. In this paper, we propose a path plan-
ning algorithm for real world mobile robot with various size and shape. 
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2   Path Planning by Random Access Sequence(RAS) 

In the proposed RAS, we use a square shape and set region to cell and move from 
the center of start square to the center of the next until the target is reached. Ini-
tially, the RAS algorithm separates whole regions from each cell of traversable or 
untraversable. Fig. 1. shows a RAS basic scheme in cell decomposition domain and 
each cell has eight neighbor cells that neither can reach or not. Similar to A* algo-
rithm, the RAS has a incremental process of numbering but not heuristic. Only 
using the information of a region not occupied by obstacle,  the IDs are added by 
one successively. The relationship between cells from origin point 0 can be ex-
pressed as a hierarchical structure and each circle will be utilized to a step during 
numbering process. 

 

Fig. 1. Basic scheme of RAS 

2.1   Notation 

To explain the RAS we use the following notations. C denotes the finite set of re-

gions from initial point to destination. ck  is the identified number(ID) of c C∈ . cP  

denotes the center location of region and cN is the numbers of  nearby regions of ID. 

Since the shape of region is square, the value of cN  is up to 8. ( )Neigh c   denotes 

the set of ID of each c C∈ in whole space. ( )cStart k  is the start ID and defines 

( ) ( ) 1c c biggest c cStart k Neigh k for k k′ ′= = − . Finally, the density value can be 

used for various task and expressed to cd .  

2.2   Numbering Process 

A numbering process to determine ID of regions is performed by a operation that it 
starts from a origin point and expand to outside like a swirl. The first step in the 
origin point is the process of searching neighbored region and give a ID to the trav-
erse region. The next step starts from a lowest number of the former step and per-
forms the same process of find obstacles. Then, it gives a subsequent number from 
the last sequence number to the region. When all regions have IDs except obstacle, 
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each cell is connected into hierarchical structure. The IDs from start point can be 
expressed by  

qth step 
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0 0
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2.3   Path Planning Using RAS 

A path selection method with RAS is obtained from only ID and neighbor numbers,  
Assume that ( ) {1,2,3,4,5,6}, 0 ( )= =cNeigh c k origin . That is the start point ID of 

regions {1,2,3,4,5,6}ck ∈ is zero. Similarly, if c C∈ and ck q= , the start point ID 

of  ( )Neigh c  is q . From (2), a region number can be written as  

,( ) 1, {0,1,..., 1}
csmallest k q c cNeigh c N for k q
′ =′ = + ∈ −∑  (2) 

And using (3), the relation for IDs of each cell is explained as 

( ) ( )

, {0,1,..., }

smallest c biggest

c c

Neigh c N Neigh c

for k q k q′

′ ′< ≤

= ∈
∑

 (3) 

Only using ck and cN , a rout path nR can be generated by sum operation.  

2.4   The Variables of RAS 

The most important variables of determining the path are robot size ,region size and 
density value( cd ). The result path of RAS is only one which has minimum length if 

a path exists. If a robot size is lager than the empty space of obstacles, a untraver-
sable region may be placed. This problem can be solved when the region has a 
enough size about robot size. Nevertheless, it is difficult to set the regions exactly 
and it decrease the probability of finding shortest path. Moreover, smaller region 
size increases a processing time. Hence we use a density value that is defined as  
the numbers of neighboring cells which has IDs and not occupied by obstacles and  
get from 

0 0

0

, ( )
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Nstep
c
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i j

N if step
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N for k Neigh c else′ ′

= =

=⎧
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 (4) 
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3   Simulation Result 

We have conducted path planning experiments using simulated binary terrains. The 
simulation environment is a binary 1000 x 1000 size world with obstacles by black 
expressions and it has a obstacle region which has a variant width.  

Figure 4 and 5 show the path using A* and RAS, respectively. From this result, 
both of them have a same path to move to goal from the same initial point and the 
RAS method showed a more fast execution time compared to A* algorithm. 

  

Fig. 4. A path using A*(874.98 msecs) Fig. 5. A path using RAS(2.82 msecs) 

4   Conclusion and Future Work 

In this paper, we have presented a novel fast replanning method for goal-directed 
navigation in various environment.. We demonstrated the capability of the RAS by 
fast planning time in modified environment and the completeness of finding goal 
position if a path exist. The proposed method guarantees a collision-free path for wall 
and shows fast planning time. Nevertheless our algorithm cannot guarantee the short-
est path, the property of reality, completeness and fast replanning time is important 
element for real-world application because it can be applied to all conditions. Our 
further research is that a robot follows the shortest path to goal position using other 
cell forge and can moves in dynamic environment. 
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Abstract. Based on multiwavelet transform and the clonal selection theory in 
the natural immune system, a novel pixel-level multifocus image fusion 
optimization algorithm is presented in this paper. Source images are first 
decomposed into low-frequency coarse information and high-frequency detail 
information via discrete multiwavelet transform. The high-frequency detail 
information adopts the absolute-values maximum selection. And then the 
immune clonal selection is introduced to optimize the weights of fusing the 
low-frequency four coarse subbands adaptively and separately. Image fusion 
performances of Daubechies-4 (Db4) scalar wavelet, Geronimo, Hardin and 
Massopust (GHM) multiwavelets and Chui and Lian (CL) multiwavelets are 
compared quantitatively, which have the same approximation order. 
Experimental results show that the proposed image fusion algorithm have clear 
edges, abundance details and few artificial artifacts.  

1   Introduction 

Image fusion refers to the techniques that integrate complementary information from 
multiple sensor data such that the new images are more suitable for the purpose of 
human visual system (HVS) and the compute-processing tasks. Image fusion has 
important applications in image analysis and image understanding, such as image 
segmentation, feature extraction and object recognition.  

Pixel-level fusion can hold as many as original dates and then have the highest 
precision. There have been many image fusion techniques of pixel-level fusion, such 
as the IHS (Intensity, Hue, Analysis) color model, the PCA (Principal Component 
Analysis) method, and the wavelet transform (WT) based method [1, 2, 3]. 

The appropriate transform and fusion rules are two important aspects of image 
fusion. For the fusion rules in the low-frequency band, there are two appropriate 
choices: weighted average and estimation methods. The former averages the input 
low-frequency bands to compose a single low-frequency band. The estimation fusion 
methods formulate the fusion result in terms of estimated parameters of an imaging 
model. However, the latter is based on the assumption that the disturbance satisfies a 
Gaussian distribution, which might mislead the useful signal as disturbance and hence 
degrade the quality of the fused image. In the high-frequency band, the basic fusion 
approach is absolute-value maximum selection. It is a fact that the largest absolute 
values correspond to features in the image such as edges, lines and region boundaries. 
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Multiwavelets (MWs) are extensions from scalar wavelets (SWs), and it can 
simultaneously provide perfect reconstruction (PR) while preserving orthogonality, 
compact support, symmetry, and a higher order of vanishing moments, which cannot 
be achieved by SWs[4, 5]. As a promising technique, multiwavelet transform (MWT) 
has been successfully applied to image processing applications with a superior 
performance as compared to scalar wavelet transform (SWT).  

In this paper, a novel pixel-level multifocus image fusion algorithm is presented, 
which is based on MWT and immune clonal selection (ICS) [6, 7]. By via of MWT, the 
source images are first decomposed into multiresolution representations with low-
frequency coarse information and high-frequency detail information. And then we 
perform ICS to search the optimal fusion weights for source images adaptively. To 
multifocus digital camera images, the fused images keep the important information of 
source images and have more clear boundaries, abundant details and few ringing 
artifacts. Experimental results compared GHM MW [8, 9] and CL MW [10] with Db4 
SW show that the proposed fusion technique is superior to their wavelet counterparts 
both in visual fidelity and quantitative analysis. 

2   Multiwavelets 

MWs have more scaling functions 0 1( ) [ ( ), ( ) , ( )]T
rt t t tϕ ϕ ϕ ϕ= and mother wavelet 

functions 0 1( ) [ ( ), ( ) , ( )]T
rt t t tψ ψ ψ ψ= , where ( )( 1, 2, , )l t l rφ = are orthogonal to 

each other, and / 22 ( )(2 )( , , 1, 2, , )j j
l t t k j k Z l rψ − ∈ =  is an orthogonal basis. To 

implement the MWT, we require a filter bank structure where the low-pass and high-
pass filter banks are matrices rather than scalars [11]. The corresponding matrix 
dilation equations are 
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where ( )h n and ( )g n are r r× matrices. A separable MW basis is defined from one-

dimensional MW ( )tψ and the corresponding scaling function ( )tϕ which are dilated 

and translated / 2
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Let 1, 1, , , ,( , , )T
j k j k N j kc c c− = , 1, 1, , , ,( , , )T

j k j k N j kd d d− = , then the MW decomposition 

and reconstruction equations can be written as 
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As a very important MW system with second approximation, GHM MW was 
constructed with a fractal interpolation scheme and contains the two scaling functions 
and the two wavelets. The scaling functions are symmetric and have the short 
supports [0, 1] and [0, 2] respectively. The wavelet functions are symmetric-
antisymmetric. The other useful orthogonal MW system with second approximation is 
the CL MW, which has both scaling functions and wavelet functions that are 
symmetric-antisymmetric. The two scaling functions both have the short supports [0, 
2] and satisfy Hermite interpolate conditions. Corresponding to each MW system is a 
matrix-valued multirate filterbank. The lowpass filters ih and highpass filters ig of 

GHM MW and CL MW are in equations (4) and (5) respectively, where 0,1,2,3i = . 
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3   Image Fusion Based on MW and ICS 

The four blocks of the lowpass subbands of MW domain have common been 
combined using the same fusion rule, and the fusion weights are adopted by 
experiments. It is clear that this approach does not take into account the spectral 
dissimilarity of these blocks. To different source images, the optimal weights 
actually should not be the same. In this section, we give an optimization algorithm 
of image fusion based on the immune clonal selection (ICS). This novel technique 
treats the four subbands separately and via ICS to obtain the optimal weights 
adaptively.  

3.1   Preprocessing of Multiwavelet 

The lowpass filters and highpass filters of MW system are n n× matrix, and during the 
convolution step they must multiply vector instead of scalars. This means that 
multifilter banks need n input rows. The most obvious way to get two input rows from 
a scalar signal is to repeat the signal. It introduces oversampling of the date by a 
factor of two. To image signal, the oversampling factor increases to four and 
introduce too much redundancy and complex computation [12, 13].  

In this section, we adopt the critically sampled scheme to prefilter the given 
scalar signal. This preprocessing algorithm also maintains a critically sampled 
representation: if the data enters at rate R , reprocessing yields two streams at 
rate / 2R for input to the multifilter, which produces four output streams, each at a 
rate / 4R . In practice all signals have finite length, so we adopt symmetric 
extension technique for filtering such signals at their boundaries to preserve critical 
sampling and continuity. Two-level MW decomposition procedure is shown in 
figure 1: 

 

Fig. 1. Multiwavelet decomposition based on prefilter 

The corresponding prefilter reP  and postfilter ostP  of GHM multiwavelet and CL 

multiwavelet are in equations (6) and (7) respectively: 
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Figure 2 shows a single-level decomposition of Clock image using discrete GHM 
MW (left) and CL MW (middle). Unlike scalar wavelets, each decomposition level 
consists of 16 subbands (right). Especially, the lowpass subband consists of four sub-
blocks characterized by different spectral properties, make L -level decomposition 
using discrete MW look like 1L + -level decomposition using DSW. Therefore, we 
should not only adopt different fusion rules to lowpass subband and highpass 
subband, but also treat the four sub-blocks of lowpass subband separately, and 
optimization the fusion weights adaptively.  

       

Fig. 2. Single-level decomposition of Clock image  

3.2   Immune Clonal Selection Optimization 

As a novel artificial intelligent optimization technique, the artificial immune system 
(AIS) aim at using ideas gleaned from immunology in order to develop systems 
capable of performing different tasks in various areas of research. The clonal selection 
functioning of the immune system can be interpreted as a remarkable microcosm of 
Charles Darwin’s law of evolution, with the three major principles of diversity, 
variation and natural selection.  

The clonal selection algorithm is used by the natural immune system to define the 
basic features of an immune response to an antigenic stimulus. The main features of 
the clonal selection theory are: generation of new random genetic changes 
subsequently expressed as diverse antibody patterns by a form of accelerated somatic 
mutation; phenotypic restriction and retention of one pattern to one differentiated cell 
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(clone); proliferation and differentiation on contact of cells with antigens. It 
establishes the idea that only those cells that recognize the antigens are selected to 
proliferate. The selected cells are subject to an affinity maturation process, which 
improves their affinity to the selective antigens. Random changes are introduced and 
will lead to an increase in the affinity of the antibody. It is these high-affinity variants 
which are then selected to enter the pool of memory cells. Those cells with low 
affinity receptors must be efficiently eliminated become anergic or be edited, so that 
they do not significantly contribute to the pool of memory cells. 

3.3   MW+ICS Fusion Algorithm  

In this section, we propose the fusion algorithm based on MW and the ICS named 
MW+ICS optimization fusion algorithm.  

We consider the characteristics of coefficients on each multiresolution 
decomposition level and each subband, and adopt different fusion rules to lowpass 
subband and detail subbands. More significance, we treat the four coarse subbands 
separately and via optimization of CSA to obtain the fusion weights adaptively. 
Figure 5 illustrates a single analysis/synthesis stage of MW processing.  

 

Fig. 5. Image fusion processing using GHM multiwavelet decomposition 

The cost function defined as the values of the distortion rate and as the affinity 
function of ICS: 2

2|| ||RA f f= − , where 2
2|| ||Rf f− is the mean square error of desire 

image and the fused image. During the process of searching optimization weights, we 
introduce the elitist preserved definition to keep the weights corresponding to the 
current best affinity function and save the memory space. 

Definition (Elitist preserved). Suppose that * * * *{ : ( ) min( ( )),l lS S f S f S= =  

lg 2( ), , 2,1}l N= , where * *
1,l lS S − are the sets (memory population) of optimal 

directions on l level and 1l + level, *( )lf S and *
1( )lf S − are the corresponding values of 

object function. If * *
1( ) ( )l lf S f S −> , then * *

1:l lS S −= and * *
1( ) : ( )l lf S f S −= . 
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Without of generalization, we only focus on two source image. There is the same to 
many source images. Suppose all the source images are registrated, that is, each 
image being aligned to the same pixel position. If the sensors to be fused are not 
perfectly aligned, any corrections to the alignment can be made through a low-latency 
image warp function. The fusion algorithm is as follows: 

Step1. Loading source images; 
Step2. Performing critical sampling prefiltering; 
Step3. Performing three level multiwavelet transform. Suppose that the source images 
are 1I and 2I , we have the approximation sub-band on the third level and the subimage 

series of detail sub-band on each level. And they denote { ,( , ) | 1, 2;
i i

k m
I IA D i =  

}1 3;1 4k m≤ ≤ ≤ ≤ respectively; 

Step4. Performing the fusion rule of absolute-values maximum to combine 
corresponding detail sub-band images ,

i

k m
ID : 

{ } 1 1 1 1 1 1 2 2 2

2 2 2

{ , , },    | | | | | | | | | | | |
, ,

{ , , },    cH cV cD

cH cV cD if cH cV cD cH cV cD
F F F

cH cV cD otherwise

+ + > + +⎧
= ⎨
⎩

 
 (8) 

where 1 1 1{ , , }cH cV cD and 2 2 2{ , , }cH cV cD are the corresponding wavelet coefficient 

matrixes of the three high-frequency sub-band of source images 1I and 2I ; 

Step5. Performing the ICS to search the optimal fusion weights to the corresponding 
approximation sub-images on the last decomposition level adaptively, 

1 2(1 )cAF cI cIα α= + − , (9) 

where 1cI , 2cI and cAF denote the approximation subimages of source images 1I , 

2I and the synthesis image, (0 1)α α≤ ≤ is the resulting weights. The corresponding 

ICS sub-algorithm as following and shown in figure 6: 

Step5.1. Initialization. Pre-select the weights in (0, 1) and denoting them initial group 
individuals with the size of 9i = . Let the clone generations is ten.  
Step5.2. Calculating the affinity values of the initial group individuals and storing 
them in memory cell in sort;   
Step5.3. Clone. Cloning the initial group. Suppose the clone size is three, that is, each 
individual is cloned to three child individuals by random changes around the father 
individual. And then we calculating the affinity values of the child individuals; 
Step5.4. Aberrance. Compare the three child individuals with the corresponding father 
individual, based on an affinity measure. If the affinity value of the child is larger than 
its father counterpart, then the former replaces the latter and be kept to the memory 
cell : optS S= . Otherwise, the father individual is kept; 

Step5.5. Reselection. Return to step5.3 and repeat the optimization procedure until 
satisfy the stop condition. 
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Fig. 6. Block diagram of the clonal selection algorithm 

Step6. Substitute the resulting optimal weights to equation (12) and fusion the 
appreciation subimages: 
Step7. Performing inverse multiwavelet transform to the fused sub-image serials; 
Step8. Performing postfiltering on the synthesis image and obtain the fused image.   

4   Experiments 

In this section, we adopt multifocus source images to test our fusion effects. All the 
source images are registrated gray images (0~255), with the size of 
256 256× and 512 512× . The decomposition levels of GHM MW and CL MW are 
three, and the Db4 is four. 

 

Fig. 7. Comparisons of Pepsi image 

Figure 7 gives the fusion results of the office image and pepsi image based on 
db4+ICS (left), GHM+ICS (middile) and CL+ICS (right) respectively. From figure 7 
we can conclusion that the fusion images based on MW+ICS are superior to SW+ICS. 
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There are few invisible ringing artifacts and more clearly. And the fusion results 
based on CL+ICS method is more efficient than based on GHM+ICS method. 

The subjective visual apperceive is only one evaluation rules and can be effected in 
a certain extent by vision psychology factor. The following gives the quantitative 
rules. 

1. Root Mean Square Error 
The root mean square error (RMSE) between the synthesis image and the desired 
image is defined as: 

1 1
2

0 0

1
[ ( , ) ( , )]

N M

I F
i j

RMSE I i j I i j
NM

− −

= =

= −∑∑ , (10) 

where M and N are the sizes of images, ( , )II i j and ( , )FI i j are the pixel of source 

image and fused image respectively. The smaller the RMSE is, the better the fusion 
effect is. 

2. Standard deviation 
Standard deviation (STD) is an important index of image traffic and reflect the 
dispersedly degree of gray value and gray mean value. The larger the STD is, the 
more dispersive the gray levels distribute. And the appearance probability of all the 
gray levels goes equal and the containing traffic goes the largest. 

21 1

0 0

[ ( , ) ( , )]
N M

I F
i j

I i j I i j

NM
σ

− −

= =

−
=
∑∑

, 
(11) 

where ( , )II i j and ( , )FI i j denote the gray value of desired image and fused image 

on ( , )i j  respectively. The smallerσ is, the better the fusion is. 

3. Information entropy 
Information entropy is an important weigh index of richness degree of image 
information. It shows the number of the average traffic contains in image. The larger 
the entropy is, the larger the traffic is. Based on Shannon information theory, the 
entropy is defined as: 

255

2
0

logi i
i

E P P
=

= −∑ , (12) 

where iP is the probability of image pixel gray values equal to i . 

From table 1 and table 2, we have the conclusion that the fusion results based on 
Db4 inferior to their MW counterparts. The fusion based on our proposed MW+ICS 
are better than the wavelet contourparts. The best of all is the CL+ICS fusion, which 
has the larger information entropy and small reconstruction error. 
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Table 1. Comparison of fusion performance on Office image 

Office image STD RMSE ENTROPY 
Original A 59.5480 25.9810 5.0052 

Original B 63.4370 19.5280 5.0931 
Desire image 48.9760 —— 5.2865 

Db4 53.2500 11.1355 5.1705 

CL 50.1890 8.3916 5.1796 

GHM 51.8700 10.6380 5.1794 

Db4+ICS 51.1995 10.8187 5.1744 
CL+ICS 49.3097 8.3089 5.1856 

Fused 
image 

GHM+ICS 50.1007 10.344 5.1824 

Table 2. Comparison of fusion performance on Pepsi image 

Pepsi image STD RMSE ENTROPY 
Original A 43.8158 11.2750 4.9130 

Original B 44.9985 4.8684 4.9272 
Desire image 39.5315 —— 4.9388 

Db4 42.9255 3.6324 4.9228 

CL 41.1890 8.3916 4.9267 

GHM 41.9510 3.7163 4.9254 

Db4+ICS 41.0290 3.5109 4.9271 

CL+ICS 40.4580 3.3331 4.9357 

Fused 
image 

GHM+ICS 40.9673 3.6203 4.9310 

5   Conclusions 

This paper presents a novel fusion algorithm, which is based on multiwavelet transform 
and immune clonal selection optimization. As a novel intelligence optimization tech-
nique, the immune clonal selection technique is introduced into image fusion to obtain 
the optimal fusion weights adaptively. Experimental results show that the proposed 
approach has improvements in visual fidelity and quantitative analysis. How to solve the 
fusion problem of remote images without desired compared images is our future work. 

References 

1. Nunez, J., Otazu, X., Fors, O., Prades, A., Pala, V., Arbiol, R.: Multiresolution based image 
fusion with additive wavelets decomposition. IEEE Trans. Geosci. Remote Sensing, 37 
(1999) 1204-1211 

2. Zhang, Z., Blum, R. S.: A categorization of multiscale decomposition-based image fusion 
schemes with a performance study for a digital camera application. Proceedings of the 
IEEE. 87 (1999) 1315–1326 



 Multifocus Image Fusion Based on Multiwavelet and Immune Clonal Selection 815 

3. Kazemi, K., Moghaddam, H. A.: Fusion of multifocus images using discrete multiwavelet 
transform. IEEE Conf. on Multisensor Fusion and Int. for Int. Systems. (2003) 167-172 

4. Salesnick, I.: Multiwavelet bases with extra approximation properties. IEEE Trans. on 
Signal Processing, 46 (1998) 2898-2908 

5. Strela, V.: Multiwavelets: Theory and Applications. Ph.D Thesis, MIT. (1996) 
6. De Castro, L. N., Von Zuben, F. J.: The Clonal Selection Algorithm with Engineering 

Applications. Proc. of GECCO’00, Workshop on Artificial Immune Systems and Their 
Applications. (2000) 36-37 

7. Liu, R. C., Du, H. F., Jiao, L. C., Immunity clonal strategies. Proc of ICCIMA’03. The 
Fifth International Conference on Computational Intelligence and Multimedia Applications. 

8. Geromino, J. S., Hardin, D. P., Massopust, P. R.: Fractal functions and wavelet expansions 
based on several scaling functions. J. Approx. Theory. 78 (1994) 373–401 

9. Donovan, G., Geromino, J. S., Hardin, D. P., Massopust, P. R.: Construction of orthogonal 
wavelrts using fraction interpolation functions. SIAM J. Math. Anal. 27 (1996) 1158–1192 

10. Chui, C. K., Lian, J. A.: A study of orthonormal multiwavelets. Applied Numerical 
Mathematics. 20 (1996) 273–298 

11. Mallat, S.: A theory for multiresolution signal decomposition: wavelet representation. 
IEEE Trans. Pattern Anal. Machine Intell. 11 (1989) 674–693 

12. Strela, V., Heller, P. N., Strang, G., Topiwala, P., Heil, C.: The application of multiwavelet 
filterbanks to image processing. IEEE Trans. on Image Processing, 8 (1999) 548-563 

13. Attakitmongcol, K., Hardin, D. P., Wilkes, D. M.: Multiwavelet Prefilters-Part II: Optimal 
Orthogonal Prefilters. IEEE Trans. on Image Processing, 10 (2001) 1476-1487 



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 816 – 819, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

Numerical Study on Propagation of Explosion Wave in 
H2-O2 Mixtures 

 Cheng Wang, Jianguo Ning, and Juan Lei  

State Key Laboratory of Explosion Science and Technology, Beijing Institute of Technology, 
Beijing 100081, P.R.China 

wangcheng@bit.edu.cn, jgning@bit.edu.cn 

Abstract. Two-dimensional computations of the propagation of the explosion 
wave in a mixture of hydrogen and oxygen are performed using WENO finite 
difference scheme with fifth order accuracy and two-step chemical reaction 
model. Numerical results show that obstacles setting repeatedly along the path 
of the flame propagation process obviously can accelerate the flame. The 
mechanism of the accelerating effect is attributed to the positive feedback of the 
turbulence region induced by obstacles for combustion process. 

1   Introduction 

Flame acceleration and deflagration-to-detonation transition (DDT) are important 
phenomena in severe accidents because they can largely influence the maximum loads 
from hydrogen combustion sequences and the consequential structural damage. In 
early 1980’s, much more attention is drawn to study the mechanisms of obstacles 
accelerating flame propagation and of pressure wave intensification. Lee et al [1]   
analyzed the phenomena of flame acceleration in an enclosed duct with H2 and C2H2. 
Their experimental results indicate that the turbulent effect induced by obstacles can 
significantly accelerate flame. In this paper, a series of numerical experiments on 
hydrogen and oxygen mixture are conducted to study flame propagation in ducts with 
or without obstacles adopting WENO (Weighted essentially non-oscillatory) scheme 
with fifth order accuracy and two-step chemical reaction mode, and the propagation 
characteristics of flame are obtained. 

2   Numerical Method  

Numerical studies have been performed by two-dimensional Euler equations with 
two-step reaction model. 

0
U F G

t x y
φ∂ ∂ ∂+ + + =

∂ ∂ ∂
 . (1) 
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where u  and v  are velocity in the x  and y  directions, e  is total energy, q is reaction 

heat per unit mass, ρ  is mass density, p is pressure, R  is gas constant, T  is tem-

perature, and γ  is adiabatic index. αω  and βω are the empirical parameters of  two-

step reaction mode, α and β are reaction progress variables, and 
1 2 1 2
, , ,K K E E denote 

the pre-exponential factors and activation energies [3]. 
 The space difference is calculated using fifth-order WENO scheme [2] and time 

difference with the third-order TVD Runger-Kutta method. 

3   Numerical Results 

In this paper, the flame propagation of premixed H2-O2 mixture is simulated. The duct 
is 240mm long and with a diameter of 80mm, and is enclosed at both ends. Six cases 
are simulated in the paper, including ducts with and without obstacles. Three orifice 
plates are located as obstacles, and the spacing of each other is 50mm. The blockage 
ratio is 0.96, 0.84, 0.64, 0.5 and 0.3, respectively. Blockage ratio can be defined as. 

2 2 2( ) /B R r R= −  . (7) 

where r and R are inner and outer diameters of plate, respectively.  
Flame velocity versus blockage ratio is shown in Fig.1(a), Fig.1(b) illustrates flame 

velocity versus propagation distance in duct with and without obstacles, and Fig.2 
demonstrates the flame propagation process of H2-O2 mixture in ducts, and N is calcu-
lation step. 
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                              (a)                                                                    (b) 

Fig. 1. (a) Flame speed versus blockage ratio, (b) Flame velocity versus propagation distance 

 

  N=28                                   N=78                                N=190 
(a) 

 

  N=28                                   N=78                                N=190 
(b) 

 

  N=28                                   N=78                                N=190 
(c) 

Fig. 2. Flame propagation process of H2-O2 mixture in ducts under different conditions of (a) 
no obstacles, (b) obstacles with a blockage ratio of 0.64, (c) obstacles with a blockage ratio of 
0.84 

It can be concluded from Fig.1 and Fig.2 that flame velocities in ducts with and 
without obstacles increase linearly at the early stage of flame propagation process. 
But it increases smoothly in duct without obstacles, and oscillate severely in ducts 
with obstacles. The reason is that the existence of obstacles turns laminar flame into 
turbulent flame and increases the combustion area, which leads to a sudden accelera-
tion of flame. Flame velocity generally increase linearly with blockage ratio, how-
ever, as blockage ration gets to the certain value, flame velocity begins to decrease or 
even flame quenches sometimes. The reason is that higher blockage ratio can reduce 
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the flow velocity of gas behind obstacles, and hence make flame velocity decrease. 
Although the flame velocity still increases as blockage ratio rises, the increment is 
lower than the decrement of gas flow velocity, with a total effect of decreasing flame 
velocity [1].  

Interaction between turbulence and flame is the main factor that leads to flame ac-
celeration, so it is feasible that placing obstacles can help to realize the transition form 
deflagration to detonation. The results of numerical simulation agree well with previ-
ous research and have good repeatability, which proves that numerical simulation is 
effective to predict the condition of deflagration to detonation in some cases. 

4   Conclusion 

The flame propagation process of premixed H2-O2 mixture in an enclosed duct is 
simulated. Numerical results suggest that the existence of obstacles turns the original 
laminar flame into turbulent flame and increases the combustion area, which leads to 
a sudden acceleration of flame. Flame acceleration is due to integrated effects of un-
burned gas in front of flame front heated by leading compression wave and of positive 
feedback between obstacle-induced turbulent zone and the combustion. 
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Abstract. Web forums and online communities are becoming increasingly 
important information sources. While there are significant research works on 
classification of Web pages, relatively less is known on classification of online 
discussions. By observing the special nature of user participation in web 
communities, we propose classification methods based on user participation and 
text content of online discussions. Support vector machines have been 
employed in this study to classify and analyze discussions based on content and 
participation. It is found that the accuracy of using participation as classification 
features can be very high in certain communities. The use of high-dimensional 
classifier can be effective in enhancing retrieval and classification of online 
discussion topics. 

Keywords: Online community, support vector machine, information retrieval, 
feature extraction, classification. 

1   Introduction 

Online forums are forums that utilize computers and networks as mediators linking 
people from different areas to communicate and share their idea and/or information 
with each other. Now they have become an important information repository covering 
nearly all knowledge domains contributed by thousands of millions Internet users.  
They span from very general topics to extremely specific items.  However, the 
information is not effectively utilized because current search engines such as Google 
and Yahoo are not designed [1],[2] to address forums searching.   

1.1   Characteristics of Online Forums 

To unleash the information stored in online forum, the availability of efficient 
information retrieval (IR) techniques are significant.  However, there are relatively 
less researches on forum information retrieval compared with that of web pages.  
Since most messages in forums are posted by ordinary users, they are usually short, 
incomplete, diverse, informal, and it is less likely that there are inbound hyperlinks to 
them from other web sites.  Interestingly, the cooperative power of these messages is 
great!  They cover general to specific areas of different topics.  Many of them even 
have information that cannot get from ordinary web sites.   
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Apart from lacking of hyperlinks, the organization of forum messages also makes 
IR difficult.  Many categories of forums are poorly organized and even wrongly 
organized.  Wrongly placed messages are common in most forums.  For example, a 
message about power cable placed in an Audio CD thread may cause this message 
cannot be found easily.  Another issue is the nature of messages.  Some messages 
should be placed in multiple categories and at the same time there is situation that it is 
difficult to find a category to place messages.  To resolve this problem, many forums 
are equipped with the “General”, “Others”, or “Misc” category.  This makes the 
problem more complex because most users tend to place their messages there, for the 
sake of convenience or other reasons, and this category eventually hold a lot of 
different messages mixing together without proper classification. 

In this paper we propose forum threads classification based on user participation 
and text content.  Although the messages in a forum are not hyperlinked, additional 
attributes, poster names, provide implicit linkage information between messages.   
The idea is “important poster creates important messages for threads”, particularly in 
very specific domains.  This relationship is similar to the functions of hyperlinks for 
web pages, “popular and important web pages are usually highly hyperlinked by other 
important pages”.  Support vector machine (SVM) [4],[5] have been employed in this 
study to classify and analyze online forums based on content and participation.  It is 
found that the accuracy of using poster participation as attributes can give 
classification very high accuracy in certain communities. 

The contents of this paper are organized as follow. Section 2 describes the 
similarities of threads measured by text and posters of forums.  The SVM techniques 
for classification are covered in Section 3.  Section 4 discusses the application of the 
techniques for classifying threads of a popular web forum R concerning audio video 
equipment.  Finally, a conclusion is given in Section 5. 

2   Threads Similarities of Forums  

Before discussing the threads classification of online forums, the following entities 
are defined. 

♦ Forum: A cyber space utilizes computers and networks as mediators 
linking people from different areas to communicate and share their idea 
and/or information with each other. 

♦ Category: A collection of threads which share the same theme. 
♦ Post /Message: A message created by a poster. 
♦ Thread: A collect of posts which share essentially the same topic. 
♦ Poster: Author of a post message. Each poster may initialize or replay a 

number of threads of their interests. They may participate in different 
threads or different forums freely. 

♦ Subject: A collection of word which is the topic of a thread and it can be 
regarded as a general summary of the thread. 

In our study, posters and text of messages are separately used as attributes in 
similarity measure between threads.  It is found that each of them have their own 
merits in certain situations. 
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2.1   Similarity Measure for Threads Using Text 

The similarity measure of threads using text follows the techniques used in document 
classification; a thread is analogous with a document. With the Vector Space Model 
(VSM) [6], a thread is represented by a terms vector with non-zero entities 
corresponding to the presence of the terms in messages of the thread. A forum is then 
can be represented by a threads-by-terms matrix.  

Similar to document classification, TFIDF [7] is employed in our study. It sticks 
out key terms of threads and gives higher weight to them. The TFIDF of a term in a 
thread vector is given by 

iii IDFTFTFIDF ×= . (1) 

Where TFi is the frequency of occurrence of term i in the thread,  
and IDFi = 1/log(Number of threads containing the term i )  

For a forum with l terms, a thread vector, Tm, is denoted by 

(TFIDFm,1, TFIDFm,2, ……, TFIDFm,l). 

The similarity, sim, between two threads, Tm and Tn, is given by 
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2.2   Similarity Measure for Threads Using Posters 

Although forums lack of hyperlinks, the posters of an online forum give an implicit 
information of relationship between threads.  It is because a thread in a forum usually 
condense a group of posters sharing similar interest.  Imagine a thread discussing 
audio cables in a Hi-Fi forum.  The participants are believed to have interest in audio 
cables.  If these group of people appear in another thread, this thread is believed to 
have the subject about audio cables.  This phenomenon is due to the fact that most 
people are interested in few areas, especially for very specific areas.  It is not easy to 
find a people have deep knowledge in all domains.  As a result, the appearance of 
messages from a group of people in a thread has implication on the topic discussed. 
When the same group of people discuss together in two threads, such two thread are 
likely to be similar as both thread exhibit certain features that attract the same group 
of people who only nterested in narrow range of topic.  Hence, the presence of 
common posters of two threads gives a measure on the similarity between these 
threads.  The threads similariy has similar formulation as that given in Section 2.1, 
with each distinct poster is analogous to a distinct term.  TFIDF is also used to 
identify important posters and grant them higher weights.  The TFIDF for posters i is 
interpreted as follow. 

iii IDFTFTFIDF ×= . (3) 

Where TFi is the frequency of occurrence of poster i in the thread,  
And IDFi = 1/log(Number of threads having the poster i )  
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For a forum with p posters, a thread vector, Tm, is denoted by 

(TFIDFm,1, TFIDFm,2, ……, TFIDFm,p). 

The similarity, sim, between two threads, Tm and Tn, using posters as attributes is 
given by 
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Threads with a few posters should be removed because similarity between threads 
due to co-occurrence of posters is not operative.  In our study, it is also fuond that 
posters of threads with general topics are less informative in measuring threads 
similarity.  It is because they attract people of different knowledge domains and hence 
the participants of these threads do not show any bias to any knowledge domains and 
thus they usually have high similarity to other threads.  For example, the thread 
discussing audio speakers will attract posters of all Hi-Fi aspects because audio 
speakers are common equipment and almost every Hi-Fi player have interest in it.  As 
a result, this thread has high similarity to other threads.   

3   SVM Classification 

Classification of threads is done with Support Vector Machine (SVM) developed by 
V. Vapnik [8].  SVM has a solid foundation based on Statistical Learning Theory [9] 
and it usually gives good generalization performance.  The idea of SVM classification 
is similar to that of perception [10].  It finds a linear separation boundary/hyperplane 
described by wT x + b = 0 to classify samples into two classes.  As there are infinite 
hyperplanes separating samples into two classes (assume samples are linear 
separable), SVM searches one that giving maximal margin, the distance to the closest 
training sample is maximal.  This property enables the techniques to find a separating 
plane with good generalization. 

Let X={(xi, ci), i=1,….,n, xiεRm, ci ε{-1, +1}} denotes a set of training samples. 
Assume X is linearly separable, there exist a hyperplane wT x + b = 0 such that 
sign(wT xi + b)= ci for all i.  Let xi  be the sample with minimum distance to the plane.  
Define the margin under this configuration to be 

w

bxw i
T +

=margin . (5) 

By scaling w and b so that the minimum distance from xi to the plane be 1, a 
hyperplane with maximum margin can be found by solving the optimization problem  

Minimize wwT

2
1

 (6) 

with constraint:  ,...,2,1   , 1)( nibxwc i
T

i =≥+ .  

Using the Lagrange multipliers and Karush-Kuhn-Tucker conditions, the problem 
can be transformed into a dual form 
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Equation (7) is a quadratic optimization problem and it can be solved with 
quadratic programming routines. Once all αi are obtained, the optimal hyperplane is 
determined by 
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SVM has a property that it is completely determined by the training samples 
having the minimal distance to the plane and these samples are known as support 
vectors. The plane does not be changed by removing any or even all samples, other 
than support vectors.  The hyperplane can thus be written as 

))(sgn()(
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=

α , (10) 

where the summation can be taken for i that having non-zero αi .  In (10), the term 
(x·xi) measures the similarity between test sample x and training sample xi that has 
been discussed in Section 2. If the samples of two classes overlap and they cannot be 
separated with any hyperplanes, the optimization problem can be formulated as  

Minimize ∑
=

+
n

i
i

T Cww
12

1 ξ  
 

(11) 

with constraint:  ,...,2,1   ,- 1)( i nibxwc i
T

i =≥+ ξ , 

where iξ  are slack variables. 

 
 

After solving the above optimization problem with techniques similar to the 
separable case, optimal hyperplane (the soft margin hyperplane) can be determined.  
In summary, the training samples are used to determine the optimal hyperplane and 
class of test samples are predicted by the sign of it. 

4   Threads Classification 

This section describes the threads classification of a popular web forum.  To avoid 
any advertising effects, the alias name R web forum is used in this paper.  In the 
forum, threads are being tagged into different categories.  There is an also category 
known as “General” category which stores posts not categorized by posters.  A SVM 
classifier is constructed and used to classify the threads of the “General” category into 
five existing categories.  Of course, there are also threads that do not fall into any of 
the five categories.  Training samples are obtained from the threads of these 
categories which has the statistics shown in Table 1. 
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Table 1.  Tatistic of the selected category 

Category No. of threads No. of Posts No. of Posters 
Speakers 88 14,076 1,245 
Integrated Amplifier 38 2,298 485 
Tube Product 37 11,475 553 
Cables 36 1,340 384 
CD 34 2,489 412 

4.1   Thread Vectors and Classifier 

Thread-Poster-ID vectors and thread-Word-Content vectors were built first.  Each 
vector’s row had either Poster-ID or Word-Content to represent the features of a 
thread. In the experiment, five weighting scheme for vector component had been 
employed: TFIDF, TFIDF2 (i.e. square of TFIDF), Term Frequency (TF), TF 2 and 
binary. From each of the category, 80% of the thread vectors were randomly selected 
 

Table 2. Accuracy and std. dev. by using Poster-ID as vector features. 

