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Preface

A large international conference on Advances in Machine Learning and Data
Analysis was held in UC Berkeley, CA, USA, October 22–24, 2008, under the
auspices of the World Congress on Engineering and Computer Science (WCECS
2008). The WCECS is organized by the International Association of Engineers
(IAENG). IAENG is a non-profit international association for the engineers and the
computer scientists, which was founded in 1968 and has been undergoing rapid ex-
pansions in recent years. The WCECS conferences have served as excellent venues
for the engineering community to meet with each other and to exchange ideas.
Moreover, WCECS continues to strike a balance between theoretical and appli-
cation development. The conference committees have been formed with over two
hundred members who are mainly research center heads, deans, department heads
(chairs), professors, and research scientists from over thirty countries. The confer-
ence participants are also truly international with a high level of representation from
many countries. The responses for the congress have been excellent. In 2008, we re-
ceived more than six hundred manuscripts, and after a thorough peer review process
56.71% of the papers were accepted.

This volume contains sixteen revised and extended research articles written
by prominent researchers participating in the conference. Topics covered include
Expert system, Intelligent decision making, Knowledge-based systems, Knowledge
extraction, Data analysis tools, Computational biology, Optimization algorithms,
Experiment designs, Complex system identification, Computational modeling, and
industrial applications. The book offers the state of the art of tremendous advances in
machine learning and data analysis and also serves as an excellent reference text for
researchers and graduate students, working on machine learning and data analysis.

Harvard University, USA Sio-Iong Ao
University of Trier, Germany Burghard B. Rieger
California State University, Long Beach, USA Mahyar Amouzegar
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Chapter 1
2D/3D Image Data Analysis for Object
Tracking and Classification

Seyed Eghbal Ghobadi, Omar Edmond Loepprich, Oliver Lottner,
Klaus Hartmann, Wolfgang Weihs, and Otmar Loffeld

Abstract Object tracking and classification is of utmost importance for different
kinds of applications in computer vision. In this chapter, we analyze 2D/3D image
data to address solutions to some aspects of object tracking and classification. We
conclude our work with a real time hand based robot control with promising results
in a real time application, even under challenging varying lighting conditions.

Keywords 2D/3D image data � Registration � Fusion � Feature extraction � Tracking
� Classification � Hand-based robot control

1.1 Introduction

Object tracking and classification are the main tasks in different kinds of appli-
cations such as safety, surveillance, man–machine interaction, driving assistance
system and traffic monitoring. In each of these applications, the aim is to detect and
find the position of the desired object at each point in time. While in the safety ap-
plication, the personnel as the desired objects should be tracked in the hazardous
environments to keep them safe from the machinery, in the surveillance application
they are tracked to analyze their motion behavior for conformity to a desired norm
for social control and security. Man-Machine-Interaction, on the other hand has be-
come an important topic for the robotic community. A powerful intuitive interaction
between man and machine requires the robot to detect the presence of the user and
interpret his gesture motion. A driving assistance system detects and tracks the ob-
stacles, vehicles and pedestrians in order to avoid any collision in the moving path.
The goal of traffic monitoring in an intelligent transportation system is to improve
the efficiency and reliability of the transport system to make it safe and convenient

S.E. Ghobadi (�), O.E. Loepprich, O. Lottner, K. Hartmann, W. Weihs, and O. Loffeld
Center for Sensor Systems (ZESS), University of Siegen, Paul-Bonatz-Str.9-11,
D57068 Siegen, Germany
e-mail:Ghobadi@zess.uni-siegen.de;Loepprich@zess.uni-siegen.de;Lottner@zess.uni-siegen.de;
Hartmann@zess.uni-siegen.de; Weihs@zess.uni-siegen.de; Loffeld@zess.uni-siegen.de

S.-I. Ao et al. (eds.), Advances in Machine Learning and Data Analysis,
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2 S.E. Ghobadi et al.

for the people. There are still so many significant applications in our daily life in
which object tracking and classification plays an important role. Nowadays, the 3D
vision systems based on Time of Flight (TOF) which deliver range information have
the main advantage to observe the objects three-dimensionally and therefore they
have become very attractive to be used in the aforementioned applications. However,
the current TOF sensors have low lateral resolution which makes them inefficient
for accurate processing tasks in the real world problems. In this work, we first pro-
pose a solution to this problem by introducing our novel monocular 2D/3D camera
system and then we will study some aspects of object tracking and classification
using 2D/3D image data.

1.2 2D/3D Vision System

Although the current optical TOF sensors [13–16] can provide intensity images in
addition to the range data, they suffer from a low lateral resolution. This drawback
can be obviated by combining a TOF camera with a conventional one. This com-
bination is a tendency in the recent research works because even with regard to the
emerging new generation of TOF sensors with high resolution,1 an additional 2D
sensor still results in a higher resolution and provides additional color information.
With regard to the measurement range, however, the problem of parallax does not
allow to simply position two cameras next to each other and overlay the generated
images.

The multimodal data acquisition device used in this work is a recently devel-
oped monocular 2D/3D imaging system, named MultiCam. This camera, which
is depicted in Fig. 1.1, consists of two imaging sensors: A conventional 10-bit
CMOS gray scale sensor with VGA resolution and a Photonic Mixer Device (PMD)
with a resolution of 64 � 48 pixels. The PMD is an implementation of an optical
Time of Flight (TOF) sensor, able to deliver range data at quite high frame rates.

Camera Body Infrared Lighting

F-Mount Camera Lens
(Rear Aperture)

Sensor Window
AR Ctd. for NIR

IR Cut @ 730nm
(optional)

2D CMOS Sensor
for VIS

glass

NIR Edge Filter
@ 1000nm

Sensor Window
AR Ctd. for NIR

IR Cut @ 730nm
(optional)

2D CMOS Sensor
for VIS

NIR Edge Filter
@ 1000nm

VIS -NIR beam splitter
@ 760nm,

AR Ctd. for NIR
3D PMD Sensor for

modulated NIR
glass

C-Mount Camera Lens
(Rear Aperture)

3D PMD Sensor for
modulated NIR

VIS-NIR Beamsplitter
@ 760nm,

AR Ctd. for NIR
Lens

Fig. 1.1 Left: 2D/3D vision system (MultiCam) developed at ZESS. Middle: F-mount optical
setup. Right: C-mount optical setup

1 For example PMD-40K (200 � 200 pixels), Swissranger 4000 (176 � 144 pixels) and ZCam-
prototype (320 � 480 pixels).
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1 2D/3D Image Data Analysis for Object Tracking and Classification 3

The principles of this sensor will be presented briefly in the next subsection. In ad-
dition, a beam splitter (see again Fig. 1.1), a near-infrared lighting system, a FPGA
based processing unit as well as an USB 2.0 communication interface represent the
remaining main components of this camera. It should be mentioned that the dichroic
beam splitter behind the camera lens is used in order to divide the incident light into
two spectral ranges: The visible part, which is forwarded to the CMOS chip and the
near-infrared part to the TOF sensor [6]. Thus, the MultiCam is actually a multi-
spectral device.

In fact, through the use of the MultiCam, one is able not just to achieve distance
data at high frame rates (100 FPS and above) but also high resolution color images
provided by the CMOS sensor. The novelty hereby is that a monocular setup is
used which avoids parallax effects and makes the camera calibration a lot simpler
along with the possibility to synchronize the 2D and 3D images down to several
microseconds.

1.2.1 3D-Time of Flight Camera

Basically, the principle of the range measurement in a TOF camera relies upon the
time difference�t that the light needs to travel a distance d as follows

�t D d

c
(1.1)

where c represents the speed of light.
As a lighting source, we use a modulated light signal (fmod D 20MHz), which is

generated using a MOSFET based driver and a bank of high speed infrared emitting
diodes. The illuminated scene then is observed by an intelligent pixel array (the
PMD chip), where each pixel samples the amount of modulated light. To determine
the distance d , we measure the phase delay �' in each pixel. Recall that �' D
2� � fmod ��t which in turn leads us to

d D c ��'
2� � fmod : (1.2)

Since the maximal phase difference of�' can be 2� , the unambiguous distance
interval for range measurement at a modulation frequency of 20 MHz is equal to
15 m. This leads to the maximal (unambiguous) target distance of 7.5 m since the
light has to travel the distance twice. In order to be able to use (1.2) for the distance
computation in the TOF camera we have to multiply the equation by a factor of 0.5.

To calculate the phase delay�', the autocorrelation function of the electrical an
optical signal is analyzed by a phase-shift algorithm. Using four samplesA1; A2; A3
and A4, each shifted by �=2, the phase delay can be calculated using [1]

�' D arctan

�
A1 � A3

A2 � A4

�
: (1.3)
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4 S.E. Ghobadi et al.

In addition, the strength a of the signal, which in fact can be seen as its quality,
along with the gray scale b can be formulated as follows [5]

a D 1

2
�
p
.A1 � A3/2 C .A2 � A4/2; (1.4)

b D 1

4
�
4X
iD1

Ai : (1.5)

The environment lighting conditions in the background should be considered in
all optical TOF sensors. There are various techniques dealing with this issue like us-
ing optical filters which only pass the band interested in, or applying some algorithm
techniques that remove the noise artifacts of ambient light [8]. In our case, the PMD
chip used has an in-pixel so-called SBI-circuitry (Suppression of Background Illu-
mination) which increases the sensor dynamics under strong light conditions [1,13].

1.2.2 2D/3D Image Registration and Synchronization

As a prerequisite to profit from the 2D/3D multi-modality, the temporal and spatial
relation of the individual sensors’ images must be determined.

1.2.2.1 Temporal Synchronization

The detailed disquisition on the temporal synchronization of the individual sensors
of the MultiCam points out that the camera’s internal control unit (FPGA) can syn-
chronize the 2D and the 3D sensor in the temporal domain within the limits of the
clock resolution and minimal jitter due to the signal run times in the electronics. The
synchronization can either refer to the beginning or to the end of the integration time
of a 2D image and a single phase image. While the most common configuration is
the acquisition of one 2D image per four phase images such that a new 2D image
is available along with a new range image, it is also possible to acquire a new 2D
image per phase image if necessary. Figure 1.2 gives an overview of the different
possibilities.

If the synchronization of the 2D image relates to the first phase image, the tem-
poral distance between the individual phase images is not equal, as the second phase
image is captured only after the end of the 2D sensor’s integration time. In contrast
to that, synchronizing to the fourth phase image has the advantage of temporally
equidistant phase images. In both configurations, it can occur that a change of the
scene is represented only by one of both sensors if this change is outside of the
actual integration time. With regard to the total time needed for the acquisition of
a complete 2D/3D image, these two configurations do not differ from each other.
However, the synchronization to the range image rather than to any of the phase

www.Technicalbookspdf.com



1 2D/3D Image Data Analysis for Object Tracking and Classification 5

Fig. 1.2 Different possibilities of synchronizing of the 2D image to the 3D data

images is advantageous in that the total acquisition time is kept to a minimum, and
in that the temporal equidistance of the phase images is maintained. The discus-
sion on the motion artifacts in [10] gives details on the impacts of the individual
configurations.

Binocular setups taking two complete cameras are evidently not as flexible and
as precise as the very neatly controlled approach of the MultiCam.

1.2.2.2 Spatial Registration

In a 2D/3D vision system, regardless of the kind of setup, a 3D scene is im-
aged by two two-dimensional matrices of pixels with a degree of overlap which
is a-priori unknown but qualitatively assumed to be high without loss of generality.
Both sensors operate in a different spectrum (NIR vs. VIS) and have a different
modality, i.e., the grey values of the scene represent different physical proper-
ties. Due to the operation principle, the sensors operate with different illumination
sources meaning that the effects of the illumination must be taken into consideration
(corresponding features may be dissimilar due to different lighting conditions). Both
sensors have a different resolution with the 2D sensor’s resolution being higher. The
TOF sensor acquires the distance to an observed point with an accuracy and repro-
ducibility in the range of a centimeter. The relative arrangement of both sensors is
not a function of the time but is known in advance with only an insufficient accuracy,
meaning that the configuration needs to be calibrated initially.

The aim of the image registration is to establish a spatial transform that maps
points from one image to homologous points in a target image as follows

Œx1; y1; z1�
T D f

�
Œx2; y2; z2�

T
�
: (1.6)
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6 S.E. Ghobadi et al.

The actual transform model depends on the individual configuration. In the
following the monocular setup is going to be presented. Considering the special
case of the MultiCam, the sensors share a common lens, a common extrinsic cal-
ibration and the same scene is imaged with the same scale. First, the uncorrected
view after sensor alignment is described. This analysis is useful for detecting an-
gle errors which can occur if the angle of 45ı (90ı respectively) between the beam
splitter and the 2D sensor (the PMD sensor respectively) is not exactly adjusted. For
this purpose, a test pattern is put in front of the camera and is recorded with both
sensors. This test pattern consists of a grid of circles. It is assumed that the reflec-
tivity of this test pattern in the visible spectrum does not differ significantly from
the reflectivity in the near-infrared spectrum. In that case, the circles’ middle points
can be detected reliably with both sensors which results in two sets of matching
control points PPMD and P2D . Figure 1.3 shows the average of the displacement
between these two sets in units of 2D pixels as a function of the distance between
the camera and the pattern for a constant focal length. The average and the stan-
dard deviation are computed out of all the circles’ middle points in the image. It can
be observed that the displacement averages are stable over distance, which means
that there is virtually no angle error in the sensor alignment in the observed range.
By examining the displacement distribution over the whole image, it can be further
concluded that the displacement arrangement does not reveal significant local de-
viations. Consequently a global rigid transformation model can be used which is
independent of the location in the image. Additionally, the uncorrected view shows
that the pixel-to-pixel mapping is fixed with a negligible rotational component and
which, in particular, is independent from the depth. What remains is a transforma-
tion composed only of a two-dimensional translational displacement. Consequently,
an iterative closest point algorithm2 is used to find an optimal solution.

Fig. 1.3 Uncorrected
dislocation of PMD and 2D
sensor in the MultiCam

4,5
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t [
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]
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3,0 2,5

1,5
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2

4

2 Levenberg-Marquardt algorithm; the optimization criterion is the sum of squared distances of the
individual points.
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1 2D/3D Image Data Analysis for Object Tracking and Classification 7

1.3 Multimodal Data Fusion and Segmentation

The TOF camera delivers three data items for each pixel at each time step: intensity,
range and amplitude of the received modulated light. The intensity image of the
TOF camera comparable to the intensity images in CCD or CMOS cameras relies
on the environment lighting conditions, whereas the range image and the amplitude
of the received modulated light are mutually dependent.

None of these individual data can be used solely to make a robust segmentation
under variant lighting conditions. Fusing these data provides a new feature informa-
tion which is used to improve the performance of the segmentation technique.

In this paper we have used the basic technique for the fusing of the range and
intensity data which has already been used in other fields like SAR imaging. We
observed that the range data in our TOF sensor is dependent on the reflection factor
of the object surface (how much light is reflected back from the object). Therefore,
there is a correlation between the intensity and range vector sets in a TOF image.
These two vector sets are fused to derive a new data set, so-called “phase”, which
indicates the angle between two intensity and range vector sets. The details of this
technique is presented in our previous works [12]. Another type of fusion which
has also been used in our work is to weight the value of the range for each pixel
using the modulation amplitude which adjusts the range level in the regions where
the range data might get wrong.

However, using MultiCam, we can acquire low resolution TOF images with their
corresponding features derived from fusion; and high resolution 2D Images. For seg-
mentation, same as in [12], first we apply the unsupervised clustering technique to
segment the low resolution TOF images. Next, we map the 3D segmented image
to 2D image. Due to the monocular setup of MultiCam, mapping the 3D range image
to the 2D image is a trivial and fast task which consequently makes the segmentation
of high resolution 2D image computationally cheap. This kind of segmentation has
two main advantages over 2D segmentation. On the one hand 3D range segmenta-
tion is more reliable and robust in the natural environment where lighting conditions
might change and on the other hand due to the low resolution of 3D image, segmen-
tation is faster. An example of such a segmentation is shown in Fig. 1.4.

1.4 Object Tracking and Classification

One of the approach for object identification in tracking process is to use a classifier
directly to distinguish between different detected objects. In fact, if the classification
method is fast enough to operate at image acquisition frame rate, it can be used
directly for tracking as well. For example, supervised learning techniques such as
Support Vector Machines (SVM) and AdaBoost can be directly employed to classify
the objects in each frame because they are fast techniques which can work at real
time rate for many applications.
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8 S.E. Ghobadi et al.
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Fig. 1.4 Segmentation in 2D/3D images. Top Left: low resolution range image from TOF sensor.
Top Middle: high resolution 2D image. Top Right: modulation amplitude image. Bottom Left: 3D
rescaled segmented image. Bottom Middle: rescaled segmented image using fusion of range and
modulation amplitude data. Bottom Right: 2D segmented image result from mapping

In this section, we describe tracking with classifier more in detail by applying
a supervised classifier based on AdaBoost to 2D/3D videos in order to detect and
track the desired object. After segmentation of the image which was described in the
previous section, in the next step the Haar-Like features are extracted and used as
the input data for the AdaBoost classifier. Haar-like features which have been used
successfully in face tracking and classification problems encode some information
about the object to be detected. For a much more in depth understanding the reader
is referred to [11].

However, there are two main issues in real time object detection based on Haar-
Like features and using AdaBoost technique. The first issue is that background noise
in the training images degrades detection accuracy significantly, esp. when it is a
cluttered background with varying lighting condition which is the case in many real
world problems. The second issue is that computation of all sub-windows (search
windows) in an image for every scale is too costly if the real time constraints are to
be met. The fundamental idea of our algorithm is to address the solution to these
problems using fusion of 3D range data with 2D images. In order to extinguish the
background issue from object recognition problem, the procedure of object detec-
tion is divided into two levels. In the low level we use range data in order to: (i)
Define a 3D volume where the object of interest is appearing (Volume of Interest)
and eliminate the background to achieve robustness against cluttered backgrounds
and (ii) Segment the foreground image into different clusters. In the high level we
map the 3D segmented image to its corresponding 2D color image and apply Viola-
Jones method [11] (searching with Haar-Like features) to find the desired object in
the image. Figure 1.5 shows some examples of this procedure for hand detection
and tracking.
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1 2D/3D Image Data Analysis for Object Tracking and Classification 9

Fig. 1.5 Solution to the background issue in object detection using Viola-Jones method. Us-
ing range data the cluttered background is removed and the foreground image is segmented and
mapped to 2D image. Viola-Jones technique is applied to 2D segmented image to find the object
of interest

Fig. 1.6 Selection of search windows using range information for hand detection. Left: Hand is
far from the camera and therefore the image is searched with small search windows. Right: Hand
is close to the camera and therefore the image is scanned with large search windows to find the
hand in the image

The second issue (Computation of all search windows in an image for every
scale is too costly.) can be addressed by using the range information directly. After
segmentation, the distance of the segmented object from the camera can be easily
derived from 3D range image. By having the information about the distance of ob-
ject from the camera, its size can be roughly estimated and a set of search windows
which could fit to the size of the object is selected and therefore there is no need
to use all possible size of search windows to find the object. This reduces the com-
putational cost of the Viola-Jones technique to a great extent which is a significant
point in real time applications. An example of selecting search windows for hand
detection is illustrated in Fig. 1.6.
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10 S.E. Ghobadi et al.

1.5 Real Time Hand Based Robot Control Using 2D/3D Images

Nowadays, robots are used in the different domains ranging from search and res-
cue in the dangerous environments to the interactive entertainments. The more the
robots are employed in our daily life, the more a natural communication with the
robot is required. Current communication devices, like keyboard, mouse, joystick
and electronic pen are not intuitive and natural enough. On the other hand, hand
gesture, as a natural interface means, has been attracting so much attention for
interactive communication with robots in the recent years [2–4, 9]. In this con-
text, vision based hand detection and tracking techniques are used to provide an
efficient real time interface with the robot. However, the problem of visual hand
recognition and tracking is quite challenging. Many early approaches used position
markers or colored gloves to make the problem of hand recognition easier, but due
to their inconvenience, they can not be considered as a natural interface for the
robot control. Thanks to the latest advances in the computer vision field, the recent
vision based approaches do not need any extra hardware except a camera. These
techniques can be categorized as: model based and appearance based methods [7].
While model based techniques can recognize the hand motion and its shape exactly,
they are computationally expensive and therefore they are infeasible for a real time
control application. The appearance based techniques on the other hand are faster
but they still deal with some issues such as: complex nature of the hand with more
than 20 DOF, cluttered and variant background, variation in lighting conditions and
real time computational demand. In this section we present the results of our work
in a real time hand based tracking system as an innovative natural commanding
system for a Human Robot Interaction (HRI).

1.5.1 Set-Up

Set-up mainly consists of three parts: (1) A six axis, harmonic driven robot from
Kuka of type KR 3 with attached magnetic grabber. The robot itself has been
mounted onto an aluminium rack along with the second system component. (2) A
dedicated robot control unit, responsible for robot operation and communication by
running proprietary software from Kuka c� company. (3) The main PC responsible
for data acquisition from 2D/3D imaging system (MultiCam) and running the al-
gorithms. Communication between the robot control unit and the application PC is
done by exchanging XML-wrapped messages via TCP/IP. The network architecture
follows a strict client server model, with the control unit as the client connecting to
the main PC, running a server thread, during startup.
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1.5.2 Control Application

In order to make the communication system more convenient for the user, all the
necessary commands to control the robot, such as moving the robot in 6 directions
.xC; x�; yC; y�; zC; z�/ or (de)activating the grabber (palm-to-fist or vice versa)
are done by using a self developed GUI based application illustrated in Fig. 1.7.
As a first step, we track the user’s hand movement in a predefined volume covered
by the MultiCam, followed by mapping its real world position into a virtual space
which is represented by a cuboid of defined size and correlates with the MultiCam’s
view frustum. Hand movement is visualized by placing a 3D hand-model in the
according location within the cuboid. Depending on the hand’s distance from the
cuboid’s center, a velocity vector is generated, along with some other state informa-
tion, and sent to the robot’s control unit which is in charge of sending the appropriate
information to the robot itself. By placing the virtual hand in the cuboid’s center, the
system can be put in a susceptible mode for special commands. For that matter, a
rudimentary gesture classification algorithm has been implemented which is able
to distinguish between a fist and a palm. We use defined fist to palm transition se-
quences (e.g., a palm-fist-palm transition) in order to perform a robot reset, put the
system in predefined modes and to (de)activate the magnetic grabber which in turn
enables the whole system to handle ferric objects (Fig. 1.8).

Fig. 1.7 Left: Hand based robot control using MultiCam, Hannover Fair 2008, Right: Graphical
User Interface (GUI)

Fig. 1.8 Some results, left: example of correctly detected images (True Positive), right: example
of wrongly detected images (First row: missed hand, Second row: misclassified)
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Table 1.1 Confusion table
for hand detection system

Hand Non-hand

Hand 2,633 87
Non-hand 224 2,630
Sum 2,857 2,717

1.5.3 Experimental Results

For the Hannover Fair 2008, a simple task had been defined to be performed by the
visitors and to put the system’s performance under the test as follows: Commanding
the robot to move in six directions using moving the hand with any kind of posture
in the corresponding directions, picking up a metal object with the magnet grabber
using palm to fist gesture, moving the object using the motion of the hand and finally
dropping it in the defined areas with palm to fist gesture. It turned out that the system
handling has been quite intuitive, since different people have been able to operate
the robot instantly. In terms of reliability the whole system worked flawlessly during
the complete time exposed at the fair. For training of the classifier we took 1037
positive hand images from seven people, and 1,269 negative images from non-hand
objects in our lab environment. Using OpenCV we trained our classifier with 20
stages and window size of 32 � 32. Although the classifier was trained under the
lab conditions, it worked quite well under the extreme lighting conditions at the fair.

In order to analyze the performance of the system, we recorded the results of hand
detection from our GUI in the video format while different users were commanding
the robot. Likewise, we moved the camera and took the videos from the environ-
ment. These videos are labeled as “Positive” and “Negative” data. While positive
stands for the hand, the negative represents the non-hand objects. The data were ac-
quired using a PC with dual core 2.4 GHz CPU. The exposure time for 3D sensor
was set at 2ms while for 2D sensor it was about 10 ms. Under these conditions,
we had about 15 detected images (including all algorithms computational time) per
second. The confusion matrix derived from these videos with 2857 hand images and
2717 non-hand images is shown in Table 1.1. As it can be calculated from this table,
the system has a Hit Rate of 0.921, False Positive Rate of 0.032 and the recognition
accuracy of 94.4%.

1.6 Conclusion

In this work we study some aspects of object detection and tracking using 2D/3D
Images. These images are provided by a monocular 2D/3D vision system, so-called
MultiCam. The principle of this camera system as well as the registration and fusion
of 2D/3D data are discussed. This work is concluded with some results of a real time
hand based robot control application which was demonstrated at Hannover fair in
Germany in 2008.
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Chapter 2
Robot Competence Development
by Constructive Learning

Q. Meng, M.H. Lee, and C.J. Hinde

Abstract This paper presents a constructive learning approach for developing
sensor-motor mapping in autonomous systems. The system’s adaptation to environ-
ment changes is discussed and three methods are proposed to deal with long term
and short term changes. The proposed constructive learning allows autonomous sys-
tems to develop network topology and adjust network parameters. The approach is
supported by findings from psychology and neuroscience especially during infants
cognitive development at early stages. A growing radial basis function network is
introduced as a computational substrate for sensory-motor mapping learning. Exper-
iments are conducted on a robot eye/hand coordination testbed and results show the
incremental development of sensory-motor mapping and its adaptation to changes
such as in tool-use.

Keywords Developmental robotics � Biologically inspired systems � Constructive
learning � Adaptation

2.1 Introduction

In many situations such as home services for elderly and disabled people, ar-
tificial autonomous systems (e.g., robots) need to work for various tasks in an
unstructured environment, system designers cannot anticipate every situation and
program the system to cope with them. This is different from the traditional in-
dustrial robots which mostly work in structured environments and are programmed
each time for a specific task. Autonomy, self-learning and organizing, and adapt-
ing toenvironment changes are crucial for these artificial systems to successfully
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fulfil various challenging tasks. Traditional controllers for intelligent systems are
designed by hand, and they do not have such flexibility and adaptivity. General cog-
nitivist approach for cognition is based on symbolic information processing and
representation, and does not need to be embodied and physically interact with the
environment. Most cognitivist-based artificial cognitive systems rely on the experi-
ence from human designers.

Human beings [1] and animals face similar problems during their develop-
ment of sensor-motor coordination, however we can tackle these problems without
too much effort. During human cognitive development, especially at the early
stages, each individual undergoes changes both physically and mentally through
interaction with environments. These cognitive developments are usually staged,
exhibited as behavioural changes and supported by neuron growth and shrinking
in the brain. Two kinds of developments in the brain support the sensory-motor
coordination: quantitative adjustments and qualitative growth [19]. Quantitative
adjustments refer to the adjustments of the synapse connection weights in the
network and qualitative growth refers to the changes of the topology of the net-
work. Inspired by developmental psychology especially Piaget’s sensory-motor
development theory of infants [12], developmental robotics focuses on mecha-
nisms, algorithms and architectures for robots to incrementally and automatically
build their skills through interaction with their environment [21]. The key features
of developmental robotics share similar mechanisms with human cognitive de-
velopment which include learning through sensory-motor interaction; scaffolding
by constraints; staged, incremental and self-organizing learning; intrinsic moti-
vation driven exploration and active learning; neural plasticity, task transfer and
adaptation. In this paper, we examine robot sensory-motor coordination devel-
opment process at early stages through a constructive learning algorithm. Con-
structive learning which is inspired by psychological constructivism, allows both
quantitative adjustments and qualitative network growth to support the develop-
mental learning process. Most static neural networks need to predefine the net-
work structure and learning can only affect the connection weights, and they
are not consistent with developmental psychology. Constructive learning is sup-
ported by recent neuroscience findings of synaptogenesis and neurogenesis oc-
curring under pressures to learn [16, 20]. In this paper, a self-growing radial ba-
sis function network (RBF) is introduced as the computational substrate, and a
constructive learning algorithm is utilized to build the sensory-motor coordina-
tion development. We investigate the plasticity of the network in terms of self-
growing in network topology (growing and shrinking) and adjustments of the
parameters of each neuron: neuron position, the size of receptive field of each
neuron, and connection weights. The networks adaptation to systems changes is
further investigated and demonstrated by eye/hand coordination test scenario in
tool-use.
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2.2 Sensory-Motor Mapping Development
Via Constructive Learning

In order to support the development of sensor-motor coordination, a self-growing
RBF network is introduced due to its biological plausibility. There exists very
strong evidence that humans use basis functions to perform sensorimotor transfor-
mations [15], Poggio proposed that the brain uses modules as basis components for
several of its information processing subsystems and these modules can be realized
by generalized RBF networks [13, 14].

There are three layers in the RBF network: input layer, hidden layer and output
layer. The hidden layer consists of radial basis function units (neurons), the size of
receptive field of each neuron varies and the overlaps between fields are different.
Each neuron has its own centre and coverage. The output is the linear combination
of the hidden neurons.

A RBF network is expressed as:

f.x/ D a0 C
NX
kD1

ak�k.x/ (2.1)

�k.x/ D exp

 
� 1

�2
k

kx � µkk2
!

(2.2)

where f.x/ D .f1.x/; f2.x/; � � �; fNo
.x//T is the vector of system outputs, No is the

number of outputs and X is the system input. ak is the weight vector from the hidden
unit �k.x/ to the output,N is the number of radial basis function units, and µk and
�k are the kth hidden unit’s center and width, respectively.

2.2.1 Why Constructive Learning?

According to Shultz [19, 20], in addition to that constructive learning is supported
by biological and psychological findings, there are several advantages of construc-
tive learning over static learning: first, constructive-network algorithms learn fast (in
polynomial time) compared with static learning (exponential time), and static learn-
ing maybe never solve some problems as the designer of a static network must first
find a suitable network topology. Second, constructive learning may find optimal
solutions to the bias/variance tradeoff by reducing bias via incrementally adding hid-
den units to expand the network and the hypothesis space, and by reducing variance
via adjusting connection weights to approach the correct hypothesis. Third, static
learning cannot learn a particular hypothesis if it has not been correctly represented,
a network may be too weak to learn or too powerful to generalize. Constructive
learning avoids this problem because its network growth enables it to represent a
hypothesis that could not be represented previously with limited network power.
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2.2.2 Topological Development of the Sensory-Motor
Mapping Network

During the development of sensory-motor mapping network, two mechanisms exist:
topological changes of the mapping network and network parameter adjustments.
The qualitative growth of the sensory-motor mapping network depends on the
novelty of the sensory-motor information which the system obtained during its
interaction with the environment in development, the growth is incremental and
self-organizing. The sensory-motor mapping network starts with no hidden units,
and with each development step, i.e., after the system observes the consequence
of an action, the network grows or shrinks when necessary or adjusts the network
parameters accordingly. The network growth criteria are based on the novelty of the
observations, which are: whether the current network prediction error for the current
learning observation is bigger than a threshold, and whether the node to be added is
far enough from the existing nodes in the network: ke.t/k D ky.t/� f.x.t//k > e1,
kx.t/ � µr .t/k > e3. In order to ensure smooth growth of the network the predic-

tion error is checked within a sliding window:

s
tP

jDt�.m�1/
ke.j /k2

m
> e2, where,

.x.t/; y.t// is the learning data at t th step, and µr.t/ is the centre vector of the near-
est node to the current input x.t/. m is the length of the observation window. If the
above three conditions are met, then a new node is inserted into the network with the
following parameters: aNC1 D e.t/; µNC1 D x.t/; �NC1 D k kx.t/� µr.t/k,
where, k is the overlap factor between hidden units.

The above network growth strategy does not include any network pruning, which
means the network size will become large, some of the hidden nodes may not
contribute much to the outputs and the network may become overfit. In order to
overcome this problem, we use a pruning strategy as in [8], over a period of
learning steps, to remove those hidden units with insignificant contribution to the
network outputs.

Let onj be the j th output component of the nth hidden neuron, onj D
anj exp.� kx.t/�µnk2

�2
n

/; rnj D onj

max.o1j ;o2j ;��� ;oNj /
:

If rnj < ı forM consecutive learning steps, then the nth node is removed. ı is a
threshold.

2.2.3 Parameter Adjustments of the Sensory-Motor
Mapping Network

There are two types of parameters in the network, the first type of parameter is
the connection weights; the second is parameters of each neuron in the network:
the position and the size of receptive field of each neuron. A simplified node-
decoupled EKF (ND-EKF) algorithm was proposed to update the parameters of
each node independently in order to speed up the process. The parameters of the
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network are grouped intoNoCN components. The firstNo groups are the weights,
wk D Œa0k ; a1k ; � � � ; aNk �T ; k D 1; 2; � � � ; No (aij is the weight from i th hidden
node to j th output); and the rest N groups are the parameters of hidden units’
parameters: wk D ŒµT

k
; �k�

T ; k D 1; 2; � � � ; N . The superscript T stands for
transpose of a matrix.

So for kth parameter group at t th learning step, ND-EKF is given by:

wk.t/ D wk.t � 1/C Kk.t/ek.t/ (2.3)

where

ek.t/ D
�
yk.t/ � fk.x.t// k D 0; 1; 2; � � � ; No
y.t/ � f.x.t// k D No C 1; � � � ; No CN

(2.4)

and Kk.t/ is the kalman gain, yk.t/ is the kth component of y.t/ in training data
.x.t/; y.t//, Bk.t/ is the submatrix of derivatives of network outputs with respect
to the kth group’s parameters at t th learning step. Rk.t/ is the variance of the
measurement noise, and is set to be diag.�/ (� is a constant) in this paper. q is a
scalar that determines the allowed random step in the direction of the gradient vector.

In our algorithm, an extended Kalman filter is used to adjust the systems’s param-
eters. There may exist a similar mechanism in our brain. Recent research findings
has found evidences that Kalman filtering occurs in visual information process-
ing [17, 18], motor coordination control [22], and spatial learning and localization
in the hippocampus [1, 21]. In hippocampus studies, a Kalman filtering framework
has been mapped to the entorhinal-hippocampal loop in a biologically plausible
way [1, 21]. According to the mapping, region CA1 in the hippocampus holds the
system reconstruction error signal, and the internal representation is maintained by
Entorhinal Cortex (EC) V–VI. The output of CA1 corrects the internal represen-
tation, which in turn corrects the reconstruction of the input at EC layers II–III.
O’Keefe also provided a biologically plausible mechanism by which matrix inver-
sions might be performed by the CA1 layer through an iterated update scheme and
in conjunction with the subiculum [11]. In addition, the matrix inversion lemma has
been widely used in computational neuroscience [4].

2.3 Adaptation of Sensory-Motor Mapping

Two kinds of changes in our daily life may require the learned sensory-motor map-
ping to update: short term changes and long term changes. For the short term,
humans may just reuse learned knowledge and quickly adjust some parameters to
adapt to the environment changes. But for the longer term, after an adult is trained in
a special environment or for a special tasks for a long time, they may grow new neu-
rons to gain new skills, and to enhance the already acquired knowledge. Examples of
these two kinds of changes can be found during human development, the kinematics
of limbs and bodily structures are not fixed during human growth but may change,
either slowly over long periods during growth and bodily maturation, or rapidly
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such as when we use tools to extend the reach or function of our manipulation abil-
ities. It has been discovered that infants learn and update sensorimotor mappings
by associating spontaneous motor actions and their sensory consequences [12]. It
takes a relatively long time to build up the mapping skills, which involves neuron
growth processes in the brain to support the sensorimotor transformation. After an
adult has gained the basic skills, they can quickly adapt to different situations, for
example, an adult can quickly adapt to the use of a pointer to point to a seen target.
This indicates that after rapid structural changes we do not learn new sensorimo-
tor skills from scratch, rather we reuse the existing knowledge and simply (and
quickly) adjust some parameters. Maguire et al [9] studied the structural changes in
the hippocampi of licensed London tax drivers. They found that taxi drivers had a
significantly greater volume in the posterior hippocampus, whereas control subjects
showed greater volume in the anterior hippocampus. Maguire’s study suggests that
the human brain grows or shrinks to reflect the cognitive demands of the environ-
ment, even for adults.

In autonomous systems, some parameters may gradually change after a long time
use, the systems need to adapt to these changes automatically. Autonomous systems
have additional situations where structures may change suddenly, these may be un-
intentional, for example when damage occurs through collisions, or by design when
a new tool is fitted to the arm end-effector. For these reasons it is important for au-
tonomous systems in unstructured environments to have the ability to quickly adjust
the existing mapping network parameters so as to automatically re-gain the eye/hand
coordination skills. We note that humans can handle this problem very well. Recent
neurophysiological, psychological and neuropsychological research provides strong
evidence that temporal, parietal and frontal areas within the left cerebral hemisphere
in humans and animals are involved and change during activities where the hand
has been extended physically, such as when using tools [2, 3, 5, 6, 10]. Japanese
macaque monkeys were trained to use a rake to pull food closer, which was origi-
nally placed beyond the reach of their hands [2, 3]. The researchers found that, in
monkeys trained in tool-use, a group of bimodal neurons in the anterior bank of the
intraparietal sulcus, which respond both to somatosensory and visual stimuli related
to the hand, dynamically altered their visual receptive field properties (the region
where a neuron responds to certain visual stimuli) during training of the tool-use.

In this paper, we develop approaches of adapting to environments, and more
specifically, different robot limb sizes in our experiments, were investigated and
compared. All these adaptation skills are usually not available in commercial
calibration-based eye/hand mapping systems.

In our plastic RBF network for robotic eye/hand mapping, the knowledge learned
for the mapping is stored in the network in terms of the number of neurons, their
positions and sizes of receptive fields, and the node weights. In order to quickly
adapt to structural changes of the robotic system, this knowledge needs to be reused
in some way rather than setting up the network again from empty. In this paper, we
considered three methods for such adaptation, all of them reuse the learned knowl-
edge by adjusting the learned network:

1. Full adjustment of the learned network after a structural change. This includes
network topological changes by adding new hidden nodes or remove existing
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ones if necessary, and adjusting the following parameters: the centres and widths
of the existing nodes, and the weights from the hidden nodes to the outputs.

2. Adjusting the weights of the learn+. ed network, removing the insignificant hid-
den units, but keeping the rest of the hidden units unchanged.

3. Only adjusting the weights, and keeping the hidden unit structure of the learned
network completely unchanged.

2.4 Experimental Studies

2.4.1 Experimental System

In this paper, the robot eye/hand coordination is used as a testbed to demonstrate
the process of constructive learning and adaptation of the sensory-motor mapping
network to the changes. The experimental robot system has two manipulator arms
and a motorized pan/tilt head carrying a color CCD camera as shown in Fig. 2.1.
Each arm can move within 6 degrees of freedom. The whole system is controlled
by a PC running XP which is responsible for controlling the two manipulator arms,
any tools, the pan/tilt head, and also processing images from the CCD camera and
other sensory information. The control program is written in C++.

In this paper only one of the robot arms was used. In the experiments we com-
manded the robot arm to move randomly at a fixed height above the table by driving
joint 2 and joint 3 of the robot arm. After each movement, if the hand was in the
current field of view of the camera, the eye system moved the camera to centre on
the end of the robot finger, and then the pan/tilt head position .p; t/ and current arm

Fig. 2.1 Experimental system for developmental coordination learning
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joint values of the two joints used .j 2; j 3/ were obtained to form a training set for
the system; otherwise, if the hand tip is out of the view of the camera, this trial was
ignored because the eye could not locate the arm end before setting up the mapping
between pan/tilt and robot arm. After each trial, the obtained data .p; t; j 2; j 3/ was
used to train the mapping network, and this data was used only once. In order to
simplify the image processing task of finding the end of the robot finger we marked
the finger end with a blue cover. The position of the blue marker could be slid up
and down the finger to effectively alter the length of the finger.

2.4.2 Constructive Learning and Adaptation in Tool-Use

To illustrate the network topological growth and parameter adjustments in construc-
tive learning, Fig. 2.2 gives the structures of the hidden units at the 100th learning
step and the 1597th learning step in eye/hand mapping. The results shows that at
the beginning, the system used large neurons to quickly cover the whole space, and
later on gradually built the details with smaller neurons when necessary, this let the
system achieve more accuracy. This neuron growing process from coarse to fine us-
ing different neuron coverages is similar to infant development where the decrease
in the size of neural receptive fields in the cortical areas relates to object recogni-
tion ability [24]. Figure 2.2 also demonstrates the changes of position and size of
receptive field of each neuron. It should be noted that some neurons are removed in
the learning process due to their small contribution to the sensory-motor mapping
network.

Our next experiment was to test the network’s adaptability to sudden changes
in the motor-sensory relationship due to structural changes. We chose changes in
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Fig. 2.2 Distribution of the hidden units and their coverage in eye/hand mapping by RBF with
SDEKF. The background points are the input learning points in the pan and tilt space of the camera
head, and the circles are the hidden units of the eye/hand mapping network
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Fig. 2.3 Adapting to structural change by reusing the learned network in different ways

finger length as a scenario to test this adaptability. Using a variety of tools with
different sizes is necessary for a robot system to conduct different tasks, and the
eye/hand mapping network’s ability to quickly adapt to this change is crucial for the
robot to re-gain its eye/hand coordination skills. We have tested three approaches
to reusing and adjusting the learned eye/hand mapping network in order to re-gain
coordination skills. As a test, at the 1598th trial (a purely arbitrary point) the finger
length was changed in size from 27.5cm long to 20.5 cm long and we investigated
the adaptation of the system to such a sudden change. Figure 2.3(a) shows the output
error when all the parameters of the learned network are adjusted, including adding
possible nodes, moving node centres, adjusting widths of each node, and updating
the weights. Figure 2.3(b) and Fig. 2.3(c) show the results of only adjusting the
weights and keeping the parameters of the hidden units unchanged, but Fig. 2.3(b)
used a pruning procedure as described in Section 2.2.2 to remove the insignificant
hidden units, while Fig. 2.3(c) kept the hidden unit structure completely unchanged.
From the results, we can see that all three methods quickly adapt to the sudden
change in finger size. The method of adjusting the full network parameters achieved
the best result. Although the other two methods did not change the parameters of
the hidden units of the learned network, they obtained reasonable small errors. It
is important to note that, the third method, which completely reused the original
hidden unit structure in the mapping network and only adjusted weights, achieved a
quite similar result to the second method with pruning. This may be similar to the
approach that adults adopt to handle tool changes. We can quickly adapt to structural
changes with little effort, but during such short time-scales we cannot regenerate
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receptive fields in our brain, and so may only reuse the knowledge already learned
and quickly adjust the weights of the existing neurons. But if we are trained to use
this tool for a long time, we may improve our operation skills as we might grow new
neurons to support the changes as in Fig. 2.3(a).

Now considering network size, as shown in Fig. 2.4, the first method with full
updating of all network parameters required by far the largest network, 48 nodes;
while the second method removed three hidden units, reducing the network to 16
nodes; the third method kept the original network size, 19 nodes.

We have also studied the staged development in sensory-motor mapping learning
process [7]. The system constructs sensory-motor schemas in terms of interlinked
topological mappings of sensory-motor events, and demonstrates that the construc-
tive learning moves to next stage if stable behaviour patterns emerges.

2.5 Conclusions

Constructive learning has advantages over static learning in sensory-motor map-
ping development for autonomous systems. It supports both topological network
growth and parameter adjustments, which is supported by findings in psychology
and neuroscience. It also has the advantage of adaptation to system changes such as
in tool-use. A growing radial basis function network by constructive learning con-
structs the computational substrate for such sensory-motor mapping development.
It forms a platform to examine the relationship between behaviour development
and the growth of internal sensory-motor mapping network; the staged and devel-
opmental learning process through various constraints in motors and sensors; and
active behaviour learning driven by intrinsic motivation. The experimental results
on robot eye/hand coordination demonstrate the incremental growth of the mapping
network and the system’s adaptation to environmental changes.
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21. Szirtes, G Kabor, Póczos, Barnab Kas, and Lőrincz, Andr Kas (2005). Neural Kalman filter. Neuro-
computing, 65–66:349–355.

22. Todorov, E. and Jordan, M.I. (2002). Optimal feedback control as a theory of motor
coordination. Nature Neuroscience, 5(11):1226–1235.

www.Technicalbookspdf.com



26 Q. Meng et al.

23. Weng, Juyang, McClelland, James, Pentland, Alex, Sporns, Olaf, Stockman, Ida, Sur,
Mriganka, and Thelen, Esther (2001). Autonomous mental development by robots and animals.
Science, 291(5504):599–600.

24. Westermann, G. and Mareschal, D. (2004). From parts to wholes: Mechanisms of development
in infant visual object processing. Infancy, 5(2):131–151.

www.Technicalbookspdf.com



Chapter 3
Using Digital Watermarking for Securing
Next Generation Media Broadcasts

Dominik Birk and Seán Gaines

Abstract The Internet presents a problem for the protection of intellectual property.
Those who create content must be adequately compensated for the use of their
works. Rights agencies who monitor the use of these works exist in many juris-
dictions. In the traditional broadcast environment this monitoring is a difficult task.
With Internet Protocol Television (IPTV) and Next Generation Networks (NGN)
this situation is further complicated.

In this work we focus on Digitally Watermarking next generation media broad-
casts. We present a framework which provides the ability to monitor media broad-
casts that also utilises a Public Key Infrastructure (PKI) and Digital Certificates.
Furthermore, the concept of an independent monitoring agency, that would operate
the framework and act as an arbiter, is introduced. We finally evaluate appro-
priate short signature schemes, suitable Watermarking algorithms and Watermark
robustness.

Keywords Next generation networks � Broadcast monitoring � Public key
watermarking � IPTV � PKI � Short signature

3.1 Introduction

Radio and television are audio and video broadcasting services typically broad-
casted over the air, cable networks or satellite networks. Since the advent of the
Internet, the distribution of media content has always been a principal goal, how-
ever for many years this was not realised due to the prohibitive cost and limited
capabilities of personal computers.
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With the transition to digital media streams received over the Internet, new
challenges loom. Today, the practices of recording, distribution and copying mul-
timedia content is easy and straightforward [11]. Due to these facts, it is more and
more difficult to enforce copyright and to safeguard intellectual property for broad-
cast media.

Digital Watermarking [6], which may be considered as a form of steganography
[8], attempts to address this problem by embedding information within the digi-
tal signal. The embedded Watermark is invisible to the user, should not affect the
perceived aesthetic quality of the final signal, nor should the Watermark reveal any
clues about the technique used to embed it. However, it is debatable whether tradi-
tional Watermarking systems, which are based on disclosure of the key needed to
embed and to detect the watermark are generally suitable for proving ownership or
authentication. Therefore, we established a framework based on asymmetric public-
key cryptography which is used for exhaustive authentication with the help of Blind
Watermarking techniques.

In many jurisdictions broadcasters have regulatory obligations which attempt to
protect the intellectual property [8] and copyrights of authors, songwriters, perform-
ers, actors, publishers, etc. Furthermore, in some jurisdictions there exists bodies
charged with the defense of the rights of intellectual property and copyright hold-
ers and the calculation, charging and collection of performance royalties on the use
of these protected works. Currently, there are several cases in which broadcasters
cannot confidentially confirm that their royalties liabilities are correctly calculated.
This is because they currently do not employ a viable automated system to measure
what protected works are broadcasted, how often and when. Therefore a gap has
opened up in the actual amount charged by the rights bodies and the correct payable
royalties liability of the broadcaster.

