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Preface 

 
   The purpose of this volume is to present the most recent advance in selected areas of com-
puter science. Works included in this volume where carefully selected by the editors on the 
basis of the blind reviewing process. The main criteria for selection were originality and techni-
cal quality 
   This issue of Research in Computing Science will be useful for researches and students work-
ing in the different areas of computer science, as well as, for all reader interested in this field of 
knowledge. 
   In total, we received 39 papers by 97 authors that were submitted for evaluation; see Table 1. 
Each submitted paper was reviewed by 2 independent members of the editorial board of the 
volume or additional reviewers. This volume contains revised version of 30 accepted papers by 
81 authors. The acceptance rate is 76.92 %.  
 

Table 1 Statistics of submissions and accepted papers by topic 
 
Topic Submitted Accepted 
Artificial Intelligence 13 11 
Communications & Computer Networks 2 2 
Databases & Software Technology 4 3 
Digital Signal Processing 1 1 
Real Time & Automation 3 2 
Intelligent Processing of Geospatial Information 2 1 
Micro technologies & Embedded Systems 4 3 
Natural Language Processing 5 2 
Neural Networks & Unconventional Computation 2 2 
Simulation & Modelling 3 3 
 
 
   We would like to express our gratitude to all people who help to elaborate this volume. First 
to the authors of the papers for the technical excellence of their works, that guarantees the qual-
ity of this publication. We also want to thank the members of the editorial board for their hard 
work in evaluating and selecting the best’s papers out of many submissions that we received. 
We express sincerely our gratitude to the Mexican Society of Artificial Intelligence (SMIA) for 
its collaboration in elaborates this publication. Also we want to give special recognition to the 
Center for Computing Research of the National Polytechnic Institute for facilities given in or-
der to achieve the success in the publication of this volume. The submission, reviewing, and 
selection process was supported for free by the EasyChair system, www.EasyChair.org. 
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As shown in Fig. 14 (b), the image is very dark, because it did not change the 
contrast value. However, this is not a limitation, because the pattern matching 
algorithm succeeds in finding the object. After transformations, the histogramm is 
modified (see Fig. 14 (c)). 

 
 

 
(a) (b) (c) 

Fig. 14. Modified image search 

Pattern matching continually monitors the target location and gives the image 
coordinates, which are compared by the dome control to locate the relevant 
surveillance area. Fig. 15 shows how pattern is found. This is repeated until the target 
is in the center of the FOV of the dome. 

 
Fig. 15. Pattern Matching 

After positioning in the center and then making zoom in as necessary, this steps 
will stop when some of the lengths of the pattern (vertical or horizontal) is greater 
than or equal to the stated tolerance. 

Finally, the result is shown in Fig. 16. This image,          according to the block 
diagram of Fig. 1, can be used to perform other advanced processing or for display it 
in a report that is sent to to the user email account. 
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Fig. 16. Result 

5.2 Discussion 

The design of the system corresponds to a dual system that employs a pair formed 
by a fixed camera and a mobile one that work together, as proposed in the paper of 
Hsien-Chou y Wei-Yi [6]. 

The test was conducted in a restricted parking that complicates the algorithm 
having uncontrolled lighting, unlike Chu-Sing et. al work [5] which is done outside.   

One advantage of the proposed system over other developed by Varcheie y 
Bilodeau [4], is that the present work employs RGB color to grayscale 
transformations, which can be a benefit for the low-performance commercial systems 
that provide monochromatic images. Thus, matching pattern is not dependent on 
color, the object can be found through inter-camera calibration. 

6 Conclusion 

In this paper a computational model is proposed and applied for the security of 
buildings, in this case parkings in restricted areas. The presence of an object is 
detected by a fixed camera then the command is send to the dome camera to move it 
to that point and zoom in to get a picture with a greater detail. This is achieved using 
advanced algorithms of image processing, pattern matching and Pelco-D 
communication protocol.  The application was programmed in LabVIEW 2010. The 
final image can be used for other purposes that computer vision allows, such as 
feature analysis and optical character recognition (OCR). In this paper, user reports 
are generated and sent via email. Future work will be related to sharing information in 
a local network, and integrating other image processing techniques with the purpose 
of object tracking in real time for a more robust and complete system. 
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Abstract. App Inventor for Android the blocks programming language of 

Google and the MIT for developing applications in Android phones and 

tablets,  is becoming very popular among users with no programming ex-

perience to wirelessly control robot kits. However the main problem to 

solve is how to make the Android device to interact with the robot´s motors 

and sensors. In this paper we discuss three interactive modes (direct, orien-

tation sensor and by speech recognition), to control a Lego Mindstorms 

NXT Robot using an Android phone. 

Keywords: App Inventor, Android, Lego Mindstorms, robot. 

1 INTRODUCTION 

Android phone and tablets have become ubiquitous devices not just for communi-
cation purposes but also to interact with robots due to their computing power and 
modes of interaction such as touch screen, video and speech. Furthermore, android 
devices come with numerous integrated sensors such as accelerometer, gyroscope, 
compass and GPS, and several communication standards like USB, Wi-Fi, Bluetooth, 
and phone networks (GSM, WCDMA, etc.). In the field of human-robot interaction, 
the capabilities of a phone to communicate with a robot and specially its sensors 
(proximity, light, sound, touch, etc.) and actuators (servo motors), become essential. 

Although there are many ways to use a smartphone to control wirelessly a robot, 
most of them requires the knowledge of a classical computer programming language 
such as C, C++, Java, Python, etc. Lately however, visual programming languages 
such as Scratch [1], Fujaba [2] and App Inventor for Android [3], can also be used 
to interact with robots without the need of knowing the classical programming lan-
guages. 

In this paper, a user interface programmed with App Inventor to control wirelessly 
a Lego Mindstorms NXT robot using an Android smartphone for human-robot inter-
action, is implemented. The touch screen and the orientation sensors of the 
smartphone thus as its speech recognition capability are used to send control com-
mands via Bluetooth to the robot´s servomotors to make it move in several directions. 

The remainder of this paper is organized as follows: Section II presents a summary 
of several approaches to interact with robots. Section III describes the design of the 
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control modes for the Lego NXT robot. Section IV shows the results of the implemen-
tation. Our Conclusions are presented in Section V. Finally, Section VI outlines the 
future work. 

2 RELATED WORK 

There are many systems to interact with Lego robots which have become very pop-
ular in schools and universities, due to their low price and rich assortments of bricks, 
sensors and actuators to build a great variety of them. For example, the Mindstorms 
NXT comes with an easy to use graphical programming software to build applications 
[4]. More recently Lego has offered a free MINDdroid application which is a remote-
control application that allows to create a wireless connection directly with the NXT 
from an android phone, so one can tilt and turn the phone to make the robot move 
forward, backward and turn to the sides [5]. Naturally the NXT can also be con-
trolled with others alternative firmwares (for example, leJOS for NXT, Scratch for 
Arduino, Enchanting, etc.), development environments (Scratch, App Inventor) and 
libraries (Matlab, Python, etc.) for various languages (Java, App Inventor, etc.). 
Some of the most important are described in the following. 

2.1 leJOS NXJ 

leJOS NXJ is a Java programming environment for the Lego Mindstorms NXT ro-
bots. leJos is an open source project developed by Jose Solorzano that originally im-
plemented  a Java Virtual Machine for the Lego Mindstorms RCX system [6]. It con-
sists of: a) Replacement firmware for the NXT that includes a Java Virtual Machine; 
b) A library of Java classes (classes.jar) that implement the leJOS NXJ Application 
Programming Interface (API), to write Java programs running on the NXT that inter-
act with sensors and motors; c) A linker for linking user Java classes with classes.jar 
to form a binary file that can be uploaded and run on the NXT; d) PC tools for flash-
ing the firmware, uploading programs, debugging, and many other functions; and e) A 
PC API for writing PC programs that communicate with leJOS NXJ programs using 
Java streams over Bluetooth or USB, or using the Lego Communications Protocol 
(LCP) to remotely control the NXT. Figure 1 shows a basic movement control 
´program and its implementation with leJOS NXJ. 
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Fig. 1. A leJOS NXJ program. 

2.2 Cellbots for Android 

The Cellbots app for Android is the result of the 20%-Google-employee-
free-time-project to show some interoperability between Android phones and 
robot kits [7]. Cellbots was written in Java using the Android SDK and sup-
ports four types of robots including the Lego Mindstorms. The Cellbots app 
available freely in the Play Store Market [8], allows to control a robot to per-
form forward, backward, turn left, and right movements in four modes: 1) 
Direct control with D-pad, joystick, accelerometer, or voice control inputs, 
using a phone-robot Bluetooth connection ; 2) Chat mode using Google Talk, 
where the phone is mounted on the robot and one chats with the phone-robot 
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from a laptop, typing simple text messages such as “move forward”, “stop”, 
etc., through an internet connection; 3) Phone to web mode using a Wi-Fi 
local network, where the phone-robot will use the phone´s camera to stream 
video to a browser and from the browser control the robot typing movement 
commands like “f” for forward, “l” for turn left, etc.; and 4) using a second 
android phone in which the first one is used as user interface, and the second 
as a robot controller, using a Wi-Fi local network. Figure 2 shows the cellbots. 

 
Fig. 2. The Cellbots for Android. 

2.3 Scratch, Scratch for Arduino and Enchanting. 

Scratch is a learning environment developed by the Lifelong Kindergarten Group 
at the MIT Media Lab, that allows people of any experience, background and age, to 
experiment with concepts of computer programming, by snapping together visual 
programming blocks. Figure 3 shows Scratch interacting with sensors of the 
PicoBoard to make applications that respond to light, sound and touch [10]. The left 
blocks palette has groups of code fragments (movement, looks, sound, images, con-
trol, sensors, motors, operators and variables), that can be dragged onto the scripts 
area to make programs. Scratch also gave them special form and color. Start blocks 
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have little knobs (like Lego bricks) under them, to illustrate that there might be placed 
a block below them. Instructions also have knobs to show how they fit together. Thus, 
shapes an color of instructions not only give a hint where they can be placed, they 
even make it impossible to place them at positions that are syntactically incorrect. The 
third pane of the IDE shows the scene to interact with. On the scene you can create 
and place new objects. The program controls those objects. The scene also represents 
the final project. Scratch also includes a “Share“ button. Clicking this button publish-
es the complete project onto the Scratch website and shares it with the community. 

 
Fig. 3. An application with Scratch and the PicoBoard. 

Scratch for Arduino (S4A) 
S4A is a Scratch modification that supports simple programming for the Arduino 

robot. It provides new blocks for managing sensors and actuators connected to the 
Arduino [11]. Figure 4, shows the Arduino robot. 
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Fig. 4. S4A and the Arduino robot. 

Enchanting for Lego Mindstorms Robots. 
Enchanting is an easy-to-use-graphical programming language tool for the Lego 

Mindstorms NXT robots (Figure 4). It is also based on Scratch, and powered by 
leJOS NXJ [12]. 

 
Fig. 5. Enchanting for Lego Mindstorm robots. 

2.4 App Inventor for Android (AIA) 

AIA is a visual blocks language provided originally by Google and from January 
2012, by the MIT Center for Mobile Learning. AIA graphical interface is very similar 
to the Scratch programming language, allowing users to drag-and-drop visual objects 
to create applications that run on many mobile phones with the Android OS. [13]. 
AIA has two main windows: a component designer for building the user interface and 
a blocks editor for defining the application behavior. Applications can be tested di-
rectly on the phone or an emulator (Figure 6). 
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Fig. 6. AIA Component Designer, Blocks Editor & Emulator.-Phone. 

The above mentioned solutions (LeJOS, Scratch for Arduino, and Enchanting), to 
provide additional capability to interact with sensors and motors of a robot, requires 
to download and replace the original firmware of the robot; a process no very easy 
because requires certain computing expertise. The Cellbots solution needs also com-
puting skills to compile the source code, unless the downloaded application from the 
android market is used. Those inconveniences can be avoided using AIA, because 
AIA includes a Mindstorms palette which provides six Bluetooth client components 
to interact with sensors and motors of Lego Mindstorms robots. The following section 
shows three modes to interact with a Lego robot using an Android phone. 

3 AIA-Based NXT Robot Control Modes 

The app uses touch screen buttons, orientation sensors and the speech recognition 
capability of an Android phone, for driving the robot forward and backward, turning 
left and right, and stopping. The app uses also the Bluetooth capabilities of the phone 
to communicate with the robot. 

3.1 Building the User Interface with the Component Designer 

The Component Designer shown on Figure 7 is the tool for designing the app inter-
face. The left side palette has two types of components: 1) Visible like button, image, 
label, ConnectListPicker, etc., and 2) Non-Visible like BluetoothClient, NxtDrive, 
NxtUltasonicSensor, OrientationSensor, SpeechRecognizer, etc. We drag components 
from this palette to the viewer to specify the way the phone´s screen will appear when 
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the application run, for saving data persistently, and for talking to the web. As a com-
ponent is dragged into an app, its name and type appears in the list of the Components 
window. Components in this list can be renamed, deleted, and another media added. 
When a component is selected, its properties that appear in the Properties window, 
can be modified. The non visible components used in this app are shown in Table 1. 

 
Table 1. Non visible components for the Lego robot control application 
Component type Palette group Component named as: Purpose 

BluettothClient Other stuff BluetoothClient1 Connect  robot 

NxtDrive LEGO 
MINDSTORMS 

NxtDrive1 Drive the  
robot´s wheels 

NxtUltrasonicSensor LEGO 
MINDSTORMS 

NxtUltrasonicSensor1 Detect obsta-
cles 

Notifier Other stuff Notifier1 Display error 
messages 

OrientationSensor Sensors OrientationSensor1 Detect orienta-
tion of phone 

SpeechRecognizer Otherstuff SpeechRecognizer1 To control  the 
robot by voice 

 

 
Fig. 7. AIA Component Designer for the Lego robot app. 

The visible components to create the user interface are shown in Table 2. These 
components are also shown in the components window of Figure 7. ListPicker dis-
plays a list of the robots that have been paired with the phone and lets you choose 
one. The upper and lower buttons connect and disconnect the robot via Bluetooth. The 
five middle buttons are for direct control. The blue left button is for orientation sensor 
control, and the blue right button is for voice control. 
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Table 2. Visible components for the Lego robot control application 
Component type Palette group Component named as: Purpose 

ListPicker Basic ConnectListPicker Choose the 
robot to connect 
to 

HorizontalArrangement Screen Ar-
rangement 

HorizontalArrangement2 A visual con-
tainer 

Image Basic Image1 Robot and pho-
ne  image 

VerticalArrangement Screen Ar-
rangement 

VerticalArrangement1 A visual con-
tainer 

HorizontalArrangement Screen Ar-
rangement 

HorizontalArrangement1 A visual con-
tainer 

Button Basic OrientationSensorButton  

Button Basic DirectControlButton  

VerticalArrangement Screen Ar-
rangement 

VerticalArrangement2 A visual con-
tainer 

Button Basic ForwardPitch Drive forward 

Button Basic LeftRoll Turn left 
Button Basic RightRoll Turn right 
Button Basic BackwardPitch Drive backward 
Button Basic ForwardButton Drive forward 
HorizontalArrangement Screen Ar-

rangement 
HorizontalArrangement A visual con-

tainer 
Button Basic LeftButton Turn left 
Button Basic StopButton Stop 
Button Basic RightButton Turn right 
Button Basic BackwardButton Drive backward 

Button Basic SpeechRecognizerButton To activate the 
speech recog-
nizer 

Button Basic DisconnectButton Disconnectrobot 
 

3.2 Programming the Behavior with the Blocks Editor 

The behavior of the application is defined in the Blocks Editor. This editor is 
launched clicking the “Open The Blocks Editor” button in the Component Designer. 
This Editor has two palettes from which blocks are dragged, the Built-in palette and 
the My Blocks palette (Figure 8). 
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Fig. 8. The Blocks Editor with the Build-in and My Blocks palettes. 

The Built-in palette contains built-in blocks for standard programming control and 
functionality, for text and list manipulation, and mathematical, logical and control 
operators (Figure 8). The My Blocks palette contains blocks representing the compo-
nents of the applications that were added in the Component Designer. In a very simi-
lar way like Scratch, the App Inventor blocks language provide visual cues to ease the 
development tasks, and only some blocks lock in place, reducing the possibility of 
errors (Figure 8). The application behavior is directly defined through a set of event-
handlers (e.g., “when event ForwardButton.Click occurs, do 
NxtDrive.MoveForward”). Live testing can be performed with a plug in phone or 
with an Android phone emulator, clicking the Connect to Device button or the New 
Emulator button located in the upper right side. Once the application is tested, it can 
be deployed by packing it into an Android app by clicking the upper right Package for 
Phone button in the Component Designer (Figure 7). 

3.3 Connecting and disconnecting the Lego Robot 

The first behavior is connecting to the Lego robot. This is done dragging the 
ConnectListPicker.BeforePicking, and the ConnectListPicker.AfterPicking compo-
nents from My Blocks palette (Figure 9). When in the phone the Connect the Robot 
via Bluettoth button is clicked, the BeforePicking component will show in the phone a 
list of paired robots detected, and let you to choose one. When you choose a robot, the 
AfterPicking component, will make a Bluetooth connection to that one. The Discon-
nect Robot button on the phone triggers the DisconnectButton component to discon-
nect it (Figure 9). 
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Fig. 9. Connecting and disconnecting the Lego robot. 

3.4 Driving the Lego robot 

As it was mentioned, the Lego robot can be controlled in three modes: Direct, Ori-
entation Sensor and by Voice. The design of each mode is described in the following 
sections. 

A. Direct Control 
This is the default mode with the five middle buttons (labeled ^ for forward, V for 

backward, < for left, > for right and stop), shown in Figure 7. The NxtDrive compo-
nent provides the five blocks for driving the robot´s motors (Figure 10) at 90% power 
[14]. 

 
Fig. 10. Driving the Lego robot with Direct Control. 
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B. Orientation Sensor Control 
The non-visible OrientationSensor component (Figure 7) is used for game-like 

apps in which the user controls the action by tilting the phone [14]. It can also be used 
to control the robot´s movements clicking the blue left button on the phone. The 
OrientationSensor has five properties two of which are used for this app. These are: 
Pitch and Roll. 

The Pitch property is used to perform forward-backward movements. Having the 
phone in horizontal position (Pitch of 0 degrees), a forward movement is performed 
tilting the phone so its top is pointing down (Pitch increases to +90 degrees). A back-
ward movement is performed tilting it so its bottom points down (Pitch decreases to -
90 degrees). 

The Roll property is used to perform left-right movements. A turn-left is performed 
when the phone is tilted up onto its left side (Roll increases to +90 degrees). And a 
turn-right when it´s tilted up onto its right side (-90 degrees). 

The implementation for move forward and turn-right is shown in Fig. 11. Move 
backward and turn-left are similar. 

 
Fig. 11. Orientation sensor control mode. 

C. Voice Control 
This mode uses the SpeechRecognizer component of AIA and is triggered clicking 

the blue right button on the phone. The SpeechRecognizer uses Google´s network-
dependent voice-to-text system to transcribe user´s vocal input like “move forward”, 
“turn left”, “stop”, etc [15]. The component requires the phone´s internet connectivity. 
Figure 12 shows the VoiceControlButton calling the speech components and labels 
being populated with possible text results like forward, backward, left, etc. 
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Fig. 12. Speech recognition control mode. 

The .GetText call initiates the AIA speech component, which prompts the user for 
input and then sends the sound clip to Google´s speech-to-text system. The resulting 
text is sent back to the phone to trigger the .AfterGettingText event to drive the robot´s 
motors accordingly. 

4 Experiments and Results 

For the experiments we use an old Lego Mindstorms robot and a LG-P500 Android 
2.2 phone, with the Voice Search-Android Google application [16]. Figure 13 shows 
the results of implementing the proposed AIA-based system to interact with the robot 
in three control modes. The left figure shows the interface of the default control mode 
with buttons to connect and disconnect the robot via Bluetooth. The middle figure 
shows the interface in orientation sensor control mode. The figure toward the right 
shows the interface in speech recognition control mode. 

 
The three control modes performed well. The direct control mode was the best, fol-

lowed by the orientation sensor mode and the voice control mode. In the first mode 
the Lego robot responded rapidly to each movement command sent from the Android 
phone.  The orientation sensor mode was a little bit more difficult because it was nec-
essary to control more precisely the pitch and roll tilting of the phone. A slight tilting 
of the hand holding the phone produced undesired movements. The third mode, the 
voice control had the worst performance due to two problems. The speech recognizer 
component no always recognized appropriately a voice command, sometimes instead 
of recognizing the “forward” command, it recognized it as “for all”. But, and this was 
the second problem, the resulting text of the recognized command had a response 
delay of three to five seconds, which was the time it takes to send the sound clip to the 
Google´s speech-to-text system, and getting the resulting text back. 
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Fig. 13. Control modes of interacting with the Lego robot. 

5 Conclusions 

The Android OS for smart phones is gaining a greater share of the phone market. 
App Inventor for Android targets a wide audience who want to create mobile applica-
tions in their phones, but that no necessarily is knowledgeable of a computer language 
like Java. App Inventor eases the development of phone applications using a graphical 
interface with intuitive drag-and-drop features that is very similar to MIT´s Scratch. 
In this paper an App Inventor based application to interact with a Lego robot in three 
control modes was implemented. It showed that the robot´s actuators can be easily 
controlled by touch-screen buttons, the sensor orientation and the speech recognition 
of the Android phone. 

6 Future Work 

This application may still be expanded beyond the actual state, making it more use-
ful by attaching the phone to the robot and using its camera to stream video back to a 
web browser, for internet mode control. 
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Abstract. The Internet has changed the way in which information is stored, 
visualized and shared. In many cases the information we need is on the Internet 
in different formats and comes from heterogeneous data sources. The tasks of 
retrieving and integrating information with those features have to be done either 
manually or by developing a system to do it automatically according to certain 
rules and criteria. This paper presents a multi-agent system modeled under the 
BDI approach that integrates information from heterogeneous data sources. 
Every agent in the group has different abilities and activities, such as retrieving 
automatically information about call for papers for conferences from different 
Web sites, which have different structures; extracting information; 
concentrating it in their own storage system; and visualizing it through a 
flexible Web site with different search options. Additionally, the multi-agent 
system provides a Web service interface which allows other systems to retrieve 
call for papers from it, establishing a certain degree of interoperability to the 
full system by providing its information in a standard XML format. 

Keywords. Multi-agent systems, heterogeneous data sources, call for papers, 
information retrieval, web objects in xml, information integration. 

1 Introduction 

The Internet is an increasing source of a great amount of information, where a lot of 
data can be retrieved from the Web and there is a daily effort for updating and sup-
porting it. The way in which information is stored, visualized and shared is changing 
due to the continuous generation of content. Unfortunately, despite the availability of 
specialized Web sites, the registration, search and retrieval of useful information is 
still a difficult task. In the academic world there are different types of information that 
are continuously required, such as that related to academic and scientific conferences, 
which is needed in an accurate and up to date way.  

In this paper, we present a multi-agent system (MAS) for automatic web search 
and retrieval of information of conferences and their corresponding call for papers 
(CFP). The agents retrieve information about conferences, from different specialized 
conference Web sites, in which the information is structured in many formats; so an 
important task of the agents is to extract and format the relevant information that ap-
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pears in them in order to concentrate it in a centralized storage system; and visualize it 
through a flexible Web site with some search options. Additionally, the MAS offers a 
Web service that provides information about the stored CFP in a standard XML for-
mat, providing interoperability with other systems. The MAS performs three main 
activities: a) searching for information, b) collecting, formatting and storing it, and c) 
showing it to the user in a summarized way. The work presented in this paper is based 
on the system architecture described in [1]. 

The rest of the paper is organized as follows. Section 2 provides the preliminaries 
for this paper. In section 3, we describe three specialized Web sites that handle CFP, 
which are used by our multi-agent system. Section 4 presents the architecture of the 
multi-agent system, where the four agents of our system are described.  The different 
interfaces of our system are presented in section 5. Finally, section 6 gives some con-
clusions and future work. 

2 Preliminaries 

A practical way to deal with the web search of CFP information across the Web is to 
design a software system for doing it automatically. In order to implement this system 
we use the abstraction level provided by the intelligent agents approach; due to the 
features exhibited by them, such as autonomy, interactivity, proactiveness, rationality, 
among others [2]. Such system would also be capable of performing goal-driven 
work, decreasing or even minimizing the external intervention, self-controlling the 
system actions, reducing conflicts between goals, having a behavior oriented to 
achieve their goals [3], etc. This approach is an excellent choice for this domain, 
where it is needed to search, extract, format, store, and visualize heterogeneous in-
formation about relevant CFP for conferences.  

In order to design such a system, it is convenient to take advantage of the inten-
tional-agent approach; which implies that an agent can have propositional attitudes 
and mental states [3]. The MAS exposed in this paper is composed of a group of four 
agents, designed by the Belief-Desire-Intention (BDI) approach [3], where each agent 
has mental states of three types: beliefs (the real status of the agent in a certain time), 
desires (its goals or states to achieve), and intentions (the set of actions to perform in 
order to get its goals). Additionally, according to the BDI approach, each agent has 
information to execute its tasks, its procedural knowledge (a set of action plans and a 
queue of events for registering the actions and environment changes during its opera-
tion), and a set of abilities to accomplish its goals and carry out the assigned tasks. 

3 Call For Papers 

This section describes three specialized Web sites dedicated to concentrate Calls For 
Papers (CFP) from conferences about different topics: WikiCFP [4], ConferenceAlerts 
[5], and DBWorld [6]. They have different features and options to handle CFP, which 
will be highlighted in the following subsections.  
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3.1 WikiCFP 

WikiCFP is a Web site for registering manually and searching for conference CFP. It 
allows different search options and facilities, such as listing popular CFP, popular 
categories, CFP by category, CFP added recently, etc. It also allows searching for 
CFP by year and keyword, where the keyword can be any text that is contained in the 
information of the CFP. There are two types of users in WikiCFP: non-registered and 
registered. A non-registered user can only browse all the categories and CFP; a regis-
tered user can additionally create a list of their favourites CFP, and receive notifica-
tions about the status of the CFP being watched. 

The navigation and the format of the information contained on a CFP are simple. 
Figure 1 shows a screenshot of the WikiCFP Web site with a list of CFP, where every 
CFP in the list contains the following basic information: name of the conference, 
URL, when and where the conference takes place, submission deadline, notification 
date. Internally, the information of the CFP is semi-structured, and is contained in 
HTML tables.  

 

 
Fig. 1. WikiCFP Web site. 

3.2 ConferenceAlerts 

 
This Web site allows different search options in two main categories; one is by inter-
est topic, which is classified by areas; and the other is by country, which will order 
the CFP by geographical regions. The Web site also allows registering a new event, 
promoting an event, and subscribing to receive updates. Some of the information 
about CFP that is provided is the following: day, event name, city, country, among 
others. When selecting a specific event, we can find complementary information that 
is transcendental to maintain informed users. It should be noticed that this Web site 
not only allows the registration of academic conference CFP, but also of different 
types of events, such as meetings, commercial conferences, etc. Figure 2 illustrates a 
screenshot of the ConferenceAlerts Web site. 
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Fig. 2. ConferenceAlerts Web site. 

3.3 DBWorld 

The DBWorld Web site is also used for registering manually and searching for con-
ference CFP. It has a very simple graphical user interface, where all the conferences 
are contained in a list, and it allows the following actions: searching for CFP, geo-
graphic position of the conference on a map, access to old CFP, and registration of a 
new conference CFP. There is a map with a searching tool, where it is possible to 
search for a CFP using filters or keywords. It shows the results on the map and basic 
information about the CFP, such as name of the conference, dates, submission dead-
line, place of the conference, URL, notification date, etc. This Web site also uses the 
format of a wiki, where the information about the CFP is in a list with a specific pat-
tern. Although the information is semi-structured, it has a common pattern to repre-
sent the information of a CFP in tables. A screenshot of the DBWorld Web Site is 
shown in Figure 3. 

 

 
Fig. 3. DBWorld Web site. 
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4 Multi-Agent System Architecture 

The architecture of our multi-agent system is composed of four intentional agents, 
designed using the BDI approach [3], [7]; and the Prometheus methodology, using the 
Prometheus Design Tool (PDT) [8], a graphical editor for specifying, designing and 
implementing intelligent agents. The development process following this methodolo-
gy has three stages: 

1. System specification: oriented to identify the human-agent interaction described 
by perceptions and actions, defining the goals, and some steps of functionality 
based in the defined roles. 

2. Architectural design: where the agents of the system are defined, the MAS entire 
structure is determined, and the system dynamics is captured by means of interac-
tion protocols.  

3. Detailed design: where the plans, data, capabilities and actions of the agents are 
defined. PDT was used for designing this detailed design of agents.  

Figure 4 illustrates the System Overview Diagram of PDT, with the architecture of 
the MAS, where it can be seen the agents and the three main processes mentioned 
above, which are associated with them. 
 

 
Fig. 4. The MAS architecture, with the Web-Interface, Web-Searcher, Storage-Formatter and 
the WS-Listener agents. The CPF information is stored in different formats: relational, object 
oriented, XML and Web Objects in XML. 

In the first place it is depicted the Web -Interface agent, which has the following 
activities: it provides the communication with the users of the system; it gives to the 
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other three agents the instructions for searching information on the Internet, it speci-
fies the format for storing the heterogeneous information collected from the Internet; 
and it shows to the users the results of their requests for CFP information. The Web-
Searcher agent is in charge of retrieving CFP from different Web sites, and down-
loading this information to the system. The Storage-Formatter agent takes the down-
loaded CFP and cleans them up, by converting them into XHTML files and finally 
takes the clean CFP, reads them, extracts their information, and stores them in the 
storage system. Additionally, the WS-Listener is the agent responsible for providing 
the responses of Web Services requests of external systems; it executes the queries 
provided in the Web Service and sends the result to the requesting system.  