Weighting Scheme Speakers Integrated 
Amplifier 

Tube 
Product 

Cables CD 

Average 66.47 62.86 52.86 74.29 56.67 
TFIDF 

Std. Dev. 14.18 27.26 16.96 26.95 15.28 
Average 87.06 71.43 27.14 90.00 65.00 

TFIDF2 Std. Dev. 14.60 34.40 18.57 30.00 36.09 
Average 69.41 58.57 51.43 54.29 50.00 

TF 
Std. Dev. 9.77 20.65 19.38 17.84 14.91 
Average 91.18 58.57 34.29 80.00 38.33 

TF2 Std. Dev. 5.42 34.08 23.21 33.93 27.94 
Average 40.00 80.00 57.14 61.43 46.67 

Binary 
Std. Dev. 9.41 13.09 27.11 25.59 26.67 

Figure shown in percentage(%). 

Table 3. Accuracy and std. dev. by using Word-Content as vector features 

Weighting Scheme Speakers Integrated 
Amplifier 

Tube 
Product 

Cables CD 

Average 97.65 68.57 98.57 51.43 50.00 
TFIDF 

Std. Dev. 2.88 29.83 4.29 20.40 29.81 
Average 100.00 64.29 100.00 30.00 33.33 

TFIDF2 Std. Dev. 0.00 44.38 0.00 43.07 40.14 
Average 88.82 68.57 84.29 77.14 80.00 

TF 
Std. Dev. 8.90 24.58 11.87 9.48 22.11 
Average 91.18 60.00 71.43 34.29 56.67 

TF2 Std. Dev. 8.00 38.76 24.74 23.21 27.08 
Average 51.76 72.86 45.71 77.14 90.00 

Binary 
Std. Dev. 10.12 25.11 27.70 24.07 17.00 

Figure shown in percentage(%). 
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as training samples. The remaining threads were used as testing samples. It was 
repeated ten times for performance analysis.  The results of using Poster-ID and 
Word-Content are shown in Table 2 and 3 respectively. 

Referring to the statistics shown in Table 2 and 3, it is found that the classifier 
performance varies greatly against different weighting scheme and feature set. There 
is no single configuration of weighting scheme or feature set that outperform the other 
in all categories. However there is a trend that TFIDF is generally better in most case. 
The overall performance is relatively high and variation is steadier than the other 
weighting method. 

4.2   Evaluation and Results 

As each setup of the attribute weighting schemes has its own merit on different 
categories.  A naïve approach of averaging the classifier scores is applied to yield a 
simple resultant value.  A thread with its greatest resultant value for a category is 
classified to that category.  Table 4 shows some sample threads originally placed in 
the “General” category are classified as class A (i.e. “Speakers” category). 

Table 4. Sample classified results with Poster-ID and Word-Content as attributes 

Thread subject Feature Set of 
the Classifier 

A B C D E 

Poster-ID 0.035 -0.002 -0.32 0.069 -0.204 
a question on speaker stand 

Word-Content 0.775 0.09 0.924 -0.293 -0.56 
Poster-ID -0.638 0.707 -0.533 0.201 -0.376 

 what cable is DENKO ? 
Word-Content 0.769 0.119 -0.043 0.117 -0.464 
Poster-ID 0.576 -0.062 -0.351 0.01 -0.252 

Focal,JM Lab VS Triangle 
Word-Content 0.746 -0.007 0.124 -0.275 -0.433 
Poster-ID 0.388 -0.01 -0.34 -0.063 -0.031 Any recommendation in 

audio equipment 
transportation? 

Word-Content 0.738 0.018 -0.007 -0.41 -0.222 

SVM Score of A: Speakers ; B: Integrated Amplifier; C: Tube Product; D: Cables; E: CD. 

Table 5. Recall and precision of the classification against random retrieval and R tag searching 

 Retrieval Method A B C D E 

Word-Content 93.48 97.10 67.07 68.52 95.38 

Poster-ID 73.09 N/A 81.72 58.32 N/A 

Random 8.06 5.14 5.08 5.02 4.91 

Recall 

Tag Searching 63.77 55.07 45.12 33.33 52.31 

Word-Content 91.68 73.27 61.52 82.20 70.73 

Poster-ID 73.09 N/A 77.02 73.24 N/A 

Random 8.06 4.03 4.79 6.30 3.80 

Precision 

Tag Searching 100 100 97.30 100 100 

Percentage(%) of A: Speakers ; B: Integrated Amplifier; C: Tube Product; D: Cables; E: CD. 
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Seeing the classified result as an IR system, the recall and precision of the 
classifier are analyzed against the taged searching provided by R and random retrieval 
which randomly pick threads from the whole pool. 

In our retrieval analysis, only the first 50 returned threads plus the training/testing 
examples are evaluated.  It is noticed that Word-Content features support the classifier 
for certain types of category to achieve a high recall and precision rate.  While at 
some categories, Poster-ID classifier performs better than Word-Content classifier. 

Tube Product in Hi-Fi society is a market niche where people are either interested 
or not interested in.  This is an interest based category that requires special knowledge 
on it.  Poster-ID as the features representing the behavior of the posters.  Based on our 
experience and observation, posters are active in participating tube threads when they 
are interested only.  This explains why Poster-ID classifier exceptionally perform 
better in tube product than the other categories. 

The merit of Poster-ID classifier is less number of features are involved than 
words. It means less computation is required to classify a set of novel data.  Also the 
processing of poster information is much simpler than message contents.  Word 
stemming, stop words processing, segmentation (for non-English forums) are not 
necessary for posters.  

However, Word-Content classifier has its advantages, it workw better in many 
cases.  Words are the actual way to deliver meaning of a message.  The barrier to 
achieving a good result may due to the incompleteness of corpus and/or unclear 
boundary of classes.  Unsegmented senstences add difficulties to word analysis. Many 
of the Chinese segmentation algorithm was designed for Manda-Chinese/Written 
Chinese which do not have good performance on Canto-Chinese where English is 
mixed everywhere.  Unfortunately, the medium of language of the forum was Canto-
Chinese mixed with English.  Although we have segmentated the senstence before 
analysis the classification however, some important corpus such as speakers and its 
chinese counterpart were not understanded by the classifier. Some jargon are even 
only understandable by human.  Take an example: Model Number of a Product.  This 
kind of word hide a number of feature behind, such as the brand/type of the product, 
which may be the important factor for making a classification decision.  Also, two 
categories are sometimes hard to set a clear line to cut them into two pieces because 
they share too much features.  This can explain why Word-Content classifier does not 
always work well in online communities. 

5   Conclusion 

In conclude, both Word-Content and Poster-ID classifier have their own merits based 
on different situations.  The Poster-ID classified results can help reject a thread that is 
wrongly classified by Word-Content classifier and vice versa.  On the other hand, a 
thread may belong to many categories as long as it is relevant.  But for the sake of 
analysis, we assumed each thread can only belong to one category only.   Therefore 
an approach combining the power of both type of classifier and analysis multiple tag 
of category will be a future work of this research. 
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Abstract. This paper suggests a brokering process in which individual truckers 
participate in the process of matching trucks with freight. To maximize the total 
profit of trucks, a mathematical model is formulated for matching trucks with 
freight. It is shown that, by Lagrangean relaxation, the matching problem can be 
decomposed into a master problem and multiple sub-problems. This paper pro-
poses a brokering process, based on the subgradient optimization technique, in 
which an optimality of individual truckers as well as the system optimality of 
truckers is satisfied. The effects of various practical considerations on the per-
formance of the suggested brokering process are tested numerically and by us-
ing a simulation study. 

1   Introduction 

The brokering process in this study removes barriers between shippers and truckers 
and makes information on freight and trucks transparent to all participants. In this 
study, individual truckers can directly access information on freight, and each trucker 
can select a set of delivery orders from posted orders. Each trucker can consider 
his/her own personal preferences, constraints or conditions during the selection proc-
ess of delivery orders. The brokering system requests shippers to propose maximum 
delivery charges they can pay for their freight, considering their experience or expec-
tations on the availability of empty trucks. Because shippers and trucks at any place 
can utilize the brokerage system at lower brokering fees, more participation of ship-
pers and truckers are expected, which result in the further reduction in the total trans-
portation cost, compared to the case where small groups of shippers and truckers are 
independently involved in different brokerage companies. 

In addition to the above advantages, the matches obtained by the brokering process 
must satisfy a system’s optimality (in the sense that the total profit of trucks is maxi-
mized) as well as individual participant’s optimality (in the sense that trucks are 
matched with freight based on each trucker’s decision for maximizing his/her own 
profit). Although each trucker may be interested only in his/her own profit and not in 
the total profit of truckers, in the long run, decisions by individual truckers will result 
in the highest total expected profit to all truckers.  

Related to the brokering process, several papers (Abrache et al.[1], Babin et al.[2], 
Kutanoglu and Wu[5]) on designing electronic market rules or auction processes have 
recently been published. Lagrangean relaxation technique has been suggested as one 
of the solution methodologies for solving combinatorial optimization problems 
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(Reeves[7]). Kohl and Madsen[4] suggested an algorithm to solve the vehicle routing 
problem with time windows by using the subgradient optimization method and the 
bundle method, both of which are based on the Lagrangean relaxation model. Ku-
tanoglu and Wu[5] proposed a resource scheduling method that uses an auctioning 
method based on a Lagrangean relaxation model for a manufacturing setting. Stewart 
and Golden[8] also suggested a heuristic vehicle routing algorithm based on the La-
grangean relaxation method. Zhao et al.[9] proposed a surrogated subgradient method 
for solving Lagrangean relaxation models. 

The brokerage system in this paper comprises a brokerage center, shippers, and 
trucks. The procedure in which trucks are matched with delivery tasks is as follows: 

1. A shipper sends a delivery application to a brokerage center through the internet, 
wireless communication, EDI, or a phone call. The application information in-
cludes the maximum delivery price the locations of pickup and delivery, the time 
windows for pickup, and other special requirements about delivery services. 

2. The brokerage center monitors, receives, and maintains information about delivery 
orders and trucks and provides this information to shippers and truck drivers. 

3. Trucks must be equipped with mobile computer terminals or TRS (trunked radio 
system) terminals. In some cases, truck drivers can access the web site of the bro-
kerage system and download data about posted orders whose assignments are not 
yet fixed. The data about posted orders include the current minimum bidding price 
for each order and the truck ID that is most likely to be assigned to the order. Each 
truck driver selects the delivery orders and schedules the delivery travel that gives 
him/her the highest profit. Each truck driver informs the brokerage center of the list 
of selected orders. During the construction of the most profitable travel schedule, 
he/she must consider his/her local constraints and preferences. 

4. The brokerage center collects bids from multiple trucks. Based on collected bids, 
the brokerage center adjusts the prices of orders if there are conflicts among differ-
ent truck drivers or if there are no applicants for an order. The price of an order 
with more than one application will be decreased, while the price of an order with 
no application will be increased. However, the adjusted price cannot exceed the 
maximum price that the corresponding shipper initially submitted. The results of 
price modifications will be again informed truck drivers, or drivers may access the 
brokerage center to obtain information about the revised prices. Based on the re-
vised prices, drivers can change their selection of delivery orders. This procedure is 
repeated until no conflicts exist or a time deadline for a commitment is reached. 

5. At the deadline for a commitment, the brokerage center fixes the assignment and 
informs drivers and shippers of the results of the assignment. 

The next section introduces a mathematical rationale of the brokerage process. Sec-
tion three discusses the application of the subgradient optimization technique to the 
brokering process. The final section provides concluding remarks. 

2   A Mathematical Formulation and a Subgradient Optimization 
Technique 

This section proposes a mathematical model for maximizing the total profit of trucks, 
which is an objective from the system’s perspective. However, it will be shown how 
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the model can be decomposed into multiple primal problems and a dual problem by 
Lagrangean relaxation and how each primal problem corresponds to the problem of 
maximizing each trucker’s profit. That is, we will show that the system’s optimality 
of truckers can be obtained by pursuing individual trucker’s optimality. The following 
formulation assumes that each delivery order has a time window that allows for 
pickup of freight. 

2.1   A Mathematical Formulation  

The following are notations used in the formulation of the matching problem: 

K : Set of trucks. 
Dk : Node that represents the initial position of truck k. 
D : Set of Dk.  
Hk : Final destination of truck k, which may be the domicile of the truck.  
H : Set of Hk. 
L : Set of nodes that represent delivery tasks. 
rj : The price of delivery task j that a customer is willing to pay. This is the price 

that customer j initially posted on the application form. Note that 0=KH
r . 

vj: The loaded travel cost for task j. Because it is assumed that all trucks are the 
same, this cost is also the same for all trucks. 

xk
ij : 1 if truck k performs task j after performing task i; 0, otherwise. This is the 

decision variable. 
Xk : Vector whose elements are xk

ij. 
Fk : Set of Xks that satisfy local constraints of truck k. 

k
ijc  : Empty travel cost when truck k performs task j after performing task i. This is 

the empty travel cost from the delivery location of task i to the pickup location 
of task j. This cost includes expenses for fuel, labor, overhead for the truck, 
and other maintenance costs. 

tij : Travel time from the delivery location of task i to the pickup location of task j. 
ti : Arrival time of a truck at the pickup location of task i. 
[ai,bi] : Time window allowed for pickup of task i. 
si : Service time for task i. This includes the pickup time at the pickup location of 

task i, the loaded travel time from the pickup location to the delivery location, 
and the drop-off time at the delivery location. 

M : A large constant number. 

The problem can be formulated as follows: 
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The purpose of the objective function (1) is to maximize the total profit. Constraint (2) 
implies that no delivery order can be assigned to more than one truck. Constraints (3) and 
(4) imply that a maximum of one arc can be selected as an exiting route or an entering 
route at the initial location or at the domicile. Flow conservation is satisfied by constraint 
(5). The arrival time of a truck at a pickup location is restricted by constraint (6). Con-
straint (7) represents the relationship between the time variables and the flow variable, 
and it prevents sub-tours in the solution. Local constraints of truck k can be expressed by 
constraint (8). Examples of local constraints are the time-window constraint at an initial 
location or a final domicile, the longest operation time allowed to a specific truck, etc. 
Note that there is no constraint to force all delivery orders to be included at least on one 
route because orders with excessively high prices may not be served by any truck. For 
problems with 10 trucks and 20 tasks, the number of variables and constraints were ap-
proximately 600 and 6000, respectively, excluding constraint (8). 

This study attempts to solve problem (1) – (9) in a distributed manner. The La-
grangean relaxation technique is used to decompose the above problem. Let 

.'
jjj vrr −=  Then, by relaxing constraint (2), we can obtain the following sub-

problems (decomposed primal problems, or DPPs), which can be interpreted as the 
problem of a corresponding truck driver selecting delivery tasks and determining a 
schedule for performing the tasks in a way that maximizes his/her profit for given 
prices of tasks. The DPP for truck k can be written as follows: 

(DPP)                         
k k

'
j  

L {H } {D } (L/{j})

 Max (r λ c )xk k
j ij ij

j i∈ ∪ ∈ ∪

− −∑ ∑  (10) 

subject to constraints (3) - (9) where λj ≥ 0 for all j and .0' == KHHr λ  

2.2   Solving the Problem by the Subgradient Optimization Technique 

The following notations are used to describe the algorithm: gi is the subgradient of the 
node for task i and ZUB and ZLB is the upper bound and the lower bound of the objec-
tive function value. S is the step size for the Lagrangean multiplier and π is the pa-
rameter to adjust s. Then, a typical subgradient optimization procedure can be sum-
marized as follows: 

Step 1: (Initialize) Set λi = 0 for i=1, …, n; π = 2, N = 30. 
Step 2: (Solve DPPs) For the given values of λi for i = 1, …, n, solve DPPs and let the 

resulting objective function value of (10) be ZUB. 
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Step 3: (Resolve infeasibility) When more than one truck selects the same delivery 
order as the solution of a DPP, calculate for each corresponding truck the 
amount of decrease in profit resulting from canceling the selection of the or-
der. Cancel selections for the trucks except that for the truck with the highest 
decrease in the profit. If the objective function value (1) for these revised solu-
tions of DPPs is greater than the current lower bound, then update the lower 
bound. 

Step 4: (Update multipliers) Calculate the values of the subgradients, as follows: 

∑ ∑
∈ ∪∈

=−=
Kk jLDi

k
ij

k

jxjg
})/{(}{

n1,.., ,1 . Update the step size and the multipliers by 

the following equations: 

∑
=

−
=

m

i
ig

ZZ
is LBUB

1

2

)(π
, and )λ ,0max(λ igisii +=  

Step 5: If ZUB was not updated during the last N consecutive iterations, then reduce π 
by half. If π is less than a specified value (0.005 in this study’s numerical  
experiment) or if the duality gap (the difference between ZUB and ZLB) is less 
than a pre-specified value, the iterations are terminated. Otherwise, go to  
step 2. 

3   Applying the Subgradient Optimization Technique to the 
Brokering Process 

In the following, it was discussed how the subgradient method can be applied to the 
brokering process. The brokerage center adjusts the prices of delivery tasks, based on 
the number of bids submitted for each task. When a feasible assignment is not reached 
even after a reasonable amount of communication, the brokerage center makes a fea-
sible solution based on the current solution and global information. The process is 
equivalent to the subgradient optimization procedure that modifies an infeasible solu-
tion to obtain a feasible solution. Individual truckers select profit-maximizing orders, 
based on prices of orders, locations of trucks, and other local constraints of trucks. 
This process is equivalent to solving a DPP in the subgradient optimization technique. 

Notice that the above explanation on the solution procedure started from problem 
(1) – (9) whose objective is the system’s optimality of maximizing the total profit of 
truckers. The previous section showed that problem (1) – (9) can be solved by solving 
DPPs – which are equivalent to problems whose objective is user’s optimality of 
maximizing each trucker’s profit – and adjusting the values of the Lagrangean multi-
pliers, which is equivalent to the price adjustment by a brokerage center. 

3.1   Performance of the Standard Subgradient Optimization Technique 

Problems were solved to test the performance of the standard subgradient optimiza-
tion technique. A program was developed and run on a PentiumⅡ(333 MHz, 64 
RAM) personal computer. The pickup and delivery locations were generated  
randomly on a rectangular area of 100×100 km. Initial prices for orders were also 
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generated randomly from a uniform distribution, U(100, 400), in units of dollars. 
Although, in practice, there must be some relationship between prices of orders and 
service times for performing the orders, the initial prices were randomly generated for 
providing orders with different profit margins, thus checking if truckers can select 
more profitable orders. Euclidean distance was used to measure the distance between 
two locations. When the difference between the upper bound and the lower bound 
came smaller than a specified small value, or when the number of iterations reached a 
pre-specified value, the iterations were stopped. 

Two heuristic methods called GRASP (Greedy Randomized Adaptive Search 
Procedure) (Feo and Resende[3]) and NHS (Neighborhood Search) are applied to 
solve DPPs. NHS method used in this study is easier to implement than GRASP. 
Starting from an initial solution, NHS repeatedly moves to another feasible solution, 
which has the highest increase in the total profit, among neighborhood solutions. The 
neighborhood solutions were generated by inserting an order outside a route into the 
route, deleting an order from a route, and exchanging an order on a route with another 
order outside the route. 

3.2   Analysis of Effects of Asynchronous Communication Between Trucks and 
the Brokerage Center 

The decision process regarding matching must be robust enough to manage unex-
pected events. To improve the robustness of the decision process, a modified decision 
process is proposed in which the prices of delivery orders are updated whenever a 
decision by a trucker (a solution of a DPP) is transmitted to the brokerage center. That 
is, the brokerage center does not have to wait for the arrival of all decisions from 
participating trucks. This modification allows asynchronized communication between 
trucks and the brokerage center. The brokerage center may collect decisions from 
several truckers before it updates the prices, or it may wait until all decisions arrive, 
which will be the same as the synchronized communication.  

The following experiment tested the effects of asynchronized communication on 
the quality of solutions. In the experiment, DPPs were solved sequentially by GRASP, 
and the values of the multipliers were updated whenever a DPP was solved. The solu-
tion procedure will be called the “GRASP-asynchronized method.” Let the subgradi-
ent optimization method, in which all the DPPs are solved before Lagrangean multi-
pliers are updated, be called the “GRASP-synchronized method.” Considering that the 
amount of communication between the brokerage center and trucks must be limited 
and that the communication cost is not negligible, it is important to obtain a good 
solution at the lowest possible number of iterations. As the solution process pro-
gressed, the changes of the lower bound for the three methods were compared with 
each other. For a small number of iterations, the lower bound found by the GRASP-
asynchronized method was higher than that created by GRASP-synchronized method. 
Thus, the GRASP-asynchronized method can be considered the better alternative than 
the GRASP-synchronized method when the number of communications must be re-
stricted during the brokering process. 

A numerical experiment compared the performance of the GRASP-asynchronized 
method with that of the GRASP-synchronized method. The problem set (problems 
11-20) with 7 trucks and 15 tasks and the problem set (problems 21 – 30) with 20 
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trucks and 50 tasks were solved by both methods. The maximum number of iterations 
was limited to 210. The results showed that the objective values found by the 
GRASP-asynchronized method were higher than those found by the GRASP-
synchronized method by 19% on average, which is a significant improvement. Also, 
the average computational time required by the GRASP-asynchronized method was 
98 seconds, which is only 26% of that needed by the GRASP-synchronized method 

In the synchronized method, the number of communications between each truck and 
the brokerage center was 210 during 210 iterations. However, in the asynchronized 
method, it was about 10, because, in the asynchronized method, only one DPP was 
solved during each iteration and the results are transmitted to the brokerage center. 

3.3   Comparison Between GRASP-Asynchronized and NHS-Asynchronized 
Methods 

Four sets of problems of different sizes were constructed: the problem set (problems 
31-60) with 10 trucks and 40 delivery orders, the problem set (problems 61-90) with 
30 trucks and 120 orders, the problem set (problems 91-120) with 50 trucks and 200 
orders, and the problem set (problems 121-150) with 70 trucks and 280 orders. Each 
truck has the maximum travel distance of 5,000 during the planning horizon. 

An experiment was conducted to compare the results of the GRASP-asynchronized 
algorithm with that of the NHS-asynchronized algorithm for the above four sets of prob-
lems. When the average of 30 problems was compared, the objective values found by 
the NHS-asynchronized algorithm were approximately 91% of those by the GRASP-
asynchronized algorithm. The computational time needed by the NHS-asynchronized 
algorithm was 0.3 – 4.0 % of that needed by the GRASP-asynchronized algorithm, and 
the percentage tended to decrease as the size of problems increased. Because computa-
tional time was considered to be critical to implementing the algorithm in real time, it 
was concluded that the NHS-asynchronized algorithm is appropriate for practical uses. 

Also, it was found that when the NHS- asynchronized algorithm was used, al-
though the initial objective value was low, the objective value approached its maxi-
mum within several seconds, while the GRASP-asynchronized algorithm required 
more than 2,000 seconds to stabilize the objective value. For other problems, similar 
differences were observed. 

3.4   Performance Evaluation of the Brokering Process in This by a Simulation 

A simulation program using JAVA language was developed to test the performance 
and applicability of the brokering process of this study (BROK) in a dynamic situa-
tion where candidate trucks and new delivery orders arrive at the system continuously 
and randomly. First, at the beginning of the simulation, trucks were randomly gener-
ated on a square of 100×100. And then, delivery orders were also generated randomly 
on the square, however, the generation times of the orders were selected randomly 
between 0 and 100. The lower and upper bounds of the pickup time window for an 
order were also randomly selected. The initial prices of orders were also selected 
randomly. 
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A conventional dispatching process (CONV) was compared with BROK. It was as-
sumed that CONV does not use the brokering system but all the information on deliv-
ery orders and trucks are available to all the shippers and truckers. CONV matches 
trucks and delivery orders as follows: When a trucker completes a delivery task, 
he/she selects the order that gives him/her the highest profit. When a shipper wants to 
issue a delivery order, he/she selects the truck with the least delivery cost. It was also 
assumed that the shipper pays the initial price for the delivery order to the correspond-
ing trucker.  

In BROK, the NHS-asynchronized algorithm is triggered whenever a delivery or-
der arrives at the system. Thus, the assignment of orders to trucks may change by an 
arrival of a new order. The first order in the schedule of a truck is finally assigned to 
the truck only when the truck completes an order. In BROK, a truck has a temporary 
schedule for the future travel, while, in CONV, a truck can have at most one assigned 
delivery order.  

Four different situations were simulated. The four situations had 20, 30, 40, and 50 
trucks, and 200, 300, 400, and 500 delivery orders, respectively. For each situation, 
the simulation was run 20 times. It was found that a higher ratio of orders was served 
by trucks in BROK compared to that in CONV. And, the transportation cost per order 
was lower in BROK than in CONV. The average price per order paid by shippers was 
also significantly lower in BROK than in CONV. 

The profit per order and the total profit earned by trucks were lower in BROK than 
in CONV, which is due to the reduced price resulting from competition for orders 
among truckers. If some portion of the reduced price is redistributed to truck drivers, 
then both sides (truck drivers and shippers) may be better off in BROK. For example, 
suppose that 50% of the price reduction in BROK is reserved for the redistribution to 
truckers, which means that the price of the delivery is discounted by only 50% of the 
price difference between the initial price and the final price. It was found that the total 
profit of all the trucks increased significantly compared with that of CONV, while a 
significant price reduction is still provided to the shippers. 

3.5   Issues for Implementation 

As shown in the previous subsection, regarding shippers, because the final price of 
delivery task j is expressed as rj-λj, the final price of all tasks must be less than or 
equal to the original prices suggested by shippers. Thus, shippers must have sufficient 
incentive to utilize the brokerage system for their freight. 

Regarding truckers, because the brokering process already guarantees individual 
trucker’s optimality, there is no other opportunity for a trucker to earn more money by 
changing his/her decision. If a trucker decides that the average price of tasks is lower 
than what he/she expects, he/she may leave the system to find tasks outside the sys-
tem. If the number of trucks decreases, then the average price of tasks will remain at a 
certain profitable level. However, in the introduction stage of the system, truckers 
may complain that their profit per order is reduced, and this may be true. Considering 
that more shippers will become customers of the brokerage system and thus truckers 
may carry more freight than before, the total profit of a truck may increase in the long 
run. If the increased amount of freight is not enough of an incentive for truckers to 
participate in the brokerage system, then the difference between the initial price (rj) 
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and the final price (rj - λj) of a freight may be shared between the shipper and the 
trucker of the freight as shown in the previous subsection. 

Suppose that all trucks are owned by a single carrier. Then, the decisions about 
matching for all the trucks are made by a centralized matching department or person-
nel. The delivery charge for freight is usually determined by negotiation between the 
trucking company and the shipper of the freight. Thus, it can be assumed that shippers 
must pay the prices that they initially proposed. However, a fixed salary is usually 
paid to drivers on a monthly basis. Thus, the trucking company takes all the savings 
resulting from the optimized matching. 

4   Conclusion 

This paper introduces a brokerage system that assigns delivery tasks to trucks that are 
operated as independent profit-makers. The matching method in this study is distrib-
uted in that the decisions about matching are made through communications between 
a brokerage center and trucks. It has been shown that the matching problem can be 
decomposed into multiple sub-problems that processors in trucks can solve by using 
local information. Also, it was shown how the subgradient optimization method can 
be utilized as a theoretical basis for the distributed matching procedure.  

The asynchronized procedure based on the neighborhood search (NHS-
asynchronized method) was proposed as the most promising algorithmic basis for the 
electronic brokering process. Through a simulation study, it was also found that the 
suggested brokering process significantly outperforms a conventional dispatching 
process. Also, it was shown that the total reduction in prices resulting from the sug-
gested brokering process exceeds the total reduction in profits of truckers significantly 
so that both shippers and truckers can be better off by sharing benefits of shippers 
with truckers.  
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Abstract. This paper proposed a novel method of applying support vector ma-
chine for multi-class problem based on fuzzy integral. Firstly, the fuzzy meas-
ure of each binary classifier is constructed based on its classification accuracy 
during training and its agreement degrees to other support vector machines. 
Then the testing instances are classified by calculating the fuzzy integral be-
tween the fuzzy measures and the outputs of the binary support vector ma-
chines. The experiment results on iris and glass datasets from UCI machine 
learning repository and real plane dataset show that the new method is effective. 
And the experiment results ulteriorly indicate that the method with Choquet 
fuzzy integral has better performance than that with Sugeno integral.  

1   Introduction 

Support vector machine (SVM) [1] [2] is one of the most important achievements of 
statistical learning theory. Classifier constructed by this method can not only classify 
the samples but also has a maximal margin between the two classes. The details about 
recent developments of SVM can be found in [3] [4]. SVM was originally put forward 
for binary classification problem. While multi-class problem has more significance in 
reality, so how to apply support vector machine for these problems is now a hot topic. 
Generally speaking, there are two kinds of methods. One is constructing multiple 
binary support vector machines and classifying samples by combination of them, e.g. 
one-against-one method [5], one-against-rest method, decision directed acyclic graph 
support vector machine(DDAGSVM)[6][7], binary tree support vector machine [8], 
etc; the other is extending the standard support vector machine model for multi-class 
problem directly through modifying the object function. As to the second method, the 
training speed is very slow since there are too many parameters needs to be opti-
mized. Moreover, its performance is not very ideal in fact [9]. The voting method 
adopted by one-against-one method is not very proper, because its voting value is 
either one or zero no matter what the real output of the classifier is. In addition, the 
classifier’s difference is also not considered. DDAGSVM adopts the thought of direct 
acyclic graph during classification, so it needn’t calculating all of the binary classi-
fier’s outputs. However, this method does not consider the current classification er-
ror’s influence on the subsequent operation and its performance is dependent on the 
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specific direct acyclic graph. One-against-rest method turns k class problem into k  
binary classification problems by taking one class samples as “+” and the others as  
“-”. Its shortcoming is it requests every sample’s participation during training. And its 
performance is no better than one-against-one method in practice. For binary tree 
support vector machines, how to build the tree is a difficult problem and there is no 
very effective method till now. By applying some ideas from the Error Correcting 
Output Codes techniques [10], the authors propose a combinatorial distribution of the 
training patterns of different classes in two classes in order to maximize the Hamming 
distance between classes. More sophisticated combinations can be made if machine’s 
outputs are considered probabilities [11] or SVCs are adapted to produce posterior 
class probabilities as pointed in [12]. Finally, in the last few years, several other ap-
proaches have been developed considering all the classes at once multi-class SVCs 
[13] [14]. 

During research, we found if we took each binary support vector machine as a sen-
sor, then the procedure combining them to solve k  class problem can be treated as an 
information fusion procedure on the decision level. This discovery gives us some new 
inspiration with regard to applying support vector machine for multi-class problems. 
There are many useful algorithms for information fusion, such as Bayesian theory, 
Dempster-Shafter theory, neural networks and fuzzy integral. Among them, fuzzy 
integral is a simple and effective method because it needn’t any prior-information and 
can prettily synthesize the objective evidence and the subjective decision. Based on 
all analysis above, this paper proposed a novel method applying support vector ma-
chine for multi-class problem with fuzzy integral. This method is similar to one-
against-one method, while it adopts fuzzy integral to replace the voting method.  

The rest of this paper is organized as follows: section II provides a brief introduc-
tion to support vector machine; some basic conception and properties about fuzzy 
measure and fuzzy integral are described in section III; section IV shows the details 
about the fuzzy measure construction and the method using fuzzy integral to solve 
multi-class problem with support vector machine; section V gives the experiment 
results and analysis of our method on some datasets; finally, we draw a conclusion in 
section VI. 

2   Support Vector Machine 

Support vector machine was originally formulated to construct binary classifiers from 
a given set of labeled training samples defined by }1{R },{ N ±×∈ii yx ,where 

ni ,,2,1 = . Support vector machine obtains its higher generalization ability by 

maximizing the margin between the nearest samples of the two classes. The decision 
function of support vector machine is as following: 
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where 0)( =xf  corresponds to the optimal hyperplane. If 0)( >xf , x is assigned 

to the positive class, otherwise it is assigned to the negative class. Here, ),( ⋅⋅K  is the 

kernel function. 
*
ia  are called Lagrange multipliers and are calculated when solving 

the following quadratic programming problem: 
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The vectors with nonzero coefficients are called support vectors. C  is a regulari-
zation parameter which controls the tradeoff  between complexity of the machine and 
the number of nonseparable points.  

In standard support vector machine model, bxw +*  reflects the distance between                    
x  and the decision boundary. The method deciding the class label of x  by symboliz-
ing bxw +*  is too rough, because it doesn’t reflect the real degree that x  belongs to 
this class. Too much information is lost during this procedure. So, here we use (3) to 
compute the fuzzy membership degree when x is determined to be positive sample. 
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 Similarly when it is determined to be “-”: 
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3   Fuzzy Measure and Fuzzy Integral 

Fuzzy measure and fuzzy integral were firstly introduced by Sugeno [15]. In mathe-
matical terms, a fuzzy measure is a set of functions with monotonic property but not 
always additivity.  Fuzzy integral is a fusion operator which combines nonlinearly, 
objective evidences in the form of expert response with respect to a subjective evalua-
tion of their performance given in the form of fuzzy measures. 

3.1   Fuzzy Measure 

A commonly used fuzzy measure is λg  fuzzy measure described in definition 1. 

Definition 1: if ]1,0[:),.1( →Ω∞+−∈ λλ g  has the following properties, it is 

called λg fuzzy measure: 
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1) 1)( =ug λ ;  

2) if Ω∈BA,  and φ=∩ BA , then )()()()()( BgAgBgAgBAg λλλλλ λ++=∩ ;  

3) λg is continuous. 

Definition 2: Suppose },,,{ 21 nxxxX =  is a finite set, and })({ ii xgg λ= , then 

the mapping gxg i →:λ  is called a fuzzy density function. 

For λg fuzzy measure, it has the property described by theorem1.  

Theorem 1: Suppose },,,{ 21 nxxxX =  is a finite set, and ),,2,1}({ nigi = is the 

fuzzy density function of it, then there exist the only one )0( ≠λλ  which fulfills the 
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From above, we know if we want to calculate the fuzzy measure of a given set, we 
only need to know its fuzzy density function and then use theorem 1 to solve out λ  , 

and finally use the second item in definition 1 to generate λg  fuzzy measure. 

3.2   Fuzzy Integral 

Fuzzy integral is a generalized inner product between fuzzy measure and fuzzy mem-
bership function. There are many different kinds of fuzzy integrals. Here we only 
simply introduce Sugeno and Choquet fuzzy integral [16].  

Definition 3: Suppose },,{ gU Ω  be a fuzzy measure space and ]1,0[: →Ωh  be a 

measurable function. Sugeno fuzzy integral of the function f with fuzzy measure g  

over Ω∈A  is defined as: 
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Where 10),)(|{ ≤≤≥= λλλ uhuh  and )(⋅g  is the measure of the set A. Specially, 

if },,,{ 21 nuuuUA == , )()()( 21 nuhuhuh ≥≥≥ , },,,{ 21 ii uuuA =  and the 

fuzzy measure is λg  measure,  Sugeno fuzzy integral can be calculated as follows:  
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Definition 4:  Choquet fuzzy integral of the function f with fuzzy measure g  over 

A  is given as follow:  

αα dhggxfC
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Here 10),)(|{ ≤≤≥= ααα uhuh . If },,,{ 21 nuuuUA == , )()()( 21 nuhuhuh ≤≤≤   and 

the fuzzy measure is λg fuzzy measure, then Choquet fuzzy integral can be calculated as:  
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Where 0)( 0 =xh , 0)( 1 =+nAgλ  and },,,{ 21 ii uuuA = . 

4   Applying SVM for Multi-class Problem with Fuzzy Integral  

If we take each binary support vector machine as a sensor, the procedure combining 
them to solve k class problem can be considered as a decision information fusion 
process. Based on this idea, this paper presented a novel method to solve multi-class 
classification problem by support vector machines with fuzzy integral. Like one-
against-one method, it also needs 2

kC  standard support vector machines. The differ-

ence is that it uses fuzzy integral to synthesize the information of the binary classifiers 
rather than voting method.  

The critical point for this method is how to construct an appropriate fuzzy measure to 
represent the binary classifier’s importance. We think such factors should be consid-
ered: the uncertainty of the classifier’s output, the agreement degree among the classifi-
ers for the same conclusion and the reliability of the classifiers. Since the first element 
has been considered in section 2, here we only put attention to the last two factors.  

Using Deng’s work [17] as a reference, we adopt the following method to represent 
fuzzy measure of the binary support vector machine. For instance x , there are 1−k  
binary support vector machines denoted as ,,,,, 1,1,2,1, +− iiiiii CCCC  

ikC,  ),,2,1( ki =  to decide the degree which it belongs to class i . And their 

outputs are denoted as ,,/,/,,/,/{ 1,1,1,1,221,1 ++−−= iiiiiiiiCiiCiii CyCyyyY  

}/, ikki Cy . Then the procedure using fuzzy integral to fusion the information is actu-

ally a fuzzy transformation of iY . Suppose )(),( ,, xhxh nimi  are the outputs of classi-

fier miC , and niC ,  for instance x . The agreement degree between miC , and niC ,  is 

defined as 
)}(),(max{

)}(),(min{

,,

,,
, xhxh

xhxh
S

nimi

nimi
nm = . For class i , we can calculate the agreement 

degree between each pairs from  ikiiiiii CCCCC ,,,,,, 1,1,2,1, +−  and get a 

agreement degree matrix as follow: 
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This matrix intuitively gives us the agreement degree of each classifier for in-

stance x . The average agreement degree of jiC ,  is defined as: 

∑
≠=−

=
k

jitt
tjji s

k
CM

,,1
,, 1

1
)(  (9) 

In order to consider the reliability of the classifier, we take the classification accu-
racy as a reference when constructing the fuzzy measure. Then the final fuzzy meas-
ure of classifier jiC , is defined as follow: 

jijiji rCMg ,,, )1()( αα −+=  (10) 

Where ]1,0[∈α  is a coefficient, and ]1,0[, ∈jir  represent the right classification 

rate of classifier jiC ,  during training. 

With fuzzy measure, the computation of fuzzy integral will be s simple procedure. 
The details steps using support vector machine to solve multi-class problem with 
fuzzy integral are described as follows: 

1) For the given sample dataset, train 2
kC  standard support vector machines as in 

one-against-one method and statistic their right classification rates; 
2) For an arbitrary instance x , use ikiiiiii CCCCC ,,,,,, 1,1,2,1, +−  to calculate 

the degree of which belongs to class i , and the results are denoted as 

)(,),(),(,),(),( ,1,1,2,1, xhxhxhxhxh kiiiiiii +− ; 

3) Calculate the agreement degree of each pair of the classifiers and generating 
each classifier’s fuzzy measure with formula (11) ; the finally result is denoted as 

)(,),(),(,),(),( ,1,1,2,1, xgxgxgxgxg kiiiiiii +− ; 

4) Computing Sugeno integral or Choquet integral of )(,),(),( ,2,1, xhxhxh kiii  

and )(,),(),( ,2,1, xgxgxg kiii , then the output )(xiμ  represents the degree that 

x  belongs to class i ; 
5) The final classification result for instance x  is ),(maxarg xc i

i
μ=  

ki ,,2,1= . 