This paper describes a specific Watermarking concept that may be used for iden-
tifying next generation media broadcast streams based on PKI authentication. We
introduce a formal PKI framework in section 3.3 allocating authentication meth-
ods and then focus on procedures and measures for Watermarking media streams
in legacy networks as well as NGNs using PKI. We prove our proposal through an
exemplified scenario on video stream Watermarking.

3.2 Framework Overview

A general overview of the framework with its three parties can be seen in Fig. 3.1.
It makes use of two additional frameworks, the PKI and the Watermarking
Framework.

The PKI Framework, described in chapter 3.3, is used for establishing a trust
network between all of the involved entities. The broadcaster (BC) can initialise the
monitoring process for metering his use of protected works and hence the royalties
payable rights entity can also launch the monitoring process for billing purposes.
In practice, the PKI procedures (3.1) should be established as the first step in the
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deployment of the framework. The PKI is necessary for establishing a trusted re-
lationship with the purpose of distributing authenticated private and public keys
utilising digital certificates. To start the process of monitoring, a “Request for Mon-
itoring” (3.2) is sent to the monitoring agency (MA).

Afterwards, the broadcaster selects a piece of content which he wants to stream
(3.3) and computes the corresponding hash table (see Section 3.4.2.3). This hash
table is carried over a secure and authenticated channel to the MA as well as to the
rights entity (EX). Afterwards, the broadcaster initiates the process defined by the
Watermarking Framework.

The Watermarking Framework specifies procedures for Watermark embedding,
retrieval and verification in media streams (3.4). The rights entity is the entity
which charges broadcasters for distributing media content over a chosen distribu-
tion network. It also attempts to track and process broadcast media with the help
of information obtained by the monitoring agency. The broadcaster will sign the
stream which is about to be broadcasted with his private key. Subsequently, the
corresponding signature will be embedded into the media stream with known Wa-
termarking techniques. Later in the process, the monitoring agency will extract the
Watermark and verify the signature. So, the agency can be sure that only the original
broadcaster broadcasted the media content, due to the fact that additional security
metadata, such as timestamps and identifiers, are used. Additionally, EX can also
verify the signature in order to prevent abuse by the MA (5).
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The objective of the whole framework is to let the broadcaster mark the file
stream uniquely but also provides the monitoring agency with the possibility to
identify the broadcast stream and therefore the corresponding broadcaster. Within
this framework, non-repudiation is also provided. This means that the broadcaster
cannot deny having broadcasted a Watermarked media stream.

3.3 PKI Framework

The PKI framework makes use of a root Certificate Authority (CA) in which each
participating entity must trust. The monitoring agency, rights entity and the broad-
caster submit their created public keys (PK) or create the keys directly at the CA for
receiving the corresponding Certificate and the Certificates of all other participants.

3.3.1 Overview

Trust forms the basis of all communication, be it physical or electronic. In the
case of electronic communication, building trust is quite difficult as the identity
of the other entity remains concealed. While a PKI normally provides confidential-
ity, non-repudiation, authentication and integrity, our framework mainly focuses on
authentication and non-repudiation.

A detailed description of the three stages in Fig. 3.2 will be given in the following
section.

1. This step demonstrates a particular need of a PKI. The public key (PKCA) of the
CA has to be pre-distributed in an authenticated manner to any involved entity,
otherwise no secure communication with the CA is possible.

2. As soon as the entities have received the authenticated PKCA over a secure, au-
thenticated channel, they create their own secret (SKX , SKMA and SKBC ) and
public key (PKX , PKMA and PKBC ) and subsequently send a PKCS#10 Cer-
tificate request to the Certificate Authority. With Digital Signatures in Certificate
requests, the CA can be sure that the sender has a private key related to the public
key. Therefore, the sender has a proof of possession [4] but the receiver needs to
assure that the entity with which he is communicating is not spoofed.

3. If the CA receives the Certification request, it behaves like a Registration Au-
thority (RA) and tries to validate the information stored in the PKCS#10 file. If
it is valid, a X.509 Certificate is issued by signing the corresponding PK of the
entity. Afterwards, all Certificates are distributed to all entities for authentication
reasons. So, the broadcaster owns now a Certificate concerning the PK of EX
which was issued by the corresponding CA. The Certificate will be used during
the Watermarking processes in order to authenticate the sender.
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As previously mentioned, the main purpose of these protocol steps is providing full
authentication. Now, the broadcasting entity could sign a message and send it to the
monitoring agency or indeed to the rights entity and both entities could be assured,
that the message was sent by the broadcaster.

3.4 Watermarking Framework

The Watermarking Framework, illustrated in Fig. 3.3, specifies the communication
protocol between the broadcaster and the monitoring agency in which the rights
entity is not involved. Furthermore, the Watermarking Framework provides a de-
tailed insight into procedures for creating, detecting, extracting and verifying the
Watermark.

3.4.1 Overview

The framework is initialised at the moment the broadcaster had chosen a content
file and transferred the corresponding hash table to the MA (see Algorithm 3.4.2.3).
Afterwards, no further information needs to be sent to the MA due to the use of
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message recovering signatures. So the MA can be sure about who broadcast the
stream and what stream has been broadcasted. This information is sufficient for
metering and charging purposes.

The chief characteristic of a Watermarking scheme for copyright protection, or
DRM, is that the Watermark cannot be separated from the medium without knowl-
edge of a secret value. We, in our specific case, target on another characteristic:
sender authentication. It should be possible to identify the broadcasting station un-
ambiguously and show exactly who broadcasted what stream and when.

Therefore, our Watermark information contains a digital signature issued by
the broadcaster. Each entity that receives the broadcast stream and owns the
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corresponding broadcaster certificate, can clearly verify the distributed stream
with the help of the corresponding PK .

Below, we discuss suitable signature schemes and Watermarking algorithms. We
introduce adequate procedures for embedding and retrieving the Watermark with
the help of a beacon in addition to verifying the signature.

3.4.2 Signature Schemes

A principal requirement to all Watermarking systems is the need for a small Water-
mark. The larger the Watermark, the larger are the chances for adversely affecting
the quality of the streamed media. In our case, the Watermark depends on the cor-
responding signature which has to authenticate the media stream. Interference and
transaction defects could cause problems in extracting the Watermark. Therefore,
the signature scheme output has to be as small [9] as is possible to be able to embed
the Watermark as often as possible and to be repeated multiple times throughout the
stream.

The Nyberg-Rueppel ([10], hereafter NR) signature scheme focuses on the size
of the input and output and is a DSA-like signature with message recovery.

3.4.2.1 The Nyberg-Rueppel Signature Scheme

NR is perfectly suited to messages shorter than ten bytes but leaves the question of
dealing with short messages, of say fifteen bytes, unanswered. In our specific case,
the hash to be signed is exactly 10 bytes long and brings only a marginal risk of
collision (see Section 3.4.2.2 for further details).

Message recovery [1], another characteristic of NR signatures, provides means so
that the original message can be extracted out of the signature. In our given case, this
characteristic aligns with our goals. The hash value of the messagem does not need
to be created by the monitoring agency, due to the fact that it can be extracted from
the signature due to the aforementioned message recovery characteristic. However,
it is necessary to transfer a hash table (see Section 3.4.2.3) once from the BC to the
MA. This could happen in periodical time-frames.

The complete NR algorithm is shown in Algorithm 3.1 using the standard dis-
crete logarithm (DL) problem.

3.4.2.2 Short Hash Methods

Hash functions are often used in digital signature algorithms. The messagem that is
about to be hashed, in our case, consists of an identifier string ID-str concatenated
with an ID number ID-num and an unique times-tamp ID-time:
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Algorithm 3.1 Nyberg-Rueppel signature generation and verification
Summary: the broadcaster signs a message m 2 M. The monitoring agency can verify the broad-
caster’s signature and recover the message m from the signature.

1. Signature Generation. The broadcaster has to do the following:

(a) Compute Qm = R.m/.
(b) Select a random secret integer k, 1 � k � q � 1 and compute r D ˛�k mod p.
(c) Compute e D Qmr mod p
(d) Compute s D ae C k mod q.
(e) The broadcaster’s signature for the specific m is the pair .e; s/.

2. Verification. To verify the broadcaster’s signature .e; s/ on m, the monitoring agency should
do the following:

(a) Obtain the broadcaster’s authentic public key .p; q; ˛; y/ and verify it with the
corresponding certificate delivered by the CA earlier (see Fig. 3.2).

(b) Verify that 0 < e < p; if not, reject the signature.
(c) Verify that 0 � s < q; if not, reject the signature.
(d) Compute v D ˛sy�e mod p and Qm D ve mod p
(e) Verify that Qm 2 MR; if Qm 62 MR then reject the signature.
(f) Recover m D R�1. Qm/.

m D ID-str jj ID-num jj ID-time (3.1)

The ID-str could be represented through the name of the media content, for in-
stance. The ID-num could be an identification number. The ID-time is a unique
time-stamp which prevents replay-attacks. This means, that an adversary may not
record the stream and broadcast it later again on an authorised channel which is also
monitored.

3.4.2.3 Hash Table for Verification Purposes

A hash table ht in our specific case is a data structure that associates the hash
value with ID-str, ID-num and ID-time. The hash table contains several important
attributes and is essential for the verification process by the MA (see Fig. 3.4).

Transferring the hash table to the MA, can be compared to the cryptographical
commitment scheme, visualized in Algorithm 3.2, except that the hash table has no
hidden value. The prover, respectively the BC, sends the “commitment” in form
of the hash table ht to the verifier (the MA). MA will forward the signed hash

Hash ID-str ID-num ID-time

e80c78299acc041ffd23 Title A 42133 34523312
9a2002a978b5c7538952 Title B 87565 56245323
65ae7da24e501c95a0ae Title C 52332 6345231

Fig. 3.4 Structure of the Hash table
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Algorithm 3.2 Secure and authentic Hash table distribution
Summary: during the commitment phase, the hash table is transferred to MA and EX. During the
opening phase, BC proves to MA and EX that he is broadcasting one of the items in the hash table.

1. commitment phase:

1. BC �! MA: encPKMA (signSKBC .ht ))

2. MA �! EX: encPKEX (signSKBC .ht ))

2. opening phase:

1. BC �! MA: watermark(signSKBC .hs))

2. MA: extract signature from stream with the help of beacon

3. MA �! EX: encPKEX (signSKBC .hs))

table to the rights entity but encrypts it with the corresponding PKEX in order to
guarantee secrecy which is needed to prevent other parties from viewing the hash
table. This can be seen as the commitment phase and takes place directly after having
chosen the file to be streamed. The encryption is necessary due to the possibility that
the hash table of a potential business rival might be seen by another party. Later,
after broadcasting the media content, the verifier can scrutinise, with the help of
the message recovery characteristic of the signature, whether the BC broadcast the
content correctly or not (opening phase). As can be seen in Fig. 3.4 that the hash
value is only made of 10 bytes/20 hex characters. For verification, the MA needs
to extract the hash value out of the signature with the help of the message recovery
characteristic. Afterwards, he will look up the hash in the transferred hash table and
check whether the corresponding ID-fields are valid. The same procedures can be
done by the EX in order to be sure that the MA is not cheating.

For instance, if a video stream was recorded and replayed at a later point in time,
the MA will recognise that due to this fact it will not match the ID-time field in the
hash table. A video stream can only be validly broadcast once. If the BC tries to
cheat by changing the ID-str field for a piece of media content with a lower or no
payable royalty, the MA will detect that.

3.4.2.4 Case Study: Video Broadcaster

The Internet Movie Database (IMDB) published interfaces for several systems to
access the IMDB locally. For our case study, we downloaded the complete IMDB
title textfile which contains currently 1.206.730 different movie titles. We used
the movie title as a ID-str and created a unique number used as the ID-num. The
time-stamp ID-time was the current date parceled as a unixtimestamp. An example
of an assignment between unixtimestamp and normal time can be seen in Eq. 3.2.
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05=07=1982@00 W 00 H) 389592000 (3.2)

For instance, in our simulation,m looked like this:

m = Title A„ƒ‚… jj 23754„ƒ‚… jj 534056„ ƒ‚ …
ID-str ID-num ID-time

(3.3)

We created 1,206,730 different messages m and subsequently hashed them with
MD5 and SHA-1. Afterwards, we extracted the first 10 bytes which satisfy the first
20 characters of the output HEX value. No collisions were detected for both hash
functions, MD5 and SHA-1, even with only using the first 10 bytes of the hash-sum.

hs D Œ0:::9�hash.m/ (3.4)

3.4.3 Suitable Watermarking Algorithms

A substantial body of research in Watermarking algorithms can be found in litera-
ture [12]. However, in our specific case, the Watermark should have special control
characteristics which are required to guarantee the ability to verify the embedded
signature by the monitoring agency.

� Robustness
Robust Watermarks are designed to resist against heterogeneous manipulations
and therefore not substantial for our framework [3]. Our framework focuses on
authentication, not on robustness against manipulation. Only robustness against
accidental manipulation or signal interference would be useful in our case.

� Invisibility
The Watermark embedded into a video stream should be visually imperceptible.

� Inaudibility
The Watermark of an audio stream or the audio track in a video stream should be
unaudible.

� Complexity
Watermarking and Watermark retrieval should, in principle, have low complexity.
Due to the fact that our case focuses on streaming applications, the functions for
embedding and retrieving of the Watermark should be as simple as possible so
that on the fly, or faster than realtime, Watermarking is possible.

� Compressed domain processing
We assume that the broadcaster will store the media files in a compressed format.
Referring to the above complexity requirement, embedding the watermark into
the compressed video stream should be possible, specific decode and recode steps
for watermarking are undesirable as not to affect the overall performance of the
system.
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In our case, there is no need to keep the Watermark private. Each participant in
the framework may extract the Watermark via the known beacon needed to locate
the Watermark. Afterwards, the signature can be extracted from the Watermark and
verified with the help of the corresponding public key.

3.4.3.1 Proposed Watermarking Algorithm

Basically, a Watermarking system for our purposes can be described by a tuple
hO;S;W;H;P ;G; CS ; EH ;DH ; VP i where O is the set of all original data, a
video stream for instance. The set S contains all secret keys needed for creating
an unforgeable signature. W represents the set of all Watermarks (signatures, in our
case) and H the set of all beacons. Beacons in our scenario are markers that sig-
nify the presence and start of a Watermark bit sequence in the signal. The beacon
substitutes the key in normal Watermarking systems. P describes the set of public
keys which are needed to verify the signature and G represents the set of Certificates
issued by the CA.

Four functions are described as followed:

CS W O � S �! O (3.5)

EH W O � S � W � H �! O (3.6)

DH W O � H �! W (3.7)

VP W W � P � G �! f1; 0g (3.8)

CS focuses on creating the corresponding Watermark through a signature. EH de-
scribes the function for embedding the Watermark andDH respectively the function
for extracting it. Furthermore, VP stands for the verification function needed to
check if the Watermark is valid.

The Watermark w is created with

w D signSKBC
.hs/ (3.9)

and outputs a short bit-string which contains the signature of the reduced hash-sum.
See Eq. 3.4 for further details about the reduced hash-sum hs.

3.4.4 Embedding the Watermark

In this subsection we focus on the embedding process of the signature/ Watermark.
Hartung and Girod proposed in 1998 [7] a method which focuses on Watermarking
MPEG-2 video data. We adopt the proposed methods for our purposes of embedding
the signature into a given video broadcast stream. For further information, the inter-
ested reader is referred to [7].
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The basic concept of Hartung and Girod [7] was to present a Watermarking
scheme for MPEG-2 encoded as well as uncompressed video based on spread-
spectrum methods [5].

Let

aj ; aj 2 f�1; 1g; j 2 N (3.10)

be the Watermark bit sequence to be hidden in a linearised video stream. In our
case, this bit sequence contains the signature which was created by signing the re-
duced hash with a specific short signature method based on the NR algorithm (see
Algorithm 3.1). This discrete signal is up-sampled by a factor cr called the chip-rate,
to obtain a sequence

bi D aj ; j � cr � i < .j C 1/ � cr; i 2 N (3.11)

so as to provide redundancy. The new bit sequence bi is modulated by a
pseudo-noise signal, respectively the beacon in our specific case, pi whereas
pi 2 f�1; 1g; i 2 N and previously scaled by a constant ˛i � 0. Therefore, the
spread spectrum Watermark now consists of

wi D ˛i � bi � pi i 2 N (3.12)

Afterwards, the spread spectrum Watermark wi is added to the line-scanned digital
video signal vi yielding the new, Watermarked video signal

Qv D vi C wi D vi C ˛i � bi � pi (3.13)

Due to the noisy appearance of pi , the spread spectrum watermark wi is also noise-
like and therefore difficult to detect and remove.

In ordinary Watermarking schemes, pi is typified as the secret key. As already
noticed, our proposed scheme doesn’t need a secret key, therefore the pi sequence
is a beacon known to both the broadcaster and the monitoring agency. Hartung and
Girod proposed to create pi with the help of feed-back shift registers producing
m-sequences or chaotic physical processes. However we propose to use a public and
arranged sequence which does not itself cause interference itself and is frequently
repeated.

3.4.5 Retrieval of the Watermark

The proposed methods rely on Blind Watermarking techniques and therefore do
not need the original video stream in the retrieval process. To correctly decode the
information, the “secret” beacon pi must be known. Due to the public nature of pi
in our case, the monitoring agency knows the sequence.
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Optionally, the Watermarked stream can be high-pass filtered in order to im-
prove the performance of the overall Watermarking system. Afterwards, the possibly
Watermarked video stream Nv is multiplied by the same noise-like beacon stream pi
that was used in the embedding process.

sj D
X

j �cr�i<.jC1/�cr
pi � NQv D

X
j �cr�i<.jC1/�crpi � Nv„ ƒ‚ …

†1

C
X X

j �cr�i<.jC1/�cr
pi � pi � ˛i � bi

„ ƒ‚ …
†2

�
X

j �cr�i<.jC1/�cr
p2i � ˛ � bi (3.14)

We now assume, in accordance with Hartung and Girod, that †1 is zero due to
the fact that the video signal has been filtered out. Furthermore, we assume that
pi � ˛i � bi �pi � ˛i � bi which therefore means, that the high-pass filtering has
negligible influence on the white pseudo-noise Watermark signal. Following the
proposal of Hartung and Girod, the sign of the correlation sum is the embedded
information bit

sign.sj / D sign.aj / D aj (3.15)

3.4.6 Verifying the Signature

It is possible for the monitoring agency to verify the signature which is represented
by the extracted bit sequence. The method VP verifies the signature with the help of
the corresponding public key which is taken from the Certificate in order to be sure,
that only the public key belonging to the correct broadcaster is used.

But verification alone is not sufficient in our case. The monitoring agency has to
be sure, that the broadcaster keeps to the preassigned streaming plan. Therefore, a
signature algorithm was used which has the characteristic called message recovery.
This means, the message can be extracted from the signature after verifying it. See
the Algorithm 3.1 for more details about the verification procedure.

Due to the fact, that the broadcaster signed a hash ofm (see Section 3.3), the mon-
itoring agency has to look up the hash in his hash table transferred to him beforehand
(Algorithm 3.2). So he can be sure that the extracted and verified hash belongs to
the correct broadcaster. Furthermore, the MA can be sure, that the broadcaster
broadcasted the video stream in a given time-frame by comparing the embedded
time-frame ID-time inm. If the time-stamp is not within a 60 time-frame, it could be
possible, that someone attempted to replay the recorded video stream. It might also
be possible, that is is not the original broadcaster is trying to cheat, but that another
broadcaster has recorded the stream and is attempting to stream/broadcast it.
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3.5 Conclusions and Future Work

The schemes proposed in this paper may be viewed as attractive to both broadcasters
and rights agencies. This model provides the broadcaster and the rights entity with
an automated and trust worthy method for measuring the exploitation of protected
works. The paper introduces the concept of an independent third party that monitors
and balances the interests of the broadcaster and rights entity.

We discuss the new technologies and distribution models faced by the entertain-
ment and broadcasting sectors. We evaluate established short signature schemes,
such as Nyberg-Rueppel, that could be integrated into a final system.

Boneh et al. [2] proposed a public key encryption scheme in which there is
one public encryption key, but many private decryption keys. This scheme could be
used if multimedia content should be encrypted and distributed over given channels.
However, in our specific case, we do not focus on encrypting the content. The goal
is authentication and non-repudiation for the broadcaster, so that the MA is able to
uniquely identify the sender.

Though, a similar schmeme could be used for the same purposes. Due to the fact,
that only one unique public key exists, but many corresponding private keys, the
broadcaster could encrypt a secret value with this public key and put the ciphertext
into the media stream. This has several advantages. The MA as well as the EX could
obtain a private key for the ciphertext ans used to decrypt the content. This means
that more than one corresponding private key could be used for different monitoring
agencies. In addition, authentication is also given in this context. Due to the fact
that there is only one public key which is obtained by the broadcaster, only this
broadcaster could encrypt the secret value. But this postulates that the public key is
not “public” in general.
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Chapter 4
A Reduced-Dimension Processor Model
Incorporating Microarchitectural Parameters
and Software’s Dynamic Characteristics

Azam Beg

Abstract Architectural simulators used for microprocessor design study and
optimization can require large amount of computational time and/or resources.
In such cases, models can be a fast alternative to lengthy simulations, and can
help reach a designer near-optimal system configuration. However, the non-linear
characteristics of a processor system make the modeling task quite challenging. The
models not only need to incorporate the micro-architectural parameters but also the
dynamic behavior of programs. This paper presents a hybrid (hardware/software),
non-linear model for processors. The model provides accurate predictions of pro-
cessor throughput for a wide range of design space. We used different groups of
code basic blocks to investigate their relationships to the execution efficiency of a
superscalar processor. For this purpose, we utilized the frequencies of the blocks to
represent runtime nature of ten benchmark programs. We were able to reduce the
number of hardware and software parameters by employing correlation coefficients
and principal component analysis.

Keywords Processor throughput prediction � Processor model � Instructions per
cycle (IPC) � Micro-architecture simulation � Code basic blocks � Software dynamic
behavior

4.1 Introduction

Microarchitectural features of processor tend to become more and more complex
in the newer designs. Using simulators to investigate the design space also takes
longer when design complexity increases, because the detailed, cycle-accurate sim-
ulators take longer to run. The time needed to explore different design options
can be reduced by using performance prediction models [1]. The models can be
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mathematical, statistical, or machine learnt in nature. Most of these models utilize
only the hardware parameters [2–4]; the models do not include any parameters de-
pendent on the programs. It is quite obvious that a processor’s execution efficiency
is affected not just by the static characteristics of a program but also by the dynamic
(runtime) characteristics (Static features of programs include number of code lines,
etc.) The runtime performance can be affected greatly by the programs’ basic block
sizes and their execution frequencies. Basic blocks are sets of instructions that con-
tain a single control instruction, such as a conditional or a non-conditional branch.
The control instruction is the last instruction of a basic block. (The terms ‘basic code
block,’ ‘basic block,’ and ‘block’ are used alternatively in this paper.)

4.1.1 Paper Outline

In this paper, we present neural network (NN) based prediction models for a
superscalar processor’s performance; the performance is measured in terms of in-
structions completed per cycle (IPC). The model’s inputs include both hardware
and (runtime dependent) software parameters. The ‘hardware’ inputs to the model
include microarchitectural features such as fetch, decode, issue, and commit widths;
number of integer and floating point ALUs; etc. The ‘software’ inputs are mainly the
sets of basic block frequencies (instead of single input value, i.e., the average block
size [5, 6]). Inclusion of multiple software parameters helps one represent different
programs distinctly. Unlike our previous work [1], which used an exhaustive set of
hardware and software parameters, in this paper, we use a reduced set. Two sepa-
rate techniques, namely, correlation coefficients and principal component analysis
(PCA), were used to evaluate different reduced sets.

The paper is organized as follows: We first present related work and background
information. Then we provide the particulars of the experimental setup and the data
processing details. These are followed by the NN implementation and usage discus-
sion. Lastly, we provide our conclusions and the direction of our future work.

4.1.2 Related Research

Hardware development is traditionally expedited using software models. The mod-
els are implemented in high level or hardware description languages. Relevant
benchmark programs are then run on the models to get good approximations of
actual hardware. A processor system model needs to be inclusive of both the pro-
gram and hardware behavior. The program behavior can be dynamic or static. The
dynamic characterization can be done by capturing repeating patterns in a program
[7, 8] Cycle-accurate simulators tend to be accurate but may require weeks of sim-
ulation time with programs running for a few billion cycles [3]. Noonburg and
Shen [4] utilized the benchmark (program) traces to create a model for superscalar
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instruction level parallelism (ILP). They combined the ILP and hardware parameters
in their model. The prediction error with their models was as high as 22% for some
of the SPEC CPU95 benchmarks [9]. Wallace and Bagherzadeh [2], and Hossain
et al. [3] presented models for conventional and trace caches, respectively. The ana-
lytical model by Hossain et al., due to its limited scope (only the caches, and not the
full processor) had higher prediction accuracy – 7% to be specific. Different parts of
a program can be steady state or cyclical in nature; this property of programs was ex-
ploited in Hamerly et al.’s simulation tool [7]. To speed up simulation, Wunderlich
et al. [10] statistically characterized the full-length benchmarks into smaller sub-
sets. Joseph et al. [11] collected performance measures from detailed simulations
and then used radial basis functions (RBFs) to build a model as an alternative to
simulations. Their model provided cycles per instruction (CPI) estimates with error
ranges of 1.5–12% for one of the SPEC CPU2000 benchmarks [12], and 1.5–23%
for another. Lee et al.’s simulator [14] identified basic blocks that repeated often;
it then used block behavior within a combination of SimpleScalar’s [13] fast (sim-
cache) and slow (sim-outorder) modules to speed up the simulations by a factor of
3.3. A similar method of capturing the dynamic nature of a program is to detect its
recurring patterns (called program phases). This approach requires one to pick the
appropriate granularity for phase detection and the time for capturing the phases
for unique characterization of a program [15–18]. Beg [5], and Beg and Ibrahim
[6] presented machine-learnt models for predicting processor system performance.
Their models used a wider range of hardware (processor and memory) parame-
ters than Joseph et al.’s [11] predictive RBF. In Ref. [6] the authors also proposed
that the models be used as a tool for computer architecture pedagogy. These mod-
els characterized the complete program trace with a single variable – a somewhat
limited representation of a program’s dynamic behavior. A processor model that in-
corporated a large and exhaustive set of hardware (microarchitectural) and dynamic
features of programs was introduced by Beg [1]; he used basic block frequencies
to represent different programs. However, no numerical analysis or evaluation of
different block configurations was done.

4.1.3 A Brief Introduction to Artificial Neural Networks

Artificial neural networks (NNs) are electronic equivalents of biological brains. The
building blocks of NNs are simple processing entities called neurons. The neu-
rons are interconnected to generate outputs in a parallel fashion (as compared to
the conventional sequential computers). A feed-forward neural network (FFNN)1 is
generally composed of layers of neurons: input, hidden, and output. The outputs of
each layer only feed the next layer and not any of the previous layers. (Section 4.3
includes the figure of a simplistic NN). The neurons multiply their inputs values

1 The acronyms NN and FFNN are used alternatively in this work.
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with their respective weights, before passing them through an activation function
(such as sigmoid) to produce the final neuron output. The neuron weights are de-
termined by training the NNs with some known input examples (training sets). The
weights are iteratively adjusted in such a way that each set of inputs produces out-
put(s) close to the example’s pre-known output(s). An iteration of the weight-tuning
process is known as an epoch. Some known input-output sets (validation sets) are
used for validating the NN prediction accuracy. The validation sets are not ‘shown’
to an NN during training [19].

4.1.4 An Overview of Principal Component Analysis

In cases where the dimension of a dataset is large but individual components in the
set are redundant (due to high correlation), it is beneficial to reduce the set’s dimen-
sions. The notion behind PCA is that a special coordinate system can be used that is
dependent on the cloud of points for a dataset containing k numeric attributes. This
is done by placing the first axis in the direction of largest variance of the points so
that variance along that axis is maximized. The second axis is also chosen in such
a way that it maximizes the variance along it. The process continues by choosing
each axis to maximize its share in remaining variance. Technically speaking, covari-
ance matrices and eigenvectors are used for PCA. A threshold can be set to attain
the reduced dimension dataset, for example, by excluding all components that con-
tribute less than 2% (an arbitrary number) variation to the dataset [19]; the reduced
vector dimension has many applications, for example, in processor performance
modeling – the subject of this paper.

4.2 Experimental Setup and Data Processing

4.2.1 Data Acquisition

The NN model in our research emulates the behavior of a superscalar processor.
The data for this research was collected using a superscalar processor simulator
called SimpleScalar (sim-outorder module) [13]. A diagram representing the pro-
cessor architecture is shown in Fig. 4.1. We ran 630 simulations using different
configurations of sim-outorder, in order to collect the processor’s execution effi-
ciency data. The efficiency is measured in terms of instructions (completed) per
cycle (IPC). The simulator configurations are listed in Table 4.1. The simulations
for ten different SPEC CPU2000 integer benchmarks (namely, bzip, crafy, gap, gcc,
gzip, mcf, parser, perlbmk, vortex, and vpr) made use of ‘test’ inputs [12]. To reduce
the effect of program initialization, we fast-forwarded the simulations by 50 million
cycles [13]. We limited each run to 200 million instructions in order to complete all
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Fig. 4.1 SimpleScalar’s superscalar architecture (sim-outorder module)

Table 4.1 Hardware and software parameter ranges/settings for collecting SimpleScalar
simulation data

No. Description Ranges/values

1 Branch prediction scheme ‘Taken,’ ‘Not-taken,’ ‘Perfect’
(nominal)

2 Commit width (no. of instructions) 1, 2, 4, 8, 16, 32, 64
3 Decode width (no. of instructions) 1, 2, 4, 8, 16, 32, 64
4 Fetch queue width (no. of instructions) 2, 4, 8, 16, 32, 64, 128
5 Branch misprediction penalty (cycles) 1, 2, 3, 4, 6, 8, 12, 16, 24, 32, 48, 64,

96, 128
6 Ratio of CPU and bus speeds 2, 4, 8, 16, 32, 64, 128
7 Issue width (no. of instructions) 1, 2, 4, 8, 16, 32, 64
8 Load/store queue (no. of instructions) 2, 4, 8, 16, 32, 64, 128
9 Floating point ALUs 1, 2, 3, 4, 5, 6, 7, 8

10 Floating point multipliers 1, 2, 3, 4, 5, 6, 7, 8
11 Integer ALUs 1, 2, 3, 4, 5, 6, 7, 8
12 Integer multipliers 1, 2, 3, 4, 5, 6, 7, 8
13 Register update unit (no. of instructions) 2, 4, 8, 16, 32, 64, 128
14 Benchmarks (SPEC CPU 2000 integer) bzip, crafy, gap, gcc, gzip, mcf, parser,

perlbmk, vortex, vpr

simulations in a reasonable amount of time. The simulations were run on multiple
x86-machines running cygwin (a UNIX emulator) under Windows-XP. Each of the
630 simulations lasted 1–1.5 h.

First, we created a set of 310 sim-outorder command lines by randomly selecting
the parameter values listed in Table 4.1. One such command line for crafty bench-
mark is shown below:

sim-outorder -fastfwd 50000000 -max:inst 200000000
-cache:il1 il1:64:32:4:t -cache:il2 il2:64:32:16:l
-cache:dl1 dl1:4:8:4:f -cache:dl2 dl2:16:8:4:l
-cache:dl1lat 3 -cache:dl2lat 6 -cache:il1lat 2
-cache:il2lat 8 -tlb:itlb itlb:256:16:2:t -tlb:dtlb
none -tlb:lat 30 -mem:lat 16 2 -mem:width 16
-decode:width 4 -issue:width 8 -commit:width 4
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-ruu:size 16 -lsq:size 8 -fetch:ifqsize 8
-fetch:speed 8 -fetch:mplat 6 -res:ialu 3 -res:imult
7 -res:fpalu 1 -res:fpmult 7 -bpred nottaken
crafty00.peak.ev6

Then, we generated another set of 320 command lines, varying at a time, a single
parameter over its entire range, while keeping all other parameters as defaults. For
example, the following four command lines for bzip benchmark use instruction issue
unit widths of 1, 2, 4 and 8 (All seven values of issue unit widths are shown in row
7 of Table 4.1):

sim-outorder -fastfwd 50000000 -max:inst 200000000
-issue:width 1 bzip200.peak.ev6 input.random 2

sim-outorder -fastfwd 50000000 -max:inst 200000000
-issue:width 2 bzip200.peak.ev6 input.random 2

sim-outorder -fastfwd 50000000 -max:inst 200000000
-issue:width 4 bzip200.peak.ev6 input.random 2

sim-outorder -fastfwd 50000000 -max:inst 200000000
-issue:width 8 bzip200.peak.ev6 input.random 2

4.2.2 Dimension Reduction

A goal of this work was to investigate whether the count of hardware and software
related parameters for a processor model could be reduced while keeping the per-
formance prediction accuracy reasonably high. Besides containing hardware-related
data, sim-outorder’s text-based log files also included basic block data required for
program characterization. We used a Perl script to collect the basic-block distribu-
tion data from SimpleScalar run log files. Figure 4.2 shows a histogram of program
basic block sizes 1 to 20, while executing bzip benchmark. The blocks larger than
20 instructions are included in the last bin. One can notice that most instructions
appear in very small block sizes, which could be attributed to the repetitive nature

Fig. 4.2 Block distribution
of bzip benchmark. Block
sizes 1 to 20 are shown. Any
blocks larger than 20
instructions are included in
the last bin
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Fig. 4.3 Block distribution
of crafty benchmark. Block
sizes 1 to 20 are shown. Any
blocks larger than 20
instructions are included in
the last bin
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Fig. 4.4 Block histogram for
ten different benchmarks for
‘Setup 1’ (Table 4.2). Block
sizes 1–4 are much larger in
number than larger ones,
causing the grouping to be
not too suitable for
distinguishing benchmarks
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of this compression utility. Similarly, Fig. 4.3 shows the data for crafty benchmark;
the data is relatively widely distributed as compared to bzip.

We made many arbitrary groups of different block sizes and studied how rele-
vant the groups were to the efficiency metric (IPC) of a processor. Figures 4.4–4.7
show basic block histograms for ‘Setups 1–4’ of Table 4.2. Figures 4.4 and 4.5
indicate that for all ten benchmarks, the first sets (BB1–2 and BB1–4, respectively)
are overwhelmingly larger than others, and thus may not be suitable to represent the
respective benchmarks in an IPC prediction model. In comparison, ‘Setups 3 and 4’
plotted in Figs. 4.6 and 4.7, respectively, clearly distinguish the stacked bars for
different benchmarks, hence making them better candidates for representing soft-
ware/benchmarks in the model.

We further analyzed block data, this time in numerical terms. We employed
Matlab’s corrcoef (correlation coefficient/CC) function for studying how well
different blocks correlate with IPC. Table 4.2’s cells marked with ‘x’ show the
parameters which are highly correlated .>0:5/ to IPC.2 In all five Setups, a common
set of microarchitectural parameters appears; only 6 out of 13 hardware parameters

2 Legends for Table 4.2:
CC D correlation coefficient > 0.5; bPred D branch predictor type (nominal); commit D commit
unit width (no. of instructions); decoder D decoder unit width (no. of instructions); fetchIFQ D
instruction fetch unit size (no. of instructions); brPredLat D fetch latency (no. of cycles); busRa-
tio D ratio of front-end speed to processor speed; issue D issue unit width (no. of instructions);
LSQ D load/store queue (no. of instructions); fpALU D no. of floating point ALUs; fpMult D
no. of floating point multipliers; iALU D no. of integer ALUs; iMult D no. of integer multipliers;
RUU D capacity of register update units (no. of instructions); BB1 D no. of basic blocks contain-
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Fig. 4.5 Block histogram for
ten different benchmarks for
‘Setup 2’ (Table 4.2). Larger
blocks are better represented
in this arrangement. Setups 1
and 2 may not good
representations of
benchmarks due to
not-so-distinct nature of
the bars

0%

20%

40%

60%

80%

100%

bz
ip

cr
af

ty

ga
p

gc
c

gz
ip

m
cf

pa
rs

er

pe
rlb

m
k

vo
rt

ex vp
r

B
lo

ck
 s

iz
e 

fr
eq

ue
nc

ie
s

BB7-
BB5-6
BB3-4
BB1-2

Fig. 4.6 Block histogram for
ten different benchmarks for
‘Setup 3’ (Table 4.2). The
block grouping seems more
appropriate than in Setups 1
and 2. The benchmarks are
clearly distinguishable from
each other
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Fig. 4.7 Block histogram for
ten different benchmarks for
‘Setup 4’ (Table 4.2). This
grouping of blocks shows the
most variety in block
distribution thus representing
different benchmarks more
distinctly than other setups
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seem sufficient for an IPC model. In Setup 0, most basic block values are needed for
the model – not much of dimension reduction here. Setups 1 and 2 show that only
three groups of basic blocks correlate highly with IPC, while Setup 3 has four block
groups, and Setup 4 has five groups correlating with IPC. Note that in our experi-
ments, we had used only integer benchmarks; so the presence of floating point units
(ALUs and multipliers) did not have any effect on IPC.

Refer to Table 4.2 again. As compared to correlation coefficients, PCAs show the
need to use a higher dimension model (and thus were not utilized for NN models).
Setup 0 yielded a 16-component set, while all other Setups produced 15-component
sets with these Matlab commands:

[arrP,transMat] D prepca(pn,0.02); % 2 percent cutoff
[R,C] D size(arrP); % reduced data size

ing one instruction; BB1–4 D no. of basic blocks containing one to four instructions, BB5- D no.
of basic blocks containing five or more instructions, etc.
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Table 4.2 Microarchitectural and software parameters and their relationships to the processor
throughput. The reduced sets of parameters are marked with x’s (legends for this table are included
as a footnote on page 3)

Setup 0 Setup 1 Setup 2 Setup 3 Setup 4

Parameter Parameter CC Parameter CC Parameter CC Parameter CC

H
ar

dw
ar

e/
m

ic
ro

ar
ch

it
ec

tu
re

bPred x bPred x bPred x bPred x bPred x
commit commit commit commit commit
decoder x decoder x decoder x decoder x decoder x
fetchIFQ fetchIFQ fetchIFQ fetchIFQ fetchIFQ
brPred x brPred x brPred x brPred x brPred x
Lat Lat Lat Lat Lat
busRatio busRatio busRatio busRatio busRatio
issue x issue x issue x issue x issue x
LSQ x LSQ x LSQ x LSQ x LSQ x
fpALU fpALU fpALU fpALU fpALU
fpMult fpMult fpMult fpMult fpMult
iALU iALU iALU iALU iALU
iMult iMult iMult iMult iMult
RUU x RUU x RUU x RUU x RUU x

So
ft

w
ar

e
(b

as
ic

bl
oc

ks
)

BB1 x BB1–4 x BB1–2 x BB1 x BB1 x
BB2 x BB5–8 x BB3–4 x BB2 x BB2 x
BB3 x BB9–12 BB5–6 BB3–4 x BB3 x
BB4 x BB13- x BB7- x BB5- x BB4 x
BB5 x BB5- x
BB6 x
BB7 x
BB8 x
BB9 x
BB10 x
BB11 x
BB12 x
BB13 x
BB14 x
BB15 x
BB16
BB17
BB18
BB19 x
BB20

Total using
correlation
coeff.

22 9 9 10 11

Total using PCA 16 15 15 15 15



52 A. Beg

4.3 Neural Network Structure and Training

Figure 4.8 shows the structure of an FFNN with software and hardware inputs.
Each of the NN inputs – not all inputs are shown in the figure – of the NN model
corresponds to a single neuron. A single ‘continuous’ neuron in the output layer
represents NN’s IPC predictions.

It is well known that an NN with a single hidden layer is able to model most non-
linear systems, so we limited our experiments to one-hidden layer NNs. In Table 4.1,
we can notice the non-linearity of input parameters, which can adversely affect the
learn-ability of a NN, so we applied log2 to such inputs, as a data pre-processing
step. We used Matlab’s newff() command to create the back-propagation FFNNs.
NN training set comprised of 50% of full data set. While 25% of all data sets were
used for validation, and the remaining 25% datasets for testing. For every NN con-
figuration, we conducted three or more training sessions completely independent of
each other, in order to find the best performing NN, and to avoid the possibility of
local minima. Figure 4.9 shows training progress for one of the NNs. And Table 4.3
shows NN training, validation and testing statistics for 24 different NN configura-
tions. Given enough epochs, most NN configurations were able to reach better than
95% prediction accuracy. In general, Setup 0 trained faster and better than other Se-
tups. For Setups 0 and 1, four-neuron hidden layers fulfilled the accuracy criteria,
although Setup 0 has 22 inputs and Setup 1 just 9. Setup 2 required at least five
neurons in hidden layer, while Setup 3 did 7.

N(i1)

N(i2)

N(i3)

N(i4)

N(h11)

N(h12)

N(h13)

N(h14)

N(h15)

N(o1)

input 1

input 2

input 3

input 4

output
(IPC)

Hardware
dependent
parameters

Software
dependent
parameters

Fig. 4.8 A three-layer feed-forward neural network with hardware and software-related inputs



4 A Reduced-Dimension Processor Model 53

Fig. 4.9 Training progress
for an NN with Setup 0:
inputs D 22; hidden
neurons D 3; and output
neurons D 1
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Table 4.3 Neural network training statistics: parameters (Setup nos. 0–3), neurons in different
layers, and training performance. Matlab settings: net.trainParam.goal D 0.01;
net.trainParam.lr D 0.01; net.trainParam.epochs D 40000; threshold
functions for hidden and output layers D f‘tansig’,‘tansig’g; training function D
‘traingd’

Neuron count “net. train
Set-up no. [input hidden Training Validation Testing “Param. goal”
(Table 4.2) output] Epochs error error error met?

0 [22 3 1] 3,334 4.1% 3.9% 4.5% Yes
0 [22 4 1] 13,165 2.5% 2.9% 4.1% Yes
0 [22 5 1] 12,349 2.5% 2.6% 3.9% Yes
0 [22 7 1] 11,884 2.5% 2.6% 3.3% Yes
0 [22 9 1] 7,542 2.5% 2.8% 3.2% Yes
0 [22 12 1] 11,065 2.5% 3.1% 3.2% Yes
1 [9 3 1] 40,001 2.8% 3.5% 3.7% No
1 [9 4 1] 31,693 2.5% 3.2% 4.6% Yes
1 [9 5 1] 26,150 2.5% 2.7% 3.2% Yes
1 [9 7 1] 14,093 2.5% 2.8% 3.9% Yes
1 [9 1] 17,824 2.5% 3.1% 3.8% Yes
1 [9 12 1] 12,487 2.5% 3.2% 4.5% Yes
2 [9 3 1] 40,001 3.6% 4.1% 4.8% No
2 [9 4 1] 38,216 2.5% 3.3% 3.5% No
2 [9 5 1] 34,522 2.5% 3.5% 3.3% Yes
2 [9 7 1] 26,167 2.5% 3.4% 4.0% Yes
2 [9 9 1] 27,406 2.5% 2.8% 4.0% Yes
2 [9 12 1] 20,860 2.5% 2.7% 3.5% Yes
3 [10 3 1] 33,729 2.5% 3.8% 35.6% No
3 [10 4 1] 31,238 2.5% 3.1% 4.4% No
3 [10 5 1] 11,897 3.4% 3.6% 5.0% No
3 [10 7 1] 18,541 2.5% 3.2% 3.5% Yes
3 [10 9 1] 10,743 3.1% 3.6% 4.7% Yes
3 [10 12 1] 17,779 2.5% 2.9% 3.5% Yes
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4.4 Processor Performance Prediction with the Neural
Network Model

The proposed NN model can be used to investigate how different hardware and soft-
ware parameters influence the processor performance. Firstly, Fig. 4.10 shows the
effect of varying decoder width, i.e., the number of instructions decoded per cycle.
The decoder width in this example varies from 1 to 64 for three different benchmarks
All three benchmarks flatten out after fourinstruction wide decoder unit. Secondly,
Fig. 4.11 shows the IPC behavior in response to commit unit variations. The unit
shows maximum throughput with eight-instruction width. With other runs using the
NN model, one can investigate which hardware elements (ALU, issue width, etc.)
or the software characteristics (parallelism in a program, branch frequencies, etc.)
are the limiting factors in processor performance.

To illustrate how the dynamic nature of a program affects IPC, we created two
artificial program traces, T1 and T2 (Fig. 4.12). T1 has small percentages of 1 and
2-instruction blocks and much larger percentage of larger (five or more instruc-
tions) blocks. Such a trace may come from programs in which loop unrolling has
been done. T2’s distribution is just the opposite of T1, i.e., there are more blocks
of smaller sizes (1 or 2 instructions) and the smaller number of blocks are of larger
sizes (five or more instructions). When the block frequencies of T1 and T2 are input

Fig. 4.10 Sensitivity of IPC
to decoder width, while all
other parameters are set to
sim-outorder defaults. Only
four-instruction wide
decoders are able to produce
the best IPC
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Fig. 4.11 Sensitivity of IPC
to commit width, while all
other parameters are set to
sim-outorder defaults. Only a
four instruction-wide commit
unit is sufficient under the
given conditions
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Fig. 4.12 Traces with
different block distributions
exhibit different IPCs, while
all hardware parameters are
set to sim-outorder defaults.
IPC for T1 is 1.15 and IPC
for T2 is 1.30
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to the NN model, we observe that T1 has 33% lower IPC than T2; this may be due
to the small cache (number of sets and line size) used in the experiment; smaller
caches can cause thrashing and thus lower the execution throughput. On the other
hand, T2’s smaller blocks may have better chances of fitting in cache lines making
the fetch stage efficient and thus improving the overall execution throughput.

A point worth noting: the examples presented above, if ran on a traditional de-
tailed, cycle-accurate simulator may have required several computer-days. Whereas,
the NN model produces the same results almost instantly. The model’s speed effi-
ciency can be helpful for researchers and students alike.

4.5 Conclusions

Using the NN model proposed in this research, one can estimate the performance
of a processor without requiring lengthy simulations. Instead of using an exhaustive
set of microarchitectural features of a processor and the program characteristics,
the model is based on a reduced set of parameters. A designer can quickly make
educated guesses about the micro-architectural parameters for optimum hardware
performance, while a compiler designer can speedily observe the effects of code
characteristics on the overall execution throughput. The model can also find ap-
plications in the teaching of computer architecture and compiler design. As a
continuation of the current research, we are looking into: (1) developing an analyti-
cal model that includes both hardware and software related parameters for prediction
of a (uni-)processor’s performance, and (2) creating a multi-processor performance
prediction model.
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Chapter 5
Hybrid Machine Learning Model
for Continuous Microarray Time Series

Sio-Iong Ao

Abstract A hybrid machine learning model of the principal component analysis
and neural network is described for the continuous microarray gene expression time
series. The methodology can model numerically the continuous gene expression
time series. The proposed model can give us the extracted features from the gene
expressions time series with higher prediction accuracies. It can help practitioners
to gain a better understanding of a cell cycle, and to find the dependency of genes,
which is useful for drug discoveries. In this chapter, we describe the background,
the machine learning algorithms, and then the application of the hybrid machine
learning in the microarray analysis. The machine learning model is compared with
other popular continuous prediction methods. Based on the results of two public
microarray datasets, the hybrid method outperforms the other continuous prediction
methods.