The group of BDI agents were implemented using Jason [9], which is an interpret-
er of the agent-oriented language AgentSpeak(L) [3], wrote in the Java programming 
language. Jason is a graphical environment for agent development, which allows the 
edition and execution of agent programs, and includes the opportunity to extend the 
abilities of each agent through Java programs (called internal actions) that implement 
a variety of tasks in order to achieve certain goals. 

The following three subsections explain in detail the activities carried out by the 
two main agents of our system: Web-Searcher and Storage-Formatter. 

4.1 Retrieving a CFP 

The Web-Searcher agent retrieves a set of CFP from the Web sites described in previ-
ous sections (WikiCFP, ConferenceAlerts and DBWorld). In order to carry out this 
task, the agent uses the wget command, which is launched automatically once a day, 
according to the agent goals. The following code fragment shows a sample of the 
Web-Searcher’s execution of the wget command to retrieve only a specific CFP from 
the WikiCFP Web site. 

wget -N --html-extension 

http://www.wikicfp.com/cfp/servlet/event.showcfp?eventid=$a 

It can be seen that the wget command has some parameters to specify how to 
download a specific CFP, which is contained in a Web page. The -N parameter is 
used to specify how deep the command goes and retrieves the contents of the Web 
page; the --html and the -extension parameters specify to store the Web page 
retrieved as an HTML file; and finally the rest of the string represents the URL of the 
Web page (CFP) that will be downloaded. The command uses the $a variable to rep-
resent the id of the CFP from the WikiCFP Web site (this id goes from 1 to 19,000 
approximately, and this number is being increased daily as new CFP are added to the 
Web site). In order to illustrate a real example of how this agent retrieves a Web page 
with a CFP, we will use the CFP of the 12th Congress on Computing (CORE 2012), 
which is already registered in the Web site. The agent retrieves the Web page repre-
senting this CFP from the following URL: 

http://www.wikicfp.com/cfp/servlet/event.showcfp?eventid=25031 
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Figure 5 shows a screenshot of the Web page that shows the CORE 2012 CFP with 
id=25031. This is retrieved from the WikiCFP Web site.  
 

 

Fig. 5. CFP for CORE 2012, retrieved from the WikiCFP Web site. 

Once the Web-Searcher has finished retrieving the CFP from the Web site, its next 
goal is to generate an HTML file and store it in the MAS data storage system, as de-
scribed previously. The file name for this specific CFP is the following: 
event.showcfp?eventid=25031.html (the Web-Searcher agent takes the last part 
of the URL to name the HTML file). The following code fragment, written in Jason 
[9], shows the plan followed by the Web-Searcher agent to accomplish its goal of 
downloading a Web page, before starting to process it. 

// Web-Searcher Agent in project WebCFPAgent.mas2j 

/* Initial beliefs and rules */ 

... 

/* Initial goals */ 

... 

/* Plans */ 

... 

+!searchCFP(CFPID): true <- 

 cfpActions.searchCFP(CFPID). 

... 

The code starts by defining the Web-Searcher beliefs and rules, its goals, and plans; 
then it can be seen a small fragment of the plan to satisfy the searchCFP goal, which 
takes the CFPID as parameter representing the Web page to be downloaded. The plan 
executes an internal action, implemented in the Java class cfpActions.searchCFP, 
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and it is the responsible to execute the wget command as previously described. It 
should be noticed that this action is executed for the three CFP Web sites currently 
considered for this system. All actions carried out by the agents are also implemented 
through Java classes. The next step in the process is to clean up the resulting file in 
order to get it ready to be read, and extract its conference information. 

4.2 Cleaning Up a CFP  

In this task, the Storage-Formatter agent takes every downloaded HTML file (CFP), 
and cleans it from any unmatched start and end tags, converting the stored HTML file 
into a well-formed XHTML file. Having this file is essential in the MAS, in order to 
use the Storage-Formatter agent’s ability of XML parsing and extracting its confer-
ence information. The following code fragment shows part of the structure of the 
XHTML file generated by this agent. It can be observed information about the con-
ference, such as its full name, URL, conference dates, place of the conference, ab-
stract registration deadline, submission deadline, notification date, among other in-
formation. We have removed some markup from the generated XHTML file for dis-
play purposes, and to show only the important information that the agent needs to 
retrieve, which is highlighted in bold and red colour. 

<span property="v:description">CORE 2012 : 12th Congress on   

Computing</span> 

 

<tr><td align="center">Link: <a href= 

"http://www.core2012.cic.ipn.mx/" target="_newtab"> 

http://www.core2012.cic.ipn.mx/</a></td></tr> 

 

<table cellpadding="3" cellspacing="1" align="center">          

   <tr bgcolor="#e6e6e6"> 

      <th>When</th> 

      <td align="center">Nov 28, 2012 - Nov 30, 2012</td>                 

   </tr> 

   <tr bgcolor="#f6f6f6">         

      <th>Where</th> 

      <td align="center">Distrito Federal, México</td>   

   </tr>                 

   <tr bgcolor="#f6f6f6">         

      <th>Submission Deadline</th> 

      <td align="center"> 

         <span property="v:startDate" content="2012-08-

19T00:00:00">Aug 19, 2012</span> 

      </td>                 

   </tr> 

   <tr bgcolor="#e6e6e6"> 

      <th>Notification Due</th> 
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      <td align="center"> 

         <span property="v:startDate" content="2012-10-

21T00:00:00">Oct 21, 2012</span> 

      </td>                 

   </tr> 

</table> 

This XHTML file can now be taken by this agent to be read and extract its infor-
mation for storing it in the MAS storage system. Next subsection explains this pro-
cess, which is also carried out by the Storage-Formatter agent. 

4.3 Parsing and Storing a CFP 

The final step in the process is carried out by the Storage-Formatter agent, which 
stores the CFP information permanently in the system. The agent takes the XHTML 
file; reads it using its XML parsing ability; extracts all the CFP information according 
to the structure of the XHTML file; and stores it in the desired storage medium. It 
should be noticed that the agent carries out an analysis of the internal structure of the 
CFP, in order to extract its information. With this analysis the Storage-Formatter 
agent determines exactly where every piece of information is located, such as the 
name of the conference, submission deadline, notification date, conference dates, etc.  

Concerning the storage medium for the CFP, the MAS has implemented five dif-
ferent storage mechanisms, which can be selected through the Web-Interface agent. 
These mechanisms are the following: MySQL as a relational database [10]; DB4O as 
an object-oriented database [11]; eXist as an XML database [12]; XML files using the 
Web Objects in XML serializer [13], [14]; and XML files using custom XML seriali-
zation. The MAS is under development, testing and evaluation of the performance of 
the five different storage mechanisms, in order to determine the most efficient imple-
mentation for its final version.  

This final process aims to leave all the important information about CFP in only 
one homogeneous place, from which it can be accessed later through different inter-
faces. The basic structure we use to store a CFP depends on the specific implementa-
tion, but the information is always the same. The following code fragment illustrates 
all the fields used to store the CFP information internally, represented as Java attrib-
utes of a particular class, which is part of the internal actions for this agent. 

private String abreviatura; 

private String nombre; 

private String fechaInicio; 

private String fechaFin; 

private String fechaDeadline; 

private String ciudad; 

private String pais;       

private String url; 

private ArrayList listaCategorias; 
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The outcome of this step is to have the information of every CFP stored in our system 
permanently. An example of the information that the agent extracts from the CFP for 
the CORE 2012 is shown in Figure 6. It should be noticed that this process is executed 
by the agents for every CFP in the Web sites mentioned previously. Additionally, the 
following code fragment illustrates part of the XML document generated for the 
CORE 2012 CFP with all its information.  

<conferencia> 

   <abreviatura>CORE 2012</abreviatura> 

   <nombre>12th Congress on Computing</nombre> 

   <fechaInicio>Nov 28, 2012</fechaInicio> 

   <fechaFin>Nov 30, 2012</fechaFin> 

   <fechaDeadline>Aug 19, 2012</fechaDeadline> 

   <ciudad>Distrito Federal</ciudad> 

   <pais>Mexico</pais> 

   <url>http://www.core2012.cic.ipn.mx</url> 

   <categoria>computer science</categoria> 

</conferencia> 

 

 

 

Fig. 6. Information extracted from the CORE 2012 CFP. 

5 Interfacing with the Multi-Agent System 

This section briefly describes the two types of interfaces of the MAS. The first inter-
face is using the Web-Interface agent, which is the responsible for the interchange of 
information between a normal user and the MAS. The other interface with the MAS is 
through the WS-Listener agent, which executes a Web service that allows the interac-
tion of the user with the system by retrieving specific information using CFP queries. 
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5.1 Web-Interface Agent 

The Web-Interface agent exhibits as part of its abilities a Web interface, which is 
divided in categories and countries, but it is also possible to search CFP with specific 
criteria, such as their name, dates, deadline for submitting a paper, place where the 
conference will take place, or a combination of them. The Web-Interface agent can 
communicate the parameters established by the user to execute searching of confer-
ence CFP, so that the Web-Searcher and the Web-Interface agents can start working 
together. The Web-Interface agent receives from the Web interface a set of parameters 
representing the search options specified by the user, and builds a set of queries used 
by the Web-Searcher agent to search for the CFP that comply with the desired crite-
ria; then the CFP selected are shown in an ordered list. 

Additionally, the Web-Interface agent has the ability to allow searching and down-
loading individual CFP. The following Jason code fragment shows the plan followed 
by the Web-Interface agent to accomplish its goal of searching for an individual CFP 
and downloading the corresponding Web page. After downloading the CFP, it is 
passed to the Web-Searcher agent to be processed as described in section 4. 

// Web-Interface Agent in project WebCFPAgent.mas2j 

/* Initial beliefs and rules */ 

... 

/* Initial goals */ 

... 

!startSearch. 

/* Plans */ 

... 

/* Searching Plan*/ 

+!startSearch :  cfpid(CFPID) <- 

 .send(web_Searcher,achieve,searchCFP(CFPID)). 

... 

 

The code starts by defining the Web-Interface beliefs and rules, its goals, and plans as 
in the rest of the agents. It can be seen a short fragment of the plan, where the agent 
tries to satisfy a requirement from the user by starting the retrieval of a CFP. The 
user’s action fires the startSearch goal of this agent; and sends a message to the Web-
Searcher agent in order to begin the task of retrieving the CFP information as the user 
requested; just as described in section 4, where the Web-Searcher agent takes the 
control, downloads the CFP, and process it. 

5.2 WS-Listener Agent 

The WS-Listener is the agent that provides the communication of the MAS with ex-
ternal systems through a Web service interface. This agent is the responsible for lis-
tening requests from systems, executing the Web services indicated by the parameters 
of each request, and sending to the requesters the information about CFP that is stored 
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in the MAS. It should be noticed that the WS-Listener agent has a set of Web services, 
depending on the type of request. At the moment this agent is under development, but 
it is designed to return the same information as the Web-Interface agent; the only 
difference is that the WS-Listener returns the result in XML standard messages, and 
the Web-Interface agent gives the result through a Web interface. 

6 Conclusions and Future Work 

This paper presented an intentional agent-based system that automates and facilitates 
the retrieval of CFP information from heterogeneous sources, specifically from three 
different specialized Web sites dedicated to concentrate information about scientific 
conferences and CFP. This task is performed by a group of four agents designed un-
der the BDI approach: Web-Interface agent, Web-Searcher agent, Storage-Formatter 
agent and WS-Listener agent. These agents retrieve the relevant information of CFP 
for conferences, store it in the storage system, and show it to users by means of a 
flexible Web site, which is part of the Web-Interface agent duties. Some interoperabil-
ity with other external software systems is incorporated in our MAS through the WS-
Listener agent, which listens for Web service requests, and returns the results in the 
form of standard XML messages.  

The MAS presented has five different implementations for storing the heterogene-
ous information retrieved: MySQL as a relational database, DB4o as an object-
oriented database, eXist as an XML database, Web Objects in XML as an XML 
serializer, and XML files with custom serialization. A sample Jason code of some of 
the agents is shown, in order to demonstrate the types of plans that they follow. It is 
being carried out an investigation and evaluation of the suitability and performance of 
every storage approach, in order to determine the best way for storing the information 
retrieved by the three specialized Web Sites. As part of the future work, we also con-
sider the inclusion of two more intentional agents: the CFP-Recommender, which 
would be in charge of the generation of recommendations about conference CFP, 
based on the user profile and similar user profiles; and the CFP-Ranking agent which 
would be responsible of ranking the CFP according to specialized ranking Web sites 
for conference CFP. 
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Abstract. A SoPC (System on a Programmable Chip) is the combina-
tion of computer architecture, IP designs, and an embedded operating
system implemented on a FPGA. A SoPC developer needs to possess
skills in advanced hardware design and efficient software programming
to make high performance solutions on this platforms type. These re-
quirements have resulted in a complicated and error-prone development
process, therefore the dissemination of this promising technology has
been confined to a small group of developers. To address this problem,
our proposal exemplifies a Hardware/Software co-execution model where
software tasks are assisted by hardware libraries in a SoPC.

Keywords: System on a Programmable Chip, Linux FPGA system,
Mixed execution mode, Function interception.

1 Introduction

A SoPC system requires a FPGA with a processor core that can be either hard or
soft. This designation refers to the flexibility or configurability of the core. Hard
cores have a custom VLSI layout that is added to the FPGA in the manufac-
turing process. They are less configurable and tend to have higher performance
characteristics than soft cores. Although soft cores are highly configurable they
use logic elements as well as routing resources within a FPGA that increases the
complexity of hardware design and reconfigurable stages. The overall implemen-
tation of a SoPC system needs to meet one or more of these constraints:

– Performance
– Execution time
– Small footprint area
– Communication and connectivity
– Implementation cost
– Upgradability
– Low power
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The outline of this paper is as follows: Section 2 describes our proposal.
Section 3 presents the experiments and results for the implementation process
of a SoPC that uses a Hardware/Software co-execution model that includes the
creation of a hardware platform, the integration of the Operating System and
the implementation of the bitswapper hardware function. Section 4 discusses
related work. Finally a conclusion is given.

2 Hardware/Software Co-Execution Model

In a traditional execution model, a user program often includes references to
software libraries. Once the user–program starts execution it requests software
functions; those functions are grouped together in software libraries that may
be statically or dynamically attached to the user program.

A Purely software-based execution model does not always take advantage of
the hardware within the platform nor is it able to delegate software tasks to
hardware modules. As a direct consequence the execution model does not al-
ways meet the performance or execution time constraint for a specific task in a
SoPC system. Our approach was to develop a Hardware/Software co-execution
model for critical applications in a SoPC. Our proposal uses a library-based ac-
cess model and extends its functionality to support the execution of hardware
functions. Figure 1 shows the proposed execution model. The idea behind inter-
ception is to assist a software task by hardware modular functions in a seamlessly
manner. If the hardware function is not available when the request is issued then
the process that requests such functionality should either wait for the hardware
function to be programed into the FPGA or follow its execution path until the
requested function is provided. Our proposal waits for the hardware function to
be configured and then continues its execution assisted by a hardware function.
This capability adds upgradability to a SoPC system because there is no longer
the need to modify the application source code to embedded hard-coded rou-
tines that interact with hardware functions. If a new SoPC system is needed,
our project will provide a Hardware/Software partitioning model to get the best
performance at the lowest implementation cost using Hardware/Software parti-
tioning, co-design and co-synthesis techniques but even if there is not access to
the source code, an application can be assisted to reduce its execution time.

Our proposal uses the Dynamic Linking Loader service but instead of calling
the original software library function, it calls a hardware modular function that
might be programed at run-time in the reconfigurable area of the SoPC. The
communication protocol between the user program and the hardware function
is implemented by a dynamic library and a character device driver. The main
reason for using a character device driver is that it can be dynamically loaded
at the system startup and all the functionality is in the kernel module; the dy-
namic library could be set up to capture function calls for specific programs
while the rest of the systems work as usual. This behavior could be activated or
deactivated at any time while the system is still running as long as the hardware
function is not in use. Once the hardware function has been configured and the
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Fig. 1. Proposed execution model.

software access layer has been properly set up, the program can take advantage
of the functionality provided by the hardware module. A performance penalty is
expected to exist as a direct consequence of the reconfiguration process at run-
time when a hardware function is called for the first time. When a large amount
of data is processed by the function, the impact of the reconfiguration process
becomes smaller.

3 Experiments and results

3.1 Hardware Platform

A Linux-capable SoPC hardware platform was built up using Xilinx’s EDK
tools. Figure 2 shows a brief description of the architecture S1 implemented in
the FPGA of the ML507 development board. It integrates the PowerPC 440
Processor, a DDR2 memory controller, interrupt controller, serial port, JTAG
debug port, float point unit, System ACE, a timer, and some other peripherals.
Although Xilinx’s tools helped in the integration and configuration processes, it
was necessary to incorporate a description of the elements within the hardware
platform besides of the xparameters.h description file.

D. Gibson and B. Herrenschmidt in [1] propose a device tree model to gen-
erate a hierarchical description of a hardware platform. The most important
properties of the flattened tree obtained from the device tree model are: relocat-
able properties that allow the bootloader or the kernel to move around the blob
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Fig. 2. Architecture of the hardware platform S1.

tree as a whole, without need to parse or adjust its internals. It is also possible
to insert or delete a node or a whole subtree; this property will help us integrate
hardware functions without having to recompile the kernel.

Xilinx in collaboration with the Open Source Community developed a BSP
package that was integrated into the SDK to generate a device tree description
for the S1 hardware platform.[2]

The hardware platform S1 was tested using Push Buttons 5Bit GPIO and
LEDs 8Bit GPIO hardware modules in stand alone mode using Xilinx’s SDK.

3.2 Integration of the Operating System

An embedded operating system was generated for the ML507 Board using Poky
framework tools[3] and meta-xilinx[4] specification layer. This framework pro-
vides a structured scheme to integrate architecture specifications in the kernel
compilation processes and provides a cross–compile platform to create, test and
debug user–space as well as kernel–space applications. Figure 3 shows the work-
flow used in Poky to generate the Operating System.

U-boot was chosen as the bootloader because Xilinx’s modified version of U-
Boot has been successfully adapted and tested to work with Virtex5 FPGAs.[5]
The meta-xilinx configuration and specification layer was modified to success-
fully generate the kernel image and the bootloader.

The most important files generated using Poky framework are: The file u-
boot-ml507.ace contains the FPGA configuration bitstream and the executable
file for U-Boot in a System ACE file format. It will be loaded at startup to config-
ure the FPGA, and start the system’s boot process. The file uImage-virtex5.bin
is a binary file of the kernel image. It is adapted to be launched by U-Boot.
The file uImage-virtex5.dtb holds a flattened tree blob that represents the inter-
nal hardware architecture implemented within the FPGA. The file poky-image-
minimal-virtex5.tar.gz is a compressed image of the SoPC file system (including
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Fig. 3. Poky Architecture Workflow.

/boot, /dev, /etc, /home, /lib and others). The file modules-2.6.37+-r12-
virtex5.tgz is another compressed file that contains kernel modules that are dy-
namically loaded at run time.

In order to run the Operating System on the ML507 board the user must set
the configuration switch SW3 so that the FPGA is configured by the SysACE
as described in [6]. The Compact Flash must be partitioned in tree sections; the
first one must be formated as FAT16, the second partition should be ext3 and the
third partition should be used as the swap partition. The first partition must
have the u-boot-ml507.ace, uImage-virtex5.bin and uImage-virtex5.dtb

files in it. The second partition must be filled with the content of poky-image--
minimal-virtex5.tar.gz and the modules-2.6.37+-r12-virtex5.tgz.

The serial communication program kermit was used to explore the boot
process and the kernel startup. The last part of the output text shown in the
console for the boot process is presented below. The last four lines of text are
associated to the device tree blob and the kernel load respectively. The device
tree specifies architecture details that the kernel will use to properly setup the
system. The kernel image was generated using the uimage format that contains
the compressed vmlinux plus a few extra bytes of metadata that describe the
kernel load address and the image name.

CPU: Xilinx PowerPC 440 UNKNOWN (PVR=7ff21912) at 400 MHz

DRAM: 256 MB

FLASH: 32 MB

In: serial

Out: serial

Err: serial

reading uimage.dtb

25059 bytes read

reading uimage.bin
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2096237 bytes read

At the end we obtained a fully functional Linux-based Operating System
that runs on the ML507 board; the kernel was generated using the 2.6.37 Linux
kernel source code.

3.3 The Hardware Functional Unit

The hardware functional unit bitswapper changes the endianness of a data word
from big endian to little endian and vice versa. This function uses Xilinx’s IPIF
module as an interface between the functional unit and the system. This func-
tional unit has been chosen for its simplicity and ease of implementation; it
is not yet a real functional unit, but it lets us debug integration procedures
and provided valuable information to select the best communication model to
be implemented between a hardware function and the software layer. Our first
approach was to attach it to the PLB bus. It uses two registers and a basic com-
munication protocol to send and receive data to and from the system through
the IPIF interface.

Xilinx’s EDK tools were used to attach the bitswapper hardware module to
the existing platform; the core functionality of the proposed function is presented
below.
process(datain)

begin

for i in datain’low to datain’high loop

my_swap_sig(i) <= datain((C_SLV_DWIDTH-1)-i);

end loop;

end process;

dataout <= my_swap_sig;

Figure 4 shows the synthesized modular hardware function and fig. 5 shows the
simulation results for the core functionality of the proposed hardware modular
function.

Our implementation used a character device driver to provide communica-
tion services between the hardware function and the user program. Therefore a
special file entry in the /dev folder was created; it was named hwfn1. The ker-
nel module implements device init, device exit, send data, receive data,
device open, device read, device write, device release, and other func-
tions that are commonly related to character device drivers. Our proposal gen-
erates a dynamic library as described in [7]; to prove the function interception
process the software library function bitswap was created; in our embedded
development environment this software function is provided by the dynamic li-
brary libhw.so. The Dynamic Linking Loader uses a special feature that is
controlled by the system variable LD PRELOAD; in order to intercept the bitswap

call another dynamic library was created using the same function prototype but
implementing the communication protocol through the file descriptor associated
to hwfn1. The kernel uses the services provided by the character device driver
to send data to and receive data from the hardware function.
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Fig. 4. RTL Schematic representation for Hardware Functional Unit.

Fig. 5. Simulation results for the core functionality of the bitswapper function.

Table 1 presents a summary of the FPGA resources used in the bitswapper
hardware modular function and for the SoPC system implementation.

Table 1. FPGA resource utilization.

Resource type Bitswapper SoPC System Available

Slices 88 5668 11200
Slice Registers 109 8939 44800
Slice LUTs 86 9926 44800
IOBs 0 210 640
BlockRAMs 0 40 148
Memory used (kib) 0 1404 5328
ICAPs 0 1 2
DCM 0 1 6

4 Related work

Hayden Kwok-Hay So et al.[8] presented a very interesting Hardware/Software
co-design methodology based on BORPH (Berkeley Operating system for Re-

A Hardware/Software Co-Execution Model Using Hardware Libraries for a SoPC Running Linux    293



Programmable Hardware). It included an Operating System designed for recon-
figurable computers that implements hardware modules designed by the user; it
also provides a native kernel support to implement processes in FPGAs using a
homogeneous Unix interface for hardware and software processes. An interesting
issue of this project was that a hardware process implemented into an FPGA
inherits the same level of service from the kernel, as a software process does.
BORPH includes file system support, interrupt support, and scheduling capa-
bilities for hardware processes; it also provides common Unix APIs that interact
with hardware processes in a seamlessly manner. The unified file interface allows
hardware and software processes to communicate via standard Unix file pipes.
BORPH was implemented on a development board with five FPGAs; one was
used as a master unit while the others each held an implementation of a hard-
ware process. They also developed a Hardware/Software interface that allows
application development, migration of software procedures to hardware modules
and a comparison among Hardware/Software implementations of the same ap-
plication. Although they provided a revolutionary implementation of hardware
processes, they only implement user hardware design into FPGAs and did not
consider partial reconfiguration.

Qingxu Deng, et al.[9] propose a Hardware/Software unified architectural
model for an FPGA implementing partially runtime reconfigurable services.
Their proposal implements scheduling services and on-line placement of hard-
ware modules within the same FPGA. Hardware and software tasks were im-
plemented as processes but each hardware task uses a software communication
layer to interact with the Operating System. They also implement a modified
version of the system call exec to recognize HELF files (Hardware Executable and
Linkable Format) and extract the information required to program a hardware
IP-Core and its dedicated communication software layer from the HELF file; this
new type of executable file format is an extension to ELF. A key feature of this
proposal is that it implements a routing and placement algorithm to reduce the
required time to schedule and execute hardware tasks in the reconfigurable area
of the FPGA. Even though this proposal presented a new approach to create an
abstract model of a hardware process that can be launched from user-space it
is only fully functional for that specific platform since other platforms may not
recognize the HELF executable file format; besides that, the functional elements
of this proposal, at kernel level, cannot be easily migrated into other architec-
tures due to the fact that they are deeply merged into a specific version of the
Linux kernel.

Vaibhawa Mishra et al.[10] propose a dynamically reconfigurable SoPC that
uses an Operating System based on the 2.6.34 Linux kernel. They implement a
minimal hardware platform in the ML507 development board using the FPGA,
the PowerPC 440 hard core processor and other peripherals. This proposal uses
floating–point hardware modular functions to prove the reconfigurability of the
system. They propose a functional model that is similar to a peripheral device
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model with the only difference of implementing one virtual device that can be
re-programed at runtime to implement any of the four floating–point functional
units developed. Although this proposal implements reconfigurability using the
hwicap IP-Core on a Virtex5 FPGA, it did not provide a major advantage over
other proposals made in the past.

5 Conclusion and future work

SoPC systems are about to be a major improvement in the mobile devices field.
Therefore our proposal is building up the required infrastructure to be able to
generate, test, validate, and improve our knowledge of this type of systems.

Task execution will no longer use a purely software execution model; nev-
ertheless, there cannot be a solid conclusion about which methodology shall
prevail.

This work aims to provide an overview of the challenges that are faced while
designing and implementing SoPC systems.

The products generated in this work are: a reconfigurable hardware platform
for SoPCs and Poky-Linux framework tools and a configuration layer to build
and integrate an Operating System to the ML507 board. The on going work
implements another communication scheme between the hardware function and
the software layer to compare and select a lower latency communication scheme
for the SoPC system. Our team is developing a set of hardware modules to
complement the actual hardware library.

Hardware functional unit bitswapper was developed and used to test the
SoPC system for both correctness and performance. Although it was designed for
test purposes, this modular hardware unit lets us explore the overall development
process over the little-known path of mixed execution model.

Although the operating system is still in the development phase and, even
when the hardware platform has not been tuned up to the maximum allow-
able performance, early results are promising. The Hardware/Software execution
model reduces the CPU processing load when using hardware functional units.

This work is part of the MASA Project, the current development stage focuses
on implementation specifically on upgradability.[11] Another on-going work of
this project has developed a framework for custom routing and partitioning, that
will enable effectively implementing relocatable hardware functions of variable
size (in terms of reconfigurable partitions) and number of input/output ports.

Future work will design, implement and compare our model with a system-
call based access model and a memory mapped access model that attaches a
hardware function to the user–process virtual memory.
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Abstract. In this work, architecture for real stereo processing is implemented 
using a modified census transform based in a non central pixel census tech-
nique. The non central census technique allows a compact architecture. Pro-
posed architecture is segmented in image rectification module to avoid lens dis-
tortion and to align epipolar lines, stereo processing module with modified cen-
sus transform and finally, a post processing module with a propagation algo-
rithm to correct false disparity values. Proposed architecture uses low hardware 
resources and memory requirement in a way that Spartan Low Cost FPGA can 
be used for implementation. Additionally, a correlation tracking module is in-
corporated to one camera with neglected hardware cost in comparison with oth-
er architectures for security applications. 
 

Keywords: real time, stereo vision, fast tracking  

1 Introduction 

Stereo vision, compared with other range sensors such as laser scanner or time-of-
flight, is a technology that can deliver the sufficient description of the surrounding 
environment. It is purely passive technology and thus offers low cost and has poten-
tial uses in many visual domains such as autonomous navigation in which accurate 3D 
information about the road is crucial, object 3D reconstruction, object segmentation, 
and surveillance systems [10]. However, calculation of three dimensional depth maps 
on signal processors that meets these requirements is very time consuming. In this 
way, real-time dense stereo is difficult to be achieved with general purpose processors 
even CUDA. For real-time requirements of most applications, the specific algorithms 
were often implemented using dedicated hardware and it is possible because of many 
stereo vision algorithms do not enforce a purely sequential implementation and are 
therefore apply to parallelized solutions.  Additionally, stereo applications are used 
for security applications or video games in parallel with a tracking algorithm or sys-
tem. For this reason, a tracking architecture is designed using the correlation structure 
from the stereo module.    

© E. Castillo, J.C. Chimal, A. Uriarte, L. Cabrera.

Advances in Computer Science and Engineering

Research in Computing Science 58, 2012 pp. 297–310

Paper Recived 20-08-2012 and Acepted 07-11-2012



In the last few years, the GPUs have become more and more popular. Using GPUs 
for stereo acceleration can directly be a solution for PC-oriented applications. But, the 
high power consumption limits their applications. FPGAs have already shown their 
high performance capacity for image processing tasks in parallel especially for em-
bedded systems. In this paper, it is simulated and synthesized a stereo vision core 
algorithm implemented in VHDL for the Spartan XC3S1000 from XILINX, an FPGA 
that is suitable for this kind of application. The algorithm is based on a Census trans-
form modified algorithm with produces a small hardware implementation. It is small 
enough to enable the pre- and post-processing of the images on the same FPGA, but 
with a maximum disparity of 50 pixels all in real time for a compact system. 

2 Background 

The task of a stereo vision algorithm is to analyze the images taken by a pair of cam-
eras and to extract the displacement of the objects in both images. This displacement 
is counted in pixels and called disparity. All these disparities form the disparity map, 
which is the output of a stereo vision algorithm and enables the calculation of distanc-
es to objects using triangulation. 

