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Preface
(Prefacio)

This volume of the journal “Research in Computing Science” contains selected papers
on the three topics: Control and automation, intelligent systems and information and
communications technology. The papers were carefully chosen by the editorial board
on the basis of the at least two reviews by the members of the reviewing committee.
The main criteria for selection were their originality and technical quality.

This issue of the journal Research in Computing Science can be interesting for
researchers and students in communications, intelligent systems, control systems, and
also for persons who are interested in cutting edge themes of information
technologies. '

This volume contains revised version of 22 regular and 2 invited papers from
different countries (USA, Spain, Israel, Canada, Mexico and France). The papers are
structured into the following three sections:

— Control and automation (8 papers),
— Intelligent systems (9 papers),
— Information and communications technology (7 papers).

The main topics of the papers reflect the tendencies in the current state of art in
control, communications and intelligent systems, or have major demand in the area of
practical applications.

This volume is a result of work of many people. In the first place, we thank the
authors of the papers included in this volume for the technical excellence of their
papers that assures the high quality of this publication. We also thank the members of
the International Editorial Board of the volume and the reviewer’s committee for their
hard work consisting in selection of the best papers out of many submissions that
were received. |

The submission, reviewing, and selection process was performed on the basis of
the free system EasyChair, www.EasyChair.org.

April, 2014 | Mireya Garcia-Vazquez
- Grigori Sidorov
Sunil Kumar
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Adaptive Generalized Synchronization of
Complex Networks
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Abstract. We propose a synchronization strategy that adaptively ad-
just the coupling strength of a network of strictly different dynamical
systems as a way to achieve generalized synchronization (GS). There are
two basic approaches to detect GS between systems: In the first, GS is in-
ferred from the identical synchronization of two systems under the same
driving force, the so-called auxiliary system approach. Alternatively, a
functional relationship between the systems can be explicitly imposed by
design, this is usually called the controlled synchronization approach. In
this contribution, we take the latter approach to impose GS on a linearly
and diffusively coupled network, where the nodes are different dynamical
systems that are fully triangularizable and the coupling strength of the
network is adjusted adaptively. We illustrate our results with numerical
simulations.

Keywords: Complex networks, Generalized synchronization, Adaptive
control.

1 Introduction

In recent years, the synchronization of complex networks has received a great deal
of attention from the scientific community (Wu, 2002; Boccaletti et al., 2006).
These investigations are motivated by the necessity of an improved understand-
ing of the synchronization phenomenon in real-world complex networks, such as
the Internet, the WWW, biological and social networks, among others (Arenas
et al., 2008; Newman, 2010). A particularly significant concern is to study the
synchronization of chaotic systems coupled in complex topologies (Wang and
Chen, 2002a; Wang and Chen, 2002b). The main concert of these investigations
has been the emergence of identical synchronization in networks consisting of
identical n—dimensional dynamical systems. However, in real-world situations a
far more likely scenario is that the nodes be different systems with parameter
uncertainties and disturbances. In these situations, identical synchronization is

Mireya Garcia-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.).
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unlikely. Yet, even under these situations networks exhibit some form of temporal
correlation, phenomena like interdependence, auto-organization, consensus and
collaboration are ever present is complex networks. Clearly these interactions
go beyond simultaneous dynamical evolution as prescribed in identical synchro-
nization, these phenomena require a more general definition of synchronization.

The concept of generalized synchronization (GS) was originally defined in the
literature for the master-slave synchronization of chaotic systems (Abarbanel et
al., 1996). Between two systems GS refers to the existence of a functional rela-
tionship between their dynamical states (Boccaletti et al., 2002). Different types
of GS can be defined, depending how the state space of one node are mapped
to the others. In this way, one can think of complete identical synchroniza-
tion as a particular case of GS where the functional relationship is the identity.
Another form of GS is achieved when the functional relationship is defined in
terms of coordinate transformations, for example a diffeomorphism defined on a
feedback linearization (Femat et al., 2005). In the literature we have basically to
approaches to identify GS: An indirect method, in which synchronization in gen-
eralized terms is inferred from the identical synchronization of two systems under
the same driving force, the so-called auxiliary system approach (Abarbanel et
al., 1996). Alternatively, GS can be directly achieved by controllers that impose
a prescribed functional relationship between the systems, this approach is usu-
ally called the controlled synchronization method. The main difference between
these approaches is whether or not the description of the functional relationship
between the nodes is of significance. In the case of auxiliary system approach,
its existence is implied, while in controlled synchronization is a requirement. Re-
cently the concept of GS has been extended to the case of dynamical systems
coupled in complex network. In some earlier works (Hung et al., 2008; Xu et
al., 2008; Liu et al., 2010) the auxiliary systems approach was considered, while
others focus on the controlled synchronization approach (Guan et al., 2009).

In this contribution, we take the controlled synchronization approach to
achieved @S in a network of linear and diffusively coupled exact linearizable
by state feedback nonidentical n-dynamical systems. Unlike previous works on
controlled GS, we propose to design an adaptive controller such that a given
functional relationship between the states of different groups of nodes is im-
posed. ' '

The rest of the manuscript is organized as follows. In Section II, GS problem
for a network is express as a stability analysis problem. In Section III, we present
our proposed adaptive controller designed for GS on a particular class of dynam-
ical networks. In Section IV, the proposed design is illustrated with numerical
simulations. Then, the contribution is closed with comments and conclusions.

2 Problem Statement

Consider a network of N non-identical nodes, with each one been a dynamical
system described by

&; = fi (2:) . | (1)
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where z; = (z;1, Zio, ...,:t:,-ﬂ)T € R"™ are state variables of node i (all nodes are
assume to have the same dimension n); and f; : R® — R" is a known nonlinear
function describing the dynamical evolution of node i.

The state equation of the entire dynamical network is

& = fi(z:) + 9:(X) + ws (2)

for i = 1,2,...,N where X = (z;,Z3,...,zx) € RV are form by the state
variables of all the nodes; g; : R**N — R™ are the coupling functions describing
the connections to node i from the rest of the network; and u; € R™ (m < n) is
a local controller to be designed.

A dynamical network is said to be identically synchronized, if the state so-
lutions of every node move in unison, in the sense that

tl_l)ngo |zi — z;|| =0, fori,j=1,2,...,N (3)

The synchronization criterion for complete identical synchronization, can be in-
terpreted as requiring that the states variables of any node in the network be
exactly mapped to the state variables of any other. A generalization of this
interpretation of synchronization can be introduced by considering mappings
between the state variables of the nodes to be different from the identity, in this
way more complicated interactions between the network components can be con-
sidered (Boccaletti et al., 2002). Then, the network in (2) will be synchronized
in a generalized sense with respect to the functional relation H; if the condition

tl_i)m lz: — Hi(z;)|| =0, fori,j=1,2,...,N- (4)

is satisfied. Note that, the functional H; maybe the same for all the nodes or it
can be different for each pair of nodes. Additionally, potentially each system can
have its own transformation H)ps; and Hg;, with a GS condition

Jlm | Hai(zs) — Hsi(z;)|| =0, fori,j=1,2,..,N (5)

where H; = Hyy; 0 Hg;.

In the sense of (Abarbanel et al., 1996), GS is achieved by the existence
of H; not by its exact description. That is, if an auxiliary system is consider to
experience the same driving forces as our system and they identically synchronize
to each other; then, the existence of a functional relationship can be inferred
for the original system. Similarly to (Hung et al., 2008; Xu et al., 2008; Liu et
al., 2010), we can extend this approach to determine GS in a dynamical network.
Con31der1ng the coupling to each node in the network as an ex('.erna.l driving, an
exact replica of the network dynamics

& = fi(#:) + gi(X) + ws (6)

fori=1,2,...,N where X= (Z1,..,ZN) € R™*N can be taken to be an auxiliary
network system. |
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Following the auxiliary system approach the network (2) achieves GS if
(Abarbanel et al., 1996)
Birm lee = 8] =0 7)
for i = 1,..., N with the initial conditions z;(0) # £;(0).
From (2) and (6) the dynamics of the error €; = &; — z; are given by

&= file) — fid) +a(X) —a(X) (8)

for i = 1,..., N. The emergence of GS is equivalent to the stability of the zero
equilibrium point of (8). There are different results in the literature where GS
is assured for dynamical networks under some very standard assumptions like,
global Lipschitz condition for all nodes with linear and diffusive couplings; e.g.
in (Liu et al., 2010) adaptive coupling strengths are used to achieve GS.

The auxiliary system approach for GS can be applied to establish that the
network is synchronized in a generalized sense. However, although the functional
relations H; exist, its not possible to determine its specific form. If we want to
impose a functional relationship among the nodes in the network a controlled
synchronization approach is needed. We define a GS error between the 7 and j-th
nodes as e;; = Hyi(zi) — Hsi(z;), for 1,5 =1, ..., N, which has the dynamics

& = Hyi(fi(w:) + (X)) — Hsi(fi(z5) + 95(X)) +vi (9)

fori,j=1,..,N with y; = .HM,'(’U.,') - IIs,'(Uj).
The total number of GS errors in the network can be reduced to N — 1 by
defining j =i + 1, then we have

é; = Hyi(fi(z:) + 9:(X)) — Hsi(fig1(zig1) + g1 (X)) + vi (10)

for i =1,..., N — 1. To stabilize (10) different approaches can be undertaken. In
the following Section, we use an adaptive law to adjust the coupling strength in
the network in order to achieved GS.

3 Generalized synchronization design

The design of the local controllers »; strongly depends on the nature of the
nodes and the network topology. In this contribution we make a few simplifying
assumptions. ,

In the first place, we will consider only nodes that either are or can be trans-
formed into a triangular form, e.g. by a coordinate transformation and a feedback
linearization controller. Although this may seem a very restrictive condition, a
large number of chaotic systems can in fact be transformed to a triangular or at
least partially triagularized form with internal dynamics by linearizing feedback.
Additionally, chaotic dynamics can be generated from piecewise linear systems
that are easily triangularizable (Sprott, 2000; Campos et al., 2010). It follows
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from this assumption that an adequate coordinate transform 7; exist for each
node such that (1) can be rewritten as:

z; = A;z; + By . (11)

where z; = Tiz; = (24, zi2, ...,z,-n)T € R™ are the transform state coordinates
of node 7; the constant matrices A; and B have the controller-type companion
form

0 1 0.. O 0
0 0 1. @ 0
A= : & 2w 3| B=]G (12)
0 0 0.. 1 0
_a‘-,l a;2 ;3 ... a,-',,_ _1_

with 1; the linearizing feedback controller, if such controller is necessary.
The second simplifying assumption is that the network topology affects the
vector field of each node in a linear and diffusive way, such that,

N
9i(2) =%(t) )_ eIz (13)
j=1

for i = 1,2,...,N where Z = (z1,...,2n) € R™*¥ are the node states in the
transformed coordinates; I' € R®*™ is a 0—1 inner connection matrix describing
the manner in which the state variables of node % and j are connected; and
C = {ci;} € RV*¥ is the 0 — 1 coupling matrix, which captures the topological
structure of the network, if ¢;; = 1 (¢ # j), there is a connection of strength
between the nodes i and j is ;(t), otherwise the nodes are disconnected. As
a consequence of the diffusive coupling assumption, the diagonal entries of the
coupling matrix satisfy the following equality

N N '
Cii = — z Cij = — E Cjiy ' (14)

j=l,ji =15

for i = 1,2,..., N. Further, assuming that there are no isolated nodes in the
network, the eigenvalues of C have a zero eigenvalue with multiplicity one, all
other eigenvalues are real and negative. Under this connection structure in the
transformed variables the network in (2) becomes:

N
2,' = Ang + B’l,bg + "fi(t) Z CijFZj, (15)
i=1 ' :

for i = 1,2,...,N. where 1); are the feedback linearizing controllers. To achieve
GS in the original variables, in the transformed variables we look for complete
identical synchronization of the network. In particular, since the nodes in the
transformed variables have a very similar structure (11)-(12), we can argue that
their differences are bounded and we can define the average node as reference
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for synchronization § = 4 2?:1 z;. The dynamics of the average node are given

by
§= ﬁ ZLL (Arzk + By)

4 Shom (1e(8) Tjey k5 T2)
Notice that under the assumption that the control actions vanish at the syn-
chronized solution (z; = z2 = ... = zy = 5) and as a consequence of the diffusive
nature of the coupling (14), once the network is synchronized the second term of
(16) is also zero. Then, at the synchronized solution the dynamics of the reference
node is the average of the nodes isolated from the network, in the transformed
variables that is:

(16)

N
§= %,‘ > (Axzi + Bipx) | (17)
k=1

We define the synchronization error as e; = z; — 3, from (15) and (16) the
error dynamics are given by:

N
& = Ai(2:,8) +%(t) ) cii e (18)
j=1

fori=1,2,...,,N with
Ai(zi,5) = Aizi + Bt — & Sy (Akzi + B

Given that the term A; in (18) is the difference between the current node and
the reference node (z; — 3). If we restrict our attention to chaotic nodes which
can be traingularized. Then, is reasonable to expect that this term is bounded,
that is, we assume that '

1 Ai(2:,3)| < Bi(z — 3) | (19)

for i =1,2,..., N with B; nonnegative constants.

To stabilize the error dynamics (18) we propose to adaptively adjust the
coupling strengths +;(t) as described in the following result.

Theorem 1: For a network of nonidentical nodes that can be transformed
into a triangularized form (11), which is linearly and diffusively coupled such
that the dynamics of each node in the network are given by (15). Under the
assumption (19) described above, using the following adaptive law to adjust the
coupling strength of the network:

N
Yi(t) = —oi 2 cijei I'e; ‘ (20)

j=1

where o; are positive constants, describing the adaptation speed, fori = 1,2, ..., N.
The network in the transformed variables will identically synchronized with the
reference node 5. Equivalently, in the original variables the network will synchro-
nizes in the generalized sense of (5), in terms of the coordinate transformations

T:.
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Proof: Using the following Lyapunov function candidate

V== Ze e + 22:—[')r,(1§)+')""]2

1—1

The time derivative of V' along the trajectories of the error dyné.mics and the
- adaptive law is given by

e Z e & + Z —[’n(t) + 7" %:(2)

=] :—1

- From (18) and (20) we have

N N N N
V=3 el [Ai(z:,8) +%(t) D cisTes] — D _[w®) + 711D _ cise I'ey)
i=1 j=1 i=1 i=1

Using (18) we get

V< ZGT&B&Z% (t)el Z%Fea —Z'y,(t)eT thJpeJ_Z'Y Zcu e] I'e;

i=1 ji=1 i=1 j=1

Letting 8 = max{Bi[i = 1,2, ..., N} and k; = Y | ji Cij be the largest bound
and the node degree, respectwely Additionally, wnmdermg that C is a symmet-
ric matrix, we can maneuver the indexes in the last term to get

V<ﬁZe e —1 Zk el Ie; (21)

=1

Defining the error vector E = [e] ,ej ,...,eN]T and the matrix P= K @I,
with K = Diag(k;, ks, ..., kn) and @ the Kronecker product. The inequality in
(21) can be rewritten as:

P4+ PT
2

It follows that by letting v* be a sufficiently large positive constant, we have
that

V<BETE—v*E"PE < E"[B —v*Amin( )IE

VLE'E

Then, the error dynamics in (18) are asymptotically stable about the zero
fixed point (e; = 0) when the coupling strengths are adjusted according to (20),
which implies that the network in the transformed variables achieves identical
complete synchronization. In consequence, the dynamical network in the origi-

nal coordinates achieves GS in the sense of (5), with respect to the coordinate
transformations 7;.

QED.
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4 TIllustrative example

We consider a network with two different types of nodes which can be triangu-
larized. Namely, Sprott circuits (O)(Sprott, 2000): -

) =2
.’.1'22 =23 (22)
i3 = —0.6z3 — To — 1.227 + 2sgn(z1) +u

which is already in triangular form. The other type of nodes are Réssler systems
@) :
i‘l = —I9 — I3
To =1 + 0.1z2 (23)
T3 =:03(:l:1 —14)+0.1+u ,

The different nodes are connected randomly according to the ER network model

Fig. 1. Network of non-identical nodes (Sprotts:0 and Réssler:(J).

(Newman, 2010). A possible realization with twenty nodes is shown in Figure 1.
To achieve GS in the network we use a coordinate transformation for the Réssler
system. Assuming that the output of (23) is y = s, the following coordinate
transformation takes the Rissler system to a triangular form with the transform
variables z = ¢(z) (Femat et al., 2005):

Z1 )
2 | = 1+ 0.1z9 (24)
z3 0.1z; + (0.1%2 — 1)zp — z3
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This coordinate transformation is a diffemorphism and its inverse is:

T 25 — 0.1z
) = 21 (25)
I3 01.22 — 23— 2

To achieve GS in the network coupling strengths are adjusted adaptively ac-
cording to Theorem 1. In Figure 2 the trajectories of the Sprott circuits in the
the Rossler in its transformed coordinates are shown. In Figure 3, the synchro-
nization error in the original coordinates is presented, as shown the adaptive
coupling strength produces an identical synchronization of the network in the
transformed variables. As such, GS with the mapping function H; is obtained
on the network. The error in the original coordinates is shown in Figure 3.

Fig. 2. Synchronization error on the transformed coordinates z(t)

5 Conclusions

On networks with different dynamical nodes complete identical synchronization
is not directly achievable. As such, alternative interpretations of the synchroniza-
tion phenomena are necessary. In this contribution, we investigate the emergence
of GS in a network of non identical nodes via adaptive control. In particular,
we consider nodes that can be exactly linearized by state feedback. Under such
conditions, GS can be achieved by imposing a functional relationship between
the nodes in the network. There are limitations of the proposed method, for
example the necessity of triangularizing state feedback controllers. Additionally,
the imposed functional relationship between the nodes is fixed by coordinate -
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i

Fig. 8. Synchronization error on the original coordinates z(t)

transformation. However, it seems possible to overcome these restrictions by
considering alternative ways to design the synchronizing controllers. These are
considerations for future work and will be reported elsewhere.
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Abstract. In the design of linear predictive controllers (MPC), a problem that
has not yet been fully resolved, is how to determine the best strategy for the
selection of the tuning parameters in order to obtain good performance and a
good feasibility region while maintaining a sensible low computational burden
for practical implementation. The main contribution of this paper is to achieve a
systematic tuning by use of a multi-objective evolutionary algorithm (MOEA) on
predictive control algorithm that has been reparameterized with Laguerre func-
tions. Numerical simulations show that MOEA is a useful tool to obtain consis-
tently good solutions for the selection of MPC tuning parameters.

1 Introduction

Although predictive control (MPC) has its background well established [1,2], and is
widely used, there are still some theoretical and practical problems to be solved. For in-
stance, one key conflict is between feasibility and performance: if a MPC controller is
well tuned to provide high performance, feasibility will have (in general) a very small
region, unless one use a large number of decision variables (degrees of freedom or
d.o.f.), which implies increasing the computational load of the algorithm. On the other
hand, if one aims to get better feasibility with a fixed d.o.f., the result will be a de-
tuned controller with relatively poor performance. Several authors have looked at this
problem and have proposed different strategies that provide improved quality of pre-
dictions and maintain a balance between performance and computational complexity.
The first MPC algorithms, such as Dynamic Matrix Control (DMC) [3] or Generalised
Predictive Control(GPC) [4], will usually give reasonable performance, but only for
large input and output horizons over the settling time. Furthermore, this may not be so
effective when the open-loop dynamics of the system is poor or simply if there are state
or output constraints. Another drawback is that they do not automatically guarantee
stability, thus requiring further tuning considerations [5].

Concern for stability has been a major engine for generating different formulations
of MPC. At 1990s, proposals arise to amend this problem of optimal open-loop con-
trol, so that closed-loop stability can be guaranteed. The most accepted approach for
an a priori recursive feasibility, is the dual-mode MPC paradigm [5, 6], for which, the
predictions have two modes: (i) a transient phase containing the d.o.f. and (ii) a ter-
minal mode with guaranteed convergence. Following the dual-mode approach, other

Mireya Garcla-Vézquez, Grigori Sidorov, Sunil Kumar (Eds.).
Advances in computing science, control and communications. ¢
Research in Computing Science 69, 2014, pp. 14- 25 ‘.
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work has looked at alternative ways of formulating the d.o.f. for optimisation, for in-
stance by interpolation methods [7]. However, these methods do not currently extend
well to large dimensional systems. Another interesting work considered the so-called
triple mode strategies [8], where one embeds a smooth transition between a controller
with good feasibility and other with good performance into a single model and use the
decision variables to improve performance/feasibility further. This work is successful
but relies on heavy computation and algebra and thus may be difficult for industrial
implementations.

Recently, several works have been proposed for more efficient predictive control
algorithms by reparametrization of the d.o.f. of the optimization problem. An alterna-
tive is to use orthogonal functions either with Laguerre/Kautz polynomials or through
Generalised orthonormal functions [9-11], since they have proven to be very effective
for improving the volume of the feasible region with a limited number of d.o.f. with
almost no performance loss. And finally, it is also possible to reparameterize the d.o.f.
using directional information for the specific control problem [12].

In summary, the recent MPC algorithms differ in the way of reparameterizing the
d.o.f., but introducing one or more tuning parameters that has to be selected by the
user. The original papers [9-12] fail to give guidelines in this selection, since in most
cases, the selection of tuning parameters is still performed based on trial and error sim-
ulations. Therefore, the main debate is to establish the best strategy for the selection
of controller tuning parameters that allow to efficiently handle the trade-off between
feasibility, computational burden and controller performance. This paper provides an
alternative that uses multi-objective evolutionary algorithms, in order to achieve a sys-
tematic tuning of a MPC. Specifically, the focus of this work is the tuning of a MPC
algorithm whose d.o.f.s have been reparameterized using Laguerre functions. This pa-
per is organized as follows: Sections 2 and 3 will give the necessary background about
modelling, predictive control, Laguerre optimal predictive control (LOMPC) and multi-
objective evolutionary algorithms (MOEAs). Section 4 presents and develops the pro-
posed tuning algorithm for LOMPC with MOEAs. Section 5 gives a numerical example
showing the efficacy of the proposed algorithm. Finally, the conclusions are presented
in Section 6.

2 Model predictive control and Laguerre functions

2.1 Optimal predictive control (OMPC)

Model predictive control (MPC) has had a peculiar evolution; it was initially developed
in industry, at 70’s, and later was taken by academic sector. Early predictive controllers
were based in heuristic algorithms until the research community established their the-
oretical support. Predictive Control, also known as receding control horizon refers to a
set of control algorithms and techniques which lead to the design of controllers with a
similar structure; with information based on past inputs and outputs of the plant, and
making use of the process model, an optimal control input is obtained by minimiz-
ing an objective function (cost function) in a time interval named control horizon. The
common elements in MPC controllers are:



16 R.C. Gutiérrez-Urquidez, G. Valencia-Palomo and O.M. Rodriguez-Elias

— The process model. The mathematical model is used to generate system predic-
tions. In particular, this model must show the dependence of the output on the cur-
rent measured variable and the current/future inputs. A discrete-time state-space

model is assumed, which has the following form:
Xk4+1 = AXg + Bug;  yi = Cxi + Dug; (1)

with xx € R™, yx € R}, ux € R™ which are the state vectors, the measured
output and the plant input respectively. This work also adopts an independent model
approach with optimal feedback K. Let wi the output of the independent model,
hence, the estimated disturbance is dx = yx — Wi [3]. Disturbance rejection and
offset free tracking will be achieved using the offset form of state feedback [13,

14], that is: _

Ug — Ugs = _K(xk = xJJ)! (2)
where x is the state of the independent model and X,,, are estimated values of
the stady-states giving no offset; these depend upon the model parameters and the
disturbance estimate [14].

— The performance index (objective function or cost function). This is used to quan-
tify the deviation of the measured output with respect to the desired output and the
control effort. A way of defining the cost function is by using deviation variables to
penalize the deviation of absolute input on the expected steady state input:

ny My—1
Je = Z(xk“ —Xgs) T Q(Xk4i —Xss) + Z (Ug4i _uss)TR(uk+i —Ugs), (3)
i=0 i=0

with Q and R positive definite state and input cost weighting matrices, ny is the
prediction horizon and n,, the control horizon. Because in practice all real pro-
cesses are subject to constraints, these need to be considered in the cost function.
One of the major selling points of MPC is its ability to do online constraint han-
dling in a systematic fashion, retaining to some extent the stability margins and
performance of the unconstrained law. Let the system be subject to constraints of

the form:

Umin S Ug S Uméz)
Aui, <uggr —ug < Augg,; o VE. 4)
Ymin < Yk < Ymiéz- '

— The optimization algorithm determines the optimal control input that minimizes
the cost function imposed by a set of constraints. Minimizing the cost function
subject to both current and future constraints and obtaining control action, the op-
timization results in a quadratic program (QP).

— The receding horizon. Although the optimal trajectory of future control signal is
completely described within the moving horizon window, the actual control input
to the plant only takes the first sample of the control signal, uy, while neglecting
the rest of the trajectory [15). The horizon selected for predictions should include
all significant dynamics; otherwise performance may be poor and important events
may be unobserved.
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The key idea of Optimal MPC (OMPC) [5] is to embed into the predictions the un-
constrained optimal behaviour and handle constraints by using perturbations about this.
The closed-loop paradigm uses perturbations as d.o.f. for the optimal control law with-
out constraints. Disturbance rejection and offset free tracking will be achieved using
the offset form of state feedback of (2) [2]. For convenience, d.o.f. can be reformulated
in terms of a new variable c). Hence, assuming K is the optimal feedback, the input
predictions are defined as follows:

_K(Xk.*.;' - x,s) + Ck+i; i G {1, 2, .--nc — 1}

~K(Xk+i = Xaa); i€ f{non+1,..} O

Ugyi — Ugg = {
where the perturbations c. are the d.o.f. for optimization; conveniently sumarised in
vector: & = [c{, ¢l ., Chyp. 1T Input predictions (5) and state associated (1)
which satisfies constraints (4): Mxx + N ¢ < f(k). In practice, if an unconstrained

optimal prediction may violate a constraint defined in (4), prediction class more suitable
shall be used according (5). The OMPC algorithm can be summarized [2]:

Sk = arg II—‘I:)I:I SZW,-gk s.a. Mjxr + Nj g < f(k). (6)

Use ¢ to construct the input (5).

OMPC algorithm has implied LQR theory and is able to find a global optimum
on the objective function. If one chooses a value for K in (5) to become a optimal
Linear-Quadratic-Regulator(LQR)[5], the feasible region depends only on the class of
prediction and hence also the number of free movements, that is, n..

Remark 21 The optimization of (6) can require a large n (d.o.f.) to obtain both good
performance and a large feasible region. '

Definition 21 Maximum Admissible Set (A AS). A common method to achieve recur-
sive feasibility is to find the region of the state space where positively invariant sets
ensure the action of an unconstraint control law but satisfy all constraints in the future.
This achieved using the dual-mode paradigm. And the greatest invariant set possible for
use as the terminal state set is referred as Maximum Admissible Set (M AS) [6, 2]. For
a linear discrete system, observable, pre-stabilized by a gain K of state feedback, asso-
ciated with a set of constraints (4), there exists a set, M AS, finite and where the con-
straints are satisfied for all future time intervals: MAS = {xx € R* | Mx; < d}.

Definition 22 Maximal Controllable Admissible Set (M CAS). It is also posible to de-
fine a region in x in which it is possible to find a c, such that at the future trajectory sat-
isfying the constraints: NICAS = {x; € R™3 Sk € R?™  st. Mx+N Sk <

d}; and this is named Maximal Controllable Admissible Set (M CAS).

2.2 LOMPC: Laguerre polynomials and OMPC

‘The fundamental weakness of OMPC algorithms is that the d.o.f. are parameterized
as individual values at specific samples and have an impact over just one sample and
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thus have a limited impact on feasibility. If the initial state is far away from the MAS
associated to ¢ = 0, the n, steps will be insufficient to move into the MAS. Laguerre
OMPC (LOMPC) is a dual-mode MPC algorithm where the d.o.f. within the input
predictions are parameterized in terms of Laguerre polynomials rather than using the
more normal standard basis set. The algorithm proposes to replace common decision
variables u; and cx by Laguerre polynomials L; in OMPC. It has been shown that
with the reparameterization of d.o.f. get an increase in feasibility region (MCAS) of
controller LOMPC regarding equal number of d.o.f. in OMPC. The z—transform of
discrete Laguerre polynomials are defined as follows:

-1 _ a)n—l

/Il
Fi(Z)-——— 1—0.2 (l—az—l)" ’

With the inverse z— transform of I'»(z,a), denoted by l(x,n), the Laguerre functions
set are the vector: L = {lk.1, lk,2) -y lk,n}T . The size of the Ay matrix, is n X n;
and it is a function of the parameters a, § = 1 — a? and initial condition Lo, so that:

0<a<l. 7

a 0 00:--
ﬁ a 00--- ‘
L= |28 B a0 L, Ly=vi-da?[1,-¢,d%...]". ®
@B —apa -
AL

The basic concept of OMPC is preserved [5, 2], that is the predictions take the form of
(5) and optimality dynamics included in the predictions. However, a key difference is
that the disturbance (terms c) is defined with Laguerre polynomials instead of taking
" the d.o.f. individually. The relevant link between Laguerre and predicted values of Cks
are summarized in the following equation:

]T

k= [g',‘;‘,...,cf+nc_1]T, k(L) = [LF,L],...

1 _y_)::.= HLﬂ)k- )
Hp

Now, with Ly, = A * Ly, the decision variable is 1;) «; and substituting predictions
in (8), get the LOMPC optimization, which is:

. _ s o T e TpiT ..
Mk a:glilill;, {;ALLOSLOAL }11_);: nk SLﬂ)k (10)
s.t. Mxg +NHL_Q)k <d. (11

3 Multi-Objective Evolutionary Algorithms (MOEA) |

Evolutionary algorithms (EA) allows flexible representation of decision variables and
performance evaluation; also are robust and methodological tool for search and opti-
mization, with the ability to work in environments that include discontinuities, time
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variance, bad behavior, multi-modality, uncertainty and noise. The EA are increasingly
accepted in the control community, their applications are mainly in the off-line design
and online optimization [16].

EA are systematic methods for solving search and optimization problems in which
apply the same methods of the biological evolution, based on selection, reproduction
and mutation of the population. These algorithms transform a set of individual mathe-
matical objects using operations that are modeled according to the Darwinian principle
of reproduction and survival of the fittest [17].

The simplest form of an optimization problem is to consider the existence of a
single criterion or objective in the search for a solution. However, when there are mul-
tiple objectives to optimize, there is no single solution, but rather a set of compromise
solutions together. These problems are called Multi-objective Problem (MOP). Most
EA multi-objective optimization techniques use the Pareto concept. Generally, must be
found a vector of decision variables, X *, which optimizes a vector of objective func-
tions, ?(m), and satisfies certain inequality constraints, g;(z), or equal, h;(z) [18, 19].
Both the objective functions and constraints are functions of the decision variables. Sev-
eral types of MOEAs exist; each uses different mechanisms of selection, crossover and
elitism in particular, but for this paper we use the algorithm NSGA-II (Nondominated
Sorting Genetic Algorithm II), proposed by [20]. NSGA-II is an improved version of
NSGA that modifies the mechanism for diversity preserving and incorporates an ex-
plicit mechanism for elitism; leave the use of Sharing distance of the NSGA to use
Crowding tournament selection operator as a method of diversity preservation.

4 Tuning LOMPC

In the work previously presented, it is shown that the reparameterization of d.o.f. has
advantages over conventional approaches. However, there is still no systematic way to
define the controller tuning parameters, this mainly due to the compromise between
the objectives to be optimized. It is clear that the problem to be solved is a multi-
objective optimization, where the search space is fairly large, which justifies the use
of MOEASs. The purpose of this work is to develop a method to systematically choose
the optimal values of the tuning parameters, a and n., of an MPC whose d.o.f. have
been reparameterized with Laguerre functions; in order to guarantee the best trade-
off between feasibility, performance and computational load. Therefore, there are two
decision variables @ and n and three optimizing conditions: -

1. Maximize the feasibility region, max fo n (%)
2. Minimize the performance loss, min f, _(5).
3. Minimize the computational burden, min f, »_(0).

Also the constraints associated with the parameter selection must be added to the multi-
objective optimization problem:

0<a<]; 1 < e < Ne;maz; ne integer. (12)
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4.1 Feasibility evaluation (9)

In order to estimate the normalized volume, first is defined a polytope P,p: as the
global MCAS of OMPC with a large number of degrees of freedom, able to represent
the largest feasible region that can be obtained by the controller (usually n. > 20) [11]:
Popt = {(z,¢) [ Mxx + N gk < d}. Also it is defined a polytope P g, corresponding
to proposed parameterization MCAS: Py, = {(z,7) | Moz + N m < d}; where
Py, is the polytope sliced by the parameterization matrix Hy. The volume of Popt
and Py, polytopes, represent the feasible regions or feasible volumes for each type of
algorithm.

The volume calculation of a high dimensional polytope is a complex task and the
computing time for these polytopes can be prohibitive; consequently, this paper approx-
imates the volume by computing the average distance from the origin to the boundary
of the associated MCAS (radius). First select a large number of equi-spaced (by solid
angle) or random directions in the state space i.e. z = [z1, ..., z,] and then, the distance
from the origin to the boundary of MCAS is determined by solving a linear program-
ming (LP) for each direction z; selected. Greater distances imply bigger feasible region.
The objective function for evaluating the normalized feasible volume is then:

_vol(Pp,)

= Yol(Popt) =

J

4.2 Performance evaluation (3)

The performance evaluation it is done by realizing the calculation for the n-points x;
selected, they are represented by the optimized values of the associated cost function,
i.e. Jopt(z;) and Jyr, (z:). To ensure fairness in comparison of these values, scaling is
used (setting) in one direction z; given [11]. The objective function for evaluating the
normalized performance is:

ﬁ=l I, (2:) . (14)

n & Jopt(2i)

4.3 Computational load evaluation (o)

It is demonstrated that the re-parameterization of d.o.f. proposed in LOMPC algorithm
is able to achieve great feasibility regions while maintaining an acceptable local op-
timality within a relatively low computational complexity compared to conventional
OMPC approaches. However, this reduction in d.o.f. not necessarily results in a reduc-
tion of the complexity of optimization and therefore the computational load, since the
resulting quadratic programming of reassignment is denser (heavier) than for OMPC
[11]. So, how one can determine the minimum number of d.o.f., which gives the best
performance and the largest feasible region? One alternative is to compare the online
computational load for LOMPC and OMPC as a function of the number of floating
point operations per second (flops) required for each algorithm. For OMPC, the com-
putational complexity is linear with respect to the horizon length and cubic respect to
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state and the input dimension, so that:

o(oMPcC) = N¢ + 'n':r:3 5 nu3 (.ﬂops) (15)

For LOMPC, their computational load is cubic in number of d.o.f., the state and input
dimensions [11]:

o(LoMPC) =Nnc® +nz° +n,°  (flops). (16)

5 Numerical example

‘Consider the following discrete-time state-space model with constraints:

0.6 -0.4 0.20 '
15< 10
—15<ur<0.8; |Aux| <04, x:<5 Q= 01 s R=2

The objective is to compare OMPC (n. = 3), OMPCopt (n. = 20) with LOMPC
tunned using EA. This example utilizes the Matlab Multi-objective Optimization Tool-
box that allows the use of a variant of NSGA-II [21]. The EA were run using a search
space generated by varying n. € {2,3,4,5} and a € [0, 1]. The Pareto front obtained is
shown in figure 1. Table 1 summarizes the LOMPC tuning parameters obtained with EA
and the objective functions evaluated with these. This shows that performance and feasi-
bility improve as n. is increased, and as expected, the computational load too. However,
within the various tuning parameters found with the EA, it can be selected any combi-
nation of these and achieve the best trade-off between the above objectives. Table 1 also
includes the respective calculated values for OMPC using the same d.o.f. for compar-
ison purposes. Figures 2, 3 and 4 show the feasibility, performance and computational
load evaluation for each pair of tuning parameters with EA and indicate clearly where
there are located the optimal values on the LOMPC search space.

Table 1. Tuning parameters, a y n., obtained with the NSGA-II algorithm in LOMPC

Tuning Average radius Performance = Computational
parameter  to MCAS, JV JB load (flops) Jo
nc a OMPC LOMPC OMPC LOMPC OMPC LOMP
2 0.6208 0.4522 0.6339 1.0 1.0526 11 17
3 07915 0.5503 0.7345 1.0 1.0528 12 36
3 07916  0.5503 0.7345 1.0 1.0528 12 36
4 06548 0.6265 0.7833 1.0 1.0528 13 3
4 0.6688 0.6265 0.7827 1.0 1.0528 13 73

. Using one of the selected tuning options, i.e. a = 0.7915, n. = 3, figure 5 shows the
plots of the controller simulation for: (i) an initial state in the MCAS of both, OMPC and
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LOMPC (left); (ii) an initial state in the MCAS of LOMPC, but outside of the MCAS
of OMPC (right), where the latter is infeasible. Once again, it is clear that LOMPC with
EA is better than OMPC under similar conditions (d.o.f.) and very similar to the global
optimum.

LOMPC nc=3 a=0.7915 x0=[-0.3;0.3] LOMPC n= 3 a=0.7915 x0=[-0.7;0.5]

-

0| e ey e e e, =

=15 P“'-Iq:.-!-t:---l:rl—.q:ml-:.-I-C:P.-.él-t
0 5 10 15 20 25 30 35 40
k- step

Fig. 5. Controllers simulation with different initial conditions.

6 Conclusions

Correct selection of the tuning parameters of the controller guarantees the best balance
between closed-loop performance, feasible region and computational load. The main
contribution of this work is to achieve a systematic tuning for predictive control algo-
rithm, LOMPC. In this paper, it has been shown that MOEA can be a useful tool for
obtaining one or more solutions to select the tuning parameters of an efficient MPC
algorithm even when the search space is large and when there are included different ob-
jectives compromised to each other. It can be verified that this selection offer a proper
balance in the trade-off between the three objectives and outperform OMPC in those
objectives, under the same conditions and even for systems with constraints. However,
this are just preliminary results and future work will include other efficient MPC ap-
proaches and systems with more challenging behavior.
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Abstract. In this work, it is presented the design and implementation of a Luen-
berger observer for a permanent magnet synchronous motor (PMSM). A model-
based technique is used o control a nonlinear system under a Field Oriented
Control scheme (FOC). Moreover, simulation and implementation both, with en-
coder and sensorless are realized o evaluate the performance of the control. The
implementation is achieved using the MCK28335 Kit platform under a experi-
mental environment. In addition, the error crileria IAE, ISE, ITAE and ITSE are
explored to cvaluate the performance of both control schemes. As a result, a bet-
ter performance is achieved with sensorless scheme compared the IFOC including

sensor.

Keywurds: modcl-based controllcr, permanent magnet synchronous motor, sen-
sorless control.

1 Introduction

Permanent Magnet Synchronous Motor (PMSM) are widely used in many applications
(e.g. printers, tape drives, hard drives, process control systems, CNC machine tools,
industrial robots, aerospace, clectrical vehicles, submarines), due (o their eflliciency and
dynamic performance [7][13][ 17]. PMSMs have superior features such as compact size,
high efficiency, high puwer density, wide speed ratio, high torque and absence of rotor
losses [9][16]. Furthermore, advances magnelic materials having cven higher power
lead to wider applications of PMSM [17]. In recent years, advancewments in magnetic
materials and control theorics have made PMSMs drives (o play an important role in
motion-contrul applications [ 14].

When the motor mechanical variable (rolor position or speed) are available from
measurements, high-precision and robust control of a PMSM can be achieved in rotor
position or speed (racking applications for PMSM. A Mcchanical and optical sensors
are typically used to measure the rotor position or speed for vector control of a PMSM.
Nevertheless, these sensors increase hardware complexily, cost uind size of the drive
systems [6][10]. In addition, the reliability of the drive system is reduced, a regular
maintenance is required [ 1][8]. The disadvantages of mechanical or oplical sensors can
be removed if the speed can be estimated from the terminal vectors.

Mireyua Garcfa-\izquez, Grigori Sidorov, Sunil Kumar (Eds.).
Advances in computing science, control and communications. g "'q
Research in Conroutine Science 69, 2014, n», 26- 36 %
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Estimation of rotor position or speed without measurement of mechanical variables
is a challenging problem for a PMSM. In this framework, a lot of attention has been
paid by electric drives community to the “sensorless” control problem of PMSMs in
which only stator current and voltage measurements are available for feedback [1][6].

There are two main categories of sensorless control: model-based estimation tech-
niques (e.g. Luenberger and Kalman-Filter observer, full and reduced order closed-loop
observer, sliding mode control, model reference adaptive system) and saliency based
techniques [1][3](8][19].

Model based techniques can adopt a state observer to retrieve the rotor position
information, by extracting the speed information using current quantities obtained from
PMSM terminal. It is especially useful for full-state feedback control develop on the
state-space theory [1][19].

The sensorless approach has several advantages: 1) only electrical connections to
the machine are the main phase windings, so installation cost are minimized; 2) position-
sensing function can be located with the others control electronics: it does not need to
be sited adjacent to the machine, and therefore does not inhibit the operating temper-
ature range; 3) ubsence of connecting leads prevents corruptions of position data by
electromagnetic interference; and 4) cost of a position encoding device is avoided.

The goal of this paper is to present results for a model-based controller, in order to
eliminate the speed sensor on the control law on MCK28335 Kit. The remainder of this
paper is organized as follows. In Section 2, presents necessary background about ob-
server and model-based control theory. In Section 3, the dynamical equations, variable
and parameters definitions, are described. Also, The design of the proposed controller
and the stability analysis are presented. Performance results of simulation and emu-
lation on MCK28335 Kit of proposed controller, are discussed in Section 5. Finally
conclusions are given in the last section.

2 Preliminaries

2.1 Luenberger observer

An observer comprises a real-time simulation of the system or plani, driven by the same
input as the plant, and by a correction term derived from the difference between the real
output of the plant and tlic cstimated one derived from the observer.

Consider a continuous-time linear system expressed by the form:

t = Az + DBu; )

y = Cu; ()
where z € R"; u € R™ and y € RP represents the state, control and output vector; A;
B and C are matrices of corresponding dimensions.

Denoting the state vector of the observer by & € R", the following state space
representation defines the obscrver:

#=Ai+Bi =A%+ B(u+ LC(z — £)); A3)
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The error vector is defined as # = = — &. The error dynamics is described by the
following equation:
i=(A—-DBLO)i; 4)
In order o guarantee convergence of the estimated states, is enough to choose a gain
matrix L such that error dynamics converge asymptotically (i.e., when A — BLC is a
Hurwitz matrix).

2.2 Model-Based Controller

The model-based control techniques have been largely extended and gained prominence
during the past decades, major steps are expected in the future, especially for the non-
linear case [2].

Fig. 1 shows the model-based controller, with a full order closed-loop observer’s
state estimate being fed back through the state feedback gain K.

r f+\ Contl;oller u Plant y
b
]
Observer
L

Fig. 1. Closcd-loop system using the model-based outpul feedback controller.

Here, dimension of the plant and controller are the same. Then, the number of state
variables of the closed-loop system is twice double that of the open-loop plant.
The plant is given by (1), substituting u = K2 +r:

t = Az + BKZ% + Dr. (5)

To eliminate 2 from (5), this equation is only in terms of the state variable = and 7,
substituting £ = x — , producing:

= (A+ BK)x — BKz + Br; (6)
Coupling this with (4), we get the composite system’s state description:
d [x] _[A+DK -BK ][z]|_[B].
de H “[ 0 .-l—BLC] L;] ¥ [o] " - D

Theorem 1 (Lyapunov’s linearization method [15]). If te linearized system is strictly
stable (i.c, if all eigenvalues of A are stricily in the lefi-half complex plane), then the
equilibrium point is asymptotically stable (for the actual nonlinear system).

Since the composite system matrix is a upper triangular block, therefore the closed-loop
eigenvaules are given by A(A + BK) U A(A — BLC), where, \(A) represents the set
of eigenvalues of A. This fact indicates that the plant stabilization and observer design
can be approached separately.
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3 Model-Based Controller for PMSM

3.1 PMSM model

The dynamical model of a brushless PMSM, according to the reference model based on
the Principle of Clarke and Park transformations, is given as follows [ 18],[20]:

L (ii = Lyiqw — Rig + ud; . 3)
L d = —(Lgiq + ¥)w — Rig + ug; 9
dw
e — Fuw: 10
J 5 =M= mr Fuw; (10)
3
= EP( Lq)idiq + F"/”m (11)

where i4 and 44 are the stator currents on d — q axis, Lq and L, are the winding induc-
tances on d — q axis, Uz and U, are the d — ¢ stator voltages, 12 is the stator winding
resistance, w is the rotor speed, 1 is the permanent magnet flux, J is the rotor mo-
ment of inertia, F is the viscous fricticn coefficient, and p is the number of pole pairs.
According with the model represented by (8), it is clearly secn the nonlinearity of a
PMSM.