5   Experiments and Analysis 

In order to verify the performance of our method, we carry out two groups of experi-
ments. One is on the Iris and glass datasets from UCI machine learning repository 
[18] and the other is from some real dataset of plane. For each dataset, one half of 
them are randomly selected for training and the rest of them are used as testing data-
set. We also test one-against-one method and one-against-rest method in comparison 
of our method with Sugeno and Choquet fuzzy integral respectively. The results are 
shown in table 1.  



 A  Fuzzy Integral Method of Applying SVM for Multi-class Problem 845 

Table 1. Statistical result for the different algorithms 

Dataset Right classification rates of the algorithms (%) 

Name 
Class 
num 

Sample 
num and 
dimension 

One-
against-

one 

One-
against-   
rest 

Sugeno 
fuzzy 
Integral 

Choquet 
fuzzy 
integral 

Iris 3 150,4 93.33 92.00 92.00 96.00 

Glass 6 214,9 77.14 71.43 72.89 78.09 

Plane 3 1084,64 94.30 89.65 90.10 95.41 

From table 1, we can find for each dataset, Choquet fuzzy integral has the best per-
formance while one-against-rest is the worst of them. One-against-one method is a 
little bit better than Sugeno fuzzy integral. We think these experiment results are 
reasonable. From definition 3, we know Sugeno fuzzy integral is actually a manner of 
finding the best match between the objective evidence and subjective expectation. Its 
most obvious characteristic is strengthening the principal factor’s effect while ne-
glecting the subordinate factors completely. This property may not be very reasonable 
for combining support vector machines for multi-class problems, because many sup-
port vector machines’ functions are ignored. While one-against-one method consider 
each binary classifier’s output, so it has better performance than Sugeno fuzzy inte-
gral. Choquet fuzzy integral can be considered as the weighted sum of )(xhi

 and its 

weight is dependent on the order of )(xhi
. So Choquet fuzzy integral is actually a 

nonlinear synthesis between the classifier’s output and importance. In Choquet fuzzy 
integral method, each binary classifier has its own weight which represents its impor-
tance and its output has more flexibility, so it is not difficult to understand why it has 
better performance than one-against-one method. 

6   Conclusion 

This paper presented a novel method of applying support vector machine for multi-
class classification problem with fuzzy integral. The experiments on standard dataset 
and real dataset show that our method is more effective. Comparing to other methods, 
the superiority of fuzzy integral is that through fuzzy measure the classifiers’ impor-
tance difference is considered appropriately in the final decision. And the fuzzy 
measure of the classifier is not fixed. It is dependent on the specific sample, so it has a 
good adaptive property.  
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Abstract. This paper proposes a low-power high-speed CMOS analog two- 
input/one-output neuro-fuzzy chip, the basic blocks of which are Gaussian 
membership function circuit, minimization circuit, and a centroid algorithm 
defuzzification circuit. This chip has been fabricated in 0.6-μm mixed-signal 
CMOS technology. Experiment and HSPICE simulation results show that 
because the compact structures and high-precision of the blocks the system not 
only consumes little power but also can be directly tuned by the weights 
calculated through the software such as Matlab. 

1   Introduction 

Neuro-fuzzy systems have been used successfully in various perplexing control tasks 
because of their straightforward architectures and no requirement of accurate 
mathematic models. Implementations of large control algorithms with many variables 
are usually carried out by software, such as mechanical or thermal processes, which 
typically operate below K FLIPS rate (FLIPS stands for fuzzy logic inferences per 
second) [1]. It is not fast enough for many high-speed control problems such as 
automotive engines control and power systems [2]. To manage delays of a few 
milliseconds and down to the microseconds and even nanoseconds range, ASICs are 
required [1]. Digital ASICs [2] can handle complex tasks with high precision, but they 
need additional analog circuits to build the interface with sensors and actuators. Analog 
ASICs [1,3] are worth considering, providing parallel processing with the speed limited 
only by the delay of signals through the network so that it has intrinsically higher speed 
and lower power consumption than their digital counterparts. Furthermore, because of 
straight interface to the plant and faster operation analog circuits can get better results 
in terms of less overshoot, smaller settling time, oscillations, ripple voltages, or 
currents [1]. 

In this paper, a high-speed programmable two-input/one-output analog CMOS 
neuro-fuzzy chip is proposed. Because of the compact structures as well as the 
precision of the analog blocks, this chip consumes the least power compared with the 
recent contributions and can be directly tuned by the weights calculated through the 
software such as Matlab. The chip has been fabricated in 0.6-μm mixed-signal CMOS 
technology. The operation speed of inference in the designed neuro-fuzzy system is 3 
MFLIPS with the power-consumption of only 3.6mW. 
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2   Analog Function Blocks for Neuro-fuzzy System 

2.1   Gaussian Membership Function Circuit 

Gaussian shape membership function can obtain smoother transient response and 
facilitate the analog implementations. Differential pairs can be used to generate a 
current increasing from zero to the tail current of the circuit. And such two increasing 
currents can form the Gaussian-like waveform [3]. The compact circuit of 
programmable Gaussian membership is shown on the left in Fig. 1. 

 

Fig. 1. Gaussian membership function circuit 

From the discussion in [3], if the reference voltage Ve1 is set below Ve2, ID2 will be 
always lager than ID5 so as to rise to I ahead of ID5. Therefore, the waveform of ID8, i.e. 
the difference between the two drain currents, is alike as Gaussian shape, and so is the 
output voltage Vout. The test result is shown on the right in Fig. 1 with an input triangle 
signal changing from 0 to 1V. The mismatches between M2 and M5, I1 and I2 will 
make the Gaussian waveform asymmetric. And the mismatch between the two tail 
current sources also introduces output offset. 

2.2   Minimization Circuit 

The proposed minimization circuit uses PMOS differential input transistors M1 and M2 
(or M6 and M7) in Fig. 2 (a) to remove the DC level shift circuits, which were used to 
ensure proper gate-biasing of transistor M5 and M10 over a wide range of output 
voltages, and change the input range to fit the output range of the former membership 
function blocks as well [3]. M5 and M10 form the based voltage minimization circuit. 
M1-M4 forms the PMOS input stage amplifier so that the input voltage, i.e. the output 
of the former membership function circuit, can be lower to VSS. With the feedback, 
M1-M5 or M6-M10 constructs a unity gain buffer, making the output voltage just equal 
to the minimization input voltage. Fig. 2 (c) and (b) show the test output voltage 
waveforms of the minimization circuit compared with the ideal outputs. 

Mismatch between M1 and M3, or M2 and M4, will introduce offset and increase 
the error. Each unity gain buffer is a two-stage amplifier, and each node in the circuit 
introduces a pole that is associated with the conductance and parasitic capacitance seen 
from the node. However, in this case the output pole is high frequency pole because the 
next stage input capacitance, the load of the circuit, is of little value. So no 
compensation capacitance is needed to guarantee the stability. 
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Fig. 2. Two inputs minimization circuit 

2.3   Centroid Defuzzification Circuit 

Parallel conductance can be used to implement centroid algorithm [3,4]. In Fig. 3 (a), 
M1-M15 constructs a conventional multiplier-type OTA. M16 and M17 generate the 
level-shift voltage to make M9 and M10 operate in the triode region. Under these 
conditions, the output current IOUT of the multiplier-type OTA becomes: 

)()(4 111_ OmOMOOUT VVGVVKVI −=−=  (1) 

where K is the transconductance parameter of the M9 and M10. It can be seen that the 
transconductance of the OTA Gm is proportional to the control voltage VO_M1. The 
output voltage VO can be derived as [3]: 

2_1_

22_11_

MOMO

MOMO
O VV

VVVV
V

+
×+×

=  (2) 

 

Fig. 3. COA defuzzification circuit by multiplier-type OTA 

This circuit can be expanded for multiple inputs defuzzification circuit when the 
same block as M1-M15 is added. The simulation result of nine-input/one-output 
defuzzification circuit is shown in Fig. 3 (b). The mismatch between the threshold 
voltages of the NMOS and PMOS transistors introduces the output offset voltages. 
Removing it, the errors in the output voltages are less than 3% of the full-scale value. 

3   Implementation of Neuro-fuzzy Chip 

In this section, the previous functional blocks are combined into a two-input/one- 
output neuro-fuzzy system. Each input has three Gaussian-like membership functions. 
Six Gaussian circuits form Fig. 1, nine two-input/one-output minimization circuits 
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from Fig. 2 and a nine inputs defuzzification circuit from Fig. 3 are needed. Fig. 4 (a) 
and (b) illustrates the connection of these components and the microphotograph of the 
chip respectively. The supply voltage is ± 2.5V and the area is 0.78×0.70mm2. 

 

Fig. 4. (a) Two-input/one-output neuro-fuzzy, (b) microphotograph of the chip. (c) output 
surface by Matlab, (d) output surface by HSPICE. 

Although there are six circuits from Fig. 1, only three different sets of Ve1 and Ve2 
are needed for each input. They are (-0.2, 0.2), (0.3, 0.7), and (0.8, 1.2). The mean of 
Ve1 and Ve2 is the mean of Gaussian waveform, and the difference between Ve1 and 
Ve2 decides the breadth [3]. Their values are obtained by simulation to approximate the 
real Gaussian waveforms whose breadth is 0.25 and the means are 0, 0.5, and 1 
separately. There are nine weights for this neuro-fuzzy system. Fig. 4 (d) shows the 
output surface of this neuro-fuzzy system compared with the Matlab simulation result 
(c). Here, the weights are 0.1V, 1V, 0.2V, 0.3V, 0.4V, 0.6V, 0.9V, 0.3V, and 0.5V. And 
the input ranges are designed from 0 to 1V. With a square wave input the output 
response shows a rise time of 300ns and a fall time of 280ns in 0.1V~0.85V. It 
corresponds to a speed of 3M FLIPS. 

4   Conclusion 

This paper proposes a low-power two-input/one-output analog CMOS neuro-fuzzy 
chip. Each analog blocks of this neuro-fuzzy system provides characteristics of high 
precision, high programmability, and compact structures. The neuro-fuzzy chip has 
been fabricated in 0.6-μm mixed-signal CMOS technology. It consumes a power of 
only 3.6mW with the complexity of 9 rules. 
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Abstract. This paper presents a new technique for solving the unsupervised 
clustering problem using a pulse based RBF neural network that is optimized by 
a genetic algorithm. In this new approach, the neuron encodes the information 
using the firing times of pulses that are generated by the neurons. Due to 
hardware's speed advantage and its ability to parallelize along with 
reprogramability and reconfigurability, the field programmable gate array 
(FPGA) is used for implementing the proposed approach on-chip. The 
developed on-chip system is capable of solving various problems requiring 
large data set in real time. Experimental verification using a sample data set and 
Fisher’s Iris data set has shown the feasibility of the developed system. 

1   Introduction 

GAs are adaptive heuristic search algorithm premised on the evolutionary ideas of 
natural selection and genetics. GA’s have been applied to many optimization 
problems. Application of GA to increasingly complex problems could overwhelm 
software based GA and cause unacceptable delays. Thus, it may become a necessity 
to implement GA on hardware for solving complex real time problems. One of the 
key characteristics of GA is its repeatability, i.e. the search processes are repeated 
until optimal goals are reached. To ensure efficient hardware implementation of GA, 
repeatability is translated to reusability of hardware resources that results in speed 
advantage. Due to the inherent nature of parallelism in GA, FPGAs seems to be very 
apt for the GA application. Consequently, there is an increase in research in 
reconfigurable hardware systems and hardware GA [1]-[3]. 

GAs can be used to solve a wide range of problems. One such application is the 
unsupervised clustering problem. A clustering problem basically requires a method to 
partition a set of data points in such a way that similar elements or elements close to 
each other fall under one sub group and those dissimilar fall into others. Unsupervised 
clustering problem arise when we have a data set but they are not preclassified, i.e. no 
prior information about any natural subgroups they can form. Researchers [4]-[6] 
have shown that genetic algorithms can have notable success when devising set 
partitions. 
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In our previous work [7], a spiking neuron model that accepts input data, encodes 
and transmits the information with firing times of pulses has been developed. The 
design of the neuron dynamics makes the neuron yield a RBF relationship between its 
input vector and the triggering time of its output pulse with respect to the center 
(which is reflected in the synaptic delays). The proposed pulsed neuron approach can 
be used in various applications include clustering, function approximation among 
others. On account of parallelism in GA and its efficient hardware implementation, 
we use GA to optimize the synaptic delays to reflect the optimal cluster centers in this 
paper. When implemented on-chip, it could perform parallel processing of all data 
points and provides tremendous speed advantage.  

The organization of the paper is as follows. Section 2 presents the basic concept of 
the spiking neuron and it’s functioning. Section 3 deals with the application of GA to 
the unsupervised clustering problem. Section 4 focuses on the hardware 
implementation of the GA. In section 5 we discuss the results along with hardware 
usage. The algorithm has been verified with a sample data set of 68 inputs and the 
standard Fisher’s Iris data set with 150 elements. Section 6 concludes the paper.  

2   Spiking Neuron 

The model of the spiking neural network used in this paper [7] is shown in Fig. 1. As 
shown in the figure, the output neuron, which functions as a radial basis function 
(RBF) unit, receives connections from the input neurons. The dashed segment 
between every input neuron to the corresponding synaptic terminal denotes the delay, 
which is defined as the difference between the firing time of pre-synaptic neuron and 
the time the post-synaptic terminal is activated.  

A typical RBF is usually selected as a function of Euclidean distance between a 
center and the data point. To be consistent with this essential feature of the RBF, the 
spiking neural model is designed such that the synaptic delays 

jid will be selected so 

that their patterns reflect the center of input data points.  
Consider that the input neurons receive an input data set X as 

1 2{ : [ , ,... ] ,  1,2,..., }T
k k k k kNX X x x x k n= = =X  (1) 

where N  is the dimension of the data and n is the size of the data set. Then the 
neurons encode the input information as firing times given by [7] 

( )
2

1

1 N

kj ji ki
i

t T d c x
N

θ
=

= + + − ⋅∑  (2) 

where θ is a threshold value, T  is a reference time, c is a constant, jid is the delay 

from the input to the post synaptic terminal. In this model, the output neuron will fire 
at the time kjt when the integrated potential reaches a threshold θ. This equation yields 

an explicit RBF relation between tkj and the Euclidean distance between the center  
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Fig. 1. Spiking neural network with single RBF unit 

vector T
jNjj ddd ],...,,[ 21

and input vector [ ]TkNkk xxx ,...,2,1
. The shorter the Euclidean distance, 

the earlier the output neuron will fire. 

3   Application of GA to Unsupervised Clustering Problem  

3.1   Representation and Initialization 

A genome (chromosome) is a set of genes. A gene is a set of possible alleles, and each 
of which codes for some characteristic. Consider the Fisher’s Iris dataset [11] that has 
been widely used in cluster analysis as an example. This is a problem with four-
dimensional inputs and three output clusters. The sepal length, sepal width, petal 
length, and petal width are measured in millimeters on fifty iris specimens from each 
of the three species, namely Iris setosa, Iris versicolor, and Iris virginica. Fig. 2 shows 
the chromosome representation of this problem. The chromosome is formulated by 
concatenating the integer codes of the features. As shown in the figure, each feature is 
represented by a synaptic delay jid . It uses 7 bits representation and yields an overall 

28 bit chromosome.  In general, a prior analysis of the feature set should be carried 
out to estimate the suitable number of bits required to represent the features to 
optimize the population size and memory in the chip design.  

The GA population, whose chromosomes are concatenated strings of synaptic 
delays, can be expressed as  

{ }1 2: , ,... ,   1,2,...,  
T

j j j j jNP P P d d d j m⎡ ⎤= = =⎣ ⎦  (3) 

where m is the size of the population. The initial population of m chromosomes is 
generated using a random number generator (RNG) based on the multiple bit lagged 
Fibonacci number generator [10] implemented on the FPGA. It is also worth noting 
that the RNG is implemented such that it can be executed in parallel to all the other 
GA modules such as fitness evaluation, selection, crossover and mutation etc. 
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Fig. 2. Chromosome representation of Fisher’s Iris data 

3.2   Fitness Function Evaluation 

Each input data is connected to an input neuron as shown in Fig. 3. All the input 
neurons are subjected to the same GA population. They are executed in parallel. The 
firing time of the output neuron is generated using (2). For each data input, m firing 
times are produced. Among them, the fastest time would successfully trigger the 
output neuron to fire a pulse. In this study, the fitness function of the chromosome is 
defined as the number of times that the chromosome is able to fire an output pulse for 
different data inputs.  
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Fig. 3. Block diagram of GA based pulse neural network 

Let α  be a preset constant, which is functionally a firing time boundary. The 
fitness function evaluation for one generation can be summarized in Table 1. For each 
input data, there is a winning chromosome among the population. The fitness of the 
chromosomes are then evaluated and the highest rank chromosome, i.e. the winner of 
the generation, is determined. In simpler term, it implies that the delay associated with 
the winning chromosome is able to cluster a significant number of input data. After 

the fitness function evaluation, the optimal delay ( bestP ) and the associated inputs are 

stored for later use. To counter the possible effect of spurious clustering, the cluster 
radius or firing time boundary α  is to be suitably selected. For unsupervised 
clustering, the near optimal α  can only be determined after several training cycles 
with differentα . 
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Table 1. Fitness function evaluation 

%------------------------------------------------------------------
Step 1: Start
Step 2: Initialize 0; 1,2,... ; 1,2,... ;kjC k n j m

Step 3: Parallel computations for all input data k=1,…,n;
Par
{

{ % First input data
j=1;

do
{  Determine 1 jt  using (2); 

j=j+1;
  }  while(j<m);

If 1
1,2...

min j
j m

t ,
1 1 1;j jC C

}

{ % nth input data 
}

}
Step 4: Determine fitness of each chromosome Pj

1
( )

n

j
k

kjFitness P C , for j=1,2,…m;

Step 5: Determine the best chromosome in the generation
 Compute

1,2,...
j

j m

Max Fitness P ,  = bestP jP ;

Step 6: Store  and associated input valuesbestP kX which fired  . bestP
Step 7: End

%------------------------------------------------------------------  

3.3   Selection and Mating  

After the fitness of all the chromosomes are evaluated, the GA enters the selection 
and mating phase. In this phase, the probable candidates are first chosen for crossover 
to form the next generation offspring. The roulette wheel selection scheme for 
choosing the parents for mating has been used. The selection probability λj for each 
chromosome is given by  

( )
( )

1

j

j m

j
j

fitness P

fitness P
λ

=

=
∑

  

(4) 

where the numerator fitness(Pj) is the fitness value of the chromosome Pj and the 
denominator signifies the total fitness of the population. The number of copies that a 
particular chromosome is used in the selection pool is determined as 
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( )j

j

fitness P

fitness
γ =

  
(5) 

where  

1

( )
m

j
j

fitness p

fitness
m

==
∑  . (6) 

Using (4) and (5), a new population of m chromosomes is derived and the system 
proceeds to the crossover stage. As shown in Fig. 3, the fitness evaluation and the 
selection stages are executed in a pipeline to improve processing time.  

Fig. 4 depicts the crossover operation. As shown in the figure, the crossover of two 
individuals is performed on the individual feature independently, i.e. there are N  
independent crossovers per offspring. As all the parents are available after the 
selection phase, crossover operation can be performed in parallel on all the parents. 
This will result in all m offsprings being produced instead of 2 offspring at a time. 
The crossover probability is taken as 40%. After crossover, some of the chromosomes 
are randomly mutated by inverting some of their bit values. The mutation probability 
is kept very low at 4%.  

 

 

 
 
 
 
 
 

Fig. 4. Crossover operation between 2 chromosomes of dimension N 

3.4   Association of Cluster Centers and Inputs 

After the GA has undergone K generations, we have K cluster centers. To extract the 
cluster centers from the results, the following steps are followed:  

1. For those cluster centers (and associated inputs) that have no similarity or are 
disjoint, they are first extracted.  

2. Wherein two or more cluster centers group the same input data points, we 
discard all but one representative.  

3. To deal with data points being associated with more than one cluster center, 
i.e. overlapping clusters, we calculate the Euclidean distance between the 
corresponding features in the data point and the delay elements they are 
associated with. For example, let the input data kX  be associated with L 

chromosomes. The L chromosomes are accumulated in a group 
LG . The 

Euclidean distances between kX  and each of the chromosomes present in 
LG  

is computed. The chromosome Pj  that gives the minimum Euclidean distance 
is taken as the delay associated with the input data point kX . 

... ... 
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a 2a2 b 
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All the above steps are carried out until all the inputs are associated with a single 
delay element. The new population is then fed as new concatenated delays for the 
input neurons and the GA is repeated until all the inputs are associated with a center, 
or reaching 25 generations. Experimental results showed that 25 generations are 
sufficient for optimal clustering of the input data used in this study.  

4   Hardware Implementation 

Both the GA and the pulse neural network have been implemented using the Virtex II 
XC2V1000fg256 FPGA housed in a RC200 developer board. The FPGA has a 
maximum capacity of 1,000,000 logic gates and 5120 configurable logic blocks 
(CLBs). The RC200 board is fitted with two, 2-MB ZBT RAM banks.  

GAs are in general highly parallelizable. In this paper, this feature is exploited to 
improve the system performance. There are a number of ways to parallelize GA [9]. 
In this paper, the master–slave model has been used. In the implementation, the 
master stores the population in memory and the slave carries out all the processes of 
the GA, namely fitness evaluation, selection and crossover/mutation operations. As 
the system can be implemented using a single FPGA, there is little communication 
overhead between the master and the slaves. Furthermore, both the on-chip and off-
chip RAMs have been used for storing and retrieving the data parallely to yield better 
performance. A random number generator (RNG) based on the multiple bit lagged 
Fibonacci generator [10] is utilized to generate random numbers. The RNG is running 
in the background of the forward neural computations so that necessary random 
numbers are ready for the selection, crossover and mutation operations. During 
pipelining such as fitness function evaluation and selection stages, we need to ensure 
synchronism of the modules. Thus, it is necessary to have delay/wait modules to 
adjust the timings of the modules as in Fig. 3 so that the correct values are read in 
during every generation. The implementation is scalable, and we could accommodate 
very high population with the off-chip RAMs which has 2^19 address locations. It is 
estimated that a total of 1,000,000 chromosomes with 36 bits length could be 
accommodated using the proposed approach. 

In the implementation, we have used the Handel C [12] as the coding language. The 
Handel C is a programming language that is based on ANSI-standard C. It is designed 
for compiling programs into hardware such as FPGAs or ASICs. Handel-C targets 
hardware directly, and provides several hardware optimizing features.  At the basic 
level, the coding language’s constructs can be exploited for parallel executing all 
simple statements. For example, it is used in our work for single value assignments 
and transferring the values from one array to another in just one clock cycle. The 
constructs can be written as 

%.........parallel assignment for single value …….% 

Par{count=0, j=1,k=1}; 

%.........parallel assignment for arrays ……% 

Par(i=0;i<100;i++) 

{ buffer[i]=fitness[i] ; 

  buffer1[i]=delays[i]; 

} 
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Another use is the simultaneous calls to functions. Using arrays of functions, large 
blocks of functionality can be generated that execute in parallel. Based on this 
technical platform, parallel forward computations of all neurons and parallel genetic 
computations of all chromosomes are coded explicitly and compiled into digital 
hardware directly. 

5   Results and Hardware Analysis 

The developed system has been experimentally tested using a relatively small and 
simple set of data, namely a sample data set of 68 elements with 7 bits and the 
Fisher’s Iris data. The key objective is to experimentally verify the functionality of the 
developed system before we expand it to full scale in future to other real time 
applications such as clustering of satellite images that have large data set. 

5.1   Sample Data Set  

In the proposed clustering algorithm, α is an equivalent measure of the predefined 
radius of clusters. Fig. 5a shows the sample data points for the testing and the 
resultant clustering with the proposed approach with α =10 units. The GA parameters 
are: population size m=100, number of generations=20, cP  = 0.4, mP =0.04. As shown 

in the figure, the number of clusters after the GA optimization is 4. Fig. 5b shows the 
results with a different value of α =50 units, while all the other GA parameters being 
kept constant. At the end of GA optimization, the number of clusters is 2.  These 
results are consistent with the previously published results [13]. 

5.2   Clustering of Fisher’s Iris Data 

The Fisher’s Iris data set has been widely used for examples in cluster analysis. After 
running the experimental system, the developed system is able to cluster the data set 
in 25 generations. The clock speed of the experimental FPGA board has been set at 50  
 

 

Fig. 5. (a) Clustering of sample data set with α =10 units (b) α =50 units 
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MHz and the timing analysis reveals that the minimum period of execution is 27.934 
ns yielding a maximum frequency of 35.799 MHz. In general, the system takes 
approximately 2 msec to complete one GA generation. Overall, the system takes 
approximately 65 msec to complete the clustering of the Fisher’s Iris data.  

Table 2. Performance comparision 

Method Percentage of correct 
classification 

Proposed method  90.99±.33% 
k-means  88.67%±0.67% 
SOM 87.33%±0.67% 

Table 3. Hardware resouce ultilization 

Logic utilization 
Slice flip-flops 1085(10% usage) 
4-input LUTs 2206(21% usage) 

Logic distribution 
Occupied slices   2037(39% usage) 
Total number of 4-input LUTs   2400(23% usage) 
Total equivalent gate count   220,928 
Peak memory usage   107 MB 

Table 2 compares the accuracy of the proposed approach with two other well 
known methods namely the k-means and SOM for clustering the Fisher’s Iris dataset. 
The dataset can be divided into 3 clusters. Thus for the k-means method, k=3 and for 
the SOM approach, we use 3 Kohonen neurons.  From the Table 2, the results show 
that the proposed approach yields a better performance of more than 2%. 

Table 3 shows the logic utilization and distribution level. From the table, it is 
noticed that the usage of 4-input LUTs is only 23% and the gate count is 220,928 out 
of the 1 million available NAND gates.  

6   Conclusions 

This paper presented an on-chip implementation of a GA based pulse neural network 
scheme. The proposed approach has been applied to the unsupervised clustering 
problems namely, a sample dataset and the Fisher’s Iris dataset. The results have 
shown that the proposed approach is feasible and has reasonably good performance. 
The developed system is very flexible and scalable. It can be extended easily for a 
larger data set (and/or multi-dimensional data) and its speed advantage makes it a 
potential practical approach for real time data clustering.  
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Abstract. Semiconductor Technology and multimedia communication has been 
developed to interest in high quality video and multi channels audio. Especially, 
it is trend to important technology so that DVD market grows rapidly. Mpeg 
audio standard is available support for any bit rate. In this paper, the design of 
Field Programmable Gate Array(FPGA) is presented mpeg audio synthesis fil-
ter by Distributed Arithmetic Look Up Table(DALUT) method. In order to de-
sign for high speed filter that operated from 10MHz to 30MHz and DALUT is 
used instead of multiplier. In this paper, the output is designed by VHDL and is 
verification using C language. VHDL simulation used Model-sim SE 5.7f and 
synthesis is used Synplify Pro 7.2Ver. Target library is used XC4010E, 
XC4020EX, XC4052XL and P&R tool used XACT M1.4. 

1   Introduction 

The Mpeg audio is ISO/IEC standard method for High-quality and multi channels 
encoding. At resent times, all DVD and digital audio method are seeking multi chan-
nel and sound quality [1]. Unlike video compression offers 3 layers. Mpeg audio is 
used polyphase filter-bank, but it is supplementing fault by retreating output of filter 
using Modified Discrete Cosine Transform(MDCT). As different from polyphase 
filter-bank, MDCT part is able to remove aliasing that perform on reversibility con-
version and offers better spectral resolution, and happen from polyphase filter part 
partially. And long block is 18samples to have different blocks and short block is 
composing of 6samples [2]. The filter-bank consists of a 50% overlapped critically 
sampled MDCT which can be switched between block lengths of 256 and 
2048samples. The function of two blocks is as following. The length of long block 
has a better resolving power of frequency in audio signal which has a stable property, 
and the length of short block has a better resolving power of time domain in momen-
tary signal [3]. The transform provided by compaction algorithm of MPEG audio has 
no loss in terms of perceptual hearing system of human beings. Additionally, it pro-
vides 6~12 times compression ratio [4]. 

The one of remarkable features of MPEG audio is the symbolization of subband 
which is the symbolization method to improve signal to noise ratio by dividing audio 
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signal into several bands and lowering each sampling rate of each bands by decima-
tion and then assigning a bit in proportion to the size of signal. Filter-bank could be 
split into polyphase and weighted overlap added filter-bank. MPEG audio is organ-
ized by the same number of sample in both time area and frequency area, and con-
secutive 32units of audio sample are processed as a one module [5][6]. 

However, in this paper the efficient hardware designed using DALUT method in 
the filter part of MPEG audio objectives. In PCM system the audio sampling fre-
quency is formed as following table 1 and 32~224Kbps per a channel is generally 
used in bit rate. 

Table 1. Sampling frequency of Digital Audio 

Index Frequency 
00 44.1KHz 
01 48KHz 
10 32KHz 
11 Reversed 

In this paper, we designed MPEG audio filter part using DALUT method for hard-
ware implementation. This paper is organized as follows. The theoretical background 
of DALUT is described in Sect. 2. Sect. 3 presents designed of synthesis filter and 
LUT for coefficient storage design. Experimental results and conclusions are given in 
Sect. 4 and 5, respectively. 

2   Distributed Arithmetic Look-Up Tables 

The arithmetic sum of products that defines the response of linear, time invariant 
networks could be expressed as equation. 1. 

∑
=

=
k

k
kk nXAny

1

)()(  (1) 

Where )(ny  indicates the response of network at time n, )(nXk indicates the Kth 

input variable at time n, and kA indicates the weighting factor of Kth input variables. 

In filtering applications the constants, kA , are the filter coefficients and the variables, 

kX , are the prior samples of a single data source. In frequency transforming -

whether the discrete fourier or the fast fourier transform- the constants are the 
sine/cosine basis functions and the variables are a block of samples from a single data 
source [7]. The multiply intensive nature of could be appreciated by observing that  
a single output response require the accumulation of K product terms [8]. We  
defining the number format of the variable to be 2’s complement, fractional a stan-
dard practice for fixed point microprocessors in order to bound number growth under 
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multiplication. The constants may have a mixed integer and fractional format [9]. The 

variable, kX , may be written in the fractional format as shown in equation 2. 

∑
−

=

−+−=
1

1
0 2

B

b

b
kbkk XXX  (2) 

Where kbX  a binary variable and could be assume only values of 0 and 1. The time 

index has been dropped since it is not needed to continue the derivation. The final 
result is obtained by first substituting equation 1. 
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Each term within the brackets denotes a binary AND operation involving a bit of 
the input variable and all the bits of the constants. The plus signs denote arithmetic 
sum operations. The exponential factors denote the scaled contributions of the brack-
eted pairs to the total sum. And the constructed Look-Up Table that can be addressed 
by the same scaled bit of all the input variables and can access the sum of the terms 
within each pair of brackets [10]. Fig. 1 shows that DALUT address and contents part. 
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Fig. 1. The distributed arithmetic look-up table 

The arithmetic operations have been reduced to addition, subtraction, and binary 
scaling. With scaling by negative power of 2, the actual implementation entails the 
shifting of binary coded data words toward the least significant bit and the use of sign 
extension bits to maintain the sign at its normal bit position. The hardware implemen-
tation of a binary full adder entails two operands, the addend and the augend to pro-
duce sum and carry output bits. 
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3   FPGA Implementation of Synthesis Filter 

The synthesis filter requires the four arithmetical operations and accumulation, and in 
order to execute these operations it is represented by 2’s complement and can run the 
operation. In a portion of MPEG audio decoder the part that has the most operation 
quantity is the synthesis filter. So in order to operate at high speed pipeline architec-
ture is selected, and a multiplier is canceled by making the result of multiplication 
with cosine function into a table. 

3.1   Design of Distributed Arithmetic Look-Up Table 

In order to raise the rate, DALUT realized in the synthesis filter can reduce each table 

size by “Filter coefficient ⅹ 42 ” by using shift addition of the result of multiplication 
between 4bit filter coefficient and hexadecimal 1digit. This composition is called parallel 
DALUT and the multiplication process of parallel distributed arithmetic LUT is de-
scribed in fig. 2. Fig. 2 shows that the multiplier of parallel distributed arithmetic LUT. 

 

Fig. 2. Multiplier of parallel DALUT architecture 

There is Look-Up table selector to make it possible for the selection of LUT which 
is suitable for block type of input signal and according to block type. The data array’s 
size is 12 when the block type is 2, and in order case (0, 1, 3) there is the output ad-
dress decoder which decodes a higher address by dealing with 36 data as a block and 
using 6bit counter. Allow 5 units of 4bits distribution input to make an output in ac-
cordance with a lower address. Five distributed arithmetic LUT output is generated by 
clock synchronization at the same time. It means that 21data is generated, and output 
data could be multiplied by 4bit shift addition. 

All multiplication are generated as a positive real value so that the size of distrib-
uted arithmetic LUT is 1/2 and therefore the negative of input is calculated by using 
XOR according to a sign. Fig. 3 is the parallel pipeline multiplier including distrib-
uted arithmetic LUT, shift adder and accumulator. Whole blocks are operated by 
clock synchronization and have purpose of speed control, initializing, operation pin to 
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make the control of external controller convenient. Each LUT consists of one memory 
cell by using all the same memory space that table and table selector are combined 
into XC4010E. This block is for the solution of cosine function’s multiplication. And 
the result of multiply synthesize window has must again operation and this also has 
the same architecture. It is processed within 24bit so that bigger bit is designed merely 
be able to calculate an accumulation result within 41bit. 

 

Fig. 3.  Parallel pipeline multiplier using DALUT 

Fig. 4 is representing LUT on the part of Digital audio decoder. 

 

Fig. 4.  Digital audio decoder LUT 
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3.2   LUT for Storage of Coefficients and Short Blocks Overlap Addition 

In operating the parallel process LUT consists of one memory cell. And it is easy for 
LUT to be composed by multiple port memory only for reading. LUT can receive five 
addresses synchronously and specify respective five address space. Additionally it has 
five data buses so that it can generate five coefficient values synchronously. Because 
LUT receive a distribution signal sequentially, its can own control circuit within it-
self. Windows sequence is divide into Long(1024 samples) and Short(245 sample) 
that called a block type. In case of short block type, arrange 8 short windows into 
1024 blocks because short windows overlapped addition. When short windows length 
exceeds 1024 of overlapped addition buffer because long windows and block length 
are different. Therefore, process dividing short windows 4th, fifth by nonlinear mem-
ory in criterion of short offset value. And others block to refill from first of overlap 
additions. Short offset value is toggled by 1 when is 0 and long state sequence in reset 
states. Fig. 5 shows that overlapped addition of short block. 

 

Fig. 5.  Overlap addition of short block 

4   DALUT Simulation and Verifications 

4.1   Parallel Pipeline Design 

LUT each output result could be added by using CSA. It is composed of 4bit RCA by 
basis group adder. And we designed so that can do carry select using multiplexer. In 
the part where a parallel process is impossible, it is designed to process the pipeline 
with a pipeline register located in the middle part. All the representation of numbers 
use the 2’s complement and 1’s complement could be converted into 2’s complement 
if the adder receives a carry input. In the distributed arithmetic LUT, table and arith-
metical operation part are synthesized respectively and the last character in arithmeti-
cal operation part represents a bit width. If whole part of LUT is realized by FPGA,  
it occupies a lot of CLB spatially so that a memory cell is stored in ROM and only 
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control block of LUT is synthesized FPGA. In case of simulation the value of ROM is 
verified by providing it with a component form. Fig. 5 shows that the parallel pipeline 
schematic architecture and describes the part which represents the whole hierarchy 
structure of synthesis filter using DALUT. 
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Fig. 5.  Synthesis filter block diagram of parallel pipeline architecture 

4.2   System Synthesis and Verifications 

In this paper, the synthesize filter is the part which required to be realized. It could be 
realized by port mapping all blocks designed in sub blocks and connections. Fig. 6 
describes the part which represents the whole hierarchy structure of synthesis filter 
using DALUT. Fig. 6 represents simulation result of the entire system. 

 

Fig. 6. Simulation result of synthesis filter 
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In this paper, used XILINX FPGA resource, table2 represents FPGA sources 
which compose entire synthesis filter. 

Table 2. XILINX FPGA design resources of synthesis filter 

FG Function Generators 1274 
H Function Generators 253 
Number of CLB cells 973 
Number of Hard Macros and Other Cells 274 
Number of CLBS Other Cells 322 
Total Number of CLBS 1295 
Number of Ports 93 
Number of clock pads 0 
Number of IOBs 0 
Number of Flip Flops 1496 
Number of 3-state Buffers 0 
Total number of Cells 1247 

5   Conclusions 

In this paper, the synthesis filter part is realized by FPGA using DALUT method. To 
realize a high speed filter a DALUT method is used instead of a adder so that the filter 
is able to operates at least 30MHz and the maximum frequency of the cheap designed 
operates on 70MHz. There is 30% improved in aspect of the operation speed. Because 
DALUT structure doesn’t need a multiplier, a memory that has a large capacity is 
required instead of a high speed processor. All system modules are designed by 
VHDL so that it is very easy to apply for ASIC. The realized system is divided by 
several FPGA and synthesized but when using ASIC, synthesize efficiency is im-
proved so much that the size becomes much smaller significantly. And due to im-
provement of speed, actually it can decode more than 50channels. The high level 
computers capacity and long time are required for entire simulation and the verifica-
tion of result is also very difficult works. 

The verification is operated by comparing software composed by C language with 
simulation result that is using ECAD tools. It stores the file of 2’s complement output 
by using text-IO of VHDL. In this paper, the suggested synthesis filter of DALUT 
method could be easily applied to DSP chip used in sound codec of digital audio. 
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Abstract. To satisfy the requirement of embedded video encoder in various 
scenarios, an embedded universal video coding system based on embedded 
processors is proposed in this paper, which combines the advantages of multi 
processors in single architecture. According to different channels, two feasible 
solutions are given to avoid the overflow and underflow of buffer while 
transmitting the compressed data. Due to limited computational resources and 
real-time application requirement, each module of the MPEG-4 codec is 
reviewed and efficiently implemented based on the embedded hardware 
platform. Experimental results show that the embedded system can successfully 
be used for real-time application. 

1   Introduction 

With the rapid development of Internet and mobile communication, digital image 
communication has played a more and more important role in multimedia services. 
But one problem occurs according to the digital video, it’s mass of data. So reducing 
the transmission bit-rate and concomitantly retaining video quality has become a 
challenge for efficient video compression. As we know, there are several established 
international standards, such as H.263 [1], MPEG-4 [2] and JVT [3]. As one of the 
best compression standards, MPEG-4 is adopted frequently for many applications. In 
recent years, with the advent of high speed and low power embedded processors, the 
increasing demands for embedded real-time digital video application, which mainly 
based on programmable devices, like Digital Signal Processor (DSP), RISC, FPGA, 
ARM et al, have attracted tremendous attention. Embedded processors process data 
stream by specific algorithms that take advantage of the high integration scale, 
robustness and flexibility of the digital circuits. However, due to the limitation of chip 
resource and complexity of algorithm, efficient algorithm and implementation is 
necessary to achieve real time.  