Detecting conjugate objects in stereo images to obtain dense disparity maps is a 
challenging research problem known as the correspondence problem, i.e. to find for 
each point in the left image, the corresponding point in the right one. To determine a 
conjugate pair, it is necessary to measure the similarity of the points. The point to be 
matched should be distinctly different from its surrounding pixels. In order to mini-
mize the number of false correspondences and try to diminish time processing in the 
image pair, several constraints have been imposed. The uniqueness constraint requires 
that a given pixel from one image cannot correspond to more than one pixel on the 
other image. In the presence of occluded regions within the scene, it may be impossi-
ble at all to find a corresponding point. The ordering constraint [6] requires that if a 
pixel is located to the left of another pixel in image, i.e. left image, the corresponding 
pixels in right image must be ordered in the same manner, and vice versa, i.e. ordering 
of pixels is preserved across the images. The ordering constraint may be violated if an 
object in the scene is located much closer to the camera than the background, and one 
pixel corresponds to a point on the object while the other pixel corresponds to a point 
in the background. Finally, the continuity constraint [4], which is valid only for sce-
narios in which smooth surfaces are reconstructed, requires that the disparity map 
should vary smoothly almost everywhere in the image. This constraint may be violat-
ed at depth discontinuities in the scene. 

According to a recent taxonomy [17], stereo algorithms that generate dense depth 
measurements can be divided into two classes, global and local algorithms. Global 
algorithms, e.g. [14], rely on iterative schemes that carry out disparity assignments on 
the basis of the minimization of a global cost function. These algorithms yield accu-
rate and dense disparity measurements but exhibit a very high computational cost that 
renders them unsuited to real-time applications. Local algorithms [6, 8, 13] can be 
based in different concepts to establish a correspondence between images, so it is 
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possible to find area-based and feature based. Area-based stereo algorithms are ap-
proaches that propose a dense solution for calculating high-density disparity maps. 
Additionally, these approaches have a regular algorithmic structure which is suitable 
for convenient hardware architecture. A simple method would be to calculate the 
absolute difference between two pixels; this method is extremely cheap but not ro-
bust. The second possible method seeks to improve upon the previous one by consid-
ering a small window around the pixels in the left and right image and then using the 
sum of the differences. Small windows give support to central pixel to avoid false 
matching during the stereo process.  In this paper, it is used a modified Census trans-
form to achieve a stereo correlation. Modified census transform uses a non central 
pixel reference, i.e., it uses the most right pixel in the central row from a given win-
dow. This change just affects the generated census vector but results and advantages 
are same like other census implementations. Census transform is a non-parametric 
measure used during the matching process for measuring similarities and obtaining 
the correspondence between the points into the left and right images. Advantages with 
census transform are: a windows support, tolerance to illumination changes and pos-
sibility to hardware parallel implementation. On the other hand, feature-based algo-
rithms rely on certain points of interest. These points are selected according to appro-
priate feature detectors. The major limitation of all feature-based techniques is that 
they cannot generate dense disparity maps, and hence they often need to be used in 
conjunction with other techniques. Because of the sparse and irregularly distributed 
nature of the features, the matching results should be augmented by an interpolation 
step if a dense disparity map of the scene is desired. Additionally, an extra stage for 
extensive feature detection in the two images is needed, which will increase the com-
putational cost. Thus feature-based methods are not suitable for real-time applica-
tions. 

3 Hardware implementation 

Stereo hardware implementation can be segmented as next figure indicates 
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Fig. 1. Stereo diagram block. Camera module is an interface with stereo camera board. Module 
rectification uses a predefined algorithm for image coordinate transformation. After that, census 

module obtain a census vector for stereo matching and finally, postprocessing and  subpixel 
calculus is achieved. 

Hardware modules in figure 1 show stages for rectification, modified census trans-
form and census matching. Additional hardware is used to check the uniqueness re-
striction and sub pixel estimation. 

3.1 Rectification process 

 
Rectification involves lens distortion correction, alignment rows in stereo images, 

back or reverse projection, and bilinear interpolation. In first place, due to manufac-
turing errors there will always appear distortions caused by the lens and a misalign-
ment between lens and camera chip. These distortions happen before the light ray hits 
the image chip and consequently affect coordinates. In order to obtain a pair of recti-
fied images from the original images after processing lens distortion and to align 
scanlines a homography is applied. In the equation (1) (x, y) and (x', y') are coordi-
nates of a pixel in the original images and the rectified images, respectively.  

 

����′���′���′ � = 
��−1 ����′′���′′1 � �������� = ��
��
����′���′���′���′ ��

��
�
 

 

(1) 

 
 

300   J. M. Xicoténcatl-Pérez, A. Lezama-León, J. M. Liceaga-Ortiz-De-La-Peña, R. O. Hernández-Terrazas



To avoid problems such as reference or coordinate duplication, reverse mapping is 
used with interpolation. Once the image pair is rectified, 1-D searching with the cor-
responding line is sufficient to evaluate the disparity.  

 A common hardware implementation of the rectification process is through Look-
Up Tables. Only at the start, an offline calibration using MatLab is done and from 
calibration stage two LUTs -one for each camera – results [1]. Generated data in-
cludes: new pixel positions and best pixels for interpolation (Figure 2). Although, 
using LUTs directly in FPGA is possible, it is more suitable to have the LUT in exter-
nal memory to extent capacity for future architectural expansions.  

    In hardware, rectification is applied as in [1][2] with some important differences: 
in proposed architecture new pixels positions are previously computed and a defined 
neighborhood (from calibration stage) is used to interpolate absent pixels. In this way, 
it is no necessary to process coordinates using a homography in the architecture. Fi-
nally, rectification module is shown in figure 2. 

 
a) 
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b) 

Fig. 2. Rectification module, a)Hw for the interpolation table, it detects absent pixels with 
coordinates from LUTs , b)Bilineal Interpolation module uses neighborhood for establish pixels 

values in real time.  

In figure 2a, new pixel coordinates generates black pixels in the rectified image, so 
these black pixels are filled with interpolated pixels from specified neighborhood 
obtained in the calibration process. Architecture is based in row buffers to avoid store 
images. In figure 2b, a module for bilinear interpolation is shown. In both cases 3x3 
windows are used for explication purpose, real architecture uses 11x11 windows. 

3.2 Stereo Processing 

Stereo matching is divided into two stages, the census transform stage and the cor-
relation stage. In the census transform stage, the left and right images are transformed 
into images with census vector pixel values instead gray-level intensity. This trans-
form is a non-parametric measure for window based processing used during the 
matching process for measuring similarities and obtaining the correspondence be-
tween the points into the left and right images. In a classic hardware implementation 
for census transform, pixel neighborhood associated with central pixel needed to be 
accessed simultaneously to calculate in a single instant census vector. Last technique 
increases HW requirement with consequent frequency decrement and complexity [2]. 
However, in the presented architecture, a modified census transform is used. Proposed 
modification just takes, instead central pixel for census, first right pixel in central row. 
In test changes with proposed modification were not appreciable. With this in mind, 
necessary hardware to calculate census transform decrease significantly. But pixels in 
the same column need to be present at same time. To achieve this, architecture uses a 
scan-line buffer and windows buffer. Scan-line buffer is memory which is able to 
contain a row from input image in order to synchronize data and avoid additional 
access to external memory and a window buffer, which is a set of shift registers with 
the pixels belong to the window. Such windows buffers in other architectures [5][15] 
consists of 8 bit registers, but in this case registers contains only one bit. The scan-line 
buffer used in the proposed system consists of 10 dual-port memories, and each 
memory can store one scan-line of an input image. Assuming that the coordinates of 
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the current input pixel are (x, y) and the intensity value of the pixel is I(x, y), the con-
nections between the memory are shown in Fig. 3. 

  

Fig. 3. 3x3 Architecture example. Implemented architecture is 11x11. Blocks in dark gray are 1 
bit registers. In this case, after 3 latency clocks, registers contains a valid census transform. 

There are in the architecture two modules one for each channel. 

Figure 3 shows a scan-line buffer converting a single row pixel input into a column 
pixel vector output. A window buffer is a set of 1 bit shift registers, but central line 
can store one 8 bit pixel from input image. One bit registers with comparison modules 
store values and delay results until all columns have been processing. Intensity values 
in central row register are shifted from left to right at each pulse clock to build the 
census transform. In comparison, with the classical technique where all 11×11 pixel 
registers are implemented, it is obtained a windows buffer with 121×8=968 bits, but 
in proposed architecture just 21 registers (11 left column register + 10 central row 
registers) ×8+10×10=261 bits are necessary to implement census transform.  
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Fig. 4. Correlation module uses Hamming distance to establish similarity. Here is shown a 3×3 
windows module with a 3 level disparity as example. Proposed architecture uses 50 disparity 

levels. 

 
Correlation stage evaluates the correlation between the census vectors generated by 

the left and right census transform. Stereo procedure in the correlation stage is: N 
hamming distances are evaluated using a template window for a pixel in the left im-
age and the corresponding N correlation windows for pixels in the right image. After 
the comparison, the two pairs with the shortest hamming distances are used to define 
the resulting disparity. Since the windows being compared can be regarded as bit 
vectors, it is possible to obtain the hamming distance by counting ‘1’ in the vector 
after applying an XOR operation [5]. Here, proposed architecture introduces another 
hardware artifice to decrease hardware: proposed architecture uses pipeline from fig-
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ure 3 to calculate Hamming distance from left and right images without using a sum 
combinatorial tree (figure 4). 

In order to decide upon the disparity result, the template window in the left image 
is compared with all N candidate windows from the right image. First, the census 
vector from the census transform module is delayed for N pixel clocks. Next, the dis-
tance between any two census vectors is calculated. Tournament selection method is 
used to find the shortest distance among these N hamming distances and winner takes 
all. The candidate window, which has the shortest distance from the template window, 
is selected as the closest match, and the coordinate difference of the selected windows 
along with the x-axis is extracted as the disparity result. In proposed system there are 
not sum combinational trees but RTL structures which cut combinational paths and 
increase frequency. Most left  blocks are one bit registers en figure 3. 

3.3 Tracking module  

Tracking objects by correlation is a basic technique in tracking systems. In this 
case, add a tracking module in a real time architecture which does correlations with 
windows it is not a problem, although this tracking module just is added to one cam-
era because of hardware circuitry complexity. Figure 5 shows the tracking module  

 

 

Fig. 5. 3x3 module for object tracking. 

    From figure 5, module is exactly same that census module except for some de-
tails: additional flip flop in the output from shift registers, XOR gates to evaluate 
hamming distance and sum sequential tree. Output from sequential tree is input to a 
coordinate module that gives to the architecture a coordinate range where objective 
tracking is calculated. 
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3.4 Post Processing 

    Post processing uses online subpixel disparity, i.e., no winning disparity is 
stored with near pixels to after calculate a subpixel estimation.  Additionally, in order 
to avoid false correspondences, classical left-right check is substituted by uniqueness 
restriction. Briefly, assume that the left image is chosen as reference and the disparity 
candidates range build a disparity array [0, ..., dmax] . L(x,y) is one point of left image, 
the algorithm searches for the best candidate by minimizing, in this case, a matching 
cost C. Suppose now the best match found for L(x-a+ dmax, y) is R(x, y), with match-
ing cost C(x-a+dmax, x, y). And another point of the left image L(x-b+dmax,y) has pre-
viously been matched with R(x, y) with cost C(x-b+dmax, x, y). And another point of 
the left image L(x-b+dmax,y) has previously been matched with R(x, y) with cost C(x-
b+dmax, x, y). Based on the uniqueness constraint, we conclude that at least one of the 
two matches is incorrect and only the match with minimum cost is retained. This im-
plies that the proposed approach allows for recovering from previous errors as long as 
better matches are found during the search. During the implementation, it only needs 
to set up dmax registers to keep track of the best match and corresponding matching 
cost for right image points in the range of interval. The match newly created for R(x,y) 
is compared with previous match, and the one be replaced will be labeled “incorrect”. 

4 Results 

 
The proposed real-time stereo vision system is designed and coded using VHDL 

and implemented using a Spartan XC3S1000 FPGA from Xilinx.. The implemented 
system interfaces two MT9M112 CMOS sensors from Micron as a stereo camera pair. 
Table I summarizes the device utilization reports from the Xilinx synthesis tool in ISE 
release 13i, Used FPGA resources for architecture are indicated in table 1: 

Table 1. Device utilization summary 

 Used Available Utilization 

Occupied Slices  7554 7680 98% 

     Rectification 2311  30% 

     Census transform 1034  13% 

     Hamming  Distance 1566  20% 

     Correlation 1867  24% 

     Post processing 776  10% 

 Since the hardware was built for real-time processing of an incoming image, the 
disparity results of the proposed design were generated through HDL functional simu-
lation, i. e., a test bench was generated to probe architecture. 

Table 2 compares different architectures with the proposed in this paper. 
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Table 2. Real time performance of reported stereo vision systems based on FPGA 

Implemented 

system 

Image Size Matching 

method 

Disparity  Fps 

MSVM-III 640x480 Census 64 30 

Kunh et al. 256x192 Ssd/census 25 50 

Proposed 

Architecture 
640x480 Census 50 52 

 
    Table 2 shows some systems found in literature the proposed architecture is 

based in a cheap FPGA and it is comparable with bigger and elaborate systems. Pro-
posed architecture uses less hardware and is more suitable for mobile applications like 
robotic platforms. DeepSea founded in the literature is a multi board platform so it 
can be used for comparison. 

Finally, Fig. 4 is the resultant disparity image from test images captured in differ-
ent environments. The images were processed and obtained from the implemented 
system at different post-processing levels. 

  

Fig. 6. Test stereo images and disparity maps from the proposed architecture 
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5 Conclusions 

 
In this article, we have proposed a high performance FPGA-based stereo vision 

system with minimum cost using modified census transform, which can provide dense 
disparity information with additional sub-pixel accuracy in real time. The proposed 
system was implemented within a single FPGA including all the pre and post-
processing functions such as rectification and uniqueness test. To achieve the targeted 
performance and flexibility, architecture was focused on the intensive use of pipelin-
ing and modularization. The proposed system can be used for higher level vision ap-
plications such as intelligent robots, surveillances, automotives, and navigation. Addi-
tional application areas in which the proposed stereo vision system can be used will 
continue to be evaluated and explored. 
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Abstract. The design trade-offs of a transmitter (TX) for the Medical Device 
Radiocommunications Service (MedRadio), which encompasses low power 
consumption in a bandwidth from the 401MHz to the 406MHz, small form fac-
tor and robustness, are discussed in this work. The aim is to determine the key 
factors for linearity and efficiency in a direct-up TX architecture suitable for 
MedRadio. A solution based on the use of a predriver amplifier preceding the 
power amplification stage with output power modulation is sketched. Experi-
mental results of the predriver prototype in a double poly, three metal layers, 
0.5µm CMOS technology show the effectiveness of the proposed circuit for 
high efficiency frequency translation. 
 

Keywords: MedRadio, Wireless Direct-Up TX, predriver amplifier. 

1 INTRODUCTION 

The use of wireless technology in medical devices is nowadays a reality which is 
turning into a common practice for both, preventive and corrective health care. Some 
examples of such wireless devices include endoscopes [1], pacemakers [2], fingertip 
pulse oximeters [3], and diverse sensors for m-Health systems [4]. In order to make 
easier the employment of wireless in implanted medical devices, the Federal Commu-
nications Commission (FCC) has established the MedRadio, whose frequency band 
lies in the 401 to 406MHz frequency range [5]. In addition, the effective isotropic 
radiated power (EIRP) is limited to –16dBm and the channel bandwidth restricted to 
300kHz maximum. Depending on the application, a MedRadio transceiver has to 
meet several criteria. Nevertheless, most of the wireless medical applications demand 
the following [6]: very low power consumption, small form factor, robust link with 
low Bit Error Rate (BER), and channel selectivity within the MedRadio band. 

In general terms, to achieve a low cost and a small form factor in the implementa-
tion of CMOS transceivers, commercial vendors as well as researchers have focused  
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Fig. 1. Zero-IF TX architecture. 

on direct conversion architectures [7]. On the other hand, to reach a high spectral 
efficiency in the TX, digital modulation techniques such as different forms of Quadra-
ture Amplitude Modulation (QAM) are adopted, resulting in a transmit waveform 
with a high Peak-to-Average Power Ratio (PAPR). This in turn requires a linear Pow-
er Amplifier (PA) to drive the antenna and typically, linear PAs exhibit a low-Power 
Added Efficiency (PAE), resulting in high-power consumption. Thus, the design of an 
adequate TX architecture for MedRadio still is an open problem which must be as-
sessed. 

This paper is organized as follows: in section two, a quick review of the direct-up 
TX is presented focusing on its most important characteristics as well as pointing out 
its advantages as well as its drawbacks with respect to the MedRadio system; in sec-
tion three, the study of the key factors for low power consumption and channel selec-
tivity in the TX is addressed; later in section four, a possible solution is sketched; 
section five describes a circuit implementation example, with its experimental results, 
of the proposed solution in a double poly, three metal layers, 0.5µm CMOS technolo-
gy; finally, the conclusions of the work are drawn in section six. 

2 THE ZERO-IF TX ARCHITECTURE 

Figure 1 shows the block diagram of a zero-IF TX. As can be seen, the quadrature 
signals pass through a digital-to-analog converter (DAC) and once filtered those are 
up converted to RF by the quadrature VCO. Finally, the PA reinforces the output 
signal, which is filtered again before to reach the antenna in order to suppress har-
monic components and intermodulation (IM) products produced by the non-linearities 
of the PA. 

According with the results reported in diverse works [7], the direct-up TX architec-
ture is attractive since cost and form factor are good enough and its integrability is 
high. Moreover, it presents no image problems. Unfortunately, complexity rises by 
the LO-leakage. The use of techniques such as offset VCO and LO-leakage calibra-
tion are somehow necessary to alleviate this problem. It is important to remark that 
most of the wireless medical applications demand, among others, very low power 
consumption and channel selectivity within the MedRadio band. Therefore, if direct-
up architecture is intended to be employed in a MedRadio TX, it has to exhibit line-
arity and low power consumption. 
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Fig. 2. Zero-IF TX architecture. 

One possibility for having both, linearity and low power consumption is to use a 
zero-IF constant envelope TX [6]. Since it can be driven close to compression, this 
results in a high PAE of the PA; which means lower power consumption. Fig. 2 de-
picts the block diagram of the TX proposed in [6] for the Medical Implant Communi-
cation Service. It is a constant envelope architecture which utilizes Frequency Shift 
Keying (FSK) modulation. As can be appreciated, the modulation control of the 
transmitter is embedded within a Phase Locked Loop (PLL). This yields several bene-
fits. First, it is another step toward lowering power consumption, since this scheme 
removes the two up converters in Fig. 1. Second, the PLL provides inherent filtering 
for the modulated signal. Third, the use of direct VCO modulation modifies the con-
trol voltage via a DAC and since the transfer function from the VCO-to-PLL is of the 
high-pass form, the modulation must concentrate most of its power spectral density 
outside of the PLL bandwidth. 

Another possibility for high linearity is the power up converter (PU) proposed in 
[8] based on the polyphase multipath technique and shown herein in Fig. 3. The dif-
ferential pairs are driven as transconductors by the corresponding phase shifted base 
band signal (BB) meanwhile the transistor below acts like a switch driven by the cor-
responding phase shifted square wave from the local oscillator (LO). The elements 
labeled as LRF are choke inductors and ZL is the load of the matching network be-
tween the antenna and the driver. A good linearity is achieved with the employment 
of this circuit, -40dBc worst case harmonic rejection with a six phases system @ 
2.4GHz [8]. However, the drain efficiency of the PU is rather low (11% for 9dBm 
output power) and this implies a high power consumption. On the other hand, the PU 
does not necessarily require an output filter since unwanted spectral components can 
be significantly reduced in a flexible manner with the use of multiple paths and multi-
ple phases. This is an attractive characteristic considering that it reduces costs and 
improves the form factor of the TX since dedicated filters out of chip can be eliminat-
ed. Moreover, direct conversion TX with a polyphase multipath scheme provides a 
flexible architecture for multiple standards [8]. This is a crucial step to TXs for MICS, 
MedRadio and Wireless Medical Telemetric Service (WMTS) [6]. 
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Fig. 3. Power up converter based on the polyphase multipath technique. 

3 POWER SAVING AND LINEARITY 

In the previous section we saw that a polyphase multipath direct conversion TX is 
a good choice for linearity, form factor, and flexibility for multi-standard wireless 
technologies. Nevertheless, the PU reported in [8] exhibits poor efficiency and there-
fore its power consumption is rather high. That is an unwanted feature in medical 
applications. On the other hand, in order to save power the solution proposed in [6] 
utilizes a constant envelope nonlinear PA. Thus, by using both techniques, an efficient 
nonlinear PA within a polyphase multipath architecture, a trade-off between power 
consumption, channel selectivity and form factor can be reached. 

There are three parameters which play an important role in the efficiency of any 
PA: the input power (PIN); the output power (POUT); and the DC power consumption 
(PDC). The ratio between POUT and PIN defines the drain efficiency, ηD, whereas the 
ratio between the difference of POUT minus PIN and PDC defines the power added effi-
ciency, PAE, which is the most popular measure in industry. An alternative manner to 
express the PAE is as a function directly proportional to ηD and inversely proportional 
to the power gain (AP), i.e. 
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Hence, ηD and AP are relevant for a high efficiency performance. In terms of the 
conduction angle, the ηD for switched (nonlinear) PAs can be expressed as [9] 
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where φ is half the total conduction angle, 2π, of the driving signal.  
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Fig. 4. Direct conversion TX based on the polyphase multipath architecture. 

By inspection of (1) and (2) it can be seen that, if sufficient AP can be attained and 
a good ηD is exhibited by the driver, then the PAE of the power amplification stage 
can be high and therefore the power consumption of the TX adequate for medical 
applications. Probably, one of the simplest manners in which the AP can be enlarged is 
to reduce the PIN. Fig. 4 shows the circuit diagram of the proposed direct-up TX with-
in a polyphase multipath architecture. It consists of n pseudo differential pairs of 
switched PAs driven by predriver stages compound by mixers. In this case, the mixer 
is at the back driving the power amplification stage. In such a way, the power trans-
ference of this stage to the load can be improved by modulating the power delivered 
by the mixer, i.e. the input power of the PA. Besides, if the mixed signal is fed into 
the PA such that it is capable of modifying the conduction angle of the amplifier, then 
also the ηD can be controlled. Moreover, the power demands on the BB can be re-
laxed. In sum, the allocation of the mixer out of the power amplification stage is more 
convenient for power efficiency and consequently lower power consumption. 

4 LINEAR AND EFFICIENT TX SCHEME FOR MeDRadio 

Typically, the usual metrics to evaluate the performance of a mixer are: conversion 
gain/loss, noise figure, port isolations, linearity, and power consumption [10]. From 
those, noise figure and port isolations are of major concern in case that the mixer is 
intended to be used in a receiver circuit. In addition, with the use of the multipath 
polyphase technique, linearity is, in principle, not a major issue. Instead, the demands 
on the performance of the mixer used as a predriver stage just like depicted in Fig. 7 
in multipath polyphase architecture with improved efficiency can focus in the follow-
ing aspects: 

• Output power modulation. 
• Capability of modifying the conduction angle of its output signal, i.e. the driving 

signal of the PA. 
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Fig. 5. Switched circuit used as a mixer. 

From the many mixer architectures available, it is difficult to find one which exhib-
its these features. There are basically two ways to accomplish the frequency transla-
tion of two signals. The first method is by means of a nonlinear circuit whose nonlin-
earities generate harmonics and IM products, and the second possibility is with the 
use of a time variant circuit. Switching circuits known as harmonic mixers are used in 
zero-IF TXs to up convert the BB to RF. Since harmonic mixers possess a low self-
mixing DC offset, they result attractive for zero-IF TXs, with the drawback of having 
a conversion gain usually small [7]. 

Fig. 5 depicts the action of a simple switching circuit with two switches, S1 and S2, 
and one capacitor, C. The LO signal controls the action of S1 and S2 such that they 
operate in turn. When LO is at a high value S2 is open and S1 is closed leading to the 
charge of capacitor C at voltage VBB which is provided by the voltage source on the 
left. Assuming there is some resistance value between the terminals of S1 when it is 
closed then there is an RC circuit given by the series connection of C and the resistive 
value of the switch. The time constant of the RC circuit establishes a rise time, tr, in 
which C is charged at approximately VBB. On the other hand, when LO is at a low 
value S1 is open meanwhile S2 is closed; again, assuming there is an series RC circuit 
given by the resistive value between the terminals of S2 when it is closed and the ca-
pacitor C, the time constant given by this RC circuit establishes a fall time, tf, in 
which C is discharged completely. Note that if there are different rise and fall times in 
the circuit it is possible to alter the duty cycle of the resulting signal. In other words, 
we can modify the conduction angle of the signal at the output by changing the time 
constants in the circuit, which can be done easily by changing the resistive value of 
the switches. Moreover, the power at the output of circuit such as the one depicted in 
Fig 5 is given by [11] 

 
LOBBC fVCP ××= 2  (3) 
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Fig. 6. Proposed predriver CMOS circuit: (a) circuit diagram and (b) prototype die photo. 

where fLO is the frequency of the LO. According with this expression, the output pow-
er is proportional to the quadratic value of the VBB voltage. Thus, the output power can 
be controlled by changing the value of VBB. Therefore, it is convenient to use a 
switched RC network as a pre-driver mixer for the PA stage of the TX since it allows 
to modulate the power at its output and to change the duty cycle of the output wave-
form. 

5 EXPERIMENTAL RESULTS 

A prototype of the predriver stage was designed and fabricated in a double poly 
three metal layers 0.5µm CMOS technology from MOSIS foundry. Fig. 6 (a) shows 
the circuit diagram of the fabricated circuit. As can be seen, it consists of an input 
buffer which turns the input sinusoidal signal from the LO into a square wave signal 
with 50% duty cycle followed by the mixer. A total of 11 transistors are used. From 
those, only three belong to the mixer. The (W/L) ratios used for the devices in the 
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Table 1. Experimental results of the predriver stage. 
LO Frequency 393.5MHz 
BB Frequency 10MHz 

Power Supply, Vdd 3.3V 
Tuning control 1.0V – 1.8V 

Maximum Power Consumption 88.2µW 
Minimum Power Consumption 68.2µW 

Maximum Output Power -13dBm 
Minimum Output Power ≈-19dBm 

Maximum Duty Cycle 50% 
Minimum Duty Cycle ≈30% 

Maximum Pulse Amplitude 2.5V 
Minimum Pulse Amplitude 0.4V 

 
buffer were (19.8µm /0.6µm), (66µm /0.6µm), (115.5µm /0.6µm) and (264µm 
/0.6µm) for the transistors MPb1, MPb2, MPb3 and MPb4, respectively; whereas the ratios 
for the transistors MNb1, MNb2, MNb3 and MNb4 were (15µm /0.6µm), (30µm /0.6µm), 
(45µm /0.6µm) and (120/0.6), respectively. For the case of the switches in the mixer, 
the ratios occupied were (180µm /0.6µm) for transistors MPm and (540µm /0.6µm) for 
transistors MNm. Finally, the ratio of transistors Mmm was (480µm /0.6µm). The proto-
type area is 0.472µm X 0.148µm including the output pad. The prototype die photo is 
depicted in Fig. 6(b). As can be appreciated, the bias input, VDD, the BB input, the LO 
input and the ground are fed to the bond pads of the chip meanwhile the output node 
must be taken from an inner-pad labeled as out.  

Table 1 summarizes the most important characteristics of the prototype. The LO 
frequency was 393.5MHz meanwhile the BB frequency was 10MHz. The power sup-
ply for the circuit was of 3.3V. The tuning control was of 800mV ranging from 1.0V 
to 1.8V. The maximum power consumption was 88.2µW and the minimum power 
consumption was 68.2µW. The maximum output power was -13dBm meanwhile the 
minimum output power was -19dBm approximately. The duty cycle of the prototype 
was modifiable in a range of 20% from 50% to 30%. Finally, the maximum pulse 
amplitude of the output signal was 2.5V whereas the minimum was 400mV. 

Fig. 7 (a) shows the waveform obtained at the output of the prototype for a voltage 
value of the tuning control of 1.2V. On the other hand, Fig. 7 (b) depicts the spectrum 
at the output of the prototype within the MedRadio band. It can be seen that the fre-
quency components ωLO ± 4ωBB, ωLO ± 3ωBB, ωLO ± 2ωBB, ωLO ± ωBB, are present with 
enough power to be taken into account (ωLO = 2πfLO). Nevertheless, further cancella-
tion of the intermodulation distortion in the transmitter chain can be performed by 
using a band pass filter to select the frequency of interest, ωLO + ωBB. 

6 CONCLUSIONS 

The design issues of TXs for MedRadio circuits have been discussed. Due to the 
requirements of medical applications such as low power consumption, small form  
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Fig. 7. Output signal of the prototype: (a) waveform in time domain and (b) spectrum within 

the MedRadio band. 

factor and channel selectivity, a direct-up approach intended to exhibit a good effi-
ciency within a polyphase multipath architecture have been sketched as an alternative 
to satisfy those demands. The key aspects for power saving lies in the pre-driver stage 
which must perform two actions: mixing the LO and BB and driving the PA with 
variable conduction angle and modulated output power. 

The experimental results were: a tuning control of the predriver of 800mV ranging 
from 1.0V to 1.8V; a maximum power consumption of 88.2µW and a minimum pow-
er consumption of 68.2µW; a maximum output power of -13dBm meanwhile the 
minimum output power was -19dBm; a duty cycle modifiable in a range of 20% from 
50% to 30%; a maximum pulse amplitude of the output signal of 2.5V whereas the 
minimum was 400mV. In addition, the frequency components ωLO ± 4ωBB, ωLO ± 
3ωBB, ωLO ± 2ωBB, ωLO ± ωBB, are present with enough power to be taken into account. 
However, further cancellation of the intermodulation distortion in the transmitter 
chain can be performed by using a band pass filter to select the frequency of interest, 
ωLO + ωBB. 