Considering that the motor has a perfect electric symmetry, Ly = L,,, and renaming

the phase currents as x; = iy, T2 = zq, 23 = w and m, = 0, the systen; represented by
(8)-(11) cair be expressed us:

=TT —-E:r +u—d
3-'1 243 L 1 )
R
Gy = —(T1 + )x3—3m2+"j§, (12)
. 3 F
fa= Fre= g

. where, ussuming that ug = u, = 0, and the riotor is running frecly, the cquilibrium
point of the system is z* = [}, 3,23]7 = 0 € R3. Where z* denotes the cquilibrium
point of the system expressed by (12).

3.2 Analysis and design of Luenberger observer

The aim of this paper is to Jesian an obscrver-based speed controlivs, in order to elini-
nate the speed sensor in the control law of NICK?28335 Kit. The Field Criented Control
(FOC) scheme for the control system can be seen in Iig. 2, where is shown that this
scheme includes an encoder.

Now, in Fig. 3 it is shown the nroposed FOC scheme for the model-based control,
here the speed encoder is climinatcd and substituted by an obscrver. The structure of
the observer is given by (3). Under this scheme, the speed controller is fed with the
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Fig. 2. Ficld Oriented Control Scheme for PI controller with speed encoder.
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Fig. 3. Field Oriented Control Scheme for the model-based proposed controller.

e§timated speed from observer, and the PIs in the inner control loop that control the
direct and quadrature axes (d — g) are estimated for 4 and .

The FOC scheme of the proposed controller has a similar structure than closed-
loop system showed in Fig. 1. The design of the proposed observer is based on the
linearization of the dynamic model (12). Where z is the state vector defined as z =
[z1, T2, 3T and u is the input vector given by u = [ua, u,)T. Matrices A and B are
defined as follows:

(13)
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The output vector y consist in the measurement of the currents z; and x5 denoted
by y = [z1,z2]7. Here, the error dynamics matrix A — BLC is given by:

-(Z+%) ;%l 0
0 T -7

where according with Theorem 1, in order to ensure the local asymptotic stablhty, the
constant gains are given by:

I > —R; - (15)
3py?

. 17

l4 > oF ) ( )

therefore, with the constant gains [, and /4 can be ensured local asymptotic stability of
the observer. The dynamic model of the observer is given by:

d ) :1:1 + L(Ud + (21 — 71))
g7 | = —Emg - fa:g + +(uq + l4(:z:2 —T3)) (18)
T3 ﬂﬂ:z = E-’L‘:; + 41 I
The stability conditions for the closed-loop system is not addressed due the platform
already has implemented a PI controller. According with aforementioned, it is assumed

that the PI controller has a good performance and only it is analyzed the observer sta-
bility.

4 Simulation and results

The performance of the proposed controller was validated using MATLAB-Simulink
software test given by Technosoft, the real-time simulation platform consisting of:

— One three-phase Permanent Magnet Synchronous Motor. Model MBE.300.E500
with parameters shown in Table 1. Equipped with Hall sensors and 500-line encoder
for direct experimentation.

— One development system model Technosoft MSK28335 with a DSP motion con-
troller model TMS320F28335.

— One three-phase Voltage Source Inverter (VSI) model PM50 power module board
with rated voltage 36 V, rated current 2.1 A, rated power 75 W, DC link voltage in
a range of 1236 V, working at PWM frequencies up to 20 kHz.

Numerical simulation of the error dynamics of the proposed obscrver are shown
in Fig. 4. The initial condition of PMSM is [z (0), 22(0), z3(0)]T = 0 € R® and the
initial condition of (18) is [£,(0), £2(0), £3(0)]T =1 € R3.

Fig. 4 shows convergence of the error dynamics of the observer.

In addition, numerical simulations are realized in order to make a comparison be-
tween the performance of FOC scheme with encoder and proposed sensorless FOC
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Table 1. Parameters of the PMSM.

Coil dependent parameters

Name Value Units
Phase-phase resistance 8.61 2
Phase-phase inductance 0.713 mH
Back-EMF constant 3.86 V/1000rpm
Torque constant 368 mNm/A
Pole pairs 1

Dynamic parameters

Rated voltage 36 Vv
Max. Voltage 58 vV
No-load current 73.2 mA
No-load speed 9170 Tpm
Max. continuous current 913 mA
(at 5000 rpm)

Max. continuous torque 30 mNm
(at 5000 rpm)

Max. permissible speed 15000 rpm
Peak torque (stall) 154 mNm
Mechanical parameters

Rolor inertia 1l kgm** 10"
Mechanical time constant 7 ms
Thermal resi. housing-ambient 8.6 c/w
Thermal resi. winding-housing 1.0 °cC/W

scheme. Both schemes were evaluated considering three different set points. Fig. 5
shown FOC scheme and for FOC scheme and Fig. 6 the proposed sensorless FOC
scheme.

The proposed FOC scheme presents less oscillations than FOC scheme with en-
coder. Also, the response of both are similar.

A comparison of the performance were realized employing the integral absolute er-
ror (IAE), the integral of squared error (ISE), the integral of time multiplied by absolute
error (ITAE) and the integral of time multiplied by squared error (ITSE). The results for
all these criteria are shown in Table 2.

Also, in Fig. 7 we have al these errors through time. In (a) IAE Criterion, (b) ISE
Criterion, (c) ITAE Criterion and (d) ITSE Criterion are presented for FOC scheme and
proposed sensorless FOC scheme.

All error criteria was evaluated considering a speed test reference of 30 rpm and 2
seconds of simulation.
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Fig. 4. Obscrver convergence: (a) Error estimation of £; and (b) Error estimation of &2

Table 2. Error analysis.
Error Criterion
Parameter IAE ISE ITAE ITSE

Control with observer  0.091697 1.487097 0.00054 0.002007
Control without observer 0.60555 2.59605 0.509871 0.512472

5 Discussions and conclusions

This paper presents the design and simulation of a model-bascd speed sensorless for
a PMSM. The proposed approach uses stator currents from the PMSM drive to esti-
mate the rotor speed. A comparison of the response of the proposed model-based speed
sensorless FOC scheme and a classic FOC scheme have been performed. Numerical
simulations show that the proposed sensorless control presents less oscillations than
FOC scheme, these oscillations appear due to sensor are sensitive (v temperature, in
addition, a bad estimation increase the error. The response of both systems are similar.
In addition, the well performance is also demonstrated calculating the error criterion
IAE, ISE, ITAE and ITSE. All the criterion of proposed FOC scheme are smaller than
FOC scheme with encoder.
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Abstract. In this paper, it is detailed the dynamic model of the Dynamixel AX-
12 servomotor, which is widely used in legged robots and in humanoid robots
specially. Experimentally, it is determined its parameters and a theoretical and
practical comparison of the internal position controller is performed. Addition-
ally, in the search of applications with bipedal gait, a velocity controller is de-
signed and implemented with satisfactory results. The experiments are done by
sending the control law and receiving measurements between the servomotor
and a remote PC via Zigbee wireless communication protocol.

Keywords: Servomotors, experimental analysis, velocity control, humanoid
robots, Zigbee.

1 Introduction

Thanks to recent technological achievements, Advanced Robotics, who studies ro-
bots with marked characteristics of autonomy [1], has acquired an important zenith
that allows not only to develop interesting theoretical proposals but also to perform
experimental validation through very novel and ingenious prototypes. Today, ad-
vanced robots with better promises of performance are constituted by legged robots,
mainly becausc they have better mobility on terrains that are no conditioned, on in-
clined surfaces and on environments with obstacles.

Legged robots, in general, have been frequently studied since the 1970s and, in par-
ticular, prototypes of anthropomorphic or humanoid robots have been a rcality since
the mid-1990s [2]; for example, the Asimo robot from Honda [3], the QRIO robot from
Sony [4] and the HRP-2 robot from Kawada [5]. Currently, there are also low cost
educational humanoid robots like the Nao robot from Aldebaran Robotics [6] and the
Bioloid robot from Robotis (a Korean company).

The Bioloid robot from Robotis (see Fig.1) can be constructed as a humanoid robot
with 18 degrees of frecdom (6 per leg and 3 per arm) with a Dynamixel AX-12 servo-

“motor in each joint. There are many and varied tasks that use this robot as a prototype
for experimental tests; sec for instance [7,8,9,10], among others. In this way, the main
purpose of this paper is experimentally analyze the performance of, for first instance,

Mireya Garcia-Vizquez, Grigori Sidorov, Sunil Kumar (Eds.). -—q
Advances in computing science, control and communications.Research in , h
Computing Science 69, 2014, pp. 37- 46
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a single Dynamixel AX-12 servomotor with the intention to glimpse the possible ap-
plications in the field of Advanced Robotics that this Bioloid robot can perform, in
particular: bipedal gait.

The Dynamixel AX-12 servomotor has also been studied in [11] where it is deter-
mined its pulse transfer function through a Box-Jenkins procedure [12], in this work it
is also showed graphs of its position control performance. In [13] an exhaustive anal-
ysis of the same servomotor is described and through reverse engineering it is illus-
trated each one of its parts, it is determined various parameters of the dynamic model
(as the viscous friction coefficient, the static friction, the motor-torque constant and
the armature resistance), it is calculated the assumed PID controller gains and it is
presented simulations and experiments for its position control; however, the model is
not so easy to reproduce since it uses a setpoint generator trying to run, without a
modification, the servomotor proper functions (which as we shall see, they are not so
convenient for velocity control applications, for instance). Likewise, in [14] it is per-
formed a calibration of the measurements provided by the servomotor; concluding that
it is necessary some adjustments in each one, with the exception of the angular position
measurement. In [15] the latency of this servomotor is analyzed.

Fig. 1. Bioloid humanoid robot

In this paper, the dynamic model of the Dynamixel AX-12 servomotor is detailed,

its parameters are determined experimentally and a theoretical and practical compari-

son of the internal position controller is performed. Additionally, in the search of bi-

~ pedal gait applications, a velocity controller is designed and implemented showing

satisfactory experimental results. The experiments are done by sending the control law

and receiving measurements between the servomolor and a remote PC via Zigbee wire-
less communication protocol.
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2  Modeling and Characterization

Fig. 2 describes a block diagram of the Dynamixel AX-12 servomotor (Table 1
details its variables and parameters). As can be seen, this servomotor is composed of
a DC motor, a gearbox with reduction ratio 1:r (where r = 254) and an ATmega 8
microcontroller. The power stage corresponds to an "H" bridge which is driven by the
microcontroller PWM output. It has a direct temperature housing measurement for
protection through a thermistor connected to the ADC2 input. To measure the angular
position g of the load axis a 10 K potentiometer (MuRata SV01) is connected to the
ADCO input. And the data sending to and from the servomotor is achieved via an
UART TTL level half duplex serial communication at 1 Mbps.

+Vee +Vop
T T Ra Lg Polentiomaler
Almega8 RS
uController i Cears \1;
" ” + —_— +
Dala H ia

g
UART i {: EE - ) Jp.Jp,
< ﬁ ), PWM & v 3 1:r
i Bridge Gm Tem +Vee
S7777777 =
Jm

ADCO”ADCZI
1: ' | Thermistor _l

Fig. 2. Block diagram of the Dynamixel AX-12 servomotor

According to specifications, the servomotor can provide feedback measurements of
position, speed and load torque. However, as noted in Fig. 2, the servomotor only has
direct measurement of its position (also in its housing temperature, but this measure is
for protection issues), so it is presumed that the other two given measurements are just
estimated data. The microcontroller ADCO has 10 bits of resolution and the potenti-
ometer is used in a working interval of [0 — 300]m/180 [rad], therefore the resolution
in the angular position measurement is

Saolradl _ o29m rad

(219-1)[bit] ~ 180 ‘bit"

~ The microcontroller PWM also has a resolution of 10 bits, such that one can ma-
nipulate 1023 armature voltage levels (typically, Vpp = 12.15 [V]).

2.1  Servomotor Model

To modeling the servomotor, it has been considered that the armature voltage is
equal to the average voltage at the terminals of the "H" bridge after the PWM. For
purposes of the actual friction on the servomotor, it has been only considered the vis-
cous friction model. Now, to obtain the servomotor model it has been used a very
similar procedure that is described in [16]. Therefore, the electrical part is governed
by
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" di

where e, = Kj§n, and the mechanic part by
. . T
Jmm = Tn — fnm — ".E,

]pq =Tp _qu

(1)

()
(3)

where T,, = K,i, and g,, = rq. In this formulation, it is assumed that thc.a dynamic
effects of the gearbox and the potentiometer sensor are included in (3). Finally, ne-
glecting L, and substituting (3) into (2), then this result into (1), we have the dynamic

model of the servomotor expressed through

rRq [Jp . , TRa fp | KaKp] o _
—;(:[r2+]m]q+!{a [fm+r2+ Ra]q b
Aj+Bg=v

hA="Rellp = TRa Jp 4 KaKp
wuhA—Ka [’_z+j,,,,]andB—K‘l [f'“+r2+ » ]

Table 1. Variables and parameters of the AX-12 scrvomotor

“)
)

Symbol Description Units

q Angular position of the load axis Rad

1% Armaturc voltage \%

- Angular position of the motor shaft Rad

Tm Torque in the motor shaft Nm

i, Armature current A

e, | Back electromotive force \

Tp Load torque due to potentiometer and gearbox | Nm

R, Armature resistance Q

L. Armature inductance H

K, Motor-torque constant Nm/A

K; Back clectromotive force constant Vs/rad

T Gear reduction ratio

j - Motor inertia Kg m?

j Viscous friction cocfficient of the rotor Nm

Jy Potentiometer and gearbox inertia Kg m?
Viscous friction coefficient of the potentiometer

fo Nm
and gearbox

2.2 Parameterization of the Servomotor Dynamic Model

The model of the servomotor (5) can be scen, in terms of the angular speed w = g,

in the following mannecr:

Aw+Bw =v.

(6)
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In such a way that for a constant input voltage v = v; with @(0) = 0, we have that
- the solution of (6) is given by

w(t) = -'-;-:- [1 - e'%t] @)

A

where the static gain of the system is ks = %and its time constant is 7, = =

U
T
AL S

N L f i-lllllllll.h Al 1li 'Ij AL
et TR T 1|]|['1 ‘l|'|:l|!![|g||||

-,
T
e
]

ek B LT LT

@ [rad/sec]
L ¥%Y

L)

—
LB

0 0.2 0.4 0.6 0.8 1
t [sec]

Fig. 3. Graph of w vs t for parameterization of the servomotor (the continuous line shows the
_experimental data and the discontinuous one the ideal data)

For the parameterization, the servomotor was fed, with null initial conditions, with

a constant armature voltage of 8 [V] and by means of a real-time vision system (well

calibrated at 200 frames per second) it was obtained his graph of angular velocity'

versus time, which is shown in Fig. 3. Additionally, the steady state angular speed was
measured by a tachometer resulting wss = 4.57 [rad/sec]. In this manner

B=2=2_=17505 (8)

Wgs 457
and, from de experimental graph 7, = 0.04 [sec], hence
A = Bty = 1.7505(0.04) = 0.0700 . )

In Fig. 3, it is prescnted the ideal response of (7) with the determined parameters
(by a discontinuous line); as can be obscrved, in average, the experimental response is
very similar to the idcal one.

! The vision system measurcs its angular position and by a numeric Euler differentiation is
calculated this angular velocity.
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2.3 Internal Position Controller Gains

The studied servomotor has an internal position controller. In order to obtain the
closed-loop model it is assumed that it has programmed a PID controller (typical for
servomotors in general). To determine the PID gains the servomotor is subjected to a

constant desired input q4 = 1—2:- = 0.1745 [rad] (a small onc with the intention that do

not exist saturations in the demanded armature voltage) and with null initial conditions
(with no angular spced limits and the default internal parameters for the compliance).
Again, the experimental plot was obtained with the real-time vision system properly
calibrated (see Fig. 4). From this plot we proceeded to compare simulations in closed
loop to finally find that there exist only proportional and derivative actions (which
seems reasonable since, if the output is the angular position, the servomotor possesses
an integral action perse), so the control law would be

v = kp(9a = )+ kag; (@ — @) (10)

with gains k, = 80 and k4 = 0.3. It can be noted that this proportional gain is too

large, in fact, in this experiment, the maximum armature voltage is demanficd at the
beginning and it is of the order of v = 80(0.1745) = 13.96 [V] (slightly bigger than
the maximum supported).

0.251 ! : s
0.2 .. £, SO -

015 _. ................ ............... ................
= : :
&
LI I f S -

0.05 _. ....... .....

0 S —
0 0.1 0.2 0.3 0.4 0.5

Fig. 4. Evolution versus time of the angular position (the continuous line shows the experi-
mental data, the discontinuous one the simulated data and the dotted one the reference)

Fig. 4 presents the comparison between the simulated and the experimented. Ob-
serve that the transicnts are quite similar, however, the experiment showed a steady-
state crror, which is attributed to the other components of the unmodeled friction and
to the quantization c[Tects in both the control law and the angular position mcasure-
menl. :
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3 Velocity Control

The tasks entrusted to legged robots and especially humanoid robots usually have
to do with the movement or gait of the robot. Due to the above, there exist an interest
in designing a velocity controller for the servomotor under consideration, which we
must to remember that has an internal position controller. The designed controller is
based on a feedforward component with the intention to deliver the servomotor torque
needed to perform the desired movement. For its design, it is defined the following
velocity control objective

lim é(t) = 0 (11)

where é = ¢, — q is the angular velocity error and §, the velocity reference.

Now, consider the servomotor model (5) with internal position control law (10),
then do the next change of variables “u = q4”, where u is the new input of the system.
With the above, the system (5) and (10) is -

. . d
Aj+BG=ky(u—q)+ks—(u—q). (12)

The designed control law is cxpressed by
kd"f"' kp¢=Aq-r+B‘-Ir ’ (13)

u=q,+¢ (14)

~ where £1is a new state variable added to the system.
"~ The closed loop equations of the system is obtained by substituting (13) and (14)
into (12), being

A(qr_q)'*'(B+kd)(dr_Q)+kp(Qr"Q)=0a
Aé+(B+kd)e'+kpe=0.

~ The cocfficients of this linear differential equation are all positive so that e(t) and
their derivatives tends cxponentially to zero as time approaches infinity. This demon-
strates that the controller (13)-(14) guarantees the proposed vclocity control objective
(11) for the scrvomotor. In fact, with the particular paramelcrs, its eigenvalues are
—14.6464 + 30.4687i (i = v/=1). It is worth noticing that this design corresponds to
a feedforward dynamic controller that depends cntirely on the servomotor parameters
(and on the internal position controller gains).

4  Experimental Analysis

"To corroborate the developed theory, the servomotor performance and the Zigbee
wireless communication (included in the Bioloid robot) it is performed experiments
under the scheme illustrated in Fig. 5. The Bioloid robot, through the CM-510 control
unit (composed basically by an ATmega 2561 microcontroller) can send position com-
mands to the internal controller and reccive measurcments of the angular position to a
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remote PC via the Zigbee protocol. The components to make this possible are shown
in Fig. 5. This communication scheme allowed to carried out experiments with an av-

erage sampling period of 0.010 [sec].

iy

ZZ R
usnz <}._{> 216100 j tz:cnon@ cy—sroqi:>

PC Dingmizel

W

AX-12 Servo

Fig. 5. Expcrimental scheme

For the experiment, the CM-510 control unit was only used for the sending and
receiving data via Zigbee while the controller (13)-(14) is completely programmed in
the remote PC (where are also stored all the variables, including the experiment time).

Fig. 6 illustrates the graphs of the angular position time evolution in the experiments
for the velocity control with initial conditions equal to rest and with q,(0) = 150
[deg). In the dotted line it is shown the reference angular position, expressed by

q-(t) = 1%sin(er(S)t) + £

180
which corresponds to a sinusoidal signal with frequency of 5 [Hz], amplitude of 5 [deg]
and with an offset of 150 [deg], a small onc to do not causc saturations in the control
law. In the discontinuous line is observed the graph when the internal position control-
ler is used without modifications and in the solid line is presented the graph when the
designed velocity controller (13)-(14) is applied. It should be noted a better perfor-
mance with the proposed controller, both in amplitude and in phase.

5 Conclusions

It has been described the dynamic model of the Dynamixel AX-12 servomotor,
which is widely used in legged robots and in particular for bipedal locomotion of hu-
manoid robots. Experimentally, it has been determined its parameters and it has been
performed theoretical and practical comparisons of its internal position controller. Ad-
ditionally, in the scarch of bipedal gait applications, where periodic functions for the
joint positions are used, it has been designed a velocity controller with satisfactory
performance in the cxperimental results. The command sending and measurcment re-

“ceiving between the Bioloid robot and a remote PC was implemented via Zigbee wire-
less communication protocol, which also had an acceptable performance.
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Fig. 6. Temporal evolution of the angular position (the continuous line shows the
experimental data with the designed controller, the discontinuous one with just the
internal position controller and the dotted one the reference)

It should be noted that the servomotor only offers direct measurement of its angular
position in such a way that the other measurements provided are just estimated data.
There exist a 10-bit resolution for both the angular position measurement and the ap-
plied armature voltage. The internal proportional controller gain is too large which
provokes saturations in the armature voltage if the desired angular position is relatively
large; this situation declines, in great measure, the servomotor functionality.
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Abstract. The paper deals with the position stabilization problem of the inertia
wheel pendulum using a nonlinear Ho, controller via position measurements for
feedback. The main objective was to stabilize the pendulum at the up-right po-
sition in spite of the external disturbances. A local Heo controller is derived by
means of a certain perturbation of the differential Riccati equations that appear
while solving the corresponding Hoo-control problem for the linearized system.
Since the initial conditions were far from the region of attraction of the desired
equilibrium point, we construct a hybrid controller consisting of the swing-up
control and the stabilization part. The performance of the proposed controller,
applied to a perturbed academic wheel pendulum, was verified by simulations.

Keywords: Inertia wheel pendulum, nonlinear H o -control, output-feedback.

1 Introduction

The inertia wheel pendulum (IWP) is a nonlinear systems typically used to emulate
postural sway such as bipedal walking motion, rocket thrust, the segway human trans-
porter, and can be used to investigate research issues in control, autonomous navigation,
group coordination, and other issues. One critical and interesting problem of the IWP is
the stabilization of pendulum at the upright position because the open-loop equilibrium
point is unstable and the closed-loop system can be sensitive to unmatched disturbances.

Nonlinear H.-control [1-3] is a tool to solve robust control problems and it has
been successfully applied, among others, on the control of robot manipulators [4], un-
deractuated mechanical systems [5], coil-power units [6], hard-disk drive servo systems
[7], and hydraulic systems [8].

There are several local controllers design in the literature to stabilize the inertia
wheel pendulum. For example, Ye et al. [9] proposed a backstepping technique for
non-linear cascade systems whose driven subsystems have a feed-forward structure and
include higher order terms. In their proposal, a small control is first assigned to sta-
bilize the driven subsystem, and a simple backstepping procedure is then followed.
Lépez-Martinez et al. [10] considered a variable structure controller using a nonlinear
sliding mode surface to deal with disturbances in the IWP. Recently, Turker et al. [11]
developed an alternative stabilization procedure for a class of two degree-of-freedom

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). -
Advances in computing science, control and communications.
Research in Computing Science 69, 2014, pp. 47- 58 h
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under-actuated mechanical systems based on a sct of transformations and a Lyapunov
function.

The main objective of the paper is to design a o controller to stabilize the pen-
dulum at the up-right position in spite of the external disturbances. Since the initial
conditions were far from the region of attraction of the desired equilibrium point, we
construct a hybrid controller consisting of the swing-up control and the stabilization
part. For the swing-up control, it is proposed a desired periodic trajectory where a non-
linear Hoo-control for time-varying systems, taken from [3], drives the pendulum to
the region of attraction of the desired equilibrium point. For the stabilization part, we
linearize the model around that equilibrium point where a linear Hoo-control for au-
tonomous systems, taken from [2], is applied to stabilize the pendulum.

The paper is organized as follows. The dynamic model and control objective are
given in Section 2. Section 3 provides background material on output-feedback non-
linear Hoo-control for autonomous and non-autonomous systems. The nonlinear Hoo-
control for swing-up and stabilization of the inertia wheel pendulum are designed in
Section 4. Numerical simulations are presented in Section 5. Finally, conclusions are
provided in Section 6.

2 Dynamic model

Dynamics of an inertia wheel pendulum, taken from [12], can be described as follows:

I 4-ds & 1§ mgsin(q)| _
[ I Jr] [q;] + [ = ] = B(7 +wy) (1)
J

where q;(t) € R is the angle of the pendulum, ¢2(¢) € R is the angle of the disk (see
Fig. 1), 7(t) € R is the control input, ¢ € R is the time, w; (t) € R is the unknown
disturbance vector which is assumed square integrable over infinite-time (belongs to
L5), J is the inertia matrix which is definite positive, and B = [0, 1]7. In the above
equation of motion, J, = m, 12, + myl} + J, and m = mylc; + mely where m, is the
mass of the pendulum, ms is thic mass of the wheel, [, is the length of the pendulum,
lc1 is the distance to the center of mass of the pendulum, J), is the moment of inertia of
the pendulum, and J;. is the moment of inertia of the whecl.

The control objective pursued in this paper is to asymptotically stabilize the angle
of the pendulum g, in the upper position set-point, that is,

. _ s 2

Jim lq,(t) —=f| =0 @)

starting from the initial condition g;(0) = q2(0) = §1(0) = ¢2(0) = O in spite of the

external disturbances w,(t) € R. The position of the wheel and the pendulum are the

only measurements available for feedback and these measurements are corrupted by the
vector wy (t) € R2.
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Fig. 1. Schematic representation of the inertia wheel pendulum.
3 Preliminaries

~ The present study focuses on a nonautonomous nonlinear system of the form

& = f(z,t) + g1(z, t)w + g2(z, t)u (3)
z = hy(z,t) + ki2(z, t)u @)
Y= hg(.'r,t) + k21($,t)w (5)

where z(t) € R™ is the state-space vector, u(t) € R™ is the control input, w(t) € R"
is the unknown disturbance, z(t) € R' is the unknown output to be controlled, and
y(t) € R? is the only available measurement on the system.

For the underlying system, the following assumptions are made throughout.

Al. The functions f(.'B,t), gl(.'L', t)’ 92(3', t)v hl(mit), h2($s t): klZ(x,t)s k21 (:‘c!t) are
piecewise-continuous in ¢ for all = and locally Lipschitz continuous in z for all £.

A2. f(0,t) =0, hy(0,t) = 0, and h2(0,t) = O for all ¢.

A3.

hr{(x: t)kip(2,t) =0, kﬂ(z,t)km(a:, t)=1I
ko, (z,8)97 (2,t) = 0, koy(z,t)k3, (z,t) = I. (6)
These assumptions are made for technical reasons (cf. [13]).
The Hoo-control problem in question is stated as follows. Given the system repre-

sentation (3)~(5) and a real number 7 > 0, it required to find (if any) a causal dynamic
output-feedback compensator

u=K(E L), E=F@yt) @



50 Adrisn Gémez and Luis T. Aguilar

with internal state £ € R?, such that the undisturbed closed-loop system is uniformly
asymptotically stable around the origin and its £z gain less than « if the response 2,
resulting from w for initial state z(¢o) = 0 (and £(¢o) = 0), satisfies

[ : Ly ;
[ =01 de<? [ o ®

lo 0

for all {; > to and all piecewise-continuous funclions w(t) = [w; wy]T. In turn, a
locally admissible controller (7) constitutes a local solution of the 7{s5-control problem
if there exists a ncighborhood U of the equilibrium such that inequality (8) is satisfied
forall ¢, > o and all piecewise-continuous functions w(t) for which the state trajectory
of the corresponding closed-loop system, starting from the initial point (o) = 0 (and
&(to) = 0), remains in U for all ¢ € [to, t1].

Under Assumptions A 1-A3, coupled together, the corresponding Hamilton—Jacobi-
Isaacs inequalitics are subsequently linearized and a local solution of the 7{co-control
problem is then obtained. The development involves the linear ‘Hoo-control problem for

the system
&= A(t)x+ D,(Y)w+ Dy(t)u
z=C(t)x+ Dya(t)u )]
Y= Cg(t)'l: + Dgl(t)w

where
A(t) = %(Olt)! Bl(t) = gl(oit)! B‘.’.(l) = y-_:(O, t)s Cl(t) = '(3)_11_1(03 £)1 “0)
Co(t) = 22(0,1), Dis(t) = k12(0,2), Das(2) = ka1 (0, 2).

_0.1:

The following conditions are necessary and sufficient for a solution of the problem to
exist:

C1. The equation

L 1’(t)A(l)+AT(l)P(t)+CT(!)CI(l)-I-J’(!)[%—BIB}"—Bzﬂ;r](t)l’(t) (an

possesses a uniformly bounded positive semidefinite symmetric solution P(¢) such that
the system

i=[A — (B,BT — 472D, BT)P)(t)x(t) (12)

is exponentially stable.
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(C2. Being specified with A;(t) = A(t) + 32 B,(¢) B{ () P(t), the equation

= Ai()2(t) + Z()AT(¢) + B, (&) BT (t) + Z(t)[‘::’g'PBng'P — T C,I(1)2(),
(13)

© possesses a uniformly bounded positive semidefinite symmetric solution Z (t), such that
the system '

= [A1 — Z(CTC, — v 2PB,B] P)|(t)z(t) (14)

is exponentially stable.
According to the time-varying strict bounded real lemma [14, p. 295], Conditions
C1 and C2 ensure that there exists a positive constant &g such that the system of the

- perturbed Riccati equations

—P. = P0AW) + AT@)P.() + P[5 B BT ~ BaEFIOPL(0)

. +CT(t)C1(t) + €I, (15)
Ze = A (t)Ze(t) + Z: () AT (t) + ze(t)[;%PeBzB;-" P. — C3 Cy)(t) Zc(t)
+ B, ()BT (t) +eI . (16)

has a unique unifoﬁnly bounded, positive definite symmetric solution (Pe(t), Ze(2))
~ for each € € (0,g) where A.(t) = A(t) + ;1731(t)3f‘(t)Pe(t)- Equations (15) and
.(16) are now utilized to derive a local solution of the Ho-control problem for system

3)-5).

Theorem 1. Consider system (3)~(5) with Assumptions AI-A3. Let Conditions C1 and
C2 be satisfied with a certain v > 0 and let (Pe(2), Z(t)) be a uniformly bounded
positive definite symmetric solution of (15), (16) under some € > 0. Then, the causal
dynamic output-feedback compensator

&= 16,0+ 50,6 00T (6.1 — 926 )08 € OIPLL06

+ Z(t)CF (t)[y(2) — ha(&, 1)), a7
u=—g;z (§)Pe(t)€ (18)

is a local solution of the Hoo-control problem with the disturbance attenuation level 7.

In the autonomous case, the DREs (11), (13) degenerate to the algebraic Riccati
equations by setting P = 0, Z = 0 and conditions C1 and C? are simplified to

C1". the equation

. 1
PA+ATP+CTC + P[?BIB}" —~ 1323;"]_13 =0 (19)
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possesses a positive semidefinite symmetric solution P such that the matrix A —
(By B — v~2B, BT)P has all eigenvalues with negative real part;
C2". being specified with A; = A + =y B, B P, the equation

A1Z+ZAT + B,BT + Z[:rl—zszBzTP _CTC)Z=0,  (20)

possesses a positive semidefinite symmetric solution Z such that the matrix A4, —
Z(CTC, — v~2PB, BT P) has all eigenvalues with negative real part.

Conditions C1” and C2" are known from [1] to be necessary and sufficient for a so-
lution of the linear ?,-control problem for the time-invariant version of system (9)
to exist. According to the strict bounded real lemma, Conditions C1” and C2" ensure
that there exists a positive constant o such that the system of the perturbed algebraic
Riccati equations

P.A+ATP. +CTC, + Pe[%BlB'f _ B,BT|P. + ¢l =0, Q1)
A:Z.+ Z.AT 4+ B, BT + Ze[;lz—PeBng'Ps —CTCyZe +el=0 (22)

has a unique positive definite symmetric solution ( Pk, Z.) for each € € (0,&o) where
A=A+ ?I;BIB'{PE. Based on this solution a time-invariant H.. controller is con-
structed as follows.

Theorem 2. Let conditions C1" and C2" be satisfied for system (3)-—(5 ) which is as-
sumed to be time-invariant and let (P, Z.) be a positive definite symmetric solution of
~ (21), (22) under some € > 0. Then the time-invariant output-feedback

E=F(¢)+ [%g;(e)gf(e) - m(&)g%‘(&)] Pt + zec;*"_ [y — h2(8), (23)
u=—gz (€)Pef 4

is a local solution of the H -control problem in the autonomous case.

4 Nonlinear H .-control synthesis

4.1 Swing-up control
The role of the swing-up control is to drive the pendulum inside the region of attraction

of the desired equilibrium point [¢§ g5 4§ ¢§]” = [x000]7". For this purpose, let us follow
the line of reasoning of Orlov et al. [15] where the modified Van der Pol oscillator

+2
| fid+a[(43+%) -'Pﬁ} Ga+p%a=0, a,p,p>0 25)
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was used to generate a periodic reference trajectory for the pendulum. Here, g4(¢) € R
stand for the desired periodic trajectory, the parameter p, controls the amplitude of the
limit cycle, u control its frequency, and o controls the speed of the limit cycle transient.

For the synthesis of the H, tracking controller, consider the state-space vector
T = [z; 23)T where z; = ¢; — g4 and z3 = §; — ga. Then (1), represented in terms of
the state-space vector, takes the form

.'1.:1 = I3

. N - 26
T3 = —-J;lh sin(z1 + qa) — Ga — J, L, — Ja_l'r_, (26)
where h = mg. It should be pointed out that it is assumed that velocity of the wheel g,
* remains bounded for all £ € [0,t,) where t, is the transition instant between the swing-
up controller and the stabilizing controller. The objective is to design a controller of the
form

T = —Ja(dy + J;  hsin(q1) + u) | 27)

that imposes on the disturbance-free manipulator motion desired stability properties
around gq(t) while also locally attenuating the effect of the disturbances. Thus, the
controller to be constructed consists of the trajectory feedforward compensator and a
disturbance attenuator (t); internally stabilizing the closed-loop system around the
desired trajectory.

In the sequel, we confine our design objective to position-control where

1. The output to be controlled is given by
52 |
z= [ p:r1] (28)

with a positive weight coefficient p, and
- 2. The position of the wheel and the pendulum are the only measurements available
for feedback and these measurements are corrupted by the vector wy (t) € R?, that
is, ‘ -
z +
y= [‘ ""] +wy(t). (29)

I3

The system (26)—(29) can be specified as in (3)~(5) with

r@=[2], @=L %00, ae=[_ 0],

i) = -0}, km(x)=H [ ] Faa(z) = [Oaxa Jo]

Pz

(30)

Hereinafter, I, and 0,,x stand for the n x n identity matrix and the n X m matrix
of zeros, respectively. Thus, a solution to the H, output tracking controller synthesis
involves the standard linear Hoo-control problem for the nonautonomous linearized
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system (9) where matrices (10) are explicitly given by

0 1] 0 00 0
A= -00- ) B1= [___Ja—l 00] ) B2= [_Ja_l] )

Cl = 00 ’ .D12 = [1] ) 02 = [I2 02)(2] ) D21 — [()‘2“:l I2] *

p 0- 0

€)Y

Finally, by applying Theorem 1 subject to (30) and (31), the Hoo-control problem is
solved. '

- 4.2 Stabilization control

For this stage, the nonlinear system (1) will be linearized around the desired equilibrium
point therefore, the control input 7 will be injected from the ‘H o-control (24) without
nonlinear compensation terms, that is, 7 = u. Now, consider the state-space vector
z = [z zp 73 74)T Where 7y = @, — T, To = g2, T3 = d1, and T4 = ga. Then (1),
represented in terms of the state-space vector, takes the form

.’f:l =1I3
Ty = T4
t3 = —J  hsin(zy +7) — J7wy — I

&4 = J  hsin(zy + 1) + (I + I7wy + (7 + T u.

(32)

- We confine our design objective to position regulation where the output to be controlled
is given by .

u |
z=|pz1| . , (33)
P2

The system (29), (32)~(33) can be specified as in (3)~(5) with

I3
— T4 | O2x1 O2x2 _ | O2x1
f(m) = —J;lhsin(:1:1+7r) y gl(m) - |:J—>1<B 02:2]1 92(3:) = [J—IB] )
| J;thsin(z; + )] |
| F i o
m@) = |pm|, k()= [Ojn], ha(z) = [;’;] () = [Oaxa I2].
| PT2

(34)

Thus, a solution to the H, output regulator synthesis involves the standard linear Hoo-
control problem for the autonomous linearized system (9) where matrices (10) are ex-
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- plicitly given by

0 010
_ 0 001 _ | O2x1 O2x2 _ | O2x1
A=1 j-thooo| Bl‘[J-lBozxg]’ Bz‘"[J"‘B]’

—J;'h000

| [01x2 O1x2 |1 B
C= | pI2 O2x2f’ Dia= O2x1 |’ Cy=[I202x1], Dag1 = [02x1 I2] -
(35)

Finally, by applying Theorem 2 subject to (34) and (35), the Hoo-control problem is
solved.

5 Simulation results

Forthcoming result were based on the laboratory inertial wheel pendulum from Mecha-
tronics Control Kit, prototype manufactured by QUANSER Inc., where J, = 4.572 x
1073, J, = 2.495 x 1075, h = 0.3544. As was specified in Section 2, the position ini-
tial conditions for the IWP were set to g; (0) = ¢2(0) = 0 [rad] whereas all the velocity
initial conditions were set to g; (0) = ¢2(t) = 0 [rad/s].

The parameters specified for the modified Van der Pol equation (25), to generate a
- periodic trajectory with amplitude |g4| = 37/4 [rad], were a = 100, p, = 37/4, and
p = 4 (see Fig. 2). The parameters p = 250, v = 10, and € = 5 were chosen for the
swing-up H controller and for H . regulator were p = 1,y = 40, and € = 0.

=1k 1

0
%Y

. Fig. 2. Phase portrait produced by the modified Van der Pol equation with parameters o = 100,
" - py=3m/4,and p = 4 initialized at g4(0) = 37 /4 and ¢a(0) = 0.
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Figure 3 provides the position, velocity, and torque of the pendulum without distur-
bances. Figure 4 shows that positions and velocities of the inertia wheel pendulum are
driven to the desired equilibrium point in spite of the external disturbances

wy = 0.1cos(2t), wy = [1 x 1073 cos(5t) 2 x 1073 cos(3t)]T . (36)

The switching between controllers occur at £; = 0.4 [s]. There were no significant dif-
ferences between Figs. 3 and 4 in terms of the overshoot. As can be seen, also, from
these Figures, is that the velocity ¢2(t) does not escape to infinity in finite time ¢, how-
ever, high velocity of the wheel is required to satisfy the control objective. New methods
for swing-up the pendulum without demanding high energy must be investigated.
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Fig. 3. Time responses of the closed-loop system.

6 Conclusions

In this paper we propose a nonlinear H-controller to solve the stabilization problem,
at the upright position, of a inertia wheel pendulum operating under uncertain condi-
tions assuming position feedback only. The proposed controller consists of the swing-
up part and the stabilization part. For the swing-up control, we proposed a Van-der-Pol
equation to generate a continuously differentiable desired periodic trajectory where the
Ho-control successfully drives the pendulum to the region of attraction of the desired
equilibrium point. Finally, the nonlinear H, regulator stabilizes the pendulum at the
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Fig. 4. Time responses of the closed-loop system.

desired position in spite of the presence of external disturbances, as was expected. The

~_ most important limitation lies in the swing-up control part where boundedness of the

velocity of the wheel must be investigated.
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Abstract. The paper presents the design of type-2 fuzzy controller us-
ing the fuzzy Lyapunov synthesis approach in order to systematically
generate the rule base. To construct the rule base, the error signal and
the derivative of the error signal are considered. It also presents the per-
formance analysis to determine the value of the separation interval £
between the upper and lower membership functions of the type-2 fuzzy
set used. The controller is implemented via simulation to solve trajec-
tory tracking problem for angular position of a servo trainer equipment
in presence of backlash. Simulation results are successful and show better
performance than a classic controller.

Keywords: Fuzzy Control, Lyapunov Approach, Nonlinearities, Servo
Trainer. -

1 Introduction

The fuzzy sets were introduced by L. A. Zadeh in the mid-sixties in order to pro-
cess data affected by non-probabilistic uncertainty [1]. The type-1 fuzzy systems
can handle the linguistic variables and experts reasoning and also reproduce the
knowledge of systems to control, however, it can not handle uncertainties such
as dispersions in linguistic distortion measurements and expert knowledge [2].
On the other hand, type-2 fuzzy systems can handle such kinds of uncertain-
ties and also have the ability to model complex nonlinear systems. In addition,
controllers designed using type-2 fuzzy systems achieve better performance than
those of type-1. The type-2 fuzzy sets were also originally proposed by Zadeh in
1975 [3].

In [4] a fuzzy logic type-2 based controller using genetic algorithms is per-
formed to control the shaft speed of a DC motor. Genetic algorithms are used
to optimize triangular and trapezoidal membership functions. The controller is

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.).
Advances in computing science, control and communications. ¢
Research in Computing Science 69, 2014, pp. 59- 67 : ..
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implemented in a FPGA and its performance is compared with fuzzy logic type-1
and PID controllers.

A type-2 fuzzy controller (T2FC) is designed for an automatic guided vehicle
for wall-following in [5]. In this case, T2FC has more robustness to sensor noise
and better guidance performance than one of type-1. Another application of
T9FC to mobile robots is presented in [6]. Trajectory tracking is applied first at
simulation level and then on a Digital Signal Controller (DSC) of a experimental
platform. The reported results show that performance of type-1 controller is poor
comparing to type-2 controller.

Some applications of type-2 fuzzy controller in real-time can be also found
in literature. For example, the classical inverted pendulum and the magnetic
~ levitation system which are both highly non-linear. In [7], a low-cost microcon-

troller is used to validate the performance of T2FC for the inverted pendulum.
For magnetic levitation system, [8] compared performance of type-1 and type-2
fuzzy controllers and a PID controller. Given that the system is unstable and
non-linear, T2FC is showed better performance. Finally, position and velocity
type-1 controller are designed in [9]. In this case, stability of both controllers are
assured by means of Fuzzy Lyapunov Approach [10]. Results are presented in
real time and are compared with classic controllers.

The paper is organized as follows. In section 2 we describe the servo trainer
equipment and the characteristics of backlash. Then, section 3 presents the con-
trol design methodology using the fuzzy Lyapunov approach. Simulation results
are presented in section 4. Finally, concluding remarks are presented in section
5.

2 Servo Trainer Equipment

The equipment used as plant to control in this paper is the CE110 Servo Trainer
from TQ Education and Training Ltd [11]. This apparatus is used to help in
teaching linear control theory and to implement validate some control algorithms
(classical and non classical) in real-time.

The equipment have a variable load which is set using a current direct gener-
ator, by changes of different inertial load and using the engage a gearbox or by
set all of them together. Besides, the apparatus have three modules to introduce
some typical nonlinearities. |

The mathematical model of servotrainer is set by equations [9]:

521 =T (1)
Tg = —%9?2 + g-TLGz'U

where z; = 0 and 7o = w arc the angular position and angular veloc-
ity, respectively. The gains G; and G, are defined by G; = kik, and Gz =
kg/30k, where k; = 3.229 (rev/sec-Volts) is the motor constant, k; = 0.3
(Volts/(rev/sec)) is the velocity sensor constant and k, = 20 (Volts/rev) is
the angle sensor constant. The time constant T’ change according to size of load:
T = 1.5 (sec) for small load (one inertial disc); T = 1 (sec) for medium load
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Fig. 1. Servo Trainer

(Wo inertial discs); T' = 0.5 (sec) for large load (three inertial discs). (see Fig.
1). -

The equipment provides a hysteresis block, to simulate and study the im-
portant feature of backlash in the use of the gearbox and the effect on Servo
" Trainer.

e
oo i ' i_'/ i " tid
. I D S Ve
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;—“ﬂ’,‘ _,. o ‘_|. ] 1 2 F 4 [}

Fig. 2. Hysteresis Characteristics

The characteristics of the Servo Trainer hysteresis block are calculated exper-
imentally (see Fig. 2) with width of 1 volt. Input and output voltage are taken
" in the block to determine its characteristics.