Keywords Machine learning � Neural network � Microarray � Gene expression
� Time series prediction

5.1 Introduction

With the advances in DNA microarray technology [10], the gene expression values
at different time points of a cell cycle can be obtained. In the simplest case, two
time points are taken: before and after an event. A more comprehensive study will
involve the taking of values at different periods. The frequencies of the time points
can have ranges from several minutes to several hours. Different methods have been
developed to analyze gene expression time series data, see for instance [15, 16, 20,
27, 31, 34, 41, 45–47, 55, 58, 60 etc.]. It is noted that their approaches are differ-
ent from our hybrid principal component analysis (PCA) and neural network (NN)
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model for gene expression time series. About half of these researches focused on
building special clustering algorithms for these time series data, while the others
tackled the problems of inferring systems of linear differential equations, the visu-
alizing of the gene data and the determination of their periodicity. Instead, with the
PCA-NN algorithm [3,4], it has the advantage of the nonlinear flexibility of the neu-
ral network. The AIC test is employed to determine the optimal lag length used in
our models, whereas, in the existing models, only one lag length (or a fixed number
in a few cases) for each gene expression value change is included. The lag length
refers to the number of lags (the number of previous values of the variable) used in
the model.

5.1.1 Computational Methods for Microarray
Time Series Analysis

Various methods like self-organizing maps [37], k-nearest neighbor [2] and hidden
Markov models [28] have been employed for the microarray analysis. These stud-
ies mainly focus on the clustering and the measurement of the similarity among
the different expressions. For the gene expression time series analysis, methods
like warping algorithms [1], the comparison of similarity functions of the genes [9],
the identification of gene regulatory networks with graph method [11], and dynamic
models [17] etc., have been developed.

Special clustering algorithms were employed to explore the gene expression time
series data from the microarray experiments. Costa et al. [15] have proposed the
symbolical description of multiple gene expression time series. Each variable will
take as a set of values in a time series and the results are compared with Self-
Organizing Map algorithm. Yoshioka and Ishii [58] have employed a clustering
method based on mixture of constrained PCA. It can classify genes with similar ex-
pression patterns into the same cluster regardless of their magnitude (scale). In the
study [46], Tabus and Astola have handled the problem of the non-uniformly sam-
pling of the gene expression time series. The minimum description length model
is fitted to each gene and then the optimum parameters are used for clustering the
genes. The extrapolation of the gene expression time series data by the minimum
description length model can be applied in our methodology too for non-uniformly
sampling data.

Syeda-Mahmood [45] studied a clustering algorithm that uses the scale-space
distance as a similarity metric. The scale-space analysis is to detect the sharp twists
and turns of the gene time series and to form the similarity measure between time
profiles. Wu et al. [55] have developed a procedure for the determination of the min-
imal number of samples or trials required in a microarray experiment for clustering.
The procedure is an incremental process that will terminate when the evaluation of
the results of two consecutive experiments of k-means clustering shows they are
sufficiently close. Jiang et al. [27] use a density-based approach to identify the
clusters such that the clustering results are of high quality and robustness. Futschik
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and Kasabov [20] employ the fuzzy c-mean (FCM) clustering to achieve a robust
analysis of gene expression time series. The issues of parameter selection and cluster
validity are also addressed.

The construction of genetic network from gene expression time series was
tackled in Refs. [31, 41, 47]. Kesseli et al. have employed monotonic time trans-
formations (MTT) for inferring a Boolean network. Several different methods of
clustering have been used to form different transformations. Tabus et al. build sys-
tems of differential equations for specifying the genetic networks. The structure of
the networks is inferred by operating with the exact solutions of the linear differ-
ential equations, which are obtained through the eigenvalue decomposition of the
system matrix. Sakamoto and Iba have also used a system of ordinary differential
equations as a model of the network and infer their right-hand sides by using genetic
programming (GP) instead. The least mean square (LMS) method is used along with
the GP to explore the search space more effectively in the course of evolution. In
these systems of linear differential equations, there is a strong assumption that the
genetic interactions are linear.

The visualizing of the gene expression time series is discussed in studies [16,
60]. Zhang et al. have introduced the first Fourier harmonic projection (FFHP) to
translate the multi-dimensional time series data into a two-dimensional scatter plot.
The spatial relationship of the points reflects the structure of the original dataset and
the relationships among clusters become two-dimensional. Craig et al. propose the
display technique that operates over a continuous temporal subset of the time series,
with direct manipulation of the parameters defining the subset. Its advantage is that
the number of elements being displayed will not be reduced.

Langmead et al. [34] formulate the task of estimating an expression profile’s
periodicity and phase as a simultaneous bicriterion optimization problem. The max-
imum entropy-based analysis technique is employed for extracting and charactering
rhythmic expression profiles, and is found to work better than the Fourier-based
spectral analysis for signals in the microarray experiments. Yeang and Jaakkola [56]
explain time correlations between gene expression profiles through factor-gene
binding information to estimate latencies for transcription activation. This can esti-
mate latencies for transcription activation. The resulting aligned expression profiles
are subsequently clustered and again combined with binding information to deter-
mine groups or subgroups of co-regulated genes.

5.2 Machine Learning Methods

The machine learning methods have often been employed for pattern matching and
pattern discovery. Machine learning is itself a collection of methods that result from
the convergence of several disciplines like statistics, biological modeling, adaptive
control theory and artificial intelligence (AI). Its spectrum of tools is wide and in-
cludes inductive logic programming, genetic algorithms, neural network, Bayesian
networks, and hidden Markov Models, etc. Regardless of the divergences of the
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underlying technology, we can see that they usually have the following steps [7].
First, the input data are fed into a comparison engine that compares the data with
assumed model. Then, the comparison results are used for initializing some changes
to the data or some modifications to the assumed model. The evaluation engine gives
us the performance results based on the modified model. These results are checked
against our pre-defined criterion. If the criteria are not met, the above steps are re-
peated until the stopping criteria are satisfied. In this chapter, the neural network is
employed in the hybrid method and is described in the following section.

5.2.1 Neural Network Models

Among the different tasks that machine learning tools can handle, one popular task
is to filter the noises of the source data and then to made prediction basing on the
extracted patterns of the source data. The neural network has been found to perform
this filtering and prediction capability well. The network can first extract the vital
signals and information from the source data. Then it can predict what the future
signals and information will be, based on some function approximation. The fil-
tering and prediction capability of the neural network have enabled it to become a
popular advance tool for the time series prediction, e.g., the financial prediction of
the future index, stock share prices, currency rates, the weather forecast, the traffic
control forecast and the medical analysis.

The study of the neural network began after the Warren McCulloch and Walter
Pitts have proposed the first mathematical model of a single idealized biological
neuron in 1943 [36]. The model has been known as McCulloch-Pitts model, which
consists of a single neuron that receives the input signals and sums them up with
different weights. Then, newer models like the Perceptron by Frank Rosenblatt [40]
and the ADALINE by Widrow [53] were developed.

Since these earliest works on the neural network, there have come many other
neural network models that made use of the neuron concept. The network models
that utilize more than one neuron and contain no feed-back paths within the network
are given the term feedforward networks. In the feedforward network, there are the
single-layer feedforward networks, which consist of the input layer and output layer
only, and the multi-layer feedforward networks, which consist of the input layer,
hidden layer and the output layer. In our research, we have utilized the multi-layer
feedforward network for building our hybrid models for continuous microarray time
series analysis.

5.2.2 Neural Network Models for Microarray Analysis

The function approximation capability of the neural network is one of the network’s
major properties and advantages. With this property, the researchers can be assured
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that, provided that appropriate network structure has been employed, the neural net-
work can approximate the real problem accurately. The objective of the function
approximate can be formulated as finding function =.:/ such that:

���=.xk/ � f .xk/
��� < "

where " is a small positive number, a set of N different input points are denoted as
fxk 2 <p; k D 1; 2; : : : ; N g, a set of N output points fdk 2 <q; k D 1; 2; : : : ; N g,
and the actual nonlinear input–output mapping between x and d is denoted as:
f .xk/ D dk , where the function f .:/ is unknown. The mapping function = W <p !
<q should closely fulfills the relationship: =.xk/ D dk , for k D 1; 2; : : : ; N. The
property of the function approximation by the neural network is clear with the fol-
lowing theorem of the Universal Approximation Theorem of the network.

Definition 5.1. The Universal Approximation Property is said to be satisfied when,
with an appropriate number of neurons and optimal weight vector, a neural network
can approximate any continuous function, on any compact subset C � <n of the
input space, to an arbitrary level of accuracy.

Note 5.1. A set S � <n is called compact if it is closed and bound. A set is closed
if and only if its complement in <n is open. A set S � <n is open if for every vector
x2S , there is an "-neighbourhood of xWN.x; "/Dfz 2 <njkz � xk < "g, such that
N.x; "/ 2 S . A set is bounded if there is r > 0 such that kxk < r for all x 2 S .

Universal Approximation Theorem [21]: Let '.:/ denote a bounded and
monotone-increasing continuous function. Use Ip to denote the p-dimensional
unit hypercube Œ0; 1�p . Let C.Ip/ be the space of continuous functions on Ip. For
any function f 2 C.Ip/ and " > 0, there exists an approximate function =.:/ that
satisfies: ˇ̌=.x1; : : : ; xp/ � f .x1; : : : ; xp/

ˇ̌
< "

for all fx1; : : : ; xpg 2 Ip , where =.:/ is defined as:
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for i D 1; : : : ; M and j D 1; : : : ; p, where M is an integer, and ’i ; ™i , and ¨ij
are sets of real constants.

Barron [5, 6] has estimated that the mean integrated squared error between the
target function f .:/ and the estimated function =.:/ is bounded by:
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where Cf is the first absolute moment of the Fourier magnitude distribution of the
target function f .:/; M is the total number of hidden nodes, p is the number of
input nodes, and N is the number of training sets.
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The multi-layer feedforward network is a member of supervised learning. In
supervised learning, a training set (represented by an input vector x) and the cor-
responding desired output vector d are presented to the network. The network is
then trained to learn how to minimize the error between its actual output vector z
and this desire output vector d [25].

With above function approximation capability, it is not a surprise that the neu-
ral network has been reported for its successful applications in the gene expression
analysis. Herrero et al. [23] have applied neural network for clustering gene ex-
pression patterns. Peterson and Ringner [38] have analyzed tumor gene expression
profiles with the network. Sawa and Ohno-Machado [42] have developed a neu-
ral network-based similarity index for clustering DNA microarray data. Predictions
of TP53 gene sequence of values A, C, G and T have been modeled with neural
network in study [44]. Veiga et al. [51] applied the neural network to E. coli for
predicting the transcriptional regulatory interactions. Lynn et al. [35] built a neural
network for common complex disease analysis.

5.2.3 Dimension Reduction and Transformation

Before extracting meaningful patterns from the data, there are sometimes the needs
for the transformation and reduction of the data. These needs may arise due to the
fact that the original dataset is too large in dimension. Both reduction and transfor-
mation can support the data-mining process when used properly. The datasets may
be reduced to the minimum possible size by tactics like sampling or summary statis-
tics etc., while still satisfying our analysis requirement. The transformation can be
achieved by translating one type of data to another through mathematical operations
or mappings. The noise level in the data may be reduced by the eliminating irrel-
evant components with suitable transformation. Transformation tools like principal
component analysis (PCA) and independent component analysis (ICA) can be em-
ployed to find out the dominant components of the dataset. We have applied these
algorithms for the microarray time series data, and we will compare their respective
performances in our hybrid models.

5.2.4 Principal Component Analysis

Among the tools of the dimension reduction and transformation, the principal com-
ponent analysis (PCA) is a popular tool for many researchers. Its basic idea is to
find the directions in the multidimensional vector space that contribute most to the
variability of the data. The representation of data by the PCA consists of projecting
the data onto the k-dimensional subspace according to

x0 D F.x/ D Atx
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where x0 is the vectors in the projected space, At is the transformation matrix which
is formed by the k largest eigenvectors of the data matrix, x is the input data matrix.
Let fx1; x2; : : : ; xng be the n samples of the input matrix x. Then, the principal com-
ponents and the transformation matrix can be obtained by minimizing the following
sum of squared error:

Jk.a; x
0/ D

nX
hD1
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!
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where m is the sample mean, x0
i the i -th largest eigenvector of the co-variance ma-

trix, and ahi the projection of xh to x0
i .

The principal component analysis was applied to reduce the dimensionality of the
gene expression data in studies [8, 24, 49, 57, etc.]. The focuses are on the effective
dimensional reduction by the PCA, the analysis of the compressed space and the as-
sistance of the PCA for the classification and the clustering. For example, Hornquist
et al. has concentrated on the determination of the effective PCA dimensionality.
Bicciato et al. has described how to use the PCA to reduce the gene expression’s
dimensional base for a better understanding of its basic biology and to have a better
classification result. Taylor et al. have applied the PCA to help understand the basis
of plant genotype discrimination. Yeung and Ruzzo have tested the efficiency of the
PCA for clustering gene expression data. Chen et al. [12] proposed a supervised
PCA for gene set enrichment of microarray data.

Khan et al. [32] have applied the PCA and neural network for the classification
of cancers using gene expression profiling. Khan’s purpose is on the classification
and the neural network is trained as a classifier for discrete outputs EWS, RMS, BL,
and NB of the cancer types. The PCA has been employed for the dimensionality
reduction of the samples. This can avoid the “over-training” of the network (i.e.
low number of parameters as compared to the number of samples). Similarly, we
have applied the PCA method in our modeling for dimensionality reduction and
avoidance of over-fitting.

5.2.5 Independent Component Analysis

The independent component analysis (ICA) is a recently developed theory ( [14,26]
and [29]). Its objective is to make the transformed entries mutually indepen-
dent [50]. Mathematically, let the input samples denoted by x. The task is
to determine an N -by-N invertible matrix W , so that the entries y.i/, for
i D 0; 1; : : : ; N�1, of the transformed vector: y D Wx, are mutually independent.
Statistically, the requirement for the independence is a stronger condition that the
condition of the PCA, which only requires the un-correlation of the components. For
Gaussian random variables, these two conditions are then equivalent to each other.

The original motivation for the development of the ICA is as followed: Assume
that the input data vector x is indeed from a linear combination of statistically
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independent components. An example is that, of several woofers located in differ-
ent positions of a room, we have some detectors for checking the sound signals and
then for determining the sources from these observed signals. Formally, we have
x D Ay, where A is known as the mixing matrix of the components y. The task is
to determine the de-mixing matrix W as the above paragraph, so that y D Wx, for
recovering the components of the sources y.

Mathematically, the ICA transformation can work only for non-Gaussian
processes, as it is ill-posed for Gaussian processes [50]. Let the independent
components y(i) be all Gaussian, then it can be observed that a linear transforma-
tion of these components by any unitary matrix will also satisfy the requirement.
Thus, PCA should be used in this case, as PCA can return a unique solution by
setting a specific orthogonal structure in the transformation. Another condition for
the proper working of ICA is that the mixing matrix A must be invertible. For cases
where A is a non-square l-by-N matrix, it is required that l must be larger than N
and A has to be of full column rank.

The de-mixing matrix W can be estimated by minimizing the mutual informa-
tion between the transformed random variables. Define the associated entropy of
y.i/; H.y.i//, as (Papoulis, 91):

H.y.i// D �
Z
pi .y.i// lnpi .y.i//dy.i/

where pi .y.i// is the marginal probability distribution function of y.i/. Then the
mutual information I.y/ can be obtained as:

I.y/ D �H.x/ � ln jdet.W /j C
N�1X
iD0

Z
pi .y.i// lnpi .y.i//dy.i/

Techniques of the approximation of this mutual information I.y/ and then subse-
quent minimization of the approximate function can be used for finding the solution
of I.y/ respective to W [22, 26]. Studies like Kong et al. [33] applied the ICA for
the microarray analysis.

5.3 The Proposed Hybrid PCA-NN Machine Learning Model

The motivation for the hybrid method can be explained by looking at the information
transfer mechanism among DNAs, mRNAs and proteins. Genes are used as tem-
plates for DNA synthesis. In the transcription process, genes are converted into
the messenger RNA (mRNA). While the mRNA is subsequently translated to form
proteins, some particular proteins can in turn regulate gene expression profiles. In
other words, there exists a complex relationship between the current and future gene
expressions values and their lags through this mechanism. This work is to model this
complex time series relationship by using a continuous numerical model.
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The first step of our PCA-NN system is to form the input vectors for the time
series analysis. They are the expression levels of the time points in the previous
stages of the cell cycle. Then, these input vectors are processed by the PCA. Thirdly,
these post-processed vectors were fed to the neural network predictors. Their out-
puts are compared in the section of result comparison and we can see that the
PCA-NN is the most suitable one among the methods we have compared. With
the hybrid method, the influence of each gene on the principal components can be
obtained. With the knowledge of the disease gene, we can apply our algorithm to
find out the influential genes in the development of such disease genes. Therefore,
the suitable enhancing or inhibiting of the expression of these leading genes could
lead to more effective control for the disease gene growth. This can certainly help us
to gain a better understanding of genes in a cell cycle, for example, which gene can
be understood best for its future analysis. The method can be regarded as a nonlinear
generalization of the linear models in the previous studies. The PCA is employed
for feature extraction and the system diagram was shown in the following figure
(Fig. 5.1).

As said, the neural network is one of the machine learning tools that can re-
duce noises and make prediction reliably. A key property of the neural network
is its ability of learning for further improving its performance [25]. The learning
process starts with the stimulation by the environment. Then, the neural network will
have changes in its structure and parameters as a result of this stimulation. These
changes will bring the network improvement in its response to the environment.

Fig. 5.1 System diagram of
the hybrid PCA-NN machine
learning model

1. Dimension 
Reduction

2. Partitioning
Genes

3. NN Training

4. NN Validation

½ training ½ validation

5. Cross
Validation 

6. Reverse Transformation & 
Result Calculation
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In the learning process, there can be different objective tasks to achieve, like the
function approximation, control, pattern recognition, filtering and prediction etc.
The neural network is employed in the hybrid model for the function approximation
and prediction of the cell cycles time series microarray data. One advantage of using
neural network is that it can give us continuous modeling output. Khan has used the
classification function of the network. This work can be viewed as an extension of
the discrete models to a continuous modeling of the gene expression. The contin-
uous models have the advantage of resembling the real phenomenon better, as the
more intricate aspects of gene regulation are dependent not on whether a gene is
transcribed but rather on the level of transcription [54]. In the reverse engineering
of the gene profiles, D’haeseieer et al. [18] have studied the linear model for the
network inference that can give us the prediction of the genes’ development. The
model can be written as:

xi .t C 1/ D
JX
jD1

wj ixj .t/C bi

where xi is the expression level of the ith gene, J is the number of gene studied.
As pointed out in his research, it is possible to further enhance this model with the
neural network. And our modeling can be regarded as a nonlinear generalization of
this linear model.

Different genetics studies have successfully employed the PCA-NN as a classi-
fier of gene types, with continuous inputs and discrete outputs. In this chapter, the
prediction for the gene expression time series are achieved with the PCA and NN
components on a continuous numerical inputs and outputs basis. The contribution
lies in the fact that we have been developing a more realistic model for the gene
network from a continuous prospective. A microarray dataset can be considered as
a matrix of gene expression values at various conditions. Each entry in the matrix
is a numerical number called expression value. The algorithm can fully utilize the
information contained in the gene expression datasets. It can be considered as an ex-
tension of the linear network inference modeling, while previous models have often
needed the linearity assumption or employed discrete values instead.

The formulation of the PCA-NN model is quite computationally efficient. The
input vectors for the time series analysis are the expression levels of the time points
in the previous stages of the genes’ life cycle. These input vectors are processed by
the PCA component. Then, we use these post-processed vectors to feed the neural
network predictors. In order to avoid over-training of the network, we have adopted
the AIC test and cross-validation to study the optimal setting of the neural network
structures and the network’s stability. The AIC test can restrict the number of pa-
rameters of the network and thus can increase the computational performance.

It can be noticed that this approach for the microarray time series is different
from other studies in bioinformatics, like Khan et al.’s [32], which has successfully
employed the Principal Component Analysis – Neural Network (PCA-NN) as a
classifier of gene types. The first step of our proposed PCA-NN system is to form
the input vectors for the time series analysis. They are the expression values of
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the time points in the previous stages of a cell cycle. Then, these input vectors are
processed by the PCA. Thirdly, we use these post-processed vectors to feed the
neural network predictors. To our best knowledge, our paper is the first attempt to
employ the principal component analysis and neural network to model the gene
expression with continuous input and output values.

5.4 The Microarray Time Series Datasets

The first dataset is from the experiment of Spellman et al. [43]. It contains the yeast’s
gene expression levels at different time points of the cell cycle (18 data points in
one cell cycle). From the Spellman’s data set, there are totally 613 genes that do
not have missing values and that show positive cell cycle regulation by periodicity
and correlation algorithms. While the number of variables is large, the number of
observations per variable is small (18 time points for each gene).

The average absolute percentage change of the genes between two adjacent time
points is 94.92%. We will see later that this large volatility of expression levels
makes prediction difficult. This value can be proven to be equivalent to the aver-
age percentage prediction error of the Naı̈ve method. The Naı̈ve method is one of
the most basic while popular methods for time series analysis, and it simply uses the
previous realized gene expression value to predict the next coming value. The un-
derlying assumption is that trends and turning points cannot be predicted, and thus,
the horizontal line extrapolation is used as the forecast. In other words, the method
is equivalent to a random walk model, which shares the same assumption about the
structure of the time series data.

The dataset of Cho et al. [13] was also tested for performance comparison. There
are 17 time points for a total of 384 genes in this data set. The prediction error for
the Naı̈ve method is 28.52%. A potential difficulty with applying the regression-
based methods to the microarray data is the possible non-uniformly sampling of the
time series data. This can be solved, for example, by regressing the gene expression
levels against the various non-uniform time points. Then, extrapolated uniformly
sampled time points can be obtained from the derived regression model. Details for
the extrapolation method can be found in Ref. [59] etc.

5.5 Experimental Results

5.5.1 Models with Stand-Alone Neural Network

While the gene activities are highly complicated and nonlinear, the neural network
is known for its non-linear capability. In this problem, it is used to check if this
non-linear method can provide more accurate numerical forecasting. The typical
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three-layer neural network architecture is employed. The layers are the input layer,
the hidden layer and the output layer. The inspiring idea for this structure is to
mimic the working of our brain. The above layers correspond to the axons for inputs,
synapses, soma, and axons for outputs.

In the computational experiment with the stand-alone neural network, the inputs
xi ’s will be the expression levels of the lags (of various length) of each gene in
turn. And they will make the current expression level (denoted by y) prediction for
the gene. Mathematically, these inputs xi ’s are fed into the neural network structure
with the output y as followed [39]:

y D g

0
@ JX
jD1

w.2/j f

 
IX
iD1

w.1/j i xi

!1
A

where I denotes the number of inputs, J the number of hidden neurons, xi the
ith input, w.1/ the weights between the input and hidden layers, w.2/ the weights
between the hidden and output layers.

The lag length of the input variable will be determined by the AIC method, as
we will see later. In the PCA-NN experiment, the xi ’s will denote the lags of each
principal component value in turn. In our study, we have used the tansig activation
function:

f .x/ D 2

1C e�2x � 1

This is mathematically equivalent to the tanh(x), but runs faster in Matlab than the
implementation of the tanh [52]. And, we have simply used the linear combination
of the inputs for the output activation function.

The results with the neural network show that the prediction is better than other
methods compared but the errors are still high. It may be due to the lack of enough
training data, and also due to the fact that the gene expression levels are changing so
rapidly that the accurate forecasting is difficult to achieve. The sum of the absolute
errors of the prediction is 2,340 while the sum of the absolute gene expression values
is 3,921 for the dataset 1. The absolute percentage error is found to be 59.68% for a
neural network of ten hidden neurons and a lag length of three previous values. This
is still a large percentage error when compared with other time series prediction by
the neural network, like the short-term financial time series forecasting. The absolute
percentage error for the second dataset is 14.76%. We have studied the effects of
using different network architectures and of changing the number of feeding terms
for the network. To avoid over-training, we have adopted the AIC tests and cross-
validation procedure.

5.5.2 Hybrid Algorithms of Principal Component
and Neural Network

As the prediction errors made by the stand-alone neural network are still large,
the PCA is tested to see if it can assist the neural network for making more
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accurate prediction. As said above, the PCA has been used successfully in the gene
expression data analysis to reduce the dimensionality of the data set for better clas-
sification results.

The PCA was applied to the whole spectrum of the genes in the two datasets sep-
arately. With the principal components obtained by Singular Value Decomposition
(SVD) method, the gene expression matrix of dimension 613�18 has been reduced
to 17 � 18. In the following Figs. 5.2 and 5.3, the first, second and third principal
components are shown. We can see that there exist some more or less clear trends
for the neural network to make the prediction. The other major components have
similar property too. These principal components will serve as the input vectors for
the neural networks. The purpose of dimension reduction can be said successful.

Then, the role by the neural network in the assistance of prediction performance
was evaluated. The neural network was used to make prediction for each princi-
pal component. Then, the predictions are transformed back into the original vector
space. In the computational experiment with Spellman’s dataset, the total absolute
prediction error of the neural network in the training (with values at t-1, t-2 and t-3
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Fig. 5.2 The first, second and third principal components versus time points for Spellman’s dataset
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Fig. 5.3 The first, second and third principal components versus time points for Cho’s dataset

for predicting the current t-value and with ten hidden neurons) is found to be 1,087.
The sum of the gene expression values is 3,921. The absolute percentage error is
thus 27.77%, while that for the second dataset is 9.25%.

5.5.3 Results Comparison: Hybrid PCA-NN Models’ Performance
and Other Existing Algorithms

The results from the Naı̈ve prediction, the moving average prediction (MA), which
takes the average of past three expression values for prediction, the autoregres-
sion (AR(1)), the neural network prediction, the ICA-NN method and the PCA-NN
method are listed in Table 5.1. The naı̈ve method has simply used the previous ex-
pression value as the prediction value. The moving average prediction has used the
average of a certain number of previous expression values as a predictor. In fact,
the Naı̈ve method can be regarded as the moving average of one-lag model. The
first-order autoregression AR(1) is of the form:

xt D 	xt�1 C "t
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Table 5.1 Prediction results from the different methods

Results Naı̈ve MA AR NN ICA-NN PCA-NN

Abs. error (first set) 94.92% 125.87% 80.34% 75% 83.93% 51.31%
Abs. error (second set) 28.52% 39.16% 27.31% 22.52% 27.67% 12.91%

where xt is the expression level at time t, 	 the coefficient of xt�1. "t is the white
noise time series with EŒ"t � D 0; EŒ"2t � D �2" , and CovŒ"t ; "x� D 0 for all s ¤ t .
These three methods are popular in continuous numerical predictions and their cor-
responding errors here are the in-sample errors. It can be observed that the NN
model and the PCA-NN model are better than these methods. We will see later that
the performance of the out-of-sample testing of the PCA-NN model is better than
these methods’ in-sample testing. The in-sample tests mean that the data is used for
both training and testing while the out-of-sample tests mean that the testing data has
not been employed in the training process.

5.5.4 Analysis on the Network Structure and the Out-of-Sample
Validations

Different combinations of the lag patterns for the training of the neural network
with one hidden layer of ten hidden neurons have been tested. Different network
architectures have also been checked for comparing their performances.

In Table 5.2, the results of feeding the neural network of ten hidden neurons
with different input lag lengths are shown. NN1 represents network with the one-
lag model of value t-1, NN2 with the two-lag model of values t-1 and t-2, NN3 with
inputs t-1, t-2 and t-3, NN4 with input t-1, t-2, t-3 and t-4, NN5 with input t-1, t-2,
t-3, t-4 and t-5.

Table 5.3 shows us the performances of the different network architectures. All
are of three-layer structure. NN 10 is with 10 hidden neurons, NN 5 with 5 hidden
neurons, and NN 20 with 20 hidden neurons.

The AIC results are also listed in Tables 5.2, 5.3 and 5.4. It has been shown that
Akaike’s criterion is asymptotically equivalent to the use of cross-validation [39].
Akaike’s information criterion (AIC) is defined as:

AIC D T ln.residual sum of squares/C 2n (5.1)

where n is the number of parameters estimated, and T the number of usable
observations [19]. The first term of the above AIC equation is to measure the resid-
ual sum of squares, and the second term is a penalty for increasing the number of
parameters in the model. While a more parsimonious model has the effect of reduc-
ing the residual sum of squares, the AIC test can give us a selection criterion that
trades off a reduction in the sum of squares of the residuals for a more parsimonious
model. We can use the AIC to aid in the selection of the most appropriate model,
which is the model with the smallest AIC value (note that it can be negative).
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Table 5.2 Prediction results with different input lag lengths for stand-alone neural network

Results NN1 NN2 NN3 NN4 NN5

Abs. error (first set) 66.23% 63.89% 59.68% 57.82% 55.85%
Abs. error (second set) 19.07% 16.68% 14.76% 13.42% 11.77%
AIC (first set) 189.39 208.31 225.86 245.45 263.63
AIC (second set) 375.13 391.73 409.38 425.41 443.31

Table 5.3 Prediction results with different stand-alone neural network
structures

Results NN 5 NN 10 NN 20

Abs. error (first set) 68.63% 59.68% 47.47%
Abs. error (second set) 18.53% 14.76% 10.93%
AIC (first set) 180.28 225.86 318.77
AIC (second set) 364.50 409.38 500.13

Table 5.4 Prediction results for PCA-NN method with different neural network structures

Results T1N5 T2N5 T3N5 T1N10 T2N10 T3N10

Abs. error (first set) 67.63% 51.31% 46.85% 57.97% 44.22% 30.99%
Abs. error (second set) 22.02% 12.91% 14.65% 19.01% 8.68% 9.47%
AIC (first set) 160.61 160.87 168.77 184.81 195.75 204.74
AIC (second set) 348.91 338.61 351.59 372.42 367.08 389.33

Table 5.5 Prediction results (abs. percentage error of in-samples and
out-of-sample cross-validation) for PCA-NN method with two inputs
t-1 and t-2 for neural network structure of five hidden neurons

Results In-1 Out-1 In-2 Out-2

Spellman’s dataset 63.48% 70.86% 66.53% 74.04%
Cho’s dataset 19.91% 20.18% 16.02% 24.66%

From the AIC results, the architecture of the t-1 input with five hidden neurons is
suggested, as it has the smallest AIC value. And, feeding the neural network of five
hidden neurons with input t-1, the error in the first data set is found to be 75% while
that in the second data set is 22.52%, which are better than the Naı̈ve, the MA, and
the AR methods.

Table 5.4 shows us the prediction results and the AIC values for the PCA-NN
method with different network structures. T1 is for feeding the network with input
t-1 term only, T2 with input t-1 and t-2 terms, T3 with input t-1, t-1 and t-3 terms.
N5 refers to the network of five hidden neurons and N10 of ten neurons. While for
the data set 1, the AIC values of TIN5 and T2N5 are more or less the same, the
AIC values of the second data set suggest clearly that the model T2N5 should be
employed. This AIC result is slightly different from that of the stand-alone neural
network.

Table 5.5 lists the results of the cross-validation of the PCA-NN method. The
gene expression data is divided into two equal parts. In the first round, In-1 and
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Fig. 5.4 The poorest prediction cases made by Naı̈ve method and PCA-NN method for Cho’s
dataset (the top one is for the gene YDL227c and the bottom one for the gene YHL028w)

Out-1 are the prediction errors with the first half as the in-sample data and the second
half as out-of-sample data. The In-2 and Out-2 are the results with the opposite
partitions. From the table, we can find that the in-sample results are generally better
than the out-of-sample results but they are more or less consistent and close to each
other. Another observation is that the algorithm’s performance of both in-sample
and out-of-sample testing is better than other methods’ in-sample prediction.

The Fig. 5.4 shows us the poorest prediction results of the Naı̈ve method and
the PCA-NN method for Cho’s dataset. Among the predictions with the Naı̈ve
method, the YDL227c gene expression data has the poorest result, with 65.54%
average error. That for the PCA-NN method with the T3N10 model is the gene
YHL028W, with 25.45% error. The best prediction result for Naı̈ve method is
the gene YDL198c, with 11.62% error. That for PCA-NN prediction result is the
gene YBR104w, with only 1.87% error. We can observe that in both cases, the PCA-
NN model performs much better that the Naı̈ve method.

Furthermore, the possibility of replacing the PCA with the ICA for the modeling
has been tested. It is interesting to note that the results suggest that ICA does not sup-
plement well with neural network for the gene expression time series modeling here.
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5.6 Result Discussions and Conclusion

The relationship of the gene expression level in the whole cell cycle from a differ-
ent prospective has been investigated. Given a certain genes expression profile, the
possibility of making continuous predictions of the coming gene expression level
changes has been tested. The described model has been applied to two popular
gene expression datasets, and it has been observed that PCA can assist the network
to make more accurate predictions. The PCA-NN predictions have been compared
with other popular continuous prediction methods. The results from the Naı̈ve pre-
diction, moving average prediction (MA), autoregression (AR(1)), neural network
prediction, ICA-NN method and PCA-NN method are compared. The autoregres-
sion results suggest that the stationary time series model is not suitable for this
microarray time series problem, while our algorithm has been found to model the
genomic network more accurately. This is because the genomic network is never
truly linear and the neural network is found to be suitable for the gene modeling
with continuous outputs.

The computational results can let us know the contribution of each gene to the
principal components of the gene network. The predictability of each gene’s expres-
sion value can also be considered as a measure of how well its development can be
understood. It is because we have considered the time series data of the gene ex-
pression in its whole life cycle. A good prediction model means that we can identify
the correct principal component for influencing the gene’s developments.

The neural network has been known for its non-linear function capability. Its
prediction error is quite reasonable, which is better than the other methods like the
Naı̈ve method and the AR method. From the results of the two popular gene ex-
pression datasets, we can see that the PCA can assist the neural network to make
more accurate predictions and the PCA-NN method outperforms others. A main
difficulty in our numeral prediction is that the time points in one cell cycle are short.
The changes of the expression levels are very large between each time interval. In
short, we need to do further work on this short multivariable time series analysis of
the yeast’s cell cycle in order to further improve the prediction results. Our system
can also be seen as a nonlinear gene inference network. It can give us more accu-
rate model of the genome network, which is never truly linear, while a large-scale
gene expression predictive model can obviate the need for an exact understanding
of the system at the biochemical level [18].

Genetic algorithm is a promising tool for the optimization of the gene weightings
as pointed by Keedwell and Narayanan [30]. Similarly, we can regard our NN nu-
merical prediction as the fitness function of the GA. We are going to select the most
influential genes for each gene’s development in its life cycle with the GA. The
experimental results here have clearly shown that our proposed PCA-NN outper-
forms the other methods of linear regression, simple neural network and ICA-NN
etc. Thus, the suitable candidate to work with the GA will be the PCA-NN model,
forming the hybrid GA-PCA-NN system. Another potential method is the ensem-
ble learning, which have been successfully applied for the classification problems
in microarray (for example, [48]). Our goal is to achieve a nonlinear gene network
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that can utilize the microarray data fully, with continuous inputs and continuous
outputs, and that can provide us the details of the genes’ developmental dependen-
cies. This can be helpful for drug development of the enhancing or inhibiting of a
specific gene.
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Chapter 6
An Asymptotic Method to a Financial
Optimization Problem

Dejun Xie, David Edwards, and Giberto Schleiniger

Abstract This paper studies the borrower’s optimal strategy to close the mortgage
when the volatility of the market investment return is small. Integral equation repre-
sentation of the mortgage contract value is derived, then used to find the numerical
solution of the free boundary. The asymptotic expansions of the free boundary are
derived for both small time and large time. Based on these asymptotic expansions
two simple analytical approximation formulas are proposed. Numerical experiments
show that the approximation formulas are accurate enough from practitioner’s point
of view.

Keywords Mortgage prepayment � Asymptotic analysis � Numerical solution
� Analytical approximation

6.1 Introduction

Consider a mortgage with a fixed interest rate of c (year�1). Assume that the under-
lying risk free rate following the CIR model [1], which says drt D k.� � rt /dt C
�

p
rtdWt; where k; �; � are positive constants. According to standard mathemati-

cal finance theory (see [4, 8–10], for instance), the value of the mortgage contract
V.x; t/ at any specified t , the time left to the expiry of the contract, and the corre-
sponding interest rate x , when it is not optimal for prepayment, satisfies

@V

@t
� �2

2
x
@2V

@x2
� k.� � x/@V

@x
C xV D mI (6.1)

and when the borrower decides to terminate the contract prematurely at time t , he
needs to pay the mortgage loan balance

M.t/ D m

c

h
1 � e�ct

i
; (6.2)
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where m denotes the continuous mortgage payment rate, i.e., the borrower pays
mdt (dollars) to the mortgage contract holder (the lender) for each time period dt .
Mathematically we have a free boundary problem where the free boundaryx D h.t/

defines the optimal market interest rate level at which the borrower should terminate
the contract. For the continuation region where x > h.t/, the contract is in effect and
the value of the contract satifies (6.1). For the early exercise region where x � h.t/,
the contract is closed and the lender gets back the loan balance of M.t/. Because
it is the borrower, rather than the lender, who is a proactive player of the game and
has the choice to act in response to the market, so the value of the contract is always
less or equal than the loan balance. Thus the free boundary is where the value of the
contract V.x; t/ first reaches the value of the mortgage loan balanceM.t/. It is easy
to show, using the free of arbitrage argument, that the free boundary starts from c,
i.e., h.0/ D c. And because of the smooth patch is needed for the regularity of the
problem, we have the derivative of V.x; t/ must be 0 on h.t/. Lastly, it is trivially
true that V.x; 0/ D 0, which says that the value of the contract, when the contract is
expired, must be 0. Putting all these condition together, we formulate the problem
as follows: for 8x � 0 and t > 0, find V.x; t/ and h.t/ such that

8̂
ˆ̂̂̂̂
ˆ̂̂̂
<̂
ˆ̂̂̂
ˆ̂̂̂̂
ˆ̂:

L.V / D m; for x > h.t/; t > 0

V D m

c
Œ1 � e�ct �; for x � h.t/; t > 0

@V

@x
.h.t/; t/ 	 0

V.x; 0/ D 0; for all x � 0

h.0/ D c

(6.3)

where the differential operator L is defined as

L.V / D @V

@t
� �2

2
x
@2V

@x2
�k.� � x/@V

@x
C xV (6.4)

Because of the important role played by mortgage backed securities in real econ-
omy, there has been continuing interest in mortgage pricing and related problems,
especially the prepayment strategies for mortgage borrowers. Most of the studies,
such as [2, 5], are from option-theoretical viewpoint. A similar problem with un-
derlying interest rate following Vasicek model was recently studied with variational
integral equation approach in [3, 7]. In this paper, we focus on the situation where
the volatility � is small. Such an assumption is reasonable for the long term real
economy. More discussions on parameter estimation for risk free market return can
be found in [6].

Herewefirstderive the integral representationofthesolutionwiththefreeboundary
embedded, then prove the monotonocity and boundedness of the free boundary,
then design an effective iteration scheme to solve the problem numerically. Based
on the asymptotic analysis, we drive two analytical approximation formulas for the
optimal prepayment boundary. Numerical simulations are carried out to validate our
approximation formulas.
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6.2 Integral Representation of the Solution

We first derive the characteristic solution. When � ! 0, the PDE (6.1) reduces to

@V

@t
� k.� � x/@V

@x
C xV D m: (6.5)

Lemma 6.2.1 The characteristic solution associated with (6.5) is

V.X.t/; t/ D me�� t� X.t/��
k

Z t

0

e��C X.�/��
k d
; (6.6)

where
X.t/ D � C .X0 � �/ekt (6.7)

for each given X.0/ D X0.

Proof. Starting with each intial point .X.0/; 0/; X.0/ D X0 � 0, we define the
characteristic curve related to (6.5) as

@X

@t
D �k.� �X/; X.0/ D X0;

which gives
X.t/ D � C .X0 � �/ekt : (6.8)

Now on each characteristic curve, we have the following ODE for V.X.t/; t/ de-
fined as

dV

dt
C .� C .X0 � �/ekt /V D m

or equivalently

d

dt

n
Ve� tC

X0��

k
ekt
o

D me� tC
X0��

k
ekt

the solution of which is

V D me�� t� X0��

k
ekt

Z t

t�
e��C X0��

k
ek�

d
 (6.9)

Because of the requirement of V.X.0/; 0/ D 0, we have t	 D 0.

Lemma 6.2.2 The solution to (6.5) is given by

V.x; t/ D me� x��
k

Z t

0

e��sC x��
k
e�ks

ds; (6.10)
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it is strictly decreasing in x, ranges from limx!�1 V.x; t/ D 1 to limx!1
V.x; t/ D 0.

Proof. Reformulate the equation of V.X.t/; t/ in ( 6.6), we have

V.X.t/; t/ D me�� t� X.t/��
k

Z t

0

e��C X.�/��
k d


D me� X.t/��
k

Z t

0

e��sC X.t/��
k

e�ks

ds:

Write x D X.t/, we have the desired form of the solution as in (6.10). To validate
the monotonocity of V in x, we note that, in the set where V satisfies (6.5), Vx WD
@V
@x

satisfies the differential inequality

@Vx

@t
� k.� � x/

@Vx

@x
C .x C k/Vx D �V < 0:

The limits of V as x approaches ˙1 are the results of a simple computation.

6.3 Properties of the Free Boundary

In this section we shall show the monotonocity of the free boundary h.t/ and the
existence of limt!1 h.t/ and limt!0

C

h.t/, namely, we shall prove the following
theorem:

Theorem 6.1. If c < � , then h.t/, starts from h.0/ D c, is continuous and
monotonously decreasing in Œ0;1/, and is lower bounded. If c > � , then h.t/,
starts from h.0/ D c, is continuous and monotonously increasing in Œ0;1/, and is
upper bounded.

Proof. The theorem is a summary of the following Lemmas 6.3.1–6.3.6 and Corol-
laries 1–2. The proof is organized as follows: we first show the existence, unique-
ness, and continuity of h.t/, except possibly for t D 0, then show the boundedness
of h.t/ both from below and above, then the monotonocity, and lastly we find the
limit of h.t/ at t D 0.

Lemma 6.3.1 For each t � 0, h(t) exists and is unique. h(t) is continuous for all
t � 0 except possibly at x D 0.

Proof. The existence and uniqueness is naturally concluded from Lemma 6.2.2. The
continuity of h.t/ for t > 0 is a consequence of the continuity of V in x. The only
thing left to validate is limt!0

C

h.t/ D c, which is to be done after we prove the
boundedness of h.t/.

Lemma 6.3.2 If c > � , � ! 0, the free boundary h.t/ in (6.3) is lower bounded
by c, i.e.,
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h.t/ > c 8t > 0: (6.11)

Proof. Because V.X.t/; t/ is monotoneously decreasing (to 0) in X.t/ for fixed
t > 0, i.e., @V

@X
< 0;8t > 0, which is shown in the Lemma 6.2.2, it suffices to

show V.c; t/ > M.t/, where M.t/ D m
c

h
1 � e�ct

i
is the contract value on the

free boundary. Recall V.x; t/ D e� x��
k

R t
0
e��sC x��

k
e�ks

ds (hereafter, we assume,
WLOG, m D 1), we have

V.c; t/ D e�˛
Z t

0

e.k˛�c/sC˛e�ks

ds;

by letting c��
k

D ˛. Now, noticing ˛ > 0, we have

V.c; t/ �M.t/ D e�˛
�Z t

0

e�cshek˛sC˛e�ks � e˛
i
ds

�
:

Because

k˛s C ˛e�ks D ˛.ks C e�ks/
> ˛

We have

V.c; t/ �M.t/ > 0

and thus completes the proof.

Corollary 6.1. If c < � , � ! 0, the free boundary h.t/ in (6.3) is upper bounded
by c, i.e.,

h.t/ < c 8t > 0:

Proof. Follow the same procedure of the above proof except this time ˛ < 0, and
thus changes the sign of V.c; t/ �M.t/.

Lemma 6.3.3 If c > � , then h.t/ is monotonously increasing in t , i.e., h0.t/ >
0;8t > 0, and limt!1 h0.t/ D 0 .

Proof. Knowing that V.h.t/; t/ D 1
c

h
1 � e�ct

i
, we have, for 8t > 0,

e� h.t/��
k

Z t

0

e��sC h.t/��
k

e�ks

ds D 1

c

h
1 � e�ct

i
;

or equivalently,
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Z t

0

e��s� h.t/��
k

Œ1�e�ks �ds D 1

c

h
1 � e�ct

i
:

Differentiating it with respect to t , we get

�h
0.t/
k

Z t

0

e��s� h.t/��
k

Œ1�e�ks �
h
1 � e�ksids

C e�� t� h.t/��
k

Œ1�e�kt � D e�ct : (6.12)

Notice that the definite integral in above equation is strictly positive. If the second
term is strictly greater than e�ct , then h0.t/ > 0 is necessary for the above equation
to hold. Now the previous Lemma 6.3.2 tells us that h.t/ > c, hence

h.t/ � � > 0;

and also

0 < 1 � e�kt < kt;

we have

h.t/ � �

k
Œ1 � e�kt � <

c � �

k
kt D ct � � t:

So

e�� t� h.t/��
k

Œ1�e�kt � > e�� t�.ct�� t/ D e�ct ;

which is the desired inequality leading the monotonocity of the h.t/. Lastly, if we let
t ! 1 in (6.3), we have both the righthand side and the second term in the left side
vanish, thus forces the first term in the left side vanish too. But the definite integral
itself is strictly positive, so limt!1 h0.t/ D 0 becomes necessary, thus completes
the proof.

Corollary 6.2. If c < � , then h.t/ is monotonously decreasing in t , i.e., h0.t/ <
0;8t > 0, and limt!1 h0.t/ D 0 .

Lemma 6.3.4 If c > � , then limt!1 h.t/ exists. For 8 fixed � > 0, limt!1 h.t/ <	
c � � C c

�
e�.��C1/
 �k

1�e��k C �: In particular, limt!1 h.t/ < c C c
�

Proof. Let limt!1 h.t/ D h	. Knowing the contract value at t infinity is 1
c

, we wish
to balance the following parametric integral of h	

1

c
D
Z 1

0

e��s� h�

��
k

Œ1�e�ks �ds:
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The boundedness of h	 is immediate simply because limV.x; t/x!1 ! 0. Here we
are interested in finding a particular value of the bound. Fix � > 0, let 1�e�k� D �.
Notice that 1 � e�ks > �

�
for 0 < s < � and 1 � e�ks > � for s > �, we have

1

c
<

Z �

0

e��s� h�

��
k

�
�
sds C

Z 1

�

e��s� h�

��
k

�ds D � C ye�.�Cy/�

.� C y/�
;

where y WD h���
k

�
�

. Now we have

�.c � �/
c

>
�

c
y � ye�.�Cy/� ;

since c > � . The condition h	 > c > � here plays its role because otherwise � C y

is not necessarily positive. Notice that the function defined by f .y/ D ye�.�Cy/�
achieves the absolute maximum of e�.��C1/at y D 1

�
, we have

�.c � �/

c
>
�

c
y � e�.��C1/:

Correspondingly, we have

h	 <
h
c � � C c

�
e�.��C1/

i �k

1 � e��k C �:

The righthand side of above inequality is continuous in �. Take limit for � ! 0, we
find Œc � � C c

�
e�.��C1/� �k

1�e��k C � < c C c
�

.