According to the results obtained in the characterization of the prototype, we con-
clude that the behavior of the predriver stage follows the course anticipated in the 
synthesis of the mixer performed in section 4. 
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Abstract. The great amount of information that can be stored in electronic 
media is growing up daily. Many of them is got mainly by typing, such as the 
huge of information obtained from web 2.0 sites; or scaned and processing by 
an Optical Character Recognition software, like the texts of libraries and 
goverment offices. Both processes introduce error in texts, so it is difficult to 
use the data for other purposes than just to read it, i.e. the processing of those 
texts by other applications like e-learning, learning of languages, electronic 
tutorials, data minning, information retrieval and even more specialized systems 
such as tiflologic software, specifically blinded people-oriented applications 
like automatic reading, where the text would be error free as possible in order to 
make easier the text to speech task, and so on. In this paper it is showed an 
application of automatic recognition and correction of ortographic errors in 
electronic texts. This task is composed of three stages: a) error detection; b) 
candidate corrections generation; and c) correction -selection of the best 
candidate. The proposal is based in part of speech text categorization, word 
similarity, word diccionaries, statistical measures, morphologic analisys and n-
grams based language model of Spanish. 

Keywords. Automatic error correction, language models, n-grams, word 
eskeleton, part of speech, text processing, string comparison, edit distance. 

1 Introduction 

The great amount of electronic texts comes mainly from the internet, where the irrup-
tion of social networks and the Web 2.0 has provide us a huge quantity of data in just 
a little period of time. Another great source of information is the data obtained from 
the scanning of printed documents by means of an Optical Character Recognition 
(OCR), used by the libraries and government offices in order to preserve files of his-
toric information. Given this enormous quantity of data, there is a need to apply au-
tomatic tools to process, transform and extract this information. Even more, a lot of 
such text contains typing errors and this makes difficult to keep the processing of such 
texts by other applications; of course, OCR is another source of errors in texts 
[1],[2],[3],[6],[7].  So, to retrieve text without orthographic errors is a difficult task. 

Additionally, when a software tool is used, the main problem of having text with 
errors is the difficult to use this information as the input of more specialized and even 
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useful applications, like the wide set of Natural Language Processing (NLP) tools 
[2],[11]. Some examples of such applications are: data mining (and of course web 
mining), information searching and retrieval, document categorization, and those 
systems related with education (learning of foreign languages), phonetic translation, 
code and text computer aided edition, and aided to people with disabilities: text to 
speech conversion, blind people software assistance, accessibility applications, etc. 
[9],[10]. 

Fortunately, the same knowledge of the NLP field can help to design some me-
thods to cope with errors in texts, like the linguistic knowledge. In this way, according 
to the linguistic point of view, there are different levels of text treatment or 
processing, some of them are: a) orthographic and morphologic level: describes the 
structure and external features of words, i.e. the way the letters are articulated in cer-
tain language; b) syntactic level: describes the paragraphs and the phases, i.e. the 
word organization within a text, and the grammatical categories of words, (commonly 
called Part of Speech -POS); c) semantic level: fully related with the meaning of text, 
takes care of the context where  phrases and words appear; d) contextual or pragmatic 
level: describe the specific use of words, locutions, phrases, etc., in a certain situation 
(the discursive and temporal use) within a domain. On this way, the use of certain 
linguistic knowledge is an adequate approach to design automatic applications of text 
like the error correction task [1],[2]. 

In this work, it is used knowledge of the morphologic and contextual levels, spe-
cifically a POS tagger, and different techniques of word matching, additionally a lan-
guage model based in n-grams is used [10],[11]. 

Briefly, the method is based on speech text categorization, word similarity, word 
dictionaries, statistical measures, and n-grams model of language. 

In the next sections it is exposed the proposal. The section 2 describes the process 
of error correction and a brief classification of text errors is given; the section 3 de-
scribes the method of error correction; after that, some implementation details, expe-
riments, results and discussion are exposed in section 4; section 5 includes conclusion 
and future work. 

2 The Process of Error Correction in Electronic Text 

The Error Correction in Electronic Text is performed in three stages [1],[6],[7]: 
1. Error detection: It is oriented to text revision in order to identify the chain 

of characters from the text (words and other marks) as part of a given lan-
guage, typically by means of a dictionary comparison, or a grammatical 
structure (morphological, syntactical or semantic). 

2. Candidate correction generation: detects some possibilities of correction to 
a given error. 

3. Correction: it is the selection of a specific candidate correction and the subs-
titution of it in the text.  

In interactive error correction the system corrector performs the first and the 
second stages in an autonomous way, and left to the user the final stage, where the 
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decision of which is the real correction is taken. In the other hand, the automatic 

error correction, the system does the three stages without the need of the user final 
decision [1]. 

As can be inferred, the automatic error correction is necessary to PLN applications 
where the full processing is performed with no user intervention. 

Even more, the correction can be divided in two categories [1]: a) isolated word 

error correction: where the three stages described before are performed just word by 
word; b) the contextual error correction: where can be observed the context of the 
word, i.e. the phrase where it is used.  
On the other hand, there is a brief classification of errors [1,7] that can be founded in 
text (obtained from humans –typing- or by machines –mainly OCR methods). Some 
error can derivate in linguistic mistakes by the accidental generation of invalid words 
within the language, or can be match with another valid word but not the correct one. 
The error classes could be part each other, but in order to understand the nature of 
error it is useful to try one classification, which is depicted in Figure 1: a) typograph-
ical: contains wrong characters in the string or word; b) grammatical: violate the arti-
culation rules of a certain language; c) cognitive: the origin of the errors is the lack of 
knowledge of orthographic rules; d) phonetical: they are wrong representations of a 
given linguistic utterance (a phonetic chunk of language), those are the worst case of 
error, because generate a great word malformation and the semantic knowledge im-
plied is high. 

 

 

Figure 1. A classification of error in text according to their origin: human being or com-
puter systems. One error can originate different cases of linguistic mistake, as is depicted, 
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for example an OCR error can be derivate in a phonetic error. 

From the linguistic knowledge, those different types of errors can be organized ac-
cordingly with the language level related: a) morphologic; b) syntactic; c) semantic; 
d) speech structure; and e) pragmatic.  

The types of errors are used to design techniques which can be applied to the stag-
es of error correction in texts. One case of error that has been mainly treated by PLN 
applications are word error, which are described in the following subsection given the 
importance for the automatic or semiautomatic error correction methods that had been 
tried [1].  

2.1 Word level errors 

The level word errors can be treated relatively easy by a computer program, but the 
propagation of the mistake accordingly with the linguistic levels needs to be coped 
with techniques which imply knowledge about the other levels of the language. The 
most successful application use morphological and syntactic knowledge, but the supe-
rior levels when are incorporated in them originate domain dependent applications.  

The two main sources of electronic texts (human or OCR) introduce certain classes 
of errors that had been afforded by different algorithms, like the edit distance (called 
Levenshtein distance) for the morphological errors; and n-gram based comparisons, 
for the syntactic and (in a very restricted sense) semantic errors [1]: 

 Insertion: from the addition of one character in the string.  
 Duplication: the doubling of one character in the string. 
 Deletion: to omit one character in the string. 
 Substitution: to replace one character by other. 
 Transposition: where two characters are swapped. 
 Segmentation: when two strings are formed from just one word. 
 Union: when two words originate one string. 

The segmentation errors are the most frequent in texts from OCR, on the other 
hand, the human being commonly produce union errors when typing. 

2.2 N-grams 

  In order to verify if a sequence of linguistics elements (words, letters, phrases, 
etc.) within a text is valid for a given language, it is common use models of languages 
which represent the constraints of a certain combination of linguistics elements in 
order to build right structures in language [1],[11],[12]. 

One model of languages is n-grams, a statistical model of sequences of linguistic 
elements: typically n word or letters where n >= 2. It is based in the estimation of 
sequences probability calculated from a text corpus called the transition probability, 
it can give a prediction of  the n next element from the n previous according to the 
frequency with they appear in corpus. N-grams model uses the history based Markov 
supposition: a linguistic element is affected by the local context, so the previous text 
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affects the future text [1],[11]. Some examples of n-grams or letters and words are 
showed in Figure 2. 

 
Letters N-gram order N-gram example 

monogram {i,n,f,o,r,m,a,t,i,c,s} 

bigram {in,nf,fo,or,rm,ma,at,ti,ic,cs} 

trigram {inf,nfo,for,orm,rma,mat,ati,tic,ics} 

 
Words N-gram order N-gram example 

monogram {computing,is,not,easy} 

bigram {computing,is}{is,not}{not,easy} 

trigram {computing,is,not}{is,not,easy} 
 

Figure 2. The first table shows n-gram examples of the word informatics, and the second 
contains n-gram examples of the phrase:  computing is not easy. Where n = {1,2,3} 

N-grams had been used in error detection and the candidate generation stages of 
the error correction task [1]. In the proposal presented in this paper lexicons of bigram 
and trigram were used. 

In the next sections the proposal of automatic error correction and the implementa-
tion are exposed. 

3 The Automatic Error Correction Proposal 

The error correction can be focused to the isolated words or taking account the local 
context of them. The proposal presented in this paper (POS-Tagged Automatic Error 
Correction -PAEC) is oriented to automatic error correction of the chain of words in a 
paragraph, and eventually in the full text [14]. It is based on POS text categorization, 
word similarity comparison, word dictionaries, statistical measures, and n-grams lan-
guage models. 

Some techniques used in automatic detection, candidate generation and selection of 
the correction use probability and morphology of words. The proposal adds to those 
techniques a POS-tagging process for the sake to augmenting the linguistic know-
ledge in the full process, i.e. uses the morphological and syntactical information 
present in the text under revision. 

The proposal uses the following resources (texts written in Spanish): 1) a plain text 
corpora (CT), 2) a POS-tagged corpora (CA) with ten grammatical categories defined: 
verbs, nouns, conjunctions, idioms, articles, adjectives, adverbs, pronouns, interjec-
tions and miscellaneous; 3) a text corpora with inserted errors (CE), from a OCR and 
random deletions, insertions or substitutions; 4) a set of word lexicons: nine of each 
POS defined, and one of words from all grammatical categories; 5) a n-gram model of 
language (bigrams and trigrams); and 6) a n-gram model of language of POS-tags, 
which identify the n-gram occurrence of certain POS-tags (bigrams and trigrams). 

The PAEC proposal is showed in Figure 3. It is composed of the following mod-
ules for to analyze a text: 
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1. Preprocessing: the abbreviation words are expanded, upper case and punctua-
tion symbols are extracted, and the resulting text is separated in sentences and 
words. 

2. POS-tagging. The text is POS-tagged in order to identify the grammatical cat-
egory they belong. The POS-tagger used is an implementation of TBL POS-
tagger [4], trained which semiautomatic annotated Spanish text. 

3. Word extraction: it separates the words and the POS-tagged related, in order 
to recover the original text, but identifying the grammatical category of words. 
Produce a list of word for being analyzed. 

4. Contextual error detection: this task makes a list of possible wrong words in 
text. It is carried out in two phases: 

a. Seeks each word from the text in their corresponding POS-lexicon. 
b. An analysis of bigrams that can be formed with the words from the 

text for identifying the abnormal combinations, because it can dis-
cover the presence of an error in text. 

The process is showed in the Algorithm 1, as follows: 
Input: 

 P: List of words to be corrected 

 LN: Lexicon of language model (n-grams) 

Output: 

 PE:  List of words identified as errors 

Var: 

 k: It represents the index of P word it is being re-

viewed in each iteration. 

 P_k: It is the k member of P 

 |P|: Total number of words in the list P 

 LP: Word lexicon 

 pa: It is the word is being reviewed in each iteration 

(P_k) 

 ant: previous word of pa 

 post: next word of pa 

 flag: It indicates if a bigram of pa has been found  

  <I>: It is an inserted pseudo-word at begin of each 

line 

Functions: 

add(l,e): add the e element to the list l 

Begin 

1. k = 0 

2. While k < |P|  do 

3.  ant = P_k-1 

4.  pa = P_k 

5.  post = P_k+1 

6.  If pa != <I>  

7.      If pa not in LP then 

8.   add(PE,pa) 
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9.      else 

10.      If [ant,pa] not in LN then 

11.   If ant not in LP then 

12.      add(PE,ant) 

13.   else 

14.      flag = 1 

15.   If [pa,post] not in LN  then 

16.    If post not in LP then 

17.       add(PE,post) 

18.    else 

19.       If post not in PE 

20.      flag = 2  

21.    If flag = 2 then 

22.          add(PE,pa) 

23.        If flag = 1 then 

24.     If ant not in PE then 

25.       add(PE,pa) 

26.   k = k + 1 

27.   Return PE 
End 

Algorithm 1. Contextual Error Detection. This algorithm receives the list of 
words to be corrected and the lexicons where the words are searching. It gener-
ate the words identified as errors, this is the input for the next stages of error 
correction.   

5. Potential corrections generation: taking in count the POS-tag of the potential 
errors detected in the previous modules, it makes a candidate generation of 
corrections based in n-grams and morphological comparisons (skeleton and 
edit distance), seeking in the right lexicon according to the grammatical cate-
gory of words. 

6. Correction: it selects the best potential correction from the candidate words, 
this is the responsible for taking the right one. This selection is based in: a) n-
gram analysis for identify the most probable combination of those candidates 
and the local context of word; b) minimum edit distance of words and candi-
dates; c) skeleton comparisons; and d) size of words and word skeletons.  

7. Postprocessing: once the correction has been done in text, the upper case, ab-
breviations and punctuation symbols are reintroduced and the final text is 
saved.  
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Figure 3. The PAEC proposal. The automatic error correction method is based in the 
identification of POS of the text and the model of language based in n-grams. 

In the following section are discussed the implementation matters, and the experi-
ments carried out in order to verify de efficacy of PAEC proposal. 

4 Implementation, experiments and results 

The PAEC proposal was implemented using the PERL programming language, be-
cause it is relatively easy to construct text analyzer functions, string matching, and 
lexicon searching [14]. 

In order to test the PAEC proposal of error correction an alternative method of cor-
rection was implemented Morphological Automatic Error Correction (MAEC). This 
method does not include a phase of POS-tagging for the sake of represent a more 
traditional way to do the error correction in text, i.e. it contains less linguistic know-
ledge, specifically morphologic and syntactic information, so a framework of compar-
ison can be established. The MAEC method is depicted in Figure 4. 
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Figure 4. The Morphologic Automatic Error Correction (MAEC) method, it uses a n-
grams model of language and a General Lexicon for making the three stages of text error 
correction. It was used for testing the PAEC proposal of error correction. 

4.1 Data description 

As it was mentioned in the previous section, many linguistic resources were used to 
implement the PAEC and MAEC methods of error correction in texts.  They are de-
scribed in the Tables 1, 2, 3, 4, 5 and 6. 

 

Table 1. Plain Text Corpus characteristics. The texts were extracted from different Web 
sites written in Spanish from the following domains: Essay, Politics, Literature and Phi-
losophy. 

Language Spanish 
Format ASCII 
Files 497 
Text lines 137,103 
Words 2,877,834 
Characters 18,075,061 

 

 
Table 2. The POS-tagging manually annotated text corpus characteristics. This corpus 
was used for the initial training of the POS-tagger which is an iterative and supervised 
process, where results in a bigger (automatically) annotated corpus for being used in the 
error correction method. In the first stage it was used 0.1509% of the plain text corpus. 

Language Spanish 
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Format ASCII 
Files 1 
Text lines 243 
Words 4,346 

 

 
In the Table 3 is described the set of testing files, which contains a lot of errors, 

one set is obtained from an OCR (Hewlett Packard, ScanJet 3200c, their features can 
be seen in the Table 4) process and the other one was generated according to the fol-
lowing process (for simulating typing errors): 

1. The file is formatted in order to keep 10 words per line. 
2. One word of each line is randomly selected  
3. From each word it is randomly selected one character 
4. In the position selected is randomly inserted one error (insertion, deletion 

or substitution) 
5. The modified word is reinserted in its corresponding position in the file. 

So, it tis gotten one random error each ten lines. 
 

Table 3. Text Corpus with errors used for testing the error correction methods. The Er-

rors 1 column shows the automatically inserted errors. The Errors 2 refers to the error 
from the OCR process. 

Texts Lines Strings Characters Errors 1 Errors 2 

1 15 79 587 7 5 
2 17 92 634 7 8 
3 16 126 831 13 2 
4 11 147 1068 14 9 
5 14 150 985 15 4 
6 19 260 1770 25 28 
7 17 310 2061 30 10 
8 20 358 2045 55 52 
9 17 591 3800 116 29 
10 19 1153 6774 41 15 

Total 165 3,266 20,555 323 162 
 

 
Table 4. Features of the scanner and the OCR software used to generate the Error 2 set 
of files. 

Scanner HP ScanJet 3200c 
ORC sofware HP Precisionscan LT 
Resolution 600 x 1200 dpi 
Format of output Plain text (.txt) or riched text (.rtf) 

 

 
The set of lexicons are showed in the Table 5. The General Lexicon is used by the 

MAEC method, while the other lexicons (POS-based) are used by the proposal 
PAEC. The contents of each lexicon were taken from the Dictionary of Usual Spanish 
[12], and the structure of them is given by the orthographic form or each word and 
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their n-grams of letters. Word between one to two letters has just their monogram, but 
words of four letter or more has either bigram and trigram. 

Table 5. The features of the lexicons used by the error correction methods. A = words to-
tal number. B = larger size of word. C = smaller size of word. D = media of size of 
words. 

Lexicon A B C D 
General 131,648 42 1 17 
Verbs 10,206 30 2 11 

Prepositions 32 13 1 17 
Pronouns 83 8 2 5 

Interjections 26 7 2 5 
Conjunctions 38 20 1 8 

Articles 9 3 2 3 
Adjectives 5,508 26 2 14 
Adverbs 1,516 23 2 12 
Nouns 14,517 25 1 12 

 

 

Table 6. Features of the N-grams based model of language: larger, smaller and media 
size of just bigram are showed. 

Bigrams 566,521 
Larger frequency 25,542 
smaller frequency 1 
Media frequency 4 

 

4.2 Experiment Description 

The experiment carried out for testing the MAEC and PAEC methods of error correc-
tion in text is composed of two evaluations: 

 Simulation of typing errors (errors automatically inserted): the purpose was 
to identify the performance of insertion, deletion and substitution errors. 

 OCR errors in text: this is a life real set of evaluation, the files comes from 
an OCR method after being scanned. 

Additionally, for the PAEC proposal, one more test was made: manually POS-
tagged text was tested in order to obtain an ideal tagging, and verify the efficacy of 
the method by means to avoid the possibility of getting some deviation because the 
precision of the automatic POS-tagger. 

The following accounts were made in the texts from both methods: 
C: corrected words. Real errors detected and corrected properly. 
E: detected errors. Total of errors identifies by the methods. 
e: non detected errors. Total of errors not identified by the methods. 
I: introduced errors. Wrong substituted words due to the methods identify some false errors. 
F: false error correction. The candidate correction selected for correcting the error detected 

was wrong, so the error persist. 
o: original errors. They are the original errors presents in text. 
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On the other hand, the rate or errors was calculated using the following formula [66]: 
c = p – i / p 

Where c: rate of error correction; p: words of text; and i: errors of text (wrong words). 

4.3 Results of experiment 

The results of the testing of MAEC method of error correction are showed in the Ta-

ble 7 and the results of PAEC method are showed in Table 8. The results of the third 
experiment (manually POS-tagged files) are showed in Table 9. 

 
Table 7. The results of the automatic error correction based in n-grams and morphologic 
analysis MAEC. The first row is the result of the typing simulation set of testing, while 
the second row is the result of the texts from the OCR. 

Set of testing p o i C E e I F c 

Errors 1 3266 323 140 202 311 31 19 90 0.957 
Errors 2 3185 162 104 86 180 10 38 56 0.967 

 

 

Table 8. The results of the automatic error correction based in n-grams and morphologic 
analysis PAEC. The first row is the result of the typing simulation set of testing, while 
the second row is the result of the texts from the OCR. 

Set of testing p o i C E e I F C 

Errors 1 3266 323 370 112 474 28 167 180 0.886 
Errors 2 3185 162 229 84 304 8 152 70 0.928 

 

 

Table 9. The results of the automatic error correction based in n-grams and morphologic 
analysis PAEC. Errors 3 row is the test performed with manual POS-tagged files that 
come from the simulated typing errors, while the Errors 4 are files that come from an 
OCR process. 

Set of testing p o i C E e I F c 

Errors 3 3266 323 133 217 238 26 27 80 0.959 

Errors 4 3266 162 74 104 186 8 33 45 0.977 
 

4.4 Discussion 

As can be seen in the results tables, in the experiments on the sets of files Errors 1 
and Errors 2 the MAEC method is better than PAEC proposal. These results are dis-
cussed as follows. 

The MAEC method has a high rate of no detected errors (e), this affects mainly to 
the selection of errors because it introduces new errors (I) originated by errors that 
originate valid Spanish words, as a consequence the wrong word is not identified as 
error but belongs to a n-gram with low frequency; so, another word would be treated 
as an error. 
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The most mismatched words are words of one or two letters: y, a, e, la, el, lo, no; 
because when a deletion occurs they disappears or become in valid words difficult to 
identify and the introduction or error is possible. On this way, the number F is high 
too, because the n-gram model can’t offers information when an error appears in a 
low frequency n-gram, so when it is weighted by the module of selection of candidate 
for making the correction there is a low possibility to select the right one. 

On the other hand, the PAEC method was affected by the POS-tagging in two as-
pects: 

 In error detection: when a word is taken as an error but the POS-tag is not so 
precise, then it is searched in the wrong dictionaries; so, I rate is in-
creased. 

 In potential correction generation: as in error detection, the candidates are 
generated from a possible wrong dictionary. So, the candidate can be dif-
ferent from the right one. 

Finally, in Table 6 can be seen the result from the POS-tagged files. As can be ap-
preciated, the results are improved with respect to both previous tests. On this way, 
the PAEC proposal improves it performance given these facts: 

 In error detection: now it is possible to identify wrong words that originates 
no valid words in Spanish, because can be matched in the right dictionary 
according to their POS-tag. Additionally, the errors that originate valid 
words are detected because the POS-tag indicate a low frequency n-gram: 
a wrong word belongs to a different grammatical category due to the mis-
take, and it is identified. 

 In potential correction generation: the candidate generation is performed by 
its morphologic features, the n-gram probability and its grammatical cate-
gory adding by this means the morphologic and syntactic knowledge. 

 In correction: due to the correct detection the right candidate is selected in 
most of the times, so the correction is right. 

 

5 Conclusions and Future Work 

According to the results presented in the previous section the PAEC method is better 
in error correction when a precise POS-tagging is performed on the text because the 
morphologic and syntactic knowledge is properly added to the process, so the ratio-
nale is the right one but there are some improvement to do; if it is not the case, there 
are a lot of mistakes in the entire correction process. 

Additionally, in order to improve the performance of the PAEC method it is re-
quired to do: 

 To explore the use of syntactic n-grams (sn-grams), which are an improved 
form of n-grams, constructed using paths in syntactic trees in order to re-
duce the noise given to presence of many arbitrary terms in the n-gram. 
The sn-grams can be applied to the three stages of the error correction 
process to calculate POS sn-grams and word sn-grams [13]. 

A Proposal of Automatic Error Correction in Text    335



 To improve the precision of the POS-tagger: 
o To train the algorithm in a more intensive way, adding more an-

notated text to star the learning of tagging rules. 
o To develop an alternative way to tagging words not identified 

and increase the lexical files of the tagger. 
o To use more than one tagger in order to improve the rate of cor-

rect tagging by the weighting the results of them. 
o To assign more than one POS-tag to words, accordingly to the 

probability of tags. 
 To improve the detection of errors for searching the potential errors in more 

than one grammatical category lexicon given the assignation of more than 
one POS-tag. 

 To refine the lexicons in two ways: 
o Increase the words they contain, in order to extend its lexical 

coverage. 
o By means of a lemmatization process, so the index of word 

would be more flexible because it can contains no only the com-
plete orthographic form. 

As a final commentary is the method can be tested on real world errors and a larger 
amount of texts. They can be taken from: 

 Contents of Web 2.0 pages. 
 Government pages of complains, administrative or legal processes and opi-

nion pages. 
 A bank of OCR-processed documents from libraries and government offices. 
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Abstract. We present a system for the Recognizing Textual Entail-
ment task, based on various similarity metrics, namely (i) string-based
metrics, (ii) chunk-based metric, (iii) named entities-based metric, and
(iv) shallow semantic metric. We propose the chunk-based and named
entities-based metrics to address limitations of previous syntactic and
semantic-based metrics. We add the scores of the metrics as features
for a machine learning algorithm. Then, we compare our results with
related work. The performance of our system is comparable with the
average performance of the Recognizing Textual Entailment challenges
systems, though lower than that of the best existing methods. However,
unlike more sophisticated methods, our method uses only a small number
of simple features.

1 Introduction

The Recognizing Textual Entailment (RTE) task consists in deciding, given two
textual expressions, whether the meaning of one of them, called Hypothesis
(H), is entailed by the meaning of the other one, called Text (T) [5]. The RTE
Challenge is a generic task which addresses common semantic inference needs
across Natural Language Processing (NLP) applications.

In order to address the task of RTE, different methods have been proposed.
Most of these methods rely on machine learning (ML) algorithms. For example, a
baseline method proposed by Mehdad and Magnini [9] consists in measuring the
word overlap between the Text and Hypothesis; the word overlap is the number
of words shared between the two textual expressions. Their method is organized
into three main steps: (i) pre-processing: all T–H pairs are tokenized and lem-
matized; (ii) computing of the word overlap; (iii) building a binary classifier. An
overlap threshold is computed over the training data, and the test data is classi-
fied based on the learned threshold. If the word overlap score is greater than the
threshold, then the entailment decision is TRUE (there is entailment), otherwise
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it is FALSE (there is no entailment). The motivation behind this paradigm is
that a T–H pair with a strong similarity score has good chances to represent
an entailment relation. Different types of similarity metrics are applied over the
T–H pair in order to extract features and to train a classifier.

Similarity metrics that deal with semantics usually use information from on-
tologies or semantic representations given by parsers [2]. However, the compari-
son between texts is done by matching the semantic labels, and not by matching
the content of those units.

In this work we describe an RTE system based on various similarity metrics.
In addition, we propose new similarity metrics based on different representations
of text for RTE that are: (i) chunks and (ii) Named Entities. The goal of the
introduction of these new features is to address limitations of previous syntactic-
and semantic-based metrics. We add the scores of the new metrics along with
simple string-based similarity metrics and a shallow-semantic-based metric [11]
as features for a machine learning method for RTE. Then, we compare our results
with related work on RTE. The performance of our system is comparable with
the average performance of the RTE challenges, though it is lower than that of
the best known methods.

In the remainder of this paper we discuss the related work (Section 2), de-
scribe our RTE system (Section 3) and compare its performance with previous
work (Section 4). Finally, we give conclusions and suggest some future work
(Section 5).

2 Related Work

Burchardt et al. [2] introduced new features for RTE that involve deep linguistic
analysis and shallow word overlap measure. Their method consists of three steps:
first, they represent the T–H pair with the Frame Semantics (FS) and Lexical
Functional Grammars (LFG) formalisms; this representation is similar to the
Semantic Role Labeling. Then, they calculate a similarity score based on match-
ing the LFG graphs, and finally make a statistical entailment decision. They
used the RTE-2 and RTE-3 datasets as training data, and extracted 47 features
from the deep and the shallow overlap. These features consist of combinations
of predicates overlaps, grammatical functions match, and lexical overlaps.

The methods that use Semantic Role Labeling (SRL) for RTE use the an-
notation provided by a semantic parser to measure the similarity between texts.
However, they only measure the similarity in terms of how many labels the two
texts share (overlaps) and not in termos of the content marked with those labels.

Delmonte et al. [8] introduced semantic-mismatch features, such as locations,
discourse markers, quantifiers, and antonyms. Their entailment decisions are
based on applying rewards and penalties over the semantic similarity and shallow
similarity scores. Later, Delmonte et al. [6] participated in the RTE-2 challenge
with an enhanced version of their previous system. Their new system uses new
features based on heuristics, such as Augmented Head Dependency Structures,
grammatical relations, negations, and modal verbs.
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Roth and Sammons [12] used semantic logical inferences for RTE, where the
representation method is a Bag-of-Lexical-Items (BoLI). The BoLI relies in word
overlap. It states that the entailment relation holds if the overlap score is above
a certain threshold. An extended set of stopwords is used to select the most
important concepts for the BoLI, such as auxiliary verbs, articles, exclamations,
discourse markers, and words in WordNet. Also, in order to recognize relations
in the T–H pairs, the system checks matchings between SRLs, and then applies
a series of transformations over the semantic representations to make easier
to determine the entailment. Their system uses the following transformation
operations:

– annotate, which make some implicit property of the meaning of the sentence
explicit;

– simplify and transform, which remove or alter some section of the text T in
order to improve annotation accuracy or make it more similar to H;

– compare, which compares some elements of the two members of the entail-
ment pair and assigns a score that correlates to how successfully those ele-
ments of the H can be subsumed by the T.

3 Experimental Design

The RTE task can be seen as a binary classification task, where the entailment
relations are the classes. Then the RTE benchmark datasets can be used to train
a classifier [4].

Our RTE system is based on a supervised machine learning algorithm. We
train the machine learning algorithm with similarity scores computed over the
T–H pairs extracted from different classes of metrics described below.

With these metrics we build a vector of similarity scores used as features to
train a machine learning algorithm. We use the development datasets from the
RTE 1 to 3 benchmark to train different ML algorithms, using their implemen-
tations from the WEKA toolset3 without any parameter optimization. Then, we
test the models with a tenfold cross-validation over the development datasets to
decide which algorithm to use for the comparison against related work over the
test datasets.

The metrics we used as as follows.