3 Controller Design |

3.1 Fuzzy Lyapunov Approach

The goal is to design a control law u such that the velocity and position of servo
trainer follows a reference signal y,.s. One way of achieving this goal is to choose
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a Lyapunov function candidate V(z). Then, this Lyapunov function must meet
the following requirements [10]:

V() =0, - @)

V(z) >0, z € N\{0}, (3)

V()= -g%:i:,- <0, ze N\{0}. (4)
i=1 '

where N\{0} € R" is some neighborhood of {0} excluding the origin {0} itself,
and #; (i = 1,2,...,n). If {0} is an equilibrium point of (1) and such V(z) exist,
then {0} is locally asymptotically stable.

The conditions (2) and (3) are satisfied by taking such Lyapunov function

candidate V = 1 (e? + é%) where e is the tracking error. Differentiating V' we
have V = eé + éé. Substituting w = &, is required then:
V=et+éw<0 | (5)

Analyzing the equation (5), we can establish four basic fuzzy rules for w such
that conditions (4) is satisfied: .

— IF e is positive AND ¢ is positive THEN w is negative big
— IF e is negative AND é is negative THEN w is positive big
— IF e is positive AND ¢ is negative THEN w is zero
— IF e is negative AND é is positive THEN w is zero

3.2 Type-2 Fuzzy Systems

A fuzzy type-2 system denoted by ~ A4, is characterized by a membership function
type-2 p=4 = (z,u) ,wherez € X, u € Jz C [0,1] and 0 < p=4 = (z,u) < 1.
It is defined as follows [12] '

BA= {(:I:,[.LA(:L‘) I T € X)} = [/,,ex [.[ueJﬂC[o . fm(u)/u] /x] (6)

If fz(u) =1,Vu € u:,-j:] C [0,1], membership function type-2 p=~4 is
expressed by a lower membership function type-1 Jz =1, (z) and upper mem-

bership function type-1 7: =Ti4(z). Then, p= 4 is called an fuzzy type-2 interval,
denoted by equation (7)

s Uxex [LGIEA(r):ﬁA(z)l.C.IO-ll l/u] /x] 0

" If ®A is a fuzzy type-2 singleton, then the membership function is defined by

equation (8)
_fip, it z=x
H=a(z) = {1/0, ifr £z - (8)
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CRISP OUTPUT

Fig. 3. Components of a type-2 fuzzy system

The type-2 fuzzy systems consist of a fuzzyfier which converts a value from
real world into a fuzzy value, a fuzzy inference engine that applies a fuzzy rea-
soning to obtain a fuzzy output, an output processor comprising a reducer that
transforms a fuzzy set type-2 into a fuzzy set type-1 and defuzzyfier which con-
verts a fuzzy value into a precise value (see Fig. 3).
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Fig. 4. Type-2 fuzzy sets: (a) Definitio, of type-2 fuzzy set; (b) Fuzzy set for e; (c)
Fuzzy set for ¢é; (d) Fuzzy set for w “

As mentioned above, membership functions in type-2 fuzzy systems are char-
acterized by having two membership functions of type-1; an upper and a lower
‘membership function. The interval £ between these two functions can be var-
ied in order to obtain optimal performance [13]. Figure 4a shows such type-2
membership function.
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In this paper we have used the Matlab Toolbox developed and described
in [12] to implement the type-2 fuzzy system in order to generate values of w.
Figures 4b-c shows fuzzy sets for error e, for the derivative of error é and for
variable w, respectively.

3.3 Mamdani Position Controller

The goal is to design a control signal u such that the angular position x; follows
a desired reference signal yp. That is, eg — 0 as t — oo where ep = =1 — yp. In
this case, &g is related to w by €9 = w = #; — fjs. From equation (1), we have
that £; = &2 and the expression for w is wp = ~=11-=:c2 + S1C24;, — §jp. Then, the
control signal u for position tracking is

T2 9)

, . 1
u= G]_Gg ('l.Ug -+ yﬂ) + G1G2

CLASSICDESIGN
LYAPUNOV

MINMUM SYSTEM | V(x.x,)20
KNOWLEDGE I V(x,x,)<0

A 2
| Fuzzyrules |

CONTROLLER NONLINEARITIES

Fig. 5. Control scheme

Figure 5 shows the control scheme used for the simulations. The mathemat-
ical model of Servo Trainer and hysteresis block characteristics are determined
experimentally in the equipment.

4 Simulation Results

In this section the integral of the absolute value of the error (IAE) and the inte-
gral square error (ISE) are used as performance criteria of proposed controller.
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4.1 Position controller

The reference signal is the sine signal yp = 108sin0.3¢ degrees and small load
conditions are considered. Parameter ¢ for type-2 fuzzy sets is set to 0.1. Per-
formance of our controller is compared to those of a classical controller with a
proportional controller for z; (k, = 10) combined with a velocity feedback loop
gain with k, = 0.01 [11].

In Figure 6(Left) we can observe the trajectory tracking. Both controllers
have acceptable performance in tracking the position trajectory, but the classic
controller has oscillations in the output from the start and kept until the end of
the simulation. Looking the tracking errors (Up-Right side of Fig. 6) shows that
the error T2FC is smaller in magnitude than tue classic controller error. It is
also observed that both control signals have oscillations during the simulation,
but the control signal T2FC presents smaller variations. Both signals are within
the limits of the actuator of the equipment.

-
8

- .Position (egrees)

$ 4% .88388

-100

(] 5 10 15 20 25
Time (seconds)

Fig. 6. Position Tracking ys (blue line), T2FC (green line), classical controller (red
line). Left: Trajectory tracking; Up-Right: error signal; Down-Righ: control signal

Table 1. Performance of trajectory tracking

Controller IAE ISE
Type-2 (€ = 0.1) 5.06 | 0.1818
PI (kp =10, k; =0.01) | 2.919 | 0.4669

Position Tracking

Finally, the Table 1 shows the performance in terms of IAE and ISE error
criterions. Our type-2 fuzzy controllers had proved a good performance of the
proposed approach and surpass performance of classical controller.
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5 Conclusions

In this paper we have design type-2 fuzzy controller using the fuzzy Lyapunov
synthesis approach in order to systematically generate the rule base. Controller
is designed to solve the position trajectory tracking problem in a servo trainer
system. To tuning the type-2 fuzzy controller, the separation between upper and
lower membership functions is commanded by parameter £ in steps of 0.1 units.
The best tuning was obtained with { = 0.1.

The performance of our proposed controller is compared to classical con-
troller under same simulations conditions for the servo trainer. The JAE and
ISE are used as performance criterions. Simulation results had proved good
performances of our proposed approach in position tracking applications and
surpass performances of classical controller.

Actual research is conducted to test our controllers in medium and full load
conditions in the servo trainer equipment. In order to demostrate the effective-
ness of our approach, authors are motivated to compare performances of type-2
fuzzy controller with performance of type-1 fuzzy controller.
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Abstract. A sub-optimal robust controller is designed for linear systems
affected by external disturbances or bounded uncertainties. The sub-
optimal controller is composed by two terms: first, a linear quadratic
regulator, that provides optimal stabilization, is designed for the linear
system in the absence of perturbations; second, a nonlinear compensation
term, designed using the high-order sliding-modes techniques, is used to
compensate the perturbations that affect the linear system. The proposed
sub-optimal controller is applied to the design of a roll autopilot for a
missile.

Keywords: Roll control, high-order sliding-modes, sub—opti_'mal control

1 Introduction

1.1 State of the art

The design of controllers for perturbed systems is one of the most challenging
problems in control theory. The control of systems under uncertain conditions
has been successfully addressed using adaptive and robust techniques. However,
for the aerospace applications, the appearance of other important phenomena
during the flight significantly complicate the application of the adaptive control
techniques. The fast changes in the plant’s parameters caused by a fault must
be identified and the control law reconfigured online. For example, both, the
control derivatives and the stability derivatives, undergo significant changes due
to a control surface fault, and control surface failure causes a trim disturbance
that needs to be rejected by the flight control system [1].

Sliding mode control is known as an effective techmque to deal with per-
turbed or uncertain systems, the application of sliding mode control techniques
is restricted by the appearance of the chattering effect [2] (an undesirable high-
frequency oscillation appearing on the system variables).

The High-Order Sliding-Modes techniques (see, for example, [3, 4]) mitigates
the application  problems related to standard sliding-modes by reducing the

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.).
Advances in computing science, control and communications. ¢
Research in Computing Science 69, 2014, pp. 68- 79 ‘.
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switching frequency needed to maintain the sliding motion. This High-Order
Sliding-Mode control techniques have been, in general, designed to stabilize sys-
tems with a relative degree greater than one preserving the robustness and ac-
curacy of the standard sliding-modes.

The High-order sliding-modes techniques have already been applied to flight
control problems with satisfactory results. In [6] a sliding modes based control
is designed using two control loops, the proposed control ensures asymptotic
tracking of the command deflections. The smooth second-order sliding-modes is
applied for missile guidance in [7]. The dynamic sliding-manifolds technique is
applied in combination with a transformation for stabilization of nonminimum
phase aircrafts in the work by (8]. A fault detection algorithm and a fault tolerant
control for a large aircraft with specific application in a B747 simulation model is
presented in [9]. Recently [10] developed a 2nd order sliding-modes based black-

box control for signal tracking, the proposed controller is tested in simulations
with a 6-DOF UAV model.

An alternative to obtain the characteristic robustness of the sliding-modes,
without applying directly the discontinuous control signals on the system, is
the use of these techniques for the design of estimation algorithms. Disturbance
identification algorithms are usually applied for fault tolerant and robust control
design and the High-Order Sliding-Modes have been successfully applied for
the design of observers and algorithms for estimation of disturbances (see, for
example, [11,12]). The main advantages of the observers basing on high-order
sliding-modes is their robustness against external perturbations [13-16], and
that they bring the possibility of exploit the equivalent output injection for the
designing of the identification algorithms for the disturbances.

The combination of sliding-mode control techniques with conventional con-
trol has allowed the development of robust control algorithms that are capable to
solve the stabilization problem under uncertain conditions. Some of these works
are briefly described below. In [17] a Linear Quadratic Regulator is applied to
stabilize a nonlinear affine system using a compensation term generated by the
use of integral sliding modes. In [18] the high-order sliding mode based hierar-
chical observer is applied to identify disturbances acting on a perturbed system,
the identified signal is used to add robustness to the smooth control signal gen-
erated by standard feedback control. A backstepping design that combines the
high-order sliding modes differentiator and the feedback linearization is proposed
in [19].

In [20] the general model of an autopilot for tactical missiles is proposed. In
this article, the dynamic of the missile is spliced into two decoupled dynamics. In
one side the first order rigid body effect is considered; while by the other side, the
dynamic corresponding to the flexible body dynamics is considered. Using this
model, in [21] a robust autopilot is proposed using a Linear Quadratic Regulator
with a compensation term designed using the methodology proposed in [22].
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1.2 Main contribution

In this paper, a sub-optimal robust controller is designed for linear systems
affected by external disturbances. The proposed controller is composed by two
terms:

— A linear quadratic regulator capable to perform optimal stabilization of the
linear system in the absence of perturbations.

— A nonlinear compensation term, designed using the high-order sliding-mode
observer, that is used to compensate the perturbations that affect the linear
system.

The controller is used to design a roll autopilot for a missile. The performance
of the proposed observer is illustrated by simulations in the model presented in

(20] and [21].

1.3 Papér structure

In Section 2, the class of systems under study is defined. The robust Linear
Quadratic Regulator is designed in section 3, in particular, the linear part of the
controller is presented in Subsection 3.1, and the high-order sliding-modes based
compensation term is designed in Section 3.2. The application of the proposed
technique to the roll autopilot design is given in Section 4. Section 5 provides
conclusions to this study.

2 Problem statement

Let consider the following perturbed linear system

& = Az + Bu+ Df (1)
y=Cz (2)

where z € R™ is the state vector, y € RP is the system output, » € R™ and f € R?
are the control signal and disturbances, respectively. The matrices A, B, C, and
D are all conformable matrices.

The Rosenbrock matrix of the triplet {A, C, D} is defined as:
‘ I,-A =D
ro =[5t ] 3)

The invariant zeros of the triplet {A, C, D} are given by the points so for
which the Rosenbrock matrix R(sg) loses rank.
~ It is considered that the system (1)-(2) satisfies the following assumptions:

Assumption 1 The triplet {A, C, D} does not have invariant 2€705.
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Assumption 2 The perturbation signal f satisfies
I flleo < ¥+

for a known scalar f+ >0, here || - ||cc denotes the infinite norm.

.. Assumption 3 The control distribution matriz B and the disturbance term D f |

" satisfy:
Df € spanB

Differential equations are understood in the Filippov sense [23] in order to
provide for the possibility to use discontinuous signals in controls. Filippov so-
lutions coincide with the usual solutions, when the right-hand sides are Lip-
schitzian. It is assumed also that all considered inputs allow the existence of
solutions and their extension to the whole semi-axis ¢t > 0.

The aim of this paper is designing a Linear Quadratic Regulator a.lgonthm
that can stabilize the state of the system (1)-(2) even in the presence of the
disturbances vector f.

3 Robust Linear Quadratic Regulator Design

The proposed controller is composed by two signals. The first oune, is used to
provide for optimal stabilization the nominal system, while the second one is

- designed to guarantee robustness against the perturbation f. The control takes

 the following form.
U= Uy + Uz L (4)

where u; and u, will be desigﬁed below.

3.1 Linear Quadratic Regulator '
The Lmea.r Quadratic Regulator is de51gned to minimize a quadratlc performa.nce

J = / :I:TQ:z: +‘u'fRu1) dt.

‘where Q@ > 0 and R > 0 are we1ghts to be chosen. The resultmg is an optunal
control law given by:

where the gain K is computed as K = R‘IBTP,'Where P is computed as the
solution of the matrix algebraic Riccatti equation |

PA+ATP—-PBR'BTP+Q =0

By an appropriate selection of matrixes Q and R, one can obtain the desired
performance. This optimal controller is usually applied to solve a wide variety
of problems, as for example, this controller is an usual tool for the design of
autopilots. |

u =-Kz R (5)
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3.2 High Order Sliding Modes based compensator

Under Assumption 1 the system (1),(2) is strongly observable (to see a deeper
study about strong detectability, the reader can refer, for example, to the tutorial
book [24]). This assumption allows us to reconstruct exactly and in a finite-time
the state, even in the presence of the disturbance f [14].
With this aim, an observer which is based on the high-order sliding modes is
proposed as: '
2=Az+ Bu+ L(y — yz)
ey =Y =Yz (6)
, & =z+U lv(ey) :
where the matrix U takes the form
i C |
C(A-LC)

U=

| C(A-LO)™
the compensation term v(e,) is composed by the variables

vey)=[v v2 -+ vn]

where the components of the vector v; i = 1, ..., n, and the additional variable
Un41 are taken from the high order sliding mode differentiator [25] given by:

1.11..'_.—". w]. .
wy = —ppy MY () |y — ey ™/ " +1) sign(vy — ey) +v2
Vg = W2

wy = —atn MY/ ™|y — wy |1/ sign(ve — wy) + v3

(7)

Up = Wp

w, = _ale/zlfun - wn—1|1/2 sign(‘vn - wn—l) + Un+1

i’n+1 = —alM sign('un.H - 'wn)
where the parameter M is chosen sufficiently large, in particular M > |d|f*,
where d = C(A— LC)*1D. The constants c; are chosen recursively sufficiently
large as in [25]. In particular, one of the possible choices is a3 = 1.1, ap = 1.5,
a3 =2, a4 =3, ag =5, ag = 8, which is sufficient for n < 6. Note that (7) hasa
recursive form, useful for the parameter adjustment. In any computer realization
one has to calculate the internal auxiliary variables v; and w;, j = 1,...,n, using
only the simultaneously-sampled current values of e, and v;. '

The auxiliary output estimation error e, and its first n derivatives take the

following form

ey=Q;Cz=C(m—z)
é,=C(A-LC)(z—2z)

(" = C(A - LC)*(z — 2) + C(A— LOY*'Df
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On the other hand, the high order sliding mode differentiator (7) brings an
estimation of the derivatives up to order n — 1. Hence, after the convergence of
the differentiator, the derivative of order n satisfies:

—aa MY 2|v, — wn_1|Y2 sign(vn — wn—1) + Vpt1 =
C(A-LC)*(z —2) + C(A— LC)*1Df

Thus, the following equality holds after a finite time transient
Upt1 = C(A— LC)*(z — 2) + C(A— LC)*"1Df. (8)

The equation (8) is called the equivalent output injection. Given the properties
of the differentiator (7), v,+1 is a continuous term.
The perturbation f can be identified through the equivalent output injection

T F=(CA=LOY™ID) ™ (v — CA— LOYTu(ey)

Notice that C(A — LC)*~1D # 0 otherwise no perturbations affects the system.
The control term that provides robustness against the disturbance f is pro-

~ posed as )

Ug = H f (9)

where the matrix H is computed as H = B D, the matrix Bt is the Moore-
Penrose left pseudoinverse of B, i.e., Bt = (BTB)~1BT.

Theorem 1. Be the system (1)-(2). Under Assumptions 1 - 3 the controller (4)
provides suboptimal ezact requlation under the presence of external perturbations.

4 Applicatlion to the Robust Roll Autopilot Design

A wide variety of missiles possesses a cruciform configuration which brings to
them a high accuracy and quick manoeuvering in any direction. However, the
inherent instability of the roll yields in undesirable rolling motions that degrades
the performance. To overcome this problem, the roll autopilots are proposed (see
[21,20]). The main objective of the above mentioned controllers is to maintain
the attitude of the missile under system variations and external disturbances.

The block diagram of the missile roll dynamic is shown in Figure 1. The
airframe flexibility is considered in the flexible body dynamics block. External
disturbances d,.,; are used to describe external perturbations.

The control is designed disregarding the flexible body effects and the external
disturbances. In this sense, for analysis proposes, the flexible body dynamics,
external perturbations and any other coupling effect derived from the pitch and
yaw motions are concentrated in a single term, f. The state equations of the
system can be written as:

i = Az + Bu+ Df
y=Cxzx
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Fig. 1. System block diagram.

where the matrices A, B and C take the following form

0 1 0 O 0 0

0 0 1 0 o _]o
A=109 0 0 1| B=1og|" P=]¢

—a3 —az —a; —ap b 1
C=[1000]

where ap = 2 wa + WRR, 01 = 2{wawRR + W} a3 = WywRR, a3 =0, b =

w? K.

The parameters are given in the following table:

Symbol Variable Value
WRR Roll rate bandwidth 2 rad/s
Ks Fin Effectiveness 9000 1/s*
WA Actuator bandwidth 100 rad/s
Ca Actuator damping 0.65
w1 Torsional mode frequency |250 rad/s
¢4 Torsional mode damping 0.01
K, Torsional mode gain -0.0000129
$maz | Maximum desired roll angle 10
Pmaz | Maximum desired roll rate | 300 deg/s
dc(maz) |Maximum desired fin deflection| 30 deg

“Table 1. System parameters.

For simulation purposes, the perturbation is given by:

dezt = 54600 + 50000 sin(sin(t) sin(0.1¢) + 0.2)

The weighting matrices Q and R are the same as in [20]:

—,—¢: 0 00] |
' 0 00
Q - ¢ma: R — 2 1 .
0 0 00 Jc(ma:c)
0 0 00] ,
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where @,..27 Pmazs Oc(maz) are the maximal permissible values of the respective
variables. .

Using the solution of the algebraic Matrix Riccatti equation, the gain K for
the controller (5) is given by

K =[3 0.1286 0.001 0]

The eigenvalues of matrix A are 0, —2, —65+-75.99344, —65—75.9934i, notice
that the system is marginally stable. The Luenberger gain of the observer is
designed to obtain a stable estimation error. The gain L is chosen to place the
roots of the estimation error dynamics matrix (A— LC) in —40, —41, —42, —43,
as .

34
—4417
L 499890
—18385220
Using the compensated system matrix (A — LC), the matrix U is given by:
| 1 0 00
-34 1 00

U=1| 55713 —34 1 0

—839550 5573 —34 1
The high-order sliding mode differentiator takes the form:

b = wy = —asM /5|y — e |5 sign(v; — e,) + v,

Vg = Wo = —a4M1/4|vg - w1|3‘/4 sign(ve —wy) +v3
1')3 = w3 = —03M1/3|‘03 = w2|2/3 sign('us — ‘w2) + v4
b4 = wg = —agM?|vg — wa|'/? sign(vg — ws) + vs

v = —a1 M sign(vs — wy)

where the gains are chosen as'a; = 1.1, 0 = 1.5, a3 =2, 04 =3, 05 =5 and
M = 2000. W )
The control signal (4) is given by v = —KzZ + H f, where

H=[0 0 0 0.1111x1077]

The convergence of the roll angle ¢ to zero after a finite time transient is
shown in the Figure 2. Deflection of the ailerons § and its ratio are presented in
the Figure 3. The perturbation identification 1 is shown in Figure 4.

The results obtained with the proposed methodology are compared with a
standard Linear Quadratic Regulator. With this aim, the control signal takes
the form:

u=—Kzx

The roll angle and a zoom on the graphic using the standard Linear Quadratic
Regulator are shown in the Figure 5. In comparison with the standard Lin-
ear Quadratic Regulator, the robust Linear Quadratic Regulator is exact with
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Fig. 2. Roll angle ¢ (above) and a zoom on the image (belbw) for the robust LQR
controller.
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Fig. 8. Aileron Deflections § for the robust LQR controller.
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Fig. 4. Estimated disturbances.

respect to the coordinate ¢. The aileron deflection & for the standard Linear
Quadratic Regulator is shown in the Figure 6. Notice that after 2.5 seconds,
the deflections obtained for both controllers are very similar, then the most im-
portant contribution of the nonlinear compensation term takes place during the
transient. '
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8

Fig. 5. Roll angle ¢ (above) and a zoom on the image (below) for the standard LQR
controller. :
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Fig. 6. Aileron Deflections § (above) and a zoom on the image (below) for the standard
LQR controller.

5 Conclusions

In this paper a sub-optimal robust controller is proposed for linear systems. The
controller is composed of two terms. The linear quadratic regulator term allowed
the optimal stabilization of the linear system in the absence of perturbations,
while the high-order sliding-mode based compensation term compensates the
effect of perturbations disrupting the system. The proposed method is used
to design a roll autopilot for a missile model. The robustness of the proposed
controller is illustrated by simulations.
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Abstract. In this paper it is designed a sliding mode controller to gene-
rate a limit cycle in a nonlinear second order system using only one con-
trol input, it is considered that the systems is affected by a discontinuous
function and a periodic disturbance. The proposed controller does not
need an exact knowledge of the discontinuous function and disturbances;
it only needs an upper bound of their magnitudes. It is proved that the
limit cycle is reached in finite time. It is worth mention that the designed
controller application is straightforward to a second order mass-spring-
damper system. The performance of the proposed controller is illustrated
in a numerical simulation.

Keywords: Limit cycles, sliding surfaces, second-order systems

1 Introduction

A recent work of generation of stable limit cycles with prescribed frequency and
amplitude via polinomial feedback is presented in [Knoll and Robenack(2012)],
. also another previous work of generation of limit cycles in linear systems without

perturbations is given by. [Bacciotti et al.(1996)Bacciotti, Mazzi, and Sabatini].

This paper is about the generation of limit cycles through sliding mode tech-
nique, the main feature of this class of controllers is to allow the sliding mode
to occur on a prescribed switching surface, so that the system is governed by
the sliding equation only, and remains insensitive to a class of disturbances and
parameter variations [Utkin(1978)]. This control method has been successfully
tested for motion control of robotic manipulators, see [Sabanovic(2008)] and re-
ferences therein. Besides, a previous work of sliding-mode control can be found
in [Rascon et al.(2012)Rascon, Alvarez, and Aguilar].

The problem addressed in the present paper is the generation of limit cycles in
nonlinear second order systems, the limit cycle could have prescribed frequency
and amplitude as mentioned later, moreover the trajectories reach the limit cycle
in finite time in spite of perturbations and nonlinear discontinuous phenomena,
in order to achieve the control objective is necessary to know the upper bounds
of the perturbations and the nonlinear term affecting the system.

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). -
Advances in computing science, control and communications.
Research in Computing Science 69, 2014, pp. 80- 86 ‘.
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The rest of the paper is outlined as follows: In Section II we describe the
second order nonlinear system with perturbations. The control design and sli-
ding surface proposed are presented in Section III. Section IV presents stability
analysis. Section V presents an academic example performed with MATLAB®.
Finally Section V includes some final comments.

2 Problem statement

Basically, the proposed problem it is about to design a discontinuous controller
for the dynamic system

T =T9

22 = f(2) + 9(ayu + w(t) .
capable of guaranteeing that the trajectories of (1) will converge to a limit cy-
cle in finite time. Consider that z = [z;,2,]|7 is the state vector, u € R is
the control input, the nominal dynamics of the system are giving by f(z) =
— Az, —Bzy—asign(zs), g(z) € Ris a well known function and w(t) is a matched
uncertainty/perturbation with an upper bound M that is assumed known a pri-
ori, so it satisfies |

| sx:p lw(t)| < M, M>0 (2)

for all ¢ and some constant M > 0. Also, the term « is considered with a level
denoted as a > 0. The sign(z2) denotes the signum function defined as

1 z9 >0
sign(zz) = { [-1,1] z2 =0 _ (3)
-1 z9 < 0.

Then, for a constant force input u = % and zero disturbance (w(t) = 0), the
system (1) has the equilibrium point Z; = 0 and Z; € [(Z — a)/A, (@ + a)/A].

3 Control design

Let us suppose that the disturbance w(t) affecting system (1) satisfies (2), and
the discontinuous term is such that 0 < a < a, for some known bound a.. The
control objective is to find a control u, depending on z; and z9, such that the
closed-loop response of system (1)-(2) satisfies

T3 + 15 =1’ | (4)

~ where r is the amplitude of the oscillation signal that we propose. Based on (4)
two sliding surfaces are designed to have a sliding surface as in Figure 1
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Fig. 1. Phase portrait of the proposed sliding surface.

=T+, ifz,<0,
—\/—I§1+T+$2, if zo > 0.

The switching surface (5) can be represented as one under the following expres-
. sion

(5)

S

T2

|2
A control law designed from (6), which can ensure us that trajectories (z1,z)
are going to converge to the sliding surface is given by

. 8= —z2 + 1 + 2, | (6)

u= ;q(:t:)—l (A:rl + Bzy + —aileal As — ﬂsign(s)) : (7)

-z +T

where the parameters A and J are positive; they will be tuned to ensure the
motion of the trajectories be directed towards the sliding surface.

4 Stability analysis

We analyze in this section the stability of the closed-loop system (1), controlled
by (7), and conclude about the overall stability.
By substituting (7) into (1), the closed-loop system takes the form

i1 = T2,

—z1|z9| _

Ty = ———— s — f(sign(s) — asign(z w (8)
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Now, we ensure the existence of sliding modes by verifying ss < 0. To this end,
note that, from (2) and the fact that a < a., then

35 w3 -—-zg-i-::zsi zz+x2 $ + 1T
_ "=§+"|z2|

s(—=As — ﬁmgn(s) + w(t) — asign(z2))
—As? — Bls| + (M + ac) |s| |
—As? = (B— (M +a)) s].

We conclude the existence of sliding modes on the surface (6) while the condition
B > M + a. be satisfied. This gives a guide to tune the parameter 8 of the
- controller (7). In fact, we can demonstrate that the trajectories reach the surface
8 = 0, in finite time, using the quadratic function

V(s) =5 (9)
and compute its time derivative along the solutions of (8),
V(s(t)) < =206 —2(B — (M +ac)) |s| < -2(8— (M +ac))|s]
= —2(8— (M +02)) VT,
From (10) it follows that

V(t)=0 for tzto+%=tﬁ . (11)

Hence, V(t) converges to zero in finite time and, in consequence, a motion along
~ the manifold s = 0 occurs in the discontinuous system (8). Notice that the
reaching time can be reduced by increasing the value of parameter S.

=
<

(10)

5 Academic example

Performance issues and robustness properties of the proposed sliding mode con-
troller have been tested with some numerical experiments under the following
parameters as shown in Table 1

Table 1. Plant parameters, controller gams, amplitude of the dlscontmuous term,
disturbances and initial conditions.

AB XA Br «a w - z1(0) z2(0)
65 7 340 5 1 1.5 0.5sin(10t) n/4 =

According to (1) the academic example takes the form

27.1 ) 0 0
[:c'z] B [—_652:1 — Tz — 1.58ign(:c2)] * H * [0_58in(mt)] (12)
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The Figure 2 displays the system trajectories z; and z which must converge
to the proposed sliding surface as is shown in Figure 3. The control signal is
shown in Figure 4, the chattering effect can be reduce by adjusting the S pa-
rameter, this can occur because 8 denotes the amplitude of the discontinuous
control term, just keeping in mind that 3 > M + a. must be satisfied. The
sliding motion which converge to s = 0 in finite time approximately in ¢ = 0.2
seconds is presented in Figure 5.

0 2 4 6 8 10

Fig. 2. Trajectories z; and z2.

6 Conclusions

Has been introduced a way to generate a limit cycle in a nonlinear second order
system through a sliding surface design, beside of circular phase portraits it can
be propose ellipsoidal sliding surfaces by using the methodology mentioned afore,
moreover it can be change the frequency of oscillation by adding a constant gain
0 to the sliding surface as follows s = —ﬁﬁ\/ —:1:51 + 7 + Oz,. It is worth to
mention that the proposed controller does not need an exact knowledge of the
discontinuous function and disturbances; it only needs an upper bound of their
magnitudes. It is proved that the limit cycle is reached in finite time in spite of
the aforementioned uncertainties. This control technique can be directly applied
to second order mechanical systems, like a mass-spring-damper system. As a
future work the authors are interested in analyze the dynamical behavior of the
trajectories once reached the sliding surface, also it would be of our interest to
generate limit cycles with different geometrical shapes. It is important to point
out that it has not been proved that the trajectories will remain in the sliding



Fig. 8. Phase portrait, where can be seen the trajectories convergence to the proposed
sliding surface.
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Fig. 4. Control signal, where the chattering phenomenon appears in steady state.
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sliding mode
T

o 2 4 6 8 . 10
time [s]

Fig. 5. Sliding motion, observe that the chattering phenomenon has a a relatively small
amplitude.

surface for all time, so it is likely that trajectories can scape from the sliding
surface at a time, further analysis should be done about this concern.
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Abstract. A water distribution system is a complex assembly of hy-
draulic control elements connected together to convey quantities of water
from sources to consumers. The common high number of constraints and
decision variables, the nonlinearity, and the non-smoothness of the head
flow water quality governing equations are inherent to water distribu-
tion systems planning and management problems. This paper provides
a brief overview on some of the more traditional and new water dis-
tribution systems problem algorithms and solution methodologies. The
manuscript concludes with challenges and a look into the future for wa-
ter supply systems optimization.

Keywords: water distribution systems, optimization, review, water qual-
ity, robust optimization, genetic algorithms.

1 Introduction

A water distribution system is an interconnected collection of sources, pipes
and hydraulic control elements (e.g., pumps, valves, regulators, tanks) delivering
consumers prescribed water quantities at desired pressures and water qualities.
Such systems are often described as a graph with the links representing the pipes
and the nodes defining connections between pipes, hydraulic control elements,
consumers, and sources.

The typical high number of constraints and decision variables, the non-
linearity, and the non-smoothness of the head flow water quality governing equa-
tions are inherent to water supply systems planning and management problems.

An example of this is the least cost design problem of a water distribution sys-
" tem defined as finding the water distribution system’s component characteristics
(e.g., pipe diameters, pump heads and maximum power, reservoir storage vol-
umes, etc.), which minimize the system capital and operational costs, such that
the system hydraulic laws are maintained (i.e., Kirchhoffs Laws No. 1 and 2 for
continuity of flow and energy, respectively), and constraints on quantities and
pressures at the consumer nodes are fulfilled. |

In addition, problems related to aggregation, maintenance, reliability, un-
- steady flow and security can be identified for gravity, and/or pumping, and/or

Mireya Garcfa- Viézquez, Gﬁéon’ Sidorov, Sunil Kumar (_Eds. y X -
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storage branched/looped water distribution systems. Flow and head, or flow,
head, and water quality can be considered for one or multiple loading scenarios,
taking into consideration inputs/outputs as deterministic or stochastic variables.
Figure 1 provides a schematic map of water distribution systems related prob-
lems.

Traditional methods for solving water distribution systems management prob-
lems used linear or nonlinear optimization schemes which were limited by the
system size, the number of constraints, and the number of loading conditions.
More recent methodologies employ heuristic optimization techniques, such as
genetic algorithms or ant colony optimization as stand alone or hybrid data
driven heuristic schemes. Other recent methods employ robust optmuzatlon
methodologies for incorporating uncertainty.

Aggregation Maintenance

o S0 I T Layout — connectivity Type
Religbility — e Design—sizing L
Security » Opwaion - | Branched

Looped
Number of Fiow Beed || [Gomvisaioat
. ow; Hea atio
loadings Punging
| Flow; Head; Quality Storage
Deterministic: Stochastic

Fig. 1. A map of water distribution networks related problems z(t)

This paper reviews part of the topics presented in Figure 1. It includes sec-
tions on least cost optimal design of water networks, reliability incorporation in
water supply systems analysis, optimal operation of water networks, water qual-
ity considerations inclusion in distribution systems, water networks security, ro-
bust optimization employment for water distribution systems management, and
a look into the future.

2 Least cost design of water networks

Numerous models for least cost design of water distribution systems have been
published in the research literature during the last four decades. A possible clas-
sification for those might be: (1) decomposition: methods based on decomposing
the problem into an "inner” linear programming problem which is solved for
a fixed set of flows (heads), while the flows (heads) are altered at an "outer”
problem using a gradient or a subgradient optimization technique [1, 38, 39, 22,
13,34]; (2) linking simulation with nonlinear programming: methods based on
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linking a network simulation program with a general nonlinear optimization code
(29, 23, 50]; (3) nonlinear programming: methods utilizing a straightforward non-
linear programming formulation [55, 44]; (4) methods which employ evolutionary
or metaheuristic techniques: genetic algorithms [46, 42, 40, 53, 56], simulated an-
nealing [25], the shuffled frog leaping algorithm [14], ant colony optimization
[27]; and (5) other methods: dynamic programming (48], integer programming
[41].

The capabilities of solving water distribution systems optimization problems
have improved dramatically since the employment of genetic algorithms [17].
Genetic algorithms are domain heuristic independent global search techniques
that imitate the mechanics of natural selection and natural genetics of Darwins
evolution principle. The premise is to simulate the natural evolution mechanisms
of chromosomes, represented by string structures, involving selection, crossover,
and mutation. Strings may have binary, integer, or real values. Simpson et al.
[46] were the first to use genetic algorithms for water distribution systems least
cost design. They applied and compared a genetic algorithm solution to the
network of Gessler [16], to enumeration and to nonlinear optimization. Savic and
Walters [42] used genetic algorithms to solve and compare optimal results of the
oneloading gravity systems of the Two Loop Network [1], the Hanoi network [15],
and the New York Tunnels system [43]. Salomons [40] used a genetic algorithm
for solving the least cost design problem incorporating extended period loading
conditions, tanks, and pumping stations.

3 Reliability of water supply

Reliability of water distribution systems gained considerable research attention
over the last three decades. Research has concentrated on methodologies for reli-
ability assessment and for reliability inclusion in least cost design and operation
of water supply systems.

Shamir and Howard [45] were the first to propose analytical methods for
water supply system reliability. Their methodology took into consideration flow
capacity, water main breaks, and maintenance for quantifying the probabilities
of annual shortages in water delivery volumes.

Reliability measures such as the probability of shortfall (i.e., total unmet
demand), the probability of the number of failure events in a simulation period,
and the probability of interfailure times and repair durations were used in various
studies as reliability criteria. Bao and Mays [4] suggested stochastic simulation by
imposing uncertainty in future water demands for computing the probability that
the water distribution system will meet these needs at minimum pressures. Duan
and Mays [12] used a continuous-time Markov process for reliability assessment
of water supply pumping stations. They took into consideration both mechanical
and hydraulic failure (i.e., capacity shortages) scenarios, all cast in a conditional
probability frequency and duration analysis framework. Jacobs and Goulter [18]
used historical pipe failure data to derive the probabilities that a particular
number of simultaneous pipe failures will cause the entire system to fail.
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Recently, Tanyimboh et al. [51] compared the surrogate measures of statisti-
cal entropy, network resilience, resilience index, and the modified resilience index
for quantifying the reliability of water networks. Torii and Lopez [52] utilized
first order reliability methods in conjunction with an adaptive response surface
approach for analyzing the reliability of water distribution systems.

4 Water networks optimal operation

Following the well known least cost design problem of water distribution sys-
tems [21,19, 1], optimal operation is the most explored topic in water distribu-
tion systems management. Since 1970 a variety of methods were developed to
address this problem, including the utilizations of dynamic programming, linear
programming, predictive control, mixedinteger, nonlinear programming, meta-
modeling, heuristics, and evolutionary computation. Ormsbee and Lansey [30]
classified to that time optimal water distribution systems control models through
systems type, hydraulics, and solution methods. Examples for optimal operation
of water distribution systems are described below.

Dreizin [11] was the first to suggest an optimization model for water distribu-
tion systems operation through a dynamic programming (DP) scheme coupled
with hydraulic simulations for optimizing pumps scheduling of a regional water
supply system supplied by three pumping units. Sterling and Coulbeck [49] used
a dynamic modeling approach to minimize the costs of pumps operation of a
simple water supply system. Olshansky and Gal [28] developed a two level lin-
ear programming methodology in which the distribution system is partitioned
into subsystems for which hydraulic simulations are run and serve further as
parameters in an LP model for pumps optimal scheduling. This approach was
used also by Jowitt and Germanopoulos [20] who developed a linear program-
ming model to optimize pumps scheduling in which the LP parameters are set
through offline extended period hydraulic simulation runs. Biscos et al. [7] used a
predictive control framework coupled with mixed integer nonlinear programming
(MINLP) for minimizing the costs of pump operation. Biscos et al. [8] extended
Biscos et al. [7] to include the minimization of chlorine dosage. Pulido-Calvo and
Gutiérrez-Estrada [37] presented a model for both sizing storage and optimiz-
ing pumps operation utilizing a framework based on a mixed integer non linear
programming (MINLP) algorithm and a data driven (neural networks) scheme,
Ostfeld and Salomons [31] minimized the total cost of pumping and water qual-
ity treatment of a water distribution system through linking a genetic algorithm
with EPANET (www.epa.gov/nrmrl/wswrd/dw/epanet.html).

Van Zyl et al. [54] utilized a genetic algorithm (GA) linked to a hillclimber
search algorithm for improving the local GA search once closed to an optimal
solution. Lépezlbéfiez et al. [26] proposed an ant colony optimization (ACO)
[10] framework for optimal pumps scheduling. Boulos et al. [9] developed the
H20NET tool based on genetic algorithms for scheduling pump operation to
minimize operation costs.
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5 Inclusion of water queality

Research in modeling water quality in distribution systems started in the context
of agricultural usage (24, 47] primarily in arid regions where good water quality is
limited. In 1990 the United States Environmental Protection Agency (USEPA)
promulgated rules requiring that water quality standards must be satisfied at
the consumer taps rather than at the treatment plants. This initiated the need
for water quality modeling, the development of the USEPA simulation water
quantity and quality model EPANET (EPANET 2.0@2002), and raised other
problems and research needs that commenced considerable research in this area
to assist utilities.

Optimization models of water distribution systems can be classified accord-
ing to their consideration of time and of the physical laws which are included
explicitly [32, 33]. In time the distinction is between policy and real time models.
Policy models are run off line, in advance, and generate the operating plans for
several typical and/or critical operating conditions. Real time (online) models
are run continuously in real time, and generate an operating plan for the imme-
diate coming period. The classification with respect to the physical laws which
are considered explicitly as constraints are: (1) QH (discharge - head) models:
quality is not considered, and the network is described only by its hydraulic be-
havior; (2) QC (discharge quality) models: the physics of the system are included
only as continuity of water and of pollutant mass at nodes. Quality is described
essentially as a transportation problem in which pollutants are carried in the
pipes, and mass conservation is maintained at nodes. Such a model can account
for decay of pollutants within the pipes and even chemical reactions, but does
not satisfy the continuity of energy law (i.e., Kirchoffs Law no. 2), and thus there
is no guarantee of hydraulic feasibility and of maintaining head constraints at
nodes; and (3) QCH (discharge - quality - head) models: quality constraints, and
~ the hydraulic laws, which govern the system behavior, are all considered. The

QH and QC problems are relatively easier to solve than the full QCH.

Since the events of 9/11 in the US the security of water distribution systems
became a foremost concern. Threats on a water distribution system can be par-
titioned into three major groups according to their resulted enhanced security:
(1) a direct attack on the main infrastructure: dams, treatment plants, storage
reservoirs, pipelines, etc.; (2) a cyber attack disabling the functionality of the
water supervisory control and data acquisition (SCADA) system, taking over
control of key components which might result water outages or insufficiently
treated water, changing or overriding protocol codes, etc.; and (3) a deliberate
chemical or biological contaminant injection at one of the system’s nodes.

The threat of a direct attack can be minimized by improving the system’s
physical security (e.g., additional alarms, locks, fencing, surveillance cameras,
guarding, etc.), while a cyber attack by implementing computerized hardware
and software (e.g., an optical isolator between communication networks, routers
to restrict data transfer, etc.).

. Of the above threats, a deliberate chemical or biological contaminant injec-
tion is the most difficult to address. This is because of the uncertainty of the
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type of the injected contaminant and its effects, and the uncertainty of the loca-
tion and injection time. Principally a contaminant can be injected at any water
distribution system connection (node) using a pump or a mobile pressurized
tank. Although backflow preventers provide an obstacle, they do not exist at all
connections, and at some might not be functional.

The main course to enhance the security of a water distribution system
against a deliberated contamination intrusion is through a sensor system [2,
3.

6 Robust Optimization

The approach presented in most previous studies is to treat the problem as
deterministic assuming perfectly known parameters. Consequently, determinis-
tic models are likely to perform poorly when implemented in reality when the
actual problem parameters are revealed, hence the need to find more "robust”
solution approaches. Perelman et al. [35,36] proposed formulating a determin-
istic equivalent of the stochastic problem of optimal design/rehabilitation of
water distribution systems using the non probabilistic robust counterpart (RC) .
approach [5,6] for uncertainty inclusion into optimization modeling. The un-
certainty of the information is quantified through a deterministic userdefined
ellipsoidal uncertainty set, which can be probabilistically justified, with the de-
cision maker seeking a solution that is optimal for all possible realizations in
the uncertainty set. The robust counterpart makes no assumptions about the
probability density function of the uncertain variables and their dependencies,
does not require the construction of a representative sample of scenarios, and
has the same size as the original deterministic model.

7 Conclusions

Traditionally, water distribution networks were designed, operated, and main-
tained through utilizing offline small discrete datasets. Those were the governing
and limiting constraints imposed on modeling challenges and capabilities. This
situation is dramatically changing: from a distinct framework of data collection
to a continuous transparent structure. With multiple types of sensor data at
multiple scales, from embedded real time hydraulic and water quality sensors to
airborne and satellite based remote sensing, how can those be efficiently inte-
grated into new tools for decision support for water distribution networks is a
major challenge.

This new reality is expected to limit all current modeling efforts capabili-
ties and require new thinking on approaches for managing water distribution -
networks: from a state of lack of data to a situation of overflowing big data in-
formation. New tools for data screening, algorithms and data driven modeling
constructions, as well as computational efficiency are anticipated to govern all
future developments for water distribution networks analysis and optimization.
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Abstract. During the last few years cellular networks have increased the use of
spectrum resources due to the success of mobile broadband services. Making
new exclusive spectrum available to meet traffic demand is challenging since
spectrum resources are finite therefore costly. Cognitive radio (CR) technology
along with spectrum sharing strategies is proposed as a solution that can reuse
the limited spectrum resource. In order to meet mobile traffic demand is ex-
pected that future cellular networks overlaid femto-cells (small cells) on the ex-
isting macrocell network. To extend and share a common spectrum, femto-base
station (femto-BS) is empowered with CR technology. In this paper, we present
evaluation of a cognitive cellular network using a spectrum resource strategy
based on binary particle swarm optimization (BPSO). '

Keywords: cognitive radio, spectrum sharing, binary particle swarm optimiza-
tion

1 Introduction

The continued growth and demand satisfaction of future cellular networks depends
on the availability of spectrum resource. Currently, spectrum resource is underutilized
due to Static Spectrum Allocation Policy as some studies pointed out [1] underling the
need for a more flexible and efficient spectrum management. In this context, spectrum
sharing techniques are proposed as a solution to reuse available spectrum through Cog-
nitive Radio (CR) technology. It will enable the coexistence of primary (user with
higher priority to access the spectrum) and secondary (users with lower priority to
access to spectrum) radio nodes on the same spectrum band to improve the spectral
efficiency. In order to access to a channel, a secondary user could perform one of the
 following spectrum sharing strategies: transmit simultaneously with the primary user
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as long as the resulting interference is constrained (spectrum underlay), or exploit an
unused channel of primary user (spectrum overlay) [2].