The rest of this paper is organized as follows: In Section 2, we give a systematic 
view of an embedded video system and point out some key points when practicing a 
similar embedded system. Section 3 explains the main idea of MPEG-4 video 
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compression techniques. In Section 4, some implementation and optimization details 
are described, and experimental result based on a test platform is provided. Finally, 
concluding remarks are given in Section 5. 

2   System Description 

Generally speaking, embedded processors have such characteristics as high-speed 
performance frequency, high-speed memory bus, flexible memory controller and the 
ability to handle variable-latency I/O devices. They sustain multi-operand parallel 
instruction set and special DMA bus. With the higher integration, some embedded 
processors have transmission port, such as Multi-channel Buffered Serial Port 
(McBSP) and Ethernet-network MAC, in the chip. 

Fig.1 shows the whole data flow of the universal system made up of three modules: 
encoder, decoder and transmission/ receiving. On the encoding side, raw live video 
data is captured and then stored into an input buffer in a given format like YUV 4:2:0. 
The encoder receives extern instruction to do initialization and adjustment first, then 
encodes the video data and stores the compressed bit stream into an output buffer. The 
transmitter takes the task of getting data from output buffer and then puts all these bits 
to channel with a constant/variable speed. On the decoding side, the receiver reads 
data from channel and writes into the receive buffer. The decoder gets data from the 
receiving buffer if available and decodes them. Finally, after the post-processing, 
decoded video is displayed on the screen. We can see that the whole architecture of 
encoder and decoder is symmetric. Embedded processors are the kernel of the 
framework. So we can design two similar hardware platforms except the transmitter 
and receiver. There are two kinds of channel type, which are Variable Bit Rate (VBR) 
and Constant Bit Rate (CBR), so we proposed two feasible solutions to avoid the 
overflow and the underflow of output buffer while transmitting the compressed data. 

 

Fig. 1. System architecture 

1. VBR: variable bit rate like wireless LAN, GPRS 
We design a circular buffer as output buffer as is shown in Fig.2 (A). The buffer is 

divided into several parts. Each compressed frame of video sequence is written into 
each part. 
2. CBR:  constant bit rate like McBSP 
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In the system, the compressed bits are written into the output buffer at an 
inconstant speed, while the system sends the data to channel at a constant speed. So, 
according to the difference between the two speed, we design and accomplish a 
software FIFO (First in First out) to avoid the output buffer overflow and underflow, 
which is shown in Fig.2 (B). 

 

Fig. 2. Output buffer diagram 

 Avoid buffer overflow 
Before compressing the next frame, we check the empty space of buffer that 

whether the compressed bits can be stored or not. If not, encoder will not compress 
the next frame and wait for a short time until there is enough space. 

 Avoid buffer underflow 
After writing the compressed bits, we check the fullness of the buffer whether it 

has achieved a possible underflow threshold or not (Generally, the underflow 
threshold value is set to 10%). If so, a certain amount of “0” will be filled into the 
output buffer until 10% space is captured. 

3   MPEG-4 Review 

MPEG-4 standard aims at providing standardized core technologies allowing efficient 
storage, transmission and manipulation of video data in multimedia environments. It 
employs a Motion Compensation based DCT coding scheme. As is shown in Fig.3, it 
consists of DCT, ME/MC, Quantization, VLC, Rate Control and Image reconstructed. 
The coded frame type can be intra frame (I), forward predict frame (P) and 
bidirectional prediction frame (B), and P, B frame can also be called inter frame. The 
basic encode unit is 1616 × Macroblock, and then Macroblock is divided 
into 88 × blocks. The details are explained as follows: 
DCT (Discrete Cosine Transformation): DCT is a reversible transformation used to 
map spatial image into a set of frequency coefficients. It is well known that different 
DCT coefficients represent different information of image. Usually, low frequency 
coefficients can tell the silhouette of image and high frequency coefficients can tell 
the detail information of image, which has small magnitudes and can be coarsely 
quantized or discarded with little image distortion. 
Quantization: According to human vision system, the quantization matrix is used, 
and each DCT coefficient is divided by the value on the corresponding position on the 
matrix to reduce or eliminate some of unimportant data. 
VLC (Variable Length Code): The 8x8 blocks of transform coefficients are scanned 
with “zigzag” scanning. A three dimensional variable length code (LAST, RUN, 
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LEVEL) is produced by run length code. With a fixed-probability code table, 
Huffman coding is used to code coefficients. 
RC (Rate Control): Rate control in video coding has a significant influence on the 
bits and image quality. The goal of rate control algorithm is to distribute the coded 
bits properly to each Macroblock at a given total bits budget. Generally algorithm 
adopts a Rate-Distortion model to calculate the quantization step. 
Image reconstructed: After compressing one frame, the coefficients are decoded and 
copied to the reconstructed frame buffer as a reference frame for prediction. This 
process consists of IDCT, filter, frame buffer and Inverse quantization. 
ME/MC (Motion Estimation and Compensation): For inter frame, the current 
Macroblock/block finds out the best match prediction block with the minimum SAD 
value in search window of prediction frame. And the distance between current block 
and prediction block is called motion vector. The core of algorithm is search strategy 
and matching criteria to get the motion vector. 

 

Fig. 3. The structure of the mpeg-4 video encoder 

4   Software Optimized Implementation 

Our implementation is on such embedded hardware platform, shown in Fig.4, which is 
based on TMS320DM642 of TI cop and FPGA. TMS320DM642 is a fixed-point DSP 
with 600MHz frequency, 256KB RAM and the CPU consists of 8 parallel processing 
units. Some system level optimization methods are used, which are all described in my 
previous paper [6]. Experimental results show that these methods enhance the 
performance of the encoder more than 30 times. Corresponding to each function in 
section 3, some other major optimized implementation issues are discussed: 

4.1   DCT/IDCT 

TI Corp provides IMGLIB (image/video processing library) and DSPLIB [7],two sets 
of assembly-optimized key functions for data processing. By reasonably utilizing 
available resources and avoiding potential resource conflicts, each function in the two 
libraries is designed to achieve the best performance, such as IMG_fdct_8x8 and 
IMG_idct_8x8. 
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Fig. 4. Hardware Framework 

4.2   Quantization/ Inverse Quantization 

Quantization is the sole part that introduces distortion in compression. In MPEG-4 
standard, a two-step quantization is adopted. Since human visual characteristics are 
considered, the two-step quantization obtains better subjective quality. But because of 
the division and floating-point computation, the encoding complexity is increased at 
the same time (especially in the embedded systems based on fixing-point processor). 

To solve these problems, an efficient quantization computation method (EQ4DSP) 
based on fixed-point DSP has been proposed. The reference [8] describes the details. 
Here is the example in inter mode: 

The quantization in MPEG can be described as Eq. (1). 

16

2 _
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QP Quant Mat
= ×

⋅ ⋅  
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We transform Eq.(1) as: 
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Where “ >> ”denotes right shift, N denotes bits of right shift. SelfQuant _ is new 

pre-constructing shift quantization matrix for every QP . 

By equivalently transforming original quantization equations and pre-constructing 
shift quantization matrix, complex division and floating-point computations are 
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replaced by simple fixed-point multiplication and shift operations. Furthermore, the 
conditional criterion and branch jump in the saturation can be avoided. So the 
efficiency of quantization is improved greatly. 

But it still can not meet the real-time coding requirement, so we optimize the 
procedure at C-code level. Main optimization methods based on our experience 
consist of the following parts: 

1. The first optimization step that can be performed on the DSP platform is to use 
compiler options. To get better performance, we need trade off the improvement of 
execution speed and incresement of code size. 

2. Using intrinsic function to replace complicated C/C++ code and the packed data 
processing to maximize data throughput. The C6000 compilers support special 
functions called intrinsic operators, such as _add2, _mpy, _lddw, _mem4_const, etc. 
those intrinsic operators can be translated into efficient assembly code and can 
improve the execution speed,  

3. Unrolling loop to increase software pipelines. Since the compiler only evaluates 
the possible loop optimization at the top of loops, we need expand small loops 
manually and unroll inner loop. 

4. Replace the multiply and division by the logic shift because of higher speed. 

To improve efficiency further, we use linear assembly to rewrite the key functions. 
The compiler allows writing linear assembly code without being concerned with the 
pipeline structure or registers assignment. The compiler assigns registers and uses 
loop optimization in order to turn linear assembly into highly parallel assembly.   

Take the quant_intra function for example, after optimization the core loop code 
has higher parallelization that even achieves seven instructions parallel in one clock 
cycle. The result is shown in Table 1 and more details are described in subsection 4.6. 

4.3   VLC 

The 8x8 blocks of transform coefficients are scanned with “zigzag” scanning. A three 
dimensional variable length code (LAST, RUN, LEVEL) is produced by run length 
code. With a fixed-probability code table, Huffman coding is used to code 
coefficients. 

The code table composed of (Run,Level,Last) is an typical unsymmetrical binary 
tree, and is sparse at the root, so the whole table will consume lots of memory. Due to 
the limitation of the memory resource in our system, we divide the whole table into 
several small tables. The index item of each code table represents table’s memory 
space. We get the scanning result and use look-up table to find the item position in 
table, and then get the code. These small tables can reduce memory space and be 
suitable for embedded application. 

4.4   Rate Control 

To achieve the requirements of low delay and high efficiency, the low delay rate 
control algorithm is proposed in my paper [9]. It uses slice bits allocation method 
based on histogram of difference image and Rate-Distortion control strategy. 
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The HOD between frame m and n is provided as follows: 
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Where i is the index of quantization bin, Here hod(i) is the histogram of  the 
difference image between fn and fm, Npix is the number of pixel, TH is the threshold 
value for detecting the closeness of the position to zero. 

With the HOD value, the target bits of the slice 
ksliceT can be calculated with 

formula (5). 
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Here 
ksliceT is the target bits for slice k, 

kHOD is the HOD for slice k in current 

frame, 
remB is the remaining bits before encoding current frame, 

remN denotes the 

remaining frame number. 
remsliceN denotes the number of remaining slice in current 

frame and 
usedR is the used bits in current frame. 

The quantization step QP for the current slice is calculated with the R-D formula (6). 

12 X1X2 −− ××+××= QPMADQPMADT  
(6) 

The encoding bits are denoted as T. The image complexity is mean absolute 
difference (MAD) of overall slice. The quantization step is denoted as QP. The model 
parameters are denoted as X1 and X2. 

Experimental result demonstrates that the improvement of architecture and 
algorithm can enhance the subjective image quality and decrease the overall delay. 

4.5   Image Reconstruction 

In the system, image reconstruction consists of IDCT, filter and frame buffer and 
Inverse quantization. The improved parts are quite similar to DCT and quantization. 

4.6   ME/MC 

ME algorithm consists of two stages, integer-pixel accuracy motion estimation (IME) 
and half-pixel accuracy motion estimation (HME). 

To improve efficiency and avoid above defects, we put forward the improved 
algorithms which are proposed by our research group: smooth motion vector field 
adaptive search technique (SMVFAST) [12], and fast sub-pixel motion estimation 
algorithm* (FSME*) [13]. 
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Furthermore, FSME* directly calculates the best position according to the 
neighboring integer sample value and the intermediate result of IME. The algorithm is 
mainly based on that a 2-D motion can be divided into two 1-D (horizontal and 
vertical direction) motions, and then the best position can be calculated respectively at 
the horizontal and vertical direction. FSME* experimental results show that it obtains 
similar PSNR to HME with only 0.02dB-0.07dB quality decrease on average and 
nearly 50% time of HME drop, and what’s more FSME* don’t need additional 
memory space for half-pixel image. 

After implementing algorithm, we optimize the system further at code level. For 
example: sad16 function with two loops used to calculate the SAD value, interpolate 
function (InterpolateH, InterpolateV, InterpolateHV) used to perform the reference 
region interpolation and transfer function (Transfer16to8sub, transfer_16to8copy, etc) 
used to achieve the compensation. These functions spend mostly time of ME/MC 
processing. So we optimize these by using linear assembly. 

The following is a linear assembly sample of sad16 function partly with two loops. 
We unroll inner loop and use the extended packed data intrinsic operation like 
_ldndw, _stdw and the intrinsic operators like _subabs4, _dotpu4. The optimization 
result is given in Table 1. 

Original C code: 
for (j = 0; j < 16; j++) { 

for (i = 0; i < 16; i++) { 
 sad += abs(*(ptr_cur + i)- *(ptr_ref + i)); 

} 
 ptr_cur += stride; 
 ptr_ref += stride; 
} 

Linear Assembly code: 

LDDW           * A_srcImg ,     A_s7654:A_s3210 
LDNDW          * B_refImg ,     A_r7654:A_r3210 
SUBABS4        A_s7654,         A_r7654,    A_d7654 
SUBABS4        A_s3210,         A_r3210,    A_d3210 
DOTPU4         A_d7654,         A_k1,       A_s1 
DOTPU4         A_d3210,         A_k1,       A_s0 
ADD            A_sad,           A_s1,       A_sad 
ADD            A_sad,           A_s0,       A_sad 

We optimize original C code by unrolling inner loop and utilizing assembly 
instruction. In Linear assembly code, LDDW and LDNDW instruction can load 64-
bits data from memory and store into register at 5 cycles.SUBABS4 can Calculate the 
absolute value of the differences for each pair of packed 8-bit values.DOTPU4 can 
multiply each pair of 8-bit values in operand and sum four products.  

In order to refine linear assembly code, we consider the function unit and register 
assignment. Fig 5 shows the function unit and registers assignment. DSP has two side 
ways register, A-side and B-side, Each side has 16 registers. We assign A-side 
register for LDDW instruction and B-side register for LDNDW instruction. LDDW 
.D1 uses the data path D1,A-side register, LDNDW .D2 uses the data path D2, B-side 
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register. There is no conflict of register and function unit, and the performance of the 
sad16 function is improved greatly. 

  

Fig. 5. Functional unit and registers assignment 

Table 1. Comparison of run cycles on DSP 

Function Fdct InterpolateH Sad16 Transfer 
16to8sub 

quant_intra 

Original 9342 16488 8760 5523 5126 
C-Code --- 1757 1851 1835 --- 
Assembly 220 131 132 129 166 
Futher --- 125 121 119 --- 
Multiple 42.46 131.90 72.39 46.41 30.88 

Table 1 lists some results of code optimizations, and fdct use the library of IMGLIB. 
Experimental results show that code optimizations improve the performance notably; 
the executive cycles of some functions improve more than 100 multiples. 

After optimization and implementation, the final result [6] of the project in Table 2 
can achieve real-time application for the encoding with the multi-channel CIF format. 

Table 2. Performance result 

 Non-Optimization Optimized 
Frame Rate 0.32~0.37 25.58~27.61

5   Summary 

In this paper, we describe an embedded multimedia coding hardware platform based on 
embedded processors, which always combine multi processors in a single architecture 
and consist of encode, decoder and transmission/receiving modules. Considering the 
channel with a constant/variable speed, two feasible solutions that output buffer design 
and buffer control strategy are given to avoid the overflow and the underflow while 
transmitting the compressed data. And then by in-depth studying MPEG-4 standard and 
its verified model, each modules of codec are efficiently implemented based on an 
actual hardware platform. Experimental results prove that the actual system can encode 
video efficiently and achieve multi-channel real-time application.  



 Video Encoder Optimization Implementation on Embedded Platform 879 

References 

[1] ITU-T Draft Recommendation H.263, Video coding for low bitrate communications. 
Dec. 1995. 

[2] MPEG-4 Video Verification Model version 15.0 [S]. ISO/IEC JTC1/SC29/WG11 N3093, 
Maui, Dec 1999. 

[3] T. Wiegand, G. Sullivan. Working Draft Number 2, Revision 8 (WD-2, rev 8). Joint 
Video Team (JVT) of ISO/IEC MPEG and ITU-T VCEG, April 2002. 

[4] Zhao Baojun, Shi Caicheng, Bi Li et al. Implementation of Real Time 2D DCT with 
FPGA and DSP, Acta Electronica Sinica .2003Vol.31,No.9,sep.2003:1317-1319. 

[5] Jicheng Chen, Qingdong Yao, Peng Liu, Ce Shi, DSP with Some RISC Feature for 
Embedded System, ICSP'2004 Proceedings 

[6] Wei Li, Qing-Lei Meng, Chao-Gang Wu, An Embedded 4-Channel Real-Time 
Multimedia Coding System, International Conference on Multimedia Modelling, 
MMM2006, January 2006 

[7] Spru190.pdf,TMS320C6000 Peripherals Reference Guide 
[8] Li Wei. Research of video coding and Dsp-based implementation [Ph.D. dissertation]. 

Beihang University, Beijing 2003 
[9] Qinglei Meng, Chunlian Yao, and Weijin Huang, Low Delay Rate Control Algorithm for 

an Embedded Video Encoder,1st International Symposium on Systems and Control  in 
Aerospace and Astronautics, ISSCAA 2006, January 2006 

[10] K. K. Ma, P. I. Hosur, “Performance Report of Motion Vector Field Adaptive Search 
Technique (MVFAST)”. In: ISO/IEC JTC1/SC29/WG11 MPEG99/m5851, Noordwijkerhout, 
NL, Mar. 2000. 

[11] A.M. Tourapis, O. C. Au, and M. L.Liou, “Fast Block-Matching Motion Estimation using 
Predictive Motion Vector Field Adaptive Search Technique (PMVFAST)”, In: ISO/IEC 
JTC1/SC29/WG11 MPEG2000/m5866, Noordwijkerhout, NL, Mar. 2000. 

[12] Li Wei, Zhou B, Li B, A Fast Motion Estimation Algorithm Using Adaptive Motion 
Vector Field Search, Chinese Journal of Computers, 2003, 26(2): 168-173. 

[13] Zhang Jinyin. Block Matching Sub-pixel Motion Estimation and Its Application 
[M.S.dissertation]. Beihang University, Beijing 2004 



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 880 – 883, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

Effect of Steady and Relaxation Oscillation Using 
Controlled Chaotic Instabilities in Brillouin 

Fibers Based Neural Network 

Yong-Kab Kim1, Soonja Lim1, and Dong-Hyun Kim2 

1School of Electrical Electronics & Information Engineering, Wonkwang University, 
344-2. Sinyong-Dong, Iksan, Chon-Buk 570-749, Korea 

ykim@wonkwang.ac.kr 
http://www.forlab.wonkwang.ac.kr 

2Department of Mechanical Engineering, Wonkwang University 
344-2 Sinyongdong, Iksan, 570-749, Korea 

ncatkim@hanmail.net 

Abstract. In this paper the effect of steady and relaxation oscillation in optical 
fiber based on neural networks and hardware implementation is described. The 
inherent optical feedback by the backscattered Stokes wave in optical fiber 
leads to instabilities in the form of optical chaos. The controlling of chaos in-
duced transient instability in Brillouin-active fiber based smart structures leads 
to neural networks with steady and relaxation oscillations. Controlled chaotic 
instabilities can be used for optical logic and computations and optical sensing. 
It is theoretically possible to apply the multi-stability regimes as an optical 
memory device for encoding and decoding and complex data transmission in 
optical systems. These memories can be estimated as an optical logic function 
used for all-optic in-line switching, channel selection, oscillation, optical logic 
elements in optical computation with neural network application. 

1   Introduction 

Optical fibers based on neural networks application and hardware implementation 
have been extensively used in optical systems [1], [2]. Recent interest has been also 
focused on using optical fibers as sensors since fiber parameters are sensitive to the 
fiber immediate environment [3]. Specially, in the case of stimulated Brillouin scatter-
ing (sBs) sensor, the backward scattering nature of scattering has long been viewed as 
an ultimate intrinsic loss mechanism in long haul fibers since Brillouin threshold 
decreases with increasing effective fiber length. On the other hand, the very backscat-
tering nature of this process and the existence of a threshold, provide potential optical 
device functions, such as optical switching, channel selection, amplification, sensing, 
arithmetic and neural functions in optical signal processing, and neural network appli-
cations and hardware implementation. 

Active device in optical systems generally require the employment of nonlinearity, 
and possibly feedback for increased device efficiency. The presence of nonlinearity 
together with intrinsic delayed feedback has been repeatedly demonstrated to lead to 
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instabilities and optical chaos [4], [5]. This phenomenon has extensively investigated 
by us for its potential detrimental effect to the Brillouin fiber sensor [6], [7].  

An artificial neuron, used in neural network research, can be thought of as a device 
with multiple inputs and single or multiple outputs in hardware implementations. The 
inputs to a neuron are weighted signals. Neuron-type operations can be performed by 
an optoelectronic system that uses sBs for the weighted summation required in a neu-
ron. Weighting can be achieved by optical summation and subtraction, conveniently 
carried out in an optical fiber using sBs. Weighted additions and subtractions are 
needed in many situations. For example, a neuron performs weighted summation of 
the incoming signals. The performance of such a device will enhance if it operates 
optically. We propose to study a system that can perform the practical implementation 
of a Brillouin-active fiber for optical neural net, neural function by exploiting the 
acousto-optic nature of the sBs process [6], [7]. 

2   SBS Network Implementation 

A practical sBs logic implementation of theoretical neuron based neural networks and 
hardware implementations, as shown in Figure 1.  

outputchaotic
system Interface

  Micro-
computer

 Input
system

Optical Fiber
System

Detector
 system

RR

BB

B

 

Fig. 1. Schematic diagram for controlling chaos induced instability in optical fiber based neural 
network system. The optical implementation included a chaotic system configured. 

A stabilized cw probe laser operating was used as a pump source for low scattering 
losses in the fiber. Some levels of temporal instability and chaotic behavior in the 
backscattered intensity and also in its spectral line shift have been observed(see 
Fig.2). It is thus essential to know whether insertion of an amplifier will further desta-
bilize the optical system. When the pump power reaches a threshold value, a temporal 
structure arises in the backward signal, consisting of a periodic train of Brillouin-
wave pulses as shown in Figure 2(a). The Brillouin pulse train amplitudes remain 
unstable, particularly just below pump threshold. When the observation is made using 
a long time scale (100μsec/division), the Brillouin output exhibits randomly distrib-
uted trains of periodic pulses. Partial stabilization of amplitude fluctuations is 
achieved as laser pump power approaches maximum value. These experimental fea-
tures are shown in time domain in Fig. 2 (a) and (b). 
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μsec/div

(a) (b)

μsec/div
 

Fig. 2. Temporal structures of sBs instability (a) immediately above threshold, (b) high above 
threshold with chaos. The whole time scale is used in 100 μsec/division. 

In the data presented, mechanical vibrations could be partially responsible for these 
Brillouin-temporal instabilities, because small amplitude fluctuations with similar 
frequencies were observed below the Brillouin threshold. The results attribute these 
Brillouin instabilities to phase fluctuations between direct and coupled pump intensity 
in the optical fiber systems. 

(a) (b)

μsec/div μsec/div

 

Fig. 3. Transiently controlled sBs chaos induced instabilities at immediately above threshold (a) 
high above threshold (b). The examples of sequence of suppression are assigned by ‘0’ and ‘1’ 
symbols. 

The temporal evolution immediately above threshold is periodic and at lower in-
tensities can become chaotic. If suppressing by attractor proves to control chaos then, 
suppressing under natural chaos can be exploited as a means of sensing structural 
chaos. The examples of sequence of suppression are assigned by ‘low level’ and ‘high 
level’ states. Multi-stable periodic states, as shown in Figure 3 (a) and (b), can lead to 
logic ‘0’ or ‘1’ and can in principle create large memory capacity as  input bit streams 
in transmission data network systems. The examples of sequence of suppression are 
assigned by ‘low level’ and ‘high level’ states as shown in Figure 4 (a) and (b). Its 
implementation still requires much engineering improvements, such as arriving at a 
spatial resolution that is comparable to the references or speckle, and suppression of 
its tendency to chaos. 
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Fig. 4. Theoretically possible sequences of bifurcation are assigned by low level, high level 
symbols as (a) 0101010 ···  and (b) 0001010 ···  

3   Conclusions 

We studied that the neuron operation with steady and relaxation oscillation using 
controlled chaotic instabilities in optical system leads to neural networks with 
multistable periodic states. It can be used for optical logic and computations, optical 
sensing and optical arithmetic render such a scheme as the neural networks in smart 
structures. It is theoretically possible to apply the multi-stability regimes as an optical 
memory device for encoding, decoding data transmission in optical systems. 
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Abstract. This paper presents a miniature device, which is used for stimulating 
to and recording from the brain of an animal, based on system on chip 
(nRF24E1). Its performance is validated by in vivo experiments, in which rats 
are trained to run down a maze to respond to auditory instruction cues by 
turning right or left in order to get an electrical stimulation ‘virtual reward’, and 
by comparing spikes recorded from the brain of rats between our device and a 
commercially available device (Spike2, Cambridge Electronic Design Ltd.). 
Results show that our device can work reliably and stably, and with notable 
characteristics of light weight (9g, without battery), simplicity and practicality. 

1   Introduction  

Electrical stimulation has been widely used in electrophysiology researches and for 
treating a variety of neurologic disorders [1,2], and recently for the locomotion 
control of animals [3-5]. The neural signal recording, on the other hand, has been used 
to understand the functions of the brain [6-8]. Their combination would not only have 
significance for biomedical, artificial intelligence and cognitive researches, but also 
have practical value in “animal robots” [9,10]. 

But the commonly used electrical stimulators or neural activity recorders need 
either high operating voltage or cable connection, which makes them very complex 
and heavy, and thus, they are limited to enclosure environments or used for big 
shaped animals or human body [11-13]. With the advance of microelectronic 
technology and the validity of direct brain stimulation by digital signal, there emerged 
different types of miniature or implantable devices for neural stimulation or recording 
[3-5,11-15]. But, either they are fabricated with specific technology such as ASIC, 
which means they are costly and not flexible, or need complex surgery to be 
implanted. Although there exist some mini-telemetry devices, which are designed by 
discrete analogy circuit for RF transmitting and used for small animals or even insects 
[14,15], none of them can communicate in bi-direction. On the other hand, except for 
electrical stimuli, physical stimuli (such as sound) may also play a key role in 
behavioral experiments, and this lacks in present miniature devices. In [16], we 
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presented a remote controlled multi-mode stimulator but without the function of 
neural activity recording. This purpose of paper is to present a miniature device for bi-
direction communication, that is, it can not only generate electrical stimulation to and 
record the neural signal from the brain, but also give audio stimulation. 

The arrangement of this paper is as follows: In section 2, the whole system design 
is presented, and then, preliminary performance tests are given in section 3. Finally, 
section 4 details the conclusions. 

2   System Overview  

The system is composed of two parts: the main one, which is referred to as front-end, 
is a miniature device carried on the back of an animal, and the other part (back-end) is 
a PC and a RF transceiver, which links the PC and the front-end, as shown in Fig.1. 
After being set from the PC, the commanding parameters are transmitted via serial 
and RF link to the front-end, and then, it would generate corresponding stimulating 
pulses to the animal brain or drive a buzzer to give sound. The neural signals from the 
recording electrodes, after being amplified, digitalized and processed, would be 
transmitted back to the PC via the same RF and serial link. The behavior patterns of 
the animal can be tracked and recorded automatically by a vision tracking system. 

 

Fig. 1. Schematic of the telemetry system 

2.1   Front-End 

Electrodes. The stimulating electrode is self-made concentric needle by inserting 
Teflon coated stainless steel with diameter of 50um in a cannula with diameter of 
80um, and the Teflon coating is removed from the tip for about 0.5mm. The recording 
electrode and the micro-drive were provided by Ma’s Lab [13].  The impedances of 
the stimulating and recording electrode (with brain tissue) are measured to be around 
80–120KΩ and 2.0–2.5MΩ, respectively. Thus, the effective stimulating current 
intensity delivered to animal brain is around 33 μA for 3.3V pulse trains. 

Front-end Amplifiers and Filters. The front-end analog part, which is fabricated in 
a separated printed circuit board, is composed of amplifiers and filters, as shown in 
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Fig.2. The preamplifier is a differential instrumental amplifier with high input 
impedance (INA118). The gain of the preamplifier is fixed at 10 in order to get high 
bandwidth (>100 KHz, at -3dB). Before the neural signals are sent to the A/D 
converter of the nRF24E1, they are preamplified first, then, band-pass filtered (100 
Hz ~ 10 KHz) by cascading a high-pass and a low-pass filter both with gain of 10. 
The power-line interference is further decreased by a 50Hz notch filter. Thus, the total 
gain of the system is 1000.  

 

Fig. 2. Front-end analog circuit: Input is at the left; output at the right. The four sections described 
in the text are outlined with dashed lines. These are preamplifier with AC coupling, high-pass 
filter, low-pass filter, and notch filter. 

Main Telemetric Recorder and Stimulator. The nRF24E1 [17], embedded with RF 
transceiver and 8051 microcontroller, is chosen as the main component of the 
miniature device for its efficient and convenient communication via serial and RF 
link. Also, it provides a PWM port and nine (up to) 12 bit of 100Kspls/s ADCs. As 
the typical frequency band of neural signal is between 100Hz and 3 kHz, the A/D 
conversion needs 8 bit resolution with sampling frequency of 8 kHz. In order to 
minimize the weigh and size of the device, all components are chosen as surface 
 

 

Fig. 3. The real image of the front-end analog part (left) and the main telemetry (right) 
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mounted package, thus the total weight is no more than 9g (without battery). The real 
image of the front-end is shown as in Fig.3. 

Stimulating pulses can be set either monopolar or bipolar. By setting the digital I/O 
ports (P0.5, P0.6) of the nRF24E1 to high and low level alternatively and 
simultaneously, bipolar stimulating pulses could be achieved effectively without the 
need of negative power. The PWM port is used to drive a buzzer to generate sound 
with different frequency, and all the idle ports of the nRF24E1 are set to low level in 
order to minimize the power consumption and to minimize the noise. The miniature 
device decodes commands from the PC and generates corresponding stimulating 
pulse trains or drives a buzzer to give sound.  

2.2   Back-End  

RF Transceiver. The back-end RF transceiver acts as a bridge across the host PC and 
the front-end via the serial and RF channel (check Fig.1 for clarity), consecutively. It 
is an adapted version of the front-end main telemetry by adding serial data link, that 
is, a MAX202C is used for the voltage conversion between the MCU and the PC 
serial port. Also it can be replaced by a USB interface to achieve higher transfer rate.  

Serial Communication Protocol. The baud rate of the serial communication between 
the PC and the back-end is set 19.6Kbps. Thus, the time delay of the commanding 
package is less than 5ms, which can meet the experiment requirements. The protocol 
for transmit from back-end to front-end is as shown in Table.1, where two bytes of 
synchronization head (0xFF, 0XAA, which show noise resistance) are followed by 
five bytes of commanding package (DATA). For transmitting to the front-end, they 
represent stimulating polarity (monopolar/bipolar), pulse width (50us~10ms), pulse 
number (1~255), train interval (1s~255s), and train frequency (0.1Hz~255Hz), 
respectively. The last byte (CHECKSUM) is the check sum of the whole data 
package. But, for the received data package(neural signal), two bytes of 
synchronization head (0XAA,0xFF) is followed by two bytes of neural spiking data 
(DATA), which contains the number of spikes detected in a given time. 

Table 1. Serial communication protocol 

Byte No. 1 2 3-7 8 

Data 0xFF 0xAA DATA CHECKSUM 

2.3   RF Link Between the Front-End and the Back-End 

RF Configuration Words. The data packet for RF link is shown in Table 2. The 
PREAMBLE is the package head, which is added and removed automatically at the 
transmitter and receiver respectively. The ADDRESS is a receiving address, which 
needs to set at the transmitter and would be removed automatically at the receiver; the 
DATA is the payload, the maximum width (bits) of which is 256 minus the address 
width (bits) and the check width (bits); the CRC represents a 8 or 16 bit checksum. 
First byte of the receiving address should not start with 0x55 or 0xAA, which might 
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be interpreted as part of preamble and cause address mismatch for the rest of the 
address. In general, more bits of address and checksum will give less false detection, 
and thus lower data packet loss, but it would result in low transmit efficiency. In order 
to communicate reliably and with short delay, it is configured as single receive 
channel, 40 bits receive address width, 16 bits check width and 6 bytes of payload. As 
utilizing 250 kbps instead of 1Mbps would improve the receiver sensitivity by10 dB, 
we set lower rate to achieve high sensitivity. 

Table 2.  Radio frequency (RF) configuration works 

Byte No. 1 2-6 7-11 12-13 

Data PREAMBLE ADDR DATA CRC 

RF Bi-direction Communication Protocol. In order to establish a bi-direction RF 
communication at a transferring rate of 64kbit/s, nRF24E1 should transmit and 
receive data package alternatively in the right timeslot, as shown in Fig.4. In each 
timeslot the A/D result must be read out and the PWM updated. Synchronization of 
the master and slave is achieved by coupling the activities on air to a counter. The 
master always transmits in timeslot 5 to 7, and once the slave has received a valid 
package, the RF end is turned off and the slave counter is reset to 19. Each package 
transmits every 3 ms. 

 

Fig. 4. Timeslot division for full-duplex link 

2.4   Power Source 

The power supply of the whole system is composed of two parts independently: The 
power at the back-end is derived from the USB port of the host PC by a voltage 
regulator (LM2576) from 5V to 3.3V, which is very convenient and practical 
especially in open field. A rechargeable polymer-battery (3.7V, 160mAh, 5g) is 
chosen for the front-end power source, after regulated by two low dropout voltage 
regulators (MAX884), they are used for the analog circuit and the main digital MCU 
(nRF24E1), respectively. The analog ground is derived from the positive rail by a 
voltage divider and a unity gain follower. The follower’s output is served as the 
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reference to the experimental subject. The battery is clamped between the two PCBs 
of the front-end, and it can supply the system for 10 hours continuously.  

3   Methods  

3.1   Animal Preparation 

Three adult male SD rats, weighing 290~320g, were used. The surgery was conducted 
under the approval of the Animal Experimental Committee of XJTU. Subjects were 
stereotaxically implanted with stimulating microelectrodes in the MFB (L:-7.5mm; A: 
2.6mm; P: 2mm) and recording electrodes in the striatum (L: -2.8mm; A: 1.7mm; P: 
7.8mm) with reference to [18], and then four stainless steel screws were driven in the 
skull around the cannula evenly. After the surface of the skull was cleaned of fascias 
and thoroughly dried, the screws and the cannula were secured to the skull firmly with 
dental acrylic. Finally, the animals were injected with antibiotics for recovery in the 
following three days. 

3.2   Experiments for Stimulation Performance 

A Y-maze paradigm was used for behavioral training, as described in [16]: Rats were 
trained to run down the maze to respond to auditory instruction cues by turning right 
or left to receive electrical stimulating reward (MFB) for five days. A daily training 
session consisted of two 5min sessions with ten minutes break in between (each tone 
presented randomly). Whenever the maze presented the rats a choice of turning left or 
right, the micro-stimulator generated a specific sound. If the rat made the 
corresponding turn, it was immediately given electrical stimulation in the MFB and 
recorded as a ‘correct’, or else, it was deprived of electrical stimulation and recorded 
as a ‘fault’. The animal’s behavior was recorded by a video tracking system, and the 
number of spikes detected from recording electrodes is sent back to PC 
simultaneously. Parameters used for MFB stimulating were as follows: biphasic, 
amplitude 3.3V, duration 0.5ms, frequency 100Hz, pulse number 10; the parameters 
of the sound, used as instruction cues, were as follows: one 1min of 1KHz for left turn 
and one 1min of 5KHz for right turn. 

3.3   Spike Recording and Detecting  

Although many kinds of spike detection algorithms have been proposed [19], most of 
them are not robust enough or time consuming, and thus, they can only be used for 
off-line analysis. Recently, the nonlinear energy operator (NEO), which represents the 
instantaneous energy of a signal, has been used for spike detection and has the 
characteristic of simplicity and low computational burden [20,21]. Thus, we base our 
detection on it. The discrete form of the NEO is 

Ψ[x(n)] = x(n)2-x(n+1)·x(n-1). (1) 
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4   Results 

4.1   Stimulation Performance 

The stimulation performance of the device is validated by sending commands from a 
distance up to 200m away. Fig.5 shows the stimulating train of biphasic pulses 
delivered to the stimulation channel. The device can deliver arbitrarily specified 
stimulus trains according to the commands sent from the back-end host PC with high 
fidelity. Statistical results from rat conditional reflex training, as in Fig. 6, shows that 
in an average of five days rats reached the 93.5% correct criterion for acquisition and 
the averaged correct turns increase by three times. The preference of the animal to the 
MFB stimulating also shows the effectiveness of the device. 
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Fig. 5. The output biphasic stimulation waveform (amplitude: 3.3V, pulse number: 3, duration: 
1 ms, and frequency: 100 Hz) taken from oscilloscope, when commands sent 200m away 

4.2   Recording Performance 

The recording performance of the front-end is compared by simultaneously recording 
spikes from electrodes with our device and with a commercially available device 
(Spike2, Cambridge Electronic Design Ltd.), as shown in Fig.7. Both detect almost 
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Fig. 6. The training process for three rats. In an average of five days rats reached the 95% 
correct criterion for acquisition b) and the averaged correct turns increase by three times a). 
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the same occurrence time for each spike，although their shapes are different. Fig.8 
shows the raw data (upper), the output of NEO (middle) and the detected results 
(black dots in lower), which represents the firing frequency of a neuron and would be 
transmitted back to the PC in real time for further analysis.  

 

Fig. 7. The recorded neural signals coming from the same electrode implanted in the striatum 
of a rat but from two channels (top: Spike2; bottom: our device) 

5   Discussions 

This paper presents a miniature device, which not only can generate stimulations 
(audio or electrical), but also can record neural activities. The electrical stimulating 
pulses can be monopolar or bipolar, and the audio stimuli with different charac-
teristics. The effectiveness and performance of this system were validated from 
experiments. The results showed that it can not only provide a platform in behavioral 
and neuroscience research on behaving small animals, but also can be used  as an 
efficient animal-machine-interface and even for “animal robot”. But, there leaves 
 

 

Fig. 8. Recorded raw data, the output of NEO, and the detected spikes (black dots) 
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more to be improved, such as the stimulation channels, stimulation intensity, and 
integration of more robust detection algorithms.  

Presently, we have chronically implemented electrodes in the brain of the rats, and 
are trying to explore the relationships among electrical stimulation, spiking 
characteristics and behavioral responses [6,7]. Still further, we hope it could form a 
closed loop for the brain-machine interface (BMI) [8,9]. 
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Abstract. This paper reports the implementation of an SoC (System
on a Chip) IP(Intellectual Property) design for an Image Grabber that
is capable of 2D scanning. The vast improvements in integrated circuit
technology and semiconductor industry have allowed complicated hard-
ware systems to be implemented into a single Chip. Previously, hardware
designed by external buses was slow. However, the speed of the system
has been improved by peripheral logics that are designed on a single chip.
In addition, both hardware and software can be constructed together re-
sulting in a significant decrease in research and development time. Four
IPs were created in this study. I2C IP was developed for the Image De-
coder. The NTSC analog signal from a CCD camera was converted to
YUV422 using an image decoder and stored in a frame buffer by IMAGE
IP. TFT-LCD IP was developed to display the data on an LCD. A robot
IP was developed to control a perpendicular coordinate robot. Finally,
system level software and PC software was developed to examine the
SoC system.