Lemma 6.3.5 If c < � , then limt!1h.t/ exists. For 8 fixed � > 0, limt!1h.t/ >
�
�
1 � k�

1�e�k�

�
� k�

c
1

1�e�k� :

Proof. Again, we wish to balance the following parametric integral of h	

1

c
D
Z 1

0

e��s� h�

��
k

Œ1�e�ks �ds:

Due to Lemma 6.2.2, the lower boundedness of h	 is apparent. Here we are inter-
ested in finding a particular value of the lower bound. Fix � > 0, let 1 � e�k� D �.
Notice that 1 � e�ks > �

�
for 0 < s < � and 1 � e�ks > � for s > �, we have

1

c
>

Z �

0

e��s� h�

��
k

�
�
sds C

Z 1

�

e��s� h�

��
k

�ds

D � � ye�.��y/�

.� � y/�
;

where y WD ��h�

k
�
�

. If � � y � 0, then
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� � .� � h	/
1 � e�k�

k�
;

which is equivalent to

h	 � �

�
1 � k�

1 � e�k�

�
:

If � � y < 0 then we have

1

c
>
� � ye�.��y/�

.� � y/�

D e.y��/� � 1

� � y
C e.y��/�

�

>
�

�
.y � �/;

which gives

h	 � �

�
1 � k�

1� e�k�

�
� k�

1 � e�k�
�

�c
:

Because we are looking for a lower bound, so we take the minimum of the two cases
(for fixed � > 0), and conclude that

h	 � �

�
1 � k�

1 � e�k�

�
� k�

c

1

1 � e�k� :

Lemma 6.3.6 h.t/ is continuous for t 2 Œ0;1/, in particular, limt!0
C

D c.

Proof. Because of Lemma 6.3.1, the only thing left to be justified is limt!0
C

D c.
For t small, e�ks D 1 � ks, we have

lim
t!0

C

V.h.t/; t/ D lim
t!0

C

e� h.t/��
k

Z t

0

e��sC h.t/��
k

e�ks

ds

D lim
t!0

C

e� h.t/��
k

Z t

0

e��sC h.t/��
k

.1�ks/

Because of the continuity and boundedness of h.t/, we can take limit of
limt!0

C

h.t/ inside of the integral and arrive at

lim
t!0

C

V.h.t/; t/ D 1

limt!0
C

h.t/

Compare this with the boundary value of 1
c
Œ1�ect �, we have that limt!0

C

h.t/ D c.
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6.4 Numerical Solution of the Free Boundary

Since @V
@x

¤ 0 we can use Newton method to solve for the free boundary iteratively.
Define

Q.h/ D e� h��
k

Z t

0

e��sC h��
k
e�ks

ds � 1

c

h
1 � ect

i
;

and

f .h/ D e� h��
k

�
� 1
k

� Z t

0

e��sC h��
k
e�ks

ds

Ce� h��
k

Z t

0

e��sC h��
k
e�ks

�
1

k
e�ks

�
ds;

our problem is to find h such that

QŒh�.t/ 	 0; 8t � 0:

For fixed t D T , discretize Œ0; T � uniformly into n subintervals by t0; t1; t2; :::; tn,
where t0 D 0; tn D T . Start with h.t0/ D c and assume h.t1/; h.t2/; :::; h.tn�1/
are known, to compute h.tn/ with Newton’s algorithm, we first assign a reasonable
initial guess for h.tn/ as

h0.tn/ D h.tn�1/; n D 1I
h0.tn/ D 2h.tn�1/� h.tn�2/; n > 1:

For a given error tolerance level, say Tole D 10�7, we have the following Newton’s
iteration scheme

h.tn/
new D h.tn/

old � Q.h.tn/
old /

f .h.tn/old/
:

After each step of iteration, a current error is recorded as

error.k/ D h.tn/
new � h.tn/old :

The iteration is kept running until an integer k is reached such that error.k/ < Tole.
To increase the accuracy of the numerical solution, one can increaseN , the number
of grids for partitioning the time interval Œ0; T �. For typical parameters with T � 25,
our numerical simulations show that N D 4096 is large enough for achieving a
solution with relative error less than 10�7, where relative error is defined as the
difference of numerical values of h.T /’s achieved with different N ’s. Figure 6.1 is
a numerical plot of the free boundaries as we fix one set of parameters at a time
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Fig. 6.1 c = 0.05, k D 0:06; 0:07; :::; 0:12 (top to bottom) � D 0:06 (right), 0:07 (left). The units
for t and h.t/ are years and year�1 , respectively

6.5 Asymptotic Analysis of the Free Boundary

In this section, we derive asymptotic expansions of h.t/ for both small t and large t .

Theorem 6.2. As t ! 0, h.t/ 
 c C ˛t , where ˛ D .c��/k
3

:

Proof. We postulate that as t ! 0, h.t/ 
 c C ˛t , plug this into the contract value
on h.t/, we have that, for t small,

V.h.t/; t/ D
Z t

0

e��s� cC˛t��
k

Œ1�e�ks �ds

D
Z t

0

e
.c��C˛t/k

2
s2�.cC˛t/sds

For a; b > 0, s small, we have the following Taylor expansion

eas
2�bs D

�
1C as2 C a2s4

2Š
C :::

� �
1 � bs C b2s2

2Š
� :::

�

D 1 � bs C
�
a C b2

2

�
s2 �

�
ab C b3

3Š

�
s3 C o.s3/

Integrating it term by term for small t , we have

Z t

0

eas
2�bsds D t � b

2
t2 C 1

3

�
a C b2

2

�
t3

�1
4

�
ab C b3

3Š

�
t4 C o.t4/:

In terms of our problem at hand, we have
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V.h.t/; t/ D t � c C ˛t

2
t2 C 1

3

hc � � C ˛t

2
C .c C ˛t/2

2

i
t3 � o.t3/:

We want to match this, term by term, with the known expression of V.h.t/; t/, which
is

1

c
Œ1 � e�ct � D t � c

2
t2 C 1

3Š
c2t3 � o.t3/:

In the above two series, the coefficients for t and t2 match each other automatically.
To match the t3 terms, we need to have

�˛
2

C 1

3

�
.c � �/k C c2

2

�
D 1

6
c2;

which gives

˛ D .c � �/k

3
:

Theorem 6.3. There exist constants h	 D limt!1 h.t/, 	1 > 0, and 	2 > 0 such
that, as t ! 1,

h.t/ 
 h	 � 	1e�� t ; if c < �;

h.t/ 
 h	 C 	2e
�ct ; if c > �;

where h	 is implicitly given byM
�
1; �
k

C 1;�h���
k

�
D �

c
, where M.p; q; z/ is the

confluent hypergeometric function of the first kind of order p , q, and

	1 D kc.h	 � �/e� h�

��
k

�.h	 � c/ ;

	2 D k.h	 � �/

h	 � c
:

The existence and boundedness of h	 have been previously shown. The main idea
to find the exact value of h	 is to use repeated integration by parts to express the
contract value V at t infinity as a infinite series involving h	, which turns out to be
a confluent hypergeometric function. As in general, given a; b; c > 0, we have

Z 1

0

e�ayCbe�cy

dy D �1
a

Z 1

0

ebe
�cy

Œe�ay �0dy

D 1

a
eb C .�1/bc

a

Z 1

0

e�.aCc/yCbe�cy

dy
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Repeating the integration by parts, using the recursive identity

Z 1

0

e�.aCnc/yCbe�cy

dyD � 1

a C nc
ebC.�1/ bc

aC nc

Z 1

0

e�.aC.nC1/y/Cbe�cy

dy;

where the tail definite integral vanishes as n ! 1, we have

Z 1

0

e�ayCbe�cy

dy D 1

a

nD1X
nD1

.�1/n bn

.a=c C 1/.a=c C 2/:::.a=c C n/
eb

D 1

a
M.1; a=c C 1;�b/:

In terms of our problems, this means

e� h�

��
k

e�ks

Z 1

0

e��sC h�

��
k

e�ks

ds D 1

�
M

�
1; �=k C 1;�h

	 � �

k

�
:

At t infinity, we want

V.h.1/;1/ D e� h�

��
k

e�ks

Z 1

0

e��sC h�

��
k

e�ks

ds D 1

c
;

which means

M

�
1;
�

k
C 1;�h

	 � �

k

�
D �

c
:

To fully understand the asymptotic behavior of the free boundary as t ! 1, we
evaluate the limit of h0.t/ as t ! 1. Start with the equation

Z 1

0

e��s� h.t/��
k

Œ1�e�ks �ds D 1

c

h
1 � e�ct

i
;

take derivative with respect to t along h.t/,

�h
0.t/
k

Z t

0

e��s� h.t/��
k

Œ1�e�ks �
h
1 � e�ks

i
ds D

�e�� t� h.t/��
k

Œ1�e�kt � C e�ct ;

we get

h0.t/
k

D e�� t� h.t/��
k

Œ1�e�kt � � e�ct
1
c
Œ1 � e�ct � � I

;
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where

I WD
Z t

0

e��s� h.t/��
k

Œ1�e�ks �e�ksds;

which can be evaluated using integration by parts. Thus we get

h0.t/
k

D
.h.t/ � �/

n
e�� t� h.t/��

k
Œ1�e�kt � � e�ct

o
h.t/
c
Œ1 � e�ct �C e�� t� h.t/��

k
Œ1�e�kt � � 1

:

When c > � , we can write the above equation into

h0.t/ D F.t/e�� t ;

where

F.t/ D e� h.t/��
k

Œ1�e�kt � � e�.c��/t
h.t/

c.h.t/��/ Œ1 � e�ct �C 1
h.t/��

n
e�� t� h.t/��

k
Œ1�e�kt �

o :

Since it has been shown that limt!1 h.t/ D h	 > � , it is straightforward to show
that F.t/ is uniformly bounded in t and

lim
t!1F.t/ D kc.h	 � �/e� h�

��
k

h	 � c :

Now we postulate

h.t/ 
 h	 � 	1e
�� t ; if c > �:

Compare the limit of h0.t/, we get

	1 D kc.h	 � �/e� h�

��
k

�.h	 � c/
:

On the other hand, if c < � , we can write the same equation into we can write the
above equation into

h0.t/ D G.t/e�ct ;

where

G.t/ D e�.��c/t� h.t/��
k

Œ1�e�kt � � 1
h.t/

c.h.t/��/ Œ1 � e�ct �C 1
h.t/�� fe�� t� h.t/��

k
Œ1�e�kt � � 1g

:



92 D. Xie et al.

Since it has been shown that limt!1 h.t/ D h	 < c, it is straightforward to show
that G.t/ is uniformly bounded in t and

lim
t!1G.t/ D kc.h	 � �/

h	 � c :

Now we postulate

h.t/ 
 h	 C 	2e
�ct ; if c < �:

Compare the limit of h0.t/, we get

	2 D k.h	 � �/

h	 � c
:

Corollary 6.3. As t ! 1,

h.t/ 
 h	 � 	1e�� t C 	2e
�ct ;

where h	, 	1, and 	2 are defined in Theorem 3.

6.6 Global Approximation Formulas

We propose that the free boundary h.t/ globally behaves like

h.t/ 
 h	 � .h	 � c/e�ˇt ; (6.13)

where clearly h ! h	 as t ! 1, and ˇ is chosen to match the asymptotic expan-
sion of h.t/ 
 c C ˛t , which means

ˇ D k.c � �/
3.h	 � c/

(6.14)

The accuracy of approximation can be improved if we use a little bit more compli-
cated interpolation formula

h.t/ 
 h	 � .h	 � c/ expŒ1 � eˇt �: (6.15)

We choose a super exponential function to make the free boundary “decay” faster
to the true boundary, when other conditions are matched as previous. And also this
does not alter the asymptotic expansion at t infinity at all. In the same rationale, ˇ is
chosen to match the asymptotic expansion of h.t/ 
 cC˛t for t small, which gives
the same expression of ˇ as defined in (6.14). In Fig. 6.2 we provide a comparison of
our analytical approximations and the true numerical solution of the free boundary.
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Fig. 6.2 The plain curve is the true solution. The top stared curve is the first approximation, and
the bottom dotted curve is the second approximation. c D 0:05; � D 0:06; k D 0:15 (left), 0:10
(right). The units for t and h.t/ are years and year�1 , respectively

In general these approximation formulas are very accurate. Our numerical ex-
periments with a variety of parameters show that the relative error is within 4%
for t < 20 for the second formula. From the financial practitioner’s point of view,
both our numerical method and the approximation formula can provide satisfactory
solutions.

6.7 Conclusion

Assuming the underlying interest rate follows the CIR model, we studied the mort-
gage borrower’s optimal strategy to make prepayments when the volatility of market
return rate is small. We derived the integral equation representation of the solution
and studied the mathematical properties of the free boundary. An efficient iteration
scheme was designed to solve the free boundary numerically. We also found two
useful approximation formulas, the accuracy of which are validated with numerical
simulations.
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Chapter 7
Analytical Design of Robust Multi-loop PI
Controller for Multi-time Delay Processes

Truong Nguyen Luan Vu and Moonyong Lee

Abstract In this chapter, a robust design of multi-loop PI controller for
multivariable processes in the presence of the multiplicative input uncertainty is
presented. The method consists of two major steps: firstly, the analytical tuning
rules of multi-loop PI controller are derived based on the direct synthesis and IMC-
PID approach. Then, in the second step, the robust stability analysis is utilized
for enhancing the robustness of proposed PI control systems. The most important
feature of the proposed method is that the tradeoff between the robust stability and
performance can be established by adjusting only one design parameter (i.e., the
closed-loop time constant) via structured singular value synthesis. To verify the
superiority of the proposed method, simulation studies have been conducted on a
variety of the nominal processes and their plant-model mismatch cases. The results
demonstrate that the proposed design method guarantees the robustness under the
perturbation on each of the process parameters simultaneously.

Keywords Multi-loop PI controller � Direct synthesis � IMC-PID approach �
Structured singular value

7.1 Introduction

Multi-loop (decentralized) PI control is still the vast majority of chemical process
industry, despite a number of advanced control techniques can provide signifi-
cant improvement such as the full multivariable controllers design methods. It is
important to notice that the multi-loop PI controller has several merits for achieve-
ment, such as the simplicity in implementation, requiring fewer parameters to tune,
and loop failure tolerance of control system can be assured during the design
stage. Therefore, many controller tuning methods have been suggested to tune the
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multi-loop control system, which can be classified into four main types of tuning
methods as follows: the detuning method, the independent design method, the se-
quential design method, and the relay auto-tuning.

In the detuning method, the individual controllers of the multi-loop control sys-
tem are firstly designed by ignoring the interactions between the control loops, and
then, all settings are detuned for taking into account the interactions until some
stability criteria are satisfied. The well-known method of this type is the biggest log-
modulus tuning (BLT) method suggested by Luyben [1]. Initially, the single-input,
single-output (SISO) controllers are obtained by using the Ziegler-Nichols (Z-N)
settings [2], the detuning is performed by adjusting one parameter F , wherein F is
determined via a Nyquist-like plot of the closed-loop characteristic polynomial. The
controller parameters for multi-loop control system are determined in such a way
that the biggest log-modulus, which measures how far the control system is from
being unstable, is obtained equal to 2N (N is the order of system) by adjusting F .

In the independent design method, each controller is designed based on the
corresponding diagonal element of multivariable process, while the off-diagonal in-
teractions should be taken into account by considering some inequality constraints
on the process interactions. Therefore, many constraints imposed on the individual
design are given by a number of authors (Grosdidier and Morari [3], Skogestad and
Morari [4], etc.). The main advantage of independent design is that the failure toler-
ance is guaranteed automatically. However, it is conservative due to the assumption
of the design method. This design method is effective when the system is diagonally
dominance.

In the sequential design method [5, 6], each controller is designed sequentially
with the previously designed controllers implemented. Basically, a controller is
firstly designed by considering the selection of input–output pair and this loop is
closed, and then a second controller is designed by considering the second pairing
while the first loop is closed and so on. The sequential design method can be used
for the complex interactive problems where the independent design method does not
work. A potential disadvantage of this design method is that failure tolerance is not
guaranteed when the previous loops fail. When the system outputs can be decou-
pled in time, the sequential design method can be effectively used for the design of
multi-loop controllers.

Another widely used approach is the relay auto-tuning [7–9]. This approach
is straightforward, because it directly combines single-loop relay auto-tuning and
sequential tuning, wherein the multi-loop control system is tuned sequentially loop
by loop, closing the i th loop when it has been tuned and the j th loop needs to be
opened [9]. However, poor output responses can be obtained when the multiple-
input, multiple-output (MIMO) system has large multiple time delays, which is one
of the main causes of strong dynamic interactions.

To find a simple and effective design method of a multi-loop PI type controller
with significant performance improvement has become an imperative research is-
sue for process control engineers. In this chapter, a simple but efficient design
method for multi-loop PI controllers is presented, which exploits the process interac-
tions for the improvement of the loop performance. The proposed method is based
on the direct synthesis [10, 11], wherein the multi-loop PI controller is designed
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based on the desired closed-loop transfer function via IMC approach [12–18]. In ad-
dition, the resulting analytical design rule includes a frequency-dependent relative
gain array (RGA) [19–21] that provides information on the dynamic interactions
useful for estimating the controller parameters. To secure robustness of the pro-
posed PI control systems, the sufficient and necessary constraints for tuning the
robust multi-loop controller are analyzed in presence of the process uncertainties.
The feasibility of proposed method is verified by several examples.

7.2 The Multi-loop Feedback Controller Design for Desired
Set-Point Responses

The conventional multi-loop feedback control system is shown in Fig. 7.1 where
G(s) represents the process transfer function matrix which is assumed that the pro-
cess has a known model in the form of a square and non-singular transfer function
matrix. QGc.s/ denotes the multiloop controller. y(s) and r(s) are the controlled vari-
able and set-point vectors, respectively. The closed-loop response to the set-point
change is obtained by

y .s/ D H.s/r .s/ D
h
I C QGc.s/G.s/

i�1 QGc.s/G.s/r .s/ (7.1)

where H(s) is the closed-loop transfer function matrix.
The feedback controller to give a desired closed-loop response can be straight-

forwardly found by rearranging Equation (7.1). However, the resulting controller is
generally not a diagonal (or decentralized) form. Instead of designing the multi-loop
controller with n diagonal components directly, it is essential to consider only the di-
agonal matrix H(s). Whereupon the multi-loop controller that results in QH.s/ having
n desired diagonal elements can be straightforwardly derived from Equation (7.1)
by using some linear algebra, as shown in the following procedure:

QH.s/ D diag

��
I C G.s/ QGC .s/

��1
G.s/ QGC .s/

�

D diag

��
G�1.s/ QG�1

C .s/C I
��1� (7.2)

+

G~
Gc

y
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r
0 0

0
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0
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Fig. 7.1 Block diagram of multi-loop feedback control
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The previous published papers [22, 23] demonstrate that the overall closed-loop
system H(s) is stable if column diagonal dominance is achieved for all loops
at all frequencies. Basically, in order to achieve the closed-loop stability,�

G�1.s/ QG�1
C .s/C I

��1
is required to be closed-loop diagonal dominance or

closed-loop column diagonal dominance at all frequencies. In particular, since
QGc.s/ has integral terms, this is the case for low frequency range. Thus, the inverse

of matrix can be reasonably approximated as QH�1
.s/Š diag

�
G�1.s/ QG�1

C .s/C I
�

.

Then one can obtain a multi-loop (or decentralized) feedback controller as follows:

QGC .s/ D diag


G�1.s/

� � QH�1
.s/ � I

��1
(7.3)

It is clear that the controller by Equation (7.3) gives a closed-loop response closer
to the desired one as process interactions are insignificant. Since the multi-loop
controllers are usually applied to processes with modest interactions, this approach
can have validity.

To further simplify the above result, let Gij.s/ be the cofactor corresponding to

gij .s/ in G(s). It follows from linear algebra that diag.G�1.s// D Gii.s/
jG.s/j , where

jG.s/j denotes the determinant of G.s/. Furthermore, . QH�1
.s/ � I/�1 can be ex-

pressed in terms of the i th diagonal element as Œ QH�1
.s/� I��1 D diag

n
hii.s/
1�hii.s/

o
, of

which hii.s/ is each diagonal element of QH.s/ and corresponds to the desired closed-
loop transfer function for each loop. As a result, each diagonal feedback controller
gci .s/ can be designed for gii according to Equation (7.3) as

gci .s/ D Gii.s/

jG.s/j
�

hii.s/

1 � hii.s/

�
(7.4)

It follows that the diagonal element of the frequency-dependent RGA for G(s) is
given by

ƒii.s/ D gii.s/
Gii.s/

jG.s/j (7.5)

Thus, each element of the multi-loop controller can be obtained as

gci .s/ D ƒii.s/g
�1
ii .s/

�
hii.s/

1 � hii.s/

�
(7.6)

According to the IMC approach, the desired closed-loop transfer function hii.s/ is
chosen as

hii.s/ D e��iis

.�i s C 1/ri

qiY
kD1

�s C zk
s C z	

k

; i D 1; 2; : : : ; n (7.7)

where zk ; z	
k

and �ii denote the right-haft-plane (RHP) zeros of the (i, i)th diag-
onal element of the process transfer function matrix, the corresponding complex
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conjugate of RHP zeros, and the time delay term, respectively qi denotes the number
of zk . The IMC filter time constant, �i , which is also equivalent to the closed-
loop time constant, is an adjustable parameter allowing an adequate tradeoff to be
achieved between the performance and robustness. ri is the relative order of the
numerator and denominator in gii.s/.

Substituting Equation (7.7) into Equation (7.6), the multi-loop controller of the
i th loop can be rewritten by

gci .s/ D ƒii.s/g
�1
ii .s/

0
BBB@

e��iis
qiQ
kD1

zk�s
z�

k
Cs

.�is C 1/ri � e��iis
qiQ
kD1

zk�s
z�

k
Cs

1
CCCA (7.8)

Note that in Equation (7.8), the non-minimum portion of gii.s/ is cancelled out with
the time delay and RHP zero zk in the numerator so that the controller has neither
causality nor stability problem.

7.3 Reduction to the Multi-loop PI Controller

The multi-loop controller by Equation (7.8) is complicated and unaccepted in prac-
tice. Therefore, this controller is commonly transformed into the more practicable
PI controller, which is one of the most acceptance controllers in the process indus-
try. For the sake of simplicity, the mathematical Maclaurin series expansion is used
to obtain the proposed multi-loop PI controller using the following procedure:

gci .s/ 	 s�1pii.s/ (7.9)

Thus,

pii.s/ 	 sƒii.s/g
�1
ii .s/

0
BBB@

e��iis
qiQ
kD1

zk�s
z�

k
Cs

.�is C 1/ri � e��iis
qiQ
kD1

zk�s
z�

k
Cs

1
CCCA (7.10)

Consequently, Equation (7.9) can be expanded by using the Maclaurin series as

gci .s/ D 1

s

	
pii.0/C sp0

ii.0/C : : :



(7.11)

Since the standard form of multi-loop PI controller is given by

QGC .s/ D 1

s

	 QKI C s QKC



(7.12)
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The proposed multi-loop PI controller is found by the comparison between
Equations (7.11) and (7.12).

QKC D diag
˚
p0

ii.0/
ˇ̌�

(7.13)

QKI D diag fpii.0/g (7.14)

Apparently, the above PI controller formulas can be utilized to achieve the control
gain and integral time constant as an analytical function of the process model pa-
rameters and the closed-loop time constant, �. Therefore, the proposed multi-loop
PI controller can be tuned by a detuning parameter, �, which is utilized to enhance
the robust performance of the overall control system.

7.4 Example of Two-Input, Two-Output (TITO) Case

The TITO multi-delay processes are very popular in the process industry. In this sec-
tion, the TITO multi-delay processes with the first-order plus delay time (FOPDT)
dynamics are considered. The multi-loop feedback controller can be obtained from
Equation (7.8) as

gci .s/ D ƒii.s/
.Tiis C 1/

Kii

�
1

.�is C 1/� e��iis

�
(7.15)

whereKii and Tii denote the gain and time constant of gii.s/, respectively. The order
of the IMC filter is selected as 1 for the controller to be proper.

The (i, i)th element of the frequency-dependent RGA is calculated by

ƒii.s/ D 1

1 � K12K21

K11K22

.T11s C 1/ .T22s C 1/

.T12s C 1/ .T21s C 1/
e��ei

s

(7.16)

where the effective delay ™e is defined by ™e D ™12 C ™21 � ™11 � ™22.
The multi-loop feedback controller can be found by substituting Equation (7.16)

into Equation (7.15), and an analytical tuning rule of the proposed multi-loop PI
controller can be derived by using Equations (7.13) and (7.14) as

KCi D ƒii.0/


�2ii C 2ƒii .0/ .�i C �ii/ ŒKe .Tei � �e/C Tii�

�
2Kii.�i C �ii/2

(7.17)


Ii D KCi

Kii
D �2ii C 2ƒii .0/ .�i C �ii/ ŒKe .Tei � �e/C Tii�

2Kii.�i C �ii/
(7.18)
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where Ke denotes the interaction quotient [24], of which Ke D K12K21

K11K22
. The

effective time constant Tei is defined as Tei D Tjj � Tij � Tj i ; j ¤ i . ƒii.0/

corresponds to the diagonal element of the steady-state RGA [25].

7.5 Robust Stability Analysis

Robustness is one of the most important issues that should be considered in control
design because the control system stability and performance should be affected by
the presence of process uncertainties. Generally, there is no nominal model which
is a perfect mathematical representation of the actual system and the difference be-
tween the actual system and its nominal model may lead to closed-loop instability.
Here, the robust stability analysis is carried out by focussing on the process mul-
tiplicative input uncertainty which is one of the most commonly used models to
represent uncertainty in practice. Since the detailed analysis of robustness is mainly
dependent on the uncertainty model. In this chapter, the structure singular value, �,
suggested by Doyle et al. [26] is considered as a measure of robustness of multi-loop
feedback system.

As shown in Fig. 7.2, the process multiplicative input uncertainty can be inter-
preted as the process input actuator uncertainties and the actual process family may
be described as ˘I W Gp D GŒI C WI�I �. Note that ˘I denotes the set of input
perturbed process models. Gp is the n�n transfer function matrix of process model
as perturbed from its nominal process model G due to the unstructured uncertainty
as multiplicative input. The bound (weight) WI are frequency-dependent and nor-
malize the maximum magnitude of input perturbation block�I to unity, where �I
is assumed to be stable with N�.�I / � 1; 8!. MI involves all other blocks such as
plant, controller, and weighting factors.

Fig. 7.2 Block diagram for
multi-loop feedback system
with multiplicative input
uncertainty and itsM -�
control structure

+ 

+ –

yΔ uΔ

yΔuΔ

WI

MI

ΔI

∼
GGC

ΔI
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Any perturbation blocks can be reorganized into the standard M � � control
structure for robustness analysis, the transfer function matrix from the outputs to
the inputs of �I can be figured out as

MI D � 
I C QGcG
��1 QGcGWI (7.19)

It should be noted that MI hold stability when the nominal control system has been
conducted stable. On the basic of the Nyquist stability criterion, the overall control
system is stable if and only if det.I � MI�I / ¤ 0; 8!. Consider the structured
singular value synthesis [21, 26–28], the multi-loop control system will remain sta-
ble under the multiplication input uncertainty if the following inequality constraint
is satisfied:

� .MI .j!// D �
�

I C QGcG

��1 QGcGWI

�
< 1;8! (7.20)

In this case, the weight WI is used to normalize the maximum value of largest
singular value of �I at all frequencies.

Remarks:

1. �.MI / D 0. In this situation, there does not exist any input perturbation block
in multi-loop control system.

2. �.MI / D 1. It is indicated that there exists a input perturbation block with
N�.�I / D 1, which is just large enough to make I � MI�I singular.

3. A smaller value of �.MI / is good. Inversely, a larger value of �.MI / is bad
because it means that a smaller perturbation makes I � MI�I singular.

7.6 Simulation Study

In this section, two examples are considered to demonstrate the flexibility and ef-
fectiveness of the proposed method in comparison with those of other well-known
methods.

Example 7.1. Wood and Berry (WB, 2 � 2 systems) [29] distillation column.

Wood and Berry introduced the following transfer function model of a pilot-scale
distillation column which consists of an eight-tray plus reboiler separating methanol
and water,

G.s/ D

2
664
12:8e�s

16:7s C 1

�18:9e�3s

21s C 1
6:6e�7s

10:9s C 1

�19:4e�3s

14:4s C 1

3
775 (7.21)

To illustrate the robustness of the proposed method, assume there actually exist
the diagonal multiplicative uncertainty in each manipulated input of magnitude
WI .s/ D diagf.s C 0:3/=.s C 1/; .s C 0:3/=.s C 1/g. This implies a relative
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uncertainty of up to 30% in the low frequency range, which increases with up to
100% uncertainty at high frequency range at about 1 rad/min. The uncertainty is
represented as multiplicative input uncertainty as shown in Fig. 7.2.

Based on the �-synthesis for multiplicative input uncertainty (Equation (7.20)),
the set of the adjustable parameters �i .i D 1; 2; : : : ; n/ are suggested to achieve
a desirable specification of robust stability and performance by increasing it
monotonously. It can be seen in Fig. 7.3 that with a small �i of the multi-loop
PI controller matrix QGc , the overall performances of proposed control systems can
improve in terms of small IAE values and fast output responses, but the �-values
grow larger, which means that a smaller perturbation makes I � MI�I singular.
On the contrary, increasing �i will slow down the overall output responses, but the
�-values grow smaller, tending to surpass their robust capacities in practice. There-
fore, tuning the adjustable parameters �i provides a tradeoff between the achievable
responses of robust performance and the robust stability. Consequently, to deal with
the process uncertainties, it is suggested to increase the adjustable parameters �i
monotonously, so that the nominal system responses will be gradually slow down
for better robust stability. However, when the process un-modeled dynamics are
too large, the robust performance and stability will not be acceptable. Then, the
effective way to achieve better nominal system performance and robust stability is
that reduce the process uncertainties.

For this example, it is desirable for the proposed controllers to be tuned by
setting the closed-loop time constant �i as 1.3 and 7.3 for loops 1 and 2, respec-
tively, so that the proposed control system can be guaranteed the robust stability
.�.MI .j!// D 0:80/ as shown in Fig. 7.3. All of the controller parameters and the

Fig. 7.3 �-plots for WB column
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resulting integral absolute error (IAE) values are tabulated in Table 7.1. The nominal
responses of the closed-loops that are tuned by the proposed, BLT [1], DLT [30],
and SAT [7] design methods are shown in Fig. 7.4. Simulation is carried out by
introducing the unit set-point change sequentially at the first and second loops. It is
apparent that the proposed PI control system provides the well-balanced and faster
nominal responses in comparison with the other methods. Besides, the superiority
of the proposed method is also illustrated by its IAE values in Table 7.1.

Table 7.1 PI parameters and IAE values for WB column

Proposed BLT DLT SAT

Kc 0.69, �0:08 0.38, �0:08 0.22, �0:14 0.87, �0:09

I 10.05, 7.97 3.25, 23.60 17.20, 15.90 8.29, 10.40
IAE1 3.41, 6.35 5.11,16.80 7.34, 5.64 4.00, 6.67
IAE2 2.25, 10.59 3.38, 32.70 6.59, 10.91 0.81, 11.83
IAEt 22.60 57.99 30.48 23.31

IAEi: IAE for the step change in loop i .
IAEt: sum of each IAEi.
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Fig. 7.4 Nominal responses for WB column
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From the basis of the closed-loop responses in Fig. 7.4 and the IAE values in
Table 7.1, one can see that the PI controller obtained by the proposed method pro-
vides better performance than those obtained by using the other methods.

Example 7.2. Alatiqi case 2 (A2, 4 � 4 system) [1] distillation column.

Consider the industrial distillation column studied by Luyben [1], the process
transfer function matrix is given by

G.s/ D

2
6666664

4:09e�1:3s

.33sC1/.8:3sC1/
�6:3e�0:2s

.31:6sC1/.20sC1/
�0:25e�0:4s

.21sC1/
�0:49e�5s

.22sC1/2
�4:17e�4s

.45sC1/
6:93e�1:01s

.44:6sC1/
�0:05e�5s

.34:5sC1/2
1:53e�2:8s

.48sC1/
�1:73e�17s

.13sC1/2
5:11e�11s

.13:3sC1/2
4:61e1:02s

.18:5sC1/
�5:48e�0:5s

.15sC1/
�11:18e�2:6s

.43sC1/.6:5sC1/
14:04e�0:02s

.45sC1/.10sC1/
�0:1e�0:05s

.31:6sC1/.5sC1/
4:49e�0:6s

.48sC1/.6:3sC1/

3
7777775
(7.22)

To demonstrate the robust stability of the proposed control system against the
process multiplicative input uncertainties, assume that there exist the process diag-
onal multiplicative uncertainties in each manipulated input of magnitude WI .s/ D
diagf.s C 0:1/=.s C 1/; .s C 0:1/=.s C 1/; .s C 0:1/=.s C 1/; .s C 0:1/=.s C 1/g.
This implies all of the process input actuators have up to 100% uncertainty at high
frequency range at about 1 rad/min and almost 10% uncertainty in the low frequency
range. By using the �-synthesis (Equation (7.20)), the �i values can be found as 8,
2, 2, and 10 for loops 1, 2, 3, and 4, respectively, so that the proposed control system
can be guaranteed the robust stability .�.MI .j!// D 0:97/. All the controller pa-
rameters used in this example are listed in Table 7.2. To test the performance of
control system, the unit step changes in set-point were sequentially made in the
individual loops.

Figure 7.5 shows the nominal responses by the proposed and BLT methods. As
shown in the figure, the proposed method provides the well-balanced and faster
responses than the BLT method. Superiority of the proposed method can also be
confirmed by its IAE values as shown in Table 7.2.

Table 7.2 PI parameters and IAE values for A2 column

Proposed BLT

Kc 2.22, 3.21, 2.88, 3.04 0.92, 1.16, 0.73, 2.17

I 27.17, 14.31, 25.91, 169.7 61.7, 13.2, 13.2, 40
IAE1 13.47, 4.05, 26.70, 83.25 50.96, 4.24, 43.43, 27.86
IAE2 16.47, 4.74, 36.08, 73.13 80.97, 9.28, 100.20, 47.34
IAE3 0.72, 0.2, 3.95, 5.3 3.25, 0.19, 6.68, 1.76
IAE4 6.56, 1.72, 22.3, 18.69 21.64, 3.26, 53.17, 24.65
IAEt 317.33 478.88
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7.7 Conclusions

A simple analytical design method for a robust multi-loop PI controller was pro-
posed based on the direct synthesis and IMC-PID approaches for the multi-time
delay processes. The proposed analytical tuning rules can take the interaction ef-
fect into account in the simple but efficient manner. By using the �-synthesis, the
proposed PI control systems can be afforded an excellent performance while the
robustness of the multi-loop systems can be guaranteed satisfactorily. The simula-
tions were conducted by tuning various multi-loop PI controllers for the diagonally
dominant processes. The simulation results confirm the superiority of the proposed
PI controllers over to several well-known existing methods.
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Chapter 8
Automatic and Semi-automatic Methods
for the Detection of Quasars in Sky Surveys

Sio-Iong Ao

Abstract With the advances of the technologies for the sky surveys, massive
amount of survey data become available. It would be very helpful for the automatic
and semi-automatic methods in the classifications/detections of the astrophysical
objects. In fact, for surveys of millions of objects, it may not be possible to detect
the desired objects by expert inspection alone. Quasars are interesting astrophysical
objects that have been recently discovered more comprehensively from the sky sur-
veys. Automatic and semi-automatic methods have been proposed for the detection
of the quasars from the massive data produced by the modern sky surveys. In this
chapter, the first section describes about the existing automatic and semi-automatic
methods for the comprehensive search of quasars. Secondly, it will be explored to
see if some machine learning algorithms can automatically classify the light curves
of the quasars against the very similar light curves of the other stars. For example in
MACHO sky survey, the light curves of the Be stars are so similar with the quasar
light curves that the previous algorithms and even the manual examination by ex-
perts cannot tell the difference between the light. Experimental results will also be
shown for this exploratory work.

Keywords Automatic detection � Quasar � MACHO � Autocorrelation � Clustering

8.1 Introduction

Quasars, quasi-stellar radio sources, are powerfully energetic and distant galaxy
with an active galactic nucleus. Most quasars are farther than 3 billion light-years
away from the Earth, but they are so luminous enough to be still visible. Their lumi-
nosity was found to vary on a variety of time scales. As the quasars are all very old,
the studies of quasars may help us better understand the early stage of the universe.
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The quasars can also serve as suitable reference frames against which to measure the
proper motion of other astrophysical objects [16]. They may also be helpful in the
absorption line studies of the interstellar medium in the sky region. It is interesting
itself to investigate the physical mechanisms underlying quasars light variation. The
following works are some of the recent works on the investigation of the quasars
light variation, which is shown to be helpful for the automatic quasar selection.

8.1.1 Variability Properties of the Quasar Light Curves

In the work of Scholz et al. [29] on the combined variability-proper motion survey
for QSOs on Schmidt plates, in order to search for objects with variability timescales
longer than a few months, the mean structure functions for time-lags longer than
100 days were compared with that for time-lags shorter than 100 days. The ratio
RS100 D SF.
 > 100/=SF.
 < 100/ serves as an indicator of long-term variability.
The criterion log10.RS100/ > 0:15 was adopted, which yielded a strong reduction
of the candidate sample while only a few QSOs would remain undetected. The final
sample contained 168 QSO candidates with estimated success of over 40% and
completeness about 90%. Here, the variability index is defined as:

I
.B/
var;i D 1

nipl

ni
plX

jD1

ˇ̌
Bij � NBi

ˇ̌
�j


Bij
� with NBi D 1

nipl

ni
plX

jD1
Bij

where �j .Bij/ is the photometric random error of the j -th plate at the magnitude B
measured for the object on this plate. The proper motion index was defined as:

Ipm D �2x C �2yq
�2x�

2
�x

C �2y�
2
�y

where .�x; �y/ are the two proper motion components and .��x
; ��y

/ are their
errors.

Meusinger et al. [19] conducted a combined variability and proper motion (VPM)
survey on the globular cluster M 3. In their spectroscopic follow-up observations of
QSO candidates, 114 QSOs and 10 Sey1s were pre-estimated with 90 completeness
limit of the survey. In the VPM survey, the spectral energy distribution of QSOs is
not used as a criterion. It is found that these VPM QSOs do not significantly differ
from those samples from colour selection or slitless spectroscopy. As the variabil-
ity of flux densities and stationarity of positions are two fundamental properties of
quasars, the VPM survey is based on indices for star-like image structure, positional
stationarity, overall variability, and long-term variability measured on 57 B plates
taken with the Tautenburg Schmidt plates between 1964 and 1994.
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The proper motion index, Ipm, is the measured proper motion in units of the
proper motion error. The overall variability index, Ivar, is the deviation of the in-
dividual magnitudes about the mean magnitude, and is normalized by the average
magnitude scatter for star-like objects in the same magnitude range. Iltvar is the
means of structure function analysis and is computed for all star-like objects with
Ipm < 4 and B < 20. The selection thresholds for the indices were based on the
statistics of the previously known 90 QSOs in the field. With the set of constraints:
Ipm < 4; Ivar > 1:3, and Iltvar > 1:4, the pre-estimated values for the success rate
and the completeness are 90% and 40% respectively. With the spectroscopic follow-
up observations of 198 candidates, it is estimated that the completeness of the VPM
QSO sample with B � 19:7 is 94%.

Berk et al. [5] investigated how quasar variability in the rest-frame optical/UV
regime depended on rest-frame time lag, luminosity, rest wavelength, redshift, the
presence of radio and X-ray emission, and the presence of broad absorption line
systems. A sample of over 25,000 quasars from the SDSS was used. The imag-
ing photometry was compared with three-band spectrophotometry obtained at later
epochs spanning time lags up to about 2 years. The results show that time de-
pendence of variability (the structure function) is fitted well with a single power
law of an index 
 D 0:246 ˙ 0:008, on timescales from days to years. It is
found that there exist an anticorrelation of variability amplitude with rest wave-
length, and a strong anticorrelation of variability with quasar luminosity. It is also
shown that there exists a significant positive correlation of variability amplitude
redshift.

The long-term quasar variability has been studied in works like Vries et al. [34].
In Vries’ work, a sample of 35,165 quasars from the SDSS Data Release 2, along
with 6,413 additional quasars in the same area of the sky from (2dF) QSO Redshift
Survey, was used. The authors used the structure function (SF) for the variability
diagnostic. The results on the quasar SF showed that most the long-term variations
are intrinsic to the quasar itself. The results showed that there was no upper bound to
the preferred variability timescale (smaller than a few decades). Second, the magni-
tude of the quasar variability was found to be a clear function of wavelength. Third,
high-luminosity quasars tended to vary less than low-luminosity quasars. The re-
sults showed that the quasar variability was intrinsic to the source and was caused
by chromatic outbursts/flares. Currently, the model that best explained this observed
behavior was based on accretion DIs. In the work, the SF function is defined as

S.
/ D
8<
:

1

N .
/

X
i<j

Œm .i/ �m.j /�2
9=
;
1=2

with the summation over all the combinations of measurements for with 
 D tj � ti .
Here, the n.n � 1/=2 permutations are grouped into bins that contain at least 200
measurements. The SF value for each bin is the RMS of the magnitude permutations.
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The SF similarities are quantified in terms of their offset distributions. The mean SF
offset and its 1 � uncertainty,O and �O, are defined as

O D 1

N

NX
i

SA .i/� SB .i/

�O D �p
N

D 1

N

(
NX
i

	
SA.i/� SB.i/ �O 
2

) 1=2

where the SF curves are labeled A and B, both with N D 42 bins here, and N �
N 1=2.N � 1/1=2.

The time lags between the optical continuum bands for a sample of 42 quasars
were studied in the work [3]. The interpolation cross-correlation function (ICCF)
method [14] was applied to the quasar sample [17], which was monitored in two
colors (B and R). The maximum of ICCF.
/ showed the time delay between the
bands. It was found that most of the objects showed a delay in the red light curve
behind the blue one (a positive lag). The lag was about C4 days on average (C3 for
the median). The results were broadly consistent with the reprocessing model.

In the following Section 8.2, several existing automatic and semi-automatic
methods for the detection of the quasars from the massive data are reviewed, along
with brief summaries of their results and limitations. In Section 8.3, some machine
learning algorithms are explored for the automatic classification of the light curves
of the quasars against the very similar light curves of the other stars. In Section 8.4,
experimental results will also be shown for this exploratory work.

8.2 Automatic and Semi-automatic Methods
for Quasar Detection

8.2.1 Variability Selection Method for Quasar
Candidate in MACHO

Geha et al. [16] reported that 47 spectroscopically-confirmed quasars were dis-
covered behind the Magellanic Clouds via photometric variability in the MACHO
database. Thirty-eight quasars are behind the Large Magellanic Clouds (LMC) and
nine behind the Small Magellanic Clouds (SMC). The follow-up spectroscopic de-
tection efficiency was 20%, with emission-line Be stars as the primary contaminants.
The first 5.7 years of MACHO data were used for the selection of the quasar candi-
dates. The final 7.5 year MACHO light curves were used in the light curve analysis
of quasars. Previously nine Active Galactic Nuclei (AGN) in MACHO database
were cross-identified with X-ray sources by Schmidtke et al. [26], and one AGN by



8 Automatic and Semi-automatic Methods for the Detection of Quasars 113

Blanco and Heathcote [6]. Two additional sources in the MACHO database were
presented by Dobrzycki et al. [10] subsequent to candidate selection. The light
curves for these sources served as a training set for the developing of the selection
method. The results showed that a total of 259 candidate quasars were observed for
spectroscopic confirmation. Thirty-eight quasars were confirmed behind the LMC
and nine behind the SMC. The quasars cover the redshift interval 0:2 < z < 2:8

and mean magnitudes 16:6 � NV � 20:1. The primary contamination during spec-
troscopic follow-up were the Be/Ae stars. Of the 258 quasar candidates observed,
188 were the emission-line Be/Ae stars.

The variability selection method for quasar candidate, designed to automatically
reject known classes of variable stars, with the final step being a selection by eye,
was shown as followed:

Data: Deviation from a constant brightness light curve

There are 12 million objects in MACHO LMC and 2 million objects in MACHO
SMC. From the Level 1 MACHO database, 140,000 objects were flagged as having
a significant deviation from a constant brightness light curve [2], and the proposed
selection method began with these objects. The objects were required to have a
minimum of 50 photometric measurements in V - and R-bands.

Step 1: Magnitude and color tests

Weighted average magnitudes were calculated from the standard equation:

NV 	
NX
iD1

Vi

�2V;i

,
NX
iD1

1

�2V;i

where N is the total number of individual photometric measurements Vi with corre-
sponding errors �V;i . Candidates were required to be with 16 � NV � 20 and have
weighted average colors bluer than .V �R/ � 1:0. The color cut eliminated long-
period quasi-periodic variable stars, while including all the AGNs in the training set.

Step 2: Statistics tests of light curve variability

Two statistics were used to check the amount of light curve variability. The intrinsic
variability was as:

c�V 	
sP


Vi � NV �2
N � 1 �

P
�2V;i

N
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It is required that the intrinsic variability of MACHO candidate quasars to be larger
than 0.05 magnitudes .c�V � 0:05/, as the sample of 42 quasars by Giveon et al.
[17] found 0:05 � c�B � 0:32 in the B-band. The second variability statistics is the
variability index [35]:

I 	
s

1

N.N � 1/

NX
iD1

 
Vi � NV
�V;i

! 
Ri � NR
�R;i

!

The index measures the correlated variability between the MACHO V - and
R-bands, and approaches zero for uncorrelated variability. As quasar variability
is expected to be highly correlated between the MACHO passbands, the selection
criterion is set as I � 1:5 for quasar candidates.

Step 3: Removal of periodic variable stars

The periodic variable stars, such as Cepheid and RR Lyrae stars, were removed
using the MACHO Variable Catalogue. Light curves of a period .£/ at high signifi-
cance in both passbands over the range 0:1 � 
 � 500 days were rejected.

Step 4: Examination by eye

Candidate light curves were examined by eye for removing objects with spurious
noise characteristics or quasi-periodic components. About 2,500 light curves were
examined by eye, with a total of 360 light curves considered candidate quasars.

In addition, the authors have search for optically-variable counterparts in the er-
ror boxes of suspected extragalactic radio and X-ray sources in several Magellanic
Cloud surveys.

