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Preface

The Computer Society of Iran (CSI) and Sharif University of Technology (SUT) are
proud that the 2013 International Symposium on Artificial Intelligence and Signal
Processing (AISP 2013) was held on December 25–26, 2013 in the Department of
Computer Engineering at Sharif University of Technology, Tehran, Iran.

AISP 2013 is a premier artificial intelligence and signal processing event that brings
together industry professionals and academics to exchange information on recent
advances in the fields of artificial intelligence, signal processing, and emerging
applications. Papers presented in the symposium were mainly on general topics of
artificial intelligence aspects, signal processing techniques, and emerging applications.

The total number of submissions were 106 among which only 33 papers were
accepted for oral presentation. The acceptance rate was near 30 %. All papers were peer
reviewed by at least two expert reviewers. A booklet containing paper abstracts and
conference schedule was distributed to all participants during the conference. The
conference was held with the help of professional organizers and all sessions were held
according to the symposium schedule.

We take this opportunity to thank all our colleagues in the scientific committee and
also all reviewers whose support was one of the main factors for success in this
symposium. In addition, we extend our appreciation to all members of the symposium
organizing committee, scientific societies, and also to those who financially supported
the symposium.

We hope more papers would be submitted to AISP 2014 and consequently more
papers would be accepted for presentation in broader fields of artificial intelligence and
signal processing.

December 2013 Mansour Jamzad
Ali Movaghar
Hossein Asadi
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Kernel Grouped Multivariate Discriminant
Analysis for Hyperspectral Image

Classification

Mostafa Borhani(&) and Hassan Ghassemian

Faculty of Electrical and Computer Engineering, Tarbiat Modares University,
Tehran, Iran

{m.borhani,ghassemi}@modares.ac.ir

Abstract. This paper proposes a grouping based technique of multivariate
analysis, and it is extended to nonlinear kernel based version for hyperspectral
image classification. Grouped multivariate analysis methods are presented in the
Euclidean space and dot products are replaced by kernels in Hilbert space for
nonlinear dimension reduction and data visualization. We show that the pro-
posed kernel analysis method greatly enhances the classification performance.
Experiments on Classification are presented based on Indian Pine real dataset
collected from the 224-dimensional AVIRIS hyperspectral sensor, and the
performance of proposed approach is investigated. Results show that the Kernel
Grouped Multivariate discriminant Analysis (KGMVA) method is generally
efficient to improve overall accuracy.

Keywords: Kernel methods � Kernel trick � Multivariate discriminate
analysis � Hyperspectral images � Hyperdimentional data analysis � Grouping
methods

1 Introduction

Hyperspectral sensors simultaneously capture hundreds of narrow and contiguous
spectral images from a wide range of the electromagnetic spectrum, for instance, the
AVIRIS hyperspectral sensor [1] has 224 spectral bands ranging from visible light to
mid-infrared areas (0.4–2.5 m). Such numerous numbers of images implicatively lead
to high dimensionality data, presenting several major challenges in image classification
[2–6]. The dimensionality of input space strongly affects performance of many clas-
sification methods (e.g., the Hughes phenomenon [7]). This requires the careful design
of primitive algorithms that are able to handle hundreds of such spectral images at the
same time minimizing the effects from the “curse of dimensionality”. Nonlinear
methods [8–10], are less sensitive to the data’s dimensionality [11] and have already
shown superior performance in many machine learning applications. Recently, kernels
have a lot of attention in remote-sensed multi/hyperspectral communities [11–16].
However, the full potential of kernels—such as developing customized kernels to
integrate a priori domain knowledge—has not been fully explored.

This paper extend traditional linear feature extraction and dimension reduction
techniques such as Principal Component Analysis (PCA), Partial Least Squares (PLS),

© Springer International Publishing Switzerland 2014
A. Movaghar et al. (Eds.): AISP 2013, CCIS 427, pp. 3–12, 2014.
DOI: 10.1007/978-3-319-10849-0_1
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Orthogonal Partial Least Squares (OPLS), Canonical Correlation Analysis (CCA),
NMF (Non-Negative Matrix Factorization) and Entropy Component Analysis (ECA) to
kernel nonlinear grouped version. Several extensions (linear and non-linear) to solve
common problems in hyper dimensional data analysis were implemented and compared
in hyperspectral image classification.

We explore and analyze the most representative MVA approaches, Grouped MVA
(GMVA) methods and kernel based discriminative feature reduction manners. We addi-
tionally studied recent methods to make kernel GMVA more suitable to real world
applications, for hyper dimensional data sets. In such approaches, sparse and semi-
supervised learning extensions have been successfully introduced for most of the models.
Actually, reduction or selection of features that facilitate classification or regression cuts to
the heart of semi-supervised classification. We have completed the panorama with chal-
lenging real applications with the classification of land-cover classes.

We continue the paper with an exploring the MVA to the Grouped MVA and then
extend the Grouped MVA to the Kernel based Grouped MVA algorithms. Section 3
introduces some simulation of extensions that increase the applicability of Kernel
Grouped MVA methods in real applications. Finally, we conclude the paper in Sect. 4
with some discussion.

2 Kernel Grouped Multivariate Analysis

In this section, we first propose the grouping approach and then we extend the linear
Canonical Correlation Analysis to kernel based grouped CCA as a sample of kernel
based Grouped MVA Methods such as Kernel Grouped Principal Component Analysis
(KGPCA), Kernel Grouped Partial Least Squares (KGPLS), Kernel Grouped Orthog-
onal Partial Least Squares (KGOPLS), and Kernel Grouped Entropy Component
Analysis (KGECA). Figure 1 shows the procedure scheme of a simple grouping
approach.

For a given a set of observations xi; yið Þf gni¼1 the grouping algorithm first compute
the mean (1) and covariance matrix (2) of entries, where T denotes the transpose of a
vector.

Fig. 1. Procedure scheme of a simple grouping approach

4 M. Borhani and H. Ghassemian
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�x ¼
PN

i¼1
xi

N
ð1Þ

X̂
x
¼ 1

N

XN

i¼1

xi � �xð Þ xi � �xð ÞT ð2Þ

Then extended data set are sorted and collected in H groups. Then again, the
procedure leads to compute the mean (3) and weighted covariance matrix (4) of
grouped data when nh is the number of elements in group h and H is the number of
groups and N is the total number of elements.

�xh ¼ 1
nh

Xnh

i¼1

xi ð3Þ

X̂
W
¼ nh

N

XH

h¼1

�xh � �xð Þ �xh � �xð ÞT ð4Þ

The last covariance is explored form the mean of groups and the total mean of
elements, like Fisher discriminates analysis. The rest of algorithms are similar the
conventional formulation and their extensions to nonlinear kernel based analysis. The
use of unbiased covariance formula in (2) and (4) is straight forward.

Canonical Correlation Analysis is usually utilized for two underlying correlated
data sets. Consider two iid sets of input data, x1 and x2. Classical CCA attempts to find
the linear combination of the variables which maximize correlation between the col-
lections. Let

y1 ¼ w1x1 ¼
X

j

w1jx1j ð5Þ

y2 ¼ w2x2 ¼
X

j

w2jx2j ð6Þ

The CCA solves problem of finding values of w1 and w2 which maximize the
correlation between y1 and y2, with constrain the solutions to ensure a finite solution.

Let x1 have mean l1; x2 have mean l2 and
P̂

11;
P̂

22;
P̂

12 are denotation of
autocovariance of x1, autocovariance of x2 and covariance of x1 and x2. Then the
standard statistical method lies in defining (7). Grouped CCA uses the (4) for com-
puting the covariance of grouped data and K is calculated as (8).

K ¼
X̂�1

2

11

X̂
12

X̂�1
2

22
ð7Þ
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K ¼
X̂�1

2

W11

X̂
W12

X̂�1
2

W22
ð8Þ

GCCA then performs a Singular Value Decomposition of K to get

K ¼ a1; a2; . . .; akð ÞD b1; b2; . . .; bkð ÞT ð9Þ

where ai and bi are the eigenvectors of Karush–Kuhn–Tucker (KKT) conditions and
Tucker-Karush (KTK) conditions respectively and D is the diagonal matrix of
eigenvalues.

The first canonical correlation vectors are given by (10) and (11) and in Grouped
CCA the canonical correlation vectors are derived from (12) and (13).

w1 ¼
X̂�1

2

11
a1 ð10Þ

w2 ¼
X̂�1

2

22
b1 ð11Þ

w1 ¼
X̂�1

2

W11
a1 ð12Þ

w2 ¼
X̂�1

2

W22
b1 ð13Þ

As an extension of Grouped CCA, the data were transformed to the feature space
by nonlinear kernel methods. Kernel methods are a recent innovation predicated on the
methods developed for Support Vector Machines [9, 10]. Support Vector Classification
(SVC) performs a nonlinear mapping of the data set into some high dimensional feature
space. The most common unsupervised kernel method to date has been Kernel Prin-
cipal Component Analysis [18, 19]. Consider mapping the input data to a high
dimensional (perhaps infinite dimensional) feature space. Now the covariance matrices
in Feature space are defined by (14) for i = 1, 2 and covariance matrices of grouped
data are by (15) where U :ð Þ is the nonlinear one-to-one and onto function.

X̂
Uij

¼ 1
N

XN

i¼1

U xið Þ � U �xð Þð Þ U xj
� �� U �xð Þ� �T ð14Þ

X̂
WUij

¼ nh
N

XH

h¼1

U �xihð Þ � U �xð Þð Þ U �xjh
� �� U �xð Þ� �T ð15Þ

However the kernel methods adopt a different approach. w1 and w2 exist in the
feature space and therefore can be expressed as

w1 ¼
X2

i¼1

XM

j¼1

aijU xij
� � ð16Þ

6 M. Borhani and H. Ghassemian
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w2 ¼
X2

i¼1

XM

j¼1

bijU xij
� � ð17Þ

where ai and bi are the eigenvectors of SVD of K ¼ P̂�1
2

U11

P̂
U12

P̂�1
2

U22
Karush–Kuhn–Tucker conditions and Tucker-Karush conditions respectively for

KCCA and ai and bi are the eigenvectors of SVD of K ¼ P̂�1
2

WU11

P̂
WU12

P̂�1
2

WU22 KKT
and KTK conditions respectively for KGCCA where K ¼ a1; a2; . . .; akð ÞD b1;ð
b2; . . .; bkÞT and D is the diagonal matrix of eigenvalues. The rest of Kernel Grouped
CCA procedure is similar to KCCA method.

This paper implements several MVA methods such as PCA, PLS, CCA, OPLS,
MNF and ECA in linear, kernel and kernel grouped manners. Tables 1, 2 and 3 are
summarizing maximization target, Constraints and number of feature of different
methods for linear, kernel and kernel grouped approaches where r Að Þ returns the rank
of the matrix A.

Figure 2 shows the projections obtained in the toy problem by linear and modified
kernel based MVA methods. Input data was normalized to zero mean and unit variance.
Figure 2 shows the features extracted by different MVA methods [20] in an artificial

Table 1. Summary of linear MVA methods

Method PCA PLS CCA OPLS

Maximize uTCxu uTCxyv uTCxyv uTCxyCT
xyu

Constrant UTU ¼ 1 UTU ¼ 1

VTV ¼ 1

UTCxU ¼ 1

VTCyV ¼ 1

UTCxU ¼ 1

# features rðXÞ rðXÞ rðCxyÞ rðCxyÞ

Table 2. Summary of kernel MVA methods

Method KPCA KPLS KCCA KOPLS

Maximize aTT2
Uxa aTTUxyYv UTCUxyV UTCUxyCT

UxyU

Constrant ATT2
UxA ¼ 1 ATTUxA ¼ 1

VTV ¼ 1

ATT2
UxA ¼ 1

VTCUyV ¼ 1

ATT2
UxA ¼ 1

# features rðKUxÞ rðKUxÞ rðKxYÞ rðKUxYÞ

Table 3. Summary of kernel grouped MVA methods

Method KGPCA KGPLS KGCCA KGOPLS

Maximize aTT2
WUxa aTTWUxyYv UTCWUxyV UTCWUxyCT

WUxyU

Constrant ATT2
WUxA ¼ 1 ATTWUxA ¼ 1

VTV ¼ 1

ATT2
WUxA ¼ 1

VTCUyV ¼ 1

ATT2
WUxA ¼ 1

# features rðKWUxÞ rðKWUxÞ rðKWUxYÞ rðKWUxYÞ

Kernel Grouped Multivariate Discriminant Analysis 7



mmeybodi@aut.ac.ir

Fig. 2. Score of various linear MVA, kernel based MVA and kernel grouped MVA methods

Fig. 3. Feature extraction methods: PCA, PLS, OPLS, CCA, MNF, KGPCA, KGPLS,
KGOPLS, KGCCA, KGMNF and KGECA, Train Sample = 16
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two-class problem using the RBF kernel. Table 1 provides a summary of the MVA
methods and Tables 2 and 3 summarized the kernel MVA and KGMVA methods. For
each method it is stated the objective to maximize (First row), constraints for the
optimization (second row), and maximum number of features (last row).

3 Experimental Results

Following the kernel grouped dimension reduction schemes proposed in Sect. 2, the
performance of the KGMVA methods is compared with a standard SVM with no
feature reduction kernel, on AVIRIS dataset. False color composition of the AVIRIS
Indian Pines scene and Ground truth-map containing 16 mutually exclusive land-cover
classes are showed in Fig. 5.

The AVIRIS hyperspectral dataset is illustrative of the problem of hyperspectral
image analysis to determine land use. However the AVIRIS sensor collects nominally
224 bands (or images) of data, four of these contain only zeros and so are discarded,
leaving 220 bands in the 92AV3C dataset. At special frequencies, the spectral images
are kenned to be adversely affected by atmospheric dihydrogen monoxide absorption.
This affects some 20 bands. Each image is of size 145*145 pixels. The dataset was
collected over a test site called Indian Pine in north-western Indiana [1]. The database is
accompanied by a reference map; signify partial ground truth, whereby pixels are
labeled as belonging to one of 16 classes of vegetation or other land types. Not all
pixels are so labeled, presumably because they correspond to uninteresting regions or
were too arduous to label. Here, we concentrate on the performance of kernel based
grouped MVA methods for classification of hyperspectral images. Experimental results
are showed in Figs. 3 and 4, for various numbers of train samples and for supervise and
unsupervised methods. We use class 2 and 3 for data samples.
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Fig. 4. Feature extraction methods: PCA, PLS, OPLS, CCA, MNF, KGPCA, KGPLS,
KGOPLS, KGCCA, KGMNF and KGECA, Train Sample = 144
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Overall accuracy as a performance measure is depicted v.s. number of prediction
for various feature extraction methods such PCA, PLS, OPLS, CCA, MNF, KGPCA,
KGPLS, KGOPLS, KGCCA, KGMNF and KGECA. Simulations were repeated for 16
train samples and 144 train samples. Figure 6 shows the average accuracy of different
classification approaches, Indiana dataset.

Classification among the major classes can be very difficult [21], which has made
the scene a challenging benchmark to validate classification precision of hyperspectral
imaging algorithms. Simulations results verified that utilizing the proposed techniques
improve the overall accuracy especially kernel grouped CCA in spite of CCA.

4 Discussions and Conclusions

Feature extraction and dimensionality reduction are dominant tasks in many fields of
science dealing with signal processing and analysis. This paper provides a kernel based
grouped MVA methods. To illustrate the wide applicability of these methods in

Fig. 5. (Up-Right) False color composition of the AVIRIS Indian Pines scene. (Up-Left)
Ground truth-map containing 16 mutually exclusive land-cover classes, (Down-Right) standard
SVM, average accuracy = 72.93 % and (Down-Left) SVM with kernel grouped MVA, average
accuracy = 79.97, for 64 train samples, 10 classes.
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classification program, we analyze their performance in a benchmark of general
available data set, and pay special attention to real applications involving hyperspectral
satellite images. In this paper, we have proposed an novel dimension reduction
methods for hyperspectral image utilizing kernels and grouping methods. Experimental
results showed that, at least for the AVIRIS dataset, the classification performance can
be improve to some extent by utilizing either kernel grouped canonical correlation
analysis or kernel grouped entropy component analysis. Further work could explore the
possibility of localizing grouped of analysis and exploring the algorithms on multiclass
datasets. The KGMVA methods were shown to find correlations greater than could be
found by linear MVA and also kernel based MVA. However the kernel grouping
approach seems to offer a new means of finding such nonlinear and non-stationary
correlations and one which is very promising for future research.
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Abstract. Digital watermarking is an efficacious technique to protect the
copyright and ownership of digital information. Traditional image watermarking
algorithms embed a logo in the image that reduces its visual quality. A new
approach in watermarking called zero watermarking doesn’t need to embed a
logo in the image. In this algorithm we find a feature from the main image and
combine it with a logo to obtain a key. This key is securely kept by a trusted
authority. In this paper we show that we can increase the robustness of digital
zero watermarking by a new counter detection method in comparison to Canny
Edge detection and morphological dilatation that is mostly used by related works.
Experimental results demonstrate that our proposed scheme is robust against
common geometric and non-geometric attacks including blurring, JPEG com-
pression, noise addition, Sharpening, scaling, rotation, and cropping. The main
advantage of the proposed method is its ability to distinguishable key for images
taken from the same scene with small angular rotation and minor displacement.

Keywords: Zero-watermarking � Copyright protection � Canny edge detec-
tion � Counters detection � Hierarchical Image Segmentation

1 Introduction

Digital watermarking is an efficient technique to protect the copyright and ownership of
digital information. In the traditional methods of image watermarking, the Information
of original image will be distorted by means of embedding the watermark in the image.
Most watermarking methods, no matter in spatial domain or frequency domain, modify
the original data while embedding the watermark.

A new watermarking approach named zero watermarking is proposed to watermark
the image by not actually apply any modification in the image. Zero-watermarking is
different from traditional digital image watermarking, which constructs a key (secret
data) from the watermark and the information extracted from the image. This key is
securely saved in a trusted authority.

In Zero-watermarking a set of features expressed as binary data are extracted from
the image XOR ed with the watermark (logo) and a key is produced. This key is kept in
a trusted Authority (TA). Zero-watermarking can successfully solve the conflict
between invisibility and robustness. In this paper we first show that we can reach higher
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robustness with the new learning based counter detection method then we compare the
results with Canny edge detection method. Also we show that with this learning based
counter detection method we can reach good results for the image taken from different
point of views.

The aim of this work is to watermark these images so that their identity could be
distinguishable although they are very similar. In this paper we first show that by using
new learning based contour detection method we can rich higher robustness compared
with traditional Canny edge detector mostly used by related works. And also we show
that with this contour detection method we can reach good results for the image taken
from different point of views from the same scene.

2 Previous Works

2.1 Canny Edge Detection Method

Canny edge detection method due its high performance and flexibility is used in many
applications. Its high performance in zero-watermarking has been shown in several
related works. In this work we show that the new Learning based detection method that
will be explained in the following has a better performance compared with Canny.

Zero watermarking with Canny edge detection has two main steps:

• Image Registration:
We apply Canny edge detector to the image to obtain an edge image.

Eo ¼ CannyEdge ðo; ½TH ; TL�; rÞ ð1Þ

o is the main image and TH and TL are the low and high thresholds. σ is the standard
derivation for Canny edge detector. It is explained in [1] to how to choose these
values for results.
After applying Canny edge detection in input image morphological dilatation with
radius disk of size 3 is used because the edges that are obtained from previous step
are very thin.

Eod ¼ Dilation ðEo; disk; 3Þ: ð2Þ

Then the logo is permuted and XOR ed with the Eod and a key is produced. Figure 1
shows the steps:

• Verification procedure: In this step the logo is retrieved without using the main
image.
We first get the key from the Trusted Authority. Canny edge detection is used to
extracting the binary feature from the attacked image. A dilation operation with
radius disk of size 3, as a structuring element is used to thicken the edge width of
the binary feature. Then this image is XOR ed with the key taken from the trusted
Authority(TA) to extract the logo. Finally, the verifier can visually verify the
accuracy of retrieved logo and validate the ownership of the test image. Figure 2
shows the steps of verification procedure.

14 S. Ehsaee and M. Jamzad



mmeybodi@aut.ac.ir

3 Learning Based Contour Detection and Hierarchical Image
Segmentation [2]

This is a unified approach to contour detection and image segmentation. Contributions
include:

• A high performance contour detector, combining local and global image
information.

• A method to transform any contour signal into a hierarchy of regions while pre-
serving contour quality.

Fig. 1. Image registration steps using canny edge detector [1]

Fig. 2. Verification Procedure using canny edge detector [1]
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Early approaches to contour detection, through local measurements, aim at quan-
tifying the presence of a boundary at a given image location. The Roberts, Sobel, and
Prewitt operators detect edges by convolving a grayscale image with local derivative
filters. Marr and Hildreth use zero crossings of the Laplacian of Gaussian operator. The
Canny detector also models edges as sharp discontinuities in the brightness channel,
adding non-maximum suppression and hysteresis thresholding steps [3].

3.1 Learning Based Contour Detection

As a starting point for contour detection, we consider the work of Martin et al. [4], who
define a function Pb(x, y, Θ) that predicts the posterior probability of a boundary with
orientation Θ at each image pixel (x; y) by measuring the difference in local image
brightness, color, and texture channels. In this section, we review these cues, and then
introduce the multi-scale version of the Pb detector. The basic building block of the Pb
contour detector is the computation of an oriented gradient signal G(x, y, Θ) from an
intensity image I. This computation proceeds by placing a circular disc at location (x, y)
split into two half-discs by a diameter at angle Θ. For each half-disc, we histogram the
intensity values of the pixels of I covered by it. The gradient magnitude G at location
(x, y) is defined by the v2 distance between the two half-disc histograms g and h:

v2 g; hð Þ ¼ 1
2

X ðg ið Þ � hðiÞÞ2
ðg ið Þ þ h ið ÞÞ ð3Þ

We then apply second-order Savitzky-Golay filtering [5] to enhance local maxima
and smooth out multiple detection peaks in the direction orthogonal to Θ. This is
equivalent to fitting a cylindrical parabola, whose axis is orientated along direction Θ,
to a local 2D window surrounding each pixel and replacing the response at the pixel
with that estimated by the fitting a cylindrical parabola.

Figure 3 shows an example. This computation is motivated by the intuition that
contours correspond to image discontinuities and a histograms provide a robust

Fig. 3. Oriented gradients and their histograms
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mechanism for modeling the content of an image region. A strong oriented gradient
response means a pixel is likely to lie on the boundary between two distinct regions.
The Pb detector combines the oriented gradient signals obtained from transforming an
input image into four separate feature channels and processing each channel inde-
pendently. The first three correspond to the channels of the CIE Lab colorspace, which
we refer to as the brightness, color a, and color b channels. For grayscale images, the
brightness channel is the image itself and no color channels are used. The fourth
channel is a texture channel, which assigns each pixel a texton id. These assignments
are computed by another filtering stage which occurs prior to the computation of the
oriented gradient of histograms. This stage converts the input image to grayscale and

Fig. 4. Multiscale Pb. Left Column, Top to Bottom: The brightness and color a and b channels
of Lab color space, Rows: Next to each channel, we display the oriented gradient of histograms
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convolves it with the set of 17 Gaussian derivatives and center-surround filters. Each
pixel is associated with a (17-dimensional) vector of responses, containing one entry
for each filter. These vectors are then clustered using K-means. The cluster centers
define a set of image-specific textons and each pixel is assigned an integer id in [1; K]
of the closest cluster center. Experiments show choosing K = 32 textons is sufficient.
We next form an image where each pixel has an integer value in [1, K], as determined
by its texton id. An example can be seen in Fig. 4 (left column, fourth panel from top).
On this image, we compute differences of histograms in oriented half-discs in the same
manner as for the brightness and color channels. Obtaining G(x, y, Θ) for arbitrary
input I is thus the core operation on which our local cues depend.

Figure 5 compares this new contour detection with other edge and contour detec-
tion methods.

4 Results of Applying Canny Edge Detection and Learning
Based Contour Detection Method

We should choose σ according to the complexity of the image to get the best result and
we calculate the σ according to [1].

We use the same test image and binary logo as [6, 7] in our experiments for better
comparison. Lena is of size 512 × 512 and the binary watermark logo is of size 64 × 64
as shown in Fig. 6.

We evaluate the quality between original image O and the attacked image Ó by
using PSNR. We use normalized cross correlation (NC) to evaluate the correctness of
an extracted watermark (Tables 1 and 2).

As we can see the new learning based contour detection method increases the
robustness especially in Quarter Cropping and rotation attack.

Fig. 5. Evaluation of segmentation algorithms on the BSDS300 Benchmark [2]

18 S. Ehsaee and M. Jamzad



mmeybodi@aut.ac.ir

5 Watermark Similar Images

Suppose that some people are taking picture from the same scene at the same time.
These pictures are very similar to each other so when we zero watermark these pictures
the produced key are very similar to each which might cause difficulties in ownership

Fig. 6. (a) Test image Lena (b) Binary watermark logo

Table 1. PSNR and NC using Canny edge detector

Rotation Quarter Crop-
ping Sharpening JPEG Adding 

noise Blurring

Attacked 
image

PSNR(db) 11 10.23 23.1 30.9 17.2 33.1

Retrieved 
logo

NC .95 .83 .94 .99 .93 .97

Table 2. PSNR and NC using learning based contour detection

Rotation Quarter Crop-
ping Sharpening JPEG Adding 

noise Blurring

Attacked 
image

PSNR(db) 11 10.23 23.1 30.9 17.2 33.1

Retrieved 
logo

NC .99 .94 .95 .99 .98 .99
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protection. The purpose is to find a feature that makes a key distinguishable so that the
ownership can be protected.

As described in above the new learning based contour detection method has good
results in images that are taken from different point of views. The purpose is to find
distinct features from these images so that they could be watermarked without having
problem in the ownership of the images. The feature that we used should be good
enough to have different results in images that are taken from different point of view in
the same scene. We want to show that the new learning based contour detection method
has a much better results in these kinds of images than Canny edge detector that is
mostly used for finding features in zero watermarking.

Since there is no databases for the images that are taken from different point of
views we created one such database. We set a camera on a Tripod. There is a moving
graded circular plate below this tripod so that we can move the plate and take picture
from different angles.

Figure 7 show some images from our database. The image angles differ from each
other by 5°. The first picture is at center of the plate (angle 0). Then we move the
plate 5° to the right and take a picture, we move it by another 5° and take another
picture, etc. We use the same procedure for the left side.

This database has 9 classes. In each class there are 5 pictures. The difference
between these classes is that we move the camera set 10 cm to the left or right and then
take 5 pictures at that new location as we explained above.

5.1 How It Works

At the first step we apply the learning based contour detection method to our databases.
Since now we have binary features for our images that are XOR ed with a logo for each
image. As a result a key produced which is compared to show how the watermarks in
these images are similar to each other. We use the first image in the first class of our 9
class as a base image to compare the keys. We use the NC to estimate the numbers of
bits that are the same in the keys. Less similar results are better. Because we can
understand that these keys are more distinguishable.

Fig. 7. Image samples from the database taken from different angle view
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In Tables 3 and 4 we show the results (NC value) obtained using Canny edge
detector and the learning based contour detection method.

As seen in above tables, the NC s in new method are decreased very high. It shows
the difference between the keys indicating the difference between zero-watermarked
images. This supports the ability of the proposed method for providing ownership
protection to very similar images.

This new learning based contour detection method returns the edges that are very
similar to that the human can see. We showed that these edges are good features for
watermarking similar images. In fact the more similarity between detected images to
those perceived by humans, the more accurate results we will get in zero-watermarking.
In Canny edge detection method we may get the best results by tuning the parameters
but in the proposed method the best results are obtained without the need for parameter
tuning.

Table 3. Results (NC value) of watermarking similar images using Canny edge detector

Table 4. Results (NC value) of watermarking similar images using learning based contour
detection method
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6 Conclusion

Recently a new digital watermarking method called zero-watermarking has been pro-
posed that does not degrade the quality of the host image. In this method binary feature
are extracted from the image. Then these binary features are combined with a water-
mark logo and a key is produced. This key is kept in a trusted authority for security and
authentication. In this paper we first show that the learning based contour detection
method has better results in watermark robustness compared to the traditional Canny
edge detection. Then we show that the learning based contour detection method has
reliable performance when zero-watermarking highly similar images (images that are
taken from different angle views).

With this new algorithm we can watermark similar images. The produced keys are
distinguishable enough for protecting the ownership of similar images. As we have
shown, the Canny edge detection method features (that is mostly used in recent papers)
are not good enough for watermarking similar images. Because the Canny method
returns edges that are very similar to each other and cannot understand the overall
changes of similar images.
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Abstract. The aim of multi-focus image fusion is to combine multiple images
with different focuses for enhancing the perception of a scene. The result of image
fusion is a new image which is more suitable for human and machine perception
or further image-processing tasks such as segmentation, feature extraction and
object recognition. Existing methods are suffering from some undesirable side
effects like blurring or blocking artifacts which reduce the quality of the output
image. Furthermore, some of these methods are rather complex. This paper, an
efficient approach for fusion of multi-focus images based on variance calculated
in wavelet domain is presented. The experimental results and comparisons show
that the efficiency improvement proposed fusion model both in output quality and
complexity reduction in comparison with several recent proposed techniques.

Keywords: Multi-focus � Image fusion � Segmentation � Feature extraction �
Object recognition � Wavelet

1 Introduction

In sensor networks, every camera can observe scene and to be recorded either still
images or video sequences. Therefore, the processing of output information is related
to image processing and machine vision subjects [1]. The need for image fusion is
increasing mainly due to the increased number and variety of image acquisition
techniques [2].

A prominent feature of visual sensors or cameras is the great amount of generated
data, thus requires more local processing resources to deliver only the useful infor-
mation represented in a conceptualized level [1]. Image fusion defined is the process of
combining information from several sensors or cameras using mathematical techniques
in order to create smaller set of images, usually a single one, that will be more
comprehensive and thus, more useful for a human operator or other computer vision
tasks [2].

The cameras that are used in visual sensor networks or computer vision systems
have a limited depth of field, only the objects at a particular depth or certain distance in
the scene are in focus whiles objects at other distances will be blurred thus for
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extending the depth of focus used multiple cameras. Therefore, the multi-focus image
fusion technique is desirable to fuse a set of images.

Recently, multi-resolution analysis has become a widely adopted technique to
perform image fusion [3–7]. The algorithms based on multi-scale decompositions are
more popular. The key step is to perform a multi-scale transform on each source image,
and then performed coefficient combination, the process of merge the coefficient in an
appropriate way in order to obtain the best quality in the fused image. These methods
for obtain the best quality, combine the source images by monitoring a quantity that is
called the activity level measure. The activity level determines the quality of each
source image [8]. The combination can be performed by choosing the coefficients with
larger activity level. Examples of this approach include Laplacian, gradient, morpho-
logical pyramids, and the superior ones, discrete wavelet transform (DWT) [9] and shift
invariant discrete wavelet transform (SIDWT) [10].

In [11], proposed image fusion technique in wavelet domain, that fusion performed
by apply a wavelet decomposition on source image, then for detailed and approxi-
mation subbands, by proposed method in [11] combined the coefficient. Finally apply
an inverse wavelet transform to obtain a fused image. The other approach that proposed
in [12], to retain the visual quality and performance of the fused image with reduced
computations, a discrete cosine harmonic wavelet (DCHWT)-based image fusion is
proposed.

Variance value is usually assumed as a contrast measure in image processing
applications. In [8], image fusion technique in DCT domain is proposed. The variance
of 8 × 8 DCT coefficients in a block is considered as a contrast criterion to be used for
activity level measure. It was shown that the calculation of the variance value in DCT
domain is very easy. Then, with using a consistency verification (CV) stage increases
the quality of the output image.

Tang [13] by considering the issue of complexity reduction proposed two image
fusion techniques DCT + average and other, based on a contrast measure defined in the
DCT domain is presented (DCT + contrast). Tang has implemented his proposed
methods on 8 × 8 DCT blocks defined.

DCT + Average obtains the fused image by taking the average of the DCT coef-
ficients of the input images. This method leads to some undesirable side effects
including blurring.

In other methods, DCT + contrast, activity level is based on a contrast measure. The
DCT block of the output image made up with highest contrast for AC coefficient and
DC coefficient by averaging of DC coefficient produce.

This algorithm is also complex in calculating the contrast measure for each coef-
ficient and suffers from some side effects including blocking artifacts.

In order to reduce the complication and enhance the quality of the output image, an
image fusion technique in wavelet domain is proposed in this paper. The variance of
8 × 8 wavelet coefficients in a block is considered as a contrast criterion to be used for
activity level measure. Then, with use a consistency verification (CV) stage increases
the quality of the output image. Simulation results and comparisons show the con-
siderable improvement in the quality of the output image and reduction in computation
complexity.
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This paper is organized as follows: in Sect. 2, presents our proposed method of
image fusion. In Sect. 3 the simulation results are demonstrated and analyzed; and
finally the main conclusion is drawn in Sect. 4.

2 Proposed Method

After dividing the source images into blocks of 8 × 8 pixels and calculating the wavelet
coefficients for each block, the multi-resolution decomposition gives four bands at each
level, where contain detailed information in horizontal, vertical, diagonal direction and
the approximation that illustrate with H, V, D and A respectively. For 2 levels of
decomposition, H1, H2 represent horizontal subbands, V1, V2 represent vertical sub-
bands, D1, D2 represent diagonal subbands, and A2 represent approximate subband, the
fusion algorithm is performed using calculates variance of these subbands coefficients
in four dimensions and two scales. Here, considered the variance values of the blocks
from source images as activity level measures that computed using Eq. (1).

ACI Pð Þ ¼ 1
NM

X
XI Pð Þ � �XI Pð Þð Þ2

� �
ð1Þ

For simplicity the processing of just two source images, If more than two source
images are observed, they are combined one by one by iteratively applying the method,
so we consider two source images F and G, and the fused image Z. Generally, an image
I has its MSD representation denoted as XI and the activity level as ACI. Thus, we have
XF, XG, XZ as MSD representation of source and fused images ACF and ACG as activity
level of source images.

Let P = (k;l) indicate the index corresponding to MSD coefficients, where k indi-
cates the decomposition level, and l the frequency band of the MSD representation.

The subband of blocks that having high value of ACI is considered clearer, con-
sequently fused wavelet coefficients obtain by choosing maximum ACI for each fre-
quency bands (horizontal, vertical, diagonal and approximation) of source coefficients.

Therefore, a good integration rule, just pick the coefficient with the larger activity
level and discard the other. If Z is the fused image, this can be described as XZ

(p) = Xi(p), where i = F or G depending on which source image establish Eq. (2).

ACi Pð Þ ¼ max ACF Pð Þ;ACG Pð Þð Þ ð2Þ

Simultaneously a binary decision map is created to record the selection results based on
a maximum selection rule in Eq. (2).This binary map is subject to a consistency
verification that follow in Sect. 2.1.

2.1 Consistency Verification (CV)

Assume a region in a scene including several blocks that is completely in the depth of
focus of image F so all the blocks in this region must be chosen from image F but due
to noise or undesired effects during the selection process that can lead to erroneous
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selection of some blocks from image G. This defect can be solved with a consistency
verification procedure [8]. The algorithm plan is demonstrated in Fig. 1.

Li [9] applied consistency verification using a majority filter. If the center block
comes from source image G while the majority of the surrounding blocks come from
source image F, the center sample is then changed to from image F. The fused image is
finally obtained based on this modified decision map. The steps of the proposed method
are elucidated as follows.

Fig. 1. Proposed image fusion method
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3 Experimental Results and Analysis

In this section, experiments are conducted to compare the performance of the proposed
approach with other prominent techniques. Two of them are DCT based image fusion
techniques, namely, DCT + Variance + CV in [8], DCT + Average in [13], and the
other four techniques are multi-focus and multi-spectral image fusion based on pixel
significance using discrete cosine harmonic wavelet transform (DCHWT) [12], adap-
tive multi-focus image fusion using a wavelet-based statistical sharpness measure [11]
that represent with SP, standard wavelet based fusion (DWT) [9] and the shift invariant
wavelet based technique (SIDWT) [10] that have been briefly described in Sect. 1.

For simulation of DWT and SIDWT, the “Image Fusion Toolbox”, kindly provided
by Rockinger [14] and for proposed method in [11], the code in [15], was used.

The proposed approach exploits a two-level wavelet decomposition using a
Daubechies’s wavelet. The experiment is to conduct image fusion using two sets of
images with different focus levels: Pepsi, Clock.

On the other hand, three image quality evaluation criterions are used to provide
objective performance comparison in our work. These three metrics are: (i) mutual
information metric (MI) [16], (ii) Petrovic metric (Qabf) [17], which measures the
relative amount of edge information that is transferred from the source images (A and B)

Table 1. Objective evaluation of the image fusion algorithms for ‘‘Pepsi’’ database in Fig. 2.

Method Metric
Qabf MI FMI

DCT + average 0.6294 6.86 0.9123

DWT 0.7290 6.36 0.9204

SIDWT 0.7446 6.61 0.9200

SP 0.7283 7.31 0.9238

DCHWT 0.7527 6.85 0.9182

DCT + Variance + cv 0.7851 8.67 0.9246

Proposed method 0.7863 8.84 0.9247

Table 2. Objective evaluation of the image fusion algorithms for ‘‘Clock’’ database in Fig. 3.

Method Metric
Qabf MI FMI

DCT + average 0.5855 6.99 0.9108

DWT 0.6366 6.21 0.9168

SIDWT 0.6933 6.67 0.9184

SP 0.6910 8.18 0.9222

DCHWT 0.6543 6.80 0.9191

DCT + Variance + cv 0.7142 8.82 0.9258

Proposed method 0.7159 8.83 0.9262
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into the fused image (F), and (iii) the new metric feature mutual information (FMI) [18],
which calculates the amount of information conducted from the source images to the
fused image. The objective performance comparisons are presented in Tables 1 and 2.

The subjective test of the resultant images approves the objective measures. By
carefully observing the fusion results in Fig. 2, it is concluded that the method
DCT + Average results in the side effect of reduction in contrast or blurring the fused
image (Fig. 2c). In addition there are some artifacts for the wavelet based methods

(a) (b) (c)

(d) (e) (f)

(g) (h) (i)

(j) (k) (l) (m) (n) (o) (p)

Fig. 2. Source images ‘‘pepsi’’ and the fusion results. (a) The first source image with focus on
the right. (b) The second source image with focus on the left. (c) DCT + Average result. (d) DWT
result. (e) SIDWT result. (f) SP result. (g) DCHWT result. (h) DCT + Variance + CV result. (i)
Proposed method. (j), (k), (l), (m), (n),(o),(p) are the local magnified version of (c), (d), (e), (f),
(g),(h) and (i) respectively
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DWT, SIDWT, SP, DCHWT and DCT + Variance + CV, given in Fig. 2d–h,
respectively.

As it can be seen in the magnified images corresponding to DWT, SIDWT, SP,
DCHWT and DCT + Variance + CV, respectively, in Fig. 2k–o, the wavelet based
algorithms suffer from a kind of ringing artifact. This ringing artifact is a common
problem in wavelet based algorithms and some wavelet based methods (e.g. SIDWT)
has somewhat blurring problem.

Figure 2i is the results of our proposed method. One can see that the fused images
obtained using the proposed method yield better image quality than that of conven-
tional approaches. In order to have some real application experiments, other experi-
ments were conducted on four other well-known images “Pepsi” and “Clock” from
Rockinger’s database [14].

Eventually, the corresponding objective results, are given in Table 2. These
quantitative evaluations prove the superiority of our proposed method.

(a) (b) (c)

(d) (e) (f)

(g) (h) (i)

Fig. 3. ‘‘Clock’’ database source images and the fusion results: same order as in Fig. 2.
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4 Conclusion

In this paper, a new wavelet based image fusion technique for multi-focus images was
proposed. The method is based on the variance in wavelet domain. Utilization of
variance in the proposed algorithm, leads to better quality of the fused image.
Numerous experiments on evaluating the fusion performance were conducted and the
results show that the proposed method outperforms the previous wavelet and DCT
based methods both in quality and complexity reduction.

Acknowledgements. We would like to thank M.B.A. Haghighat for guidance helpful and tanks
from E. Aghaei Kiasaraei for helping us to preparing template of this paper.
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Abstract. Facial expressions are the mirror of human’s internal emotions. They
are one of the major ways to communicate with others. Thus, they play a critical
role in line with human machine communications. This paper proposes a new
facial emotion recognition method based on gravitational search algorithm
(GSA), from eyes and mouth features for colored images. Detection is imple-
mented by part-based appearance manners and these attributes are used in the
recognition phase. In this phase, facial attributes and their mapping to emotion
space are encoded using GSA-based optimization. Applying the method on
FACES facial expression database indicates 72.23 % accuracy.

Keywords: GSA � Face detection � Eye detection �Mouth detection � Emotion
recognition

1 Introduction

Facial emotion recognition has become an important research field in machine vision
and artificial intelligence. A facial emotion detection algorithm can be started with a
face detection method [1]. These methods are classified into appearance-based and
model-based [2].

A model-based approach tries to represent the face as a collection of three
dimensional, geometrical primitives whereas appearance-based models only use
appearance of face, which is usually captured by different two-dimensional views of the
object of the interest [3]. The appearance-based methods were given better reception in
comparison with model-based methods, due to their simplicity and ease of use.

The appearance-based methods are divided into two categories: part-based and
holistic [4]: in part-based, unlike a holistic method, the feature vector is formed for the
facial attributes, considering the fact that face emotions are mostly depicted on eyes and
mouth. So, eye and mouth detection and tracking algorithms are necessary to be
developed, in order to provide the features for subsequent emotion recognition [5].

© Springer International Publishing Switzerland 2014
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Ebner et al. [6] gathered a database, entitled as FACES, of 72 facial expressions in
young, middle-aged, and older women and men (including happiness, anger, disgust,
fear, neutrality and sadness emotions). This free database comprises digital high-quality
JPG color, front-view photographs of Caucasian faces of three different age groups,
each displaying each of six expressions. All faces are standardized in terms of their
production and general selection procedure and with respect to brightness, background
color, and visible clothes, and show no eye-catching items such as beards or glasses.
Figure 1 shows different emotions of a single person.

In this paper, a new method is developed for human emotion detection in which
gravitational search algorithm (GSA) optimization method with minimum Euclidean
distance fitness function is employed for this purpose. The performance of proposed
method is tested on the FACES database and is compared with the fuzzy facial
expression recognition system proposed in [7, 8].

2 Gravitational Search Algorithm

GSA is a modern heuristic optimization algorithm proposed by Rashedi et al. [9].
In this algorithm, optimization is done by the laws of gravity and motion. According to
these rules, each mass understands the location and position of the others through
gravitational forces. Therefore, we can use this force as a tool for exchange of infor-
mation. The GSA steps are represented in Fig. 2.

An optimal detector equipped with this algorithm can be used to solve optimization
problem where the solution can be defined as a position in the problem space. The
system space is a multidimensional coordinate system defining the problem space and
search agents represent a set of objects each of which is one of the problem solutions.

The system is supposed to be a collection of m masses. The position of each agent
(mass) which is a candidate solution for the problem is defined as follows:

Xi ¼ x1i ; . . .; x
2
i ; . . .x

D
i

� � ð1Þ

where D is the dimension of the problem and xi
d is the position of the i-th agent in the

d-th dimension. The gravitational force from agent j on agent i at time t is defined as
follows:

Fig. 1. Different emotions of a sample image in FACES database
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Fdij tð Þ ¼
G tð Þ �Mgj tð Þ
Rij tð Þ þ e

ðxdj tð Þ � xdi tð ÞÞ ð2Þ

where Mgj is the active gravitational mass related to agent j, e is a small constant, G(t)
is the gravitational constant at time t, and Rij(t) is the Euclidian distance between two
agents i and j that is calculated as follows:

Rij tð Þ ¼k Xi tð Þ;XjðtÞ k2 ð3Þ

In a problem space with the dimension d, the total force that acts on agent i is
calculated by the following equation:

Fdi tð Þ ¼
Xm

j¼1;j 6¼i
rjFdijðtÞ ð4Þ

where rj is a random number in the interval [0, 1]. According to the law of motion, the
acceleration of an agent is proportional to the resultant force and inverse of its mass, so
the acceleration of each agent is calculated as follows:

adi tð Þ ¼ Fdi ðtÞ
MiiðtÞ ð5Þ

where d is the dimension of the problem, t is a specific time, and Mii is the inertial mass
of object i. The velocity and position of agents are calculated as follows:

Vd
i tþ 1ð Þ ¼ ri � Vd

i tð Þ þ adi ðtÞ ð6Þ

xdi tþ 1ð Þ ¼ xdi tð Þ þ Vd
i ðtþ 1Þ ð7Þ

As can be inferred from (6) and (7), the current velocity is defined as a fraction of
its previous velocity added to its acceleration. Furthermore, the current position of an
agent is equal to its previous position added to its current velocity.

Agents’ masses are defined using fitness evaluation; the masses of all agents are
updated using the following equation:

Mgi ¼
fiti tð Þ � worstðtÞ
best tð Þ � worstðtÞ ð8Þ

where fiti(t) is the fitness value of the agent i at time t; best(t) is the strongest agent at
time t, and worst(t) is the weakest agent at time t. In this way, best(t) and worst(t) for a
minimization problem are calculated as follows:

best(t) ¼ min
j2 1;...;mf gfitj(t) ð9Þ

worst(t) ¼ max
j2 1;...;mf gfitj(t) ð10Þ
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3 Proposed Approach

A typical emotion recognition system includes four main stages [7]: face detection,
feature extraction (for example, eye opening, mouth opening, eye opening/width ratio,
and width of mouth), optimization, and classification. The proposed method is based on
GSA capabilities for optimizing and different specifications of face in colored images
[8, 10, 11].

3.1 Face Detection

Face border is recognized with red-difference Chroma components (Cr) in YCbCr color
space by MATLAB image processing functions [12]. In addition, 1-D mean filter, sobel
edge detection, morphological operations (Dilation and Erosion) with linear structure
element and small objects removals are used [8].

3.2 Feature Extraction

Eye opening size. Eyes detection is started considering only blue-difference Chroma
components (Cb) while researchers usually use a function of Cr and Cb [7–11, 13–15].

Fig. 2. Steps of the gravitational search algorithm [9]
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Applying MATLAB Software functions including edge detection, morphological
operations (Dilate and Close) and binary connected component functions [12], the
areas and bounding boxes for candidate eyes regions are obtained. The candidate
regions are reduced based on eyes position in the human face, then these remaining
regions are chosen as eyes and cropped from S component of HSV color space for “eye
opening” calculation step. In this step, the inside of eye is filled by MATLAB edge
detection, dilation with disk structure element and erosion with diamond structure
element functions [12] (Fig. 3). Finally, to determine the eye opening, the pixels equal
to one are counted along the center-line of eye [8].

Mouth opening size. A new parameter a × V (a in L*a*b and V in HSV color spaces)
is defined on the purpose of mouth detection in this step. Mouth candidate regions are
found by using morphologically open binary image, close and dilate operation with
disk structure element and binary connected component MATLAB functions [12]. It is
noted that the true position is gained from mouth location in the face. Also, mouth
opening is considered by the cropped mouth from Cr parameter and counted zero pixels
along center-line of mouth (Fig. 3) [8].

Eye opening/width ratio. For this section, the eye opening is divided by the eye width
(from the width of eye region bounding box) [8].

Width of mouth. The width of mouth is obtained from width of mouth region
bounding box [8].

3.3 Optimization by GSA

In this section the average output of each emotion is used as a reference to find the best
solution with Euclidean distance fitness function. By applying the proposed feature
extraction method using two different threshold values in edge detection unit, output of

Fig. 3. An example of eye and mouth detection and extracted information for features
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all facial images in the same emotions are given as initial agents to the GSA algorithm
(24 agents for each emotion and 26 random solutions).

This optimal solution has the minimum distance with the mean of each emotion.
Table 1 shows the parameters setting for the GSA optimization and the outputs for six
emotions are shown in Table 2.

3.4 Classification

Output of last part is the best solution in every emotion and is used for emotion
classification with minimum of Euclidean distance. Euclidean distance is used for
classification and obtaining the level of similarity [16].

The Euclidean distance between two vectors can be obtained using Eq. (11).

d x; yð Þ ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiXn

i
ððxi � yiÞ2Þ2

q
ð11Þ

where n is the dimension of solution and xi, yi respectively are matrices of optimized
and input facial image attributes. By selecting minimum of this data, their mapping to
the emotion space is performed.

The functional block diagram of the proposed method is shown in Fig. 4.

4 Experimental Results

The results of present work on the FACES database are compared with the following
systems tested on the same database: (a) human detection method where the recog-
nition is performed by humans in the field of cognitive science [17], (b) Halawani’s
[18] work which used AdaBoost and SVM classifiers, and (c) fuzzy-based system [8].

Table 1. GSA parameters setting

GSA parameter Value

Number of agents 50

Dimension of agents 4

Range of particles [0–150]

Maximum iteration 20

Table 2. Mean and GSA best agents for each emotion

Emotion Mean of outputs GSA best

Sad [1.125 11.58 2.72 84.95] [0 14 2.07 85]

Happy [9.79 10.45 3.07 86.2] [8 11 2.9 84]

Anger [0.7 9.16 4.16 71.70] [0 7 3.71 71]

Disgust [1.16 6.58 4.84 64.7] [0 6 4.66 65]

Fear [4.5 18.91 1.72 70.7] [7 19 1.63 71]

Neutral [0.3 14.5 2.36 75.83] [0 14 2.24 75]
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As shown in Table 3 the best rates of the proposed system are achieved for Happy and
Disgust emotions and the worst results occur for the Anger and Fear emotions. The
proposed system acts almost similarly in recognition of Neutral and Sad emotions. By
comparing the overall recognition rates of the investigated methods, it is concluded that
the best recognition rate belongs to the human detection (about 86.25 %), while this
rate is 77.76 % when using fuzzy-based method and is 72.23 % when using GSA.

Fig. 4. Block diagram of proposed approach

Table 3. Recognition rate of four methods tested on the FACES database

Emotion in FACES
dataset

Recognition rate
Human
detection

SVM and
AdaBoost

Fuzzy
method

Proposed
method

Happy 99.6 % 87.5 % 100 % 100 %

Neutral 94.8 % – 50 % 66.7 %

Angry 77.9 % – 91.6 % 50 %

Fear 90.4 % 91 % 100 % 50 %

Sad 78.55 % – 75 % 66.7 %

Disgust 76.3 % 80 % 50 % 100 %

38 F.S. Farahani et al.



mmeybodi@aut.ac.ir

Therefore GSA shows the lowest overall recognition rate; however, its performance is
outstanding for some emotions such as disgust emotion.

Because the classification phase is performed based on the distance between GSA
bests and the features of each input image, and since these optimal values are obtained
based on the mean of each emotion, so it seems replacing the mean by other operators
(such as the geometric mean) may be investigated to achieve better performance.

5 Conclusion

In this study, a new GSA-based facial emotion recognition approach is proposed by
making use of the properties of eye and mouth. This methodology discerns six emotion
(happiness, sadness, neutrality, disgust, fear and anger) using GSA optimization in
FACES database [6] and results in emotion accuracy rate about 72 %. According to the
comparisons made, the ability of the proposed method in detecting Happy and Disgust
emotions is better than other methods but for Fear and Anger emotions is worse. It is
noted that the performance of proposed system is outstanding for some emotions such
as disgust emotion.
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Abstract. This paper proposes some novel approaches based on spatial
homogeneous regions to improve hyperspectral remotely sensed landscape’s
classification. Our proposed approaches are investigation of three segmentation
techniques (watershed segmentation, hierarchical segmentation, partial cluster-
ing) in hyperspectral image and combination of spectral and spatial information
in classification with majority vote rule. Proposed methods are compared with
pixel-wise SVM and the ECHO, EMP and ML classification for University of
Pavia and Indiana datasets. Empirical results showed all our proposed approaches
yield higher accuracies when compared to others and the hierarchical segmen-
tation technique resulted best most accurate. The drawback of spectral-spatial
classification approaches consists in the fact that they smooth a classification map
so our claim is just about remotely sensed landscape’s classification.

Keywords: Support vector machine � Hierarchical segmentation � Partial
clustering � Watershed segmentation � Hyperspectral landscape images �
Hyperdimentional data analysis � Spatial information � Spatial homogeneous
regions

1 Introduction

In hyperspectral imaging, every pixel contains a detailed spectrum of reflected light.
This rich information per pixel increases the capability to distinguish materials and
objects. Hyperspectral imaging leads to the potential of a more accurate classification
and analysis. However, as the spectral dimension increases, image analysis becomes
more complex, and methods developed for multispectral images actually fail when
confronted to hyperspectral data. Therefore, to take full advantage of the rich infor-
mation in spectral dimension, new algorithmic developments are required.

Hyperspectral remote sensed image classification is an important task in many
application domains. First attempts to classify HS data were designed to assign each
pixel to one of the classes based on its spectrum. There are methods of spectral, or
pixelwise, classification that give very high classification accuracies (for example, a
Support Vector Machines (SVM) classifier [1]).

Another modification to improve classification results consists in integration of spatial
and spectral information. When the world is observed and analysed the world, the struc-
tures in spatial dimensions, and sizes, shapes of these structures are recognized as objects.
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Therefore, the including of information about spatial structures into classifier should
improve the classification. The question is how to define these structures automatically?
This information is not directly accessible from camera recordings as the spectral infor-
mation. The second question is how to combine spectral and spatial information?

Perhaps the most intuitive way to consider the spatial information is to assume that
for a given pixel; its closest samples belong with a high probability to the same class,
and thus classify a central pixel taking into account its closest samples. In the previous
works, Markov Random fields [2–4] and contextual features (mean and standard
deviation) [5] have been used to incorporate the information from the closest samples
in classification. The main advantage of this approach is its simplicity. However, the
closest fixed vicinity area does not always accurately reflect information about spatial
structures, especially at the border of regions.

Pesaresi and Benediktsson have proposed to use morphological filters as an alter-
native way of performing joint classification. The idea behind a morphological profile
consists in progressively simplifying the image [6, 7]. This means, that we include the
geometrical information in classification procedure. The self-complementary area fil-
tering removes small structures from the image based on an area criterion, and yields a
map of flat connected zones [8]. The advantage of these approaches is that the proper
proximity area is no more fixed, but they adapted to the structures.

However, these vicinity areas are scale dependent: here, they depend on the area
criterion. The next question is what could be another way to define the structure
element for each pixel?

The proposed answer of recent papers is “to exhaustive partitioning of the image
into homogeneous regions”. In an ideal case, each homogeneous region would cor-
respond to one spatial object. Hence, each region in the segmentation map defines a
proper proximity area for all the pixels within this region.

The first such approach, called Extraction and Classification of Homogeneous objects
[9], was proposed by Kettig and Landgrebe for classification of multispectral remote
sensing data, and has become a standard spectral-spatial classification technique. However,
the ECHO method is based on statistical computations and involves estimation of covari-
ance matrices. Therefore, this approach may be not well adapted for hyperspectral data.
Segmentation of a hyperspectral image is a challenging task. The research groups of Linden
and Huang used results from a multiscale segmentation to define a spectral-spatial feature
for every pixel [10, 11]. These are efficient, but computationally demanding approaches.

The main objective of this paper was to further develop methods for classification
of hyperspectral data using both spectral and spatial information. We have proposed
and developed some general strategies for hyperspectral data classification. These are
the contributions of this paper.

Our proposed strategies use adequate spatial vicinity area derived from segmen-
tation results. Different segmentation techniques (watershed, Partial clustering, and
hierarchical segmentation methods) are investigated and extended to the case of
hyperspectral images. Then, approaches for combining the extracted spatial regions
with spectral information in a classifier are proposed and developed.

Our proposed approaches are compared with spectral-spatial classification using
closest fixed neighborhoods which is based on the integration of the SVM classification
technique within an MRF framework [12].
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Further in the rest of this paper, the details the proposed approaches for spectral-spatial
classification using suitable vicinity area were derived first from unsupervised segmenta-
tion in Sect. 2. Section 3 will discuss classification using suitable vicinity area derived from
unsupervised segmentation results, then, experimental results are presented in Sect. 4.
Finally, conclusions and perspectives will be outlined.

2 Adequate Spatial Segmentation

Thus, our first objective is to automatically segment a hyperspectral image into
homogeneous regions and to combine the obtained segmentation map with the avail-
able spectral information, aiming to improve the classification results obtained previ-
ously. Segmentation of the HS image is a challenging task, due to the high
dimensionality of data. We investigated three segmentation methods.

• The first investigated technique is a watershed transformation. It is a region growing
method based on the following assumptions: If we compute a gradient of the image,
each minimum of the gradient corresponds to the core of a homogeneous region,
and high values correspond to the edges between spatial structures.

• Region growing is performed from each local minimum, so that 1 region in the
segmentation map consists of a set of pixels connected to 1 local minimum of the
gradient.

• By watershed lines we mean edges between adjacent regions.

2.1 Watershed Segmentation

We investigated the use of a watershed technique to the case of HS images in this
paper. A brief of the procedure leading to the best segmentation can be summarized as
follow: a one-band Robust Color Morphological Gradient (RCMG) of the original
image is computed. By applying watershed transformation using the algorithm of
Vincent and Soille [13], the image is partitioned into a set of regions (about 11000,
Fig. 1 part (d)), and one subset of watershed pixels, i.e., pixels situated on the borders
between regions. Finally, every watershed pixel is assigned to the spectrally most
similar vicinity region.