3.1 Lexical Metrics

We use the following string-based similarity metrics: precision, recall, and F1:

precision(T, H) =
|T ⋂H |
|H | (1)

recall(T, H) =
|T ⋂H |

|T | (2)

3 http://www.cs.waikato.ac.nz/ml/weka/
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F1(T, H) = 2 × precision(T, H) × recall(T, H)
precision(T, H) + recall(T, H)

(3)

As input for the metrics we use a bag-of-words (BoW) representation of the
T–H pairs. However, we only use content words to compute the similarity score
in the T–H pairs.

3.2 Chunking

Shallow parsing (or chunking) consists in tagging a text with syntactically cor-
related parts. This alternative to full parsing is more efficient and more robust.
Chunks are non-overlapping regions of text that are sequences of constituents
that form a group with a grammatical role (e.g. noun group). The motivation
for introducing a chunking similarity metric consists in that a T–H pair with a
similar syntax structure can hold an entailment relation. The chunking feature
is defined as the average of the number of similar chunks (in the same order) in
the T–H pair:

chunking(T, H) =
1
m

m∑

n=1

simChunk(tn, hn), (4)

where m is the number of chunks in T, tn is the n-th chunk tag and content
in the same order, and simChunk(tn, hn) = 1 if the content and annotation of
the chunk are the same, and 0.5 if the content of the chunk is different but the
chunk tag is still the same.

The following example shows how the chunking metric works. Consider:

T: Along with chipmaker Intel , the companies include Sony Corp. , Microsoft
Corp. , NNP Co. , IBM Corp. , Gateway Inc. and Nokia Corp.

H: Along with chip maker Intel , the companies include Sony , Microsoft , NNP ,
International Business Machines , Gateway , Nokia and others.

First, for each chunk, this metric compares and scores the content of the tag:
whether it is the same chunk group and whether it is the same order of chunks.
Table 1 shows how this metric scores each chunk for the previous example.

Finally, the chunking metric (4) computes the individual scores and gives a
final score of chunking(T, H) = 0.64 for this example.

3.3 Named Entities

Named Entity Recognition (NER) is a task that identifies and classifies parts of
a text into predefined classes such as names of persons, organizations, locations,
expressions of times, quantities, monetary values, percentages, etc. For example,
from the text: “Acme Corp bought a new...”, Acme Corp is identified as a named
entity and classified as an organization.
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Table 1. Example of partial scores given by the chunking metric

Tag Content Tag Content Score

PP Along PP Along 1
PP with PP with 1
NP chipmaker Intel NP chip maker Intel 0.5
NP the companies NP the companies 1
VP include VP include 1
NP Sony Corp. NP Sony 0.5
NP Microsoft Corp. NP Microsoft 0.5
NP IBM Corp. NP International Business Machines 0.5
NP Gateway Inc. NP Gateway 0.5
NP Nokia Corp. NP Nokia and others. 0.5

The motivation of a similarity measure based on NER is that the participants
in H should be the same as those in T, and H should not include more participants
in order to hold an entailment relation. The goal of the measure is to deal with
synonymous entities.

Our approach for the NER similarity measure consists in the following: first,
the named entities are grouped by type; then, the content of the same type
of groups (e.g Scripps Hospital is an organization) is compared using the cosine
similarity equation. However, if the surface realizations of the same named entity
in T and H are different, we retrieve words that share the same context as the
named entity in question; the words are retrieved from Dekang Lin’s thesaurus.
Therefore, the cosine similarity equation will have more information than just
the named entity.

For instance, consider the T–H pair from the previous example. The entity
from T: IBM Corp. and the entity from H: International Business Machines
have the same tag organization. Our metric groups them and adds words from
the similarity thesaurus resulting in the following bag-of-words (BoW) represen-
tation:
T’s entities: {IBM Corp., ..., Microsoft, Intel, Sun Microsystems, Motorola /

Motorola, Hewlett-Packard / Hewlett-Packard, Novell, Apple Com-
puter, ...}

H’s entities: {International Business Machines, ..., Apple Computer, Yahoo,
Microsoft, Alcoa, ...}.

Finally, the metric computes the cosine similarity between these BoWs.

3.4 TINE

TINE [11] is an automatic metric based on the use of shallow semantics to
align predicates and their respective arguments between a pair of sentences.
The metric combines a lexical matching with a shallow semantic component to
address adequacy for machine translation evaluation. The goal of this metric is
to provide a flexible way of align shallow semantic representations (semantic role
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labels) by using both the semantic structure of the sentence and the content of
the semantic components.

A verb in the hypothesis H is aligned to a verb in the text T if they are
related according to the following heuristics: (i) the two verbs share at least one
class in VerbNet, or (ii) the pair of verbs holds a relation in VerbOcean.

For example, in VerbNet the verbs spook and terrify share the same class,
namely, amuse-31.1, and in VerbOcean the verb dress is related to the verb wear.

The following example shows how the alignment of verbs and predicates is
performed. Consider:

H: The lack of snow discourages people from ordering ski stays in hotels and
boarding houses.

T: The lack of snow is putting people off booking ski holidays in hotels and guest
houses.

Then, the algorithm proceeds with the following steps:

1. Extract verbs from H: VH = {discourages, ordering}
2. Extract verbs from T: VT = {putting, booking}
3. Similar verbs aligned with VerbNet (shared class get-13.5.1):

V = {(vH = order, vT = book)}
4. Compare arguments of (vH = order, vT = book):

AH = {A0, A1, AM-LOC}
AT = {A0, A1, AM-LOC}

5. AH ∩ AT = {A0, A1, AM-LOC}
6. Exact matches:

HA0 = {people} and TA0 = {people}
7. Different word forms:

expand the representation:
HA1 = {ski, stays} and TA1 = {ski, holidays}
to:
HA1 = {{ski}, {stays, remain, ..., journey, ...}}
TA1 = {{ski}, {holidays, vacations, trips, ..., journey, ...}}

8. Similarly with HAM−LOC and TAM−LOC

Here, VH is the set of verbs in the hypothesis H, VT is the set of verbs in the
text T, AH is the set of arguments of the hypothesis H, and AT is the set of
arguments in the text T.

The metric aligns similar verbs with the ontology and similar arguments with
a distributional thesaurus. Then, the metric computes a similarity score given
the previous alignment points.

4 Experimental Results

We compared our method with other machine learning-based methods and with
methods that use a SRL representation as one of its features.
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Table 2. The 10-fold cross-validation accuracy results over the RTE development
datasets

Algorithm RTE-1 RTE-2 RTE-3

SVM 64.90% 59.00% 66.62%
NäıveBayes 62.25% 58.25% 64.50%
AdaBoost 64.90% 57.75% 62.75%
BayesNet 64.19% 59.00% 65.25%
LogitBoost 62.25% 52.50% 61.00%
MultiBoostAB 64.55% 60.50% 64.00%
RBFNetwork 61.90% 54.25% 64.80%
VotedPerceptron 63.31% 57.75% 65.80%

We used the RTE-1, RTE-2, and RTE-3 development datasets to train the
classifiers. Table 2 shows the tenfold cross-validation results.

The SVM achieved the best results in the experiments during the training
phase. We use this algorithm to perform the classification over the RTE test
datasets. The data used for classification are the test datasets of the RTE chal-
lenge. The experimental results are summarized in Table 3.

Table 3. Comparison with previous accuracy results over the RTE test datasets

Method RTE-1 RTE-2 RTE-3

Roth and Sammons [12] – – 65.56%
Burchardt and Frank [1], Burchardt et al. [2] 54.6% 59.8% 62.62%
Delmonte et al. [8], [6], [7] 59.25% 54.75% 58.75%
Our method with SVM 53.87% 55.37% 61.75%

Table 4 shows the overall accuracy results of the RTE systems on the RTE
test datasets against our method. Our method is close to the average performance
but below the best method.

However, the systems that showed the best results in the RTE challenge are
complex and sophisticated systems. In contrast, our method relies on a small
number of simple features. Our main semantic feature is focused in predicate-
argument information, while other methods tackle several semantic phenomena
such as negation and discourse information [12] or rely on a large number of
features [2].

Table 4. Comparison with overall accuracy results over the RTE test datasets

Challenge Our method Average Best

RTE-1 53.87% 55.12% 70.00%
RTE-2 55.37% 58.62% 75.38%
RTE-3 61.75% 61.14% 80.00%
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Error analysis shows that the most common source of errors for our method
is the TINE similarity metric. The following categories of errors made by this
metric are the most common ones:

1. Lack of coverage in the ontologies, for example:

T: This year, women were awarded the Nobel Prize in all fields except
physics.

H: This year the women received the Nobel prizes in all categories less phys-
ical.

The lack of coverage in the VerbNet ontology prevented the detection of the
similarity between receive and award.

2. Matching of unrelated verbs, for example:

T: If snow falls on the slopes this week, Christmas will sell out too, says
Schiefert.

H: If the roads remain snowfall during the week, the dates of Christmas will
dry up, said Schiefert.

In VerbOcean, remain and say are incorrectly indicated to be related. The
VerbOcean dictionary was created by a semi-automatic extraction algo-
rithm [3] with an average accuracy of 65.5% and thus contain a considerable
number of errors.

3. Incorrect tagging of the semantic roles by the semantic parser SENNA4, for
example:

T: Colder weather is forecast for Thursday, so if anything falls, it should
be snow.

H: On Thursday, must fall temperatures and, if there is rain, in the moun-
tains should.

The position of the predicates affects the SRL tagging. The predicate fall
has the roles (A1, V, and S-A1) in the reference, and the roles (AM-ADV,
A0, AM-MOD, and AM-DIS) in the hypothesis H. As a consequence, the
metric cannot match the fillers. Also, SRL systems do not detect phrasal
verbs: e.g., the action putting people off is similar to discourages but current
SRL systems do not detect this.

As we see, the quality of the semantic parser and the coverage of the ontolo-
gies are significant causes that affect the performance of our method.

In addition, on the RTE-1 test dataset with 800 T–H pairs, the coverage of
the semantic metric is 491 pairs. This means that the system only predicts a
certain amount of pairs. On the RTE-3 dataset, on which we obtain the best
result, also has 800 T–H pairs, but the coverage on this dataset is much better:
556 pairs. Accordingly, our method has a smaller amount of errors due to a
greater number of semantic-scored pairs.

4 SENNA, http://ml.nec-labs.com/senna/

346   Miguel Rios and Alexander Gelbukh



5 Conclusions and Future Work

We have presented a machine learning-based system for Recognizing Textual
Entailment (RTE) task, based on new similarity metrics as well as simple string-
based metrics and a shallow-semantic metric. The new similarity measures are
based on: (i) chunking, (ii) named entities.

Our method has performance comparable with the average performance of
methods in the RTE challenges. However, its performance is below that of the
best know methods. On the other hand, our method relies on a small num-
ber of simple features, and our system only tackles one semantic phenomenon:
predicate-argument information.

A preliminary error analysis shows that a main source of errors is the align-
ment of predicates by the TINE measure. However, if the system has more pairs
tagged with predicate-argument information, then its performance improves.

In order to improve the performance of our current machine learning-based
system, in our future work we will attempt to resolve the errors caused by the
TINE metric based on the error analysis, or will use a different semantic approach
to RTE [10].

Our semantic metric uses a distributional thesaurus to measure the similarity
between arguments, so that, for example, cat and dog will be aligned because
they share the same context. A possible direction to improve the semantic metric
is to add hard constraints over the core arguments. These constrains can be
defined as thresholds learned over the training dataset.
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Abstract. In this paper, it is presented a novel method based on an
alpha-beta convolution model, to be used at transformation stage in an
image compression system. This method takes the alpha-beta�s associa-
tive memories theory and is applied to a set of images in grayscale. Since
these associative memories are used for data with binary inputs and out-
puts, it is also presented a modi�cation to the original alpha and beta
operators in order to be applied directly to the the pixel values of an im-
age. The proposed method is applied as a traditional convolution, with
the di¤erence that instead of making sums of products, there are per-
formed maximum or minimum operations of the alphas and betas. The
Shannon entropy is used to measure the amount of bits of information
contained in the images. The traditional images transform usually do
not provide any kind of compression and they also use complex opera-
tions. Therefore, this new method represents an advantage by o¤ering a
lower amount of entropy in the transformed image that in the original
image by making use of simple operations such as addition, subtraction,
minimums, and maximums.

1 Introduction

The imminent growth in the amount of the existing information has given the
guideline to think on mathematical methods that help us to represent the infor-
mation in a compact manner, reducing the number of bits used for its representa-
tion. For this reason, data compression systems and, in a particular case, image
compression systems have been created. There exists lossless image compression
systems, whose stages are: transformation and coding; as well as image compres-
sion systems, whose stages are: transformation, quantization and coding [5], [13].
Although there are a large number of image transforms, the most common one
is the DCT (Discrete Cosine Transform). The DCT was proposed by Ahmed,
Nataraj and Rao in 1974 [1]. It is a transform that is applied to blocks of pixels
of an image, each block is usually constituted by 8 x 8 or 16 x 16 pixels, and it
consists in a bijective function that maps one to one the image values allowing
DCT to be reversible, thus there is no loss of information, but it does not com-
press the image neither [10], [17]. From the early 80s, the CCITT (Consultative
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Committee for International Telegraphy and Telephony) and ISO (International
Organization for Standardization) began to work together in order to develop an
international standard for image compression, which was achieved in 1992 with
the acronym JPEG (Joint Photographic Experts Group) [9], [20] that uses the
DCT in its transformation stage. From this date, diverse modi�cations have been
developed to the DCT for its fast implementation, such as Chen [4], who takes
advantage of the symmetry of the cosine function to reduce the needed opera-
tions to implement the transform. Subsequently, Arai [3] develops the DCT only
taking into consideration the real part of a DFT (Discrete Fourier transform)
and using the FFT (Fast Fourier Transform) algorithm that was proposed by
Winogard in [22]. In addition there have been new developments for the DCT
which can be consulted in [12], [15], [16] and [24]. In Shannon information theory
[18], the quantity of information is de�ned as a probabilistic process, taking the
image as the information source; denoted by S with n elements s1; s2; : : : ; sn and
i = 1; 2; : : : n, its entropy is de�ned as:

H (S) = �
X
i

P (si) log2 (P (si)) (1)

for this reason, it is used the Shannon entropy as a measure to know the amount
of bits which represent each image in this paper.
This paper is organized as follows: in section 2 it is shown the theoretical

framework for the development of the new method, section 3 describes the pro-
posed method. The results and conclusions are shown in section 4 and section
5, respectively.

2 Theoretical Support

This paper presents a new method based on a modi�cation of the original al-
gorithm of the alpha-beta associative memories [23], and focuses in the image
transformation stage. This section shows the theory which is the base for the
proposed method.

2.1 Associative memories

The AM (Associative memories) [8] are pattern recognition�s algorithms, whose
purpose is to recover full patterns from input patterns that could be altered.
Input patterns are represented by column-vectors x and output patterns by
column-vector y. For each input pattern x, there is one and only one output
pattern y, forming an association as an ordered pair: (x;y). The set of the p
pattern associations is named fundamental association set or simply fundamental
set, with � = 1; 2; : : : ; p, and it is represented as:

f(x�;y�) j� = 1; 2; : : : pg (2)

The operation of an AM is divided into two phases: the learning phase, where
input patterns x are associated with their corresponding output patterns y to
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generate the associative memory; and the recovery phase, in which we introduce
a pattern x as the input to the memory, and as result we expect to receive a
corresponding pattern y in the outcome. There are two types of AM which are
classi�ed according to the nature of their pattern: auto-associative memories
and hetero-associative memories. The memory is auto-associative if it ful�lls
that 8�;x� = y�, i.e. each input pattern is equal to its corresponding output
pattern; on the other hand, the memory will be hetero-associative if it is true
that 9� 2 f1; 2; : : : ; pg jx� 6= y�, i.e. if there exists at least an input pattern
di¤erent to its corresponding output pattern.
Traditional models of AM, such as Lernmatrix [19], Correlograph [21], as

well as Linear Associator [2], [11] operate within the theory of arti�cial neuron
model of McCulloch and Pitts [14]. That is,its operation is based on sums of
products. In addition there are the morphological AM [6] and the alpha-beta
AM [23] which are the only ones that are handled outside of this theory and
instead of sums of products, they use maximums (or minimums) values of the
sums, in the case of the morphological; and maximum (or minimum) of alphas
and betas, in the case of the alpha-beta.

2.2 Convolution

On the other hand, in the theory of image processing, convolution is widely used.
The convolution of an image is an operation in the spatial domain, i.e., a method
which operates directly on the value of the pixels in the image. To perform a
convolution is required to de�ne a mask, also called window, whose choice of
values should be carefully taken; the mask is usually 3px�3px. Convolution can
be expressed as follows:

g (x; y) = T [f (x; y)] (3)

where f(x; y) is the input image, g(x; y) is the output image and T is an op-
erator in f that is de�ned on speci�c neighbors points to (x; y); we will place the
mask on each of these points to make the necessary operations. These operations
consist of multiplying the pixels in the neighborhood (x; y) with the coe¢ cients
of the mask, adding the results to obtain the response in the pixel (x; y) of the
resulting image [7].
Note that in both the classical AM models, and the convolution of images

there are used sums of products; in the case of the alpha-beta AM, to its op-
eration the sum of products is changed to maximums (or minimums) of alpha
and betas. For the development of this work, it was thought to exchange the
traditional function of convolution for a new method that is implemented as a
convolution based on maximum or minimum of alfas and betas.

2.3 Alpha and beta operations

The alpha-beta AM [23] uses maximums and minimums and two binary oper-
ations proposed speci�cally: alpha (�) and beta (�), that establish the name
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of alpha-beta AM. In order to make the de�nition of the binary operations al-
pha and beta, there should be speci�ed the set A and the set B beforehand, as
following:

A = f0; 1g and B = f0; 1; 2g (4)

Binary operation � : A�A! B is de�ned as:

Table 1 � : A�A! B

x y � (x; y)
0 0 1
0 1 0
1 0 2
1 1 1

Binary operation � : B �A! A is de�ned as:

Table 2 � : B �A! A

x y � (x; y)
0 0 0
0 1 0
1 0 0
1 1 1
2 0 1
2 1 1

3 Proposed method

As can be shown, in Table 1 and Table 2, the alpha and beta operators could
only handle binary inputs and outputs, hence it was required to extend them
in order to handle real-valued numbers and thus operate directly over the pixel
value of an image.
The new operation �R : R� R �! R is de�ned as

�R (x; y) = x� y + 1 (5)

The alpha-beta AM can be max type and min type; besides, the method
proposed in this paper can operate both types: max or min. Thus, the operation
�R : R � R �! R has an operation for each type of recovery, max (�_R) or min
(�^R), as follows:

If x = y �! �R (x; y) = 1 (6)

�_R (x; y) = y � jxj � 1 (7)

�^R (x; y) = x� jyj � 1 (8)
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De�nition 1. Let A = [aij ] be a matrix of size m � n representing an image,
and let sb = [sbij ] be a matrix d � d -dimensional and represents an image
sub-block of A, such as:

sbij = aritj (9)

where i; j = 1; 2; : : : ; d, r = 1; 2; : : : ;m, t = 1; 2; : : : ; n, and sbij = aritj repre-
sents the pixel value given by coordinates (r + i; t+ j), where (r; t) and (r + d; t+ d)
are the beginning and the end of the sub-block, respectively.

De�nition 2. Let A = [aij ] be a matrix of size m�n that represents an image.
The value denoted by " is a value greater than the maximum value that could
assume a pixel of an image, thus:

" >
_
8i;j

aij (10)

De�nition 3. Let sb = [sbij ] be a matrix d� d -dimensional and represents an
image sub-block, and let " >

W
8i;j

sbij be a value greater than the maximum value

that could assume a pixel of the sub-block sb. The transformation mask of
max type, denoted as mt_ =

�
mt_ij

�
h�h, is initialized to 0, except for its central

pixel that assumes the value ", when the max type (�_R) is used:

mt_ij =

�
"
0
central pixel
other case

(11)

De�nition 4. Let sb = [sbij ] be a matrix d� d -dimensional and represents an
image sub-block, and let " >

W
8i;j

sbij be a value greater than the maximum value

that could assume a pixel of the sub-block sb. The transformation mask of
min type, denoted as mt^ =

�
mt^ij

�
h�h, is initialized to 0, except for its central

pixel that assumes the value �", when the min type (�^R) is used:

mt^ij =

�
�"
0
central pixel
other case

(12)

By means of simplicity, in the following de�nitions, the notation of the sub-
block sb = [sbij ] and the transformation mask (either if is max or min) mt =
[mtij ] as coordinates, thus, [sbij ] = sb(i; j) y [mtij ] =mt (i; j).

De�nition 5. Let sb = [sbij ] be a matrix of size d � d representing an image
sub-block, let mt_ = [mt_rt]h�h be a transformation mask max type, and let
t = [tij ] be the transformed sub-block; the alpha max convolution operation�
��max

�
sb;mt_

��
, is expressed as:

t (i; j) = ��max
�
sb;mt_

�
=

a_
i=�a

b_
j=�b

�R (sb (i+ r; j + t) ;mt
_ (r; t)) (13)

where a = h�1
2 and b = h�1

2 .
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De�nition 6. Let sb = [sbij ] be a matrix of size d � d representing an image
sub-block, let mt_ = [mt_rt]h�h be a transformation mask max type, and let
t = [tij ] be the transformed sub-block; the beta min convolution operation�
��min

�
sb;mt_

��
, is expressed as:

t (i; j) = ��min
�
sb;mt_

�
=

â

i=�a

b̂

j=�b
�^R (sb (i+ r; j + t) ;mt

_ (r; t)) (14)

where a = h�1
2 and b = h�1

2 .

De�nition 7. Let sb = [sbij ] be a matrix of size d � d representing an image
sub-block, let mt_ = [mt_rt]h�h be a transformation mask max type, and let
t = [tij ] be the transformed sub-block; the alpha min convolution operation�
��min

�
sb;mt^

��
, is expressed as:

t (i; j) = ��min
�
sb;mt^

�
=

â

i=�a

b̂

j=�b
�R (sb (i+ r; j + t) ;mt

^ (r; t)) (15)

where a = h�1
2 and b = h�1

2 .

De�nition 8. Let sb = [sbij ] be a matrix of size d � d representing an image
sub-block, let mt_ = [mt_rt]h�h be a transformation mask max type, and let
t = [tij ] be the transformed sub-block; the beta max convolution operation�
��max

�
sb;mt^

��
, is expressed as:

t (i; j) = ��max
�
sb;mt^

�
=

a_
i=�a

b_
j=�b

�_R (sb (i+ r; j + t) ;mt
^ (r; t)) (16)

where a = h�1
2 and b = h�1

2 .

Alpha-beta convolution transform algorithm

1. As usual on traditional image transforming methods, the alpha-beta con-
volution method proposed in here, is applied individually to an image sub-
blocks of size d � d. The image denoted as A = [aij ]m�n is divided into
� = (m=d) � (n=d) sub-blocks sb!j! = 1; 2; : : : ; �, where m and n are the
image height and width respectively, aij is the ij � th pixel of image with
a 2 f0; 1; 2; : : : ; L� 1g being L the number of bits that represents the value
of a pixel.

2. Initialize to 0 all values in the resulting image T = [tij ]m�n.
3. Create the transforming mask mt depending on the desired usage: max or
min, according to the De�nition 2, De�nition 3 and De�nition 4.

4. Apply the alpha max (or min) convolution to each sub-block according to
the De�nition 5 and De�nition 7 and place the outcome on resulting image
T. ut
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Inverse alpha-beta convolution transform algorithm

1. The inverse alpha-beta convolution method, is applied individually to the
sub-blocks of transformed image T.

2. Initialize to 0 all values in the resulting recovered image A0 =
�
a0ij
�
m�n.

3. Locate each sub-block of the transformed imageT and apply the beta min (or
max) convolution according to the De�nition 8 and De�nition 6, using the
same transforming mask used in the alpha-beta convolution transform
algorithm and place the outcome on recovered image A0. ut

Since each time the mt is created, the maximum value of the current sub-
block is taken, it is required to store every maximum in a vector.

4 Results

a) b) c) d)

Fig. 1 Aerial image (a), with sub-block di¤erent sizes: 4 � 4 (b), 8 � 8 (c),
16� 16 (d).
In order to measure the proposed transform, a comparison between the orig-

inal and the transformed image was performed using the Shannon entropy [18].
The method presented in this paper was applied to a set of 20 images widely
used in many other papers, and was applied varying the size of sb (4� 4, 8� 8,
16 � 16) for each image, obtaining 60 transformed images. The set of testing
images are grayscale, and 8 bits/pixel, and have di¤erent sizes.

a) b) c) d)

Fig. 2 Baloon image (a), with sub-block di¤erent sizes: 4�4 (b), 8�8 (c), 16�16
(d).
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a) b) c) d)

Fig. 3 Girl image (a), with sub-block di¤erent sizes: 4� 4 (b), 8� 8 (c), 16� 16
(d).

a) b) c) d)

Fig. 4 Lenna image (a), with sub-block di¤erent sizes: 4�4 (b), 8�8 (c), 16�16
(d).

Figures 1 to 6 show the original image (a) and some transformed images using
4� 4 sub-block size at (b), 8� 8 sub-block size at (c), and 16� 16 sub-block size
at (d). The results that compare the entropy between the original image versus
the transformed images are shown at Table 3.

a) b) c) d)

Fig. 5 Peppers image (a), with sub-block di¤erent sizes: 4 � 4 (b), 8 � 8 (c),
16� 16 (d).
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a) b) c) d)

Fig. 6 Zelda image (a), with sub-block di¤erent sizes: 4�4 (b), 8�8 (c), 16�16
(d).

Table 3. Entropy results with di¤erent sb sizes.
Image Size Entropy Entropy 4� 4 Entropy 8� 8 Entropy 16� 16
Aerial 2048� 2048 7:1947 5:7846 6:4473 6:8813
Baboon 512� 512 7:3577 6:4610 6:9275 7:1501
Baloon 720� 576 7:3459 3:8442 4:7928 5:6843
Barbara 720� 576 7:4838 5:7309 6:3724 6:8072
Bike 2048� 2560 7:0219 5:3234 6:0152 6:5303
Board 720� 576 6:8280 4:5892 5:3763 6:2891
Boats 512� 512 7:1914 5:5520 6:2688 6:8104
Couple 512� 512 7:2010 5:3092 6:0276 6:5776
Elaine 512� 512 7:5060 5:1970 5:8841 6:5101
F-16 512� 512 6:7043 4:8730 5:5588 6:0325
Girl 720� 576 7:2878 5:0300 5:8262 6:4912

Goldhill 720� 576 7:5300 5:3532 6:1223 6:6593
Hotel 720� 576 7:5461 5:4036 6:2258 6:9116
Lenna 512� 512 7:4474 5:1027 5:8879 6:5444
Man 512� 512 7:1926 5:5016 6:3273 6:9066
Peppers 512� 512 7:5943 5:1029 5:9029 6:662
Sailboat 512� 512 7:4847 5:7920 6:5942 7:1399
Ti¤any 512� 512 6:6002 4:7339 5:3748 5:8841
Woman 2048� 2560 7:2515 5:4033 6:0797 6:5413
Zelda 720� 576 7:3335 4:5692 5:3577 6:1714

The data contained in the table refers to the image dimensions in pixels,
entropy of the original image (Entropy), the entropy of the transformed image
using a mt of 4�4 pixels (Entropy 4�4), the entropy of the transformed image
using a mt of 8� 8 pixels (Entropy 8� 8), and the entropy of the transformed
image using a mt of 16� 16 pixels (Entropy 16� 16). The transformation stage
of an image compressor does not provide any information reduction, its main
purpose is to make easier the compression at following steps (quantization and
coding). Since the alpha-beta convolution transform provides information reduc-
tion, it is clear that represents an advantage over the traditional transforming
methods, besides the method proposed in this paper uses very simple operations
such as addition, substraction, minimums and maximums (comparisons).
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5 Conclusions

The modi�ed alpha and beta operators are capable to handle real valued inputs
and may be used as well in image processing, and it is clear the next step could
be the use of modi�ed alpha-beta associative memories to perform the image
transform.
By replacing the sums of products in traditional convolution with the maxi-

mums or minimums of alpha and beta, was possible to create an alternative for
image transform in an image compression system, o¤ering low computational
cost by means of using simple operations.
The experimental results show that the alpha-beta convolution transform is

reversible, that is, this new method has no information loss. Although 8 de�n-
itions were presented, it is needed the proposition and demonstration of some
lemmas or theorems is required in order to formally prove this method is re-
versible.
As mentioned, the transformation stage in an image compression system

does not provide any compression to images, so since the method proposed in
this paper o¤ers a smaller entropy on the transformed images, it also represents
an advantage for the quantization and coding stages in an image compression
system.
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Abstract. This paper presents a new algorithm for using with an one-time 

password security token; the objective is to provide security for the authentica-

tion of customers using bank websites even in the cases when the user has been 

the victim of a phishing or spyware attack and their bank account secret pass-

word has been stolen. For the token’s performance, the algorithm make use of a 

Linear and Congruential Random Number Generator (LCG) (for a better under-

standing of the presented algorithm a short introduction to this arena is given), 

and an exhaustive algorithm for the validation of the one-time password keys is 

presented. This paper shows that the present algorithm is easy to implement and 

safer than a competing algorithm widely used in today’s security tokens. 

Keywords: Security token, cryptography, random number generators. 

1 Introduction 

Bank institutions have modernized their operations by allowing their customers to 

perform almost any account transaction using the Internet. One of these operations 

has been to transfer funds electronically to other bank accounts, bringing with this a 

profound danger. The user may be a victim of phishing or may have, without knowing 

it, installed spyware on their computer. Thieves use the user’s stolen passwords to 

empty the user’s bank account and transferring the funds to a ghost bank account for 

later withdrawal. 

 

© E. Castillo, J.C. Chimal, A. Uriarte, L. Cabrera.