8.2.2 Variability Selection Methods for Quasar
Candidate in OGLE-II

Eyer [12] proposed variability selection method to find QSO (quasi-stellar object,
or quasar) candidates behind the Small and Large Magellanic Clouds (SMC and
LMC). The optical variability properties of the points sources from the OGLE-II
photometric data. The LMC catalog has 7 million stars, and SMC data has 2.2 mil-
lion stars. The variable star catalog listed 53,000 stars for LMC and 15,000 stars for
SMC. The overall results were that 118 and 15 QSO candidates are identified for the
LMC and SMC, respectively, but, the confirmation with spectroscopic data has not
been done yet. The schematic description of the selection criteria was as followed.
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First criterion: selection on photometry: magnitude and colour

The motivation for the selection on photometry is that the color-magnitude for the
stars observed by OGLE-II and for the variable stars has different distributions.
Objects bluer than V � I D 0:9mag and within 17 mag < I < 20:5mag were
selected. This is to reject the time series of the red giant branch variables stars. From
the experience with SDSS, it is estimated that a cut I > 17mag will exclude one
or two QSOs in all fields together. For the LMC data, this magnitude cut selected a
population of main sequence blue variables, RR Lyr stars and red giant stars. Some
short period Cepheids are also included in the SMC data. The results showed that
6,241 objects are selected for LMC and 1,553 objects for SMC.

Second criterion: the slope of variograms

It is known that the QSOs usually have little variability at short time scales. The vari-
ability is irregular and aperiodic and increases as longer time-scales are observed.

The variograms/structure functions are employed for the selection of variability
for time scales longer than 100 days. The variograms functions are computed as fol-
lowed: All pair differences of time, hij D JDj � JDi , and squared pair differences
of magnitude, .Ij � Ii /

2, are calculated, where h is the lag and JD is the Julian
Date. The median of the subsample, 2�med.h/, of .Ij � Ii /

2 formed by all possible
pairs i, j, where hij < h. The variogram can estimate the spread of the distribution
formed by the Ij � Ii . Its slope can serve as a discriminating criterion to select the
time series that has increasing variability for longer time scales.

In Eyer’s work, the objects with a compute slope of variogram less than 0.1 for
h � 100 days are rejected. The authors established the value for this limit empiri-
cally (with the variable QSO, behind LMC, OGLE050833.29-685427.5), and also
by conducting Monte Carlo simulations on the SMC data.

Third criterion: QSO and Be star colors

With this slope selection criterion, the list of QSO candidates reduced to 649 objects
for LMC and 179 for SMC. The selection cut at B � V D 0:04mag can reject 87%
of Be stars and reject less than 1% of the QSOs. This selection on color can cut the
sample by half to 312 stars.

Forth criterion: Manual selection

A few undesirable effects, like spurious monotonic slopes, field overlap, effect of
a bleeding column or extended wings, brighter or dimmer step-like variation in the
data etc., were identified manually. Then the authors selected manually the 312 stars
on individual basis thereby to eliminate these undesirable effects.
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Follow-up spectroscopy experiments and works

Dobrzycki et al. [11] conducted the follow-up spectroscopic observations of quasars
candidates in the SMC selected by Eyer [12] from the OGLE database. Of the 12
QSO candidates, 5 are confirmed quasars. Two of these quasars were also indepen-
dently identified by Geha et al. [15]. The emission redshifts of the five quasars range
from 0.27 to 2.17. It shows that Eyer’s method is efficient and the contaminants in
the list of candidates were predominantly early type stars in the SMC. No obvi-
ous trend or difference was observed between the light curves of these quasars and
stars. The optical spectra were obtained with the Magellan Baade 6–5 m telescope.
The spectra of all five quasars show at least two emission lines. This can enable the
unambiguous determination of emission redshifts.

Dobrzycki et al. [9] presented their discovery of nine quasars behind the Large
Magellanic Cloud. Six of them were identified as part of the systematic variability-
based search for QSOs in the objects from the OGLE-II database. This variability-
based identification was performed by Eyer [12], and the list formed the main part of
the candidate pool. Several candidates from the X-ray selected sample (Dobrzycki
et al. 2002) were also followed up. The remaining three quasars were identified by
follow-up spectroscopy of optical counterparts to X-ray sources.

For the variability selected quasars, during the authors’ observing runs, obser-
vations of 108 objects out of the remaining 111 candidates were completed. Six
of them were identified as QSOs. For the X-ray selected quasars, a total of 30 ob-
jects were observed and three was found to be quasars. Combining with previous
found quasars from the OGLE-II LMC and SMC databases, there are 14 quasars
selected. From the colour–colour diagram, the authors found that setting a cutoff at
V �I � 0:3may increase the efficiency of the variability-based selection method, to
40–50%. It was also found that a decent correlation .R D 0:64/ is seen for quasars.

Sumi et al. [31] selected 97 QSO candidates via variability from OGLE-II DIA
variable star catalogue in the Galactic Bulge fields. Spectroscopic Follow-up ob-
servations were planned to confirm the QSO candidates in four of these fields
(BUL SC1, 2, 32 and 45). Sumi et al. used the VI photometric maps of OGLE-
II fields [33], and the light curves of objects in the OGLE-II Galactic Bulge variable
star catalogue [36]. 30,219 objects which are fainter than I0 D 16mag are selected,
where I0 is the I -band magnitude.

Following the procedure of Eyer [12], variogram function is used to find ob-
jects with increasing variability on longer time-scales. The slope of the variogram is
defined as: Svar D dVar.h/=d log h, where differences of times, hi;j D tj �ti . For a
given bin of log h; Var.h/ is the median of .Ij �Ii /2, where .Ij �Ii /2 is square of
difference of magnitudes. The AoV algorithm [30] is employed to search the period-
icity in the light curves. The light curves in which strong periodicity is detected with
AoV periodogram of larger than 50 were rejected, and 3,201 light curves remain.
The remaining light curves were inspected by eye. Firstly, the apparent periodic and
semi-periodic variables were rejected. Then stars with contamination like proper
motion objects and artifacts around bright Variable stars were rejected. Finally 97
QSO candidates were selected.
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8.2.3 Automatic Photometric Selection of Quasars
from the Sloan Digital Sky Survey

Sandage and Wyndham [25] pioneered the selection of quasars from multicolor
imaging data and researches on this area continued through the years. The proposed
selection algorithm seeks to explore all the regions of color space that quasars are
known to occupy. In the work of Richards et al. [22], the quasar candidates were
selected via their nonstellar colors in ugriz broadband photometry and by matching
unresolved sources to the FIRST radio catalogs. Nearly 95% of previously known
quasars were recovered, and the overall completeness is expected to be over 90%.
The overall efficiency is better than 65%. The SDSS quasar survey will be approx-
imately four times the size of the concurrent 2dF QSO Redshift Survey [7]. The
approach is similar to previous studies, but certain characteristics of the SDSS make
the selection of SDSS quasars unique.

Briefly, the proposed algorithm works as follows: (1) Objects with spurious
fluxes in the imaging data are rejected. (2) Point-source matches to FIRST radio
sources [4] are preferentially targeted without reference to their colors. (3) The
sources remaining after the first step are compared to the distribution of normal
stars and galaxies in two distinct three-dimensional color spaces. Once quasar can-
didates were identified, the SDSS fiber-fed spectrographs were used to obtain the
spectra of each candidate.

In the color selection process, the first step is to remove from consideration the
region inhabited by stars. It is known that the colors of ordinary stars occupy a
continuous, almost one-dimensional region in .u �g/; .g� r/; .r� i/; .i � z/ color–
color–color–color space [20]. As a result of their distinct colors, quasars candidates
can be identified as outliers from the stellar locus. The proposed algorithm chooses
quasar candidate objects that are more than 4¢ from the stellar locus, where ¢ can
be determined from the errors of the objects in question and the width of the stellar
locus at the nearest point. The selection is limited to objects fainter than i	 D 15.
The ugri-selected objects are targeted to i	 D 19:1, while griz-selected objects are
targeted to i	 D 20:2. Outliers from the stellar locus are targeted for follow-up
spectroscopy.

The completeness of the proposed algorithm is estimated by checking with the re-
covering of the previously known quasars and the selection of the simulated quasars.
A region of about 100 deg2 of sky that has been targeted by the final version of the
algorithm has been used to test the efficiency of the algorithm. It is found that 1,113
of the 1,687 quasar candidates with spectra are quasars or AGNs, with an efficiency
of 66.0%.

Follow-up Works to This Automatic Photometric Selection of Quasars

In the follow-up work of Richards et al. [23], a non-parametric Bayesian clas-
sification, based on kernel density estimation, was applied to parameterize the
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color distribution of astronomical sources. A catalog of 100,563 unresolved,
UV-excess (UVX) quasar candidates to g D 21 from 2; 099 deg2 of the Sloan
Digital Sky Survey (SDSS) Data Release One (DR1) imaging data was pre-
sented. From the existing spectral of 22,737 sources, 97.6% were found to be
quasars. It was estimated that 95.0% of the objects in the catalog are quasars. The
Bayes’ Rule was applied to weight each likelihood with its corresponding prior
probability to compute the posterior probability of an object x being a star or
quasar:

P .C1jx/ D p .xjC1/ P .C1/
p .xjC1/ P .C1/C p .xjC2/ P .C2/

where C1 and C2 are the star classes. Here, objects with P.C1jx/ > 0:5 are classi-
fied as stars, and objects with P.C1jx/ < 0:5 are classified as quasars.

Nonparametric Bayesian Classification (NBC)

The quasar training set is the four primary SDSS colors .u �g; g� r; r � i; i � z/ of
the 16,713 quasars from Schneider et al. [27]. The colors from a random sample of
10% of all point sources in DR1 imaging area with 14:5 < g < 21:0were also used.
Those objects that do not pass the photometric quality tests [22] were rejected. The
spectroscopically confirmed quasars were rejected too. The total number of objects
in the initial training set was 478,144. The test set composed of SDSS-DR1 point
sources with u � g < 1:0. Those objects that do not pass the photometric quality
tests [22] were rejected. The full set contained 831,600 objects.

The likelihood of each object x in the test set with respect to each training set
was computed with the nonparametric kernel density estimator:

Op.x/ D 1

N

NX
i

Kh .kx � xik/

where N is the number of data points, Kh.z/, the kernel function, satisfied
1R

�1
Kh.z/d z D 1; h is a scaling factor called the bandwidth, and z is the “distance”

between a pointing the test set to a point in the training set. Here, these distances
are the 4-D Euclidean color differences, kx � xik, and a Gaussian kernel,

Kh .kx � xik/ D 1

h
p
2�

exp �kx � xik2
2h2

was used.
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Fast Algorithms for Computing the Kernel Density Estimate

A naı̈ve algorithm for computing the kernel density estimate at N points among N
points would requires N 2 distance operations. Richards et al. used a fast compu-
tational algorithm based on space-partitioning trees and principles similar to those
used in N-body solvers [18]. A second fast algorithm was proposed for quickly
finding the higher posterior probability with details by Gray. Its advantage is that it
need not estimate the density completely for each object to be classified. The algo-
rithm only needs to maintain upper and lower bounds on the density for reach class.
The bandwidth pair was determined with a statistical criterion for optimal classifi-
cation accuracy, i.e. leave-one-out, cross-validated accuracy here. The proposed fast
NBC algorithm can compute the leave-one-out accuracy score for each pair of band-
widths for the two training sets fast. The best bandwidth was found to be 0.15 mag
for each training set, and the corresponding accuracies were 94.48% for the quasars
and 97.91% for the stars.

The proposed NBC algorithm was applied to identify quasars. Further clean-
ing was performed by rejecting objects with large KDE stellar probabilities. This
resulted in the 100,563 quasar candidates in the catalog. To estimate the complete-
ness of the proposed approach, the authors checked the results with the SDSS-DRI
quasars in the Schneider et al. [27] catalog. It was found that 94.7% of the quasars
were recovered with the proposed algorithm. It was estimated that the filtering of
objects via their photometric flags (e.g., those with “fatal errors”) may have an ef-
fect of 5% additional incompleteness. Simulation approach was also employed to
evaluate the completeness of the proposed algorithm. It estimated that the approach
is generally at least 95% complete between z D 0:2 and z D 2:0.

To estimate the efficiency of the catalog, the catalog was matched with three
spectroscopic databases, i.e. SDSS-DR1, 2QZ NGP catalog [8], and SDSS-DR2
[1]. In all there were 22,737 matches to spectroscopically confirmed objects. 97.6%
were confirmed to be quasars. The authors expected that the overall efficiency of the
catalog would be 95.0%, obtaining 95,502 quasars in all, even though it may have
difficulties to extrapolate the efficiency for these confirmed objects to the entire
sample. Further improvements for the algorithm may be achieved in the future with
regard to high-redshift and extended quasars. The selection to fainter limits may
also be extended. The inclusion of properties like radio- and X-ray detections and
lack of proper motion into the algorithm may also improve the efficiency.

Another follow-up work is the one by Richards et al. [24]. The proposed
Bayesian algorithm was applied to identify 1,172,157 quasars candidates from a
sample of over 40 million SDSS point sources. The overall efficiency of the catalog
is about 80%, while a UVX subsample with over 500,000 objects has an expected
efficiency of over 97%. Cross-comparison with spectroscopically confirmed type 1
quasars in the COSMOS field was conducted. It was found that the sample is at least
70% complete. The photometric redshifts were estimated for the full sample with
an expected accuracy of ˙0:3 in about 80% of the time.

The photometric imaging data was from the SDSS Data Release 6. Point
sources (type D 6) with i -band magnitudes between 14.5 and (de-reddened)
21.3 (psfmagi > 14:5 and psfmagi -extinctioni < 21:3) were used. The 77,429
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SDSS-DR5 quasars with spectra [28] were used for the quasar training set. The set
was further supplement with the AAOmega-UKIDSS-SDSS (AUS) QSO Survey,
which added another 304 spectroscopically confirmed quasars. The quasars of the
z > 5:7 by the SDSS [13] were also included. In addition, the training set included
the 920 objects from the cross-comparison of SDSS and Spitzer data. The final
quasar training set included 75,382 confirmed quasars. The full test set included
44,449,609 objects to be classified.

The Bayesian classification algorithm used in the paper is similar to the Paper I
[23], with a few changes to the procedure. An improvement over the algorithm in
Paper I is on the determination of the optimal bandwidth for classification. An initial
broad search of possible bandwidths is now attempted, and then a narrower search
around the most optimal bandwidth is executed. The final bandwidths were found
0.11 mag for stars and 0.12 for quasars, with the estimated accuracy (completeness)
of 92.6% for the quasar training set. Here, the authors classified the objects as low-
redshift .z � 2:2/, mid-redshift .2:2 < z < 3:5/ and high-redshift .z � 3:5/.
The motivation is that the distribution of quasar colors changes considerably with
redshift.

8.3 Methodology for the Exploration of the Quasar
Autocorrelation

8.3.1 Experimental Data and Data Processing

In Geha’s work, 47 spectroscopically-confirmed quasars were discovered behind the
Clouds. Along with the additional 12 quasar objects previously identified, a total
of 59 quasars and 116 Be stars are studied here. Linear interpolation is applied to
these light curves to obtain uniformly distributed time series datasets. The linear
interpolation is a curving fitting method with linear polynomials. Given two points
.x0; y0/ and .x1; y1/, the linear interpolant is the straight line between the points.
For a point .x; y/ in the interval .x0; x1/, the y coordinate is given by:

y D y0 C .x � x0/ y1 � y0
x1 � x0

In this work, the linear interpolation is used to estimate the observation values which
are uniformly distributed in time, and it is observed that the time series with the
linear interpolation are very similar in shape with the original time series. The uni-
form distribution property is helpful for the computing of the correlation of the light
curves.
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8.3.2 Autocorrelation of the Time Series

Then, the autocorrelation is employed to measure the similarity between observa-
tions between the observations of the processed light curve of the linear interpolation
as a function of the time separation between. Repeating patterns of a light curve may
be identified by the autocorrelation. The autocorrelation is estimated with:

OR .k/ D 1

.n � k/ �2
n�kX
tD1

ŒXt � �� ŒXtCk � ��

for any positive integer k < n, where X1; X2; : : : Xn are the observations of the
light curve, � and ¢ are the estimated mean and variance of the light curve.

In the regression of the time series data, the existence of the autocorrelation vio-
lates an assumption of the ordinary least squares (OLS) that there is no correlation
between the error terms. This violation can cause the standard errors to be estimated
inaccurately. Besides the autocorrelation test, in this work, the coefficients of the
constant terms and the first lag terms of the autoregression of the quasar light curves
and the Be star light curves have also been compared.

The moving average is employed to obtain some long-term pattern of the light
curves. The moving average is a series of averages of different subjects of the full
time series dataset. A simple moving average is the mean of the previous n data
points, while a central moving average uses both the past and future data to compute
the averages. Given a sequence faigNiD1, a central .2nC 1/-moving average is use,
with a new sequence fsigNiD1 as followed:

si D 1

mi

iCnX
j D i�n;where j >0 and j <DN

aj

where mi is the number of terms in the summation of aj from .j D i � n/ to
.j D i C n/, where j is required to be larger than zero and not larger than N for
any given value i . Here, the central five-moving average is used. The subtraction of
the long-term signal from the original light curve signal can produce the short-term
(high-frequency) components.

8.3.3 Dynamic Time Warping

Dynamic time warping (DTW) is used to measure the similarity between two time
sequences. It can allow a non-linear mapping of one sequence to another by mini-
mizing the distance between the two [21]. DTW method can be applied for various
tasks in time series problems like clustering, classification and anomaly detection
etc. An advantage of DTW is its flexibility to allow two sequences that are similar
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but locally out of phase to align in a non-linear way. The time complexity of DTW
is O.n2/. For the problems like this study of a few hundred sequences, each with a
few hundred data points, the CPU cost of DTW is simply not an issue. Otherwise,
speed improvements like smaller warping windows can be used to speed up the
DTW calculations.

In this work, the pattern similarity between the autocorrelation sequences of the
light curves is determined by aligning two autocorrelation sequencesA and B , with
distortion D.A; B/, which is two of the autocorrelation sequences of the light
curves. The objective is to have a decision rule that can choose the alignment with
the smallest distortion:

R	 D arg minD .A;B/

Dynamic time warping is employed to obtain the best possible alignment warp be-
tween A and B , along with the associated distortion R	. Mathematically, let the
two sequences be represented as A D fa1; : : : ; aN g and B D fb1; : : : ; bM g. An
alignment warp, ' D .'a; 'b/, aligns A and B through a point-to-point mapping of
lengthK'

a'a.k/ , b'b.k/1 � k � K'

The overall distortion D'.A;B/ of a particular alignment warp ' is the sum of the
local distances between elements d.a'a.i/; b'b.j //:

D' .A;B/ D
K'X
kD1

d


a'a.k/; b'b.k/

�

With the boundary constraints 'a.1/ D 'b.1/ D 1; 'a.K/ D N; 'b.K/ D M ,
and the monotonicity property 'a.k C 1/ >D 'a.k/; 'b.k C 1/ >D 'b.k/. The
optimal alignment is the one that minimizes the overall distortion:

D.A;B/ D min
'
D' .A;B/

As an example, for two sequences of signal 1: [3 4 10 6 8] and signal 2: [9 10 12 13
10 17], the computed optical alignments are [3 4 10 10 10 10 6 8] and [9 9 10 12 13
10 10 17] respectively, as shown in the following figure (Fig. 8.1).

8.3.4 Hierarchical Clustering of the Autocorrelation Sequences

In this work, the hierarchical clustering is employed to cluster the above sequences
of the autocorrelations of the quasar and Be star light curves. The distance functions
are estimated with the DTW method. The goal of the clustering algorithms is to
figure out the underlying similarities among a set of feature vectors x, and to cluster
similar vectors together [32]. The clustering algorithms have many different ap-
plications in social sciences, engineering and medical science. The algorithms can
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Fig. 8.1 The original signals (left) versus the warped signals by the dynamic time warping method
(right)

provide us with clusters that are characterized by the similarity of vectors within
each cluster. When a new data set or pattern is available, we can assign it to the
known cluster by comparing its characters with each cluster’s characters.

The clustering process can be viewed as a combinatorial problem of putting the
data points into optimal clusters. However, it is NP-hard to enumerate all such pos-
sibilities of clustering. In view of the computational difficulty, different clustering
algorithms have been developed so that only a small number of the different pos-
sible combinations of the clusters will be considered. A popular approach is the
agglomerative clustering, where the two clusters with the smallest inter-cluster dis-
tance are successively merged until all the objects have been merged into a single
cluster. It can be described with the concept of nesting. Let <1 of k clusters and
<2 of r clusters be two clusters form in the clustering process, where r < k. When
each cluster in <1 is a subset of a set in <2, then we say that <1 is nested in <2

and we denote this by <1 � <2. For example, let <1 D ffx2; x4g; fx1g; fx3; x5gg
and <2 D ffx2; x4g; fx1; x3; x5gg, then we say that <1 is nested in <2. The hier-
archy of the agglomerative algorithms is as follow. Let the initial clustering be <0,
the first clustering be <1; : : :, and the final clustering be <N�1. The hierarchy is
<0 � <1 � : : : � <N�1.
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Different forms of agglomerative clustering differ in the definition of the distance
between two clusters, each of which may contain more than one object. In the av-
erage linkage clustering, the distance between two clusters is defined as the average
distance between objects from the first cluster and objects from the second cluster.
The clustering process can be represented by a dendrogram. The dendrogram can
show how the individual objects are successively merged at greater distances into
larger and fewer clusters. In the study, the average linkage clustering is employed
for the clustering of the autocorrelation sequences. DTW method is used to measure
the DTW distance between any two sequences.

8.4 Exploratory Experimental Results

8.4.1 Experimental Results with the Quasar Dataset

The following figures from the experiments show the light curves of the quasars and
Be stars, their high-frequency components, the autocorrelation, the autoregression
results, and the dendrogram of the hierarchical clustering. Figure 8.2 shows the light
curves of the quasars in MACHO, while Fig. 8.3 shows that of the component of
the high-frequency components only. The autocorrelation graphs of the quasars are
shown in Fig. 8.4, while the histogram of the distance between the each pair of the

Fig. 8.2 The light curves of the quasars in MACHO (with the numbering of the quasars from left
to right, then from top to bottom). The horizontal axis is the date of observation, while the vertical
axis is the calibrated observed values of the light curves
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Fig. 8.3 The light curves of the quasars in MACHO, showing the component of the high-
frequency components only. The horizontal axis is the date of observation, while the vertical axis
is the calibrated observed values of the light curves

Fig. 8.4 The autocorrelation graphs of the quasars in MACHO. The horizontal axis is the date of
observation, while the vertical axis is the computed correlation values of the light curves
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autocorrelations of the quasars is shown in Fig. 8.5. Figure 8.6 is the dendrogram of
the hierarchical clustering of the autocorrelation sequences of quasars. Figures 8.7
and 8.8 are the autocorrelation graphs of the quasars and the histogram of the dis-
tance between the each pair of the autocorrelations of the quasars respectively (the
high-frequency components only).
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Fig. 8.5 The histogram of the distance between the each pair of the autocorrelations of the quasars
in MACHO. The horizontal axis is the distance values and the vertical axis is the number of
observations
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Fig. 8.6 The dendrogram of the hierarchical clustering of the autocorrelation sequences of quasars
in MACHO. The labels in the horizontal axis are the assigned quasar number, while the vertical
axis is the DTW distance between the quasars
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Fig. 8.7 The autocorrelation graphs of the quasars in MACHO (the high-frequency components
only). The horizontal axis is the date of observation, while the vertical axis is the computed corre-
lation values of the light curves
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Fig. 8.8 The histogram of the distance between the each pair of the autocorrelations of the quasars
in MACHO (the high-frequency components only)
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8.4.2 Experimental Results with the Be Star Dataset

The following Figs. 8.9, 8.10 and 8.11 show the light curves of the Be stars in
MACHO. The Figs. 8.12, 8.13 and 8.14 are the light curves of the Be stars (the
component of the high-frequency components only). The autocorrelation graphs of
the Be stars are shown in the Figs. 8.15, 8.16 and 8.17. Figure 8.18 is the histogram
of the distance between the each pair of the autocorrelations of the Be stars. The
dendrogram of the hierarchical clustering of the autocorrelation sequences of Be
stars is shown in Fig. 8.19. The autocorrelation graphs of the Be stars (the high
frequency components only) are shown in Figs. 8.20, 8.21 and 8.22. Figure 8.23 is
the histogram of the distance between the each pair of the autocorrelations of the Be
stars (the high-frequency components only).

8.4.3 Experimental Results with the Combined Quasar
and Be Star Dataset

The following Figs. 8.24 and 8.25 are the plots of the coefficients of the constant
terms versus those of the first lag terms of the autoregression equations of the
quasars, and Be star respectively. It was noticed that the plots for the quasars and

Fig. 8.9 The light curves of the Be stars (Part I) in MACHO (with the numbering of the quasars
from left to right, then from top to bottom). The horizontal axis is the date of observation, while
the vertical axis is the calibrated observed values of the light curves
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Fig. 8.10 The light curves of the Be stars (Part II) in MACHO (with the numbering of the quasars
from left to right, then from top to bottom). The horizontal axis is the date of observation, while
the vertical axis is the calibrated observed values of the light curves

Fig. 8.11 The light curves of the Be stars (Part III) in MACHO (with the numbering of the quasars
from left to right, then from top to bottom). The horizontal axis is the date of observation, while
the vertical axis is the calibrated observed values of the light curves
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Fig. 8.12 The light curves of the Be stars (Part I) in MACHO, showing the component of the
high-frequency components only. The horizontal axis is the date of observation, while the vertical
axis is the calibrated observed values of the light curves

Fig. 8.13 The light curves of the Be stars (Part II) in MACHO, showing the component of the
high-frequency components only. The horizontal axis is the date of observation, while the vertical
axis is the calibrated observed values of the light curves

Be stars are very similar with each other. In Fig. 8.26, the hierarchical clustering of
the autocorrelation sequences of the quasars and Be stars are shown. It can be easily
observed that it produced two large-size clusters and one very small outlier cluster.
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Fig. 8.14 The light curves of the Be stars (Part III) in MACHO, showing the component of the
high-frequency components only. The horizontal axis is the date of observation, while the vertical
axis is the calibrated observed values of the light curves

Fig. 8.15 The autocorrelation graphs of the Be stars (Part I) in MACHO. The horizontal axis is the
date of observation, while the vertical axis is the computed correlation values of the light curves

The small outlier cluster consists of three Be stars. The first large-size cluster
consists of 29 quasars and 50 Be stars, while the second one consists of 30 quasars
and 83 Be stars. This seems to suggest that the autocorrelation functions of the
quasars and Be stars cannot be easily distinguished with each other.
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Fig. 8.16 The autocorrelation graphs of the Be stars (Part II) in MACHO. The horizontal axis is
the date of observation, while the vertical axis is the computed correlation values of the light curves

Fig. 8.17 The autocorrelation graphs of the Be stars (Part III) in MACHO. The horizontal axis
is the date of observation, while the vertical axis is the computed correlation values of the light
curves
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Fig. 8.18 The histogram of the distance between the each pair of the autocorrelations of the Be
stars in MACHO. The horizontal axis is the distance values and the vertical axis is the number of
observations

Fig. 8.19 The dendrogram of the hierarchical clustering of the autocorrelation sequences of Be
stars in MACHO. The labels in the horizontal axis are the assigned Be star number, while the
vertical axis is the DTW distance between the Be stars



134 S.-I. Ao

Fig. 8.20 The autocorrelation graphs of the Be stars (Part I) in MACHO (with the high frequency
components only). The horizontal axis is the date of observation, while the vertical axis is the
computed correlation values of the light curves

Fig. 8.21 The autocorrelation graphs of the Be stars (Part II) in MACHO (with the high frequency
components only). The horizontal axis is the date of observation, while the vertical axis is the
computed correlation values of the light curves
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Fig. 8.22 The autocorrelation graphs of the Be stars (Part III) in MACHO (with the high frequency
components only). The horizontal axis is the date of observation, while the vertical axis is the
computed correlation values of the light curves

6000

5000

4000

3000

2000

−200 200 400 600 800 1000 1200 1400 1600 1800

1000

0
0

Fig. 8.23 The histogram of the distance between the each pair of the autocorrelations of the Be
stars in MACHO (the high-frequency components only)
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Fig. 8.24 The plots of the coefficients of the constant terms vs. those of the first lag terms of the
autoregression equations of the quasars in MACHO. The values constant terms are represented in
the horizontal axis and the values of the first lag terms are represented in the vertical axis
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Fig. 8.25 The plots of the coefficients of the constant terms vs. those of the first lag terms of the
autoregression equations of the Be stars in MACHO. The values constant terms are represented in
the horizontal axis and the values of the first lag terms are represented in the vertical axis
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Fig. 8.26 The dendrogram of the hierarchical clustering of the autocorrelation sequences of the
quasars and Be stars in MACHO. The labels in the horizontal axis are the assigned quasar/Be star
number, while the vertical axis is the DTW distance between the quasar/Be stars
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Chapter 9
Improving Low-Cost Sail Simulator Results
by Artificial Neural Networks Models

V. Dı́az Casás, P. Porca Belı́o, F. López Peña, and R.J. Duro

Abstract In the present study a method is proposed to reduce the error level of
these simplified simulators by correcting the results achieved by means of neural
network based approximations. The results of simple aerodynamic simulators used
within an evolutionary sail design process are used as application example. The
neural network correction is carried out in this case by comparing the numerical
results with wind tunnel experiments performed on sail models.

Keywords Aerodynamics � ANN � Wind tunnel � Sail

9.1 Introduction

Fluid dynamic simulations demand complex numerical models and huge computa-
tional resources. In some cases this may be regarded as a severe drawback and the
search for computational cost reductions may lead to having to rely on simplified
models. This situation arises not only in cases where high accuracy is not a priority
but also during high level design processes where a large number of proposals must
be tested. In any case it is clear that when a simplified model is used the error of the
results achieved increases.

The main purpose of any engineering optimization process is to achieve an op-
timum value for a set of some derived quantities measuring the fitness criteria
representing the objective sought in that particular design. The inherent complexity
of this process has created a demand for the capability of automating this task; in this
sense some proposals making use of different optimization procedures have been
published [1, 2]. Evolutionary techniques [3, 4] are the basis of most of these pro-
cedures mainly due to their suitability for exploring very complex solution spaces,
even in cases where well conformed fitness functions do not exist. The main idea
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of automating a design process is to take the designer out of the search/decide loop
to avoid the biases it introduces due to previous experience/inexperience and the
limited number of alternatives a human is capable of considering.

In most engineering design or optimization problems the objective function or
fitness values are often computed using sophisticated and realistic numerical sim-
ulations of physical phenomena. Their use within automatic design environments
implies the evaluation of a very large number of models – individuals within the
evolution process – in order to search design parameter spaces that are character-
ized by a very high dimensionality. This is an extremely computationally intensive
process that may become excessive even when large computational resources are
accessible. Consequently, to make them affordable for the computational resources
and the available time to be employed in their solution, it is essential to reduce both
the number of evaluations and the computational cost of each evaluation as much as
possible. The former may be achieved by choosing an appropriate evolution strategy
and the latter by using the simplest simulators possible.

In the present research the computational simulations are to be used within an
environment for the automatic optimization of sails by means of evolution. As in
any case where aerodynamic optimization takes place, the evaluation or calcula-
tion of the fitness for each individual or alternative is determined by means of fluid
dynamic simulations and therefore it usually involves large quantities of computa-
tional resources. Thus the use of simplified and fast simulations is crucial in order
to reduce the duration of each simulation and eventually that of the complete opti-
mization procedure. The evaluation of the reliability of simplified CFD codes and
the development of appropriate code calibration techniques is of paramount impor-
tance in order to be able to decide how faithful to reality their results are. From the
point of view of aerodynamic or hydrodynamic design, this is a process that tries
to optimize the shape of a body; therefore the model is represented as a surface
acting as a boundary on the fluid dynamic problem. Several elements are involved
in this evaluation process and all of them affect the final result of the optimization
procedure.

The main requirement for the CFD simulators used within the evolutionary pro-
cess is that of being able to obtain a correct ranking of the sails under evaluation
in terms of their fitness. The precision in evaluating the fitness of each individual
is unimportant at this stage of the process, because the goal is just to know which
individual performs best, that is, to establish a rank of all the individuals in the gen-
eration under analysis. Thus, even if the error of the evaluation is large it will not
produce any effect on the search process if it does not affect de achievement of this
main ranking requirement. It is important to point out here that the literature pro-
vides information about the accuracy of different CFD codes [5,6], but not on their
ability to perform good fitness ranking. It is in this framework where the appropriate
experimental validation procedure becomes so important in order to determine the
quality of the results.

In this work we are going to present some simplified models for the evaluation of
sails within evolutionary design procedures [7, 8] and a wind tunnel based method-
ology for the validation of the results provided by this model. Special emphasis will
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be placed on the description of neural network procedures for improving the results
of the simplified fluid dynamic models by considering the experimental data used
for validation. A general description of the evolutionary environment within which
the simulator and the validation strategy operate may be found in Ref. [7].

9.2 Fluid Dynamics Simulation

As stated earlier, in order to reduce the computational cost of any aerodynamic
optimization problem, such as the one we are dealing with, either the number of
evaluations must be reduced, or the duration of each one shortened. The first possi-
bility may be achieved in two different ways:

� Decreasing the dimensionality of the problem, i.e. the degrees of freedom of each
alternative

� Reducing the size of each dimension through a smaller resolution or a re-
duced range

However, both ways imply disregarding some of the possible solutions. Conse-
quently, to allow for an unconstrained search domain, we have concentrated on
the second possibility, that is, on the reduction of the computational cost of the
simulator. The repercussion of this approach on the quality of the results of the
aerodynamic simulator needs to be evaluated and it is mainly influenced by two
factors:

� The fluid dynamics numerical model
� The mesh size

The mesh element size determines the equation system size in the discretized
scheme. This size is proportional to the number of mesh nodes, which for a given
domain grows inversely to the cube of mesh element size.

The fluid dynamics are governed by the Navier-Stokes equations. However, the
complete system generated by the direct application of the Navier-Stokes equations
cannot be reasonably solved in complex real problems. Thus the fluid dynamics
numerical model used must be adapted to the characteristics of the problem. The
first step in this process is to study the mean parameters defining the fluid motion
around the sail [9].

In the particular case of sails, which is the problem considered here, the charac-
teristic dimensions are:

� Kinematic air viscosity at 25ıC .�/W1:5 10�5 m2=s
� Wind velocity (v): 10 m/s
� Sail characteristic length (L): 12 m

From these, the values of the two standardized non dimensional parameters charac-
terizing the problem can be obtained. These are the Reynolds number, with a value
of 1:3 � 107 and a Mach number of 0.029.
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Additionally, the fluid can be considered incompressible if

M � 1;
M2

Fr2
� 1;

M2

Re
� 1: (9.1)

These conditions are fulfilled in this case and therefore air can be considered as
incompressible in these simulations.

Another simplification that may be made is to neglect viscous forces. Simple fluid
dynamic considerations indicate that if the Reynolds number is significantly larger
than one, this simplification may be made. In such a case the Navier-Stokes equation
system is reduced to the Euler stationary equation by assuming an incompressible
and inviscid flow:

�!v � r �!v C rp
	

D 0 (9.2)

Therefore, using a larger mesh and solving the Euler equation instead of the Navier-
Stokes equation the computational cost may be drastically reduced. Obviously, the
reduction is achieved at the expense of solution accuracy.

This is reflected by the fact that:

� The use of larger mesh element size increases de size of the smallest fluid struc-
ture that may be captured by the simulator.

� The fluid can be taken as incompressible and inviscid in large regions of the
domain. However in certain areas, such as in the proximity of the sail and in
turbulent wakes, these considerations are not valid. Thus, in regions with impor-
tant changes in the value of the velocity gradient, where the dissipation processes
appear, the value of the Reynolds number and the value of the Laplacian of the
velocity are of similar order and the viscous effects must be taken into account.

These considerations have been introduced in the aerodynamic simulator developed
for this work in order to reduce the computational cost of each simulation. How-
ever, errors are introduced in the results and as a consequence the solutions must be
validated through experimental procedures in order to insure that they reflect reality.

9.3 Sail Shape Definition

When trying to automate a design process, as is the case here for sails, the main
idea is that any design process can be restated as an optimization procedure. Thus,
when optimizing, one is mainly searching through a high dimensional space corre-
sponding to the parametric definition of that to be optimized, testing or evaluating
different points or alternative designs within this solution space and trying to com-
bine the information obtained from these tests to seek points or alternative designs
that are potentially better. Consequently, there are two main processes involved.
On one hand, we need a search procedure that allows us to move throughout the
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high dimensional solution space and make the best possible use of the information
provided by each test or sample and, on the other, we must be able to evaluate each
sample somehow, usually through a simulator.

In the case of sail design, each stage of the optimization process uses a different
representation of the alternative: the search stage, which is here an evolutionary pro-
cess, uses chromosomes obtained from a parametric definition of the sail, and the
simulator that provides the evaluation of each alternative uses the three-dimensional
representation of the sail surface. This makes it necessary to introduce a decoding
stage enabling communication between different modules that make up the design
environment. There is a huge number of different ways to achieve a good approx-
imation to the definition of the surface. However, the parameters used to define
the surface will be used in the optimization process in order to find the best sail
shape. Consequently, the criteria employed to choose the numerical model of the
surface are:

� Low number of parameters: Using a small number of parameters reduces the
size of the search space.

� Simple definition of the surface: Allowing for an easy interpretation of the re-
sults in the first steps of the design process and resulting in a lower computational
cost than a complex definition.

As stated earlier, to facilitate the definition and control surfaces, non uniform b-
splines (NURBS) have been considered. This way the shape of the sail surface is
given by a set of control points, except those at the border which are not considered
as a part of the surface. These control points act as attractors of the surface, which
allows for an easy way to control the shape and concavity by changing their position
and weight.

Consequently, the number of parameters used to define the shape can be easily
adapted to the requirements of each experiment. These parameters define the posi-
tion and the weight of each control point, directly or through a behavior equation. As
commented earlier, this procedure makes it necessary to add a process of integration
of the values of length and area to ascertain the real values over the sail.

The sails selected to perform these experiments are of the Olympic “Tornado
class” and the international rules for this class have been used to define constraints
for the sail optimization process. These constraints determine the maximum size
and the relative position between the main sail and the jib.

The limits on the size are defined over the maximum length of the sail at different
heights. Thus, before the aerodynamic analysis, these values are calculated and if
all the constraints are not met, the sail is rejected.

To define the main sail shape, five parameters have been used:

� Maximum displacement and its position
� Maximum displacement in the head
� Displacement of the trailing edge in the head
� Displacement leech over the foot
� Line of maximum deformation over the sail
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To define the jib, three parameters have been used:

� Maximum displacement and its position
� Displacement of the trailing edge
� Line of the maximum deformation

In addition, a parabolic definition for the weight and for the horizontal position of
the control points was used in order to increase the range of alternatives that can be
evaluated.

9.4 Experimental Validation

The aim of the evaluation process in an evolutionary design strategy is to determine
a correct rank among the different alternatives under evaluation. Thus, the results of
the simulator must be qualitatively acceptable even though they may not be quantita-
tively realistic. This is a considerable advantage but one must be aware that it is quite
doubtful that a highly inaccurate simulator may be able to produce adequate ranks.

In this study, the quality or fitness of each individual is determined by the values
of the components of the total force over the sail. The experimental validation of the
results of the simulator implies comparing the real forces and the forces calculated
by the numerical simulator. Basically, it consists in the evaluation of a sail configu-
ration under different angles of attack and comparing the evolution between real and
numerical results. To compare these two results it is necessary to determine both the
real shape of the sail and the forces acting over it.

9.4.1 Experimental Apparatus

Tests were performed on a sail model placed in the subsonic closed loop wind tunnel
of the University of Corunna Fluid Dynamics Lab. This wind tunnel has an open test
section of 1:1�0:8m, its wind velocity can be continuously controlled and adjusted
from 5 to 45 m/s, the turbulence level is below 1% and the maximum value in axial
velocity non uniformity is of 2%. The sail is supported by a six component force
and moment transducer. This set-up is complemented by a smoke tracer for flow
visualization and a particle image velocimeter (PIV).

9.4.2 Sail Shape Analysis

The first step in the simulator validation process is to determine the real shape of the
sail. The sail is an anisotropic membrane and solving the problem of the real sail
shape under a specific wind condition implies solving a highly non-linear problem
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of fluid-structure interaction. To eliminate this problem the sail is considered as a
solid body in the simulator.

The shape of the sail must be measured under each specific wind condition in
order to be introduced in the simulator. The measurement process must be non-
intrusive and external to the sail to avoid disturbing the flow around the sail. In this
case a stereoscopic camera system has been proposed to acquire the sail shape by
means of photogrammetric techniques. This process can be divided into the follow-
ing stages:

� Sail marking. A grid of point is marked on the sail in order to permit an easy
recognition of its surface.

� Photography. Simultaneous photographs are taken from different points of view.
In the case presented in Fig. 9.1 three different photographs were used. The use
of simultaneous pictures eliminates the possible distortions introduced by sail
movements during the process.

� Point recognition. The marked grid is recognized in each photograph and the
three-dimensional grid is regenerated by obtaining the correspondence between
points in all of the images.

� Surface definition. A surface is generated through a minimum least square
method using the points of the grid and applying all the constraints of the prob-
lem. These constraints are the fixed position of the mast and the fact that the sign
of the convexity over the whole surface must be preserved.

9.4.3 Forces Analysis

The sail position is defined by the mast and boom position. The mast is supported by
a platform that permits the simulation of the relative course to the wind and the roll
of the ship. The connection between the mast and the platform is achieved through
the six axes force/torque transducer, which provides the forces and moments on

Fig. 9.1 Photographs taken by each camera in the wind tunnel
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each axis. The boom is linked to the mast by a spherical joint and its position is
determined by the length of the sheet. The control of its length is carried out by a
winch over a strain-gage cell that measures the tension (T) in the sheet. Through this
distance, the roll of the platform and the measurement of the direction of the sheet
are calculated, a director vector is obtained as:

�!s D .cos.˛/; cos.ˇ/; cos.
//; (9.3)

where ’ is the angle between the sheet and the X axis, “ is the angle between the
sheet and the Y axis and ” is the angle between the sheet and the Z axis. The pro-
cedure used to calculate these angles has been designed as a redundant system in
order to reduce the error in their values.

Using the mast and boom position and the sheet direction, all forces and moments
are obtained. Therefore the center of pressure and the total force may be calculated.
Thus, the total force acting over the sail is evaluated as

Rx D Fx C T � cos.˛/

Ry D Fy C T � cos.ˇ/: (9.4)

Rz D Fz C T � cos.
/

The position of the center of pressure is calculated through the relation between the
moment and the total force.

9.5 Neural Network Correction

9.5.1 Integrating Computational and Experimental Analyses

Given the wide range of angles, shapes and relative positions analyzed during the
optimization process imply that several considerations assumed in the numerical
model may not be applicable. When this happens, the accuracy of the simulator is
compromised, especially if a large high turbulence region is present. To correct the
deviations from the real values of lift and drag forces produced by the sail, a neural
network is used within our scheme. We made use of a simple multilayer perceptron
neural network [10] with 7 input neurons, two hidden layers having 12 neurons
each and 2 output neurons (lift and drag coefficients). The input neurons correspond
to: calculated lift coefficient, calculated drag coefficient, air velocity, angle of attack,
and eight values defining the shape of the sail (weight and position of control points).
This set of inputs contemplates two classes of parameters: two that depend only on
the case being studied (attack angle and Reynolds number) and four that depend on
the sail profile.

The validation process is carried out by means of a systematic series of measure-
ments taken for several courses and roll angles. For each combination of course and
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roll the sail shape under the action of the wind is determined by a photogrammetric
procedure as explained above. It is then numerically simulated with the same shape
and under the same conditions. The values of the forces and moments measured by
the six axis balance supporting the mast and the strain-gage cell value for the tension
in the boom rope are used as fitness parameters to evaluate the performance of the
simulation.

To define the ANN correction, test results were divided into two groups: a train-
ing set (four samples) and a test set (five samples). The training was carried out
through a gradient descent method with relaxation parameters of 0.3. In the pro-
posed case, the training ended with an iteration limit of 2,000 iterations, or when
the relative error was less than 0.05%.

Figures 9.2, 9.3 and 9.4 show the results of the ANN correction. The maximum
error in the test cases is 1.2% and the mean error is 0.23%. The use of the ANN
correction reduced the mean error from 11.54% to 0.23%. This correction allows
realistic results to be obtained without including the hull and the mast in the simu-
lator, and using a low computational cost solver.

Although the simulation stage demands large computational resources, due to the
complexity of the aerodynamic behaviour of the sails, ANN correction requires its

Fig. 9.2 Characteristic dimensions of the reference marks on the mast and the foot

Fig. 9.3 Evolution of the error of the ANN during the training process
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Fig. 9.4 Results of the ANN for the lift and drag force

results as reference values in order to correct the error values and be able to consider
the effects commented above. That is if only shape parameters are introduced, the
ANN’s cannot obtain the force functions directly.

9.6 Conclusion

A neural network based method for improving the results obtained with simpli-
fied aerodynamic simulators has been developed. The results show that this method
can improve these results at a fraction of the cost of a more accurate aerodynamic
simulator. This can be very useful when using it within automatic design and opti-
mization processes where the large number of evaluations needed makes the use of
simplified aerodynamic simulators necessary in order to reduce the computational
cost of each evaluation.

The method has been applied in conjunction with an experimental validation
procedure to improve the results of a simplified aerodynamic simulator used in the
framework of an automatic sail design environment. The procedure involves having
aerodynamic simulator solve some test cases of sails having the same shape and
conditions as those of models tested in a wind tunnel. The performance achieved by
the simulation is evaluated by comparing the measured and calculated values for the
global forces and moments produced by the sail on its support.
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Chapter 10
Rough Set Approaches to Unsupervised Neural
Network Based Pattern Classifier

Ashwin Kothari and Avinash Keskar

Abstract Unsupervised neural network based pattern classification is a widely
popular choice for many real time applications. Such applications always face
challenges of processing data with lot of consistency, inconsistency, ambiguity or
incompleteness. Hence to deal with such challenges a strong approximation tool is
always needed. Rough set is one such tool and various approaches based on Rough
set, if are applied to pure neural (unsupervised) pattern classifier can yield desired
results like faster convergence, feature space reduction and improved classification
accuracy. The application of such approaches at respective level of implementation
of neural network based pattern classifier for two case studies are discussed here.
Whereas more emphasis is given on the preprocessing level based approach used
for feature space reduction.

Keywords Discernibility � Feature extraction � Pattern classification � Reducts
� Rough neuron � Rough sets � Unsupervised neural network

10.1 Introduction

Rough sets theory exploits the inconsistency and hidden patterns present in the
data. Rough sets have been proposed for a variety of applications. In particular, the
rough set theory approach seems to be important for artificial intelligence and cog-
nitive sciences, especially for machine learning, knowledge discovery, data mining,
expert systems, approximate reasoning and pattern recognition. Artificial Neural
Networks in the most general form aim to develop systems that functions simi-
lar to the human brain. The nature of connections and the data exchange in the
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network depend on the type of application. Rough sets and Neural Networks can be
combined, as they would be effective in cases of real world data, which are ambigu-
ous, imprecise, incomplete and error prone.