2.2 Partial Clustering

Another type of investigated segmentation technique is partial clustering. Clustering
aims at grouping pixels into C clusters, so that pixels belonging to the same cluster
are spectrally similar. This paper assumes that pixels belonging to the same cluster are
drawn from a multivariate Gaussian probability distribution. The parameters of the
distributions are estimated by the EM algorithm [14].

In the Fig. 1 part (g) one can see a result of grouping the pixels of our HS image
into 10 clusters. Spatial structures well defined by the clustering technique. However,
as no spatial information is used during the clustering procedure, pixels with the same
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Fig. 1. Experimental results for ROSIS image, Nine classes: asphalt, meadows, gravel, trees,
metal sheets, bare soil, bitumen, bricks, shadows, (a) Spatial resolution: 1.3 m/pix Spectral
resolution: 103 bands, (b) Ground-truth Map, (c) Gradient, (d) Robust Color Morphological
Gradient, (e) Watershed 11802 regions, (f) Edges to adjacent regions, (g) Partial clustering
(EM),10 clusters leads to 21450 regions, (h) Hierarchical segmentation, 7575 regions, (i) SVM,
OA = 81.01 %, AA = 88.25 %, (j) SVM + Watershed, OA = 85.42 %, AA = 91.31 %, (k)
SVM + partial clustering, OA = 94.00 %, AA = 93.13 %, (l) SVM + hierarchical segmentation,
OA = 93.85 %, AA = 97.07 %
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cluster label can form a connected spatial region within the spatial coordinates, or can
belong to disjoint regions. Therefore, in order to obtain a segmentation map, a con-
nected component labelling algorithm is applied to the image partitioning obtained by
clustering; what means that we distinguish and label differently every adjacent group of
pixels belonging to the same cluster.

2.3 Hierarchical Segmentation

The third technique investigated for segmentation is a Hierarchical Image Segmenta-
tion. This technique, developed by James Tilton [15], is a combination of region
growing and spectral clustering.

In the initialization step, each pixel is considered as one region. At each iteration,
the algorithm will merge the most spectrally similar adjacent and probably non-adja-
cent regions. We proposed to use a Spectral Angle Mapper (1) between the region
mean vectors as the dissimilarity criterion between regions.

SAM xi; xj
� � ¼ arcCos
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b¼1 xibxjb
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2
jb
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Where Xi ¼ ðXi1; . . .;XiBÞT and Xj ¼ ðXj1; . . .;XjBÞT . For each iteration, our proposed
approach finds the smallest dissimilarity criterion between spatially adjacent regions.
Then we merge adjacent regions with the dissimilarity criterion equal to the found
minimal value. Now, we merge non-adjacent regions if a dissimilarity value between
them satisfies this expression. The procedure is repeated until convergence, and in the
output we have a hierarchical sequence of image partitions (Fig. 1 part (h)).

We investigated more than 70 distance/similarity measures for SVM and their non-
linear extensions in kernel methods titled “Extended Positive Definite Kernel Methods
and Support Matrix Machines”, that will we appear in IEEE Transaction of Pattern
Analysis. Some of them are mentioned in Table 1.

Table 1. Some of distance/similarity measures criteria

Measure Formula Measure Formula

Euclidean distance L2
dEuc ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
PL

k¼1
xi;k � xj;k
�� ��2

s Canberra
distance dCan ¼

PL

k¼1

xi;k�xj;kj j
xi;kþxj;k

City block, Manhattan
metric, rectilinear
distance, taxicab
norm L1

dCB ¼ PL

k¼1
xi;k � xj;k
�� ��

Lorentzian
dLor ¼

PL

k¼1
ln 1þ xi;k � xj;k

�� ��� �

Minkowski distance Lr
dMk ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
PL

k¼1
xi;k � xj;k
�� ��pp

s Sorensen
dSor ¼

PL

k¼1

xi;k�xj;kj j
PL

k¼1

xi;kþxj;kð Þ
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3 Spatial-Spectral Classification

Now, we must combine spectral and spatial information in classification. The proposed
classification scheme based on the majority vote rule is composed of the following
steps:

• Segment an image what is already done.
• Perform pixel-wise classification. We propose to use Support Vector Machines

classifier for this purpose.

And then, for every region in the segmentation map, assign all the pixels to the
most frequent class within this region.

Fig. 2. Overall accuracy, average accuracy and Kappa factor for SVM, SVM + watershed
segmentation, SVM + partial clustering, SVM + hierarchical segmentation, EMP and ECHO

Fig. 3. Average accuracy of each class of university of Pavia for SVM, SVM + watershed
segmentation, SVM + partial clustering, SVM + hierarchical segmentation, EMP and ECHO
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Fig. 4. Indian Pines image. (a) Three-band color composite (837, 636, and 537 nm). (b) Reference
data: Corn-no till, Corn-min till, Corn, Soybeans-no till, Soybeans-min till, Soybeans-clean till,
Alfalfa, Grass/pasture, Grass/trees, Grass/pasture-mowed, Hay-windrowed, Oats, Wheat, Woods,
Bldg-grass- tree-drives, and Stone-steel towers, (c) ML, (d) SVM, (e) ECHO, (f) SVM +watershed
segmentation, (g) SVM + partial clustering, (h) SVM + hierarchical segmentation.
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4 Experimental Results

The hyperspectral image of university of Pavia and ground-truth data are used for our
experiments is a 103-band image, with the spatial resolution of 1.3 m/pix, recorded
from the ROSIS camera in Italy, over the urban area of Pavia. The considered task is to
assign every pixel to 1 of the 9 classes of interest, knowing to which class some of the
image pixels belong. Results for image of Pavia are shown in Figs. 1, 2, and 3. And
another image used for our experiments is a 200-band image acquired by the AVIRIS
[16] sensor over the rural area in Indiana. The spatial resolution here is 20 m/pixel. It
has 16 classes of interest. Results for Indiana dataset are shown in Figs. 4, 5, and 6.

An SVM classification on the original hyperspectral image were performed in Figs. 1
and 4, then the classification map of SVM with different segmentation maps obtained by
proposed techniques were appeared. Figures 2 and 4 were the obtained classification
maps, with the global accuracies (Overall accuracy, Average accuracy and Kappa factor)
and Figs. 3 and 5 presented the average accuracy of approaches for different classes.

We can see that our approach gives higher accuracies than the previously proposed
approaches. Spectral-spatial classification significantly improves accuracies for almost
all the classes, except for the class shadows, where accuracies are non- considerably
reduced. As can be seen, all segmentation maps lead to higher classification accuracies
and classification maps with more homogeneous regions compared to pixel-wise clas-
sification. The best global accuracies are achieved when performing hierarchical image
segmentation, i.e. performing segmentation both in the spatial and spectral domain.

In Figs. 1 and 4, we can take a look at classification accuracies. In order to compare
the obtained results with previous works, we have included in the table accuracies of

Fig. 5. Overall accuracy, average accuracy and Kappa factor for SVM, SVM + watershed
segmentation, SVM + partial clustering, SVM + hierarchical segmentation, ML and ECHO
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the ECHO classification – the standard method of spectral-spatial classification in
remote sensing, and of mathematical morphology-based classification using SVM and
extended morphological profiles; it is one of the recently proposed and most successful
methods [17].

5 Conclusions

Spectral-spatial classification improves accuracies when compared to pixelwise clas-
sification. We have proposed some new approaches of spectral-spatial classification in
continue our spatial approaches [18]. It is proposed to perform segmentation in order to
use every spatial region as a proper proximity area for all the pixels within this region.
Several segmentation techniques are investigated for this purpose. Furthermore, the
results of a pixel-wise classification and a segmentation map are combined, using the
majority vote rule.

The best classification results are achieved when performing hierarchical image
segmentation what means performing segmentation both in the spatial and spectral
domain. Furthermore, the classification accuracies shown in this study are higher than
all previous results that we have found in the literature for this data set.
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Abstract. Segmentation in Synthetic Aperture Radar (SAR) images has
become very important in recent years because of its wide range of applications.
There are lots of methods introduced for this purpose in literature. In this paper
we used contourlet as a new method for feature extraction. Here the levelset
method is used with a statistical based kernel. The parameters of this kernel have
been calculated using high order cumulants. For this purpose the estimation of
energy distribution in Contourlet transform has been used. Our experimental
results show that the proposed method is effective in Image segmentation
containing inhomogeneity intensities such as SAR images and also outperforms
wavelet based methods.

Keywords: SAR � Levelset � Segmentation � kurtosis � Contourlet

1 Introduction

SAR imaging is widely used in lots of applications in recent years. Applications such
as agriculture, transportation, commercial (oil and gas resource estimation), intelligent
traffic management and military (enemy position detection).

SAR can generate images from earth surface with high resolution, 10 cm in some
cases. Capability for imaging in day and night and every weather conditions makes
SAR imaging very useful and important. SAR waves can infiltrate tens of meters into
the earth surface so it can take images from underground objects such as mines,
arsenals and underground ways. The main purpose of SAR imaging is to make a
powerful system for detecting, tracking and taking images with high resolution.

Segmentation is one of the primary processes for interpreting and analyzing an image.
Because of this, SAR image segmentation is very important step and has lots of applica-
tions such as environmental supervision, military surveillance and geometrical mapping.
The result of segmentation is to decompose the original images into homogenous regions
such that each region is representing a specific texture. This process would generate
suitable data for classification step. For declaring the importance of segmentation we can
say that little error in segmentation would lead to a large error in classification.

The main obstacle in SAR image segmentation is to inherent speckled noise and
inventible clutter [1–3] that makes segmentation such a complex problem [4].
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Therefore a general method in segmentation and edge extraction in optical and infrared
images is not useful in SAR images. In recent years some methods have been proposed
in SAR and sonar image segmentation that based on curve evolution methods (Active
Contour Methods) [5, 6]. One of the advantages of using active contours, is no need to
denoising step before segmentation step. Also active contours can be modified for
segmentation without using image intensity. So it can be useful for images with
Inhomogeneity intensities like speckled images.

In [5] classical snake model has been used for SAR image segmentation in such a
way that a predefined contour has been reshaped iteratively since it’s surrounding a
segment with a specific statistical criterion. In [6, 7] active contour models has been
defined over level set functions, this model has the benefit of robustness on the
topological variation problem. But it has serious problems on contour shape conver-
gence. This is because of existence of lots of local minimums in energy function, that
the algorithm would lead to. The other problem is the lack of a suitable criterion for
stopping the process in image segmentation. The new models introduced for seg-
mentation in [3, 8] are all depend on the homogeneous intensities in segmented regions.
These models did not use the statistical property of pixels in segmented regions. Thus
they cannot overcome the existence of inhomogeneous intensities in SAR images.
From this we see that using statistical properties of regions would be a suitable idea for
solving these problems. In [9] Akbarizadeh added a term including statistical infor-
mation in the energy function. This information had been generated by estimating the
energy distribution in wavelet domain. The higher order cumulants had been used for
PDF parameter estimation and this distribution had been included in the energy
function as a kernel. This paper is organized as follows. In Sect. 2 we introduce levelset
methods for segmentation. The proposed method is described in Sect. 3. Experimental
results are shown in Sect. 4 and the last section includes conclusion.

2 Level Set Methods

2.1 Definition

The level set method is a numerical technique for tracking interfaces and shapes. In this
method for 2D images we have 3D surface function that intersects with the image. This
intersection results in Contour shapes in 2D images. The shape of the Contour can be
changed by using an energy function. The idea of segmentation by these contours
comes from defining an energy function such that minimizing this function would lead
to the best segmentation. There are two approaches for this definition. Reference [10]
Edge based models and region base models. In this paper we focused on region based
models.

2.2 Region Based Models

In 2001 Chan et al [11] introduced an energy function for region based model described
such that the stopping term is independent of the image gradient. It is given by:
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F c1; c2;Cð Þ ¼ l� length Cð Þ þ m� Area inside Cð Þð Þ
þ k1

Z
insideðcÞ

I x; yð Þ � C1j j2dxdyþ k2
Z

outsideðcÞ
I x; yð Þ � C2j j2dxdy ð1Þ

where C is the contour, l� 0; m� 0; k1; k2 [ 0; are fixed parameters, Iðx; yÞ is the
image and C1;C2 are described as:

C1 ¼
R

X
Iðx; yÞHðx; yÞdxdyR
X
Hðx; yÞdxdy

ð2Þ

C2 ¼
R

X
Iðx; yÞð1� H x; yð ÞÞdxdyR
X
ð1� H x; yð ÞÞdxdy

ð3Þ

Where H; is a Heaviside function and X is the image region. The drawbacks of this
model are its weakness in finding segments with inhomogeneous intensities.

In 2008 li et al. proposed an energy function to overcome this drawbacks. This
function was given by:

F f1 xð Þ; f2 xð Þ;Cð Þ ¼ lL /ð Þ þ mq /ð Þ þ k1
Z Z

Kr x� yð Þ I yð Þ � f1 xð Þj j2H / yð Þð Þdy
h i

dx

þ k1
Z Z

Kr x� yð Þ I yð Þ � f2 xð Þj j2 1� H / yð Þð Þð Þdy
h i

dx
ð4Þ

Where k1; k2 and H are as described before, / is a zero crossing levelset of the
Lipschitz function / :X ! R. L /ð Þ And q /ð Þ are length and regularization function
respectively as shown in (5) and (6).

q /ð Þ ¼
Z

X

1
2

r/ xð Þj j � 1ð Þ2dx ð5Þ

L /ð Þ ¼
Z

X
dð/ðxÞÞ r/ xð Þj jdx ð6Þ

f1 xð Þ ¼ Kr xð Þ � ½Hð/ðxÞÞIðxÞ�
Kr xð Þ � Hð/ðxÞÞ ð7Þ

f2 xð Þ ¼ Kr xð Þ � ½ð1� H / xð Þð ÞÞIðxÞ�
Kr xð Þ � ½1� H / xð Þð Þ� ð8Þ

Where d is the Dirac function, K is a kernel function used for localization given by:

Kr xð Þ ¼ 1
2pn=2rn

e�
x2j j
2r2 ð9Þ

The weakness of this model was the absence of pixel statistic information in
speckled images.
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In 2012 Akbarizade [9] extracted the texture features as a kernel function by
applying the wavelet transform. In this method The energy function was same as Eq. 4,
but the kernel function was given by:

K xð Þ ¼ k
2
ffiffiffi
x

p exp �
ffiffiffi
x

p
a

� �b
 !

ð10Þ

Where K,a; b was determined by kurtosis of energy of the wavelet coefficients. This
idea overcomes the problem of inhomogeneity intensities for speckled images.

3 Proposed method

Because of spackle noise in SAR images we cannot use edge based level set method for
segmentation, thus region based models are preferred. So the energy function described
in Eq. 4 was used for segmentation and the kernel parameters were specified using
kurtosis method. This idea comes from entering statistic properties of the image to our
kernel. In other words for each image, we have a specific kernel defined for it. Using
this adaptive approach leads to better result in segmentation for Speckled images as in
[9]. For extracting statistic parameter we used contourlet transform.

3.1 Wavelet and Contourlet Transform

In essence, wavelets are good at catching zero dimensional singularities, but two-
dimensional piecewise smooth signals resembling images have one dimensional singu-
larities. That is, smooth regions are separated by edges, and while edges are discontinuous
across, they are typically smooth curves. Intuitively, wavelets in 2-D obtained by a
tensor-product of one dimensional wavelets will be good at isolating the discontinuity
across the edge, but will not see the smoothness along the edge. This disappointing
behavior indicates that more powerful bases are needed in higher dimensions.

A new non-separable two-dimensional signal transform, called the Contourlet
Transform (CT) has recently been proposed as an alternative to an improvement on
separable wavelet for representation of images. Contourlet is a directional and scalable
transform describing contours and details in images. This transform is using directional
scalable basis functions. This strong set of basis functions can generate anisotropic
texture features. This transform scales to capture the intrinsic geometrical structure in
visual information through a multiresolution, multidimensional decomposition.

In [12] zhao et al, show that the subband distribution in contourlet transforms has
the form of generalized Gaussian density (GGD). The probability density function of
each subband is defined as below:

x; a; bð Þ ¼ b
2aCð1=bÞ e

� xj j
a

b

ð11Þ
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Where Cð�Þ is the Gamma function, a is the width of the PDF peak (Standard
deviation), and b is inversely proportional to the decreasing rate of the peak (shape
parameter).

The kurtosis parameter estimation was used to determine pdf parameters a and b.
In such a way that subband with maximum energy was used for estimation in each
scale. For parameter estimation at the first step the forth order moment of the contourlet
coefficient should be calculated as below:

mð4Þ ¼
Z 1

0
Wcj j8h wcð Þdwc ¼ ka9

b
C

9
b

� �
ð12Þ

Where Wc; is the according coefficients of the subband of contourlet transform. It
can be shown that [9], the parameter a can be estimated by:

a ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
m 4ð ÞCð7bÞ
m 3ð ÞCð9bÞ

vuut ð13Þ

On the other hand the forth order cumulant of these coefficients can be described as:

Cð4Þ
x ¼ E x� lð Þ4

n o
¼ mð4Þ � 4m !ð Þm 3ð Þ þ 6m 1ð Þ2m 2ð Þ � 3m 1ð Þ4 ð14Þ

Kurtosis is normalized forth order cumulant and is defined by:

Kurtosis ¼ Cð4Þ

ðr2Þ2 ð15Þ

And it is shown [9] that it can be rewritten by the form:

F xð Þ ¼
C3 1

b

� �
C 9

b

� �
� 3NC2 1

b

� �
C2 5

b

� �
� 4NC2ð1bÞCð3bÞCð7bÞ

N C 1
b

� �
C 5

b

� �
� NC2 3

b

� �� �2

þ
12N2C 1

b

� �
C2 3

b

� �
C 5

b

� �
� 6N3C4ð3bÞ

N C 1
b

� �
C 5

b

� �
� NC2 3

b

� �� �2
ð16Þ

Where N; is the number of pixels in the image. So the parameter b can be deter-
mined using the inverse of kurtosis:

b ¼ F�1 kurtosisð Þ ¼ F�1 C 4ð Þ

cð Þ 2ð Þ2

 !
ð17Þ

The experimental results would be illustrated at the next section.
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4 Experimental Results

In order to compare the performance of proposed method and wavelet method, the
experimental results are given for both real and synthetic images.

4.1 Synthetic SAR Image Segmentation

In order to evaluate the Real performance of the proposed method, the algorithm has
been applied on a three-look synthetic SAR image. The synthetic SAR image gener-
ation is inspired by the procedure of radar image formation and construction. This is
done by multiplying a ground truth by three independent speckle noises and averaging
over them.

Here in our study we will compare the error of segmentation in the levelset model
based on wavelet transform and contourlet transform. The Speckled noise power had
been increased in each observation and in Fig. 1 the error is shown against the noise
power for two methods. The noisy image and its ground truth are shown in Fig. 2.
The parameters for two models are k1; k2 ¼ 1; l ¼ 1; m ¼ 0:02� 255� 255 and kernel
variances for two models are the same. The error was calculated as the number of non-
zeros in the difference of the segmented image and the ground truth divided by the
number of pixels of the image. As shown in Fig. 1, the error in the proposed method is
much less than the wavelet based method and the robustness against the noise power is
much larger as well.
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Fig. 1. Comparison between segmentation error of wavelet-based and contourlet-based
algorithms
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As shown in Fig. 2(c) and (d), the region selected with red circle in proposed
method is more similar to ground truth image.

4.2 Real SAR Image Segmentation

In the case of real SAR Images, we cannot evaluate the performance of the proposed
method objectively. Because of absence of ground truth corresponding to real SAR
images. Therefore we can only evaluate these images visually.

Figure (3-a) shows an original SAR image. This image is captured from an agri-
cultural region near the Dnieper River in Ukraine by SIR-C/X-SAR satellite in X-band
with 15-m resolution.

Figure 3(b) illustrates the SAR image segmentation using proposed method and the
wavelet based one is shown in Fig. 3(c) for the same image. The wavelet based method
suffers from the noisy segmentation results and the given method overcame this

(b)(a)

(c) (d)

Fig. 2. (a) The ground truth image (b) The three-look synthetic SAR image and initial contour
(c) Segmentation result by wavelet method (d) Segmentation result by proposed method
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problem. As it is obvious, the segmented regions are more accurate generated by
proposed method. In Fig. 3(d) and (e) an interested region is magnified showing more
detailed regions which proofs the more precision and noisy segmentation reduction
given by proposed method.

(b) (c)

(d) (e)

(a)

Fig. 3. (a) Original image (b) Segmentation by proposed method (c) Segmentation by wavelet
method (d) Magnifying of interested region in b (e) Magnifying of interested region in c
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5 Conclusion

In this paper we proposed a method that is effective in SAR image segmentation. It has
been shown that both wavelet based and contourlet based methods are effective in
image segmentations with inhomogeneous intensities. But the proposed method
(contourlet based) outperforms in segmentation accuracy and is much robust against
the increase in noise power. Thus we can conclude that using features that are less
depend on pixel intensities leads to better models for SAR image segmentation.
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Abstract. Assuming that neighboring pixels with similar colors in stereo
images, share almost the same disparities, this paper presents a new global stereo
matching algorithm based on Belief Propagation and cross-based aggregation
method. In this approach the hierarchical Belief Propagation strategy is followed
by a left-right consistency check as an initial match. Then a refinement algo-
rithm is applied to generated disparity map, based on cross-based region
method. The initial matching performed by hierarchical Belief Propagation
strategy uses less memory and improves the running speed of energy minimi-
zation function. The experimental results, evaluated by the Middlebury data sets,
show that the proposed method improves the accuracy of disparity map compare
to other real-time stereo matching algorithms.

Keywords: Stereo matching � Hierarchical belief propagation � Cross-based
region

1 Introduction

Finding an accurate disparity map from one pair of stereo images is one of the most
active research areas in the field of computer vision [1, 2]. Using rectified images
simplifies the matching problem by decreasing the search area into two rows in stereo
images. Still, obtaining an accurate and dense disparity map is a challenge mainly due
to the nature of the stereo matching problems such as disparity discontinuities, exis-
tence of texture less areas in images and especially occluded regions [3].

Many researchers have proposed their algorithms to solve parts of these problems
in the past few years. The detailed review of these stereo matching algorithms can be
found in [1].

Generally stereo matching algorithms can be classified into two categories: 1- the
local methods and 2- the global methods. Local approach algorithms utilize details
within a finite window around each pixel to determine the disparity. However, global
approaches make explicit smoothness assumptions of the disparity map and determine
all disparities simultaneously by minimizing a cost function for the whole image.
Recently, global algorithms have attracted much attention due to their accurate exper-
imental results. Algorithms such as Graph Cuts [4, 5] and Belief Propagation (BP) [2, 6]
give a better performance compared to local methods while they are computationally
expensive which makes them impractical in real-time applications. Nevertheless, some
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computationally efficient global algorithms have been proposed in the past few years.
Felzenszwalb et al. proposed an efficient Belief Propagation algorithm [2], which uses a
hierarchical approach to reduce the computational complexity. Two step techniques
which divide the matching process into two stages including initial matching and dis-
parity refinement are also offered by many researchers [7, 8].

On the other hand the segment-based methods have attracted much attention and
are used in many algorithms due to their good performance [9, 10]. Unfortunately, the
Mean Shift algorithm [11], usually used for image segmentation is computationally
very expensive and the real-time implementation of this algorithm is still a challenge.

In this paper, we propose a real-time stereo matching method to efficiently compute
an accurate disparity map from a stereo pair of images. In the algorithm the matching
procedure is divided into two main steps. In first step, initial matching is done based on
a global energy minimization technique including construction of a data term and
iterative optimization of a smoothness term. In second step, cross based region
approach [12] using the color information (without performing any color segmentation)
is used as a disparity refinement.

The rest of this paper is organized as follow. In Sects. 2 and 3 we present the
hierarchical Belief Propagation and cross-based method, followed by a disparity map
refinement technique. Then in Sect. 4 we give a description of our stereo matching
method. The Middlebury data sets are used to evaluate the performance of our algo-
rithm and Sect. 5 presents the results. Finally Sect. 6 concludes the paper.

2 Hierarchical Belief Propagation

The multi scale Belief Propagation technique originally proposed to perform inference
on Markov random fields [2]. The computational load of the algorithm is in the order of
Oðnk2TÞ for T iterations, where n is the number of pixels in the image and k is the
number of possible labels (maximum of disparity value) for each pixel.

Felzenszwalb et al. [2] proposed a new approach to compute the new messages in
OðkÞ operations with the help of discontinuity cost function, based on the bipartite
graph properties. The nodes can be split into two sets, so that every edge connects one
node from first set to a node from second set. Let mt

p!q be the message sent from node
p to node q at time t. When t is an even/odd number, the messages sent from nodes in
first/second set are updated and the nodes in second/first set contain the old values. The
basic idea behind message passing is that the long range pixel interaction can be
captured by short paths. In [2], the multi scale hierarchical approach has been used to
reduce the number of message passing iterations without changing the cost function.

The earlier implementations of hierarchical Belief Propagation [2, 13], use a
window of 2 × 2 pixels to form the next hierarchy levels. In this paper we use a 3 × 3
window in the same way as proposed in [14]. The n-th level contains the blocks of
3n � 3n pixels grouped together and the resulting blocks are connected in a grid
structure. The messages sent from nodes in one set only depend on the messages sent
from nodes in the other set and vice versa. Figure 1 describes the message updates
protocol. Supposing a 3 × 3 window around pixel q the four near neighbor pixels are
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labeled as p and the all other far neighbors are called s. A node labeled as p receives
messages send from all its adjacent nodes labeled as s (excluding node q) at time
ðt� 1Þ. Then all p nodes propagate their message to node q at time tð Þ.

3 Cross Based Region

Pixels with the same color and connectivity are likely to share the same disparity value.
The key idea of this approach is selecting an upright cross for each pixel as shown in
Fig. 2. The cross-based algorithm searches the support region in four directions based
on the color similarity and spatial connectivity. The cross-based support region is
obtained by extending it first from the central pixel in directions of up and down, till the
maximum arm length is received or the color difference exceeds a threshold. Then the
process is repeated for each new pixel on the generated support region for left and right
directions. The four arms of cross based support region around pixel p are named as

h�p ; h
þ
p ; v

�
p ; v

þ
p

n o
respectively as the maximum of left, right, up and bottom arm

lengths. They are used to define the horizontal and vertical segments H pð Þ and V pð Þ as
Eq. (1). The support region of pixel p,U pð Þ, is the integration of all the horizontal
segments H qð Þ of those pixels residing on the vertical segment V pð Þ for pixel p as
Eq. (2).

H(p) ¼ ðx,y)f jx 2 ½xp � h�p ; xp þ hþp �; y ¼ yp
o

V(p) ¼ ðx,y)f jx ¼ xp; y 2 ½yp � v�p ; yp þ vþp �
o

8
<

:
ð1Þ

U(p) ¼
[

q2VðpÞ H(q) ð2Þ

Comparing color information of pixel p with its neighbor pixels in same row and in
a finite search window in RGB format can be considered as a good real time disparity
map refinement technique [14].

Fig. 1. General view on message passing between the nodes on alternative iterations
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4 Proposed Method

Figure 3 illustrates the block diagram of proposed stereo matching algorithms. In this
method we provide a new structure that uses hierarchical Belief Propagation two times
on left and right images respectively followed by a left-right consistency check as in
initial match. Absolute difference (AD), squared intensity difference (SD) and cross
correlation are three conventional pixel-based matching costs functions used for
matching. Here absolute difference is used as cost criteria. For every pixel in the left
image (reference image) it is needed to find its corresponding pixel from the right image
(target image). To assign the best disparity value to a pixel we need to first compute the
matching cost for all possible disparity values. Assuming the RGB format, rp, gp and bp
are the values of Red, Green and Blue content of pixel p. Difference d p; p0ð Þ between
pixel p in left image and pixel p0 from right image is defined as Eq. (3):

d(p, p0Þ ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
ðrp � rp0 Þ2 þ ðgp � gp0 Þ2 þ ðbp � bp0 Þ2

q
ð3Þ

Linear model is used to update messages in BP algorithm. For texture less areas of
image the resulted disparity map is usually a false zero value. The technique proposed
by Kumar in [14] has used in refinement step to solve the problem as shown in Fig. 3.
The disparity map refinement is mainly based on cross based region method. A support
region in four directions based on the color similarity and spatial connectivity for each
pixel is defined. Then the most probable disparity values are chosen based on a voting
method for refining the disparity value of each pixel. Finally algorithm updates the
disparity of each pixel p with disparity of most similar pixel from reference image.
Results show that this approach is very effective at objects boundaries.

5 Experimental Results and Discussion

The proposed algorithm is implemented fully in Microsoft Visual C++ and ran with a
2.00 GHz Core 2 duo computer using Windows-7 operating system. The runtime of the
algorithm is related to the number of iterations and the image size. The disparity map

Fig. 2. The figure provides the configuration of cross-based method
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calculation takes around 1.3 s for a 384 × 288 reference image. Figure 4 shows the
energy of the Tsukuba dataset as a function of message update iterations in standard
versus multi scale algorithm.

Fig. 3. Block diagram of proposed stereo matching algorithm with input data, intermediate and
final results of the proposed method

Fig. 4. The figure provides the energy as a function of message update iterations in standard and
multi scale algorithm
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The results show that the proposed method converges in just a few iterations
compare to the standard Belief Propagation. The comparison of the proposed method
with other real-time algorithms on Middlebury evaluation table is summarized in
Table 1. Table shows the percentage of the bad pixels with an absolute disparity error
greater than one in whole image. We have evaluated our algorithm on the Middlebury
datasets [15]. Figure 5 shows the disparity map results and bad pixels map computed
using Middlebury evaluation system (for absolute disparity error >1.0). It is clear that
the refinement algorithm helps to achieve a sharp disparity map by reconstructing the
object boundaries.

Fig. 5. Results using the Middlebury datasets: Tsukuba, Venus, Teddy and Cones. Pixels with a
disparity error greater than one pixel are displayed in the ‘bad pixel’ maps, where mismatches in
non-occluded areas are indicated in black, in occluded areas in gray color
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6 Conclusions

In this paper we proposed a new stereo matching method with a combination of Hier-
archical Belief Propagation and cross-based region strategy. In the proposed algorithm
the matching process is divided into two main steps: initial matching and final disparity
map refinement. We use hierarchical structure and a left-right consistency check to
perform the initial matching. Disparity map refinement step uses a cross-based region
that yields good results comparing to other algorithms. This algorithm computes an
accurate disparity map fast, which makes it suitable to use in real-time applications. In
the future, we plan to investigate some other matching cost functions to improve the
initial disparity map without using left-right consistency checking in order to achieve
interactive speeds.
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Abstract. This paper presents an object tracking algorithm based on discrim-
inative 3D joint RGB histograms of the object and surrounding background.
Mean-shift algorithm on the object confident map is used for localization. An
incremental color learning scheme with a forgetting factor is utilized to account
for appearance variation of the object. Evaluated against three state of the art
methods, experiments demonstrate the effectiveness of the proposed tracking
algorithm where the object undergoes variation in illumination and color.
Implemented in MATLAB, the proposed tracker runs at 25.7 frames per second.

Keywords: Visual tracking � Color object tracking � 3D joint RGB histogram �
Incremental learning

1 Introduction

Visual object tracking is one of the most active research areas in computer vision, with
numerous applications including automated surveillance, motion-based recognition,
human-computer interaction and robotics. The goal of object tracking is to estimate the
trajectory of an object in an image sequence given the initialized position in the first
frame [1].

There is a rich literature in visual object tracking [1–4]. The object tracking
algorithms mainly differ in the way they use image features and model the motion,
appearance and shape of the object. Here, we focus on the most relevant online visual
object tracking methods that operate directly on color images and also some state of the
art methods. Generally, online object tracking algorithms can be categorized as either
generative methods or discriminative methods [3].

The generative method builds a model to describe the appearance of an object and
then finds the object by searching for the region most similar to the reference model in
each frame. One of the most influential approaches in this category is the Mean-Shift
Tracker [5] which uses a color histogram regularized by a spatially smooth isotropic
kernel for object representation. Using the Bhattacharyya coefficient as a similarity
metric, a mean-shift procedure is performed for object localization by finding the basin
of attraction of the local maxima. One of the limitations of rectangular or ellipsoidal
regions for object representation is the object model encompasses many background
pixels in addition to the true target pixels. Consequently, the resulting histogram can be
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corrupted by background pixels, and the tracking result degrades accordingly.
To address this problem, algorithms based on fragments-based appearance model have
been proposed [6]. Multiple local histograms are used to represent objects in the
fragments-based method. A vote map is used to combine the votes from all the regions
in the target frame. However, the computation of multiple local histograms and the vote
map can be time consuming even with the use of integral histograms. In the similar
vein, in [7], each target object is modeled by a small number of rectangular blocks,
which their positions within the tracking window are adaptively determined. Recently,
[8] proposed a histogram that takes into account contributions from pixels adaptively in
a multi-region manner together with an illumination invariant feature. However, parts
of the background may reside inside the object model. Therefore, the object model
encompasses many background pixels in addition to the true target pixels which can
degrade the object model. The advantage of generative methods is that does not require
a large dataset for training, however the imperfection of the generative model is that it
only focuses on the foreground without considering the background information.

Discriminative methods pose object tracking as a binary classification problem in
which the task is to determine a decision boundary that distinguishes the object from the
background without the need to a complex model characterizing the object. Since the
discriminative model considers both the object and background information, it usually
achieves better performance than the generative model. In [9] pixels color are mapped
into 49 one-dimensional lines in RGB color space to build a set of 1D color histograms.
Next, log-likelihood ratio of a feature value is used to select discriminative color features
for tracking. In a similar manner [10, 11] adopt 13 different linear combinations of
R, G, B pixel values to approximate 3D RGB color space. Approximating RGB color
space using a set of 1D histograms is cheaper, however the major imperfection is it loses
considerable color information that lies in 3D joint RGB histogram.

It has been shown an adaptive appearance model is the key to good performance
and much attention has been paid in recent years to address this issue. The most
straightforward method is to replace the current appearance model (e.g., template,
color) with the visual information from the most recent tracking result [12]. However,
simple update with recently obtained tracking result can lead to drift. In [13] AdaBoost
algorithm is proposed to classify pixels belonging to foreground and background and
update weak classifiers with new ones to adapt to the changes of the object and
background during the tracking. In [14] the Boosting method is extended to an online
manner. In [15] incremental subspace learning methods is proposed which present an
adaptive probabilistic tracking algorithm that updates the models using an incremental
update of Eigen-basis. In [16] the object is represented by a set of Haar-like features
that are computed for each image patch. They used Multiple Instance Learning (MIL)
to handle ambiguously labeled positive and negative data obtained online to reduce
visual drift caused by classifier update.

Despite the discriminative methods generally do not model the object explicitly and
only define the boundary between the target and background, here we utilize dis-
criminative approach and incorporate an incremental learning scheme to learn and
model the object color online during the tracking process. In addition, the proposed
method attempts to solve unwanted effect of background pixels in the object rectangle.
The contributions of this paper are summarized as follows:
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– A discriminative 3D joint RGB histogram based representation of the object.
– Incremental color tracking with a forgetting factor to account for appearance var-

iation of the object.

The remaining part of this paper is organized as follows. Section 2 describes the
details of the proposed algorithm that presents an efficient incremental color object
tracking. The results of the experiments and performance evaluations are presented in
Sect. 3, and the conclusions and the future prospects are given in Sect. 4. The source
code and videos corresponding to this work can all be found at http://www.a-asvadi.ir/
idct/.

2 Proposed Method

Object tracking starts with selecting an object in the first frame approximately. A sur-
rounding area is computed automatically such that the number of background pixels in
the region surrounding the object is approximately the same as the number of pixels
within the object region. Therefore, the width and height of outer rectangle are defined
by W ¼ ffiffiffi

2
p � w and H ¼ ffiffiffi

2
p � h. Where w and h are the width and height of the

selected object region. In object tracking, first, one needs to develop a model for the
object of interest. The aim of the object model is to accurately identify the object from
the background in subsequent frames. Then, the object localizer estimates the target
location in the subsequent frames using the object model. Next, an efficient method that
incrementally updates the object model is employed to learn the appearance of the
target while tracking progresses. Main steps of the proposed tracking algorithm are
shown in the Fig. 1. Each step is described in the following sections.

2.1 Object Model

The object model is built and evolved based on discriminative 3D joint RGB histogram
of the object and background. The quantized 3D joint RGB histograms of the region
within the inner rectangle and the region between the inner and outer rectangles are
computed. Positive part of the log-likelihood ratio of object region and background
region surrounding the object is used to determine object model using (1),

Ls ¼ max ln
max HoðsÞ; ef g
max HbðsÞ; ef g ; 0

� �
ð1Þ

where HoðsÞ is the histogram computed within the object rectangle and HbðsÞ is the
histogram for the region surrounding the object. The object color seeds have higher
values in the computed log-likelihood ratio, background color seeds have negative
values and colors that are shared by both the object and background tend towards zero.
To model the object individually, negative values are rejected. Here, 8 bins for each
channel are used for histogram quantization. Therefore, the index s ranges from 1 to 83

and 83 is the total number of histogram seeds. e is a small non-zero value to avoid
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numerical instability that prevents dividing by zero or taking the logarithm of zero.
Here e is set to 1.

2.2 Detection and Localization

The positive log-likelihood ratio provided in previous step is used for object detection
and the mean-shift on confident map is used for object localization. Steps are described
in the following subsections.

Detection. The positive log-likelihood ratio Ls is used as a mapping to provide a
confident map, Mðxi; yiÞ, from the object region, I xi; yi; cj

� �
, i.e.,

Ls : I xi; yi; cj
� � 7!Mðxi; yiÞ ð2Þ

where ½xi; yi� is the pixel location in the image coordinate. Index i ranges from 1 to
N and N is the total number of pixels in the object region. cj is the color channel of
image. Index j ranges from 1 to 3 that stands for R-G-B color channels. The mapping
result is a confident map image and its pixels with higher values are more likely to
belong to the object.

Localization. Object localization for the next frame starts at the centroid of confident
map of the object in the current frame. Since object movement is not ballistic, the
mean-shift object localization on the confident map of the object provides satisfactory
performance. The displacement of the object is given by the shift in the centroid of the
pixel values in confident map. In each iteration, center of the object rectangle is shifted
to the centroid of current confident map of the object, computed at the same iteration.
The object rectangle is iteratively shifted until the object is completely placed inside the
rectangle (mean-shift convergence). At each iteration, center of the object rectangle is
relocated using Eqs. (3) and (4),

Tracking Algorithm Outline 
1. Object Model 
The object is modeled based on the positive log-likelihood ratio of 3D 
joint RGB histogram. 
2. Detection and Localization 
The positive log-likelihood ratio is used for object detection and the 
mean-shift on confident map is used for object localization. 
3. Model Update 
Incremental color learning with a forgetting factor is applied to learn  
and update the object model. 
4. Get the Next Frame and Go to Step 2 

Fig. 1. A summary of the proposed tracking algorithm
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xnew ¼
PN

i¼1ðMi � xiÞPN
i¼1 Mi

ð3Þ

ynew ¼
PN

i¼1ðMi � yiÞ
PN

i¼1 Mi
ð4Þ

where xi and yi show the location of pixels in the frame coordinate. Mi is the confidence
value, xnew and ynew show the relocated center of the object rectangle in each iteration
and N is the total number of pixels in the inner rectangle. In the presented work, the
maximum number of mean-shift iterations is limited to 3 and centroid movement less
than 2 pixels is considered as a complete convergence.

2.3 Model Update

To account for appearance variation of the object, it is inevitable to adapt the object
model to the recent observations. Here, once the object location at the current frame is
provided by mean-shift, the positive log-likelihood ratio, Ltp, is computed and used to

update the previous object model, Lt�1p , by (5),

Ltþ1p  1� cð Þ � Lt�1p þ c� Ltp ð5Þ

where t þ 1, t and t � 1 are indexes for the next, current and previous frames
respectively. p indicates the randomly a percent selection of the positive log-likelihood
ratio seeds s. Here a is set to 5 %. c is a forgetting factor to moderate the balance
between old and new observations. Although the forgetting factor depends on the
amount of changes in object appearance, here we set it to 0.1 for all the tested videos.
Ltþ1p is the updated object model which will be used for the object detection in the next
frame.

3 Experimental Results

In order to evaluate the performance of the proposed tracking algorithm, experiments
were carried out using a core 2 Duo 2 GHz processor with 1 GB RAM under MAT-
LAB R2011a on the Windows XP platform. The tracker has been tested on variety of
challenging sequences, and six of the most representative sequences are reported in this
paper (All video results are placed at our project website: http://www.a-asvadi.ir/idct/).
The sequences are Basketball, David outdoor, Girl and Trellis from Tracker Bench-
mark v1.01 [17] and Sunshade and Torus from VOT2013 dataset2 which are publicly
available. Five of the sequences were taken by non-stationary cameras and one of them

1 https://sites.google.com/site/trackerbenchmark/benchmarks/v10
2 http://votchallenge.net/vot2013/evaluation_kit.html
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(Torus) was taken by a stationary camera. The detailed information and challenging
factors for each sequence are described in Table 1.

The proposed method (called IDCT) is evaluated against three methods which the
codes are publicly available, Mean Shift tracker (MS) [5], mean-shift tracker with
Corrected Background Weighted Histogram (CBWH)3 [18] and Variance Ratio tracker
(VR)4 [9]. We compared the proposed method with the most relevant visual object
tracking methods that operate directly on color images. The MS, CBWH and IDCT
adopt a 3D joint RGB histogram to describe the appearance of an object and VR uses
49 candidates of one-dimensional line color features in RGB color space as a feature
pool and choose the best N features at each frame.

The parameters of the proposed algorithm are set as follows: in the object detection
and localization parts, we use 8 bins for histogram quantization and the maximum
number of mean-shift iterations is limited to 3 as empirical values. In the model update
part, a, which is the percentage of randomly selected non-empty seeds is set to 5 % and
the forgetting factor, c, is set to 0.1. For all other algorithms we use the parameters
provided by the corresponding authors and run them with the adjusted parameters. All
algorithm parameters were fixed for all the experiments. All algorithms assume
knowledge of the object position only in the first frame. The object position is esti-
mated in the next frames using the corresponding algorithm. The average speed of the
evaluated algorithms is computed for Trellis (as a typical video with object size of
101 × 68 pixels) and together with the detailed information of each algorithm are
reported in Table 2.

Our tracker (IDCT) works at 25.7 frames per second and runs faster than the other
algorithms except Variance Ratio (VR) method. It should be noted VR method is
implemented in C++ which is intrinsically more efficient than MATLAB.

For evaluating the performance of trackers, the average center location error is used
which is a very common criterion. The error is defined by,

Table 1. The detailed information of each sequence

Sequence
name

No. of
frames

Resolution Challenge

Background
clutter

Rotation &
deformation

Illumination
variation

occlusion

Basketball 725 576 × 432 ✓ ✓ ✓ ✓

David
outdoor

252 640 × 480 ✓ ✓ ✓

Girl 500 128 × 96 ✓ ✓

Sunshade 172 352 × 288 ✓ ✓

Torus 264 320 × 240 ✓ ✓

Trellis 569 320 × 240 ✓ ✓ ✓

3 http://www4.comp.polyu.edu.hk/*cslzhang/CBWH.htm
4 http://vision.cse.psu.edu/data/vividEval/software.html
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error ¼ 1
n

Xn

i¼1

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
Xi � Xg

ið Þ2þ Yi � Yg
ið Þ2

q
ð6Þ

where ½Xi; Yi� shows the center location of the object determined by an algorithm. The
center of the object is defined by central point of the object window. ½Xg

i ; Y
g
i � denotes

the center of the ground truth bounding box. i ranges from 1 to n and n is the total
number of frames. The average center location errors of trackers are shown in Table 3
and the details of center location errors for the sequences are shown in Fig. 2. As shown
in Table 3, the proposed method provides minimum error in the Basketball, David
outdoor, Girl and Trellis datasets, while it is the second and third best for the Torus and
Sunshade sequences respectively.

Sample screenshots of the tracking results for the video sequences are shown in
Fig. 3 where each row corresponds to one video clip. The qualitative evaluation of each
scenario is described in the following paragraph.

In the Basketball sequence only our method tracks the object successfully. The
object trajectories provided by other methods were hijacked by the other cluttered
basketball players (e.g. frame #600 and #700). In the David outdoor sequence our
method and CBWH 8 and 16 have a good performance. MS 8 and 16 lose the object
from fame #100 to #180 and VR drifts from frame #180 when the target object is
occluded by a tree (it can be seen in frame #125 and #190). For the Girl sequence, since
our object model evolves during tracking, our method successfully tracked the object
while the other methods lost the object (as shown in frame #100 and #425). In the
Sunshade sequence MS 8 and 16 do not perform well for the frames between #15 to
#105 due to illumination variation, however other methods have reasonable results

Table 2. A comparison of tracking speed (without image I/O time)

Algorithm Feature description Code style Speed (fps)

MS 8 bin Color histogram MATLAB code 22.9

MS 16 bin 20.5

CBWH 8 bin Color histogram MATLAB code 22.4

CBWH 16 bin 21.1

VR Line color feature C++ code with OpenCV 32.5

IDCT (proposed) Color histogram MATLAB code 25.7

Table 3. The average center location errors (in pixels) of the sequences. The best result is
printed in bold faced letters.

Seq.\ Algorithm MS 8 MS 16 CBWH 8 CBWH 16 VR IDCT

Basketball 57.0 58.4 18.3 18.1 116.1 5.4

David outdoor 68.6 55.6 25.2 26.6 81.8 23.1

Girl 18.5 19.0 26.9 27.6 62.4 12.8

Sunshade 72.6 71.2 9.8 9.4 13.9 12.5

Torus 8.2 36.2 4.2 3.4 7.6 4.2

Trellis 54.1 38.3 23.6 18.5 60.0 15.2
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(e.g. frame #30). In the Torus sequence MS 8 drifts to background clutter, however
other methods track the object till the end of the sequence (as shown in frame #200).
For the Trellis sequence the object appearance changes drastically due to the change in
illumination, only the proposed method achieves good performance and is able to adapt
to the illumination variation well.

4 Concluding Remarks and Future Work

In this paper, we proposed a fast effective object tracking algorithm with incremental
discriminative object color modeling. The algorithm efficiently addresses tracking of an
object which undergoes variation in illumination and color. The object scale was not
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Fig. 2. The center location errors of the sequences.
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# 20 # 600 # 700

# 125 # 190 # 230

# 80 # 100 # 425

# 10 # 30 # 172

# 22 # 90 # 200

# 100 # 250 # 490

1.4

1.6 Mean-Shift 8 bin
Mean-Shift 16 bin 1

1.2 CBWH 8 bin
CBWH 16 bin 0.6

0.8 Variance Ratio
IDCT

Fig. 3. Screenshots of tracking results presented as listed in Table 1. The object confident map
provided by the proposed method (IDCT) is shown at the top-left corner of the frames.
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considered here, the approach in [19] can be incorporated for scale adaption. We
propose two ways for the future work. First, the motion and object model we used here
are fairly simple, in future, prediction-based methods such as a Kalman filter [20] can
be used. Second, inherent in the use of histograms is the complete lack of spatial
information which is undesirable. Template patches can be incorporated in the object
model to preserve spatial information which will be our future work.
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Abstract. The fact that very small aspect changes can drastically alter the
profile of an aircraft implies that a huge number of profiles would be required to
characterize an aircraft from all possible aspects. This make a look-up table
approach to classification impractical in the short-wavelength limit. A deter-
ministic model and a conditionally Gaussian model for high-resolution range
profiles (HRRP) are used, and the recognition performance under each model
are compared by using one and more than one range profile. The experimental
results show that assumption of Gaussian distribution by using 10 range profiles
improve the recognition performance.

Keywords: High-resolution range profile (HRRP) � Radar automatic target
recognition (RATR) � Bayesian classifier � Statistical propriety

1 Introduction

According to electromagnetic scattering theory, in the high-frequency zone where the
extent of an object is much greater than the wavelength of a radar, a high-resolution
range profile (HRRP) is a function of the coherent summations of the complex time
returns from target scatterers in each range cell [1], which represents the projection of
the complex returned echoes from the target scattering centers onto the radar line-of-
sight (LOS). Since HRRP of a target contains the target structure signatures, it can be
used for radar automatic target recognition (RATR).

A small change in orientation of illumination will change the HRRP time values
[2, 3]. If the target recognition algorithm uses time values of signal, we will need a
database of targets HRRP with little angle spacing while including all important targets
[3]. So the database would be very large and hence slow recognition process [3].
For aspect changes as much as several degrees, the variations in range profile signal are
mostly in amplitude but not in shape of signal. HRRPs have a same statistical prop-
erties in that range of orientation [4, 5].

If we use HRRP statistical properties instead of real time values in the range of
orientation that those are constant, database will be smaller, since it only contains
statistical distribution parameters of HRRPs.

The echoed HRRP can be assumed as a deterministic signal but this assumption can
degenerate the recognition algorithm performance, since unpredictable effects, i.e. dust,
weather conditions and difference in orientation that signal is simulated in database and
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orientation of received signal [5]. Parametric statistical distribution assumption for
HRRP can compensate unpredictable effects and dependence of HRRP to orientation.

We use Bayesian classifier to classify objects based on conditional probability
density of HRRP given a known class. Nonparametric methods of density estimation
are impractical due to the unrealistic amounts of data required for accurate density
estimation. An alternative approach is to trade flexibility for robustness and to use some
simple parametric forms [6]. Under the hypothesis that elements in an HRRP sample
are statistically independent, some simple statistical models, i.e., Gaussian model [5],
Gamma model [7], and the two distribution compounded model comprising Gamma
distribution and Gaussian mixture distribution [8], were proposed for HRRP samples.
In parametric methods database includes only the parameters of determined density
functions.

By using more than one HRRP to make decision, performance of recognition
algorithm enhances [4, 9]. This paper is intended to compare deterministic model and
Gaussian model using one and 10 HRRPs in recognition rate and the elapsed time.

This paper is organized as follows, In Sect. 2, Radar range profile proprieties are
explained. In Sect. 3, we explain Bayesian classifier and radar HRRP. In Sect. 4, We
propose equations which are based on deterministic and Gaussian HRRP statistical
distribution assumptions. In Sect. 5, recognition experiments based on simulated data
are performed to compare the recognition performances of proposed statistical distri-
bution models of HRRP and influence of using sequence of HRRPs on recognition rate.
Finally, conclusions are made is Sect. 6.

2 Radar Range Profiles

Since the bandwidth of high-range resolution radar is more than several hundred
megahertz, the range resolution is smaller than one meter. So the target echo is not a
point, but a range profile related to scatterer distribution. A radar range profile can be
thought of as the one dimensional projection of the spatial distribution of radar
reflectivity of the aircraft onto the radar LOS.

If the radial range of scatterers is changed, two different effects will be caused. One
is the displacement of envelope, and the other is variation of the phase difference that is
typically described in terms of phase cancellation [3, 5].

Consider monochromatic illumination of a radar target of width D by a source of
wavelength λ, Fig. 1. If the envelope displacement is greater than the range resolution
cell, the scatterers’ migration through resolution cells (MTRC) takes place, and then the
scatterers’ distribution of every range cell is changed. To avoid MTRC, the rotation
angle must be restricted, that is, if the range resolution is Δr, the cross-direction length
is D, and then the rotation angle must be confined to

Dh� Dr
D

ð1Þ

On the range of aspects for which the radar profile can be considered the same pro-
jection of the aircraft [3]. For example, if Δr = 0.5 m and D = 10 m, we find Δθ < 3o.
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Phase cancelation is occurred if the orientation of target is changed so that scaterrer
points in the same range bin move through a distance on the order of λ, the relative
phases contributing to the compete return produce varying degrees of constructive and
destructive interference over the rotation [3]. To avoid speckle fluctuations the aspect
would stay constant to within

Dh � k
4D

ð2Þ

If the target is large compared with λ, then the rotation required to produce speckle is
very small. If λ = 0.03 m and D = 10 m, we find Δθ < 0.04o.

HRRP of AN-26 aircraft is simulated by a radar backscattering simulation software
[10, 11]. Radar signal is a linear FM chirp, with a center frequency of 3 GHz and a
bandwidth of 360 MHz. Horizontal polarization was used during transmission and
reception. Data set consists of 600 range profiles collected over an orientation bin of
0–60°. The change in orientation of illuminated aircraft with respect to the radar system
between adjacent range profiles is 0.1°.

Figure 2 displays the magnitude of 20 range-profiles of AN-26 aircraft in orien-
tation span of 30–32°. The self consistency of the range profiles in this data set is
evident in that the individual traces lie nearly on top of one another.

This experiment shows that, for an aircraft over a limited range of aspects, i.e.,
Eq. 1, the distribution of scattering centers in range will be similar. Hence, the cor-
responding profiles should display common statistical proprieties, although the
amplitude of the features will fluctuate from profile to profile [2, 5].

Statistical distribution of range profiles in a span of orientations is the same. If we
use statistical proprieties instead of time values of target range profile the dependency
of recognition algorithm to illumination aspect decreases and the targets database need
only to save statistical distribution parameters instead of time values [2, 4, 5].

Fig. 1. Small aspect change Δθ causes relative range change of DΔθ for points separated by D.

84 R. Hallaj et al.



mmeybodi@aut.ac.ir

3 Bayesian Classifier

The Bayesian classifier Eq. 3 has optimal performance if the probability density
functions computed accurately [12].

xk: arg max P xijxð Þ
1� i�M

ð3Þ

where p(ωi| x) are posteriori probability densities of class ith (ωi), x measured data
vector, ωk are the selected class and M is the number of classes that recognition is
performed between them. The classifier chooses between classes that have the highest
probability of occurrence. Equation (3) can be written in the form of Eq. 4 by using of
bayesian rule Eq. 5.

xk: arg max p xjxið Þ
1� i�M

ð4Þ

P xijxð Þ ¼ pðxjxiÞPðxiÞ
pðxÞ

i ¼ 1; 2; . . .;M
ð5Þ

where p(x|ωi) are class-conditional probability densities, P(ωi) are prior class proba-
bilities and p(x) probability density of measured data.

In obtaining Eq. 4 we assumes equal prior class probabilities and eliminates inef-
fective p(x) element.

To specify p(x|ωi), We must determine the statistical distributions of x vector
conditioned on every class members.

Measured data x contains the HRRP and additive complex white Gaussian noise.

Fig. 2. Magnitude of 20 range profiles over the span of 2°
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x ¼ s h; að Þ þ w

a 2 A
h 2 SOð3Þ

ð6Þ

where s(θ,a) is HRRP vector of target a in orientation θ, W is an independent complex
Gaussian random variable with mean 0 and variance N0, A is a list of candidate target
types and the orthogonal group SO(3) is defined so orientation θ is parameterized by a
3 × 3 rotation matrix taking its value on it. On selecting an appropriate parametric
model, we assumes that range profiles are independent from one orientation to another
and that for each orientation [5].

4 Models of HRRP Data

4.1 Deterministic Model

Under deterministic model, the vector s(θ,a) is a complex vector that is known given θ
and a. The log-likelihood for x is

T xjh; að Þ ¼ Re
2
N0

XK
l¼1

x�l sl h; að Þ � Esðh:aÞ
N0

 !
ð7Þ

where Re{.} is real part of equation, (*) complex conjugate operator, k number of rang
cells values, xi and Es(θ,a) energy of s(θ,a) signal. Using this model needs database of
HRRPs stored on a grid in orientation space [5].

4.2 Gaussian Model

By independent Gaussian distribution assumption, then the log-likelihood for x is

T xjh; að Þ ¼ �
Xk

l¼1
ln r2 l; h; að Þ þ N0
� �þ xl � lðl; h; aÞj j2

r2 l; h; að Þ þ N0
ð8Þ

where k is dimension of x, xi is lth entry of x, μ(l;θ,a) and σ2(l;θ,a) respectively are
mean and variance of lth entry.

Recognition based on conditional Gaussian model requires a database of mean and
variance vectors. To form Gaussian database for targets, the set of possible azimuth
angles is divided into overlapping patches, and the libraries consist of mean range
profiles and range bin variances computed from all of the range profiles in each patch.
Two strategies are required in choosing size of orientation bins [5].

• The Likelihood of any range profile must be constant over the orientation bin.
• Choose size of orientation bins in which the range profiles in adjacent bins are

independent.
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By using Gaussian model for HRRPs, the angular sampling is more sparse than
deterministic method and is not very dependent to carrier frequency [5]. The size of
orientation bin that we will use is 3°, according to Eq. 1, and in view of few scatterers
distributed at the edges of an aircraft-like target and with weak energy [5, 8].

5 Experimental Results

Experiments are given to verify the theory and method described above. We simulate
radar range profiles data of three airplanes by a radar backscattering simulation soft-
ware [10, 11], the parameters of radar signal and targets are shown in Table 1, radar
signal is a linear FM chirp. As these three airplanes are all symmetrical in horizontal,
we only simulate azimuth 0°–180° at interval 0.15°, and elevation angle is initialized to
0°. Range of noise variance in all experiments is from 0.6 to 4.8.

5.1 Recognition by One HRRP

In this paper we examine the difference in performance of deterministic and Gaussian
models by using one range profile.