Advances in Computer Science and Engineering

Research in Computing Science 58, 2012 pp. 363–372

Paper Recived 20-08-2012 and Acepted 07-11-2012



One solution that has been given for this problem is the use of one-time password 

generators (security tokens), which create a password that is valid for bank access just 

once. With this technique, if the password is stolen it is rendered useless for accessing 

the bank website. In addition to the conventional password the bank website will re-

quest the one-time password which if stolen it’s useless because it will be already 

expired just right after the legitimate user introduced it to the bank website.  In other 

words, the token system proves that the user is who claims to be and acts as an elec-

tronic key to access the bank website services, offering security to the user even in 

cases where their password has been stolen. 

 

A security token is a hardware device usually with a LCD screen (this kind of se-

curity token doesn’t need to be connected to the computer when used) or provided 

with a USB plug (this kind of security token needs to be connected to the computer 

when used). Regarding the kind of approach they are used, security tokens can be 

classified into several categories with some of the most common approaches: 1) one-

time passwords, 2) time-synchronized passwords and 3) challenge/response pass-

words. In this paper, the algorithm presented belongs to the one-time password cate-

gory. 

 

It has been done plenty of research about token security but in this paper just one 

reference will be done, just to the most common security token used nowadays. This 

security token is the secureID token developed by RSA Security which uses a 64 bit 

secret key for a hash function called Alleged SecureID Hash Function (ASHF). In 

[14] it has been shown that the core of this security token can be broken in a few mil-

liseconds and they conclude that it doesn’t provide the security demanded by institu-

tions nowadays including banks. In contrast, the algorithm presented in this paper 

offer much higher security just as it is (with a 64 bits secret key) but it may be virtual-

ly unbreakable resizing the presented algorithm to a larger key size as explained later. 

 

The algorithm presented in this paper uses a Pseudo Random Number Generator 

(RNG) as the encryption mechanism which is necessary for the generation of the one-

time passwords. The following section has a brief explanation of what a RNG is be-

cause randomness is the core of the presented algorithm and a basic background on 

this topic is required for a better understanding of it. 

 

2 Random Number Generators (RNG) 

Computers can’t be random. What computers can do is to simulate a random 

process by using a RNG. A RNG is an equation, which can generate a sequence of 

pseudorandom numbers. This sequence of pseudorandom numbers is finite and, after 

a certain quantity of pseudorandom numbers created, the sequence is repeated again 

in a cyclic way. The length of the cycle is called the RNG period and this is given, in 

the best cases, by the number of bits of the RNG and it’s limited by the bit number of 
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the mathematical operations that can be computed. In ordinary PCs it is only 32 bits, 

nevertheless it is possible to simulate 64 bits in C++ simply by defining a long long 

variable type or even larger number of bits using a long int library. 

 

There are several random number generators; the generator is selected depending 

on the type of a specific. There are several kinds of applications for a RNG; the most 

typical applications are: simulations (e.g., of physical systems to be simulated with 

the Monte Carlo method), cryptography and procedural generation. For the selection 

of the appropriate random number generator it should be taken on account not just the 

quality of the random numbers the generator creates but also the complexity of the 

generator. 

 

For instance, for the particular application presented, it should be taken on account 

that this algorithm may be implemented in hardware devices (e.g. a microcontroller). 

These kind of devices may have limited resources such as computing capabilities and 

battery life. Another factor to take on account in the generator selection is energy 

consumption because we want the token to last as much as possible (at least a couple 

of years). If the generator is too complex (i.e. computationally speaking too expen-

sive) the token life would last just a few months. A token with a short life span would 

be too impractical for being used in real life applications. Also it is necessary the 

token to generate the one-time passwords instantaneously and for achieving this goal 

a random number generator quick to compute is mandatory. 

 

On one hand there are very quick generators such as xorshift [1] [2] [3] which in 

some cases may generate a full period but they generate very low quality random 

sequences. The Linear feedback shift register RNG (LSFR) [4] is a popular generator 

which in the past has been implemented in hardware [5] but it doesn’t generate a full 

period. This is a very popular generator which has been implemented in several appli-

cations; important LFSR-based stream ciphers include A5/1 and A5/2, used in GSM 

cell phones, E0, used in Bluetooth, and the shrinking generator. Nevertheless its 

drawbacks were reveled when the A5/2 cipher has been broken and both A5/1 and E0 

have serious weaknesses [6] [7]. 

 

On the other hand there are very high quality random number generators such as 

Blum Blum Shub [8] [9], Yarrow algorithm [10] (incorporated in Mac OS X and 

FreeBSD), Fortuna [11] [12] and CryptGenRandom [13]  (incorporated in Windows) 

that have the inconvenient of being computationally speaking too expensive for the 

purpose of this algorithm. 

 

2.1 The selected random number generator 

The selected random number generator for being incorporated in the algorithm pre-

sented in this paper is the Linear and Congruential Generator”. This RNG was se-

lected by its satisfactory quality; also it has the advantage that it computes the random 
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sequences very quickly. Because of its low complexity this RNG is suitable for being 

implemented in hardware applications with limited resources (e.g. a microcontroller). 

 

A sequence of random numbers is obtained by evaluating the following equation: 

 

mcaZZ ii mod1  (1) 

 

This RNG requires a seed Z0 which is the initial state of the RNG; this can be seen 

as the index or initial point of the random table and it will be the first value of the 

random table. The next value of the random table is calculated by replacing Zi-1 with 

the new obtained value and this process is repeated again. In other words, Zi-1 is the 

value of the previously computed random number. 

 

a, c and m are constants, nevertheless these values of these constants need to be 

chosen carefully because the quality of the random table depends on them. There are 

values for these constants that generate a poor quality random table and others that 

don’t generate any random table at all. The value of m gives the cycle size of the ran-

dom table, that is to say, from which number the random table would repeat again. It 

is desirable to have as many random numbers as possible; therefore the value of m 

usually is as big as the maximum value it can be computed. 

 

Multiple researches have been conducted to find out what the values of these con-

stants are the best. There are several approaches for determining the quality of the 

pseudorandom number sequence generated by a given constant values, for instance in 

[15] this quality is examined by scatter plots and spectral test but there are many other 

techniques for determining the quality of a pseudorandom sequence and if this quality 

is acceptable enough. The generator, “Linear and Conguential Generator” is especial-

ly very sensitive to the choice of these constants values and in the past have been poor 

choices for the values of these constant with not good results [16]. 

 

These constants need to meet some conditions; for instance to guarantee a genera-

tion of a full period for any seed values when having a non-zero value for c; they need 

to meet the following conditions [15]: 

1. c and m must be relative primes, 

2. a-1 must be divisible by all prime factors of m, 

3. a-1 must be a multiple of 4 if m is a multiple of 4. 

 

It is recommended for a 64-bit variable such as an ordinary PC can simulate by de-

fining a long long variable type in C++ to be the next: 

a = 6364136223846793005 

c = 1442695040888963407 

m = 264 
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3 Algorithm for the generation of one-time passwords on the 

token side 

Equation 1 is capable of generating a pseudo-random table; nevertheless it is neces-

sary to have a unique random table for every token that is constructed. It is desirable 

to have a different sequence of numbers for every token. It is possible to achieve this 

by encrypting equation 1 by performing a XOR operation of the generated random 

number with a secret key K. After this, it is necessary to resize the encrypted sequence  

to values that can fit within the eight digits of a LCD display (i.e. values that range 

from 0..99,999,999 = 98) This is done by performing a modulus operation of the cal-

culated Zi value with  98+1. With this the one-time passwords will range from 0 to 98. 

The equation then becomes: 

 

kmcaZZ ii mod1  (2) 

 (3) 

 

The security token needs to be initialized, it is necessary to have a seed value for 

this and the same value of the secret key K as the seed for the token which will be the 

Zi value. This value will be stored in the token’s memory and it will be used for com-

puting the next one-time password by the security token and also at the server side to 

validate a one-time password. The first 1,000 one-time passwords are generated at the 

security token side for being wasted (this is done for allowing detection of 1,000 ex-

pired one-time password as explained later). 

On the token side the value of K is obtained and is used as seed Z0 for evaluating 

Equation 2 and 3 and generating a one-time password. This equation is evaluated 

again to obtain another one-time password. In this way, every time the “generate a 

one-time password” button is pushed a pseudorandom encrypted sequence is ob-

tained. See Table 1 for an example of this. 

Table 1. Example of a sequence of numbers generated by the token 

Counter One-time password 

1 82475249 

2 82040631 

3 72383201 

4 68714439 

5 32340945 

6 88383319 

7 94725313 

8 10436071 
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4 Algorithm for the one-time password validation at the server 

side 

In order to validate a one-time password on the server side, it is necessary to de-

crypt the one-time password introduced by the user. However, a modulus operation 

can’t be reversed (the resulting double modulus operation used in Equation 3 is even 

more irreversible). Therefore it is not possible to decrypt the one-time password in-

troduced by the user as usual (i.e. performing the inverse operations); for this reason it 

is decrypted using an exhaustive algorithm. 

 

At the server side, the one-time password is validated by computing Nexp (it’s com-

puted for 1,000) expired one-time passwords generated from the actual value of Zi 

that is stored in the server using the algorithm previously explained (refer to section 

3). These are previous valid one-time passwords that were introduced by the user but 

they already expired; this is done to give feedback to the user and the user may distin-

guish between an invalid or an expired one-time password (valid but expired; it was 

already introduced by the user to the bank website before). If this is found within the 

Nexp expired it comes to inform the user that introduced one-time password was valid 

in the past but it already expired (i.e. it won’t be accepted as valid anymore). 

 

After this, Nval (10,000) valid one-time passwords are generated using the same 

previous approach. These are the possible valid keys for the actual state of the token. 

If the one-time password introduced by the user is within this range the key is ac-

cepted as valid. The value of Zi for the key that matched minus Nexp expired is stored 

in the server. This value will be necessary for computing the Nexp and Nval one-time 

passwords for a future validation. If no match is found it comes to reject the intro-

duced one-time password by the user and the Zi value stored at the server side remains 

unchanged. 

 

One advantage of the algorithm presented in this paper is that a range of only Nval 

valid keys are accepted. One-time passwords that are not valid in one moment be-

come valid in another. This is according to the actual value of Zi  stored at the present 

moment at the server side. This allows us to have a very low probability that a one-

time password is accepted by the server as valid, which redounds to a highly secure 

system. 

 

It is taken into account that the user may waste one-time passwords by generating 

and not using them (i.e. the user didn’t introduced to the bank website a one-time 

password generated by the token); for this reason there is a range N valid. This range 

gives us a tolerance in the number of acceptable one-time passwords; it is necessary 

this value to be as small as possible because this will give us a lower probability that 

an attacker, in a random way, may guess a one-time password. This further contri-
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butes to a higher level of security. Given that these one-time passwords are of eight 

numeric digits and have a range Nval (of 10,000 valid one-time passwords). This re-

sults in a probability of almost one in 100 million that a given one-time password will 

be accepted as valid. On the other hand, if the user wastes more than 10,000 keys by 

generating one-time passwords and not introducing it at the server, a desynchroniza-

tion occurs and the token becomes useless; therefore the value for the range of Nval 

should be carefully considered. 

 

Noteworthy this maximum value for wasted one-time passwords is reset between 

validations, which means that if the user has a considerable amount of one-time pass-

words wasted the range Nval is reset to 10,000 at the server side once a one-time pass-

word is accepted, giving the user the maximum number of one-time passwords that 

can be wasted again. 

  

One advantage of this algorithm is that it isn’t necessary to store the generated one-

time passwords in the server. only the value of Zi is stored in the server. For this rea-

son, this algorithm doesn’t waste space in the server for storing expired one-time 

passwords nor resources to determine if the one-time password introduced by the user 

is part of the expired ones. Perhaps this is not significant with one user but it’s taken 

into account that a bank institution may have millions of clients then the saved space 

and resources becomes significant. The algorithm also has the advantage that once a 

one-time password has been accepted and validated, all the previous ones are auto-

matically expired, even in cases where they haven’t been introduced to the server. 

 

5 Number of maximum generated one-time passwords 

In spite of the fact, that this algorithm is able to compute eight digits range, it is not 

recommended to use the full range. It is possible that an attacker may be storing the 

one-time passwords that have been generated by the token as they are introduced to 

the website by the user. This leads to the hypothetical possibility that the probability 

of guessing a one-time password in an arbitrary way increases. This is because the 

attacker knows which one-time passwords already were used in the past and he 

wouldn’t try them again. The recommendation is to cancel the token after a million 

one-time passwords are remaining within it. Thereby, the probability of guessing a 

one-time password goes from approximately 1-in-100 million to 1-in-one million. 

This calculation was done by assuming that there was an attacker storing the entire 

history of the generated one-time passwords by the token for years. This scenario is 

very impractical. This is a very theoretical scenario but this is done as an extra securi-

ty measure. 
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6 Attacking the algorithm 

The way to attack the presented algorithm is to have an attacker storing the entire 

one-time password introduced by the user in the bank web site. Let´s say the attacker 

has two one-time passwords collected; to attack the algorithm a full search through 

the 64 bits generated random sequence is performed. This is done for every possible 

key K to find which key produce a sequence that matches those the attacker has. It 

may occur that there is more than one single K than match the sequence; if this is the 

case the attacker needs to wait for another one-time password. This will help to re-

duce the number of candidate secret keys K which match the stored sequence and 

could be the secret key. This process needs to be repeated again and again until it’s 

found that only one key K match the sequence of one-time passwords the attacker has 

collected. If this is the case the secret key K has been for the token under attack. The 

following one-time passwords can be predicted for sure, therefore breaking the token 

security. 

 

Performing this attack as the algorithm was presented in this paper (i.e. having a 64 

bits Linear and Congruential Random Number Generator) is already computationally 

speaking a hard code to break with a PC because the attacker needs to try with 264 

one-time passwords times the 264 possible keys resulting in 2128 one-time passwords 

in total. Nevertheless it is possible to strengthen the algorithm and protect it from this 

kind of attack by using a larger number of bits for the RNG; (let’s say 1024 bits for 

instance). The algorithm presented in this paper was of 64 bits; this is because 64 bits 

operations can be computed with ordinary PC instructions. As explained previously it 

is possible to simulate operations of larger number of bits using a long integer library 

(this library is commonly used for cryptographic applications). With this it is possible 

to assure that the algorithm is totally unbreakable. 

 

7 Open Research Issues 

Equation 2 is capable to generate multiple derived random sequences for a given 

values for the constants a, c and m. A research needs to be conducted for determining 

if the derived random sequences are as random as the original one, or at least random 

enough. Another issue that is left for future research is related with the constants of 

the RNG. In this paper the algorithm was presented assuming a 64 bits RNG and it 

was also proposed to enlarge the bit number of the RNG to make the algorithm 

stronger. Nevertheless, a research needs to be conducted to find out the best constants 

values for a and c that generate the best random sequence for a 1024 bit m size. 

To keep in touch with the research advances of this project please visit 

http://www.highsecret.com where related information will be posted continuously. 
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Abstract. Grover’s algorithm is used to search for quantum data. However, this 
algorithm procedure is described by means of concepts and operators from quan-
tum theory; concepts hardly known by computer scientists. In this work we pro-
pose an alternative classical computing model of Grover’s algorithm, using Toffoli 
gates connected with elementary gates. Our model has been programmed on a 
high-level programming language and tested using arbitrary elements on a data 
set. Our results are concordant with those presented on the reference section. 

Keywords: Grover algorithm, Toffoli gates, Quantum computing. 

1 Introduction 

A computer is a physical device that aids us to process information while running 
some algorithms. An algorithm is well defined procedure, with finite description, 
that executes some information processing task. A task of this kind can be done by 
means of physical processes.   

At the design level of complex algorithms, it is useful and essential to work with 
some idealized computational model. However, while analyzing the true limitations 
of a computer device, especially for practical reasons, it is important not to forget 
the link between computing and physics Idealized models can not fully represent all 
the details of these computational devices. 

Classical computing has several limitations. There are problems that cannot be 
deal with actual computing, such as the impossibility to run on polynomial time the 
travelling agent problem algorithm or integer factorization.  

However, it has been shown that those kinds of problems can be handled by 
quantum computing. Quantum computing uses the phenomena described by quan-
tum theory in order to process information and execute tasks faster than classical 
computing. Devices that process quantum information are named quantum compu-
ters.  
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2 Grover’s Algorithm 

Suppose there is a non sorted data base of size N consisting (without loss of gene-
rality) of numbers from 0 to N – 1. Using traditional algorithms, we must look up 
for every element on the data base in order to find the desired item. The average 
number of steps needed is N/2, and N on the worst case scenario; therefore, search-
ing for an element has order of ( )O N  time complexity. However, using quantum 

mechanics procedures, Grover’s algorithm only requires ( )O N  steps. [1] 

 

Initially, an n qubit system, with 2nN =  elements, is set in an equal superposi-
tion of all basis states, expressed as 

 

 
1

0
0

1 N

i

i
N

−

=

Ψ = ∑  (1) 

 
It is posible to search for a specific element inside this system. This particular 

element is defined as the marked state, while the remaining elements of the set are 
defined as the collective state [1]. In order to perform the searching of the marked 
state, two special operators C and D are used, defined as inversion and diffusion op-
erator, respectively. Operator C has the effect to invert or change the sign of the am-
plitude in the marked state, and ignores the rest of the elements belonging to the col-
lective state. When operator D is applied to the superposition of states, it increases 
the amplitude of the marked state, decresing the amplitude of the collective state. If 
we define the compound operator as U DC≡ , then each operation of U is called 

an iteration. It has been shown that after U is repeated ( )O N times, the probabil-

ity of getting the marked state when a mesaurement is made approeaches 1 [1].  
 

 

2.1 Representation of inversion and diffusion operators. 

Before reading the following sections, we encourage you to read [4], where the 
most important operations on quantum computing are explained in great detail. Al-
so, for a wide explanation of Grover’s Algorithm insights, we recommend reading 
[1]. 

Given the superposition of states ( )
1

0
0

1
N

i

N i
−

=

Ψ = ∑ , we will denote the 

marked state as M . 
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Inversion operator C is defined as 2C I M M≡ − , where I is the identity 

matrix[5]. Similary, diffusion operator D is defined as 2D I≡ Ψ Ψ − . 

 
To be able to represent these operators by means of Toffoli gates and elementary 

operations, it is necessary to know the effect produced by them on the superposition 

of states. Let’s split 0Ψ into two parts: the marked state and the collective state, 

that is, a linear combination of 0Ψ  defined as: 

 

 0 Mα βΨ = Ψ +  (2) 
 
 

where α andβ are their respective amplitudes of the collective state and the 

marked state. 
Next, we will apply the inversion operator to this linear combination of states: 

 

( ) ( )( )= 2C M I M M Mα β α βΨ + − Ψ +
 

 

 ( ) 2
C M M

N

αα β α β Ψ + = Ψ − + 
 

 (3) 

 
 
At this moment, C operator has changed the sign of the marked state. Next step is 

to apply the diffusion operator on equation (2). That is: 
 

 

( )2 2
2D M I M

N N

α αα β α β
      Ψ − + = Ψ Ψ − Ψ − +      

      
 

 
 

 2 4 2 2
D M M

NN N N

α α β αα β α β
      Ψ − + = − − Ψ + +      

      
 (4) 

 
 

 
We have applied once the compound operator U DC≡ , and so, an iteration of 

Grover’s algorithm have been made. According to [7], the number of iterations 

needed to approach the amplitude of the marked state to 1 is / 4Nπ 
  . 
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2.2 Alternative representation of Grover’s algorithm using different 
approaches.  

Grover algorithm can be also represented by circuits using interconnected quantum 
gates and the Toffoli gate [8]. A circuit for 2 qubit system is shown in Figure 1. 

 

 
 

Fig. 1. A quantum circuit that implements Grover’s algorithm for N = 4 elements. Pauli 
matrix σx behaves as a NOT gate. Block with letter O denotes a query to the oracle. 

 
 
Another representation of Grover’s algorithm can be implemented using optical ap-
proaches, as described in [16] for a system of 2 qubit elements. An implementation 
using two trapped atomic ion qubits for a system of 2 qubit elements is also pro-
posed [17]. Other representations such as nuclear magnetic resonance are described 
in [5]. 
 
As it will be shown on the next sections, we will build a model that will also 
represent Grover’s algorithm, but using only classical (non-quantum) elementary 
gates (with its limitations, see Conclusions section). 

3 Toffoli gates 

Toffoli gates were invented by Tommaso Toffoli [15]. Its main characteristic is that 
it is a universal reversible logic gate. It is a universal gate because any logic gate can 
be constructed by means of several Toffoli gates interconnected. It is a reversible 
logic gate because, given a certain output, we can obtain its corresponding input. 
Toffoli gates can be modeled using the billiard ball model [2]. This gate is also 
known as a controlled-controlled-NOT gate, because it flips the third bit on a 3-bit 
gate if and only if the first two bits are 1. Fig. 2a) shows Toffoli gate truth table 
when applied to three bits, and Fig. 2b) shows its circuit representation. 

 
Toffoli gates are crucial for our proposed model, since it will aid us in the con-

struction of the inversion operator C because it can detect if the marked state was 
found or not (see Section 4.2). The output of the inversion operator C will be zero if 
the element is not the marked state, and it will be 1 if the marked state was found. 
These outputs will be used then for further calculations. 
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Fig. 2. a) Toffoli gate truth table when applied to three bits. b) Circuit implementation. 

4 Realization of Grover’s Algorithm using Toffoli gates 

Now that we have obtained the neccesary equations from the preceeding section, 
we now are able to model Grover’s algorithm. If we look closely to Eq. 3 and 4, we 
can see that the operations involved are elementary additions, substractions, multip-

lications and divisions, such as 4 2N Nα α β− − . Thus, we need basic gates that 

perform these operations, such that this model will be constructed interconnecting 
classical logic gates. The elements involved in these basic operations are needed for 
the model, so we must supply them at the beginning of the execution. We call these 
elements as the control data of the model. Also, the input data will consist of the 
initial element list, which contains the superposition of states. Fig. 3 shows a general 
diagram for the proposed model. 

 

 

Fig. 3. General shematic of Grover’s algorithm procedure. Grover operator is applied the op-
timum number of iterations in order to increase the amplitude of the marked state, and thus 
increasing its probability. 
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Elements from Figure 3 are described below. 
 
Input data:  It consists of the element list, which stores the marked state and the 

colective state. 
 
Control data: These are fixed data that must be supplied to the algorithm before 

its execution. Control data consists of α , which represents the amplitude of the 
marked state; β , which stores the amplitude of all the collective set; and finally 

1 N and 1 N , where N represents the total number of states on the database. 

 
Grover operator: This operator was defined in section 2 as U DC≡ . 
 
Input data amplitudes. This is the set of the final amplitudes of the marked state 

and the collective state. After applying Grover operator a total of / 4Nπ 
   itera-

tions to the superposition of states, we expect that the amplitude of the marked state 
is almost 1. 

4.1 Elementary gates 

In order to implement Grover’s algorithm using non-quantum operations through 
classical gates, we need to define them first.  Such gates constitute the set of basic 
operators of the model. 

 
  
Π  GATE 
This gate requires two input elements. It returns the product of both elements. 

(See Fig. 4) 
 
 

 
Fig. 4. π-gate: it returns the product of x times y 
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∑ GATE
 This gate also requires two input elements. It returns the sum of both elements. 

(See Fig. 5) 
 

 
Fig. 5: ∑-gate: it returns the sum of x and y. 

 
σ  GATE

 For this gate, two input data are needed. If  the second element is set to 1, the first 

element will suffer a change of its algebraic sign, otherwise, it will remain unaltered. 

(See Fig. 6) 
 

 
Fig. 6: σ -gate: if y is set to 1, this gate will change x’s sign. Oterwhise, x will keep un-
changed. 
 

4.2 Modeling of Grover operator using Toffoli and elementary gates. 

As stated before, Grover operator consists of the application of C operator, fol-
lowed by D operator, that is,U DC≡ .  

Inversion operator C is constructed according to the element we are searching for, 
that is, the marked state. We constructed inversion operator using the binary repre-
sentation of the element as follows:  if the marked state contains zeroes, two NOT 
gates are put sequentially, otherwise, no gate is needed. These gates are connected 
by means of a Toffoli gate; this gate acts as follows: if every bit is set to 1, it means 
that the marked state was found, and it will return a 1 as an output, otherwise, it will 
return a zero, (that is, the marked state was not found).Suppose we want to search 
for the element 10 on the superposition of states (whose binary representation is 
1010 for a 4-bit system). Construction for the inversion operator C using elementary 
and Toffoli gates is shown in Fig 7.  
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Fig. 7: Construction of inversion operator C for element 10 (which binary representation is 
1010). Fifth bit is set to 0, so if every remaining bit at the end was set to 1, this bit will be also 
switched to 1, meaning that the marked element was found. 

 
 
 
Diffusion operator D is needed to increase the amplitude of the marked state. Ac-

cording to Equation 3, this operator can be constructed using elementary gates as 
shown in Fig 8.  

 

 
Fig. 8: Diffusion operator. Interconnection of classical gates allows to increase the ampli-

tude of the marked state. This operator along with the inversion operator succesfully simu-
lates Grover operator U = CD. αt and βt are variables that will be used on further calculations.  
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For illustrative purposes, let’s take a closer look at the first part of Fig. 8. Eq. 4 
shows that the partial chain of operations4 Nα α− is performed. This is done by 
the section described in Fig. 9, taken from the diagram in Fig. 8 

 

 
 
Fig. 9: Carefully following each element on the diagram, we see that the operation 

4 Nα α− is successfully made. 

 

4.3 Searching for a marked state using the model. 

In order to show how the model works, let’s look for the element labeled “4” 
stored in a list of 3 q-bit elements. First, we construct the Inversion operator C for 
element 4 using a Toffoli gate and NOT gates (see Fig. 10) 

 
 

 
 

Fig. 10: Construction of inversion operator C for element 4 (which binary representation is 
100). Fourth bit is set to 0, so if every remaining bit at the end was set to 1, this bit will be al-
so switched to 1, meaning that the marked element was found. 

 
 
Toffoli gates are useful on the task of finding the marked state, since it detects 

wherever the marked state is there or not. Since the entire list consists of 8 elements 
(from 0 to 7), we must apply the inversion operator for every single element belong-
ing to the list. Fig. 11 shows the results of applying the inversion operator on ele-
ment 3 and 4. 
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Fig. 11: When inversion operator is applied to element “3”, it returns a 0 since it is not the 
marked state. On the other hand, C operator returns a 1 when applied to the element 4, that is, 
the marked state was found. This outputs are used on further calculations. 

 
 
 
Next step is to increase the amplitude of the marked state using the diffusion op-

erator. Fig. 12 shows how while combining the outputs from both in andversion dif-
fusion operators we increase the amplitude of the marked state, while the collective 
state remains without change. Notice that only the element 3 and 4 are shown for 
simplicity, but this has to be done for every element on the list of elements. 

 
 

 
Fig. 12: With the ouput of inversion operator, it is now possible to increment the ampli-

tude of the marked state. To accomplish this, we apply diffusion operator D and combine it 
with the output of inversion operator C, just like Eqs. 3 and 4 describe. Notice how the out-
puts from the inversion operator are multiplied by the auxiliary variable βt and then added to 
the final result. Since the ouput from the inversion operator is always zero for elements of the 
collective state, the product is also zero and nothing is added, except from the marked state.  
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5 Simulation of the model using a high-level programming 
language. 

At this stage, we can program an algorithm that simulates the processes of Grover’s 
algorithm for quantum search. This algorithm will be programmed on a high-level 
programming language to run some tests, in order to validate our model.   

 

5.1 General Algorithm 

We present the general steps needed to simulate correctly Grover’s Algorithm. This 
algorithm is based on Equations 3 and 4. Its advantage consists of the few steps 
needed to simulate Grover’s algorithm. 

 
 
Classic Grover Algorithm 
 
Input  
 N: the total number of elements on the system. 

( )1 2 1, ,..., Nβ β β −Β =
�

: the amplitude quoeficient vector 

of the collective state. 

Mα : the amplitude of the marked state. 

 
Output  

( )1 2 1' , ' ,..., 'Nβ β β −Β =
�

: the changed amplitude quoefi-

cient vector of collective state. 
'Mα : the new amplitude of the marked state. 

Variables 
:β the value of the amplitude of the collective 

state. We can store it on a single variable since 
all the collective state will have the same ampli-
tude through the entire algorithm. 
coef: an auxiliary variable used to store interme-
diate values. 
 

Begin 

//Initialize every element of the vector iβ ∈ Β
�

 and 

//the amplitude of the marked state to Mα  an 

//equally superposition of states 

1 Nβ ←  

1M Nα ←  

Classical Realization of Grover’s Quantum Search Algorithm using Toffoli gates    385



Repeat from i = 1 to 4Nπ 
   

//Apply the operations from Equation 3 to the 
//amplitude of the marked state and the 
//collective state. 

 ' 4 2M M M N Nα α α β← − −  

 2 Nβ α β← +  

 
//Store the new normalized marked state to the 
auxiliary variable.  

 'Mcoef Nα←  

 

 //Assign each element iβ ∈ Β
�

 its new amplitude. 

 i coefβ ←  

 //Assign the new amplitude of the marked state. 
 'M coefα β← +  

 
End Repeat 
 
 

In order to valídate our proposed model, we implemented it using the program-
ming language C++. Data input consists of the number of qubits n and the number 

of desired iterations. It let you choose the optimum number of iterations 4Nπ 
  , 

or any other number of iterations. 

5.2. Tests using the optimum number of iterations 

Table 1 shows the results for databases built from 1 to 10 qubits, using the opti-
mum number of iterations. The probability  of the marked state is the probability 
of obtaining the marked state when a measure of the superposition of states is made. 
The probability of the collective state (or probability of failure) is the probability 
of obtaining one of the elements of the collective state. Since the probability of the 
marked state is always same, despite the element searched for, it is unnecessary to 
list the marked state. This means that if we are looking for the element numbered as 
3 on a list of 16 elements, the probability of obtaining it after applying Grover’s al-
gorithm is 96.1319%, and that probability will not change if we are looking for the 
element numbered as 5 on that same list.  
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Table 1.  Probabilities of obtaining the marked state and the collective state embedded into an 
n-qubit system, using the optimum number of iterations. 