Here two rough-neuro based hybrid approaches are proposed for classification by
unsupervised ANN. As the rough set theory can be used for reducing the input fea-
ture space for the neural network doing the classification, first approach is suggested
at preprocessing level. The second approach respectively explores the application of
rough set theory for architectural modifications in the neural network. The first case
study of printed character recognition has been undertaken to establish that a Rough-
Neuro Hybrid approach has reduced dimensionality and hence also has resulted in
lesser computations as compared to the pure neural approach. The data set used con-
sists of characters A–Z, in 18 different fonts. Whereas second case study is focused
on application of above discussed approaches for hand off prediction for cellular
communications. The results for pattern classification using a Pure Neural approach
have been used for benchmarking for both cases. Hence nature of information sys-
tem (IS) and futures used in both cases along with the steps of image preprocessing
and Feature extraction are discussed in initial sections. As the values obtained are
continuous, the discretization steps used are explained in the following section. The
feature space reduction and rough hybrid approach are discussed in the subsequent
sections. The last section presents the results and conclusions.

10.1.1 Basics of Rough Set Theory

In this section some of the terminologies related to the basics of rough set theory
and frequently used in the subsequent sections are explained [1].

10.1.1.1 Information System (IS)

The basic vehicle for data representation in the rough set framework is an infor-
mation system. An information system is in this context a single flat table, either
physically or logically in form of a view across several underlying tables. We can
thus define an information system I in terms of a pair (U, A), where U is a non-
empty finite set of objects and A is a non-empty finite set of attributes. The input
feature labels are termed as condition attributes whereas class label is termed as de-
cision attribute. The Table 10.1 shown below is the sample of IS used for second
case study. The seven columns or input features namely BST2, BST3, BST4 (base
station id), RSS (received signal strength), TMSTMP (time stamp), SPEED (speed
of user motion) and TIME (time) are the condition attributes while the output class
column CLASS is the decision attribute.
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Table 10.1 Sample information system (IS)

BST2 BST3 BST4 RSS TMSTMP SPEED TIME CLASS

5 6 5 80 20 50 10 1
1 1 6 75 36 28 10 3
4 3 2 72 26 23 10 5
4 4 4 72 18 49 10 4
5 5 3 81 34 32 10 2

10.1.1.2 Reducts

The reduced sets of attributes are called as Reducts. Reducts derived out of input
vectors using rough set postulations ease the process of making predictions and
decision making which in turn gives improved classification with reduced dimen-
sionality of feature space. Whereas theoretically reducts are defined as follows,

A subset B of set A is a reduct if and only if,

� B	 D A	.
� B with this property i.e. .B � fag/	 ¤ A	 for all a 2 B; 	 is the partition on U

because of indiscernibility.

Once reducts are known, rules can be easily generated for classification.

10.1.1.3 Core

Cores are the prime attributes or Indispensable condition attributes. Core is the set
of all those attributes, which are essential for classification between two classes, and
there is no alternative for those attributes. If core is not included in the reducts then
efficiency dramatically decreases. For example in the above shown sample IS, BST2,
BST3 and BST4 are some of the core attributes.

10.1.1.4 Discernibility Matrix

It is an information system I defines a matrix MA called a discernibility matrix.
Each entry MA (x, y) which is subset of A consists of the set of attributes that can
be used to discern between objects x, y which are elements of U.

10.2 Image Processing and Feature Extraction
for the First Case Study

The original data set is subjected to a number of preliminary processing steps to
make it usable by the feature extraction algorithm. Pre-processing aims at producing
data that is easy for the pattern recognition system to operate accurately. The main



154 A. Kothari and A. Keskar

objectives of pre-processing [2] are: binarization, noise reduction, skeletonization,
boundary extraction, stroke width compensation [3], truncation of redundant portion
of image and resizing to a specific size. Image binarization consists of conversion
of a gray scale image into a binary image. Noise reduction is performed using mor-
phological operations like dilation, erosion etc. Skeletonization of the image gives
an approximate single-pixel skeleton, which helps in the further stages of feature
extraction and classification. The outermost boundary of the image is extracted to
further obtain the boundary related attributes such as chain codes and number of
loops. Stroke width compensation is performed to repair the character strokes, to
fill small holes and to reduce uneven nature of the characters. The white portion
surrounding the image can create noise in the feature extraction process and also
increases the size of image unnecessarily. Truncation is performed to remove this
white portion. In the end, the image is resized to a pre-defined size: 64 � 64 pixel
in this case. All such results are indicated in Fig. 10.1 below. In feature extraction
stage, each character is represented as a feature vector, which becomes its identity.
The major goal of feature extraction is to extract a set of features, which maxi-
mizes the recognition rate with the least amount of elements. The feature extraction
process used consists of two types of features: statistical and structural [3–5]. The
major statistical features used are: zoning, crossings, pixel density, Euler number,
compactness, mean and variance. In zoning, the 64 � 64 character image is divided
into 16 � 16 pixel parts and pixel density of each part is calculated individually.
This helps in obtaining local characteristics rather than global characteristics and is
an important attribute for pattern recognition. Crossings count the number of tran-
sitions from background to foreground pixels along vertical and horizontal lines
through the character image. In Fig. 10.2 there are six vertical crossings (white to
black and black to white) and four horizontal crossings in both the upper and lower
part. Pixel Density is calculated over the whole 64 � 64 image. Euler number of an
image is a scalar whose value is the total number of objects in the image minus the
total number of holes in those objects. Euler number is also calculated for each im-
age. Structural features are based on topological and geometrical properties of the
character, such as aspect ratio, loops, strokes and their directions etc. The boundary
of the image is obtained and chain code is calculated for it. Then the number of ones,
twos till number of eights is calculated. The number of loops present in a character
is also obtained.

Gray-scale
image

Binary
image

Boundary of
the image

Skeleton
of image

Truncated and
resized image

Fig. 10.1 Various stages of image processing



10 Rough Set Approaches to Unsupervised Neural Network Based Pattern Classifier 155

Original
image

Image divided into
16 x 16 zones

Horizontal
Crossings
(lower) = 4

Horizontal
Crossings
(upper) = 4

Vertical
Crossings = 6

Fig. 10.2 Image segmentation and feature extraction

10.3 Discretization

The solution to deal with continuous valued attributes is to partition numeric
variables into a number of intervals and treat each such interval as a category. This
process of partitioning continuous variables is usually termed as discretization. Data
can be reduced and simplified through discretization. In case of continuous valued
attributes, large number of objects are generated with a very few objects mapping
into each of these classes. The worst case would be when each value creates equiv-
alence with only one object mapping into it. The discretization in rough set theory
has particular characteristic, which should not weaken the indiscernibility ability.
A variety of discretization methods have been developed.

10.3.1 Algorithm

Consider an information system IS D .U; A; V; f / where U : is the universal sets
containing all objects i.e. U D fx1; x2; x3; : : : ::; xng; n is the total number of
objects; A D CU fd g where C denotes the set of condition attribute and d is the
decision attribute; V denotes contains the sets of values each condition attribute can
take; f is a function between the element in U and its value, the value of object xi to
the attribute a is a.xi /. The process of discretization is to find the sets of cut points
for each attribute and hence discretize each of them. For an attribute a; Va the set
containing the values the attribute can take. Cuts are nothing but partitions of the
set Va i.e. Va D Œc d �, where [c d] is the interval of the continuous valued attribute.
Then a partition: c < p1 < p2 : : : : : : < pm < d , where the set fp1; p2; : : : ::pmg
forms the set of cut points which divides the interval [c d] into m intervals without
intersection: Œc p1/; Œp1 p2/; Œp2 p3/ : : : ::.pmd� and the continuous values of at-
tribute a turn out to be m C 1 discrete values: V1; V2; V3; : : : : : : ; VmC1 by the
following equations [6]:

fV1; if a(x) � p1g (10.1a)

V.x/ D fVi ; if pi�1 < a.x/ � pi; i D 1; 2; 3: : ::;mg (10.1b)

fVmC1; if a.x/ > pmg (10.1c)
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10.3.2 Steps to Obtain Cuts

To search the cuts points we make use of the discernibility matrix. The discernibility
matrix of a given decision table is defined as:
.Mfdg.i; j//nxn Where

Mfdg.i; j/ D ffakjak.xi/ ¤ ak.xj/; for all ak in Cg when d.xi/ ¤ d.xj/g
f0; d.xi/ D d.xj/g (10.2)

10.3.3 Steps for Algorithm

1. Construct the discernibility matrix for the given table
2. For i D 1 to t
3. For all 1 � j � k � n, if the attribute ai is a member of the discernibility matrix

entry, construct the cuts interval Œai .xj / ai .xk/�
4. For every set of intersecting intervals, construct the cut point as:
.pj/i D f max.lower bounds/C min.upper bounds/g=2. (3)

5. Discretize attribute ai according to the cuts obtained
6. Next i
7. End

The Figs. 10.8 and 10.9 show an undiscretized table and the discretized table using
the above-discussed algorithm. It is observed that the continuous interval valued
attributes are discretized without affecting their ability to discern. It can be further
seen that this helps in attribute reduction also.

10.4 Reduction of Attributes

Use of rough sets theory in the preprocessing stage results into dimensionality re-
duction and optimized classification with removal of redundant attributes. Also,
neural network is the most generalized tool for pattern recognition and has capabil-
ity of working in noisy conditions also. Here a new Rough-Neuro Hybrid Approach
in the pre-processing stage of pattern recognition is used. In this process, a set of
equivalence classes, which are indiscernible using the set of given attributes, are
identified. Only those attributes are kept which preserve the indiscernibility relation
and the redundant ones are removed, as they do not affect the classification. A re-
duction is thus resulting in a reduced set of attributes, which classifies the data set
with the same efficiency as that of the original attribute set.
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10.4.1 Steps for Finding Reduced Set of Attributes

Consider an information system IS D .U; A; V; f / where U : is the universal sets
containing all objects i.e. U D fx1; x2; x3; : : : ::; xng; n is the total number of
objects; A D CU fd g where C denotes the set of condition attribute and d is the
decision attribute; V denotes contains the sets of values each condition attribute can
take; f is a function between the element in U and its value, the value of object xi to
the attribute a is a.xi /. The total number of condition attributes is m i.e. jC j D m.
The number of decision classes is t i.e. jVd j D t . Discernibilty matrix .t� t/, whose
entries contain the relative significance of each attribute. In this method the relative
significance of each attribute in discerning between two compared classes x and y
is as given by:

P.x/x;yjai (10.3)

where P.x/x;y jai is the probability of an object belonging to class x given the
only information as attribute ai .i D 1; 2; 3; : : : ; m/ when discerning the objects of
x from y. If the value turns out to be 1, then the particular attribute is the most
significant and if the value turns out to be 0, then the particular attribute is the least
significant. The probability described is subjective and there can be other viewpoint.
The rough sets deal with uncertainty of data sets or information granules.

10.4.2 Algorithm for Finding Reducts

The algorithm used is as follows:
1. Obtain the information system of which the feature space is to be reduced.
2. The discrenibility matrix .t � t/ is to be constructed and entry for each attribute

is given by the above method.
3. The relative sum for each attribute is obtained i.e. the contribution of each at-

tribute over the table is summed up.
4. The most significant contributors based on the relative sum are selected accord-

ing to the requirement or set threshold.

10.5 Rough Neuro Based Hybrid Approach
and the Experimentation Done

As discussed in the introduction Rough set can deal with consistent, inconsistent
and even incomplete type of data. Hence the methodology proposed must be tested
for all the above-mentioned types of data. Hence to examine the outcome for con-
sistent type of data case study one is considered in which the approaches are tested
for printed character recognition. While for testing outcome for inconsistent or in-
complete data case study 2 is considered in which approaches are used for hand off
prediction. In the coming era of cellular communications the cell size will reduce
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and in situations like mobile user using mass rapid transit systems, the overall
performance of the system can be improved if the network can predict the next
cell to which user is going to move. Because dynamic cellular traffic conditions
and numerous path profiles of moving mobile users data generated will be highly
inconsistent in nature.

For both the cases the results achieved by the hybrid approach are compared with
the pure neural approach. The type of ANN used in both the case studies for pure
and rough-neuro hybrid approach is unsupervised with two layers. When pure neural
approach is used for the first case study, the input layer consisting of 31 nodes for
31 input features, fed for classification is used. Whereas the output layer contains
26 nodes for 26 output classes in which the input samples are to be classified.

Whereas for second case study the input layer consists of seven nodes for seven
input features and the output layer contains six nodes representing six possible des-
tinations for each current cell of the user location for predicting the handoffs. The
data table used for training is formulated with the steps explained earlier. Many such
tables with variations in data patterns were used for training and testing in 80:20
proportion. The training algorithm used is (of competitive learning type) Winner
take all [7–10]. Rough set approach used for preprocessing or attributes reduction
and the downsized set of attributes can be fed to the neural classifier as shown be-
low in Fig. 10.5. Reducts derived out of input vectors using rough set postulations
ease the process of making predictions and decision making which in turn gives im-
proved classification with reduced dimensionality of feature space. For estimation
of reducts discernibility matrix is first calculated, weighted contributions obtained
and the significant contributors are selected as per the fixed threshold. Thus rough
set mainly exploits discernibility and hidden inconsistency in the data. The results
shown here are for the same table used earlier for the first approach in Fig. 10.3 and
Fig. 10.4.
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Fig. 10.3 Undiscretized data for case study-1
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Fig. 10.4 Discretized data for case study-1
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Data

Analyzer

Fig. 10.5 Use of rough set at preprocessing level as first approach

The second approach suggests modification to the architecture of the two layer
neural network. In pure neural approach each input layer node is connected with
each node of output layer. After computation of reducts we easily know the most
significant contributors (input features) to the classification process [11,12]. Hence
depending on the set of reducts obtained the links related to the insignificant features
can be removed which further results in lesser computational overheads.

10.6 Results

For both the case studies the training to testing proportion was 80:20 in percentage.
The IS for case study one has condition attributes of two types structural and sta-
tistical which respectively brings consistency and inconsistency to the data. In the
second case study the approaches were studied for data of 1,000 user path profiles
with different combinations of timestamps and received signal strengths. Hence IS
for second case study is highly inconsistent.
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10.6.1 Results for Case Study-1

The data set generated is given to a pure neural network as described earlier with
learning rate ’ D 0:4 and the network converges in almost 1,000 iterations. The at-
tribute set was then reduced by the proposed method and fed into the neural network
with the set learning rate. The graphs shown in Fig. 10.6 is achieved for reduction of
the attributes space using the above discussed method. The horizontal axis shows the
number of resulted reductions and the vertical axis shows the corresponding classi-
fication accuracies. From this graph, we conclude that the attribute reductions result
in the optimum classification accuracy. Thus the total 31 atributes are reduced to 18
as maximum reduction, 21 as moderate reduction and 26 as minimum reduction. It is
found that the minimum classification accuracy of 92.5% is much comparable with
the accuracy achieved for pure neural approach using all 31 attributes. The number
of reducts to be used hence always is trade off between feature space diamensional-
ity to handled and classification accuracy. This is because too much reduction results
in loss of information also. It is observed that at the point of dimentionality reduction
certain structural attributes which contribte to the discernability of the system are
also neglected (for example numberof loops in the character). Forceful addition of
such feature to the reducts yeilds a better efficency. This is shown in Table 10.2. Note
that the structural features are added to the reduced features which are 21 in number.

91.5

92

92.5

93

93.5

94

94.5

95

18 19 20 21 22 23 24 25 26

Targeted No. of Reducts

C
la

ss
if

ic
at

io
n

 A
cc

u
ra

cy

Fig. 10.6 Different classification accuracy values for respective number of reducts

Table 10.2 Classification accuracy for different approaches for case study-1

The kind of data
given to the network

Entire attribute space to
pure neural network

Reduced attributes
from the reducts
algorithm (21 No.)

Reduced atrributes
(21 No.) and loops

Classification
accuracy

92.37% 93.76% 94.39%
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10.6.2 Results for Case Study-2

For case study two as explained earlier data of 1,000 user path profiles are used.
This results in IS with seven condition attributes. BST2, BST3, BST4 (base station
ids), RSS (received signal strength), TMSTMP (time stamp), SPEED (speed of user
motion) and TIME (time). The preprocessing approach results in two sets of reducts
with three and four features respectively. Hence for verification of the second ap-
proach (rough) neural network with missing links was used. The respective values
for classification accuracy are shown in Table 10.3.

Also from the error curves drawn in Figs.10.7–10.9 respectively for various
methods, it is seen that pure neural network with reducts and neural network de-
signed with rough set philosophy by missing links, converge much faster than the
conventional unsupervised neural network.

Table 10.3 Classification accuracy for different approaches for case study-2

The kind of data
given to the network

Entire attribute space to
pure neural network

Reduced attributes
from the reducts
algorithm (3 No.)

Reducts attribute with
four missing links in
rough neural network

Classification
accuracy

98.97% 99.06% 98.23%
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Fig. 10.7 Error versus epochs for pure neural approach for case study-2
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10.7 Conclusion

The data set generated contains both the consistent and inconsistent values.
According to the rough sets theory consistent attribute values contribute less to-
wards classification but on observation in case study-1, the important structural
features such as the loops and crossings when included improves the efficiency of
classification. Thus using rough set theory and analysing the importance of features
from classification point of view efficient reduction algorithms can be developed.
Also it has been observed from the results of case study-2 that for reduct based
training or network design we get improved classification accuracy with faster con-
vergence. In future such algorithm can be tested for rough neuron based networks
where input data is split in to two parts for specially designed rough neuron.
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Chapter 11
A New Robust Combined Method for Auto
Exposure and Auto White-Balance

Quoc Kien Vuong, Se-Hwan Yun, and Suki Kim

Abstract This paper proposes a new auto-exposure and auto white-balance
algorithm that can accurately detect high-contrast lighting conditions and im-
prove the dynamic range of output images for a camera system. The proposed
method calculates the difference between the mean value and the median value
of the brightness level of captured pictures to estimate lighting conditions. After
that, a multiple exposure mechanism which can improve image details is carried
out in combination with a simple auto white-balance algorithm which is capable of
detecting pictures with one primary color. Simulation results show that the system
works well with CMOS sensors used in mobile phones and surveillance cameras.
Besides, the proposed algorithm is fast and simple and therefore can be fitted in
most CMOS platforms that have limited capabilities.

Keywords Auto exposure � Auto white-balance � Multiple exposure � Mean value
� Median value � High-contrast � High dynamic range � Primary color

11.1 Introduction

Auto-exposure (AE) and auto white-balance (AWB) have become two major func-
tions of digital camera systems. Many platforms that provide both AE and AWB
controls have been proposed to accommodate various shooting conditions in order
to improve the overall system performance.

Many AE algorithms [1–4] have been developed to deal with high-contrast
lighting conditions. However, most of these algorithms have some drawbacks on
either their accuracy or complexity which may prevent them from being applicable
to low-capacity camera platforms such as those employing CMOS technologies.
According to Liang et al. [1], it is difficult to discriminate back-lit conditions from
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front-lit conditions using histogram methods [2,3]. Further simulations in this paper
shows that the tables and criteria used to estimate lighting conditions are confusing
and not consistent.

Other algorithms [3,4] used fixed-window segmentation methods to estimate the
brightness and lighting conditions. Besides, these papers and Ref. [1] only consid-
ered images with only one main object. Therefore, these algorithms are not flexible
and do not work well with images without a main object.

In the real-time image fusion mechanism proposed by Kao et al. [5], multiple
exposure methods were presented to improve the dynamic range of output pictures.
Simulation results showed that its algorithm might easily lead to color inconsistency
and bad chromatic transitions.

For AWB, the color gains are controlled such that objects which appear white in
human eyes are rendered white in the output image. When a white object is illumi-
nated under a low color temperature, it will appear reddish in the captured image.
Similarly, it will appear bluish under a high color temperature. Each AWB algorithm
consists of two steps. The first step is illumination estimation, and the second step
is image compensation.

According to Ref. [6], there are two categories of AWB: global AWB algorithms
and local AWB algorithms. Global AWB methods such as gray world assumption,
modified gray world assumptions [7, 8] may not work well if the picture is domi-
nated by just a few colors. Local AWB methods [9, 10] depend on the existence of
white objects or human faces in captured images and therefore cannot work with
all images.

This paper introduces a new approach to control AE which can be used to deter-
mine the degree of contrast lighting employing a simple and quick method which
is presented in Sect. 11.2. Section 11.3 describes how to decide if the condition is
normal lit, excessive back lit or just a condition with a high dynamic range. Then
the algorithm uses a simple multiple exposure mechanism to improve the dynamic
range of the output image so that more details can be revealed. This mechanism is
carried out in the same time with a refined and simple AWB method based on the
idea of gray color points in Ref. [6] with the ability to detect pictures dominated
by a few colors. Section 11.4 describes simulation results. Finally, conclusions are
given in Section 11.5.

11.2 Auto Exposure Algorithm for Lighting Condition
Detection

11.2.1 Lighting Condition Detection

Lighting conditions can be classified as normal lit, excessive back lit or high con-
trast. To determine the degree of lighting conditions, the proposed method compares
the mean value and the median value of the brightness level of the whole image.
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The mean brightness level Blmean is the average brightness level of the whole
image. On the other hand, the median value Blmed is the value of the middle item in
a sorted array of brightness levels of all pixels in the image.

For a sorted large-size array, if the values of all elements increase or decrease
steadily, the difference between the mean and the median values is not significant.
An image possessing normal lit condition follows this rule, and thus the difference
DL between Blmean and Blmed is insubstantial, especially in the cases of normal and
under exposure. However, when an image is captured in back-lit or high-contrast
lighting conditions and in cases of under and normal exposure, the values of all items
increase or decrease abruptly somewhere within the sorted array of brightness levels.
In this case, the middle item may have a very large or very small value, depending
on the outweighing number of large-value or small-value elements. This leads to a
significant difference between the mean and the median values and therefore, Blmean

is very different from Blmed.
In the case of over exposure, the difference varies unpredictably; nevertheless, in

normal- and under-exposed images that possess back-lit condition, Blmean is always
larger than Blmed and the difference trend is stable. Figure 11.1 shows the difference
between these two values for various cases. Note that Dthres is the threshold of the
difference value.

Most platforms employing CMOS image sensors (CIS) provide output images
in the RGB format. The green component mostly contributes to the luminance of
an image. Therefore, to reduce computational complexity, the proposed system uses
the green (G) component as the luminance of an image and all steps are performed
based on this component.

The use of the G component as the brightness level instead of the luminance
component Y (in the YCbCr or YUV formats) can help eliminate the conversion
between RGB to other formats and it does not introduce much difference, as proved
in Ref. [1] and further clarified in Table 11.1.

Normal-lighting

Blmean = 112
Blmed = 103
DL = 9 < Dthres

Back-lighting

Blmean = 118
Blmed = 79
DL = 39 > Dthres

High Contrast

Blmean = 120 
Blmed = 100
DL = 20 ³ Dthres

a b c

Fig. 11.1 Blmean; Blmed and DL in different lighting conditions
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Table 11.1 G and Y components as brightness level of images in Fig. 11.1

Blmean Blmed DL

Image G Y G Y G Y

(a) 111 112 103 103 8 9

(b) 116 118 76 79 40 39

(c) 120 120 99 100 21 20

In brief, the G component of an RGB image will be used as the luminance when
estimating lighting conditions. It is the relationship between the mean and median G
values of an image to be used as the criterion to judge illuminating conditions. This
relationship will be used in the AE mechanism to help control the exposure value
depending on lighting conditions. In term of implementation, the hardware required
to compute the mean and median value is simple and among basic blocks. Thus, this
method is really effective in terms of processing time and implementation.

11.2.2 Auto Exposure

To address image capturing systems that employ CMOS image sensor and that have
limited capabilities, Blmean; Blmed; DL and Dthres are used to enhance the proposed
modified AE algorithm. According to Refs. [1, 11], the relationship between the
luminance value and the exposure factors can be expressed as:

Bl D k � L �G � T � .F=#/�2 (11.1)

where Bl is the brightness level of the captured image, k is a constant, L is the
luminance of the ambient light, G is the gain of the automatic gain control, F /# is
the aperture value, and T is the integration time.

Let Bln and Blopt denote the brightness levels of the current frame and the frame
taken with optimal exposure time. For a certain scene and when both frames are
taken continuously within a very short time, L and G remain almost the same.
For most cell phones and surveillance cameras employing CMOS technologies, the
aperture is fixed at its maximum value, thus F /# is constant. The exposure functions
(11.1) for the current frame and the frame taken with optimal exposure time are:

Bln D k �L �G � Tn � .F=#/�2 (11.2)

Blopt D k � L �G � Topt � .F=#/�2 (11.3)

By dividing (11.2) by (11.3), the relationship between Bln and Blopt can be
expressed as:

ŒBln=Blopt� D ŒTn=Topt � (11.4)

log2 Bln � log2 Blopt D log2 Tn � log2 Topt (11.5)

log2 Topt D log2 Tn � log2 Bln C log2 Blopt (11.6)
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The proposed algorithm uses Blmean to control AE based on the idea of mid-tone in
an iterative way. However, unlike [1] and other methods, in this paper, the optimal
brightness level is not fixed. Blopt may be changed according to the lighting condi-
tions. Besides, since the camera response is not totally linear, the actual values in
each condition are obtained by performing a series of experiments. A lot of pictures
were taken under different lighting conditions in order to obtain the most suitable
optimal values of Blopt for normal lighting, back lighting or high contrast lighting
conditions, and lighting conditions when the current picture is over exposed. These
optimal values are expected to be close to the mid-tone value 128, which means that
the values of log2 Blopt should be close to log2 128 D 7.

Let Blnorm
opt denote the optimal brightness level in the case of normal-lit conditions

with low exposure time, Blbkdr
opt denote the optimal value in the case of back lighting

or high contrast lighting conditions with low exposure time, and let Blover
opt denote the

optimal value in the case of over exposure.
In real implementation, (11.6) is convenient for data to be stored in look-up tables

(LUT). The mid-tone range Blmt is [100, 130]. After capturing the first frame, the
value of Blmean and Blmed are calculated and are used to decide the value of Blopt

as described in Fig. 11.2. After that, the optimal exposure time is obtained using
(11.6). Note that due to the non-linearity of sensors, this mechanism is supposed to
be carried out iteratively until Blmean falls into Blmt. Different appropriate values of
Blopt help reduce the number of iterations instead of just one common Blopt for all
lighting conditions.

In order to further clarify the exact lighting condition, a multiple exposure algo-
rithm is carried out right after the AE mechanism and in conjunction with the AWB
method, as described in the next section.

Fig. 11.2 Deciding value for
Blopt

+

+

+

–

–

–

Blmean

Blmean < min
of Blmt ?

Blmean in Blmt ?

DL < Dthres?

Blopt = Blopt
bkdr

Blopt = Blopt
norm

Blopt = Blopt
over

Next stage
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11.3 Multiple Exposure Mechanism and Auto White-Balance

11.3.1 Multiple Exposure Mechanism

After controlling the exposure time so that Blmean falls into the mid-tone range, the
value of Blmed at that optimal exposure level is calculated. Then DL is obtained as
the difference between Blmean and Blmed.

At this stage, a multiple exposure algorithm described in Fig. 11.3 is employed
using two successive frames taken with two different exposure times. The two
frames are fused together as follows:

FX .x; y/ D
�
F loX .x; y/C F hi

X .x; y/
�
=2 (11.7)

where FX .x; y/ is the color value of the pixel (x, y), X is either R, G, or B compo-
nent, lo is low exposure and hi is high exposure.

The multiple exposure mechanism can bring more details to dark areas and over-
exposed areas. The frame taken with a lower exposure time provides details; on the
other hand, the frame taken with a higher exposure time brightens the fused image.

After image fusion, the updated Blmean is validated using a modified mid-tone
range [90, 130].

Fig. 11.3 Multiple exposure
algorithm
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This multiple exposure algorithm is also important to lighting condition
estimation since it helps reveal the degree of high contrast lighting as excessive
back-lighting, back-lighting, or just high contrast. However, this mechanism is not
performed separately but in same time with the AWB method. The AWB is done
depending on the actual lighting condition and multiple exposure mechanism is
executed differently depending on whether one primary color exists in the picture
or not, as discussed in the next section.

11.3.2 Detecting One-Primary Color Images

After AE controlling, lighting conditions are accurately detected. At this stage, the
system is already set up with appropriate exposure value.

A lot of pictures were taken to find out common typical characteristics of images
that have only a few colors or one primary color. These experiments show that if an
image is covered with a primary color, in most cases, at least one color component
(R, G, B) has the median value greater than the mean value. However, it is interest-
ing to notice that not all colors follow that same rule. Only colors in which either
the blue or the red component contributes the most will follow that rule. Other col-
ors that don’t satisfy this condition still have all mean values of color components
greater than median values. Images with such a primary color may be considered
the same as those without any primary color when performing AWB. Figure 11.4a
illustrates an image with one primary color but can be considered as other normal
images. Figure 11.4b and c illustrate the former kind of images.

An image that has either the median R value greater than the R mean value or
the median B value greater than the mean B value is considered as a special one-
primary color image. This statement means that any image that satisfies one of the
below cases is a special one-primary color image:

Mean Median
R 104 > 75
G 107 > 83
B 111 > 100

Mean Median
R 123 < 126
G 118 > 104
B 80 > 68

Mean Median
R 107 > 106
G 128 < 130
B 120 < 123

a b c

Fig. 11.4 (a) One-primary color image considered as normal; (b) (c) special one-primary color
images
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� R: median > mean; G: median < mean; B: median < mean
� R: median > mean; G: median > mean; B: median < mean
� R: median < mean; G: median < mean; B: median > mean
� R: median < mean; G: median > mean; B: median > mean

11.3.3 Auto White-Balance in Conjunction with Multiple
Exposure

An AWB algorithm consists of two steps: color temperature estimation, and color
channels adjustments. Of the above two steps, the former is more important and
it decides the overall accuracy of the whole AWB mechanism. The algorithm in
Ref. [6] selects out gray color points from an image to judge the illumination
condition. Gray color points can be a white object, a shadow, a black object and
so on. Each gray color point has a little deviation from the color gray under differ-
ent color temperature light sources.

In Ref. [6], the YUV coordinate is used, where Y is the luminance component,
and U and V are two chrominance components. Gray color points can be extracted
using the following criterion:

F.Y;U; V / D .jU j C jV j/
Y

< T (11.8)

where T is a threshold value which is far less than 1, and F.Y;U; V / is defined as

F.Y;U; V / D .
ˇ̌
U
Y

ˇ̌C ˇ̌
V
Y

ˇ̌
/ D .jU jCjV j/

Y

D
(

KR

1C0:299KR
in low color temperature

KB

1C0:114KB
in high color temperature

(11.9)

where KR and KB are deviation factors of red (R) and blue (B) components in the
RGB format. KR can be calculated by R0 D .1 C KR/R, where R and R0 are
the R components of gray color points in canonical light and non-canonical light,
respectively. Similarly, KB can be calculated by B 00 D .1 C KB/B , where B and
B 00 are the B components of gray color points in canonical light and non-canonical
light, respectively.

In this paper, the proposed system uses the G component to control the exposure
time. Therefore, in order to reduce computational complexity, after the AE control,
the system will continue to use the G component as the luminance for AWB control
and only adjust the R and B gains.

The algorithm in Ref. [6] is modified and the proposed AWB system uses the
following function and criterion to extract gray color points:

F.R;G;B/ D
�ˇ̌ˇ̌R
G

ˇ̌
ˇ̌C

ˇ̌
ˇ̌B
G

ˇ̌
ˇ̌� D .jRj C jBj/

G
(11.10)

F.R;G;B/ D .jRj C jBj/
G

< T (11.11)
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where T is the threshold value which is far less than 1. However, in the case of
pixels whose G value is 0, T is set to 1, and G is set to 1 in (11.10).

Each pixel whose value of F.R;G;B/ satisfies (11.11) is accumulated in �,
where � is the set of gray color points.

Let R	; B	, andG	 denote the average of R, B and G components of�. These
values are used to estimate the illumination condition and to control the R and B
gains in an iterative way. Let RG	 denote the absolute difference value between
R	 and G	, and let BG	 denote the absolute difference value between B	 an
dG	. These values are calculated as:

RG	 D ˇ̌
R	 �G	

ˇ̌
(11.12)

BG	 D ˇ̌
B	 �G	

ˇ̌
(11.13)

When an image is not a special one-primary color image, the AWB control is done
if jRG	 � BG	j � DAWBthres, where DAWBthres is a threshold value; otherwise, if
RG	 > BG	, the R gain needs to be adjusted. Similarly, if BG	 > RG	, the B
gain needs to be adjusted. In this case of normal images, AWB is performed after
the multiple exposure mechanism.

When an image is judged as a special one-primary color image, other AWB
conditions are used. Furthermore, in the case of back lighting conditions, multi-
ple exposure should not be performed since image fusion may disrupt the color
consistency; on the other hand, in the cases of high contrast lighting and normal
lighting, multiple exposure can still be carried out to improve the details of output

AE: normal-lit, high-contrast 

Rmean < Rmedian
Bmean > Bmedian

Rmean > Rmedian
Bmean < Bmedian

All Mean < Median
Or

All Mean > Median 

Rmean < Rmedian
Bmean < Bmedian

Modified method
condition checking:

RΩ = GΩ ± 1

Modified method
condition checking:

BΩ = GΩ ± 1

Current AWB
method checking:

Current AWB
method checking: 

RGΩ − BGΩ
≤ DAWBthres

RGΩ − BGΩ
≤ DAWBthres

Fusion if back-lighting

AE: back-lighting

Fusion for HDR 

Fig. 11.5 AWB in combination with multiple exposure
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images without degrading the chromatic visuality. The detailed combined algorithm
for AWB and multiple exposure as well as the AWB conditions for the case of spe-
cial one-primary color images are described in Fig. 11.5.

11.4 Simulations and Comparisons

Figure 11.6 describes the simplified functional block diagram of the proposed
system with AE and AWB functions. The output data of the auto focus (AF) and
interpolation block are fed to the AE block. Note that the AF capability is optional.
Most CMOS platforms are not equipped with AF function. In the AE block, after
multiple exposure controlling, output data are sent to the AWB block.

Simulations were carried out using a simple platform employing CMOS image
sensors (CIS) with AE parameter values as follows:

Dthres D 20I log2Blnorm
opt D 6:8I log2Blbkdr

opt D 7I log2Blover
opt D 6:36I

Simulation results show that the proposed AE algorithm can detect lighting condi-
tions accurately and does not require much computation (Fig. 11.7). Furthermore,
the algorithm is independent from the position of the light source and can work well
with images with or without a main object.

Because of the non-linear characteristics of CMOS sensors, sometimes it requires
that the AE algorithm be iterated more than once since the first calculated exposure
value does not return a value in the range of Blmean in Blmt. Therefore the overall AE
mechanism may include more than one adjusting time.

Tables 11.2–11.4 demonstrate simulation results for all cases of lighting condi-
tions. Both Y channel (luminance component in the YCbCr format) and G channel
are observed. Simulation results show that G component can be used as the lu-
minance of an image without any significant difference. Furthermore, the lighting
condition of each scene is correctly detected as its real condition. In most cases,
the number of times the AE mechanism is iterated is less than two. This indicates

Sensor Block
Interpolation

and Auto
Focus Block 

AWB & Multiple
Exposure Block 

AE Block
Output Image
(RGB format)

RGB format

R & B
gains

Exposure time

Focal control
(optional) 

Fig. 11.6 Simplified functional block diagram of the proposed camera system
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Before AE After AE After fusion

Back-lit 

Normal-lit

High-contrast 

a

b

c

Fig. 11.7 Simulation with AE algorithm

Table 11.2 Evaluation of back-lit conditions

After AE After fusion

Scene Starting values Bln Bln

Bln DL Times DL Y G DL Y G

(1) 156 8 1 40 118 116 27 123 122
(2) 130 27 1 42 107 104 29 115 112
(3) 160 �6 1 39 121 121 22 121 120
(4) 173 �78 2 39 111 111 24 114 114
(5) 87 49 1 45 115 114 31 119 117

that the proposed algorithm provides a high accuracy rate and fastens the overall
performance.

Tables 11.2 and 11.3 describe simulation results of back-lit and high dynamic
range (HDR) conditions. The values of DL after AE controlling and after fusion
show that fused images provide more details than un-fused ones. This ability is very
useful for camera systems that employ CMOS image sensors with limited dynamic
range. In the case of HDR conditions, after AE controlling, the multiple exposure
mechanism is carried out twice.

Table 11.4 describes simulation results of images taken in normal-lit conditions.
The simulation also shows further values of these pictures after fusing using two
images taken at half and 1.5 times the optimal exposure time. These experiment
results indicate that this image fusion mechanism can also provide more details in
output images for surveillance systems.
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Table 11.3 Evaluation of high-contrast lighting conditions

After AE After fusion

Scene Starting values Bln Bln

Bln DL Times DL Y G DL Y G

(1) 84 22 2 21 120 120 12 109 109
(2) 22 13 2 32 106 100 19 112 105
(3) 77 29 2 25 115 114 13 107 106
(4) 169 �33 2 30 117 116 19 111 111
(5)a 37 15 1 45 121 112
a
Night scene taken with the system’s maximum exposure value; thus no fusion

was carried out after AE.

Table 11.4 Evaluation of normal-lit conditions

After AE After fusion

Scene Starting values Bln Bln

Bln DL Times DL Y G DL Y G

(1) 79 �3 1 �11 117 115 �14 110 109
(2) 82 14 1 14 105 104 8 99 99
(3) 8 3 3 15 109 106 8 99 98
(4) 40 11 1 15 107 111 9 101 104
(5)a 3 1 1 0 42 39
a
Night scene taken with the system’s maximum exposure value.

For AWB control, the value of DAWBthres is set to 1. In Ref. [6], there are
three values for T : 0.97, 0.1321, and 0.2753. However, due to limited capabilities
and accuracy of CMOS platforms, the threshold value T in the proposed system is
set to 0.28. Figure 11.8 demonstrates the evaluation of the whole system including
both AE and AWB functions. Figure 11.8d shows that for special one-primary color
images, if the method to detect and the corresponding AWB conditions are applied,
the actual color of the main object can be revealed exactly. Figure 11.8e illustrates
the advantage of using the image fusion mechanism even in the case of high-contrast
lighting conditions in term of image details.

11.5 Conclusions

A new AE algorithm with lighting condition detecting capability has been intro-
duced. The proposed algorithm can quickly estimate an appropriate exposure value
after a small number of frames. It can also improve the accuracy and enhance the
details of output images.

The proposed AWB method, which is performed after AE control, is a simple
local AWB algorithm. This algorithm not only provides high accuracy and flexibility
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Back-lit condition (before AE, after AE, after fusion, after AWB)

High-contrast condition (before AE, after AE, after fusion, after AWB)

Normal-lit condition (before AE,
after AE, no fusion-AWB needed)

Special one-primary color images
(without / with detection)

Special one-primary color images
(high-contrast, with / without fusion)

One-primary color images
considered as normal images

a

b

c

e f

d

Fig. 11.8 Simulations with AE and AWB

owing to the omnipresence of gray color points but also is capable of detecting
images of one primary color or images dominated with only a few colors.

Using the new mechanism to detect light conditions, the system is flexible and
can work well with most images without being affected by the positions of light
sources and main objects. Since the algorithm is not computationally complicated,
it can be fitted in most CMOS platforms that have limited capabilities such as cell
phones and/or surveillance cameras.
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Chapter 12
A Mathematical Analysis Around Capacitive
Characteristics of the Current of CSCT:
Optimum Utilization of Capacitors
of Harmonic Filters

Mohammad Golkhah and Mohammad Tavakoli Bina

Abstract A new shunt reactive power compensator, CSCT, is presented and
introduced in this paper. Mathematical analysis of harmonic content of the cur-
rent of CSCT is performed and use of a winding with additional circuit has been
presented as a solution to suppress these harmonics.

Keywords CSCT � Harmonic filter � Reactive power compensation � Thyristor
controlled transformer

12.1 Introduction

CSCT stands for “Controlled Shunt Compensator of Transformer type” [1–4]. A
general scheme of this compensator is presented in Fig. 12.1. This configuration is
a transformer with three windings. NW is network winding which is connected to
the network and is the main winding of the compensator. CW is the second winding
to which a thyristor valve and a parallel voltage circuit breaker are connected and is
called CW briefly. The third winding is compensating winding which is indicated by
ComW in Fig. 12.1. Two highest harmonic filters and a capacitor bank are connected
to this winding. It is important to note that CSCT is a three phase compensator.
The connection of NWs of three phases is star and the neutral is grounded. Control
windings’ connection is as same as network windings of three phases. However
compensating windings can be delta in connection together.

When the thyristor is opened all the magnetic flux passes through the magnetic
core leading to a minimum reluctance, maximum inductance and a capacitive cur-
rent in NW according to the value of capacitor bank and eventually generate reactive
power to the network. On contrary, when the thyristor is closed the flux is sub-
jected to pass through air gap including all of the windings. Hence the reluctance,
inductance and the current of NW will be maximal, minimal and maximal inductive
(the rated value) respectively.
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Fig. 12.1 General scheme of
a CSCT: TV, thyristors valve;
VCB, vacuum circuit breaker;
C5-L5 and C7-L7 filters of
fifth and seventh harmonics;
C, additional capacitor bank

ComW

C5

Ur

C7

C
L5 L7

NW

CW TV VCB1••

Fig. 12.2 Mono phase
diagram of CSCT: a, view
form side; b, view form
above: 1, a main core; 2,
yokes; 3, lateral yokes; 4,
NW; 5, CW; 6, ComW; 7,
magnetic shunts

Since two modes lead to two different signs in the reactive power, we can claim
that the compensator is bilateral. However the capacitor can be removed from the
compensating winding still having bilateral reactive power compensation if the re-
lationships of designing elements of harmonic filters be correctly performed. These
relations are calculated and presented below.

Figure 12.2 represents one phase of the transformer with mentioned three wind-
ings. The winding close to the main core is CW, the outer winding is NW and
interlayed winding is ComW.
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12.2 Mathematical Analysis

Flowing capacitive current in the network winding of CSCT under open circuit con-
dition of CW, which defines the capacitive conductance of harmonic filters of fifth
and seventh in the main frequency, has prompted the possibility of bilateral action
of the compensator with increased capacitive component of filters of the higher har-
monics (see Fig. 12.3).

Impedance of the compensator when thyristors are completely closed is defined
by (12.1).

XLeq D X1 C X2X3

X2 CX3
D •X12 C .1 � •/X12X3

.1 � •/X12 CX3

D X12

"
•C .1 � •/

1C X12

X3
.1 � •/

#
> X12 (12.1)

This value is greater than the corresponding impedance of controlled shunt reactor
of transformer type, CSRT.

XL:eq:CSRT D X1 C X2Xf:eq

X2 CXf:eq
D •X12 C .1 � •/X12Xf:eq

.1 � •/X12 CXf:eq

D X12

2
4•C .1 � •/

1C X12

Xf:eq
.1 � •/

3
5 � X1 2 (12.2)

U

U

C3

C3

C5
C5

C7

C7

CW

NW

a b

L3
L3

L5

L5

L7

L7

X3

X1

X2

ComW

TV

TV

Fig. 12.3 Schematic single-line diagram (a) and equivalent circuit (b) of CSCT without any
capacitor bank
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To provide the rated current by CSCT as same as CSRT, the impedances X12; X13

and X23 should be lowered. For instance this objective can be achieved by reducing
the number of turns in windings or increasing the height of magnetic window.

In a general view, the solution to this problem can be carried out on the basis of
two equations made for locked and opened thyristors. In open thyristors condition,
we want the capacitive current flowing through the network winding of CSCT to be
equal to its rated current, then

Ic D Uph

•X12 CXc
D �’ Uph

XL:nom
(12.3)

Where XLnom is the essential rated impedance of compensator in inductive mode
of operation and ’ is required correlation between rated capacitive and inductive
currents of the compensator.

The essential value of XC is obtained from (12.4).

Xc D 1

’
.XL:nom C ’• �X12/ (12.4)

Let’s now suppose that the inductive current through network winding of the com-
pensator is equal to its rated current with completely closed thyristors:

IL D Uph

•X12 C .1�•/X12Xc

.1�•/X12CXc

D Uph

XL:nom
(12.5)

Then we have from (12.5):

XL:nom D •X12 C .1 � •/X12Xc

.1 � •/X12 CXc
(12.6)

After transposing and substituting Xc from (12.4), we have:

’•2X212 CX12XLnom .1C ’ � 2’•/ �X2L:nom D 0 (12.7)

The solution of (12.7) specifically when the rated currents in inductive and capaci-
tive modes of operation are equalized .’ D 1/ obtains:

X12 D XL:nom

p
1 � 2•C 2•2 C • � 1

•2
D XL:nom

p
1 � 2• � .• � 1/C • � 1

•2
(12.8)

XC D �XL:nom
•Cp

1 � 2• � .• � 1/C • � 1

•

D �XL:nom
2• � 1Cp

1 � 2• � .• � 1/

•
(12.9)

For example when ı D 0:6
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Fig. 12.4 Dependences of
relative value of reactance
between NW and CW
windings on relative value of
reactance between NW and
ComW ı D X13=X12 at
different ratios of rated
currents in distribution and
consumption conditions of
reactance: 1� ’ D 0:2;
2–0.4; 3–0.6; 4–0.8; 5–1.0
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Xc D �1:535XL:nom D �1:72X12
Since • varies between 0.5–0.8, the rated inductance XL:nom is greater than X12
under any value of ’. Hence the compensator’s impedance under closed CW condi-
tion without filters is less than 100% unlike from CSRT (see Fig. 12.4).

It means that under the same rated inductive current and equal dimensions, which
define X12, the number of turns in windings of the compensator is less than that of
CSRT. The ratio X12=XL:nom is increased by increasing •, and decreased when ’
is increased. Hence, higher is the value of ’, smaller is the number of turns in the
windings of CSCT in comparison with CSRT with the same capacity.

Reduction in the number of coils leads to increment in magnetic flux when
thyristors are locked and when completely opened. Hence, in CSCT the active
cross-section of magnetic conductor steel is greater than that of CSRT with the
same capacity.

Further, we shall define the essential capacitance of highest harmonics filters to
provide the relation ˛ from the obtained value of Xc and known ratios for filters.
The equivalent impedance of filters is defined by the ratio:

X1 CXf:eq D �XL:nom

’

So we have:

Xf:eq D XL:nom

’

2
641C

q
.1C ’ � 2’•/2 C 4’•� .1C ’� 2’•/

2•

3
75 (12.10)
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Equivalent impedance of filters on power frequency is defined by the impedance of
all installed filters and it will be defined by the ratio:

1

Xf:eq
D

nX
kD3

1

Xf:eq
D

nX
kD3

¨ � Ckk2
1 � k2

(12.11)

When using the third, fifth and seventh harmonic filters (if for some reason the
compensation winding of the three phases is not in delta connection), we obtain:

1

Xf:eq
D ¨

�
C3
9

8
C C5

25

24
C C7

49

48

�
D ¨C3

�
1125C 1:04

C5

C7

�
D 1:5¨C3

(12.12)
Whence

C3 D 1

1:5¨ �Xf:eq D ’

1:5¨XL:nom

�
1C ’•�X12

XL:nom

� (12.13)

and C5 D 0:26C3I C7 D 0:105C3.
Voltage of capacitors of filters equals:

�Uc:f D 1:1Uph

2
641C

q
.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/

2•

3
75 (12.14)

and the ratio of capacitor power of filters to the rated capacitive power of capaci-
tors is:

Qc:f

QC:CSCT
D 1:1

2
641C

q
.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/

2•

3
75 (12.15)

Corresponding dependences of ratios Qc:f=Qc:csct are shown in Fig. 12.5.
Exceeding the voltage of compensating winding in comparison with the volt-

age defined by the transformation ratio leads to increment of the magnetic flux in
the core. In order to eliminate the saturation of the core, it is essential to increase
the active cross-section of the core proportional to the voltage increase (Fig. 12.6).