Keywords: SoC, IMAGE IP, Perpendicular Coordinate Robot IP, TFT-
LCD IP.

1 Introduction

SoC is not only hardware logic but also a Processor, ROM, RAM, Controller,
and Peripheral Device Circuit that is contained in a single Chip. Previously,
complicated circuits were made to implement an image grabber capable of 2D
scanning. These complicated circuits were converted to hardware IPs and trans-
formed onto a single Chip.[1] In addition, hardware and software was designed
at the same time and verified. This process shortened the development time.
The NTSC analog signal from a CCD camera was transformed into YUV422
format using an image decoder. The transformed YUV422 data was stored in a
frame buffer using Image IP. The stored data in the frame buffer was read by
ARM922T. The data was then transmitted by a DMA controller to a TFT-LCD
driver and displayed on a TFT-LCD. In addition, it converts the data into to x
and y coordinates, captures the images and measures the movement distance by
encoders using Perpendicular Coordinate Robot IP.
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Fig. 1. An SoC System Platform

2 Hardware IP Design

2.1 SoC System

The SoC-Chip used in this paper was Excalibur, which was purchased from
the ALTERA company. This Chip contains an ARM922T Processor, a hundred
thousand Gate Programmable Logic, Interrupt Controller, Timer, Memory Con-
troller, DPRAM, SRAM, and PLL etc. In the inner parts, each bus is connected
to an AMBA bus.[2][3] Figure 2 shows a block diagram of the Excalibur chip
used to implement the IPs.

Fig. 2. Excalibur Block Diagram and developed IPs
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2.2 SoC Hardware

Figure 3 shows the Logic Block Diagram examined in this paper. An SoC sys-
tem consists of the following five blocks to drive the two motors and encoders.
ARM922T CPU Logic Block, AMBA-Bus Multi Slave Block, TFT-LCD DMA-
Controller and driver logic, IMAGE IP and Perpendicular coordinate Robot IP.

Fig. 3. Hardware Logic Block Diagram

2.3 IMAGE IP

The image decoder Chip converts the NTSC analog signal originating from a
CCD image sensor to YUV422 format. A frame buffer is used to store and
convert one field of image data.

Fig. 4. IMAGE IP
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IMAGE IP Hardware. Figure 4 shows the IMAGE IP. The IMAGE IP con-
sists of 3 Logic Blocks. An AHB Slave Interface block controls the flow of data.
The I2C IP block implements the logic block, which can set the I2C of the Image
Decoder.[4][5] The Image Capture IP block implements the logic block that can
capture one field of image data.

IMAGE IP Block Diagram. Figure 5 shows the IMAGE IP Logic Block
Diagram. The IMAGE IP Logic Block consists of 4 Logic Blocks.

Fig. 5. IMAGE IP Logic Block Diagram

2.4 Perpendicular Coordinate Robot IP

The Perpendicular Coordinate Robot is organized by two stepping motors corre-
sponding to the X and Y axis. In the upper axis, a CCD camera is set to measure
the display element. Each stepping motor has been given an encoder to measure
the moving distance. The encoder can measure both directions. Its rotation pulse is
1000. Coordinate Robot IP was designed to support these hardware specifications.

Hardware of Perpendicular Coordinate Robot IP. The AHB Slave Inter-
face block shown in Figure 6 is a Slave-interface of the AMBA bus that holds
the Perpendicular Coordinate IP in one Slave. The Motor Controller block is
the x and y coordinates that measures the movement distance and controls the
stepping motor containing the two-encoder logic.

Perpendicular Coordinate Robot IP Block Diagram. Figure 6 shows the
Perpendicular coordinate Robot IP Logic Block Diagram.
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Fig. 6. Perpendicular coordinate Robot IP Logic Block Diagram

Fig. 7. TFT-LCD IP Logic Block Diagram
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2.5 TFT-LCD IP

The Image Data stored in the Frame Buffer is transmitted to the TFT-LCD
driver by the DMA Controller. The transmitted data is converted to 240 * 320
TFT-LCD, and is displayed on the TFT-LCD.

TFT-LCD IP Hardware. Figure 7 shows the TFT-LCD IP Logic Block Dia-
gram. The video DMA Controller block shown in Figure 7 is the DMA Controller,
which transmits the data read from the frame buffer to the DMA and transmit
this data to the TFT-LCD driver.[6] The Slave Interface block is a Slave-interface
of the AMBA bus and the LCD driver block is a TFT-LCD driver.

3 Experiment Result

3.1 Perpendicular Coordinate Robot IP Simulation

Figure 8 shows the simulation for the stepping motor x and y coordinates and
two encoders. First of all, the simulation contains Clk, Reset n, Address, Data in
signals to control the stepping motors. The simulation receives the Key in value
to control the left, right, and acceleration. The stepping motor signals contains
Motor1 A, B, C, D and Motor2 A, B, C, D. The full-mode method was used
to drive the motor. The encoder signals used Encoder1 A and B, and Encoder2
A and B. The data out signals were used to transmit the distance value to the
ARM922T.

Fig. 8. Perpendicular Coordinate Robot IP Simulation

3.2 TFT-LCD IP Simulation

Figure 9 shows a simulation of the Video Driver. There are Clock25 and the Reset
n signal to drive the video driver block. The Video data and Video dimension
signals were used for the image data and size. R,G,B, Hsync, Vsync, Pwr en,
Clockext and the DE signal, and R.G.B of the Video Driver were used to drive
the TFT-LCD.
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Fig. 9. Video driver Simulation

4 Experiment of an SoC System

The NTSC analog signals from the CCD camera was converted to YUV422
format using the image decoder chip. The converted YUV422 data was saved as
frames in FIFO. The IMAGE IP was developed to convert the data to RGB data
through an ARM922T processor. The converted RGB data was displayed on a
TFT-LCD through a DMA controller. The ARM922T transmitted the YUV422
image data to debug the PC. A Debug PC controlled a Perpendicular Coordinate
Robot using Perpendicular Coordinate Robot IP. The experiment was carried
out to display the image data received from the ARM922T on a PC screen.

Experimental Environments. In this experiment, a system composed of a de-
bug PC, an SoC system, a perpendicular coordinate robot and a display element
was configured. Figure 10 shows the system flow. A CCD camera was used to cap-
ture the image data of the target. The captured analog data was processed by
SoC IPs and system level software. A frame of the image data was formatted into
YUV422 format and saved in RAM. The saved image data was then transmitted
to a debug PC. A Debug PC was used to convert the YUV signal to RGB data and
then to a device independent bitmap, which was displayed on a screen. A Debug
PC and key entry was used to control the Perpendicular Coordinate Robot.

Experiment Methodology. An SoC system experiment was classified as the
IP logic part, Firmware level software and PC software. The function control in
image I/O was performed using PC software and communication. A Perpendic-
ular Coordinate Robot was controlled through communication with PC software
or by key entry from the outside. Figure 11 shows the image I/O process between
the SoC system and the debug PC. The left block of Figure 11 shows the SoC IP
logic part where the actual I2C IP, IMAGE IP, and TFT-LCD IP are located,
the middle block SoC S/W is the system level software of the ARM922T. Finally,
the right block is PC software in debug mode to display the image data requests
and a CCD camera that takes images on a PC. Figure 12 shows the perpendic-
ular coordinate robot control process between the SoC system and debug the
PC . The left block in Figure 12 is the PC software and gives a perpendicular
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Fig. 10. The system control flow

coordinate operation command to the SoC S/W. The middle block is SoC IP
and the system level software of ARM922T, which receives the command from
the PC software or entry key, controls a perpendicular coordinate robot. Finally,
the right block is the hardware part, which connects the keypad to an SoC sys-
tem to give a key value, and allows the stepping motor driver and rotation pulse
signals of the encoder.

Experiment Result. These experiments were designed to verify the simulation
of each IP and to check if they operate according to the simulation result when
they ported to an actual SoC. The results confirmed that the simulation of each

Fig. 11. Input/output of image Fig. 12. The Perpendicular Coordinate Ro-
bot control
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IP would operate according to the synchronization signals. However, when they
were ported to the actual SoC, the result was different from the simulation. In
addition, when acquiring the image of the display elements with a CCD camera,
the color and vividness became dull due to an error in abstracting the unverified
image data and the focus distance of the CCD camera. However, the SoC IPs
were developed to measure the display element. They contain a hardware system
IP, which used to be very complicated and slow, and IPs that can be reused.
In addition, it was implemented into a single chip SoC to simplify the hardware
system and to obtain a faster operation result.

The following Figure 13 and 14 show SoC system, PC, Perpendicular Coordi-
nate Robot,Program of Perpendicular Coordinate Robot used in this experiment.

Fig. 13. System to measure LCD

Fig. 14. Program of Perpendicular Coordinate Robot

5 Conclusion

IMAGE IP, perpendicular coordinate robot IP and TFT-LCD IP were used to
measure the display elements. A faster processing speed could be obtained by
replacing the complicated circuits with the SoC and implementing each device
with logic. Although the devices are currently implemented as IPs, a future
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system should be larger and allow multi tasking as well as a network and multi
media system. This study developed the system level software only rather than
the OS itself. However, This system might be applicable to many other fields if it
can be applied to an OS. The Soc is expected to make a significant contribution
to the development of a faster system because various systems can be condensed
into a single SoC, and hardware and software can be developed together.
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Abstract. The high performance cryptographic chip is the core unit of the net-
work information safety equipments. This paper proposes the design approach 
of the AES cryptographic system based on reconfigurable hardware, develops 
the method of key-sequence generation with the genetic algorithm that realizes 
different cipher key in every encryption round. The system has been imple-
mented on Virtex-E FPGA. The result proves that the new design technology is 
feasible, and the security level of the AES is improved. 

1   Introduction  

Transmission and storage of sensitive data in open networked environments is rapidly 
growing. Along with it, grows the need of efficient and fast data encryption. Software 
implementation of cryptographic algorithm cannot provide the necessary performance 
when large amounts of data have to be moved over high speed network links[1]. 
Hardware implementation of cryptographic algorithm is faster and saver. Nowadays 
the hardware implementations are both based on FPGA (Field Programmable Gate 
Array) and ASIC (Application Specific Integrated Circuits). FPGA are very well 
suited for high speed cryptography, as it can provide the required performance with-
out the excessive cost of ASIC manufacturing process[2][3]. 

AES algorithm is a symmetric block cipher, and it processes data blocks of fixed 
size (128 bits) using cipher key of length 128, 196, or 256 bits [4]. This paper pro-
poses a reconfigurable hardware implementation of AES, which is flexible and fast. 
The architecture of the AES implementation and the proposed key-sequence genera-
tion will be discussed. The key-sequence generation which improves high security 
level of the AES algorithm is based on genetic algorithm; so that the cipher key is 
different in every encryption round. The implementation of the AES cryptographic 
system will be realized on Virtex-E FPGA. 

2   Reconfigurable Hardware Implementation of AES algorithm 

2.1   AES Hardware System  

The AES algorithm is a symmetric block cipher that is excellent in security, effi-
ciency, and flexibility, widely applied in hardware implementation. AES performs 4 
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discrete transformations—AddRoundKey, SubBytes, ShiftRows, and MixColumn. 
The introduction of these 4 transformations is shown in [5]. 

This paper combines hardware with software to realize the AES. The system has 
two parts which are hardware data processing and software control. The hardware is 
realized on RC1000 which is consisted by a FPGA from Xinlinx Virtex-E, some 
SRAMs (Static Random Access Memory) and interface control circuit. The hardware 
architecture of the cryptographic system is showed in Fig.1. Functions realized on 
FPGA are changed on-line to satisfy different requests and provide flexibility. The 
FPGA is used to complete the AES algorithm and generate the key-sequence real-
time; following the hardware netlist of the AES algorithm is generated by DK. The 
software control is completed by Visual C++, which is used to download the bit 
stream generated by the ISE to FPGA and save the result. 

 

 

 

 

 

 

 

 

 
Fig. 1. Hardware Architecture of the AES Cryptographic System 

2.2   The Generation of the Key-Sequence 

The generation of key-sequence in AES is based on genetic algorithm, and its basic 
idea is using crossover, mutation operation to create the data string randomly. The 
128 bits cipher key is divided into two parts which are the parents of genetic algo-
rithm, and each part has 64 bits. The detailed implementation of the key-sequence is 
introduced as follows: 

(1) The value composed by the zero bit and first bit of second parent represent how 
many times the parents should rotate right. 

(2) If the second bit of the parent is 1, the first parent should bitwise not. If the third 
bit of the second parent is, the second parent should bitwise not. 

(3) The value composed by the forth bit, fifth bit, sixth bit, and seventh bit and then 
added 25 represents the place where the parents crossover. 

(4) The value composed by the eighth bit, ninth bit, tenth bit, eleventh bit, twelfth bit, 
thirteenth bit and  added 1 represents the place in where the first parents mutation. 

(5) The value composed by the fourteenth bit, fifteenth bit, sixteenth bit, seventeenth 
bit, eighteenth bit added 1 represents the place where the second parents mutation. 

After the 5 steps, two new individuals are generated to build up a new 128 bits ci-
pher key which is used in the next round encryption. 
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3   Results 

AES-128 has been implemented on Virtex-E. This paper takes 256 as cipher key and 
0 as plaintext. Table 1 shows the results of five rounds encryption. 

Table 1. The Results of Five Rounds Encryption 

 

From the table 1, the plaintext is the same but the ciphertext is different because the 
round key created by genetic algorithm is different. The hardware crptographic im-
plementation of AES has the advantage of AES itself and the randomness of the 
round key is improved, so that it can resist some cryptographic attack. The resources 
of FPGA can be repeatedly used in each process of the cryptographic implementation 
which is fast and flexible, and the availability of the FPGA resource is also improved.  

The MixColumns transformation of AES mixes the bytes in each column by the 
multiplication of the state with a fixed polynomial module with its coefficient in GF 
(28). The method of multiplication holds a lot of resource, so shift and XOR operation 
are used to realize the MixColumns transformation which reduces logic resource and 
simplifies the circuit. The total NANDs of the AES cryptographic system are 50700. 

The transfer rate to and from RC1000 can be computed. The transfer rate to 
RC1000 is 112.30 Mb/s and the transfer rate from RC1000 is 117.44 Mb/s. 

4   Conclusion 

The proposed cryptographic system of AES based on reconfigurable hardware and 
genetic algorithm has been realized on Virtex-E FPGA. It is flexible and has high 
encryption speed. The genetic algorithm improves the security level of the AES algo-
rithm itself because key-sequence is generated in every round encryption. The crypto-
graphic system of this paper can also resist some cryptographic attack, and also can 
resist the difference analysis and linear analysis. 
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Abstract. Compared with traditional Back Propagation (BP) neural network, 
the advantages of fuzzy neural network in fault diagnosis are analyzed. A new 
diagnosis method based on genetic algorithm (GA) and fuzzy Radial Basis 
Function (RBF) neural network is presented for complicated machinery system. 
Fuzzy membership functions are obtained by using RBF neural network, and 
then genetic algorithm is applied to train fuzzy RBF neural network. The 
trained fuzzy RBF neural network is used for fault diagnosis of ship main 
power system. Diagnostic results indicate that the method is of good generaliza-
tion performance and expansibility. It can significantly improve the diagnostic 
precision. 

1   Introduction 

Many achievements have been obtained in applying BP network to fault diagnosis [1]. 
However, many problems remain to be solved in choosing network structure, training 
network, improving network generalization performance and so on, which limit its 
wide application in engineering practice. Especially, the number of training samples 
and local minima greatly affect network generalization performance, so the reliability 
of diagnostic results is significantly decreased. Fuzzy Neural Network (FNN) is a 
combination of fuzzy system and neural network. It enjoys not only the advantage of 
neural network’s numerical computation, but also the characteristic of fuzzy system 
handling expert knowledge and diagnosing multiple faults simultaneously. So it is 
                                                           
* This work is partially supported by CNSF Grant #70471031. 
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suitable for fault diagnosis of complicated system. Despite their differences in topol-
ogy structure, the most difference between FNN and traditional BP network is that the 
former has definite physical meanings on handling inputs and outputs [2]. For a fault 
diagnosis system, the fuzzification of inputs is the contribution degree of the meas-
ured physical variables to fault causes, while network outputs are the measurement of 
the input diagnostic vector belonging to a certain fault after the adaptation degrees of 
all diagnostic regulation are integrated by using the centroid method. Its input-output 
mapping is the mapping between the interval of diagnostic vector and the degree of 
belonging to a certain fault. However, in traditional BP network, its input-output 
mapping is the mapping between a fault eigenvector and Boolean value of whether a 
fault occurs or not. Each layer of its network has no physical meanings and only ob-
tains numerical value relation through the training of samples. Therefore, FNN has 
better generalization performance than traditional BP network and the diagnostic 
result of FNN is more reliable than that of BP network. 

Fuzzy BP neural network has found many applications in fault diagnosis [3, 4]. 
However, fuzzy BP neural network has its unique characteristics, so does fault diag-
nosis in different applications. Many problems remain to be solved, such as the 
method of determining appropriate fuzzy membership functions for input vectors and 
of improving learning rate and convergence performance of fuzzy BP neural network. 
In order to solve these two problems, based on the analysis of FNN, fuzzy member-
ship functions can be obtained through RBF neural network and then genetic algo-
rithm (GA) is used to train RBF neural network. Then the fuzzy RBF neural network 
is used for fault diagnosis of ship main power system. Diagnostic results indicate that 
the model is feasible and valid. With good generalization performance, the network 
has significantly improved the diagnostic precision of complicated system. 

2   Diagnosis Model 

2.1   Ascertaining Fuzzy Membership Functions 

Usually, a fuzzy membership function is chosen based on experience, resulting in 
many shortcomings. Firstly, it is difficult to ascertain whether the type of the chosen 
membership function can reasonably fuzzify the input physical variables. In general, a 
function is chosen subjectively for the fuzzification of inputs, which may result in 
great difference between fuzzification results and practical conditions. In addition, 
even if the type of the chosen membership function can correctly describe the fuzzifi-
cation rules of inputs, the function parameters ascertained after training are only con-
sistent with network outputs in numerical value. They do not necessarily represent the 
fuzzification regulations of inputs. 

RBF network is a common three-layer feedback network, with its structure shown 
in Fig. 1. The input layer nodes are responsible for transmitting input data to hidden 
layer nodes. Hidden layer nodes, i.e., RBF nodes, are composed of radiation functions 
like Gaussian kernel function, while simple linear functions are adopted in output 
nodes. The function (kernel function) in hidden layer nodes will locally respond to-
wards input signals. I.e. when the input signals are close to the center of the function 
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range, the hidden layer nodes will produce bigger outputs; otherwise smaller ones. 
Gaussian function is the most used in general, which can be written as follows: 
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The learning process of RBF network can be divided into two stages. Firstly jC  

and jσ  of each hidden layer node are determined according to all input samples. 

After the parameters of hidden layer are determined, the weight vector iW  of output 

layer can be attained using least square method according to the samples. 
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Fig. 1. The structure of RBF network 

In the fault diagnosis domain, RBF neural network is one of the most rapidly de-
veloped forward networks in these years. Compared with other networks, it has the 
advantage of rapid convergence rate of learning algorithms (it is 103~104 times as 
rapid as the current widely used BP algorithm). It has been proved in theory that 
given any arbitrary 0>ε  and a continuous function vector h , of which each element 

satisfies the existence of [ ] dxxhn i

2

1,0
)(∫  and [ ] mnn RRh →⊂1,0: , then there exists a 

three-layer RBF neural network with single hidden layer that can approach to the 
function h  with the approaching error less than ε . So RBF network can approach to 
an arbitrary continuous function within any given precision [5, 6]. Research indicates 
Gaussian Basis Function has the best approximate performance [7]. Whether training 
samples or not training samples, the approaching precision of RBF network is higher 
than that of BP network [8]. In the paper, fuzzy membership functions are got using 
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RBF neural network instead of by artificial selection, consequently selection of mem-
bership functions is optimized. Therefore the input fuzzication of fuzzy neural net-
work is realized. 

2.2   RBF Network Learning Algorithm Based on GA 

Present RBF network learning algorithm based on gradient algorithm has shortages as 
follows: 

Firstly, from the viewpoint of mathematics, it is a nonlinear gradient optimization 
problem. So local minima exist inevitably. 

Secondly, limited by gradient algorithm, learning convergence rate is too slow with 
too much iterative time. 

Genetic algorithm (GA) is introduced to RBF neural network learning process, thus 
the network not only keeps its original character, but also increases its convergence 
rate so as to reach global optimal solution or near optimal solution. 

GA is an optimization algorithm inspired by biological evolution [9], which adopts 
simple encoding technique to denote all kinds of complicated structure, supervises 
learning and determines the searching direction through simple genetic operation and 
natural selection of a group of encodings. Using the population mode to search, it 
searches multi-zone in solution space simultaneously, making it suitable for large-
scale parallel computation. So it can quickly constringe to global optimal solution or 
near optimal solution without restriction of search space (such as differentiability, 
continuity, single apex etc). From the start of initialization population, selection strat-
egy based on fitness proportion is adopted to select individuals in current population, 
and reproduction, crossover and mutation operation are randomly used to produce 
next generation population until the genetic stopping conditions is satisfied. 

The method of genetic computation is as follows 
Binary-coding and real-coding are commonly used in gene encoding. Because binary-
coding is not as good as real-coding in computation speed and precision [10], the real-
coding is adopted in the paper. The network’s error function is used to compute  
fitness function and the individual which has bigger error is considered to have 
smaller fitness. It can be shown as following: 
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Where m  is the sample number of training set and n  is the neuron number of output 

layer. jc  is the practical output of the j -th output layer cell and i
jc  is the ideal out-

put of the j -th output layer cell. 
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Step 1. Population { }DPPPP ,,,)0( 21=  is randomly initialized in the interval 

],[ pp ba  of population’s individual domain, where the population size D  is even and 

the genetic generation 0=h ; 
Step 2. Compute h-th generation criterion (error) function DdhEd ,,2,1),( = ; 
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Step 4. Repeat the following computation 
2

D
 times; 

a. Randomly select two parent solution )(hPE  and )(hPL  according to the selec-

tion probability; 
b. Take a random number r  in the interval (0,1), if rpr < , then carry out repro-

duction operation; if cr prp << , carry out crossover operation: 
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Where rp  and cp  are the upper bound of reproduction and crossover probability 

respectively; cr  is a random number within the interval (0,1). In order to quicken 

convergence rate, when both ( ) ( )hfhf EL −  and )()( hPhP EL −  are small, 

cc rkr ⋅=  can be chosen (k is an integer). When 1<< rpc , mutation operation is 

carried out on the two parent solutions respectively. A random positive integer m  is 
generated. If m  is even, then: 
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If m  is odd, then: 
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Where 
)(

)(
1)(

1 hf

hf
hT E

E −= , 
)(

)(
1)(

1 hf

hf
hT L

L −= , 5~2=λ , vr  is a random number 
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Step 5. D2  individuals made up of )(hPd  and )1( +hPd  are ordered according to 

their fitness and the top D  individuals are selected as the new )1( +hPd ; 

Step 6. Turn to Step 3. 

3   Diagnostic Example 

An illustrative example is given for fault diagnosis of combustion subsystem with six 
basic fault phenomena, denoted as F={F1,F2,F3,F4,F5,F6}, where F1 denotes that the 
injector’s nozzle enlarges; F2 denotes that the injector’s nozzle is jammed; F3 denotes 
that the valve seat of injector leaks; F4 denotes that fuel is sprayed too late; F5 denotes 
that fuel is sprayed too early; F6 denotes that the vent-pipe is jammed. Analysis of 
fault mechanism of combustion subsystem in ship main power system and practical 
examples of faults indicates that all the faults F1~F6 are related with the maximum 
explosion pressure pz and the exhaust temperature Tr. Therefore, pz and Tr can be 
chosen as diagnostic characteristic parameters. 

3.1   Obtaining Input Membership Functions 

Knowledge of fault diagnosis has to be represented as pattern of fuzzy rule before 
constructing fault diagnosis system based on FNN. Then FNN learning samples will 
be constructed according to fuzzy rule. Diagnostic characteristic parameters should be 
fuzzified for the fault diagnosis fuzzy rule. Diagnostic characteristic parameters are 
defined as five fuzzy sets of “too big/high”, “big /high”, “normal”, “small/low” and 
“too small/low”. Training samples are made up of normalized values of diagnostic 
parameters, and membership degree of the corresponding fuzzy sets. The normalized 
formula is defined as follows. 

minmax

min~

ZZ

ZZ
Z

−
−

=  (11) 

Where Z  is the actual value of a diagnostic parameter; maxZ  and minZ  are maximum 

and minimum of a diagnostic parameter respectively according to expert experience; 

Z
~

 is the normalized value. 
According to domain expert experience, the parameter ranges of the maximum ex-

plosion pressure pz and the exhaust temperature Tr are 123×105Pa~137×105Pa and 
3200C~3600C respectively. Each network structure is 2-5-5, i.e., two input nodes, five 
hidden layer nodes and five output nodes. In the training samples, the inputs are the 
normalized values of diagnostic parameters and the outputs are the corresponding 
membership degree of five elements of fuzzy set, i.e.,  “too big/high”, “big/high”, 
“normal”, “small/low” and “too small/low”. When network training finishes, the cor-
responding membership functions of the maximum explosion pressure and the ex-
haust temperature can be obtained. 
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3.2   Training of Fuzzy RBF Network 

After the corresponding membership functions of the maximum explosion pressure 
and the exhaust temperature are obtained, the remaining task is to train the network 
with the numerical training sets corresponding to fault reasoning rules determined by 
expert experience. It is a very important and difficult task to attain the training sets for 
neural network fault diagnosis. In order to construct training sample sets, we should 
combine a great deal of expert knowledge about faults and valuable experience about 
fault diagnosis for main power combustion system. In this paper, combining much 
expert knowledge about machinery faults of power system and practical experience of 
ship main power combustion system, the main expert reasoning rules are constructed 
as are shown in Table 1, where “seldom”, “accidentally”, “sometimes” and “often” 
respectively denote the frequency of a fault occurring. GA is used to train fuzzy RBF 
network, and the training error curve is shown in Fig.  2. When the mean square error 
reaches 0.001, network training finishes. At the same time, in order to illuminate the 
advantage of network training based on GA, the training error curve of fuzzy RBF 
network based on gradient algorithm is shown in Fig. 3. Compared Fig.  2 with Fig. 3, 
it can be seen that convergence rate using GA is greatly improved and the network is 
not easy to converge on local minima. 

Table 1. Fault diagnosis basic rules in combustion system 

Fuzzy symptom 
parameters (condition) 

Faults (conclusion) 

Pz Tr F1 F2 F3 F4 F5 F6 
too big too high sometimes seldom seldom seldom seldom sometimes 
normal too high seldom seldom sometimes accidentally seldom often 

too small too high often seldom often often seldom seldom 
too big normal seldom seldom seldom seldom sometimes accidentally 
normal normal seldom seldom seldom seldom seldom seldom 

too small normal seldom seldom seldom sometimes seldom seldom 
too big too low seldom seldom seldom seldom often seldom 
normal too low seldom accidentally seldom seldom seldom seldom 

too small too low seldom often seldom seldom seldom seldom 

 

Fig. 2. Training error curve of fuzzy RBF network based on GA 
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Fig. 3. Training error curve of fuzzy RBF network based on gradient algorithm 

Table 2. Comparison of preciseness rate of diagnostic results 

Diagnostic method 
Diagnostic preciseness rate of 

single fault occurring 
Diagnostic preciseness rate of 
two or more faults occurring 

Fuzzy RBF NN 
based on GA 

98% 90% 

Fuzzy BP NN 
based on BP 

94% 80% 

Table 3. Comparison of partial diagnostic results 

Input (symptom parameters) Output (fault credibility) 

Parameters Pz Tr 

Diagnostic 
method F1 F2 F3 F4 F5 F6 

Fuzzy RBF NN 0.0507 0.0498 0.0536 0.0467 0.9481 0.0587 too big 
(0.90) 

too low 
(0.10) Fuzzy BP NN 0.0512 0.0531 0.0608 0.0314 0.9025 0.0547 

Fuzzy RBF NN 0.0532 0.9538 0.0516 0.0564 0.0602 0.0497 
Same 

samples too small 
(0.10) 

too low 
(0.10) Fuzzy BP NN 0.0543 0.8976 0.0598 0.0604 0.0717 0.0513 

Fuzzy RBF NN 0.5129 0.1557 0.1215 0.0436 0.0987 0.5768 
0.80 0.80 

Fuzzy BP NN 0.4708 0.3497 0.2013 0.0615 0.1834 0.6503 
Fuzzy RBF NN 0.6224 0.0573 0.7130 0.6893 0.0357 0.1342 

Similar 
samples 

0.25 0.80 
Fuzzy BP NN 0.4126 0.0617 0.7632 0.6514 0.0408 0.2546 

Fuzzy RBF NN 0.1375 0.0988 0.2056 0.0875 0.6835 0.0137 
0.65 0.35 

Fuzzy BP NN 0.4327 0.1384 0.3789 0.2674 0.5072 0.0983 
Fuzzy RBF NN 0.1578 0.5921 0.1029 0.0547 0.1892 0.1349 

Different 
samples 

0.40 0.40 
Fuzzy BP NN 0.1862 0.1249 0.1591 0.0632 0.0918 0.1014 

3.3   Diagnostic Results 

According to the above training results, the fuzzy RBF neural network fault diagnosis 
system is simulated with 100 groups of practical data. The diagnostic performance is 
compared between GA-based fuzzy RBF neural network and BP-based fuzzy neural 
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network. The comparison of preciseness rate is shown in Table 2. Some output results 
are shown in Table 3. From Table 2, it can be seen that the diagnostic preciseness rate 
of GA-based method is much higher than that of BP-based method. It can also be 
found from the simulation that, with the same samples and similar samples, good fault 
diagnosis result can be obtained using both methods, but the former is more precise 
than the latter. However, except that fuzzy BP neural network is easy to converge on 
local minima when the number of middle layer nodes is not suitable, it has bad results 
for the diagnostic aspect of non-fault samples. Miss or wrong judgments are often 
given. The diagnosis for different samples’ fault F2 (the injector’s nozzle is jammed) 
in Table 3 can clearly explain those. The fault credibility degree of output F2 is 
0.5921, denoting that the fault is in a standard fault stage. However, ambiguous re-
sults are given by fuzzy BP neural network method and the values of its output F1, F2 
and F3 are almost of the same. If the maximum is chosen as the standard of fault, then 
fault F1 (the injector’s nozzle enlarges) is diagnosed by fuzzy BP neural network. 
Obviously this is a wrong judgment. 

4   Conclusions 

On the analysis of problems in the application of fault diagnosis with fuzzy neural 
network and traditional neural network based on BP algorithm, a new method using 
RBF network to get membership functions is presented. The training of fuzzy neural 
network is improved by using genetic algorithm, which makes it easier for the exten-
sion and update of diagnostic network’s expert knowledge. The network has good 
generalization performance. Simulation results indicate that with few or no wrong 
judgment, the method has better diagnostic accuracy than fuzzy BP neural network. It 
has rapid convergence rate and seldom converges on local minima during training. 

Fault diagnosis model based on GA and RBF neural network can also be used in 
other complicated systems, which gives ship main power system a beneficial refer-
ence for intelligent diagnosis and paves the way for the fault diagnosis expert system 
based on fuzzy neural network. However, the method also has its shortages which 
should be solved in the future. I.e., network training has the randomicity when using 
GA, whose convergence rate changes greatly according to different initialization 
values. This shortage can be solved only through improving GA continuously. Mean-
while, how to obtain the right fault reasoning rules to form the training sets for FNN 
fault diagnosis is still a very vital and difficult task. 

References 

1. Hu, K. C., Kong, F. R., Li, C. Q.: Hidden Layer’s Compression Algorithm for Neural 
Network-Based Diagnosis Models. In: Journal of Vibration Engineering. Vol. 10, No. 3. 
Jiangsu (1997) 356-361 

2. Zhang, J. X., Zhong, Q. H., Dai, Y. P.: Fault Diagnosis of Rotating Machinery Using RBF 
and Fuzzy Neural Network. In: Journal of System Simulation. Vol. 16, No.3. Beijing 
(2004) 560-563 

3. Wu, J. H., Yang, X. L.: Fuzzy BP Neural Network and Its Applications in Fault Diagnosis. 
In: Systems Engineering and Electronics. Vol. 23, No.10. Beijing (2001) 560-563 



 Fault Diagnosis of Complicated Machinery System 917 

4. Yao, H. X., Zhao, L. D., Sheng, Z. H.: Application of Multi-grade Fuzzy Neural Networks 
in Fault Diagnosis of Large Machinery. In: Journal of Southeast University (Natural Sci-
ence Edition). Vol. 31, No. 2. Nanjing (2001) 59-63 

5. Wang, L. X., Mendel, J. M.: Fuzzy Basis Functions, Universal Approximation, and Or-
thogonal Least-squares Learning. In: IEEE Trans. on Neural Networks, Vol. 3., (1992) 
807-814. 

6. Hornik, K., Stinchcombe, M., White, H.: Multilayer Feed-forward Network are Universal 
Approximators. In: Neural Network. Vol. 2, No.6. (1989) 359-366 

7. Poggio, T., Girosi, F.: Networks for Approximation and Learning. In: Proc. IEEE, Vol. 78. 
(1990) 1479-1481 

8. A Comparative Study on BP Network and RBF Network in Function Approximation. In: 
Bulletin of Science and Technology. Vol. 21, No.2. (2005) 193-197 

9. Bruse, A.: Genetic Evolution of Radial Basis Function Coverage Using Orthogonal Niches 
In: IEEE Trans. on Neural Networks. Vol. 7, No.6. (1996) 1528-1996 

10. Hu, H. Y., Zhu, S. W., Zhang, D. B., et al: Oblique Decision Tree Construction with 
Decimal-coded Genetic Algorithm. In: Computer Science. Vol. 28, No.2 (2001) 108-110 



L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 918 – 927, 2006. 
© Springer-Verlag Berlin Heidelberg 2006 

An Infrared and Neuro-Fuzzy-Based Approach for 
Identification and Classification of Road Markings 

G.N. Marichal, E.J. González, L. Acosta, J. Toledo, M. Sigut, and J. Felipe 

Dep. Ingeniería de Sistemas y Automática y Arquitectura y Tecnología de Computadores. 
Universidad de La Laguna, CP 38207, Tenerife, Spain 

{nicomar, ejgonzal, lacosta, jttoledo, marsigut}@ull.es 

Abstract. A low-cost infrared and Neuro-Fuzzy-based approach for identifica-
tion and classification of road markings is presented in this paper. The main 
task of the designed prototype, implemented at the University of La Laguna, is 
to collect information by a set of infrared sensors and to process it in an intelli-
gent mode. As an example, it should inform the driver about the different signs 
and elements it is driving on, complementing other well-known and widely 
used security devices. For the identification and classification stages, a Neuro-
Fuzzy approach has been chosen; given it is a good option in order to get fuzzy 
rules and memberships functions in an automatic way.  

1   Introduction 

Sensibility to traffic concerns such as intelligent transport, energy consumption, etc. 
has experimented an increase last decade [1],[2]. In particular, several researchers 
have paid special attention to safety, as less traffic accidents involve less traffic jams, 
fewer injuries and less economic loss. In this context, traffic sign detection and classi-
fication (both as driver assistance and as a support for intelligent vehicles) has  
become a target for many research groups. Regarding to classification, it is usually 
preceded by a normalization procedure. The resulting candidate is entered into a clas-
sifier tool, such as nearest neighbour, neural networks, genetic algorithms, template 
matching, etc [3],[4], [5]. It is necessary to carry out quickly the recognition process 
in order to help the human driver, making driving easier and safer.  

Most of the proposed implementations make use of vision, integrating one or two 
cameras in the vehicle [6]. However, implemented methods are affected by the large 
degree of freedom existing in a traffic scenario. Apart from vision-based approaches, 
there are other devices that are used for that purpose. In particular, the authors are 
interested in infrared technology. Although this technology has been applied to road 
traffic field (for example in the determination of the flow of vehicles in a specific 
road), in this paper, the authors are interested in its application to the design of vehicle 
security devices.  

The remainder of the paper is as follows: In Section 2, a low-cost prototype for the de-
tection and identification of traffic signs or elements painted on the road is briefly de-
scribed. In Section 3, sensorial information processing (including data pre-processing and 
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Neuro-Fuzzy approach) in order to classify the traffic signs is detailed. The application of 
the Neuro-fuzzy approach to the classification of road markings and obtained results are 
discussed in Section 4. Finally, conclusions are reported in Section 5. 

2   Infrared System 

The main task of the designed prototype, implemented at the University of La La-
guna, is to collect information by a set of infrared sensors and to process it in an intel-
ligent mode. As an example, it should inform the driver about the different signs and 
elements it is driving on, complementing other well-known and widely used security 
devices. Thus, this prototype could advise about an undesired movement to other lane, 
that is, when the corresponding direction indicator has not been activated by the 
driver. Nevertheless, its application is not limited to that case, but it is able to identify 
different signs on the road (turn right, turn left, yield sign, etc.). An application of this 
feature in the field of Robotics would consist in the interaction of mobile robots in 
real environments such as car parks. 

 

Fig. 1. Structure of the prototype 

The prototype is a really low-cost device as its price is about $70. This is an inter-
esting feature when comparing this prototype with vision-based systems, in spite of 
the decreasing prices of the video cameras. Moreover, the space it takes up is not 
significant. The device consists of a set of infrared emitters and sensors, able to detect 
the reflection on the road. In other words, the prototype differentiates between the 
painted zones and the rest. Each sensor is able to cover a circular area indicating if it 
is a painted zone or not. Empirically, for an average height of 15 cm, the sensor cov-
ers a circular area of R=10 cm. The prototype consists of three parts: 



920 G.N. Marichal et al. 

- Emitter/receiver pairs. They are located in a bar, across the vehicle. Each emit-
ter/receiver pair is integrated in a circuit board together with a switch circuit that 
serves as identification element. The infrared sensor has been encapsulated into an 
aluminum-made wrapping with several holes. These small holes, made in a specific 
direction, allow that only a reflected infrared wave (generated by the infrared emitter 
and reflected on a painted surface) could activate the sensor device. In this prototype, 
the wrapping is made of two aluminum pieces. These pieces are jointed with black 
silicone, keeping the opaqueness. 

- Control board. It includes an oscillator circuit for the emitter circuit and a micro-
controller that governs the successive data obtained by the sensors and sends that 
information to a portable computer. 

- Portable computer. It processes the data received from the microcontroller, repre-
senting it as an image that represents what the sensors have registered from the road. 
As the reception is binary (there is reflection or not), that representation can be 
formed of black and white blocks. 