In order to meet mobile traffic demand is expected that future cellular networks
overlaid femto-cells (small cells) on the existing macrocell network. To extend and
share a common spectrum, femto-base station (femto-BS) is empowered with CR tech-
nology. A femto-BS with CR technology is able to adapt optimally their operating
parameters according to interactions with the surrounding radio environment [3]. Ei-
ther if a femto-BS performs overlay o underlay spectrum sharing strategies an admis-
sion and interference control approach should be taken into consideration to assure
protection to primary user, that is, to guarantee that its communication cannot be dis-
rupted due to share the channel. However, certain Quality of service (QoS) should also
be taken into account in the secondary user side to provide significant benefits to both
primary user and secondary user from spectrum sharing. Therefore, it is necessary to
quantify the effect of the femtocells networks (secondary users) interference on the
- macrocell network (primary user) performance. A potential application of femtocells
is envisioned when a large number of users congregate at the same time such as in case
of game stadiums. Under this situation, the macrocell network is likely to be over-
loaded due to the large amount of data generated. If some of this data can be offloaded
to additional spectrum, such as femtocells, the users can be served [4].

In this paper we show performance system in terms of number of admitted second-
ary links coexisting with primary links, and maximum throughput. We consider
throughput as a metric of spectral efficiency and spectrum underlay as the spectrum
sharing technique. We focus on the downlink analysis since it is more critical in terms
of femto-macro interference [5]. The solution procedure is based on an improved ver-
sion of Binary Particle Swarm Optimization (BPSO) algorithm [6], known as Socio-
Cognitive Particle Swarm Optimization (SCPSO) [7].

In some works performance results about admission and interference control in cog-
nitive cellular networks are presented. In [8] is evaluated the performance of different
sharing schemes (interweave, underlay, controlled underlay) in terms of transmission
capacity. Numerical results conclude that controlled underlay scheme provides im-
proved spatial reuse. On the other hand, in [9] an adaptive resource management strat-
egy based on game-theory is proposed. It employs power control to mitigate interfer-
ence among femtocells and macrocell. It concludes that when femto-BSs recognize the
interference sources, interference management in cellular networks is enhanced there-
fore a higher throughput is achieved for femtocells. Its main drawback is that it only
considers maximizing throughput of femtocells, furthermore, its shutdown process in
~ femto-BSs can introduce additional computational time. The downlink spectrum shar-
ing on overlay mode is addressed in [10] to improve network capacity, and mixed
primal and dual decomposition methods are applied to solve it. However the time com-
plexity is an issue. Another downlink spectrum sharing on overlay mode is presented
in [11], a game theory is used to mitigate cross-tier and intra-tier interference, the spec-
tral efficiency is in terms of the concept of effective capacity which is defined as the
maximum constant arrival rate that can be supported by the system while satisfying
the given QoS requirement. Channel sensing introduces an overhead since data trans-
mission and reception cannot be performed within a sensing frame. In [12] an admis-
sion control algorithm to manage interference in two-tier femtocell network is pro-
posed and QoS is provided for macro-cell and femto-cells. However, when the network
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becomes congested, the admission control algorithm converges slowly down. It also
presents unfairness since higher QoS for macro-users can be improved at the cost of
degrading the QoS of the femto-users.

The remainder of this paper is organized as follows: In section 2, we present the
system model and we introduce the solution procedure based on SCPSO. Section 3
shows simulation results. Section 4 concludes this paper.

2 Macro-Femto spectrum sharing approach

The macrocell consists of multiple macro-users and a macro-Base Station (macro-
BS) located at the center of a coverage area 4, then a number of femtocells are ran-
domly distributed on 4. A secondary link is represented by the union of a transmitter
(femto-BS) and a receiver (femto-user) and it is identified by a number beside the link.
Similarly, the union of a transmitter (macro-BS) and a receiver (macro-user) is referred
as a primary link. A primary link has a primary channel to share (the numbers in braces
in Fig. 1) and it can be assigned to several secondary links (the number in brackets in
Fig. 1), as long as they, together, do not disrupt communication in the primary link. P/
and S/ represent the set of primary and secondary links respectively. To assure suc-
cessful communications for those secondary links that attempt to exploit concurrently
a channel with a primary link, a certain QoS is also guaranteed for them (denoted by

" a). Macro-BS and femto-BSs transmit at any given channel at full power; therefore,
transmission power is maintained constant.

Downlink scanana
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Fig. 1. Dowulink interference scenario in macro-femtocellular networks

A successful reception of a transmission at a primary link depends on whether the

_ signal-to-interference-plus-noise ratio (SINR) observed by macro-user is larger than

an SINR threshold (denoted by f). The SINR at the receiver of primary link v is given
by: '
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n
Py/1dn(v) J1<v<Pl (1)
2P [dpstk.)"
ke®
where P, is the transmit power of primary link v, ldp(v) is the link distance of pri-
mary link v, 7 is the path loss exponent (a value between 2 and 4). Those parameters
characterized the desired signal. On the other hand Py is the transmit power of second-
ary link k, dps(k,v) is the distance from transmitter in secondary link k to receiver in
primary link v. k is the index of active secondary transmitters. & is the set of active
-secondary transmitters. The aforementioned refers to the aggregated cross-tier inter-
ference, that is, the total interference from those secondary links using the same chan-
nel that primary link being analyzed as show in Fig. 1 in which SINR, is computed in

SINRy =

primary link 5.
In contrast, the SINR at the receiver of secondary link u is given by:
n
SINRy = P/ fas(u) _ , 1<u<SI(2)
S py/dss(k,u)" + Py/dps(v,u)

ked

where P, is the transmit power of secondary link » and /ds(u) is the link distance of
secondary link #. Meanwhile, P is the transmit power of transmitter of secondary link
k, dss(k,u) is the distance from transmitter of secondary link & to receiver of secondary
link u. The above represents the aggregate intra-tier interference. In contrast, Py is the
transmit power of primary link v, dps(v,u) is the distance from transmitter of primary
link v to receiver of secondary link u. That refers the cross-tier interference perceived
by a receiver of secondary link u. a represents SINR threshold for secondary links.
Fig. 1 shows SINR, computed in secondary link 6.

Data rate contributions of the secondary and primary links are derived from equa-
tions (3) and (4) respectively. The data rate depends on channel bandwidth B that sec-
ondary and primary links can share and the conditions of the propagation environment
(attenuation and interference).

¢, =Blog,(1+SINR,) 3)
¢, = Blog,(1+ SINR,) 4
The metric considered as a measure of spectral efficiency on the cognitive cellular

network is data rate, therefore the objective of resource allocation is to find the maxi-
mum data rate of system (5) subject to the SINR requirements of the secondary links

(6) and primary links (7), that is:
S i
Maxy: ¢, x, + 2.c, %)
u=1 v=l
SINR, 2 a (6)
SINR, > (7

¢, >0,u=1,2,.,8 (8
¢,>0,v=1,2,.., Pl (9
¢, c,€R*  (10)
1, if SINR, 2> & and SINR, = 8
Xu= (1 l){
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0, otherwise

where x, = 1 if secondary link u is included in the solution and x, = 0 if it remains
out as indicated in (11).

To find the set of secondary links that can maximize the data rate of cognitive cel-
lular network without degrading the QoS of both the macrocell and the femtocells, a
systematic procedure based on BPSO is used, in particular, the SCPSO. In BPSO meth-
ods, a swarm is composed as a number of particles S and a particle (vector Xj) repre-
sents a candidate solution of the problem. Each particle X; has its own velocity (vector
V;) and memory (vector P;) in which the best solution found by the particle so far is
recorded (pbest). On the other hand, the best solution found by the whole swarm is
called ghest (vector Pg). At each iteration, the particle evolves taking into account the
best solution found in its path, pbest, and the leader, gbest, until a stop condition is
met. The algorithm to address the spectrum sharing problem in the cognitive cellular
network is as follows:

Input: The number of secondary links S/, the number of primary links P/, SINR
thresholds a=4, the number of particles S, and the number of iterations and Zinax, the
* number of runs.

Output: Maximum data rate in the system f{Pg), the set of selected secondary links
Pg, channel allocation for primary links vector Spectrum Status, the best channel allo-
cation for secondary links P’g, SINR level at primary links, and SINR level at second-
ary links.

Step 1: It is the initialization stage, it includes:

1.1: Locate randomly S7 and P/ over the coverage area 4

1.2: Initialize randomly candidate solution vector X;, where xis € {0,1}

1.3: Initialize randomly velocity vector Vj, where vid € [-Vmax, Vinax]

1.4: Set Pi =X,

1.5: Let coincide the personal best channel allocation vector P’; and candidate
channel allocation vector X;

1.6: Initialize randomly vector Spectrum Status with values from PI.

Step 2: The update P; stage. Particle compares f{X;) > f{P;) according to objective
- function in equation (5) and restrictions in (6)-(11), and overwrites P; if /X)) is higher

than f(P).

Step 3: The update P, stage. P; values will be compared with current Pg value, so
if there is a P; which is higher than current Py, it will be overwritten.

Step 4: Update elements in X; and ¥; according to the following equations:

Vid = W X Via + ¢ir1(pid - Xig) tC2r2(Dgd - Xid) (12)
Via = w! x via + c3 (gbest - pbest) (13)

Xid = Xid + Vid (14)

Xid = Xia mod (2) (15)

where c; and c; are the learning factors, c; is the socio-cognitive scaling parameter,
r; and 7; are random numbers uniformly distributed in [0,1], w and w! are the inertia
weights. :
- Step 5: If xis= 1 then allocate randomly a new channel to x 'ia from the set of primary
links PI. |
‘Step 6: For each particle in the swarm, perform Step 2 — Step 5
Step 7: Repeat Step 2- Step 6 until stopping criterion met.
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3 Performance evaluations

We deploy the downlink of a CDMA (Code Division Multiple Access) in two-tier
heterogeneous network following the model described in section 2 and shown in Fig.
1. A number of secondary links S/ are randomly spread over an area of 5000 m x 5000
m (macrocell range). Also, there are six primary links, P/, which have fixed locations.
Each secondary transmitter (femto-BS) is assumed to have an assigned receiver at a
random limited distance (30 m), r, away. Moreover, each transmitter is assumed to
employ unit transmission power and the channel strength to be determined by path
loss. We treat interference as noise, assume that the ambient/thermal noise is negligi-
ble, and assert transmission success to be determined by the SINR lying above a spe-
cific threshold where a=5.

The snapshot of the location of P/ and S/ present in the area is called a scenario. An
experiment is defined by a set of scenarios (with same S/ and P/) at given SINR thresh-
old. By imposing different SINR thresholds, we simulate different requirements for
mobile applications to guarantee a good service. At each experiment, 500 independent
runs are taken. Each run represents a different placement of the S/ in a scenario. The
stopping criterion for a run is defined by the maximum number of iterations Timar. The
simulation parameters are given in Table 1.

Table 1. Simulation parameters

Parameters Value
Number of secondary links S/= 20
Number of primary links P/= 6

Channels to share = 1,2,3,4,5,6
Runs = 500

SINR thresholds a=8 4,6,8,10,12,14dB
Channel bandwidth = 20 MHz
Swarm size S = 40

Maximum number of iterations Tpnu= 100
Cognitive, social and socio-cognitive factors ¢;,cz,¢3= | 2,2, 12
Inertia weight w= 0.721
Maximum velocity Vime= [-6,6]

From the set of 500 runs that are evaluated for a given experiment at a SINR
threshold (a=p), the run containing the maximum data rate of the system is taken and
that information is analized and reported in Table 2. Those results suggest that the
higher the SINR threshold, the data rate decreases since the requested QoS is higher
and it restricts the number of admitted secondary links coexisting with the primary
links. This last observation is consistent with results reported in [13] which concludes
that increasing the SINR threshold decreases the permissible number of secondary
links. Also from Table 2, it is shown that for higher SINR thresholds is more
challenging to share a channel, in this case, from SINR values at 10 dB. Then the
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network capacity directly depends on the interference limit established in the cognitive
cellular network.

Table 2. The best found at each experiment

Number of selected secondary links allocated Total

Maximum : number
- system to primary channels of se-
(dB) throughput lected
(Mbps) secqnd-
Chl| Chz | Ch3 | Chd | Chs | Chg| 2 links
4 0828.3486 4 v 2 2 2 4 16

6 9376.8802 | 2 5 1 3 2 3 16

8 | 9585.0736 | 1 2 3 4 5 2 17

10 | 8877.6855 | 3 3 3 5 2 0 | 16

12 | 92954222 | O 2 5 2 2 5 16

14 | 86484162 | 4 2 1 3 3 2 15

Reusing spectrum bands represents benefits in terms of spectral efficiency as long
as band-specific conditions are imposed to those which are allowed to access the same
* range of frequencies. If not conditions are imposed, it can lead to a “tragedy of the
commons” in which many users try to access the same spectral resource and neither is
able to communicate reliably given the amount of interference. Those conditions are
~ regulatory policies which represent specifications of network deployment and opera-
tion to avoid harmful interference among coexisting systems. Some examples of spec-
ifications of network deployment are number of selected secondary users, exclusion
“zones (radius of protection of a primary user), transmission power, and SINR thresh-
olds.

‘4  Conclusion

In two-tier heterogeneous network, we study the spectrum resource optimization
problem. We aim at maximize the throughput of the system as a metric of spectral
efficiency under QoS constraints. Then an adaptive resource management framework



106 Anabel Martinez-Vargas, A_ngel G. Andrade, Roberto Sepilveda, Oscar Montiel-Ross

based on an improved version of binary particle swarm optimization is applied to solve
the problem.

The numerical results have shown that, network performance depends directly on
the value of requested QoS in the system i.e., taking into consideration the require-
ments of primary and secondary users. They also suggest that is possible that a set of
secondary users can share simultaneously with the primary user a channel, as long as,
certain conditions are imposed to secondary users.

Regulation is a key role to support spectrum sharing, in this context, identify design
requirements for deploying future cellular networks based on CR technology is helpful
for developing regulatory policies that assure a peaceful coexistence among heteroge-

neous systems.
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Abstract. Nowadays intelligent systems community has conducted re-
search on human activity recognition. For example, in a healthcare envi-
ronment, we would like to know what activities (feeding, blood pressure,
hygiene and medication) are performed by a caregiver given a video se-
quence (recorded by a surveillance system). Specifically, it is complicated
to infer those activities that are performed using one or several artifacts
at different times, so the activity inference and video segmentation are
complex tasks. Additionally, it is desirable to perform the video segmen-
tation in an automatic fashion. Therefore, in this paper we present an
intelligent system for video segmentation. We present an example in a
realistic environment in which the analysis of video sequences per day
was reduced by using video segmentation.

Keywords: video segmentation, activity recognition, roaming beat.

1 Introduction

Generally, an intelligent system is composed by several modules with the aim
to support robustness and computational complexity. The system relies on sig-
nal processing and machine learning techniques [1]. It first applies preprocessing
to remove noise from the signals and segment them. Next, the system extracts
signal features to enhance the characteristics unique to each activity and to re-
duce data dimensionality, and then it uses classifiers to map these features to
discrete activity or context classes. The goal of an intelligent system for human
activity recognition consists of automatically analyzing and classifying activities
with information gathered from different capture sources like video cameras or
other sensors. However, human activity recognition is complicated. It is due to

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). -
Advances in computing science, control and communications.
Research in Computing Science 69, 2014, pp. 108- 119 ‘.
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there exists a lot of way to perform an activity. For example, humans perform
several physical activities such as walking, running and so on. In this kind of
activity to get signal processing, some authors have reported physical recogni-
tion results using a set of templates or people silhouettes corresponding to each
activity [2,3]. A related work in which physical activities are analyzed, can be
found in [4]. Other works of different kind are focused on activity classification,
for example some works involve physical artifacts as shown in [5]. These authors
show activity classification using several kinds of sensors. Moreover, the authors
classify activities, that human performs, on three classes such as sequential, in-
terleave and concurrent activities. For example, when someone brushes his teeth
and continues to another activity like arranging his hair, this corresponds to a
sequential activity. Interleaved activities correspond, for instance, to the case in
which someone is eating dinner and then answers the phone, at the end both are
performed at the same time. Finally, two activities are concurrent when these
activities start at the same time, i.e. eating and watching TV, both activities
carried out always at the same time.

For example, a comparison of inferring activities considering sequential, inter-
leave and concurrent is done in [6]. They propose some methods to perform
inference, comparing four techniques: the hidden Markov model (HMM), the
conditional random field (CRF), a variant of CRF and emerging patterns (EP).
They reported acceptable results using EP on inferring physical activities. Other
work is presented in [5] in which they show an effectiveness rate of 66.13 per-
cent in the inference of sequential, interleaved and concurrent activities. Its main
disadvantage is that authors take into account sequential process and their vali-
dations require a controlled space. Therefore it is necessary to take into account
an understanding such as presented in [7], which comprises three elements that
correspond to a person, the use of devices or tools, and the purpose of the ac-
tivity. The activities are never performed alone, these are interleaved with other
activities with the same goals, or instruments used in producing the intended
activity. In the development of a specific activity, the motion artifact may be
viewed as a change of activity or a change in the purpose of the actions, or a
grouping of actions. Therefore, it is established that the actions of the activities
should never be labeled as unknown, according to [8], they create a list of or-
dered actions, the first one being the most likely.

For aforementioned reasons, activities must be seen as multiple flows of actions
that are performed on different times, so these activities do not have a specific
behavior in order to recognize them. Therefore, it is necessary to take into ac-
count all variants of actions when activity is started, performed and finished.
In this sense, to solve this problematic, we use a concept and its methodology
called Roaming Beat (RB) [9] (see section 2.1).

On the other hand, video sequence segmentation is a problem that activity recog-
nition has tackled. For example, [10-13] show the work in which a video sequence
segmentation is implemented using image processing. Background technique is
used in [10]. Other authors treat video segmentation as non-local spatiotemporal
structure using regions technique [11]. In the same direction, in [12] spatiotem-
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poral technique is used; these authors show an algorithm for video segmentation
using motion cues from past and future frames. Another way to make a video
segmentation is presented by [14]. The process performed by these authors is
based on a set of labels in the video sequence. These allow them to automati-
cally discover a set of relevant tags and extract a set of key words correlated with
an activity. However the proposed technique depends on the activities being re-
lated to video labels. Such labels consist of contextual information describing the
activity of the video, i.e. the video was previously analyzed and labeled. Addi-
tionally activity recognition is not obtained in an automatic way. Unfortunately,
all the video sequences in real life are not automatically labeled. Furthermore,
these sequences involve a multitude of people both static and in movement. This
allows us to give meaning to an activity as these movements are signals for the
occurrence of an event, forming a set of activity events.

The main contribution of this paper is the development of an intelligent system
for video segmentation. We describe the process to store an activity in a knowl-
edge base and the process to recover an activity from the knowledge base. This
paper is organized as follows: Section 2 introduces our methodology for activity
segmentation in a video sequences. In Section 3, the results showing an example
implemented in a healthcare environment. Finally section 4 provides our conclu-

sions and future work.

2 Labeling a video sequence and reducing video analysis

The artifacts play an important role for activity inference, because the artifacts
are a trigger within an event in the setting. It is caused through activity per-
formance because an activity is mediated by one or more instruments and is
directed toward a certain artifact[7).

2.1 Labeling a video sequence through Roaming Beat concept

In a previous work, for inferring human activities in a Healthcare Environment
the Roaming Beat (RB) concept was used. A RB is defined as:

"The ability of an artifact to give a time stamp (hour and date) to change from
motionless to a mobile state and change from the base location to any other”
[15]. |

This concept is useful for describing the artifact behavior when an activity is
performed. The behavior is obtained as a result of data conversion when the
artifacts are recognized in a base location through a sensor [9,15]. Also using
RBs methodology it is possible to label video sequences through identifying
artifacts.

Each artifact produces its own roaming beat when it is handled. The change of
state is called "beat”, so several changes of state can be observed as behavior of
the artifact (see a, b, ¢, d in Fig. 1) as a result of the artifact recognition in a

base location in a time span.
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Fig. 1: Set of events related to an activity using an artifact. Artifact’s behavior repre-
sentation (or roaming beat) (a) first beat; (b) second beat; (c) third beat; (d) fourth
beat

This concept is useful for describing the artifact behavior when an activity

is performed. The behavior is obtained as a result of data conversion when the
artifacts are recognized in a base location through a sensor 43. Also using RBs
methodology it is possible to label video sequences through identifying artifacts.
Each artifact produces its own roaming beat (RB) when it is handled. The change
of state is called "beat”, so several changes of state can be observed as behavior
of the artifact (see a, b, ¢, d in Fig. 1) as a result of the artifact recognition in
a base location in a time span. Each signal produced by the object recognition
method, is converted into a train of pulses, as shown in Fig. 1.
Moreover, a camera is involved at the same setting. Each time that a beat is
produced, an index of video sequence is related to it, so it is possible to get a
specific video sequence segment related to the activity, i.e. in Fig. 1(a) starts the
activity and Fig. 1(d) ends the activity. Additionally it is possible to get several
images related to the activity using the indexes. It is important to note that
an activity can be related to one or more artifacts, and each artifact produces
its own beats when it is handled. Therefore, by each beat produced, there is a
record in a database that it is composed by a specific index related to a video
sequence (the first beat is equal to start index related to the activity and the last
one beat is equal to the end index). Hence, it is possible to get a video segment
related to the activity performed.

2.2 Identifying when activities or events happen

As mentioned above, each artifact produces its own beats when they are handled,
this manipulation is detected because the artifact begins to have movement be-
tween the base location and any coordinate location in space (roaming), and can
be a significant movement in the scenario when someone performed an activity.
For this reason, a beat is interpreted as an event when the activity is performed.
Therefore, each event is related to an index in a video sequence.

For activity recognition is necessary to define two terms: a) recognized activity,
it is a set of arranged events produced by an artifact in a specific activity; and
b) an event is when someone takes one or some artifacts and places them on the
base location. The event can be an isolate movement.
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An activity is recognized when the activity is completed by events produced by
each artifact. The activity behavior is composed by three steps: 1) preliminary
actions; 2) the main purpose of the activity; and 3) supplementary actions. These
actions are accomplished when the all beats are obtained in the activity. The
whole number of beats must be greater than or equal to 4 as shown in Fig. 1.
Moreover, the beats or events number must complete a specific time t based on
the activity 4. However, there are some events that may occur, so the artifact
has not accomplished its established behavior in an activity. In this sense, there
exist some events that can be postponed in an activity. Despite, the activity is
not affected. Those events are called: preliminary and supplementary actions.
These actions can be interrupted, but can be performed later in a time t4tl,
and then perform the main purpose of the activity. Where t1 is the long time to
take it into account in a whole activity. These kinds of events may be important;
it depends of both the scenario and the user requirements. In this kind of event,
the artifact can leave or remain on the base; therefore the main reason is that
an activity is not finished so far.

In summary, the activity recognition and events are very important for the ac-
tivity inference process. Because an activity is composed by a starting event; a
behavior related to an activity is composed of a set of events; and an end activity.
The end activity is performed within the activity in a time t. Those events that
are started but the artifact has not accomplished, may be taken into account as
important events and considered in future analysis for other intelligent systems.

Fig. 2. General architecture of the intelligent system

2.3 Describing the activity recognition process

In Fig. 2, we present the architecture of the proposed intelligent system. The
input is a video sequence and the output is a segmented video that represents
an activity. The Image Processing module employs correlation filters for artifact
recognition [16]; this process gives us the roaming beats. The knowledge base
stores the RB of each artifact (see Fig. 3). The module of Inference Capability
contains the process for recovering an activity from a knowledge base (see Fig. 4).

As aforementioned, the artifacts behavior produce a set of events within a
time span, so an activity is recognized. The system shown in Fig. 3 is composed
by two objects recognized, our example is based on video cameras (two video
cameras for artifact recognition). The object recognition is just implemented in



Segmenting supervised activities in a video sequence based on ... 113

. Storing an activity in a knowledge base
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Fig. 3. Process for storing an activity in a knowledge base

a camera 1 but each beat produced is related to each index of both Camera A
(S1) and Camera B (S2). Also the system includes a knowledge base in which all
activities are recorded. To clarify the whole process, we divided it in two steps
showed in Figs. 3 and 4. The first one is the process for storing each activity in
a knowledge base and the second one is for recovering and showing an activity
from the knowledge base.

Fig. 3 shows the activity recognition process 4, in which the system starts when
it enables the cameras (S1 and S2) and the video sequence (V1). Each time a user
handles one or several artifacts an event is produced (P1 and P2). Each event
obtains an index related to image that it is requested to the video sequence and
the index is returned (P1 and P2 through V1). Once all artifacts have performed
an activity, the activity is sent and recorded into the knowledge base (P1 and
P2 toward B1).

Recovering an activity from a knowledge base
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Fig. 4. Process for recovering an activity from a knowledge base

Fig. 4 depicts the process for recovering an activity from a knowledge base
through a query. First, the users need to obtain information related to the per-
formed activities and they request it to the system. It recovers an activity from
the knowledge base (B1), but before that, the knowledge base joins the RBs
involved in the activity requested. Each RB requests its own video segment (P1
and P2) from the whole video sequence (i.e. from current day). The video seg-
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ment is returned to each RB. Once that all RB are obtained is possible to show
an activity and can be in two ways: the first one is an activity representation
using images obtained from each index related to an event or beat; and another
is showed in a video segment. The system recoveries the indexes related to the
start and end of and an activity.

In this section, we described the whole process related to activity recognition
in which it was divided in two steps: the purpose of the first one is activity
recognition through to obtain the artifacts’ behavior; and the second one is to
show the activity representation to the user in two ways: using images or video
segments. However, it is necessary to evaluate our applications, so we present
the evaluation protocol in the next section.

3 Results in situ.

We proposed to evaluate our application in a healthcare environment. It is im-
portant to infer the activities that the caregivers perform during their workday
with the aim to provide a proper care to the elders. The following sections de-
scribe the context of the environment and the main results of the evaluation.

3.1 Environment

The evaluation of the application was conducted in a private nursing home for
a period of ten days during 12 hours per day. Two video cameras were installed
in a room where an elderly patient with restricted mobility (ERM) was living.
One camera was installed in the ceiling of the room and another was installed
close to the base location (2 meters approximately). The cameras used were a
wvch3gea Linksys model. The video was captured using MPGe-4 format having
a resolution of 320 240 pixels, the frame rate was 2.4 per second. Storage and
processing were done in a model T3500 Dell Precision workstation.

Table 1. Record of events and activities performed in a healthcare environment, Act:
Activities, Ev: Events, D1 : Day 1, D2: Day 2... D10: Day 10, Tot: Total

Descrtiption D1 DiD2 D2D3 D3D4 D4D5 D5D6 D6 D7 D7D8 D8 D9 D9 D10 D10 Tot Tot
Activities/Events Act Ev Act Ev Act Ev Act Ev Act Ev Act Ev Act Ev Act Ev Act Ev Act Ev Act Ev

Hygiene 1 11 02 02 02 13 03 02 12 13 0 214
Blood Pre 1 02 02 01 01 01 01 03 01 11 1 142
Feeding 2 03 02 03 02 O3 02 03 01 02 0 220
Medications 2 12 02 01 01 02 01 02 01072 0 161
Total by day 6 2 8 08 07 06 19 07 010015 28 0 M7
Total ' 81

There were a total of 109 hours recorded by camera which 941,760 images
were analyzed in real time. The analysis consisted of applying 6 filters for recog-
nition using image correlation methods for video sequence generated by the
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camera that was on the base location 3 . There were a total of 81 video segments
corresponding to 74 completed activities and 7 events are shown in Table 1.

3.2 Describing activities and events results

The application that was developed for this evaluation was able to infer a total
of 74 activities and 7 events based on our classification as described (see Section
2.2). This assessment generates information of activities of the three types: se-
quential, concurrent and interleaved. The following describes the considerations
taken into account with respect to the four activities as shown in Table 1:

1. The activity of taking blood pressure, was always performed independently,
i.e. there was no additional activity or event when this event was performed.
It was considered as a simple activity. The total number of simple activi-
ties correspond to 14 blood pressure activities, 10 of feeding activity and 3
medications, whose results were 27 activities and 2 events recorded.

2. The feeding and medication activities are sequential. These activities are
sometimes performed in a concurrent way. The result was a total of 26 in-
ferred activities and 1 registered event. These activities were considered con-
current because in healthcare environments, medicines are supplied ‘during
two feeding events corresponding to breakfast and dinner. Therefore, Table 1
shows a difference between these two activities (23 food and 16 drugs). These
two activities are a total of 13 feeding activities performed concurrently and
10 performed in a sequential way. With respect to medication activity, 13
were performed concurrently and 3 were performed sequentially.

3. Hygiene activity is an activity with complex actions, because it includes a

--set of artifacts. Each artifact has its own behavior within the activity, so this
activity was seen as interleaved activity, given the behavior of the artifacts
and the people who performed the activity. We had 21 interleaved activities.

These three types of activities were successfully completed. Each behavior per
artifact and per activity was established previously. However there were some
events recorded that did not showed the expected behaviors. The results of
these events were: two sequential activities were related to events (blood pres-
sure event), an event associated with a concurrent activity (medicine) and four
interleaved activities were related to hygiene events.

Subsequently, video segments generated by events were analyzed in order to de-
termine the possible causes of the occurrence. The main reasons were identified:
in the case of events of the blood pressure activity, it was observed that the
artifact was removed from the base location for placement elsewhere; because
the previous time of this activity had been placed on the base location. Another
reason was the occlusion of the artifacts in its recognition, when reviewing the
video related to medication; it was observed that this activity could be consid-
ered as a complete activity. |

Finally, hygiene activity was the only one with a higher number of events. In
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the analysis of the video segments generated by these events (4 events), it was
observed that the completed behavior was not accomplished in this activity.
However, it is possible to include these four events within another activity that
correspond to the healing activity. This is because the video segments were very
clear in this activity. Examples of movement indexes are presented below.

3.3 Showing activities based on roaming beat in a video segment

Following the activities in Table 1 and the results, let us show you the way how
the events allow to recover from RB video clips or images that represent an
activity.

Fig. 5 depicts how a complex activity is performed. This activity corresponds to
the hygiene activity (interleaved activity). This figure shows the representation
of video sequences captured by two cameras. Furthermore, this representation
shows the behavior of the use of two artifacts that correspond to the paper
towel and the physiological solution. Remember that, the image processing is
performed on the video stream from the Camera A described in section 2.2.
Fig. 5 shows 16 beats produced by the paper towel (from 1 to 16). Each of
these has an associated beat or event related to labeled picture with its number.
There are also five beats produced by physiological solution (from 17 to 21) and
displayed the images associated with their number. '

The activity in the video segment is inferred from knowing the first and last
beats corresponding to the relationship that is created when you registered the
first beat with the index of the video stream into the knowledge base, so that the
first beat was linked to the index 156 and the latter with the index 2160. These
indexes are benchmarks that allow us to move to one side or the other. That is,
index 156 tags the beginning of the sequence corresponding to the interaction
between the caregiver and the patient. The caregiver enters to the room at the
index number = 35 as shown in the image labeled ”Initialized” in Fig. 5. It
was possible to determine it by looking at the video stream from the Camera B
starting at index 35. Specifically in this activity the preliminary actions of the
activity start at index 35. But our application labeled the activity initialization
at the index 156, also it was considered an activation of the activity from index
156 to 2160 and labeled the termination of the activity at the index 2160. The
image labeled ”Suspended” in Fig. 5 shows the time at which the caregiver leaves
the room as a signal of completion of the activity, which corresponds to index
2220 of the sequence of video.

Another example from our application is shown in Fig. 6, which illustrates the
execution of concurrent activities. Fig. 6a shows the feeding activity. This activity
is related to the recognition of the tray. Figure 6b shows the medication activity.
These activities were considered concurrent because when the tray arrives at the
base location then the caregiver immediately performs preliminary actions to
execute the activity of medication. It can be seen in Fig. 6 a small difference
(in seconds) from the first beat corresponding to the activity of feeding and the
first beat of medication activity. However, the activity of medication is the first

one to be completed.
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Fig. 5. Video segment related to hygiene activity using two artifacts.

As mentioned earlier, the indexes allow to move into the video stream back-

wards. As shown by the image obtained before the tray arrived to the base
location, which was labeled as the image that initializes the activity and the
beginning of the video segment. Fig. 6 shows images of the video stream from
the Camera B. This is because each beat is.related to the rate of each video
sequence, i.e. for each camera.
On average 19 hours with 49 minutes were recorded per day. Using the activity
inference application based on the manipulation of artifacts was possible to re-
duce the analysis of video sequences to only 2 hours 19 minutes which represents
11 percentage of the total hours in a day captured for analysis.

4 Conclusions and future work

‘We conclude that the activity inference is a complicated process, so it is neces-
sary to take into account several details related to human activities. The role of
the knowledge base is important to store and recover activities for obtaining a
video segmentation in an automatic way. Therefore, performing activities using
physical artifacts should be seen as multiple flows of actions at different times.
For this reason, the technique of Roaming beat is used as a solution for the
inference of sequential, interleaved and concurrent activities, in which multiple
events take place at the same time. These events are part of the inferred activi-
ties from motion cues generated by artifacts while the activities are performed.
Hence, it was possible to obtain video segmentation and an intelligent system in
an easy way.

Each event provides a meaning of the activity based on artifacts handling. The
meaning is related with three phases of the activity: start, center (main devel-
opment), and end; we consider these phases as preliminary actions, actions in
the activity performed, and complementary actions, respectively. In our case of
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Fig. 6. Video segments related to two activities, feeding and medications activities.

study (healthcare environment), the meaning is related to the video sequence
indexes; hence the indexes were used for video segmentation in an automatic
way.

Moreover, each beat produced by artifacts allows us to recover video segment
related to simple events or activities. These video segments are transformed to
activity representation or in a means for decision making of the user.

We detailed our results for the purpose of linking multiple streams of actions. In
this way it was possible to infer 27 sequential activities, 21 interleaved activities,
and 26 concurrent activities. This produced 74 activity related, video segments,
reducing the video sequence analysis to about 11 percentage of total daily video.
Thus, the review that a person would have to make of a 12 hours video is reduced
to only 2 hours.

In this work, the result obtained in a healthcare environment based on prior
work [9], is presented in detail. As a future work, we pretend to implement the
RB technique in other kind of scenario, the knowledge base is used only to store
and recover activities and the knowledge base is static. We wish to apply data
mining and artificial intelligence techniques in order to infer new activities based

on the behavior of humans.
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Abstract. This paper presents an improvement to ECJ (Evolutionary
Computation in Java), the popular evolutionary computation tool, which
allows users to exploit distributed computational resources through the
use of volunteer computing. In particular, the BOINC (Berkeley Open
Infrastructure for Network Computing) middleware is used to distribute
ECJ client software on top of a virtualization layer, this allows researchers
to parallelize their experiments without having to port their software to
make it compatible with BOINC. In this way, an interested researcher
can use the ECJ4+BOINC software in the same way that they use the
standard ECJ tool. Moreover, the system allows the user to choose be-
tween different distribution models based on their preferences. Finally,
the ECJ+BOINC system is developed in a modular manner, allowing
for easy updates and modifications based on the possible requirements
of future ECJ versions.

Keywords: Evolutionary Computation, Distributed Computation, ECJ, |
BOINC , :

1 Introduction

Every year, the importance of distributed and parallel computing models be-
comes more apparent, with potential impacts in all of computer science. Re-
cently, the president of the IEEE Computational Intelligence Society, in the
May 2013 issue of the Computational Intelligence Magazine, listed a series of
challenges that must be addressed by researchers in the field of Computational
Intelligence. In particular, two problems stand out, commonly referred to as Big
Data and Real Time [1]. For most researchers, these terms suggest the need to
process large amounts of data on the one hand, and the need for fast and efficient
processing on the other. It is also relevant to mention that from the perspective
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of Evolutionary Computation (EC), a sub-field of Computational Intelligence,
both concepts are not part of the canonical formulation of evolutionary algo-
rithms (EA) for search and optimization [2].

Over recent years many proposals have attempted to integrate notions of
paralle]l and distributed computation within traditional EA, such as parallel EA
models or traditional algorithms that are simply parallelized at the implemen-
tation level. However, despite such work, there is still a tendency for researchers
to use sequential models and implementations, what is commonly referred to as
immobilization within the software industry. In general, researchers prefer to use

well-known computational tools before investing time and resources in modifying
existing tools or developing new ones.

Therefore, some works have focused on developing computational tools that
facilitate the use of distributed resources while keeping the amount of time and
effort at a minimum. For instance, in [8] and [6] the authors proposed a model
that emphasizes the cloud computing model and allowed users to deploy virtual
machines that internally executed an evolutionary algorithm within a volunteer
computing setting. While the proposal met the stated goals, it suffered from two
possible shortcomings: (a) the size of the distributed virtual machines was quite
large (several gigabytes); and (b) researchers needed to prepare and deploy the
necessary infrastructure to run the Berkeley Open Infrastructure for Network
Computing (BOINC) middleware [4].

The current work goes one step further, by considering one of the most well-
known and widely used EC tools called Evolutionary Computation in Java (ECJ)
5], and integrating within it the BOINC technology. The goal is to allow any
researcher that is familiar with ECJ to launch experimental distributed experi-
ments based on BOINC. Moreover, another goal is to make the required learning
curve of the new technology less severe; this is accomplished by fully integrat-
ing a BOINC server within ECJ, and the necessary virtual machine within the
BOINC client. In this way, an ECJ user only has to perform two simple tasks:
(1) run the virtual machine that acts as server, by compiling the problem spe-
cific EA within this server just as it is normally done in ECJ; and (2) run the
client virtual machines. When the EA is executed, the ECJ+BOINC system au-
tomatically distributes its execution across all available distributed resources or
nodes.

This paper presents a proof-of-concept implementation of the ECJ+BOINC
system, and also outlines specific areas for future work and improvements. The
remainder of this paper is organized as follows: Section 2 reviews related work in
volunteer and distributed computing models for EAs. Then, Section 3 describes
the proposed methodology. Afterwards, experiments and results are summarized
in Section 4. Finally, concluding comments and future work are discussed in
Section 5. -
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2 Volunteer Computing and Distributed EAs

Volunteer computing, a specific distributed computing model, has gained large
acceptance over recent years. It is based on users voluntarily cooperating with
research projects, by offering their computing resources (personal computers
or other devices) that are connected to the Internet to act as data processing
units. The model uses specialized software that exploits computing and storage
resources that normally would be wasted, and assigns these resources to collab-
orative research projects [7]. The most widely used and successful middleware
for this task is BOINC [4]. Currently there are more than one million volunteers
collaboratmg worldwide on BOINC projects, donating their resources and CPU
cycles®,

In particular, the BOINC model is now also used with some EAs, achieving
interesting results when evaluated based on system robustness and fault toler-
ance [6]. Therefore, there is a current interest in further exploiting such models
in EC projects and applications, that normally incur high computational costs
and need to process and store large amounts of data.

BOINC was developed two decades ago with the seti@home project, pro-
viding all of the basic software tools required to deploy a volunteer computing
system or project. It includes a BOINC server, that distributes the computa-
tional load among a set of volunteer client machines that are connected to a
specific project. Moreover, it also includes a BOINC client, that is in charge of
communicating with the server and executing the computational tasks assigned
to the client machine by the server. While the general model is simple and
straightforward, particularly compared to other GRID-based models, to use the
basic BOINC tools on a specific project, the source code must first be ported to
operate within the BOINC environment through the provided API. This can be
a big limitation in some instances, since not all programming languages are sup-
ported by the BOINC API, sometimes requiring a large scale re-coding project
that will require some IT management experience in distributed computing en-
vironments. Moreover, in some cases it simply is not possible to port a particular
system that has strong dependencies with specialized software or simulators; for
instance, one can imagine such a case for an application that requires Matlab or
Mathematica.

To overcome these and other possible problems, some researchers have devel-
oped partial solutions based on virtualization, in a sense encapsulating projects
before distributing them over a BOINC network of clients [6]. However, this
model imposes limits over the distributed computing paradigm: it is only possi-
ble to execute a single application multiple times. For instance, it is not possible
within a traditional EA, to distribute individual candidate solutions for fitness
evaluation over BOINC or perform load balancing, when fitness evaluations are
not homogeneous, a common problem in genetic programming (GP) systems for
example.

% http://boinc.berkeley.edu/
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In summary, while the technology is currently widely available, and some
partial simplified solutions have also been developed, there is still a lack of a
complete system capable of integrating the BOINC middleware within an evo-
lutionary search. This paper presents such an alternative, the first attempt at
integrating the BOINC advantages with an EC toolkit,.

2.1 ECJ & BOINC

ECJ is a very popular and well-known tool used by researchers within the Com-
putational Intelligence community, with many works publishing results that ei-
ther use ECJ or that are compared with the tools provide by ECJ. However,
there is no off-the-shelf way of distributing an ECJ application through BOINC.

While ECJ does offer some parallel computing models to exploit several pro-
Cessors or cores, it is not possible to launch an ECJ algorithm within a distributed
BOINC environment. This work focuses on one of the simplest possible models,
where individuals from the evolving population are distributed by BOINC to be
evaluated by a set of connected clients. To achieve this, ECJ must be modified
accordingly, which is the contribution presented in this work.

Another goal is to develop software tools that simplify the use of such a dis-
tributed model for an EA. Therefore, a BOINC server is integrated within ECJ,
configured to distribute work units composed of sub-sets of individuals from an
EA developed with ECJ, to clients that are configured and connected with the
server. Moreover, to further simplify the process for the user, all of this was
encapsulated within dedicated virtual machines, allowing researchers to simply
download the virtual machine server and run it on the server machine. Then, the
user must define its fitness function and other problem-specific details of their
ECJ project, and include these functions in the sever before it is compiled, like
any other ECJ applications. When the application is finally executed, the work
units and all of the BOINC middleware are configured and launched automati-
cally. At the other end, client machines must download the BOINC clients, and
connect to the BOINC server to participate with a project. The client-side vir-
tual machine is configured to automatically connect with the server-side virtual
machine, without requiring any additional administrative or configuration tasks
by the user. In what follows, the proposed system is described in detail, referred
to as the ECJ+BOINC system.

3 Proposal

As stated before, the goal of this work is to develop the necessary software
- tools that allows a researcher to exploit the BOINC paradigm of distributed
volunteer computing with EAs written with the ECJ toolkit. In what follows,
the underlying technical implementation of the proposed system is described,
focusing on each of the technologies that were employed. :
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3.1 Virtualization

To start, lets consider the basic requirements to be able to incorporate BOINC
within ECJ. As stated before, there are two main pieces of software that need
to be included: (a) a BOINC server that distributes the work units; and (b) the
BOINC clients that perform the requested computations. Both software modules,
the server and clients, are distributed over a virtualization layer, in this case
VirtualBox 4. This virtualization layer can be used by clients running on different
operating systems, it is simple to setup and install.

The virtual machines are configured with Linux, along with all of the nec-
essary software tools to administrate the server and client tasks independently.
Moreover, these virtual machines also have all the required software to run ECJ

applications, both on the server and the client.

3.2 ECJ

ECJ is probably the most popular EC tool, developed by Sean Luke et al. ECJ is
written in Java and includes a large set of features and state-of-the-art methods
[5]. It was designed to be flexible and highly configurable, with almost all of
its parameters determined at run time from a specified set of configuration text
files.

The structure of ECJ includes a large set of specialized classes, among them
the most relevant to the current work is the Ewvolve class. Among others, the
Evolve class includes the main() method, which is executed to start all evolu-
tionary algorithms implemented in ECJ. Another noteworthy class is Evaluator,
to which the task of evaluating an evolving population is assigned, of particular
importance for a system that distributes population evaluation through BOINC.,
As stated above, the client machines will evaluate subsets of the evolving popu-
lation, hence each client needs to employ an Evaluator object, that returns the
necessary output to the server, to guide the search process being executed by an
Evolve object on the server.