When the thyristors are opened, the current in branch 2 (Fig. 12.3) equals to zero
and the voltage in the thyristors equals to the voltage in ComW (certainly in view
of the ratio of the number of turns in CW and ComW .KT:2–3 D KT:1–3=KT:1–2/.
Consequently, with equal number of turns in ComW and CW, rated voltage of CW
is defined by formula 12.14. With difference in number of turns in ComW and CW,
the rated voltage in CW

U2nom D �UC:fKT:2�3
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Fig. 12.5 Dependences of
amount of third, fifth and
seventh harmonics capacitor
power – rated capacitive
power of CSCT ratio on the
relative values of inductive
resistance of CSCT between
ComW and CW
ı D X13=X12 at different
values of ˛ D QC:f =

QL:CSCT . ComW of the three
phases are in Y-connection
with neutral terminal
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Fig. 12.6 Dependence of
maximum current of CW
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The rated voltage of CW is chosen based on the appropriate (by technical and
economic considerations) current through the thyristors. We shall obtain the rela-
tionship between rated current of CW and voltage in NW (see Fig. 12.3):

I2:nomX2 D Uph � IL:nomX1

or

I2nom D •

1 � •
ILnom �

1C ’�
q
.1C ’ � 2’•/2 C 4’•2q

.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/
(12.16)

For example when ı D 0:5 according to (12.16)

I2nom

ILnom
D p

1C ’
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The greater the ratio between rated capacitive and inductive currents ’, the more
the maximal current in CW increases relative to the rated inductive current in NW
(subject to transformation coefficient).

Equating rated current of CW to the chosen rated current of thyristors, IT.nom,
we get the necessary transformation coefficient:

KT:1�2 D IT:nom

IL:nom
� 1 � •

•
� 1C ’ �

q
.1C ’ � 2’•/2 C 4’•2q

.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/
(12.17)

It can be found from (12.17) that the transformation coefficient of CSCT is smaller
than that of CSRT with the same capacity and it depends on ’ and •.

Thus increase in capacitance of capacitors enables to essentially expand the ca-
pacitor current regulation range of the compensator towards inductive current up
to ˙100% of rated CSRT current. Hence one thyristors block of CSRT calculated
on the maximum current in CW is used. Quick closing of CW in nominal oper-
ating mode provides a negligible decrease in the rated current of the CSCT in
comparison with the rated current of CSRT without supplementary capacitance.
Moreover, CSCT scheme provides high efficient use of capacitance of filters by
transforming reactors into static thyristors compensators. It is essential to note that
all the regulations and additional instruments are carried out in the low voltage side,
CW, which provides a relatively small additional costa in relation to CSRT. Since
rated capacitive current flows through the network winding under locked thyris-
tors, it is essential to provide closing conditions of thyristors in some part of the
half-period of commercial frequency in order to reduce it. At a particular combus-
tion angle of thyristors, the inductive current matches with the capacitive current
and the network winding current reaches to zero. At further increase in combus-
tion angle of thyristors, current becomes inductive and increases right up to the
rated value when the combustion angle is 180ı (complete conducting of thyristors).
At zero current through the network winding, equivalent impedances of limbs 2
and 3 of CSCT three-beam schemes are the same. Hence equivalent impedance of
thyristors limbs is equal to:

X2eq D XLnom

2•’

�
2•C

q
.1C ’� 2’•/2 C 4’•2 � .1C ’� 2’•/

�
(12.18)

Since at zero current in the network winding of the compensator, voltage loss in
inductive impedance X1 D ıX12 equals to all voltages applied to any other two
limbs of Fig. 12.3. Thus current in the thyristors limb equals to:

I2:0 D Uph

X2:eq
D 2’•Uph

XL:nom

1

2•C
q
.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/

(12.19)
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Fig. 12.7 Dependence on ’
of relative value of current
through thyristor block when
current in the network
winding passes through zero
(curves 1,2) at rated phase
voltage (curve 1) and at
voltage in CW under
completely closed thyristors
(curve 2), as well as the
relative value of that voltage
(curve 3)
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And accordingly the relative value of current in thyristor limb under zero current in
NW considering (12.16) will be:

I2:0

I2:nom
D 2’ .1 � •/

2•C
q
.1C ’� 2’•/2 C 4’•2 � .1C ’ � 2’•/

1C ’�
q
.1C ’� 2’•/2 C 4’•2

�

� 1

2•C
q
.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/

(12.20)

As seen, when the current passes through zero, the relative value of current in
thyristor limb is defined by only two variables: ’ and •. However calculations show
that the ratio I2/I2nom does not depend on • when I1 D 0 and its dependence on
’ is shown in Fig. 12.7, which is an approximated function (with inaccuracy not
more the 2%).

I2=I2nom D 0:91’ � e�0:6’ (12.21)

The ignition angle and correspondingly the combustion angle of thyristors when
CSCT current passes through zero by the corresponding thyristor characteristic
(Fig. 12.8) can define the relative value of current. However it follows to bear in
mind that characteristic Fig. 12.8 was obtained at constant voltage and constant
inductive impedance connected in series with thyristors. In the case of CSCT, in-
ductive impedance .1 � ı/X12 remains constant when any current passes through
the thyristors and voltage at increased current increases right up to phase voltage at
equal reactance of inductive and capacitive limbs.

In nominal inductive operating mode of CSCT, the current through inductance
X2 D .1 � ı/X12 is defined by formula (12.16), from where voltage drop in that
inductive resistance is:

�UX2
DL2nomX12 .1 � •/DUph

2’•

�
1C’�

q
.1C’�2’•/2 C 4’•2

�
(12.22)
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Fig. 12.8 Dependence of
relative value of current
through thyristor block on
ignition angle of thyristors
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and consequently the ratio of the voltage drop in the thyristor to the phase voltage
changes with change in ’ (see Fig. 12.7), although this change is negligible (in the
range of 18%).

In the Fig. 12.7, the dependence of f .˛/ brought to rated voltage in CW (when
thyristors are completely opened) by multiplying the given curve 1 and the corre-
sponding ratio of the voltage drop in the thyristor to the phase voltage (curve 3).
This dependence is well approximated by below formula.

I2:0

I2:nom
D 0:43’ � e�0:46’ (12.23)

This last dependence in conjunction with the curve of Fig. 12.8 enables us to define
the dependence of ignition angle and combustion angle of thyristors when network
winding current passes through zero on the value of ’:

0.043 0.2 0.4 0.6 0.8 1.0
1680 155ı 143ı 135ı 131:4ı 129ı
240 50ı 74ı 90ı 97:2ı 102ı

Thus with increase in ’, the ignition angle of thyristors when CSCT current
passes through zero decreases and combustion angle of thyristors increases
correspondingly.
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The obtained result enables us to change the definition of angle characteristics of
CSCT: dependence of CSCT current on the ignition angle of thyristors.

Let us bring the relative reactance of thyristor limb K in the earlier stated for-
mulas of CSCT taking the base value of reactance when CSCT current passes
through zero:

X2eq D �KXC D K

’
.XLnom C ’•X12/ (12.24)

Thus we get the equivalent reactance of CSCT at any value of K in the form of:

Xeq D XLnom

2K

q
.1C ’ � 2’•/2 C 4’•2 � .1C ’ � 2’•/

2 .1 �K/’• (12.25)

Consequently, the ratio of CSCT current to rated inductive current at any value of K

I.K/

IL:nom
D XLnom

Xeq
D 2 .1 �K/’•
2• �K C

q
.1C ’� 2’•/2 C 4’•2 � .1C ’� 2’•/

(12.26)
Considering that the value • does not influence the relative value of current, we take
it to equal its minimal value ı D 0:5.

Fig. 12.9 Dependence of the
relative value of current of
CSCT on ignition angle of
thyristors: 1� ’ D 0:043;
2–0.2; 3–0.4; 4–0.6;
5–0.8; 6–1.0
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Then the relation (1.165) is substantially simplified

I.K/

IL:nom
D .1 �K/’

K C p
1C ’� 1

(12.27)

Let’s define the relative value of current of thyristors complying with the passing of
network winding current through zero by the curve in Fig. 12.7. For example, when
’ D 1 according to the above stated 'ig D 129ı and correspondingly the value
I2=Imax D 0:3. If the equivalent reactance of thyristor limb at constant voltage is
halved .K D 0:5/, the relative value of current through the thyristors will equal
to 0:3=0:5 D 0:6. Corresponding ignition angle of thyristors according to curve of
Fig. 12.8 equals 110ı. We define the relative value of CSCT current I=Inom D 0:55

by formula 12.27, therefore when ’ D 1 that ratio corresponds with the angle 'ig D
1100. Thus all dependences from ILnom to ICnom (see Fig. 12.9) can be drawn.

12.3 Conclusion

CSCT as a new device to compensate reactive power in power systems was
introduced in the paper. The main scheme of this device was also illustrated.

With a glance on the scheme of CSCT it seems to be the best way to add an
additional capacitor to the ComW to have bilateral reactive power compensation.
However with a mathematical analysis the idea can be changed to correct design of
value of the harmonic filter elements in order to achieve a bilateral compensator can
be obtained without essential need of capacitor bank.

In summarized, the paper endeavors to present final equations which are required
to design the correct values of harmonic filters’ elements to regulate of capacitive
reactive power as well as the inductive value. The obtained results prove achieving
this purpose.
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Chapter 13
Harmonic Analysis and Optimum Allocation
of Filters in CSCT

Mohammad Golkhah and Mohammad Tavakoli Bina

Abstract A new shunt reactive power compensator, CSCT, is presented and
introduced in this paper. Mathematical analysis of harmonic content of the cur-
rent of CSCT is performed and use of a winding with additional circuit has been
presented as a solution to suppress these harmonics.

Keywords CSCT � Harmonic filter � Reactive power compensation � Thyristor
controlled transformer

13.1 Introduction

CSCT stands for “Controlled Shunt Compensator of Transformer type” [1–3].
A general scheme of this compensator is presented in Fig. 13.1. This configuration
is a transformer with three windings. NW is network winding which is connected to
the network and is the main winding of the compensator. CW is the second wind-
ing to which a thyristor valve and a parallel voltage circuit breaker are connected
and is called CW briefly. The third winding is compensating winding which is indi-
cated by ComW in Fig. 13.1. Two highest harmonic filters and a capacitor bank are
connected to this winding. It is important to note that CSCT is a three phase com-
pensator. The connection of NWs of three phases is star and the neutral is grounded.
Control windings’ connection is as same as network windings of three phases. How-
ever compensating windings can be delta in connection together.

When the thyristor is opened all the magnetic flux passes through the magnetic
core leading to a minimum reluctance, maximum inductance and a capacitive cur-
rent in NW according to the value of capacitor bank and eventually generate reactive
power to the network. On contrary, when the thyristor is closed the flux is sub-
jected to pass through air gap including all of the windings. Hence the reluctance,
inductance and the current of NW will be maximal, minimal and maximal inductive
(the rated value) respectively.
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Fig. 13.1 General scheme of
a CSCT: TV-thyristors valve,
VCB-vacuum circuit breaker,
C5-L5 and C7-L7 filters of
fifth and seventh harmonics,
C-additional capacitor bank

ComW

C5

Ur

C7

C
L5 L7

NW

CW TV VCB1••

Since there is a reactive power flow control by a thyristor type switch, there will
be different order harmonics in the current of NW whose magnitudes depend on
the firing angle of the thyristor or generally the closure moment of the switch. Har-
monic filters are engaged due to suppress principally the harmonics with the highest
degrees since the bigger is the degree of the harmonic, the bigger is the amplitude
of the harmonic and correspondingly the harder is elimination of that harmonic. Not
only is the harmonic filters design difficult in many cases, but also the cost of them
is usually significant. In many cases there may be different solutions to design the
filter. However there is certainly the best way to compromise between efficiency
of the filters and the costs. It is endeavored in this paper to find the best alloca-
tion and design of the harmonic filters to remove harmonic components so that both
high efficiency and low costs to be satisfied in the best way. This called for some
mathematical analysis and equivalent circuits for the windings of the transformer.

Figure 13.2 represents one phase of the transformer with mentioned three wind-
ings. The winding close to the main core is CW, the outer winding is NW and
interlayed winding is ComW.

13.2 Mathematical Analysis to Calculate Harmonic
Components of the Current

Applying thyristors to control the current of the compensator brings highest har-
monics in the current. Highest harmonics are formed during incomplete combustion
angle of thyristors when current flows intermittently through thyristor block. With
angles 0 � !t �  and � �  � !t � � the current equals zero, and with angles
 < !t < � �  ,
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Fig. 13.2 Mono phase
diagram of CSCT: (a) view
form side; (b) view form
above: 1 – a main core,
2 – yokes, 3 – lateral yokes,
4 – NW, 5 – CW, 6 – ComW,
7 – magnetic shunts

i.t/ D Im � .sin!t � sin / (13.1)

Where the firing angle  can change in the range of 0 <  < �=2.

I. / D Im �

vuuuut 1

�


� Z
 

.sin wt � sin /2dwt D

D Im �
r
1

�
� Œ.� � 2 / � .0; 5C sin2  / � 1; 5 sin 2 � (13.2)

of the root-mean-square current through the thyristor at arbitrary firing angle  
to the root-mean-square of rated current I D Im=

p
2 (corresponding with angle

 D 0) equals to:

I. /

I
D
r
1

�
� Œ.� � 2 / � .1C 2 sin2  / � 3 sin 2 � D

D
s�

1 � 2 

�

�
� .1C 2 sin2  / � 3

�
� sin 2 � (13.3)

The current through the thyristor block decreases fast with increase in ignition angle
(see Fig. 13.3). Thus the content of the higher harmonics strongly changes with
change in ignition angle and can be calculated by the formula

kh:k: D Ik

I1
D 2

k
�

sin.k�1/� 
k�1 C sin.kC1/� 

kC1
� � 2 � sin 2 

(13.4)

Where Ik and I1 are amplitudes of k-th and fundamental harmony.
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Fig. 13.3 The ratio of currents of highest harmonics: third (1). fifth (2), seventh (3) to the current
of the basic frequency with dependence on ignition angle of thyristors 0 <  < 90ı: (a) in
relation to present current of basic frequency; –(b) in relation to rated current (when thyristors are
completely closed); four-ratio of root-mean-square value of full current to rated current

Results of calculations with this formula are shown in Fig. 13.3. As seen, increase
in number of harmonics leads to decrease in its content. Thus the content of the
third harmonic in the current continuously increases with reduction in combustion
time of thyristors (increase in firing angle of thyristors). With small firing angles
of thyristors (greater combustion angles), the increase in the content of the fifth
harmonic is replaced by a reduction down to zero when firing angle  D 0:22�

and then increases again approaching 100% under a very small reactor current. The
content of the seventh harmonic passes through the minimum (zero) twice and then
sharply increases approaching 100% (Fig. 13.3).

The ratio of current corresponding to the highest harmonics to that of rated reac-
tor current (to current when thyristors are completely opened) has entirely different
character. For the third harmonic this attitude reaches a maximum when the reactor
current is I D 0:42Inom (see curves 1 and 4 of Fig. 13.3b). For the fifth harmonic the
maximum is reached at the current I D 0:63Inom (see curves 2 and 4 of Fig. 13.3b).
For the seventh harmonic it is reached when reactor current I D 0:72Inom. The
second maximum of the fifth harmonic is much less than the first. The second and
third maximum of the seventh harmonic is also much less than the first.

Value of the first maximum in relation to amplitude of rated current, are resulted
in Table 13.1 (designated by the letter ˇk).

Special winding in delta connection (compensating winding) is usually used for
the compensation of the highest harmonics (third). In this case for the third harmonic
this compensatory winding is short-circuit, that excludes the possibility of third har-
monics in magnetic flux enveloping the compensation winding.
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Table 13.1 Reactive powers of capacitors and inductors related to each
harmonic

k ˇk ˛k
Qk

Qnom

Qc:k

Qnom

QL:k

Qnom

3 0.138 0.102 0.28 0.19 0.087
5 0.05 0.030 0.068 0.049 0.019
7 0.026 0.013 0.028 0.020 0.0073

11 0.0105 0.0044 0.0090 0.0067 0.0023
13 0.0075 0.0030 0.006 0.0045 0.0015

There are circuit designs for fifth and seventh harmonics suppression. But they
are very complex and expensive. The most simple, cheap and reliable enough de-
sign is the application of filters of higher harmonics, connected to compensating
windings of each of the phases. Each of such filters consists series-connected reac-
tor (with stable inductance) and capacitors selected in such a way that they provide
compensating winding short-circuit for each of the harmonics. Thus the correspond-
ing harmonic cannot be hold in the magnetic flux engulfing compensating winding.
The filter can also provide compensation of the third harmonic component of a
single phase reactor.

Since the source of highest harmonics in reactor current is the control winding
with thyristors, the compensating windings should cover it to exclude the possibil-
ity of keeping higher harmonics in magnetic flux and by that in the current of the
network winding covering the control winding and compensating winding.

Thus for the compensation of the k-th harmonic in the current, CSCT should
adhere to the equality

k!Lk D 1

k!Ck
(13.5)

From there

!Ck D 1

k2!Lk
(13.6)

Thus under no-load conditions when control block thyristors are shut (Fig. 13.4),
compensating winding (ComW) of CSCT is loaded by impedance

X1;k D !Lk � 1

!Ck
D !Lk � .1 � k2/ D 1

!Ck

1 � k2

k2
(13.7)

Conformably the fundamental frequency current in control winding current of
CSCT, due to filter of k-th harmonic, equals

I1;k D Uph

ıXnom CX1;k
D Uph

ıXnom C !Lk � .1 � k2/
D Uph

ıXnom C 1
!Ck

�
�
1
k2 � 1

�
(13.8)

Where ıXnom defines the short-circuit impedance of the basic winding in relation to
ComW with filters and Xnom also defines the rated short-circuit impedance of the
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Fig. 13.4 Schematic diagram
of CSCT with higher
harmonics filters
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basic winding in relation to control winding (CW). Since the optimal impedance
value X1.k is greater than impedance ıXnom (see below), the current through the
filter has capacitive character and the ratio of current I1.k to rated current has a
negative sign.

I1;k

Inom
D Xnom

ıXnom C !Lk � .1 � k2/
D Xnom

ıXnom C 1
!Ck

�
�
1
k2 � 1

�
D �˛k � Xnom

ıXnom� 1
!Ck

(13.9)

Where ˛k is the absolute value of the ratio of basic frequency current through the
k-th harmonic filter to rated reactor current.

Resolving Equation (13.9) in relation to !Lk , we get

!Lk D Xnom � 1C ˛kı

˛k � .k2 � 1/ (13.10)

Capacitor impedance of the k-th harmonic filter to power current according to
(13.6), (13.10) equals to:

1

!Ck
D Xnom � k

2 � .1C ˛kı/

˛k � .k2 � 1/ (13.11)

Power of the k-th harmonic filter chokes, due to basic frequency current is:

QLk
D I 21:k � ! � Lk D ˛k

2 � I 2nom �Xnom � 1C ˛kı

˛k � .k2 � 1/
(13.12)
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Capacitor power of the same filter is:

QCk
D I 21:k � 1

! � Ck D ˛k
2 � I 2nom �Xnom � k

2.1C ˛kı/

˛k � .k2 � 1/ (13.13)

Total absolute k-th harmonic filter power due to basic frequency current

QP
:k D QLk

CQCk
D ˛k

2 �Qnom � .1C k2/.1C ˛kı/

k2 � 1
(13.14)

Where the rated power of one phase of the reactor equals

Qnom D I 2nom �Xnom (13.15)

The maximum current of the k-th harmonic through the filter of that harmonic can
be calculated analytically and defined according to (13.4) by

ID
k ˇk � Inom (13.16)

Accordingly total absolute power of k-th harmonic filter, due to current of k-th
harmonic

Qk:k: D I 2k �
�
k � ! � Lk C 1

k � ! � Ck

�
D 2I 2k � k � ! � Lk D

D 2ˇ2k � I 2nom �X �
nom

k � .1C ˛k � ı/
˛k � .k2 � 1/

D 2ˇ2k �Q�
nom

k � .1C ˛k � ı/
˛k � .k2 � 1/

(13.17)

Total absolute power of k-th harmonic filter, due to currents of basic and k-th har-
monics equals to:

Qk D Qk:1 CQk:k D Qnom � 1C ˛k � ı
k2 � 1 �

�
˛k � .1C k2/C 2ˇ2k � k

˛k

�
(13.18)

We shall find the optimum value Qk by equating zero derivative of Qk on ˛k

@Qk

@˛k
D 1

k2 � 1 �
"
1C k2 � 2 � ˇ

2
k

� k
˛2k

C 2˛k � ı � .1C k2/

#
�Qnom D 0 (13.19)

From last equation we get the value ˛k corresponding to the minimum power of
k-th harmonic filter

˛k D ˇk �
s

2k

.1C k2/ � .1C 2˛k � ı/ (13.20)
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In this solution, ˛k also contains a small term under a root. The smallness of this
term allows to calculate ˛k by method of successive approximation, assuming as a
first approximation that ˛k D 0 or ˛k D ˇk . Taking calculation data for highest
harmonic according to data of the following table and estimating the value ı D 0:5,
we obtain the following values of ˛k and corresponding filter capacity according to
(13.17), and also relative values of power capacitors .Qc:k/ and reactors .QL:k/ of
filters subject to high-frequency current component (see Table 13.1).

It follows from the resulted data, that the capacity of filters contains a small part
of CSCT capacity, especially in the case when the third harmonic is compensated
by compensating windings in delta connection of the three phases of CSCT. In this
case total capacity of filters does not exceed 10% of reactor power.

To estimate the efficiency of highest harmonics restrictions in reactor current,
we shall consider its equivalent circuit in resonance mode in the k-th harmonics
(Fig. 13.5). We shall estimate parameters of CSCT equivalent circuit according to
Fig. 13.4. In this case the equivalent cross-section of magnetic flux linked with net-
work winding (NW), during short-circuit of control winding (CW) is:

Feff :1 � � � d12 �
�
a12 C a1 C a2

3

�
(13.21)

Where d12 – mean gap diameter between CW and NW, a12 – gap thickness (radial
size), a1 and a2 – thicknesses of CW and NW (radial size).

Equivalent cross-section of magnetic flux linked with CW, during short-circuited
ComW, in which filters are connected in parallel,

Feff :2 � � � d13 �
�
a13 C a1 C a3

3

�
(13.22)

Where d13 – mean gap diameter between ComW and CW, a3 – thickness (radial
size) of ComW .a3 � 0:3a2/.

If ComW is located in the middle of CW and NW, d13 D d12Ca13I a13 D 0:5a12
Equivalent cross-section of magnetic flux linked with ComW during short-

circuited CW,

X1Uf

X3

CK LK

X2

TV

Fig. 13.5 Equivalent three-beam scheme of CSCT
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Feff :3 � � � d23 �
�
a23 C a2 C a3

3

�
(13.23)

Where d23 – mean diameter of a gap between CW and ComW, a23 – thickness of
that gap.

In the particular case, where ComW is positioned in the middle of CW and NW,
considering that the thickness of ComW is small in comparison with CW and NW,
we get a23 D 0:5a12; d23 D d12 � a23.

Correspondingly, the short-circuit impedance of NW in relation to CW equals

X12 D 8 � 10�7 � �2 � f �N 2
1 � Feff :1

l0
D Xmin (13.24)

Where N1 – number of turns of NW, l0 is height of magnetic conductor window.
Short-circuit impedance of NW in relation to ComW of closed filters,

X13 D 8 � 10�7 � �2 � f �N 2
1 � Feff :2

l0
D Xmin � Feff :2

Feff :1
D ı �Xmin (13.25)

For example, it is always possible to choose the position of ComW so that ı D 0:5.
Short-circuit impedance of ComW in relation to CW

X23 D 8 � 10�7 � �2 � f �N 2
1 � Feff :3

l0
D .1 � ı/ �Xmin (13.26)

When ı D 0:5;X23 D 0:5Xmin.
The parameters of k-th harmonics equivalent three-beam scheme of CSCT from

the deduced relations equals (see Fig. 13.5).

X1:k D k
2

� .X12 CX13 � X23/ D kı �XminI
X2:k D k

2
� .X12 CX23 � X13/ D k � .1 � ı/ �XminI

X3:k D k
2

� .X13 CX23 � X12/ D 0:

9=
; (13.27)

Hence, the equivalent circuit for k-th harmonics looks like represented in Fig. 13.6,
where the thyristor block is equivalent to the current generator. Apparently, in this
case all the current of k-th harmonic become locked in the filter and does not get in
the network winding.

ComW suppresses higher harmonics most effectively when it is positioned in
between CW and NW.

Further it is necessary to find out the influence of the presence of highest harmon-
ics filters on CSCT rated current. Nominal condition complies with the complete
closing of thyristors when highest harmonics in reactor current are absent.

The equivalent circuit for the first harmonics when the thyristors are completely
closed is represented in Fig. 13.7. Equivalent impedance of branch 3 with filter
equals to the impedance of the filter (13.7)
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Fig. 13.6 Equivalent
three-beam scheme of CSCT
for k-th harmonic when
ComW is positioned between
CW and NW

X2.K

X1.K X3.K
IK ˜

Fig. 13.7 Equivalent circuit
of CSCT in normal mode for
calculating power current
considering k-th harmonic
filter
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X3:eq � ! � Lk � .1 � k2/ D
D Xmin � 1C ı � ˛k

.k2 � 1/ � ˛k � .1 � k2/ D �Xmin � 1C ı � ˛k
˛k

(13.28)

Equivalent impedance of branch 2 in accordance with (13.25) equals to X2:eq D
.1 � ı/ �Xmin.

Equivalent impedance for the parallel connection of branches 2 and 3

X2:3:eq D X2:eq �X3:eq
X2:eq CX3:eq

D Xmin � 1 � ı

1 � ˛k �.1�ı/
1Cı �˛k

(13.29)

Total equivalent impedance of CSCT in normal mode considering k-th harmonic
filter in accordance with (13.25), (13.27) equals

Xeq:min D X1 CX2:3:eq D ı �Xmin CXmin
1 � ı

1 � ˛k �.1�ı/
1Cı �˛k

D Xmin
1Cı2˛k

Œ1C˛k.2ı�1/�

(13.30)

For example when ı D 0:5 considering the third harmonic filter with the biggest
current (see Table 13.1, ˛3 D 0:102), we shall get

Xeq:min D Xmin � 1C 0:102 � 0:52
.1C 0:102 � 0/ D 1:025 �Xmin (13.31)

In that case, the presence of filters greatly reduces the rated current of CSCT
(approximately by 3%) in comparison with CSCT without filters.
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It is necessary to note that the presence of compensation winding with filters
between CW and NW allows the provision of short-term forced capacity of the
reactor which is necessary for drastic restriction of switching overvoltages. In as
much as the inductive impedance of CSCT at short circuit ComW is less than at
short circuit CW .• < 1/, short-term short-circuit of ComW, for example, with
vacuum switch (VCB on Fig. 13.4), will lead to forced capacity of CSCT about 1=•
times. When • D 0:5 the forced reactor capacity will exceed nominal two times.

The cross-section of compensation winding (ComW) accordingly as stated above
should be chosen the course of all currents. During delta connection of ComW it is
necessary to consider the current of the third harmonic in the triangle according to
Table 13.1.

I3 D 0:138I1:max � ktr

Where kt r is ratio of turns in NW and ComW.
Power current and fifth harmonic current through fifth harmonic filter

I5 D .0:03C 0:05/ � I1:max � ktr

Power current and seventh harmonic current through seventh harmonic filter

I7 D .0:013C 0:025/ � I1:max � ktr

As such, total current through ComW equals

ICom:† D 0:256 � I1:max � ktr

Considering the discrepancy of the maximum of all currents components, it is pos-
sible to reduce the rated current of ComW, in delta connection and take

ICom:nom D 0:2I1:max � ktr

It is necessary to consider presence of the third harmonic filter when the triangle of
ComW is opened (by its star connection) and respectively in addition to consider the
power current of the third harmonics filter. As a result, the total current of ComW in
this case equals

ICom:† D 0:358I1:max � ktr

Considering the discrepancy of the maximum of all currents components, it is pos-
sible to reduce the rated current of ComW and take

ICom:nom D 0:3I1:max � ktr

The cross-section of conductor ComW equals

Fco:Com D ICom:nom

JCom:opt
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The volume of copper of ComW equals

Vco:Com D � � dCom:av �NCom � Fco:Com

Where NCom D N1

ktr
.

It is necessary to add this volume of copper to the total volume of copper of
operated reactors. For example, for reactor with ComW in star connection:

Vco:Com D � � dCom:av � N1
ktr

� 0:3 � I1:maxktr

JCom:opt
D � � dCom:av � 0:3N1 � I1:max

JCom:opt
(13.32)

13.3 Conclusion

CSCT as a new device to compensate reactive power in power systems was in-
troduced in the paper. The main scheme of this device was also presented and
illustrated.

Using a thyristor to control the current of the compensator leads to appearance of
harmonics in the current. Basic equations of highest harmonics in the current of the
compensator are presented. Moreover adding a third winding with highest harmonic
filters in less voltage and more current levels than NW is presented as a solution to
suppress the harmonics. It is demonstrated in this paper that the optimum place to
emplace this winding is between NW and CW.

Obtained results prove that the content of harmonics in the current of CSCT is
less than 2% and this fact denotes a successful design of damping surplus harmonics
in the current of CSCT.
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Chapter 14
Digital Pen and Paper Technology as a Means
of Classroom Administration Relief
Mobile Tools for Teachers (MTT) Evaluation Study

Jan Broer, Tim Wendisch, and Nina Willms

Abstract This paper contains the results of the Mobile Tools for Teachers project
concerning the viability of digital pen and paper technology (DPPT) for admin-
istration in a K-12 classroom environment. Filled out forms were evaluated and
interviews as well as user tests with teachers were done to show the advantages
and disadvantages of DPPT compared to regular methods for attendance tracking
and grading. Additionally, the paper addresses the problems that arise with DPPT in
a classroom environment and includes suggestions how to deal with those.

Keywords Digital pen and paper technology � Classroom administration
� Attendance tracking � Mobile tools for teachers

14.1 Introduction

The German school system, like many other school systems all over the world, has
been reformed in the past years to allow for a better documentation and evaluation of
teaching processes. Administrative tasks are an integral part of teachers’ workloads
these days and they have to fulfill many roles aside from teaching itself. This shifts
workload into teachers’ free-time and reduces the time they have for regeneration.
An OECD study on the topic reports that recent reforms will have a strong influ-
ence on mechanics that traditionally steer the work of teachers [7] and that there’s
generally very little support for schools in the field of management and administra-
tion [7]. Upcoming reforms are expected to require even more data collection in the
area of classroom management. Johannes Hartig describes the goal of these reforms
as making the productivity of educational systems, the quality of individual educa-
tional institutions, and the learning success of individual students measurable [8].

Classroom administration is becoming more and more of an issue for K-12
teachers. A growing requirement to document the teaching processes and student
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developments leads to teachers using more and more time for administrative tasks
and them having less time to focus on individual students. School avoidance is often
detected too late and it is hard for teachers to give individual feedback to students
or their parents if they teach large classes and have to spend more and more time on
documentation tasks [3].

The standard German system of tracking attendance information with a class
book is cumbersome and highly insecure as no backup is created and data have
to be tallied up by hand at the end of a semester, Alarming trends are often only
realized at that point as individual teachers rarely communicate their issues with
students to one another or the principal. See Refs. [1, 3] for a detailed explanation
of these problems.

The 1 year long master project Mobile Tools for Teachers (MTT) at the Univer-
sity of Bremen implemented and evaluated a prototypical system that uses digital
pen and paper technology (DPPT) for classroom administration. DPPT uses a spe-
cial pen and paper with a special pattern printed on it to capture handwritten
information. The system allows teachers to track attendance and grading informa-
tion on paper while digitalizing said information at the same time. This way a copy
of all information is created as well as a central point where authorized persons can
view the data. The assumed advantages of the system were twofold: On the one
hand the system was designed to save time spent on classroom administration by
eliminating such tasks as sifting through handwritten attendance information at the
end of a semester. On the other hand the project aimed at giving various parties bet-
ter access to information that is collected in schools, allowing for example for early
detection of school avoidance and faster finding of final grades. This paper deals
with the evaluation of how well these goals were achieved and how suited DPPT in
this setup is for classroom environments in general.

We assumed that a system using pen and paper would require next to no training
on the side of the users and would be much more likely to be accepted by users
who are not very familiar with computer technology. This assumption was based
on informal interviews done with a few teachers at the start of the project as well
as findings other scientists had with different technologies in a teaching environ-
ment. Jocelyn Wishart, Angela McFarlane and Andy Ramsden from the University
of Bristol, UK for example, studied the usage of personal digital assistants (PDAs)
among science teachers in training. They found out that the “use of their PDAs
dropped during the main 12 week block of teaching practice when they are placed
in schools full-time. Some trainees reported that under pressure of time and work-
load they reverted to use of paper and pen to organise themselves and plan their
teaching” [12].

Additionally it appears, that graphical interfaces can distract from the actual task
at hand. Sharon Oviatt, Alex Arthur, and Julia Cohen compared math students’ use
of different technologies for solving math problems. They found that students’ “abil-
ity to think at a more abstract, strategic, and self-reflective level about the process
of solving math problems declined significantly when using the graphical tablet
interface” [10].
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If computer based systems such as PDAs are too complicated to use in stressful
situations, it seems natural to use a tool that allows teachers to stick to pen and
paper while still providing the functionalities of a digital system. Various mod-
els on the acceptance of technology, such as the Technology Acceptance Model
TAM [4] and the Structural Model of Educational Technology Acceptance Model
Integrated with Educational Ideologies. The MTT system was implemented with the
cooperation of and tested at the International School of Bremen (ISB), a “private,
co-educational, college-preparatory, English-speaking school” (www.isbremen.de).
Classes in the ISB are generally smaller than those in public German schools. We
originally intended to work with the German Wilhelm-Olbers-School1 as well, how-
ever cooperation was slow and had to be terminated after a few meetings. Our time
limits in combination with school response times did not allow us to switch to an-
other school.

14.1.1 Attendance Tracking and Grading in German Schools

Whereas the MTT system was eventually tailored to the needs of the teachers at the
ISB, its core elements were designed with the standard German system in mind. We
used a combination of our own experiences in German schools and the investiga-
tion at the Wilhelm-Olbers-School in Bremen as a basis for this. German schools
usually use class books or course books to track attendance data and general lesson
information [9]. Normally one book is used for each class and for each semester,
some schools split students into courses instead, making one book per course and
semester necessary. These books contain two types of information – general infor-
mation about the class and information about individual lessons.

The general part of such a book consists mostly of a list of all students who are
in that class or course, a general timetable, and a list of exams which were written
or will be written. The daily part consists of detailed information about the content
covered that day, as well as students’ attendance. The main structural element of
each page is the day’s timetable. In this timetable there are columns for subject,
content covered in that lesson, attendance and the teacher’s signature. Some of the
information entered on such a sheet has to be entered each day, some is optional.
Class books are often handled by a designated student in each class who carries
them around to the different teachers. Course books on the other hand often stay
with the teacher. Grade tracking is usually not standardized within a school. It is
up to each individual teacher how they grade their students and how they keep track
of these grades. The calculation of a final grade from intermediate grades is also up
to the teachers, leaving them to find their own system of weighting different grading
types. Commonly used methods include small grading books with rows for each
student and spreadsheet software.

1 http://www.szdrebberstrasse.de/.
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14.1.2 Special Case: The International School of Bremen

The system at the ISB is different to what German schools use, much more akin to
the system in the USA. Teachers have fixed rooms and the students always have to
switch rooms for the next class, contrary to traditional German schools where most
of the lessons are given in the class’s classroom [9]. Attendance is only checked
once per day at the ISB, from 8 to 8:10 am. The students have to meet with their
class teacher in his or her room at that time so that attendance can be taken.

When we started working with the ISB in 2007, each teacher had a list of his
students on a sheet of paper. The teacher filled out this list in the morning and sent
a student downstairs to the secretary who checked whether a missing student was
excused or not and took appropriate action. Normally this process took the whole
10 min allocated to it, from the beginning of attendance tracking until the student
returned.

During our collaboration with the ISB, they switched to the computer based man-
agement information system Facility by the Serco Group plc.2 Due to the existing
infrastructure at the school – each teacher has a PC in his or her room – it is possible
for them to track attendance using a computer. The process now is as follows:

The teacher has to log into the Facility system with his or her personal login and
password. Then he or she selects the class list, which has two columns. The first for
the name of the students (already inserted) and the second is for a character from
the legend (such as E for excused or L for late). The legend consists of nearly 20
possible characters but only 3 to 4 were used regularly. After filling out this list, the
teachers save it and the secretaries have to check all lists on an overview page on
their own computer.

Ideally the whole process takes about 2.5 min, but it can be prolonged by the
class (number of students, discussions, questions, late comers, etc.), by the computer
(speed) and by the teacher himself. Grading at the ISB is done similar to German
schools – in a non-standardized way. A seemingly cosmetic difference is that the
ISB uses grades from 7 to 1, where 7 is the best grade.3

14.1.3 Digital Pen and Paper Technology

The digital pen and paper technology referred to in this document was developed
by the Lund, Sweden based Anoto Group AB.4 A ball point pen is combined with
a digital camera and a storage and processing unit to form the digital pen. Writing
on paper that was pre-printed with a special pattern of small black dots allows the
camera to obtain position information. This pattern is usually found on forms that
have been designed for the use with the digital pen, consisting of text fields (free

2 http://www.serco.com.
3 As opposed tot he traditional German grades from 1 to 6 where 1 is the best grade.
4 http://www.anoto.com.
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and dictionary based), check boxes and special command boxes called pidgets. All
data collected with the pen are then mapped to an electronic representation of the
form layout, providing meaningful information.

This DPPT implementation makes a difference between so-called unique pattern
and copied pattern. If a page is printed with unique pattern that means that the pen
can identify the exact page you are writing on through the alignment of the dots.
The less expensive approach is the copied pattern one, which uses the same pattern
on each sheet of the same type. This saves licensing and printing costs but makes it
impossible to uniquely identify the sheet that was written on, usually solved through
user interaction (i.e. filling out a date or ID field).

The MTT project used a server provided by the Bremen, Germany based ben-
dit GmbH5 for this mapping and the subsequent character recognition. The bendit
software combines stroke information from the pen with a dictionary approach to
obtain better recognition rates.

14.1.4 The MTT System

The MTT project implemented a prototype of a system that uses digital pens devel-
oped by Anoto to track attendance and grading information written on special sheets
of paper, the MTTForms. These pens transfer their data via USB to a personal com-
puter that then sends them via the internet to a server for processing. After intelligent
character recognition6 is performed, all data are stored in a database and can sub-
sequently be accessed through a web interface called MTTWeb. The web system
allows for different views on the collected information, such as graphs showing the
development of student grades over time.

The attendance tracking process was modeled closely on the principle of the
German class book, using forms that should be intuitive to use for anyone that has
used a class book before. Grades are tracked on special grading sheets which are
pre-filled with student names and allow teachers to quickly write down grades for
different types of examinations. A detailed description of the MTT system can be
found in Ref. [1].

14.1.5 Previous Studies on the Digital Pen and Paper Technology

The DPPT has been used in a number of pilot projects previously. Scientists at
the University Hospitals of Geneva, Switzerland tested the technology in a clinical

5 http://www.digipen.de.
6 The term intelligent character recognition (ICR) is used here instead of optical character recog-
nition because it relies on stroke information and not pixel information and because it is able to
use dictionaries for a better recognition rate. The ICR used by the bendit GmbH is not a learning
system, however.
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environment [5]. While they collected positive user feedback in general, they
identified some issues with both handling of the pen and data accuracy. Users in
their study wrote 30% of all data entered outside the predefined boxes, making them
invisible to the system. The group did not get any results on the quality of intelligent
character recognition, but stated that “the quality of data obtained with the digital
pen was always less or equal to that obtained with a scanner, when performed with-
out any additional human intervention” [5]. They did not compare the results of the
pen to those acquired manually.

Similar results come to us from a group of scientists at various hospitals in Bonn,
Germany [6]. They used the pen to capture vital sign data in acute care settings
and concluded “that data do need to be verified before they are transferred to the
repository” [6]. They also found a high general acceptance of the technology among
study participants.

14.2 Methodology

The study described here had the goal to prove or disprove the following assump-
tions: DPPT as used in the MTT system saves time, DPPT only requires minimal
amounts of training and can easily replace previous methods and tools for atten-
dance tracking and grading, and average users will have more problems with the
web interface than with the pen.

The evaluation of a concept with large scale and long term results such as the
MTT project is inherently difficult in a limited time frame. After completing the
prototypical system, the project members had 3 weeks time to test it on actual teach-
ers. Ideally one would have a large group of teachers with different backgrounds use
the whole system for at least one semester to see how it performs in an actual use
context. In order to still get relevant results we collected attendance and grading
data long before the system was actually in place, so that the web interface could
show real data for the teachers to use. These data were manually entered into the
database, Still the data in the system were not complete due to several issues such as
a low form return rate at the start and incorrectly filled out forms, and could there-
fore not be used to perform the teachers’ actual tasks. To circumvent this problem
we designed a number of problems that the teachers were asked to solve under su-
pervision. Six of initially eight teachers at the ISB participated in the experiment.
These teachers had been working with the MTT forms for a few months and were
trained by project members in their use. They also got a brief introduction into the
web system before they started the experiment.

14.2.1 Practical Test and Observation

Each teacher was handed a short instruction booklet on how to use the system, a
list of five tasks to perform with the digital pen and in MTTWeb, a grading sheet,
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a class book sheet and got access to the web system. Using the digital pen they had
been handed previously, they performed the following two tasks:

1. Imagine you performed a test in one of your classes last week. All students except
for [name removed] (tenth grade) or [name removed] (ninth grade) respectively
were present. The absent student was excused. One of the students (choose one)
was present but handed in an empty sheet of paper for the test.

� Give grades as you see fit
� Synchronize the pen with your computer

2. You are the first teacher to fill out the class book sheet that day.

� Fill out the form for the situation described in task 1

All participating teachers had been using the digital pens and the MTTForms for
several weeks and were therefore expected to have little problems with these two
tasks. The following three tasks incorporated the web system which the teachers
had only seen once previously in a 15 min presentation.

1. [name removed] (ninth grade) or [name removed] (tenth grade) came to you after
the test was returned and pointed out that he or she should have gotten a better
grade. You agree. Log into MTTWeb and change the grade in question.

2. You need to come up with a final grade [name removed] (ninth grade) or [name
removed] (tenth grade) respectively. Use the grading aid function to determine a
final grade.

3. You are preparing for a meeting with the parents of [name removed] (ninth grade)
or [name removed] (tenth grade) respectively and want to use MTTWeb to col-
lect information on that student beforehand. Collect the following data by either
printing or saving them in a pc document (i.e. using MS Word).

� Exam and oral grades of the student in your class throughout the semester
� Attendance of the student in your class during the semester
� Average grade development of students in your class throughout the semester

These tasks were carried out on each teacher’s personal computers in the school.
Each teacher was observed by a project member throughout the process using spe-
cially created observation sheets, modeled on the qualitative research methods laid
out by Bogdan and Taylor [2]. The observation sheet for the first two tasks asked
for the time taken to perform the tasks, detailed competence in using the forms and
the pens as well as a general overview on how well the individual teachers did. The
three tasks concerning the frontend MTTWeb had their own observation sheet, look-
ing again for the time taken, competence and problems using the system and general
observation. Both sheets included room for handwritten comments by the observer.

Most parts of the observation sheets where designed to be easily quantifiable
and could therefore be entered into and statistically evaluated with spreadsheets.
The individual comments were condensed in a text document, clustered and then
statistically evaluated.
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14.2.2 Interviews

Each of the teachers that did the tasks described above was afterwards interviewed
to get a more in depth view on how they performed using the system. These inter-
views were done by six different interviewers and therefore potentially biased. In
order to minimize the influence of the interviewers on the results, they were handed
detailed interview guidelines. These contained a combination of questions with bi-
nary (yes/no) or numerical (seven point scale) answers and open free text questions.
The interviews focused on the tasks described above and were designed to answer
the questions of this evaluation.

Binary and numerical answers could easily be quantified and used for statisti-
cal analysis, the free text answers where condensed in a text document, repeated
answers identified and categorized as positive or negative factors for the system.

14.2.3 Form Analysis

In addition to the direct experiments with the teachers of the ISB, we also collected
all the forms they filled out within the project timeframe as well as the data trans-
ferred to our web server as soon as the teachers were equipped with the digital
pens. A set of guidelines we developed allowed the categorization of mistakes on
the forms and problems with the intelligent character recognition. With these tools
we could then quantify issues on the form side of the system.

14.3 Results and Discussion

This chapter answers the questions brought up in the introduction, split up into a
general evaluation of a DPPT system in schools (using the ISB as an example) and
the specific evaluation of the MTT System.

14.3.1 Viability of the Digital Pen in a Classroom Environment

One of the main assumptions that lead to the MTT system was that the digital pen
is a highly viable tool for the use in a classroom environment. The high mobility
and low learning threshold of a system that is based on pen and paper are the major
distinctions from implementations that use technology such as the PDA or personal
computers. Five of the six interviewees told us that they could imagine using the
digital pen every day and none said that they could not complete the tasks they were
given for data entry. Multiple teachers also commented that the digital pen was easy
to use and felt good in their hand. Only one found it too bulky and not actually a
handy tool.
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This high acceptance was not reflected very well in the return of forms, both
on paper and through the digital system. Only two of the teachers regularly used the
digital pen to add data to the web system throughout the 3 week testing period. This,
however, is at least partially due to the lacking test setup with only eight teachers
that had to use our system in parallel to their normal one. It can safely be assumed
that the return would be much higher if the system was implemented for a complete
school as the only system, therefore not adding additional workload to the teachers’
schedule. Three teachers saw as a problem that pens could not be kept safe in schools
and four admitted problems with using the same pen each time. The first problem
is a limitation of every mobile technology – the higher the mobility of a piece of
hardware the easier it is to steal or lose. Stealing should be less of a problem with
the digital pens though, as they currently can only be used with the system they were
licensed for. This fact probably won’t change unless the technology is made avail-
able as stand-alone software. Using the same pen each time to track attendance and
grades is more likely to be a problem. Most teachers seem to manage to keep their
personal notebooks safe and with them, however, and appropriate training should
enable them to do the same with the digital pen.

The pen is, as mentioned by one of the teachers, an additional device that needs
to be kept around and safe and teachers have the additional workload of connecting
it with their computer. Observation showed little problems in the handling of the
digital pen, with only one teacher using the wrong pen for their tasks and only one
observer reporting user problems with the synchronization.