The range profile from the F-15 dataset at an azimuth angle of 70° was selected as
an observation. Adding complex white Gaussian noise to the signal, the log-likelihood
functions under the two models Eqs. 7 and 8 were computed for each of three aircrafts
over the range of azimuth angles from 0 to 180°. The aircraft with largest log-likeli-
hood function is chosen as the target type estimate.

Recognition rate of deterministic model and Gaussian model versus noise variance
are shown in Fig. 3. The results of this experiment, show that recognition performance
of the models are almost the same. It is possible by Gaussian model while using smaller
libraries and considerably faster recognition process see Table 2.

Table 1. Parameter of aircrafts and radar in experiments

Radar parameters Center frequency 1.35 GHz

Bandwidth 753 MHz

Sampling frequency 5.02 MHz

Number of frequency samples 150

Number of azimuth samples 1201

Planes Length (m) Width (m) Height (m)

F-15 19.43 13.05 5.73

Mig-21 15.76 7.15 4.15

Tornado 16.72 13.92 5.95
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5.2 Recognition by More Than One HRRP

In the previous experiment, estimate of target type was computed individually for each
illumination, in this one we are going to estimate target type by using a number of
successive HRRPs. We have chosen a simple dynamical model to relate past and
present target estimates; namely, that the yaw angles defining the aircraft orientation
change linearly over a sliding window in time. Then, a sequence of orientations over
the window are completely determined by the window end points.

After loading range profile libraries for all three aircrafts and the first W observed
range profiles, estimation of target type proceeds as fallows [5].

1. The likelihood of observation number 1 is computed by Eq. 7 or Eq. 8 depend on
which model is chosen, for each orientation of the F-15 range profile library. The
ten orientations having the highest computed likelihood are retained. This process is
repeated using observation number W, producing 100 pairs of candidate orienta-
tions at the widow endpoints.

2. For each entry of this list, linear interpolation is applied to the window endpoints to
generate a sequence of orientation estimates over the widow. Each of these esti-
mates is replaced by the nearest orientations that are orientation points in our
library. These data and the sequence of observations are used to compute the joint
likelihood of the sequence of orientation points corresponding to the current list
entry, and the process is repeated for the entry list. A list of joint likelihood values
collected for this target.

3. The entire process is repeated using the range profile library for two other targets.
The target producing the highest joint likelihood is selected as the target type
estimate.

For this experiment the range profiles from the F-15 dataset in azimuth orientation
range from 70 to 73° were selected as observations, given that window length W is 10.

Fig. 3. Recognition performance using one HRRP
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Recognition rate of deterministic model and Gaussian model versus noise variance
are shown in Fig. 4. The results of experiment show that recognition performance of
the Gaussian model is better than the deterministic model.

Improvement in recognition performance is because of two reason. First reason is
which the Gaussian model is less sensitive to orientation angle changes than the
deterministic model [5] and the second one, the result of multi look classification is
higher in correct recognition rate than that from single look classification [4, 9]. The
results in Fig. 4 slow that using 10 HRRPs degenerates deterministic model perfor-
mance in comparison with one HRRP and this is because of sensitivity of deterministic
model to orientation variations. Enhanced performance in using Gaussian model by 10
HRRPs is achieved while using smaller libraries and faster recognition process see
Table 2.

6 Conclusion

In this paper we use the Gaussian and the deterministic models for HRRP statistical
distribution and measured the correct recognition rate by one HRRP and a group of
successive HRRPs. Using one HRRP to classify the unknown target, deterministic
model has better performance and lower speed of recognition process compared with

Table 2. Elapsed time for 300 iterations

Elapsed time (s), 300 iterations
Deterministic model Gaussian model

Window length W = 1 805 25

W = 10 1815 362

Fig. 4. Recognition performance using 10 HRRPs

Aerial Target Recognition Based on HRRP 89



mmeybodi@aut.ac.ir

Gaussian model but when using a group of successive HRRPs, we achieve enhanced
performance by Gaussian model assumption.

This improvement is obtained by lower sensitivity of Gaussian model to variation
in orientation of illumination and use of more HRRPs to estimate target type.
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Abstract. In this paper, a novel and efficient method was proposed for
unconstrained head pose estimation of the human face and robustness to
changes of pose, position and facial expression. A Constrained Local Model
(CLM) by a 3D Point Distribution Model (PDM) was proposed for locating 2D
facial landmarks in optional poses of the human face. Also, a memory based
Particle Filter (PF) was used to improve the manner of prior distribution in PF
and reduce the number of particles. However, a fast search method was pro-
posed from the trained memory of PF. In fact, instead of calculating the simi-
larity distance between each particle and the total templates in the memory, a
small number of templates were utilized. The present method was tested on two
available video databases to evaluate performance of proposed method. Prom-
ising results displayed better performance than the current state-of-the-art
approaches in head pose tracking with our extension of the 3D Constrained
Local Model (CLM-Z).

Keywords: Head pose estimation � Face detection � Face tracking � Memory
based particle filter � Constrained local model

1 Introduction

The real time head pose estimation is a fundamental problem in computer vision,
computer animation, computer games for its various applications, including pose
invariant face recognition [1–3], gaze estimation [4], etc. Research topics in this field
include appearance template methods, detector array methods, hybrid methods, geo-
metric methods, nonlinear regression methods, tracking methods, flexible models, and
manifold embedding methods. Thus, head pose estimation in real-time, wider rotations
ranges, low and variable lighting conditions, and user independence is extremely
challenging. For a real-time head pose estimation system to be of general use, it should
have a sufficient range of allowed motion, be invariant to identity, require no manual
intervention, and should be easily deployed on conventional hardware. However, some
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systems often assume one or more conditions that simplify the pose estimation problem
such as: continuous video assumption, initialization assumption, stereo vision
assumption, single Degree-Of-Freedom (DOF) assumption, synthetic data assumption
and etc. Meanwhile, the majority of head pose estimation approaches assume the
perspective of a rigid model, which has inherent limitations. The difficulty in creating
head pose estimation systems stems from the immense variability in individual
appearance coupled with differences in lighting, background, and camera geometry.
Also, many existing pose estimation methods may not be suitable for achieving real
times systems, both coarse, fine resolution and in 6 DOF directions.

Recently, Tadas proposed a 3D Constrained Local Model (CLM-Z) [5] for strong
facial landmark tracking under different poses. This method mixes both depth and
intensity data in a shared framework. He demonstrated the advantage of the CLM-Z
method in both precision and convergence amounts over regular CLM formulations
over investigations. The main drawback of this method is that it requires the frontal
face image in initial frames of video in order to detect the facial landmarks in frontal
face images. Also, the other drawback of this method is the requirement for depth
information from the human face. In this work, these restrictions are resolved by
employing a 3D PDM in CLM framework. Therefore, the face detection in all of the
poses of the head by the present method is possible. In fact, face pose tracking based on
the 3D model can be used as pose invariant face detection and tracking.

In this work, a CLM method with a 3D Point Distribution Model (PDM) was
proposed for face detection and appearance models for pose estimations. Also, a
Memory-based Particle Filter (M-PF) was proposed which was combined with the
appearance of 3D PDM in order to carry out real-time face tracking robust to changes
of pose, position and facial expression. By using MBPF, a small number of particles
were distributed in appropriate poses and positions to estimate the state of the head in
the next frame. In fact, rather than distribute particles in random poses and positions,
the previous memory of states was used to scatter a few number of particles with proper
states.

Also, experiments were provided that demonstrate the present method can achieve
an accurate pose of input faces under a variety of imaging conditions, including facial
expressions, gender and ethnicity. The present method was tested on Biwi Kinect Head
Pose [6] and ICT database [5] in order to carry out head pose estimation.

This paper is organized as follows: Sect. 2 describes CLM with a 3D Point Dis-
tribution Model (PDM) for locating the facial landmarks in total face pose. Section 3
describes the M-PF for pose invariant head tracking. Experimental evaluations are
presented in Sect. 4 and conclusions in Sect. 5.

2 Constrained Local Model with 3D Point Distribution Model
for Face Pose Detection

In this section, how to construct a 3D PDM for use in the CLM was presented. A visual
illustration of constructing a 3D PDM is shown in Fig. 1. Based on, a Generic Elastic
Model (GEM) [7] for each expression was considered. The GEM was created by the

92 A. Moeini et al.



mmeybodi@aut.ac.ir

method employed in [8, 12] and by using the 3D database Bosphorus [9]. Then, the 3D
spatial location (x2DPDM, y2DPDM, zGEM) of each 3D PDM was constructed as:

x2DPDM; y2DPDM; 0ð Þ þ 0; 0; zGEMð Þ ¼ x2DPDM; y2DPDM; zGEMð Þ ð1Þ

where x2DPDM and y2DPDM are 2D spatial location of each 2D PDM, and zGEM is the
depth of spatial location of 2D PDM in each GEM for each 2D PDM according to
facial expressions. The main contributions of this section are 3D PDM construction and
use in landmark localizations.

In general, the pose detection and landmark localization process can be shown in
Fig. 2. Based on, pose detection performs in initial frames of input video by Haar pose
detection [8]. Then, the constructed 3D PDM rotates in the detected initial pose
direction and a patch is created around each facial landmark in the rotated 3D PDM.
Finally, the fitting process is performed on spatial location of 3D PDM in order to fit
the facial landmarks to the main location.

For the fitting process, a common two step CLM fitting strategy [10, 11] was
employed, carrying out an exhaustive local search around the present estimate of spatial
location of 3D PDM leading to a response map around every facial landmark, and then
iteratively updating the model factors to minimize error until a convergence metric is
obtained. For fitting process a Regularized Landmark Mean-Shift (RLMS) [11] was
used according to the method employed in [11].

Training CLM with 3D PDM includes constructing the 3D PDM and training the
patch experts. The PDM is used both to provide the prior p(p) and to make 3D PDM
the shape model. The patch experts serve to calculate the response maps according to
the method employed in [11]. For training, the Biwi Kinect Head Pose database [6] was
used and the main training was employed according to the training method employed in
[11] with a few difference. These difference are due to training of the patch experts in
all face poses which in addition to training the patch experts in frontal face, the patch
experts in non-frontal face were also trained.

Fig. 1. Construction 3D PDM from 2D PDM and GEM.
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Therefore, by employing 3D PDM in the CLM landmark localization, all possible
face poses are possible. This pose detection and landmark localization is rapid and the
average time of this manner for pose detection and landmark localization is less than
0.1 s.

3 Facial Landmarks Tracking

3.1 Memory-Based Particle Filter (M-PF)

The M-PF provides vigorous target tracking without explicit modeling of the target’s
dynamics. Similar to conventional PF, M-PF uses Bayes’ rule and estimates the pos-
terior probability density function for the next state of the target by a two-stage process
including prediction and update that have been presented in Eqs. (2) and (3) respec-
tively. The first stage predicts prior distribution and the second updates particles weight
by using obtained observations. Providing that the posterior probability density func-
tion of the previous state (p(xt-1|z1:t−1)) is available, the prior probability density
function is obtained as:

pðxtjz1:t�1Þ ¼
Z

pðxtjxt�1Þpðxt�1jz1:t�1Þdxt�1 ð2Þ

where zt and zt−1 are observation at times t and t − 1, respectively, and xt and xt−1 are
state vectors at times t and t − 1, respectively. Utilizing zt (observation at time t), the
prior probability density function obtained from Eq. (2) is updated with Bayes’ rule
according to Eq. (3):

pðxtjz1:tÞ ¼ pðztjxtÞpðxtjz1:t�1ÞR
pðztjxtÞpðxtjz1:t�1Þdxt ð3Þ

where p(zt|xt) represents the likelihood function.

Fig. 2. An illustration of pose detection and landmark localization.
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The M-PF eases the Markov supposition of PF and predicts the prior distribution
based on the target’s long-term dynamics using the past account of the target’s posi-
tions. Probability density function p(xt│xt−1) in Eq. (1) expresses the motion model of
the target that demonstrates the distribution manner of particles for estimation of the
next state. This model can be an explicit model of target motion such as the motion
model with constant velocity, random Gaussian model or motion model based on
memory. M-PF uses the memory-based motion model to predict prior distribution and
scatter particles. In other words, the aim of employing PF based on memory is
improving of the particles scattering using a small number of them.

The M-PF stores activist series of past state vectors x1:t = {x1,…,xt} in the memory
and assumes that the subsequent parts of the past states similar to the current state
present the good estimation of the next state. Here, x1:t denotes a sequence of state
estimates from time 1 to time t.

Fig. 3. An illustration of tracking method for head pose estimation approach.
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3.2 Face Pose Tracking System Using M-PF

In this section, a pose invariant face tracking was proposed using M-PF that utilizes a
simple memory to store past estimated state vectors. This memory only stores 7D
vectors S = {S1, S2… St-1}, Si = (x, y, z, p, y, r, i) and no appearance models (PDMs)
for which (x, y, z), (p, y, r), and i represent 3D position of the head, face pose and
coefficient of light respectively. The tracking system based on M-PF uses this memory
to estimate prior prediction. However, a general 3D appearance model of the face is
available in order to model likelihood probability. The general 3D PDMs is illustrated
in Fig. 1 in which by varying this model’s parameters, the PDMs accordance with state
vectors can be obtained. Therefore, no requirement is necessary to save this model in
the memory.

Suppose that the 7D state vector of the target in time t − 1 is presented by St−1
which is available. To estimate the state (pose and position) of the target in time t, the
memory of the filter is searched to find the vector that is the most similar to St−1 and has
the minimum Euclidean distance with it. Then, a small number of state vectors around
this selected vector in memory are selected as possible vectors for estimation of the
state vector in time t that are mentioned as particles (prior distribution prediction
process). To measure of the similarity between each particle and the target model, a
PDM likelihood model is required. Therefore, for each scattered particle a 3D mesh
model is made and similarity between each of them and the target model is measured.

Figure 3 illustrates a block diagram of the proposed tracking system. The proposed
detection algorithm expressed in the previous sections is used to detect face pose
direction in the first frame. In the other frames, pose and position of the target is tracked
by using the M-PF tracking method. This tracking algorithm is utilized as long as the
state of the target is determined. In the first step of the algorithm, a memory-based
particle filter process is used to estimate the state of the target in each frame such that it
uses a sequence of previous state vectors in memory to predict prior distribution and
then estimates the posterior density function by using likelihood observation
(appearance model). The estimated state vector of the target is saved in memory. In the
last step, an appearance model according to the estimated state vector is created. In this
way, the tracking process of the target for one frame is finished.

4 Experiments

In order to quantitatively show the performance of the present pose estimation method
in all possible poses of the face, the present method was tested on two available
databases to estimate the face poses as sequence images. The Biwi Kinect Head Pose
database [6] and ICT-3DHP database [5] are two databases that were used in
the experiment. To demonstrate the accuracy of the present method, in order to detect
the face in all poses, initial frames that are included in the frontal face image were
removed from the databases and the test was performed on the remaining frames.
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4.1 Head Pose Estimation on ICT-3DHP Database

To test the present method in this part, the ICT-3DHP database was used. The dataset
contains 10 video sequences (both intensity and depth), of around 1400 frames each and
is publicly available. Also in this database, for each image the pitch and yaw angles are
rendered. In this database to show accuracy, the present method frontal face images
are removed from the initial frames in each video. To evaluate the present method, the
pose of face was initially estimated. Then, estimation error was computed by subtracting
the estimated value in each frame from each person and the pitch and yaw value which
are rendered for each frame. Finally, for each person a mean estimation error was
calculated.

Examples of landmark localization and tracks using CLM with 3D PDM and
(present tracker) on two samples from the ICT-3DHP dataset can be seen in Fig. 4.
To verify the effectiveness of face tracking method using M-PF, we used a test video
sequence that included a head rotated with high degree of freedom and having rapid
direction changes. Blue meshes in each image represent a 3D PDM of the target and red
cubes in each frame demonstrate face pose in that frame. As illustrated in Fig. 4, this
tracking algorithm can track the pose and position of the face accurately with sufficient
frames per second. In Fig. 4, an effective face pose detection and landmark localization
method can be seen in frame #0 which is robust to face pose and no frontal face for
landmark localization is required. Results of appraising the present tracker on the ICT-
3DHP database can be seen in Table 1. We see a significant progress of using the
present method over other methods in trackers.

Fig. 4. Examples of CLM with 3D PDM tracking method on a sample from ICT-3DHP
database. Blue meshes in each image represent 3D PDM of the target and red cubes in each frame
demonstrates face pose in that frame. Each frame show: three measured angles of face pose, the
number of frames per second (FPS) and number of frame.
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4.2 Head Pose Estimation on the Biwi Kinect Head Pose Database

To test the present method in this part, the Biwi Kinect Head Pose database was used.
The dataset contained over 15 K images of 20 people (6 females and 14 males in which
4 people were recorded twice) without facial expressions. For each frame, a depth
image corresponding to the RGB image and the annotation is provided. The head pose
range covers about ±75° yaw and ±60° pitch. A subset of 20 face images were utilized
which are selected from each person including 400 images in yaw direction between
−75 and +75° as sequence and frame to frame images, 400 images in pitch direction
between −60 and +60° as sequence images. Thus, the total images utilized for each
person in this experiment are 800 (400 + 400) of which frontal face images are
removed from the initial frames. Also in this database, for each image the pitch and
yaw angles are rendered.

Results of evaluating the present tracker on the Biwi Kinect Head Pose database
can be seen in Table 2. We see a significant progress of using the present method over
other methods in trackers.

5 Conclusion

In this paper a CLM method with 3D PDM was proposed which utilized a 3D PDM for
face pose detection and landmark localization. In this method frontal state of face not
required in initial frames of video and present method can be in all pose of face to carry
out locating facial landmarks. This method was tested on available datasets and

Table 1. Table showing the head pose estimation results on ICT-3DHP database. Error is
measured in mean absolute distance from the ground truth.

Method Yaw Pitch Roll Mean

Regression forests [6] 7.17 9.40 7.53 8.03

CLM [10] 11.10 9.92 7.30 9.44

CLM-Z [5] 14.80 12.03 23.26 16.69

CLM-Z with GAVAM [5] 2.90 3.14 3.17 3.07

CLM with 3D PDM (our method) 2.53 2.67 3.24 2.81

Table 2. Table showing the head pose estimation results on Biwi Kinect Head Pose database.
Error is measured in mean absolute distance from the ground truth.

Method Yaw Pitch Roll Mean

Regression forests [6] 9.2 8.5 8 8.6

CLM [10] 28.85 18.3 28.49 25.21

CLM-Z [5] 14.80 12.03 23.26 16.69

CLM-Z with GAVAM [5] 6.29 5.1 11.29 7.56

CLM with 3D PDM (our method) 4.1 4.9 9.5 6.16
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demonstrates better performance both in terms of convergence and accuracy for facial
landmarks tracking from a single image non-frontal face and in frames of video.

Also, the M-PF was proposed which was combined with an appearance of 3D PDM
in order to carry out real-time face tracking robust to changes of pose, position and
facial expression. The drawback of the existing methods are using only frontal face for
face detection and landmark localization. Hence, we extend an existing CLM tracker to
be able to use the non-frontal face detection and landmark localization leading to more
accuracy when tracking head pose by M-PF.
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Abstract. Facial expression recognition, as an interesting problem in pattern
recognition and computer vision, has been performed by means of dynamic and
static methods in recent years. Though dynamic information plays important
role in facial expression recognition, utilizing the entire dynamic information of
expression image sequences have high computational cost compared to the static
cases. In order to reduce the computational cost, only neutral and emotional
faces can be used instead of entire image sequence. In the previous research, this
idea has been employed by means of DLBPHS method which vanish facial
important small displacements by subtracting LBP features of neutral and
emotional face images. In this paper, a novel semi-dynamic approach is pro-
posed to utilize two face images by subtracting neutral image from emotional
image. In this method, LBP features are extracted from masked difference
image. In the masking procedure, eyes and mouth being important regions in
facial expression recognition are selected for feature extraction step. Evaluation
of the proposed algorithm on the standard databases shows a significant accu-
racy improvement compared to DLBPHS method.

Keywords: Facial expression recognition � Local Binary Patterns (LBP) �
Displacement image � Difference image � Support Vector Machine (SVM)

1 Introduction

Facial expression or emotion expression in human face is an important human social
interaction way. Psychological studies show that six basic emotions including anger,
disgust, fear, happiness, sadness, and surprise have universal facial expressions in all
cultures [1, 2]. Though different subjects express these emotions differently, we can
recognize facial expression of an unfamiliar face [3]. Because of various applications,
such as producing robots with human-like emotions, automatic facial expression
analysis becomes an interesting problem in machine vision and pattern recognition.

Feature extraction step plays an important role in the accuracy of recognizing facial
expression. The existing facial expression recognition systems can be divided
according to their feature extraction method [4]. Basically, there are three types of
feature extraction techniques: geometric feature-based; appearance feature-based; and
hybrids of appearance and geometric feature-based. Geometric feature-based methods
[5–7] utilize the geometric shape and location of facial components, such as eyebrow

© Springer International Publishing Switzerland 2014
A. Movaghar et al. (Eds.): AISP 2013, CCIS 427, pp. 100–108, 2014.
DOI: 10.1007/978-3-319-10849-0_11



mmeybodi@aut.ac.ir

and mouth, for facial representation. In the appearance feature-based methods [8–11],
the texture information of facial image is employed [4, 11]. Hybrid methods [12–16]
use both appearance and geometric features for facial images representation. Although
geometric features have similar or more accuracy than appearance features [17, 18],
geometric feature extraction generally needs perfect location of facial fiducial point.

In appearance feature-based methods, generally Gabor filter [19] was applied to the
facial images [15, 20–22]. However, convolving Gabor filters in different orientations
and scales have a huge calculation. In [23], another type of texture descriptors as Local
Binary Patterns (LBP) have been introduced, and different version of them have
been used for facial appearance feature extraction in both static and dynamic methods
[9–11, 15]. A survey of facial image analysis using LBP-based feature extraction is
presented in [24].

In other categorization, the existing studies can be divided into static and dynamic
approaches [4]. Static methods use a single frame to recognize facial expression; while
in the dynamic methods, temporal changes in the video sequence are utilized [4].
Psychological studies indicate that dynamic methods provide higher performance than
static approaches [25]. Therefore, this paper tries to utilize the dynamic information of
facial expression. However, utilizing the whole dynamic information of an image
sequence has a huge computational cost. For this reason, this paper compares the
emotional image with neutral image to extract suitable facial features. In this study,
LBP are used as facial appearance features due to their accuracy in facial representation
[24] and computational simplicity. All of the experiments are person-independent in
such a way that the train persons are not present in the testing data. For this reason, a
multiclass Support Vector Machine (SVM) classifier is used in different cross valida-
tion testing schemes. Support Vector Machine is attracted much attention in pattern
recognition and facial expression recognition [9–11, 22].

The remainder of this paper is summarized as:
In the next section, the LBP texture descriptor and the proposed feature extraction

method using LBP is described. Introducing the databases and evaluation of the pro-
posed system on standard databases is presented in Sect. 3. Finally, Sect. 4 concludes
this paper.

2 Facial Representation

2.1 Local Binary Patterns

Basic Local Binary Patterns (LBP) operator was introduced as a powerful texture
descriptor in [23]. For each pixel, LBP operator produces 8 labels by thresholding 3 × 3
neighborhood of the pixel with its gray-level value (Fig. 1). Then, the histogram of
corresponding decimal values as shown in is used as an image texture descriptor. The
basic LBP operator produces 256 binary patterns. However, it can be shown the most
appeared binary patterns in facial images are uniform [27]. Number of uniform binary
patterns in the basic LBP operator is 58; accumulating the non-uniform binary patterns
into a single bin yields a 59 bin histogram (LBPu2 operator) [27]. Figure 2 shows some
examples of uniform binary patterns along with their micro-texture information.
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The experimental results demonstrate that 90.6 % of appeared patterns in facial
images using basic LBP operator are uniform [29]. Therefore, this paper utilizes LBPu2

operator for feature extraction.

2.2 Displacement Image LBP (DI-LBP)

As mentioned previously, the dynamic information of facial images sequence is utilized
in this paper. Intuitively, one can say that a facial expression is a variation in the texture
of facial components. Each expression has an individual variation; and the variations lie
in specific regions. In this study, the facial regions containing expression-based vari-
ation are detected in the video sequence. Therefore, the difference of emotional image
(EI) and one of the previous frames (here: the first frame) is calculated. Then, LBPu2

features are extracted from the difference/displacement image (DI). The block diagram
of the proposed feature extraction method is shown in Fig. 3.

Firstly, the first and the peak frame of expression sequence are selected for our
experiment. Color images are converted to grayscale. Next, all facial images are nor-
malized to 150 × 110 pixels followed by face region localization using AAM feature
points. In the next step, difference of peak frame and the first frame is calculated. To
reduce the computational cost, some important regions in facial image can be used for
feature extraction. Therefore, mouth and eyes regions are selected in our experiments.
This method reduces computational complexity and enhances the accuracy of algo-
rithm. Then, LBPu2 histogram is extracted from masked difference/displacement image
(DI-LBP). Thus, the facial regions being stationary in the image sequence are appeared
as flat areas in DI. Accordingly, facial stationary textures are accumulated in the flat
area bin of LBP histogram.

Holistic LBP histogram cannot represent any indication about location of binary
patterns. To solve this problem, the masked images are divided into 19 sub-regions with

Fig. 1. An example of the basic LBP operator on an image pixel [26]

Fig. 2. Five examples of texture information in LBP patterns; black and white circles represent
zero and one, respectively [28].
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size of 21 × 18 pixels according to [11]. Then, the LBPu2 histograms of these sub-regions
are concatenated to a single feature vector with the length of 1121 (59 × 19) to represent
facial image. In order to keep all suitable information of facial image, the LBP histograms
of masked emotional image (EI) is calculated in the same way. Finally, EI-LBP and DI-
LBP are concatenated into final feature vector with length of 2242 (2 × 1121).

In [30], difference of LBP histograms calculated from emotional and neutral frames
was used as DLBPHS (Difference of LBP Histogram Sequences) feature vector. One
disadvantage of DLBPHS is elimination of small displacement texture information
from LBP histogram by subtracting two LBP features. In contrast, the effects of small
displacements are highlighted in DI. Calculating LBP histogram from DI can be
appropriately used for texture description in facial image.

Another disadvantage of subtracting two LBP histograms in DLBPHS algorithm is
elimination of facial stationary region information. On the contrary, in the proposed

Fig. 3. The block diagram of proposed feature extraction method.
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method, difference of neutral and emotional images is calculated; thus, facial stationary
regions are appeared as flat area in DI. Accordingly, the texture information of these
regions lies in flat area bin in the LBP histogram. As a result, feature vectors are
inherently normalized. Furthermore, any information is not eliminated from feature
vector; and they only lie in suitable bins in the LBP histogram.

3 Experimental Results

3.1 Dataset

In this paper, extended Cohn-Kanade database (CK+) [31], that is an extended version
of original Cohn-Kanade dataset (CK) [32], are employed for evaluation of the pro-
posed system. The database consists of 123 subjects and all prototypic emotions in
addition to Contempt facial expression. Furthermore, 68 fiducial points was localized
using Active Appearance Model (AAM) in CK+ [31]. Each data includes one sequence
of images starting from neutral face to peak of its emotion label. In this study, three
peak frames of each sequence were labeled as one of the emotions are utilized in the
experiments. The AAM fiducial points are used for face region localization. Figure 4
shows some examples of CK+ facial image with maximum emotion intensity.

3.2 Experiments

To evaluate the performance of proposed algorithm, a multi-class Support Vector
Machine (SVM) [33] classifier with linear and polynomial kernel functions is utilized
on CK+ [31] database. For this reason, different testing scheme, including leave-one-
subject-out (LOSO) and 10-fold cross validation are used for person-independent
classification. Table 1 show the result of different region selection in facial expression
recognition. The confusion matrix of six-expression recognition on CK+ database
using SVM (linear) is shown in Table 2. The results of different region selection are
compared with [34] in Table 3.

Fig. 4. Eight examples of CK face images and new images in CK+ are shown in the top and
bottom rows, respectively. Expression labels from top left to bottom right: Disgust, Happiness,
Surprise, Fear, Angry, Contempt, Sadness, and Neutral [31].
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CK+ database includes contempt expression, which makes it more challenging than
CK dataset. In this section, 7-class facial expression recognition including contempt
and six basic emotions is performed using SVM (polynomial) classifier. Table 4
compares the accuracy of the proposed algorithm with the existing work on CK+
dataset. As shown in Table 4, the proposed method has the highest accuracy on CK+.

3.3 Evaluation on JAFFE Database

To provide a fair comparison of the proposed algorithm with DLBPHS [30], we
conduct experiments in the same ways as [30]. In [30], JAFFE database [35] was used
in the experiments. JAFFE database consists of 10 Japanese female subjects. Each
subject has 3 or 4 images for each basic facial expression and the neutral face (totally
213 images with size of 256 × 256 pixels).

Table 1. 6-class average recognition rate on CK+ database in case of different region selection

Table 2. Confusion matrix of six-class expression recognition on CK+ database using SVM
(linear) classifier and leave-one-subject-out measure

Expression Angry
(%)

Disgust
(%)

Fear
(%)

Happiness
(%)

Sadness
(%)

Surprise
(%)

Angry 92.59 5.19 0 0 2.22 0

Disgust 1.72 97.70 0 0.57 0 0

Fear 4.17 2.78 88.89 0 0 4.17

Happiness 0 2.42 1.45 96.14 0 0

Sadness 8.33 0 0 0 88.10 3.57

Surprise 0 1.20 1.20 1.2 0 96.39

Average 94.68 %

Table 3. Comparison of algorithm accuracy to [34] on CK+ dataset using different face regions

Whole face Best region selection Mouth Eyes

Ours 93.16 94.68 91.97 80.24

[34] (%) 88 91.4 81.0 64.8
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In [30], 2 images of each subject from each expression were selected in training
step, and the rest images from each expression were used as test images. In this section,
the experiments are conducted in the same way as [30]. Moreover, we implement the
DLBPHS method [30], which was discussed in Sect. 2.2, with the same results as [30]
on JAFFE database. Then, this method is experimented on CK+ database in a 10-fold
cross validation person-independent testing scheme. Table 5 compares the result of our
method with DLBPHS on both CK+ and JAFFE databases.

4 Conclusion

In this paper, we present a facial expression recognition method which utilizes semi-
dynamic information of emotional and neutral frames. Therefore, the first frame of each
image sequence (neutral face) is subtracted from the emotional face instead of sub-
tracting their LBP features. Next, LBP is used for efficient facial feature extraction.
According to the experimental results on the standard datasets, it can be concluded that
feature extraction from difference image provides better accuracy than subtracting LBP
features. Moreover, utilizing important region instead of whole face (masking process)
improves the accuracy of proposed facial expression recognition systems.

The major of dynamic facial expression methods utilize whole facial expression
image sequence. The proposed algorithm can be utilized in these dynamic systems to
reduce the computational cost. Furthermore, difference/displacement image (DI) can be
obtained from emotional frame and one of the previous frames with low emotion
intensity instead of neutral face in future work.

Table 4. Comparison of the algorithm performance with the existing work on CK+ database

Classes Cross validation Accuracy (%)

Ours 6 leave-one-subject-out 94.68

Ours 6 10-fold 94.16

Ours 7 leave-one-subject-out 94.41

Ours 7 10-fold 94.05

[31] 7 leave-one-subject-out 88.33

[36] 7 10-fold 90.1

[37] 7 leave-one-subject-out 82.6

[38] 7 10-fold 89.3

[34] 7 leave-one-subject-out 91.4

Table 5. Comparisons between DLBPHS method [30] and our method

Database 6-calss recognition (%)

Ours CK+ 94.16

Ours JAFFE 91.23

DLBPHS CK+ 82.36

DLBPHS [30] JAFFE 80.33

106 H. Sadeghi and A.A. Raie



mmeybodi@aut.ac.ir

References

1. Fasel, B., Luettin, J.: Automatic facial expression analysis: a survey. Pattern Recogn. 36,
259–275 (2003)

2. Ekman, P., Friesen, W.V.: Constants across cultures in the face and emotion. J. Pers. Soc.
Psychol. 17(2), 124–129 (1971)

3. Ekman, P.: Facial expressions of emotion: an old controversy and new findings. Philos.
Trans. Royal Soc. Lond. B335, 63–69 (1992)

4. Tian, Y., Kanade, T., Cohn, J.: Chapter 11. Facial expression analysis. In: Handbook of Face
Recognition. Springer, Heidelberg (2005)

5. Pai, N.S., Chang, S.P.: An embedded system for real-time facial expression recognition
based on the extension theory. Comput. Math. Appl. 61(8), 2101–2106 (2011)

6. Kobayashi, H., Hara, F.: Recognition of six basic facial expression and their strength by
neural network. In: Proceedings of International Workshop Robot and Human
Communication, pp. 381–386 (1992)

7. Kobayashi, H., Hara, F.: Recognition of mixed facial expression by neural network. In:
IEEE International Workshop Robot and Human Communication, pp. 387–391 (1992)

8. Ma, L., Khorasani, K.: Facial expression recognition using constructive feedforward neural
networks. IEEE Trans. Syst. Man Cybern. Part B Cybern. 34(3), 1588–1595 (2004)

9. Zhao, G., Pietikäinen, M.: Dynamic texture recognition using local binary patterns with an
application to facial expressions. IEEE Trans. Pattern Anal. Mach. Intell. 29(6), 915–928
(2007)

10. Sadeghi, H., Raie, A.A., Mohammadi, M.R.: Facial expression recognition using geometric
normalization and appearance representation. In: 8th Iranian Conference on Machine Vision
and Image Processing (MVIP 2013), Zanjan, Iran, pp. 856–860 (2013)

11. Shan, C., Gong, Sh, McOwan, P.W.: Facial expression recognition based on local binary
patterns: a comprehensive study. Image Vis. Comput. 27(6), 803–816 (2009)

12. Lanitis, A., Taylor, C., Cootes, T.: Automatic interpretation and coding of face images using
flexible models. IEEE Trans. Pattern Anal. Mach. Intell. 19(7), 743–756 (1997)

13. Cootes, T., Edwards, G., Taylor, C.: Active appearance models. IEEE Trans. Pattern Anal.
Mach. Intell. 23(6), 681–685 (2001)

14. Edwards, G.J., Cootes, Tim F., Taylor, C.J.: Face recognition using active appearance
models. In: Burkhardt, H., Neumann, B. (eds.) ECCV 1998. LNCS, vol. 1407, pp. 581–595.
Springer, Heidelberg (1998)

15. Xiao, R., Zhao, Q., Zhang, D., Shi, P.: Facial expression recognition on multiple manifolds.
Pattern Recogn. 44(1), 107–116 (2011)

16. Zhang, L., Chen, S., Wang, T., Liu, Z.: Automatic facial expression recognition based on
hybrid features. In: International Conference on Future Electrical Power and Energy
Systems, Energy Procedia, vol. 17, pp. 1817–1823 (2012)

17. Valstar, M., Patras, I., Pantic, M.: Facial action unit detection using probabilistic actively
learned support vector machines on tracked facial point data. In: Proceedings of CVPR, vol.
3, pp. 76–84 (2005)

18. Valstar, M., Pantic, M.: Fully automatic facial action unit detection and temporal analysis.
In: Proceedings of CVPR, p. 149 (2006)

19. Daugmen, J.: Complete discrete 2d Gabor transforms by neutral networks for image
analysis and compression. IEEE Trans. Acoust. Speech Signal Process. 36(7), 1169–1179
(1988)

20. Bashyal, S., Venayagamoorthy, G.K.: Recognition of facial expression using Gabor
wavelets and learning vector quantization. Eng. Appl. Artif. Intell. 21(7), 1056–1064 (2008)

Semi-dynamic Facial Expression Recognition 107



mmeybodi@aut.ac.ir

21. Gu, W., Xiang, C., Venkatesh, Y.V., Huang, D., Lin, H.: Facial expression recognition using
radial encoding of local Gabor features and classifier synthesis. Pattern Recogn. 45, 80–91
(2012)

22. Zhang, L., Tjondronegoro, D.: Facial expression recognition using facial movement features.
IEEE Trans. Affect. Comput. 2(4), 219–229 (2011)

23. Ojala, T., Pietikäinen, M., Harwood, D.: A comparative study of texture measures with
classification based on featured distribution. Pattern Recogn. 29, 51–59 (1996)

24. Huang, D., Shan, C., Ardabilian, M., Wang, Y., Chen, L.: Local binary patterns and its
application to facial image analysis: a survey. IEEE Trans. Syst. Man Cybern. Part C Appl.
Rev. 41(6), 765–781 (2011)

25. Bassili, J.N.: Emotion recognition: the role of facial movement and the relative importance
of upper and lower area of the face. J. Pers. Soc. Psychol. 37(11), 2049–2058 (1979)

26. Ahonen, T., Hadid, A., Pietikäinen, M.: Face recognition with local binary patterns. In:
Pajdla, T., Matas, J. (eds.) ECCV 2004. LNCS, vol. 3021, pp. 469–481. Springer,
Heidelberg (2004)

27. Ojala, T., Pietikäinen, M., Maenpaa, T.: Multiresolution gray-scale and rotation invariant
texture classification with local binary patterns. IEEE Trans. Pattern Anal. Mach. Intell. 24
(7), 971–987 (2002)

28. Hadid, A., Pietikäinen, M., Ahonen, T.: A discriminative feature space for detecting and
recognizing faces. In: Proceedings of CVPR, pp. 797–804 (2004)

29. Ahonen, T., Hadid, A., Pietikäinen, M.: Face description with local binary patterns:
Application to face recognition. IEEE Trans. Pattern Anal. Mach. Intell. 28(12), 2037–2041
(2006)

30. Liu, W.F., Wang, Y.J.: Expression feature extraction based on difference of local binary
pattern histogram sequences. In: Proceedings of IEEE International Conference on signal
processing, pp. 2082–2084 (2008)

31. Lucey, P., Cohn, J.F., Kanade, T., Saragih, J., Ambadar, Z., Matthews, I.: The extended
cohn-kanade dataset (ck+): a complete expression dataset for action unit and emotion-
specified expression. In: Proceedings of the Third International Workshop on CVPR for
Human Communicative Behavior Analysis, San Francisco, USA, pp. 94–101 (2010)

32. Kanade, T., Cohn, J.F., Tian, Y.: Comprehensive database for facial expression analysis. In:
Proceedings of the Fourth IEEE International Conference on Automatic Face and Gesture
Recognition (FG’00), Grenoble, France, pp 46–53 (2000)

33. Chang, C.C., Lin, C.J.: (2012) LIBSVM: a library for support vector machines. ACM Trans.
Intell. Syst. Technol. http://www.csie.ntu.edu.tw/*cjlin/papers/libsvm.pdf

34. Ptucha, R., Savakis, A.: manifold based sparse representation for facial understanding in
natural images. Image Vis. Comput. 31(5), 365–378 (2013)

35. Lyons, M.J., Budynek, J., Akamatsu, S.: Automatic classification of single facial images.
IEEE Trans. Pattern Anal. Mach. Intell. 21(12), 1357–1362 (1999)

36. Islam, M.S., Auwatanamongkol, S.: A novel feature extraction technique for facial
expression recognition. Int. J. Comput. Sci. Issues 10(3), 9–14 (2013)

37. Yang, S., Bhanu, B.: Understanding discrete facial expressions in video using an emotion
avatar image. IEEE Trans. Syst. Man Cybern. Part B Cybern. 42(4), 980–992 (2012)

38. Rivera, A.R., Castillo, J.R., Chae, O.: Local directional number pattern for face analysis:
face and expression recognition. IEEE Trans. Image Process. 22(5), 1740–1752 (2013)

108 H. Sadeghi and A.A. Raie

http://www.csie.ntu.edu.tw/~cjlin/papers/libsvm.pdf


mmeybodi@aut.ac.ir

Medical Image Processing



mmeybodi@aut.ac.ir

Needle Detection in 3D Ultrasound Images
Using Anisotropic Diffusion and Robust Fitting
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Abstract. Needle insertion is a minimally invasive medical procedure with a
vast domain of applications. 3D localization of the needle is important in needle
visual tracking by a physician and robotic automatic needle guidance. This
paper investigates detection of the needle position in 3D ultrasound images.
Ultrasound is a fast and non-invasive medical imaging modality that is suitable
for intra-operative imaging. But unfortunately, ultrasound images suffer from
speckle noise and other artifacts that degrade the image quality. We combined
the RANSAC robust fitting algorithm with a structure adopted denoising method
called anisotropic diffusion. The results show more accuracy compared to the
previous method and significant improvement in the processing time.

Keywords: 3D ultrasound image � Needle segmentation � Nonlinear aniso-
tropic diffusion � Robust fitting

1 Introduction

Needle insertion is an important operation in many medical applications such as
biopsy, brachytrapy and neural signal recording. Precise localization and navigation of
the needle reduce the damage to tissue and decrease the number of unsuccessful
insertions. Image guided procedures can achieve this goal by tracking the surgical
instrument in intra-operative images. Among various medical imaging modalities,
ultrasound is popular because of acquisition speed, non-ionizing radiation, compati-
bility with metallic objects and low cost.

Despite current advances in imaging and processing technologies, automatic needle
detection in 3D ultrasound data is still challenging. Speckle noise that is inherent
property of the ultrasound images degrades the image quality. Needle diameter in the
image is low and comparable to ultrasound image resolution. There are other bright
structures with similar intensity as a needle in the background. Resolution and intensity
of pixels decrease in higher distances from the transducer. The 3D image volume is a
large data that should be processed in high speed.

The problem of needle localization in 3D ultrasound images has been studied in
many previous researches. Novotny et al. [1] used the principle component analysis
(PCA) method. The thresholded pixels are divided into clusters and the cluster with
longest line and highest intensities is selected using PCA as a needle. Minimization of
parallel projection is introduced by Ding et al. [2]. This method is based on the fact that
if the projection is parallel to needle axis, the needle area in the projected image will be
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minimized. Ding et al. [3] also proposed the method of needle segmentation in two
orthogonal projections. This technique reduces the processing time and makes the
algorithm independent of initial projection direction. This method is used by
Aboofazeli et al. [4] for curved needle segmentation. Cao et al. [5] proposed a catheter
segmentation algorithm based on Aboofazeli ‘s approach that detects the catheter
absence in the image.

The Hough transform is a well-known method for line and curve detection. Zhou
et al. [6] used the randomized version of 3D Hough transform because of its memory
and time efficiency. Qiu et al. [7] introduced the Quick Randomized Hough transform
that employs a coarse to fine search strategy. They [8] also used Roberts line repre-
sentation for needle axis, because of low computational memory. Neshat et al. [9]
considered the needle axis model as a third order Bezier curve and employed the
generalized Hough transform. They implement the algorithm on a Graphical Processing
Unit (GPU).

The Parallel Integral Projection (PIP) transform is a form of Radon transform.
Barva et al. [10] showed that needle axis can be found by maximization of PIP
transform. The hierarchical mesh-grid technique is used to speed up this method.
Uhercik et al. [11] introduced the faster multi-resolution PIP approach. Wei et al. [12]
acquired two images before and after insertion. The needle is segmented in the dif-
ference image using least square method. Yan et al. [13] employed the level set
segmentation approach. This method is not automatic and need user input data.
Novotny et al. [14] used the generalized Radon transform. The image is divided into
smaller regions that are processed on a GPU. Adebar et al. [15] vibrated the needle with
high frequency and segmented it in the resulting 3D power Doppler image. They fitted
a third order polynomial to the thresholded Doppler response.

Most of the introduced needle detection techniques-such as Hough and Radon
transform and PIP-are projection based. These methods suffer from high computational
time and robustness problem in case of cluttered background. The faster and more
robust model fitting RANSAC approach is introduced by Uhercik et al. [16]. They also
employed a linear classifier [17] to identify tool pixels using intensity and tubularity
features. This modification leads to a more robust algorithm but decreases the speed.
Zhao et al. [18] considered detection and tracking of needle in the sequence of 3D
images. In their method, a Kalman filter estimated the needle tip position using speckle
tracking speed estimation and RANSAC tip localization. Chatelain et al. [19] also
studied the needle tracking problem. They found the ROI that contained the needle
using predictive Kalman filtering. The predicted model is used in the RANSAC pro-
cedure to reject improbable configurations.

In this paper, we take advantage of nonlinear anisotropic diffusion (AND) to
achieve faster and more accurate result, in RANSAC based needle localization. The
anisotropic diffusion is first introduced by Perona et al. [20] as an edge preserving
denoising method. The success and time performance of model fitting algorithms are
very much affected by the number of outliers. Realizing the fact that outliers are mainly
due to speckle noise and existence of other bright structures in the background, we
reduced the effect of these parameters using anisotropic diffusion (AND). The major
advantage of AND is that it can reduce the noise without removing specific structures
(such as lines) and even enhance them. This is an important feature because of needle
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low diameter and possible loss of needle pixels in the denoising process. The results
show the effectiveness of this scheme in reducing the needle localization error and
processing time.

2 Method

The needle appears in the ultrasound images as a thin tubular high intensity structure
that is surrounded by a noisy and inhomogeneous background. The position of the
needle is found in three consecutive steps: anisotropic diffusion, thresholding and
RANSAC robust fitting. The two first steps assure less noisy and erroneous input data
for RANSAC procedure.

2.1 Nonlinear Anisotropic Diffusion

To preserve the specific structure of interest, the local image structure in each pixel
should be known. The structure tensor of the image I is defined as

J rIð Þ ¼ rI � rIT ¼
I2x IxIy IxIz
IxIy I2y IyIz
IxIz IyIz I2z

2
4

3
5 ð1Þ

The subscript means derivative with respect to spatial coordinates.
After Gaussian smoothing the input image, the structure tensor in each pixel is

found. The eigenvalues and eigenvectors of J contain information about the local image
structure in the specific pixel. Three mutually perpendicular eigenvectors v1; v2; v3
describe the local orientation and the eigenvalues l1; l2; l3 measure average contrast
along eigendirections. The eigenvector v1 is perpendicular to the local structure. In
needle detection problem, we should preserve lines. High level of smoothing perpen-
dicular to the eigenvector v1 will realize this goal.

In physics, the difference in density cause mass transport without creating and
destroying mass. This process is called diffusion and is similar to image smoothing
when there is a difference in gray levels. The diffusion equation for the image u is
expressed as

ot u ¼ div D � ruð Þ ð2Þ

The subscript t denotes derivative with respect to diffusion time t. “div” is the diver-
gence operator

div~p ¼ oxp1 þ oyp2 þ ozp3 ð3Þ

where ~p ¼ p1; p2; p3½ � is an arbitrary vector. D is the diffusion tensor and the term
j ¼ �Dru is called flux. If D is constant over the image, the resulting linear diffusion
will excessively smooth the image. In nonlinear diffusion, D is a function of image
structure. Nonlinearity allows controlling the amount of diffusion and reducing it
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on lines. In anisotropic diffusion, we can make the diffusion direction-dependent by
defining the diffusion tensor. The diffusion tensor D changes the orientation and
intensity of the flux to preserve the structures of interest in the image. D can be found
using its eigenvalues and eigenvectors

D ¼ v1 v2 v3½ � �
k1 0 0
0 k2 0
0 0 k3

2
4

3
5 �

vT1
vT2
vT3

2
4

3
5 ð4Þ

The values of the eigenvalues k1; k2; k3 are obtained by extending Weickert ‘s 2D
equation [21] to 3D case [22] for line enhancement

k1 ¼ c1
k2 ¼ c2

k3 ¼ c1 þ 1� c1ð Þ � exp �c2
l1 � l2ð Þ2

 !
8>>>><
>>>>:

ð5Þ

where l1 � l2 � l3 are eigenvalues of the structure tensor J and c1 2 0; 1ð Þ and c2 � 0
are smoothing constants.

The diffusion equation is continuous in both space and time. To solve it numeri-
cally, it should be discretized.

ot u ¼ div D � ruð Þ ¼ ox a oxuþ d oyuþ e ozu
� �

þ oy d oxuþ b oyuþ f ozu
� �þ oz e oxuþ f oyuþ c ozu

� � ð6Þ

where D is

D ¼
a d e
d b f
e f c

2
4

3
5 ð7Þ

We used standard discretization method [22] with the central difference approximation
for spatial derivatives

oy d oxuð Þ ¼ 1
2

dx;yþ1;z
uxþ1;yþ1;z � ux�1;yþ1;z

2

� �
� 1
2

dx;y�1;z
uxþ1;y�1;z � ux�1;y�1;z

2

� �
ð8Þ

The subscript in the right side of (8) denotes spatial coordinate indices. The iterative
forward difference method approximates the term ot u in (6)

ot u � uKþ1
x;y;z � uKx;y;z

h
ð9Þ

where K is the time step and h is the step size. uKx;y;z is the approximation of u in location
(x,y,z) and time Kh.
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The (2) can be written as convolution of a 3 × 3 × 3 time and space varying mask
with the image

uKþ1
x;y;z � uKx;y;z

h
¼ AK

x;y;z � uKx;y;z ð10Þ

uKþ1
x;y;z ¼ 1þ h:AK

x;y;z

� �
� uKx;y;z ð11Þ

The entries of mask A that is calculated in [23] is showed in Fig. 1.

Fig. 1. The convolution mask, (a) for z = 0, (b) z =+1 and (c) z = −1
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3 RANSAC

RANSAC (Random Sample Consensus) [24] is a robust fitting method that can find the
model parameters when the data contains a high percentage of outliers. The algorithm
iteratively selects Ns random samples of data and fits a model to them. Next, the
number of data points that are consistent with the hypothesized model is specified. If
this number is big enough, the model will be accepted; otherwise iteration continues.
The Maximum number of iterations is updated at the end of each iteration as follows

L ¼ log pð Þ
log 1� pNs

g
� � ð12Þ

pg ¼ Ninl

Ndata
ð13Þ

where Ninl is the number of inliers (model consistent points) and Ndata is the number of
all data points. Consistent data have a shorter distance than s from the model. The
threshold s is defined as needle observed radius in the image. p is the probability of
L consecutive failures and is set by user. Ns is the minimum number of data that is
required to fit the specific type of model.

4 Result

To evaluate the proposed method, we used a 3D ultrasound dataset that consists of
various needle positions and orientations. The dataset contains 28 ultrasound images
that are produced by previous researchers [16] using the software Field II. The back-
ground scatterers are created using real ultrasound breast images. The dimension of the

Fig. 2. A plane of the 3D ultrasound image that contains the needle, in low and high noise
levels.
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initial RF data is 53 planes of 71 RF beams. Each RF beam consists of 164 data
samples. The resulting 3D ultrasound image resolution is 53 × 71 × 160 pixels.

Results are measured in various levels of the speckle noise. An example of the high
and low noise level images is shown in Fig. 2. At each noise level, we repeated the
algorithm 30 times for each of the dataset images and reported the average value.

Figure 3 shows the average axis localization error. Axis error is the maximum
Cartesian distance between actual and found needle axes. A failure occurs when the
error value is greater than 3 mm. Figure 4 shows the average failure rate. The figures
demonstrate that the proposed AND-RANSAC method yields smaller error and greater
accuracy than RANSAC, while failure rates are nearly equal.

Figure 5 shows the average elapsed time of the needle detection algorithm. The
processing time of the AND-RANSAC approach is not very much affected by amount
of speckle noise in the image and is significantly lower than RANSAC.
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Fig. 3. Needle axis localization error, in different variances of the speckle noise
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5 Conclusion

Regarding the main challenges of needle detection in 3D ultrasound images, such as
high dimensionality and noisy nature of data, we have investigated improving the
speed and accuracy of the model fitting RANSAC needle localization method. The
amount of speedup that can be achieved by anisotropic diffusion has a trade-off relation
with size of the 3D data. In the large volumes further acceleration can be made using
GPU or parallel implementation. Automatic detection of ROI using image itself or prior
information will increase the speed and accuracy. Techniques such as guided sampling
or partial evaluation can improve the RANSAC computational time.

Acknowledgments. The authors would like to thank M. Uhercik and J. Kybic for providing the
access to the 3D ultrasound data.
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Abstract. In this paper a method for extracting keypoints from human brain
MR images is proposed. These keypoints are obtained based on curved struc-
tures in the brain MR images. In this method, a keypoint is center of a circle
which includes circular boundaries in the image and is selected based on gra-
dients of the image. These keypoints and their descriptors are scale and rotation
invariant. The proposed method is compared with other well-known methods
with repeatability measure and ROC curves. Experimental results show that
proposed method performs better than other well-known methods, specially,
when deformations are remarkable.

Keywords: Keypoint extraction � Center of curve � Rotation invariance � Scale
invariance � Hill pattern � Valley pattern � Repeatability

1 Introduction

Extracting keypoints from an image is one of the most important fields in image
processing that is used as a principal step in many applications, such as pattern rec-
ognition, image registration, image classification, object tracking and many other
applications in computer vision. Most features that are extracted from an image as
keypoint are based on human visual system. An appropriate keypoint extraction
algorithm should have the following characteristics:

• Invariance: extracted keypoints and their descriptors should be invariant to sup-
posed transform functions. One of the transform families that has mostly been
investigated by previous works is affine transform, specially rotation and scaling.
Each invariant keypoint has the following characteristic. First, the corresponding
point in the second image should be selected as a keypoint. Also, these two points
should have same descriptors. This is very important, because more corresponding
extracted points will make next manipulations more simple and accurate.

• Rarity: with extracting so many keypoints, number of not-matched keypoints
increases. Therefore, finding corresponding points become more difficult and time
consuming.
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• Dispersion: extracted keypoints should be spread all over the image. This is very
useful in applications like image registration, because distribution of keypoints in
the image can accurate reconstruction of the local deformations.

Many different methods have been proposed in feature extraction step, such as
corner detection [1–3], closed-boundary area detection [4], edge and line intersection
detection [3]. Corner detection algorithm is one of the most important keypoint
extraction algorithms. Harris corner detector is one of these methods that has a very
high accuracy [5]. The main problem with this method is its time complexity. In recent
years many corner detection methods have tried to solve this problem, but none of them
could achieve its accuracy [6, 7].

Another well-known keypoint extraction method that have been used successfully
in many machine vision applications, is SIFT algorithm. This method is based on the
image gradients and is scale and rotation invariant. It is also robust to other more
complex transforms and luminance variations [8, 9].

One another feature that is used as keypoint is salient area. This method uses the idea
that the more complex is a part of a signal; it can be more invariant to complex trans-
forms. This feature has a high consistency with human visual system. In this method,
center of circular areas that have the maximum entropy, are considered as the keypoint.

Alhichri used virtual circles as the keypoints [10]. The virtual circle is a circle with
the maximum radius that does not include any edge pixel. This feature is rotation and
scale invariant. Another advantage of virtual circles is their extraction speed; due to use
of distance transform [11]. The local maximums of distance transform are the center of
the virtual circles.

In this paper, we have proposed a keypoint extraction method that is useful in
medical applications, especially for brain MR images. The paper is organized as fol-
lows. In Sect. 2 the proposed method for extracting keypoints is represented. In Sect. 3
the experimental results are analyzed and performance of the proposed method is
compared with other well-known methods. Finally we conclude in the last section.

2 Proposed Method

Curved like areas that are abundant in MR images have unique characteristics which
are matched with anatomical structures of human brain. Figure 1 shows two examples
of brain MR images. These anatomical structures remain unchanged through the time
and only may be stretched, scaled and rotated. Thus, these curved like areas are
invariant to severe changes too. In this method, a keypoint is center of a circle which
includes circular boundaries in the image. These keypoints which have high structural
information are called center of curves (COC). In contrast to COC, keypoints like
corner are completely unstable and variant to common deformations in MR images of
brain. Curved like anatomical structures of brain are spread all over it and COC
keypoints are selected based on these structures. Thus, another advantage of these
points is their dispersion throughout the image. This is very important for applications
such as image registration, because for precise reconstruction of local deformations,
keypoints should be available in all over the image.
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2.1 Keypoint Extraction

In first step, a measure should be defined to determine how much a pixel is center of a
curve. This method uses direction and magnitude of gradients on the perimeter of
circles which their centers are candidate for a keypoint and have different radiuses.

Suppose that the candidate pixel is in the (x, y) coordinate. If N samples are selected
from a circle with radius R and center of (x, y) uniformly, the coordinates of these
samples are calculated as follows:

u ¼ x� R� sinð2pn
N

Þ n ¼ 0; 1; . . .;N � 1; ð1Þ

v ¼ yþ R� cos ð2pn
N

Þ n ¼ 0; 1; . . .;N � 1; ð2Þ

where (u, v) is coordinate of sample point on the circle. These coordinates are calcu-
lated for radiuses between R0 to R1. Direction and magnitude of gradients is calculated
with interpolation. N is supposed to be 8 and R0 and R1 are tuned with respect to
average size of the curve structures in image. In all experiments of this paper, these two
parameters are 1 and 15.

Next step is finding a measure to determine the probability that these samples are
placed on edge of a circle with center of P0 = (x, y). This measure for a point in
coordinate P1 = (u, v) is calculated with respect to angle between direction of gradient

in P1 and vector P0P1
��!

. This angle is shown with a. The more this angle is closer to 0 or
180; this point can be placed on edge of a curve with center of P0 with more proba-
bility. In a specific case which P0 exactly is in the center of a circle, a is 0 ore 180 for
all point on the edge. If the area in the circle is darker than the area out of the circle, for
points on the edge of the circle, a is 0 and if area in the circle is lighter than the area out
of the circle, for points on the edge of the circle, a is 180. In the first case, center of
the circle is called a COC of valley type and in the second case; it is called a COC of
hill type.