3.3 BOINC

BOINC is written and developed in C/C++, thus it most easily integrates with
systems written in the same programming language. Since not all projects that
are deployed with BOINC are written in C/C++, it is necessary to port the
application or employ specialized Wrapper objects. Through a wrapper object
or function, it is possible to run non C/C++ code within a BOINC client. On
the other hand, the BOINC architecture is based on the client-server model that
allows for multiple work units to be deployed simultaneously by the server, which
are then processed on the BOINC clients, while the server waits for the results
returned from each client. The server can validate the results returned by the
clients, and determines if the results are accepted or rejected, in which case the
corresponding work unit can be sent to another client.

4 https://www.virtualbox.org/
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3.4 ECJ+BOINC

To integrate BOINC with ECJ, it is necessary to modify the normal execution
sequence of a BOINC project, since part of of the ECJ application is kept on the
server side, and only population evaluation is distributed over BOINC. Normally,
in a BOINC project the server only generates and distributes work units, it then
waits idle while the clients perform all of the data processing associated with
a project. On the other hand, in this work the server is in charge of executing
an EA, and only during fitness evaluation the EA is paused on the server side.
At this moment, the server generates a series of work units that are sent to
the BOINC clients, each work units contains a subset of individuals from the
population that must be evaluated on the client side. Once the clients compute
the corresponding fitness values, these are returned to the BOINC server, which
then continues with the normal EA execution.

This program flow also requires new code for the ECJ classes used during
evolution. First, a new class has been derived from the ECJ Simple Evaluator.java
class, by adding a Shell Script that generates a single work unit, intended for
a single BOINC client; this is the simplest possible case. The server then waits
idle, until the results are uploaded onto the upload directory of the corresponding
project.

Once program execution is halted on the server, the current state of the
project run is saved using the checkpoint.java class. This class is used to be able
to send the current state of the run to the client, along with the population that
will be evaluated. The client evaluates the population, and updates the state
of the current run, which is returned to the server so the search can continue.
Figure 1 presents the basic program flow of the ECJ4+BOINC system.

Based on this simple single client version, the next step is to extended the
ECJ+BOINC system to run with several clients, each assigned the responsibility
of evaluating a subset of individuals from the population.

Similarly to the simpler case, once ECJ execution is paused on the server,
the requested number of work units are generated for each client; note that not
all clients will necessarily evaluate the same number of individuals. Once each
client terminates its evaluation process and the results are returned to the server,
the partial results of each client must be integrated into a single state file that
updates the state of the EA running on the server. This requires the following
modifications to the ECJ library:

- Class EvaluatePopulation: before the population is evaluated, the state of
the EA is saved.

— Class evalPopChunk: calls a process that creates the requested work units
and distributes them to the clients.

Once the clients have returned their results normal ECJ execution continues
on the server, as depicted graphically in Figure 2, where ECJ4+BOINC is running
with £ number of clients.
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Fig. 1. Program flow of an ECJ+BOINC system running with a single client.

4 Experiments and Results

To test the proposed ECJ4+BOINC system, this work uses a typical GP bench-
mark problem with a high computational cost, the Even Parity problem [3].
This problem is widely used for benchmarking purposes, however instead of us-
- ing the common 5-bit problem, the number of bits was set to 30, increasing the
difficulty of the problem and forcing the system to incur higher computational
costs during fitness evaluation. In this scenario, a normal ECJ GP run required
approximately 20 minutes to evaluate the fitness of 10 individuals on a standard
PC.

Besides the small number of individuals used during the run, 10, and the
relatively small number of generations set to 25, all other parameters were set
at the default values provided by ECJ. Indeed, the goal of the tests are not to
evaluate if the GP algorithm provided by ECJ can solve this problem, this is
irrelevant to the tests, the goal is to illustrate the performance gains provided
by BOINC-based distribution of fitness evaluations. To test ECJ4+BOINC, five
clients were connected to the server machine, on which the virtual machine client
and BOINC client were installed. During fitness evaluation, a single individual
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Fig. 2. Program flow of an ECJ+BOINC project running with z number of clients.

is distributed to each client at each generation. Ten runs were executed, using
standard ECJ and the ECJ+BOINC system.

Figure 3 summarizes the results of these experiments in boxplots comparing
the ECJ system with the ECJ+BOINC configuration. First, Figure 3a shows
that there is no difference between both systems based on the quality of the
results found. This is desired, the underlying BOINC distributed model is not
designed to modify or alter the search dynamics, its sole purpose is to reduce
computation time by distributing costly fitness evaluations. Similarly, the fact
that ECJ4+BOINC does not effect search dynamics is confirmed by Figure 3b,
that shows the average program size evolved in each GP run. Again, ECJ and
ECJ+BOINC basically produce the same results, which means that the BOINC-
related modifications did not inadvertently modify the search process. Finally,
Figure 3c summarizes the results related to the run time of each system. As
expected, ECJ+BOINC clearly reduces the computation time required to evolve
solutions for the benchmark problem, basically reducing the median run time in

half.
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Fig. 3. Summary of the experimental comparison between ECJ and ECJ+BOINC.

5 Summary, Conclusions and Future Work

Overall, distributed and parallel computing has a large impact every research
area where large amounts of data need to be quickly processed. One way to obtain
the computational power and storage resources required to solve such problems,
is to exploit the volunteer computing model popularized by the BOINC mid-
dleware in many real-world projects. In general, however, BOINC has still not
been fully integrated within EC systems, that almost .always need to improve
efficiency and reduce run times.

This work represents the first attempt to integrate BOINC into a popular
and widely used EC tool, the well-known ECJ library. In this work, BOINC
is used to distribute the population over a set of connected clients, basically
parallelizing fitness evaluation during an ECJ run, normally the most severe
bottleneck in an EA. Moreover, this was done in such a way so as to make the
entire process transparent for an ECJ user, who has to do little additional con-
figurations or setup compared to a basic ECJ run. This is achieved by deploying
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the BOINC clients and server within specialized virtual machines, something
that is automatically accomplished by the ECJ+BOINC system.

Results show that the proposed solution integrates nicely with ECJ, without
affecting the search process in any way, only producing a substantial improve-
ment in run time on a benchmark problem for GP. While these initial results are
encouraging, future work is still requiered. For instance, future research should
focus on employing the ECJ+BOINC system on a real-world problem, where
fitness evaluation is more costly, for instance with evolutionary robotics, where
fitness depends on a costly simulation process [9]. Moreover, in such a case the
use of a virtual machine will be even more beneficial, easily deploying a large
amount of fitness-specific software libraries over a large set of distributed clients.
Finally, it will be of interest to explore how a distributed system, such the one
presented in this paper, can be used to enhance the search dynamics of an EA
(10,11]. These algorithms could produce interesting epiphenomenons, such as
reducing bloat in a GP-based search [12]. |
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Abstract. In this work, the implementation of the diffusion process
in a graphics processing unit (GPU) with application to medical image
enhancement is presented. The method is implemented in the many-core
architecture of the GPU and uses its resources of texture and shared
memory. The diffusion equation is used to perform the enhancement of
medical images. Due to the characteristics of the diffusion algorithm, it
is possible to take advantage of the resources of the processor and reduce
the image processing time.
A gain of up to 20 times in the execution time of the GPU implementation
of anisotropic diffusion algorithm has been achieved, with respect to
the implementation in a general purpose processor. An important noise
reduction has also been accomplished by using the diffusion parameters
found with the proposed fast search algorithm. A gain of up to three
~ times in the GPU implementation of diffusion filtering execution time

has been achieved using the fast search method instead of exhaustive
search.

Keywords: GPU, Image enhancement, Nonlinear diffusion, Parallel al-
gorithm

1 Introduction

In recent years, applications that combine general purpose processors with graph-
ics processors have increased significantly, due to the high processing power of
the GPU, their ability to perform massively parallel processing and their scaling
performance that is achieved by increasing the number of graphics processors.
For these reasons, a GPU is a suitable cost-effective solution to achieve high
performance computing for general purpose applications. An important field of
application is the medical image processing. The medical image applications are
time consuming, because of the amount of data to be processed and the require-
ment of high spatial resolution [1].

Medical images contain certain amount of noise that is inherent to the ac-
quisition process and affects the image quality. Noise reduction without loss of

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). -
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desired information in the image is an important challenge in the area of digi-
tal image processing. The diffusion process is a method that applies a selective
smoothing filter and performs noise reduction inside the homogeneous regions.
The noise is removed while the sharpness of the edges is preserved. The numeri-
cal algorithm is implemented with an explicit finite difference method, therefore
there are not data dependencies and properly fits the architecture of GPUs,
enabling the parallelization down to the pixel level.

The diffusion process has been widely used in image denoising and applied
to several types of medical images [2-7]. In [8], a form to estimate the stopping
time T for the diffusion is proposed. T is calculated by correlating the origi-
nal and the enhanced images. In [9], a multigrid solver is proposed to solve the
anisotropic diffusion equation and to estimate the diffusion parameters. However,
the parameter localization through these methods is based on a estimation, not
on the evaluation of the diffusion equation. The main objective of this work is
the effective utilization of a GPU to reduce the processing time of the medical
image enhancement through the diffusion process and the estimation of the dif-
fusion parameters that ensure a minimal noise in the image, using a rapid search
optimization method.

Section 2 summarizes the nonlinear diffusion method; section 3 describes the
parallelization strategy we have followed; section 4 presents the experimental
results for five synthetic MRI (Magnetic Resonance Imaging) images; finally,
some conclusions and comments about future work are outlined.

2 Diffusion filtering

The diffusion process may be considered as a dispersion phenomena in which
concentration of either mass, heat, or any other physical variable of interest
moves from an area of high concentration to an area of low concentration, until
the equilibrium is reached. The diffusion equation is

Ou
ot

where V- is the divergence operator and « is a diffusion parameter which defines
the diffusion intensity. If @ is constant in the medium, a linear diffusion is pro-
duced. If  is a function of some parameter of the medium, a nonlinear diffusion
is produced. . '

The result of the diffusion when applied to images is a family u(z,y,t) at
different scales ¢, where

=V - (aVu), (1)

u(z,y,t +1) = Go(z,y) * u(z,y,t), (2)

here G,(z,y) is a Gaussian filter with variance o [11].

In image processing, the diffusion is the process through which clusters of
high-energy pixels within an image are dispersed, which results in the softening
of the image. Since the process evolves in time, at ¢ = 0, the original image
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Vu

V2

Fig. 1. Orientation of eigenvectors v; and v3

u(z,y) is u(z,y,0) = u®. The Gaussian scale is 0 < t < T, where T is the
total number of scales of the process. Each new scale only depends on the image
produced at the previous scale. The image at u(z,y,t+ 1) is a smoother version

of the image at u(z,y,t). If T >> 0, all the image pixels will have the same gray
level.

2.1 Nonlinear Diffusion

Introduced in [12], the nonlinear isotropic diffusion process makes use of Eq. (1)
where the diffusion parameter « is defined as a function of the oontour intensity.
The contour estimator used is the image gradient Vu.

In the nonlinear isotropic diffusion, the parameter « is a scalar value

a(z,y,t) = g(|[Vu(z, y,1)|l), (3)

where g is known as the diffusivity function. Conditions are imposed on g such
that whenever the gradient is high, e.g. a contour in the image, diffusion is
not applied; conversely, when gradient is low, e.g. an homogeneous region, the
diffusion is maximized:
lim Vul|) = 0, lim Vu||) = 1. 4
ol _a(lval) +0,  dimg(|Vu) 0
In the nonlinear anisotropic diffusion, the smoothing depends on the gra-
dient intensity and its direction [13]. To obtain information about the pixel
neighbourhood, a structure tensor J is used [14], and it is calculated from the
image gradient as
Ju Ji2
J(Vu) = VuVuT = : 5
(V) = VT = [ 2 ®
The direction of the diffusion propagation is indicated by the eigenvectors vy
and vz of the structure tensor J. The orientation of eigenvectors v; || Vu and
vg L Vu with respect to the image gradient is illustrated in Fig. 1. The diffusion
parameter « from the Eq. (1) is defined as the diffusion tensor

p=[s =t o 0] )] ©
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where the parameters \; and A, define the diffusion intensity along the direction
of the eigenvectors v; and va, respectively.

The approach used in this work is the edge enhancing diffusion, which per-
forms a controlled diffusion along the direction corresponding to the contour
gradient, and a maximum diffusion in the direction normal to the contour gradi-
ent. The \; parameter in the edge enhancing approach, is defined by a diffusivity
function g. In the edge enhancing diffusion, the values of A; and A, are

A1 = g(||Vull) (7
Ag=1

The vector vy can be represented as vy = [cosf,sin6]T, where 6 is defined as
the angle of inclination of the image gradient [15]. The edge orientation can be

computed as 0
12 ™
ey |
Jog — Ju) 2 (8)

The vectors v; and v are orthogonal, so the vector vz can be computed as

6 = arctan (

vy = [—siné, cosG]T. (9)

2.2 Discrete solution of the diffusion equation

The numerical implementation for the solution of the diffusion equation in Eq.
(1) is obtained by finite differences centered in the space, and forward differences
in the time discretization, which leads to an explicit scheme, where the image
ut*! is obtained from u* with

uttl = ot + T(V . (aVu)), : (10)

where 7 is a parameter that keeps the numerical solution stable. In image pro-
cessing, the parameter 7 is chosen in the range of 0 < 7 < 1/4. Each scale ¢
represents one iteration of the numerical algorithm.

For the nonlinear anisotropic diffusion, the spatial derivative V - (DVu) is
approximated by the discretized expression Au’

V- (DVu) ~ Au! | (12)

The expression Au! is represented by a mask that is function of the diffusion
tensor D [14, 16]

Ci j+1 + Cij bi-1,j + bij+1 bit1,j + bij41
Agjug ;= —’-J’z——’us,m = = Py g1 + — T 41,541

@i-1j +2a; ; + aiy15+Ci-1,5+2¢ i+ Ciq15
Qi ,+a,', Qa; 1'.+a.,. Efis +c"

SRSt Rl . < P = LI FYR

2 2 2

b'-i-l s+ b1

- 1 i 1,7 ui+1’j—1 - (12)
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Algorithm 1 Pseudocode for the anisotropic process
u = noisy image
fort=1to T do
Diff=0
compute J
compute A;, set A
compute 6
compute vy, va
compute D
fori=1to M do
for j=1to N do
compute A; ;
compute Dif f; ; = Dif fi j + A; ;
end for
end for
u=u+7-Diff
end for

The sequential iterative process to obtain the enhanced image u from the
noisy image, is shown in the Algorithm 1. The image in the scale ¢ is computed
from the data of the previous scale ¢ — 1 and then overwritten over the same
memory space, therefore only the images in ¢ and ¢t — 1 have to been stored in
the entire process. The images are updated in each scale.

3 Parallel implementation of the nonlinear diffusion
algorithm

The execution time of the anisotropic diffusion algorithm can be reduced by
through a parallel implementation on the GPU and the efficient handling of the
different types of memories. Parallelization of the complete diffusion process al-
gorithm is performed at the pixel level, exploiting the fine grain level parallelism
allowed by the GPU architecture. The CUDA programming model has been used
instead of other models to obtain the best performance in GPU applications [17).

A graphics processor consists of a set of multiprocessors, where each of these
has several cores that compute the same operation on different data, according
to the SPMD (Single Program, Multiple Data) model [18,19]. The work is dis-
tributed equally between the multiprocessors, in order to avoid overload or lack
of work on some multiprocessors.

The management of different types of GPU memories enables the possibility
to improve the algorithm performance. The global memory may be addressed
by all the active threads of the GPU, with the disadvantage that when many
threads need to access memory at the same time, some latency may arise that
limits the performance of the GPU. The texture, constant and shared memories
are on-chip memories, consequently, the access time for these memories is lower
than the global memory.
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Fig. 2. Functional subdivision of the memory of a GPU device.

To transfer data from the CPU to the GPU on-chip memories, is necessary to
transfer the data first to the GPU global memory and next to the corresponding
memory locations. Texture memory is used to accelerate data reading from global
memory, taking advantage of the two-dimensional image structure. Once written,
the contents of these memories may only be transferred to the corresponding
memory location of the actual processing unit, it is not possible for the processing
unit to update them directly from the multi-thread cores. Only the host may
instruct the GPU to transfer the contents of the global memory to the texture
memory of the GPU. The GPU architecture and the distribution of the GPU
memories into global, texture, constant and shared memories is shown in Fig. 2.

Synchronization points are added in the algorithm to prevent errors at the
thread level. According to the explicit scheme, the image u{";" is obtained directly
from u! ; and overwrites the image data on the global memory. In this process,
image data are always kept inside the GPU and texture memory is used to store
the images at time u“;l The gradient Vu, the eigenvectors v and vz, the
diffusion parameters );, Ao and the tensors J,D are calculated at the pixel level
using the local memory of each thread.

The texture memory is read-only, consequently, the result of the nonlinear
diffusion for each pixel, u“;l overwrites the value u . in the global memory. To
begin a new iteration, the CPU instructs to the GPU to update the texture
memory with the image data of the global memory.

Each function that is executed in parallel by the graphics processor is called
kernel. The main program is executed in the CPU, and calls two kernel functions.
Both kernels are two-dimensional, of size [N/blocks, N/blocks], where blocks is
the number of threads that can be executed by a block. Each thread computes



GPU implementation of diffusion for medical image enhancement 137

Algorithm 2 Pseudocode for the parallel anisotropic process
CPU memory allocation
GPU memory allocation
u = noisy image
MzxN = image size
copy u from CPU to GPU
fort=1toT do
kernell <<< (N/blocks, N/blocks), (blocks, blocks) >>> (u, D)
update D in texture memory
kernel2 <<< (N/blocks, N/blocks), (blocks, blocks) >>> (u, D)
update u in texture memory
copy u from GPU to CPU
free CPU memory
free GPU memory
end for
—global__ kernell (u,D)
{
z = blockldz.x * blockDim.z + threadldz.x
y = blockIdz.y * blockDim.y + threadldz.y
id=yxM+=2x
compute J
compute Aj, set Ay
compute &
compute vy, vy
compute D|id]
}
—global__ kernel2 (u,D)

{

z = blockldz.x * blockDim.z + threadldz.x
y = blockIdz.y » block Dim.y + threadldz.y
id=yxM+=z

compute Dif f

compute new ulid)

its identifier id, from their position in the kernel. The first kernel computes J,
A1, A2, 8, v1 and vs.

Each of these terms are stored in the local memory of the GPU. The diffusion
tensor D is calculated and stored in the global memory of the GPU, that is
linked to the texture memory. The CPU must indicate to the GPU to update
the diffusion tensors in texture memory from the global memory. The second
kernel function calculates the amount of diffusion Diff by reading the diffusion
tensors and the image in the previous iteration from the texture memory. The
new image is stored in global memory and then updated by the CPU for the
next iteration. The parallel implementation of the anisotropic diffusion process
is summarized in the Algorithm 2.
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4 Experimental Results

The parallel algorithm for the nonlinear anisotropic diffusion was tested in a
GPU with 336 cores (NVIDIA GeForce 460). All the calculations were made with
single precision floating point arithmetic. Two implementations of the nonlinear
anisotropic diffusion have been compared, through the computation of Eq. (10).
The first implementation makes use of the global memory of the GPU, and the
second uses the texture memory. In both cases, the execution time was measured
using the GPU timer. The time measured includes the execution of the CPU and
the GPU functions for the diffusion computation until the diffusion stopping
time T is reached, it also includes the time spent in data transfers between
both architectures, the texture memory allocation and memory updates. The
experiment was conducted over 181 synthetic MRI images of 181 x 217 pixels
with 8 bits per pixel [20]. Noise added into the process of image capture is
modelled by a Gaussian distribution with zero mean and variance o = 0.002.
The diffusivity function g used in the experiment is [12]

1
L+ (A

where K is a contrast parameter which controls the amount of diffusion the
function exerts. '

9(Vu) =

(13)

Table 1. Average execution time in msec for the nonlinear anisotropic diffusion algo-
rithm.

t 1 2 3 4 5
Topu  29.20 42.20 55.80 64.90 77.70
Tyt 0.84 0.95 1.15 1.38 1.59
T... 036 0.53 0.71 0.89 1.07
Tytobat/Ttez 2.35 1.77 1.63 1.56 1.49
Tepu [Tee= 20.33 19.79 19.73 18.33 18.24

The average execution time of the algorithm implemented in the CPU and
in the GPU is shown in Table 1. The term T¢py identifies the execution time
in a CPU, Tyopa denotes the global memory approach in the GPU, and T;.,
identifies the case of texture memory in the GPU. A total of ¢ = 5 Gaussian
scales were used. If more scales are used the error grows rapidly and the image
becomes indistinguishable. A gain of up to 20 times in the algorithm execution
time was achieved using the GPU architecture with the memory optimization,
compared against the CPU implementation. In the GPU, the implementation
with the memory optimization is 1.6 times faster than the implementation using
global memory. A more detailed comparison between the CPU and the GPU is
presented in [10], they use as metrics: execution time, occupancy and FLOPS.

The evolution of the nonlinear anisotropic diffusion process on an image
for different scales is shown in Fig. 3, using the edge enhancing approach. It
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Fig. 3. Nonlinear anisotropic diffusion process evolution. (a) Noiseless image, (b) Noisy
image. Diffusion (c) t =2, (d) t =5, (e) t =10, (f) t = 20

is possible to see the smoothing effect of the diffusion filter and the gradual
decreasing of noise in the images. If T >> 0, an undesirable effect is generated
in the image edges, because of the extreme diffusion that is applied to those
areas. The diffusion parameters are 7 = 0.25 and K = 20.

The quality of the enhanced image is measured by the mean squared error
(MSE), which is given by

M-1N-1

N Z Z Yig — '.J')z’- (14)

i=0 j=0

M.S’E—

where M x N is the image size, u® and u! are the original and enhanced images.
The MSE error behavior of the anisotropic diffusion for values of the contrast
parameter K, from K = 0 to 100 was calculated for the image of Fig. 3. The low-
est MSE obtained is achieved with K = 43 and ¢t = 4, which is MSE = 27.33.
The error is reduced in the edges, improving the visualization of the image. The
skull area keeps details through the diffusion scales, but the area inside the brain
is smoothed after several diffusion scales. The test image is shown in Fig. 3b. We
have found experimentally that the MSE error always has only one minimum.
The error measurement is performed to optimize the diffusion parameters that
produce the lowest error. The M SE calculation is performed by reading the pixel
values from the texture memory and saving partial summations on GPU shared
memory, combined with a reduction algorithm [19,21]. The operation u® — t*
is computed in parallel by the GPU and the summations of the difference are
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Fig. 4. First step of the reduction algorithm

stored in the shared memory of the corresponding multiprocessor. When all the
summations are stored, these are used to compute the total error, which finally
is transferred to the CPU. The summation is performed in parallel through the
reduction algorithm, which allows to calculate the sum of the error with a re-
duced number of iterations. The error array is split in 2, and the elements i and
i + N/2 are summed, where 7 is the element position, and N is the size array.
When the calculation of a partial sum is completed, the array is split in 2 again
and the summation is performed again. The algorithm continues until there is
just one element, with the value of the sum of all elements. The first step of the
reduction algorithm, with an array of 256 elements is shown in Fig. 4.

4.1 Fast search method to optimize the diffusion parameters

To optimize the diffusion parameters, an exhaustive search of the whole space
should provide the answer. However, this method is computationally intensive.
In order to reduce the computational load generated by the exhaustive search,
a fast search method is implemented, which is a variant of the three-step search
method [22]. The algorithm consists in dividing the search space in 4 regions of
the same size. The parameters that correspond to the locations of the centroids
of each region are evaluated. The region with the lower error is chosen to split in
the next iteration. The algorithm continues until a certain number of iterations
is reached. This method has the advantage of reducing the computational cost
of the search method, when the search space is very large. However, as with any
optimization method that approximates the solution, the parameters not always
match the real minimum with the approximate one. ‘ '

Table 2. Minimum MSE found by the exhaustive and fast search algorithm.

Image MSEgs MSErs MSEqi; (K,t)gs (K,t)rs
10 25.9229 25.9364 0.0134 (43,4) (45,5)
40 27.3342 27.3367 0.0025 (43,4) (41,5)
70 28.1007 28.1033 0.0026 (43,4) (41,5)
100 27.0664 27.1540 0.0198 (43,4) (41,5)

130 26.8103 26.9351 0.1247 (41,4) (39,5)
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The fast search method was applied to five MRI images, T'1 weighted. The
image modality was chosen due to its high contrast. The minima M SE calculated
using the exhaustive and fast search method are defined by the M SEgg and the
MSEFps, respectively. The difference of the MSE between both methods is
MSEy;; < 1, which does not represent a significant difference in the resulting
images.

Table 2 shows the diffusion parameters and the error (M SE) that results from
applying the exhaustive and fast search method on a search space 1 < K < 100
and 1 < ¢ < 30. Furthermore, the diffusion parameters (K, t) localized with both
methods, for comparison.

Average execution time of exhaustive search algorithm Tgg and fast search
algorithm Trg is: Tps = 113.13 msec. and Trs = 31.19 msec, for 1 < K < 100
and 1 <t < 30 for 181 MRI images. Processing the complete set of 181 images
and calculating the error by using the fast search algorithm, a gain G = 3.62
of the execution time was achieved in the algorithm. For the search interval
proposed in the experiment, using the exhaustive search needs to perform 3000
iterations of the algorithm, whereas with the fast search algorithm with 140
iterations the minimum is reached.

5 Conclusions

It has been demonstrated that the use of the GPU in-chip memories significantly
decreases the processing time of anisotropic diffusion algorithm and error com-
putation, because the algorithm is naturally adapted to the GPU architecture.
Texture memory aim to fast read pixel values and shared memory is useful to
fast error calculation, through the parallel reduction algorithm. In the case of
medical image datasets, this reduction may lead to an improvement in the global
performance of the system. The error computation is performed totally in the
GPU, in a way to minimize the data transference between both architectures
and to improve the performance of the implementation.

A fast search of the parameters that minimize the M.SE in the enhancement
process was implemented. The results of the M SE obtained with the fast search
algorithm are very close to those obtained with the exhaustive search algorithm.
The differences are negligible.
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Abstract. This paper describes an application of pattern recognition by using
an artificial neural network (ANN) employing a resistive touch screen as input
method. The processing related to the ANN was implemented in a
TMS320C6713 DSP Starter Kit (DSK). Some results obtained in a DSK6713
shown that the proposed methodology is able to recognize among three dif-
ferent patterns drawn in a resistive touch panel.

Keywords: artificial neural network, patterns, Bayesian network, back prop-
agation, digital signal processor

1  Introduction

An artificial neural network is a system based on the operation of biological neural
networks, in other words, is an emulation of a biological neural system (Hilera-Gon-
zalez, 2000; Isasi and Galvan, 2004). A neural network has at least two physical com-
ponents, namely, the processing elements and the connections between them. The pro-
cessing elements are called neurons, and the connections between the neurons are
known as links. Every link has a weight parameter associated with it. Each neuron
receives stimulus from the neighboring neurons connected to it, processes the infor-
mation, and produces an output. Neurons that receive stimuli from outside the network

. —
Mireya Garcia-Vazquez, Grigori Sidorov, Sunil Kumar (Eds.). “q
Advances in computing science, control and communications. '
Research in Computing Science 60, 2014, pp. 143- 150
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(i.e., not from neurons of the network) are called input neurons. Neurons whose out-
puts are used externally are called output neurons. Neurons that receive stimuli from
other neurons and whose output is a stimulus for other neurons in the neural network
are known as hidden neurons. There are different ways in which the information can
be processed by a neuron, and different forms of connecting neurons to another one.
Different neural network structures can be constructed by using different processing
elements and by the specific manner in which they are connected (Bishop, 2006; Chen,
2010).

One of the main applications for artificial neural networks is to recognize among
different patterns (Goltsev, 2012; Jeong and Lee, 2012). In order to carry out this task
it is needed a processing tool according to the computational load.

Nowadays microcontrollers have a limited mathematical processing capacity (Ibra-
him, 2008; Tremberger et al., 2012), however, DSP’s were made specifically for signal
processing as its name means “Digital Signal Processor”. These were developed by
the U.S. semiconductor company Texas Instruments (TI), at present there are different

‘companies that have developed their own versions of DSP as Motorola, Analog De-
vices and others.

The main contribution of this work is to tackle the pattern recognition problem apply-
ing an artificial neural network where the implementation is carried out in a
TMS320C6713 DSP Starter Kit (DSK) employing a resistive touch screen as input
method. For simplicity, the proposed technique implemented in a DSK6713 is able to
recognize among three different patterns drawn in a resistive touch panel. The paper
presents an implementation of an artificial neural network in a digital signal processor
chip, for identification of the alphabet letters: A, M, and W. Although the processing
level of the DSK6713 far exceeds the requirements of this application, the process of
identifying patterns may contain, as future work, more challenging letters, for instance
E and F or M and N, and others symbols

Some DSPs have the advantage of execute different processes in parallel that is
why they can process much more information than other devices, so the applications
of DSP are very diverse as communications, motor control, image processing, voice
recognition, digital cameras or camcorders, MP3 players, high definition televisions
(HDTV), etc. (Lee et al., 2010; Madisetti, 2010; Yolacan, 2011). '

2 Problem statement and solution

The present paper describes the way we trained and applied an artificial neural net-
work in a DSK6713 in order to be able to recognize among three different patterns
drawn in a resistive touch panel.

A resistive touch screen were used for the acquisition of patterns, this screen has
five terminals, two for power supply, two for x-axis and y-axis selection, and an analog
output which is proportional to the pressed position. Subsequently, the analog output
is converted by a 4-bit ADC and interpreted by the DSK (see Fig. 1).
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The screen was discretized at a resolution of 9 x 9, which means, each pattern has a
total of 81 elements.

Touch XY
Screen

mwomr

DSK

ADC

4 bits

PUSHS
BUTTONS

Fig. 1 Block diagram of the proposed prototype

Within the DSK, each element pressed from the screen in a matrix form (XY) is
interpreted as 1 and introduced a vector of 81 elements, the rest of them are 0. This
vector is used as input to the ANN recognition stage.

Input / output peripherals of the DSK were used, LED’s to indicate that DSK is in
acquisition mode or to indicate the result of the pattern recognition and DIP switches
to select between the 2 stages of the process.

~ While pressing DIP switch 0 of DSK LEDO flashes, during this time the DSK is

receiving data from the ADC and touch screen in order to fill the input vector. When
DIP switch 3 is pressed ANN is implemented to this vector and the results are dis-
played by activating one of the remaining 3 LEDs, each of these refers to a pattern.

The implemented ANN is Bayesian type and it was trained by back-propagation
method (Fig. 2). It consists of 3 layers; the first layer (the input layer) has 81 inputs
and 81 neurons, which output feeds the second layer (the hidden layer) which consists
~ of 30 neurons, which output is the input for the last layer of 3 neurons (the output layer)

‘which gives us the result of the ANN as is shown in Fig. 3.

The training of the ANN was performed in MATLAB ®. For these three training
patterns (letters M, A and W), we have used three variants for each one, giving a total

of 9 training vectors. These training vectors are shown in a graphical representation in
Fig. 4. |
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Fig. 3. Graphic representation of a neuron.
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Fig. 4. Target vectors used for training.

For each pattern a target vector was defined, whose length is the number of neurons
in the output layer, see Table 1.

Table 1. Patterns and output layers

Pattern
Output layer ‘™M ‘A ‘W’
Neuron 1 1 0 0
Neuron 2 0 1
Neuron 3 0 0 1

As a validation method for the ANN, it was introduced into the ANN the same
training vectors previously described in Fig. 4. The results obtained from the validation
-are the expected one in each case.

Pattern ‘M’ outputs

1.0000
- 0.0000
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0.0000

Pattern ‘A’ outputs

0.0000
1.0000
0.0000

Pattern “W’ outputs

0.0000
0.0000
1.0000

In this way we tested that the ANN responds appropriately to the training vectors.

3 Results

In order to demonstrate that the current project is working in a proper manner,
around 100 different testing patterns were tested; these patterns and there results were
stored in the DSK in order to be analyzed later. Figure 5 depicts the experimental
platform.

The results were satisfactory in 96% of cases, since the patterns drawn on the touch
screen were properly detected. Twelve of these patterns are shown in Table 2.

The results in Table 2 show the values of the output layer of the ANN, which means
that the closer to 1, the output of neuron 1 pattern is identified by the network as an
‘M’ and so on. This is evident if compared with the target vector.

According to the tests the best identified pattern is the ‘W’ followed by ‘A’ and
finally the pattern ‘M’. Although some trials have values in the other two neurons,
these are insignificant because they do not affect to the result.
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Fig. 5. Experimental implementation of the proposed prototype.

Table 2. Test Patterns.

Pattern 1 Pattern 2 Pattern 3
Neuron 1 0.9999 0.0116 0.0000
Neuron 2 0.0000 0.9357 0.0000
Neuron 3 0.0000 0.0000 1.0000

Pattern4 Pattern 5 Pattern 6
Neuron1 1.0000 0.0000 0.0002
Neuron2 | 0.0000 0.9960 -ﬂ. 0.0000
Neuron 3 0.0000 0.0000 0.9986

Pattern 7 Pattern 8 Pattern 9 .
Neuron1 0.9951 0.0000 0.0000
Neuron2 | 0.0000 1.0000 h 0.0000 h
Neuron 3 0.0000 0.0000 1.0000

Pattern 10 Pattern 11 Pattern 12
Neuron 1 0.9982 0.0000 0.0000
Neuron 2 0.0001 0.9999% 0.0000
Neuron 3 0.0000 0.0000 1.0000
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4 Conclusion

Based on the performed tests, it can be determined that the system is able to suc-
cessfully distinguish among the three patterns, even if the pattern has significant
changes. Considering that the processing level of the DSK used far exceeds the re-
quirements of this application, the process of identifying patterns may contain, as fu-
ture work, all letters of the alphabet and others symbols, it also would be possible to
increase the screen resolution for more detailed patterns.
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Abstract. In this paper, two different architectures of artificial neural
network (ANN) for the classification of blinking and arm pain caused by
an external agent are used. The electroencephalographic (EEG) dataset
is obtained from 20 people in the range of 23 to 30 years of age using a
Brain Computer Interface (BCI), it is divided into a batch of necessary

pat'terns to train and test the ANN. Experimental results using different
training algorithms are shown.

Key words: EEG, BCI, ANN, FFT, Arm Pain, Blink, Adaptation Al-
gorithm, MLP

1 Introduction

The human brain is a complex network of synaptic connections between neurons,
which generate the electric impulses necessaries to develop human functions like
movements, communication, language, feelings, memory, reasoning, etc.; these
functions are represented by EEG signals [1]. Since Human Computer Interface
(HCT) technology has allowed to read EEG signals in humans, it was thought for
interpreting and using them as communication channels with auxiliary devices
that can help people with mental and physical problems [7].

EEG signals are read and interpreted by a BCI system; these electrical sig-
nals are produced by the different stimulus as physical action (motion) or mental
status as feeling, imagination, memory, etc. Using BCI devices have many ap-
plications in robotic prostheses, pattern recognition, studies of pathologies such
as epilepsy, Alzheimer, Parkinson, etc. -

"This paper presents a methodology to classify EEG signals using a multilayer
perceptron (MLP) trained with the backpropagation algorithm, to find patterns
produced by different external stimulus, specifically muscle pain and eye blink-
ing. It is organized as follows: In Section II, the Backpropagation algorithm is
explained as a method of ANN training as well as an EEG overview for under-
standing how signals are interpreted and manipulated. Section III deals with the
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problem formulation, here the process used for implementing EEG Signal Pro-
cessing and Classification is shown. In Section IV the methodology to present
training patterns to the ANN is explained. In Section V and Section VI, the
analysis of results and conclusions are shown, respectively.

2 Artificial Neural Network Overview

An Artificial Neural Network (ANN) is an assembly of interconnected and hi-
erarchical organized simple processing elements; its functionality is inspired by
the biological nervous system. The processing ability of the network is contained
in the strength of the interconnection (weights) of its units, which is obtained
through a process of adaptation of its parameters; the idea is to learn a set of
patterns, which are the training examples [18] [20]. An ANN is a machine learn-
ing method inspired in how the brain works to solve any kind of problems hy
the association of neural information.

Vector describing
state of the
environment

. | Environment

Error signal

Fig. 1. Model representation of supervised mode training. This ﬁgure.shows the dif-
ferent elements that conform this learning process.

2.1 Backpropagation Algorithm

This algorithm is a method of ANN training; it basically consists in using an
error signal calculated by the difference between the actual y;(n) and desired
output d;(n) of the network to correct the weights, in this algorithm the error
is retropropagated from the output to the input then an optimization algorithm
modifies the weights with the aim to reduce the error ej(n) at the individ-
ual neurons, hence the global output error called Mean Squared Error (MSE),
the training finished when the MSE is less than the convergence error &g, see



Muscle Pain and Blink Classification using a Brain Computer Interface 153

Algorithm 1. Once trained the network, it has the ability to focus on the char-
acteristics of an arbitrary input that resembles other previously seen, regardless
any noise signals affecting the patterns [17].

The Backpropagation Algorithm could be used in two modes of training;
supervised and non-supervised mode, respectively. The first one is defined as
a type of network learning with a teacher, which is the expert problem solver,
the knowledge is provided by tagged pairs of inputs and outputs to achieve the
training, see Fig. 1. In the non-supervised mode, the ANN learns with no teacher,
in this mode, there are no tagged examples of a function to be learn [18] [17].

The experiments shown in this paper were achieved using the supervised
training mode; so, the teacher presents to the network the training dataset. In

Algorithm 1, the pseudocode for implementing the Backpropagation Algorithm
is shown [17].

Algorithm 1 Backpropagation Algorithm

1: procedure BACKPROPAGATION(pattern,mazepoch,eo,Target) >
€0 :=coOnvergency error

2 while |[MSE < g| do

3 repeat

4: Calculate for each node

5: wji = dj(n) + y;(n)

6: MSE(n) =13, | ej(n) |2

7 wji(n +1) := d;j(n + 1) + y;(n + 1)
8: MSE(n+1):=3Y, |ej(n+1) [*
9: epoch := epoch + 1

10: until mazepoch || eo achieved

11: end while

12: return y

13: end procedure

2.2 EEG Overview

The technique of electroencephalography (EEG) is used to analyze the brain
activity, which is manifested in electric waves. To accomplish EEG technique,
an array of electrodes are placed on the scalp over multiple areas of the brain to
detect and record the patterns of electrical activity. The electrodes are placed on
the scalp according to the international 10-20 system of electrode position [10].

It is important to know that the brain is divided by sections, two hemispheres
(left and right) and four lobules (frontal, parietal, temporal and occipital), where
each section is related to specific sections of the human body. For example, to
analyze a stimulus on the left side of the body the right hemisphere has to be
analyzed, and viceversa. The scheme of a BCI presented in the Fig. 2 is divided
into three main sections: In the first section, the electric activity generated by
the brain as well as the interface to acquire the activity is shown. In the second
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Signal Processing

Pre-Processing

Signal AcquisiﬁonH mm%mm Flﬂg

_ - 1 |
| rTeaming Algorthm ] :
: — 1,
[ —— I
BCI SYSTEM

Fig. 2. Scheme of a Brain Computer Interface (BCI) system

section, the signal-processing block is in charge of conditioning and manipulating
data using methods as correlation, Artificial Neural Networks, ANFIS, etc., to
accomplish a task. The third section consists in the application, here a variety
of algorithms can be implemented, for example, wheel chair control by mind,
health assistant, rehabilitation, epilepsy detection, mind control of a prosthesis
7] (12 [8] [15]- |

The brain activity has specific characteristics like time, frequency, amplitude,
magnitude and kurtosis; some of them can be analyzed in time or frequency

domain.

3 Problem Formulation

The experimental platform of Fig. 3 shows the modules used to process EEG
signals; it is a flexible system based on the described block diagram shown in
Fig. 2 that supports the process of research and development.

Signal Processing

© | e = e

r
: |
P (- g t ” .
=D g g AN
: :
: E EEGLAB Dataset E L
EEG Data Acquisition ! Feature Extraction ! P

ANN Classification

Fig. 3. EEG Signal Processing and Classification using a BCI system.

In the first section of Fig. 3, the EEG Data is acquired by the EPOC Neu-
roheadset and is transmitted using wireless communication. Once the data has
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been received by the computer system, it is recorded for postprocessing, then
using a Feature Extraction method some aspects of the signal like, amplitude,
time duration, form, magnitude, frequency bands, etc., are determined, to accom-
plish this EEGlab and Excel are used. The EEGlab is an open-source toolbox for
Matlab, which is used to study the offline EEG data already recorded; this soft-
ware package has different properties for analyzing dipole sources, Independent
Component Analysis (ICA), Fast Fourier Transform (FFT), Wavelet Transform,
etc. The EEGlab software can read samples from EPOC Neuroheadser and save
- them in Excel format. Then, the dataset is divided in patterns that are used for
training and testing the Neural Network [21].

4 Proposed Methodology

Once the data has been processed, the next step is to select patterns based on a
teacher heuristic. All EEG signals are divided in patterns to build the batch of
patterns used as input of the ANN. Fig. 4 illustrates how the batch of patterns
feed the ANN.

P
PP Py S(n)
S(-1) 5
dERIN8E-
Sn-K) :
P=[D|.Pz.. |n]
......... f S noSESn- o S-b) )
F Single Training Patam.

Fig. 4. The EEG signals are sampled using the EPOC neuroheadset; a time series is
divided into lots of training patterns P, each pattern consists of multiple data streams
that will serve either to train the network, or to verify the training.

Each pattern contains a number of samples to train and test the ANN; the
number of samples for each pattern depends on the stimulus that required to be
classified. In Algorithm 2, the pseudocode for EEG signal processing is shown.

4.1 Muscle Pain Classification

The first stimulus to classify is the pain induced by an external agent [4] [14],
this stimulus is induced by a prick in the right arm; the subject must be in a
relaxed status for two minutes approximately, and then, the pain is induced [6].
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Algorithm 2 EEG Signal Processing general method proposal

1: Initialize variables

2: Select electrodes to be analyzed

3: Create Inputelectrode matrix from EEG readings b If it is necessary, apply FFT

to Inputelectrode matrix

4: Normalize Inputelectrode matrix already changed

5: Select TRAINDATA, TARGET and TESTDATA to train ANN

6: while Any data be minor than size of train dataset do > Training Data
7-

8

TRAINDATA accumulate pattern for each iteration
: end while
9: while Any data be minor than size of test dataset do > Testing Data
10: TRAINDATA accumulate pattern for each iteration
11: end while |

12: Define ANN TARGET > Depending activation function
13: Define ERROR, MAXEPOCH > ANN training parameters
14: Train ANN ‘

15: Test ANN

The EEG signal obtained after the prick is the most important information used
for training and testing the ANN [5]. Fig. 5 explains the expenmenta.l process
of pain activity classification.

Exemal Simulus Am Pain

1

o r&quoncybomaﬁ\

m Mvmm

»,
7, e
ne .
i1

'. .

J

a=Wp «b)

ANN Classification

Fig.5. Scheme for implementing EEG signal processing and classification of muscle
pain.

It is worthwhile to mention that the pain cannot be appreciated in the time
domain; therefore, the signal has to be converted to frequency domain using the
Fast Fourier Transform, then a filter is applied to eliminate noise in the signal.
All the experiments were saved in an Excel Table (dataset); it was divided into
two sets; one set is used to train the ANN, and the second set for testing it,
which is important for proving the network knowledge generalization capability.
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4.2 Eye Blinking Classification

Fig. 6 shows the experimental process to achieve the eye blinking classification;
although, it is considered an artifact, it is important to take care of it because
this artifact is present in the whole EEG encephalographic readings. Blinking
is a natural body movement that helps to maintain the eyes wet and protected
from external elements [16] [11].

Blinking

TimeDomain

Input Newren w Vacwr npu
fr—

N
Action :’j %_.m_,_‘
’:. . .l.
| S W
— awfWp «b)
Eye oparied ANN Classification
' Vil \_\,
( at? |
Eye closed

Fig. 6. Implementing eye blinking signal processing and classification.

As it is seen in Fig. 6 each time the eyelid changes from open to close, an
increment of amplitude in microvolts appears in the readings, this data can be
~ used to generate the dataset for the ANN [9].

It is important to achieve a proficient identification and classification of eye
blinking for a good management of EEG signals, because it may affect the anal-
ysis of other EEG stimulus classifications [16].