14.3.2 Viability of Static Forms in a Classroom Environment

Multiple problems appeared with the use of the MTTForms that are inherently con-
nected to the DPPT and likely not caused by our form design. One absolutely vital
element of the copied pattern approach we used for the implementation is the send
pidget. The user has to hit one of these special form elements with the pen after he
or she completes filling a form. If they don’t, the form is not transmitted when the
pen is in the cradle and the entries of multiple forms may be overlaid on top of each
other, rendering all data collected unusable. This problem arose on 47.2% of the
36 grading forms we collected after the system was officially introduced at the ISB
and in 51.1% of the 90 occasions where the pidget should have been checked on
the class book sheets. This indicates that the teachers were not able to use the forms
correctly without understanding the underlying technology. DPPT in the setup we
used is restrictive in many areas beyond the pidget issue. Unlike a human evalua-
tor, the intelligent character recognition software can only match entered data to a
certain subject if the right area for entry is used. Writing outside of text boxes or
across lines are unsolvable problems for the software as it is. Computational eval-
uation of handwriting also requires that the users stick to certain conventions and
failing to fill out a certain field or not filling it out correctly can quickly lead to a
whole sheet of data being lost. Further analysis of those 36 grading forms showed
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more errors that seem based on not understanding the technology: Empty comment
fields filled with a dash (9.6%), text corrected directly on the page and not using
the correction function (7.3%), text written across the border of input fields (4.5%),
and data entered that cannot be understood by the MTT system (6.6%). This did not
significantly improve through training.

Training did improve those parts of the form usage that were understandable for
the teachers, however. In the beginning of the form usage, absent students were
marked incorrectly 48.5% .n D 65/ of the time. This reduced to 8.9% .n D 90/

in the final phase of testing. Many of these problems can be avoided by using a
unique pattern approach, but this is so expensive in licensing and printing costs that
it cannot be used in a large-scale implementation so far.

14.3.3 Viability of Text Recognition

The digital pen functions very well when the forms used consist mostly out of check-
boxes, recognition here is close to 100%. Text recognition is more of a problem and
can be subdivided into two categories for the system provided to us by the bendit
GmbH. Text fields can either be based on a white list of words, basically limiting
recognition to a dictionary tailored to the application, or on plain character recogni-
tion. The first approach is useful for fields that only have a limited amount of words
that can be entered into them, such as the subject field in a class book. Technical
word recognition rates7 in these fields approached 90% throughout our tests. Often
a figure of 90% would be seen as very low for a character recognition system, and it
is in this case as well – considering that it means that every tenth entry into a class
book will be unusable this way. However, compared to the free text recognition this
is a very high recognition rate. Our six results show 62% recognition of words in
free text fields and only 45% of numbers in those fields were recognized correctly.8

These problems are not only based on the intelligent character recognition system
we used, but also on the previously mentioned issues of writing outside textboxes or
across lines. Still, neither recognition rate is acceptable for a large-scale implemen-
tation, rendering the use of DPPT as a whole ineffective unless improved.

14.3.4 Benefits of the MTT System in a Classroom Environment

The MTT System was designed as a tool that saves teachers time and allows them to
have a better overview over what is going on in their classes. Especially schools with

7 A word was counted as incorrect if it was not recognized exactly as it was written on the paper.
All words that were still understandable by humans but not technically correct were counted as
incorrect.
8 This evaluation was done on the basis of 100 randomly chosen text fields on the submitted forms.
This evaluation was done on the basis of 100 randomly chosen text fields on the submitted forms.
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large classes would profit from the system as the administrative effort rises with the
amount of students in a class. The results obtained in the ISB may therefore not be
generalized to have a meaning for normal German schools. It can safely be assumed
that the benefits of our system are higher in those schools than what we observed in
the ISB because teachers cannot stay in contact with a large number of students as
well as they can with a small number.

Cleaned time measurements9 show that teachers took only slightly longer to take
attendance with the MTT system (2.8 min on average) than they did with their nor-
mal system (2.5 min on average). This allows the conclusion that the MTT system
with fully trained users would be about as fast in attendance tracking as the PC based
system the ISB currently uses. Teachers mentioned to us, however, that it takes them
a certain time to start up the computer which is obviously not needed for the pen. If
the machines used for the PC based attendance tracking stay on all day that is not
a problem, but if teachers need to start up the machines every time before they can
track attendance, the MTT system gets a strong time advantage.

Further hints at a time advantage were found by other members of the MTT
project. Rahamatullah and Trappe performed a survey in various international
schools and found out that teachers need, on average, 1 h and 47 min to transfer their
grading data to a digital system [11]. This loss of time would almost be eliminated
when using MTTWeb.

When asked how they feel about the MTTForms compared to their current sys-
tem, most teachers found that they were harder to use and that it would take them
longer to enter data with the DPPT than normally. This might be due to the fact that
the teachers had experience and at least a full day of training with their respective
systems whereas the MTT system was relatively new to them. On the other hand, the
majority of the teachers claimed that MTTWeb gives them a better overview over
how their students perform than they have now. This is unexpected since the low
number of students taught by each teacher should give them good personal contacts
to every student. If a school with ten students per class can already benefit from the
additional information presented by MTTWeb, normal German schools should gain
much more.

Generally the feedback for the web interface was much better than that for the
DPPT. All interviewed teachers could imagine both using MTTWeb regularly for
their class administration tasks and using it at home. The general concept of the
system seems to be quite understandable for the teachers and many of them added
that the idea had high potential and produced interesting results. The only negative
feedback collected here that was not directly connected to technical issues of the
prototype was that the system only makes sense in larger schools. One of the reasons
for this high acceptance of the web based system is probably that the teachers are al-
ready accustomed to using a digital system for their administrative tasks. 75% of the
interviewed teachers said that they already used a digital system such as Microsoft
Excel R� to handle grading. The attendance tracking is fully digital in the ISB now

9 One outlying measurement was not included in the calculations.
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anyway, as mentioned above. It is likely that teachers in other schools are less open
to the idea of using a computer based system, as indicated by a few informal inter-
views we did with German teachers.

14.4 Conclusion

Digital pen and paper technology is very promising with regards to classroom ad-
ministration but has quite a few more hurdles to overcome before it can actually be
used. Our testing as well as several other studies showed that the reliability of the
collected data is far too low to use it unsupervised. This is not only due to the lacking
character recognition but also due to system inherent and technological problems.
Advantages in the intelligent interpretation of the strokes collected by the pen could
get the technology a lot closer to being useful. More sophisticated software could
take context into consideration and for example recognize a stroke that starts inside
a box as belonging fully into it, even if the user crosses the border.

A certain understanding of the underlying technology is still needed to avoid mis-
takes and therefore disproves our assumption that one can simply replace normal
pens with digital ones and continue original workflows. At the current state of the
technology, extensive training of the users is required, even if they have a consider-
able understanding of computer technology. Interestingly, teachers had more issues
with the DPPT than with the web interface – opposing the initial assumption. That
said, the acceptance of the technology in both our study and the results from other
scientists has been very good and the end users saw the general idea as a viable so-
lution to some of their problems. Further studies have to be done to find out if DPPT
in this form can actually save teachers time, but the prospects look good. Digital pen
and paper technology remains a promising tool that might be made viable through
further advancements in interpreting technology.
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Chapter 15
A Conceptual Model for a Network-Based
Assessment Security System
The Virtual Invigilator

Nathan Percival, Jennifer Percival, and Clemens Martin

Abstract The use of computer to assess learning is increasing at colleges and
university as the use of technology on campuses increase. The challenge for the
instructors at these institutions is to find a way to ensure the integrity of the assess-
ments while still allow students to access network resources during the assessment.
A variety of approaches exist that attempt to create an electronic environment that
allows students to access only the resources that are permitted. Unfortunately it is
nearly impossible to build a system that allow access to the set of resources that
a instructor chooses while guaranteeing that no other resources is being accessed.
This paper provides an alternate approach to the challenge of securing an assess-
ment and presents a model of a system that can be used to ensure the integrity of the
assessment even when unrestricted access to the network is provided.

Keywords Technology-enhanced learning � Security � Online assessment
� Network-based security

15.1 Introduction

In response to employers’ desires for technology literate graduates, technology-
enhanced teaching is being implemented in a greater number of campuses and
programs across the globe [1]. Students today are part of the “millennial generation”
who have always had ubiquitous network access and portable communications
devices such as cell phones, PDAs, and iPods. As theses students entered higher ed-
ucation institutions, the use of technology as a tool for learning has increased. Most
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schools now expect that students will communicate via email, use word processors,
and will desire technology connectivity on campus.

Computers and the internet are continuing to become an integral part of life a uni-
versity campuses [2]. This increased prevalence has lead to an increase in the use of
technology for assignments and laboratory situations [1]. The increased integration
of the technology into courses is creating a desire and a need to assess the learning
outcomes using those same technologies. Simulation systems are also being used
more to allow students to learn various concepts and these system can be used dur-
ing assessments if a method is available to ensure students only use the allowed
resources. There is also a significant increase in the use of specialized software for
teaching engineering and science courses [3] and this is creating new challenges to
the existing methods of securing computers during exams.

According to Ref. [4] as of November 2008 there are over 251 universities and
colleges worldwide that have or had some sort of laptop program. These programs
range in size from a single program to the entire institution. The number of programs
is constantly in flux but generally appears to be increasing.

An informal survey conducted in March 2003 at Brigham Young University
found 70% of student that as computers were used more for teaching that they
should also be used more for testing [5]. According to Ref. [6], the reliance on
paper testing will mischaracterize the accomplishment of students who normally
use computers and that this mischaracterization may be significant. The assessment
process needs to be reflective of the way the student will need to use the knowledge.

In today’s global marketplace, engineering and other disciplines require the skills
to analyze an idea during the initial design phase, even before the creation of a pro-
totype, in order to be competitive. To complete this type of analysis, students need to
graduate with more hands-on skills with the tools they need to do this type of anal-
ysis [7]. Therefore, program that integrate the industry specific technologies into
their curriculum and ensure through technology-enhanced assessment that students
have mastered the application of theory through the software will provide a great
advantage to their students as well as future employers.

Reference [8] suggests that students need to have a comfort with technology and
a comfort being tested using that technology. The use of computer based assessment
tools that are not the same as the tools used every day is likely to lead to more
anxiety and hence decrease the effectiveness of testing and may introduce errors as
some students’ performances may be reduced by the anxiety. The use of commonly
used tools to complete these exams would allow these issues to be reduced [9, 10].

While the ability to test the knowledge of specific software or design and analysis
principal using the software is easy for an instructor to design, the ability to do so
in an environment that provides a reasonable assurance that the students are not
using the computer as a method of cheating is currently impossible. Reference [11]
identified the need for the development of a mechanism to deal with cheating during
online assessments. Instructors need tools to ensure that testing of students have
access to the network are secured to a level similar to traditional paper examinations
[12].
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This paper outlines a solution that provides the ability to monitor the electronic
communications of students during assessments by providing real-time alerts of sus-
picious events and creating digital records of all communication events. The system
can also allow the instructor to determine that suspected cheating was not actually
in violation of the rules of the assessment.

The Virtual Invigilator may be used in situations where the computers for the
assessment are already installed in the room (such as a computer lab) or the students
may be allowed to bring their own laptops. In the case where students are allowed
to bring their own laptops, the content of those machines would not be in anyway
monitored or checked, creating an open-book examination environment where the
student is allowed to use what they bring with them but nothing else.

This paper will examine the existing technologies for securing computer-based
exams and discuss the shortcomings of those solutions. The Virtual Invigilator
model will then be presented including the overall concept, as well as the basic
technical requirements. This paper will then explain why the Virtual Invigilator is
a more secure solution that addresses a wider variety of technology-enhanced as-
sessment conditions than the existing solutions. Finally, the paper will present a
conceptual model for the of the virtual invigilator system.

15.2 Securing Technology-Enhanced Assessment Environments

There are a number of challenges when attempting to secure examinations requiring
a computer with network access. The type of challenges faced varies with the style
and content of the test, as well as the specific network resources required. An exam-
ination may simply be conducted using multiple choice and short answer questions
on a Learning Management System (LMS). The examination may also be much
more complex needing the use of software that requires access to a license server,
access to a shared files or templates, and access to a system to submit the files that
were created during the exam.

The most basic method of securing an online assessment is a password. Instruc-
tors setup an online assessment in a LMS and have the LMS require that the student
enter a password before they are allowed access to the assessment. This system has
proven ineffective. In one case, a password released seconds before an assessment
did not prevent ten students not in the room from completing the assessment [11].
Even the more complex restriction of access to certain IP address ranges does not
always stop students, as the student may only need to be near the room in which the
assessment is occurring and not physically in it.

The systems that are currently used approach the problem of securing an exam
by attempting to create an environment that is impossible to cheat in. These systems
attempt to prevent students from cheating by making the assessment the only item
on the computer they are able to access. Another approach is to physical monitor the
student using addition hardware such as cameras and microphones that try to moni-
tor the students’ surroundings. Both of these systems require software to be installed
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on the students’ computers and the monitoring system requires that the student have
additional hardware installed on the computer. The requirement to install the se-
curity application on the computer means that the student taking the assessment is
required to have run a specific operating system and is given full access to the code
of the product allowing them to reverse engineer the source code.

15.2.1 Secured Testing Environment Solutions

A number of prototype systems have been proposed to create a secure testing envi-
ronment. Reference [13] proposed a system using a bootable zip disk and Ref. [14]
created a method that worked for a CDROM. Both Refs. [13, 14] limit the sys-
tems by preventing access to the network and attempting to ensure that the student
cannot use anything other than the software provided. Unfortunately, this prevents
students from using a large or complex applications or applications that must com-
municate with a license server. It also does not provide any way to secure exams
that are hosted in a LMS. These models could provide security for a specific type
of examination on a specific systems, they are not robust enough to handle most
assessments.

Currently, the two best-known commercial products that create a secure envi-
ronment for conducting assessments through a LMS are Securexam Browser from
SoftwareSecure [15] and Respondus Lockdown Browser from Respondus [16].
Both of these products attempt to provide a secured web browser that only allows
access to assessments provided by a single LMS by attempting to take control of the
entire system. Securexam Browser works with only the two most common LMS,
WebCT, and Blackboard. Securexam Browser.

Respondus Lockdown Browser has many of the same limitations as Securexam
Browser. The system limits student access by blocking access to the task manager,
copy and pasting functions, and function keys. In addition, Respondus Lockdown
browser needs software to be installed on the server for some LMS. This software
allows the LMS to verify that the assessment is being taken in the Respondus Lock-
down Browser [17]. This function could also be beaten by customizing another
application to respond in a similar manner.

Another method for breaking the security of both of these products is by using a
virtual machine. There are more than 15 virtual machines able to run Microsoft Win-
dows listed on Wikipedia [18]. Based on testing of a recent version of Securexam,
it was determined that is detects virtual machines from VMWare and Microsoft
Virtual machine but not VirtualBox or Virtuozzo. Respondus Lockdown Browser
detection of all virtual environments is unlikely. Both of these software base solu-
tions are limited to a total of three different LMS. These commercial products do
not support the two main open-source LMS, Moodle, and Sakai [17].



15 A Conceptual Model for a Network-Based Assessment Security System 221

15.2.2 Video Monitoring Solutions

Video monitoring of student actions has been proposed as alternative method for
securing computer-based testing. Reference [19] has developed prototype of these
type of security system. This type of secured environment is an integrated solution
involving both hardware and software components. The system attempts to monitor
the actions of the student writing the exam, as well as both the audible and visual
environment around the student. SoftwareSecure is currently developing such as
system. The system attempts to detect any “abnormal” changes in the environment
and then records them for review by the professor at a later time. The problem for
this type of system would be determining when the activity is suspicious. The level
of sound and motion change in a quiet room, an office cubical, or a coffee house
would all be drastically different, making the detection of only suspicious changes
quite challenging.

This type of environment is only useful when a student using the system can
be placed in an isolated location. It would be virtual useless when used in a room
with a number of other students nearby taking exams because the motion and noise
nearby students would constant be identified as interesting event. The video moni-
toring solution requires equipment for every student taking an assessment leading to
additional costs. The equipment would also need to be installed prior to the assess-
ment. If the equipment was installed in a lab, it would either need to be installed and
removed for an assessment or there would be an increased risk that the equipment
could be damaged or stolen leaving the lab short of equipment during an assessment.

15.3 The Virtual Invigilator System

The Virtual Invigilator is a system designed to secure the electronic communica-
tions of an assessment environment. It is designed to assist in the proctoring of an
assessment in a controlled location such as a classroom with one or more invigila-
tors monitoring the activity within the room. The system assists by monitoring all
network traffic from the computers within the classroom. The system is designed to
be hardware and software independent with the only technical requirements being
that the networking equipment support monitoring of the traffic. Students with any
computer running any operating system and any type of application can be moni-
tored using the system.

The Virtual Invigilator is unique in that it does not attempt to create a secured
testing environment on an unsecured piece of hardware nor does it attempt to di-
rectly monitor the human that completing the exam. The students are allowed to use
their local computers in any way they see fit and the monitoring of human actions to
real invigilators. The Virtual Invigilator supports the traditional invigilation process
by providing the capability to monitor the portion of the assessment environment
that cannot be easily monitored by traditional observations methods. The Virtual
Invigilator is attempting to extend to assessments that require students to have ac-
cess to network resources and computer-enhanced assessment environments.
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The overall model of the Virtual Invigilator system shown in Fig. 15.1. The
system is designed to operate on a local network. The monitored network only needs
to include the network traffic that is either to or from a machine that is in the room
being proctored. The network equipment must be capable of providing a copy of all
network communications to a single device.

The Virtual Invigilator also access the switches, through Simple Network Man-
agement Protocol (SNMP) to identify the physical port to which a computer is
connected by identifying the port on the switch that is associated with Ethernet
Media Access Control (MAC) address for that computer. The Virtual Invigilator



15 A Conceptual Model for a Network-Based Assessment Security System 223

system will need to have a mapping of the physical switch port to actual location in
the assessment room to provide to the invigilator if any suspicious activity is found.

The system assumes that the parameters of an assessment can be clearly defined
for input into the Virtual Invigilator system. The instructor needs to be able to use
a predefined access level (such as only the LMS) or be able to list the sites that the
students should be allowed to access. The ability to detect unauthorized events is
limited by the specificity of the rules provided.

The Virtual Invigilator is highly customizable and will allow an assessment to be
setup through the interface with the criteria by which to detect suspicious activity.

To allow the invigilators to select default setting, the Virtual Invigilator has the
ability to be customized at a technical level by staff that are familiar with the re-
quirements of the systems and applications that commonly need to be accessed.
This allows the invigilators to have a simple interface for use when preparing a
room for an assessment. The customization system can also be used by an instruc-
tor to prepare the room for an assessment when the instructor has a complex set of
requirements.

15.3.1 Architecture

The network packets are captured by the system and simultaneously processed in
two separate ways. First, all traffic is stored to disk for possible later use. Second,
the network traffic is processed to identify any violation of the policies that have
been setup by the professor in the Virtual Invigilator.

In some networks, there are multiple paths between a sender and a receiver. This
means that a packet is not guaranteed to take a specific route from the sender to
the receiver. Most networks have a single point, near each network device that all
communications with a device must pass. In Ethernet network the network switches
have the ability to configure a port on the device to send out a copy of network traffic
and not to accept traffic, similar to the way the tap works This is best place to place
to tap the network. This may be the only location that can ensure all traffic from a
specific computer is captured.

The storage to disk of the data allows the information captured by the Virtual
Invigilator to be used to document the events that occurred on the network. Then,
if students are caught by the system, even if they claim that the system detected
the network traffic in error or that the traffic captured was the result of someone
having hacked into their computer this can be fully investigated. Since all network
traffic and not only the traffic that was identified as suspicious are recorded, the
claims of the student can be easily verified or disproven. The record of the network
communications can also be used during the formal appeals process as evidence to
support the case against the student who was caught by the Virtual Invigilator.

The second way that the packets are processed is by a real-time event recognition
engine. This system will look at individual packets and sets of packets in detail to
determine if the packet is acceptable given the rules that have been setup for the
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assessment. The concept of analyzing data packets as they occur and identifying
certain packets or set of packets that are of interest is commonly done on most net-
works today using Intrusion/Incident Detection Systems (IDS) to find Internet-based
security attacks. Most of these systems inspect network packets as they arrive and
compare those packets to a set of parameters that help identify suspicious network
traffic [20]. IDS system rules currently used are designed to detect network traffic
that is malicious in nature such as attempts to hack into a network.

The Virtual Invigilator uses a set of rules that is designed to detect behavior that
is contrary to the rules for the assessment that it monitoring. Similar to traditional
IDS, the detection process is designed around the assumption that anything that is
not explicitly allowed is suspicious traffic and the system should be an alert. In
contrast to the software based secure testing system, it is assumed that for most
assessments, it is much easier to specify explicitly what is allows rather than to
attempt to list every possible thing that is not allowed. The use of new applications
or operating systems, new hardware do not have a significant impact of the Virtual
Invigilator. Changes to any of these components used to conduct assessment will at
most require an adjustment of the rules to handle slight variation in the way these
systems operate.

15.3.2 Security Features

To monitor the testing environment, the Virtual Invigilator uses the port-mirroring
capability of the network switches to capture a copy of all network packets. All
network ports within the room are configured so that a copy of all traffic, in either
direction is mirrored to the monitoring port. This ensures that all network packets
can be captured, regardless of the configuration of the end machines.

The monitoring port will be connected to the Virtual Invigilator monitoring sys-
tem. The computer will have this network interface setup in ‘promiscuous mode’
to allow it to capture all network traffic. When network traffic fails to be classified
as acceptable, the system will consider it suspicious and will send a copy of the
suspicious packet to the Virtual Invigilator Management system. In addition, the
identification of the packet as suspicious will be logged with the recording of the
network traffic so that it can be reviewed later. The communication with the man-
agement machines is over a separate network from the network being monitor using
a second network interface. This allows the monitoring system to communicate with
the management system on a network that is not being monitored ensuring the man-
agement traffic for Virtual Invigilator systems does not cause alerts.

Once the monitoring system receives a suspicious packet is will provide notifi-
cation to the invigilator through a visual alert. The monitoring system will analyze
the packet and provide as much information as possible to the invigilator about
the suspicious network activity. The system will identify to the invigilator the lo-
cation, based on the network port in use, of the computer creating the suspicious
network traffic. The invigilator can then investigate what is happening to make a
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determination of whether the packet that was flagged suspicious is truly a violation,
a false positive, or requires further investigation. The management system will allow
the invigilator to flag all suspicious packets as any of these three classifications. The
resulting determination by the invigilator will be logged into the monitoring system
for analysis after the exam.

After an assessment is completed, the instructor or invigilator can use the man-
agement system to thoroughly examine the suspicious activity that was found by the
Virtual Invigilator. This allows for the identification of violations not been detected
by the original rules. It may also assist the instructor in determining case of collu-
sion that might be hard to find by simply grading a large set of assessments. The
false positive results can also be examined by the instructor and by the technical
staff to determine if there is some network traffic that could be identified as accept-
able and added to the assessment rules allowing more accurate detection in future
assessments.

15.3.3 System Design

The Virtual Invigilator system is designed to work with three external entities and
the relations are shown in Fig. 15.2. The first of these is the Administration systems
that contain data on to authenticate users, determine the physical location of a net-
work port form the switch port and the information to associate a computer with a
particular student. A second system is the actual network devices that make up the
network. Finally, the network interfaces with the users of the system.
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Fig. 15.2 Context diagram
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Administrators are able to create rules that can be accessed by all users of the
system. They also have the ability to access reports that collect data from various
users. Instructors are able to create rules that only they are able to access. They are
then able to add use these rules to monitor an examination. The instructor can also
allow other users to access the exams they create to invigilating an exam. After an
exam is over, the instructor is able to generate reports about exams to determine
what infractions occurred during the exam.

The network system provides a copy of all network traffic that either originates
from or is destined for a computer with the examination room, including traffic be-
tween computers within the examination room. This data is collected by the Virtual
Invigilator which stores a copy of the raw data and analyzes whether or not the
network traffic is violation of the rules of the examination. The Virtual Invigila-
tor system communicates with the network equipment to determine physical port a
computer is connected to.

The university administration system assists the Virtual Invigilator in identifying
the who and where of an infraction. The system allows the Virtual Invigilator to
convert the information that it receives from the network switch to the physical
location in the room. It also allows for the linking of a computer to an individual.
A final function of the administration system is to authentication users.

The Virtual Invigilator system has five main processes. The processes, the five
data stores that they use, the external entities and the information flows are presented
in Fig. 15.3. The processes are based on the actions of the user and their movement
through the system.

The first process is the entry point for the Virtual Invigilator user into the system.
This process interfaces with the users and the administration system for autho-
rization. It then provides selections of other process and provides authorizations
information to the remaining process.

Process 2 is used to modify the rules that can be used for an examination. The
user can create new rules or modify existing rules. User can also delete rules that
are not associated with an examination. This process interacts with the Rules data
store and the Virtual Invigilator user.

The examination setup is process number three. This process allows the instructor
to configure the details of an examination including rules and other information. The
Rules data store is read by this process. The Examination data store and the Exam
Authorization data stores are read and written by this process. The instructor is
able to give access to other users to act as invigilators in this process. This process
interacts with the user.

Process 4 is the examination invigilation process. This process interacts with all
five data stores: Rules, Examinations, Exam Authorizations, Network Traffic, and
Alerts. This process is only during this process that there is communication with the
network system. The process also communicates with the administrations system
and user.

The last process is process five. This process provides reports of various types to
the users of the system. In order to do this, the process reads from all five data stores
and communicates with the user. The reports are output to the user as requested.
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15.3.4 Technical Design – Prototype

The design of the Virtual Invigilator is based on using existing technologies to meet
the unique needs of the Virtual Invigilator environment. All components of the sys-
tem can be built on a single machine. This allows the system to generate minimal
network traffic while capturing all the required information.

The user interface for the system will be a web interface. This interface will
provide all user interaction. The interface will use Hypertext Transfer Protocol over
Secure Socket Layer (https) communication. This will reduce the risk unsecured
access to the system and ensure communications with the examination operator is
protected from students and others on the network.
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The Virtual Invigilator hardware requires dual network interfaces. This is needed
to provide a dedicated network adaptor for capturing the network traffic from the
network. The system will also need a hard drive and hard drive controller capable of
storing data faster than it can be collected from the network. The system will need
to have significant storage space since all network traffic is being stored. Finally, the
system needs sufficient processing power to process the rules that have been setup
at the speed at which data packets arrive.

The details of the exact hardware speeds needs to be for each implementation.
The speeds will vary with the size of the room being monitored and the expected
amount of network traffic that will be generated. Testing in actual examination en-
vironments will be needed to further refine the technical details for the hardware
system.

The system needs to process a large amount of data but does not need an interface
console. Because of this Linux or Unix is recommended for the operating system.
The lack of a graphical interface and the ability to minimize the services that are
running on the machine allow the machine to be optimized easily.

The interface to the system is going to be provided via a web interface. This in-
terface can be provided using the open source web server. A second major software
component of the system is a database in which to store the tables in the data flow
diagrams. The data stores such as the exam database only need to be accessed occa-
sionally and at relatively slow speeds. Other tables such as the Network Traffic need
to be able to written to quickly but read speed can be significantly slow. Finally the
rules tables need to written to relatively slowly and infrequently but will need to
be read quickly and frequently. The database system will need to be tuned for the
different uses of each table.

Another major component of the system is the engine that is used to test the net-
work traffic against a set of rules and create alerts when the network traffic violates
the rules. In the Network Security, these basic abilities already exist in Intrusion De-
tection Systems (IDSs). The Virtual Invigilator can use the functionality that already
has been built and tested in IDSs to process the network traffic against the rules as
setup using the virtual invigilator.

The Virtual Invigilator prototype can be built using open source products. The
web interface will be the primary source of control for the users. The user will log
into the Virtual invigilator through the web interface and select what they want to
do, based on their level of access.

The web interface will access the five data stores housed in the databases. The
web interface will have the ability to update most databases but will not only have
read access to the network traffic data store. This will help ensure that the data stored
in that database is not compromised through the web interface.

15.3.5 Exam Rules

The Virtual Invigilator acts as a tool for instructors to create a set of rules that govern
what the students taking an exam are allowed to do. To create these rules there are
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two starting points: everything is OK and nothing is OK. All exams are based on
one of these two starting points. From that, based rules are added to allow or restrict
what can be done.

For the starting point of “Everything is OK” all traffic is checked against a set of
rules. If the traffic does not match the criteria of any of the rules then it is assumed
that the traffic is acceptable. This type of rule checking is most useful during an open
book style examination. An instructor can define what the students are not allowed
to do and assume that everything else is OK.

The other option for an exam is to assume that no traffic is acceptable except
traffic that is explicitly permitted. This type of exam can be used to supervise a
closed book exam that needs access to an easily defined set of remote services. With
this type of exam, there needs to be rules that allow DNS traffic to flow without
generating alarms or every time a name is used instead of an IP address, an alert
will occur. The instructor needs to define a list of traffic that can occur without an
alert occurring and all other traffic is considered a violation of the exams rules.

For an instructor, it is quite often preferable to use closed-book style exams with
a very limited allowable set of systems that can be accessed. This type of rule set
will allow the system to capture the largest amount of unauthorized activity but
comes with a significantly increased risk of false alerts on traffic. If the instructor
has not correctly accounted for and events that occur on computers that users are
not even aware of such as Microsoft Windows traffic, software updates and traffic
originating from system outside the exam attempting to gain access to the systems
within the exam.

For all exams, there is a trade-off with the virtual invigilator of attempting to
detect every possible violation versus the rate of false alerts. The use of “everything
is OK” based rules reduced the false alerts to only known bad but is likely to have
ways that violations can occur and not be detected. In contrast, the “nothing is OK”
model will create alerts for every piece of network traffic that is not explicitly al-
lowed which may cause so many alerts that the true violations get lost in the noise.
For these reasons it is important that Virtual Invigilator be configured carefully to
maximum its usefulness.

15.4 Future Enhancements

A possible enhancement is to provide alerts to invigilators through additional chan-
nels. Through the use of portable devices such as Personal Digital Assistants
(PDAs), iPhones & Blackberries it would be possible to send alerts to invigilators as
they wandered the exam room observing the students. This would allow the invig-
ilator to be investigating an alert and be able to move on the investigating the next
alert without needing to return to a computer to access the Virtual Invigilator’s web
interface.

Finally, functionality can be added to the Report sections by adding tools that will
allow an instructor to analyze the traffic from an exam after is occurred and look for
violations of the rules that were not originally detected. This could be accomplished
by replaying the network traffic through a revised set of filters and providing the
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new alerts. This would allow instructors to look for events where they believe that a
violation occurred that was not detected.
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Chapter 16
Incorrect Weighting of Absolute Performance
in Self-Assessment

Scott A. Jeffrey and Brian Cozzarin

Abstract Students spend much of their life in an attempt to assess their aptitude
for numerous tasks. For example, they expend a great deal of effort to determine
their academic standing given a distribution of grades. This research finds that stu-
dents use their absolute performance, or percentage correct as a yardstick for their
self-assessment, even when relative standing is much more informative. An exper-
iment shows that this reliance on absolute performance for self-evaluation causes
a misallocation of time and financial resources. Reasons for this inappropriate re-
sponsiveness to absolute performance are explored.

Keywords Engineering education � Self-evaluation � Academic performance
� Study plans

16.1 Introduction

Students in engineering programs have limited resources with which to improve
their marks. Therefore, it is critically important that they allocate these scarce re-
sources to the areas that have the most room for improvement. This paper focuses
on which performance measures (relative or absolute) that students use to self-
evaluate as well as how to allocate their study resources. Beyond the classroom,
people face opportunities for evaluation. For example, employees receive regular
performance evaluations. Both this type of evaluation as well as student grades of-
ten serve the purpose of determining someone’s future earnings potential via the
availability of good jobs and promotions.
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These external evaluations can be based on absolute performance (e.g. meeting
a sales or production quota or achieving a given grade on a test), relative perfor-
mance (e.g. performing in a specific percentile of the workforce or your ranking in a
course), or some combination of the two. In most evaluative situations, people will
learn of both their relative and absolute performance. For example, in a golf match,
a player will know their absolute score and where that score placed them in the final
rankings. In the world of professional golf, all that matters is your ranking at the
end, even though absolute performance levels are somewhat correlated.

This paper offers reasons and evidence that students focus too much on their
absolute performance levels, even in situations where (like in a golf tournament)
relative standing is all that matters. In the first section of this paper, we review the
literature on self-evaluation and the predictions regarding resource allocation that
this literature makes. Then we will explore some reasons why students will rely too
much on their absolute performance. We then report a study that shows an over-
reliance on absolute performance when evaluating performance satisfaction and the
decision to expend resources towards self-improvement. The final section closes
with some implications and directions for future research.

16.2 The Psychology of Self-Evaluation

There has been a great deal of psychological research on how people select the
criteria and comparators to use when evaluating their own abilities and performance.
Beginning with work by Festinger [5], researchers have proposed that people seek
out objective information when attempting to evaluate their abilities. In the absence
of objective performance information, they compare themselves to similar others,
since it was originally hypothesized that the main motivation of social comparison
was accurate self-knowledge [5, 13].

As research on social comparison developed, other additional motives were
explored. Other research on social comparison has extended this to include two ad-
ditional motives that would drive the selection of comparators. When people were
attempting to self-enhance, they would use downward comparisons [2]. When peo-
ple had a self-improvement motive, they often would compare upwards, giving them
a target or goal [15]. In an academic setting, most students use upwards social
comparison in order to motivate themselves to do better [7, 14].

We hypothesize that if students’ self-esteem were threatened by low absolute per-
formance, then the natural tendency predicted by social comparison would be to try
to find a downward comparison target [4]. This would cause students to ask for dis-
tributional information, as is often the case. By seeing that they were above a certain
number of students in the class would appease this negative reaction. Note that this
would predict a focus on relative performance levels when reporting satisfaction,
particularly for low absolute/high relative performers.

Other research on social comparison has shown that students do not choose
downwards social comparison but rather choose upwards comparisons provided
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they feel that they are able to improve their performance [8, 11]. This would be
consistent with a prediction that students would use absolute performance levels to
evaluate their abilities. It would also support a prediction that students would use
absolute performance levels to allocate resources, given the assumption that they
have adopted an improvement motive.

A related stream of research hypothesized that people also compare themselves
to previous versions of themselves or future ideal versions [1]. If students were using
previous versions of themselves, then a low absolute score would be discouraging,
especially for students who had consistently received high absolute scores. There-
fore, low absolute scores would trigger a self-improvement motive that would cause
them to dedicate more effort to areas in which their absolute score was low. This
could also trigger the common request students make for distributional information
to handle short term disappointment. However, once the self-improvement motive
becomes dominant, students will expend effort where their absolute performance is
lower, relative performance held constant.

We believe that in circumstances where people receive both relative and absolute
performance feedback, people will place too much weight on their absolute perfor-
mance when it is less important than relative performance. For example, consider
grades in university. For students, grades carry nearly as much, if not more, im-
portance than money. This is reasonable since better grades tend to be correlated
with higher salaries [12]. Grades are determined by performance on exams, but in
courses that are curved on a forced grade distribution, performance relative to others
is the more important metric. The same is true of a golf tournament, where relative
standing will determine prize earnings as well as competitions for promotions within
organizations [10]. The important performance benchmark in all of these examples
is being above a certain number of one’s rivals.

Continuing with the grading example, suppose a student is taking two classes
and has received his or her midterm grade. One course is known for a hard teacher
who gives hard exams and grades them strictly. The other course is taught by a far
more lenient professor. In the difficult class, the student receives a score of 65 out
of 100 while in the easy class he or she scores 85 out of 100. Further suppose that
this student receives information that both of these scores place him or her in the
80th percentile of performance. Since both classes are graded on a curve, he or she
should be equally satisfied with the performance on both exams; however we predict
that our hypothetical student will be much less satisfied with the 65. While much
research has shown that people do use relative comparison when evaluating their
own performance [6,9,11], we believe it is difficult to ignore absolute performance,
even when it is completely irrelevant.

The final reason it is difficult to ignore absolute performance is because often
times it actually is a valid signal of performance. In school, we are socialized to
learn that absolute performance is a signal of learning, even though there is some
arbitrariness in the grading process; some teachers create difficult tests, and some-
times grade assignments more strictly. This fact should make relative class standing
is a better indicator of performance. All through school children are taught that 90%
is an “A”, 80% is a “B”, all the way down to 50% or below which was an “F”.



234 S.A. Jeffrey and B. Cozzarin

The natural reaction to scoring 65 out of 100 is that this is a low C or even a D. This
could lead a student to question their knowledge of the material in the course and
lower the satisfaction with their performance.

A related explanation for this is that students may feel that a test should be repre-
sentative of the knowledge a student should have received in class. In other words,
getting 65% right could be interpreted that the student only understood 65% of
the material. This would also lead to below average self-assessments, especially if
the student felt he or she knew the material well. All of these reasons suggest that
students will have a hard time ignoring absolute performance, even in situations
where it is not important or even irrelevant. We therefore hypothesize that relative
performance held constant, students will be more satisfied with higher absolute per-
formance.

While satisfaction with results is important, the behavioral consequences of those
feelings are more important. Suppose that instead of equal relative ranking, the
higher absolute score put our hypothetical student at a lower relative standing than
the score on the more difficult test. If his or her intention to study is based upon
her satisfaction level, and satisfaction is inappropriately affected by absolute per-
formance, then he or she will spend too much time studying for the class in which
they are in better relative position. It is probably not the case that a student evaluates
his performance solely on absolute performance. However, in cases where relative
performance is far more important, an over-reliance on absolute performance will
cause a misallocation of improvement resources. Therefore, we expect to find that
students will devote more resources (time, money, etc.) to improving performance
in areas where absolute performance is lower, relative standing held constant.

16.3 Experiment

16.3.1 Method

Sixty engineering students at a large Canadian university were asked to complete a
survey. This survey asked participants to imagine that they had just received feed-
back regarding their performance on a midterm exam (please see Appendix for
instrument). Half of the participants were told that they were taking a class from a
notoriously difficult professor with a reputation for tough grading standards, while
the other participants were told that they were taking a class from a more lenient pro-
fessor. All participants were told that the professor used a grading curve in which
the top 30% of students receive an A; the middle 60% receive a B; with the rest of
the students receiving a C or D. So that the participants could better understand the
performance feedback, they were told that there were 100 students in the class, so
that these percentages could be easily translated into the number of students who
would receive each grade. Students in the more difficult section were given lower
absolute scores than those in the more lenient professor’s class. All students were
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Table 16.1 Summary
of conditions

Strict professor Easy professor

Grading targets:
A 30% 30%
B 60% 60%
C or D 10% 10%

Exam results:
Mean score 55 72
Participant score 52 72
Relative position in class 53rd 53rd

told that their performance on the test placed them in the 53rd percentile. Table 16.1
is a summary of the conditions faced by the survey participants.

All participants were asked to state their satisfaction with their performance.
Participants were then told that they were planning how to allocate their time to
studying for the final exam in the same course. Specifically, participants were asked
how long they believed that they would study for the final exam, using a closed end
scale from 2 to 16 h in increments of 1 h. After answering this question, they were
informed of an Internet course that would help them prepare for the final and asked
their level of interest in the course and how much they would be willing to pay for
that course. To avoid problems with modulus mapping (extreme values), they were
asked to provide a number between zero and $100. They were told that if they would
not take the course regardless of price, they should enter zero. Finally, demographic
information was collected from students, to see if there was a gender or age effect
on the results.

Because of the cover story regarding the professor, participants should realize
that their absolute performance on the midterm is a nearly meaningless signal as
to how they are doing in the course and how much time and other resources they
should expend in preparing for the final. This would imply that there should be no
differences in responses between conditions. However, if participants are sensitive
to their absolute performance as predicted, then participants in the difficult course
will predict spending more time studying for the exam and be willing to pay more
money for the Internet preparation course.

Across the entire sample, students seemed neither satisfied nor dissatisfied with
their performance. They were willing to spend approximately 8 h studying for the
final exam, spend approximately $20.00 on test preparation, and 68% of them stated
a positive (i.e. non zero) willingness to pay for the course. There were differences
across conditions however, as will be discussed in the following section.

16.3.2 Results

We conducted tests to ascertain whether the groups were similar to each other in
terms of the demographic variables. In the low absolute score condition there were
8 women and 21 men, while in the high absolute condition there were 8 women and
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Table 16.2 Means by
conditions

Low absolute High absolute Difference

Satisfaction 2.69 3.58 0:89��

Intent to study (h) 9.03 7.35 1:68�

Willingness to pay $26.98 $13.29 $13:69�

�

p < :10, �p < :05, ��p < :01 in two-tailed t-test.

Table 16.3 Regression results

Dependent variables

Satisfaction Study plans WTP Positive WTP

Age 0.01 0.68� 0.77 0.11
Gender 0.24 �0:62 �3:53 0.09
Absolute score 0.84�� �1:83 �15:24� �1:70�

Satisfaction NA 0.07 2.48 0.001
Fit statistics F(3,55) D 2.52 F(4,54) D 2.55 F(4,54) D 1.61

R-square D 0.12 R-square D 0.16 R-square D 0.11 R-square D 0.18
�p < :10, �p < :05, ��p < :01.

22 mean, F(1,57) D 0.006, ns. Average age in the low absolute condition was 20.83
and 20.73 in the high absolute condition, t(57) D 0.23, ns. Since the make up of
each group was almost identical, we feel comfortable in comparing results across
conditions.

As can be seen in Table 16.2, subjects were more satisfied with higher levels of
performance when their absolute score was higher, t(58) D 2.87, p < :01. With
respect to the willingness to allocate resources, participants expressed a higher will-
ingness to pay when their absolute performance was lower, t(58) D 2.39, p < :05.
Their intention to study was also higher (although only marginally so), two-tailed
t(58) D 1:80, p D :08.

A more thorough analysis was provided by an OLS regression, which also in-
cluded the demographic information of age and gender. These results can be seen
in Table 16.3. The addition of demographic information does not change the result
that satisfaction is positively impacted by absolute score, with relative position held
constant, “ D 0:84; t.55/ D 2:663; p < :01. Since satisfaction with performance
might also predict the willingness to allocate resources we included that in the two
regressions (willingness to pay and study plans). The coefficients on this variable
did not approach significance for either resource allocation question. In addition, it
did not cause the significance of the level of absolute score to change. This rules out
the change in resource allocation being mediated by satisfaction [3].

A second means by which to test the willingness to take an Internet preparation
course is by checking the proportion of students in each condition that would not
take the course regardless of price. To analyze this question, a binary variable was
created such that any participant responding zero dollars to the willingness to pay
question was coded as someone who would not enroll in the course (i.e. Positive
WTP D 0). Those that entered any positive number were coded as someone who
would enroll in the course (i.e. Positive WTP D 1). The proportion of participants
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reporting a positive willingness to pay was 86.2% when absolute performance was
low, and only 51.6% when it was high, t.58/ D 2:88; p < :01. This difference was
confirmed in a logistic regression also reported in Table 16.3. None of the control
variables predicted the willingness to take the course, nor did the overall satisfaction
level with the performance.

Age was the only demographic variable that explained variance in any of the
dependent variables. Specifically, older students reported a higher willingness to
study with an extra 68 h per every year of age, this is most likely explained by the
fact that at Canadian Universities, only third and fourth year marks are counted to-
wards graduate school entrance. Age had no effect on satisfaction with performance
or willingness to pay for an internet preparation course. Gender was insignificant
across all independent variables, with no differences in satisfaction, willingness to
study, or willingness to pay.

Absolute score was analyzed as a dummy variable, with a value of one for the
high absolute score (72) and zero for the low absolute score (52). This makes the
effects easy to calculate. As can be seen from the regression results, the level of
absolute score had the predicted effects on all dependent variables. Students re-
ceiving a higher absolute score were nearly a full point more satisfied with their
performance (on a six-point scale). Those receiving a lower absolute score reported
a willingness to study for two more hours. Lower performing students (in absolute
terms) were also willing to pay approximately $15 more for the internet prepara-
tion course. They were also much less willing to report a zero willingness to pay as
shown by the negative coefficient in the logistic regression.

It is interesting to note that while satisfaction levels were effected by absolute
performance, satisfaction levels did not affect intentions to study or willingness to
pay for prep courses. This suggests that students are taking their cues from perfor-
mance more than simply from how they feel about their performance.

16.3.3 Discussion and Conclusions

This study showed that engineering students are more satisfied with higher absolute
levels of performance. This in and of itself is not surprising, as people should be
more satisfied with better performance. The real contribution here is that resource
allocation follows from absolute performance levels even when relative standing, all
that matters to their performance, is held constant. Students in our sample stated a
willingness to spend more time studying and more money for preparation courses
when their absolute performance was lower, even when their relative position was
all that mattered.

We believe that this is a mistake, with long term negative consequences. Re-
sources should be allocated to the item that will do the most long term good,
and that should be to activities that will increase marks, not necessarily absolute
performance levels. If studying resources are misallocated, then overall grades will
suffer. While our study held relative performance constant, imagine a real situation
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where a student actually has lower relative standing in a course where he or she
receives a high absolute grade. In this case, it is a clear mistake to allocate resources
away from that course towards a course where he or she ranks higher but scored
lower in absolute terms.

From a professor’s standpoint, if a professor wants students to spend more time
studying the material in their course, then they should be strict graders on assign-
ments during the term. The problem is that strict graders tend to receive poor
teaching evaluations. Therefore, there is a mixed incentive for faculty members.
In order for their students to take their topic seriously, they should grade strictly,
yet their own performance evaluations may suffer, affecting their salary as well as
tenure and promotion decisions.

In the end, it is in the professor’s best interest to try to effectively communicate
the grading criteria, and be certain that students understand exactly where they stand
with respect to their overall final performance. While this seems easier said than
done, to be true educators, professors must try to avoid inflating students’ marks
so that they can increase their own teaching evaluations. In the end, the best strat-
egy would be to create assignments and tests that reflect true understanding of the
material so that students “curve themselves”. This would then make absolute per-
formance proxy nicely for relative standing.

Limitations and Future Research. One limitation of this study is that it is hy-
pothetical, asking students to self-report their intention. The results would be more
compelling with a realistic study where real grades were at stake. The authors don’t
believe that this would be ethical (and are sure the ethics group would agree). How-
ever, the authors believe it is reasonable to assume that students have adequate
psychological access to their future behaviors with respect to studying behavior.
Also, there is little reason to believe that students would not respond accurately to
these questions. Perhaps future research can tie incentives to overall performance
levels to see if this generalizes to actual behavior.

Another potential limitation to this study is the binary nature of the absolute ver-
sus relative performance level. It would be interesting to study the effect of grading
schemes that depend on mixed levels of relative and absolute performance. While
the authors believe that students would continue to overweight absolute perfor-
mance, it would be beneficial to understand how responsive students are to changes
in the weighting of relative performance.

Finally, there is a question as to whether these results will generalize beyond a
group of Canadian engineering students. Fundamentally, we have little reason to be-
lieve that students elsewhere in the world would view absolute performance levels
any differently. One potential issue is the move in many universities to a numeric
grading system and away from the letter grades historically given in many North
American universities. To the extent that percentage grading makes “curving” diffi-
cult, these results would be less appropriate. However, even under a strict percentage
system, additional marks can be reserved by faculty members for final adjustments,
thus grading on a curve is still possible in that scenario.
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16.4 Conclusion

In most situations, students receive both types of feedback – relative and absolute
performance, and must make judgments about how to combine this feedback. The
results of this study suggest that students will put too much emphasis on their ab-
solute performance, and underweight their relative standing in a course. This could
have negative consequences such as the misallocation of study resources (time and
money) targeted at the wrong areas. This misallocation could have negative conse-
quences on overall academic performance.
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