 
No. of qubits 

n 
Number of 
elements N 

Number of 
iterations 

4Nπ 
   

Probability 
of the 

marked state 

Probability 
of the collec-

tive sate 

1 2 1 50% 50% 
2 4 1 100% 0% 
3 8 2 94.5313% 5.4691% 
4 16 3 96.1319% 3.8685% 
5 32 4 99.9182% 0.0806% 
6 64 6 99.6586% 0.3402% 
7 128 8 99.5620% 0.4318% 
8 256 12 99.9947% 0.0052% 
9 512 17 99.9448% 0.0511% 
10 1024 25 99.9461% 0.1023% 

 
 

5.3 Tests using an arbitrary number of iterations 

We made tests using an arbitrary number of iterations, instead of the optimum num-
ber. Table 2 shows the results for states from 1 to 10 qubit. 

 
Table 2.  Probabilities of obtaining the marked state and the collective state embedded into an 

n-qubit system, using an arbitrary number of iterations. 
 

 
No. of qubits 

n 
Number of 
elements N 

Number of 
iterations 

Probability 
of the 

marked state 

Probability 
of the collec-

tive sate 
1 2 3 50% 50% 
2 4 3 25% 75% 
3 8 6 99.9786% 0.0217% 
4 16 7 36.4913% 63.5085% 
5 32 7 20.9918% 79.0097% 
6 64 12 0.0071% 99.9936% 
7 128 10 91.9442% 8.0518% 
8 256 18 54.1236% 45.7980% 
9 512 20 94.2684% 5.7232% 
10 1024 27 97.8187% 2.1483% 
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6. Analysis of results. 

Table 1 shows that if we use the optimum number of iterations, probability of ob-
taining the marked state is almost 100% (except for the 2-qubit case, which is an ex-
pected outcome [14]). Particulalry, Table 1 shows that for a 3-qubit system, a prob-
ability of 94.5313%, which is also a result obtained at [1]. On Table 2 it is shown 
that unexpected results are obtained if a different number of iterations than the op-
timal is used. There is no way to know if there is an improvement of getting a better 
probability for the marked state. For example, we again can see on Table 1 that for a 
3-qubit system, we get a probability of 94.5313% using the optimum number of ite-
rations (in this case, 2); however, Table 2 shows that we get a better probability 
(about 99.9786%) if we use 6 iterations. This does not necessarily mean that if we 
use a bigger number of iterations, the probability of obtaining the marked state will 
be better. For example, calculating the probability of a 6-qubit system yields a 
99.6586% for the marked state, using the optimum number of iterations (6). But if 
we use twice that number of iterations, Table 2 shows that we get a quite bad result 
(0.0071%), meaning that the probability of failure (that is, the probability of obtain-
ing an element of the collective state when making a measure on the system) is 
about 99.9936%. Similar results can be seen when we are measuring probabilities on 
a database with 16 and 32 elements, or 4 and 5-qubits systems, respectively.  

7. Conclusions 

As powerful as classical computing is, it has several limitations. Research on un-
conventional computing, such as biological inspired computing and quantum com-
putting is made in order to deal with these limitations.  Despite that a lot of research 
work has been made on quantum computing, there is still so much work to do. There 
are a lot of obstacles that must be solved before a complete physical implementation 
of a quantum computer can be made. To be able to analyze and foresight the inner 
concepts and advantages of quantum computing, it is necessary to have a good un-
derstanding about theoretical quantum physics. Such knowledge is often lacked by 
classical computer scientists. For the aforementioned reasons, we need an alternative 
model capable of explaining the quantum processes (in this case, quantum data 
search) on terms that can be understood by classical computing developers and re-
searches. In this work, we have presented an alternative theoretical implementation 
of Grover’s quantum search algorithm. With this model, we are able to analyze the 
behavior of Grover’s algorithm on each iteration, without knowing quantum physics 
or owning an actual quantum computer.  With the analysis of the main quantum op-
erators of the algorithm, an equivalent model using only elementary operators by 
means of interconnecting Toffoli gates and elementary gates was built. This model 
was implemented on a high level programming language using equations 2 and 3. 
Many simulations were made using different databases with several elements. Re-
sults obtained coincide with those obtained on [1] and [13]. 

 
It is important to mention that our proposed model shows the behavior of the 

Grover’s algorithm for quantum data. However, since we are implementing a quan-
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tum algorithm on a classical computer, advantages acquired from quantum theory 
are lost, such as superposition of states, that is, the process that affects the elements 
on the database is made one by one, and not at the same time like Grover’s algo-
rithm quantum implementation. Our model only shows how the probability of ob-
taining the marked states increases with the algorithm, but it behaves just as a clas-
sical algorithm.  

References 

1. C. Lavor, L.R.U. Mansur, R. Portugal. “Grover’s Algorithm: Quantum Database 
Search”, arXiv:quant-ph/0301079v1. 

2. E. Fredkin and T. Toffoli. ”Conservative logic”, International Journal of Theoretical 
Physics, 21, pp. 219–253, 1982. 

3. A. Steane and E. Rieffel. “Beyond bits: the future of Quantum Information Processing”, 
IEEE Computer Society, Vol. 33, pp.38-45, January 2000. 

4. N. Mermin. “Lecture Notes on Quantum Computation”, Cornell University, Physics, pp-
481-681, 2006. 

5. M. Nielsen and I. Chuang. “Quantum Computation and Quantum Information”, Cam-
bridge University Press, 2000. 

6. A. Childs and W. Dam. “Quantum Algorithms for Algebraic Problems”, Reviews of 
Modern Physics, Vol. 82, No. 1, pp. 1-52, January-March 2010. 

7. P. Kaye, R. Laflamme, M. Mosca. “An Introduction to Quantum Computing”, Oxford 
University Press, 2007. 

8. G. Benenti, G. Casati, G. Strini. “Principles of Quantum Computation and Information”, 
World Scientific, 2004. 

9. S. Lomanco. “A lecture on Shor’s Quantum Factoring Algorithm”, arXiv:quant-
ph/0010034v1. 

10. I. L. Chuang, N. Gershenfeld, and M. Kubinec, ‘‘Experimental implementation of fast 
quantum searching’’, Physical Review Letters, 80, pp. 1050–1053, 1999. 

11. Z. Diao, “Exactness of the Original Grover Search Algorithm”, arXiv:quant-
ph/1010.3652v1. 

12. L. Grover, “A fast quantum mechanical algorithm for database search”, arXiv:quant-
ph/9605043 

13. S. Lomanco. “A lecture on Grover’s Quantum Search Algorithm”, arXiv:quant-
ph/0010034v1 

14. K.A. Brickman, P.C. Haljan, P.J. Lee, M. Acton, L. Deslauriers, C. Monroe, “Imple-
mentation of Grover’s Quantum Search Algorithm in a Scalable System”, arXiv:quant-
ph/0510066v2 

15. T. Toffoli, “Reversible computing,” in Proceedings of the 7th Colloquium on Automata, 
Languages and Programming. Springer-Verlag London, UK, 1980, pp. 632–644. 

16. P.G. Kwiat, J.R. Mitchell, P. D. D. Schwindt, A. G. White, “Grover’s search algorithm: 
An optical approach”, arXiv:quant-ph/9905086v1 

17. K.A. Brickman, P.C. Haljan, P.J. Lee, M. Acton, L. Deslauriers, C. Monroe, “Imple-
mentation of Grover’s Quantum Search Algorithm in a Scalable System”, arXiv:quant-
ph/0510066v2 

 

Classical Realization of Grover’s Quantum Search Algorithm using Toffoli gates    389





Modelado y simulación de una barra actuada por
dos rotores con movilidad espacial restringida

O. Sánchez-Rodríguez1*, J.C. Chimal-Eguia1, and R. Barrón-Fernández1

Centro de Investigación en Computación, Instituto Politecnico Nacional,
Ciudad de México 07738, México

{osanchezrod}@gmail.com

Resumen Este trabajo se dirige hacia la estabilización de una barra
actuada por dos rotores con movilidad espacial restringida. El proble-
ma de controlar el sistema, se resuelve empleando un novedoso método
propuesto por Astolfi y Ortega, llamado estabilización por Inmersión e
Invariancia en el cual se robustece un controlador, por inmersión en un
sistema con mejores características de desempeño y su invariancia nos
asegura que se converge a un punto de estabilidad. Se valida el algoritmo
de control obtenido mediante software de simulación numérica e imple-
mentación en un ambiente de realidad virtual, el modelo del ambiente
de realidad virtual se diseño en software de CAD.

Abstract This work is directed toward stabilizing rod actuated by two
rotors with restricted spatial mobility. The problem of controlling the
system is solved using a new method proposed by Astolfi and Ortega,
named Immersion and Invariance stabilization. The method consists of
a controller which is strengthened by immersion in a system with better
performance characteristics and its invariance ensures that will converge
to a point of stability. This is validated by numerical software simulation
and implemented on a virtual reality environment which was designed in
CAD software.

Keywords: Estabilización, Controlador, Inmersión e Invarianza, Simu-
lación

1. Introducción

Durante los últimos años se han generado diversos trabajos referentes al desa-
rrollo de vehículos aéreos no tripulados más eficientes, con mejores prestaciones
y altos rendimientos, debido a la necesidad del sector aeroespacial de contar con
vehículos de tamaño pequeño y su amplia gama de aplicaciones que van desde el
monitoreo de tráfico vehícular, inspección de zonas de riesgo, vigilancia de fron-
teras, medición de condiciones meteorológicas, búsqueda y rescate en desastres
naturales y en aplicaciones miliares como vigilancia de zonas en conflictos bélicos
* Agradecemos el apoyo del IPN a través del proyecto SIP-20121154 así como las
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donde es necesario hacer un reconocimiento de la zona sin arriesgar las vidas de
los pilotos. Uno de los principales objetivos para los investigadores actualmente
es la de lograr automatizar la dinámica de vuelo de tales aeronaves de forma que
sean estables y se desempeñen en la vecindad de una trayectoria deseada.
El problema que se aborda en este trabajo es el de estabilizar el desacople entre
la dinámica longitudinal y lateral, el estudio entonces se hace sobre un PVTOL
con dinámica cartesiana restringida, el sistema se describe como un sistema con
dos propulsores dispuestos a una distancia sobre el plano longitudinal (x) y di-
námica de traslación restringida.
Para lo cual obtenemos el modelo matemático que describe la dinámica de la
barra actuada por dos rotores para la que se diseña un algoritmo de control que
estabilice al sistema, tales algoritmos se validan mediante simulaciones en soft-
ware y con su implementación en un Ambiente de Realidad Virtual. El articulo
esta organizado de la siguiente manera, en la sección 1 presentamos una breve
introducción, la sección 2 aborda los antecedentes, en la sección 2 se obtiene el
modelo matemático a estudiar y se analizan sus propiedades, mientras que en la
sección 4 se diseña el algoritmo de control, en las secciones 5 y 6 se muestran las
simulaciones y en la sección 7 se hacen las conclusiones del articulo.

2. Antecedentes.

Durante la ultima década se han venido dando esfuerzos por parte de la
comunidad científica y tecnológica orientados a la estabilización y seguimiento
de trayectorias de las aeronaves de ala rotativa. Altug et al. [1] proponen un
algoritmo de control para estabilizar el cuatrirotor usando visión artificial y una
cámara como el sensor principal. Ellos estudian dos métodos, en el primero usan
un algoritmo de control por linealización y en el otro la técnica de backstepping.
Sus resultados fueros probados exitosamente en simulaciones.
En [2] Heredia et al. Tratan el problema de controlar un helicóptero autóno-
mo y lo hacen mediante simulaciones computacionales de estrategias de control
basadas en lógica difusa y control tracking no-lineal en dos escenarios posibles
ascenso vertical y un movimiento simultaneo longitudinal y lateral. El controla-
dor consiste en un MIMO (múltiples inputs múltiples outputs) de lazo interno
para la estabilización y cuatro SISO en lazos guiados para velocidad y posición.
Pounds et al. [3] Conciben y desarrollan un algoritmo de control para un pro-
totipo de cuatro rotores ellos usan una unidad de medición inercial (IMU por
sus silabas en ingles) para la medición de la velocidad y aceleración angular,
usando una linealización del modelo dinámico conciben el algoritmo de control.
Los resultados fueron probados por simulación.
Vissière David and Petit Nicolas [4] consideran el problema de desarrollar un
sistema modular embebido en tiempo real para aplicaciones de control en UAVs,
sus esfuerzos los guían en dirección de la programación y la propuesta de es-
trategias de control. Para probar sus resultados reportan la implementación de
un filtro extendido de Kalman a 75Hz usado para la estimación de los estados
de un pequeño helicóptero. Su trabajo es más bien un estudio detallado de los
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pasos y elementos necesarios para la implementación de un sistema embebido.
Chowdhary Girish and Lorenz Sven [5] conciben el problema de estabilización
de un UAV VTOL mediante estados retroalimentados en línea como una téc-
nica de control lineal sencilla con el único problema de la envolvente de vuelo,
el problema es a menudo acentuado debido a un inadecuado modelo lineal, al
ruido de medición en los sensores y a las perturbaciones externas. Ellos pre-
sentan una arquitectura de control basada en una extensión valida de la ley de
control optima lineal por estados completos retroalimentados. Una extensión del
filtro de Kalman es usada en el problema de los estados y la estimación de los
parámetros. Basados en la estimación de los parámetros la ganancia de estado
retroalimentado es calculada resolviendo la ecuación de Ricatti para la optimi-
zación cuadrática del control en línea.
Arda Özgür Kivrak [6] en su tesis doctoral aborda el problema del diseño de
un sistema embebido para un vehículo aéreo cuatrirotor equipado con sensores
inerciales, el sistema de control lo desarrolla en Matlab/Simulink y su imple-
mentación en tiempo real usando el modulo de Simulink Real time Windows
target, ahí diseña un regulador cuadrático lineal para la estabilización de la ac-
titud de vuelo. El hardware lo integra una tarjeta de adquisición de datos, los
controladores de los motores de CD, un conjunto de sensores, motores de CD y
la plataforma DraganFlyer V Ti.
Salazar-Cruz et al. [7] describen el diseño de un sistema de control embebido
para un vehículo aéreo no tripulado (UAV) del tipo cuatrirotor con capacidades
para realizar vuelos estacionarios. El modelo dinámico del vehículo se presenta
mediante ecuaciones de Euler-Lagrange y proponen una estrategia de control
basada en la saturación de integradores.Un sistema de control embebido descri-
be la arquitectura de vuelo autónomo estacionario. Los principales componentes
del sistema son un microcontrolador, una unidad de medición inercial (IMU),
un sistema de posicionamiento global (GPS) y sensores infrarrojos. Los ángulos
de Euler se calculan utilizando un algoritmo de fusión de datos. Los resultados
experimentales demuestran que el sistema de control funciona de manera satis-
factoria para vehículos autónomos volando en interiores.
Adigbli Patrick [8] en su trabajo presenta lo referente al desarrollo de un control
remoto fiable para asistir en el control de un mini robot aéreo con cuatro rotores
y que garantice las capacidades de un vuelo estable. Como primera fase obtiene
el modelo dinámico mediante ecuaciones de Euler-Lagrange y prueba tres dife-
rentes tipos de leyes de control, por estados retroalimentados, backstepping y
modos deslizantes todos para estabilización y posición del UAV, el autor men-
ciona que todos ellos fueron comparados en simulaciones aunque no menciona
las ventajas de cada uno de ellos.
Mian Y Wang [9] proponen un controlador no lineal para la estabilización de
un helicóptero, la estrategia se basa en la saturación de integradores. Debido a
los logros positivos que se tienen en este tipo de estrategia es que les permitió
tomar en cuenta las condiciones de acoplamiento. El controlador mostró bueno
resultado en simulaciones respecto de otros controladores, y gracias a los sensores
embebidos y de control es que es capaz de realizar vuelos autónomos en tiempo
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real. Sus resultados muestran que la estrategia de control es capaz de realizar
tareas de forma autónoma como el despegue, aterrizaje y el vuelo estacionario.
Finalmente Ollero y Merino [10] examinan los métodos y tecnologías que se han
aplicado en la robótica aérea, presentan varios vehículos aéreos no tripulados,
resumen las distintas técnicas de control incluidas las arquitecturas de control y
métodos de control. Además examinan brevemente los equipos, las técnicas de
visión robótica aérea.

3. Modelo matemático

3.1. Modelo dinámico de la barra

Para obtener el modelo dinámico de la barra actuada se considera que los
dos rotores producen una fuerza normal al plano horizontal de la barra. Debido

Figura 1: Modelo del sistema

a que la barra tiene 2 rotores que le proporcionan la fuerza de empuje, el em-
puje total está dado por, Tt =

∑2
1=1 Ti las fuerzas provocadas por la acción de

los motores T1 y T2 producen un par respecto del centro de gravedad. El par
rotacional total se da por la siguiente expresión uθ = (T2 − T1)l, donde l es la
distancia del centro de gravedad de la barra al eje de los motores.
Realizando el análisis de fuerzas, aplicando la segunda ley de Newton y conside-
rando como variables de estado a los elementos que acumulan energía que en este
caso es una masa que gira a cierta velocidad respecto de su centro de gravedad,
la ecuación que modela el comportamiento dinámico del sistema es la siguiente
ecuación diferencial

Jθ̈ +Bθ̇ = u (1)

donde φ(u) es una función de control desconocida que depende del tiempo.

Jθ̈ +Bθ̇ = φ(u) (2)
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Pasamos a una representación en ecuaciones de primer orden

θ̇1 = θ2 (3)

θ̇2 = −B
J
(θ2) +

1

J
φ(u) (4)

El modelo se representa en variables de estado, para lo cual se definen los siguien-
tes estados x1 = θ1, x2 = θ2 y se obtiene la siguiente representación matricial

ẋ = f(x, u) =

[
0 1
0 −BJ

]
x+

[
0
1
J

] [
u
]

(5)

El valor de J fue obtenido de un análisis del modelo hecho en SolidWorks y la
masa pesando cada uno de los elementos que la conforman, B es el amortigua-
miento del sistema modelado por la siguiente ecuación

B = −F | θ̇ | θ̇

3.2. Estabilidad

Se analiza la estabilidad del sistema calculando el polinomio característico
del sistema en lazo abierto el cual es,

λ2 + λ
B

J
(6)

al igualar 6 a cero se obtienen los valores propios del sistema λ1 = 0 y λ2 = −BJ
Por lo tanto para cualquier valor del sistema este tendrá un valor propio en cero
y un valor propio negativo, solo se infiere estabilidad interna, ya que la matriz
A no es Hurwitz.

4. Diseño del algoritmo de control

El algoritmo de control usado para la estabilización del sistema de la barra
se basa en el método propuesto por Alessandro Astolfi y Romeo Ortega [11],
utilizado para la estabilización asintótica y el diseño de leyes de control adapta-
bles para sistemas no lineales.
Consideremos un sistema de la forma

ẋ = f(x, u)

y el problema básico de estabilización de encontrar una ley de control u =
u(x) (esto cuando sea posible) de forma tal que el sistema en lazo cerrado sea
localmente (globalmente) asintóticamente estable. El procedimiento propuesto
para resolver este problema consiste de dos pasos. Primero encontrar un sistema
dinámico objetivo ξ̇ = α(ξ) que sea localmente (globalmente) asintóticamente
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estable y de dimensión estrictamente menor que x , un mapeo x = π(ξ), y una
función c(x), tal que

f(π(x), c(π(ξ))) =
∂π

∂ξ
(ξ)α(ξ)

esto es que cualquier trayectoria x(t) del sistema ẋ = f(x, c(x)) es la imagen
a través del mapeo π(·) de una trayectoria del sistema objetivo. Nótese que el
mapeo π : ξ → x es una inmersión, es decir, el rango de π es igual a la dimensión
de ξ. En segundo lugar, aplicar una ley de control que contribuye a la variedad
x = π(ξ) atrae y mantiene las trayectorias en lazo cerrado acotadas. De esta
manera se tiene que el sistema en lazo cerrado se comportará asintóticamente
como el sistema objetivo deseado y la estabilidad estará garantizada.

Retomamos las ecuaciones 3 y 4 y se reescriben como

θ̇1 = θ2 (7)

θ̇2 = ξ(t) +
1

J
φ(u) (8)

donde ξ(t) es una función desconocida que depende del tiempo, y se obtiene el
siguiente sistema

θ̇1 = θ2 (9)

θ̇2 = ξ(t) +
1

J
u (10)

Considérese el siguiente sistema objetivo de orden completo, se diseñará un nue-
vo controlador para dicho sistema, donde u = u(t) es cualquier ley de control
estabilizante por retroalimentación para dicho sistema

z1 = θ2 − θ̂2 + β1(θ1) (11)
z2 = ξ(t)− ρ1 + β2(θ1) (12)
z3 = ξ̇(t)− ρ2 + β3(θ1) (13)

se despejan las variables de estado de interés para la inmersión en el sistema de
orden superior, se debe encontrar una función ψ(x, z) que preserve acotadas a
las trayectorias y estabilice asintóticamente a cero al dinámica

θ2 = z1 + θ̂2 − β1(θ1) (14)
ξ(t) = z2 + ρ1 − β2(θ1) (15)
ξ̇(t) = z3 + ρ2 − β3(θ1) (16)

supóngase ξ̈ ≈ 0, y aplíquese la siguiente entrada de control

u = J [(ρ1 − β2) + kpθ1 + kdθ2]

y se sustituyen las ecuaciones 9 y 10 con lo cual es obtenido el siguiente sistema

θ̇1 = θ2 (17)
θ̇2 = −ξ + ρ1 − β2 + kpθ1 + kdθ2 (18)
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considérese la ecuación 12 se reescribe el sistema de la siguiente forma

θ̇1 = θ2 (19)
θ̇2 = −z2 + kpθ1 + kdθ2 (20)

es derivado el sistema objetivo para buscar la función que nos preserve dicha
condición de estabilidad

ż1 = ξ +
1

J
u− ˙̂

θ2 +
∂β1
∂θ1

θ2 (21)

ż2 = ξ̇ − ρ̇1 +
∂β2
∂θ 1

θ2 (22)

ż3 = −ρ̇2 +
∂β3
∂θ1

θ2 (23)

se hace la sustitución de ξ, ξ̇ y θ2 en las ecuaciones anteriores, obteniéndose el
siguiente sistema

ż1 = z2 + ρ1 − β2 +
1

J
u− ˙̂

θ2 +
∂β1
∂θ1

(z1 + θ̂2 − β1) (24)

ż2 = z3 + ρ2 − β3 − ρ̇1 +
∂β2
∂θ1

(z1 + θ̂2 − β1) (25)

ż3 = −ρ̇2 +
∂β3
∂θ1

(z1 + θ̂2 − β1) (26)

son despejadas nuevamente las variables de interés, quedando el siguiente sistema

˙̂
θ2 = ρ1 − β2 +

1

J
u+

∂β1
∂θ1

(θ̂2 − β1) (27)

ρ̇1 = ρ2 − β3 +
∂β2
∂θ1

(θ̂2 − β1) (28)

ρ̇2 =
∂β3
∂θ1

(θ̂2 − β1) (29)

Este sistema cumple con la condición de la función ψ(θ, z) de preservar acotadas
las trayectorias y estabilizarlas asintóticamente en cero. Ahora se resolverá el
problema de encontrar una función y un control u tal que describa a la variedad
invariante. Esto requiere de la solución de una ecuación diferencial parcial, esta
se comienza a construir considerando el siguiente sistema de ecuaciones, tomado
21, 22 y 23 y sustituyéndoles z1, z2 y z3, el sistema es

ż1 =
∂β1
∂θ1

z1 + z2 (30)

ż2 =
∂β2
∂θ1

z1 + z3 (31)

ż3 =
∂β3
∂θ1

z1 (32)
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se deriva 30 y se sustituye 31

z̈1 =
∂β1
∂θ1

ż1 + ż2 =
∂β1
∂θ1

ż1 +
∂β2
∂θ1

z1 + z3 (33)

se deriva 33 y se sustituye 32 y se obtiene

...
z1 =

∂β1
∂θ1

z̈1 +
∂β2
∂θ1

ż1 + ż3 =
∂β1
∂θ1

z̈1 +
∂β2
∂θ1

ż1 +
∂β3
∂θ1

z1 (34)

se iguala a cero 33 y finalmente se obtiene un polinomio con términos que son
ecuaciones diferenciales parciales

z
(3)
1 + β1z̈1 + β2ż1 + β3z1 = 0 (35)

El resultado final es el sistema y el controlador, donde las variables del con-
trolador son obtenidas de las ecuaciones 27, 28 y 29. El sistema estable asintó-
ticamente es descrito por las siguientes ecuaciones

θ̇1 = θ2 (36)

θ̇2 = −F
J

+
1

J
u (37)

u = J [(ρ1 − β2) + kpθ1 + kd(θ̂2 − β1)] (38)

5. Resultados

5.1. Sintonización de las ganancias del controlador y del observador

En esta sección se valida el algoritmo de control mediante los resultados
obtenidos por simulación numérica de la implementación hecha en Matlab y
Simulink. Se hace un primer conjunto de simulaciones con la finalidad de observar
el comportamiento de las ganancias tanto del observador como las ganancias del
controlador PD. La figura 2 hace una primera visualización del comportamiento
con diferentes ganancias para el controlador mientras que las del observador
permanecen constantes en 1,0, es claro que la ganancia optima se encuentra por
arriba de 100 y debajo de 1000. Por lo tanto se grafican valores en ese intervalo,
la figura 3 muestra el comportamiento a diferentes valores, es fácil concluir que
a valores mayores el sobretiro negativo que muestra el sistema es menor, pero
de la figura 2 se observa que si es muy grande el sistema no se estabiliza en cero.
Por lo tanto se utilizara una ganancia para el controlador de 400.

A continuación como se muestra en la figura 4 se mantienen constantes las
ganancias del controlador en 1,0 y se hacen variar las ganancias del observador.
Es fácil notar que la ganancia óptima es de 1,35.

5.2. Primera simulación del sistema en lazo cerrado

Se hace una primera simulación con los parámetros del controlador y el obser-
vador de la tabla 1 La figura 5 y 6 muestran la posición y la velocidad rotacional
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Polos del controlador Polos del observador
1.0 1.0
1.0 1.0
1.0

Cuadro 1: Parámetros del sistema para la primera simulación

del sistema en lazo cerrado, es apreciable que ambas se estabilizan después de
una serie de oscilaciones. Si se observa la figura 7 se notara que la variable esti-
mada θ̂2, muestra un comportamiento similar a la variable θ2, la figura 8 muestra
una comparación entre ambas variables, se observa que el observador estima a
la variable θ2 en 4.5 segundos. La figura 9 muestra el error de estimación del
observador y la figura 10 muestra la señal de control que estabiliza al sistema en
cero grados.

5.3. Segunda simulación del sistema en lazo cerrado

En esta parte se hace una segunda simulación tomando en consideración los
polos obtenidos de la sintonización de las ganancias. Los parámetros utilizados
para esta simulación son las de la tabla 2 La figura 11 y 12 muestran la posi-

Polos del controlador Polos del observador
400.0 1.35
400.0 1.35
400.0

Cuadro 2: Parámetros del sistema para la segunda simulación

ción y la velocidad rotacional del sistema en lazo cerrado, se puede notar que
la estabilización es inmediata. Si observamos la figura 13 se nota que la varia-
ble estimada θ̂2, muestra un comportamiento igual a la variable θ2, la figura 14
muestra una comparación entre ambas variables, se observa que el observador
estima a la variable θ2 inmediatamente. La figura 15muestra el error de estima-
ción del observador y la figura 16 muestra la señal de control que estabiliza al
sistema en cero grados. Podemos concluir que al sintonizar adecuadamente el
observador este muestra un desempeño excelente, ya que estabiliza al sistema
inmediatamente, también debe observarse que la dinámica más rápida de con-
trolador es la que tiene un impacto más notable en el desempeño del lazo de
control y que la dinámica del observador debe ser solo un poco más rápida ya
que de lo contrario se desestabiliza el sistema, esto debido a una saturación en
el lazo de control.
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6. Ambiente de realidad virtual

Los resultados obtenidos de la simulación en ambiente de realidad virtual son
satisfactorios y el sistema describe las trayectorias de estabilización mostradas
en las gráficas 5 y 11 a diferencia que se muestra con un modelo de en 3D del
sistema. La figura 17 muestra una etapa de la estabilización del sistema y la
figura 18 muestra al sistema estabilizado.