5 Experimental Results

Two cases of study for the classification of EEG signals are presented using ANN
multilayer perceptron type with hyperbolic tangent activation functions, it was
trained in supervised mode with the backpropagation algorithm. For training,
a +1 value is assigned to a valid stimulus, and -1 for a non-valid stimulus. In
the operation mode, the ANN returns values between 1 and -1, to make the
classification possible a threshold of +0.9 is applied, hence any value equals or
. over the threshold is considered a valid stimulus, otherwise it is a non-valid
stimulus.

The first case shown in Fig. 5 consists in identifying muscle pain induced by
an external agent. The second case is to identify the blink of both eyes as it is
shown in Fig. 6; although the blink signals are not true encephalographic signals,
they are artifacts and their study is considered important, because they interfere
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with the EEG results and their interpretation. In all the conducted experiments
in this work, the scheme shown in Fig. 3 was used.

The adaptive algorithms have the purpose to accelerate the convergence of
the error for neural network by optimizing the weights in the learning process. In
this research, the adaptive algorithms shown in Table 1 were used to investigate
which one have the best characteristics in this kind of classification.

Table 1. Adaptive algorithms used for experiments.

AcronymIAdaptive algorithm

LM Levenberg Marquardt
0SS One Step Secant

BFGS [BFGS Quasi-Newton

RP Resilient Backpropagation
GD Gradient Descent

The ANN architectures used for both experiments are summarized in Ta-
ble 2. To establish a benchmark to compare different adaptive algorithms, a
convergence error of le~3 was established. Fig. 4 illustrates in general terms,
how the different training patterns were generated and used in batch mode. To
perform the experiments, a computer with a processor 17 2. 67Ghz 920A, W1th

6GB of RAM and OS Windows 7 of 64 bits was used.

ﬁble 2. ANN architectures for external stimulus classification.

Stimulus |ANN Architectures
Blinking (both eyes) 120:20:10:5:1
Pain (right arm) 1280:20:10:5:1

Table 3 shows some parameters about training ANN for the pain arm stimu-
lus. The LM algorithm has the best qualities for training and testing (i.e. knowl-
edge generalization), 99.7% and 98.8%, respectively; moreover, it is the fastest
algorithm in the training mode, it last a meantime of 1167 seconds.

Table 4 shows statistical values of time about training ANN for blinking.
The RP last a meantime of 0.50 seconds, which means that RP was the fastest
algorithm to train the blinking patterns. Also, the best rate of classification was
obtained with this algorithm, for the training patterns a 99.5% of successful was
achieved, and 96.4% for the test pattern.
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Table 3. Statistical results of ANN training to classify pain in the right arm. Different
adaptive learning algorithms were used.

Adaptive learning| Mean Min Max| Desv.| Mean
algorithm time(sec)|time(sec) |time(sec)|Std(sec)|epochs
LM 1167.00| 420.00| 2700.00| 468.53| 33344
OSS 1864.43| 840.00( 5687.00| 1012.52( 36462
BFGS 1403.60, 600.00{ 4140.00| 706.33| 33677
RP 1568.00( 840.00| 4800.00{ 771.39| 48982
GD 1290.00| 720.00| 4140.00( 728.87| 39677

Table 4. Statistical results of ANN training to classify eye blinking. Different adaptive
learning algorithms were used.

Adaptive learningl Mean Min Max| Desv.| Mean
algorithm time(sec) |time(sec)|time(sec) |Std(sec) [epochs
LM 9.43 2.00 28.00 5.89 11
0SS 0.83 0.49 1.70| 0.26 27
BFGS 145.97)  59.00{ 269.00| 60.32 18
RP 050, 036 279 043 27
GD 22.43| 10.00f 55.00] 10.20] 3825

Table 5. Classification results for the blinking activity using the training and testing-
data. The values express the percentage of true classification.

Learning |Train|Test
algorithm| data |data

LM 98.7 193.5
0SS 99.3 194.1
BFGS 99.3 193.0
RP 99.5 [96.4
GD 99.7 (88.8

. Table 6. Classification results for the right arm pain using the fraining and testing
data The values express the percentage of true classification.

Learning |Train|Test
algorithm| data |data

LM 99.7 196.9
0SS 96.6 195.4
BFGS 97.4 193.1
RP 95.3 |93.0
GD 98.7 196.8
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6 Conclusions and Future Work

It is known that the use of ANNs is a powerful and efficient tool to classify EEG
signals; however, there is not enough research works focused to pain detection
caused by external agents; this work provides valuable information in this field.
In addition, eye blinking signals classification has been included because at the
present, it is well known its precise classification importance to improve EEG
interpretation.

Several experiments with different learning algorithms for a multilayer per-
ceptron type ANN were achieved. In all the experiments, we used a dataset
consisting of 60 patterns of each person; 30 of them were used for training, and
the rest for testing the network; a total of 20 people in the range of 23 to 30
years of age were used to complete the whole dataset.

The muscle pain classification experiments were performed by inducing pain
with a needle in the right arm of a person. Statistical results demonstrate that
the LM algorithm performs better than the others shown in Table 3, with this
algorithm once trained the network, we obtain a 99.7% of reliability classifying
the training dataset, and 96.9% using the test dataset which is fine because the
patterns in the test set are unknown for the ANN. It is worth mentionion that
the LM proved to be the fasted algorithm for training.

For eye blinking classification, the GD was the better recognizing the training
patterns but the less reliable with the test pattern. The RP is almost as good as
the GD recognizing training patterns, and it is the most reliable classifying the
test patterns; with the RP, a reliability percentage of 99.5% with the training
patterns and 96.4% of reliability with the test patterns was obtained.

With respect to the statistical results, hence the reliability percentages, it is
important to mention that a 0.9 recognition umbral was used; therefore, these
results might be improved by reducing the umbral value.
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Abstract. Few years has passed since Rosalind W. Picard founded in 1997, the
MIT Research Group Affective Computing. Since then a large number of devel-
opments aimed at improve the relationship between humans and computers has
been done. Following Picard ideas, the outline of a emotional rules based model
are presented in this paper, this model arises as the result of analyze theoretical
emotion models, EEG pattern recognition and its possible application in com-
putational models. The base idea are simple, develop a rule based model based
on emotions, able to interact with human emotional states and take decisions
based on them, in order to reduce the burden generated in the interaction between
human-machine interfaces. As part of this research an emotion recognition based
EEG analysis are presented, as well as the necessary rules to generate associated
interpretations for the bio-signal analysis. A multidisciplinary effort of several re-
search fields were required to create this model, such as neurology, digital signal
processing, artificial intelligence, physiology, psychology and behavior analysis;
Just to provide the references and the emotional interpretation to create a incen-
tive model, capable to interpreted and execute a process modeled under the user
perception.

Keywords: Affective computing, EEG analysis, Emotional ruled systems

1 Introduction'

On the last decade brain computer interfaces (BCI) research has been increase dramat-
ically, mainly due the ever-increasing development in the computational and sensors
technologies [1][2]; Leading to a accelerated development in affective computing, in
order to satisfy one of its principal objectives, "create devices that allows a natural in-
teraction between humans and machines”, to reduce the burden in the human-machine
relationship. However each development in this area, involves as previously mentioned
a multidisciplinary effort and the brain electrical signatures analysis, has been emerged
mostly to analyze physiological disorders, such as epilepsy and sleep illness [3], how-
ever the implementation of this kind of analysis are wide diversified (i.e the analysis of
cognitive processes and motor imaginary processes in humans[4][5]). _

Another aspect that allows this kind of research, are the advances in technologies
to analyze the brain activity; Magnetic resonance imaging (MRI), functional MRI mag-
netic resonance imaging (fMRI), electroencephalography (EEG) are just a some of the
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techniques developed up to date, however the portability and cost still are an important
considerations to provide feasibility to a research and the viability of being applica-
ble; The low cost of implementations and its relatively easy implementations makes the
EEG, the best candidate to be implemented in the BCI’s. However a drawback of this
technique are the noisy information provide it by it, that requires robust techniques to
process and analyze the signals. The rest of the paper are arranged as follows, in section
2, the problems related of analyze emotions and behavior over biological signals are
discussed, section 3, specifies the proposed rules to create a feedback systems model,
section 4, describes the proposed methodology and topology, section 5, presents the
results and finally in section 6, the conclusion are presented.

2 Characterization

The EEG signals, used for this analysis were extracted from the DEAP data base [6],
which is up to our best knowledge, the most complete database related to physiological
signals recorded from emotional stimulus. DEAP contains the brain activity of thirty-
two persons from England and Switzerland, using the 10/20 electrode placement model,
L recording 40 different emotional states related to arousal-valence space model (AVS),
provided by exposition to a audio/visual stimuli associated to single emotion over one
minute for each trial, also the front video of the face for each person was recorded 2.
Each one of the stimulus, was selected by experts selection and a online ranking survey.

2.1 Wavelet analysis

Wavelets are a class of functions that are used to locate a particular function in both
space and scaling. A family of wavelets can be constructed from a function ¥(z) ,
sometimes known as a Mother wavelet , which is confined in a finite interval. Wavelets
Daughter (%) (z) are then formed by translation (b) and contraction (a), and wavelets
are especially useful for the compression of image data and capable of handling the
complex behavior of the EEG signals, by their properties that are superior to some con-
ventional Fourier transformation aspects, it has also shown good bio-signals behavior
characterization, since WT allows to obtain spatial temporal information being this fun-
damental on the biological signals processing. For this research, the feature extraction
was performed by WT?, One of the most convenient advantage of WT, is that the WT
kernel coefficients could be used as features to perform classification.
An individual wavelet can be defined by

@8 (@) = o] “YDy((z - b)/a). )

! Also contains the respiration rate, electrocardiogram, temperature, galvanic and myoelectric

- information as well as a relation of relevant information for each user

2 Each user completes a survey to verify the relationship between each real test results and
expected

3 Many authors reported good performance of WT in EEG signals analysis [7][8][9][10][11][12]
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In other way

Wy(f)(e ) =1/(Via) | " (¢ — b)/a)dt, ®

Unfortunately the selection of the best wavelet to implement, still are an exhaustive
search process, to select the appropriate for this research a comprehensive search and
trials has been performed, and the Daubechies 6, was selected as the best candidate
for this analysis due to the orthogonality and asymmetry properties of this family of
wavelets.

Rhythms In neurology the EEG bands of frequencies are known as rhythms 4, shown
in table 1, the analysis of behavior of this rhythms are fundamental for the emotional
process analysis, due that previous analysis denotes that each rhythm are associated to
a natural behavior or specific task °[14][13].

Table 1. Brain Rhythms

Brain Rhythms
Delta 0.1to4 Hz
Theta 4to8 Hz
Alpha 8to12 Hz
Mu 8tol3Hz
Beta 12to 30 Hz
Gamma 25 to 100 Hz

A four level WT decomposition were performed to obtain individual rhythms anal-
ysis.

Filter and domain reduction The wavelet analysis could be generalized as a band-
pass filter, perform a wavelet decomposition of the signal on the desired coefficient of
contraction and this feature can also be used as domain reduction, and the complemen-
tary filters could be smted for the rhythms previously defined.

2.2 Brain bounded areas

In order to reduce the computational burden, a boundary model based on the Broadmann
areas was created, considering that each of these areas are related to a specific task, and
discrete regions are provided by the 10/20 model, a delimited area could be generated,
6 following the considerations shown as follow [13][14][15):

4 This term are more associated to music than engineering

3 Le., the mu rhythms are recently related to the motor process and the theta are related to
hlppocampal process.
§ With the intervention of an expert in neurology Dr. Carlos Francisco Romero Gaitén, emeritus
member of the Mexican Society of Neurology
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— Vision’ Primary areas : 18,19 ; Secondary areas: 20, 21 and 37.

- Audition® Primary areas : 41 ; Secondary areas: 22, 42.

— Body sensations: Primary areas : 1,2,3 ; Secondary areas: 5,7 ; Tertiary areas:
22,37,39 y 40. '

~ Motor system: Primary areas : 4,6,8,44 ; Secondary areas: 9,10,11,45,46,47.

Also most of the literature refers to the limbic system as one the main brain regions
related to the emotional process, taking all of this in considerations the occipital, tem-

poral and parietal regions electrodes are associated to create a bounded model as shown
in figure 1.

Fig. 1. Emotion regions bounded as an arc model for the 10/20 model.

3 Incentive rule based system

An emotional rule based model, denominated Emotional Incentive Model (EIM) is a
proposal of this paper, the implementation of this model to interact with systems that
recognize and classify an emotional process in a humans are the main goal of it. Also
as a model capable of interfacing BCI and systems, providing feedback through a set of
rules interacting with the extracted emotional status at real time °.

Six rules have been generated to this model shown in table 2, this rules are based
on the six basic emotions associated to the human survival process[18][19] [16] [17]

7 As a Audio -visual characterization the visual area activated have to be considered.

® As a Audio -visual characterization the audition areas activated have to be considered.

? Le A prosthesis capable to explore new configurations to avoid or reduce the stress and frus-
tration from it user by increasing or decreasing torque or tracing new trajectories, based on the
information provided by the emotion recognition system, will take into account the comfort
level of the person beyond the interaction models previously created with a general purpose
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[20][21]. The fundamentals from this EIM are taken from traditional notions of emo-
tions and most accepted theories, where emotions are discretized in several ways by
different authors as the six basic emotions proposed by Ekman and Friesen [22] and
tree structure of emotions proposed by Parrot [23], however hard tags as such are not
adequate to define the strength of an emotion considering that emotions are a contin-
uous phenomena rather than discrete, so a dimensional emotion scales models most
be considered, such as Plutchiks emotion wheel[18] and the valence-arousal scale by
Russell [24] .

Table 2. Emotion based rules

Emotions
Joy As incentive to continue a process.
Fear As incentive to prioritize a process.
Surprise As incentive for good results performing a new process.
Sadness As incentive to explore new ways to perform a process.
Disgust As incentive to stop actual process and explore new process.
Anger Force to stop a process.

As previous mentioned one of the main goals of affective computing systems, are
focused on reducing the burden that is generated in the interaction between humans and
machines; And this model aims to increase the efficiency of a system, based on the men-
tal states considerations directly from the user '° perception, see figure 2. [25][26][27].

' v

Emotional Rule based
wy . s . . FeEd baCked
Recognition decision
System
system system

A A

ﬂg. 2. Emotion Incentive Model applied to feed backed models.

In figure 2, the basic steps of the proposed model are illustrated:
EIM Basic procedures

Step 0: Standby, waiting for Actuator System (AS) start up.
Step 1: AS process start. o
step 2: Rule based decision system start.

1° The perception of the performance by the user, independently of the optimal model that could
be determined ‘
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Step 3: Emotional status monitor start.
Step 4: Consistent emotion detected.
Step 4: Incentive updated.

Step 5: Feedback AS.

Step 6: Process updated.

Step 7: Go to Step 0.

Also the implementation of all the elements to sensing and acting !, are as substantiated
as affective wearables.

4 Methodology

The implementation of this model are based on the actual performance on the emotional
detection systems, which are between 70 and 85% based of our own results and several
consulted literature, as shown in table 3.

Pre-processing stage A band pass filter between 0.5 and 47 Hz was applied to the
raw signals and a Laplacean filter were applied to reduce the artifacts contained on the
signals as on[7)].

Feature extraction Daubechies 6, Discrete Wavelet transform(DWT) are applied to
obtain the level 4 decomposition coefficients, that would be implemented on a neuronal
network pattern recognition task.

Inputs Only 15 of the 21 electrodes where selected to perform the analysis as described
on section 2, (OP3,0P4,PT8,PT7,PF7,TF8,T7,T8,FC5,FC6,FpS5,Fp6) and the relation
ship of each emotions separation where made by a arousal and valence model as on

figure 3, whit non negative values and uniformly distributed emotions!? as high or low
statements:

-~ HA/HV:High Arousal and High Valence.
~ HA/LV:High Arousal and Low Valence.

- LA/HV:Low Arousal and High Valence.

— LA/LV:Low Arousal and Low Valence.

Each experiment consists of the sum of 15 electrodes model, three uncorrelated emotion
from 32 users in order to avoid the trivial case, this means that independent samples are
taken for training and not just the average of all users to explore the generalization of the
results. Then the process are evaluated with other set of emotions, tagged to a different
set of classes as in figure 3, and two architectures were tested for each of them.!?.

'" Any sensor attached to a person could affect its normal behavior [2]

2 Emotions selected from the Ekman model.

** Scaled conjugated gradient and back propagation network whit two layers and 10-fold cross
validations. -
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Fig. 3. Emotion selection by a AVS model and Ekman emotion distribution

: 10-fold cross-validation was performed to evaluate the mean performance of the

analysis and identify the average behavior of classifiers test, shown in the figure 4 and
in the figure 5, the average of each cross validations are presented. Other configurations
were also monitored with similar results, as shown in Figure 4. A 70-30% configuration
were implemented as training configurations !4

Fig. 4. 10 fold cross validations performance

The results of the recognition task provided by the EIM, are then carry out to the
process described in section 3, and improve the user experience while they are interact-
ing with an external system.

¥ Also the exploration of different configurations as 60-30 and 50-50 were made if, however
70/30 shows the better performance. :
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Fig. 5. Mean 10 fold cross validations performance for two temporal analysis (2 of 6).

S Results

Our group !5 are currently developing the affective wearables, to implement this model -
16, however the task of emotion recognition are getting some good results as shown

in the table 3, where the behavior of the application model from the defined area is

presented.

Our initial data generate an overall behavior of 80% recognition rate, on four emo-
tions (anger, sadness, happiness, disgust). This rate could be increased by using more
robust pre-processing technique like DTC-WT (Dual tree Complex Wavelet transform)
or MNF (maximum noise fraction) techniques, however as a first approach the pro-
posed model here provides interesting results, because even that each of the trails in-
cludes 1440 EEG signals mixed from 32 persons, the average of classification are very
competitive, see table 3.

A different trial, are shown in the figure 6, a total of 32 persons where involved on a
single analysis with random selected characteristics, from the same four emotions; Then
were evaluated all the by a 85% training/test and 15% for validations. The two combi-
nations of temporal analysis, showing similar performance than most of the reported
recognition task table 3 .

. Table 3. Reported works and models

Autor Reported Classification rate (\%)

. Sun [25] 70-76

Lin [26] 69

Murugappan [7] 81*

Narajan [8] 91*

Yaacob [9] 93+
Daimi [5] 67-83 -

*Trivial cases (single emotion recognition)

15 Laborarotio de Computacién Afectiva (LabCAfe)
16 Myoelectric devices and signal acquisition systems.
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Fig. 6. Mean of 10 fold cross validations performance for two architectures

6 Conclusions

The implementation of systems that could interact with humans in a more natural way,
are today a more feasible idea with technological advances, like powerful mobile de-
vices and the reduction in the size of these, also the advances in smart computing en-
ables to solve a complex task, in a more reliable and flexible way, this means that the
need to explore new ways to apply the biological signals analysis are growing.

The emotion rule incentive introduced are a model that pretends interact with any
device as translator between computer and human. Note that the main contribution lies
in the EIM model, and the results that shows on its implementation versus the results
provided several other models that reports emotions recognition systems [28] [29] [30]
[31]. The proposed incentive rule based systems are one of the first approached models
generated to be included as a computational model, not as virtual agent. Also one of the
great challenges of these processes is that they lack generalizable data sources, but on
the other hand research of emotion recognition are a increasing field, and the combi-
nation of disciplines generates less complex models, that can perform up to acceptable
rates 7, to sustain the acquisition of rules directly from the human, to provide a natural
feedback which allows to a system adapt to its user and provide a better interaction.
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Abstract. In this paper a neurofuzzy identification scheme is designed for a flow
control equipment. The identification procedure includes data collect, Adaptive
Neuro Fuzzy Inference System (ANFIS) training and validation with data fresh.
ANFIS training is performed online using a Pseudo-Binary Random Signal
(PBRS) in order to obtain a neurofuzzy model. The feasibility of the proposed
neurofuzzy identification scheme is validated in real time.

Keywords: Neurofuzzy Identification, ANFIS, Flow.

-1 Introduction

Numerous advances in science have resulted in new research areas which are mod-
eled on natural behavior of human beings, one of these fields is called Artificial Intel-
ligence, which uses various techniques that mimic the processes of learning, reasoning
and making decisions produced in the brain, but applied and directed to objects or
systems and thereby provide intelligence. Although this is a relatively new field, since
its inception with the contributions of scientists as Lotfi A. Zadeh in 1965 and J. J.

- Hopfield in 1982 among others, artificial intelligence techniques have been the subject
of great interest and now smart devices or systems are in many cases replaces conven-
tional ( Ching Tai Lin & C. S. , 1986).

One of the problems for the implementation of automatic control systems is to ob-
tain a model that describes the system dynamics to be controlled. Usually this model
_is not available or is too complicated for design purposes. Therefore it is important to
have a simple model to work with him, but that includes the essential features of the

Mireya Garcia-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). "q
Advances in computing science, control and communications k -
Research in Computing Science 69, 2014, pp. 173- 181
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process (Chiasson & Bodson, 1993). Models using neurofuzzy systems are useful to es-
timate from experimental data where the nonlinearities are included. The ANFIS
model allows systems with high nonlinearity and time-invariant which combines the
concepts of neural networks and fuzzy logic to form an intelligent system that high-
lights the ability for adaptation and automatic learning.

2 Description of experimental equipment

The flow measurements have a great importance in the processes and are commonly
used for process control and accounting measures (turnover, import / export products),
so selecting the best technology has great implication. For example, flowmeters are
used to account products within the plant itself, with the outside. As for the process
control, flow measurement is essential to perform automatic control and to optimize
yields in production units applying material balances for this cause the flow to be
measured and controlled carefully (Smith y Corripio, 2010).

In Fig. 1, a block diagram of the interconnected elements used in this work is shown,
such as: A PWM voltage regulator module, centrifugal water pump, a flow sensor and
data acquisition card DAQ PCI6071E.

Water Pump
r
PWM Voltaje Regulator | Output Voltaje 0...21.6 Vdc |
| Output Voltaje 0...21.6 Vdc | ™ | Flow sensor 1200 Hz=9Umin |
2 ! +
¥ ,w Module converter of FIV
| Input Voltaje 0...10 Vde L & - 1000 Hz = 10 Vdc
- y § [ input Voltaje 0...10 Vdc |
_ J

10 Vdc = 7.5L/min

DAQPCI 6071E
National Instruments

Mathab - Simudink

Fig. 1. Block diagram of the connection for flow regulating equipment.
This connection is made to obtain input-output data signals for process.

The pump used in this paper is a centrifugal pump brand Johnson CM30P7-1 model
part number 10-24503-04 operates with a 24 Vdc and provides a maximum flow rate
of 5 I/min., The module PWM controllcr brand Kaleja model D-73553 is a DC-DC
used to control the voltage applied to the pump drive.

In Fig 2 the flow sensor (IR Opflow Type 2) is shown.



Fig 2. flow sensor (IR Opflow Type 2).

Its measurement range is 0.3-9.0 1 / min and the frequency range of 40-1200 Hz
output, and a K factor of 8000 pulse/dm3, Equation 1 is deduced.

1200 Hz = 9l/min (1

The flow sensor has as output signal proportional to the amount of liters per minute
‘making it necessary to use a converter frequency to voltage frequency. By design in-
- verter v/f the maximum input frequency which can be applied to sensor is 1000 Hz by
providing at its output 10 Vdc, Equation 2.

1000 Hz = 10 Vdc (2)

Based on equation (1) and (2) the maximum flow that can be measured are:

91l/min

1009 Hr

= 7.51/min (3)

So that the following relationship is obtained:
10Vdc = 7.51/min 4)

The maximum voltage that the inverter will provide with a flow rate of 5 /min is:

10 Vdc
7.5 l/min

(5 I/min)

=6.66V (5)

because of this there is no risk of saturation of the sensor and converter.
Fig 3 shows the electrical connection diagram.
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Fig 3. Electrical connection diagram PWM drive module.

3  Data Acquisition

‘The first step in the identification process is to perform a kind of experiment in the
system studied, to collect input-output data are used to obtain the final model. To gen-
erate these data the experimental equipment is shown in Fig 4.

e,

Fig 4. Experimental equipment.

When working with real-time systems, the sampling time also depends on some
factors such as processing speed of data acquisition card and runtime model code, and
has a decisive influence on the identification experiment.

The selected sampling period is T = 0.01 seconds, the time of data acquisition for
this study was 300 seconds obtaining a total of 30000 data which were divided in
15000 for training and the remaining 15000 for neurofuzzy model validation.

Identification scheme used is series-parallel, which is shown in Fig. 5. The ecrror
e(k) obtained by the difference between the response of the plant and the identifier is
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used as a performance index in order to satisfy a set of input-output data in parameter
estimation process.

Y(k
P Plant (L
&
zt e(k
A
Y(k)
Identifier
> /

v

Fig 5. Series-Parallel Identification Scheme

In the data acquisition PRBS was used see Fig 6. For generation of the PRBS a 8
bits shift register with feedback to the first stage of the shift register is used by an
exclusive OR operation in the registers 2, 3, 4 and 8, for a period of the sequence of
255.

21 Lt o O Y | mi*rm 'rj’

Volts
>
—T 3

LA LA | Il
12 1 1 1 1 1
0 50 100 150 200 250 300
Time (sec)

Fig. 6. Pseudorandom binary sequence, signal voltage applied to the pump.

" ANFIS have not a recursive structure, past values of the inputs and outputs are used to
capture the dynamics plant (Saludes Rodil & J. Fuente, 2007). Previously obtained
data from voltage and flow can be used for training tool ANFIS EDIT using Matlab.

Fig. 7 shows the signal from the sensor (/min.).
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Fig. 7. Experimental data obtained for the sensor.

4  Obtaining model neurofuzzy

The purpose of training is to obtain an elevational tuning neurofuzzy adaptive model
adaptive advantage of artificial neural networks, seeking convergence near zero error,
this convergence ensures that the model and validate the neurofuzzy be compared to
the actual flow output team with the departure of the ANFIS network, the error be-

tween the two outputs is close to zero.

In complex systems, it is not always easy to determine the variables that can be used
as inputs model, however, through the analysis of dynamic systems is known that for
output system at any time t>to, it is necessary know the system at time t=t, and the
system input at time t>to. (Ogata, 1998). Based on this you can determine the inputs that
are necessary to perform the routine training ANFIS network of an arbitrary system.
In particular you can determine that the team dynamic flow control is completely char-
acterized by the knowledge of the applied variables voltage (V) is the system input and
flow rate (Q) is the system output. Thus the flow of equipment at any time t>to be
determined by the knowledge of both the flow and the voltage applied at time t=to, as
well as the flow for time t>to. In other words if you want to find the flow in an instant
k+1 is necessary to know the flow rate, applied voltage and k, (Ogata, Control Systems
- in Discrete Time, 1996). According to the above we can write:

Qk +1) = f(V(K), Q(K)) (6)
The flow rate Q at time k can be represented as:

Qk) = f(V(k —1),Q(k - 1)) ©)

- In the Toolbox ANFIS EDIT, the hybrid learning algorithm and fuzzy inference
system (Takagi-Sugeno) T-S 5 membership functions for the Gaussian bell input into
the layer 1, the hybrid learning algorithm and the consequent used T-S type fuzzy rules
in layer 4. In Fig. 8 the structure for ANFIS network is shown.



Fig. 8. Structure for neurofuzzy ANFIS Model.

In Fig. 9 neurofuzzy response model validation data is shown. It can be seen total
convergence between actual output data of the plant and the neurofuzzy model.
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| Fig. 9. Neurofuzzy model validation.
InFig. 10 the prediction error between the neurofuzzy model and the plant is shown.
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5 Real-time validation

For real-time validation a sinusoidal reference signal is applied. The flow signal and
estimated flow are shown in Fig. 11.
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Fig. 11. Flow signal and estimated flow in real time.

6 Conclusion

The proposed neurofuzzy identification scheme was validated in real time using a
flow control equipment. For process modeling is very useful to use the technique of
Neurofuzzy identification due to it gives very good much information about the sys-
tem. This technique is based on obtaining data directly from the computer through

Sensors.
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Abstract. This paper discusses the interest of hierarchical region-based
representations of images such as Binary Partition Trees (BPTs) and the
usefulness of graph cut to process them. BPTs can be considered as an
initial abstraction from the signal in which raw pixels are grouped by
similarity to form regions, which are hierarchically structured by inclu-
sion in a tree. They provide multiple resolutions of description and easy
access to subsets of regions. Their construction is often based on an iter-
ative region-merging algorithm. Once constructed, BPTs can be used for
many applications including filtering, segmentation, classification and
object detection. Many processing strategies consist in populating the
tree with features of interest for the application and in applying a specific
graph cut called pruning. Different graph cut approaches are discussed

and analyzed in the context of Polarimetric Synthetic Aperture Radar
(PolSAR) images.

Keywords: Binary Partition Tree, graph cut, pruning, PolSAR images,
super-pixel partition.

1 Introduction

Remote sensing technologies are currently undergoing an important evolution in
terms of the quality and the quantity of information that is acquired. Sensors
are able to capture data at an increasing resolution both in terms of spatial and
spectral resolutions. This wealth of information generates real challenges with
respect to signal processing tasks. One of the major issues is concerned with the
handling of the signal correlation.

The traditional pixel-based image representation is not the most appropriate
one to deal with the huge amount of information produced by high resolution
remote sensing sensors while being able to deal with the signal correlation. A
more appropriate representation should somehow group pixels of similar proper-
ties into elementary entities that should be easily handled and accessed. More-
over, the representation should be useful for different applications and therefore
describe the data at multiple resolutions.

Recently, the interest of Binary Partition Trees (BPTs) [9] has been inves-
tigated for remote sensing including SAR [2] and hyperspectral images [10].

Mireya Garcfa-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.).

Advances in computing science, control and communications. - ’q
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Fig. 1. Example of BPT (Top) and of pruning (Bottom).

BPTs are region-based representations in which pixels are grouped by similar-
ity. They provide multiple resolutions of description and easy access to subsets
of regions. Their construction is often based on an iterative region-merging al-
gorithm: starting from an initial partition, the pair of most similar neighboring
regions is iteratively merged until one region representing the entire image sup-
port is obtained. The BPT essentially stores the complete merging sequence in a
tree structure. Once constructed, BPTs can be used for a large number of tasks
including image filtering, object detection or classification [3].

The processing of BPT's often relies on a specific type of graph cut called
pruning. In this paper, we will formally define this notion and show how it can
be used to extract partitions from the tree. Then, several examples of useful
pruning are presented and analyzed in the context of PolSAR images.

The paper is organized as follows: Sec. 2 discusses the principles of BPT
creation and their processing by means of graph cut. A possible way to evaluate
the quality of a BPT is presented in Sec. 3 and used in Sec. 4 to study the
influence of the initial partition on the BPT construction. Sec. 5 presents and
analyzes four pruning techniques for low-level processing of PolSAR images.
Finally, conclusions are reported in Sec. 6.

2 Binary partition Tree creation and processing through
graph cut

The BPT creation starts by the definition of an initial partition. The initial
partition can be composed of individual pixels as in [2,3]. While this strategy
guarantees a high precision as starting point of the merging process, it also
implies high computational and memory costs as a huge number of regions have
to be handled. As an alternative, the initial partition may correspond to an over-
segmentation as a superpixel partition [1]. Once the initial partition is defined,
the BPT construction is done by iteratively merging the pair of most similar
neighboring regions.

In the PolSAR case, the information carried by pixels of an image I corre-
sponds to the covariance matrix Z,‘-'j of the scattering vector: k = [Syp, V2Shy, S.,,,]T
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measured on the resolution cell at location (3, 7). The subindices A and v indi-
cate the horizontal and vertical polarization states and Spqe{h,v} Tepresents the
complex SAR data where the polarization states employed in reception and
transmission are given by p and q respectively. To construct the BPT, regions R
can be modeled as in [2] by their mean covariance matrix Zp = plﬂ 5_:,., jeR Z{j,
where |R| is the region number of pixels. The distance between neighboring
regions defining the merging order can be measured as in (3] by the geodesic
similarity adapted to the cone of positive definite Hermitian matrices [4):

~ 172 ~1/2 2|Ry || Ry
S(Ry, Rp) = ||log (ZRx Zr,Zp, ) I-in (IRll + | Ry )

where log(.) is the matrix logarithm and In(.) the natural logarithm. Using this
similarity measure, regions are iteratively merged until a unique region repre-
senting the entire image support is obtained. After each merging, a new region
is created, its mean covariance matrix is computed and its similarity with its
neighbors is updated.

An example of BPT can be seen on the top part of Fig. 1. The regions
belonging to the initial partition form the leaves of the BPT (shown with green
circles in Fig. 1). In this example, only a small image portion has been used.
The initial partition involves 108 regions and the BPT is therefore composed of
215 nodes. During the merging process, the BPT is constructed by creating a
parent node for each pair of merged regions. In Fig. 1, the edge color represents
the similarity value between the two merged regions: blue (red) indicates very'
similar (dissimilar) regions.

Once the BPT has been constructed, it can be used for a wide range of
applications including filtering, segmentation or classification. A large number
of applications relies on the extraction of a partition from the BPT. This process
can be seen as a particular graph cut called pruning: Assume the tree root
is connected to a source node and that all the tree leaves are connected to a
sink node. A pruning is a graph cut that separates the tree into two connected
components, one connected to the source and the other to the sink, in such a way
that any pair of siblings falls in the same connected component. The connected
component that includes the root node is itself a BPT and its leaves define a
partition of the space. In the sequel, we discuss several examples of pruning in
the context of PoISAR images. The first one will allow us to evaluate the quality
of a BPT itself. ‘

3 Graph cut to evaluate of the quality of a BPT

One of the major issues in PolSAR image is the speckle noise that results from
the coherent integration of the scattered electromagnetic waves. Speckle filtering
aims at reducing noise within homogeneous extended targets while preserving
meaningful spatial details [5]. Insufficient noise reduction leads to important
bias on derived polarimetric parameters therefore degrading the performance of
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Fig. 2. Example of original PolSAR image (Left) and its correspondmg ground-truth
(Right). RGB-pauli color coding.

classification tasks or biophysical parameter retrieval. Most filters are based on
adaptive strategies using a sliding square window with a fixed size [8, 7].

In this context of PolSAR images and speckle noise, we would like to be able
to evaluate the quality of a BPT and see the influence on the constructed BPT of
specific choices concerning the region model, the similarity function, the initial
partition, etc. This is not a trivial task since a huge number of partitions can be
extracted from a given BPT. However, here, we are concerned by low-level pro-
cessing and by removing the speckle noise as much as possible to allow a precise
estimation of the polarimetric parameters. As a result, we are going to rely on a
dataset of PolSAR images on which the ground-truth polarimetric information
is available. More precisely, we use the set of simulated PolSAR images [5] where
the underlying ground-truth, i.e. the class regions, is modeled by Markov Ran-
dom Fields. A set of typical polarimetric responses have been extracted from
an AIRSAR image (L-band) so that they represent the 8 classes found in the
H/a plane and randomly assigned to each class. Finally, single look complex
images have been generated from the polarimetric responses using a Cholesky
decomposition [6]. An example of image and its corresponding ground-truth is
presented in Fig. 2. Thanks to this dataset involving ground truth information,
we can measure the quality of a BPT.

Let us define the quality of a BPT as the quality of the best image, according
to a given error measure E, that can be extracted from it. Extracting an image
from the BPT consists in selecting a set of nodes forming a partition of the image
and in assigning the mean covariance matrix of the region to its pixels. So the
question is to identify the ideal partition that can be extracted from the tree.

The error measure between an image I(i,j) and the ground-truth image
Igr(4,§) we use is defined by [2]:

1Z]; - Zi5™ || r
1Z:5 |

(2)

E(I IGT) NZ

i,J
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where N is the image number of pixels, Z; (Z{f") is the pixel value of image

I (Ie¢T) at location (3, ) and ||.||r represents the Frobenius matrix norm. This
measure is based on the average inverse signal to noise ratio.

As previously mentioned, the extraction of a partition from the BPT is de-
fined by a pruning. To define the ideal pruning, let us use the following ideal

criterion derived from Eq. 2 by noting that all pixels belonging to the same
region R have the same covariance matrix Zx:

, Zp — ZloT
Cideal = Z ¢r with ¢p = Z | IGTJ "F, s.t. {R} is a partition (3)
R ijer NZ57|r

This criterion is ideal because it uses the ground-truth image Z7erwhich will
be unknown in practice. However, it is very useful to quantify the quality of a

BPT and to define an upperbound on the performances of all possible pruning
strategies.

This criterion can be efficiently minimized using an dynamic programing
algorithm originally proposed in [9] for global optimization. The solution consists
in propagating local decisions in a bottom-up fashion. To initialize the process,
the leaves of the BPT are assumed to belong to the optimum partition. Then,
one checks if it is better to represent the area covered by two sibling nodes as
two independent regions {R;, Ry} or as a single region R (the common parent
node of R; and Rj). The selection of the best choice is done by comparing the
criterion ¢r evaluated on R with the sum of the costs ¢ R, and ¢pg,:

' then R belongs to the optimum partition
<
I 6r < ¢r, + ¢r, {else R, and R; belong to the optimum partition (4)

The best choice (seleét either “R” or “R; plus Ry”) is stored in the BPT
node representing R together with the corresponding cost value (either ¢p or

@R, + ®Rr,). The procedure is iterated up to the root node and defines the best
partition.

This algorithm guarantees to find the global optimum of the criterion on the
tree because the criterion is additive with respect to regions. The bottom part of
Fig. 1 shows the BPT after the nodes have been populated with the value ¢r/|R|
(as for edges, low (high) values are represented in blue (red)). The triangle-
shaped nodes show where the pruning has been done. They form the leaves of
the pruned BPT and equivalently the regions of the extracted partition. Then,
each region is represented by its mean covariance matrix to create the filtered
image. Finally, this image is used to compute the BPT quality with Eq. 2. Based
on this strategy to evaluate the BPT quality, we can now investigate the impact
of specific choices related to the BPT construction. As an example, we analyze
the influence of the initial partitions in the following section.
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Tnitial Ideal pruning| Number of regions|Acceleration factor w.r.
Partition Cideal (dB)|of the initial partition| to the pixel partition
Pixel -16,12 65.536 1
Watershed -13,53 7.720 46
SLIC (size=2) -15,94 15.946 15
SLIC (size=3) -15,38 7.257 56
SLIC (size=4) -14,51 4.143 121

Table 1. Influence of the initial partition in terms of BPT quality and computational
load. Results have been averaged over the entire dataset.

4 Superpixel initial partition and its influence on the
BPT quality

As previously mentioned, the initial partition used in [2,3] was composed of
individual pixels. The main drawback of this choice is the high number of initial
regions and the corresponding cost in memory usage and computational load.
To see whether the number of initial regions can be drastically reduced without
loosing too much in terms of quality, experiments with superpixel partitions
have been conducted. Concretely, initial partitions have been generated either
with a watershed applied on the vectorial image gradient and with the SLIC
algorithm [1]. In both cases, only the diagonal elements of the covariance matrices
have been used to generate the superpixel.

Thanks to the strategy presented in Sec. 3, we can compare the mﬁuence
of various initial partitions on the BPT construction by extracting the ideal
partition and measuring E(I, IgT). The results are given in Table. 1. As can be
seen, the best BPT is obtained with the pixel partition. However, the use of the
SLIC superpixels almost preserves the BPT quality but can drastically reduce
the complexity. It is therefore a very good alternative and, in the sequel, we use
the SLIC (size 2) superpixels as initial partition.

5 Low level processing through BPT pruning

This section discusses pruning techniques for low-level processing and grouping
of PolSAR data. The main goal is to allow for a precise estimation of the po-
larimetric parameters. In the previous section, we have used an ideal pruning
technique to assess the quality of the BPT. It defines the upperbound on the
quality of the partitions that can be extracted from the BPT but it cannot be
used in practice as it relies on the ground-truth data.

Here we study the interest of four pruning techniques useful in practical
situations. The two first ones were proposed in [2]. The first one simply consists
in following the merging sequence and in stoping the iterative merging process
when a predefined number Ny of regions is obtained. Note that this can be
viewed as a pruning of the BPT, but actually, there is no need to fully construct
the BPT to compute the resulting partition.
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The second pruning [2] consists in populating the tree nodes with a feature
measuring the region homogeneity (difference between the pixel values and the
region mean) given by: ‘

1 « 12 - Zg| .
bR= Y T (5)

Rl 2, 1 Z&lr

Once the tree has been populated, the feature value of each node is compared
to a predefined threshold. Note that the feature value is expected to be rather
high for large regions and low for small regions. In the extreme case of regions
made of a single pixel, Z® coincides with Z{; and therefore ¢p = 0. However,
the feature of a parent node is not always larger or equal to the features of its
siblings. To define the pruning, we have used the so-called Maz rule (3] which
consists in selecting on each branch the closest node to the root for which the
homogeneity criterion is below the threshold.

We introduce now two new pruning strategies based on the minimization of
a global criterion as in Sec. 3. The initial idea is to use C = Y rPr With ¢p
being the homogeneity criterion ¢g = D ijeR ||Z{J- — ZRp||r/||Zg| F. Note that
this criterion is the same as the one defined by Eq. 5 without the averaging
parameter |R|. However, on its own, it is not useful because a partition made of
individual pixels sets the criterion to 0. Following classical approaches in func-
tional optimization, ¢ can be interpreted as a data fidelity term and combined
with a data regularization term which encourages the optimization to find par-
titions with a reduced number of regions. As simple data regularization term,
we use here a constant value A that penalizes the region presence. Therefore the
final homogeneity-based criterion to be minimized is:

C : IZ; — Zr||F ) "
Homog. = quR with ¢p = Z 1ZA] +A, s.t. {R} is a partition (6)
R i,jER RIIF |

Finally, the last pruning is also based on a graph cut minimizing a global
criterion but here the idea relies on ratio filters: if the ideal image structure
is known (here represented by Zg), then the ratio Z{j /Zp should only contain
noise of variance 1 and no structure information. If the structure information is
absent, the energy of the ratio should be minimum. This reasoning leads to the
following minimization criterion involving as before a data fidelity term and a
data regularization term:

A4S
Z ]|2-31|| F+ A, s.t. {R} is a partition (7)
R

CRatio = Y _ ¢r With ¢p =
R i,JER

Fig. 3 shows, for the image of Fig. 2, the evolution of the error measure
E(Iprocessed, IcT) as a function of the pruning parameters: the number of regions
for the first pruning, the threshold on the homogeneity value for the second
pruning and the A value for the remaining pruning. In terms of global error
measure, we can see that the best pruning techniques are the two based on
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Fig. 8. Error measure E(Iprocessed, IcT) in dB as a function of the pruning parameters.
Top row: Merging sequence and threshold on homogeneity (Eq. 5). Bottom row: mincut

on homogeneity criterion (Eq. 6) and on ratio image (Eq. 7).

global optimization (Eq. 6 and Eq. 7). They provide a lower value of the error
and moreover their dependency on the A value is smooth. The pruning following
the merging sequence does not lead to the best estimation of the polarimetric
parameters. This result highlights the interest of constructing the BPT to extract
partitions that have not been observed during the merging process. Moreover,
in practice, it is difficult to define a priori the appropriate number of regions.
Finally, the pruning involving the thresholding on the homogeneity criterion
provides intermediate results but we may also note that the value of the threshold

has a very strong impact on the results.

BPT: homog.

Processing Original||Boxcar|Refined BPT: ratio
technique image Lee mincut mincut
E(Iprocggged, IGT) in dB '1,87 '9,11 '12,17 '14.57 '14,43

Table 2. Results of low-level processing (average over the entire dataset).
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Fig. 4. Processed images with the optimum pruning parameters. Top row: Merging
sequence and threshold on homogeneity (Eq. 5). Bottom row: mincut on homogeneity
criterion (Eq. 6) and on ratio image (Eq. 7).

Fig. 4 shows the images resulting from the four pruning techniques using the
optimum parameter in each case. The visual inspection of these images corrob-
orates the analysis done on Fig. 3. The pruning following the merging sequence
merges too many regions represented in dark and light green in the ground-truth
image (Fig. 2). The image corresponding to the thresholding on the homogeneity
criterion is still noisier that the one involving the global optimization.

The results obtained with best pruning techniques are given in Table 2 as
well as results for classical filtering strategies. These results have been obtained
by averaging E(Iprocessed, IcT) Over the entire database of 10 images. The table
shows the interest of the pruning techniques involving global optimization. It also
allows us to quantify the gap between these pruning techniques reaching about
-14.5dB and the ideal pruning corresponding to almost -16dB (see Table 1). It
can be concluded that there is still some room from improvement of the pruning. .
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of the BPT to perform a low-level processing of PolSAR images while preserving
the spatial resolution of the content.