Fig. 1. Two examples of brain MR images
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For each sample two measures are defined. First measure estimates the probability
that sample P1 = (u, v) is placed on the edge of a valley curve with center of P0 = (x, y)
and the second measure estimates the probability that this sample is placed on the edge
of a hill curve with center of P0 = (x, y). These two probabilistic measures are cal-
culated with the assumption that different samples are independent from each other.
These measures are shown with Hill(P1) and Valley(P1) and are calculated as follows:

ValleyðP1Þ ¼
1� a

90 a\90ð Þ and GðP1Þ�GTHð Þ
0 o:w:

(

ð3Þ

HillðP1Þ ¼
a
90 � 1 a� 90ð Þ and GðP1Þ�GTHð Þ
0 o:w:

(

ð4Þ

where G(P1) is magnitude of gradient vector in P1 and GTH is a threshold for magnitude
of gradient vector in P1. If the magnitude of gradient vector of a point is smaller than a
threshold, without calculating the a angle, it can be concluded that P1 is not an edge
point and the probabilities of Hill and Valley are 0. Figure 2 illustrates an example of
calculating the Hill and Valley measures for samples around a pixel which with a high
probability is a COC. In this figure, point A is a strong valley COC. Two patterns of
Hill and Valley probabilities of point A are shown in right and center of Fig. 2. These
patterns that are called Hill Pattern (HP) and Valley Pattern (VP) are used to determine
that how much point A is a COC.

Intuitively, it can be apprehended that a point which its Hill or Valley pattern has
consequent values near 1 in a row, can be a good COC. In these two patterns, first and
last columns are supposed to be connected. This idea still has a problem. Only for
candidate points that are included in a completely circular area, it results in a high COC
value and if the areas are nearly circular, the value of COC will be very low or even

Fig. 2. An example of HP and VP calculation. The left image is part of a MRI image that the
center pixel is shown with A in it. The center and the right show the patterns of Hill and Valley
probabilities for point A.
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zero. This problem is more common for areas with high radiuses. To solve this problem
two new patterns are defined from previous ones. These two new patterns are called
Final Hill Pattern (FHP) and Final Valley Pattern (FVP) and are defined as follows:

FHPði; jÞ ¼ max HPð�k; jÞ;HPð�k þ 1; jÞ; . . .;HPðk � 1; jÞ;HPðk; jÞf g
j ¼ 1; 2; . . .;N i ¼ R0;R0 þ 1; . . .;R1

(

ð5Þ

FVPði; jÞ ¼ max VPð�k; jÞ;VPð�k þ 1; jÞ; . . .;VPðk � 1; jÞ;VPðk; jÞf g
j ¼ 1; 2; . . .;N i ¼ R0;R0 þ 1; . . .;R1

(

ð6Þ

where HP and VP are Hill and Valley patterns and k is defined as follow:

k ¼ logðiÞb c � 1: ð7Þ

Finally a minimum Filter of size 1 × (N/2) is applied to FHP and FVP to obtain
matrices AHill and AValley. Then the measure for amount of being COC for a point is
calculated as follow:

M ¼ max max AHillf g;max AValley
� �� �

; ð8Þ

where max AHillf g is maximum element in matrix AHill. After calculating value of M for
all pixels of image, local maximums of these values which are greater than a threshold
are selected as keypoints. For each selected keypoint, type, direction and radius (scale)
are also extracted. Type of a point, determines if it is center of a Hill or Valley. Radius
and direction of a point are calculated as follows:

ðScale;DirectionÞ ¼
arg max

ði;jÞ
AHillði; jÞ if area is a Hill

arg max
ði;jÞ

AValleyði; jÞ if area is a Valley

8
><

>:
ð9Þ

According to Fig. 2, scaling the image, results in a vertical shift in both HP and VP.
Consequently, values of FHP, FVP, AHill and AValley are shifted in the same manner.
According to Eq. 9, obtained Scale of the keypoint is proportional to amount of the
scale, applied to the image. Rotation of the image results in a horizontal circular shift in
both HP and VP. Using a similar conclusion, it can be shown that obtained Direction of
the keypoint is proportional to the degree of image rotation. Therefore, COC keypoints
are scale and rotation invariant. Selected keypoints are obtained based on gradient
information of the image and are independent of luminance value of the pixels. So they
have an acceptable robustness to luminance variations. Figure 3 shows an output
example of the COC keypoint extraction algorithm on original and deformed MR
images of brain.
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3 Extracting Descriptor for Keypoints

In the previous step, for each keypoint, the direction and radius of the curve was
extracted. These two features are useful for obtaining a descriptor that is scale and
rotation invariant. Descriptor for keypoint located in (x, y) coordinate is obtained by
sampling from luminance values in the following points of the original image:

u ¼ x� r � sinðaþ2pn
N Þ n ¼ 0; 1; . . .;N � 1

v ¼ yþ r � cosðaþ2pn
N Þ r ¼ 4R

10 ;
8R
10 ;

12R
10 ; 16R10 ; 20R10 ;

(

ð10Þ

where a is direction of the keypoint, R is scale of the keypoint and N is 24. The length
of the feature vector is 120. To robust the feature vector against intensity bias, all
elements of feature vector are subtracted from luminance of the center point, like Local
Binary Pattern method (LBP) [12].

4 Experimental Results

Experiments of this article are done using 180th horizontal slice of “BrainWeb” dataset.
To analyze the performance of algorithm precisely, for each of the 20 images in the
dataset, four images with different degrees of deformation are produced using thin plate
spline transform [13]. Images are divided to 40 × 40 blocks and then for each block,
movement in x and y directions is calculated. These movements are random and
calculated as follows:

Fig. 3. An example output of COC keypoint extraction algorithm on original and deformed
images. Pink circles are hills and blue circles are valleys (Color figure online).
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Dx ¼ 20� ð�1Þkða1 þ ða2 � a1Þ � UÞ ð11Þ

Dy ¼ 20� ð�1Þkða1 þ ða2 � a1Þ � UÞ ð12Þ

where a1 and a2 are parameters of movement amount, k is a discrete uniform random
variable, which has value of 0 or 1. U is a continuous uniform random variable in
[0, 1]. ½a1; a2�T Vector is considered for levels of deformation of low, medium, high
and very high as ½0; 0:2�T ; ½0:1; 0:4�T ; ½0:2; 0:6�T and ½0:3; 0:7�T . Figure 4 shows three
set of these simulated images.

If point (x, y) is selected in the first image as the keypoint, the method which selects
f(x, y) as the corresponding point to (x, y) with more probability, is more suitable (f is
transform function). Two corresponding point should have the following conditions.
First, both (x, y) and f(x, y) should be selected as a keypoint. Second, f(x, y) should be
selected as the exactly most similar point to the point (x, y). The probability of selecting
f(x, y) as the corresponding point to (x, y) is calculated as follows:

Pð x; y½ � 7! f ðx; yÞ½ �Þ ¼ Pð f ðx; yÞ½ �2P2Þ � Pð x; y½ � 7! f ðx; yÞ½ �j f ðx; yÞ½ �2P2Þ; ð13Þ

where P2 is set of selected points from second image. This equation is multiplication of
two probabilistic terms. First term models the local accuracy of the keypoints and
second term measures the quality of the descriptor of the keypoint. In this paper
repeatability measure is used to evaluate the first term and ROC curve is used to
evaluate the second term. Equation 13 shows that a method which has an acceptable

Fig. 4. Three set of simulated images. From left to right, the first column is original images from
the data set. Other columns are produced images with deformations of low, medium, high and
very high respectively.
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repeatability and ROC curve simultaneously is more suitable. Figures 5 and 6 show the
results of comparison of COC keypoint extraction method with other well-known
methods with two measures of repeatability and ROC curve respectively.

Figure 5 shows that COC keypoint extraction method is very successful in estab-
lishing the correspondence between the points in two images. COC method is more
robust than other methods against more severe deformations. The value of repeatability
measure for other methods sinks sharply as the level of deformation becomes higher.
The reason for such level of robustness is high structural information in the COC
features that are not in other methods.

According to Fig. 6, although the scale saliency method has an appropriate ROC
curve, but it has not a good performance, because the value of repeatability is low for
this method. The Harris and virtual circles methods do not include the descriptor
extracting phase. Therefore, it is not possible to draw ROC curve for them. As illus-
trated in two last figures COC method have a better performance compared to SIFT and
Scale Saliency methods.

(a)                                             (b) 

(c)                                             (d) 

Fig. 5. Results of repeatability measure of different keypoint extraction methods for (a) low, (b)
medium, (c) high and (d) very high level of deformation respectively.
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5 Conclusion

In this paper a method for extracting keypoints from brain MR images is proposed.
Keypoints in this method are extracted based on curved like areas in the image. These
keypoints and their corresponding descriptors are invariant to scaling, rotation and
luminance variations. As illustrated in Figs. 5 and 6, in experimental result section, this
method has a better performance from other well-known methods.
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Abstract. Assessment of blood vessels in retinal images is an important factor
for the many medical disorders. The retinal vessel evaluation can be done by first
extracting the retinal images from the background. The changes in the retinal
vessels due to the pathologies can be easily identified by segmenting the retinal
vessels. In this paper we describe an automatic method for retinal blood vessels
segmentation. Segmentation of retinal vessels is done to identify the early
diagnosis of the disease like glaucoma, diabetic retinopathy, macular degenera-
tion, hypertensive retinopathy and arteriosclerosis. In this the blood vessel is
segmented using fuzzy morphological operation with the disc shaped structuring
element and morphological reconstruction. This method is applied on the pub-
licly available DRIVE database and the experimental results obtained by using
green-channel images have been presented. This algorithm has been shown to be
a very effective method to detect retinal blood vessels. Our proposed algorithm is
simple, easy to be implemented, and the best suited for fast processing
applications.

Keywords: Blood vessel segmentation � Fuzzy morphological operations �
Morphological reconstruction � Retinal images

1 Introduction

The diagnosis of the fundus image is widely used in many medical diagnosis. Image
segmentation [1] in the fundus image is the important factor for identifying the retinal
pathology. The analysis of the human retina helps the ophthalmologists to identify the
retinal disease. The disease such as the diabetes, hypertension and arteriosclerosis affect
the retina and causes the changes in the retinal blood vessels [2]. The changes in the
blood vessel and the retinal pathology can be identified by first segmenting the retinal
vessels and by proper analysis of the retinal blood vessels.

Automatic segmentation of retinal vessels is important for early diagnosis of eye
diseases like diabetic retinopathy [3]. There are various segmentation methods for
segmenting the retinal vessels in the fundus image which segments the retinal vessels
using two dimensional matched filters and by piecewise threshold probing [4, 5].
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There are other segmentation processes which include segmentation of retinal
vessels using the Mumford-Shah model and Gabor wavelet filter [6]. Extraction of
retinal blood vessels is done using Weiner filter and the Morphological operations like
open and close operation [7]. This paper focuses on segmentation of the retinal vessels
to identify the changes in the retinal vessel which occurs due to retinal pathologies like
diabetic retinopathy [8]. Vessel segmentation is done using Max-Tree to represent the
image and the branches filtering approach to segment the image [9]. Mathematical
morphology is mostly used for analysis the shape of the image. The two main processes
which involves are dilation and erosion. The algorithms of open and close are based on
these processes. These algorithms are combined to detect the edges and identifying the
specific shapes in the image and also for the background removal [10]. Retinal vessel
segmentation is done to classify the pixel as the vessel and non-vessel using mor-
phological thresholding. The retinal blood vessel is extracted by first smoothening the
image and enhanced by applying the fuzzy c-means clustering algorithm [11].

In this paper we used the morphological operation and double threshold on the
image to get the properly segmented output image.

2 Methods

2.1 Systematic Overview

This paper proposes a novel method for retinal blood vessels segmentation. The fundus
image used in this research is obtained from Digital Retinal Images for vessel
extraction (DRIVE database). The segmentation of the retinal blood vessel should be
automatic and accurate for the diagnosis of the retinal disease. The main parts of the
algorithm are as follows: Color image (RGB) to green conversion, contrast enhance-
ment, image segmentation, and morphological reconstruction and background
exclusion.

2.2 RGB to Green Channel Conversion

In this part, the color fundus image is converted to green channel image to make the
segmentation process more easy and to decrease the computational time. The green
channel image provides the maximum contrast between the image and the background,
because the retinal blood vessel information in the green channel image is more clear
[12, 13].

2.3 Contrast Enhancement

Low contrast images could occur often due to several reasons, such as poor or non-
uniform lighting condition, nonlinearity or small dynamic range of the imaging sensor,
i.e., illumination is distributed non-uniformly within the image. Therefore, it is nec-
essary to enhance the contrast of these images to provide a better transform repre-
sentation for subsequent image analysis steps. CLAHE technique is an acceptable and
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satisfactory method to improve contrast. This technique enhances the contrast adap-
tively across the image by limiting the maximum slope in the transformation function.
Moreover, background of retinal images often have a gradual intensity variation from
the periphery of the retina towards the central macular area; other retinal regions, like
the optic disc, also have distinctive intensity values. Vessels are retinal structures that
stand out from the background, but a more detailed analysis of local vessel intensities
can reveal significant changes (typically dependent from neighboring conditions),
which can negatively affect the process of complete vessel segmentation. In order to
decrease this influence, the contrast-enhanced image is normalized by subtracting an
estimate of the background, which is the result of a filtering operation with a large
median kernel (Fig. 1).

2.4 Fuzzy Mathematical Morphology

Morphological operations are a set of image processing operations that analyzes the
shapes within the image. It applies a structuring element to the image and output the
image of the same size. The output value of each pixel is determined by the neigh-
boring pixels with its corresponding pixel of input image. The size and shape of the
structuring element affects the number of pixels being added or removed from the
object in the image.

The Mathematical Morphology (MM) has been applied successfully to a large
number of image processing problems. However, MM does not allow a complete
representation of the uncertainties in images with high texture or a high degree of
uncertainty in structural components. From the binary MM different extensions have
been made for grayscale images. One of them is the fuzzy extension of mathematical
morphology (FMM). The advantages of the fuzzy sets to represent uncertainty in the
images has led them to become a useful tool for segmentation. The FMM has been
applied successfully in medical image segmentation. Here, we introduce the following
operators, which are used in this paper.

In what follows μ and v represent two fuzzy sets, where the first is a grayscale
image and the second corresponds to the structuring element. Importantly, in most

Fig. 1. (a) Original green channel (b) Background normalized image.
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cases the gray level intensity at each pixel of the gray level images are defined to be an
integer value belonging to the natural range [0,255]. Therefore, to be able to apply the
FMM operators, we need to use a function that converts the scale of these images to the
range [0,1]. This process of scaling is called “fuzzification”, while the reverse process
is called “defuzzification”. For the development of this work fuzzification function g:
{0,1,2…,255} → [0,1] used is:

g xð Þ ¼ x=255 ð1Þ

The reverse process by which the intensities of the gray levels of an image, belonging
to the interval [0,1], are brought to the set {0,1,2,…,255} is defined from the function
h:[0,1] → {0,1,2,…,255} given by:

h xð Þ ¼ 255x½ � ð2Þ

where [0]:R → Z represents the integer part function, i.e., [a] is the nearest integer to a
with a∈|R.

Importantly, this process does not convert the image into a fuzzy representation of
an object, but can models a grayscale image as a fuzzy set in order to apply the theory
of fuzzy sets.

The basic operations of FMM are fuzzy dilation (Max filter) and fuzzy erosion (Min
filter).

Fuzzy dilation and fuzzy erosion of the image μ by the structuring element (v) are
given respectively:

l� v ¼ supy2U ½t l yð Þ; v y� xð Þð Þ� ð3Þ

l� v ¼ infy2U ½s l yð Þ; cðv y� xð ÞÞð Þ� ð4Þ

where t[a,b] and s[a,b] are t-norm and s-norm, respectively.
Close operation is defined as dilation followed by erosion. Dilation is an operation

that thickens or expands objects in a binary image. Erosion is an operation that
extenuates objects in a binary image. The specific manner and extent of this thickening
and narrowing is controlled by a shape referred to a structuring element [14]. Fuzzy
morphological close of the image μ by the structuring element (v) is given by:

l � v ¼ ðl� vÞ � v ð5Þ

2.5 Image Segmentation

In this paper the retinal blood vessel segmentation is done using fuzzy morphological
close operation. It applies the disk shaped structuring element to the image and output
the image of the same size. The structuring element used is of two different sizes. One
with a big size for the higher structuring element and one with a small size for the lower
structuring element. Then, the image with higher structuring element is subtracted from
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image with lower structuring element. Herein we applied CLAHE technique as a post
processing technique to provide an optimal image of the vessels. The output image
obtained is the retinal blood vessel extracted from the background.

2.6 Morphological Reconstruction and Background Exclusion

In the last part, we apply the threshold on the extracted retinal vessels. After applying
the threshold the background is eliminated and the properly segmented binary image of
the retinal vessel is obtained. For this task, we selected a binary morphological
reconstruction method, called the double threshold operator. This operator uses two
different values for thresholding the image. One of them is bigger than the other. The
image obtained with the big threshold value (marker image) is used as a seed for the
reconstruction using the image obtained with the small threshold value (mask image)
[15]. This morphological operator is used to reconstruct vessel segments from the
enhanced vessel representation. Figure 2 shows the maker and mask and the output of
the morphological reconstruction operator.

3 Result

Figure 3 shows the sample results of the segmentation process obtained from the
fundus image taken from DRIVE database. To validate the obtained segmented image,
we used the gold standard image obtained from manual blood vessels segmentation by
an expert. In Fig. 3, first of all the original image is shown, then the segmented image
using the operators of the FMM and finally the gold standard image obtained from
manual blood vessels segmentation is presented. The results demonstrated herein
indicate that automated identification of retinal blood vessels based on fuzzy Mor-
phological operations can be very successful. Hence, eye care specialists can poten-
tially monitor larger populations using this method. Furthermore, observations based
on such a tool would be systematically reproducible.

Fig. 2. Result of morphological reconstruction operator for enhanced image (a) Marker image
(b) Mask image (c) Output of morphological reconstruction operator.
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The evaluation results are given as the pixel-wise sensitivity, specificity and accuracy
of all the segmentation in comparison with ground truth provided by experts, where
sensitivity is a normalized measure of true positives, specificity measures the propor-
tion of true negatives, and accuracy represents the proportion of the total number of
correctly classified pixels relative to the total number of pixels.

Sensitivity ¼ TP
TPþ FN

Specificity ¼ TN
TNþ FP

Accuracy ¼ ðTPþ TN)
TPþ TNþ FPþ FN

True positive (TP) is a number of blood vessels correctly detected, false positive (FP) is
a number of non-blood vessels which are detected wrongly as blood vessels, false
negative (FN) is a number of blood vessels that are not detected and true negative (TN)
is a number of non-blood vessels which are correctly identified as non-blood vessels.

Fig. 3. (a) The original image (b) segmented image using the operators of the FMM (c) gold
standard image obtained from manual blood vessels segmentation.

Table 1. Average percentage of vessel segmentation methods

Method Accuracy Sensitivity Specificity

Proposed method 95.37 72.26 97.81

Fraz [16] 94.30 71.52 97.68

Espona et al. [17] 93.16 66.34 96.82

Al-Diri [18] 92.58 67.16 –

Mendonca [19] 94.52 73.44 97.64

Espona et al. [20] 93.52 74.36 96.15

Vlachos [21] 92.85 74.68 95.51

Nilanjan Dey [22] 95.03 54.66 99.62

Baisheng Dai [23] 94.60 70.91 98.06
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Table 1 compares evaluation results of proposed method with the listed approaches.
In comparison with the methods of [16–18], our proposed method have the highest
accuracy, sensitivity and specificity. In addition, it has the highest accuracy and
specificity compared to [19–21]. Finally, our method has the best accuracy and sen-
sitivity than the approaches of [22, 23].

Figure 4 represents other sample results of the segmentation process obtained from
the fundus images taken from DRIVE database.

Fig. 4. More sample results of our proposed method: (a) the original image (b) segmented image
using the operators of the FMM (c) gold standard image obtained from manual blood vessels
segmentation.

Automated Retinal Blood Vessel Segmentation Using Fuzzy Mathematical 137



mmeybodi@aut.ac.ir

4 Conclusion

The retinal blood vessel segmentation technique describe in this paper is based on
fuzzy morphological operation and apply on a large number of images. Our proposed
technique is a simple and computationally efficient algorithm for retinal blood vessel
segmentation and it is successful and robust in representing the directional model of the
retinal vessels surrounding the optic disk. Our proposed vessel extraction technique
does not require any user intervention, and has consistent performance in both normal
and abnormal images.

To validate the proposed method we used images provided from the public data-
base DRIVE, which includes the ideal segmentation, a tool necessary to carry out the

Fig. 4. (Continued)
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validation of any method of segmentation. As a result of the processing of the 40
images, were obtained that our proposed method has the great specificity 97.81,
accuracy 95.37 and sensitivity 72.26.
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Abstract. In this paper, a fully automatic approach to select the regions of
interest (ROIs) of the liver images and an automatic hierarchical procedure to
characterize normal, fatty and heterogeneous livers, using textural analysis of
liver ultrasound images are described. The proposed algorithm contains two
stages. The first stage, automatically assigns some ROIs in a liver ultrasound. In
the second stage, discrimination between heterogeneous, fatty and normal livers
is performed in a hierarchical method. This stage, first, classifies focal and
diffused livers and then discriminates fatty and normal ones. The wavelet packet
transform is used to analyze liver texture and obtaining a number of statistical
features. A support vector machine classifier is employed to classify three
classes. The fully automatic scheme to select the ROIs with low computational
cost and the hierarchical classification scheme outperformed the non-hierar-
chical one-against-all schemes, achieving an overall accuracy of 97.9 %.

Keywords: Liver diseases � Automatic segmentation � Hierarchical classifi-
cation � WPT

1 Introduction

Liver is a vital organ of body and is necessary for survival and moreover, there is no
way to compensate for the absence of liver function, therefore, liver diseases have
attracted much attention [1].

Liver diseases can be classified into two main categories. The first category is
heterogeneous diseases that abnormalities are concentrated within a small area in one or
both of the liver lobes while the rest of the liver tissue remains normal such as solid
lesion and fluid lesions. The second category is Diffused or homogenous diseases that
the disease is distributed over the whole liver tissues such as fatty liver [1–3].

Fatty liver disease is caused by the accumulation of fat tissue in the liver. The most
common causes of fatty liver are obesity, alcoholism, high blood triglycerides, diabetes
and hepatitis [2, 5–7].

The best way to diagnose fatty liver disease is liver biopsy. In biopsy, a small
sample of tissue is taken from the liver using a needle [10]. This method is highly
invasive and costly. However, medical imaging techniques such as Ultrasound (US),
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Computed Tomography (CT) and Magnetic Resonance Imaging (MRI), are used for
examination and since US is non-radiological, noninvasive, inexpensive, easy to
operate and portable it is the most preferred diagnostic method for fatty liver. Extract
information from the fatty liver ultrasound images are based on the changes of scanned
image intensity. Fatty liver causes an increase of echogenicity or brightness in the liver
tissue [2].

In order to find a gold standard method to diagnose and detect fatty liver disease,
some authors recently proposed methods and tools based on computer-aided diagnosis
(CAD) to help the physicians and experts to detect and classify fatty liver from normal
liver or heterogeneous one using ultrasound images [1–4, 6–9].

Liver segmentation and classification are the main steps of CAD system. There are
several methods to segment a proper region of liver. Most of them are manual and a
few others are semi-automatic and automatic. Manual approaches require medical
experts to determine the Region Of Interest (ROI) before leaving to the computer for
processing. Whereas, automated segmentation methods segment with minimal user
input or without the need of any medical expert assistance. In [18], the ROI for each
image in the patient database is selected manually in the training phase. The threshold
value to generate extremely stable edge pattern for the template image is then learned
and stored back to the database. In the test phase, the ROI is detected from a query
image based on a representative template using generalized Hough transform (GHT) to
map the edge pattern of a database template to the edge pattern of image. Authors of [6]
proposed a method to extract ROI semi-automatically. In their method, a medical
expert has manually extracted ROIs from the training ultrasound images and the final
ROIs are selected based on Continuous Wavelet Transform (CWT) and one-class
support vector machine (SVM) classifier. The aim of the CAD systems is to minimize
the user intervention, therefore automatic approaches are preferred. However, the ROI
selection in [6, 18] is semi-automatic which results in high computational cost. Another
semi-automatic method to select ROI is proposed in [19], this method is used for the
liver surface detection, based on an image processing procedure that decomposes the
US images of the liver parenchyma into two fields: the speckle image containing
textural information and the de-speckled image containing intensity and anatomical
information of the liver. Features extracted from the liver contour detected in the de-
speckled field. The detected contour distinguishes the liver anatomy from its neighbors
and the selected region is used as ROI, however, an efficient ROI should not include
hepatic vessels, bile stores and other anomalies, therefore the segmentation stage of this
scheme may not be efficient due to lack of anomalies removal.

Several approaches have been proposed for feature extraction and classification in
liver tissue based on ultrasound images. The most common features used for diagnosis
of fatty liver are the first order and the second order statistical features based on texture
analysis of the ultrasound images [11, 12]. Texture analysis approaches can be divided
in two groups: one based on the relation of neighbor pixels in spatial domain such as
the Gray Level Concurrence Matrix (GLCM) [4, 14, 15], the Gray Level Difference
Statistical (GLDS) [15], the Gray Level Run Length Matrix (GLRLM) [4] and fractal
parameters [16]; and one based on the analysis of transform coefficients such as Fourier
Power Spectrum (FPS) [16], Discrete Wavelet Transform (DWT) [13, 17] and Wavelet
Packet Transform (WPT) [6, 17, 21].
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As mentioned above, a fully automatic and efficient CAD system includes auto-
matic selection of ROI, efficient feature extraction method and effective classification
approach. In our proposed method, the ROIs are selected completely automatic without
the need of radiologist assistance. In this method some ROIs have been selected by
partitioning the ultrasound image, inspired by the clinical practice, and classification is
performed by the use of these ROIs. This procedure presents a considerable low
computational cost. Then the WPT is employed to extract some statistical features.
Finally, in the classification part, we proposed a novel classification strategy based on a
hierarchical method. The first stage of this method classifies heterogeneous liver from
others and in the second stage, discrimination of fatty and normal is performed.

The rest of this paper is organized as follows. Section 2 explains the main meth-
odology. Section 3 introduced the dataset used in this work. Segmentation part and the
procedure of selecting the ROIs are described in Sect. 4. Sections 5 and 6 study texture
analyzer and feature extraction, respectively. Section 7 provides detailed information of
classifiers. In Sect. 8 the results are presented and Sect. 9 concludes the paper.

2 Methodology

Block diagram of the proposed method is illustrated in Fig. 1. In this method after
acquiring ultrasound images of liver, some optimum ROIs are selected in segmentation
section. Then, WPT is applied to extract statistical features. Finally the hierarchical
classification approach is employed.

3 Image Acquisition

The ultrasound images of 88 subjects contain 30 fatty, 39 normal and 19 heterogeneous
liver images. The images are of size 560 × 450 and saved in bitmap format. All images
were obtained using a Toshiba SSA 550 digital ultrasound imaging system at a 5 MHz
frequency. This dataset is which has been used in [6] to enable us to have comparison
results. Paper [6] is one of the most efficient and newest studies in classification of liver
diseases and is the only study to discriminate fatty, normal and heterogeneous livers.
Authors of [6] proposed an effective semi-automatic method to select a proper ROI in
each ultrasound image.

Fig. 1. The block diagram of the proposed method.
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4 Segmentation

The purpose of this section is to automatically select the proper regions of interest to
perform accurate classification and diagnosis.

In the proposed method, as illustrated in Fig. 1, given ultrasound image of liver is
first cropped to extract a wide region near the central lobe and the black region around
the main part is removed. This is performed in order to reduce the computational cost
of the process. Figure 2 shows a sample of the cropped image. Partitioning this wide
region is performed in three levels. The wide region is partitioned to 9 equal size
neighboring blocks without overlap in the first level. In order to utilize more infor-
mation of image, overlapped blocks are also required. Therefore, in the second level,
some other blocks formed at the intersection of each two blocks in each row. Thus, 6
blocks are generated which each one has 50 % overlap with each of two adjacent
blocks. This process results in obtaining 15 overlapped blocks. The partitioning is
continued at the intersection of each two blocks from 15 blocks in each column in the
third level. Finally, 25 equal overlapped blocks are specified. Figure 3 shows this
procedure. In order to find the proper ROIs, we select 64 × 64 regions in the center of
each block, therefore, 25 ROIs of size 64 × 64 is obtained for each ultrasound image.
However, using all the ROIs in classification is not efficient and increases the com-
putational cost. Therefore, a m -linear support vector classifier (m� LSVC) [27] is
employed as a preprocessing stage, and after classification process, 8 ROIs which have
better results are selected. Finally, these selected ROIs are used in classification phase.
The features which are used in this classification are explained in Sect. 6.

5 Wavelet Packet Transform (WPT)

Multi-resolution analysis feature extraction can be performed in the spatial domain
which exists over small neighborhoods for example by using GLCM, GLDS and
GLRLM, etc. Feature extraction in transform domain is performed over various scales
by using multi-resolution schemes such as DWT and WPT. Using texture descriptors in
transform domain is much more reasonable in the sense that human visual system

a  b 

Fig. 2. An example of the cropped liver ultrasound image.
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processes images in a multi-scale way and scale is a dominant aspect for analysis of
texture [20, 21].

In case of DWT, as only the low frequency subband is recursively decomposed, it
may not be efficient for texture characterization as most significant texture information
usually appears in the middle and high frequency bands [23]. The wavelet packet
transform, in comparison, decomposes the detailed information of the image in the high
frequency bands [22, 23]. The WPT tree up to second level of decomposition results in
16 subbands. Therefore, 4 and 16 subbands are obtained at the first and the second level
of decomposition, respectively, that result totally in 20 subbands. The desired features
are extracted from these 20 subbands as well as original ROIs.

6 Feature Extraction

The extracted features from WPT coefficients are Median, standard deviation and
interquartile range. Median of the image shows the numerical value of intensity sep-
arating the higher half of pixel intensities in a window of the image, from the lower
half. The median value of intensity in ultrasound fatty liver images is higher than the
intensity of normal ones due to their increased echogenicity caused by fat accumulation
[6]. This characteristic also exists in WPT subbands of ultrasound fatty liver images.
Standard deviation shows the variation from the mean. The interquartile range mea-
sures the dispersion and is the difference between the upper and lower quartiles. The
standard deviation and the interquartile range of the image represent the regularity or
smoothness of the ultrasound texture. These two features may be good indicators to
distinguish ultrasound images of focal and diffused diseases of liver.

As a spatial domain feature, the ratio of the maximum to the minimum value in the
original image is computed the same as [6]. Therefore, by calculating the three
explained features from each of 20 subbands and one feature from the original ROI
image, the total number of 61 features is obtained.

Fig. 3. (a) The first level of partitioning (9 non-overlapped equal size blocks), (b) The second
level of partitioning (the process of forming two overlapped blocks at the intersection of two
previous blocks in each row), (c) The third level of partitioning (the process of forming two
overlapped blocks at the intersection of two previous blocks in each column)
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7 Classification

In this section, it is aimed to discriminate normal, fatty and heterogeneous livers. To
reach this aim, a hierarchical classification scheme is proposed. A block diagram of this
scheme is illustrated in Fig. 4. The proposed hierarchical classification scheme is
organized in two steps. The first step distinguishes heterogeneous liver from others and
classification of fatty and normal livers is performed in the second step.

As already mentioned, in normal case, both lobes of liver are homogeneously clear
and in fatty case, as it is a diffused disease, at least one lobe is accumulated homo-
geneously by fat, however, heterogeneous case is focal and a small region of liver is
only affected. Therefore, the fatty and normal cases can be placed in the diffused
category and the heterogeneous case placed in the focal category. In order to have a
hierarchical scheme, in the first classification step, focal case is discriminated from
diffused case, if a liver is classified as diffused in the first step, discrimination of fatty
and normal is attempted in the second step.

For the classification in each step, the SVM classifier is implemented. The
purpose of SVM is to find a decision plane that has a maximum distance (margin)
from the nearest training pattern [24, 25]. In order to perform this aim, SVM maps
the feature vector to a higher-dimensional space. In this space the SVM finds a
hyperplane to separate the two classes with a decision boundary set by support
vectors [24, 25]. An appropriate kernel function can reduced the high computational
cost of mapping process. In this paper, a binary SVM classifier is adopted using the
polynomial kernel.

8 Implementation Results

The first part of implementation is selecting ROIs which is performed as a fully
automatic segmentation. The simplicity and reduction of computational cost of this
method in comparison with the semi-automatic method of selecting ROI in [6], without
degrading the classification performance, is noticeable. After selecting proper ROIs,
classification is performed. At the first step of classification, the diffused and focal
classes are denoted as class 1 and 2, respectively and at the second step, repeatedly, the
fatty class is marked as class 1 and the normal one as class 2.

This experiment contains three tests over automatically selected ROIs and a
comparison with the results of [6]. The first test is performed on only the 9 non-
overlapped blocks. These blocks have the size of 76 × 84 pixels. 9 ROIs are formed by
selecting 64 × 64 pixel regions at the center of each block. Each of these 9 ROIs are
examined by SVM classifier, therefore, the total number of 9 class labels are obtained
for each liver image. The performance of the SVM classifier is evaluated by means of
leave one out cross validation (LOOCV) method, same as the method used in [6] to
have a fair comparison with its results. Furthermore, this method is useful in cases with
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small amount of available data, as normally observed in medical problems. In LOOCV
method, one case is left out as the testing set and the rest of the data is used as the
training set. This process is repeated so that each case is given a chance as the testing
case [26].

The performance of the algorithm was investigated by the following measures:

(1) Sensitivity (Se):

Se ¼ TP
TPþ FN

(2) Positive Predictive Value (PPV):

PPV ¼ TP
TPþ FP

(3) Accuracy (Acc):

Acc ¼ TN þ TP
TN þ TPþ FN þ FP

TP (True Positives): TP is the number of instances of each class which have been
correctly labeled to belong to that class [6, 28]. TN (True Negative): TN is the number
of instances of other classes that have been labeled to belong to their class [6, 28]. FN
(False Negatives): FN is the number of instances of each class which have been labeled
to belong to any other class [6, 28]. FP (False Positives): FP is the number of instances
of other classes that have been labeled to belong to a specified class [6, 28].

Tables 1, 2 and 3 illustrate the sensitivity and positive predictive value of each class
in each step and the accuracy of each step using leave one out cross validation method
of first, second and third tests, respectively. As these three Tables show, the sensitivity
and the positive predictive value of each class and the accuracy of each step are

Fig. 4. The proposed hierarchical classification scheme
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increased by increasing the number of blocks. This fact shows the importance of
selecting appropriate ROIs in diagnosing the diseases. The ROIs are placed at the
center of blocks and cover 65 % of each one. Therefore, decreasing the number of
blocks results in losing the regions around the edges. These regions may contain useful
texture information which can be applied in the classification process by considering
the overlapped blocks.

Table 1. Results of Leave One Out cross validation and hierarchical classification scheme at the
first test (considering 9 non-overlapped blocks).

Sensitivity
(Se)

Positive predictive
value (PPV)

Accuracy
(Acc)

Overall
accuracy

Step 1 Focal
(heterogeneous)

71.5 % 62.7 % 85.3 % 88.4 %

Diffused 87.9 % 94.2 %

Step 2 Fatty 97.1 % 86.7 % 91.4 %

Normal 90.3 % 94.9 %

Table 2. Results of Leave One Out cross validation and hierarchical classification scheme at the
second test (considering 15 overlapped blocks).

Sensitivity
(Se)

Positive predictive
value (PPV)

Accuracy
(Acc)

Overall
accuracy

Step 1 Focal
(heterogeneous)

86.7 % 70.5 % 90.9 % 93.3 %

Diffused 91.8 % 97.1 %

Step 2 Fatty 100 % 90 % 95.7 %

Normal 92.9 % 100 %

Table 3. Results of Leave One Out cross validation and hierarchical classification scheme at the
third test (considering 25 overlapped blocks) in comparison with method of [6].

Sensitivity
(Se)

Positive
predictive
value
(PPV)

Accuracy
(Acc)

Overall
accuracy

The
proposed
algorithm

Step 1 Focal
(heterogeneous)

100 % 92.7 % 98.7 % 97.9 %

Diffused 96.1 % 100 %

Step 2 Fatty 100 % 93.3 % 97.1 %

Normal 95.1 % 100 %

Algorithm of [6] Heterogeneous 94.7 % 100 % – 95.4 %

Fatty 93.3 % 93.3 %

Normal 96.4 % 95 %
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According to the results in Table 3, by considering 25 ROIs, the proposed method
gives the sensitivity of 100 % for detecting both heterogeneous and fatty liver at the
first and the second steps which shows the complete detection and quite correct
diagnosis of these diseases. The high values of PPV given in this Table, also depicts the
high precision of this method. Furthermore, we have achieved the overall accuracy of
97.9 % which is higher compare to the approach of [6] with overall accuracy of 95.4 %
in the same condition. In addition, the method of selecting ROIs in the proposed
scheme is completely automatic with lower computational cost than the method of [6].
In [6] the segmentation process is semi-automatic with high computational complexity
and moreover, their classification method is not such a hierarchical scheme.

9 Conclusion

In this paper, an automatic segmentation and classification method to discriminate
normal, fatty and heterogeneous liver images is proposed. The proposed algorithm is
performed in two stages. The first stage, automatically selects some ROIs in a liver
ultrasound. The WPT is applied to the selected ROIs as a multi-scale texture analyzer
to extract some statistical features. In the second stage, a hierarchical binary classifi-
cation method using SVM classifier is employed. The proposed hierarchical classifi-
cation algorithm discriminates the heterogeneous case from the diffused case at the first
step and classifies the fatty and the normal cases at the second step. The overall
accuracy of 97.7 % indicates the efficiency of the hierarchical classification scheme.
The implementation results illustrate the suitability of the proposed system to be used
in a clinical environment to help radiologists in liver disease classification and improve
diagnostic accuracy which can avoid biopsies in some cases. The completely automatic
scheme to select the ROIs with the noticeable low computational cost is the other
advantage of this system.
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Abstract. The performance of many Sparse Representation (SR) based
signal classification tasks is highly dependent on the availability of the
datasets with a large amount of labeled data points. However, in many
cases, accessing to sufficient labeled data may be expensive or time con-
suming, whereas acquiring a large amount of unlabeled data is relatively
easy. In this paper, we propose a new SR based classification method
which utilizes the information of the unlabeled data as well as the labeled
data. Experimental results show that the proposed method outperforms
the state of the art SR based classification methods.

Keywords: Local linear embedding · Dictionary learning · Semi-
supervised learning · Sparse representation

1 Introduction

In the last decade, sparse representation has attracted much attention to itself
from signal processing community [1]. This attention is because many natural
signals (i.e. images) are inherently sparse that can be reconstructed by their
sparse codes such that the reconstructed signals are fairly close to the original
signals. More precisely, original signals can be represented efficiently by linear
combination of some features (atoms). A set of atoms is called a dictionary.

Generally speaking, there are two ways for determining dictionary atoms:
(i) using of-the shelf features such as Fourier Basis, (ii) learning dictionary atoms
from data itself. Recently, Wright et al. [1] have shown that learning dictionary
directly from data can lead to more accurate reconstruction of the original data.
Learning the elements of a dictionary from the training signals can be described
as determining dictionary atomes such that the reconstructed signals based on
the atoms are very similar to the original signals. The following optimization
problem demonstrates the dictionary learning procedure [1].

[D,A] = argmin
D,A

n∑

i=1

(‖xi − Dαi‖22 + β‖αi‖1
)
, (1)

In the above equation, X = [x1, x2, ..., xn] is the m × n matrix of the original
signals, D = [d1, d2, ..., dK ] is the m × K Dictionary matrix, A = [α1, α2, ..., αn]
c© Springer International Publishing Switzerland 2014
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is the K × n matrix of the sparse codes, β is a free parameter which determines
the importance of the reconstruction term (‖xi − Dαi‖22) respect to the sparsity
term (‖αi‖1), and ‖.‖1 is the l1 norm, which is defined as [4]

‖y‖1 =
m∑

i

|yi| (2)

where, y denotes a m dimensional signal and yi is the i-th element of that signal.
Unfortunately, the optimization problem of Eq. 1 is not convex respect to A and
D simultaneously, however, by considering one of the variables as constant, the
optimization problem become convex respect to the other variable. There have
been proposed lots of method for solving the optimization problem of the Eq. 1
among which K-SVD [2] and MOD [3] have attracted much attention due to
their efficiency.

2 Related Work

In the last decade, there have been proposed many DL algorithms for signal
classification applications which use label information of the data points to learn
a discriminative dictionary [4–10].

Wright et al. [11] considered the training data points as atoms of the dictionary
for face recognition task. This method determines the class of an unknown face
image based on evaluating which class leads to the minimal reconstruction error.
The main disadvantage of this method is that it cannot utilize the discriminative
information of the training data that is vital in discriminative DL tasks.

Yang et al. [12] incorporated a discriminative term based on Fisher
Discriminat Analysis (FDA) algorithm into the DL learning framework, in which
a sub-dictionary for each class is learned. Ramirez et al. [6] added a struc-
tured inherence penalty term to the objective function of the class specific sub-
dictionary learning problem to make the sub-dictionaries incoherent. Mairal et al.
[4] proposed a method in which, a classifier and a dictionary are jointly learned
by utilizing a logistic loss function instead of canonical least square loss function.
Jiang et al. [13] modified the K-SVD algorithm by adding a label consistent term
to this algorithm to increase the discrimination power of the sparse codes. The
main shortcoming of the above DL methods is that the number of the labeled
signals has a strong impact on the performance of these methods. Unfortunately,
in many applications, accessibility to a large amount of labeled samples is not
possible due to the fact that labeling data is expensive and time consuming. On
the other hand, a large set of unlabeled data points are easily accessible which
have motivated many researchers to develop semi-supervised learning methods
which utilize the unlabeled data as well as the labeled data, to build better
models for classification tasks.

A canonical example for semi-supervised classification (SSL) methods is Semi-
Supervised Support Vector Machine (S3VM) [14], which incorporates not only
the labeled data, but also the information of the unlabeled samples into the max-
margin framework. Another well-known method for semi-supervised learning is
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Co-training [15], which assumes that features (data points) have multiple views.
Based on this assumption, this algorithm utilizes the confident samples in one
view to update the other view. The problem with this method is that in many
applications (i.e., image classification), for each signal (i.e., image) there is only
one feature vector which makes Co-Training unusable.

Very recently, Shrivastava et al. [16] have introduced a dictionary learning
pattern classification method taking advantages of the information of unlabeled
signals as well as the labeled signals. Although this method is more accurate
than the previous discriminative DL methods, it has two main shortcomings.
Firstly, because this method learns one dictionary for each class, it cannot scale
to problems with large number of classes. Secondly, it does not consider the
topological structure of all data points.

To circumvent these drawbacks, in this paper, we propose a new discrimi-
native DL method for data classification, by which we learn a classifier and a
dictionary simultaneously with the capability of sharing features among differ-
ent classes. Moreover, we utilize the idea of Locally linear Embedding (LLE)
method [17] to hold the geometrical structure of data, by which we can prevent
overfitting.

The rest of this paper is organized as follows. Section 3 presents the pro-
posed SR based semi-supervised classification method. In Sect. 4 the experimen-
tal results are depicted and at last, we conclude our work in the conclusion
section.

3 Proposed Method

In this section, we present our method which exploit the information of both the
labeled and the unlabeled data. More precisely, the proposed method tries to
improve the discrimination in the dictionary and to prevent overfitting over the
(small-size) labeled data points by adding a classifier error term and a geomet-
rical preserving term into the proposed objective function respectively.

3.1 Problem Formulation

Let Xl = {(xi, yi), i = 1, ..., nl} be the set of labeled data, and Xu = {xj , j = nl+
1, ..., n} be the set of unlabeled data, where nl and n are the number of labeled
and total samples, respectively. Here, xj ∈ Rm denotes the j-th sample, yi ∈
{+1,−1} is the corresponding class label of the i-th data point (for the problems
with more than two classes, we use the one versus all classification procedure),
and nu = n−nl is the number of the unlabeled data points. Let D = [d1, ..., dK ] ∈
Rm×K be the dictionary with K atoms and A = [Al, Au]K×n be the matrix of
the sparse codes, where Al = [α1, ..., αl]K×nl

and Au = [αnl+1, ..., αn]K×nu
show

the matrices of the sparse codes of the labeled and unlabeled data respectively.
Our goal is to learn jointly a single dictionary D adapted to the classification
task and a function f which should be positive for any signal in class +1 and
negative otherwise. In this paper, we consider a linear classifier which uses the
sparse code α for the classification task:

f(x, α, θ) = wT α + b, (3)
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where θ = {w ∈ RK , b ∈ R} is the parameter of the linear classifier.
Motivated by the idea of [4], we use the logistic loss function to incorporate

the error of the classifier to the proposed objective function. By solving the
following optimization problem, we can learn the sparse codes A, the dictionary
D and the classifier θ simultaneously.

[Â, D̂, θ̂] = argmin
A,D,θ

nl∑

i=1

C(yif(xi, αi, θ))

+
n∑

j=1

λ0‖xj − Dαj‖22 + λ1‖αj‖1 + λ2‖θ‖22 (4)

where C is the logistic loss function which is defined as

C(x) = log(1 + e−x), (5)

and λ0, λ1, λ2 are the regularization parameters.
The problem with the optimization of the Eq. 4 is that whenever the number

of the training data is small, the overfitting risk on training data will increase.
Furthermore, the topological structure of all the data may not be preserved in
sparse feature space. To address the above problems, we utilize the LLE algo-
rithm and modify the above objective function based on that idea. In the follow-
ing, we first briefly describe the LLE algorithm, then we describe the proposed
objective function based on that idea.

3.2 Local Linear Embedding (LLE)

Local Linear Embedding [17] is one of the algorithms that tries to preserve the
topological structure of data by retaining locally linear relationships between
close data points in the transformed space (the transformed space in this paper
is the sparse feature space).

This method assumes that the data is linear in each neighborhood, which
means that any data point p can be approximated by a weighted average of its
neighbors.

Given the set of data points, this method constructs a k-nearest neighbor
graph which models the relations between close data points. The algorithm finds
weights that minimize the cost of representing the point by its neighbors under
the l2-norm. The optimal weight matrix S∗ = [s∗

ij ] providing minimal error
for the linear reconstruction of data points from their neighbors is obtained
according to:

S∗ =argmin
S=[sij ]

n∑

i=1

‖xi −
∑

xj∈Nk(xi)

sijxj‖2

subject to. ∀i,
∑

xj∈Nk(xi)

sij = 1 (6)
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where Nk(xi) shows the set of k nearest neighbors of xi. This problem can be
solved as a constrained least-squares problem [17].

After finding the optimal weight matrix S∗, we define the penalty term J(A)
as:

J(A) ≡
n∑

i=1

‖αi −
∑

xj∈Nk(xi)

s∗
ijαj‖2 = tr

(
AEAT

)
(7)

where,
E = (I − S∗)T (I − S∗). (8)

In the Eq. 7, tr shows the trace operator, and I is the Identity matrix. In (7),
J(A) denotes the locally linear reconstruction error of the sparse codes according
to the weight matrix S∗. Indeed, it reflects the assumption of preserving the
geometrical structure of data in the sparse feature space.

By incorporating J(A) into Eq. 4, the proposed objective function for com-
puting the sparse codes A, the dictionary D, and the classifier θ can be formu-
lated as

[Â, D̂, θ̂] = argmin
A,D,θ

nl∑

i=1

C(yif(xi, αi, θ)) + λ2‖θ‖22

+
n∑

j=1

λ0‖xj − Dαj‖22 + λ1‖αj‖1 + λ3tr
(
AEAT

)
,

s.t ∀k = 1, ...,K, ‖dk‖2 ≤ 1, (9)

where dk denotes the k-th atom of the dictionary, and λ3 is a regularization term
which controls the balance between preserving the topological structure of the all
labeled and unlabeled data, and the discriminativeness of the dictionary, the
sparse codes, and the classifier. Since the values of the atomes of D can be
arbitrary large, the values of the sparse codes can be relatively low. Therefore,
it is common to normalize the atoms of the dictionary such that each column
has ‖dk‖2 ≤ 1.

3.3 Optimization Procedure

In this section, we describe the optimization procedure for the proposed objective
function (Eq. 9). Solving (9) is a challenging task due to the fact that the objec-
tive function is not convex respect to A,D and θ simultaneously. To address this
problem, we can easily observe that the objective function is convex with respect
to each of the parameters when the others are fixed. Hence, we resort to a coor-
dinate descent method, in which unknown parameters are updated through an
iterative process which updates each parameter by fixing the other parameters
in each step.

Since the proposed objective function is convex respect to the sparse codes
(D and θ are fixed in this step) under an l1 penalty, we use the fixed-point
continuation method (FPC) [18] to update the sparse codes. By fixing the sparse
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codes, our objective function is equivalent to the objective function of the SDL-
G (Supervised Dictionary Learning, Generative) method [4], hence we use the
optimization procedure of [4] to update the dictionary and the classifier.

3.4 Class Label Prediction

After learning A,D and θ, based on the idea of [4], we estimate the label of a
new signal x with an unknown label y as

ŷ = argmin
y∈{+1,−1}

(
min

α
C(yf(x, α, θ)) + λ0‖x − Dα‖22 + λ1‖α‖1

)
(10)

It should be noted that the above classification procedure is usable only for
binary classification. For multi-class classification problem, we use one vs all
classification method based on the above binary classification method.

4 Experimental Results

In order to show the effectiveness of the proposed method, we present experi-
mental results on applications such as Handwritten Digit Recognition, Object
Recognition, and Letter Recognition. Details of the databases are summarized
in Table 1 (in that table, L-examples and U-examples denote the labeled exam-
ples and the unlabeled examples respectively). MNIST [19] and USPS [20] are
standard handwritten digit databases where MNIST dataset consists of 70,000
images, 60,000 for training, 10,000 for testing, and USPS is composed of 7291
training images and 2007 test images. ISOLET dataset [21] comprises of exam-
ples of letters from the alphabet spoken in isolation by 30 individual speakers and
COIL2 [22] is two class object recognition dataset. All of the experimental results
are averaged over several runs of randomly generated splits of the data. For digit
datasets, 40 samples per class are randomly chosen from the training data as
the labeled samples and 500 samples per class is used as the unlabeled data. For
each class of ISOLET dataset, we randomly select 10 samples as labeled data,
150 samples as unlabeled data, and for COIL2 dataset, 100 samples per class are
randomly chosen from the training data as the labeled samples and 500 samples
per class is used as the unlabeled data.

We also compare our method with some state of the art supervised dictionary
learning methods such as SDL-D [4], SDL-G [4], FDDL [12], and two well-known
classification methods SVM and S3VM [14]. We also compare our method with
S2D2 [16] which is a recently introduced semi-supervised dictionary learning
algorithm.

In order to determine an appropriate number of dictionary atoms (K), and
nearest neighbors of data samples (k) for computing the LLE matrix (E), Five-
fold cross validation is performed to find the best pair (K, k). The tested values
for K are {64, 128, 256, 512} and for k, {3, 5, 7, 9, 11}. Since determining the val-
ues of the regularization parameters λ0, λ1, λ2 and λ3 using the cross validation
technique is time consuming, we set them manually for all experiments as

λ0 = 0.01, λ1 = 0.15, λ2 = 0.01, λ3 = 0.1, (11)
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Table 1. Properties of data sets and experimental parameters.

MNIST USPS ISOLET COIL2

L-examples (train) 400 400 100 200

U-examples (train) 5000 5000 1500 1000

Examples (test) 10000 2007 1000 300

Classes 10 10 10 2

Input dimensions 784 256 617 1025

Features after PCA 256 256 100 50

Runs 10 10 10 10

Table 2. Classification accuracy using different methods.

MNIST USPS ISOLET COIL2

SVM 82.6 83.7 86.1 77.6

S3VM 86.1 85.3 88.4 80.4

FFDL 83.9 84.2 83.5 77.9

SDL-G 84.2 84.4 83.8 78.2

SDL-D 82.8 83.7 83.1 77.7

S2D2 89.0 88.3 90.1 85.6

PM 90.1 89.2 91.5 86.3

Fig. 1. The Dictionary with 64 atoms for USPS database.

The average recognition accuracies over 10 runs are shown in Table 2, from
which, we can see that the proposed method outperforms all other methods. The
improvement in performance compared to supervised dictionary learning (sdl)
methods is because of two reasons. Firstly, the number of labeled data is small,
hence the sdl methods may overfit to the labeled data. Secondly, these methods
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cannot utilize unlabeled data for learning dictionary. Moreover, S3VM and S2D2
does not consider the topological structure of all data, hence both of them are
less accurate than our method. The learned Dictionary for USPS dataset using
K = 64 is demonstrated in Fig. 1.

5 Conclusion

In this paper, we proposed a novel sparse representation method which uses the
information of unlabeled data as well as labeled data for signal classification
tasks. We incorporated the information of the unlabeled data into the proposed
classification method using the LLE algorithm, by which the geometrical struc-
ture of all labeled and unlabeled data is preserved and it leads to immunity
of the proposed method against overfitting to small-sized labeled training data.
Experimental results using different datasets demonstrate the superiority of the
proposed method over the state-of-the-art SR based classification methods.
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Abstract. In this paper Long Term Memory (LTM) process during leftward
and rightward orientation recalling have been analyzed using Magnetoenceph-
alogram (MEG) signals. This paper presents a novel criterion for decision
making using union subspace based classifier. The proposed method involves
the Eigenvalues from Singular Value Decomposition (SVD) of each subspace
not only to select basis for each subspace but also to weight the decision making
criterion to discriminate two classes. The proposed method has provided ori-
entation detection from recalling signal with 6.75 percent increase in classifi-
cation accuracy compared to better results on this data.

Keywords: Long term memory (LTM) � Magnetoencephalogram (MEG)
signal � Singular value decomposition (SVD) � Union subspace based classifier �
Dictionary learning � Leftward and rightward orientation detection

1 Introduction

Several works have been done on fMRI data in decoding human’s memory using
pattern recognition [1–4], but fMRI limitation in time resolution persuaded researchers
to utilize MEG to investigate that subject.

MEG is a noninvasive method with proper time resolution and also acceptable
spatial resolution. These properties make MEG appropriate to use pattern recognition
methods [5]. This capability has been applied in differentiation and recognition
between two directions of observed grating using frequency information of Gamma
band [6]. Researchers also have been studied short term memory involving high fre-
quency phase [7]. Other papers also have been published showing that time information
can be useful in MEG classification [8, 9]. From the classification point of view, many
methods such as SVM, LDA or elastic net classifier have been used in MEG classi-
fication [10–12]. The novel method presented in this paper is based on new decision
making in subspace based classifier on the BioMag 2012 competition data [13] that
resulted in better accuracy in orientation detection than best reported ones. The data-
base will be explained in Sect. 2, afterwards, mathematical theory and results will be
described in order.

© Springer International Publishing Switzerland 2014
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1.1 Introduction to Problem

Data that is used in this paper is from BioMag2012 competition. Following experiment
is designed to record this data. 48 pictures of usual objects are selected. Each picture is
matched to a grating (rightward or leftward). This paired picture and grating is fixed
during the whole experiment sequences. In Fig. 1 two of these pairs have been
depicted, a glass is matched to grating with right orientation and a duck is matched to
left orient one.

During the experiment, as it will be explained in the following, those 48 pairs are
trained to the subject. The whole experiment was performed in three days. First day
was the stage of decoding in memory that was included several direct training blocks
and feedback blocks. In each block, all 48 pairs have been shown to the subject in
random order with the different that in training block clue picture have been presented
for 1 s and after 2 s delay its corresponding grating have been appeared. But in
feedback block, process is according to Fig. 2.

In feedback block there is an opportunity for incorrect ones to be shown (50 % of
them will be incorrect) and subject is asked to declare it true or false. He is supposed to
answer by pushing a bottom immediately after seeing the grating. After his answer, the
correct grating will appear to feedback him. This is what happened during first day to
teach subject the pairs. During the day after, the feedback training block have been
applied on subject. Learning process has been continued until that subject performance
reached to 90 %.

Fig. 1. Two cue pictures of 48 pictures. Each picture is matched to a grating (rightward or
leftward).

Fig. 2. The feedback block process. Source: [12]
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Third day was final stage that MEG signal have been recorded at that time. In that
day, all 48 clues were asked subject to recognize its grating orientation 18 times. From
all recorded signals, 681 correct answers are saved that are including 344 trains
from right orientation class and 337 left ones. Time interval of this recorded signal is
from 200 ms before clue appearance to 220 ms after its disappearance.

2 Material and Method

Overall process is depicted in Fig. 3. After generating features for each experiment,
PCA has been used to select best basis for subspaces, then union subspace based
classification has been applied. Details of process will be explained following.