The system will make a complete cycle, sending the read signal to each transmitter 
and reading the output from the corresponding sensor. This cycle is repeated while the 
vehicle is circulating, obtaining a line-to-line image from the road. After receiving the 
data from the microcontroller, the computer looks for the traffic sign that fits better 
with those data. For that purpose, it uses a system based on Neuro-Fuzzy theory, de-
scribed in the following section.  

3   Sensorial Information Processing 

Following the process depicted in the previous section, the infrared system is able to 
take 5 data each time, given 5 infrared sensors are located in the infrared system. 
Once the vehicle is moving along the sign more data are read, our proposal is to proc-
ess these data in order to obtain which sign is painted on the street. At the first stage 
of the work, a Fuzzy System was considered, however, the difficulty in finding out 
the specific fuzzy rules and memberships function makes this approach cumbersome 
in this case. On the contrary, a Neuro-Fuzzy approach has been chosen; given it is a 
good option in order to get these fuzzy rules and memberships functions in an auto-
matic way. In the case treated in this paper a Neuro-Fuzzy system based on the 
Sugeno Approach has been used [7].  As it is well known the Sugeno approach is 
more convenient in terms of computational charge than the Mamdani approach [8]. 

3.1   Data Pre-processing 

First problem in the application of the Neuro-Fuzzy approach is the number of data 
generated by the infrared system. In a typical case a matrix of 150 x 5 data could be 
generated for a typical sign, once a segmentation process has been carried out. This 
segmentation process is very simple, removing those rows without any valid detection 
and isolating the possible candidates. Due to this simplicity, the process is immediate. 
This is a critical feature, since the traffic sign only can be identified once the system - 
integrated in the vehicle - has read it. 
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As can be noted, the resulting matrix is usually too large to be processed properly. 
Hence, the first step is to simplify this matrix. In the case presented in this paper, it 
has been considered to divide this matrix in 5 x 5 windows. That is, each window 
corresponds to one region of the candidate to analyze, such that a number correspond-
ing to the quotient between the number of valid detections and the total number of 
ones and zeros is associated. In this way, the output of the infrared system is con-
verted into a matrix of 5 x 5. Therefore, the number of inputs of the Neuro-Fuzzy is 
25, associating each input with each window.  

On the other hand, only one output is necessary, where a specific number is linked 
to each traffic sign.  

3.2   Structure of the Neuro-Fuzzy System 

The used Neuro-Fuzzy System could be seen as a three-layer Network [9] [10]. The 
nodes of the network are cascaded together in layers.  

The first layer or input layer comprises several nodes, each one consisting of a Ra-
dial Basis neuron. As it can be seen, this particular choice of the nodes at the input 
layer is linked to the fact that Gaussian membership functions are considered for the 
input variables. Note as the inputs variables in this case, are the quotients, which were 
referred in the previous sub-section. 

In the hidden layer a typical AND operation (obtaining the minimum between the 
operands) is applied to the membership functions of the inputs. Because of that, this 
layer could be known as rule layer. 

Finally, the output layer could be considered as a linear neuron layer, where the 
weight connections between the hidden layer and the output layer are the estimated 
values of the outputs. Hence, it could be said that the output layer carries out the de-
fuzzification process, providing the outputs of the Neuro-Fuzzy System.  

To sum up, the structure of the Neuro-Fuzzy system could be seen as a typical Ra-
dial Basis Network, where an additional layer has been inserted between the Radial 
Basis layer (the input layer) and the linear layer (the output layer). The neurons of this 
additional layer calculate the degrees of membership corresponding to the different 
rules, that is, they apply the fuzzy operator AND (min operator), being the total num-
ber of nodes, the total number of Fuzzy rules. Once, these calculations have been 
carried out, the output layer applies a defuzzification process in order to obtain nu-
meric values for the outputs of the system. Note as this structure allows to identify the 
different rules against a pure Neural Network approach. 

In the Neuro-Fuzzy System, there are some parameters which determine the rela-
tion between the inputs and outputs. In this case, the behaviour of the Neuro-Fuzzy 
system depends on the value of the following parameters: the membership function 
centres, the widths of the membership functions and the estimated output values. In 
order to determine these parameters a learning algorithm has to be designed. 

3.3   Learning Algorithm 

The learning algorithm can be divided into three phases. First phase consists of ob-
taining convenient initial values for the membership function centres and estimated 
output values. A Kohonen’s Self-organising feature map algorithm [10] has been 
applied. It looks for these initial values, using  the pairs 5x5 windows and the corre-
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sponding traffic signs as training patterns. Second phase is focused on optimising the 
number of nodes at the hidden layer, that is, the number of Fuzzy rules. Whereas the 
last phase is focused on adjusting the parameters of the Neuro-Fuzzy system, and 
improving the given ones in the previous phases. Taking into account the similarities 
between the typical Radial Basis Network and the Neuro-Fuzzy system, the least 
mean squared learning algorithm has been used as usual in a typical Radial Basis 
Network [10]. 

4   Application 

In order to test the methods, the infrared system was installed under a vehicle as it is 
shown in Figure 2.  

 

Fig. 2. Photographs of the used vehicle for testing the system 

In the first stage of this work, the set of traffic signs shown in Figure 3 (a) has been 
pre-processed as it was pointed out in section 3.1. In Figure 3, it is also shown the corre-
sponding pre-processed image of each sign in the ideal case, when all parts of the sign 
are captured by the infrared system in a perfect way. Furthermore, these images have 
been chosen as the inverted traffic sign images, given the data are collected from the 
beginning of the traffic sign up to the end, when the vehicle is passing above it. Several 
captures of the same traffic sign were done, obtaining in general different results of the 
pre-processed images shown in Figure 3 (b). This set of traffic signs has been divided 
into two sets: the training set and the test set. After this step, several trials have been 
carried out, using the training set and the Neuro-Fuzzy approach. The outputs of the 
Neuro-Fuzzy have been chosen as it is indicated in Table 1. Note as different values 
have been associated for each traffic sign and all traffic signs have its own output value. 
However, only two outputs values were used at the beginning. One output value for one 
of the traffic signs and another for the rest of them. That is, one Neuro-Fuzzy system 
was chosen for each traffic sign to be classified. This approach made the training proc-
ess more difficult. In general unstability in the training process and worse results were 
achieved. Because of that, one Neuro-Fuzzy system with one output value for each type 
of traffic sign was preferred.  Sum squared errors of 3.5 10-4 have been obtained, after 
1000 epochs. 
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Fig. 3. (a) Photographs of the traffic signs used in the experiments and (b) the obtained pre-
processed images in the ideal case, when all infrared sensors captures without defect the traffic sign 

Once the training phase has been finished, a way of determining the generality 
degree of the Neuro-Fuzzy system is to use the test set. The outputs for the trained 
Neuro-Fuzzy system corresponding to the test set are shown in Table 2. As it can be 
seen the outputs are around the output reference values for each traffic sign. That is, a 
Neuro-Fuzzy system with fixed parameters and good generality capabilities has been 
achieved.  
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Table 1. Reference output values of the traffic signs 

Traffic sign Reference output 
Arrow 1 
Right Arrow 3 
Yield sign 5 
Forward-right Arrow 7 

Table 2. Outputs for the test patterns 

Test sign pattern Output value 
Arrow test pattern 1 0.9973 
Right test pattern 1 2.9800 
Right test pattern 2 2.9763 

Yield sign test pattern 1 5.3931 
Yield sign test pattern 2 4.7881 

Forward-right Arrow test pattern 1 7.0572 

Note as the resultant Neuro-Fuzzy system could be considered as a typical Sugeno 
type Fuzzy System. Hence, a set of Fuzzy rules could be extracted, being one of the 
main advantages of this approach versus others, as Neural Netwok paradigm [9], [11]. 
However, one of the disadvantages of the Neuro-Fuzzy system is the high number of 
rules obtained in most times. In the case presented in this paper, a Fuzzy System built 
up 25 rules has been achieved after training process. Note as the training process 
includes a rule minimization phase. 

It would be interesting to extract this rule base for the resultant Neuro-Fuzzy sys-
tem, in order to know what these rules look like, which of them are important in the 
whole classification task and which of them are more important to classify a specific 
traffic sign.  

On the other hand, this knowledge would allow an expert to add new rules or to 
modify some of them in order to get a system more adjusted to the requirements of 
the specific environment. Different methods could be devised in order to get this 
target. In this paper, different parameters of the Neuro-Fuzzy system have been con-
sidered for determining the influence of the rules to a specific situation.  

In the following, the trained Neuro-Fuzzy system will be considered. First step in 
order to get the influence degree of the rules could be to study the estimated values, 
pointed out in the following as svi,j. 

In Table 3 the rules associated with each traffic sign, according to the output refer-
ence value, are presented. Furthermore, an additional column is shown, where values 
inside the range [-1 0] are shown. Evidently, it is not clear which traffic signs are 
associated with. Moreover, although all the rules corresponding to a column could 
contribute to classify that specific traffic sign, it is no secure all those rules contribute 
or at least they contribute at the same level. Hence, the second step in the process is to 
confirm with rules are important for each specific case. The chosen procedure in this 
paper has been to use the γj parameters (outputs of the nodes at the hidden layer) , 
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corresponding to the test set. In the following, the γj  parameter is rename as γ, for the 
sake of simplicity. It also will be considered as a percentage of rule influence, given  
γj is inside the range [0 1]. It could be seen that there are a set of rules with a γ pa-
rameter below 0.1 %. In fact, it could be seen that there is a sub-set of rules with γ 
less than 0.1 %, which are common to all patterns. This result tell us in a first ap-
proximation, that only 16 rules are important in the classification process from the 25 
rules corresponding to the whole set.  This is a first simplification of the number of 
rules. It seems reasonable to take only 16 rules, without taking into account the rules 
with a γ less than 0.1 %. Furthermore, it could be seen which of these 16 rules are 
more influential for the classification of a particular traffic sign. In Table 4, it is 
shown a summary of the most important rules at a first sight for each specific traffic 
sign, considering the results of evaluating the γ parameter for a wide set of patterns . 
In fact, Table 4 indicates with rules have a influence greater than 25% for classifying 
each traffic sign from the whole rules shown in Table 3. Additionally, Table 4 shows 
that the rules whose estimated values (sv) are inside the range [-1 0] also play an 
important role. Although their estimated values are far away from the output reference 
values. Table 4 could be seen as a second simplification of the number of rules. How-
ever, this simplification could be a oversimplication, that is, Table 4 could have a 
small number of rules to make a good classification. Because of that, a satisfactory set 
of Fuzzy rules could be considered the union set between rules in table 3 and table 4. 

Table 3. Rules for each traffic sign according estimated values 

 Arrow Right  
Arrow 

Yield sign Forward-right 
Arrow 

Other 
Rules 

Interval [0 2) [2 4) [4 6) [6 8] [-1 0] 

Ref. 
Value 

1 3 5 7  

Rules 6,  7 8,9,10,11,12 13,14,15, 
16,17,18 

19,20,21,22,23, 
24,25 

1,2,3,4,5 

Table 4. Most important rules for each traffic sign according to γ parameters of a wide set of 
patterns 

Pattern Rules 
Arrow 1 2 3 4 5 6 7 9 10 11 

Right Arrow 7 9 10 11 13 
Yield Sign 13 

Forward-Right Arrow 22 23 24 

5   Conclusions and Future Work 

In this paper, an infrared and Neuro-Fuzzy-based approach for the identification and 
classification of road markings has been presented. For this purpose, the authors have 
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designed and implemented a prototype based on infrared emitters/receivers. Each emit-
ter/receiver pair covers a circular area of road and it is able to detect if there is a painted 
road marking or not. The prototype should inform the driver about the different signs 
and elements it is driving on, complementing other well-known and widely used secu-
rity devices. It is important to remark that the prototype is really low-cost, in spite of 
the decreasing prices of other possible devices such as video cameras.  

After the data are collected, a Neuro-Fuzzy approach has been chosen for classifi-
cation purposes; given this approach is a good option in order to get these fuzzy rules 
and memberships functions in an automatic way. In the case treated in this paper a 
Neuro-Fuzzy system based on the Sugeno Approach has been used.  

In order to test the methods, the infrared system was installed under a vehicle. The 
set of collected data has been divided into two subsets: the training set and the test set, 
giving one output value for each type of traffic sign. With this premise, the Neuro-
Fuzzy system is able to identify properly the elements of the test set. That is, a Neuro-
Fuzzy system with fixed parameters and good generality capabilities has been 
achieved. 

Apart from the related identification features, a set of Fuzzy rules has been ex-
tracted. The proposed system could be considered as a typical Sugeno type Fuzzy 
System. As an application, a study about a possible simplification of the Fuzzy rules 
set has been carried. 

Future work includes a study about what the obtained rules are exactly doing, in 
order to an expert could modify these rules or design new rules more appropriate for a 
specific scenario.  
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Abstract. In this paper we introduce negation into Logical Markov De-
cision Processes, which is a model of Relational Reinforcement Learning.
In the new model nLMDP the abstract state space can be constructed
in a simple way, so that a good property of complementarity holds. Pro-
totype action is also introduced into the model. A distinct feature of
the model is that applicable abstract actions can be obtained automat-
ically with valid substitutions. Given a complementary abstract state
space and a set of prototype actions, a model-free Θ-learing method is
implemented for evaluating the state-action-substitution value funcion.

1 Introduction

It is widely agreed that the intelligent agent should have the ability of learning.
Reinforcement Learning (RL) permits the agent to learn policy by interacting
with environment without supervisors. Many algorithms of RL and the proposi-
tional representations of states have been studied extensively over the past years
[1,2]. However, their usefulness in complex domains is limited because of their
inability to incorporate relational information about the environment, especially
in the domain with objects of various kinds. In order to solve this problem, Re-
lational Reinforcement Learning (RRL) was proposed based on the relational
representation [3]. It concerns use of RL in complex domains with the states and
actions in relational form. Recently, a number of RRL algorithms have been de-
veloped [4,5,6,7,8] with several preliminary models proposed [9,10,11,12,13], but
the problem of RRL is still not well-understood and the theory is not sufficient.

In this paper, a Logical Markov Decision Process with Negation (nLMDP) is
proposed on the basis of Logical Markov Decision Processes (LOMDPs) [10,14].
The main differences between LOMDPs and our nLMDPs are the negation in-
troduced in nLMDPs, the complementarity of abstract state space of nLMDPs,
and the definition of the action space. The negation of logical languages is first
introduced in abstract states of nLMDPs. Then the abstract state space can be
constructed in a simple way and is complementary, that is each ground state can
be represented by only one abstract state. In LOMDPs, a gound state can be
represented by two or more abstract states, and using a manual pre-given total

L. Jiao et al. (Eds.): ICNC 2006, Part II, LNCS 4222, pp. 928–937, 2006.
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order of them to select the correct one. The action used in nLMDPs is also differ-
ent from that of LOMDPs. It is a super abstraction over general abstract actions,
called Prototype Action. Thus, applicable abstract actions of an abstract state
can be gained automatically with valid substitutions. Then a value function of
state-action-substituion is presented, denoted as Θ. Based on these, an algorithm
of Θ(λ)-leaning is implemented to evaluate the values of the substitutions.

This paper is organized as follows. Section 2 will briefly introduce some logical
and MDP preliminaries. After proposing the nLMDP in section 3, the Θ(λ)-
learning is presented in section 4. Section 5 will give some experimental results
of our method. Some related work are discussed in section 6, and the papers
ends with conclusions and directions for further research.

2 Preliminaries

In this section, we briefly recall the terminology of logical languages and MDPs.
For more details, see [15] and [2].

2.1 Logic

An alphabet Σ is a set of relation symbols, P , and a set of constants, C. If the
arity m(m ≥ 0) of a relation symbols p ∈ P is 0 then p is called a proposition.
A term is a variable X, or a constant c. An atom p(t1, · · · , tm) is a relation
symbol p followed by a bracketed m-tuple of terms ti. A conjunction is a set of
atoms. A substitution θ = {X1/t1, · · · , Xn/tn} is a set of assignments of terms ti
to variables Xi. A conjunction A is said to be θ-subsumed by a conjunction B,
denoted by A �θ B, if there exists a substitution θ such that Bθ ⊆ A. A fomula
is an atom or a conjunction. The variables of a term or a fomula A is denoted by
vars(A). The terms of a fomula A is denoted by terms(A). A term, or a fomula
is called ground when it contains no variables. To highlight A is ground, a bar is
added, i.e. Ā, in this paper. The Herbrand base of Σ, denoted as HBΣ , is the set
of all ground atoms which can be constructed with the predicate symbols and
functor symbols of Σ. An interpretation is a subset of HBΣ .

In logic programming, the logical negation, denoted by not, is often used.
There is a little difference between it and the classical negation ¬ that not
implies that there is a closed world assumption [16]. notA is true, iff A can
not be inferred. For a conjunction A, notA is called not-conjunction in this
paper. A not-conjunction is also a fomula. A set of several conjunctions and
not-conjunctions is a fomula, too.

2.2 Markov Decision Processes

A Markov Decision Process is a tuple M = 〈S, A, T, R〉, where S is a set of
states, A is a set of actions, T : S × A × S → [0, 1] is a transition model, and
R : S×A×S → R is a reward model with real values. A transition from state s to
s′ caused by action a occurs with a reward R(s, a, s′) and probability T (s, a, s′)
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which holds
∑

s′ T (s, a, s′) = 1. A policy π : S × A → [0, 1] is a mapping from
states and actions to the probability π(s, a) of taking action a when in state s.

Given an MDP M = 〈S, A, T, R〉, a policy π, and a discount factor γ ∈ [0, 1],
the state value function V π : S → R is the expected long-range rewards following
policy π. The state-action value function Qπ : S×A → R can be defined similarly.
A policy π∗ is optimal if V π∗

(s) ≥ V π′
(s) for all s ∈ S and all π′. Optimal value

functions are denoted V ∗ and Q∗, and the optimality equations are

V ∗(s) = max
a

∑

s′

T (s, a, s′)[R(s, a, s′) + γV ∗(s′)], (1)

Q∗(s, a) =
∑

s′

T (s, a, s′)[R(s, a, s′) + γ max
a′

Q∗(s′, a′)]. (2)

A Relational MDP is now defined by the tuple 〈S, A, T, R〉 which is similar to
MDP while the states and actions are in relational form [17]. The basic ingredi-
ents of it are a set of relational predicates P , a set of action predicates A, and a
domain of constants C. The Herbrand base HBP∪C is the set of all ground atoms
which can be constructed form P and C. The set of all states S′ then consists
of the power set of HBP∪C. However, the illegal states must be excluded by an
implicit logical background theory BK. Thus the state space S of the RMDP,
denoted as SP∪C in this paper, is {s|s ∈ S′, BK |= s}. Similarly, an action space
A can be constructed based on A and C.

3 Logical Markov Decision Processes with Negation

Because the states of the RMDP are in ground level, the size of the state space
grows exponentially. As an example of blocks world, based on the relational
predicates {on/2, clear/1}, the action predicates {move/2}, and the domain
{a, b, c, d, e, floor}, the blocks world containing 5 blocks has 501 legal states.
So applying RRL in relational domains must abstract over the ground level.

Definition 1 (Abstract State). An abstract state s is a fomula
{
s�, not s⊥1 ,

· · · , not s⊥n
}
, which contains one conjunction s� and several (n ≥ 0) not-

conjunctions not s⊥i (i = 1, · · · , n), and holds that a /∈ s⊥i for any atom a ∈ s�.
s� is called fit conjunction, and s⊥i are called unfit conjunctions.

An abstract state represents a set of states. From the semantic of not, we know
that an abstract state s =

{
s�, not s�1 , · · · , not s⊥n

}
reperesents a state s̄, de-

noted as s̄ �θ s, iff:

There exists θ such that s̄ �θ s� and doesn’t exist ϕ such that
s̄ �ϕ [s� ∪ s⊥i ] for any i(i=1, · · ·, n).

It means that the state s̄ must fit conjunction s� and can’t fit conjunctions s⊥i .
Use S̄(s) denotes the interpretations of an abstract state s.

The goal abstract state of tasks can be got easily. For one, the goal abstract
state of the stack task of blocks world (putting all blocks on one stack) is
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〈s∗〉 = {{on(A, B), clear(A)}, not{on(C, D), clear(C), C �= A}} .

Here, we use “ 
=” as the only constraint of variables. Note that the number of
blocks is not specified. The ground state s̄ = {on(a, b), on(b, floor), clear(a),
clear(floor)} containing two blocks is an interpretation of 〈s∗〉.

To represent un-goal states, two abstract states can be generated from the
goal abstract state 〈s∗〉:
〈s1〉 = {∅, not{on(A, B), clear(A)}} ,

〈s′
2〉 = {{on(A, B), clear(A), on(C, D), clear(C), C �= A}, ∅} .

For abstact state s =
{
s�, not s⊥1 , · · · , not s⊥n

}
, the generating method is:

1. if s� 
= ∅, take fit conjunction ∅ and unfit conjunction s� as the first
generated abstract state of s;

2. chose m differents unfit conjunctions to the fit part while other unfit con-
junctions reserved as the rest of (2n − 1) generated abstract states of s.

Theorem 1 (Global Complementarity). Under the closed world assump-
tion, for an abstract state and all generated abstract states followed by above
generating method, they are complementary, that is the interpretations of them
cover the whole ground state space SP∪C, and the intersection of each two inter-
pretations of them is an empty set.

Proof. The closed world assumption has an effect only on the ground state space
SP∪C. So each ground state s̄ ∈ SP∪C contains all the true ground atoms of
that time. Given a state s̄, for an abstract state s0 = {s�, not s⊥1 , · · · ,s⊥n }, each
conjunction of s� and s⊥i must have a true or false value. If s�(
= ∅) is false then
the first generated abstract state s1 is true and all the others (s0, s2, · · · , s2n) are
false. Then given the true s�, if all s⊥i are false, then s0 is true, else there must
exist only one generated abstract state sj (2 ≤ j ≤ 2n) whose fit conjunction just
contains s� and all the true s⊥i , and sj will be true. We now see

⋃2n

j=0 S̄(sj) =
SP∪C and S̄(sj) ∩ S̄(sk) = ∅ (j 
= k), because the interpretations have been
restricted to SP∪C .

Thus, abstract states 〈s∗〉 , 〈s1〉 , 〈s′2〉 represent all states of stack goal com-
plementally. However, three abstract states is not enough. There must be a
method to expand the abstract space and keep the complementarity. The ex-
panding method is to add a new conjunction s+ to certain abstract state s ={
s�, not s⊥1 , · · · , not s⊥n

}
, and replace it with two new abstract states s′ and s′′:

s′ =
�

s� ∪ s+, not s⊥
1 , · · · , not s⊥

n

�

s′′ =
�

s�, not s+, not s⊥
1 , · · · , not s⊥

n

�

The former is taking s+ as a subset of fit conjunction, and the latter is taking
s+ as an unfit conjunction. Obviousely, the new conjunction s+ must also follow
the hold that a /∈ s� and a /∈ s⊥i for each atom a ∈ s+.

Theorem 2 (Local Complementarity). The two expanded abstract states are
complementary for the original abstract state. That is, the interpretaions of the
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two expanded abstract states are the same as that of the original abstract state,
and the intersection of them is an empty set.

Proof. If s is true, then there must exist just one abstract state from s′ or s′′ that
is true followed by the value of s+. So S̄(s′)∩S̄(s′′) = ∅ and S̄(s′)∪S̄(s′′) ⊇ S̄(s).
No matter s′ or s′′ is true, s is true. Then S̄(s′) ∪ S̄(s′′) ⊆ S̄(s).

Adding conjunctions {on(B, E)}, {on(D, F)}, and {on(G, H), clear(G), G 
=A, G 
=C}
to abstract state 〈s′2〉 in turn, the following abstract states are produced:
〈s2〉 = {{on(A, B), clear(A), on(C, D), clear(C), C �= A,

on(B, E), on(D, F), on(G, H), clear(G), G �= A, G �= C}, ∅}
〈s3〉 = {{on(A, B), clear(A), on(C, D), clear(C), C �= A}, not{on(B, E)}}
〈s4〉 = {{on(A, B), clear(A), on(C, D), clear(C), C �= A, on(B, E)}, not{on(D, F)}}
〈s5〉 = {{on(A, B), clear(A), on(C, D), clear(C), C �= A, on(B, E), on(D, F)},

not{on(G, H), clear(G), G �= A, G �= C}}

Corollary 1 (Complementarity). Starting from a certain abstract state, and
applying the above generating method once and the expanding method several
times in turn, the new abstract space is complementary for SP∪C.

Normally, the certain abstract state is the goal abstract state of a task, and the
expanding method will not apply to it. These methods give designers a very
useful tool to construct the abstract state space in an easy way. The only need
for designers is the sequence of the adding conjunctions.

Given an abstract state, the applicable abstract actions of it can be gained
manually according to the preconditions of actions. For a simple case, consider
abstract state 〈s′2〉, the applicalbe abstract actions are move(A, C), move(C, A),
move(A, floor), and move(C, floor). However, the manual method is very hard
for more complex domains. To get abstract actions automatically, the prototype
action will be introduced next.

Definition 2 (Prototype Action). An prototype action is an action atom å
that contains no constants with the precondition and outcome of it, denoted by a
tuple 〈̊a, c, P, D, E〉. Here å is the action atom no constances, c is the precondition
in the form of abstract state, P = {p1, · · · , pm} is the set of probabilities for m
different cases by taking the action and holds

∑
i pi = 1, D = {d1, · · · , dm}

is the set of deleting conjunctions for m cases, and E = {e1, · · · , em} is the
set of adding conjunctions for m cases. c, di, ei all are conjunctions and hold
vars(D, E) ⊆ vars(c) = vars (̊a). It also can be denoted only by the action atom
å, as å : c

pi−→ ei � di.

This definition implements a kind of probabilistic STRIPS operator. The hold
of variables implies that the prototype action can be delegated by the action
atom, and the precondition is really a sufficient and necessary condition. Intu-
itively, prototype actions should be the basic action ways of a domain. Indeed,
a prototype action is a super abstract action, and there is only one prototype
action move(X, Y, Z) in blocks world. It means moving the block X form block Y
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to Z. Consider the prabability 0.1 the agent cannot pickup the block X and 0.1
the block X fall on floor when it is in air, the only prototype action 〈̊a∗〉 is

move(X, Y, Z) :

���
��

on(X, Y),

clear(X),

clear(Z)

���
�	

0.8−→


on(X, Z), clear(Y),
clear(floor)

�
�



on(X, Y), clear(Z),
clear(floor)

�

0.1−→ {} � {}
0.1−→


on(X, floor),
clear(Y)

�
� {on(X, Y)}

Definition 3 (Abstract Transition). An abstract transition is a function T :
S × A × Θ × S → [0, 1]. T (s, å, θ, s′) means the probability of changing the
abstract state from s to s′ under the effection of a prototype å and θ, and holds∑

s′ T (s, å, θ, s′) = 1. Here θ is a substitution from vars (̊a) ot terms(s) and holds
c(̊a)θ ⊆ s.

Given an abstract state and a prototype action, all valid substitutions are known.
Indeed, a substitution θ effecting on a prototype action å can produce an ap-
plicable abstract action åθ of an abstract state s.

The probabilies of the prototype action are hidden on the abstract transitions.
For model-free algorithms, it is enough that only learn the transition probabilites
while the probabilites of prototype actions are unknown.

The abstract reward and the abstract policy can be similarly defined.

Definition 4 (nLMDP). A Logical Markov Decision Process with Negation
(nLMDP) is a tuple M = 〈S, A, T, R〉 where S is a given complementary abstact
space, A is a set of prototype actions, T is a finite set of abstract transitions
based on S and A, and R is a reward model.

A nLMDP is based on a given abstract state space and a given set of prototype
actions while the valid substitutions can be deterministic. And the state space
is complementary, so many RL algorithms based on an underling MDP can be
used in nLMDP directly.

4 Θ(λ) Learning

To learn an optimal policy based on the prototype action, there should have a
value function for evaluating the triple of an abstract state, a prototype action,
and a valid substitution. To distinguish the state-action-substitution value func-
tion S × A × Θ → R from state value function and state-action value function,
it is also denoted as Θ. Indeed, Θ just divides the action of Q into a prototype
action and a substitution. So the optimality equation for Θ is

Θ∗(s, å, θ) =
∑

s′

T (s, å, θ, s′)[R(s, å, θ, s′) + γ max
å′

max
θ′

Θ∗(s′, å′, θ′)], (3)

and the relation with V ∗ is

V ∗(s) = max
å

max
θ

Θ∗(s, å, θ). (4)
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Input: ground state s̄, value funtion Θ
Output: abstract state s, substitution ϕ, prototype action å, substitution θ
1: Find the unique abstract state s and a substitution ϕ such that s̄ �ϕ s
2: Find a set of ground actions based on s̄ such that Ā = {̊aψ|s̄ �ψ c(̊a)}
3: Select a set of ground actions from Ā based on s and ϕ such that

Ā′ = {̊aψ|(̊a, ψ) ∈ A, terms (̊aψ) ⊆ terms(sϕ)}
4: Transform Ā′ to applicable abstract actions A based on s and ϕ such that

A = {(̊a, θ)|̊aψ ∈ Ā′, åψ = åθϕ}
5: Chose a pair (̊a, θ) from A based on Θ and a policy (e.g. softmax)

Fig. 1. Algorithm of automatical action abstracting

The first task of Θ-learning is to get the applicable abstact actions automat-
ically. Fig. 1 shows the algorithm. The agent finds the ground actions Ā based
on the precondition of prototype actions firstly, selects valid actions Ā′ based on
term constraints, transforms to abstract actions A, and chose a pair (̊a, θ) based
on Θ value function and softmax policy [2]:

p((̊a, θ)|s) =
eΘ(s,̊a,θ)/T

∑

å′

∑

θ′
eΘ(s,̊a′,θ′)/T

. (5)

1: Θ ← ∅

2: for each episode do
3: Initialize ground state s̄, E ← ∅

4: Get (s, ϕ) and (̊a, θ) by calling algorithm 1 based on s̄
5: while s is not the goal abstract state do
6: Take action åθϕ, observe reward r and successor state s̄′

(s̄′ = [s̄ � di (̊a)θϕ] ∪ ei(̊a)θϕ with probability pi(̊a))
7: Get (s′, ϕ′) and (̊a′, θ′) by calling algorithem 1 based on s̄′

8: if Θ(s, å, θ) is in Θ then
9: Θ0 ← Θ(s, å, θ)

10: else
11: Θ0 ← 0, add Θ(s, å, θ) = 0 to Θ
12: add e(s, å, θ) = 0 to E
13: if Θ(s′, å′, θ′) is in Θ then Θ′ ← Θ(s′, å′, θ′) else
14: Θ′ ← 0
15: δ ← r + γΘ′ − Θ0

16: e(s, å, θ) ← e(s, å, θ) + 1
17: for each triple (s, å, θ) ∈ E do
18: Θ(s, å, θ) ← Θ(s, å, θ) + αδe(s, å, θ)
19: e(s, å, θ) ← γλe(s, å, θ)
20: s ← s′, ϕ ← ϕ′, å ← å′, θ ← θ′

Fig. 2. Θ(λ)-learning
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Fig. 3. Experiment results of Θ(λ)-learning with (a) λ = 0 and (b) λ = 0.5

The second task of Θ-learning is to evaluate the value fungion Θ through
iterations. Fig. 2 shows Θ(λ)-learning method, which uses an eligibility trace
decay parameter λ similar with Sarsa(λ) [2]. To prevent invalid substitutions
from occuring in Θ which is initialized with an empty set in line 1, valid substi-
tutions are added in real-time in line 11. In line 17-19, triples of the episode are
updated, and E is used to record the triples and initialized with an empty set in
the beginning of each episode in line 3.

5 Experiments

We implemented Θ-learning using the system of GNU Prolog 1.2.18 for the stack
task of blocks world. The blocks world is the prototypical toy domain requiring
relational representations and has been experimented usually in RRL. Only two
predicates on/2 and clear/1 are used, and other predicates such as block/1,
floor/1, above/2, height/2 reported by [14,3] are unnecessary in our model and
methods. Six abstract states 〈s∗〉 , 〈s1〉− 〈s5〉 and the only prototype action 〈̊a∗〉
of the task have been listed in section 3. Because not is used, the abstract state
space is complementary and constructed in an easy way by using the generating
and expanding methods. The agent gets reward 10 when it reaches the goal
abstract state 〈s∗〉, while 0 when it reaches other states.

The discount factor γ was 0.9, the learning rate α was 0.015, and the tem-
perature T of the policy softmax was decreased by 0.996 each episode starting
with 1.0. 500 initial states of blocks world were generated randomly for 6 to
10 blocks (more than 58 million ground states) using the procedure described
by [18], which guarantees that the initial states are followed by the background
theory of blocks world. The initial ground state of each episode was selected
randomly from them. Fig. 3 shows the evaluated optimal state value funtion of
each abstract state for λ = 0, and λ = 0.5. The total running time for all 5000
episodes was less than 2 minutes on an 1 GHz Linux machine estimated using
GNU Prolog’s build-in predicate user time(Time).

It shows clearly that λ = 0.5 learns faster than λ = 0 in the begining, and
both converge. The reason is that the non-zero reward is sparse, so bigger λ can
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effect more triples (s, å, θ) when a non-zero reward is received. It shows that
using an eligibility trace parameter is a feasible method for solving such kinds of
tasks. Episode ends when the goal abstract state 〈s∗〉 reached, so V (s∗) is always
0. Abstract state 〈s1〉 represents a blocks world containing 0 blocks, so V (s1) is
always 0, too. Abstract state 〈s3〉 represents all blocks on the floor, for the stack
task, it will be visited seldom and all applicable abstract actions are equivalence,
so the speed of convergence of 〈s3〉 is very slow. The learned abstract actions for
〈s2〉 , 〈s4〉 , 〈s5〉 are all move(C, D, A).

6 Related Work

Recently, there has been an increased and significant interests in using rich rela-
tional representations for modeling and learning MDPs. For the modeling MDP,
Van Otterlo [11,17] gave the definition of the RMDP in the ground level and de-
fined the CARCASS which is an RL-based abstraction for RMDPs, and several
abstract models have been proposed. Kersting and De Raedt [10,14] defined the
Logical MDP (LOMDP) which is an abstraction over RMDPs by using variables
in states and actions, and use Q-learning and TD(0) on the fixed abstract model.
Kersting and Van Otterlo [19] introduced ReBel which uses a constraint logic
language to regress preceding abstract states automated based on LOMDP for
model-based learning. The main differences between LOMDPs and our nLMDPs
are the negation introduced in nLMDPs, the complementarity of abstract states
of nLMDPs, and the definition of the action space. Butilier et al. [9] gave symbolic
dynamic programming (SDP) which is a situation calculus abstraction over an
RMDP, but it is expressive logic that did not permit an efficient computational
algorithm. Morales [12] introduced an a priori abstraction of RMDPs based
on separate state and action spaces and uses Q-learning over the abstraction.
Guestrin et al. [13] used probabilistic relational models and modelled class-based
value functions assuming fixed relations.

For other model-free approaches, Džeroski et al. [3], Lecoeuche [20], Driessens
& Ramon [4], Gärtner et al. [5], Cole et al. [6], Yoon et al. [7], and Fern et al.
[8] have studied different relational learners for function approximation.

7 Conclusions

In nLMDPs, the logical negation is first introduced under the closed world as-
sumption. So a complementary abstract state space can be constructed in an easy
way by applying the generating method once and the expanding method several
times in turn until the size of it is suitable for learning. Based on the comple-
mentary abstract state space and the definition of prototype action, the nLMDP
is proposed, and a model-free Θ-learing method is implemented for evaluating
the state-action-substitution value funcion. Experiments perform well and show
convergence results.
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Future works could include: constructing abstract state space automatically,
extending the language to gain stronger expressive power, and other algorithms
based on the nLMDP or its extensions.
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Mobile Agent Routing Based on a Two-Stage
Optimization Model and a Hybrid Evolutionary

Algorithm in Wireless Sensor Networks

Shaojun Yang, Rui Huang, and Haoshan Shi

School of Electronics and Information, Northwestern Polytechnical University
Xi’an, Shaanxi, 710072, P.R. China

Abstract. A new two-stage optimization model for mobile agent rout-
ing in the wireless sensor network is presented as a integer linear pro-
gramming problem based on the virtual connection topology sub graph.
In the model, the solution is presented by two subpaths instead of the
closed path which is usually applied in many path search methods to
keep balance between computation cost and accuracy. A hybrid tech-
nique of genetic algorithm (GA) integrated with discrete particle swarm
optimization (PSO), GAPSO is designed to solve the problem. Simula-
tion experiments with different sizes and distributions of nodes show the
effectiveness of the new model and GAPSO algorithm.

1 Introduction

The emerging Wireless Sensor Networks (WSNs) composed of tiny, densely de-
ployed sensors hold the promise of unprecedented ability to monitor and instru-
ment the physical phenomenon [1]. In a typical wireless sensor network, a set of
nodes with constrained resource such as limited battery power, limited commu-
nication and computation abilities have presented unique challenges including
fault tolerance, scalability, reliability and power consumption in network design
and Collaborative Signal and Information Processing (CSIP) [1, 2, 3]. The tra-
ditional data processing and fusion architecture is based on the client/server
computing model, which may have negative effects on the security of data due
to the multi-source and multi-path model. To overcome these limitations, mobile
agent paradigm with wide applications in various areas [4,5] has been introduced
as a promising solution. Qi et al [6, 7] proposed the mobile agent based distrib-
uted sensor network for scalable and energy-efficient data aggregation. In the
model, mobile agent with partially integrated results generated from the sensor
nodes visited migrates among the nodes of interest according to some path and
thus the progressive accuracy can be obtained. The mobile agent based model
is suitable for collaborative processing and recently, the interests in it has been
on the increase.

One of the crucial problems in the mobile agent based computing paradigm
is how to plan the itinerary (or route) for a mobile agent in order to achieve
progressive fusion accuracy at minimal expense of resources. The problem of
mobile agent routing has been investigated in [8, 9, 10]. Two simple algorithms,
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Global Closest First (GCF) and Local Closest First (LCF), have been proposed
[11]. LCF searches for the next node with the shortest distance to the current
node, while GCF searches for the next closest node to some given node. With
the increase in the size of network and the number of nodes, the performance of
these two heuristics would deteriorates. Evolutionary computing which has been
widely used in communication applications [12] may be a more appealing option.
Refs [13] and [14] applied genetic algorithm (GA) to design the route for mobile
agent and obtained satisfactory results. For easy implementation, most methods
assume that each sensor node should be visited no more than once in the path.
In fact, the assumption is unnecessary since a feasible solution is a closed path
returning to its starting point with required accuracy. However, search in this
solution space is more difficult.

In this paper, we focus our discussion on the routing problem for the mobile
agent in the WSNs. The virtual connection topology sub graph (VCTSG) in-
cluding sink nodes, key relay nodes and active sensor nodes is first constructed.
Then, we formulate the mobile agent routing problem as an integer linear pro-
gramming and propose a two-stage optimization model, where the visiting path
is divided into two subpaths, one for gathering and processing data and the other
for returning the results, and both of them should not visit duplicated nodes.
GAPSO, a hybrid algorithm based on GA and Particle Swarm Optimization
(PSO) is presented to solve the mathematic model and program the itinerary.