7. Conclusiones

En el presente trabajo se desarrolla un algoritmo de control para un siste-
ma formado por una barra actuada por dos rotores, el algoritmo propuesto está
basado en la teoría propuesta por Astolfi y Ortega [11]. Este controlador mos-
tro un excelente desempeño en las simulaciones cuando las ganancias fueron las
adecuadas. En las simulaciones presentadas se observa que la ganancia del con-
trolador es la que tiene mayor presencia en la dinámica del sistema sin embargo
una buena elección de las ganancias del observador nos asegura una dinámica
lo suficientemente rápida para la correcta estimación del estado θ2, pero debe
tenerse cuidado ya que una dinámica demasiado rápida satura el lazo y nos lleva
a inestabilidades. Las condiciones iniciales no tienen una consecuencia impor-
tante en la estabilización del sistema siempre que se mantengan por debajo de
45 grados sobre la horizontal.
Las gráficas 9 y 15 muestran el error de estimación, el cual como puede verificar-
se tiende a hacerse cero, nuevamente una correcta sintonización de las ganancias
hace que la dinámica del error sea más rápida. El modelo de realidad virtual
ayudo a visualizar con anticipación el comportamiento del sistema físico. Esto
facilita la interpretación del algoritmo de control y su desempeño.
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Apéndice: Gráficas

Figura 2: Ganancias del observador

Figura 3: Ganancias del controlador en el intervalo de 100 a 400
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Figura 4: Ganancias del observador en el intervalo 1.0 a 1.5

Figura 5: Posición angular θ1 del sistema en lazo cerrado

Figura 6: Velocidad angular θ2 del sistema en lazo cerrado
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Figura 7: Velocidad angular estimada θ̂2 del sistema en lazo cerrado

Figura 8: θ2 y θ̂2

Figura 9: Error de sistema en lazo cerrado
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Figura 10: Señal de control para el sistema en lazo cerrado

Figura 11: Posición angular θ1 del sistema en lazo cerrado

Figura 12: Velocidad angular θ2 del sistema en lazo cerrado
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Figura 13: Velocidad angular estimada θ̂2 del sistema en lazo cerrado

Figura 14: θ2 y θ̂2

Figura 15: Error de sistema en lazo cerrado

406   O. Sánchez-Rodríguez, J.C. Chimal-Eguia, and R. Barrón-Fernández



Figura 16: Señal de control para el sistema en lazo cerrado

Figura 17: Transitorio de la estabilización del sistema

Figura 18: Sistema estabilizado
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I. Huerta-Trujillo1, J.C. Chimal–Egúıa1, S.V. Flores-Cortes1, and N.
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Abstract. In this paper, we briefly describe the classic study of a vi-
brating string by partial differential equations whose evolution in time
and under certain boundary conditions can have a very complicated an-
alytical solution. However, we can see that by using a discrete model as
a cellular automaton with simple transition rules we can study the same
system without need to incorporate the intrinsic complexity of partial
differential equations. Thus, we observed how the dynamics of the whole
phenomenon is reflected in the simulation of collective effects of indivi–
dual elements.

En este art́ıculo, se presenta de manera breve el estudio clásico de una
cuerda vibrante mediante ecuaciones diferenciales parciales hiperbólicas
cuya evolución en el tiempo y bajo ciertas condiciones de frontera puede
tener una solución anaĺıtica complicada. Sin embargo, podemos observar
que mediante el uso de un modelo discreto como un autómata celu-
lar con reglas de transición simples se puede estudiar el mismo sistema
sin necesidad de incorporar la complejidad intŕınseca de las ecuaciones
diferenciales parciales. Es decir, observamos como la dinámica de todo el
fenómeno se traduce en la simulación de efectos colectivos de elementos
discretos.

Keywords: simulación; cuerda vibrante; autómatas celulares; EDP hiperbólica;
simulating; vibrant string; cellular automata; PDE hyperbolic.

1 Introducción

La simulación por computadora es una de las estrategias de las que dispone la
ciencia actual para predecir sucesos en sistemas con un alto grado de comple-
jidad. Esta complejidad es tal que la matemática clásica no resulta suficiente
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para expresar todos los fenómenos que ocurrirán en el sistema en este sentido la
simulación nos auxilia para ver los comportamientos de los sistemas deseados.

Shannon define el proceso de simulación como: el proceso de diseñar un mo–
delo de un sistema real y llevar a término experiencias con él, con la finalidad de
comprender el comportamiento del sistema o evaluar nuevas estrategias -dentro
de los ĺımites impuestos por un cierto criterio o un conjunto de ellos - para el
funcionamiento del sistema [7].

La simulación consiste en la experimentación aplicada a los modelos del sis-
tema o fenómeno que se quiere estudiar con el objeto de obtener información que
ayude a entender este sistema. La simulación está fuertemente ligada a un pro-
ceso iterativo compuesto por el diseño del modelo, ejecución del modelo, análisis
de la ejecución [5].

Frecuentemente los modelos matemáticos empleados para describir las vibra-
ciones de un sistema f́ısico incluyen ecuaciones diferenciales parciales no lineales,
tradicionalmente se ha usado el método de elemento finito para resolver este tipo
de problemas, la principal dificultad con dicho método se presenta al hacer el
análisis para plantear la ecuación diferencial a resolver, la cual depende tanto de
la geometŕıa del sistema como de las condiciones de frontera y de las condiciones
iniciales, [3].

Las ecuaciones diferenciales están intŕınsecamente relacionadas con modelos
continuos, al resolverlas numéricamente solo se resuelven sobre un punto o grupo
de puntos de un conjunto compuesto por un continuo infinito[11], por lo que las
soluciones resultan ser aproximadas.

Los modelos de escala celular o modelos discretos, consideran que el elemento
(no el fenómeno en śı) juega un papel fundamental, dado que la dinámica de todo
el fenómeno se observa en la simulación de efectos colectivos [9].

Curiosamente, los autómatas celulares tienen la capacidad de representar
comportamientos complejos a partir de una dinámica sencilla. Debido a esto,
desde su origen se les ha utilizado como elementos de la computación para la
modelación de fenómenos biológicos y f́ısicos. Además, los autóamatas celulares
son estudiados como objetos matemáticos debido al interés intrinseco relativo a
los aspectos formales de su comportamiento

Los modelos basados en autómatas celulares han resultado apropiados en
sistemas f́ısicos con un régimen altamente no lineal, también en sistemas qúımicos
y biológicos donde tienen lugar umbrales discretos [13].

Un autómata celular (AC), es un sistema dinámico discreto, que consiste en
un arreglo de células (nodos) en alguna dimensión d [4]. Wolfram [12] los define
como idealizaciones matemáticas de sistemas f́ısicos, cuyo espacio y tiempo son
discretos, en donde las cantidades f́ısicas se pueden circunscribir a un conjunto
finito de valores.

El concepto de AC lleva impĺıcitamente asociado otros conceptos, como es-
pacio y localidad de influencia. Se asume que el sistema representado está dis-
tribuido en el espacio y que regiones cercanas tienen mayor influencia entre si,
que otras que se encuentren apartadas dentro del sistema[1].
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Para definir un AC es necesario definir otros elementos que lo integran, tales
como:

– Una lattice (ret́ıcula) regular de N máquinas de estado finito idénticas, lla-
madas células [8], que cubre el espacio d-dimensional; cada una de las células
cuenta con patrones idénticos y conexiones locales con otras células.

– Un conjunto de estados que pueden ser asignados a cada célula.
– Una regla de transición, que especifica la evolución en el tiempo de los esta-

dos.
– Una vecindad; las interacciones locales que toda célula tiene es con células

que pertenecen solo a su vecindad (área de influencia).

Estas caracteŕısticas son las que en conjunto dan forma a un AC.

1.1 Definición Formal de Autómata Celular

Definición 11 Una “lattice” o “ret́ıcula” es un arreglo uniforme, generalmente
infinito [12], formado por objetos idénticos llamados “células”. Este arreglo puede
ser n-dimensional, pero para efectos de simulación de sistemas naturales se im-
plementa de 1, 2 ó 3 dimensiones, de tamaño finito.

Definición 12 Una vecindad para una célula c ∈ L es V (c) = {k0, k1, · · · , kn |
kj ∈ L, j = 0, 1, . . . , n}; es decir, una vecindad es un conjunto de células para
las cuales la célula c es el punto de referencia para el área de influencia.

En el caso de AC 1-dimensionales, la vecindad para la i-esima célula (la
vecindad incluye a la célula i, sin embargo, la actualización por la función no
depende del estado de i en el tiempo t), puede estar compuesta por las células
adyacentes a ésta en el lado derecho e izquierdo (se busca que esta vecindad
respete la simetŕıa respecto a la célula central, aunque no es obligatorio), por lo
que se dice que esta vecindad es de radio r, es decir:

V (c) = {ci−r, · · · , ci−1, ci, ci+1, · · · , ci+r}

La definición de lattice por si misma nos permite considerar lattices de
tamaño infinito, pero en la práctica esta implementación resulta imposible, es
por eso que los AC son representados como sistemas en espacios finitos, a estas
condiciones que nos permiten limitar el espacio de operación del AC las llamamos
condiciones de frontera. Para el caso de nuestro modelo se define una frontera
cerrada (véase [3]).

Definición 13 La función de transición en un AC 1-dimensional es local y se
aplica simultáneamente de acuerdo a la siguiente ecuación:

ct+1

j = Φ(ctj+δ1
+ ctj+δ2

+ · · ·+ ctj+δq
) (1)

donde j + δk representa las células que conforman la vecindad de cj.
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Fig. 1. Representación de un AC 1-dimensional (a) con condiciones de frontera
periódica (b).

Definición 14 Un AC es una 4-tupla AC = (L, S, V, Φ) donde:

L: Es una ret́ıcula regular y L = {c ∈ C
d} para una lattice d-dimensional.

S: Es el conjunto finito de todos los posibles estados de las células, c ∈ L.
V : Es el conjunto finito de células que definen la vecindad para una célula.
Φ: Sd → S, es una función de transición aplicada simultaneamente a las células

que conforman la lattice.

La actualización en el estado de las células requiere que se conozca el estado
de las células vecinas, a esta región del espacio que la célula necesita conocer se
le conoce como vecindad [3].

En este art́ıculo, se presenta de manera breve el estudio clásico de una cuerda
vibrante mediante ecuaciones diferenciales parciales cuya evolución en el tiempo
y bajo ciertas condiciones de frontera puede tener una solución anaĺıtica muy
complicada. Sin embargo, podemos observar que mediante el uso de un modelo
discreto como un autómata celular con reglas de transición relativamente simples
se puede estudiar el mismo sistema sin necesidad de incorporar la complejidad
intrinseca de las ecuaciones diferenciales parciales. Es decir, observamos como la
dinámica de todo el fenómeno se traduce en la simulación de efectos colectivos de
elementos discretos. Este modelo de autómata celular para estudiar un modelo
dinámico no tan simple como el de una cuerda vibrante, puede conducirnos a
una moraleja muy interesante, a saber: ¿Podemos estudiar sistemas complejos,
dinámicamente representados por ecuaciones diferenciales parciales, mediante
sistemas discretos como los autómatas celulares?, si la respuesta es afirmativa,
entonces nos encontramos frente a una nueva manera alternativa de estudiar
sistemas f́ısicos complejos (como las ecuaciones de Navier-Stokes) mediante sis-
temas discretos como los auómatas celulares, pero con el poder computacional
actual como plataforma de trabajo.

El art́ıculo está organizado de la siguiente manera: En la sección 1 se presenta
una breve introducción de los autómatas celulares y del problema que se pretende
resolver. En la sección 2, presentamos de forma breve el modelo anaĺıtico de la
cuerda vibrante. En la sección 3, presentamos el modelo de un autómata celular
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que representa a una cuerda vibrante, la sección 4 se presenta la definición del
modelo de AC propuesto, la sección 5 . Finalmente en la sección 6, se presentan
algunas conclusiones de este trabajo.

2 Modelo Tradicional

El modelo del sistema f́ısico para una cuerda vibrante se representa a través de
una ecuación diferencial parcial hiperbólica. Algunas formas de esta ecuación
o una generalización de ella se obtienen siempre inevitablemente en cualquier
análisis matemático de fenómenos que involucren propagación de ondas en un
medio continuo [2].

Considérese una cuerda elástica perfectamente flexible, extendida firmemente
entre soportes fijos al mismo nivel (Figura 2). El eje x está localizado a lo largo de
la cuerda, con los extremos de esta sujetos, si la cuerda es puesta en movimiento
en un tiempo inicial, vibrará libremente en un plano vertical libremente si la
resistencia del aire es despreciada.

Fig. 2. Cuerda sujeta en ambos extremos.

El modelo matemático que rige el movimiento de esta cuerda está dado por
la ecuación (2) y se conoce como ecuación de onda en una dimensión [6].

∂2u(x, t)

∂x2
−

1

c2
∂2u(x, t)

∂t2
= 0 (2)

Donde u(x, t) es el desplazamiento respecto a la posición de equilibrio y
c2 = T/ρ , con ρ = masa de la cuerda por unidad de longitud y T la tensión de
la cuerda. Las condiciones de frontera del sistema son:

u(0, t) = 0 y u(l, t) = 0 ∀ t ≥ 0 (3)

Es decir, los extremos se encuentran fijos en todo momento.
Las condiciones iniciales para el sistema son:
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u(x, 0) = f(x) y
∂u(x, t)

∂t


t=0

= g(x) (4)

Donde f(x) es la ecuación que marca la posición inicial de todos los puntos
al inicio del análisis del sistema y g(x) es la velocidad inicial del sistema.

El caso que nos interesa en este momento es el caso para una cuerda de
longitud l con una deflexión inicial triangular y velocidad inicial igual a cero
(Figura 3).

Fig. 3. Cuerda con deflexión inicial triangular.

Las condiciones iniciales para el sistema son:

u(x, 0) = f(x) =






2h

l
x : para 0 < x ≤ 1

2
l

2h

l
(l − x) : para 1

2
l < x < l





(5)

∂u(x, t)

∂t


t=0

= g(X) = 0 (6)

la solución que satisface a la ecuación (2) es:

u(x, t) =
8h

π2

∞∑

n=1

1

n2
sin(

nπ

l
x) sin(

n

2
π) cos(

nπ

l
ct) (7)

Cabe resaltar que esta ecuación es una serie infinita y el resultado se aproxima
si tendemos a tomar un número lo suficientemente grande de términos en la serie,
y evaluar las derivadas parciales para cada punto del cual deseemos conocer su
posición en cualquier instante de tiempo.

3 Modelo de Autómata celular para una cuerda vibrante

3.1 Obtención de la regla de evolución

Supongamos que una cuerda es una sucesión de puntos con masa espećıfica
unidos por resortes (sistema masa-resorte), en el cual la masa de la cuerda se
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m1 m2 · · · mn

r1 r2 · · · rn

Fig. 4. Representación de una cuerda como un sistema masa-resorte.

encuentra distribuida en los puntos de unión y no en los resortes y sus extremos
se encuentran fijos a una superficie (Figura 4).

Llamaremos deq o distancia de equilibrio, a la distancia de separación entre
las masas, o longitud del resorte, que conforman la cuerda, cuando estas se
encuentran en reposo.

Para el sistema de cuerda vibrante con deflexión inicial triangular (Figura 3)
que se quiere estudiar, tomaremos las condiciones iniciales de posición descritas
en la ecuación (5) y de velocidad descrita en la ecuación (6), de este modo
tenemos que cada part́ıcula interna de la cuerda, está sometida a dos fuerzas
que actúan en dirección de los vectores

−−→
∆r1 y

−−→
∆r2 (Figura 5).

Es necesario conocer las fuerzas que se ejercen sobre la part́ıcula mi con el
objeto de encontrar la velocidad con la que se va a mover y la posición final que
tendrá dicha part́ıcula transcurrido un tiempo t.

y

x

mi−1

mi

mi+1

−→r1

−→r2
−→r3

−→r2

−−→
∆r1

−−→
∆r2

Fig. 5. Fuerzas ejercidas sobre la part́ıcula mi por sus vecinos.

Procedemos a encontrar
−−→
∆r1 y se procede de forma análoga para

−−→
∆r2. Tomando

en cuenta la Figura 5, vemos que:

−→r2 +
−−→
∆r1 = −→r1 ⇒

−−→
∆r1 = −→r1 −−→r2 (8)
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El vector
−−→
∆r1 puede representarse como el producto de un vector unitario

∆̂r1 de la misma dirección y sentido que el vector, multiplicado por el módulo
de

−−→
∆r1 [10] entonces:

−−→
∆r1 = |

−−→
∆r1|∆̂r1

Tomando en cuenta que el módulo de
−−→
∆r1, representa la distancia de sepa-

ración de las masas, se puede escribir este módulo como la suma de la distancia
de equilibrio o longitud del resorte más la deformación del resorte debida al
cambio de posición de la masa central, tenemos entonces que;

|
−−→
∆r1|∆̂r1 = (deq +∆deq)∆̂r1

Donde ∆deq es el incremento presentado por el resorte de unión entre las
masas mi y mi−1 en dirección del vector unitario, es necesario encontrar este in-
cremento a fin de conocer en incremento de la fuerza desde el punto de equilibrio
al punto de análisis, por lo que tenemos,

|
−−→
∆r1|∆̂r1 ⇒ ∆deq∆̂r1 =

(
|
−−→
∆r1| − deq

)
∆̂r1 (9)

Ambos lados de la ecuación (9) son vectores, su representación en compo-
nentes son:

∆deq∆̂r1 = (∆x1, ∆y1) (10)

(
|
−−→
∆r1| − deq

)
∆̂r1 =

(
|
−−→
∆r1| − deq

)(xi−1 − xi

|
−−→
∆r1|

,
yi−1 − yi

|
−−→
∆r1|

)
(11)

Dado que dos vectores son iguales si y solo si, sus componentes respectivas
son iguales, entonces podemos igualar componente a componente del vector (10)
con el vector (11), por lo que tenemos:

∆x1 =
(
|
−−→
∆r1| − deq

) xi−1 − xi

|
−−→
∆r1|

(12)

∆y1 =
(
|
−−→
∆r1| − deq

) yi−1 − yi

|
−−→
∆r1|

(13)

De ésta manera obtenemos las componentes∆x1 y ∆y1 que son los incremen-
tos de desplazamiento en los ejesX y Y de la part́ıculami para

−−→
∆r1. Procedemos

de la misma forma para encontrar ∆x2 y ∆y2 para
−−→
∆r2.

Por ley de Hooke para un sistema masa resorte en una dimensión, tenemos
que:

F = −k∆x (14)

En general, para la part́ıcula mi, existen dos fuerzas ejercidas por mi−1 en
dirección de

−−→
∆r1, debido a las componentes x y y del vector, y dos fuerzas ejerci-

das por mi+1 en dirección de
−−→
∆r2, entonces sustituyendo los valores encontrados
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en la ecuación (12) y la ecuación (13) y sus análogos para ∆x2 y ∆y2 en la
ecuación (14) obtenemos:

Fx = −k1∆x1 − k2∆x2

Suponiendo que los resortes que unen a las masas de la cuerda son exactamente
iguales, entonces −k1 = −k2 = −k :

Fx = −k(∆x1 +∆x2) (15)

Análogamente:

Fy = −k(∆y1 +∆y2) (16)

Estas fuerzas son las que actan sobre la part́ıcula mi, contribuyendo a su
aceleración en el momento en que la part́ıcula se encuentra oscilando y per-
miten acelerar a la misma. Utilizando la segunda ley de Newton

−→
F = m−→a , y

la ecuación de velocidad para un movimiento uniformemente acelerado, tenemos
que la velocidad final para una part́ıcula está dada en función de su velocidad
inicial y de la aceleración que siente la part́ıcula en un instante de tiempo t, en
consecuencia:

−→vf = −→vi +−→a t

= −→vi +

−→
F

m
t

Haciendo una separación de componentes y empleando los valores de fuerza
encontrados en las ecuaciones (15) y (16), obtenemos las velocidades por com-
ponente para mi que son;

vfx = vix +
Fx

m
t (17)

vfy = viy +
Fy

m
t (18)

En este punto hemos encontrado la velocidad que tendrá la part́ıcula mi

transcurrido un tiempo t, esto nos proporciona la información necesaria para
calcular la nueva posición de la part́ıcula para el mismo instante de tiempo,
para esto empleando los resultados de las ecuaciones (17) y (18) y la ecuación
de desplazamiento uniformemente acelerado:

xfi = xi + vixt+
1

2

Fx

m
t2 (19)

yfi = yi + viyt+
1

2

Fy

m
t2 (20)

Las ecuaciones (17), (18), (19) y (20), son las que se emplean en la definición
de la función de evolución para el AC propuesto en la siguiente sección.
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4 Definición del Autómata Celular para una Cuerda

Vibrante

Basado en la definicion 14, el modelo de AC para un sistema de cuerda vibrante
fijo en los extremos de una longitud l con una deflexión inicial triangular de
altura h con 0 < h << l es una 4-tupla AC = (L, S, V, Φ) donde cada célula
c ∈ L está definida por su masa, posición inicial y su velocidad inicial, cuando
la cuerda está en reposo, siendo:

L: Es una ret́ıcula regular y L = {ci ∈ C1: i = 1, 2, . . . , n}

S: =

{−→
P t
ci : vector de posición en t

−→
V t
ci : velocidad de c en t.

}
∀ci ∈ Ci

V : V = {(ci−1, ci, ci+1)}

Φ: R2 → R2,

Φ =






a)
−−−→
P t+1

ci =
−→
P t
ci +

−−→
V itcit+

−−→
F t
i−1 +

−−→
F t
i+1

2m
t2

b)
−−−−→
V f t+1

ci =
−−→
V itci +

−−→
F t
i−1 +

−−→
F t
i+1

m
t






donde :
−−→
F t
i−1 +

−−→
F t
i+1 es la fuerza que las células ci+1 y ci−1 ejercen sobre cien

el tiempo t;
−−−→
P t+1

ci , es la posición final de la célula en el espacio. y
−−−−→
V f t+1

ci , es la
velocidad final de la célula en el tiempo t+ 1.

La función de transición Φ, está compuesta por dos reglas fundamentales,
ambas reglas se aplican simultáneamente a todas las células que conforman la
lattice.

La regla a) define la posición de la célula en el tiempo t + 1, tomando la
velocidad en el tiempo t, esta posición se actualiza, siendo la nueva posición
inicial para t + 2 y aśı sucesivamente. Similarmente, para b) la velocidad final
para el tiempo t+1 se actualiza, siendo la velocidad inicial para el tiempo t+2.

4.1 Obtención experimental de la constante kl

Se toma como base para obtener la constante kl, una cuerda de longitud l =
0.90m sin ninguna tensión aplicada y una masa mc = 0.00507kg. De forma
experimental, se sujeta la cuerda l en sus extremos, y aplicando una fuerza

f = mg, en
l

2
. Esta fuerza cambiará al variar la masa m, como se muestra en la

Figura 6.

donde:

– le, es la longitud alcanzada por la cuerda al aplicarle la fuerza del peso.

– h, la longitud que se desplaza el punto l
2
, desde su posicion de origen.

– m, la masa variable aplicada en el experimento.
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θ

h

l/2

le

m

Fig. 6. Esquema experimental para obtener la constante kl de la cuerda.

Realizado el ajuste por mı́nimos cuadrados obtenemos que kl = 3963.63, que
es la constante de restitución de la cuerda. Con este resultado, es posible calcular
la constante kc que se utiliza en el AC propuesto. Se tiene que:

kl =
1

1

kc1
+

1

kc2
+ . . .+

1

kcn

=
kc
n

Lo que implica que:

kc = n · kl (21)

Es decir, la constante de restitución de un resorte (ecuación 21), para el
modelo de AC propuesto, es directamente proporcional al número de resortes
dentro del sistema por la constante de restitución de la cuerda.

5 Comparación ente el modelo tradicional y el modelo

AC propuesto

Para llevar a cabo la comparación entre el AC y la ecuación de movimiento
encontrada (vea pag. 6) que satisface la ec. diferencial (2), es necesario definir las
condiciones iniciales con las que se iniciará la ecuacion; pensando en una cuerda
de guitarra, se tomarán las condiciones en las que vibra una cuerda sexta:

l: longitud de la cuerda 0.90m la cual se estira 4mm.
h: desplazamiento desde el origen del punto medio h = 5mm.
x: punto que se verifica su oscilación x = l

2
.

T : tensión de la cuerda una vez estirada T = 15.84N .
m: masa de la cuerda masa = 0.00507kg.
ρ: densidad lineal de la cuerda ρ = m

l
.

c: constante definida en la ecuación que rige el movimiento con c =
√

T
ρ

=

53.144.
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Sustituyendo estos valores en la ecuacion (7), tenemos:

u(
l

2
, t) =

8 · 0.005

π2

∞∑

n=1

1

n2
sin

(
nπ

0.904

0.904

2

)
sin
(n
2
π
)
cos
( nπ

0.904
53.144 · t

)

Simulando para t = 0, . . . , 3, la ecuación u( l
2
, t), se genera la gráfica de la

Figura 7, en la cual se puede ver un movimiento oscilatorio del punto x = l
2
. En

la gráfica de la Figura 8 se presenta el movimiento de la célula c l
2

del modelo

del AC desarrollado.

0 0.5 1 1.5 2 2.5 3
−5

−4

−3

−2

−1

0

1

2

3

4

5
x 10

−3

Tiempo (s)

A
m

p 
(m

)

 

 
u(x,t)

Fig. 7. Gráfica generada por la ecuación de movimiento u( l

2
, t) : t = 0, . . . , 3.

Haciendo una comparación de los modelos y sobreponiendo las gráficas si-
nusoidales se obtiene la gráfica de la Figura 9, puede observarse que tanto la
trayectoria que sigue el punto l

2
, correspondiente al modelo matemático, como

la trayectoria de la célula c l
2

, tienen una correspondencia de fase.

Obteniendo los espectros de frecuencia para ambas señales y graficándolos,
se aprecia que la gráfica de la Figura 10, los espectros de frecuencia de las dos
señales se encuentran prácticamente empalmadas, observando la gráfica de la
Figura 11, que presenta las frecuencias de la frecuencia fundamental y de las
primeras dos armónicas es visible que hasta la segunda armónica se aprecia un
ligero defasamiento de las gáficas.

En la gráfica de la Figura 12, puede observarse que existe una perfecta super-
posición de las frecuencias fundamentales de ambas señales la cual se encuentra
al rededor de los 30Hz.
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Fig. 8.Gráfica generada por el modelo de AC propuesto durante un tiempo t = 0, . . . , 3.

Matemáticamente, el primer término de la sumatoria de la ecuación (7),
u(x, t), cuando n = 1, define la frecuencia angular o fundamental de la señal
por lo que cos (ωt) = cos

(
π

0.904
53.144 · t

)
siendo ω la frecuencia fundamental;

dado que ω = 2π
T

= 2πf ⇒ f = ω
2π

donde T es el periodo y f la frecuencia.
Sustituyendo datos tenemos:

f =
π

0.904
53.144

2π
=

53.144✚π

2✚π0.904
= 29.4Hz (22)

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
−5

−4

−3

−2

−1

0

1

2

3

4

5
x 10

−3

Tiempo (s)

A
m

p 
(m

)

 

 
u(x,t)
AC

Fig. 9. Gráfica generada por la la superposición de las gráficas sinusoidales ampliada.
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Fig. 10. Gráfica generada por la superposición de los espectros de frecuencia obtenidos
de las señales del modelo matemático y el modelo AC.
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Fig. 11. Gráfica de frecuencia fundamental y dos primeras armónicas.

lo cual es congruente con la gráfica de espectros de frecuencia con la frecuencia
fundamental.

6 Conclusiones

Cuando se estudian sistemas f́ısicos a través de ecuaciones diferenciales par-
ciales, usualmente debido a las no linealidades intrinsecas al modelo continuo,
la solución de estos sistemas puede tornarse en extremo complicada. En este
trabajo hemos mostrado como, modelando un sistema masa-resorte en el cual la
masa de la cuerda se encuentra distribuida en los puntos de unión y no en los
resortes, mediante un autómata celular con reglas de transición simples se pro-
ducen los mismos resultados que el modelo anaĺıtico. Es importante notar que
cuando tomamos parámetros de una cuerda real de una guitarra y los sustitu-
imos en la ecuación (7) al graficar esta función que representa el desplazamiento
lateral u(x, t) obtenida de manera anaĺıtica y la obtenida por el autómata celular
(figura 9) los resultados son congruentes. Una manera de verificar la exactitud
de ambos modelos fue encontrar el espectro de frecuencia de ambos modelos
y obtener la frecuencia fundamental además de 2 armónicas principales. En la
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Fig. 12. Gráfica de frecuencias fundamentales.

gráfica de la figura 12 se puede observar que la frecuencia fundamental se en-
cuentra a los 30Hz, lo cual corresponde de manera casi perfecta con el calculo
anaĺıtico de esta frecuencia fundamental. Aśı mismo, se puede ver en esta misma
gráfica la concordancia entre las otras dos armónicas principales.

El modelo de AC para una cuerda vibrante resulta util una vez que se cuentan
con los datos necesarios para llevar a cabo una simulación ya que no está sujeto
a las condiciones iniciales de la cuerda, como sucede en el caso de la ecuación
diferencial que representa el movimiento, el AC solo es desarrollado una vez y
puede asignarsele cualquier condición inicial.

Para el caso de la ecuación diferencial, es necesario el conocimiento de las
condiciones iniciales de la cuerda que se pretende simular ya que el resultado
de la solución depende de estos datos, por lo que el AC es una herramienta
que puede ser igualmente efectiva que el modelo matemático o una alternativa
a las ecuaciones diferenciales. A lo largo de las pruebas, el modelo resultó ser
efectivo con respecto al modelo anaĺıtico por lo que la simulación de movimiento
amortiguado es factible tomando en cuenta el factor de amortiguamiento según
el medio en donde oscile la cuerda y la fricción que el medio ejerce sobre las
células que conformen la cuerda. Cuerdas como la de los instrumentos musicales
pueden ser simuladas con el AC, si se aplica define un coeficiente de fricción que
amortigüe la amplitud de la oscilación, para esto es necesario tomar en cuenta
el diámetro de la cuerda y la forma de las células para definir el coeficiente de
amortiguamiento del aire.

No cabe ninguna duda que el éxito obtenido a lo largo de la historia del
modelado de fenómenos f́ısicos ha sido a través de ecuaciones diferenciales. Sin
embargo en este trabajo se muestra que la dinámica de un fenómeno simulado
computacionalmente como la suma de efectos colectivos de elementos discretos
representados por un autómata celular, es parecida a la que puede generar el
modelo anaĺıtico. Consideramos que esto es de mucha importancia ya que, en la
actualidad existen muchos fenómenos f́ısicos representados por ecuaciones dife–
renciales no parciales que podŕıan estudiarse utilizando modelos discretos, como
los autómatas celulares, que si bien tienen reglas de transición simples utilizan
el gran poder de computo que dan los procesadores actuales.
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Es posible ampliar el modelo de AC propuesto para simular membranas en 3-
dimensiones implementando una ret́ıcula de 2-dimensiones en el AC, e incluyendo
un componente más en el vector de posición y de fuerza, empleando una vecindad
de Moore para simular la cohesión de las células en la membrana.
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