2.1 Subspace Based Classification

Let each vector that contains features of each train experiment be a column of D1

(assigned for first class) and D2 (for second class). Then two classes can be supposed in
following order:

H0 : y 2 spanðD1Þ
H1 : y 2 spanðD2Þ

�

Columns of D1 will be basis for first subspace and it will be the same for D2 and
second subspace. With this assumption, two types of classifications can be designed:

Separated Subspaces Classifier. In this classification, each subspace will be consid-
ered separately and regression problem will be solved for each of them in the number

Fig. 3. The overall diagram of methodology
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of classes. If y is a test vector (features of test experiment that its class is unknown) then
projection of y from first subspace view will be:

y1 ¼ D1ðDT
1D1Þ�1DT

1 y

And from second subspace view it will be:

y2 ¼ D2ðDT
2D2Þ�1DT

2 y

These reconstruction equations are coming from answer of regression problem [14].

minx y� Axk k22
The answer is obtained from following optimization process:

x ¼ ðATAÞ�1ATy

Having mentioned constructed terms and comparing following two differences, the
class that y is belonging to can be determined.

y� y1k k� y� y2k k ! Class1 is selected

y� y1k k� y� y2k k ! Class2 is selected

This classification is also named as Nearest Subspace classifier [15].

Union Subspaces Classifier. Instead of solving a separate regression for each class,
and finding minimum for a metric criterion, one regression with high dimensions can
be done. In this regression, the basis of all classes will be used. Rather than D1 and D2,
on matrix that is named D will be formed according below formula.

D ¼ D1 D2½ �

The only regression problem for y as test data will be:

minx y� Dxk k22
The answer will be:

x ¼ ðDTDÞ�1DTy

In this case, the solution (x) will be a vector that its component can be used to
decide the class of test data. If we name first part of x (the part that is related to first
class basis) x1 and second part x2, then following logical relations will guide us to
declare the selected class.
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x1k k1 � x2k k1 ! Class1 is selected

x1k k1 � x2k k1 ! Class2 is selected

This method will result better, because of using both classes information.
Developing mentioned method, and setting some constraint behind regression

problem will guide us to ridge, lasso, and elastic net regression classifiers.
Ridge problem:

minx y� Dxk k2þk xk k1
Lasso problem:

minx y� Dxk k2þk xk k2
Elastic net problem:

minx y� Dxk k2þk1 xk k1þk2 xk k2
Lasso is the most famous linear regression that has been improved several

applications.

2.2 Proposed Method

As choosing all the experiments as basis for subspaces causes over learning, (Principle
Components Analysis) PCA is used to subspace identification and choosing best basis.
PCA has been used before in feature and dimension reduction [17], but here, PCA is
applied in reducing the basis number of subspaces and avoiding over learning. PCA
is based on SVD decomposition that gives us Eigenvalues. A sample of this Eigen-
values amounts are depicted in Fig. 4. According to this diagram, for each class the
number of useful Eigenvectors as subspace basis can be selected.

The number of Eigenvalues that provide acceptable percentage of total energy
determines the number of required Eigenvectors from SVD as subspace basis.

Fig. 4. Magnitude versus number of Eigenvalues for one class
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Not only this Eigenvalues are used in mentioned decision but also they affect the
class determination that will be explained in the following:

After formation of D1 and D2 with selected Eigenvectors, D matrix will be formed
by putting D1 and D2 together, and regression problem will be solved that gives x
solution.

Former decision criteria on x have been comparing norm of two parts of it, but a
novel method in decision making is involving mentioned Eigenvalues to multiply to x
elements and to weight them. Therefore, elements corresponding to larger Eigenvalues
will have more influence in comparing. If k1 contains Eigenvalues from SVD
decomposition related to class1, and k2 contains Eigenvalues from SVD decomposition
related to class2, following logical relations will decide the unknown class. n1 and n1
are the number of required Eigenvectors from SVD as subspace basis for class1 and
class2.

Pn1

i¼1
x1ðiÞk1ðiÞ�

Pn2

i¼1
x2ðiÞk2ðiÞ ! Class1 is selected:

Pn1

i¼1
x1ðiÞk1ðiÞ�

Pn2

i¼1
x2ðiÞk2ðiÞ ! Class2 is selected:

3 Results

As mentioned before, wide types of features have been used in classifying MEG signal.
Two new features introduced in this paper that have shown better results than previous
ones are differential spectrum and correlation between two adjacent channels in Fourier
space. Our results comparing to previous report from winner of BioMag competition
have been shown in Table 1.

Involving each part of brain separately in classification process, one can decide the
influence of different channels and brain parts in recalling left or right direction per-
ception (Fig. 5).

Table 1. Accuracy percent in classifying leftward versus rightward

Our Method BioMag
2012

Feature
type

Time DCT
coefficients

FFT
coefficients

differential
spectrum

Correlation in
Fourier space

67 %

Accuracy 65 % 63.75 % 70 % 72.5 % 73.75 %
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4 Conclusion

In summary, the classification accuracy can be improved involving Eigenvalues of
PCA, not only in selecting basis of subspaces but also in weighted decision making.
Furthermore, feature selection can help this method to reach better accuracy. It is
proved that differential spectrum and correlation between two adjacent channels will
give better result in recalling left or right direction perception. Results show that the
right hemisphere of brain has most effect on mentioned process.
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Abstract. In many signal processing applications, it is often needed to segment
signals into small epochs with similar characteristics such as amplitude and/or
frequency that are particularly meaningful to clinicians and for assessment by
neurophysiologists. This paper presents a novel adaptive segmentation method
based on the time-varying autoregressive (TVAR) model, integral, and basic
generalized likelihood ratio (GLR). Since autoregressive (AR) model for the
GLR method is valid for only stationary signals, TVAR is employed as a
valuable and powerful tool for non-stationary signals. Moreover, to improve the
performance of the basic GLR and increase its speed, we propose to use moving
steps more than one sample for successive windows in the basic GLR method.
Performance of the proposed method is compared with existing GLR and
wavelet GLR (WGLR) methods using both the synthetic signal and real EEG
data. The simulation results indicate the high accuracy of the proposed method.

Keywords: Adaptive signal segmentation � Generalized likelihood ratio �
Time-varying autoregressive model � Integral

1 Introduction

The recording of electrical activity along the scalp, namely electroencephalogram
(EEG), represents not only the brain function but also the status of the whole body [1].
Understanding of neuronal functions and neurophysiological properties of the brain
together with the mechanisms underlying the generation of signals and their recordings
is critical for those who deal with these signals for detection, diagnosis, and treatment
of brain disorders and the related diseases [1].

A great automatic EEG analysis during long-term monitoring consists of four basic
steps: (1) segmentation; (2) feature extraction; (3) classification; and (4) presentation [2].

© Springer International Publishing Switzerland 2014
A. Movaghar et al. (Eds.): AISP 2013, CCIS 427, pp. 172–180, 2014.
DOI: 10.1007/978-3-319-10849-0_18



mmeybodi@aut.ac.ir

Dividing a signal into parts that in each part, its statistical characteristics such as
amplitude and frequency do not change, namely segmentation, plays a significant role in
these steps. Today, segmenting a signal has variety and great applications in many
engineering and clinical fields [3–7].

In the literature, two basic approaches exist for signal segmentation, namely con-
stant segmentation and adaptive segmentation [8]. In the constant segmentation, the
signal is divided into small epochs with a fixed length. In general, this type of seg-
mentation is the simplest and fastest one. The attained epochs, yet, may not be nec-
essarily stationary. In order to overcome the restriction in using constant segmentation,
it is necessary to employ a segmentation method that automatically detects the true
segment boundaries. In adaptive segmentation approach, for automatic detection of the
true boundaries, segmentation is done based on change in statistical characteristics
(such as amplitude and/or frequency variations) of the original signal [8]. There are a
number of adaptive segmentation methods suggested by researchers such as those in
[9–17].

Azami et al. have proposed a method to segment a signal in general and real EEG
signal in particular using standard deviation, integral operation, discrete wavelet
transform (DWT), and variable threshold [17]. In this paper, they have illustrated that
the standard deviation can indicate changes in the amplitude and/or frequency.
To remove the effect of shifting and smooth the signal, the integral operation has been
used as a pre-processing step [17]. However, although the segments the performance of
the method is still dependent on the noise components. Moreover, in this method, the
length of the window must be selected empirically.

In order to detect the anomalies in the traffic signal of computer networks, a new
method called generalized likelihood ratio (GLR) is proposed [15]. To enhance the
GLR method, it has been suggested to use wavelet as a post-processing stage. This new
method was named wavelet GLR (WGLR) method [15].

There are two shortages in the basic GLR and WGLR methods: (1) In these
methods, autoregressive (AR) model was used and this model can only consider sta-
tionary signals. This is very important shortage in biomedical signals that are often
non-stationary; (2) Moving 1 sample in successive windows for GLR method causes
the method to become slow and unreliable for signal segmentation. Moreover, in the
vicinity of each segments’ boundaries, there are some boundaries detected incorrectly
by the use of GLR/WGLR method.

In order to overcome these problems, in this paper, we propose to use time-varying
AR (TVAR) model that can be employed for non-stationary signals as well as sta-
tionary ones. Integral as a pre-processing step is applied to increase the performance of
the method. In addition, we propose that the successive windows are moved more than
1 sample that this technique not only enhances the CPU time, but also it increases the
performance of the basic GLR method considerably.

This article is organized as follows: Sect. 2 clarifies the proposed method in three
steps. The performance assessment of the suggested approach and results compared
with existing methods are provided in Sect. 3. Finally, the conclusions are given in
Sect. 4.
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2 Proposed Adaptive Segmentation

This proposed method consists of three steps as briefly described below:

1. First, in order to smooth or filter the signal we use integral as a pre-processing step.
In addition, using the integral causes that the frequency is shown in the amplitude. If
we assume f ðxÞ ¼ a cosðwxÞ, the integral of f(x) becomes f ðxÞ ¼ a

w sinðwxÞ. In other
words, it causes the frequency is shown in amplitude ðterm 1

wÞ. This policy helps that
the proposed method becomes better than the previous version (basic GLR).

2. In this method two sliding windows move alongside the entire signal. The signal in
each window of this method is modeled by the TVAR model instead of the con-
ventional AR which is only applicable for stationary signals. In the standard AR
structure, a discretely sampled signal is modeled by representing the voltage level at
time t as a linear combination of voltage levels at times t-1, t-2, …, t-p for p > 0 an
addition a random (driving noise) component. The relationship is supposed to be
fixed over time in that the regression parameters defining the linear combination are
constant for the whole period of recording. While in the TVAR model these
parameters differ over time, adapting to changes evidenced in the signals, and
therefore, potentially provide the kinds of time-evolving structure evident in many
non-stationary signals. Such models can specially answer to and adequately capture
the forms of change in the frequency structure of oscillations in EEG data [18].
Therefore because EEG is considered as a non-stationary signal, this model
improves the performance of the basic GLR. If the sliding windows fall within a
segment, since the both windows have the same statistical properties, the modeling
error between the two windows is low. However, if both sliding windows are not
placed in the same segments, the modeling error rises. As stated previously, since in
the vicinity of each segments’ boundaries, there are some boundaries detected
incorrectly by the use of GLR/WGLR method and increase the speed and reliability
of the basic GLR/WGLR, in this paper we propose to use moving steps more than 1
sample for the successive windows.

3. Determining a threshold is one of the important problems in segmentation of the
signal. In many researches, the mean value or the mean value added to standard
deviation or something like those are proposed as a threshold. If the defined
threshold is large, several boundaries of segments may not be indicated. Whereas
the threshold value is low, several boundaries of segments may be selected inac-
curately. In this paper the mean value of Gð�GÞ is defined as the threshold. When the
local maximum is bigger than the threshold, the current time is selected as a
boundary of the segment.

3 Data Simulation and Results

The following methods were implemented using MATLAB R2009a from MathWorks.
The performance and efficiency of all the proposed and existing methods were eval-
uated using 50 synthetic multi-component and real EEG signals.
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3.1 Synthetic Signal

In order to assess the performance of the suggested method, these algorithms are
applied on a set of synthetic multi-component signals which each epoch is selected as a
stationary signal. One piece of these signals includes the following seven epochs:

Epoch 1: 0.5cos(πt) + 1.5cos(4πt) + 4cos(5πt),
Epoch 2: 0.7cos(πt) + 2.1cos(4πt) + 5.6cos(5πt),
Epoch 3: 1.5cos(2πt) + 4cos(8πt),
Epoch 4: 1.5cos(πt) + 4cos(4πt),
Epoch 5: 0.5cos(πt) + 1.7cos(2πt) + 3.7cos(5πt),
Epoch 6: 2.3cos(3πt) + 7.8cos(8πt),
Epoch 7: 0.8cos(πt) + cos(3πt) + 3cos(5πt).

Figures 1.a and b show 50 s of the mentioned signal and the result of applying the basic
GLR, respectively. Figure 1.b shows that this algorithm cannot detect some segments
boundaries of the signal. These undetected boundaries are named miss boundaries
(MBs). Also, obtained output shows that this method has many false boundaries (FBs).

The signal in Fig. 1.a is also segmented using the WGLR as shown in Fig. 2.
Although Fig. 2 shows that the WGLR method can detect segments boundaries better
than the GLR, the WGLR is still not reliable and there are some FBs and MBs.

As mentioned before, in order to increase the speed and boundaries detection
accuracy of the GLR method, we propose to use a step more than 1 sample for moving
successive windows. In Fig. 3 we use this idea. By comparing Figs. 1, 2 and 3, we can
realize that the proposed method is much better than the WGLR and basic GLR
methods. However, the method still cannot detect one boundary correctly.

To improve the performance of the GLR method, integral is applied as a pre-
processing step. The output of the method is shown in Fig. 4. As can be seen in Fig. 4.c,
the boundaries for all seven segments can be perfectly detected.

To increase the reliability of the performance of the proposed methods, in this paper
50 synthetic multi-component signals are used. Also, in order to make the signals more
similar to real signals, Gaussian noise with SNRs = 5, 10, and 15 dBs are added to each
50 original signals and then, the performance of the proposed methods are assessed.
Three parameters are used to assess the performance of the proposed methods: True
Positive (TP) Miss or False negative (FN) and False Alarm or False Positive (FP)

ratios. These parameters are TP ¼ Nt=N

� �
, FN ¼ Nm=N

� �
and FP ¼ Nf

�
N

� �
; where

Nt, Nm and Nf represent the number of true, missed, and falsely detected and N shows
actual number of segment boundaries.

In Table 1, the results of segmentation for 50 synthetic data using the proposed
methods are shown next to the results of conventional methods, namely, GLR and
WGLR method. The parameters used for the proposed methods and existing methods
are completely equal and are selected by trials and errors. As can be seen in the table
TPs and FNs are approximately equivalent. However, FP for proposed method by using
integral is much better than GLR and WGLR that are known as conventional methods.
Moreover, an important reason to cause the performance of the proposed method
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Fig. 1. Signal segmentation for synthetic signal, (a) original signal, and (b) output of the basic
GLR.

Fig. 2. Signal segmentation for synthetic signal, (a) original signal, and (b) output of the WGLR.

Fig. 3. Signal segmentation for synthetic signal, (a) original signal, and (b) output of the
proposed method without using integral.
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Table 1. Effect of applying the proposed methods and conventional methods on set of synthetic
data.

Proposed method with integral as a pre-processing step
SNR 5 dB 10 dB 15 dB Without Noise
TP 94.1% 95.6% 100% 100%
FN 5.9% 4.4% 0% 0%
FP 43.2% 25% 17.6% 12.4%

Proposed method
SNR 5 dB 10 dB 15 dB Without Noise
TP 92.6% 95.6% 98.5% 98.5%
FN 7.4% 4.4% 1.5% 1.5%
FP 48% 33.8% 26.4% 22.6%

WGLR method
SNR 5 dB 10 dB 15 dB Without Noise
TP 97% 97% 98.5% 98.5%
FN 3% 3% 1.5% 1.5%
FP 260% 180% 120% 110%

Basic GLR
SNR 5 dB 10 dB 15 dB Without Noise
TP 97% 97% 98.5% 98.5%
FN 3% 3% 1.5% 1.5%
FP 350% 220% 180% 140%

Fig. 4. Signal segmentation for synthetic signal, (a) original signal, (b) filtered signal by integral,
and (c) output of the proposed method.
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increase significantly is that we use the TVAR model instead of the AR model
employed in the conventional GLR.

3.2 Real EEG Signal

EEG is the neurophysiologic measurement of the electrical activity of the brain using
electrodes placed on the scalp. As described before, signal segmentation is an important
pre-processing step for EEG signals processing. In this part, we have used a real
newborn EEG signal that is shown in Fig. 4.a. The length of this signal and the
sampling frequency are 500 ms and 256 Hz, respectively. The results of applying the
basic GLR and the proposed method are shown in Fig. 5.b and 6.c, respectively.
In Fig. 5.c can be seen that all five segments have segmented accurately. Also, basic
GLR detects many segments inaccurately. We can see the influence of this method by
comparing of these figures.

Fig. 5. Signal segmentation for real EEG data, (a) original signal, and (b) output of the basic
GLR.

Fig. 6. Signal segmentation for real EEG data, (a) original signal, (b) filtered signal by integral,
and (c) output of the proposed method.
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4 Conclusions

An improved method for EEG signal segmentation has been proposed in this paper.
After smoothing the signal by using integral operation, EEG signals have been modeled
using TVAR. TVAR is applicable to analyze non-stationary signals, while the AR is
only applicable for stationary signals. Unlike other smoothing methods such as wavelet
transforms and Kalman filter, integral does not need to any parameters adjustment.
In addition, it can detect the effect of frequency of the signal on the amplitude. In order
to reduce the computational load of the proposed method, we have proposed to use
moving steps more than one sample for successive windows. The proposed algorithm
has been applied on the both synthetic data and real EEG signal. The results have
indicated the superiority of the proposed method in signal segmentation.
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Abstract. Hidden Markov Model (HMM)-based synthesis (HTS) has recently
been confirmed to be the most effective method in generating natural speech.
However, it lacks adequate context generalization when the training data is
limited. As a solution, current study provides a new context-dependent speech
modeling framework based on the Gaussian Conditional Random Field (GCRF)
theory. By applying this model, an innovative speech synthesis system has been
developed which can be viewed as an extension of Context-Dependent Hidden
Semi Markov Model (CD-HSMM). A novel Viterbi decoder along with a sto-
chastic gradient ascent algorithm was applied to train model parameters. Also, a
fast and efficient parameter generation algorithm was derived for the synthesis
part. Experimental results using objective and subjective criteria have shown
that the proposed system outperforms HSMM substantially in limited speech
databases. Moreover, Mel-cepstral distance of the spectral parameters has been
reduced considerably for any size of training database.

Keywords: Gaussian conditional random field � Statistical parametric speech
synthesis � HSMM extension

1 Introduction

Statistical Parametric Speech Synthesis (SPSS) has reportedly been a dominant
research area due to its peculiarities since the last decade [1, 2]. Modeling in the
domain of SPSS is of prime importance and it is naïve to assume unnecessary sim-
plifying assumptions in modeling as it may reduce the quality of synthetic speech. This
work extends Hidden Semi Markov Model (HSMM) synthesis [3] by eliminating some
of its simplifying assumptions. In the next subsection we will briefly discuss related
works.

1.1 Related Work

Many research activities have already been performed to improve the quality of basic
HTS. The progresses such as Hidden Semi Markov Model (HSMM) [3], Trajectory
HMM [4] and Multi-Space Distribution HMM [5] have made HTS the most powerful
statistical approach. However, these systems do not lead to an acceptable quality with
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limited databases (less than 30 min). This deficiency is a direct result of applying
decision-tree-based context clustering which cannot exploit contextual information
efficiently, because each training sample is associated in modeling only one context
cluster. This study is an attempt to improve SPSS quality even for limited training data.

The rest of the paper is organized as follows. In Sect. 2, GCRF is introduced.
Sections 3 and 4 propose a context-dependent model for speech using GCRF and its
application in speech synthesis. Experimental results are presented in Sect. 5 and final
remarks are given in Sect. 6.

2 Gaussian Conditional Random Field

To define GCRF, first a brief description of Markov Random Field (MRF) and Con-
ditional Random Field (CRF) is given.

Definition 1. Let G ¼ ðV;EÞ be an undirected graph, X ¼ Xvð Þv2V be a set of random
variables indexed by nodes of G, X is modeled by MRF iff 8A;B � V; P XAjXBð Þ
¼ P XAjXSð Þ, where S is a border subset of A such that every path from a node in A to a
node in B passes through S [6].

Definition 2. X;Cð Þ is a CRF iff for any given set of random variables C, X forms an
MRF [6].

In the speech synthesis framework, given an utterance contextual information C, suf-
ficient statistics of speech (acoustic features) can be considered as an MRF.

Hammersley-Cliffort’s Theorem. Suppose x; cð Þ is an arbitrary realization of a CRF
X;Cð Þ defined based on a graph G with positive probability, then P xjcð Þ can be
factorized by the following Gibbs distribution [7].

P xjcð Þ ¼ 1
Z cð Þ

Y
A Wa x; cð Þ; ð1Þ

where A denotes a set of all maximal cliques of G. Z cð Þ is called partition function
which ensures that the distribution sums to one. In other words,

Z cð Þ ¼
ZZ

x

Y
A Waðx; cÞ: ð2Þ

The theorem also states that for any choice of positive local functions Wa xð Þf g
(potential functions) a valid CRF is generated. One of the simplest choices of a
potential function is Gaussian function. CRF with Gaussian potential function is named
GCRF which is introduced in the next section.
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3 Context-Dependent Speech Modeling Using GCRF

For modeling speech, the proposed system primarily splits each segment into a fixed
number of states. Then, acoustic and binary contextual features (sufficient statistics) are
extracted for each state. The goal is to model and generate acoustic features provided
that contextual features are present. The following notations are taken into account
henceforth.

L,I: Total number of acoustic and linguistic features.
J : Total number of states for the current utterance.
V: All acoustic parameters. (Extracted from frame samples)
xlj : l-th acoustic feature of state j. (Extracted from V)
xl : l-th acoustic feature vector, xl ¼def xl1; . . .; xlJ½ �T :
X: All acoustic features, X ¼def x1; . . .; xL½ �:
cji : i-th binary linguistic feature of state j.
cj : Linguistic feature vector of state j, cj ¼def cj1; . . .; cjI

� �T
:

C: All linguistic features, C ¼def c1; . . .; cJ½ �:

3.1 GCRF Graphical Structure

Factor graph [8] of the proposed GCRF (with order one) is depicted in Fig. 1. As it is
obvious in the figure, GCRF is a set of L linear chain CRF [8] (with order one) which
are independent when C is given. Each rectangular node Wlj represents a potential
function describing the effect of a maximal clique ðxlj; xlðj�1Þ; cjÞ in the random field
distribution. This figure can be extended to higher order linear chain CRFs. As a result,
if GCRF extends with order o, Wlj. becomes a function of ðxlj; . . .; xlðj�oÞ; cjÞ.

3.2 GCRF Distribution

Having described the graphical model, this subsection investigates the probability
distribution provided by GCRF. Markov property of MRFs implies the following
equality.

Fig. 1. Factor graph of the first order GCRF.
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P XjC; hð Þ ¼
YL

l¼1
P xljC; hð Þ; ð3Þ

where h is the set of all model parameters. This paper assumes that the partition
function, Wlj, is formulated by Eq. 4 which is a Gaussian function with parameters Hlji

and ulji.

Wlj ¼def exp � 1
2

XI

i¼1
xTl Hljixl þ uTljixl

� �
cji

h i� �
: ð4Þ

In this equation, Hlji has to be a symmetric and positive definite matrix. If Hlji is not
restricted to a positive definite matrix, the distribution may be realized by a number
greater than one. Thus, considering positive definite condition seems to be necessary.
Moreover, in GCRF with order o, Hlij and ulij contain only oþ 1ð Þ � oþ 1ð Þ and
oþ 1ð Þ nonzero elements respectively. The overall form of model parameters is shown
as follows.

Hlij ¼

0 0 � � � 0 0 � � �
0 hlijðj�oÞðj�oÞ � � � hlijðj�oÞj 0 � � �
..
. ..

. . .
. ..

. ..
. . .

.

0 hlij
jðj�oÞ � � � hlijjj 0 � � �

0 0 . . . 0 0 � � �
..
. ..

. . .
. ..

. ..
. . .

.

2

666666664

3

777777775

; ulij ¼

0
ulijj�o

..

.

ulijj
0
..
.

2

666666664

3

777777775

: ð5Þ

By considering defined potential function and according to the fundamental theorem of
Hammersley and Cliffort the final expression for P xljC; hlð Þ is given by

P xljC; hlð Þ ¼ 1
ZlðC; hlÞ exp � 1

2
xTl Hlxl þ uTl xl
� 	

� �
; ð6Þ

where Hl ¼
PJ

j¼1

PI
i¼1 cjiHlji and ul ¼

PJ
j¼1

PI
i¼1 cjiulji.

Zl is the partition function and is computed by Eq. 2. Fortunately, for Gaussian
distribution of Eq. 4 there is a closed formula for the partition function as:

Zl C; hlð Þ ¼ 2pð ÞJ2 det H�1
l

� 	� 	1
2exp

1
8
uTl H

�1
l ul


 �
: ð7Þ

A marvelous point is that conventional CD-HSMM can be considered as a type of
GCRF with order zero and mutually exclusive contextual features.
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4 Speech Synthesis Based on GCRF

Figure 2 shows an overview of the proposed GCRF-based speech synthesis system. All
blocks in the figure are identical to classical SPSS [1], except the three further blocks
added with a different color. In the training part, acoustic sufficient statistics or features
(X) are extracted according to both speech parameters (V) and state boundaries ðT Þ.
State boundaries are latent and the added Viterbi block is employed to train them in an
unsupervised manner. It should be noted that only sufficient statistics are modeled in
the training phase; therefore synthesis phase has to generate them first. After generating
features, speech parameters and speech signal are successively synthesized.

4.1 Estimation of Model Parameters

In this section, we discuss how to train model parameters h. We are given a set of T iid

training data Xt;Ctf gTt¼1, the goal is to find the best set of parameters, bh, which max-
imizes the conditional log likelihood:

bh ¼ argmaxh L(hÞ; ð8Þ

L(hÞ ¼def 1
T

XT

t¼1
log P XtjCt; hð Þ: ð9Þ

Fig. 2. An overview of the proposed architecture.
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The problem is that, acoustic feature Matrix Xt; wholly depends on the state
boundaries which are latent. Hence, it is impossible to compute L(hÞ. A correct solution
for this problem that converges to the Maximum Likelihood (ML)-estimate is given by
the Expectation Maximization (EM) algorithm; however, EM is computationally
expensive. Another commonly used method which is computationally efficient and
works well in practice is to compute first Xt and then L(hÞ on the Viterbi path. Appling
this approach and substituting P XtjCt; hð Þ with Eq. 6 gives

L hð Þ ¼ � 1
2T

XT

t¼1

XL

l¼1
Lt
l hlð Þ� 


; ð10Þ

Lt
l hlð Þ ¼def xtTl Ht

lx
t
l þ utTl x

t
l þ J log 2p� log det Ht

l þ
1
4
utTl H

t�1
l utl: ð11Þ

In general, this function cannot be maximized in closed form, therefore numerical
optimization is used. The partial derivatives of L(hÞ are calculated as follows.

oL(hÞ
oulij

¼ � 1
2T

XT

t¼1

oLt
lðhlÞ
oulij

; ð12Þ

ð13Þ

oL(hÞ
oHlij

¼ � 1
2T

XT

t¼1

oLt
l hlð Þ

oHlij
; ð14Þ

oLt
l hlð Þ

oHlij
¼ xtlx

tT
l � Ht�1

l � 1
4
Ht�1

l utlu
tT
l H

t�1
l


 �
ctji

� �
FB J ; j; oð Þ: ð15Þ

where o denotes the order of model, F denotes element-by-element product operator
and is a J -by-J (J ) Boolean matrix (vector) defined by an indicator function I
as:

ð16Þ

B J ; j; oð Þ ¼def Bmn J ; j; oð Þ½ �J�1; ð17Þ

Bmn J ; j; oð Þ ¼def I j� o�m� jð Þ& j� o� n� jð Þð Þ:

A common solution of this optimization problem is to take entire training samples
into account and update model parameters using an optimization algorithm such as
BFGS. Unfortunately, this in turn leads to large computational complexity. This paper
proposes the application of stochastic gradient ascent [9] method which is faster than
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above-mentioned algorithm by orders of magnitude. This method has proven to be
effective [9]. Following equations express its updating rule:

utlij ¼ ut�1
lij � at

oLk
l hlð Þ
oulij

����
utlij;H

t
lij

; ð18Þ

Ht
lij ¼ Ht�1

lij � at
oLt

l hlð Þ
oHlij

����
utlij;H

t
lij

: ð19Þ

A variable step size algorithm described by [10] is utilized in our experiments.

4.2 Viterbi Algorithm for GCRF

Given a sequence of acoustic parameters (V), sentence contextual features (C) and a
trained GCRF parameters (θ), this section presents an algorithm to find the most likely
state boundaries ðT̂ Þ. Thus the aim is to estimate T̂ such that

T̂ ¼def argmaxT P T jV;C; hð Þ ¼ argmaxT P X T ;Vð ÞjV;C; hð Þ: ð20Þ

From Eq. 6 we have

T̂ ¼ argminT
XJ

j¼1
/j T ;V;C; hð Þ; ð21Þ

where /j T ;V;C; hð Þ ¼def PL
l¼1

PI
i¼1 xTljHlijxlj þ bTlijxlj

� �
cji:

Let be the j-th state boundary (j-th element of T ), then for a GCRF with order o,
/j becomes a function of instead of entire elements of T . This fact gives
us an ability to exploit dynamic programming for performing a complete search on T .
Inspired by the other Viterbi algorithms, we need to define an auxiliary variable dj.

ð22Þ

dj can be calculated from dj�1 by following recursion.

ð23Þ

Using this recursion, it is straightforward to obtain Viterbi algorithm.

4.3 Parameter Generation Algorithm

This section, for a given GCRF, derives an algorithm to estimate the best synthesized
speech parameters ðV̂Þ by maximizing the likelihood criteria, i.e.
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V̂ ¼def argmaxVP Vjhð Þ ¼ argmaxV
X

T
P X V; Tð Þjhð Þ: ð24Þ

The synthesis part needs to respond quickly, however, solving this problem directly is
challenging. Hence, the algorithm derived from Eq. 24 is not practical.

A two-step algorithm is proposed here which approximates V̂ fast.

Step 1. For a given h, compute the ML-estimate of X:

X̂ ¼def argmaxXP Xjhð Þ: ð25Þ

Step 2. For a given X, compute the ML-estimate of V:

V̂ ¼def argmaxVP VjXð Þ: ð26Þ

The first step is simply obtained by considering the distribution discussed in Sect. 3.
Since different acoustic features are statistically independent (given in Eq. 3), the
algorithm can generate features independently, i.e.

x̂l ¼ argmaxxlP xljC; hlð Þ: ð27Þ

Optimizing the Gaussian distribution P xljC; hlð Þ, expressed by Eq. 6, results in the set
of linear equations below:

Hlx̂l ¼ � 1
2
bl: ð28Þ

Hl is symmetric and positive definite, so Eq. 28 can be efficiently solved using the
Cholesky decomposition.

Second step depends heavily on the selected acoustic features. For the set of
acoustic features extracted in our system, Tokoda et al. [11] algorithm was used in this
step.

5 Experiments

5.1 Experimental Conditions

To evaluate the proposed system, a Persian speech database [12] consisting of 1000
utterances with an average length of 8 s was employed. Experiments were conducted
on a fixed test set of 200 utterances and 5 different training sets with remaining 50, 100,
200, 400 and 800 utterances. It should be noted that the average length of each
utterance is about 8 s. Speech parameters including mel-cepstral coefficients, bandpass
aperiodicity and fundamental frequency were extracted by STRAIGHT [13]. Sample
mean and variance of each static and dynamic parameter, in addition to the voicing
probability and duration are computed as the acoustic state features. For contextual
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state features a set of 150 well designed binary questions are employed. Following
subsections evaluate the proposed method in contrast to the HSMM-based technique.

5.2 Objective Evaluation

As Fig. 3 shows, three objective measures were calculated to evaluate the proposed and
HSMM-based systems, namely the average mel-cepstral distortion (expressed in dB)
[14], the Root-Mean-Square (RMS) error of fundamental frequency logarithm
(expressed in cent) and the RMS error of phoneme durations (expressed in terms of
number of frames). Computing the first and second measures needs an assumption
about state boundaries that was estimated here using the Viterbi algorithm. Since F0
value is not observed in unvoiced regions, only voiced frames of speech were taken
into account for the second measure.

From Fig. 3, it is noticeable that GCRF always outperforms HSMM in generating
mel-cepstral and duration parameters, but HSMM is superior in synthesizing funda-
mental frequency when the number of training data is larger than 200 utterances. This
drawback is a result of weak estimation of F0 parameters during the training process.
Table 1 compares the accuracy of voiced/unvoiced detection in proposed system with
its counterpart in HSMM-based synthesis.

5.3 Subjective Evaluation

We conducted preference score measure to compare the proposed and HSMM-based
systems subjectively. 20 subjects were presented with 10 randomly chosen pairs of
synthesized speech from the two models and then asked for their preference.

Figure 4 shows the average preference score. The result confirms that the synthetic
speech generated by proposed system has been favorable when training data are
limited.
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Fig. 3. Objective evaluation of HSMM-based and proposed speech synthesis systems. (Left)
Mel-cepstral distance [dB]; (Middle) RMSE of log F0 [cent]; (Right) RMSE of phoneme
duration [frame].
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6 Conclusion

This paper improves HSMM-based synthesis in the following ways:

1. The independence assumption of states distribution in HTS is removed.
2. In contrast to HMM, the proposed model does not limit its potential functions to be

a probability distribution.
3. CD-HMM uses decision-tree-based context clustering that does not provide efficient

generalization in limited training data, because each speech parameter vector is
associated in modeling of only one context cluster. In contrast, our method con-
tributes each training vector in many clusters to offer an efficient generalization.

Despite the advantages, which made our system to outperform in small training data,
a drawback such as difficult training procedure is noticed in large databases.
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Abstract. In this paper, we study the discriminative modeling of Spo-
ken Language Understanding (SLU) using Conditional Random Fields
(CRF) and Statistical Machine Translation (SMT) alignment models.
Previous discriminative approaches to SLU have been dependent on
n-gram features. Other previous works have used SMT alignment mod-
els to predict the output labels. We have used SMT alignment models to
align the abstract labels and trained CRF to predict the labels. We show
that the state transition features improve the performance. Furthermore,
we have compared the proposed method with two baseline approaches;
Hidden Vector States (HVS) and baseline-CRF. The results show that
for the F-measure the proposed method outperforms HVS by 1.74 % and
baseline-CRF by 1.7 % on ATIS corpus.

Keywords: Spoken language understanding · Statistical machine trans-
lation · Conditional random fields · Hidden vector state · Discriminative
modeling · Sequential labeling · Natural language processing

1 Introduction

Spoken Language Understanding (SLU) is the problem of extracting the inten-
tion and aim of the user’s utterance. More specifically, a SLU system tries to
find a mapping from user’s utterance in natural language, which follows no rules
or restrictions, to the limited set of concepts that is structured and meaningful
for the computer. The only restriction for the user’s input is the domain of the
utterance, i.e. a SLU system trained in Air Travel domain, can be used only in
this domain.

Below is an example of Air Travel Information System (ATIS) [1] corpus.
The input utterance is:

I want to return to Dallas on Thursday
and its corresponding output is:
c© Springer International Publishing Switzerland 2014
A. Movaghar et al. (Eds.): AISP 2013, CCIS 427, pp. 194–202, 2014.
DOI: 10.1007/978-3-319-10849-0 20
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GOAL : RETURN
TOLOC.CITY = Dallas
RETURN.DATE = Thursday .

The output indicates that the goal of the utterance is to get the list of
RETURN flights. The arrival city of the flights is “Dallas” (which is labeled
as TOLOC.CITY ) and the desired date of the flights is “Thursday” (which
is labeled as RETURN.DATE ). A simple algorithm is able to generate a SQL
command from the system’s output. Therefore the list of return flights to Dallas
on Thursday will be available for the user automatically.

The first statistical method for SLU was based on Hidden Markov Model
(HMM) using a finite state semantic tagger which was a part of AT&T’s
CHRONUS system [2]. In [2] semantic representation was flat-concept but later
Hidden Vector State (HVS) extended the representation to a hierarchical struc-
ture and modeled the problem using a Push-down automaton [3].

The problem can been converted to a sequential labeling problem. Discrim-
inative methods deal directly with the aligned data (fully annotated) using
sequential classification and Conditional Random Fields (CRF) [4,5]. Discrimi-
native sequence labeling was a success because of its power in utilizing problem
specific features, comparing to HMM. Linear-chain CRF combines the advantage
of discriminative modeling and sequence modeling [6].

In [7–9] the problem of SLU was dealt by SMT approaches. S.D. Pietra et al.
In [7] have used fertility models to predict labels in ATIS corpus and R. Macherey
et al. In [8] and later in [9] have applied numerous alignment models for this task
where the source language is the user’s utterance and the target langauge is a
formal language of the labels. All these works have used SMT alignment models
to predict the labels. These models are not able to capture many dependnecies
and difficulties of this problem, thus they will not be appropriate for predicting
the labels. On the other hand, these models are able to align the training data
to their abstract (unaligned) labels at high accuracy.

In this paper we automatically annotate the training data using SMT align-
ment models in order to have a better flat-concept version of the hierarchical
semantic representation and trained CRF using the new annotated corpus. We
show that this method outperforms other flat-concept fully annotation methods
proposed before trained using CRF and also outperforms other methods dealing
with abstract annotation directly.

The remainder of paper is organized as follows. Section 2 briefly describes
CRF for sequential labeling. Section 3 briefly presents basic SMT alignment
models. Section 4 presents the combination of SMT alignment for annotation
and linear-chain CRF for sequential labeling task. The experimental evaluation
using ATIS is presented in Sect. 5 and finally Sect. 6 concludes the paper.

2 Conditional Random Fields

Discriminative modeling of the problem leads to linear-chain CRFs for the task
of mapping the input sequence (x) to the sequence of labels (y) [6]. x ranges over
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all natural language sentences but y ranges over the finite label set Y. In our
problem the label set consists of labels such as FLIGHT, TOLOC, FROMLOC, etc.
x and y are jointly distributed, but using CRF as a discriminative framework,
the marginal p(x) is not explicitly modeled, instead x and y are conditionally
modeled as p(y|x) [6]. A linear-chain CRF is defined by a dependency graph
G and a set of features fk which the weights λk are associated with them. The
main difference of CRF as a dicriminative method to generative methods such as
HMM is that CRF models the conditional probability p(y|x) directly utilizing
problem-specific features, whereas HMM decomposes the probability function
using Bayes theorem.

The conditional probability of a sequence of labels given a sequence of obser-
vations is given by:

p(y|x) =
1

Z(x)
exp(

{ K∑

k=1

λkfk(yt, yt−1,xt)
}

(1)

with

Z(x) =
∑

y

exp
{ K∑

k=1

λkfk(yt, yt−1,xt)
}

. (2)

Feature functions are used to encode semantic features, concept relations,
etc. in the model [4]. Mostly, these features are used in binary form, i.e. if the
feature triggers, it returns 1 and otherwise 0. The parameters of the model are
the weights of the features, λk, and the learning phase is the process of finding
the optimum set of weights.

3 IBM Alignment Models

Given a source sentence f = f1, . . . , fj , . . . , fJ , the best target sentence e =
e1, . . . , ei, . . . , eI is the one which maximizes p(e|f) [9–11]:

ê = arg max
e

{
p(e|f)}

= arg max
e

{
p(f |e).p(e)

}
. (3)

Introducing a = a1 . . . aj . . . aJ as the hidden alignment set, where each aj ∈
{1, . . . , I}, Eq. 3 will be updated as [10,12]:

p(f |e) =
∑

a

p(f ,a|e)

= p(J |e) .
∑

a

J∏

j=1

p(fj , aj |f1, . . . , fj−1, a1, . . . , aj−1, e) (4)

= p(J |e) .
∑

a

J∏

j=1

p(aj |a1 . . . aj−1, f1, . . . , fj−1, e)

. p(fj |f1 . . . fj−1, a1, . . . , aj−1, e). (5)
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The first term of Eq. 5 is the length model, the second is the alignment/
distortion model and the last is the lexicon/translation model [9]. Different align-
ment models were proposed in [10,12], which are the base of the alignment phase
of this work. The base of all these alignment models are the same as the HMM
principle used in speech recognition [13] which we briefly introduce here.

3.1 HMM and IBM-1,2

Assuming a first-order dependence for aj in Eq. 5 and other suitable modeling
assumptions [10] the HMM alignment model will be:

p(f |e) = p(J |I) .
∑

a

J∏

j=1

p(aj |aj−1, I) . p(fj |eaj
). (6)

IBM-1 and IBM-2 alignment models are obtained analogously by assuming
zero-order dependencies.

3.2 IBM-3,4,5

In models of IBM-3 and 4, a new concept was introduced, fertility. Using the
concept of inverted alignment to perform a mapping from target position i to a
set of source positions j, the fertility of a target word is the number of source
words it can generate. Considering mappings B of the form:

b : i → bi ⊂ {
1, . . . , j, . . . , J

}
,

with the constraint to cover each source position j exactly once, Eq. 4 is rewritten
using a = b:

p(f ,b|e) = p(J |I) .
I∏

i=1

[
p(bi|b1, . . . , bi−1) .

∏

j∈bi

p(fi|ei)
]
.

IBM-3 and 4 has the problem which a source position could be chosen twice.
Keeping track of the empty source positions IBM-5 overcomes this problem [10].

4 Training the Model Using IBM Alignments

In this section we show how to use IBM alignment results to train a linear-chain
CRF for the sequence labeling task and describe the main advantage of it over
previous works.

4.1 Alignment

The problem with discriminative models is that the data should be fully anno-
tated, and because of that, in previous works some efforts were done to obtain
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Fig. 1. The final parsed treed using HVS model [3]

fully annotated corpus from the unaligned annotation [4,5]. Figure 1 shows the
annotation which was used in [3]. Note that in [3] the data is unaligned, so for
the example shown in Fig. 1 the annotation for the sentence “sent start I want
to return to Dallas on Thursday sent end” is:

SS(RETURN(TOLOC(CITY) ON(DATE)) SE)

In this example, the hierarchical semantic relationships [3] are presented in
an abstract manner. In [4] a simple algorithm is proposed. Using this simple
algorithm, a fully annotated data can be obtained in the following form:

I︸︷︷︸
null

want︸ ︷︷ ︸
null

to︸︷︷︸
null

return︸ ︷︷ ︸
null

to︸︷︷︸
null

Dallas︸ ︷︷ ︸
toloc.city

on︸︷︷︸
null

Thursday︸ ︷︷ ︸
return.date

The only words that are tagged non-null are Dallas and Thursday and their
tags are in two parts, the first part is the parent node in Fig. 1 and the second
is the child. The main disadvantage of this annotation is that many words are
labeled as null. In Fig. 1 it is obvious that many words such as “return” could
be labeled to non-null (RETURN ) labels. We will call this alignment method
Raymond’s alignment1 in the remainder of the paper.

Another full annotation which was proposed in [5] is:

I︸︷︷︸
SR.ACity.pre

want︸ ︷︷ ︸
SR.ACity.pre

to︸︷︷︸
SR.ACity.pre

return︸ ︷︷ ︸
SR.ACity.pre

to︸︷︷︸
SR.ACity.pre

Dallas︸ ︷︷ ︸
SR.ACity.start

on︸︷︷︸
SR.RDate.pre

Thursday︸ ︷︷ ︸
SR.RDate.start

This annotation presents the labels in three parts. The first part indicates the
goal of the utterance. In this example the goal of the utterance is “ShowReturn”,
therefore the first part of all the labels is SR. The second part indicates the slot
and the third part indicates the state of the current word regarding to its slot.
“Dallas” is the ArrivalCity (which is labeled toloc.city in Raymond’s alignment),
1 The first author of [4] is Christian Raymond, so we name this alignment in such way.
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therefore the second part of its label is ACity. It is the first word of the ACity slot,
so its status is start2 This alignment labels “Dallas” and “Thursday” exaclty like
Raymond’s alignment, but main difference is that instead of labeling other words
as null, it labels them regarding to the nearest labeled word, e.g. the nearest
labeled word to “return” is “Dallas” - which is labeled as SR.ACity.start - so
“return” is labeled as SR.ACity.pre which means the next labeled word has
ST.ACity.start labels [5].

In this work, we propose another full annotation method, using the abstract
annotation of [3] to train linear-chain CRF. This annotation is:

I︸︷︷︸
DUMMY

want︸ ︷︷ ︸
DUMMY

to︸︷︷︸
DUMMY

return︸ ︷︷ ︸
RETURN

to︸︷︷︸
TOLOC

Dallas︸ ︷︷ ︸
CITY

on︸︷︷︸
ON

Thursday︸ ︷︷ ︸
DATE

Many useful information is saved by using this annotation, e.g. the word “return”
is labeled as RETURN instead of null and this label is more informative. We
have trained IBM alignment models on the parallel corpus taking the natural
sentences as the source language and the labels as the target language.

4.2 Sequential Labeling

In order to bring the advantages of discriminative modeling and sequence mod-
eling together, the problem should be modeled by linear-chain CRF [6].

Using this annotation, the probabilistic model of labels p(y) which is modeled
in linear-chain CRF plays its real role. p(y) is modeled by the feature function
f(xt, yt, yt−1) i.e. the label transition from yt−1 to yt [6]. In [4] label transitions
are going from null state to other states, or going to null state from other states
and or staying at null state. In [5] some words which could have better labels,
such as return have labels depending on the nearest slot in the future or past.

Investigating the nature of SLU and the hierarchical semantic labels of [3],
it is obvious that p(y) is important, i.e. knowing that a word at time t − 1 has
been labeled as TOLOC, the word at time t is highly probable to be labeled as
CITY and so on. It is also possible to reduce the number of features because
somehow we are keeping track of the history, so the number of words used as
features in previous works [4,5] could be reduced to zero and the features are
only the current word and future words. In other works such as [4] because many
informative labels have been thrown out, actually existence of p(y) will make no
improvement and in order to overcome this information loss, they had to expand
the features to see the words at even time t − 4 but we will show that using this
annotation p(y) improves the model and the reduced number of features are
enough for this task.
2 City names may contain more than one words and so the other labels, in this case

the other words’ status will be cont, e.g. for the city name “Los Angeles”, “Los” is
labeled as SR.ACity.start and “Angeles” is labeled as SR.ACity.cont.
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5 Experiments

In this section we evaluate our work on ATIS [1] which consists of 4978 training
utterances selected from Class A in ATIS-2 and ATIS-3 corpora. The test set
contains both ATIS-3 NOV93 and DEC94 test sets. In order to evaluate our
work, results for HVS [3] and results from [4] are included.

5.1 Experimental Setup

We have used GIZA++ [14] for aligning the parallel corpus and used CRF++
[15] to train CRF. The resulting alignment is then corrected using the output
alignment of [4]. This assures that no alignment errors will be injected to the
CRF model. The features are indicators for lexical classes of words in a win-
dow around the decision state. We first trained the model using [−4, 2] window
using first order Markov chain dependency graph (linear-chain CRF) in order to
have comparable results. We also trained the CRF using the zero order Markov
chain to show the impact of the label model on the performance.

5.2 Results

We have post processed the sequence of labels to obtain the slots and their
values. The slot-value pair is compared to the reference test set and the result is
reported in precision (P) and recall (R) and F-measure (F) of slot classification.

Table 1 compares our method with the results of HVS baseline model and the
baseline-CRF. The feature window for both CRF models is [−4, 2]. Our method
outperforms both models. It shows the impact of our alignment method on the
performance of CRF by utilizing state transitions or in other words p(y). It
shows that a more precise and informative labeling method could improve the
performance. It’s because an output decision at time t is not only dependent on
the lexical features but also on the previous decisions, i.e. if the model decides
FLIGHT at time t − 1, it will be very probable for TOLOC to be chosen at time t.

Table 1. Results of HVS, CRF and CRF+ SMT on ATIS corpus

Model Recall Precision F-measure

HVS 89.82 % 88.75 % 89.28 %

CRF 89.25 % 89.41 % 89.32 %

CRF+ SMT 91.21 % 90.83 % 91.02 %

In order to show the impact of p(y) on the performance, we have trained
zero order CRF using Raymond’s alignment and our method. The results can
be found in Table 2. Both CRF models use same feature window [−4, 2]. It is
obvious when we used one order Markov chain in the CRF model, the results on
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Table 2. Results of using first-order and zero-order dependecy in CRF and CRF+ SMT
on ATIS corpus

Model Recall Precision F-measure

0 order 1 order 0 order 1 order 0 order 1 order

CRF 90.00 % 89.25 % 89.84 % 89.41 % 89.92 % 89.32 %

CRF+ SMT 89.46 % 91.21 % 88.67 % 90.83 % 89.07 % 91.02 %

our annotation have significant improvement. On the other hand, surprisingly
the performance of CRF which is trained using Raymond’s alignment is degraded
when involving state transitions. That’s because it has thrown many informative
data away, therefore the decisions depend only on the lexical features.

6 Conclusion

In this paper we proposed a new method to convert the abstract annotation
automatically and without any human effort to full annotation, avoiding the
loss of informative labels, reshaping the annotation from the hierarchical to a
flat-concept annotation. We showed that using statistical machine translation
alignments, improve the model’s performance comparing to similar works. The
results show that using this annotation improves the F-measure by 1.74% com-
paring to HVS and using the same features comparing to CRF improves it by
1.7%.
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Abstract. Recovering the nonlinear low dimensional embedding for the
speech signals in the clean environment using the manifold learning tech-
niques has become of substantial interest recently. However, the issue of
manifold learning for feature transformation in domains involving noise
corrupted speech can be quite different. We tackle this issue by present-
ing a new approach for reducing noise effect on different Mel Frequency
Cepstral Coefficients (MFCCs) and so Mel sub-bands. We introduce our
method in the framework of Locality Preserving Projection (LPP) as a
manifold learning technique where we construct the manifold on each
Mel sub-band by considering noise effects on it. We propose to learn
one manifold for each MFCC and so Mel sub-band using noisy speech,
and we name this method as sub-band LPP. The experimental results on
AURORA-2 database show that the noise aware sub-band LPP improves
the noisy speech recognition rate in comparison to conventional LPP for
SNR values greater than 0 dB.

1 Introduction

The first step in all speech recognition systems is feature extraction from raw
speech signal. These features should represent different characteristics of speech
signals like temporal evolution of the speech spectral envelope. This, however,
leads to a high dimensional feature space which is a curse for any pattern recog-
nition problem, both from a performance and a computational point of view.
Thus, finding a lower dimensional embedding space is of great interest.

To this end, linear Embedding techniques such as principle component analy-
sis (PCA) [1] and Linear Discriminant Analysis (LDA) [2] have been successfully
used in speech community for a long time. In recent years, however, many non-
linear algorithms like manifold learning techniques have found their way in this
community [3]. The reason is that, the speech production mechanisms define a
nonlinear mapping from a low dimensional configuration space to a high dimen-
sional observation space. The existence of such a nonlinear embedding space
for specific classes of speech sound has been proven many years ago [4], but it
has been formalized in [3]. Since then, many researches have been conducted to
find a proper embedding space for speech features based on manifold learning
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techniques. Some examples of them are Laplacian Eigenmaps [5], ISOMAPS [6],
Diffusion Maps [7], and Locally Linear Embedding [8].

However, these techniques have their own drawbacks. The extension to out-
of-sample data is limited and they suffer from computational complexity. To
remedy these problems, successful linear and nonlinear variants have been pro-
posed such as : Locality Preserving Projection (LPP) [9,10], and Intrinsic Spec-
tral Analysis (ISA) [3,11]. Although there have been plenty of works done in
the realm of manifold learning, very small number of them investigate how the
speech manifold can be affected in noisy environments. It is clear that noises
can obscure the manifold structure; so, a critical issue of manifold learning is
whether the method is robust to noise or not. Recently, the effect of choosing
proper heat kernel parameters for different levels of signal to noise ratio has been
investigated for a variant of LPP [12].

So far, however, dealing with speech manifold regarding the speech features
and noises’ characteristics has not been investigated. In this paper, we focus on
the speech manifold learning in the noisy environments with respect to noise
effects on different speech frequency sub-bands. In other words, various classes
of speech sounds show different behaviors in frequency domain; for example: in
vowels, most of the energy is concentrated in low frequencies while for a fricative
like‘s’, there are high energy components in higher frequencies. Besides, different
types of noises (except the white noise) affect frequency sub-bands in different
ways. These facts motivated us to deal with different frequency bands separately
for the noisy speech.

In this paper, we choose LPP as an example manifold learning technique
primarily because of a good performance obtained using LPP in previous works
[10]. However, it is worth mentioning that there is no good reason that our
proposed idea cannot be used in other manifold learning frameworks.

The rest of this paper is structured as follows. An introduction and theoretical
background of LPP is presented in Sect. 2. Then, we suggest our new approach
named sub-band LPP in Sect. 3. Section 4 contains the conducted experiments.
Finally, this paper is concluded in Sect. 5.

2 Locality Preserving Projection

Locality Preserving Projection (LPP) is a linear extension of Laplacian Eigen-
maps for features transformation. This method is interesting because it preserves
the locality of data and minimizes a different objective criterion from the classi-
cal linear techniques. As LPP is a linear technique, it is faster and more suitable
for practical application rather than nonlinear methods. Furthermore, in nonlin-
ear methods, the evaluation of mapping has to be recomputed for new test data
points, while in the LPP we simply apply the mapping on any out-of-sample
data.

Considering a collection of n samples X = [x1, x2, ..., xn] ⊂ RH that forms
a mesh of data points that lie on the manifold, it is typical in manifold learn-
ing methods to construct an undirected adjacency weighted (or binary) graph
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G = (X,W) with one vertex per data point. The similarity matrix W is defined
such that whose element, wij , represents the similarity between xi and xj if xi is
one of the K nearest neighbors of xj (or vice versa) and 0 otherwise. To exploit
structural information from data, gaussian similarity function is usually used as
a weight between pairs of data points:

wij = exp(− ‖xi − xj‖2/2σ2). (1)

Then, the graph Laplacian is defined, L = D−W, where D is the diagonal vertex
degree matrix with elements Dii =

∑n
j=1 wij . Assume that yi is the mapping

of xi by the linear transformation P , i.e. yi = PTxi. The objective function of
LPP is given by:

min
∑

i�=j ‖yi − yj‖2wij

= min 2PTXLXTP
(2)

such that PTXDXTP = 1. This constraint removes the arbitrary scaling factor
in the embedding. To solve the aforementioned minimization problem, we use
the lagrangian formulation of it:

L = PTXLXTP − λPTXDXTP (3)

It is easy to show that the following generalized eigenvalue problem gives the
solution to the above-mentioned minimization problem:

L′P = λD′P (4)

where D′ = XDXT and L′ = XLXT , and both are symmetric and positive
semi-definite. D′ and L′ are H × H matrices and H is the dimensionality of the
ambient space.

3 Sub-band Locality Preserving Projection

The performance of any speech manifold learning technique can be degraded
in the presence of the noise. However, all frequency bands are not affected in
the same way. This depends mostly on the type of the noise. For example, pink
noise changes the low frequency components more than the high ones. However,
generally, we don’t have much information about this behavior of various types
of noises. This motivates us to look into different frequency bands separately in
the training phase. This approach interestingly makes much sense for the speech
signals since speech features are mostly extracted from the frequency domain.

Assuming an arbitrary data point xi = [x1
i , x

2
i , ..., x

H
i ] representing a frame

of speech in frequency domain in H-dimensional speech feature space, let’s say
MFCC, we can consider a set of data points X l including only the lth MFCC fea-
ture of original dataset X. For example, for the typical 13-dimensional MFCCs,
i.e. H = 13, including log energy (C0) and first 12 Mel Cepstral coefficients
(C1 − C12), we have 13 new datasets. Now, we can rewrite the formulation
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of LPP for each of the new datasets {X l}13l=1. It leads to a set of eigen value
problems similar to Eq. 4:

L′lP l = λD′lP l, l = 1, ..., 13 (5)

Thus, a set of linear transformation matrices {P l}13l=1 is achieved each corre-
sponding to a specific Mel frequency Cepstral coefficient. Since the training
process is done for each Mel frequency Cepstral coefficient individually, we
believe that more information regarding the noise would be learnt. It is impor-
tant to note that even though we construct our new datasets based on one Mel
frequency band, it is always possible to construct them using a number of them.

Having the transformation matrices, we transformed the new datasets in the
new embedding space:

Y l = (P l)TX l (6)

By concatenating the mapped datasets, {Y l}13l=1, we reach the full embedding
space of the original dataset, i.e. Y = [Y 1, Y 2, ..., Y 13].

3.1 Computational Issues of Sub-band LPP

For sub-band Locality Preserving Projection introduced here, the same compu-
tation as LPP should be done for different frequency bands. The computational
issues can be explained from two points of view: 1- Graph Construction: this
part includes finding nearest neighbors using Euclidean distance; to calculate
the Euclidean distance, dealing with low dimensional data is a benefit ; however,
finding the nearest neighbors should be done for number of datasets, {X l}13l=1,
and it makes our approach computationally expensive for large datasets; because
the search to find nearest neighbors should be done among n data points for each
Mel sub-band individually. 2- Eigen value problem: solving the problem in Eq. 6
should also be performed for different sub-bands. The eigen decomposition com-
plexity is highly reduced since the dimension of Laplacian matrix is the same as
the number of frequency bands we choose in each sub-band.