2 Mobile Agent Routing in WSNs

2.1 Mobile Agent Based WSN Model

The mobile agent based WSN typically consists of the sensor nodes, observer
nodes and mobile agents. The sensor nodes are usually scattered in a sensing
field. Each of sensor nodes locally carries out the physical sensing of environ-
mental phenomena and detects events of interest. Compared with sensor nodes,
observer node is usually assigned more resources for computation, communica-
tion and store. It not only acts as a commander or sink to indicate interests (or
queries) to the network and receive event reports about these queries, it also
communicates with the external networks as a relay or gateway. Mobile agent
is a special software module dispatched by the observer node. It can visit and
process data in sensor nodes along a predetermined itinerary.

2.2 Problem Formulation

Let V denote the set of all the nodes with maximum communication range
Rmax. s is the observe node and T is the set of sensor nodes that have detected
the potential targets. Usually, the transmission cost cij from node i to node j
(i, j ∈ V ) involves the path loss and time consumption. In this paper, we mainly
consider the effects of path loss which is defined as the difference (in dB) between
the effective transmitted power and received power according to the Friis free
space propagation model [15]. Then cij can be calculated as
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cij =
{

10 log ((4π)2R2
ij

/
λ2), Rij ≤ Rmax

∞, Rij > Rmax
(1)

where Rij is the distance between nodes i and j, λ is the ratio of light speed
and carrier frequency.

When a mobile agent is dispatched from the observe node to collect and
integrate data, low transmission consumption and high detection accuracy are
always the main goals for itinerary programming. Let xij indicate the link state
between nodes i and j. xij = 1 means the link is active and xij = 0 otherwise.
We formulate the problem as an integer linear programming to search a path
with minimal cost and required accuracy:

min
∑

i,j∈V,i�=j

cijxij (2)

subject to:
∑

i∈W,j∈W̄

xij ≥ 1, {s} ⊂ W ⊂ V, W̄ ∩ T �= ∅

∑

i∈U,j∈Ū

xij ≥ 1, T ⊂ U ⊂ V, Ū ∩ {s} �= ∅
(3)

∑

j∈T ′

SE(j) ≥ SET , T ′ = {jxij |∀i ∈ V, ∀j ∈ T } (4)

where xij ∈ {0, 1}, W ∪ W̄ = V , U ∪ Ū = V , SE(j) ≥ 0 is the signal energy
detected by the node j, and SET is the signal threshold.

As the connectivity constraint, (3) means the mobile agent should move from
the observe node to the sensor nodes which have detected the potential targets
and then return back to the observer. Since the targets’ signal energy received
by the sensor nodes can be used by the mobile agent for data fusion, the mobile
agent always tries to accumulate as much signal energy as possible for accurate
decision in target detection. Considering the fact of limited resource, energy
constraint (4) states the mobile agent should collect enough amount of signal
energy larger than a preset signal threshold.

2.3 Suboptimal Model

From the above mathematic model, the constraint of visiting each node besides
the observer no more than once is unnecessary, but it has been adopted in many
heuristic search methods as a suboptimal model to reduce the solution space for
the sake of easy implementation. Considering the balance between computational
cost and accuracy, we present a two-stage suboptimal model, where the path is
divided into two, one called the ”integrating subpath” for migrating from the
observer to sensor nodes to collect and integrate data and the other called the
”returning subpath” for turning back to the beginning of the path. Each subpath
should be composed of different nodes, while the different subpath could have
the same nodes. For the two subproblems, we define the same target function as
(2) with different constraints as follows
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1. in integrating subpath
∑

i∈W,j∈W̄

xij ≥ 1, {s} ⊂ W ⊂ V, W̄ ∩ T �= ∅

∑

j∈V

xij ≤ 1,
∑

i∈V

xij ≤ 1
(5)

∑

j∈T ′

SE(j) ≥ SET , T ′ = {jxij |∀i ∈ V, ∀j ∈ T } (6)

2. in returning subpath
∑

i∈U,j∈Ū

xij ≥ 1, T ⊂ U ⊂ V, Ū ∩ {s} �= ∅

∑

j∈V

xij ≤ 1,
∑

i∈V

xij ≤ 1.
(7)

3 Mobile Agent Routing Based on the Hybrid Algorithm
of GA and PSO (GAPSO)

3.1 PSO and Its Discrete Versions

PSO is proposed according to the observations of the social behavior of ani-
mals [16, 17]. In PSO, a swarm move around in a D-dimensional search space.
During the search process the particle successively adjusts its position xi =
(xi1, . . . , xid, . . . , xiD) toward the global optimum according to the best position
encountered by itself denoted as pi = (pi1, . . . , pid, . . . , piD) and the best position
encountered by the whole swarm denoted as pg = (pg1, . . . , pgd, . . . , pgD) after
each iteration. Let its velocity vi = (vi1, . . . , vid, . . . , viD), the PSO algorithm is
described as follows [18]:

vid = wvid + c1r1 (pid − xid) + c2r2 (pgd − xid) (8)

xid = xid + vid (9)

where c1 and c2 are positive constants called acceleration coefficients, r1 and
r2 are two random numbers in the range [0, 1], and w is an inertia factor. In
addition, the velocities of the particles are clamped to [Vmin, Vmax]D.

Since the PSO technique described above is the real valued PSO, it should be
extended to deal with many discrete optimization problems which require the
ordering or arranging of discrete elements, eg. the mobile agent routing prob-
lem. A popular solution is to keep the velocity update formula (8) unchanged
but compute the actual new position component to be 1 or 0 with a probability
obtained by applying a sigmoid transformation S(vid) = 1/(1 + exp(−vid) to
the velocity component [19]. Another method views the position vectors of the
particles as probabilities and employing roulette wheel selection for discretiza-
tion [20]. The two techniques both extend the real valued PSO to its binary
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version, namely Binary PSO (BPSO), by a simple discretization of the values
of velocities or positions of particles. A more general discrete PSO is proposed
in [21] to solve the Traveling Salesman Problem. The method redefines the six
basic mathematical objects and operations in the discrete space.

3.2 Virtual Connection Topology Sub Graph (VCTSG)

As a NP complete problem, the mobile agent routing can be solved by the
global optimization methods which need the information of network topology
and visiting cost of nodes in hand. However, it is relatively difficult to satisfy
the requirement for WSNs composed of a large amount of nodes with limited
resources.

In [22], we have realized the mobile agent entity and environment based on
Directed Diffusion (DD) which is a popular mechanism for data dissemination in
WSNs [23,24]. In the paper, the VCTSG including the observer node, key relay
nodes and active sensor nodes is further constructed via data flooding and path
reinforcement of DD to handle the problems about how to collect the information
of topology and nodes, and to cut down the complexity of solution space.

3.3 GAPSO for Mobile Agent Routing

GAPSO is the genetic operations combined with the particle’s position update
of discrete PSO. The detailed algorithm design is presented as following.

Fitness Functions. As it is relatively complex to search the solution in the form
of link state matrix X, the solution is directly presented by the node sequence P
being visited by mobile agent. To facilitate the design of GAPSO algorithm, we
respectively define the fitness functions for the integrating subpath and returning
subpath as

fint(P ) = A − (J(P ) + g(P )) (10)

fret(P ) = A − J(P ) (11)

where A is pre-specified to keep the fitness values nonnegative, J(P ) is the path
loss when mobile agent visiting nodes in P , g(P ) is the penalty function for the
constraint (6) in the integrating subpath and is defined by

g(P )=
{
0,

∑
j∈P SE(j) ≥ SET

β ·(
∑

j∈P SE(j) − SET ),
∑

j∈P SE(j) < SET
(12)

where β is a properly selected penalty coefficient. In (10), J(P ) and g(P ) are
assumed to be normalized to appropriately reflect the contribution by the path
loss and signal gain. Intuitively, the fitness function prefers paths with required
amount of signal energies at less transmission cost. The other constraints would
be satisfied via encoding.
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Encoding. For GA, we adopt the two-level genetic encoding scheme where the
first level is a numerical encoding of the nodes sequence in the order of nodes
being visited by mobile agent and the second level is a binary encoding of the
visit status sequence in the same visiting order (1 and 0 in the k-th position
indicate the k-th node is visited and unvisited, respectively). For PSO, only the
first level encoding scheme of GA is adopted.

Initialization. The initial population is randomly generated with some con-
straints. For the integrating subpath, the feasible individuals are those whose
numerical strings all star from node s and the first bits in the binary strings
are always set 1 with the amount of signal energy collected by mobile agent
satisfying the (6). As for the returning subpath, individuals are feasible if their
numerical string are from the last visited node in the integrating subpath to
node s and the corresponding bits in the binary string are 1. PSO takes the
feasible numerical strings as its population.

Crossover. Crossover operation is to combine two individuals to create off-
springs which may be better than the parents if they inherit the best traits of
both parents. The Roulette selection is used to select the parents for crossover.
For a numerical string, crossover operation usually leads to some duplicated
nodes in the resulting string and fails to guarantee that each node appears ex-
actly once. Therefore, we use the discrete PSO method [21] to generate the new
numerical string. The two-point crossover is applied to the binary string. A high
crossover probability is beneficial to search new solution space.

Mutation. Mutation is an important part of the genetic search intended to
prevent the population from stagnating at any local optima and thus to keep
the variety of the solution. Two mutation techniques, two-point mutation and
inversion, are adopted to both levels of strings. Because a high probability for
mutation operation may tend to make the search into a primitive random search,
a relatively small mutation rate is favorable.

Solution optimization in returning subpath. In each iteration, the pop-
ulation updated by GA is again optimized using PSO, where the particles are
presented as the connectivity matrixes and the method of [19] is applied to dis-
cretization. Ref [25] reported that PSO can achieve faster convergence speed
when using the encoding and discretization formats in the case of searching a
path with the least cost and the known target node.

4 Experiments

To assess the performance of GAPSO based mobile agent routing algorithm, we
compare the search results of it with those obtained from the LCF, GA and
BPSO methods. At the same time, the comparisons between the two optimiza-
tion models, namely model-I searching one closed path without any duplicated
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nodes except for the observer on it and model-II searching two subpaths with
constraint that no same nodes should be visited more than once in each sub-
path, are carried out. Therefore, there are totally seven methods to be com-
pared: GA for model-I (GAM-I) and model-II (GAM-II), GAPSO for model-I
(GAPSOM-I) and model-II (GAPSOM-II), BPSO for model-I (BPSOM-I) and
model-II (BPSOM-II), LCF for model-II (LCFM-II). Considering the fact that
as a greedy algorithm, LCF may fail to find a closed path in model-I due to the
limitation of transmission range of each node, we only apply it to model-II.

The nodes are randomly deployed in a 1000 × 1000 square. A series of exper-
imental networks with different numbers of sensor nodes varying from 10 to 100
are created and each network size includes 10 random scenes. Rmax is determined
by the area of sensing field and the number of nodes [26].

In BPSO and GAPSO, the related parameters can be chosen as following: the
population size is set to 50; the maximum generation is 500; the crossover rate and
mutation rate are set 0.95 and 0.25, respectively; the inertia factor w is gradually
decreased from 1.2 towards 0.4; the acceleration coefficients c1 and c2 are 2.0. The
same parameters are also adopted in GA. All methods use the same fitness func-
tions, and the penalty coefficient β = 0.6. For the evolutionary algorithms, the
iterative procedure will stop if the relative difference between maximum and min-
imum of fitness values is less than 10−6 after the population update. Due to the
inherent randomness, each of the algorithms except for LCFM-II run 5 times in
every scene and select the best solutions for comparison.

Fig. 1 depicts the comparison of the ratio of path loss and information gain of
the seven methods for the different node sizes. From the figure, we can see that
the ratios generally decrease with the increase in the network density. LCFM-II
produces the worst results in these methods, as it is based on local optimization
strategy. Compared with it, the corresponding ratios obtained from the rest six
methods in various network sizes show less differences in the current scales. Fig.
2 gives a clearer picture for performance of the six methods. It can be seen that
the optimization methods based on model II achieve better results than those
based on model I. In both models, BPSO performs worst and GAPSO generally
competes well with GA after the number of nodes grows up to 40.
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Fig. 3. Comparison of computational cost between two models

In addition, we compare the two models’ amount of computation which can
be measured by the number of evaluation times of the fitness function.
Fig. 3 gives the comparison of average computation cost between the two mod-
els using the three evolutionary algorithms for the networks with ten differ-
ent numbers of nodes. It can be clearly seen that compared with GAPSO and
BPSO, the selection of models has less effect on the computation amount of
GA. For the two former methods, model II can significantly alleviate the com-
putational burden which shows smoother changes when the network size bigger
than 40.
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5 Conclusion

The paper proposes a two-stage optimization model for mobile agent routing
in WSNs where the procedure of itinerary programming is respectively imple-
mented by planning two subpaths instead of one closed path. At the same time, a
hybrid algorithm of GA and discrete PSO is presented to solve the integer linear
programming problem. Experiment results demonstrate better performance of
model II, especially when the number of nodes becomes larger. Compared with
GA and BPSO, GAPSO which integrates discrete PSO into the genetic crossover
operation achieves better results.
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Abstract. Stochastic Shortest Path problems (SSPs), a subclass of Markov De-
cision Problems (MDPs), can be efficiently dealt with VI, PI, RTDP, LAO* and 
so on. However, in many practical problems the estimation of the probabilities 
is far from accurate. In this paper, we present uncertain transition probabilities 
as close real intervals. Also, we describe a general algorithm, called gLAO*, 
that can solve uncertain MDPs efficiently. We demonstrate that Buffet and Ab-
erdeen’s approach, searching for the best policy under the worst model, is a 
special case of our approaches. Experiments show that gLAO* inherits excel-
lent performance of LAO* for solving uncertain MDPs. 

1   Introduction 

Markov Decision Problem models are based on state transition probabilities. LAO* 
algorithm has been proved to be one of the most efficient methods to solving MDPs 
without evaluating complete states [1]. However, in many practical problems the tran-
sition probabilities have to be estimated from data and the exact value may be diffi-
cult or impossible to obtain. Uncertain probabilities may have a huge impact on the 
solution, which is often quite sensitive to changes in the transition probabilities. This 
problem has long been recognized in the control community and in the reinforcement 
learning community.  

A number of authors have addressed the issue of uncertainty in the transition ma-
trices of MDPs. [2] and [3] have considered the transition matrix to lie in a given set. 
[4]has considered the transition matrix to lie in an interval, and have showed that 
robust RTDP can solve uncertain MDPs. [5] has introduced interval value functions 
as a natural extension of traditional value functions; an interval value function assigns 
a closed real interval to each state, representing the assertion that the value of that 
state falls within that interval. The approach described above has found a policy that 
behaves well under the worst model. But the best policy under the worst model is 
pessimistic, which is different from the policy under the true model in many cases. 
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We should give a set of available approaches, from which users can choose depending 
on actual problems. 

We describe an algorithm gLAO* that can solve uncertain MDPs efficiently. 
Our approaches to solve MDPs with uncertain state transition probabilities are well 
applicable, and can search for the best policy in worst, best and average cases. Buffet 
and Aberdeen’s approach is a special case of our approaches. Experiments demon-
strate that gLAO* inherits excellent performance of LAO* for solving uncertain 
MDPs. 

2   Uncertain MDPs  

A uncertain MDP should be defined as a tuple[6]: < S , 0s , G , A , )(aci , )(apij >, 

where S  is a finite state space, Ss ∈0 is an initial state, SG ⊆  is a set of goal 

states, A is a finite action set and )(aci is action cost , )(apij is the state transition 

probability. )(apij falls within a closed real interval )](),([ apap u
ij

l
ij . 

Let )(ap l
ij refer to the lower bounds and )(ap u

ij refer to the upper bounds.  

Let f be the evaluation function that provide admissible estimates of the expected 

cost to reach the goal from every state i . A policyπ can be represented as a stationary 
mapping from states to actions. The aim for solving uncertain MDP amounts to  
finding an optimal policy. The evaluation function value of every relevant state  
of π  must be an interval because state transition probability is a closed real  

interval. Let )](),([ ifif ul be the evaluation function interval of state i . Let 

)],(),,([ aiQaiQ ul denote the interval of the “Q-value”. We define the interval of 

the “Q-value” as follows: 

)],(),,([ aiQaiQ ul =  )]}(),([])(),([)({ jfjfapapac ul

Sj

u
ijij

l
i ×+∑

∈

. (1) 

Now, we consider several special orderings on closed real intervals. The different 
orderings on closed real intervals are defined as follows [5]: 

⇔≤ ])[],([ 2211 ,ulul 21( uu ≤  or  1(u ))21 llu2 ≤∧= . (2) 

⇔≤ ])[],([ 2211 ,ulul 21( ll ≤  or  1(l ))21 uul2 ≤∧= . (3) 

The two orderings above are partial. [5] proves that there exists at least one op-
timal policy under each ordering. We also give another approach ranking the inter-
vals, 

⇔≤ ])[],([ 2211 ,ulul )
22

( 2211 ulul +≤+
 . 

(4) 
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Finding out the optimal policy and its evaluation function depends on how to rank 
the interval of the “Q-value”. Using either of these orderings of intervals can yield 
different evaluation function and policy. We don’t discuss other orderings that may 
also yield interesting results.  

Definition 1. For any policyπ and state i , we define greedy action )(iπ ofπ at 

i satisfying the following equation: 

)],(),,([min))](,()),(,([
)(

aiQaiQiiQiiQ ul

iAa

ul

∈
=ππ . (5) 

We here use formulas )2( , )3( and )4( to compute the minimum intervals of “Q-

value”.  
For the worst case: using formula )2( , 

)],([min)],(),,([min
)(

)2(

)(
aiQaiQaiQ u

iAa

ul

iAa ∈∈
⇔ . 

(6) 

For the best case: using formula )3( :  

)],([min)],(),,([min
)(

)3(

)(
aiQaiQaiQ l

iAa

ul

iAa ∈∈
⇔ . 

(7) 

For the average case: using formula )4( :  

]
2

),(),(
[min)],(),,([min

)(

)4(

)(

aiQaiQ
aiQaiQ

ul

iAa

ul

iAa

+⇔
∈∈

. 
(8) 

Therefore, in order to easily find out the optimal policy, the lower bound ),( aiQl , 

the upper bound ),( aiQu  and average value of lower bound and upper bound in-

stead interval of the “Q-value” would be used in the process of compute the optimal 
policy. Now, we give the definition of greedy action of policyπ  at state i under 
every case. 

Definition 2. Depending on )6(  greedy action )(iπ ofπ at i could be defined as 

follows: 

)],([minarg:)(
)(

aiQi u

iAa∈
=π . 

(9) 

Definition 3. Depending on )7(  greedy action )(iπ ofπ at i could be defined as 

follows: 

)],([minarg:)(
)(

aiQi l

iAa∈
=π . 

(10) 
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Definition 4. Depending on )8(  greedy action )(iπ ofπ at i could be defined as 

follows:  

⎥
⎦

⎤
⎢
⎣

⎡ +=
∈ 2

),(),(
minarg:)(

)(

aiQaiQ
i

ul

iAa
π . 

(11) 

[5]also considers how to compute the worst model. Let },...,1|{ nkjR k ==  be the 

reachable state set for a given state i and an action a . Firstly, we sort reachable states 

in decreasing order of the value: )(...)()( 21 njfjfjf ≥≥≥ . Then we give the 

much probability mass to the states early in the ordering. Computing ),( aiQu is the 

process finding the worst model. To find the best model, similarly, the idea is to sort 
the possible states into increasing order according to their )( jf value. Then, the best 

probability distribution is the one giving the highest probability to the first state 1j , 

then to 2j , and so on up to nj . Computing ),( aiQl is the process finding the best 

model. Obviously, Buffet and Aberdeen’s approach is a special case of our ap-
proaches. Therefore it is straight forward to have the following lemmas.  

Lemma 1. There exists a greedy policy on the interval of the “Q-value”, which is the 
same as the one under the worst model according to )2( . 

 

Fig. 1. (a) A simply sample of Uncertain MDPs used in [4]; (b) The transition probability dis-
tributions and “Q-value” depending on )9( ; (c) The transition probability distributions and 
“Q-value” depending on )10( ; (d)The “Q-value” depending on )11(  
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Lemma 2. There exists a greedy policy on the interval of the “Q-value”, which is the 
same as the one under the best model according to )3( . 

We consider an Uncertain MDP sample used in [4]. We assume that the current 
evaluation function values of 0s and 1s are 8)( 0 =sf and 10)( 1 =sf . The “Q-

value” in different cases are different, and hence the greedy actions at 0s are different. 

Figure 1 shows the transition probability distributions and “Q-value” in different 

cases. Depending on )9( , 6.9),( 00 =asQu , 9.9),( 10 =asQu , and the greedy 

action is 0a ; depending on )10( , 6.9),( 00 =asQl  , 2.9),( 10 =asQl , and the 

greedy action is 1a ;  depending on )11( ,  6.9),( 00 =asQ , 55.9),( 10 =asQ , and 

the greedy action is also 1a . 

3   Algorithms That Solve Uncertain MDPs  

3.1   Dynamic Programming Algorithms 

Given the complete and accurate state-transition probabilities )(apij , and the action 

costs )(aci for all states i and actions )(iAa ∈ , it is possible to find an optimal pol-

icy via a dynamic programming algorithm for MDPs. There are two dynamic pro-
gramming algorithms: value iteration and policy iteration [7]. Both value iteration and 
policy iteration repeat an improvement step that updates the evaluation function for 
all states.  

We now describe two related dynamic programming algorithms for Uncertain 
MDPs: gVI(general Value Iteration) and gPI(general Policy Iteration). Let Worst VI, 
Best VI and Average VI denote the algorithms gVI to compute the optimal policy in 
worst, best, and average cases. Let Worst PI, Best PI and Average PI denote the algo-
rithms gPI to compute the optimal policy worst, best and average cases. gVI and gPI 
are summarized in figure 2 and figure 3, respectively. 

3.2   gLAO* 

When an Uncertain MDP is formalized as a graph-search problem, each state of the 
graph corresponds to a problem state and each arc corresponds to an action causing a 
transition from one state to another. [8] views an AND/OR graph as a hypergraph that 
has hyperarcs or k-connectors, connecting a node to a set of k successor nodes. K-
connector is interpreted as the transformation of a problem into k sub problems.  

Figure 4 outlines the algorithm gLAO* for finding a minimal-cost solution graph 
in a AND/OR graph with loops. The version of gLAO* we have outlined follows the 
LAO* described by [1]. gLAO* differs from the original LAO* in that: gVI or gPI is 
used to compute state costs in the dynamic programming step.  

 
 



 Solving Uncertain Markov Decision Problems: An Interval-Based Method 953 

Algorithm 1. gVI  
1. Start with an initial evaluation function 0f and set 0>ε .  

2. Repeat until the error bound of the evaluation function is less thanε  for each 

state Si ∈ : 
    %the worst case: )],([min)(

)(

' aiQif u

iAa ∈
= ; 

%the best case: )],([min)(
)(

' aiQif l

iAa∈
= ; 

%the average case:
⎥
⎦

⎤
⎢
⎣

⎡ +=
∈ 2

),(),(
min)(

)(

' aiQaiQ
if

ul

iAa
. 

3. For each state Si ∈ , 

   %the worst case: using formula )9( ; 

%the best case: using formula )10( ; 

%the average case: using formula )11( . 

Fig. 2. gVI: A dynamic programming algorithm for Uncertain MDPs 

Algorithm 2. gPI  
1. Start with an initial evaluation function 0f and an initial policy 0π .   

2. Repeat until the policy does not change for each state Si ∈ : 
%the worst case: 

i. Policy evaluation: ))](,([)( iiQif u ππ = , 

ii. Policy improvement: using formula )9( ; 

%the best case: 
i. Policy evaluation: ))](,([)( iiQif l ππ = , 

ii. Policy improvement: using formula )10( ; 

%the average case: 

i. Policy evaluation: 

⎥
⎦

⎤
⎢
⎣

⎡ +=
2

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

iiQiiQ
if

ul πππ , 

ii. Policy improvement: using formula )11( . 

3. Return an optimal policy *π . 
 

Fig. 3. gPI: A dynamic programming algorithm for Uncertain MDPs 
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When gPI is used to compute exact state costs in the dynamic-programming step, 
the solution to which gLAO*converges is optimal. When state costs are updated ap-
proximately using gVI in dynamic-programming step, the solution to which gLAO* 
converges may not be optimal. In this case, an additional convergence test can be 
used to determine whether the solution is −ε optimal, for anyε . 

Let Worst LAO*, Best LAO*, and Average LAO* denote the algorithm gLAO*, 
which perform gVI (or gPI) in three different cases to compute the optimal policy.  

Algorithm 3. gLAO* 

1. The explicit graph 'G initially consists of the start state 0s . 

2. While the best solution graph has some non-terminal tip state: 
(a) Expand best partial solution: Expand some non-terminal tip state n of the best 

partial solution graph and add any new successor states to 'G . For each new 

state i added to 'G by expanding n , if i is a goal state then 0:)( =if ; 

else )(:)( ihif = . 

(b) Update state costs and mark best actions: 
         i. Create a set Z that contains the expanded state and all of its ancestors in the  

explicit graph along marked action arcs. (I.e., only include ancestor states  
from which the expanded state can be reached by following the current best  
solution.) 

         ii.Perform dynamic programming (gVI or gPI) on the states in set Z to update  
state costs and determine the best action for each state. 

3. Convergence test: If gPI was used in step 2(b) ii, go to step 4. Else perform gVI on 
the states in the best solution graph. Continue until one of the following two condi-
tions is met. (i) If the error bound falls belowε , go to step 4. (ii) If the best current 
solution graph changes so that it has an unexpanded tip state, go to step2. 
4. Return an optimal (or −ε optimal) solution graph. 

 

Fig. 4. gLAO*: a heuristic search algorithm for Uncertain MDPs, which can find an optimal 
solution graph without evaluating the entire state space 

4   Experiments  

We use here the race track problem as defined in [9]. A race track of any shape in-
cludes a start state at one end and a finish line at the other consisting of designated 
squares. Each square within the boundary of the track is a possible location of the car. 
Beginning at the start state, the car attempts to move along the track to the finish line. 
The state of the system can be determined by the car’s location and its speeds in the 
horizontal and vertical directions. There is a set of admissible nine actions for each 
state. With probability 0.9, the controller’s intended action is reliably executed, and 
with probability 0.1, the system ignores the controller’s action. That is, 0.1 is the  
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Table 1. Summary of performance for Worst LAO*, Average LAO* and Best LAO* 

 

probability that the actual accelerations or deceleration at a move are zero. If the car 
hits the track boundary, we move it back to a random position on the starting line, 
reduce its velocity to zero, and continue the trial. The objective is to learn to control 
the car so that it crosses the finish line in as few moves as possible.  

We applied Worst LAO*, Best LAO*, and Average LAO* to race track problems. 

We set the initial costs of all the states to zero and 310−=ε . And the controller’s 
intended actions were reliably executed with uncertain probability [0.85, 0.95]. 

In the figure 5 we compare the optimal solutions generated by the three different 
algorithms for a given map L, which are the paths the car would follow from the start  
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Fig. 5. This figure illustrates the optimal paths derived by Best LAO*, Worst LAO* and Aver-
age LAO* for map L 

state if all sources of randomness in the problems were turned off. Noting that Worst 
LAO*, Best LAO*, and Average LAO* take very different paths to the goal. Table1 
shows performance on some race track maps for Best LAO*, Worst LAO* and Aver-
age LAO*. Through the experimental results we can conclude that: 

i. Like LAO*, gLAO* is a heuristic search algorithm, it can solve uncertain 
MDPs without evaluating the entire state space. 

ii. Worst LAO*, Best LAO*, and Average LAO* can solve effectively uncer-
tain MDPs, we can choose different approaches depending on different situa-
tions. 

5   Conclusion  

We have proposed a general algorithm gLAO* that could deal with uncertain MDPs. 
The approaches adopted in this algorithm consider three different cases: the best case, 
the worst case and the average case. Different approaches would be chosen depending 
on different situations. gLAO* inherits the merits of LAO*, it could find out an opti-
mal solution in MDPs with uncertain transition probabilities.  
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Abstract. We present a new local obstacle avoidance approach for mobile 
robots in partially known environments on the basis of the curvature-velocity 
method (CVM), the lane-curvature method (LCM) and the beam-curvature 
method (BCM). Not only does this method inherit the advantages from both 
BCM and LCM, but also it combines the prediction model of collision with 
BCM perfectly so that the so-called prediction based BCM (PBCM) comes into 
being and can be used to avoid moving obstacles in dynamic environments. 

1   Introduction 

There are important benefits in using autonomous mobile robots to perform different 
tasks. For example, robots may be used to prospect the unknown in hazardous 
environments such as volcanoes[1], deep underwater sites[2], or outer space[3], where 
human operators could be at risk. In conventional environments the use of mobile 
robots to continuously perform fetching and carrying jobs offers significant economic 
advantages through the release of skilled human workforce[4]. 

Some researchers use purely reactive methods, such as the Artificial Potential 
Fields methods (APF)[5,6] and the Vector Field Histogram method (VFH)[7] to 
guide the robot exploring in unknown environments. Though the two methods 
produce smoother travel and can handle both narrow and wide openings, they can’t 
account for the fact that when the robot turns it typically move along arcs, rather 
than in straight lines. Velocity space approaches, including CVM[8], LCM[9] and 
BCM[10], formulate the local obstacle avoidance problem as one of constrained 
optimization in the velocity space and can take vehicle dynamics into account by 
choosing angular velocity along with linear velocity. Though BCM generates 
smoother and faster trajectory than other methods above, it may fail to navigate in 
dynamic environments due to the fact that BCM takes only the obstacles’ position 
rather than velocity into account.  So we combine BCM with a prediction model of 
collision so that the robot has the capability of avoiding the dynamic obstacle in 
partially known environments. 
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2   Improvements on BCM 

We divide all the beams into two types: the free beam and the block beam. The block 
beam is the beam associates with an obstacle while the free beam is vice versa. 
Enlightened by LCM, we take the beam’s width into account so that the beam can be 
denoted as a quadruple, ),,,(B 21 iiii wdρρ , where 1iρ and 2iρ  are the orientations of 

corresponding sensors. The width of the i-th beam is calculated as follows: 

ni
beamsfreeyyxx

beamsblockd
w

imiimi

i
i

ii

,,2,1
)()(

)
2

tan(2

2
1,1,1

2
1,1,1

i1i2

11

=
⎪
⎩

⎪
⎨

⎧

−+−

−
=

+−+− −−

ρρ
 . 

 

(1) 

Where n is the total amount of the beams; xi-1,mi-1 is the x-coordinate of the extremely 
right point of the (i-1)-th obstacle; yi+1,1 is the y-coordinate of the extremely left point 
of the (i+1)-th obstacle.  

After calculating all the beams in robot’s local reference frame, we select the best 
beam to guide the robot by maximizing an objective function. 
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Where ε , having been defined by Eqn.9 in literature[10], is the smallest angular error 
between the goal direction and the analyzed beam;α , β and γ  are weight constants 
adjusted by experimentation (α + β + γ =1). 

3   The Prediction Model of Collision 

We use the extended Kalman filter to calculate the obstacle’s velocity and eliminate 
the uncertainty resulted from the disturbance of system noise simultaneously. 

The state equation and measurement equation are denoted as follows: 
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Where X(k)=[ kkkkk vyx ωα ]T is the state vector consisting of the obstacle’s 

position, orientation and velocities in robot’s local reference frame at time step k. 
u(k)=[ kkD αΔ, ] is the input vector in which kD is the robot’s driving distance and 

kαΔ  is the robot’s rotation angle in k-th time interval; W(k) and V(k+1) are the zero-

mean, white, Gaussian process noise with known covariance.  
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T is the sampling interval; H(k+1) and Z(k+1) are 5×2 const matrix and 2×1 
measurement vector respectively. 

Although some emergencies, such as sudden turn, acceleration or deceleration, take 
place sometimes, in most cases, the obstacle’s velocity can be regarded as a uniform 
speed. Eqn.6-8 shows us the theory of trajectory prediction.  
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4   Experiments and Results 

Autonomous navigations have been implemented in a dynamic environment with real 
robot. As is shown in Fig.1a, BCM collides with the obstacle O2 after passing by the 
first one. LCM, however, avoids both obstacle O1 and obstacle O2 luckily and meets 
obstacle O3 in front of the door, where there exists no applicable lane to go through so 
that it has to turn round for the new path. PBCM, as is shown in Fig.1b, exhibits 
considerable advantages in avoiding moving obstacles. 

To evaluate the efficiency of PBCM, LCM and BCM, we obtain the average time 
spent in different scenes. LCM spends more time than that of BCM and PBCM in 
static environment with or without obstacles. BCM and PBCM take almost the same 
time in capacious environment. PBCM achieve 28 in 30 total dynamic experiments, 
the only 2 failures take place in narrow doorway when obstacle O3 moves out 
suddenly. In such condition, when the robot recognizes the moving obstacle, the 
obstacle has been too near to avoid. While BCM and LCM achieve 11 and 16 
respectively in all cycle, which indicates the validity of our approach. 

The following conclusions can be drawn from the experiments above. Firstly, the 
combination of the prediction model and the improved BCM endows the robot the 
capability of dynamic obstacles avoidance. Secondly, PBCM, as a reactive 
navigational method, often fails to overcome local minima problems. Combining 
PBCM with a global environmental map may be a feasible method to resolve these 
problems. 
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a) The trajectory of BCM and LCM                        b) The trajectory of PBCM 

Fig. 1. Experimental result in dynamic environment 
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Abstract. Management software is required to be adaptive and scalable since 
the managed objects become more and more dynamic and complex. In this 
paper, we introduce cognitive concepts to deal with the complexity in 
developing management software, and an interactive intelligent agency 
framework, called iSMAcy (intelligent System Management Agency), is 
developed as an integrated solution to realize adaptive system management. The 
cognitive concepts are applied at two levels. At micro level, the intentional 
agent kernel of functional agent use mental states such as beliefs, goals and 
intentions to realize integration of goal-directed behavior with situated reactive 
action. At macro level, high-level cognitive semantics such as goals, requests 
and commitments are interchanged among agents. An example of applying 
iSMAcy system on a simulated network management environment is described, 
and the efficiency of the intentional agent kernel is analyzed to ensure the 
reactivity of iSMAcy system. 

1   Introduction 

As the managed objects become more and more dynamic, complex and heterogen-
eous, we need the management software to be more adaptive and scalable. 
Conventional development techniques are difficult and expensive to build and 
maintain such systems. The challenges roughly come from two levels: the micro level 
concerns on how to capture the complexity in ensuring the autonomy of local 
controller, and the macro level concerns on how to capture the complexity of 
interaction among different authorities. In this paper, we adopt an intentional multi-
agent approach to treat with the complexity in both of these two levels. The intelligent 
agency framework we built, called iSMAcy (intelligent System Management 
Agency), are modeled from intentional stance [10, 12], which has been used as a 
powerful abstract tool to describe, explain, and predict the systems behavior by 
applying cognitive mental status such as beliefs, goals, and intentions.  

The remainder of the paper is organized as follows. We give the macro system 
components of iSMAcy in Section 2. The micro architecture of intentional agent 
kernel to realize local autonomy is described in Section 3. At Section 4, we illustrate 
how the distributed and cooperated management paradigm is realized. A case study of 
applying iSMAcy system on a simulated testbed to realize network resource 
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management is reported in Section 5. In Section 6, a detailed analysis on reactivity of 
the intentional agent kernel is given. The related work is discussed at Section 7 and 
finally the paper is concluded at Section 8. 

2   The Agency Framework Architecture 

iSMAcy is a FIPA (Foundation for Intelligent Physical Agents) [2, 3] compliant 
agency framework, composed by server agency node connected with high-speed 
networks. As depicted in Fig. 1, an iSMAcy agency node includes: (1) an agency 
platform (AP) that provides physical infrastructure to deploy agents, and (2) an 
application agent container that collects functional agents for management tasks. The 
agency platform composes an Agent-Management-System (AMS), a Directory 
Facilitator (DF), and a Message Transport Service (MTS). The AMS is responsible to 
control the agent lifecycle from agent creation to termination. The DF helps agents to 
find appropriate partners for a particular conversation. The MTS, which contains the 
Agent Communication Channel (ACC) and Message Transfer Protocols (MTPs), is 
used to deliver messages between agents inner or inter APs. In application agent 
container, the diagnosis agent is responsible for receiving alarms and status from the 
managed objects, diagnosing the problems, then sending the diagnosed results to the 
control agent. The later will carry out corrective actions to solve the problems. 
iSMAcy supports distributed management paradigm: the control agent of each 
iSMAcy node can send messages and process conversations with other control agent 
residing on remote agency node. 

 

Fig. 1. Architecture of an iSMAcy node 

3   Local Autonomy 

Both of the diagnose agent and control agent are built from an Intentional Agent (IA) 
kernel, which is modeled from intentional stance [10, 12]. Its basic components 
include the data structures representing its mental attitudes and a set of control 
processes explaining the interrelationship between these attitudes.  
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3.1   Data Structures of Mental Attitudes 

Beliefs, capacities, goals, and intentions are chose to represent the mental attitudes. 
Beliefs present the world model of the agent perceived from its environment. Its 
contents are organized as a list of facts with the following format: 

World_Model: 
FACT <relation_id_1> <parameter_id:type:value>+ 
… … 
FACT <relation_id_n> <parameter_id:type:value>+ 

Knowledge about how to accomplish a given goal or react to certain situation is 
encoded in the plan structure and is placed in the capacities library. Each plan 
comprises a plan head and a plan body. The plan head defines under what 
circumstances the plan body is applicable. Its contents including: a unique name, a 
trigger condition field, a precondition field, and a plan utility field. The basic 
elements of plan body are primitive actions and sub-goals, which can be combined 
with language control structures like if-then-else, while-do iteration, and 
sequential/disjunctive execution blocks. An example of plan structure used in the 
experiment of Section 5 is depicted at Fig. 2. 

 1 PLAN: { 
2 NAME: [Control_link_degrade]  
3 INVOCATION CONDITION:  
4 GOAL: [Control_link_degrade $Congested_Link $Env_Diaged_problem]  
5 PRECONDITION: [Null]  
6 CONTEXT: [TEST (<= Get_Congestion_Level(self_SubNetArea) #Middle)] 
7 UTILITY: [Normal]  
8 BODY:  
9 Let $control_path as the lowest priority one that has the $Congested_Link_Pair 

as first_offered_route 
10 ASSIGN $next_route Get_next_route(route_table($control_path)) 
11 IF (TEST (NOT $next_route NULL))  
12 Apply_SK_command ($switch $Congested_Link) 
13 ELSE { 
14 Get ($idle_route) that is out of route_table($switch) with shortest length 

or maximum idle capapcity  
15 IF (TEST (NOT $idle_route NULL))  
16 Apply_IRR_command ($switch $idle_route $Congested_Link_Pair) 
17 ELSE { 
18 Send_interPlatform_Message 

GetControlAgent(GetSourcePlatform($control_path)) self_platform 
#Env_Diaged_problem 

19 … … … 
20 apply protective controls on self_SubNetArea 
21 }} 
22 }  

Fig. 2. A plan to control degraded links 

The goals set represent the motivation component of the agent. We distinguish 
“top-level goals” and “subgoals”. The former represent the highest-level goals that are 
specified on the initiate times when the agent start up; the later are goals that the agent 
creates during plan execution. The BNF grammar of a goal item can be presented as 
follows: 
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goal-value ::= <goal-type><relation-identify><parameter>*<goal-
utility> 

goal_type ::= <achieve>|<perform>|<maintain> 

The intention structure, which is made up by several concurrently running intention 
stacks, represents current actions the agent has committed to perform. Each intention 
stack composes of a top-level goal that has been pursued and all its subgoals and 
instantiated plans that have been extended to achieve these goals.  