6 Conclusions

This paper has discussed the interest of Binary Partition Trees (BPTSs) for remote
sensing applications such as PolSAR. These hierarchical region-based represen-
tations of images are useful for many tasks. Here, we have mainly focussed on
low-level processing of PolSAR covariance matrices. The paper has highlighted
the usefulness of a specific type of graph cut called pruning that extracts parti-
tions from the BPT. Specific pruning techniques have been defined to evaluate
the quality of BPT and to perform low-level grouping allowing a precise estima-
tion of the polarimetric information to be done without losing in terms of spatial
resolution. In this context, the pruning techniques resulting from the global op-
timization of a criterion minimizing the region homogeneity or the energy of the
ratio image have proved to be very efficient and robust.
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Abstract. Scalable video coding (SVC) has emerged as an important video
standard to provide more functionality to video transmission and storage appli-
cations. This paper evaluates a strategy based on scalable video coding for peer-
to-peer (P2P) video streaming services. This strategy uses SVC to reach a ho-
mogeneous video quality between different videos from different sources. Qur
scheme is implemented under the H.264/MPEG-4 SVC compression standard.
Our evaluations were realized over a local area network (LAN). We evaluate
our implementation in terms of overall throughput, delivery time (delay) and
video quality. The obtained results show that our proposed solution strategies
achieve good performance and introduce benefits in the peer-to-peer video
streaming systems.

Keywords: scalable video coding, peer-to-peer systems, video streaming archi-
tectures. .

1  Introduction

Video streaming over the Internet has gained significant popularity during the last
years. This fact has generated a dramatic technological and social revolution in video
distribution and consumption. People download videos from several online video por-
tals or form community networks to share their common interest. Thus, video playback
from on-line video or news site has become part of the daily life of most Internet users.
Streaming video applications have a strong impact in different scenarios such as vide-
oconferencing, Peer-to-peer (P2P) content distribution, or event broadcast (e.g. Inter-
net Protocol Television (IPTV)). Different video streaming applications for live
streaming or video on demand services have emerged as valuable tools to improve
communication. Subsequently, many P2P media streaming systems such as ZigZag
[1], CoolStreaming [2] or Mutualcast [3], have been developed. P2P paradigm has
become a promising solution for video streaming, because it offers characteristics
which cannot be provided by the client-server model. In contrast to client-server
model, P2P networks do not have a single point of failure, the upload capacity is shared
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among all peers, the bottlenecks are avoided, the contents can be shared by all partic-
- ipating peers, and they provide scalability. On the other hand, scalable Video Coding
(SVC) can provide encoding of a high quality video bit stream, which contains some
subset bit streams that can themselves be decoded with a complexity and reconstruc-
tion quality similar to that achieved using the existing H.264/AVC (Advanced Video
Coding) design with the same quantity of data as in the subset bitstream [4], [5]. Using
scalable video coding (SVC), parts of a video stream can be removed and the resulting
sub-stream constitutes another valid video stream for some target decoder. In this way,
we distribute video with different quality to requesting peers with different bandwidth
characteristics or when the network characteristics are time-varying.

In this paper we use scalable video coding to adapt the flow rate from multiple
sources in order to effectively use the available upload capacity from each source to
deliver a homogeneous video quality for all streams. Our SVC scheme uses a peer-to-
peer (P2P) structure described in previous work [9]. P2P structure used in this work is
inspired from a scheme called Mutualcast [3], which is a scheme that reaches the
maximum possible throughput. Our proposal scheme considers as participating peers
to the source peers, the requesting peers and the helper peers. We assume that all
requesting peers need to receive all videos. The helper peers are not interested in
receiving the videos and just contribute their resources during distribution. We
evaluate a particular case for a multi-source system using SVC for a reduced number
of peers. Scalability of our scheme is limited, but it can be used in systems with a
reduced number of participating nodes, such as video conferencing services or on-line
games. The main contribution of this paper is to show how scalable video techniques
can help to obtain a homogeneous video quality in LAN (local area network)
- applications with multi-sources and videos encoded with different bit-rates.

The rest of this paper is organized as follows. We first present the scalable video
coding modes used to encode a video into layers in Section 2. Video streaming
strategies based on scalable video coding (SVC) are discussed in Section 3. The first
method aims to provide differentiated video quality according to the capacity of each
node, while the second method aims to provide homogeneous quality to different
resources of the network. Finally, Section 4 describes the manner in which these

- strategies are implemented and evaluated. Conclusions are given in Section 5 where
we also suggest further work.

| 2 Scalable Video Coding Background

Scalable video coding (SVC) is a technique that encodes the video into layers. SVC
is well established concept in the video area, and incorporates the following scalability
modes [5], [6] and [7]:

~®  Temporal scalability: subset bitstream represents lower temporal resolution. With
subset bitstream a part of frames in one group of pictures (GOP) can be decoded.
® Spatial scalability: lower subset bitstream can only playback a video with lower
frames size.
®  SNR (Signal-to-noise ratio)/fidelity scalability: the base layer bit stream can only
playback a video of very low quality. And the more enhancement layers the client
receives, the better quality the video has.
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e  Combined scalability: is a combination of all three or two modalities above. Scal-
able video coding (SVC) starts with the base layer, which contains the lowest level
of spatial, temporal and quality perspective detail. Additional layers called en-
hancement layers can increase the quality of the video stream.

An enhancement layer is called a spatial enhancement layer when the spatial reso-
lution changes with respect to its references layer, and it is called a fidelity enhance-
ment layer when the spatial resolution is identical to that of its reference layer [6]. SVC
introduces new video coding techniques which provide the following features: reduced
bit-rate, reduced spatial temporal resolution and coding efficiency comparable to non-
scalable video systems. SVC extends the H.264/AVC (Advanced Video Coding)
standard to enable video transmission to heterogeneous clients. To achieve it, SVC
uses available system resources [6], in the case of the lack of a prior knowledge of the
downstream client capabilities, resources, and variable network conditions. SVC pro-
vides a higher degree of error resiliency and video quality with no significant need for
higher bandwidth. Also, scalable video coding can support a broad a range of devices
and networks. Thus, scalable video coding is a suitable solution for adaptive content
delivery to end-users having various preferences, terminal capabilities, and network
conditions [10]. Scalable video coding has been used for different scenarios and appli-
cations and several works can be found in the literature [11], [12], [13]. In this paper
we propose to apply scalable video coding in P2P video streaming networks. We aim
to provide homogeneous quality video to different resources of the network. The idea
is to encode the videos with different rates, and source peers collaborate to ensure that
the requesting peers will receive the videos with the same quality. The JSVM (Joint
Scalable Video Model) software [7] is used as the codec to provide SNR (Signal-to-
noise ratio) scalable bit streams. We do not compare our proposed model with other
methods, because we implement our SVC strategy in a specific P2P multi-source in-
frastructure. Our proposed strategies also can be useful in scenario where networks
with varying bandwidths and loss rates.

3 P2P Video Streaming Model

The proposed strategy uses scalable video coding to effectively exploit the available
upload capacity from each source to deliver a homogeneous video quality for all
streams in a multi-source structure [9]. We use the peak signal-to-noise ratio (PSNR)
as a measure of video quality. This P2P scheme uses TCP, which has several limita-
. tions for video on wide area network (WAN), such as retransmission delay, packet

loss, etc. However, for video applications in LAN (local area network), retransmission
delay introduced by TCP (Transport Control Protocol) could be not significant [11].
In fact, retransmission has been used very successfully for non real-time data trans-
mission. The framework used by this strategy is illustrated in Figure 1 for two source
peers, two requesting peers and one helper peer. In this example, the peers S1 and S2
are the sources, which contain the video sequences X and Y to be distributed. Peers
‘R1, R2 are the requesting peers, and peer H1 is a helper peer. The peer H1 does not
request the videos, but contributes its upload capacity to help distributing the videos
to the other peers. Here, we can see that all the peers are in fact receivers and senders
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at the same time, as it is for instance the case in a multipoint video conferencing sce-
nario.
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Each source splits the original content into small blocks and one unique peer is se-
lected to distribute a block to the rest of the peers. The requesting peers and helper
peers forward the received video block to the other requesting peers and the other
source peers. For our example, the source S1 divides the video X into the blocks X1
to X4, while the source S2 divides the video Y into the blocks Y1 to Y4 (Figure 1a).
Because our approach is based on collaboration among sources, each source distributes
its own video while additionally forwarding the block of video received from the other
source to the rest of the requesting peers. At the same time, each requesting peer for-
wards the blocks directly received from a source to the rest of the participating peers.
Thus, the blocks (X1, Y1), and (X2, Y2) are assigned to the requesting peers R1 and
R2, respectively, while the block (X3, Y3) is assigned to the helper peer H1, the block
X4 is assigned to the source peer S2 and block Y4 is assigned to the source peer S1
for distribution. This scenario is shown in Figure 1a. Peers with different upload ca-
pacity distribute a different amount of content. The block size assigned to each re-
questing peer is proportional to its upload capacity. Thus, source S1 sends one block
to each participating peer for redistribution, one block in parallel to all requesting
peers, and forwards one block of the video Y received from the source S2 to each
requesting peer Ri. The source S2 behaves similar as source S1, but in a complemen-
tary way. It sends the video Y and forwards the video block X4. F igure 1b shows a

redistribution scenario. In this case, each requesting peer forwards the blocks received
from the sources S1 and S2 to the other requesting peers and the other sources. Peer
R1 receives the blocks X1 from source S1 and the block Y1 from the source S?2. After
this, peer R1 forwards the block X1 and Y1 to the rest of the participating peers except
to the source where the block was originally generated and the helper peer H1. The
blocks X3 and Y3 are sent by the sources S1 and S2, respectively to the helper peer
H1, which forwards the blocks to all participating peers except to the source where the
block was originally generated. When the source peers have abundant upload re-
sources, each source additionally sends one block directly to the video receiving peers.
Figure 1c shows this case. Here, source S1 directly sends block X5 to each video re-
questing peer and source S2 directly sends block Y5. In this strategy, the sources
jointly decide the rate allocation for all participating peers, but additionally enforce the
same video quality for all video streams by using scalable video coding techniques.
We assume that all participating peers are fully connected and all of them need to
receive all videos. Our scenario is described for two sources (S1 and S2) distributing
two different video sequences with same PSNR (Peak Signal-to-Noise Ratio) to all
participating peers.

The same quality for all videos is obtained if both videos have the same RD-
function. However, when the same rate for all video sequences is not enough to obtain
a similar video quality among them, a same PSNR need to be enforced. The PSNR
enforcement is possible, when the sources have abundant upload capacity. To this end,
the broadcast links in each source are manipulated, and the rate of the sequence with
the largest rate is reduced. We effectively use the available upload capacity from each
source to deliver a homogeneous video quality for all streams. To this end, each source
schedules the distribution according to the ratio of the video bit rates based on scalable
video coding techniques. We assume that the quality requirements are known. Then, a
number of layers to reach this quality level are determined for each video in each
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source using scalable video coding. Determining the number of layers and the coding
rate for two different video sequences is illustrated in Figure 2.
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Fig. 2. Enforcement of the same video quality for two different videos using scala-
ble video coding. a). Redistribution of layers, b). PSNR comparison

In Figure 2a), the sources send the base layer of their videos in Case 1. In Case 2,
both sources send three enhancement layers of their videos, and the rate R4 for both
sequences is the same. The example assumes that video 1 and video 2 are different and
they have been encoded with different bit rates. Thus, using the rate R4 for both videos,
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a PSNR (Peak Signal-to-Noise Ratio) of 45 dB and 38 dB for video 1 and video 2, are
obtained respectively. In order to enforce the same PSNR for both sequences scalable
video coding is used in Case 3. Then, the source 1 sends two enhancement layer of
video 1, while the source 2 sends four enhancement layers of video 2. Figure 2b) shows
how both videos sequences can reach the same PSNR using different number of en-
hancement layers and different rate. In this paper, the PSNR's measurements are ob-
* tained experimentally through the JSVM (Joint Scalable Video Model) software [8].
Once the number of required layers and the coding rate are known in each source
and before starting the distribution, the sources exchange the coding rate of their vid-
eos. Each source computes a local distribution ratio by using these coding rates. This
ratio is used in each source to determine the number of required packets for each video.
In an ideal situation it is desirable that the throughput is the same as the playback bit
rate of the videos in order to obtain a short initia] waiting time and a minimal size of
buffers. In contrast, if the upload capacity of the sources is not enough to satisfy the
requested throughput, the initial time and the buffer usage is increased. Additionally,
when different videos are distributed from different sources, the sources need to syn-
chronize the playback of the videos and adapt their upload allocation for the distribu-
tion, so that all videos can be received with adaptive throughput and have similar initial
waiting time or video quality. The sources use the distribution ratio to adapt the distri-
bution throughput of streams and each source can schedule the number of packets to
distribute from itself and the number of packet to distribute from the other sources.
The number of distributed packets for each video is proportional to its coding rate.

4 Evaluation

In order to evaluate the performance of our proposed solution, we implemented a
prototype of this in Linux (Fedora distribution). Qur implementation consists of dif-
ferent programs written in the C/C++ language. This implementation includes a server
- module run by the source peers and a receiver module run by each requesting peer.

Both modules have been enabled with a sender/receiver mode. All links among the
participating peers are established using TCP (Transport Control Protocol) connec-
tions. Reliable data delivery, flow-control and handling of node leave events are auto-
matically supported by the TCP protocol. Each requesting peer runs a receiver module
which receives the video blocks from the sources for its playback and forwards these
‘blocks to the rest of the requesting peers that need to receive this content. We have
used a LAN (Local Area Network) infrastructure to evaluate the performance of our
scheme implementation. Our proposed scheme is evaluated in terms of throughput,
PSNR, and delay for all video streams. We use the peak-signal-to-noise-ratio (PSNR)
~ as the quality metric. Our experiments are based on a joint rate allocation decision and
we concurrently control the bit rate for both sources.

The videos sequences used to evaluate this strategy are: Mother and Daughter
(M&D), and Foreman. Foreman sequences shows a man talking in a construction site,
while M&D shows two persons in the foreground. A person is talking, while the other
persona is fixed. The short Foreman sequence is concatenated to a long test sequence
with 3000 frames. The same is done with the M&D sequence. Both video streams are
encoded with the JSVM software [8] with the same video quality PSNR around 42 dB,



204 Francisco de Asis Lopez-Fuentes

but using different encoding rate and different number of layers for each sequence. To
achieve this video quality the Foreman sequence needs a bit rate of 1600 kbps, while
Mother and Daughter sequence is encoded at 230 kbps. Our Foreman sequence uses
one base layer and two enhancement layers, while M&D sequence uses the base layer
and one enhancement layer. Both videos have the same duration (60 seconds), but
different size. Foreman file is 10 MB, while M& D file is 1.5 MB.

In these experiments, we considered that all the participating nodes are fully inter-
connected, including the sources nodes. We compare the time required by both videos
to be received in a requesting peer. To this end, two test videos with the same PSNR
are allocated as video 1 and video 2 at the sources S1 and S2, respectively. The initial
rates are fixed to 230 kbps and 1600 kbps for sources S1 and S2, respectively. M&D
video is located at source S1, while Foreman video is located at source S2. Each source
delivers its video files to all participating peers, including the sources. Figure 3 shows
the distribution throughput on source peers, while Figure 4 displays the receiving
throughput of M&D and Foreman videos on a requesting peer.
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Fig.3. Distribution throughput on a source peer for two different video streams

We can see in Figure 3 that without our strategy of distribution control at the source
peers, the distribution throughput of Foreman video on source peer S2 is larger than
the distribution throughput of M&D video on source peer S1. The M&D video is dis-
tributed very quickly. Contrary, we can see that, with scheduling the distribution, each
source peer can regulate the distribution throughput of its own video and the other
video in proportion. Thus, the source ends to provide both videos at same time, but
Foreman video requires greater source’s throughput than M&D video. In Figure 4 we
can easily see that without regulating the distribution throughput at the source peers,
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M&D video is received very quickly on the requesting peer. Most probably, the initial
delay of playback for this stream is shorter. In contrast, for Foreman video, because it
is slowly received, its initial delay may be longer than D&M video. In order to be able
. to synchronously play out these two streams the buffer demands on the nodes is very
high. However, if both source peers schedule distribution, the delay of receiving both

video streams on a requesting peer takes almost same time. Therefore, the playback
during receiving can be synchronously with low buffering demands.
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Fig.4. Receiving throughput on a requesting peer for two different video streams

Based on these results, we can see that an adaptive rate control and more collabora-
tion between the sources allow that all video sequences achieve a similar PSNR (Peak
- Signal-to-Noise Ratio) quality. Thus, the average throughput can be used to recalculate

the PSNR using JSVM (Joint Scalable Video Model) software, and we can obtain

PSNR values of 43.4 dB and 43.9 dB for Foreman and Mother and Daughter, respec-
tively.

5 Conclusions

Video applications are characterized by different resolutions designed for devices
with different computational capabilities. In this paper, we have presented and evalu-
ated a multi-source scheme to video streaming based on scalable video coding (SVC).
Our proposed solution helps to reach similar video quality for all streams from multi-
ples sources. Our proposed strategy was evaluated in a LAN infrastructure using sim-

ple experiments with four nodes. Our experiments show that we can reach a similar
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- video quality from multiple peers by using a strategy based on scalable video coding.
Therefore, different videos can be received in similar times by a requesting peer inde-
pendently of their size. Thus, our proposed scheme with SVC shows more effectively
our scheme where SVC is not used. We believe that our proposed solution with SVC
could be ideally used for peer-to-peer (P2P) video streaming scenarios with few par-
ticipants such as video-conference or surveillance systems. As future work, some im-
portant properties of P2P networks, such as scalability and churn can be incorporated

in our proposed model.
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Abstract. In this paper a circular monopole antenna for Ultra Wide Band (UWB)
applications is proposed. The structure is a simple circular shape monopole an-
tenna designed on FR-4 substrate and fed by a 5002 microstrip line. The ground
plane of the antenna has been modified including several defects to improve its
behavior in matching and wideband. A parametric study has been performed to
the semicircular slots located in the ground plane area. The frequency range
measured for S11<-10dB was from 1.66 - 20 GHz. The total dimensions of the
antenna are 55x79mm (W x L).

Keywords: circular monopole antenna, defected ground plane, UWB.

1 Introduction

Microstrip antennas are investigated intensively due to their properties, such as low
profile, low cost, conformability and ease of integration with active devices [1]. Now-
adays, printed ultra wideband (UWB) antennas have been attractive for researchers
due to their small size, low cost and high data rate features. The Federal Communica-
tions Commission has allocated the 3.1 GHz to 10.6 GHz frequency band for unli-
censed ultra wideband applications. Most of the ultra wideband antennas are either
~ microstrip fed or coplanar waveguide fed monopoles or slots [2]. By using different
shapes for the patch and the slot, several ultra wideband antennas have been proposed
[3-12]. In [4], a comparison of the different shapes such as rectangular, circular,
square, elliptical and triangular shape for the patch as well as the slot was made. In [2]
is shown that adding a slot to an antenna can improve the impedance bandwidth, com-
pared to a simple patch antenna, due to the coupling between the slot and the feed line.
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UWB systems have many advantages such as their wide bandwidth and low cost,
being suitable to telecommunications, medical imaging and biomedical systems [13-
- 15]. Printed monopole antennas fabricated on a substrate, offer wide impedance band-
width that can cover the complete UWB range [16]. In [16] a circular monopole
antenna is presented, which have an L-shape bended ground plane and was fabricated
in FR-4 with a size of 56 x 60 mm for operation from 1.3-12 GHz having a bandwidth
of 10.7 GHz. Furthermore, a circular monopole with a ground plane only below the
feed line has been designed in [17] and built in a substrate with approximate dimen-
sions of 40 x 30 mm, to work in the 3.1-11 GHz frequency range with a bandwidth of
7.9 GHz. In this paper, we propose a monopole circular antenna with a defected ground
plane having a semicircular shape below the 5042 feed line, and two quarters of a circle
" on the edges of the ground plane. A parametric study performed in this work, also
confirm that the use of slots in the ground plane of the antenna, improve its impedance
bandwidth characteristics. The proposed structure compared with the designs
[16-17] shown an improvement in bandwidth, from 1.66 GHz up to 20 GHz. The ad-
vantage of the proposed antenna is the extremely wide bandwidth obtained due to the
defected ground plane with semicircular slots. '

2 Antenna structure

The geometry of the proposed antenna is shown in Figure 1. It is fed by a 50 2
microstrip line and fabricated on a FR4 substrate of size W=55 mm by L=79 mm and
* athickness of 1.5778 mm. The relative dielectric constant and dissipation factor of the
substrate are 4.08 and 0.019 respectively.

On the top side of the substrate, there is a circular patch with radius Rp=27.5
mm and a microstrip 50 {2 feed line with dimensions Wf=3.1 mm by Lf~24 mm as it
is shown in Figure la.

On the bottom side of the substrate, there is a defected ground plane with sizes
Wg=55mm and Lg=23.5 mm. A semicircular shape with a radius yc has been removed
from the ground plane below the 5012 feed line, and two quarters of a circle, with a
radius xt from the edges of the ground plane, as it is shown in Figure 1b.
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Rp=27.5 mm

Lf=24 mm

xt c

Lg=23.5 mm

H

Wf=3.1 mm WEg=55 mm
a) b)

- Fig. 1. Circular Monopole Antenna with defected ground plane: a) Top side, b) Bottom side.

The design expression of a simple circular microstrip antenna [13-14] to calculate
the resonant frequency is

1.841c

1
2nrofy. [eef ()

Where c is the velocity of light, r.gis the effective radius of the patch and e.qis the
. effective dielectric constant. Using the equation (1), the circular patch has been de-
signed for operation at 2 GHz, giving a radius 7.;0f 27.5 mm. |

3 Parametric study of the antenna

Before initiating the parametric study in the ground plane, the parameters Wf, Lf and
-Lg were optimized for a reduction of the return losses (S11<-10 dB) and to increase
the frequency bandwidth. The electromagnetic analysis and optimization of the an-
tenna was performed using the CST Microwave Studio software from 1 to 20 GHz.
The variation effect in the slots of the ground plane is given in Figures 2 and 3, which
clearly show the effect of the parameters (yc) and (xf) on the impedance bandwidth of
the antenna. Figure 2 presents the return losses of the antenna in function of the varia-
tion of the radius (yc) of the semicircular slot, located in the center of the ground plane
below the feed line. The final value of the radius (yc) was 2 mm, which reduces the
return losses S11 to approximately -12dB in the frequency range. On the other hand,
the S11 results in function of the variation of the radius (xf) of the two slots in form of
- a quarter of a circle, removed from the edges of the ground plane is shown in Figure
3. It can be noted clearly the improvement of S11 in the whole frequency range when
the radius is increased to 4 mm, showing that the return losses are lower than -12 dB
at 2 GHz and -15dB from 2.5 GHz to 20 GHz.
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Fig. 3. Effect on the S11 caused by the two quarters of a circle removed from the edges of the
ground plane.

The effect of the variation of the slots ‘xt’ in the gain of the antenna is given in
Figure 4. It can be noted that the gain is slightly reduced when xt is increased to 4 mm.

The gain varies between 0.8 to 5.6 dB from 1.66 to 20 GHz, giving the maximum from
- 7.5 GHz to 8 GHz. '

-] ’gﬁ

Frequency / GHe
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. Fig. 4. Effect on the gain due to the two quarters of a circle removed in the edges of the
ground plane.

Results

The circular monopole antenna was analyzed using the electromagnetic software
CST Microwave Studio, giving the simulation results already shown in Figures 2 to 4
~ with dimensions shown in Figure 1 and with yc= 2 mm and xt= 4 mm. The antenna
was fabricated on the two sides of a substrate FR-4 with 55 x 79 mm. In the microstrip
feed line was soldered a SMA connector, as it is shown in the Figure 5. Figure 5a,
present the front view showing the circular monopole, and Figure 5b the back view,
where are shown the semicircular slots in the ground plane.

a) b)

Fig. 5. Fabricated antenna: a) Front, b) Back

- The fabricated prototype was measured on a HP Vector Network Analyzer (8510A)
calibrated from 1 to 20 GHz. The measured results are presented in Figure 6, compared
to the theoretical results (Simulated) obtained with the EM software CST. In this Fig-
ure, it can be noted that the simulated parameter S11, is lower than the measured, par-
ticularly at high frequencies. Theoretical results show very good behavior in the 1.35
- GHz to 20 GHz, while the measured ones provide a good performance from 1.66 GHz
to 20 GHz.
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Fig. 6. Simulated and Measured Results.

As can be noted in Figure 6, the impedance bandwidth of this antenna is obtained
when the S11 parameter < -10 dB.

Difference between theoretical and experimental results is attributed to fabrication
errors in the construction process, where the dimensions of the antenna elements have
changed slightly. The antenna dimensions were measured with a microscope, showing
that two key parameters have changed, and caused a variation in the measured results
- respect to theoretical ones. These are yc (from 2mm to 1.6mm) and Wf (from 3.1 to

3.32mm).

It is worthy to mention that theoretical and measured results never will be exactly
the same, because the electromagnetic analysis methods are only an approximation
that can be more accurate when the number of cells used tends to infinity. This also
can be seen in the comparison made in [2].

Figure 7 shows the theoretical and measured behavior, including a new EM analysis
response using the physical dimensions measured, showing that the new results are

closer to the measured ones.
0
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- Fig. 7. Analysis of the structure with physical dimensions
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Compared with previous work, in [2] an antenna design using a defected ground
- plane was presented, which has an impedance bandwidth of 8.2GHz. The proposed

structure has the clearly advantage of a very large bandwidth behavior of 18.34 GHz
compared with references [2], [16] and [17].

5 Conclusions

A circular monopole antenna was proposed and optimized for ultra wide band appli-
~ cations, based on a defected ground plane. To improve the impedance bandwidth and
reduce the return losses, three semicircular slots in the ground plane were proposed.
This antenna operates with a very good behavior from 1.66 GHz to 20 GHz, giving an
extremely wide band allowing to be used in many applications, making possible its
integration into mobile phones and other portable devices, due to the very small di-
mensions of the antenna. In addition to the presented results, the proposed antenna was
analyzed to obtain other characteristics like the radiation pattern, beamwidth and effi-
ciency at some frequencies. At 10.5 GHz the antenna shows an omnidirectional radia-
tion pattern with a gain of 4.5 dB and 73% efficiency. The maximum efficiency was
88% at 3.1 GHz, and the minimum efficiency was 52% from 18 to 20 GHz where gain
decreases to 2dBi.
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Abstract. Face detection is an important first step in a fully auto-
matic face processing system. Current algorithms are able to detect faces
that are easily distinguishable. However, most of these algorithms per-
form poorly when used to process images taken under conditions with
non-uniform illumination and the face present variations in pose. In this
paper, we present a face detection algorithm that uses nonlinear com-
Posite correlation filters, designed with strong classifiers. For the design
of strong classifiers, a set of transformations were applied to original
training images. In order to improve the discrimination capacity and ro-
bustness in conditions with homogeneous and structured backgrounds,
the training images for the filters were selected by an algorithm from a
face database. The performance of the proposed algorithm was evaluated
in terms of its ability to determine the location of a single face under
conditions with non-uniform illumination and slight variations in pose.

Keywords: .
Face detection, nonlinear composite correlation filters, correlation pat-
tern recognition

1 Introduction

The need for reliable face detection systems, that function in both indoor and
outdoor environments has caught researchers and technologists’ interest in <.:le~
veloping facial-distortion invariant algorithms. While face detectiop has a wide
range of applications, its principal application has been in atoxtt?matlc face recog-
nition systems. The accuracy of a face detection algorithm is 1fnportant f<?r the
performance of subsequent face processing tasks in a system. Given an arbitrary
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image, the objective of face detection is to determine whether or not any faces
are found in the image, and, if detected, to return the location and dimension of
the face [1]. This can be achieved using the information provided by several cues,
such as skin color (for color images), movement (for faces appearing in a video),
face or head shape, facial appearance, or a combination of these parameters [2].

Face detection methods can be classified into four main categories [1]: 1)
Knowledge-based methods, which encode human knowledge about face compo-
nents; 2) feature invariant approaches, which are mainly based on the face’s
structural features; 3) template matching methods, where several previously
stored standard patterns are correlated with an input image in order to de-
tect a face and; 4) appearance-based methods, where facial models are learned
from a set of training images which should capture the representative variability
of facial appearance. The most successful face detection methods are based on
appearance and are able to detect all faces in an image with great accuracy,
independently of their position, dimension, orientation, age and expression [2].

However, these face detection algorithms only perform well under conditions
where the facial regions are easily distinguishable. Composite correlation filters
are able to combine the characteristic of both template matching and appear-
ance based methods as they use both face shape (structure) and face content
(appearance). A composite correlation filter is designed by combining training
images that are representative of the expected distortions for the reference ob-
ject. For this reason, the performance of the composite filters depends largely
on an appropriate selection of training images. A face detection method that
employs correlation filters does appear in the literature [3]. An important aspect
to consider in the use of this method is that it requires a large amount of training
images, however, it not consider a method for selecting solely the most suitable
face images.

This paper presents a face detection algorithm based on nonlinear composite
correlation filters which was designed using strong classifiers that emphasize
facial features. Given a face database, a simple algorithm selects only those
face images that produce a sharp and high peak for the training set. In order to
increase the amount of data and model highly representative distortions, different
versions of the training set were obtained by applying image transformations.
Each version of the training set was used to design strong classifiers, which were
then used to design a robust nonlinear composite correlation filter for detecting
faces in scene images with homogeneous and structured backgrounds.

The rest of the paper is organized as follows. Section 2 presents the theo-
retical foundation for composite correlation filters. Section 3 then describes the
proposed face detection method. The results of the experiment and a discus-
sion of them are presented in Scction 4. Finally, Scction 5 presents the main
conclusions of this work.
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2 Composite correlation filters

Correlation pattern recognition (CPR) is based on selecting or creating a refer-
ence signal h(z,y), called a correlation filter, and then determining the degree
of similarity between the reference and test signals [4]. Correlation filters can

be designed in either the spatial or frequency domain. The correlation process
using the Fourier Transform (FT) is given by:

9(z,y) = F7{S(u,v) - H*(u, )}, (1)

where g(z,y) is the correlation output, F~! is the inverse Fourier transform,
and S(u,v) and H(u,v) are the Fourier transforms of the test signal s(z,y) and
and reference signal h(z,y), respectively. The symbol - indicates that S and H
are multiplied element by element, and % represents the complex conjugate of
H. In ideal circumstance, when s(z,y) contains multiple objects that are similar

to h(z,y), g(z,y) should exhibit large correlation peaks for each object in the
scene that matches with h(z,y).

The most basic correlation filter is the Matched Filter (MF), which is robust
in recognizing reference images affected by additive white noise [5]. However, it
is very sensitive to distortions such as rotation and scale. MF is given by:

H(u,v) = aT*(u,v), (2)
where T™(u,v) is the is the FT of the reference image t(z, ).

2.1 Nonlim_aar composite filter

A Synthetic Discriminant Function (SDF) filter is a linear combination of Matched
Filters [6]. This filter is designed using a training set T composed images contain-
ing the principal distortions expected for the reference image, and is, therefore,
robust in recognizing an object that presents distortions similar to those found
in T,

Let T = {ti(z,y),t2(z,y), ..., tn(z,7)} be the training image set and x; the
column-vector form of ¢;(z, y). x; is created by lexicographic scanning, in which
each image is scanned from left to right and from top to bottom. Each vector is
a column of the training data matrix X =[®1, %3, ..., zN]. The SDF correlation
filter is given by:

h=X(X+X) 1y, (3)

where + is the complex conjugate transpose and u = [u1,ug, ..., un]t is a vector
of size N x 1 that contains the expected values at the origin of the correlation
output for each training image. Typical values for u are 1 for images belonging
to the true class and 0 for those in the false class. The —1 indicates the inverse of
the matrix. Although this filter is tolerant to distortions, the correct location of
the object is complicated by the wide peak produced in the output correlation.
Therefore, the FT of each training image can be filtered with the kth — Law
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nonlinear factor, as shown in expression 4, thus improving the sharpness of the
peak.

T (u,v) = |Ti(u, v)[* exp(ip(y, v)), (4)

where 0 < k < 1 is the nonlinear factor. Ti(u,v) is the FT of t;(z,v), |Ti(u,v)|
is the module of T;(u,v), while ¢(u,v) is its phase. As can be observed, the
nonlinearity factor raises the magnitude of the Fourier spectrum to the kth
power, while the information of the phase remains intact. In the correlation
process, the same nonlinear factor k used in the filter training must be applied
to the test image. Applying the nonlinear factor to training images for the SDF
filter in expression 3, a nonlinear composite correlation filter is given by [7]:

HX = X*((X*)* X*) . (5)

2.2 Average of synthetic exact filters

Let ti(z,y) € T be the training image and g;(z,y) its desired correlation output,
which can be synthetically generated by a Gaussian functions as follow:

9i(z,y) = exp (— -z + (- y‘)z) : (6)

02
where 02 is the radius of the Gaussian at the center of the object. Each pair
ti(z,v), gi(z,y) is used to construct an exact filter with the following expression:

HY(u,v) = ;i‘((:":)) ; (7)

where the division is element by element. G;(u,v) and Tj(u,v) are the FT’s
of gi(z,y) and t;(z,y), respectively. The ASEF filter is obtained by averaging
= |T| exact filters [3], such as is shown in the following expression:

H(u,0) =1 ZH‘ (v). - ®

i=1

3 Face detection method using nonlinear composite
filters

The algorithm proposed in this work exploits both face shape and face content
in a nonlinear composite correlation filter that contains enough information to
detect faces in a scene. This algorithm comprises of the following steps: Training
set selection, nonlinear composite correlation filter design and face detection.
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3.1 Training set selection

The success of face detection by correlation filters depends largely on the training
set T', which has to describe the expected distortions of a human face. This set
T must be small enough for computational convenience and contain only those
images suitable for the design of a filter for reliable face detection. A simple
correlation-based strategy, described by Algorithm 1, was designed for selecting
the suitable images for filter design.

Algorithm 1: Training set selection.
Data: Whole face images set Fpp, initial images training S f, threshold value 7
Result: Training set T’

1 H(u,v) +Design initial filter with S;

2 N1

s T« {}

4 while N < |Fpg| do

5 tn(z,y) < Read tn(z,y), such that tn(z,y) € Fps

] T'(u,v) « F{tn(z,y)} // F is the Fourier transform

T*(u,v) + [T(u,)|* exp(j * o(u,))

9(z,y) « FH{T*(u,v) - H*(u,v)}

psr « PSR(g(z,y))

9 if psr > 7 then

10 \- TUtn(z,y)

11 H(u,v) « Update II using tn(z,v)

12 N«N+1

o

Algorithm 1 receives a face images database as first parameter. As the goal is
to maximize the performance of a filter which averages the training images (see
Subsection 3.2), the database must contains as many images as possible. The
second argument Sy contains some ideal images for building an initial filter. So, a
first arbitrary face image can be included in the training set only if it is similar to
the initial filter. The arbitrary face image is correlated with the filter H (v, v) and,
if its sharpness is equal to or greater than the third argument 7, then it is added
to the training set T and used to update H(u,v). Both the initial and updated
filter H(u,v) in Algorithm 1 are designed by an average accumulator function
H;(u,v) = QN‘—IH,-_I (u,v)+ —},-Tfu,.,em(u, v). Where 7%, _....(u,v) is the FT of a
face image with kth— Law nonlinear filtering. The Peak-to-Sidelobe Ratio (PSR)
measures the peak sharpness in the correlation output; therefore, the larger the
PSR the more likely the test image belongs to the true class [4]. The threshold
value 7 is the minimal PSR that assures that an image region corresponds
to a face. The threshold was experimentally determined and fixed at 7 = 10.
The peak-to-sidelobe ratio (psr) measures the number of standard deviations at
which the peak is found to be above the mean value in the correlation output.
The PSR metric is given by the expression 9, where pareq and o,req respectively
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are the mean and standard deviation of some area or neighborhood around, but
not including, the peak.

_ (peak value — parea)
psr B anrea ' (9)

3.2 Nonlinear composite filter design

In order to produce a sharp and high peak on a less noisy correlation plane, our
proposed algorithm is based on the Nonlinear Composite Correlation Filter and
ASEF filters. An exact filter is considered as a weak classifier because it only
matches the training image. However, averaging many weak classifiers, as ASEF
filters do, yields a robust classifier that will match with many objects of the
same class, even if they do not belong to the training set. For the modeling of
some principal distortions not contained in the training set, each training image
for Algorithm 2 is processed by the following operations. For in-plane rotation,
each image is rotated 415 and —15 degrees. Zero mean Additive White Gaussian
Noise (AWGN), with variances of 0.1 and 0.2, was added to each face image for
noise modeling. There are two main face shapes, rounded or elongated, which
is an important issue that must be taken into account by approaches based on
template such as that which is presented in this paper. For this reason, the
images in T were scaled in width to % and %. Finally, each training image was
flipped from left to right. These image transformations are summarized in Table
1.

Table 1. Image transformations to model distortions not contained in T

Number|Image transformation

Original images

In-plane rotation of 15 degrees
In-plane rotation of —15 degrees
AWGN with mean 0 and variance 0.1
AWGN with mean 0 and variance 0.2
Scale in width to %

Scale in width to
Flipping left to right

~N| DO E|WN O

The input argument for Algorithm 2 is the training set T generated by Al-
gorithm 1, while the output is a simple Nonlinear Composite Correlation Filter.
First, eight training sets are derived from the application to the input training
set of the transformations discussed in Table 1. Second, each training set gener-
ated is used to build a strong classifier H4sgr(u,v), based on the design of an
ASEF filter. For computational convenience, ASEF filters take on the original
size of the images and are then synthesized in the spatial domain to enable a
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Algorithm 2: Nonlinear composite correlation filter design.
Data: training set T
Result: Correlation filter H(u,v) for face detection
1 Tirainset ¢ {}
2 fori+ 0to 7do
3 T; + Apply the ith image transformation of Table 1 to images in T’
4 Haser(u,v) + Design an ASEF filter (strong classifier) with equation 8

using T; as training set
5 hi(z,y) « F~'{Haser(u,v)}
6 h; (z,y) «+ Padding hi(z,) with mean{h;(z,y)}
7 | Terainset Uhi(z,y)

8 H(u,v) + Design a nonlinear composite correlation filter with equation 5 using
the training set Tirqinset.

padding operation with their mean values. Finally, each ASEF filter in the spa-
tial domain is taken as training datum in the design of a nonlinear composite
filter H(u,v), as described in section 2.1.

3.3 Face detection algorithm

This work used a bank of filters of different dimensions, which is correlated
with an input scene image s(z,y) for detecting human faces. This proposal is
composed of two main steps: 1) Construction of the bank of nonlinear composite
correlation filters and 2) the face detection algorithm. Correlation filters for face
detection are designed in the step 1, and must contain enough facial information
to produce a high, sharp peak centered at the face location. These filters are
stored in order to use them each time that face detection is performed on a
test image. Step 2 corresponds to the face detection algorithm, which is given
by Algorithm 3. A given test image s(z,y) is improved by function s (z,y) +
preprocessing(s(z,y)), which performs the following operations. First, retina
filtering is applied to images for improving the quality of images with non-
uniform illumination [8]. Although we could use logarithmic transformation for
this first operation, experimentally it was observed that retina filtering is best
for retrieving the edge information in a scene image. An energy normalization
operation is then applied to the images, after which, a Cosine window is applied
to the image to reduce the frequency effects of the edges of the image when
transformed by FT. Lastly, the processed input image is padded using its mean
value to the same dimension as the correlation filter. The improved image s (z,v)
is transformed by FT and kth — Law nonlinear filtering to obtain S* (u,v). The
detection process iteratively correlates S*(u,v) with the stored filters H(u,v)
whose dimension is less or equal to the dimension of the input test image. Each
correlation output g(z,y) is examined for search peaks with psr values greater
than or equal to the threshold value 7. The threshold value T indicates that the
object has been located and recognized as an authentic face. If the algorithm
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proposed in this work detects a face in an iteration, then the coordinates (z,y)
and dimension height,width of each detected face is added to a subdetection
vector Dge;. Finally, Dg; is filtered by the filterdetections(Dge) function in
order to merge detections over a same face region. This is because two filters
with nearby dimensions can produce the peak in the same location or nearby
locations that include the same portion of the face.

Algorithm 3: Face detection by correlation filters.

Data: Test image s(z,y), detection threshold 7
Result: Vector Dg.; with location and extent of each face detected in s(z, ).
s'(x,y) ¢ preprocessing(s(z,y))

S(u,v) & F{s (z,9)}

5 (u,v) + |S(u,v)|* exp(jp(u, v))

Ddet o 12 I]

count « 1

while dim{s(z,y)} < dim{Hcount(u,v)} do
Heount(u,v) < Read the stored filter number count
9(z,y)  F{8*(u,v) - Hooune(v,v)}
subdetections ¢+ searchdetections(g(z,y), 7)

Dget 4 [Dget; subdetecciones]

count + count + 1

© 0 9 O ;b L N =

e
= O

-
»

In this section, an algorithm that combines the principles of nonlinear SDF
and ASEF correlation filters is proposed. An important feature of this algorithm
is that it takes advantage of the facts that the correlation filters are shift-invariant
and they allows multiple-object detection with only one operation.

4 Experimental results

In order to design the nonlinear composite correlation filters, the training set T’
was generated by Algorithm 1 using the Yale B Face database [9]. This database
contains 2414 face images of 38 people, each of whom has 60, 63 or 64 gray-
scale face images with a resolution of 168 x 192 pixels and taken under non-
uniform illumination conditions. From this set only two face images of person 1
were selected for the initial filter. During the execution of the algorithm, it was
observed that face images that are similar to the initial filter produce high psr
values, while psr values were low for other facial classes. Whenever psr values
are equal to or greater than 7, the test images are included in T'. At the output
of the Algorithm 1, T’ contains 1795 facial images.

Two experiments were conducted. In the first experiment, two composite
correlation filters were designed in order to locate human faces in two test images.
The first filter was designed using the Algorithm 2 with input training set T' =
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Fig. 1. Correlation output for images with homogeneous and structured backgrounds.

|1795|, so the nonlinear composite correlation filter was designed with 14360
face images. The second filter was designed by the ASEF algorithm using the
same input training set T = [1795| as the first filter and applying the image
transformations from Table 1. Figure 1 shows the results of this experiment. In
the first image, the person appears over a homogeneous background, while in
the second image the person appears in a structured background. The second
and third rows depict the improvements in illumination while retaining the edge
information. The correlation outputs of the filters for each image are shown in the
fourth row. As can be seen, the height of the peaks for images with homogeneous
background are similar. However, the peak yield with the proposed algorithm

is sharper than the peak produced by ASEF in both the homogeneous and
structured background.

Fig. 2. Correlation output of the proposed strategy when test inages conlain faces
with slight variations in pose and expressions.

The proposed method is able to detect faces that present slight variations in
pose as shown in Figure 2. As facial expressions modify the facial structure, a
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noisy correlation output with a sharp and low peak is produced. In Figure 3, the
face in the scene presents non-uniform illumination. In this case, the proposed
algorithm responds suitably with a peak in the center of the face region.

Fig. 8. Correlation output of the proposed strategy when the face contains different
conditions of illumination.

Eleven test sets were created in order to perform a more inteusive evaluation,
and were, in turn, classified into two test sets according to their background. The
first set contains images with homogeneous backgrounds [rom the FEI database
[10], and was partitioned into two subsets: 1) Frontal, whicl consists of 800 scene
images with frontal faces, and 2) Pose, which consists of 1000 images where the
face is presented in different poses. Figure 4 shows a sample of these sets. The
other nine sets contain a total of 576 scene images with a structured background,
which correspond to 9 people from the Yale B database [9]. The image set for each
person is identified as YaleB11, YaleB22, YaleB27, Yale328, YaleB29, YaleB30,
YaleB32, YaleB33 and YaleB34. Each sct contains 64 images taken under non-
uniform illumination and presents a posc different from the rest. Figure 5 shows
the pose selected for cach person. Using the training set T, two banks of filters
were created for this evaluation. The first bank contains filters designed by the
proposed algorithm, while the second bank contains ASEF filters.

Fig. 4. Sample of Frontal and Pose Lest sets with homogeneous Lackground.

The performance cvaluation was conducted in terms of the fvllowing metrics
[11]: a) Localization und Recognition Rate LRR, and b) Necognition and De-
viated Localization Rate RDLR. The LRI2 metric searches for a value close to



Fig. 5. Sample of pose selected for each person with structured bacground.