4 Experimental Results

Our experiments in this work are conducted on the European Telecommuni-
cations Standards Institute’s Aurora-2 speech in noise corpus (multi-condition
data). The training set consists of 8440 utterances collected from 55 male and
55 female speakers. It represents 4 different noise scenarios at 5 different SNRs.
The 4 noises are suburban train, babble, car and exhibition hall. The SNRs are
20 dB, 15 dB, 10 dB, 5 dB and the clean condition. Three different test sets are
defined. 4004 utterances from 52 male and 52 female speakers are split into 4
subsets with 1001 utterances in each. Recordings of all speakers are present in
each subset. One noise signals is added to each subset of 1001 utterances at
SNRs of 20 dB, 15 dB, 10 dB, 5 dB, 0 dB and -5 dB. Test set C, contains 2 of the
4 subsets with 1001 utterances in each. This time speech and noise are filtered
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with a MIRS characteristic before adding them at SNRs of 20 dB, 15 dB, 10 dB,
5 dB, 0 dB and -5dB [13].

To examine the validity and the efficiency of our proposed approach, a series
of experiments for connected speech recognition are performed. The baseline
features are configured as 39-dimensional Mel frequency cepstral coefficients
(MFCC), consisting of 12 static coefficients, normalized log energy, and their
first and second order derivations. Then, cepstral gain normalization (CGN) [14]
is applied to these features. The Automatic Speech Recognition (ASR) system
is configured using whole word CDHMM models with 16 states and 3 Gaussian
mixtures per state. The HMMs are trained by the multi-condition training data
including clean and noisy data [13]. The first experiment represents the per-
formance of ASR system for MFCC features with no transformation (Table 1).
Then we apply conventional LPP explained in Sect. 2. To examine our proposed
sub-band LPP, we train 13 LPP transformation matrix for each MFCC + CGN
coeffcient together with its first and second derivatives. Thus, each P l is a
3× 3 dimensional matrix. The word accuracy for different test sets are shown in
Tables 2 and 3.

Table 1. Word Accuracy for MFCC + CGN features on Aurora2 dataset.

Testset-Noises Clean 20 dB 15 dB 10 dB 5 dB 0 dB -5 dB Average
(0–20 bB)

TestSetA-Subway 95.98 95.43 94.26 91.37 82.96 62.91 31.44 87.15

TestSetA-Babble 95.74 96.74 95.19 91.87 83.89 60.40 26.45 87.30

TestSetA-Car 95.56 96.0 94.78 92.42 86.7 71.43 43.33 89.48

TestSetA-Exhibition 96.45 95.74 94.26 89.57 79.30 60.91 31.26 86.03

TestSetB-Restaurant 95.98 95.49 94.20 91.4 82.28 61.77 27.17 86.85

TestSetB-Street 95.74 96.01 94.98 91.75 83.37 64.54 32.22 87.73

TestSetB-Airport 95.56 95.47 94.63 92.72 86.88 69.55 39.52 89.13

TestSetB-Station 96.45 96.3 95.06 92.04 84.08 66.28 37.21 88.36

TestSetC-Subway M 95.86 94.9 93.74 90.08 80.75 57.97 25.91 85.55

TestSetC-Street M 96.07 96.19 94.17 90.05 80.56 58.74 27.99 85.96

We can see that in the case of using sub-band LPP, the word accuracy
improves compared to LPP for those levels of signal to noise ratio that exist
in the training phase. Thus, we can conclude that using individual transforma-
tion matrix for different sub-band frequencies leads to a better ASR performance
in the noisy environment. The word acurrencies in Table 3 are shown in bold for
those cases where our approach outperforms typical LPP. For each experiment,
proper parameters for K and σ are indicated in the top of the Table. These para-
meters can be derived from some huristic techniques like cross validation. But, it
is worth noting that for the wide ranges of these parameters we observed almost
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Table 2. Word Accuracy for conventional LPP on Aurora2 dataset. K = 10, σ = 50

Testset-Noises Clean 20 dB 15 dB 10 dB 5 dB 0 dB -5 dB Average
(0–20 bB)

TestSetA-Subway 95.7 95.7 93.86 91.43 84.19 65.15 34.76 87.67

TestSetA-Babble 96.04 96.07 94.98 91.90 84.85 63.69 31.44 87.92

TestSetA-Car 95.56 95.68 94.81 92.69 87.29 71.46 42.53 89.58

TestSetA-Exhibition 95.96 95.43 94.05 89.97 81.33 62.54 33.85 86.54

TestSetB-Restaurant 95.70 95.46 94.35 91.71 83.85 65.31 31.04 87.73

TestSetB-Street 96.04 95.68 94.71 91.20 84.07 64.75 33.40 87.74

TestSetB-Airport 95.56 95.7 94.39 92.87 87.83 71.76 40.77 89.68

TestSetB-Station 95.96 96.02 94.26 92.22 84.73 68.53 39.90 88.62

TestSetC-Subway M 95.76 95.09 93.80 90.30 82.13 62.54 29.17 86.60

TestSetC-Street M 95.86 95.86 94.11 89.84 81.77 62.00 29.69 86.57

Table 3. Word Accuracy for Sub-band LPP on Aurora2 dataset. K = 20, σ = 50

Testset-Noises Clean 20 dB 15 dB 10 dB 5 dB 0 dB -5 dB Average
(0–20 bB)

TestSetA-Subway 96.19 96.07 94.17 91.80 84.22 65.52 33.28 87.99

TestSetA-Babble 96.1 96.67 95.34 92.11 84.95 60.79 27.81 87.66

TestSetA-Car 95.94 96.30 95.29 92.87 87.32 71.76 43.42 89.91

TestSetA-Exhibition 96.45 95.87 94.54 90.44 81.40 63.47 33.42 87.02

TestSetB-Restaurant 96.19 95.64 94.50 91.89 83.90 63.56 29.97 87.61

TestSetB-Street 96.1 96.16 95.28 92.05 84.15 65.63 33.37 88.22

TestSetB-Airport 95.94 95.50 94.75 92.87 87.24 70.41 40.02 89.45

TestSetB-Station 96.45 96.51 95.09 92.50 84.85 67.23 37.58 88.77

TestSetC-Subway M 96.10 95.21 93.95 90.64 82.44 61.10 27.48 86.57

TestSetC-Street M 96.34 96.19 94.80 90.69 81.81 59.98 28.90 86.63

the same results. To have a better visualization of performance we present the
accuracies for those SNRs seen in training phase in Figs. 1, 2 and 3.

This improvement is more visible for the higher ratio of signal to noise. This
can be explained by noting to the fact that we trained the sub-band LPPs for
only 20 dB, 15 dB, 10 dB, 5 dB and the clean condition. However, for all SNRs
the average of word accuracy over all types of noises and all test sets are shown
in Table 3. We can see for the SNR values equal to 0, -5 dB, LPP outperforms
Sub-band LPP which shows the relation between sub-bands are not preserved
in low SNRs; besides, there was no information for these levels of SNRs in the
training phase (Table 4).
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Fig. 1. Average of Word Accuracy over different types of noises in test set A for various
SNRs.

Fig. 2. Average of Word Accuracy over different types of noises in test set B for various
SNRs.

Table 4. Average of Word Accuracy for different features over all test sets

Feature Clean 20 dB 15 dB 10 dB 5 dB 0 dB -5 dB

MFCC+CGN 95.94 95.83 94.53 91.33 83.08 63.45 32.25

LPP 95.82 95.67 94.34 91.42 84.20 65.77 34.65

Sub-band LPP 96.18 96.02 94.77 91.78 84.22 64.94 33.52
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Fig. 3. Average of Word Accuracy over different types of noises in test set C for various
SNRs.

5 Conclusion

We proposed to improve Locality Preserving Projection (LPP) as a linear man-
ifold learning techniques to apply it to robust speech recognition problem. To
this end, first we proposed to apply LPP to each Mel frequency cepstral coeffi-
cient(MFCC) and its first and second order derivatives to take into account the
effect of noise on each Mel sub-band. We name this method as sub-band LPP.
This is due to our logic that the relation between frequency sub-bands can be
represented by a manifold under the noisy condition, where normal LPP finds a
manifold for representing the relation between whole feature vectors extracted
from the frame. As the second step of improvement, we proposed that manifold
should be determined based on noisy training data for a better representation of
noise effects on mel sub-bands and corresponding MFCCs. Our results showed
that sub-band LPP has a better performance than LPP in SNR values in range
of 5–20 dB while its performance is lower than LPP in SNR values equal to
0,-5 dB. This show that relation between frequency sub-bands can not be learned
and predicted in low SNRs while the realtion between whole frequency bands is
better saved.

As future works, although we proposed our method for a linear manifold
based transformation, but it can be also used for nonlinear versions of mani-
fold learning techniques; however, it is worth mentioning that this approach is
computationally expensive for nonlinear ones.
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Abstract. Signal segmentation, dividing non-stationary signals into semi-
stationary parts that each has rather equal statistical characteristics is necessary
in many signal analysis approaches. In this article, a novel signal segmentation
approach based on the modified singular value decomposition (SVD) and
intelligent Savitzky-Golay filter is proposed. First, Savitzky-Golay filter is
used to minimize the least-squares error in fitting a polynomial to frames of
noisy data. There are two parameters in this filter adjusted by many trials. In
this paper we propose to use new particle swarm optimization (NPSO) for
appropriate selecting of these parameters. Then, we employ two approaches
based on the modified SVD to attain the boundaries of each segment. The
proposed methods are applied in the both comprehensive synthetic signal and
real EEG data. The results of using the proposed methods compared with three
well-known algorithms, demonstrate the superiority of the proposed method.

Keywords: Adaptive signal segmentation � Singular value decomposition �
Savitzky-Goaly filter � New particle swarm optimization

1 Introduction

It is frequently required to label the electroencephalogram (EEG) signals by segments
of similar characteristics that are particularly meaningful to clinicians and for the
assessment by neurophysiologists. Within each segment, the signals are considered
pseudo-stationary, often with similar temporal and spectral information. For instance,
an EEG recorded from an epileptic patient may be separated into three segments of
preictal, ictal, and postictal segments and each one can have a different duration [1].

The segmentation may be fixed or adaptive. Dividing the signals into fixed (rather
small) size segments is easy and fast to implement. However, it cannot precisely follow
the epoch boundaries [2]. On the other hand, in adaptive segmentation the boundaries
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are accurately and automatically followed [2]. Some adaptive segmentation methods
have been published within the last few years [3–7].

Azami et al. proposed a method for segmentation of the EEG signals based on
singular spectrum analysis (SSA) and imperialist competitive algorithm [6]. First, SSA
was employed to reduce the effect of noise. Then, fractal dimension (FD) of the signal
was estimated and used as a feature for automatic segmentation. To select two acceptable
parameters related to the FD, imperialist competitive algorithm was applied [6].

In generalized likelihood ratio (GLR) method, to obtain the boundaries of signal
segments, it was suggested to use two windows that slide along the signal. The signal
within each window of this method is modeled by an autoregressive (AR) process.
Within stationary segments the AR parameters well describe the data. Therefore, any
change in the data provoked by sliding a window over the data changes the AR
coefficients or increases the prediction error when the same parameters are used [7].

In this paper, first we use a Savitzky-Golay filter to reduce the noise effect. In places
where the noise average is known we propose to use the new particle swarm optimi-
zation (NPSO) for selecting two main parameters of this filter. Then, an approach based
on successive windows and singular value decomposition is suggested.

The next section explains the NPSO and SVD. The proposed method is clarified in
Sect. 3. The performance evaluation of the proposed method and the comparison
results are provided in Sect. 4. Finally, the conclusions are derived in Sect. 5.

2 Background Knowledge

2.1 New Particle Swarm Optimization

PSO is an evolutionary computing algorithm inspired by nature and is based on repe-
tition [8]. PSO begins with a random matrix as an initial population. Each member of the
population is called a particle. There are two parameters for each particle, namely,
position and velocity of the particle, which are defined by a space vector and a velocity
vector, respectively. These particles form a pattern in an n-dimensional space and move
to the desired value. The best position of each particle in the past and the best position
among all particles are stored separately. According to the experience from the previous
moves, the particles decide how to make the next move. In each iteration, the position
and velocity of each particle can be modified according to the following equations:

viðt þ 1Þ ¼ wviðtÞ þ C1r1
�
pbestiðtÞ � xiðtÞ

�þ C2r2
�
gbestiðtÞ � xiðtÞ

� ð1Þ

xiðt þ 1Þ ¼ xiðtÞ þ viðt þ 1Þ ð2Þ

where n represents the dimension (1 ≤ n ≤ N), C1 and C2 are positive constants,
generally considered 2.0. r1 and r2 are random numbers uniformly between 0 and 1;
w is inertia weight that can be constant [8].

Equation (1) expresses that the velocity vector of each particle is updated (viðt þ 1Þ)
and the new and previous values of the vector position (xiðtÞ) create the new position
vector (xiðt þ 1Þ). In fact, the updated velocity vector affects both local and global
values. The best response of the local positions is the best solution of the particle until
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current execution time (pbest) and the best global solution is the best solution of the
entire particles until current execution time (gbest).

Since in many cases the PSO stays in local minimums of fitness function, we use
NPSO. In each iteration, as was said in PSO, global best particle and local best particle
are computed. NPSO strategy uses the global best particle and local “worst” particle,
the particle with the worst fitness value of the particle until current execution time [8].
It can be defined as:

viðt þ 1Þ ¼ wviðtÞ þ C1r1
�
pworstiðtÞ � xiðtÞ

�þ C2r2
�
gbestiðtÞ � xiðtÞ

� ð3Þ

2.2 Singular Value Decomposition

Assume A 2 R
m�n; m� n. Any A can be factored as:

A ¼ UDVT ð4Þ

where A ¼ diagðr1; r2; . . .; rnÞ with r1 � r2 � . . .� rn, U is an m × m orthogonal
matrix whose columns are the eigenvectors of AAT, and V is an n × n orthogonal
matrix whose columns are the eigenvectors of ATA. The rið1� i� nÞ are the singular
values and the columns ui of U and vi of V are named the left and right singular vectors
of A, respectively [9]. The singular values (rið1� i� nÞ) describe the significance of
individual singular vectors in the composition of the matrix. The singular vectors
corresponding to the larger singular values have more contribution to the structure of
patterns embedded in the matrix than the other singular vectors [9].

3 Proposed Adaptive Segmentation

First, in order to filter the signal we use a powerful, fast, and flexible filter widely used
in biomedical signal processing, namely Savitzky-Golay, as a pre-processing step
[10, 11]. The coefficients of a Savitzky-Golay filter, when applied to a signal, perform a
polynomial P of the degree K, is fitted to N ¼ Nr þ Nl þ 1 points of the signal, where
N is the window size and Nr and Nl are signal points in the right and left of a current
signal point, respectively. One of the best advantages of this filter is that it tends to keep
the distribution features such as maxima and minima which are often flattened by other
smoothing techniques such as the moving average filters [10, 11]. This property makes
the Savitzky-Golay filter a favorable tool to detect the spikes. However, this filter, like
almost all the filters, has an important short-coming, i.e. there are some parameters to
be adjusted using a large number of trials. Sometimes we know the range or average of
the signal-to-noise ratio (SNR). In this case, we propose a new method based on the
NPSO. Assume a Gaussian noise with SNR = 5 dB is added to x1 ¼ sinð5ptÞ. There are
many ways for choosing the two parameters of Savitzky-Golay filter, i.e. N and K. The
filtering process for a particular signal is sensitive to selection of these parameters.
When N and K are selected too large, some important information of the original signal
is removed by this filter. For too small N and K, however, this filter cannot attenuate
destructive noises sufficiently. Moreover, in many applications due to lack of
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information about the best polynomial order to fit a signal, selecting K is very difficult.
To overcome this problem, in this study, we propose to use the NPSO with the
following fitness function:

H ¼ SNR� SNR
�� �� ¼ 10: log10

Xn
i¼1

ðxf ðiÞ2=
Xn
i¼1

ðxðiÞ � xf ðiÞÞ2
 !

� SNR

�����
����� ð5Þ

where n, x, xf, and SNR are length of the signal, noisy signal, filtered signal, and SNR
average of a signal, respectively. x� xf is the noise. In other words, the NPSO tries to
reduce H by changing K and N for the Savitzgy-Golay filter. It should be mentioned
that we use the proposed improved filter where the SNR average or at least the range of
noise power is known.

Assume a Gaussian noise with SNR = 5 dB is added to x1 ¼ sinð5ptÞ. The results
for three different sets of K and N are shown in Fig. 1. As can be seen in Fig. 1a, K = 3
and N = 19 are not large enough for filtering the signal with an SNR = 5 dB. In Fig. 1b,
K = 5 and N = 31, and in Fig. 1c K = 3 and N = 61 are chosen. It is evident that in both
figures the amplitudes decrease considerably for an original signal with amplitude 1.
Figure 1b shows abnormalities in about 280 and 770 samples and Fig. 1c demonstrates
irregularities in the first and the last time samples. Here, NPSO is used to select suitable
sets of filter parameters primarily for SNR = 5 dB. The result of employing the pro-
posed filter is shown in Fig. 2c. In the proposed approach, the parameters of the NPSO
method, as for other evolutionary algorithms, are chosen by trial and error and are as
follows: population size = 30; C1 = C2 = 2; dimension = 2; iteration = 50; w = 1;
2�K � 10;3�N� 201. Note that in this filter, K must be less than N and N must be
odd.

Fig. 1. Results of applying three different sets of K and N for the Savitzky-Golay filter; (a) K = 3
and N = 19, (b) K = 5 and N = 31, and (c) K = 3 and N = 61.

A New Signal Segmentation Approach Based on Singular Value Decomposition 215



mmeybodi@aut.ac.ir

Let x1 ¼ sinð5ptÞ, x2 ¼ sinð10ptÞ, and x3 ¼ 3 sinð5ptÞ. For a signal 1� n, U is a
1� 1 matrix and D is a 1� n matrix as DðiÞ ¼ 0; 2� i� n. D of x1 and D of x2 are
equal as well as U and V of x1 and U and V of x2 can be correspondingly different.
Therefore, U and V can demonstrate the changes in frequency. Moreover, V of x1 and
V of x3 are approximately equal. In addition, U and D of x1 and U and D of x2 can be
correspondingly different. Therefore, U and D can display the changes in amplitude.
From Eq. (4) and for this application, we have:

D � VT ¼ ½D1 0 0 � � � 0 �

V11 V12 . . . V1n

V21 V22 � � � V2n

..

. ..
. . .

. ..
.

Vn1 Vn2 � � � Vnn

2
66664

3
77775

T

¼ ½D1 0 0 � � � 0 �

V11 V21 . . . Vn1

V12 V22 � � � Vn2

..

. ..
. . .

. ..
.

V1n V2n � � � Vnn

2
66664

3
77775

¼ ½D1:V11 D1:V21 D1:V31 � � � D1:Vn1 �

ð6Þ

.
Thus, for this application only V11;V21 ¼ V12; . . .;Vn1 ¼ V1n have information

about the time domain of x and it can be assumed the other terms are equal to 0.

Fig. 2. Improved Savitzky-Golay filter by NPSO (a) original signal, (b) noisy signal
(SNR = 5 dB), and (c) optimal filtered signal.
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In [15] was shown that V contains the time domain information of a signal.
Considering frequency generally depends on the change in the amplitude of a signal

in the time domain, we propose to use
Pn�1

i¼1
Vðiþ 1; 1Þ � Vði; 1Þj j for detecting the

changes in frequency of a signal. From these points and that the purpose of signal
segmentation is that we detect the changes in amplitude and frequency of a signal, in
this paper two combination methods are proposed for feature extraction as follows:

SVDS ¼ h1:Uð1Þ þ h2:Dð1Þ þ h3:
Xn�1

i¼1

Vð1; iþ 1Þ � Vð1; iÞj j ð7Þ

SVDP ¼ Ug1 :Dð1Þg2 :
Xn�1

i¼1

Vð1; iþ 1Þ � Vð1; iÞj j
 !g3

ð8Þ

The reason of using h1, h2, and h3 in SVDS is that in many applications only the
change of the frequency of the signal is important, based on the aforementioned states,
h1 and h2, which depend on the amplitude of a signal, can be equaled to 0 and while
only the change of the signal amplitude is significant, h3, which depends on the
frequency of a signal, can be equaled to 0. g1, g2, and g3 are the same situation, i.e. if in
an application gi ¼ 0ð1� i� 3Þ, it means the corresponding term is not important for
that application and vice versa. As mentioned before, when we consider a signal 1� n,
U is a 1� 1 matrix or U = m. Therefore, we can consider U = 1, and multiply m in
D that is a signal 1� n that only Dð1Þ 6¼ 0. Thus, we reduce three parameters to two
parameters, i.e. D and V. Equations (7) and (8) can be modified as follows:

SVDP ¼ ðDð1ÞÞa1 :
Xn�1

i¼1

Vð1; iþ 1Þ � Vð1; iÞj j
 !a2

ð9Þ

SVDS ¼ b1:Dð1Þ þ b2:
Xn�1

i¼1

Vð1; iþ 1Þ � Vð1; iÞj j ð10Þ

.

All in all, when amplitude and frequency of a signal change, D and
Pn�1

i¼1
Vð1; iþ 1Þj

�Vð1; iÞj respectively change and when
Pn�1

i¼1
Vð1; iþ 1Þ � Vð1; iÞj j or D changes,

SVDP/SVDS will change. Thus, SVDP/SVDS includes information in both the ampli-
tude and frequency of the signal and is a good feature for the signal segmentation.
After, filtering signal, two successive windows are slide along the signal as is shown in
Fig. 3. In order to detect the segments’ boundaries, GP and GS variations are computed
as follows:
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GPt ¼ SVDPtþ1 � SVDPtj j; t ¼ 1; 2; . . .; L� 1 ð11Þ

GSt ¼ SVDStþ1 � SVDStj j; t ¼ 1; 2; . . .; L� 1 ð12Þ

where t and L are the number of current window and the total number of analyzed
windows, respectively. If the windows are placed in a segment, their statistical prop-
erties don’t change, in other words, the achieved SVDP/SVDS remains approximately
constant and equal. However, as can be seen in Fig. 3 when the sliding windows fall in
the different segments, SVDP/SVDS of each sliding window is not equal, thus their GPt

or GSt respectively changes and the boundary will be detected.

The mean value of G G
� �

is selected as the threshold level, meaning that when the
local maximum is bigger than this threshold, the current time sample is chosen as a
boundary of the segment.

4 Data Simulation and Results

In order to evaluate the performance of the suggested method, we use two kinds of
signals, namely, the synthetic data and real EEG signals. The synthetic signal includes
the following seven epochs:

It is worthy to note that the mentioned signal is a general and comprehensive signal
because Epochs 1 and 2 are different only in terms of amplitude, Epochs 3 and 4 are
different only in terms of frequency, and the other adjacent epochs have the different
amplitude and frequency characteristics at the same time. Thus, we have all possible
states in only one signal. In Fig. 4a and b, the synthetic data described above and the

Fig. 3. A window positioned around the change point.

Epoch 1: 0.5cos(πt) + 1.5cos(4πt)
+ 4cos(5πt),

Epoch 2: 0.7cos(πt) + 2.1cos(4πt)
+ 5.6cos(5πt)

Epoch 3: 1.5cos(2πt) + 4cos(8πt), Epoch 4: 1.5cos(πt) + 4cos(4πt),
Epoch 5: 0.5cos(πt) + 1.7cos(2πt)
+ 3.7cos(5πt),

Epoch 6: 2.3cos(3πt) + 7.8cos(8πt),

Epoch 7: 0.8cos(πt) + cos(3πt) + 3cos(5πt).
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filtered signal by Savitzky-Golay are shown, respectively. The result of using SVDP/
SVDS is shown in Figs. 4c/5c. As can be seen in these figures, all segments are attained
correctly. In order to demonstrate the performance of the proposed method, it is
compared with three well-known existing ones including FD-based [2], wavelet GLR
(WGLR) [7], and modified Varri [12] methods respectively in Figs. 6, 7, and 8. As can
be seen, the FD-based method has a boundary selected inaccurately, the WGLR has
many wrongly detected boundaries, and the modified Varri method not only cannot
detect a segment boundary (missed boundary) but also detect two boundaries
incorrectly.

As noted before, signal segmentation is a pre-processing step for EEG signals.
Figure 9a shows a real newborn EEG signal which the length of this signal and the
sampling frequency are 7500 samples and 256 Hz, respectively [13]. The results of
applying the proposed method with using SVDP and SVDS functions are shown in

Fig. 4. Result of the proposed technique for the synthetic signal; (a) original signal, (b) filtered
signal by improved Savitzky-Goaly filter, and (c) GP function result.

Fig. 5. Result of the proposed technique for the synthetic signal; (a) original signal, (b) filtered
signal by improved Savitzky-Goaly filter, and (c) GS function result.

A New Signal Segmentation Approach Based on Singular Value Decomposition 219



mmeybodi@aut.ac.ir

Figs. 9c and 10c, respectively. In addition, we test our proposed method by using
another EEG signal in Figs. 11 and 12. As can be seen in these four figures, all the
segments’ boundaries are accurately detected. The importance of using Savitzky-Golay
filter is depicted in these two figures, especially in Figs. 11 and 12.

Fig. 6. Signal segmentation based on the fractal dimension for the synthetic signal; (a) original
signal, (b) filtered signal by wavelet transform, and (c) fractal dimension of the filtered signal,
and (d) G function [2].

Fig. 7 Signal segmentation by using the WGLR method for the synthetic signal; (a) original
signal, (b) output of the WGLR method [7].
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It should be added that since we wanted to detect changes in both of the frequency
and amplitude of the signals, in this article for SVDS and SVDP, we assign
a1 ¼ a2 ¼ b1 ¼ b2 ¼ 1.

Fig. 8. Signal segmentation based on the modified Varri method for the synthetic signal; (a)
original signal, and (b) output of the modified Varri method [12].

Fig. 9. Result of the proposed technique for the real EEG signal; (a) original signal, (b) filtered
signal by improved Savitzky-Goaly filter, and (c) GP function result. As can be seen the
boundaries for all five segments can be accurately detected.
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Fig. 10. Result of the proposed technique for the real EEG signal; (a) original signal, (b) filtered
signal by improved Savitzky-Goaly filter, and (c) GS function result. As can be seen the
boundaries for all five segments can be accurately detected.

Fig. 11. Result of the proposed technique for the real EEG signal; (a) original signal, (b) filtered
signal by improved Savitzky-Goaly filter, and (c) GP function. As can be seen the boundaries for
all three segments can be accurately detected.
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5 Conclusions

The aim of this work is to investigate and demonstrate the ability of the modified SVD
and intelligent Savitzky-Golay filter in segmenting the non-stationary signals such as
EEG. Since noise can significantly influence the performance of the segmentation
method, the Savitzky-Golay filter is employed. In this article, to select appropriate
parameters of this filter, NPSO as a powerful evolutionary algorithm is proposed. It is
worthy to mention that providing an intelligent method to reduce the effect of the noise
resources based on the Savitzky Golay filter and NPSO is proposed in this article as the
first time and can be used in every signal processing applications. Then, two approa-
ches based on the combination of singular values and right-singular vectors of a signal
are proposed for segmenting the signals. The results indicate superiority of the pro-
posed method comparing with three well-known methods.
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Abstract. Reordering models in statistical machine translation are crucial for
many language pairs. Specifically those with very different sentence structure
like Persian and English. In this paper, we enhance the well-known lexical
model by taking into account the position of the phrase in the target language.
We observe over 1.7 percent relative improvement in BLEU score when com-
paring the baseline lexical reordering model with the proposed model in an
English-Persian task.

Keywords: Statistical machine translation � Reordering model � Lexicalized
reordering model � Phrase number feature � Distance based reordering model �
Reordering graph

1 Introduction

Variance in syntactic structure of languages is one of the main reasons that machine
translation is a hard task. Since, different languages put words in different orders; one
of the fundamental challenges of statistical machine translation (SMT) is to translate
phrases in the right order.

In recent years several methods have been introduced to solve this challenge. The
basic reordering model used in many SMT systems is distance based distortion model
(Koehn et al. 2003). Although several complex reordering models have been intro-
duced in the literature, still this simple reordering model is extensively used. At the
other hand, lexical reordering model (Tillmann et al. 2004; Koehn et al. 2005; Zens
et al. 2006; Xiong et al. 2006; Galley and Manning, 2008) shows its superiority in
many SMT tasks.

In this paper due to the disadvantages of distance-based model (Matusov et al.
2010) we propose a new model that is based on distance. Specifically, this model
estimates the position of a phrase in the target sentence which is called phrase number
feature. To learn this model from the training corpus, we use reordering graph (Su et al.
2010). This reordering model is applied on English-Persian data set and show exper-
imentally that proposed method in combination with reordering model perform better
than distance-based distortion model and lexicalized reordering model.

© Springer International Publishing Switzerland 2014
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This paper is structured as follows. In the second section, we review related work
on reordering in statistical machine translation. In Sect. 3, we first describe the dis-
tance-based model and the lexicalized reordering model and then briefly illustrate the
reordering graph concept. In Sect. 4, we focus on our new reordering model. We report
the translation results on English-Persian translation task in Sect. 5. The last section is
assigned to the conclusion of the paper.

2 Related Works

As already mentioned, one of the principal challenges in SMT is how to reorder the
translated phrases in the generated target sentence. SMT decoders attempt to put words
in the right order by trying many possible phrase orders and evaluating them during the
translation process. Trying all possible word reorderings are an NP-complete problem
(Knight 1999) therefore many decoders attempt to limit phrase permutations by placing
reordering constraints. Monotone translation despite its simplicity is not appropriate for
some language pairs.

Another method is distance-based distortion model which often limits movement
over a small number of words (Koehn et al. 2003). This model is not appropriate for the
language pairs with very different sentence structure. In these language pairs, the long
range reordering occurs frequently for some type of phrases so the integration of lexical
information into reordering model is recommended.

Some researchers (Tillmann et al. 2004; Koehn et al. 2005; Zens et al. 2006; Xiong
et al. 2006; Galley and Manning 2008) propose some lexicalized reordering model that
learns different behavior for each specific phrase pair during phrase extraction process.
This model should predict for a given phrase whether the next phrase should be
oriented to its left or right. These models decide just based on examining the orientation
type of adjacent phrase in alignment matrix. But Su et al. (2010) have argued that it is
important to consider the number of adjacent phrases in model for better estimations of
reordering models. To achieve this goal, they have introduced a structure named
reordering graph which is constructed using alignment matrices. Reordering graph
presents all possible segmentations for each sentence pair. Another distortion (Al-
Onaizan et al. 2006) model assigns a probability distribution over possible relative
jumps conditioned on source words. In this model for example adjectives would have a
different distribution than verbs or nouns.

3 Reordering Models

Among the models mentioned in previous section, the most relevant ones to our work
are investigated in this section. First, distance-based reordering model is presented.
Then the lexicalized reordering model is illustrated and at the end, a description on
reordering graph concept is stated.
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3.1 Distance Based Model

This model that proposed by Koehn, et al. (2003) is a relative distortion model. The
model is defined based on the difference between the position of the current phrase and
the position of the previous phrase in the source sentence.

Although this model is simple and fast, it has some disadvantages (Matusov et al.
2010). It is obvious that this model is limited to jump over a maximum number of
words. So it is not a good reordering model for translation tasks in which the source
side language has SOV structure and the target side language has SVO structure or vice
versa.

A good example is a translation task including English-Persian language pair.
English has a verb-begin structure, whereas Persian is a verb-last language. For these
language pairs, the long range reordering for a phrase including a verb is highly
penalized by the distance based model.

3.2 Lexicalized Reordering Model

Lexicalized reordering model plays a central role in phrase-based statistical machine
translation systems. This model is learned based on the orientation type of a phrase
with respect to its adjacent phrases in the alignment matrix. It just checks the previous
and next cells of each phrase pair in alignment matrix for determining the orientation
type.

There are various approaches for lexicalized reordering model. In the traditional
one (Koehn et al. 2005), it collects bilingual phrases from training corpus and deter-
mines their orientations according to previous phrase.

The probability distribution for lexicalized reordering model is estimated based on
the maximum likelihood principle where count O;�fai ;�eið Þ is calculated from training
data. O is orientation of current phrase with respect to previous phrase. �fai is the current
source phrase that align with ith target phrase ð�eiÞ.

p Oj�fai ;�eið Þ ¼ count O;�fai ;�eið ÞP
o0 count O

0;�fai ;�eið Þ ð1Þ

O is monotone (m) or swap (s) or discontinuous (d). These orientations are defined
as follows:

O ¼
m if ai � ai�1 ¼ 1
s if ai � ai�1 ¼ �1
d if jai � ai�1j 6¼ 1

8
<

: ð2Þ

3.3 Reordering Graph

As mentioned before, the traditional lexicalized reordering model just considers the
presence of an adjacent phrase. This model does not consider the number of available
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phrases around a given phrase. To overcome this problem and achieve maximum
efficiency, Su et al. (2010) have introduced the reordering graph concept. In their work,
for each pair of sentence, reordering graph presents all available paths and derivations
to generate the target sentence. In the following, we will briefly describe the necessary
steps for constructing the reordering graph for a given bilingual sentence:

Steps for constructing the reordering graph for a given bilingual sentence:

• Extract bilingual phrases as graph nodes
• Determine adjacent phrases for each phrase pair
• Connect each phrase to its adjacent phrases as graph edges

If there is not any phrase around a specific phrase, it is connected to the nearest
available phrase in the reordering graph. Also a start node is added to the graph and is
linked to all phrase pairs which start the target sentence, and an end node is connected
to all phrase pairs which end the target sentence. An example of reordering graph is
illustrated in Fig. 1.

Fig. 1. Each rectangle is a bilingual phrase and each edge is the orientation of each phrase with
respect to previous phrase, phrase number for each phrase is the length of path from start node of
the graph to that node for example for phrase [2, 2; 5, 5] phrase numbers are 4, 5.
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In such a graph, each edge has a label. The label shows the orientation type
between two adjacent phrases and the weight indicates what percentage of the total
paths goes through this edge. The edge weight is given by:

count o; p0; pð Þ ¼ a pð Þb p0ð Þð Þ
b bsð Þ ð3Þ

In Eq. 3, α is the number of paths from the start node to node p, b p0ð Þ is the number
of paths from the end node to node p0, and o is the label of edge. Then, the fractional
count of node p is given by:

count o; pð Þ ¼
X

8
p
0
countðo; p; p0Þ ð4Þ

The probability distribution is estimated with applying Eq. 4 in Eq. 1.

4 Proposed Approach

As mentioned above long range reordering is a fundamental challenge in statistical
machine translation, for this reordering the position of the phrase in the sentence can be
considered as a good feature. This feature is helpful for detecting the type of the phrase.
For example Persian have a SOV structure, if a phrase is placed at the end of a
sentence; we can guess it is a phrase which probably includes a verb.

In this paper, we propose a new feature for reordering problem, named “phrase
number”. Phrase number is the translation order of phrases when translating from
source language to target language, phrase number is determined for each phrase.

This new model that is called the phrase number reordering model tries to guess the
position of a phrase in the target sentence and penalizes phrases based on the phrase
number feature. The proposed reordering model is defined in Eq. 5 where δ is the
length of jump and phr# is the phrase number.

p djphr#ð Þ ¼ count d; phr#ð ÞP
8d count d; phr#ð Þ ð5Þ

count d; phr#ð Þ is computed by reordering graph. Equation 6 shows the
count d; phr#ð Þ where aNðphr#Þ is number of paths from first node to node N the
phrase number of which is phr# and bN phr#ð Þ is number of paths from last node to
node N the phrase number of which is phr#. bð0Þ is sum of all paths in the graph.

count d; phr#ð Þ ¼
P

8N
9dN¼delta

aN phr#ð ÞbNðphr#Þ
bð0Þ ð6Þ

The phrase numbers for each phrase are extracted from the reordering graph. Based
on the number of paths to each node in the graph, its phrase numbers are different.
Therefore, we must extract all phrase numbers for each phrase.
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In the training step, the model using reordering graph is learned which jumps are
normal for each phrase number. Since the model does not use any lexical information
and just utilizes the number of phrase, so we consider it as a content independent model.

We smooth Eq. 5 as follows where ps dð Þ1 is a probability distribution which is used
for smoothing and α2 is a linear-mixture parameter.

psmooth djphr#ð Þ ¼ ð1� aÞp djphr#ð Þ þ aps dð Þ ð7Þ

This model adds as a feature to Moses decoder. When the sentence is translated in
decoding step, its segments are selected based on an order. Phrase number is number of
selection of phrase in this sequence. In other word, the phrase that is selected before has
a smaller phrase number.

5 Experimental Results

The training corpus is used in our experiment is Persian-English Verbmobil Corpus.
The direction of translation is English to Persian. Test set of this corpus is four ref-
erence set. A statistical summary of this corpus is given in Table 1.

We choose Moses (Koehn et al. 2007) as experimental decoder. GIZA ++ (Och and
Ney 2003) and the “grow-diag-final-and” heuristic are used for generating word
alignments. A 3-gram language model is generated by SRILM toolkit (Stolcke, 2002).
MERT (Och 2003) is used for tuning various feature weights.

The translation quality is evaluated by BLEU score (Papineni et al. 2002). We
compared the following setups: (Table 2)

1 The smoothing method is a geometrically decreasing distribution.
2 For the experiments reported in this paper, we use α = 0.1, which is set empirically.

Table 1. Statistical summary of English-Persian Verbmobil Corpus

English Persian

Train: sentences 23145 23145

Running words 249335 216577

Singleton 2501 2415

Tune sentences 276 276

Test sentences 250 250

Table 2. The BLEU score for methods

Reordering model BLEU

Distance based distortion model 24.6

Lexicalized reordering model 26

Lexicalized + phrase number 27.9
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6 Conclusions

In this study, we focus on improving reordering using phrase number feature and
propose new reordering model. Experimental results on test set demonstrate the
effectiveness of our method. we use reordering graph concept to extract phrase
numbers.

Experimental results on Persian-English corpus shows the effectiveness of our
method on languages with long distance reordering. Our method in combination with
lexical reordering model performs better than lexical reordering model and distance-
based reordering model alone.

We plan to use weighted reordering graph for extracting phrase numbers. Also, we
decide to integrate lexical information with phrase number model and investigate the
impact of it.
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Abstract. Automatic detection of prosodic events in speech such as detecting
the boundaries of Accentual Phrases (APs) and Intonational Phrases (IPs) has
been an attractive subject in recent years for speech technologists and linguists.
Prosodic events are important for spoken language applications such as speech
recognition and translation. Also in order to generate natural speech in text to
speech synthesizers, the corpus should be tagged with prosodic events. In this
paper, we introduce and implement a prosody recognition system that could
automatically label prosodic events and their boundaries at the syllable level in
Persian language using a Multi-Space Probability Distribution Hidden Markov
Model. In order to implement this system we use acoustic features. Experiments
show that the detector achieves about 73.5 % accuracy on accentual phrase
labeling and 80.08 % accuracy on intonation phrase detection. These accuracies
are comparable with automatic labeling results in American English language
which has used acoustic features and achieved 73.97 % accuracy in syllable level.

Keywords: Prosody � Accentual � Intonational � Hidden Markov Model �
Multi-Space Probability Distribution HMM

1 Introduction

Prosody is comprised of information including variations of the pitch contour, rhythm,
and lexical stress patterns of spoken utterance. These prosodic events are supraseg-
mental effects that operate at a level higher than the local phonetic context. Speakers
use these prosodic effects to provide cues to the listener and help for better interpre-
tation of their speech and better spoken language understanding [1].

In this paper, we introduce and build an automatic detector for labeling prosodic
events trained with a small number of manually labeled samples, and after that could
automatically label large corpora in real time.

Previous models were widely focused on prosody labeling at the phone level. It is
important to note that, prosodic characteristics are often not related to the information
of the phonetic level and are only associated with phrase semantics [2]. Therefore, it is
more preferable to consider prosodic features at syllable level.

Wightman and Ostendorf [3] proposed Automatic detection of prosodic events for
the first time at syllable level. Their modeling was based on posterior probabilities
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computed from acoustic features using decision tree. In [4] the prosodic features were
combined and applied to time series modeling framework and in works such as [5],
GMM and ANN have been used to classify phrase boundaries using features extracted
from syllable level. In [6] a prosody recognition system that detects prosodic bound-
aries at word and syllable level in American English language using CHMM was
introduced. It is believed that the acoustic features of prosodic events consist of
multiple streams of information that are correlated but are not always synchronous [6].
Thus, we can take advantage of HMM models with multiple feature streams to deal
with asynchrony between acoustic features.

Moreover, one of the problems with fundamental frequency (F0) modeling as one
of the most important prosodic features is that F0 values are not defined in the unvoiced
region. MSD-HMM [7] is a practical solution to deal with this problem. In this paper
we design an automatic prosodic labeling that can detect Intonational Phrases and
Accentual Phrases boundaries in syllable level for Persian language, based on MSD-
HMM modeling.

The remainder of this paper is organized as follows. The prosodic event definitions
are proposed in Sect. 2. Section 3 presents the proposed methodology. Section 4
presents some experimental results, and finally some conclusions are given in Sect. 5.

2 Prosodic Events Definitions

There are two prosodic constituents in the prosodic structure of the Persian language.
The smallest prosodic unit in Persian is the Accentual Phrase (APs) [8]. According to
linguistic experts, 6 types of APs are defined for Persian language. Although there may
be minor differences in the definitions of these types, in this research we define APs as
shown in Table 1. The next level of prosodic events in Persian language is Intonational
Phrase (APs) that consists of one or more APs.

The right boundary of an IPs is determined with a low or high boundary tone that is
specified with L% or H% [8].

3 Methodology

In this part, we explain our methodology in two sections. First, we introduce the feature
used and then the structure of the model.

Table 1. Persian prosodic AP’s definitions [8]

H* For initially stressed words and phrases and also one-syllable words

L+H* For words and phrases with final stress

l,h The part of an Accentual Phrase between the pitch accent and the AP end is handled
by a boundary tone, which can be high or low, named here as h and l

L+ For words and phrases losing their stress in sentence

p For showing silence in sentences
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3.1 Features

In this paper three features are used for modeling. Each feature is introduced in below.
In order to compute feature vectors, the frame length is considered to be 5 ms.

Fundamental Frequency (F0). Fundamental Frequency is one of the most important
characteristics of the speech signal. In voiced frames, speech signal is periodic with
period T in time domain. The numeric value of F0 in each frame is F0 ¼ 1

T. F0 with its
first and second derivative are applied as features in three different streams in HMM
model. These features efficiently affect detector performance. The speech analysis
software used throughout this work to extract pitch track is Praat (Boersma and
Weenink 2007) [9].

F0 values are not defined in the unvoiced region and the observation sequence of an
F0 pattern is composed of one-dimensional continuous value and discrete value which
represent “unvoiced”. However, we cannot apply both the conventional discrete and
continuous HMMs to such observations like F0. In this paper we model the funda-
mental frequency (F0) with a kind of HMM in which the state output probabilities are
defined by Multi-Space Probability Distributions. This kind of HMM model is called
MSD-HMM [7].

MSD-HMM can model the sequence of observation vectors with different
dimensionalities. So we can model observed F0 values in a one-dimensional space and
the “unvoiced” segments in a zero-dimensional space.

Intensity. Intensity is a measure of the energy flux, averaged over the period of the
signal. To obtain the intensity values we have employed these steps: first hamming
windows of the length 400 samples are applied to the signal and the result is squared.
Then an averaging is performed on the results. Consecutive frames are processed with a
shift of 80 samples.

Duration. In each syllable, the repetition of vowel phonemes determine the duration of
that syllable. Therefore, we can generate a vector of duration values for each utterance.

3.2 MSD-HMM

In order to model F0 patterns, we assume two spaces, named Ω1 and Ω2 representing
one-dimensional space for F0 in voiced regions and single zero-dimensional space for
the unvoiced regions, respectively. In general, we consider Ωg as one of G sub-spaces
with its own dimensionality and probability wg of observation space Ω of an event E, so
we have,

X ¼
[G

g¼1
Xg;

X
P Xg
� � ¼ 1 ð1Þ

If the dimensionality of each space ng, is greater than zero, then it has a probability
distribution function Ng(x) and if it equals zero, this sub-space contains only one
sample point. Here, event E is representing an observation O that consists of a set of
space indices X and a random variable x 2 Rn, that is O ¼ ðX; xÞ.
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Note that dimensionality of each sub-spaces is depicted by n in X and observation
probability of o is defined as below,

b oð Þ ¼
X

g2sðoÞ wgNg V oð Þð Þ ð2Þ

where s oð Þ ¼ X, V oð Þ ¼ x and Ng V oð Þð Þ is a pdf in the sub-space in which random
variable x is distributed. In Eq. (2), wg is the mixture weight for g-th Gaussian, so it is
considered as the prior probability of g-th sub-space.

As described before, in order to obtain an automatic prosody recognizer, F0 con-
tour curve plays an important role in recognition process, so since the observation
sequences of F0 patterns are regarded as one-dimension continuous values in voiced
regions and as a discrete symbol in unvoiced regions, we employ multi-space distri-
bution probability HMM (MSD-HMM) for modeling discontinuity of fundamental
frequency.

To start modeling, first we consider an HMM model λ of the appointed type with
N number of states in which the initial states, transition and the state output probability
distribution is specified as, p ¼ fpjgNj¼1, A ¼ faijgNi;j¼1 and B ¼ fbið:ÞgNi¼1 respectively,
where,

bi oð Þ ¼
X

g2s oð Þ wigNig V oð Þð Þ; i ¼ 1; 2; . . .;N ð3Þ

Each state i has G pdfs Ni1ð:Þ;Ni2ð:Þ; . . .;NiGð:Þ with their corresponding weights
wi1ð:Þ;wi2ð:Þ; . . .;wiGð:Þ, so that we can calculate the observation probability of
sequence O as follows;

P ojkð Þ ¼
X

allq

YT

t¼1
aqt�1qtbqt otð Þ ¼

X

allq;X

YT

t¼1
aqt�1qtwqtXtNqtXt V otð Þð Þ ð4Þ

where q ¼ fq1; q2; . . .; qTg denotes state sequence, X ¼ fX1;X2; . . .;XTg 2 fsðo1Þ;
sðo2Þ; . . .; sðoTÞg is a sequence of possible space indices for the observation sequence
O and aq0j ¼ pj. The modified forward and backward algorithms are utilized for
computing observation probabilities. The modified Viterbi algorithm is utilized for the
decoding. These algorithms are similar to traditional HMM algorithms [7].

3.3 Structure of Model

The main structure of the proposed automatic prosody detector system is similar to an
automatic speech recognizer. In fact the prosodic event sequences with maximum
likelihood probability are defined as below,

P� ¼ argmax
P

p AjPð Þ � pðPÞ ð5Þ

where A ¼ fa1; a2; . . .; ang is set of acoustic features and P is a candidate sequence of
prosodic events. Also p(P) is the probability of a given prosodic event sequences.

An Automatic Prosodic Event Detector Using MSD HMMs 237



mmeybodi@aut.ac.ir

Finally a prosodic event sequences P� ¼ fp�1; p�2; . . .; p�ng with the maximum proba-
bility will be found through the Viterbi algorithm. In this paper, we have used a left to
right MSD-HMM with 5 states and 5 streams. Three streams are f 0;Df 0;D2f 0 each
consisting of two Gaussian distributions. One is defined with zero variance and mean
that is for modeling MSD-HMM and the other is a usual Gaussian distribution. Another
stream for intensity is a 3-dimensional Gaussian distribution and includes I;DI;D2I.
Finally the fifth stream is a one dimensional Gaussian distribution and contains the
duration values. Figure 1 shows the structure of MSD-HMM which used in this paper.
As the figure clearly shows, this model is a 5-state left to right HMM with 5 streams.

4 Experiments

4.1 Experiments Conditions

In order to evaluate the performance of this automatic prosodic detector, a speech
database in Persian language was used. This database has been designed after Arctic
database in English and contains the speech utterances of two speakers. These utter-
ances are designed in order to satisfy the following conditions [10]:

Fig. 1. The structure of used MSD-HMM
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• Each sentence is short enough to be recorded easily.
• The utterances are phonetically balanced and contain Persian diphones and

syllables.

The sentences have been selected from Peykare corpus [11]. The selected sentences
contain 5 to 20 words. Final sentences are selected in a way to cover most frequent
Persian words and also most frequent syllables. There are some questions and
exclamatory sentences, too.

4.2 Experiments Results

Among 1300 available utterances, 1000 utterances were used for training the models
and 300 utterances were used for evaluation. There is no overlap between training data
and evaluation data. It should be noted that this database is tagged manually with
prosodic labels by a linguist. Table 2 shows the results of this automatic prosody
detector. The accuracy is the ratio of truly labeled prosodic events by the proposed
system to all prosodic events of the utterances.

Figure 2 shows an utterance tagged by prosodic labels. As it is obvious from the
figure, pitch contour is an important factor to recognize the prosodic labels. Also the
results in Table 2 show that F0 is the most important factor in this detector system, but
intensity and duration have certain effects on detecting these labels.

In [6] a prosody recognition system that detects stress and prosodic boundaries at
the word and syllable level in American English using a coupled Hidden Markov

Table 2. The accuracy results of automatic prosodic event detector

Features AP IP

F0 56.5 % 68.8 %

F0, intensity 63.33 % 77.35 %

F0, intensity, duration 73.5 % 80.08 %

Fig. 2. An utterance which has been tagged with prosodic events.
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Model (CHMM) has been introduced. Experiments show that the recognizer achieves
72.03 % accuracy at word level 73.97 % accuracy at the syllable level using acoustic
features. The results of our algorithm for Persian language is comparable with these
results in American English language.

5 Conclusion

In this paper, we introduced and implemented an automatic prosodic event detector for
Persian language. This system is able to detect the Accentual Phrases and Intonational
Phrases for Persian utterances. We used fundamental frequency (F0), intensity and
duration as features. In this article MSD-HMM is used and finally the most probable
prosodic sequence is obtained using maximum likelihood criterion. The proposed
method reaches 73.5 % accuracy for Accentual Phrase detection and 80.08 % for
Intonational Phrase detection.
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Abstract. New confidence measures for machine translation using lexical
translation models are presented. Confidence estimation for machine translation
is a method for labeling each word as “correct” or “incorrect” in the output of a
machine translation system. Compared to the existing measures, the measures
proposed in this paper, offer the advantage of not relying on the system output,
such as N-best lists or word graphs. As a result, these confidence measures are
applicable to all types of machine translation systems. Experiments have been
carried out on the translation of news lines in English-Farsi language pair. The
result indicates the superior performance of the new confidence measures to
similar existing ones. Finally, a method of tagging unlabeled training samples is
introduced. This method - which has given promising results in the evaluation of
machine translation, but not yet used in confidence estimation - is called
translation error rate.

Keywords: Confidence estimation � Confidence measure � Machine transla-
tion � Natural Language Processing � Lexical translation model � Translation
error rate

1 Introduction

Many free and commercial machine translation (MT) systems are available for both
online and desktop use. However, errors are common in such translations. There are
several sources of error, such as syntax mismatch between the source and the target
languages, ambiguity in selecting the proper translation, and different choices for
reordering of words. Nonetheless, the advantage of using MT systems justifies their
vast usage, such as saving time and effort of human translators through translation
hypotheses suggestions for post-editing, instead of translating from scratch. This
suggestion process must yield a shorter post-editing time than what is required to carry
out the traditional translation. To this end, there is a need to predict whether the
machine-translated text is good enough to be used in post-editing. The research area
addressing this problem is referred to as Confidence Estimation (CE) [1].
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1.1 A Brief Overview of Statistical Machine Translation Principle

Let f ¼ f1; . . .; fJ be the source sentence, which is to be translated by a Statistical
Machine Translation (SMT) system. Also, let ê ¼ e1; . . .; eI be the target sentence that
is generated by the system. be must be the most probable sentence given f:

be ¼ argmax PðejfÞ
e

ð1Þ

By employing the Bayes rule, Eq. 1 is re-written as:

be ¼ argmax PðeÞPðfjeÞ
e

ð2Þ

In Eq. 2, PðeÞ is computed from a monolingual language model and estimates the
correctness of the destination sentence. The term, PðfjeÞ is computed from a bilingual
translation model and estimates the accuracy of translating e to f. SMT systems can
make mistakes that stem from several sources, such as insufficient training data. The
latter leads to imprecise estimation of language and translation models. It is important
to detect these mistakes and, confidence measures provide an effective means for this
purpose.

2 Literature Review

2.1 Motivation and Principle of Confidence Estimation

Consider a generic application that for any given input x 2 X of a fixed input domain,
X returns a corresponding output value y 2 Y of a fixed output domain Y. Moreover,
suppose that this application is based on an imperfect technology, in the sense that the
output values y can be “correct” or “incorrect” (with respect to some well-defined
evaluation procedure). Formally, we can associate a binary tag C 2 f0; 1g, 0 for
incorrect and 1 for correct, to each output y, given its corresponding input x. In machine
translation, x is a sequence of words in a given source language and y is the equivalent
sequence of words in a different target language [2].

CE has been extensively studied for speech recognition, but it is less known in
other research areas like machine translation. This task can be applied in sentence,
phrase, or word level. By the level of CE, we consider which segment of the SMT
system’s output the CE system should judge its correctness. Through post-edition, even
a sentence which has some erroneous words may be usable. Therefore, word-level CE
can be helpful for highlighting the incorrect words and reducing the time needed for
post-editing.

Another possibility is to apply confidence measures in an interactive translation
environment where a system proposes translations of the input text and a human
translator can either accept or correct them. The system then adapts its proposals
according to the modifications by the human translator. In such an environment, the
system would only output those words that have a high confidence, and discard the
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others. Thus, it would spare the human translator time and effort for reading and
correcting bad output. This approach to computer assisted translation is pursued for
example in the European project TransType2.

The third and most challenging application of word-level confidence estimation is
the scenario in which search criteria is based on confidence estimates. The translation
hypotheses proposed by the system (represented e.g. in a word graph or an N-best list)
can be recombined in order to find a better translation than the one preferred by the
translation system [1].

Since we wanted to use CE in a post-edition application, word-level CE was
focused on. To estimate the confidence of a word ei produced from an SMT system (i.e.
the i-th word of sentence e), one could use the probability that generating the word e in
the i-th position of the destination sentence, given the source sentence f leads to a
correct translation [3].

word confidence ¼ Pðcorrectji; ei; fÞ ð3Þ

However, since the concept of correctness is not clear enough in word-level CE,
this probability is difficult to be estimated directly and accurately. Therefore,
researchers in the research area have proposed different measures to reflect the cor-
rectness (or a score depending on it) of each word in SMT system’s output sentence.

2.2 Related Work

Blatz et al. [1] have proposed a variety of features at word level which can be cate-
gorized as below:

• Target language based features: These include semantic features which take
advantage of WordNet’s semantic similarity and polysemy (lexical ambiguity)
count, basic syntax check for mismatching parentheses, and/or quotation marks.

• Word posterior probabilities and related measures: These include relative fre-
quencies, rank-weighted frequencies and word posterior probabilities.

• IBM-1 model [4]: For a given target word e, this feature is just e’s contribution to
the total target probability:

CIBM�1 f avg eð Þ ¼ P ejfð Þ ¼
XJ

j¼0
PðejfjÞ=ðJ þ 1Þ: ð4Þ

In Eq. 4, f ¼ f1; . . .; fJ is the source sentence, and f0 is the empty source word.
• SMT model based features: These features are based directly on the Alignment

Template MT model. In this model, The SMT system segments the source and the
target sentences into bilingual phrases called alignment templates.

Ueffing et al. [5] have also presented several confidence measures for statistical
machine translation:

• Word posterior probabilities calculated on both word graphs and N-best lists: The
word posterior probability can be determined by summing up the posterior
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probabilities of all sentences which contain this specific word in position i or
aligned to the corresponding source positions. These confidence measures only
exploit the information contained in the output of an SMT system.

• Relative frequency: For each word êi in the best target sentence, the number of
sentences in the N-best list containing this word in a position aligned to i is defined.
Then, the relative frequency of word êi in the N-best list with respect to the
Levenshtein alignment is taken directly as a confidence measure:

Crel êið Þ ¼ 1
N

XN

n¼1
dðêi;LiðêI1;wIn

1 ÞÞ: ð5Þ

• Rank sum: This feature is simply the sum of the ranks of those target sentences
containing word êi as LiðêI1;wIn

1 Þ (normalized by the total rank sum):

Crank êið Þ ¼
PN

n¼1 N � nð Þ:dðêi;LiðêI1;wIn
1 ÞÞ

N
2 ðN þ 1Þ : ð6Þ

In Eq. 6, since we want ranks near to the top of the list to be scored better, we sum
N-n instead of the rank n.

Furthermore, Ueffing & Ney [6] have proposed another confidence measure based
on IBM-1 model. They modified the confidence measure defined in Eq. 4 by Blatz et al.
[1], in order to prevent the average lexicon probability from being dominated by the
maximum. In other words, the maximal translation probability of the target word e over
the source sentence words can be defined as:

CIBM�1 f max eð Þ ¼ maxj¼0;...;J PðejfjÞ; ð7Þ

where f0 is the empty source word.