3.2   Control Processes Manipulating the Mental Attitudes 

The control processes manipulating the mental states include Observer and Message 
receiver, APL (Applicable Plan List) Generator, APL Filter, Mental-State Updater 
and Intention Executor. The execution model of the IA kernel is depicted in Fig. 3. At 
the beginning of each cycle, the Observer and Message-receiver gets new perceptions 
and ACL (agent communication language) messages, resulting  new events are 
produced in the event queue. The APL Generator matches each event with the trigger 
condition of plans in the capacities library, and the successful one is initiated and 
placed into the APL structure. The APL Filter decides whether the plans compatible 
with current intentions or the plans corresponding to new external events will survive. 
The former let agent work in a goal-directed manner and the later in a reaction 
manner. Plans that passed the Filter will be inserted into the corresponding position of 
intention structure by the Mental-state Updater, which also responds to process the 
internal events. For example, a “Goal-Success” event will pop the corresponding end-
node (with all of its subgoal nodes) in the intention structure. Finally, the Intention 
Executor gets the leaf-nodes of the intention structure with highest utility to form a 
frame of execution block, which contains limited number of primitive actions and 
subgoals, and then execute the actions with the execution block step by step, resulting 
actions to be taken or goals to be posted to the event queue. 
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Fig. 3. Execution model of Intentional Agent kernel 
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4   Distributed and Cooperated Management Paradigm 

iSMAcy provide infrastructures to support agent communicating and exchanging 
information with FIPA Agent Communication Language (ACL). For each agent there 
is a uniform messaging interface used for message delivery and dispatching. In 
complex management environments, agents usually need to interact with others with a 
conversation, that is, at any point of the conversation, after some messages have 
reached, certain other message sequences are expected to follow. iSMAcy also 
support agent to engage conversation through interaction protocols. It provides 
predefined plans to realize FIPA interaction protocols, such as FIPA-Request, FIPA-
Query, FIPA-Propose, and FIPA-Contract-Net.  

Different with traditional middleware and distributed objects technologies, 
iSMAcy provide plentiful semantic support for the agent interaction. For a network 
management example of Section 5, an agency node A may hope another agency node 
B to achieve the goal of “accepting 75% overflows from A”. The receiver has local 
problem-solving capabilities—itself decide what actions to take to achieve these 
goals. Even more, if the goal conflict with its existing goals, the controller may 
choose not to accept this kind of request. 

5   Experiment and Results 

A testbed on network resource management has been build to demonstrate how to 
apply the iSMAcy prototype to a practical domain. The simulation system is deployed 
on four computer nodes (hardware: x86 Family15 Model2 Stepping4 GenuineIntel 
~1992MHz, 512M RAM; platform: Java HotSpot™ Client VM 1.4.2_06-b03), 
connected with a 100Mb/s Ethernet LAN. Three simulation modules—a Traffic 
Simulator, a Subnetwork Area Simulator, and an iSMAcy node—are running at  
each computer node. The topology of the testbed is illustrated in Fig. 4. The whole  
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Fig. 4. The simulated network management example 
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managed networks are divided into four regions, each of which is managed by an 
iSMAcy node (labeled as agency A1-A4). For each agency node, the knowledge about 
the simulated network and offered traffic are maintained in the beliefs of functional 
agents, including the physical and logical topology of network, the node and link 
capacity, etc. The knowledge of how to diagnose the network problems, and how to 
take corrective actions to rectify problems, are encoded into the capacities library of 
diagnosis agent and control agent respectively. An example of plan used by the 
control agent to deal with a degraded link is described in Fig. 2. The strategy is to try 
expansive controls first, if alternative path can not be found within its local area, the 
control agent will send messages to other agency node request for cooperation. 
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(a) Impact on link occupancy   (b) Impact on blocking probability 

Fig. 5. Effects of applying iSMAcy system 

Our tests are designed to compare the management behavior of iSMAcy with the 
traditional centralized approach. The later cannot provide adaptive control in a finer 
granularity because the status of managed network elements and the control 
parameters are collected and updated centrally in a fixed period (here it is set as a 
cycle of 300 seconds). In the test scenario, the trunk group size of links inter 
subnetwork are all set to be 270 channels (one call per channel), and that of all links 
within subnetwork are set to be 180 channels. Traffic CSD from edge node S to D is 
added at time t0, CXD from X to D is added at time t1, and CYD from Y to D is added at 
time t3. All calls in the traffic use the same negative exponential distributions for the 
inter-arrival time and duration.  

Originally, traffics of CSD are routed through path R1 with a normal state. At time 
t1 the offered traffics of CXD are injected into switch 3 and the link pair 3-4 begins to 
congest. With traditional method, the system only read input data and re-compute 
control parameters every 300 seconds, thus this fluctuation is not noticed and no 
action is taken. As illustrated in Fig. 5, the blocking probability from S to D will 
climb up nearly to 50% after a few seconds. However, when iSMAcy system is 
applied, the diagnose agent of agency-A2 detect this congestion and then the control 
agent begin to carry out rectify actions after time t2—about 67% traffics are rerouted 
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from link1-3 to link 1-2 using the path R2. As a result, the utilization of congested 
link 3-4 decreased to 70% and the blocking rate from X to D fell below 10%. 

At time t3 the offered traffics of CYD are injected into switch 4, which makes link4-
9 to be congested. In centralized manner, this fine-grained time scale fluctuation is not 
attended either. When iSMAcy system is applied, the agency node A2 finds that it can 
not solve this problem alone within its local subnetwork. It uses a “request” protocol 
to send a message showed in Fig. 6 to agency node A1, which propose the receiver to 
re-route at lest 80% traffics out of the congest area. By receiving this message, agency 
A1 begins to reroute all of traffics of CSD to path R3 after time t4. As a result, after 
about 60 seconds, the utilization of the congested link 4-9 decreased and the blocking 
rate returned to the normal level (below 10%) again. 

 1 (request 
2 :sender (Control_Agent@iSMAcy_A2: 1089/ACC) 
3 :receiver (Control_Agent@iSMAcy_A1: 1099/ACC) 
4 :ontology  iSMAcy_NM  
5 :language  FIPA-SL0 
6 :protocol  fipa-request 
7 :content  
8 ((action Control_Agent @iSMAcy_A1: 1099/ACC 
9 (re-route-area 
10 : Operate-path 0 9 
11 : Congest-area iSMAcy_A2 
12 : Affected-volume > 80%))) 
13 )  

Fig. 6. FIPA ACL message sent by iSMAcy-A2  

6   The Efficiency Analysis of Agent Kernel 

In determining applicable plan list, the system does not perform any general 
deduction, except the unification and Boolean expression evaluation when deciding 
what action to take. Here, we use plan library and interleave planning with execution. 
Both beliefs and goals are matched directly with invocation conditions by using 
unification only. This allows appropriate plans to be selected very quickly and 
guarantees reactivity.  

As illustrated in Fig. 7, one basic control loop of the IA kernel roughly include 5 
phases: (1) get new external events, suppose the maximum duration time is tOB; (2) 
option generation, suppose the maximum duration time is tGP; (3) filter options, 
suppose the maximum duration time is tS; (4) update the mental states, suppose the 
maximum duration time is tM; and (5) schedule and execution of one primitive action 
in the intention structure, suppose the maximum duration time is tPRI. Assume at time 
T0, E is signaled with the highest priority, and the first action reacting to this event 
begin to execute at time TR, then the reaction time of event E is RE = TR − T0. The 
maximum of RE occurs when event is signaled just at the time the getting new external 
event phase had completed. We have max(RE) = tOB + 2(tGP + tS + tM ) + tPRI . Let n the 
upper bound of the number of events occur within one unit time, the control loop 
takes at most p time to select the applicable plans for each event, and the maximum 
number of events occur during the reaction interval is y. We have y = n(RE + tOB) and 
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2tGP = yp, then we get max(RE) = [(1+np) tOB +2( tS + tM) + tPRI] / (1−np). RE is 
bounded in time if tPRI, tM, tS, tOB, and tGP are bounded respectively.  

tPRI is bounded since the number of primitive actions in a execution block is 
limited. tM is bounded since the number of items in the belief sets and intention 
structure is limited. tS is bounded since the number of items in the APL is limited. tOB 
is bounded by the communication mechanism of interface between agent and 
operating system. As the number of events occurred within limited time scales and the 
number of plans in the capacities library are both limited, tGP is guaranteed to be 
bounded. Table 1 shows the run-time statistic values of agency node A2 measured in 
the network management example described above. The APL generation time roughly 
corresponds to tOB + tGP + tS. The long maximum plan execution time of control-agent 
comes from the inter-node communication latency when waiting response from 
remote agency node. 

 

Fig. 7. Reactivity analysis of IA kernel  

Table 1. Statistic values of agency node A2 running on the network management example 

 Diagnosis-agent Control-agent 

Number of facts initiated and 
generated 

mean: 70 mean: 84 

Number of plans in the 
capacity library 

12 16 

Number of APLs generated mean: 41 mean: 52 

Average of APL generation 
time (second) 

(mean: 0.016),  
(sd: 0.021) 

(mean: 0.011),  
(sd: 0.013) 

Average of NM-relevant plan 
execution time (second) 

(mean: 0.2388),  
(max: 0.3154) 

(mean: 0.4209),  
(max: 1.0263) 
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7   Related Work 

Some attempts have been made to deal with the complexity in building adaptive and 
scalable management systems. For example, AI technologies (such as Expert system 
and Neural Network) [5, 8] are introduced to aid malfunction diagnose and add 
learning capacities. Many of classic intelligent agent systems [13, 15] belong to this 
category. Another trend is the use of distributed paradigm [14, 16], where the 
management goal is achieved via the cooperation of spatially distributed control 
authorities. Many multiagent systems [1, 4, 7] can be treat as this category. However, 
both of them have limitations: most systems of the former still follows centralized 
paradigm; the later concern little about how the autonomy of local authority is 
realized. 

There are also some other cognitive agent structures based on folk psychology 
mental states. Some of them use cognitive concepts to model and execute by 
explicitly manipulating on those mental structures [6]. However, these kinds of 
system are criticized for the pool expression capability and execution efficiency so 
that are not practically used. dMARS [11] and JAM [9] use explicit representations of 
cognitive concepts, and the concepts are processed procedurally rather than via 
theorem proving, which is similar with the IA kernel of iSMAcy. However, both of 
them use ad hoc, not standard and open agent communication languages to interact, 
and concern little on how the multi-agency nodes are organized structurally.  

8   Conclusion  

Traditional AI methods focus on the internal reasoning and analysis process of single 
agent; whereas traditional distributed systems attend to the platform infrastructure that 
support multiagent communication and coordination. The iSMAcy system proposed 
here is trying to integrate these two methods into a coherent system. On one hand, it is 
a distributed management system with each agency node run as a local controller. 
Agents send and receive messages through standard FIPA agent communication 
language. On the other hand, the application agent, such as the diagnosis agent and 
control agent follow an intentional agent kernel with which the agent can decide 
whether to expand current intentions to execute so that working in a goal-directed 
manner; or change its focus completely by purchasing new goals and plans so that 
working in a reactive manner. 
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Abstract. The purpose of this paper is to investigate the use of hybrid intelligent 
control to aircraft automatic landing system. Current flight control law is adopted 
in the intelligent controller design. Tracking performance and adaptive capability 
are demonstrated through software simulations. Two control schemes that use 
neural network controller and neural controller with particle swarm optimization 
are used to improve the performance of conventional automatic landing system. 
Control gains are selected by particle swarm optimization. Hardware 
implementation of this intelligent controller is performed by DSP with VisSim 
platform. The proposed intelligent controllers can successfully expand the 
controllable environment in severe wind disturbances. 

1   Introduction 

According to Boeing's report [1], 67% of the accidents by primary cause are due to 
human factors and 5% are attributed to weather factors. By phase of flight, 47% 
accidents are during final approach or landing. It is therefore desirable to develop an 
intelligent automatic landing system (ALS) that expands the operational envelope to 
include safer responses under a wider range of conditions. In this study, robustness of 
the proposed controller is obtained by choosing optimal control gain parameters that 
allow a wide range of disturbances to the controller. In [2], Kennedy and Eberhart 
presented an evolutionary computation algorithm the real-coded particle swarm 
optimization (PSO). PSO is one of the latest population-based optimization methods, 
which dose not use filtering operation (such as crossover and mutation). Members of 
the entire population are maintained through the search procedure. This method was 
developed through the simulation of a social system, and it has been found to be robust 
in solving continuous nonlinear optimization problems [3-5]. The method is also 
suitable for determination of the control parameters which give aircraft better adaptive 
capability in severe environments.  

In the research of intelligent flight control, neuro-control is the most used technique. 
Juang [6-7] had presented a sequential learning technique that uses conventional neural 
network with back-propagation through time algorithm in landing control successfully. 
Aircraft landing control based on software simulations has also been done by many 
researchers [8-13]. These researches are all software simulations. In this paper, we 
present two control schemes for hardware simulation, a neural network controller and a 
neural network controller with PSO algorithm. A conventional feedforward neural 
network controller is designed using VisSim software and C language. The controller is 
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trained by backpropagation algorithm. To improve the performance of the automatic 
landing system, PSO algorithm is implemented to the controller scheme, which can 
search more suitable control gains of the pitch autopilot. Furthermore, we download the 
code to the target DSP chip, and run it on the VisSim platform. Finally, the comparisons 
of simulation results by software and hardware are presented. 

2   Aircraft Simulation Model 

VisSim is a Windows-based program for the modeling and simulation of complex 
nonlinear dynamic systems [14]. VisSim combines an intuitive drag & drop block 
diagram interface with a powerful simulation engine. The visual block diagram 
interface offers a direct method for constructing, modifying and maintaining system 
models. The simulation engine provides fast and accurate solutions for linear, 
nonlinear, continuous time, discrete time, time varying and hybrid system designs. In 
here, we build a aircraft dynamic model under VisSim software, and realize the 
conventional PI controller by the same manner. Then, the intelligent controller design 
using C language and its realization by DSP are presented. Fig. 1 describes the aircraft 
landing system using conventional PI controller in VisSim platform.  

Since the invention of the transistor and integrated circuit, digital signal processing 
functions have been implemented on many hardware platforms ranging from 
special-purpose architectures to general-purpose computers. It was not until all of the 
functionality (arithmetic, addressing, control, I/O, data storage, control storage) could 
be realized on a single chip that DSP could become an alternative to analog signal 
processing for the wide span of applications that we see today. In this study, we use TI 
TMS320LF2407 chip to perform our task. The 2407A devices offer the enhanced 
TMS320DSP architectural design of the C2xx core CPU for low-cost, low-power, and 
high-performance processing capabilities. Moreover, it offers suitable array of memory 
sizes and peripherals tailored to meet the specific performance points required by 
various applications. The TMS320LF2407 operates at 40 MHz (40 MIPS), has 4 to16 
PWM output channels and has serial communication capabilities. In addition, the 
TMS320LF2407 contains a 10-bits analog-to-digital converter (ADC) having a 
minimum conversion time of 500 ns that offers up to 16 channels of analog input. 
Furthermore, the working process and externals of the eZdspTMLF2407A board are 
shown in Fig. 2 and Fig. 3, respectively. 

There are three basics steps in the development of a DSP algorithm: 1). Create the 
system you want to execute on the target DSP; 2). Generate the C source code from the 
system; 3). Compile and link the C source code to produce an executable file. If step 1 
performed using available blocks form VisSim software, thus, steps 2 and 3 are 
automatically performed by VisSim. But most intelligent methods do not exist in 
VisSim toolbox. So, an intelligent controller design using C language and its realization 
with DSP are presented in next section. Performance of a conventional PI controller 
that uses available blocks, as shown in Fig. 1, is presented in Table 1. Detail description 
of the aircraft model and control structure can be found in [7]. The controller can only 
guide the aircraft flying through wind speed of 0 ft/sec to 23 ft/sec. With the wind speed 
at 20 ft/sec, the horizontal position at touchdown is 891.2675 ft, horizontal velocity is 
234.7 ft/sec, vertical speed is -2.7931 ft/sec, and pitch angle is -0.6848 degrees, as 
shown in Fig. 4 to Fig. 7. 
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Fig. 1. Aircraft landing system using VisSim software 

 

Fig. 2. Working process of the eZdspTMLF2407A board 
 



 Hybrid Intelligent Aircraft Landing Controller and Its Hardware Implementation 975 

 

Fig. 3. Externals of the eZdspTMLF2407A board 

Table 1. The results from using conventional controller under VisSim & DSP platform  
(k1=2.8; k2=2.8; k3=11.5; k4=6.0) 

Wind speed Landing point (ft) 
Aircraft vertical 
Speed (ft/sec) 

Pitch angle (degree) 

20 891.2675 -2.7931 -0.6848 

23 977.0703 -2.4430 -0.4577 

24 1000.7162 -2.4034 -0.4098 

  

Fig. 4. Aircraft pitch and pitch command Fig. 5. Aircraft vertical velocity and velocity 
command 
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Fig. 6. Aircraft altitude and command Fig. 7. Turbulence profile 

3   Implementation of Intelligent Controller 

At the beginning, the feedforward neural network controller is used and simulated on 
the Matlab simulation software. The controller is trained by backpropagation 
algorithm. The weight values of the controller are obtained after the BP training process 
(see Fig. 8). In here, the neural controller consists of four hidden units and three layers. 
The inputs for the neural controller are: altitude, altitude command, altitude rate, and 
altitude rate command. The output of the controller is the pitch command. Table 2 and 
Fig. 9 and Fig. 10 show the results from using different turbulence speeds. The 
controller can successfully guide the aircraft flying through wind speeds to 64 ft/sec. 

After neural network training, parameters of control gains are selected by particle 
swarm optimization. With PSO, the controller can successfully guide the aircraft flying 
through wind speeds to 78 ft/sec. Table 3 shows the results from using different 
turbulence speeds. Fig. 11 and Fig. 12 show the results from using feedforward neural 
controller with the PSO. 

Specified 
Operational
Conditions

Aircraft 
Model 

Neural Network 
Controller 

Control 
Law

simulated 
command 

output
states

initial
states

command 

BP

+

-

error 

 

Fig. 8. Training process by BP algorithm 
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Table 2. The results from using conventional feedforward neural network controller  
(k1=2.8; k2=2.8; k3=11.5; k4=6.0) 

Wind speed Landing point (ft)
Aircraft vertical 
Speed (ft/sec) 

Pitch angle 
(degree) 

30 863 -2.08 -0.13 

40 788 -2.52 0.11 

50 761 -2.68 0.64 

60 758 -2.57 1.23 

64 573 -2.84 0.65 

 

Fig. 9. Aircraft vertical velocity and velocity 
Command 

Fig. 10. Aircraft altitude and command 

Table 3. The results from using feedforward neural network controller with PSO  
(k1=1.9351; k2=1.9351; k3=11.9771; k4=21.6547) 

Wind speed Landing point (ft) 
Aircraft vertical 

Speed (ft/sec)
Pitch angle (degree) 

30 880.3308 -2.3278 -0.3177 
40 889.6822 -2.3897 -0.0410 
50 759.6838 -2.3868   0.6300 
60 918.6127 -2.3258   0.6614 
70 844.9533 -2.6691   1.0621 
78 252.2103 -2.9884   2.2176 

To design a neural network controller block in VisSim, we utilize the C++ language 
and VisSim tools to implement the task. It is a complex procedure for making a special 
block. Fig. 13 shows a simple flowchart of the process.  
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Fig. 11. Aircraft vertical velocity and velocity 
command 

Fig. 12. Aircraft altitude and command 

Define environmental
conditions of this block.

Set the initial variables of 
this controller 

Set the number of pins and 
fixed points

Start to operate of neural
network

Solve the overflow problem

Output values 

Solve the environmental
problem between DSP and 
VisSim platform

End

Controller

 

Fig. 13. Flowchart of designing process 
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Fig. 14 illustrates the aircraft landing system using feedforward neural controller on 
DSP chip and VisSim platform. DSP controller receives information form PC via 
printer port, and shows results on the VisSim platform. Table 4 shows the results from 
using different wind turbulence speeds. The controller can successfully guide the 
aircraft flying through wind speeds of 0 ft/sec to 53 ft/sec.  

 

Fig. 14. DSP hardware-in-the-loop mode 

Table 4. The results from using feedforward neural controller under VisSim & DSP  
(k1=2.8 ; k2=2.8; k3=11.5; k4=6.0) 

Wind speed Landing point (ft) 
Aircraft vertical  

Speed (ft/sec) 
Pitch angle (degree) 

10 951.2347 -2.6283 -0.9725 

20 866.0525 -2.7281 -0.6290 

30 873.3354 -2.6465 -0.2101 

40 857.5633 -2.4649 0.1952 

50 787.6701 -2.2321 0.5977 

53 905.3160 -2.0837 0.7025 
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Following presentation is to demonstrate the performance of the hardware controller 
with optimal control gains used in VisSim platform. These control gains are searched 
by the PSO, which can make the system more intelligent. Table 5 shows the results 
from using DSP with optimal control gains through VisSim. The controller can 
successfully overcome turbulence to 76 ft/sec.  

Table 5. The results from using feedforward neural controller in DSP chip  
(k1=1.9351; k2=1.9351; k3=11.9771; k4=21.6547) 

Wind speed Landing point (ft) 
Aircraft vertical 

Speed (ft/sec) 
Pitch angle (degree) 

10 881.7878 -2.7363 -1.0080 
20 879.5342 -2.7743 -0.6337 
30 845.1740 -2.7457 -0.2244 
40 769.7975 -2.5618 0.2048 
50 607.4361 -2.6658 0.6037 
60 751.0171 -2.3735 1.0436 
70 421.8852 -2.7395 1.7917 
76 565.3009 -2.3718 1.8486 

4   Conclusions 

This paper presents an application of DSP chip for designing a feedforward neural 
network controller for aircraft landing system. Tracking performance and adaptive 
capability are demonstrated through software simulations. Compared with the software 
simulation results, hardware simulation of the DSP controller demonstrates the 
reliability of neural network method. On the other hand the PSO method improves the 
performance indeed. The PSO adopted in neural networks has the advantage of using 
fewer hidden neurons. This is because the PSO method can be used to generate high 
quality solutions on complex parameter searches. From simulations we know that the 
DSP controller is suitable for real implementation of online control. Although its 
performance is slightly worse than software simulation but it can overcome more 
disturbance range than previous studies. Simulation results show that the proposed 
automatic landing controllers can successfully expand the safety envelope of an aircraft 
to include severe wind disturbance environments without using the conventional gain 
scheduling technique. 
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Abstract. In this paper we first give a new method of time series model to fore-
cast GDP of China. The method proposed here aims to emphasis the importance 
of the impact of STEP-Affair on the GDP forecasting. The superiority of the 
method to ARMA model is illustrated in an example presented accordingly. 
Then in the system of whole economic when the GDP forecasted above is 
given, how can we allocate the limited resources to make the economical be-
havior relative efficient. We use data envelopment analysis to show how to de-
termine input interval. Each input among the input interval as well as the given 
output constitute an efficient decision making unit (DMU). For decision makers 
the techniques are very important in decision making, especially in macroeco-
nomic policies making in China. 

1   Introduction 

In macroeconomic a goal of long-term or short-term should be developed by policies 
makers to provide a sustainable development of economic. To attain the goal it is very 
important for a policy maker to predict the output of economic behavior and to allo-
cate the limited resources. In this paper we present a technique to forecast GDP in 
China and then when GDP is given, we give a method of determining input interval. 
The inputs determined by our method and the given GDP constitute efficient DMUs 
so as to attain our goal. 

The Gross Domestic product in China is affected by many factors such as eco-
nomic system, policy, scientific level and nature, etc al. There are many researches on 
GDP forecasting as well as per-person GDP forecasting [1,2,3]. Before 1978, China 
was one of the poorest countries in the world; the GDP per worker in China then was 
just as 2% of the GDP per worker in USA. However, after 1978, the economy of 
China has enjoyed a rapid growth period, which has created a surprising economic 
miracle to the whole world. Preliminary estimates by China National Bureau of Statis-
tics (NBS) show that the gross domestic product (GDP) of China in 2000 was 8.9404 
trillion yuan, an increase of 8 percent over the previous year in constant terms. This 
estimated growth rate was 0.9 percentage points higher than that in 1999.In this paper 
we focus on the reform and opening in China to propose a time series model about 
GDP variable, then predict the GDP from 2001to 2004, and then compare them with 
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the real observations. At last we forecast the GDP of 2006 (the first yea of ‘the elev-
enth 5 year plan’). Thus we can obtain more valuable information for the whole ‘the 
eleventh 5’ plan. 

Data envelopment analysis (DEA) is a linear programming-based technique for 
evaluating the relative efficiency of a decision-making unit (DMU) by comparing it 
with other DMUs that utilize the same resources (inputs) to produce the same outputs. 
Since the first introduction of the technique by Charnes et al. [4], known as the CCR 
model, it has been extended and widely employed to assess performance of organiza-
tion in various areas of public and private sectors, such as, schools, hospitals, banks 
districts, etc.[5]. After the GDP of short term or long term is predicted, how we can 
readjust the input of whole economics for the sake of the limited resources so as to 
make the input-output of the whole economical system to be efficient is a very impor-
tant issue. It belongs to resource allocation in main macroeconomic. Here we give the 
interval of input estimation by using data envelopment analysis. 

2   Conventional GDP Forecasting 

Forecasting refers to a process by which the future behavior of a dynamical system is 
estimated based on your understanding and characterization of the system. More re-
cently, soft computing methodologies, such as neural networks, fuzzy logic, and genetic 
algorithms, have been applies to the problem of forecasting complex time series. These 
methods have shown clear advantages over the traditional statistical ones. The advan-
tage of soft computing methodologies is that we do not need to specify the structure of a 
model a priori, which is clearly needed in the classical regression analysis [6-9]. 

2.1   ARMA Model Review 

Time series analysis has a wide use in handling the problem of forecasting[10-13]. 
Unfortunately, no simple statistical methodology like regression is known for dealing 
with covariance-nonstationarity. In addition, the presence of dependence in the data, 
whether of stationary or nonstationary kind, is problematic for someone who is used 
to analyzing observations. How does one deal with the dependent data? There are 
many ways enough to encourage a novice to venture into analyzing data and raising 
questions about the validity and prudence of the commonly used asymptotic proce-
dures in finite sample situations. The idea of orthogonalization leads to powerful 
methodologies for handing stationary and nonstationarity data alike. Some of the most 
important techniques such as Box-Jenkins methods, the state-space and Kalman filter-
ing algorithm, spectral analysis, the Wold decomposition and the Karhunen-Loeve 
expansion are centered and the notion of orthogonalizing segments of a stochastic 
process. 

There are numerous ways to transform the dependent data xt into a sequence of un-
correlated random variables called a white noise. Among these a central role is played 
by the Yule’s(1927) and pioneering idea of auto-regression and its evolution into the 
autoregressive and moving average(ARMA) models of orders p and q:  
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Denoted by ARMA (p,q) for short. The goal of ARMA model fitting process is to 
use the data and develop an empirical method for choosing the orders p, q and esti-
mating the parameters so that the fitted residuals are approximately uncorrelated. 
More precisely, the following three stages are used in the iterative ARMA model 
fitting process: 

1 model identification (choosing p and q) 
2 parameter estimation 
3 diagnostic checking 

As we know differencing and smoothing are two powerful and closely related 
methods for eliminating the trend in the data. However, at times it is preferred to 
estimate the nonconstant mean (trend) of the series while studying its dependence or 
covariance structure. This happens, for example, in economics and environmental 
sciences where estimation and testing for trend in presence of correlated data some-
thing takes the center stage. Verification of the global warming hypothesis and testing 
whether the national economy is in the growth (expansion) phase are some of the 
most prominent cases in these areas. Fortunately, this and the more problem of relat-
ing and explanatory (exogenous) variables to a time series of interest can be solved 
within the familiar linear regression framework. 

2.2   A New Time Series Model with Step- Affair on the GDP in China 

Unlike classical statistics, time series analysis is concerned with statistical inference 
from data that are not necessarily independent and identically distributed ( i. i. d. ). 
The ideal framework for time series analysis is stationarity whereas the data encoun-
tered in practice are often nonstationary for a variety of reasons such as trend, peri-
odical factors, seasonal factors and random ones.Thus, the challenges facing a time 
series analyst are to transform the data to stationarity first, and then transform station-
ary data into i.i.d. sequence. We know a discrete-time stochastic process representing 
the evaluation of a system over time could be nonstationary because either its mean or 
its dependence as gauged by the covariance between two measurements is a function 
of time. For a given time series data, separating or distinguishing these two aspects of 
nonstationarity known as mean-nonstatinonarity and covariance-nonstationarity, re-
spectively, is a difficult task. Traditionally, however, much attention is paid to cor-
recting the mean nonstationarity by relying on simple transformations such as loga-
rithm, differencing and smoothing. When confronted with nonstationarity, it is pru-
dent to find simple transformations of the data to reduce the degree of nonstationarity. 
Since most time series of growth phenomena have monotone trend and variability, 
taking logarithm, successive differences and some other linear operations are the 
simplest and most useful transformations available to time series data analysts for 
eliminating trends, seasonality, variability and reducing data to stationarity. 

In the following part a new time series analysis is proposed according to the situa-
tion of China in GDP forecasting. Table 1 shows the GDP in china from 1952 to 
2000. Of course the data are nonstationarity and include upward trends; differencing 
is a powerful method for elimination the trend in the data (see figure 2). 
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Table 1. GDP in China from 1952 to 2000 (billion RMB) 

Year GDP Y GDP Y GDP Y GDP Y GDP 
1952 67.9 1962 115 72 251.8 82 529.5 1992 2664 
1953 82.9 1963 123 73 272.1 83 593.5 1993 3463 
1954 85.9 1964 145 74 279.0 84 717.1 1994 4676 
1955 197 1965 172 75 299.7 85 896.4 1995 5848 
1956 103 1966 187 76 294.4 86 1020 1996 6789 
1957 107 1967 177 77 320.2 87 1196 1997 7446 
1958 131 1968 172 78 362.4 88 1493 1998 7835 
1959 144 1969 194 79 403.8 89 1691 1999 8191 
1960 146 1970 225 80 451.8 90 1855 2000 8940 
1961 122 1971 243 81 486.2 91 2162   

     (Data from China Statistical Yearbook 2004) 
      Note: for convenience, Year is denoted as Y and 72-91 denotes 1972-1991. 

Table1 demonstrates that the GDP in China has increased from 362.4 (billion RMB) 
to 8940.4(billion RMB) in the period between 1978 and 2000, which is nearly thirty 
times in increase. From 1978, Chinese economy has been rocketing as a rapid speed. 
However, there is still large difference of the GDP compared with developed countries. 
The following graphs show the GDP and its one-order differencing GDP in China.  
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Fig. 1. GDP in 1952-2000 (0.1 billion RMB) 

GDP

-5000

0

5000

10000

15000

1 7

1
3

1
9

2
5

3
1

3
7

4
3

GDP

 

Fig. 2. GDP data of one-order differencing 
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Figure 1 shows the growth rate of GDP from 1952 to 2000. Since 1978 the average 
annual growth rate of GDP had reached about 9.4%, which was nearly as twice more 
as the average level in the whole world. Further, the figure demonstrates that there are 
four growth peaks within the 23 years, which are separately around the years of 1978, 
1984, 1992, 2001. These four growth peaks might result from the four significant eco-
nomic innovations in Chinese history: the rural economic system innovation began in 
1978; the urban economic system innovation began in 1984; the policy of encouraging 
some areas developing first and then driving the dropped behind regions around 1992.  

In the past twenty years, China has written a fantastic story of economic growth in 
the world. In figure 2, we can see that there is an upward trend in the acceleration of 
GDP since 1994. This is because GDP increased by 20% , in the following years the 
GDP even increased by 35% at most.  In fact in time series analysis, some affairs 
happened suddenly, but its impact lasts. Among these affairs one is step-affair, an-
other is pulse-affair, for the former, its impact will last for a long time after it takes 
place. So among the GDP from 1952 to 2000, the impact of economic reform and 
opening is a step-affair. 

Let tx =
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 where tx  is a dummy variable. Its impact will last for a long 

time after it takes place. So we formulate the model as follows:  
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In figure 2, there are altogether 48 points among which the reform and opening 
year of 1978 is the 26th point. So the GDP-forecasting model is: 
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observations of GDP, our goals of time series regression are: to estimate parameter 

cba i ,,  as well as the order p of the given model and to identify the nature of de-

pendence of tε  and to predict the future value yn+1. Here we use FPE rule that is 
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(3) Compute FPE= 2
npN

pN σ
−
+

. 

(4) Compute different values of p, determining p and cba i ,,  to make the FPE smallest. 

At last we obtain p=2, a =182.9863, 1b =1.4723, 2b =-0.6389, c =638.4273 

So the model can be formulated:  

ttttt axyyy ++Δ−Δ+=Δ −− 4273.6386389.04723.19863.182 21  

We use the model stated above to forecast the GDP from 2000 to 2006 respec-
tively. Comparing these with the real GDP, we obtain the relative errors (figure 2): 

  
20002001−y =9575 20012002 −y =12461, 20022003−y =11102, 20032004−y =11099,

20042005−y =13097 , 20052006−y =11419 

20002001ˆ yy = +9575=98979 , 20012002ˆ yy = +12461=113022, 

20022003ˆ yy = +11102=123487 , 20032004ˆ yy = +11099=135596, 

20042005ˆ yy = +13097=151188, 20052006 ˆˆ yy = +11419=162609; 
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Table 2. Real GDP and GDP forecasting (10 billion RMB) 

Year  Real GDP Forecasting 
GDP  

ARMA 
forecasting 
GDP 

Relative 
errorsη  

ARMA 
relative 
errors 

2001 100561 98979 95933 -1.57% -4.6% 
2002 112385 113022 102398 0.57% -8.89% 
2003 124497 123487 116694 -0.81% -6.27% 
2004 138091 135596 136515 -1.81% -1.14% 
2005    151188 153140   
2006  162609    

Table 2 shows the real GDP and the forecasting value of GDP from 2001 to 2006 
by ARMR model and the model proposed in this paper. The results are satisfactory 
which illustrate the priority of our model to ARMA model. 

By using the method proposed in this paper and ARMA model we got the GDP 
forecasting respectively. Figure 3 and figure 4 shows the comparison of GDP under 
the two forecasting methods and the real GDP from 2001 to 2005.  
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Fig. 3. 1 GDP forecasted by the method proposed here, 2 Real GDP, 3 GDP forecasting by 
using ARMA model 
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Fig. 4. a: GDP forecasted by the method proposed here,  b: Real GDP,  c: GDP forecasting by 
using ARMA model 

Seen from figure 3 and figure 4, we know that the acceleration of GDP in China 
from 2001 to 2005 is 10.7%，12.3%，9.9%，8.9%，9.5% respectively which is in 
accord with the reports of annual economics of China government. According to this 
speed, the economics in China has step into a period with healthy stable development. 

3   Determination of Efficient Input Interval 

Data envelopment analysis is commonly used to determine the relative efficiency of 
peering decision-making units with multi-inputs and multi-outputs. Suppose the out-
put vector of a DMU is given, how can we determine the interval of inputs so as to 
each input within the interval to make the DMU (X, Y) efficient? 

Definition for n DMUs and a given output yn+1, if ),( 1,1 ++ nn yx is efficient )( 22GSC  

relative to n+1 DMUs and the efficient DMUs relative to n DMUS is still efficient. 

Then 1nx +  is called efficient input of 1+nDMU . 

Suppose 1ny +  is a given number. For convenience, Let the proportion of the compo-

nent of  1nx +  is known, i.e. 01 lxxn =+ . Where 0x  is obtained from experience and 
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inputs are free disposal. Let 1J denote the set of all the efficient DMUs relative to 

),2,1( njDMU j …= .               

Let { }1max Jjhh j ∈′= ′ , where jh ′ is the optimal solutions of model )(
−

rG (seen  in 

the following Theorem  ) 

Theorem.  For ),( 1001 ++ nn yxlDMU ,  

(1) If hl ≥0 ，then for any 1Jj ∈′ ， jDMU ′  is efficient. 

(2) If hl <0 ,then there at least exists one 1Jj ∈′ ， jDMU ′ is inefficient.  

Proof.  For any 1Jj ∈′ ，then: 
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* ≥−− + δn
TT yvxlu , that is to say, each decision-making 

unit in 1J  is still efficient for n+1 DMUs . 

(1) Let rhh = 1Jr ∈ , when hl <0 , consider the efficiency score of 

rDMU )( 22GSC  relative to 1n +  DMUs  

Consider model )( rD ：

⎪
⎪
⎪

⎩

⎪
⎪
⎪

⎨

⎧

≥≥

=

≥−−

=≥−−

+

+

TTTT

r
T

n
TT

j
T

j
T

r
T

ee

x

yxl

njyx

yv

21

100

,

1

0)(

,2,1,0

max

εμεω

ω
αμω

αμω
π

…

 

If rDMU  is efficient for n+1 DMUs , then the optimal solution to model )( rD denoted 

as *** ,, αμω  is certainly subject to 1** =+αμ r
T y  i.e. 0*** =−− αμω r

T
r

T yx , for 

any rjJj ≠∈ , , we have 0*** ≥−− αμω j
TT y , So *** ,, αμω  must be the feasible 

solution to model )(
−

rG .Since 0)( *
1

*
00

* ≥−− + αμω n
TT yxl  , then 

0
*

*
1

*

0
x

y
l

T

n
T

ω
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≥ + . 

However,  
0

1
0 min

x

y
hhl

T

n
T

r ω
αμ +

==< + .  This is a contradiction, rDMU is not  
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efficient. The lower limit of 0l  is obtained: hl =
−

. The upper limit of 0l as well as g is 

obtained in the similar way. 
So far we have obtained the lower limit and upper limit of 0l on the condition that 

the output of one DMU and the proportion of inputs are given. Where 

],[],[0 ghlll ∈=
−

−
 and the corresponding input level is ],[ 00 gxhx . 

4   Summary 

In this paper we first proposed a new time series model in order to forecast the GDP 
in China. The prominent feature of the method is that it incorporated a factor called 
STEP-affair. This is because the economic reform and opening in 1978 has great 
impact on China’ GDP. We use ARMA model and the technique proposed in the 
paper forecast the GDP in China respectively from 2001 to 2006. The results are very 
satisfactory which are in accordance with the situation in China. Then we give a 
method of determine an efficient input interval by using data envelopment analysis 
under the condition that when GDP is given. 
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