100, which indicate good performance, while in RDLR an optimum performance
is given by a value close to 0. The use of these metrics allow the analysis of any
correlation filter’s capacity to locate and recognize the target object in scene
images. The results of the evaluation are shown in Table 2. As can be observed,
the proposed algorithm obtains the best performance, in terms of LRR metric,
with test sets Frontal, YaleB11, YaleB22 and YaleB32, in which the facial images
are frontal or with slight variations in pose. A greater variation in pose causes
the algorithm to perform poorly, as shown in the performance achieved with
YaleB30 and YaleB333. In terms of this metric, the proposed algorithm out-
performed the ASEF algorithm in all test sets. The metric RDLR denotes the
percentages of images where the filler produced the peak in a location different
from the center of the face. In some cases, the detection window captures a face
region that could be processed as a partial face. It was noted in the experiments
that this is mainly due to non-uniform illumination. An important issue to note
in the results obtained with this metric is that the proposed algorithm performs
better than the ASEF algorithm in scene images with a structured background,
while the ASEF algorithm performed best in those images with homogeneous
backgrounds from Frontal and Pose subsets.

Table 2. Performance of the proposed algorithm and ASEF filter in the face detection
task.

Proposed algorithm|ASEF Algorithm

Background |Training set/LRRRDLR LRR/RDLR
Homogeneous Frontal| 65.5 8.75 62.87 6

Pose|51.50 20.20 42.80 18.40

Structured YaleB11|53.12 7.80 39.06 4.68

YaleB22|73.84 7.69 44.61 13.84

YaleB27|41.53 1.53 9.23 9.23

YaleB28|16.15 7.69 12.30 33.81

YaleB29(52.30 15.38 12.30 9.23

YaleB30{206.15 0.00 12.30 12.30

YaleB32(92.30 3.07 32.30]  36.92

YaleB33{29.23 3.07 7.69 3.07

YaleB34]1.53 10.76 9.23 7.69
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5 Conclusions

A face detection algorithm based on nonlinear composite correlation filters is
presented in this paper. Averaging of training images emphasizes common facial
features, which gives a greater robustness to the nonlinear composite correla-
tion filter for detecting face regions in images of real-world scene. The proposed
algorithm uses strong classifiers designed with distorted versions of a training
set for obtaining tolerance to scale, small variations in rotation and pose, and
non-uniform illumination. Topics for future research include the application of
optimization techniques for selecting the training images from a face database.
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Abstract. This paper presents a novel design model of the basic principle of
digital amplitude modulation implemented over a DSP-FPGA board. The design
requirements are based in a sequential Top-Level methodology using VHDL. In
the signal generation is used a Direct Digital Synthesis approach to control the
accuracy of the carrier and modulated signal frequencies. The results are pre-
sented with simulations in Matlab and using a testbench in Modelsim to func-
tional design verification. The experimental tests show the output modulated
waveforms in order to evidence the correct implementation of the design.

Keywords: Digital Amplitude Modulation, Direct Digital Synthesis, FPGA,
Look up table, Matlab/Simulink, VHDL.

1 Introduction

The modern mobile communication systems are based in digital schemes of modu-
lation. Amplitude Modulation (AM) principle is the process where the information is
carried via a fast frequency signal in the high frequency (HF) band. In AM the modu-
lation signal controls the carrier amplitude, causing a linear change, but maintains the
carrier frequency. Digital Amplitude Modulation (DAM) is a method commonly used
in radio communication and presents advantages of accuracy and control of the signal
compared with analog AM [1-2]. In this work the advantages of Field Programmable
Gate Array (FPGA) based on flexibility for developing of digital hardware implemen-
tation is exploited, allowing a rapidly prototyping of the overall circuit.

Accordingly, in this work the DAM design is based in a direct digital synthesis
(DDS) technique; which permits a digital controllability in the carrier frequency and
modulating waves. This paper is organized as follows: Section 2 describes the whole

Mireya Garcia-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). ""q
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model divided into designs blocks explaining the design and operation of the signal
generator and digital amplitude theory. In Section 3 hardware simulation and verifica-
tion of design are presented. In the Section 4 the testing results are depicted. Finally in
Section 5 the conclusions are presented.

2  Model design and simulation

The implementation design is described in a high level model in the Matlab-Sim-
ulink environment. Furthermore, it is described with blocks that all belong to the DSP
Builder Blockset Library. The particularity of this library is that Hardware Description
Language (HDL) can be directly generated from the model description block and in-
cluded in a Quartus II project. The project contains all the source code using VHDL
Very High Speed Integrate Circuit Hardware Description Language (VHDL) and gen-
erated by the Signal Compiler tool. For this purpose is necessary to make some tasks
in Quartus II software in order to fit the design project, pins assignments and timing
constraints. Fig. 1 shows the overview model of the entire implementation using DSP
Builder blocks.

| s an al
Twgrpows

Fig. 1. Overall Design Model in Simulink.

2.1 Signal Generator using DDS Approach

The signal generator block is based on DDS methodology, which consists in gener-
ating a periodic and discrete-time waveform of known frequency F,[3]. DDS is a total
digital frequency synthesizer, this includes an increment accumulator, wave storc us-
ing a look-up table (LUT) and digital to analog conversion (D/A). This principle is
shown in Fig. 2, where the phase locked-loop (PLL) component represents the sam-
pling clock time in the signal generator and the overall design logic into FPGA.
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Fig. 2. DDS principle for digital signal generator.

The DDS signal generation shown in Fig. 2 is based on an increment block of 2™-
bits, which are addressed with a sine LUT. The LUT size has to correspond to the
counter resolution. The output steps counter are addressed to the LUT, where is stored
the sample data computed of sine function. The counter output value augments on each
rising edge of the clock; the DDS block model is shown in Fig. 3.

—
—
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Fig. 3. DDS component blocks.

There are three steps to obtain a proper signal generation output. First, the number
of samples in a signal period has to fit the size of the LUT [4]. Secondly, the LUT
resolution is defined by the number of bits related to the counter depth. Finally, the
maximum frequency of the signal has to be theoretically 2 times considering sampling
Nyquist’s criterion, but practically 10 times lower than the frequency of the internal
clock established in 125 MHz. The following expression determinates the output sin-
ewave frequency in the DDS component.

Foue = (M/ Zn)f Clock (1)

Where M represents a digital control to determinate the output frequency [5-6]. The
values of the LUT are coded with a word of » bits signed to compromise between
precision and the bus size conversion at the input of a multiplier. It is necessary a
Matlab array with a smaller length than 2/ (addres width), which represents one cy-
cle of a calculated sinewave data stored in the LUT, consider the

8191 * sin([0: 2 * pi/(2%): (2 * pi)]) ()
2.2 Digital Amplitude Modulation Principle
The aim of this work is a fully DAM implementation method based in a digital

control amplitude values of two LUT sinewaves. For this purpose a carrier discrete
signal and load the signal modulation are considered [7], this process is realized using
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a multiplier; which the product represents the amplitude modulate signal, in Fig. 4 are
shown the input data of 14-bit that represents the frequencies to multiply. In the output
is necessary a truncation of bits in order to send only the 14-bit most significant bit
according with the DAC resolution.

S,

-.n?%\

x 1A, [T

ol .'l-’)/ O Curvwnitm

Fig. 4. Product multiplication block with 14-bit truncation.

2.3 Simulation of the Model in Simulink

The simulation results in Simulink are able to verifications in generated signals into
the DDS blocks; which permits improving the functionality before synthesis stage of
the model into a VHDL. The simulation shown in Fig. 5 system verification to checks
the carrier frequency and the modulated signals generated by the DDS component and
the output modulated wave respectively.

A
"’i'.m il HJlIEl”h'Jl\Jli WN I ‘ll‘ ”.'J."n‘ *1'0“:1 WW
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Fi(;.) 5. Simulation results into Matlab (a) m;u cl:m; (b) ;Iudulating wav:: (¢) Modulated re-

2.4 Hardware Simulation and Verification of Design

After simulation, the model is verified using a test bench on Modelsim which allows
debugging tasks of the design and checking the performance in FPGA device previous
the synthesis stage and program. Fig. 6 represents the output analog modulated wave-
form in time using the sampling clock of 125 MHz, also can check the reset signal into
the system.
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The design synchronization is based in a unique clock of 125 MHz which is shown
in Fig. 7. According with this clock the internal data sampling is accomplished each
cycle clock (rising edge) generating the sample data, the reference clock cycle has a
period of 8 ns. The signal of the reset internal is running in synchronization with the
clock.
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Fig. 7. Modelsim test bench design simulation.

3 Implementation design

For this design all the internal circuitry is controlled using a synchronous clock of
125 MHz, with an active low reset implemented through a PLL circuit; this clock also
acts as the reference DAC sampling clock DAC. The design source code generated by
the signal compiler tool which is processed, compiled and analyzed using the Quartus
II tools several times to debugging and synthesize the overall circuit, before the im-
plementation of the design in the FPGA device.

To check the VIIDL of the design is necessary to open in a new project in order to
complement and debug the code. Indeed, the DSP Builder docs not allow the I/O pin
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assignments, it has to be made manually using the pin planner tool of Quartus II Soft-
ware. In addition, the interface between the FPGA and the DAC has to be created. The
implementation structure of amplitude modulating design is integrated into the archi-
tecture of DSP Stratix ITI 3SL150 Development Board of Altera and a data acquisition
card.

3.1 Conversion to Data Acquisition Card

The last step of the implementation consists in a conversion process that aims ac-
quiring the data with the DAC. An overview of the conversion process can be seen in
the Fig 8. For the design are used the channel A of the DAC where is necessary con-
verts the representation signed to an unsigned type of 14-bit to send an analogic signal
observable with an oscilloscope. The signal directly obtained at the output of bus type
with the conversion XOR is used for the interpretation.

However, the real signal that would be used in case of including the implementation
in a test bed is the one provided by the DAC.

XOR
@ro) | @274 13 0} 1000000000000 "“3-°’|’

Bus Comversion Signed| alnsigned
Fig. 8. Data type conversion chain.

3.2 Overall FPGA Resources Utilization

Total resources consumption by the implementation of model is shown in chip floor
pan in the Fig. 9 where the significant usage is described by the utilization of embedded
adaptive logic modules. In the design, implementing ROM resources of the FPGA for
store the LUT sinewave sample data is needed, where is implemented over embedded
memory block resources of 144 Kbits on chip.
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Fig. 9. Chip planner with overall resource usage.
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The overall resources used in the FPGA for the digital amplitude modulation design

are summarized in Table 1; the consumed resources necessary by the whole design
implemented are denoted in detail.

Table 1. Overall resources consumed in FPGA.

. Adaptive
FPGA Resources (th;t?lﬁ:f:) LOD.ede{catfa(: M;r.l::ry Logic
p gic Registers i Wisdele
Total used 2 738 43,008 330
FPGA Available 384 113,600 5,630,976 | 113,600
Percent used <1% <1 % <1l % <1%
Testing Results

The testing results are depicted in Fig. 10 generating two different modulated wave-
forms. The frequency of carrier shown in Fig. 10 (a) is established in 4 MHz and the

modulated waveform in 125 KHz and (b) carrier is 2 MHz and 125 KHz modulated
waveform.
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Fig. 10. Modulated transient waves in oscilloscope.
-4 Conclusions

The design model presented in this paper basically demonstrates a short time frame
implementation of a digital Amplitude Modulation system into the FPGA. Through
the experiment of an implementation into a Stratix III FPGA device was presented
hardware architecture to a digital amplitude modulation model. Given the complexity
and time invest to design in VHDL; DSP Builder provides an efficient tool to design
practical circuits applications based in digital amplitude modulation.
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A general design method for an amplitude modulation model applicable in any other
work has been described. Finally a precise description and justification of the compo-
nents used in the hardware implementation had been given. Also in order to validate
the improved performance of the design hardware simulations using a test bench in
Modelsim were presented. In addition to that, the feasibility of the design theory was
also compared with the design proposed method, based on DDS to provide accuracy
in the output waveforms.
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Abstract. This paper presents experimental results of Power Amplifiers model-
ing controlled in Matlab environment. The model is implemented firstly through
VHDL in Hardware and improved then by DSP Builder, this emulation is made
in FPGA DSP Development Kit, Cyclone® III Edition-ALTERA proving a
proper behavioral modeling for RF or high frequency applications. The whole
system is able to consider the memory depth and nonlinearity order based on
real PA measurements; this work leaves the option for future implementations
as Digital Predistortion as linearization technique of PA behavior. The obtained
VHDL results are based on a MPM, compared with DSP Builder and an ANN
is trained showing a proper behavior.

Keywords: ANN, FPGA, GUI, Memory, Power Amplifier, VHDL.

1 Introduction

Nowadays, wireless communications scenario demands higher data-rate transmis-
sions, complex envelop techniques like wide code division multiple access (WCDMA)
and orthogonal frequency division multiplexing (OFDM) techniques are employed be-
cause of their high spectral efficiency, should be noted that to achieve this high data
rata transmissions the schemes impose strict linearity requirements,

The Power Amplifier (PA) as the main device in the transmission chain involves un-
desirable effects as memory and plays a role in the transmitter nonlinearities creation,
due that behavioral models have been proposed to represent PAs [1-2]. The PA mod-
eling used for very high frequency (VHF) became an important issue before the fabri-
cation, especially if the undesirable effects are considered for wideband applications
in order to predict unexpected results, examples include techniques based on polyno-
mial models trying to reproduce real PA measurements, others taking into account
memory depth and nonlinearity order [3-4].
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Volterra Series formalism is a proper and well known technique where the memory
depth and nonlinearity order can be considered during the amplification process [5].
However, the nonlinearity is an inherent property of PAs, leading not only to inband
signal distortion but also to outband spectral regrowth, which are strictly regulated
especially with the current wireless communication systems which are continuously
growing.

PAs exhibit memory effects as well, which mean the current output is stimulated by
not only the input current but also by the previous input states, based on this affirma-
tion a special truncation as Memory Polynomial Model (MPM) is used in this paper
and compared with a model based on Artificial Neural Network (ANN)

The aim of this work is addressed to model and create a link between a software system
as Matlab and hardware implementation through Very High Speed Integrated Circuit
Hardware Description Language (VHDL) demonstrating a fully PA digital behavior
leaving the alternative for a further linearization stage or specific application into Very
High Frequency (VHF) band.

Modem Field Programmable Gate Array (FPGA) devices offer a multitude of re-
sources. The FPGA characteristic is the possibility of implementing algorithms di-
rectly into hardware, maintaining the parallelism of the functioning in the implemen-
tation and thus minimizing the execution time, several implementations in the field are
related to FPGA devices offering advantages like reprogrammation, tolerance and de-
bugging errors, reducing nonrecurring cngineering cost and shorter processing time
[6-8]. In this context, behavioral models implemented in hardware have been explored
even for dual band and modemn transmission standards as LTE [9-11]. This work shows
flexibility between the modeling based on VHDL and DSP Builder through MPM and
ANN as modeling technique.

This paper is organized as follows. First in Section 2 the description of the Volterra
Series, MPM and ANN are presented. The Section 3 shows the results for the imple-
mentation made for MPM and ANN. Finally the Section 4 the conclusions are sum-
marized.

2  Description

2.1 Memory Polynomial Model

The MPM is a subset of the Volterra scries, it consists of several delay taps and non-
linear static functions; and it represcnts a truncation of the gencral Volterra series
where only the diagonal terms in the Volterra kernels are considercd [9]. Thus, the
number of parameters is significantly reduced compared to the original series.

The Volterra Series can be defined in discrete domain as equation (1), they can be used
to describe the input-output relation considering the undesirable effects as memory:

y(n) = Zh o hy(m)x(n —m) + - + T _o X =0 ha(my, mp)x(n — my)x(n —
my) + -+ Z#h:o Z%Fo E%,:o ha (my, ma, m3)x(n — my)x(n — my)x(n -
mg) (1)
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- where x(n) is the complex input base-band signal, y(n) is the complex output base-
band signal, 4« are complex valued parameters and M is the memory depth. The MPM
can be represented in equation (2):

y(n) = 220 Tk-y @z lx(n — @)1**Dx(n - q) )

where a4 are complex valued parameters, Q is the memory depth, and X is the poly-
nomial order. Equation (2) can be rewritten just in terms of the memory depth, by the
following equation (3):

y(m)= 22=o Fq(n-q)=Fo(n)+F,(n-1) +F,(n-2)+...+F,(n-@)+.. AFq@-Q)  (3)

where F,(n) can be expressed as equation (4) :

Fa(n) = Ta1 G2 1x(n = @)12*Dx(n) 4)

Each MPM stage can be subdivided in terms of the desired memory depth during the
modeling; this can be represented in Fig. 1 showing the internal structure and the de-
lays made for each step of the input signal. Each stage can be subdivided by internal
processes related to the nonlinearity order where the calculated constants must be in-
serted. In Fig. 2 the internal stage for each delay is represented.

X(n) T > i
1
1/Z
—P F2
1/Z Y(n)
|l —» F3
| |
1/Z I
\ Fa

Fig. 1. General structure of the MPM
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Fig. 2. Internal structure of each stage of the MPM.

The modeling based on MPM can be reproduced through ANN, this work makes use
of its advantages containing five neurons, should be noted that the accuracy can be
improved if more neuron are added.

2.2 Artificial Neural Network
A neuron is an element based on a biological model. It consists in a system with input
signals with a unique output. The artificial neuron structure can be observed in Fig. 3.

Fig. 4 represents an ANN where the weights can be denoted by w(i,j) and a propagation
law is expressed by the equation (5):

hi(®) = o (wy () s he(8) = Zwyyx, (5)

The activation function can be denoted in the equation (6):

¥yi(t) = fi(hi(2)) (6)

Based on the biological model, the ncuron has a threshold 6. The inpuls summatory is
multiplied by its weight and the activatcd neuron has a response denoted by equation

™). |

y(t) = Q] wix; — ) @)
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Yo = 1,si T}(wyx) > 6;00,si TT(wyx) < 6, - (®

A neuron is an information-processing unit that is fundamental to the operation of a

neural network. The Fig. 3 shows the model of a neuron, which forms the basis for
designing neural networks.

tnputs weights

x.l 0

aclivation

function

net input
nel, -l ¢ ——n
activation
oy funclion
b,
X, © threshold
Fig. 3. Overview of a ANN.

Using just a neuron cannot be enough accurate, even more if the system is involving
multiple inputs. Associating some neurons as a network, allows an easier emulation of
complex functions. Fig. 4 is a representation of an ANN, is said to be fully connected

in the sense that every node in each layer of the network is connected to every other
node in the adjacent forward layer.

Fig. 4. Representation of an Artificial Neural Network.

ANN has the ability to learn based on an example, making themselves very flexible
and powerful for modeling nonlinearity order and memory effect. Furthermore, it has
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the capability to learn a complex nonlinear behavior of the dynamic system without
the need to understand the internal mechanisms of the system and can be an altcrnative

and attractive approach for PA modeling with memory effects.

2.2.1 The Multilayer Perceptron (MLP)

The simpler architecture is constituted by one input layer, one hidden layer containing
a given number of neurons and an output layer. The transfer function of all the neuron

is tangent sigmoid type given by the following equation (9):

y e—2x

—_— 9
1+e % ®)

f@x) =

The transfer equation of the MLP with one single input layer is quite easy to formulize
in equation (10):

K K ]
y= Z WijVk = Z Wi f Z Wi X (10)
k=1 j=1 -

k=1

Where J is the number of neurons in the hidden layer and K the number of output
neurons. The MLP generally uses the back propagation algorithm that consists in ac-
tualizing the parameters of the output layer first, then the parameters of the last hidden
layer and so. The back propagation algorithm is generally coupled with the Levenberg-
Magquart algorithm. This algorithm consists in applying a second derivative to the cost
function E to find the maximum gradient.

3 FPGA Implementation

VHDL code is used in electronic design automation to describe digital and mixed-
signal systems such as DSP and integrated circuits. The DSP Devclopment Kit Cy-
clone III Edition-Altera delivers a complete digital signal processing development en-
vironment; it includes the Cyclone III development board and Quartus II development
software. The system operates with an internal clock of 125 MHz provided by a Phase-
Locked Loop (PLL) circuitry. The overall view through blocks of the whole system is
showed in Fig. 5.



FPGA Implementation of behavioral Models for RF Power Amplifier 241

UART
GUI Structure
(Graphic User — — Registers Stage
Interface) Serial
Transmission
MATLAB
Environment
VHDL Code
Output Stage = MPM Stage g
According to the
14-Bit DAC

Fig. 5. Block view of the developed VHDL system.

The modeling based on VHDL can be accurate, unfortunately the required code and
translation of the MPM coefficients to VHDL environment requires design time,

This Universal Asynchronous Receiver-Transmitter (UART) showed by the VHDL
Register-Transfer Level (RTL) is exhibited. In Fig. 6 the UART structure is able to
manipulate until 128 calculated records obtained from the workspace in Matlab. There
is an internal function in Matlab able to calculate the MPM coefficients based on the
LSE technique.

Fig. 7 shows synchronization based on D-Flip Flops during the modeling stage of the
send data from Matlab. All these registers are controlled by the same clock provided
by the internal clock with frequency 125 MHz.

2l mara 3! mar
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Fig. 6. UART-RTL provided by the Quartus II- ALTERA Software.
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Fig.7. Coefficients stored as registers and inserted into the Amplification Stage.

In this paper was used the DSP Builder Tool as a faster alternative to run the behavioral
modeling. DSP Builder includes basic FPGA block models and enables to build and
verify the user’s digital system with real hardware parameters without requiring FPGA
implementation in the system. Once the system was built, the gencrated outputs are
tested by transferring them to the FPGA and emulated them to ensure that they provide
similar performance to the MATLAB implementation. Morcover, thesc high level syn-
thesis tools are able to translate to RTL code directly via an automated process.

The developed system based on DSP Builder is shown in Fig. 8.

m %%’ Teslgnend\ ?
Signal Tap Il Loglc Signal Compller TestBench Cyclone il EP3C120

FPGA Developmen Kit
d(13:0) q(13:0) s .
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Increment LuT Offset DAC Delay wmm;:o
M
L/ ': In  Outf—{ln Outf—» mpm
Sine Wave Add MPM Conversion (o 14 bit Signal To
Workspace
Offset o X
Signal To
Workspaca

Fig. 8. Overview cf MPM implemented using DSP Builder.

The experimental verification of the MPM allows representing any real PAs measure-
ments which closely resembles a real PA behavior. The MPM is exploited during the
ANN training including 5 neurons is depicted in Fig. 9.
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Fig. 9. Overview of the ANN model based on the MPM performance.

4 Results

Fig. 10a shows amplification without memory effects and considering a basic nonlin-
earity order. In Fig. 10b the memory effects that can be considered for linearization
stage are observed, these both results can be achieved through VHDL or DSP Builder.
The first part is representing a system with nonlinearity order n=1 and memory depth
m=(), should be noted that the DAC is bounded due to the 14-Bit resolution, for a
practical application a power stage must be added in order to increase the signal level
and protect the High Speed Mezzanine Card HSMC. The second part shows the mod-
eled output for an input signal with memory depth m=1, it can be noted the undesirable
memory effect attenuates the output signal. The last emulation depicted in Fig. 11 in
hardware was created for a signal with nonlinearity order n=4 reaching an output fre-

quency of 1.53 MHz represented in Fig. 11:the sampling frequency was set to 125
“MHz.
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Fig. 10. MPM emulated in hardware for a system with (a) nonlinearity order #=/ and memory
depth m=0 and (b) nonlinearity order =1 and memory depth m=1.
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Fig. 11. MPM emulated in hardware for a system with nonlinearity order n=4 and memory
depth m=0.

The modeling for the signal without memory and nonlinearity order n=/ has a fre-
quency of 33 KHz, the output frequency can be defined through the sequence and pro-
cessing in the internal iterations and the desired resolution for each case, this affirma-
tion was done for the case with memory depth m=1 and nonlinearity order n=1.

5 Conclusion

In this paper, a behavioral modeling based on a special case of Volterra Serics modeled
with Matlab environment and emulated in Hardware through VHDL using the
ALTERA Cyclone III FPGA was presented. The goals of this work have been suc-
cessfully achieved and show clearly the undesirable effects as memory and nonlinear-
ity order representing closely a real PA behavior. Throughout the project, lots of re-
search regarding modeling PA devices has been gained, all this knowledge can be ap-
plied when dealing with nano-devices fabrication when the intermodulation products
and memory effects must be considered or they are monitored for a linearization stage.
The sampling rate must be considered based on the development board; in this case
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the reached frequency of 1.53 MHz was established based on the available develop-
ment board. The maximum frequency of the signal has to be theoretically 2 times con-
sidering the Nyquist sampling criterion, but practically 10 times lower than the fre-
quency of the internal clock established in 125 MHz. This developed work based on
VHDL and improved by the DSP Builder tool provides significant advantage related

to flexibility and integration about modeling with memory effects, even additional kind
of modeling can be added to the system.
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Abstract. Traditional iris recognition system uses a fixed image acquisition
stage which requires a high collaboration of the user to be recognized, a short
distance to acquire the fixed image and the correct illumination. All this charac-
teristics are the structure of a controlled environment system. Nowadays, re-
searchers are focused on the development of biometric recognition system which
can operate under non-controlled environment, emphasizing the video manage-
ment within the architectures, optimizing and proposing new stages to improve
the recognition rate levels. In this paper we propose a new stage to exploit the
biometric information from video-iris, the new stage generate a representative
iris biometric template based on the principal component analysis (PCA) which
integrates the biometric information of group of frames from a set of templates
from a video-iris with optimal coefficients. The resulting representative bio-
metric template should contain more biometric texture information as compared
to individual templates that resulting in better recognition performance. The im-
plementation of the new stage generates a new architecture based on video iris
biometric recognition for unconstrained environments which achieved a recog-
nition rate of 99.236% with respect to 84.42% of a conventional system. The
new system deals with a false acceptance rate FAR=0.3288% and a false rejec-
tion rate FRR=0.7634%. The tests were performed with the information of 160
users from the MBGC.v2 database.

Keywords: Iris recognition, Video, MBGC, Fusion, Biometric systems, uncon-
strained environments.

1 Introduction

The biometric is the study of physical, biological or behavioral traits used to identify
and verify a person [1]. Some commonly used biometric features include fingerprints,
face, hand geometry, voice, iris, signature, DNA, Palm, Iris, body odor. The biometric
recognition systems offer the advantage over information security problem ensuring
that only authorized users are able to access the information. Each biometric feature

Mireya Garcia-Vdzquez, Grigori Sidorov, Sunil Kumar (Eds.). ﬁ
Advances in computing science, control and communications.
Research in Computing Science 69, 2014, pp. 246- 256
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has its strengths and weaknesses. Hugo Proenca [2] conducted a research where ana-
lyzed the different biometric identifiers, evaluating them according with 7 properties
including: universality, uniqueness, permanence, performance and Measurability. The
obtained values were performed by averaging and subjectively weight the classifica-
tion exposed in at least 10 scientific papers of other authors. According with results
obtained by Hugo Proenca, signature and voice have the lower values for the unique-
ness property, these biometric identifiers are easy to manage and suitable for low se-
curity applications. On the other hand, the more distinctive biometric features such as
the retina and iris involve a large number of processes. In his analysis, the iris had the
highest average value for the seven properties (84.43 %).

The iris has a diameter of 11 mm approximately, on the outside is surrounded by a
white area called sclera. The iris is the pigmented area surrounding the pupil and has
a fibrous tissue called stroma, iris connects muscles to contract and dilate the pupil in
response at changing light, the fibrous constitution has over 400 features used to rec-
ognize a person. The advantages of the iris over others biometric features: It is highly
prptected, the iris patterns can be captured from distance, encoding and decision anal-
ysis not require a computationally complex algorithm and can be made in less of one
second, it possesses high degree of randomness (John Daugman [3] probe the unique-
ness and randomness of Iris over 200 billion cross comparisons of irises, he reports a
theorical false match rate of 1 in 5x10'%). However, the iris is small (approximately 11
mm diameter) which makes it difficult to acquire the biometric information at long
distances. Moreover, the iris is a moving object located on a curved surface, wet and
reflective, making it difficult to acquire the biometric information.

The traditional iris recognition systems based on still images [4] are designed to
work with special or restricted conditions; this means that they require an ideal envi-
ronment and cooperative user’s behavior during the eye image acquisition stage to
obtain high quality images. Therefore, if any of these requirements are not met, it can
cause a substantially increase of error rates, specially the false rejections. Many factors
can affect the quality of an eye image, including defocus, motion blur, dilation and
heavy occlusion. Naturally, poor image’s quality cannot generate satisfactory recogni-
tion because they do not have enough feature information, in this regard; iris recogni-
tion is dependent on the amount of information available in two iris images being com-
pared. A typical iris recognition system commonly consists of four main stages [5, 6];
Acquisition the aim is to acquire a high quality image. Preprocessing, involves the
segmentation and normalization processes. The segmentation consists in isolating the
iris region from the eye image. The normalization is used to compensate the varying
size of the pupil. Feature encoding, uses texture analysis method to extract features
from the normalized iris image. The significant features of the iris are extracted as a
series of binary codes known as digital biometric template. Matching compares the
user digital biometric template with all the stored templates in the database. The match-
ing metric will give a range of values of the compared templates from the same iris. In
recent years, with an increasing of new massive biometric security demands around
the world, it seems difficult to fulfill the conditions mentioned above in order to have
a reliable iris recognition system [7]. Thus, with the aim of overcoming these draw-
backs, news approaches are being developed in an attempt to improve iris recognition

performance under non ideal situations i.e. unconstrained environments. These bio-
metric recognition systems are more flexible, the aim has been to achicve automatic
acquisition system, where the image acquisition process is transparent to the user, and
this has been achieved using the video acquisition system. The development of these
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systems has involved the redesign of the traditional architecture of a biometric system
based on still images. These new architectures are part of the multi-biometric systems
which are the current trend in biometric systems. The term multi-biometric denotes the
fusion of different types of information (e.g., fingerprint and face of the same person,
or fingerprints from two different fingers of a person).

Among these approaches, the video-based eye image acquisition for iris recognition
seems to be an interesting alternative [8, 9,21] because it can provide more information
through the capture of a video iris sequences. Besides that, it is a friendly system be-
cause it is not intrusive and requires few users’ cooperation.

In this paper, we propose to exploit the video-iris; it contains information related to
the spatio-temporal activity of the iris and its neighbor region over a short period of
time. Therefore, the information from individual iris images can be fuscd into a single
composite iris image with higher biometric texture information, resulting in better
recognition performance and reducing the error rates. The idea of fusing iris biometric
templates to perform biometric recognition has been recently described in the litera-
ture. Zhao and Chellappa [10] suggested averaging to integrate texture information
across multiple video frames to improve face recognition performance. Hollingsworth
et al. [11] improve the matching performance using signal-level fusion, taking ad-
vantage of the temporal continuity in an iris video sequence to create a single average
image from multiple frames, but they suppose an ideal situation, in which bad seg-
mented iris frames are manually discarded, that may limit its application. There are
several methods of fusion, Colores et al. [12] analyzed some fusion methods to deter-
mine the most suitable to use in biometric applications. Indeed, the main objective in
this work is to determine the effectiveness of including a new stage that implements a
fusion method within architecture for a biometric recognition system bascd on iris.
This paper is organized as follows: section 2 explains the basics of the Iris recognition
system based on video. Section 3 describes the new stage. In scction 4 presents the
evaluation of the new architecture, and finally in scction 5 presents the conclusions.

2 Iris recognition system based on video

The scheme, shown in figure 1, is based on the conventional iris recognition system
[5, 6] modified to operate with video captured on unconstrained environments. Thus,
in the modified system firstly the eye frames are captured by a proper video camera in
the video acquisition stage.

. — “' Acqubiion | Preprocessing ,
- WVider) | Segmentation = Nermalization | l
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Fig. 1. System 1: Mudification of Iris recognition system to use video.
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Ideally, the captured eye image should be centered in the frame, free of defocus and
aberration errors. It is possible to achieve it by forcing to the user to remain perfectly
static and looking to the camera while the video is taken. However, the main purpose
of any unconstrained scheme is to be minimally invasive or restrictive with the users.
In the case of moving subjects, the images may be of poor quality due to improper
illumination, motion blur, occlusions, etc. Moreover, increasing the distance of the
subject from the camera causes a decrease in the resolution of the eye recorded in the
image; the performance of an iris recognition system is negatively impacted when the
spatial resolution of the acquired iris images is low. This fact may result, sometimes,
in the introduction of frames with few, or even without any iris’s texture information,
which can in turn affect the performance of the recognition system. In other cases,
even though the image had high quality, may not enough contain information needed
to achieve recognition. Therefore, the processing of each of the images will result in a

higher processing time. A sample set of all these problems in capturing iris images are
shown in figure 2.

Fig.2. Video sequences depicting various problems during capturing iris images.

Some studies report that using high quality image affects recognition accuracy and
can improve system performance [7]. Then, it is necessary to select suitable images
with high quality from an input video sequence before the next recognition processing.
Choosing an eye frame with an appropriate image quality seems to be a challenge.
Defocus-blur and motion-blur are the major source of eye frame quality degradation.
Indeed, in a less restrictive environment, the users are free to move outside the optimal
distance from the camera during video capture process, which means that they may
move outside the optimal “depth of field” of the system causing the blurring effects in
the captured frames. In general, a focused eye image has a relatively uniform frequency
distribution in the 2D Fourier spectrum, while the power spectrum of a defocused or
blurred image is concentrated on the lower frequencies. This fact suggests that a spec-
tral analysis of the frequency distribution may be an effective way to estimate the im-
age quality of eye frames for discriminating the distorted frames from the clear ones.
Consequently, several discrete formulations have been proposed and that allow obtain-
ing only the power of high frequencies by attenuating the low frequency components
of the eye frame and calculating the power spectrum of the high-pass filtered eye im-
age. Colores et al. [13] analyzed four methods used to obtain the high frequency power
spectrum of the eye frames for image quality assessment. Evaluation results show that
the Kang and Park convolution kernel provides better performance than the other ker-
nels in terms of speed and accuracy [14].Therefore, in the modified scheme (System
1), the acquisition stage employs the Kang and Park convolution kernel.
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2.1 Preprocessing video stage

The preprocessing stage of the modified scheme performs the iris segmentation and
normalization tasks whose main purpose is to provide a good enough scgmentation of
the iris region for each frame obtained from video-iris, to enable the encoding and
matching stage to perform accurate iris recognition. The segmentation module isolates
the iris region from the eye frames using the segmentation algorithm proposed by Wil-
des [6], which is based on the circular Hough transform combined with a Canny edge
detector to obtain the iris region. The goal of edge detection algorithms is to produce
an image containing only edges of the original image. However, most edge detection
algorithms produce an image containing fragmented edges; then in order to turn these
fragmented edge segments into useful lines, circles and object boundaries, an addi-
tional processing is needed. To this end, the circular Hough transform is used to find
circles in eye frame and deduce the radius [r,, ;] and centres
[(Xcps Xcp) » (Xcir Xci))] corresponding to the pupil and iris regions. This stage plays a
very important role because if the segmentation process is not performed with enough
precision, the segmentation error will further propagate to the encoding and matching
steps. The normalization module is used to compensate the size variation of the iris
region, in the eye frames, mainly because the stretching of the iris caused by pupil
dilatation due to varying illumination levels. This process is donc using the linear rub-
ber sheet model proposed by Daugman(5]. This transformation maps cach point within
the iris region to polar coordinates (r, 8)where r and @are in the intcrvals [0, 1] and
[0,27], respectively. The mapping of the iris region from Cartcsian representa-
tion /(x, y), to the normalized non-concentric polar representation, 1(r,0) is given by
equation 1, / (x (r,8),y(r, 6)) is the segmented eye image, (x,y) arc the original Car-
tesian coordinates, (, 8) are the corresponding normalized polar coordinates.

1(x(r,8),y(r,8)) = I(r,6) (1)

where
x(r,8)=01- r)(x,_.p(a) + r,,casa) + 1 (x(8) + ricos6) (2)
y(r,0) = (1 —1)(y5(0) + rpsinﬂ) + 1 (y(8) + 1isind) 3)

2.2 Feature encoding video stage

The extracted features are fed into the encoding stage which is uscd to obtain the
digital biometric template [15]. This process has two components: fustly, the filter
component is applied in cach normalizcd iris region from vidco-iris [rames using a
predefined complex filter or operator to cxtract the most discriniiting information
present in the iris region. Sccondly, the phase quantization where Ui resulting complex
array is translated into a binary code that constitutes the digital bivmetric {emplate.
The feature encoding stage, then, was implemented by convolving the normalized iris
region with a 1D Log-Gabor wavelets, where each row of /(r, 0) coiresporids to a par-
ticular circle extracted from the iris rim. Some enhancements ar¢ then performed on
the extracted signals, such that the intensity values at distorted areas in the normalized
iris region are filled with the average intensity of surrounding pixcls. Finally, the filter
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output is transformed into a binary code using the four quadrant phase encoder, with
each filter producing two bits of data for each phasor [16].

2.3 Matching video stage

The operation of this stage consists of the comparison of digital biometric templates,
producing each a numeric dissimilarity value. In this scheme, the Hamming distance
(HD) was employed for Daugman [5]. The HD measure can be used to make a decision
whether the digital biometric template is produced by the same or different users.

3 New fusion video stage

The image fusion tries to solve the problem of combining information from several
images taken the same object to get a new fusioned [17]. In this paper, each frame of
video-iris is first pre-processed in order to obtain the normalized iris region templates.
Then, a fusion method is applied to provide a representative fusioned normalized iris
region template from these individual templates. The resulting template should be con-
tains more iris biometric texture information as compared to individual templates, We
analyzed the image fusion methods to determine the most suitable to achieve greater
extraction of iris biometric information [12], the result show that the principal compo-
nent analysis (PCA) method presents the best performance to improve recognition val-
ues according to the Hamming distances. The PCA fusion method transforms the fea-
tures from the original domain to the new domain (known as PCA domain). Here the
features are arranged in order of their variance. Fusion process is achieved in the PCA
domain by retaining only those features that contain a significant amount of infor-
mation. The main idea behind PCA is to determine the features that explain as much
of the total variation in the data as possible with as few of these features as possible.
Image fusion based on PCA has advantages in maintaining image information, reduce
redundant information and highlight the components with biggest influence, can be

performed by parallel computing, the spectral information loss is slightly better than
others methods of fusion.

Thus, the results suggest that adding a fusion video stage to the architecture of the
unconstrained environment iris recognition, it could increase the system performance.
Thus, we have a new architecture for a system based on video iris biometric recogni-
tion for unconstrained environments. Figure 3 shows the new architecture, the added
stage is based on the PCA fusion, operates fusing the normalized templates to generate
a single digital normalized template. This new stage will provide to the ma.tc.hing stage
a digital template that contains more biometric texture information of the ir1s region.
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Fig. 3. System 2: Iris recognition system with a fusion video stage.

3.1 Image fusion using principal component analysis

The fusion method based on the principal component analysis [17] is a straightforward
way to build a fused image as a weighted superposition of several input images. The
optimal weighting coefficients, with respect to information content, can be determined
by a principal component analysis of all input intensities. By performing a PCA of the
covariance matrix of input intensities, the weightings for each input image are obtained
from the eigenvector corresponding to the largest eigen-value.

Fig. 4. PCA operation to fuse two images.

Figure 4 shows the basic fusion scheme, where two images I, and I, are fused to ob-
tain a resultant image I; given by equation 4,W, yW, are the weights coefficients.

10 3) = Wy ) (,9) + Walx9)la(x,9) @
Xe =1l =¥ ©)

C= -;- XX, + X, X;) ©
w,=U"X, M

w,=UTX, @®)

The weights for each source image are obtained from the eigenvector corresponding
to the largest eigen-value of the covariance matrix of each source. Arrange source im-
ages in two-column vector.

e Organize the data, let S be the resulting column vector.

e Compute empirical mean (V) along each column.
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e Subtract Wfrom each column of S, the resulting is a matrix X;. (eq. 5)
Find the covariance matrix C of matrix Xj. (eq. 6)
Compute the eigenvectors and eigen-value and sort them by decreasing eigen-
value.

e  Consider first column U which correspond to larger eigen-value to compute
normalized component W, and W,. (eq.7 and eq.8 respectively)

4 Experimental results

To evaluate the performance of the proposed scheme shown in Figure 5, we selected
the “MBGC.v2” dataset [4, 18], which presents several noise factors, especially those
related to reflections, contrast, luminosity, eyelid and eyelash iris obstruction and focus
characteristics. These facts make it the most appropriate to study the iris recognition
system for uncontrolled environments. Regarding to the images size, each eye frame
is 480 by 640 pixels in 8 bits-gray scale at 30frames per second (fps). This database
has been distributed in MPEG-4 format to over 100 research groups around the world.
For experiments purposes, iris-videos from the MBGC.v2 database were selected from
131 users to generate the testing dataset. For each user, we select a reference eye frame.
The testing eye frames were selected sub-sampling the video-iris at 1/10 frames, alt-
hough the reference eye frame was chosen according to the characteristics of high-
frequency concentration previously described. As shown in Figure 5, the recognition
tests were conducted on 3000 eye frames with 131 reference eye frames, allowing the
generation of the distributions inter-class and intra-class to compare the performance
of proposed and conventional systems. Each frame in the set of test was segmented
and normalized using a modified version of the Libor Masek [19] algorithms for iris
recognition (based system 1), improvements in the algorithms allow operating with
video-iris, obtaining for each frame a normalized template; this template contains only
the texture information of the iris region.
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Fig. 5. Scenario of the testing systems.

To evaluate the performance of proposed scheme in verification mode, the €qual
error rate (EER) and the receiver operating characteristics (ROC) curve [20] were used,
Figure 1, shows the iris recognition scheme used in unconstrained environments mog-
ified to process video (System1) and Figure 3 illystrate the new scheme called System
2 which integrates the fusion stage. Figure 6.a shows the false acceptance rate (FAR)
and false rejection rate (FRR) achieved by System 1 which provides an EER equal to
13.1771%, with a threshold (Th) of about 0.4586_ Figure 6.b shows the FAR and FRR
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achieved by the new scheme (System 2) which achieves an EER equal to 0.7751%
with a Th equal to about 0.44074.
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Fig. 6. The crossover point between the curves FRR and FAR, EER for systems. a) System

1, b) System 2.

The ROC curves, shown in Figure 7, plot the FAR as a function of the FRR, are
useful to compare the performance of proposed and based systems. To confirm the
accuracy of iris matching process and to show the overall performance of proposed
new scheme, independently of the threshold value, the ROC curves were used. From
experimental curves, it follows that the proposed new scheme (system 2) provides a
better performance since the ROC curve is much closer to the origin than the proposed
based system (system 1). Finally, using properly selected Th, the System 1 may
achieve a FAR equal to 4.86%, which is significantly slower than the EER, although
in this situation the FRR increases to 15.57% which is much higher than the EER. On
the other hand, using the same threshold, the proposed new scheme (system 2) achieves
a FAR equal to 0.3288% and a FRR equal to 0.7634%. In addition, in this situation,
the genuine acceptance rate (GAR) for System 1 is 84.42% while for the proposed
system (system 2) is about to 99.236%.
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Fig. 7. ROC curves (a) Cut-off point optimal, system 1, (b) Cut-off point optimal, system 2.



Adaptation of a PCA fusion stage to improve accuracy in a biometric iris ... 255

5 Conclusions

In this work, we propose an improved iris recognition system, integrating a new
stage into the iris recognition system modified to use video, in order to increase its
adaptability toward less constrained environments. Indeed, under less constrained en-
vironments, it is expected that the captured eye frames contain several types of noise
and distortion, which affect the segmentation process and consequently impacts the
recognition rate. The new stage exploits the biometric texture information from video-
iris acquired under non-cooperative scheme, creating a fusioned normalized template
through an image fusion technique based on PCA. We used the ROC curves to obtain
the optimal decision threshold. The experimental results show that the proposed stage
help to reduce the recognition error rates on the new proposed scheme (system 2),
contributing to improve the recognition performance. It also decreases the EER by
12.4%; and for a given Th, FAR is reduccd by 4.53%, while the FRR is reduced by
14.8% comparing with based iris recognition system (system 1). In addition, the GAR
achieved by the proposed scheme (system 2) is 99.236%; while for the based system
(system 1) is 84.42%. Thus, the results suggest that adding a fusion video stage to the
architecture of the non-cooperative iris recognition, it could incrcase the system per-
formance. Therefore, we can conclude that our proposal can be integrated as an opti-
mization to the biometric recognition system based on video iris, for an application of

iris recognition in uncontrolled environments.
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