3 Our Approach to Confidence Estimation

As introduced in [6], confidence measures based on IBM-1 model do not rely on
system output and are thus applicable to all types of machine translation systems.
Therefore, we have used four different confidence measures based on IBM-1 model:

• Forward average word posterior probability as defined in Eq. 4 by Blatz et al. [1].
• Forward maximal word posterior probability as defined in Eq. 7 by Ueffing & Ney [5].
• *Backward average estimation of word posterior probability:

CIBM�1 b avg eð Þ ¼ P fjeð Þ ¼
XJ

j¼0
PðfjjeÞ=ðJ þ 1Þ: ð8Þ

• *Backward maximal estimation of word posterior probability:

CIBM�1 b max eð Þ ¼ maxj¼0;...;J PðfjjeÞ: ð9Þ
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Features marked with ‘*’ have not been used before. To compute these values, we
used lexicon probability tables (lex.e2f and lex.f2e) given by GIZA++ [7]. In the cases
where no entry was available in the lexicon probability table, we used zero probability.
Since the lexicon probability tables have been learnt previously at training process of
SMT, the process of computing these four confidence measures becomes as easy as a
search for specific entries in a table and putting their average or maximal value. This
leads to very low cost in terms of time and computation.

Since most applications of CE (specifically our focused application, Interactive
Computer-Assisted Translation) use binary decisions, we decided to directly use
classifiers (instead of performing regression and applying thresholds). However, there’s
no conflict between these two approaches and we can use the probabilities given by
classifiers (if needed in the future). We think that these probabilities can reflect the
confidence of samples.

4 Experimental Setting

4.1 Corpora

The experiments were performed on the news part of the AFEC English-Farsi corpus
[8]. This corpus contains parallel sentences in news domain. The corpus statistics are
given in Table 1. We used the well-known SMT tool – Moses [9] – for phrase-based
English to Farsi translation. Translation quality of our SMT system is given in Table 2.

4.2 Baseline Systems

We have dedicated two baseline models in our experiments. For the first baseline
system (denoted by “Baseline1”), we have used three confidence measures which are
reported to give promising results in [5]. These features are the word posterior prob-
abilities, relative frequency, and rank sum. Since the word posterior probabilities
calculated on the N-best list gives us better results than calculating them on the word
graph [6], we decided to calculate this feature on the N-best list with N = 100.

Table 1. Statistics of the training, development and test corpora

English Farsi

Train Sentences 282,227

Running Words 6,993,837 7,544,447

Vocabulary 135,365 126,511

Dev Sentences 400

Running Words 11,705 13,692

OOVs 994 165

Test Sentences 418

Running Words 11,870 13,945

OOVs 1,113 181
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The second baseline system (denoted by “Baseline2”) consists of two features
based on IBM-1 model: the target word’s contribution to the total target probability
(Eq. 4) [1], and the maximal translation probability of the target word over the source
sentence words (Eq. 7) [6].

4.3 Word Error Measures

In machine translation, it is not intuitively clear how to classify the output words of a
system as “correct” or “incorrect”when comparing to one or more reference translations.
On the other hand, tagging the output words using human judgment requires spending
much time and money. Therefore, a number of word error metrics have been applied to
tag the training instances of the CE system. Common word error measures are:

• Pos: This error measure considers a word as correct if it occurs in exactly this target
position in one of the reference translations.

• WER (Word Error Rate): A word is counted as correct if it is Levenshtein-aligned to
itself in one of the references.

• PER (Position-independent word Error Rate): A word is tagged as correct if it
occurs in one of the reference translations. Here, the reference is regarded as a bag
of words, i.e. the number of occurrences per word is taken into account.

• Set: In this error measure, the number of occurrences per word is not considered, i.e.
a word occurring in the translation three times is tagged as correct every time, even
if the reference contains it only once or twice. This is a less strict variant of PER.

• n-gram: This metric considers the word as well as its n� 1 predecessors in the
hypothesis and labels only those words as “correct” that occur in the references
together with this history. n is chosen to be 2, 3, and 4.

In addition to the word error measures above, we used a measure which has been
widely used in the evaluation process of machine translation and gives correlated
results with human judgment, but has not been used in CE yet. This error measure is
Translation Error Rate (TER) [10] and can be defined as below:

Through TER, words in a hypothesis can be added, deleted, and substituted (as in
WER), in order to adapt the hypothesis into a reference. In addition, words in the
hypothesis can be shifted. If a word in the hypothesis is aligned to a reference word
according to TER, we consider the word to be correct.

Table 2. Translation quality [%] of the utilized SMT system on the test corpus described in
Table 1

English→Farsi

WER 38.3

PER 26.2

TER 20.6

BLEU 29.7
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All error metrics except for n-gram exist in two variants: First, each translation
hypothesis is compared to the pool of all references (i.e. four different reference
translations for our corpus). Second, we determine the reference that has the minimum
distance to the hypothesis according to the metric under consideration and classify the
words as “correct” or “incorrect” with respect to this reference. That is, under the
metric PER for example, the pooled variant labels all those words which occur in any
of the references, as “correct”; whereas the second variant considers only those words
correct that are contained in the nearest reference [1]. In our experiments, we have used
WER, PER, and TER as word error measures. These error measures are used with the
pooled variant in order to tag the labels as “correct” in a more relaxed manner.

4.4 Evaluation Metric

After computing the confidence measures, we give their values to the desired machine
learning method in addition to the tag that is computed using WER, PER, or TER.
After training the model, we can now compute the confidence measures on the new test
samples and get their estimated tags as “correct” or “incorrect”. Afterwards, the per-
formance of the CE system is evaluated using Classification Error Rate (CER). This is
defined as the number of incorrectly1 classified tags divided by the total number of
generated words in the translated sentences.

5 Experiments

Table 3 shows the performance of four different sets of confidence measures on the
hypotheses generated from our phrase-based SMT system. All experiments were per-
formed using 10-fold cross validation. We see that in all settings, CE systems which
use lexical translation models outperform “Baseline1”. In addition, by comparing
results from “Baseline2” with “IBM-1”, we can see that adding the two proposed
confidence measures decreases CER in comparison to using only forward features.

Finally, adding “IBM-1” to “Baseline1” leads to the best results when using WER
or TER as word error measure. It is a valuable point that in all cases, our proposed
features based on lexical translation models take part in the best CE system.

In most cases, J48 method gives us the best result. This machine learning method
has benefits such as simplicity of implementation, high speed and low memory usage.

Moreover, overall performance is best reported when using TER as the word error
measure. The fact that PER and TER are more relaxed than WER is well-known. It
seems that TER has a higher correlation with human judgment in comparison to WER
and PER. This can be studied by tagging the SMT’s output words by a human
translator and calculating correlation between each of these tag sets and human
judgment.

1 Not to be confused with “correct” and “incorrect” tags.
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6 Conclusion and Outlook

Two new word-level confidence measures are presented with the advantage of inde-
pendence from the MT system. In other words, contrary to other confidence measures,
these measures do not rely on the system output, such as N-best lists or word graphs.
They also have a very low computational cost because their input values are computed a
priori. These confidence measures are hence applicable to all types of MT systems.
Experiments are carried out on the translation of news lines in English-Farsi language
pair. It is shown that the new confidence measures outperform similar existing measures.

Next, a method of tagging unlabeled training samples, called Translation Error Rate
is introduced. This method - which has given promising results in the evaluation of
MT, but not yet used in CE – is more relaxed than WER and PER methods and seems
to have a higher correlation with human judgment when compared to them.

The future research direction is first to propose confidence measures based on different
aspects of translation and next, to perform experiments using Probabilistic Graphical
Models. The latter is a machine learning approach that employs label sequences to tag a
sample’s label. In the next stage, experiments will be performed on other corpora. Finally,
correlation of TER with human judgment will be compared to WER and PER and its
suitability for use in the field of confidence estimation will be tested.

Table 3. CER[%] for different sets of confidence measures on the English→Farsi test set,
references based on WER, PER, and TER. Hypotheses from phrase-based system. The best
overal value is printed in bold. The best value for each CE system is marked with ‘*’.

CER[%] on English→Farsi

CE System ML Method WER PER TER

Baseline1 Naïve Bayes *35.2 27.5 22.7

MLP *35.2 26.6 20.8

RBF *35.2 26.5 20.8

J48 35.5 *26.4 *20.6

Baseline2 Naïve Bayes 35.8 26.3 25.8

MLP 33.1 25.4 *19.5

RBF 33.0 26.4 20.6

J48 *32.8 *24.4 19.6

IBM-1 (f-avg+fmax+bavg+bmax) Naïve Bayes 37.8 31.5 31.3

MLP 33.2 26.2 *19.6

RBF 34.0 26.5 20.7

J48 *32.5 23.6 19.7

Baseline1 + IBM-1 Naïve Bayes 32.5 27.2 22.4

MLP 32.1 26.0 19.4

RBF 33.3 26.3 20.8

J48 31.4 *23.9 19.7
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Abstract. The focus of this article is unknown word Part-of-Speech (POS)
tagging. POS tagging which is one the fundamental requirements for intelligent
text processing based on texts language. Therefore, this article firstly aims to
provide a POS tagger with high accuracy for Persian language. The technique
which is proposed by this article for handling unknown words is using a
combination of a type of associative classifier along with a Hidden Markov
Models (HMM) algorithm. Associative classification is a new classification
approach integrating association mining and classification. The associative
classifier used in this study is a type of associative classifiers that is innovated by
this research. This kind of classifier not only uses sequence probability but also
uses the CBA classifier. CBA first generates all the association rules with certain
support and confidence thresholds as candidate rules. It then selects a small set
of rules from them to form a classifier. When predicting the class label for an
example, the best rule whose body is satisfied by the example is chosen for
prediction. Based on the experimental results, the proposed algorithm can
increase the accuracy of Persian unknown word POS tagging to 81.8 %. The
total accuracy of proposed tagger is 98 % and its sentence accuracy is 63.1 %.

Keywords: Part-of-Speech tagging � Associative classifier � Hidden Markov
Model � Unknown words

1 Introduction

In recent years the Natural Language Processing (NLP) has become an obsession for
researchers in the area of computer and linguistics. Using computer and intelligent
equipment has caused to do the tasks related to text with considerable accuracy and
speed; moreover, it has made it possible to enter the areas which were unimaginable.

For instance we can mention Machine Translation (MT), semantic searches,
intelligent text summarizing and so forth in this field. On the other hand each language
alone can be the subject of all of the NLP applications. Alongside with that and in this
article one of the NLP challenges which is called unknown words POS tagging has
been addressed and put on the spotlight.

An Unknown word is a word that its occurrence is lower than a specific threshold in
a unit of teaching of statistical methods, and rule-based engines are not capable of

© Springer International Publishing Switzerland 2014
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handling it. So there are no specific tags for these words in the previous tagging. In the
past research, these thresholds have values between 0 to 10 [1, 21]. Unknown word is
also called unseen or out of the vocabulary words.

Taking into account the ability of natural language to produce new words, the
problem of unknown words has always been a problem in natural language processing
tasks. Hence, much research has already been done in the past. A series of works such
as unknown word identification [8], unknown word syntactic processing [6], unknown
word meaning [18] and the unknown word sense detection [7].

Unknown words can cause many problems for NLP tasks. For example, if the POS
tag of a word in sentence is not set correctly. Then, it will be difficult to parsing and
translation the sentence of this word. Furthermore, many of these words are not pos-
sible to analysis via rule base approaches. Thus, this paper presents an approach to deal
with this problem using statistical features of unknown words. This approach uses one
of the best classifier that called CBA classifier [10].

The rest of this article consists of five sections. In Sect. 2, the POS tagging is
presented. Section 3 presents the works which have been done before. Proposed
algorithm is presented in Sect. 4. Section 5 explains the results of the tests and
experiments. Conclusion and future work are presented in Sect. 6.

2 Part of Speech Tagging (POS Tagging)

In computational linguistics, POS tagging of words in a text is the process of tagging
each word with an appropriate POS tag. Given a string of words (for example:
W ¼ w1w2. . .wn), POS tagging of the words in this string can be shown with the
Eq. (1):

POSTðWÞ ¼ T ð1Þ

Where T is series of POS tags like t1t2. . .tn, For example, suppose the following
tagset is available (Table 1).

Equivalent tags of the words in the Persian phrase “ تشذگ /passed رمع /life نم /my, اما /
but وت /you NULL/are رد /in ینم /my لایخ /mind” will be as follows (Table 2).

Table 1. A simple POS tagset.

Part of Speech tag Abbrevation

V Verb

N Noun

PRO Pronoun

CONJ Conjunction

P Preposition

PUNC Punctuation
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3 Related Works

Recently, many works have been done for Persian POS tagging. Also, many types of
POS tagging algorithms have been applied in these works. For example, Hidden
Markov Model (HMM) algorithm is one of the most popular tagging techniques that
have been used in these researches [4, 14, 17]. Another type of POS taggers is Memory
Based taggers (MBT) which has been used by Raja et al. [15] for Persian texts.

In addition to the above methods, the hybrid methods have been used for tagging as
well. For example Fadaei et al. [9], using a combination of linguistic rules with bigram
tagger, have tried for tagging Persian texts with a high accuracy rate.

In many of the previous studies the issue of tagging of unknown words is examined
and evaluated. For example, Behmanesh [4] in his research has showed TNT algorithm
[3] is capable of corrects tagging of Persian unknown words with 77 %. This algorithm
is applied a type of HMM algorithms which is used for analyzing unknown words
using their suffixes. This technique of solving the problem of unknown words has
previously been studied by Samuelsson [16]. Fadaei et al. [9] has demonstrated that,
assuming a 12 % coverage rate for Persian unknown words, the words can be tagged
with an accuracy of 88 %. In the results section, some other previous studies of tagging
for Persian unknown words are introduced.

4 Proposed Algorithm

As noted above, HMM tagger is one of the best POS taggers. Our proposed algorithm
is a special kind of above HMM tagger which makes use of the famous data mining
technique which is called mining association rules to solve the problem of unknown
words.

In fact, the words which are detected as unknown word are analyzed by proposed
algorithm. In this research, TNT algorithm [3] that is a type of HMM algorithms is used
as a basis for the proposed algorithm. But the solution of unknown word POS tagging
problem was replaced by our innovated associative classifier.

Associative classification is a new classification approach integrating association
mining and classification [19].

If you are going to take a closer look at how the proposed algorithms works, we
should know how many pre-processing steps have been used before a word tagged.

During pre-processing, the input text is broken into its constituent sentences.
Separating the input text and splitting it into its constituent sentences.

In next step, a window of five words is taken into account for each word (see
below) that the word is in middle of it. If the word is wi, the corresponding window

Table 2. An example of POS tagged sentence.

8 7 6 5 4 3 2 1

ینم لایخ رد وت اما نم رمع تشذگ

V N P PRO CONJ PRO N V
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contains the words wi�1 and wi�2 of the words before and the words wiþ1 and wiþ2 of
the words after (see Fig. 1). In fact, the usage of this window is to consider the impact
of the words before and after the word under the discussion of its POS tagging.

We can show that the radius of two words adjacent to a word is the best radius it
term of processing time and tagging accuracy. This radius is used in many previous
papers. For example, Toutanova and his colleagues have used the same window to
make the features of their learning engine [20]. Toutanova and his colleagues algorithm
which is known by the name of Stanford University log linear POS tagger, has obtained
the best results for English texts POS tagging. Recent developments of this tagger
performed by Manning [12].

In this study, an unknown word is analysed in two steps. In the first step, try to
analyse the word with ACUT procedure. The abbreviation ACUT stands for Asso-
ciative Classifier Unknown-word Tagger and refers to our proposed approach in this
paper. Finally, considering the inability of the previous step, the word is tagged with
label N that is the most probable tag for unknown words in our testing environment.
This tag stands for the Name. In the following we explained ACUT as the main above
mentioned steps.

4.1 ACUT

ACUT consists of four parts. These four parts together make a powerful solution for
Persian unknown word POS tagging. These four parts are: First, A few simple and
efficient rules. Second, using of CBA associative classifier as a main part. Third, the use
of other CBA classifier answers. And fourth, normalization as a post-processing. These
four components are described below.

A Few Simple Heuristic Method. The first part explained in this section. In fact, a
large number of unknown words follow simple patterns. For example, we can mention
the numbers. Words in form of numbers include the characters 0 to 9, with a decimal
separator characters (.). In this test in this research numbers are tagged by the name of
NUM. It is possible to recognize words by a regular expression.

In addition to the numbers, there are other types of words which are made partly
from numbers and partly from Persian characters. These kinds of words are often
tagged ADJ which stands for adjective. For example, the word “22-part” or “22-
episode” can be named. Recognizing these types of words is possible by regular
expressions as well.

The third type was developed for the English words. These words are labeled RES
which means miscellaneous. These are the words of the English alphabet with numbers

Fig. 1. A sequence of 5 sequential words
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in which at least one of the English alphabets exists. To detect this kind of words,
regular expressions are used again.

Based on above heuristic and practical ways we can obtain 99.1 % accuracy for
tagging the NUMs as well as ADJ with the same accuracy and that of RES with
accuracy of 81.1 %.

In this study, an unknown word is analyzed in two steps. In the first stage, some
simple and heuristic methods are used for detecting the tag of unknown word. The
second stage processes the words that are not analyzed at the first place. Finally,
considering the inability of the previous two steps, the word is tagged with label N that
is the most probable tag for unknown words. This tag stands for the Name. In the
following we explain the second and most important steps in detail.

Making Associative Classifier. A suitable associative classifier for tagging unknown
words includes five steps. Among these steps, the construction of association rules,
evaluation of production rules, using these extracted rules to make a CBA classifier
[10], combining this classifier with sequential probabilities and as a final step, the
normalization. Each of the aforementioned steps is studied in detail. It is the second
stage.

Mining Association Rules. As it is mentioned above the second stage of unknown
words analysis is using the association rules. With the assumption that each word along
with its features in the training data can be assumed as the antecedent of an association
rule and the corresponding tag of that word be the consequent of the rule. So, we can
produce rules whose condition part of which is the features of that word and the result
part is the word tag. Each word and its adjacent words can be illustrated under a
directed graph (Fig. 2).

The above graph shows the word W3 and two adjacent words on its left as well as two
adjacent words in the right. In this graph, the word W3 is marked with T3. As noted
above, the best case is regarding the effect of 2 neighbor words for the discussed word.
Table 3 contains a set of rules that are the result of the tag word W3 (T3) and the
condition can be obtained from the above graph.

To generate the Table 3, the 4 words surrounding W3 are used. Any word in
condition section can be either in the presence state or absence state. The absence of
words such as W1 is marked by symbol (-).

For example, given word “/ اما but” from Table 2, the sixth rule (W1-W4- → T3) is:

وت-رمع - → CONJ

Fig. 2. Effect of context feature on POS of word W3 in a directed graph
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Another type of association rules can be achieved by the word W3 itself (regardless
of background characteristics of the word). If we assume that n is equal to W3 word
length, the word can be found as:

W3 ¼ w3;1w3;2. . .w3;n�1w3;n ð2Þ

In the above equation, each w3;i shows a character of W3. Given that the greatest
suffix of W3 starts from w3;2 and continues to w3;n, the total number of possible
extensions of this word is equal to n − 1. In this assumption, the linguistic suffixes of
W3 are not considered and the end of the word as a sequence of several characters in as
suffix is spotted. With this type of production, W3 can have the longest and largest
suffix, the largest prefix and also the largest infix. The following figure (Fig. 3) shows
the largest possible affixes for W3 word which are produced by our method.

Table 3. Association rules that created from previous graph (Fig. 2)

Number If part Then part

1 W1W2W4W5 T3

2 W1W2W4- T3

3 W1W2-W5 T3

4 W1W2– T3

5 W1-W4W5 T3

6 W1-W4- T3

7 W1–W5 T3

8 W1— T3

9 -W2W4W5 T3

10 -W2W4- T3

11 -W2-W5 T3

12 -W2– T3

13 –W4W5 T3

14 –W4- T3

15 —W5 T3

16 —— T3

Fig. 3. Largest affixes of word W3
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Having both the largest infixes and the way to compute these infixes, all prefixes,
infixes and suffixes of word W3 can be produced. Table 4 shows the possible number
of prefixes, suffixes and infixes that can be generated by this method.

In order to make association rules, for each word in the training corpus, we cal-
culate a set of rules which are taken from the context and those of the word itself.
Number of produced rules for each word is calculated as follows:

Rw3j j ¼ 1
2
� n2 þ n
� �þ 16 ð3Þ

For example, this amount for a word with length of 5 has 31 rules. Number of rules
generated and the different distributions of these rules are provided in test results. Four
rule sets which are accordingly called rules set of background, suffix rules set, a set of
infix rules and a set of prefix rules are resulted from the process of making association
rules.

Evaluation of Association Rules. Two criteria are used to assess association rules,
support measure and confidence measure. Given a rule R as follows:

R : A ! B ð4Þ

Supports standard rules of R is equal to the number of transactions in Section A to
the total number of transactions. If we consider S to be the set of all transactions, the
rate of this measure which is shown with sup(R) can be calculated as follows:

supðRÞ ¼ jðs 2 S; s contain A&BÞj
jSj ð5Þ

In the above equation, |S| is equal to the number of elements in set S. The
benchmark of confidence rule of R is equal to the recurrence ratio of B in transactions
involving A to the number of transactions involving A. The amount that is shown by
conf (R) is calculated as follows:

conf ðRÞ ¼ jðs 2 S; s contain A&BÞj
jðs 2 S; s contain AÞj ð6Þ

Table 4. Number of affixes that created in this project for a word with length n

Type of affix Count

Prefix n − 1

Infix n�2ð Þ n�1ð Þ
2

Postfix n − 1
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Other criteria such as Interest, Jaccard and Coefficient are used to evaluate the
association rules whose usage results for tagging unknown Persian words can be seen
in [5]. For more information about these criteria you can refer to [19].

Evaluating association rules generated from the last section comprises the training
corpus is done. And each one of the words from the training corpus is considered to be
a transaction.

Using Association Rules. The rules, which are made out of association rules after being
evaluated, and filtered, turn into our rules set. This rules set forms the basis of the
analysis of the proposed algorithm of unknown words. Words, which are recognized as
Unknown during the tagging process are not detected as unknown words by the first
stage of the analysis, can be analyzed by the using these rules.

To do this, first a list of all the Condition sections of the association rules that can
be gained from an unknown word is generated. However, all rules are made out of ones
which are included in the condition section of the above list. The resulting list is
considered as a list of enabled or active rules for the unknown word. This list is
specified by the symbol L in our research.

Although the list L possesses different solutions for tagging an unknown word, the
results need to be sorted according to priority. To do this, the list L is arranged in terms
of confidence and support respectively. Given the fact that this sort of prioritizing
views confidence and support as two significant criteria, the results would be more
promising in comparison with the use of confidence or support single pose. The sorted
list above is called SL whose first response can be used as the tag name. For example, if
you search for the word “ ارگ‌ناسنا /humanist”, some items in the beginning of the list SL
are equal to:

As Table 5 shows, the first rule tags, the word “humanist” as an ADJ. The correct
tag for this word is ADJ which proves the correct diagnosis or detection.

Another example of the application of association rules for the word “ شسوسحم /
appreciable” is some basic elements of corresponding word which are included in the
following table:

As Table 6 shows, the first rule tags, the word “ شسوسحم ” as an N. The word is
correctly labeled as ADJ so it is a mistake to rule 1. This error can be corrected in two
ways. The first way is to use better techniques for sorting rules. The second way that is
used by this algorithm is to use all the answers in different phases or Fuzzy logic for all

Table 5. The first seven rules that fired for word “/ ارگ‌ناسنا humanist” (sample 1)

Sample N. N. Rule type If part Then Part Support count Confidence

1 1 Postfix ارگن ADJ 22 1

1 2 Postfix ارگنا ADJ 9 1

1 3 Infix رگناسن N 7 1

1 4 Postfix رگناس N 7 1

1 5 Postfix رگناسنا N 7 1

1 6 Postfix ارگـ ADJ 7 0.96

1 7 Postfix ارگ ADJ 217 0.94
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the answers. Answers rated higher have a closer connection with or attachment to the
result section of those words for tagging unknown word. The obtained Fuzzy solutions
from this method are clarified by tagging.

Sequential Associative Classifier (SAC). As it was shown in the previous example, it
is highly likely that after sorting the list of active rules, the correct answer is not in the
front of the SL. Thus, designing a mechanism by which the other answers can be
utilized is an explicit focus of this research and is taken into consideration.

Using all the answers of association rules in a meaningful and balanced way as well
as clarifying the relation among them with the help of Hidden Markov Model is the
proposed approach or solution of this study by exploiting or making use of next or
other answers, and the classification which results from that is called SAC.

Hidden Markov Model Tagging requires a probability table for each tag so that
each row in the table specifies is the probability of each word with part of speech
tagging (P(W|T)). Computing this table for unknown words is not possible since they
do not exist in training corpus. Our proposed solution to compute the probabilities is
the following relationship. Following equation shows the way the fuzzy amount of
attachment of estimated word T for unknown word (Wunknown) is calculated.

PðWunknownjTÞ ¼ 1
1þ a � b ð1� PðTÞÞ ð7Þ

In the above equation, P(T) is the prior probability of the tag T. It is equal to the
number of occurrences of that tag in train corpus to all the words in this corpus. The
value of a shows the rank of tag T in the list of fired rules. The b variable is a simple
coefficient that tuned between 1 and 20 in experiments. In fact, classifier SAC is using
the above equation to calculate the needed probabilities of the hidden Markov model
algorithm for unknown samples. These probabilities cannot calculate by using the
training data set directly.

In fact, SAC classification is a technique that provides more power for analyzing
unknown words in combination with HMM and CBA algorithms. This technique can
be used in many usages like, Machine Translation (MT), Name Entity Recognition
(NER) and also Name Phrase Chunking (NP Chunking).

Table 6. The first seven rules that fired for word “ شسوسحم /appreciable” (sample 2)

Sample N. N. Rule type If part Then part Support count Confidence

2 1 Postfix شسو N 5 1

2 2 Infix وسح ADJ 1,350 0.98

2 3 Prefix وسحم ADJ 1,342 0.98

2 4 Postfix شس N 569 0.97

2 5 Infix سوس N 587 0.84

2 6 Postfix ش N 97,206 0.8

2 7 Infix سوسح ADJ 50 0.79
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Managing the Impact of Word Count on Association Rules. There are some delicate
points in making rules that can improve the quality of which when they are given heed.
One of these points is the effect of occurrence of the different words in train corpus.
Many words such as روشک /country, ناریا /Iran and یملاسا /Islamic are the most repeated
words in this corpus, and also the rules that created from this words have a high rating
on support count. Also, when these words are not ambiguous (each word has one and
only one possible POS tag), the confidences of created rules are very high. The fol-
lowing table (Table 7) shows the three words along with words whose prefixes are
similar and take different label.

If we evaluate a rule like R: Prefix “ شک ” → N support count would equal to 23,261
and confidence of 95.5 %. While a rule like R: Prefix “ شک ” → V has support count of
1,058 and with a confidence of about 4.3 %, which is considered a very low accuracy.
This type of construction of rules creates an optimism towards the rules that created
from the mostly repeated words and consequently weakens the chances of rules that
create from less repeated words. This issue can be solved by balancing the number of
times a word is repeated so that the impact of the number of repetition is preserved and
also that greedy manner is dismissed. The impact of this normalization is presented in
the chapter concerned with tests and experiments.

5 Experimental Results

Experiments for this study have been performed on 10 million words Bijankhan corpus
[2]. This corpus also called Peykare. The words in this corpus are tagged in two levels,
from one hand there are just 14 main tags and on the other hand there are about 606
partial tags.

This version of Bijankhan corpus is the newest version of this corpus. During
testing process in this article 90 % of the corpus is used for training data and the rest for
the test data. In this research, first-level labels of this corpus have been used. Repetition

Table 7. Three group of words that have similar prefix but different POS Tags

Group Id Word POS Tag Count

1 روشك N 23,261

1 هتشك V 1,058

1 يريمشك AJ 30

1 ناشكناشك ADV 12

2 يملاسا AJ 18,361

2 ملاسا N 5,071

2 دنايملاسا V 4

3 ناريا N 21,687

3 يناريا AJ 2,758

3 مايناريا V 3
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rate of known and unknown words in this test is shown in Table 8. The calculated
values in the following table are given by assumed ambiguity threshold of 0.

To prepare four rule sets for unknown words, the training data are used. After
generating all possible rules from training data set, the rules of prefixes, suffixes and
Infixes with confidence of less than 0.6 have been removed. Rules of the context words
are huge. In our study, more than 50 million of these rules have been found. These rules
are first filtered based on the support count of less than 5 and then refiltered based on
confidence rate of less than 0.6. Table 9 indicates each rule set with number of rules
remained.

Table 10 shows the results of utilizing the resolving phases for problems of
unknown words in this study. In the Basic level, each unknown word tagged with tag N
that is the most likely tag for these types of words. As the Table 10 shows, method
number 6 includes the best results for Persian unknown word POS tagging. With the

Table 8. Percent of known and unknown word in the corpus

Word type Count Coverage percent

Known 977,447 99.20 %

Unknown 7,546 0.80 %

Table 9. Created rule sets in this project

Rule set Count of rules

Prefix rules 228,757

Infix rules 391,532

Postfix rules 250,155

Context rules 1,136,905

Total rules 2,007,349

Table 10. Result of proposed algorithms on Peykare

Id Approach Sentence
accuracy

Known
accuracy

Unknown
accuracy

Total
accuracy

1 Basic 61.3 % 98.1 % 59.4 % 97.8 %

2 TNT 61.8 % 98.1 % 65.1 % 97.9 %

3 Heuristic approach 61.8 %% 98.1 % 66.2 % 97.9 %

4 Heuristic approach + CBA 62.9°% 98.1 % 79.6 % 98 %

5 Heuristic
approach + CBA + SAC

63 % 98.1 % 81.2 % 98 %

6 ACUT (Heuristic
approach + CBA +
SAC + Normalization)

63.1 % 98.1 % 81.8 % 98 %
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improving 21.8 % compared to the Basic approach, it represents the accuracy of 81.8 %
for unknown words POS tagging. In this method, the value of 14 for b in Eq. (7) is
chosen. Normalizing range of 0 to 1000 has been used.

Since different rates of unknown words in previous researches have been applied, in
order to compare the proposed method with previous researches, we have chosen the
same amount of unknown words repetition rate. To do this the words in the training data
are sorted based on the number of occurrences of that word in the corpus in an ascending
list. Then the first element of the list considered as unknown word and fetched to reach
the desired level of repetition rate. Comparison results are shown in the Table 11.

In Table 11, the A1 algorithm is given by Mohseni and Minaei-Bidgoli [13]. The
corpus used in A1 is the same we have used here. We have divided the corpus into two
separating parts, part one 80 % as training data and part two 20 % as the test data. The
rate of occurrence of unknown words of this study is different from the results we
obtained.

Approach A2 shows the proposed method by Fadaei and Shamsfard [9]. Given that
his research showed the highest accuracy in all of previous researches, the comparison
of the proposed algorithm on his corpus is required. But with all the effort, the corpus
used by Fadaei and Shamsfard was not available, so we have compared only through
this type of comparison.

A3 is another research which is done by Raja and his colleagues in the past [15].
The rate of unknown words in this study is about 1.8 %. The final method of comparing
is A4, this approach has been used by Behmanesh [4]. The repetition rate of unknown
words in this research is about 2 %.

Finally, we note the fact that association rules have a very high capability to detect
the tags of unknown words. In our research and for complex words, 18 rules fired in
average. Considering the sorting method that we have used in this research, the
probability of the correct answer in the first answer is 79 %, and 92 % in the first two
answers, and 95 % in one of the first three answers.

6 Conclusion and Future Work

In this research a method for tagging Persian unknown words has been offered. This
method can be used along with any other tagging methods. Also several tests for
evaluating this method combined which TNT tagging algorithm was done. The results

Table 11. Comparison between ACUT and most popular Persian POS Tagger

Approach Unknown
percent

Unknown
accuracy

Total
accuracy

ACUT unknown
accuracy

A1 2 % 73.50 % 95.90 % 87.60 %

A2 12 % 88 % 90.90 % 90 %

A3 1.80 % 79.44 % 96.94 % 87.30 %

A4 2 % 69.35 % 96.07 % 87.60 %
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at the best state shows 8.18 % accuracy for tagging unknown words and 98.1 %
accuracy for tagging known words. The proposed method of this research which is
known as ACUT (Associative Classifier Unknown Tagger) is a combination of some
simple heuristic rules, CBA classification SAC classifier and a type of normalization.
SAC classification is a technique that provides more power for analyzing unknown
words in combination with HMM and CBA algorithms.

Also, for the first time, we have provided a Persian sentence boundary detection.
The results of experiments in this research for the best state showed 63.1 % sentence
detection accuracy. This accuracy is better than best English sentence POS tagger [12].
As an improvement for proposed algorithm, other associative classifiers like CMAR
[11] and CPAR [22] can be offered. Also it is offered to use classifiers like SVM for
choosing correct answer among SL list.

Acknowledgments. The authors would like to thank Noor Text Mining Research group of
Computer Research Center of Islamic Sciences (www.noorsoft.org) for supporting this work.
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Abstract. The widespread usage of optimization heuristics such as Particle
Swarm Optimizer (PSO) imposes huge challenges on parameter adaption. One
variant of PSO is Comprehensive Learning Particle Swarm Optimizer (CLPSO),
which uses all individuals’ best information to update their velocity. The novel
strategy of CLPSO enables population to read from exemplars for specified
generations which is called refreshing gap m. In this paper, we develop two
classes of Learning Automata (LA) in order to study the learning ability of
automata for CLPSO refreshing gap tuning. In the first class, a learning
automaton is assigned to the population and in the second one each particle has
its own personal automaton. We also compare the proposed algorithm with
CLPSO and CPSO-H algorithms. Simulation results show that our algorithms
outperform their counterpart algorithms in term of performance, robustness and
convergence speed.

Keywords: Particle Swarm Optimizer (PSO) � Comprehensive Learning
Particle Swarm Optimizer (CLPSO) � Learning Automata (LA) � Parameter
adaption

1 Introduction

Particle Swarm Optimization (PSO) [1, 2] is an iterative optimization approach that
optimizes a problem by producing new feasible solutions in the problem space. In each
generation of the PSO a new population produces and evaluates through a fitness
function. Since the introduction of PSO, many researchers have developed the original
framework of PSO. Having a well-known standard algorithm, Bratton and Kennedy
defined a straightforward extension of the PSO algorithm in [3]. Comprehensive
Learning Particle Swarm Optimizer (CLPSO) [4] is a PSO variant, which uses a new
velocity update strategy based on historical best information of all particles. CLPSO
preserves the diversity of the swarm and avoids premature convergence.

Learning Automata (LA) [5] are adaptive decision-making machines operating on
unknown environment. Recently, many researchers explore the applications of LA in
diverse fields such as: Evolutionary Algorithms (EAs) [6], Grid computing and Cloud
computing [7, 8], Wireless Sensor Network (WSN) [9] and image processing [10].
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LA has been successfully applied to various classes of EAs which consist of: PSO,
Genetic Algorithm (GA), Differential Evolution (DE), Ant colony Optimization
(ACO), Artificial Bee colony (ABC), Artificial Immune System (AIS), Firefly Algo-
rithm (FA) and Imperialist Competitive Algorithm (ICA).

Standard PSO [3] easily get trapped in local minima when solving complex
problems. A lot of research has been done on hybridizing PSO and LA so far.
Adjusting the PSO parameters [11], controlling PSO population [12] and incorporating
Cooperative PSO (CPSO) [13] mechanism into the standard PSO via the usage of a
learning automaton [14] were among them. There is a key parameter in CLPSO [4]
named the refreshing gap m, which allows a particle to learn from its exemplar for
certain number of generations. In this paper, we have proposed learning automata based
algorithms for adaptive parameter selection in CLPSO. Two categories of CLPSO
parameter adaption are proposed. In the first category the refreshing gap is set for
whole population while in the second category, each particle adjust its refreshing gap
individually. The new CLPSOs with adaptive refreshing gap are tested on several
benchmark functions. The experimental results show that the novel learning strategy
has been improved the CLPSO’s performance.

The rest of this paper is composed as follow: Sect. 2 reviews CLPSO and standard
PSO. Section 3 gives an introduction to LA and a brief note of its applications.
Section 4 describes the proposed algorithms based on LA. Section 5 gives the simu-
lation results and performance analysis. And finally, Sect. 6 concludes the paper.

2 Comprehensive Learning Particle Swarm Optimizer
(CLPSO) Versus Standard PSO

Premature convergence on multimodal functions and trapping in local minima are two
problems of standard PSO [3]. Comprehensive Learning (CL) strategy of CLPSO [4] is
aimed to avoid these phenomena by maintaining the population diversity. In the fol-
lowing we introduce the CLPSO algorithms in term of its differences toward standard
PSO: (1) In standard PSO each particle simultaneously learns from its best personal
position (pbest) and best global position of the swarm (gbest). While in CLPSO, an
exemplar function is used for each particle of the population in which each dimension
of particles learns from its corresponding pbest or another particle’s pbest in that
dimension. (2) As f(x) = f ([x1, x2, …, xD]), the fitness value of a particle in standard
PSO is determined with D variables. While in CLPSO the fi = [fi(1), fi(2), …, fi(D)]
function specifies that each dimension of particle learns from which particle’s pbest. 3)
The velocity update equations of the standard PSO and the new CL strategy of CLPSO
are different from each other.

3 Learning Automata (LA) Representation

Reinforcement Learning (RL) is the combination of dynamic programming and
supervised learning. Learning automaton [5] is an stochastic optimization machine
which is one of the branches of Reinforcement Learning (RL) algorithms. An automaton
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is composed of an action set and a probability vector. After enough interactions with the
unknown environment, the optimal action will emerge which has the highest proba-
bility. The detailed formulation of Learning Automaton is reported in [5]. Moreover,
Fig. 1 sketches how automaton interacts with its corresponding environment and
receives reward and penalty signals.

Parameter adaption [11] is one of the most sophisticated tasks of EAs. As there are
sensitive parameters in PSO, it needs a mechanism to synthesize and analysis them
during the evaluation trend. Using LA as the movement engines of the PSO particles is
another PSO variant [12]. In this model a learning automaton is designated to each
particle and controlled the velocity of the particle. Cooperative PSO [13] is a new
version of PSO which assigns an independent swarm to each component of solution
vector and optimizes the problem cooperatively. A Hybrid CPSO (CPSO-H) [13] is an
algorithm that combines the CPSO algorithm with the PSO [3]. Given that a learning
automaton has the ability to learn the structure of benchmark function and that the
CPSO-H and PSO algorithms have interleaved execution, it would be ideal to have an
adaptive switching mechanism that could exploit both beneficial properties of these two
algorithms adaptively. This adaptive approach is called Cooperative PSO – LA
(CPSOLA) and is introduced in [14].

4 Proposed Algorithms

4.1 Naïve Tuning of CLPSO’s Refreshing Gap

After executing exemplar function of CLPSO algorithm [4], the particles have specific
number of generations to learn from their designated exemplar. This counter is
refreshing gap m which is set to seven for all the benchmark functions. So, this
parameter could not scale well with unimodal or multimodal problems. Also, the
structure of the objective function may have influence in determining the exact value of
this parameter. Figure 2 shows the refreshing gap changes and its related eligibility.
This experiment conducted on Rosenbrock, Quadric, Ackley and Rastrigin benchmark
functions with 10 dimensions and 10 particles. All the functions are optimization
problems which the lower their fitness values, the better their performance are.

From Fig. 2, we can observe that m has a direct impact on problem results. For
Rosenbrock, Quadric, Ackley and Rastrigin better results were reached when m is
around 9, 3, 6 and 2 respectively. But, in CLPSO experiments [4], the refreshing gap
m is set at seven for all benchmark functions which is a simple choice for this
parameter.

Fig. 1. The interaction between learning automata and environment
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Considering the CLPSO’s refreshing gap [4] as a constant in all experiments is a
prototype implementation which fades the significance of it. In order to have a reliable
vision toward the problem space, we should adaptively adjust this parameter. Figure 3
depicts that CLPSO’s population learn m times from exemplar function. In each gen-
eration of CLPSO algorithm all particles learn from their exemplar function for seven
times. The following scenarios show the low flexibility of CLPSO’s refreshing gap.

Scenario 1: In order to perform global search at the early generations of the CLPSO
[4], we may consider refreshing gap m as a small value. Also while exploiting from
local minima, we need larger refreshing gap m to perform local search. After exploiting
from local minima, a realtime change in diversity is crucial to continue population
search path toward global minima (again small m value is needed).

Scenario 2: The structure of existing benchmark functions such as unimodal and
multimodal problems are coherent to their mathematical equations. For solving these
problems, we may need an algorithm which dynamically optimizes the problems. In
CLSPO [4] an adaptive mechanism could tune the refreshing gap m while solving
different benchmark functions instead of considering it as a constant for all problems.

Scenario 3: One could adjust the refreshing gap m in the population and particle level.
The regulation of this parameter in population level will promise similar explore and

Fig. 2. CLPSO results on four test functions with different refreshing gap

Fig. 3. In every m generations new exemplars are reassigned to particles
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exploit abilities for all particles. This uniform refreshing gap m solved unimodal
problems efficiently, but in order to optimize the multimodal problems more efficiently
we will need proper diversity for this parameter. By adjusting this parameter in par-
ticles level, we could have proportional refreshing gap m for different particles.

4.2 Macroscopic Adaptive CLPSO (MaPSO)

In Macroscopic Adaptive CLPSO (MaPSO) a learning automaton is attached to the
whole population. The automaton has the rule of adjusting refreshing gap m and has
three actions: increases, decreases and halts the m value. Each time the automaton
chooses an action and set the refreshing gap value, the particles of population will learn
from their exemplars for m generations. The schematic view of MaPSO is depicted in
Fig. 4.

We should define a suitable feedback from CLPSO population for selected action
of the automaton. The MaPSO‘s reinforcement signal is calculated through (1), which
i is the current generation number. In every m generations the gbest calculated and
compared by previous gbest position of population. If the gbest fitness improved, then
the selected action will get the reward otherwise it will be punished. Adjusting the
value of refreshing gap m, The MaPSO has tried to balance the global and local search.
Also this algorithm could have different search strategies toward solving different
objective functions.

b ¼ 0 if fitness gbesti\gbesti�1ð Þ
1 Otherwise

�
ð1Þ

Fig. 4. Structure of the MaPSO
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4.3 Microscopic Adaptive CLPSO (MiPSO)

The CLPSO individuals exemplars are updated each m = 7 iterations, which is not a
flexible mechanism for function optimization. The mentioned MaPSO algorithm
adjusted the refreshing gap parameter in population level in which all particles read
from a common refreshing gap m. In multimodal problems where population is scat-
tered on multiple local minima, depending on the position of particles, each particle
need a different m value to read from its exemplar. Previously in Sect. 4.1, we dis-
cussed the necessity of the adaptive refreshing gap m.

The Microscopic Adaptive CLPSO (MiPSO) is a variant of CLPSO, which a
learning automaton is mounted on each individual. In MiPSO a set of LA is determine
the value of refreshing gap for particles. The LA interact to the environment and
receive their reinforcement signal from individuals’ pbest. In multimodal test functions,
while the population spread in the problem space, this mechanism will diversify the
refreshing gap value. This diversity will be beneficial while trying to optimize complex
multimodal problems. The internal structure of MiPSO employing CLPSO is given in
Fig. 5.

In MiPSO each particle learns from its exemplar for m generations. If the reminder
of division of the current generation number and the particles refreshing gap is equal to
zero, then the associating learning automaton will select an action and increase, keep or
decrease the value of the refreshing gap m. The reward and penalty signals of each
automaton are defined based on its associating pbest. If the pbest of the particle is

Fig. 5. Structure of the MiPSO where N is the population size
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improved, then the selected action will get the reward otherwise it will be punished.
The reinforcement signal is calculating based on (2), which i and j are representing the
current generation and current individual, respectively.

b ¼ 0 if fitness pbest ji\pbest ji�1

� �

1 Otherwise

�
ð2Þ

While giving flexibility to individuals, MiPSO gave different particles flexible
exploration and exploitation powers. Population diversity in term of refreshing gap can
completely cover the problem space in multimodal problems. In MiPSO each particle
could have special exploration and exploitation attributes based on its refreshing gap m.

5 Numerical Simulation

The experiments are conducted on TEC 2006 benchmark functions [4] which are
proposed to test CLPSO algorithm. Simulations were organized to compare MaPSO
and MiPSO with 2 PSO algorithms including CPSO-H [13] and CLPSO [4] on 16 test
problems with 10 and 30 dimensions. For 10 dimensional problems, the population size
is set at 10 and the maximum number of function evaluations is set at 30000. For the 30
dimensional problems, the population size is set at 40 and the maximum number of
function evaluations is set at 200000. For all experiments, 30 independent runs of the
MaPSO and MiPSO and the other two algorithms were executed to obtain the average
and standard deviation of the results. The results of these simulations are shown in
Tables 1 and 2.

The MaPSO and MiPSO are tested on various kinds of learning algorithms and
finally we selected the LR-P (Linear Reward-Penalty) learning schema with learning
parameters alpha = beta = 0.1. Each automaton corresponding to MaPSO or MiPSO
algorithms has an action set which varies the value of refreshing gap. The variation of
refreshing gap m is in the range of [1,20] and the initial value of refreshing gap is set to
1, for all automata.

5.1 10-Dimensional Problems

Table 1 shows the averages and standard deviations of the 30 runs of CPSO-H, CLPSO,
MaPSO and MiPSO on 16 benchmark functions with 10 variables. The best results are
bolded. From the results in Table 1, we can perceive that in Sphere problem (f1), the
MiPSO outperforms the other PSOs. The sphere problem is a simple and convex
problem that MiPSO can optimize it faster than other PSOs. In Rosenbrock problem (f2)
the proposed algorithms are got trapped in local minima and the automata couldn’t
utilize the refreshing gap value properly. Also in unrotated multimodal problems (f3-f8),
MaPSO and MiPSO couldn’t manage the global and local searches simultaneously and
the algorithms performance is worse than their rival algorithms. In rotated multimodal
problems (f9-f14), the algorithms that see the problem dimensions independently are
failed to optimize these kinds of problems. The MaPSO optimizes 2 out of 6 of rotated
problems. Finally in Composition problems CLPSO is the best choice.
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Table 1. 10-dimensional results after 30000 function evaluations

F CPSO-H [13] CLPSO [4] MaPSO MiPSO

f1 4.98E-45 ± 1.00E-44 5.15E-29 ± 2.16E-28 7.48E-75 ± 3.08E-74 2.86E-116 ± 1.57E-115

f2 1.53E + 00 ± 1.70E + 00 2.46E + 00 ± 1.70E + 00 3.69E + 00 ± 1.56E + 00 3.56E + 00 ± 2.14E + 00

f3 1.49E-14 ± 6.97E-15 4.32E-14 ± 2.55E-14 1.74E + 00 ± 1.37E + 00 1.64E + 00 ± 1.23E + 00

f4 4.06E-02 ± 2.80E-02 4.53E-03 ± 4.81E + 03 1.72E-02 ± 2.12E-02 3.01E-02 ± 5.03E-02

f5 1.07E-15 ± 1.67E-15 0.00E + 00 ± 0.00E + 00 6.45E-02 ± 1.74E-01 8.54E-02 ± 2.52E-01

f6 0.00E + 00 ± 0.00E + 00 0.00E + 00 ± 0.00E + 00 1.03E + 00 ± 1.12E + 00 1.29E + 00 ± 1.61E + 00

f7 2.00E-01 ± 4.10E-01 0.00E + 00 ± 0.00E + 00 1.57E + 00 ± 1.19E + 00 1.30E + 00 ± 1.06E + 00

f8 2.13E + 02 ± 1.41E + 02 0.00E + 00 ± 0.00E + 00 4.56E + 02 ± 2.34E + 02 4.88E + 02 ± 2.27E + 02

f9 1.36E + 00 ± 8.85E-01 3.56E-05 ± 1.57E-04 9.78E-01 ± 1.08E + 00 8.45E-01 ± 1.14E + 00

f10 1.20E-01 ± 8.07E-02 4.50E-02 ± 3.08E-02 3.23E-02 ± 2.60E-02 5.01E-02 ± 8.24E-02

f11 4.35E + 00 ± 1.35E + 00 3.72E-01 ± 4.40E-01 8.22E-01 ± 6.44E-01 5.64E-01 ± 5.47E-01

f12 2.67E + 01 ± 1.06E + 01 5.97E + 00 ± 2.88E + 00 6.43E + 00 ± 2.34E + 00 6.50E + 00 ± 3.04E + 00

f13 1.90E + 01 ± 9.05E + 00 5.44E + 00 ± 1.39E + 00 4.93E + 00 ± 2.03E + 00 4.51E + 00 ± 1.65E + 00

f14 9.67E + 02 ± 3.67E + 02 1.14E + 02 ± 1.28E + 02 9.41E + 02 ± 2.48E + 02 1.02E + 03 ± 3.02E + 02

f15 1.65E + 02 ± 1.42E + 02 1.64E + 01 ± 3.63E + 01 2.42E + 01 ± 4.06E + 01 3.62E + 01 ± 5.52E + 01

f16 2.46E + 02 ± 2.18E + 02 1.98E + 01 ± 2.93E + 01 3.94E + 02 ± 7.67E + 01 4.11E + 02 ± 7.26E + 01

Table 2. 30-dimensional results after 200000 function evaluations

F CPSO-H [13] CLPSO [4] MaPSO MiPSO

f1 1.16E-113 ± 2.92E-113 4.46E-14 ± 1.73E-14 2.78E-53 ± 1.19E-52 2.30E-64 ± 1.03E-63

f2 7.08E + 00 ± 8.01E + 00 2.10E + 01 ± 2.98E + 00 2.31E + 01 ± 1.83E + 00 2.37E + 01 ± 1.17E + 00

f3 4.93E-14 ± 9.17E-14 0.00E + 00 ± 0.00E + 00 1.10E-14 ± 3.00E-15 1.27E-14 ± 2.59E-15

f4 3.63E-02 ± 3.60E-02 3.14E-10 ± 4.64E-10 0.00E + 00 ± 0.00E + 00 0.00E + 00 ± 0.00E + 00

f5 7.82E-15 ± 8.50E-15 3.45E-07 ± 1.94E-07 0.00E + 00 ± 0.00E + 00 0.00E + 00 ± 0.00E + 00

f6 0.00E + 00 ± 0.00E + 00 4.85E-10 ± 3.63E-10 3.32E-02 ± 1.82E-01 0.00E + 00 ± 0.00E + 00

f7 1.00E-01 ± 3.16E-01 4.36E-10 ± 2.44E-10 3.33E-02 ± 1.83E-01 1.00E-01 ± 3.05E-01

f8 1.83E + 03 ± 2.59E + 02 1.27E-12 ± 8.79E-13 2.40E + 02 ± 1.74E + 02 1.53E + 02 ± 1.43E + 02

f9 2.10E + 00 ± 3.84E-01 3.43E-04 ± 1.91E-04 1.07E-14 ± 3.49E-15 1.28E-14 ± 2.57E-15

f10 5.54E-02 ± 3.97E-02 7.04E-10 ± 1.25E-11 1.08E-08 ± 5.89E-08 1.40E-09 ± 4.78E-09

f11 1.43E + 01 ± 3.53E + 00 3.07E + 00 ± 1.61E + 00 9.46E-01 ± 6.52E-01 7.19E-01 ± 5.42E-01

f12 1.01E + 02 ± 3.53E + 00 3.46E + 01 ± 1.61E + 00 2.97E + 01 ± 1.21E + 01 2.87E + 01 ± 6.87E + 00

f13 8.80E + 01 ± 2.59E + 01 3.77E + 01 ± 5.56E + 00 2.52E + 01 ± 6.36E + 00 2.47E + 01 ± 8.93E + 00

f14 3.64E + 03 ± 7.41E + 02 1.70E + 03 ± 1.86E + 02 3.04E + 03 ± 4.04E + 02 3.16E + 03 ± 4.05E + 02

f15 1.30E + 02 ± 1.64E + 02 7.50E-05 ± 1.85E-04 6.50E-04 ± 3.10E-03 5.01E-07 ± 2.58E-06

f16 7.83E + 01 ± 1.60E + 02 7.86E + 00 ± 3.64E + 00 5.21E + 02 ± 8.12E + 01 5.54E + 02 ± 9.90E + 01
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5.2 30-Dimensional Problems

The same experiments as 10 dimensional problems are performed on 30 dimensional
problems and the results showed in Table 2. MaPSO and MiPSO are collectively
suppress CPSO-H and CLPSO algorithms on f4, f5, f6, f9, f11, f12, f13, f15 and especially
significantly improve the performance on f4, f5. The Group A problems are simple
unimodal problems which require a simple iterative heuristic to optimize them.
Although the number of functions evaluations increased from 30000 to 200000, the
proposed algorithms couldn’t maintain their performance on simple unimodal problems
with respect to 10 dimensional problems. MiPSO algorithm optimizes the f4, f5, f6
better than CLPSO and CPSO-H. Since CPSO-H and CLPSO are considered the
variables of problem space independently, in rotated multimodal problems (f9-f14),
because of the fully rotated nature of the problems the performance of CPSO-H and
CLPSO drop off and the performance of MiPSO significantly improved. In the two
composition problems (f15-f16) with randomly distributed local and global optima,
MiPSO significantly improves the results on f15. The set of learning automata asso-
ciating with refreshing gaps of each particle of MiPSO population could balance the
exploration and exploitation attributes of this heuristic. Finally CLPSO performs the
best on f16, because of its diverse solutions.

From the results of Tables 1 and 2, MaPSO and MiPSO are not the best choices for
optimizing unimodal and simple multimodal problems and either they are not solving
the 10 dimensional problems efficiently. Since there are many variables which are
involved in real world problems and these problems are like multimodal optimization
problems with high dimensions, it is reasonable to use an algorithm which performs
well on multimodal and high dimensional problems.

6 Conclusion

In this paper we present two variants of Comprehensive Learning PSO (CLPSO) with
adaptive learning strategy where learning automata regulate the refreshing gap of
CLPSO. Two branches of intelligent algorithms are proposed. In the first category, the
same refreshing gap is set for whole swarm while in the other category each particle has
its own automaton which adjusts the refreshing gap individually.

According to the results of MaPSO and MiPSO on both 10 dimensional and 30
dimensional problems, we can conclude that the proposed algorithms do not act the
best for low dimensional problems. There is a cost for tuning the refreshing gap in
order to attain better results in high dimensional problems, and the cost is the slow
convergence of the proposed algorithms in 10 dimensional problems. The MaPSO and
MiPSO are achieved the best results in three, 10 dimensional problems. However they
perform better on rotated multimodal problems where the problem dimensions are
correlated together. Also in 30 dimensional problems the proposed algorithms perform
the best in 7 out of 16 benchmark functions. From the clear difference of 10 and 30
dimensional problems, we observe that the proposed adaptive strategy enable the
MaPSO and MiPSO to make use of the learning ability of the learning automata to
optimize the problems more accurately than CPSO-H and CLPSO algorithms.
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As long as the surface of 10 dimensional problems is plain, there is no need for
extensive search to optimize the problems efficiently. The MaPSO outperforms MiPSO
in 10 dimensional problems because of its simple one automaton structure. But in 30
dimensional problems where the problem space is complicated and in some cases the
problem space is rotated, the distributed behavior of MiPSO’s set of learning automata
could appropriately adjust the value of refreshing gap by active feedbacks from the
problem’s landscape.
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Abstract. Recently, biologically inspired methods have been proposed for
solving combinatorial optimization problems like the travelling salesman
problem (TSP). This is a well-known combinatorial optimization problem which
belongs to NP-hard class. It is desired to find a minimum-cost tour while visiting
each city once. This paper presents a variant of the TSP in which the traveling
cost between each pair of cities is represented by fuzzy numbers instead of a
deterministic value. To solve this fuzzy TSP, a bio-inspired algorithm based on
physarum polycephalum model is used. This organism can find the shortest
route through a maze by trying to locate the food sources placed at the exits. It
also can attract the maximum amount of nutrients in the shortest possible time.
Our algorithm is capable of finding an optimal solution for graphs with both
crisp and fuzzy numbers as their cost of edges. Numerical examples of some
networks are used to illustrate the efficiency of the proposed method.

Keywords: Combinatorial optimization � Fuzzy travelling salesman problem �
Physarum polycephalum � Fuzzy numbers

1 Introduction

The TSP is a representative of a large class of problems known as combinatorial
optimization problems well-studied in computer science, operation research and
mathematics. The objective of this problem is to find the closed route of the shortest
length through a given set of cities where each city is visited just once. This is an NP-
hard problem [1], so it cannot be solved in polynomial time. Robot control, mobile
computing, vehicle routing, automated guided vehicles scheduling and integrated cir-
cuits design are some practical applications of TSP [2]. A TSP is defined by providing
its data consists of weights assigned to the edges of a finite complete graph. Com-
monly, the weight of each edge, which represents time or cost, is assumed to be crisp,
but in practical applications, it is difficult for decision makers to determine the weights.
A typical way to handle uncertainties in edge weights is to use fuzzy set theory [3–5].
The TSP in a graph with fuzzy edge weights is known as fuzzy TSP. Generally, neural
network approaches, genetic algorithms [6], simulated annealing methods [7], ant
colony optimization [8] and particle swarm optimization [9] are common bio-inspired
algorithms for TSP [10].

Living organisms are systems which are adapted to effectively perform specific
tasks that are necessary for their survival. For example, the large unicellular amoeba-
like true slime mould physarum polycephalum can find the shortest route through a
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maze by trying to locate the food sources placed at the exits, and to attract the max-
imum amount of nutrients in the shortest possible time. The physarum polycephalum
plasmodium is an aggregate of protoplasm with tubular elements that can form a
dynamic tubular network within the discovered food sources [11]. By extracting the
physiological mechanism of its path finding ability, a path finding mathematical model
was constructed [12]. Furthermore, it is capable of solving many graph theoretical
problems [13–15].

In this paper, we are motivated to develop an algorithm for fuzzy TSP using
physarum polycephalum. This paper is arranged as follows. In Sect. 2, some basic
concepts and theories are reviewed. Section 3 briefly explains the physarum model.
Section 4 describes the proposed algorithm for solving the fuzzy TSP. Experiments are
presented in Sect. 5 where our algorithm is applied to solve some problem instances
including a tourist problem for graph with crisp and fuzzy weights. Finally, concluding
remarks are given in Sect. 6.

2 Definition

In this section, some basic definitions including fuzzy numbers and fuzzy distance
[3, 16] are briefly explained.

2.1 Fuzzy Numbers

Definition 1. A fuzzy set ~A in a universe of discourse X is characterized by a mem-
bership function l~AðxÞ which associates with each element x in X a real number in the
interval [0, 1]. The function value l~AðxÞ is termed as the grade of membership of x in ~A.

~A ¼ ��
x; l~AðxÞ

�jx 2 X
� ð1Þ

Definition 2. A fuzzy set ~A on X is normal iff supx2Xl~A xð Þ ¼ 1 where sup means
supremum (least upper bound) of a universe.

Definition 3. A fuzzy set ~A on X is convex iff l~A kxþð ð1� kÞyÞ� l~A xð Þ ^ l~A yð Þ� �
;

8x; y 2 X;8k 2 ½0; 1�, where ^ denotes the minimum operator.

Definition 4. A fuzzy set ~A is a fuzzy number iff ~A is normal and convex on X.

Definition 5. A triangular fuzzy number ~A is fuzzy number that can be defined by a
triplet (a, b, c), where the piecewise linear membership function can be determined as
follows:

l~AðxÞ ¼

0; x\a
x�a
b�a ; a� x� b
c�x
c�b ; b� x� c

0; x[ c

8
>>>><

>>>>:

ð2Þ
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A triangular fuzzy number ~A in the universe set X that conforms to this definition
shown in Fig. 1.

Definition 6. Assuming both ~A ¼ a1; a2; a3ð Þ; ~B ¼ ðb1; b2; b3Þ are triangular numbers,
then the basic fuzzy operations are:

~A� ~B ¼ a1 þ b1; a2 þ b2; a3 þ b3ð Þ; for addition ð3Þ
~A� ~B ¼ a1 � b1; a2 � b2; a3 � b3ð Þ; for subtraction ð4Þ
~A	 ~B ¼ a1 
 b1; a2 
 b2; a3 
 b3ð Þ; for multipulation ð5Þ

~Aø~B ¼ a1=b3; a2=b2; a3=b1ð Þ; for division ð6Þ

2.2 Fuzzy Distance

The fuzzy distance indexed by parameters 1\p\1 and 0\q\1 between two fuzzy
numbers ~A and ~B is a nonnegative function given by [3, 16]:

Dp;qð~A; ~BÞ ¼
h
ð1� qÞ

R 1

0 A�
a � B�

a

�� ��pdaþ q
R 1

0 Aþ
a � Bþ

a

�� ��pda
i1=p

; p\1
1� qð Þsup0\a� 1 A�

a � B�
a

�� ��� �þ q inf0\a� 1ð Aþ
a � Bþ

a

�� ��Þ; p ¼ 1

8
<

:
ð7Þ

Where inf means infimum (greatest lower bound) of a universe. Since the signif-
icance of the end points of the support of the fuzzy numbers is assumed to be the same,
q ¼ 1=2ð Þ and p ¼ 2 in [3] are also adopted in this paper.

For triangular fuzzy numbers ~A ¼ a1; a2; a3ð Þ and ~B ¼ ðb1; b2; b3Þ the above dis-
tance is then calculated to [16]:

Fig. 1. A triangular fuzzy number ~A ¼ ða; b; cÞ
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D2;ð1=2Þ ~A; ~B
� � ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1
6

X3

i¼1
ðbi � aiÞ2 þ ðb2 � a2Þ2 þ

X2

i¼1
ðbi � aiÞðbiþ1 � aiþ1Þ

h ir

ð8Þ

3 Physarum Model

In this section, the Physarum Model is explained briefly [3, 17]:
Suppose that the shape of physarum can be represented as an undirected fuzzy

weighted network. Starting and ending nodes are considered as two food sources,
which are marked as N1 and N2 and other nodes are denoted by Ni. Qij denotes the flux
through the edge between nodes Ni and Nj. According to the Hagen Poiseuille, the flux
through the tube can be described by [3]:

Qij ¼ Dij

~Lij
ð~Pi � ~PjÞ ð9Þ

Where ~Pi is the pressure at node Ni; ~Lij is the length of edge eij as a fuzzy number
and Dij is the conductivity of eij. Without loss of generality, Qij is initially set to crisp
number 0 and Dij to crisp number 1.

Since the inflow and outflow must be balanced, we have
P

i Qij ¼ 0; ðj 6¼ 1; 2Þ: For
the nodes that represent food sources, we have

P
i Qi1 þ I0 ¼ 0;

P
i Qi2 � I0 ¼ 0,

where I0 is the flux from the source node which is set as a constant in the model. Using
the above equations, the network’s Poisson equation for the pressure with fuzzy
number is derived as:

X
i

Dij

~Lij
ð~Pi � ~PjÞ ¼

�1; for j ¼ 1
þ1; for j ¼ 2
0 ; otherwise

8
<

:
ð10Þ

By initializing the pressure at source node to 0, the pressure at other nodes would
be calculated. By using the triangular fuzzy numbers, the length of each edge and
pressure at each node are represented as ~Lij ¼ ð~L1ij; ~L2ij; ~L3ijÞ and ~Pi ¼ ~P1

i ; ~P
2
i ; ~P

3
i

� �
. By

adopting fuzzy distance, Eq (9) can be reconsidered as follows:

Qij ¼ Dij
 / 

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1
6

X3

k¼1
ð
~Pk
j

~L4�k
ij

�
~Pk
i

~L4�k
ij

Þ2 þ ð
~P2
j

~L2ij
�

~P2
i

~L2ij
Þ2 þ

X2

k¼1
ð
~Pk
j

~L4�k
ij

�
~Pk
i

~L4�k
ij

Þð
~Pkþ1
j

~L3�k
ij

�
~Pkþ1
i

~L3�k
ij

Þ
" #vuut

ð11Þ

Where / is an adjustment coefficient which is needed since we are using the fuzzy
distance measure instead of the fuzzy subtraction operation.
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According to the relation between the flux and tube thickness, the variation of
conductivity Dij can be described using the following formula:

d
dt
Dij ¼ f Qij

�� ��� �� cDij ð12Þ

where c is decay rate of the tube and f is an increasing function with f 0ð Þ ¼ 0.

Algorithm 1 illustrates the physarum model used for solving fuzzy shortest path
problem.

The algorithm will stop when all the conductivity values remain unchanged. The
final result contains the tubes, whose conductivity values are near 1. These tubes will
comprise the shortest path.

4 Our Proposed Method

For an n-city TSP, there is (n − 1)!/2 possible tours. Obviously, for large values of n,
generating all potential candidate tours is computationally intractable. This intracta-
bility has led to development of a number of heuristic approaches which can produce
relatively short tours, though these tours are not guaranteed to be minimal [10].

Through observations and experiments on the plasmodium of slime mold physarum
polycephalum and the physiological mechanism of tube formation, a mathematical
model has been constructed. In this plasmodium, the tubes of network grow thicker in a
given direction when shuttle streaming of the protoplasm persists in that direction for a
certain time [15]. Based on this operation of physarum which can be employed to solve
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combinatorial optimization problems, its model is used in this paper to solve TSP as an
NP-hard problem.

Since in TSP we should find a Hamilton cycle, this problem is considered as several
constitutive shortest path problems which can be solved by physarum model. For this
purpose, the cities in TSP are grouped into some clusters based on their geographical
locations [18, 19]. Next, the two adjacent clusters are linked together via their two
nearest cities. Then, the physarum model is run in each cluster to find the shortest path
between its cities, provided two specific cities are predefined as start and end nodes of
the path. These nodes are determined when a shortest link between two clusters is
designated.

The detail of our proposed algorithm is explained in three steps:

4.1 Clustering the Cities

Many clustering algorithms can be used for grouping the cities according to their
positions in the plane. K-means algorithm as one of the simplest unsupervised learning
methods is used in our scheme. Its procedure follows a simple and easy way to classify
a given data set through a certain number of clusters (i.e., k clusters). Since the results
of algorithm depend on the value of k and there is no general theoretical solution to find
the optimal number of clusters for any given data set, different values of k is tried.

Algorithm starts with k = n/3 clusters and then progressively decrements it in order
to find the optimum number of clusters. Since the time complexity of our algorithm
increases by reducing k, this reduction is terminated when k reaches n/8. The output of
this phase would be k clusters C1, …, Ck.

4.2 Linking Clusters to Each Other

In order to link two adjacent clusters Ci and Cj, the connecting edges between each two
cities of these clusters are ranked according to their weights. Then the shortest edge is
selected as the connection between these two clusters. This process of connecting two
adjacent clusters continues until all clusters have connections to their two nearest
clusters. After connecting all clusters, the two marginal cities in each cluster are des-
ignated as start and end nodes. These cities are used in the next phase to find the
shortest path among cities in each cluster.

4.3 Finding Shortest Path in Clusters

Providing the start and end nodes of each cluster, the cities in this cluster are given to
Algorithm 1 which uses the fuzzy physarum model. This algorithm finds the shortest
path between cities. For fuzzy TSP with fuzzy weights on edges, the fuzzy distance is
used in the algorithm. Fuzzy distance is adopted to measure the difference between two
fuzzy numbers. Using fuzzy distance, our method can be applied on both triangular and
trapezoidal fuzzy numbers as well as crisp numbers.

Figure 2 illustrates the details of our proposed method that are described in previous
sub-sections in a flowchart form.
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5 Experimental Results

In this section some graphs are considered to demonstrate the consequence of the
proposed algorithm. In the first subsection, the results of our method is shown for a
classical TSP that is taken from TSPLIB [20] with crisp numbers between nodes, and in
the second, fuzzy TSP is tested.

5.1 Classical TSP

The algorithm is checked for TSP benchmark problem “Burma14” that have exact
solution. To perform the first step of method, K-means clustering is used to group cities
and then the algorithm is executed for variant values of k. Figure 3 shows the position
of cities for this problem and one of the consequences of clustering with k ¼ 3:

On the second step, the shortest paths between clusters is found and start and end
nodes are determined for each cluster (Fig. 4). After specifying these nodes, Algorithm
1 is used to find the shortest path in each cluster. The results of this step is depicted in
Fig. 5. The optimal solution for this example by using proposed method is equal to

Fig. 2. The flowchart of our proposed method
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Fig. 3. Grouping cities into three clusters
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Fig. 4. Linking k = 3 clusters of “Burma14” to each other
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31.4536 and sequence of nodes is in the following form “2, 1, 10, 9, 11, 8, 13, 7, 5, 6,
12, 4, 3, 14, 2” that is as an optimal known sequence [20].

5.2 Fuzzy TSP

To illustrate our results for fuzzy graphs, crisp weights of three examples from TSPLIB
[20] are transformed to triangular fuzzy numbers. To accomplish this, peak values are
kept from crisp matrix, and two other elements resulted by adding and subtracting a
constant value to the peak number. After finding the sequence of traveling cities, the
fuzzy numbers are defuzzified by the Center Of Gravity (COG) method, which is
simply the arithmetic mean of the three characteristic points of the fuzzy number, and
then these crisp numbers are summed up providing the total distance of the tour [21].

An example that is tested in previous section (“Burma14”), is checked here with
fuzzy numbers. Equation (13) is used as a constant value for constructing fuzzy
numbers:

c ¼ Maximum value of costs�Minimum value of costs
Number of nodes

ð13Þ

After fulfilling the defuzzification, the total cost of the optimal tour for the
“Burma14” problem with k ¼ 3 clusters, would be equal to 34.8335 and sequence of
nodes is “2, 1, 10, 9, 11, 8, 13, 7, 5, 6, 12, 4, 3, 14, 2”.

“ulysses22” is another example from TSLIB, with 22 nodes and 231 edges.
According to the proposed algorithm, the optimal sequence of the nodes for this graph
with fuzzy triangular numbers and k ¼ 5 clusters is shown in Fig. 6.

Figure 7 shows the distribution of 29 cities of bayg29 and the optimal result
obtained by the proposed algorithm with 7 clusters. The best solution found is the same
as optimal known solution [20].
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6 Conclusion

This paper proposed a bio-inspired solution for solving classical TSP d fuzzy TSP
problems. Solutions in the literature are devoted to the classical problem, so after
redefining the TSP and transforming it to fuzzy TSP a novel approach is proposed. In
the fuzzy TSP, the costs between the nodes are represented by fuzzy numbers.

For finding the solution of problems, our proposed method combines the fuzzy
theories (including fuzzy numbers and fuzzy distance) with a path finding model
inspired by an amoeboid organism, physarum polycephalum.

Our method was tested first by classical TSP benchmark problem “Burma14”. Then
for inspecting of new algorithm, we transformed TSP problems, “Burma14”,
“ulysses22” and “bayg29” to the fuzzy graphs and show the results of them.
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Abstract. Here, a novel method for extracting parallel sub-sentential fragments
from comparable corpora is presented. The proposed method aims to extract
bilingual sentence fragments from noisy sentence pairs. We define a similarity
measure between bilingual sentence fragments which is actually a linear com-
bination of some new features. The features used are fragment length, LLR
score, alignment path specifications in the block and translation coverage
fraction. This method enables us to extract useful machine translation training
data from comparable corpora that contain no parallel sentence pairs. Evalua-
tions indicate that proposed method is very efficient and not only outperforms
the existing similar systems in the measure of precision and recall; it also helps
to improve the performance of a statistical machine translation system.

Keywords: Comparable corpora � Parallel fragments � Machine translation

1 Introduction

Data used for training statistical machine translation method are usually prepared from
three resources: parallel, non-parallel and comparable text corpora. Parallel corpora are
ideal resources for translation but due to lack of these kind of texts, non-parallel and
comparable corpora are used.

Comparable corpora are consist of documents having similar subjects written in
two different languages. Due to fast development of public communications, these
documents are available in large amount. Tens of thousands of words of news
describing the same events are produced daily, so comparable corpora exist in large
scale and the ability to exploit them for parallel data acquisition is highly beneficial for
the SMT field.
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Most of existing methods for exploiting comparable corpora look for parallel data
at sentence level. However, we believe that very non-parallel corpora have none or few
good sentence pairs; most of their parallel data exists at the sub-sentential level.

Our proposed system is implemented based on extracting fragment blocks from
input related sentences using score calculated from special features such as fragment
length, LLR score, alignment path specifications in the block and translation coverage
percentage.

The systems which our system is compared to, are fragment extraction system
designed by Munteanu and Marcu (2006) as base system and an improved version of
that, which are both implemented in C#. Base system has a problem about assigning
alignments that is considering alignments greedily. It means that the best translation for
each word is chosen as corresponding translation and is omitted from other words
candidate sets. This is a defect for languages having multiple alignments like Farsi.

In improved version, some changes applied to base system such as considering
multiple alignments instead of greedy alignments, optimized candidate detection phase,
using length filter, normalizing LLR scores according to how comparable the input text
is and changing some parameters for better adaptation for Farsi language.

2 Related Works

Most of the papers involving comparable corpora has focused on extracting word
translations (Fung and Yee 1998; Rapp 1999; Diab and Finch 2000; Koehn and Knight
2000; Gaussier et al. 2004; Shao and Ng 2004; Shinyama and Sekine 2004). Another
related research effort is that of Resnik and Smith (2003), whose system is designed to
discover parallel document pairs on the Web.

Our work lies between these two directions; we attempt to discover parallelism at
the level of fragments, which are longer than one word but usually shorter than a
sentence. Thus, the previous research most relevant to this paper is that aimed at mining
comparable corpora for parallel sentences.

The earliest efforts in this direction are those of Zhao and Vogel (2002) and
Utiyama and Isahara (2003). Both methods extend algorithms designed to perform
sentence alignment of parallel texts: they use dynamic programming to do sentence
alignment of documents hypothesized to be similar. These approaches are only
applicable to corpora which are at most “noisy-parallel”, i.e. contain documents which
are fairly similar, both in content and in sentence ordering.

Munteanu and Marcu (2005) analyze sentence pairs in isolation from their context,
and classify them as parallel or non-parallel. They match each source document with
several target ones, and classify all possible sentence pairs from each document pair.
This enables them to find sentences from fairly dissimilar documents, and to handle any
amount of reordering, which makes the method applicable to truly comparable corpora.
The research reported by Fung and Cheung (2004a, b), Cheung and Fung (2004) and
Wu and Fung (2005) is aimed explicitly at “very non-parallel corpora”. They also pair
each source document with several target ones and examine all possible sentence pairs;
but the list of document pairs is not fixed. After one round of sentence extraction, the
list is enriched with additional documents, and the system iterates. Thus, they include
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in the search document pairs which are dissimilar. One limitation of all these methods
is that they are designed to find only full sentences. Our methodology is aimed at
detecting sub-sentential correspondences. This is a difficult task, requiring the ability to
recognize translationally equivalent fragments even in non-parallel sentence pairs.

There are not many mentionable works in the field of extracting parallel fragments.
The main work done in the fragment extraction field is the system designed by
Manteanu and Marcu (2006) that by analyzing potentially similar sentence pairs using a
signal processing inspired approach, detect which segments of the source sentence are
translated into segments in the target sentence, and which are not.

The work of Deng et al. (2006) also deals with sub-sentential fragments. However,
they obtain parallel fragments from parallel sentence pairs (by chunking them and
aligning the chunks appropriately), while we obtain them from comparable or non-
parallel sentence pairs.

3 Extracting Parallel Fragments

The proposed method as previously mentioned, is a method for extracting parallel
fragments from comparable corpora. In this section the details of proposed system is
explained.

3.1 Document Alignment

For some documents such as “khameneii.ir” corpus, which source and target docu-
ments are not aligned together, document alignment is required. For this problem we
addressed document alignment in comparable documents as an assignment problem of
bipartite graph matching and intended to find the sub graphs having the maximum
weight. This problem is an combinational optimization problem with known mathe-
matical solutions which Here, Murker’s assignment algorithm (Hungarian) was
selected to solve the problem. Length and translation relevance of words considered as
features.

3.2 Algorithm Procedure

In proposed method we use two different lexicon table similar to the base system. The
first one is a simple dictionary for indicating candidate sentences and the second one is
a lexicon based on LLR score which is used in fragment detection. The LLR based
lexicon is obtained from the same way in Munteanu and Marcu (2006) which is based
on the LLR computation formula in Moore (2004).

In proposed method, we use a score matrix for considering different alignments
forms. In such a way that corresponding words LLR score matrix is created for each
candidate sentence pair. Then in a descending order, the point having the highest score
is chosen as starting point of fragment extraction and highlighted points (having highest
scores) are processed for fragment extraction one after another.
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The threshold value is obtained empirically. Lowering the threshold leads to a
decrease in quality of fragments. So we decrease the threshold until the time that
desired quality of fragments is not affected. Indeed, for each highlighted point clus-
tering process is done and each cluster represents a fragment.

The procedure of finding fragment for each highlighted point is as below:

• The score of the fragment is computed according the features and patterns. Patterns
are chosen considering languages type using the algorithm (currently English-Farsi)
and common structures of fragments in these languages. Patterns are learned from a
training corpus. For example diagonal structure with slope of +1 or −1 is one of the
most common structures in English and Farsi fragments. Which means that con-
secutive words obeying diagonal structured usually are aligned together. Features
will be explained in next section.

• Fragment’s neighborhood is searched (first time the fragment is just a point and 8
adjacent points form its neighborhood) and total score of the fragment is computed.
Then the points which leads to the highest score is chosen and will be added to the
path.
The chosen word will be connected to its parent (the word with minimum distance
of x or y) in order to preserve fragment structure.

• The score is updated.

Figure 1 shows the algorithm block diagram. If block score is less than a certain
threshold, the search is terminated. Also if a fragment is picked, its words are not used
for next fragments (fragments do not overlap). Figure 1 shows an example of applying
algorithm to a sentence pair and expanding path block around a highlighted point.

Fig. 1. Example of applying proposed method
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3.3 Features

The following features used in proposed method:

1. Fragment length: longer fragments are preferred and scores are normalized con-
sidering length ratio. This feature’s value is considered as path length which refers
number of assignments.

2. Mean of LLR score: LLR score is initial factor and refers to translation feature, so
the higher the LLR score, the better the fragment.

Mean of LLR score ¼
PN

i¼1 LLRi

N
ð1Þ

3. Translation coverage: the number of words having translation in the range of
maximum and minimum indices picked from matrix is important. More translation
equivalents lead to higher score.

Translation Coverage ¼ I
X

ð2Þ

Where I denotes the number of assignments, and X is the maximum length between
the source and the destination sentences.

4. The slope of the fragment skeleton in a block: In the language pairs with nearly
monotone word orders, the slope is close to one (diagonal form). The feature refers
to total slope of block (Fig. 2).

5. Standard deviation of the slopes of the lines forming the fragment block: Checks
fracture of the path. More than one fracture usually does not lead to good fragments.
This feature is correlated with distribution of slope value of lines forming the
fragment path.

6. Proximity of fragment block ribs length: it means that if length of equivalent source
and target fragment are close, the block is more square-shaped. This feature is not
correlated with block slope, just consider the fragments length of sentence pair.

Proximity ¼ j maxx� maxyð Þ
ðmaxy� minyÞ j ð3Þ

Which x and y are the coordinates of chosen points.

These scores are scaled between 0 and 10 and total score is obtained as linear com-
bination of these features values and their weights.

Score ¼
P6

i¼1 wi:fiP6
i¼1 wi

ð4Þ

3.4 Features Weighting

To estimate the weights for the best performance, a golden corpus consists of 800
sentence pairs is randomly selected was built and 1630 reference fragments was
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Fig. 2. Block diagram of proposed system
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specified. According to this tuning corpus, features weights are estimated using the
simulated annealing algorithm.

4 Experiments

4.1 Corpora and System Parameters

For initial system training and creating LLR lexicon table, probabilistic lexicon
extracted form PEN corpus (Farajian 2011) was used which is a parallel news corpora
(Table 1).

Precision, recall and F-measure are estimated on the word level. For the test phase, a
human annotated corpus is used. The corpus is consisted of 1800 sentence pairs along
with the correct reference fragments. Test corpus is consisted of text picked from four
different comparable corpora having different domains, different styles and different
quality of translation. The statistics of the test corpus are shown in Table 2.

In the evaluation phase, the experiments are conducted to answer the following two
questions:

• How good are the extracted fragments?
• What is the impact of these extracted data on an SMT system?

The experiments are done using precision and recall measures which are calculated as
below: (assuming X is candidate set and Y is reference set)

Table 1. parallel corpus and lexicon tables specification

Initial parallel corpora 30479 parallel sentence pairs

Simple lexicon 71090 entries

LLR lexicon 229747 entries

Table 2. The statistics of test corpus

Reference
fragments
number

Quality of
translation

Subject Number
of pairs

Corpus name

475 Bad-few common
text

Political 500 Khameneii.ir

602 Average-comparable Art-general 500 Tehran
avenue

652 Good-semi parallel News-
political

500 Central Asia

278 Good-comparable General 300 Books
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recallðY jXÞ ¼ jX \ Y j
X

ð5Þ

precisionðY jXÞ ¼ jX \ Y j
Y

ð6Þ

F�measure ¼ 2 � precision � recall
precisionþ recall

ð7Þ

4.2 Extracted Data Experiment

In this section, we want to evaluate how good the extracted fragments are.
Figure 3 shows proposed method total performance for different kinds of corpora.

As is clear the most important factor for improving performance of algorithm is domain
adaptation of test and train corpora for creating LLR lexicon which leads to more
fragments and consequently improving recall. Also structure of input sentences affects
algorithm precision, because the diagonal patterns which are used as feature, obtained
from language structure. But clearly the precision of algorithm is very high and the
reason is choosing appropriate features.

4.3 SMT Performance Results

In this section we want to evaluate the effect of extracted data on SMT system. The
proposed method is applied to “book”, “khameneii.ir” and “Tehran avenue” compa-
rable corpora which could not be used for system training because of low quality
before. 9834 fragment (almost 26000 words each side) was extracted from them.

Fig. 3. Total performance of proposed system
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For evaluation, we trained SMT system once with PEN corpora and second
extracted fragments are added to train set. For test process, once 1000 sentences from
PEN (not used for training) were chosen and the other time 1000 sentences chosen
from “khameneii.ir”, “central Asia” and “Wikipedia” are used for test set. Result of
BELU measurement of systems are as below:

As the Table 3 shows, adding extracted data to train set, has improved system
BELU in both systems (Although extracted data compared to PEN corpora are small).
In the first case which test set was picked from PEN, improvement is just 0.33 but in
the second case, although system total BELU is decreased but BELU in second system
has increased by 1.4 points compared to the baseline system. This increase appeared
because data extracted from “khameneii.ir” was in second system train set and helped
in translation process. Also the reason for total decrease of system BELU is that train
data is insufficient for test set and test set text was mainly speech and hard to translate.

4.4 Comparing Proposed System to Other Implemented Systems

As Fig. 4 indicates, proposed method has better results in both recall and precision
criterions in comparison to base system and improved base system.

Table 3. Evaluation of extracted data effect on SMT system

System with added data Base system

18.46 18.16 Test set 1

15.75 14.36 Test set 2

Fig. 4. Comparison of proposed system and two other systems
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These better results is obtained because of choosing more precise features and
considering proper patterns for fragment extraction.

The results of improved base system is also better than base system which is
because of not using greedy alignment and using multiple alignments which is more
appropriate for nature of Farsi language.

As Fig. 4 shows, recall is lower than precision and f-measure criterions that is
because of some reasons such as difference of test and train domain and conversational
sentences in test set which are not obeying language structures and make it hard to
detect equivalent translation.

5 Conclusion

In this paper a novel system was introduced which is implemented based on extracting
fragment blocks from source and target candidate sentence pairs using score calculated
from special features. These features set consists of fragment length, LLR score, gra-
dient value of fragment skeleton in block, distribution of gradient values of lines
forming the fragment block, proximity of fragment block ribs and translation coverage
percentage. This method is used to extract useful machine translation training data from
comparable and non-parallel corpora, which contain no parallel sentence pairs. Eval-
uations showed that proposed method is very precise and not only outperforms the
existing similar systems from precision and recall viewpoints, but also its extracted data
improves the performance of a base statistical machine translation system from 0.33 up
to 1.4 BELU points according to different test set.
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Abstract. Autonomous navigation in unknown environments is a challenging
task. Several sensor-based methods like the Bug algorithms have been proposed
to tackle the problem. But most Bug-type algorithms neglect practical imple-
mentation issues like robot dimensions and maneuver limitations. This paper
presents a modified version of TangentBug algorithm especially designed for
car-like robots. The method proposes a revised heuristic distance for more stable
robot motion-to-goal behavior. Also the boundary following is modified to suit
the limited steering of car-like robots. Simulation results show that the modified
TangentBug is applicable to car-like robots with acceptable performance.

Keywords: Sensor-based � Autonomous navigation � Unknown environment �
Obstacle avoidance

1 Introduction

Today one of the most active fields of research in robotics is autonomous navigation of
mobile robots. Several projects have been reported in the literature ranging from
autonomous navigation in completely known indoor environments to completely
unknown outdoor environments.

Crucial to every autonomous mobile robot is the ability to detect and avoid the
obstacles that may appear on the robot path to the goal. In scenarios where the envi-
ronment is known in advance, the robot can make use of the map to compute a feasible
and optimal path to the goal and with the aid of a good localization method it can reach
the goal (if it is reachable). But as the environment gets bigger more memory and
processing power is needed to maintain its map. Besides it is not always possible to
build a map of the environment in advance. That is why navigation methods that
assume no prior knowledge of the environment and only rely on available data pro-
vided by robot onboard sensors (sensor-based methods) are attractive. Using these
methods the robots can navigate through the unknown environments and reach the goal
without colliding with any obstacle [1].

The family of sensor-based Bug-type navigation algorithms is famous for their
simplicity. They assume local knowledge of the environment but try to reach the global
goal. One of the first algorithms of this family is Bug1 [2] which is followed by Bug2
[2] and Bug2+ [3]. A flavor of Bug-type algorithm is RoverBug [1] which is an
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extended version of WedgeBug [1]. WedgeBug is especially designed and optimized
for operation under severe resource constraints e.g. power consumption, and memory
usage. Instead of range sensors it uses stereo vision to detect and bypass obstacles.
Another interesting algorithm which utilizes Bug2+ algorithm is ABug [4]. It uses
Bug2+ to generate multiple paths to goal and then performs A* search on the tree of
generated paths to obtain the optimal path.

Most of the Bug-type algorithms assume that robot can perform perfect localization
and sensor readings are flawless. However that is not the case in a real world scenario.
Yet another extension of Bug algorithm that has tried to tackle the problem of inac-
curate localization and sensor data is IBug [5]. This algorithm assumes the robot is
unable to obtain accurate data from its sensors and so unable to localize itself accu-
rately. The only sensor on the robot which provides real values is the one which
measures the strength of a signal emanating from the goal position [5]. The robot can
also check whether it is facing the goal or not using the alignment sensor.

TangentBug [6] is perhaps one of the most important Bug algorithms to date. It is
especially designed to work with range sensors instead of tactile ones used in Bug1 and
Bug2. This algorithm tries to shorten the path traveled by utilizing range data. Since
TangentBug does not consider robot dimensions and its maneuver limitations, it is not
possible to readily use it as navigation algorithm on car-like robots. This paper addresses
practical implementation issues of TangentBug with application to car-like robots.

The rest of this paper is as follows: Sect. 2 gives an overview of TangentBug
algorithm. Section 3 describes the changes made to TangentBug. Section 4 presents
simulation results. Section 5 concludes the paper.

2 TangnetBug Algorithm Overview

TangentBug, like other Bug-type algorithms has two modes of operations (behaviors)
that are motion-to-goal and boundary-following and assumes no prior knowledge of the
environment. The algorithm starts with motion-to-goal behavior. At each time step
local tangent graph (LTG) is built based on range sensor data. Then the robot moves
directly toward the goal point if the direct path to it is clear according to LTG. But if the
path is blocked by an obstacle then the endpoints of the obstacle named Oi’s are found
and the one which maximally reduces a heuristic distance is chosen and the robot
moves toward it. This heuristic distance may be defined as [7]:

heuristic distanceðx;TÞ ¼ dðx;OiÞ þ dðOi;TÞ ð1Þ

where x is the robot position, Oi is the obstacle endpoint position, T is the goal position
and d(a, b) denotes Euclidean distance between a and b points.

The robot stays in motion-to-goal behavior and tries to decrease the heuristic
distance until (1) the goal is reached or (2) the heuristic distance starts to increase.
In the first case, the algorithm halts with success. In the second case, the robot will
switch to boundary following mode. In this mode, the robot follows the boundary of
the nearest obstacle (also referred to as followed obstacle) in the same direction
selected by the most recent motion-to-goal behavior step. The robot continues to follow
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the boundary of the followed obstacle until (1) goal is reached or (2) it completes a
cycle around the followed obstacle or (3) leaving condition is met. In the first case the
algorithm halts with success. In the second case the goal is unreachable and the
algorithm halts with failure. In the third case the algorithm switches to motion-to-goal
behavior since the following leaving condition is met. Let dmin(T) be the shortest
distance to the goal observed so far, along the followed obstacle boundary. Now the
leaving condition is satisfied if there is a node VLeave in the current LTG s.t.:
dðVLeave;TÞ\dminðTÞ [6].

3 The Proposed Method

TangentBug algorithm is not directly applicable to a real robot especially to a car-like
one because it assumes the robot to be a point. But a real robot has specific dimensions.
So the robot always needs to keep its distance from the obstacles for its safety. Tan-
gentBug also assumes that the robot is capable of moving directly toward any chosen
point (on a straight line from robot position to the chosen point) regardless of the
amount of difference between robot heading and target vector (vector from robot
position to the chosen point). But a car-like robot has nonholonomic constraints i.e. it
cannot move freely to any direction. Also, the minimum turning radius of the robot
which is a function of steering angle and robot wheelbase (provided that robot speed is
slow) is nonzero which causes the robot to always move on an arc. So to make
TangentBug suitable for a car-like robot, some changes must be done.

3.1 Changes Made to the Original TangentBug

As mentioned before the method proposed here is based on TangentBug and is
designed with application to car-like robots in mind. To make TangentBug applicable
to a real car-like robot, some modifications have been applied.

Changes Made to LTG. Since the robot dimensions are nonzero i.e. the robot is not a
point, in LTG construction phase, any pair of adjacent obstacles that the free space
between them is not enough for the robot to pass through safely, must be considered as
a single obstacle in order to prevent the robot from colliding with them. To this end,
assume the range sensor scan direction is clockwise and the first point of any sensed
obstacle i (in clockwise direction) is called SOi and the last point of it is called EOi.
Also assume the robot shape is estimated by its bounding circle with radius Rb. Now
construction of LTG is performed in two phases. In the first phase, LTG is built based
on sensed obstacles as stated before in [6]. In the second phase, any pair of adjacent
obstacles like (SOi, EOi) and (SOi + 1, EOi + 1) that satisfy Eq. (2) will be merged and
considered as one obstacle namely (SOi, EOi + 1).

dðEOi; SOiþ1Þ\Rb þ s ð2Þ

where s is a tuning parameter which is used to make sure that the robot keeps a
minimum safe distance from the obstacles when moving between them. So, to consider
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adjacent obstacles as separate ones, the free space between them must be greater than
Rb + s. In Fig. 1, a sample environment is shown in which three obstacles with red
(labeled with R), green (labeled with G) and blue (labeled with B) colors surround the
robot. In Fig. 2 the small circle with a needle attached to it shows the robot position and
heading, respectively. The red circle which only three fourth (270°) of it is drawn
shows the region scanned by the range sensor (mounted on the robot). As can be seen
in Fig. 2(a), red (SOr, EOr), green (SOg, EOg) and blue (SOb, EOb) obstacles are
considered separately but the robot cannot move through the free space between green
and blue ones because it is not wide enough. Figure 2(b) shows the result of merging
phase in LTG construction based on a predefined Rb and s. Blue and green obstacles
are merged and considered as one obstacle (SObg, EObg). But obstacle (SObg, EObg) is
not merged with (SOr, EOr) because the free space between them is enough for the
robot to move through (according to Eq. (2)).

Changes Made to Heuristic Distance. In some scenarios the heuristic distance used
by TangentBug causes the robot to repeatedly switch between the two endpoints of the
blocking obstacle it is trying to bypass in motion-to-goal behavior. This switching in
endpoint selection causes constant oscillation in robot heading while moving toward
the chosen point which in turn causes robot collision with the obstacle eventually.
As an example of this scenario assume robot is in motion-to-goal behavior and the path
to the goal is blocked. So one of the two endpoints (SO and EO) of the blocking
obstacle must be chosen to bypass the obstacle. Moreover assume the whole obstacle is
not within the range sensor scan region. Also note that TangentBug has no memory of
its past so it cannot remember anything about the real dimensions of the blocking
obstacle and at each time step only the portion of the obstacle which is within the scan
region is considered by TangentBug. In Fig. 3, x is the robot current position. s is the
robot start position. T is the goal point. SO and EO are the endpoints of the blocking
obstacle. The dotted line connecting any pair of points shows the Euclidean distance

R obs. 

G obs. B obs. 

Robot 

Fig. 1. Three obstacles surround the robot namely R, G and B. The free space between G and B
is not enough for the robot to pass through safely. But the space between G and R is enough
(Color figure online).
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between them. The light gray trail between s and x shows the path traveled by the robot
so far. Note that in each part of Fig. 3(a, b, c and d) the visible portion of the blocking
obstacle is shown by thick black lines and the portion of it which is outside of scan
region is shown by thinner black lines. Also note that in each part of Fig. 3, a point
labeled as c is shown which is the safe point computed based on the chosen endpoint.
It is computed because the robot cannot head toward the chosen endpoint directly or it
will collide with the blocking obstacle [8]. Point c is computed in a way that the robot
distance to the chosen endpoint is kept in both vertical and horizontal directions.
In Fig. 3(b, c) d1 and d2 are the vertical and horizontal distance to EO (SO),
respectively.

As can be seen in Fig. 3(a), d(x, SO) + d(SO, T) is less than d(x, EO) + d(EO, T).
So the chosen endpoint is SO. The more robot moves toward the computed safe point
(c) based on SO, the more the blocking obstacle goes out of scan region. This causes
the heuristic distance of the path through EO to decrease until at some point it becomes
less than the heuristic distance of the path through SO and this is the case shown in
Fig. 3(b). After switching the chosen endpoint to EO the new safe point is computed
and the robot moves toward it. As a result, the portion of the blocking obstacle within
the scan region starts to increase. This in turn causes a situation similar to that of Fig. 3
(a) and the chosen endpoint will be switched to SO again which is shown in Fig. 3(c).
This switching process continues until the robot collides with the obstacle (Fig. 3(d)).
This switching issue is independent of the robot platform type and it is indeed a
drawback of the defined heuristic distance itself.

To solve the switching problem, a coefficient K is multiplied to the heuristic
distance value. Given x, SO and EO in the global coordinate system, two vectors

namely xSO
��!

and xEO
��!

are computed using Eq. (3). Let H
!

be the robot heading vector
with respect to the global coordinate system. Then sAngle and eAngle are computed

SOr SOg 

EOg 

SOb 

EOb 

SObg SOr 

EObg G 
B 

B,G 

R 

 )b( )a(

Robot Robot 
EOr EOr 

R 

Fig. 2. (a) LTG constructed without merging phase: R, B and G obstacles are considered
separately. (b) LTG merging phase result: B and G obstacles are merged as {B, G} (Color figure
online).
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using Eq. (4) where jH!j is the magnitude of H
!
, jxSO��!j is the magnitude of xSO

��!
and

H
!
:xSO
��!

denotes the dot product between H
!

and xSO
��!

. The same holds for H
!

and xEO
��!

.

Note that sAngle (eAngle) is the angle between H
!

and xSO
��!

(xEO
��!

).
Next sAngle and eAngle are normalized. Since the range of arccos is [0; p], sAngle

and eAngle are divided by p to become normalized. Let Ks be the normalized sAngle
and let Ke be the normalized eAngle (Eq. (5)). Now the new heuristic distance for
the path through SO (EO) endpoint is given by Eq. (6).

(a) 

(c) (d) 

SO 

EO 

T 

x 

s 

s 

SO 

EO 

T 

x 

x x 

SO SO 

EO 

T T 

s s 

c 

c 

c 

c 

d1 
d2 

d1 d2 

(b) 

EO 

Fig. 3. Oscillation in blocking obstacle endpoint selection: (a) SO is the chosen endpoint. (b) EO
is the chosen endpoint. (c) SO is the chosen endpoint. (d) Robot has collided with the obstacle
due to repeated switching between SO and EO endpoints.
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xSO
��! ¼ SO� x; xEO

��! ¼ EO� x ð3Þ

\sAngle ¼ arccos
H
!
:xSO
��!

jH!j jxSO��!j

 !
; \eAngle ¼ arccos

H
!
:xEO
��!

jH!j jxEO��!j

 !
ð4Þ

Ks ¼ sAngle=p; Ke ¼ eAngle=p; ð0�Ks;Ke � 1Þ ð5Þ

heuristic distance ¼ Ks � ðdðx; SOÞ þ dðSO;TÞÞ; for SO endpoint

Ke � ðdðx;EOÞ þ dðEO;TÞÞ; for EO endpoint

(
ð6Þ

Ks and Ke coefficients act as weighting factors. The more value of sAngle (eAngle)
increases the more Ks (Ke) increases which in turn causes heuristic distance of the path
through SO (EO) to increase. In other words, by using Ks and Ke in heuristic distance
equations, TangentBug will be biased toward selecting the endpoint which causes less
change in robot heading. This way in scenarios like Fig. 3 switching between obstacle
endpoints will not occur anymore. For example, consider the situation in Fig. 3(b).
TangentBug heuristic distance will choose EO endpoint. But note that moving toward
SO causes less change in robot heading than moving toward EO so Ks will be less than
Ke which in turn causes SO heuristic distance to be less than EO heuristic distance. So
according to the revised heuristic distance (the proposed one), SO point will be chosen
as the endpoint for obstacle avoidance and this way robot will continue its motion
toward SO and no oscillation will occur. Figure 4 shows the result of using the revised
heuristic distance. As can be seen, robot behavior during motion-to-goal mode is stable
and no collision with the obstacle has occurred.

Changes Made to Boundary Following. To follow an obstacle boundary, robot can
move on a path which is consistently orthogonal to the obstacle surface normal [7].
Assuming that the followed obstacle is locally flat, at each time step the obstacle
surface normal can be determined using range sensor data. Let m be the global min-
imum of the range data and let x be the robot position. Now vector mx�! can be
considered as the surface normal and the robot can move in the direction which is
orthogonal to mx�! (parallel to the obstacle surface) for a short distance and this process
repeats [7]. Note that this way the robot always follows the boundary of the obstacle
which contains point m.

While the boundary following method described above is suitable for robots that
have a minimum turning radius of zero such as differential drive ones, it is inappro-
priate for robots with nonzero minimum turning radius such as car-like ones. As an
example, suppose l1 and l2 are two straight walls orthogonal to each other. Moreover,
assume that a car-like robot is currently moving parallel to l1 (which means point m
belongs to l1), and l2 intersects with both l1 and the robot path. Note that the robot
always keeps a safe distance (W*) from the followed wall. So the robot distance to the
nearest point on l1 (m) is approximately equal to W* [7]. The robot will keep following
l1 until its distance to the nearest point on l2 becomes less than W* i.e. l2 becomes the
wall which has point m on its boundary. Now if the robot minimum turning radius
(Rmin) is greater or equal to W*, the robot will collide with l2.
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One way to solve this issue is to choose W* greater than Rmin. But this causes W
* to

be dependent on Rmin which may not be desirable. An alternative approach is to revise
the boundary following policy; instead of moving in the direction orthogonal to the
obstacle surface normal, the robot moves toward a safe point computed based on one of
the obstacle endpoints. The endpoint is selected among SO or EO based on the type of
the one chosen by the most recent motion-to-goal behavior i.e. if in the last motion-to-
goal behavior the type of the chosen endpoint was SO (EO) then SO (EO) endpoint of
the obstacle is selected for safe point computation. By steering the robot according
to the chosen endpoint of the obstacle, the robot has enough free space to align itself
with the obstacle boundary provided that, Rmin is less than total range of the range
sensor which is a reasonable assumption if the range sensor is a laser scanner.

The revised boundary following has two advantages. First, the safe distance value
is independent of Rmin and second, the path length traveled by the robot in boundary
following mode is reduced because the robot does not exactly follow the obstacle
boundary but a smooth approximation of it.

4 Simulation Results

To test the proposed method, Autonomous Vehicle sample project of Webots simulator
has been modified and used as the test environment. The simulation results show that
our method is capable of navigating a car-like robot in unknown environments.

Figure 5(a) compares the result of TangentBug boundary following method with
the proposed boundary following method. Robot starts from point s in motion-to-goal
behavior. The motion-to-goal portion of the paths generated by TangentBug and
proposed method are the same (the paths are overlapped). But when the robot switches
to boundary following, the paths generated by original TangentBug and our method do
not overlap anymore. As can be seen the proposed method does not exactly follow the
curve of the boundary (the circle-shape part of the obstacle). Instead the endpoint of the
boundary is followed which has caused a safe path for the robot (light gray path from

T 

s 

Fig. 4. Robot stable behavior as a result of using revised heuristic distance
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s to x2). But the original boundary following method has caused robot collision with
the obstacle (dark gray path from s to x1).

Figure 5(b) demonstrates the result of merging phase in LTG construction. As can
be seen the obstacles between E and F points are merged and the robot has avoided
them as if they were a single continuous obstacle.

Figure 6(a) shows the successful obstacle avoidance performed by the robot.
Figure 6(b) shows that the proposed method can handle dense environments which are
filled with many small obstacles with small free spaces between them.

(a) (b) 

E F 

s 

T 

s 

T 
x1 x2 

Fig. 5. Simulation results: (a) comparison of original TangentBug boundary following (dark
gray path from s to x1) with the proposed one (light gray path from s to x2), (b) the obstacles
between E and F points are merged and considered as one obstacle in LTG merging phase.

(a) (b) 

s 

T 

s 

T 

Fig. 6. Simulation results: (a) successful navigation to goal (b) robot has moved through many
small obstacles successfully.
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5 Conclusion

The original TangentBug algorithm is modified to be used as the navigation algorithm
for a car-like robot. In LTG construction, any pair of adjacent obstacles without enough
free space between them is considered as one obstacle. The heuristic distance is revised
to make the motion-to-goal behaviors more stable. Plus, the boundary following
implementation is changed to make the car-like robot, capable of following obstacle
boundary without colliding with it. The simulation results show that our method is
capable of guiding the robot through unknown environments while avoiding obstacles
on the robot path. In addition to simulations, we have tested our method on a real robot.
The results of our experiments will be published in a future paper.
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Abstract. Moving over the best path across the game field is crucial for soccer
robots, which makes path planning an important task for them. In this paper, we
propose a solution for the problem of path planning by employing Differential
Evolution (DE) algorithm and cubic Ferguson Splines. At first, a path for robot
movement is described by Ferguson splines, and then we apply DE algorithm to
optimize the parameters of the splines in order to find an optimal path between
the beginning and the end points considering obstacles between them. The
simulational results showed the performance improvements of the proposed
solution in comparison with other intelligent algorithms.

Keywords: Path planning � Differential evolution (DE) � Ferguson splines �
Humanoid soccer robot

1 Introduction

Path planning is a vital task in the soccer robot game environment, where a robot must
find the best path between starting and end points without colliding with obstacles
between them. To find such a path, the robot must consider different criteria, including
distance, time, cost, etc. to overcome the issue, which makes it a kind of a constrained
optimization problem [1, 2].

Differential Evolution grew out of Ken Price’s attempts to solve the Chebychev
Polynomial fitting problem that had been posed to him by Rainer Storn [3]. It is
population-based algorithm and employs mutation, crossover and selection operations
to obtain the best population at each generation until find the best solution to the
problem. Unlike genetic algorithm that relies on crossover, DE relies on mutation
besides selection to navigate the search toward the optimal solution. DE algorithm has
been widely used to solve many optimization problems [4–6].
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Many polynomials have been proposed to define the path of soccer robots. However,
most of them have their cons such as complexity of computations, finding improper
trajectory, etc. In [1, 3, 4] the cubic Ferguson Splines were employed to describe the
path between the arbitrary points to overcome the problem of other polynomials.

In this paper, we introduce the application of Differential Evolution algorithm to find
an optimal path for a humanoid soccer robot in a game field using cubic Ferguson
splines. The rest of the paper is organized as follows: in Sect. 2, we describe the
Ferguson splines, Differential Evolution algorithm, a fitness function that is used for
optimization, and how parents are coded for finding optimum solution. Experimental
results are presented in Sect. 3 to reflect the performance and advantages of Differential
Evolution algorithm in finding optimal path in comparison to other algorithms including
ABC, Clerk’s PSO (CPSO) and PSO. Finally, the paper will be concluded in Sect. 4.

2 Methods

2.1 Cubic Ferguson Splines

To define a Ferguson spline considering two arbitrary points P0 and P1 of the spline and
their corresponding tangent vector P

0
0 and P

0
1, we can use the following equation [11]:

X tð Þ ¼ P0f1 tð Þ þ P1f2 tð Þ þ P
0
0 f3 tð Þ þ P

0
1f4 tð Þ ð1Þ

Where t 2 ½0; 1� is parameter, Corresponding f1 � f4 are Ferguson multi-nomials which
can be described by:

f1 tð Þ ¼ 2t3 � 3t2 þ 1 ð2Þ

f2 tð Þ ¼ 2t3 þ 3t2 ð3Þ

f3 tð Þ ¼ tðt � 1Þ2 ð4Þ

f4ðtÞ ¼ t2ðt � 1Þ ð5Þ

Equations (1–5) implies that we can acquire both P0 and P1 points by Xð0Þ and X 1ð Þ.
P

0
0 and P

0
1 is simply obtained by substitution of derivations.

f
0
1 tð Þ ¼ 6t2 � 6t ð6Þ

f
0
2ðtÞ ¼ �6t2 þ 6t ð7Þ

f
0
3 tð Þ ¼ 3t2 � 4t þ 1 ð8Þ

f
0
4ðtÞ ¼ 3t2 � 2t ð9Þ
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Using Eqs. (1) and (6–9), we can conclude P
0
0 ¼ X

0
0ð Þ and P

0
1 ¼ X

0 ð1Þ. If second
Ferguson spline exists:

�X tð Þ ¼ �P0 f1 tð Þ þ �P1f2 tð Þ þ �P
0
0f3 tð Þ þ �P

0
1f4 tð Þ ð10Þ

We can connect these two splines by rule Eq. (11) and simply describe a path by a
string of Ferguson splines. The continuity of the first derivation is mandatory.

P1 ¼ �P
0
0;P

0
1 ¼ �P

0
0 ð11Þ

2.2 Differential Evolution

The Differential Evolution is a population-based algorithm, which is introduced by Ken
Price and is widely used to overcome the optimization problem in many situations.
Like other evolutionary algorithms, it tries to gain the best result by improving the
solutions through generations. It employs mutation, crossover and selection to perform
the improvement, much like genetic algorithm. However, DE mostly relies on mutation
and selection to direct the searching process and non-uniform crossover is applied to
shuffle information and provide better searching process [3, 7, 8].

To find the best solution for the problem, DE starts with a population of potential
solutions and in each generation, it employs mutation as the main operator to produce
trial vectors from each individual. These vectors will later be used by a crossover
operator to produce offspring. To produce the trial vector, DE applies the following
equation:

uiðtÞ ¼ xi1ðtÞ þ bðxi2ðtÞ � xi3ðtÞÞ ð12Þ

Where xiðtÞ represents an individual in the population and b is the scale factor. The
crossover operator performs the recombination of trial vector, and the parent vector
used in mutation step to produce the offspring. The general schema for Differential
Evaluation algorithm is as follows:

2.3 Parents Coding and Fitness Function

In order to simplify the problem of path planning, we can show mathematical notation
of Ferguson spline in 2d space as follows [9, 10]:
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r tð Þ ¼ ðx tð Þ; y tð ÞÞ ¼ a0 þ a1t þ a2t
2 þ a3t

3 ð13Þ

where

a0 ¼ 2P0 � 2P1 þ P
0
0 þ P

0
1

a1 ¼ �3P0 þ 3P1 � P
0
0 þ P

0

a2 ¼ P
0
0

a3 ¼ P0

8
>>><

>>>:
ð14Þ

Each spline is defined solely by points P0 and P1 and vectors. According to Eq. (3),
every two neighboring splines in the string share one of the terminal points and the
corresponding vector. Total number of variables that defines the whole trajectory in 2D
space is 4(n + 1), where n is the number of splines in the string. Structure of the parents
for optimization is shown in Fig. 1.

An important part of an evolutionary algorithm is the selection of a good evaluation
function as a fitness, which in this problem, global minimum of the function could
correspond to smooth trajectory that is safe and short. As the fitness function, we
choose the one introduced in [6]. The function consists of two parts that penalize the
long distance of the trajectory (f1Þ and the trajectories that causes collision with
obstacles (f2Þ. The fitness function is as follows:

f ¼ f1 þ af2 ð15Þ

Where a is a weight factor that adjusts the prortion of the length and safety. f1 is defined
by the following equation:

f1 ¼ L
Lmin

ð16Þ

Where L is the length of trajectory and Lmin is Euclidian distance between starting and
end point. f2 is defined by the following equation as well:

f2 ¼
L; dmin [ dsafe

e
Dsafeþ1
dminþ1þ1 dmin � dsafe

(
ð17Þ

Where dsafe is a constant that determine the influence of that obstacles.

Fig. 1. Structure of a parent source.
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3 Experimental Results

We performed two simulations to evaluate and compare the behavior of our proposed
model in finding an optimal path for a soccer robot on the game field. In each simu-
lation, the goal for the robot is to find and travel an optimal path between two points
located arbitrarily on different sides of the field without any collisions with three
obstacles that were placed between the start and the end points randomly. Each sim-
ulation was designed in a way to compare the behavior of the model in different
conditions in a soccer game.

In the following, first, we describe parameters of each algorithm used through the
simulations and then we will show and compare the results and performance of our
proposed solution with three other models introduced in the literature, including CPSO,
PSO and ABC [9, 12] through two simulations to find an optimal path for a soccer
robot to travel on the game field. For each simulation, the best path and the conver-
gence curve as well as the process of finding an optimal path are shown.

3.1 Settings

In both simulations, values of common parameters such as population size and number
of iterations were the same for all algorithms. For each model, some specific settings
were needed to be considered given in Table 1. The population size, which indicates
the number of potentially optimal paths between the starting and end points was chosen
to be 25. Number of iterations considered for each run was 100, and each path between
the designated points were constructed by two splines. According to Eq. (10), each
spline needs eight parameters for interpolation (four parameters for beginning of the
spline and four parameters for end point of it). Since the starting and end points were
already known for each simulation and two splines were used for constructing the path,
we only needed to find the essential parameters for the joint point of the two splines;
therefore, the number of parameters for each population to be optimized is four. Safety
parameter for collision avoiding was chosen as 0.6 to consider a safe distance between
the path and obstacles.

Table 1. Configuration parameters of the algorithms.

ABC CPSO DE PSO

Min and Max Value:
3, −3

Min and Max
Value: 0, 5

Min and Max
Value: 0, 2

Min and Max
Value: 0, 3

The number of colony
size: 50

c1 and c2: 1 weighting factor:
0.7

c1 and c2: 1

Limit: 100 X: 1 crossover constant:
0.3
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Simulation I. The robot must travel a path from an arbitrary point inside its own half-
field toward another arbitrary point close to the opponent’s goal (Fig. 2). On the subject
of optimal path, DE, PSO and ABC found paths close to each other. However CPSO
performance was better and it found a little shorter path rather than 3 other algorithms.
Considering the convergence and time, CPSO converged in around 10th iteration, DE
in 15th, ABC in 16th and PSO in 25th. Regardless of converging very fast, DE took
longer total time for finding the optimal path than other algorithms and CPSO out-
performed in the matter of timing. However, in terms of converging iteration, DE
converged in a fewer iterations than PSO and ABC (Fig. 3).

Simulation II. The robot must travel a path from an arbitrary point inside its own half-
field toward another arbitrary point inside the opponent’s half-field but close to the
starting point (Fig. 5). As depicted in Fig. 6, CPSO and DE executions resulted in
finding the best outputs among all algorithms; PSO and ABC performed averagely. On
the matter of convergence, DE, ABC and PSO approached their final results in around

Fig. 2. The process of finding optimal path for a random situation in in simulation 1.

Fig. 3. The convergence steps of the four explored algorithms in 30 iterations for scenario 1.
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26th iteration, while PSO converged in around 20th iteration. Over the timing issue,
algorithms behaved nearly like scenario 1 with CPSO stays at top and DE is places at
the bottom of the list with longer time to find the best path. However, in terms of
converging time, DE finds its optimal path nearly in half of the time PSO and ABC
have needed and stays after CPSO (Fig. 7).

Discussion. In order to evaluate the excellence of our model, we compared it with three
other algorithms, including ABC [7], CPSO and PSO [9, 10]. We tested all the four
models in two different situations and described the comparison results in this section.
Considering the optimal path, as shown in Figs. 2 and 4, our model found the optimal
paths closer or better than ABC and PSO in both scenarios, but in comparison with
CPSO, the result in the second situation was only close, which indicates that DE is a
good solution for finding the optimal path in short distances. Considering convergence
as well as total execution time, simulations showed that DE did not perform much
better than others, however, as illustrated in Figs. 4 and 7, DE converged to the best
optimal path in shorter time than ABC and PSO.

Fig. 4. The total and converging time for all algorithm in scenario 1.

Fig. 5. The process of finding optimal path for a random situation in simulation 2.
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4 Conclusion

In this paper, a solution for the problem of path planning is proposed using Differential
Evolution algorithm and Ferguson Spines. The path between two arbitrary points in the
game field was described by Ferguson splines and DE algorithm was applied to seek
the desirable values of the splines’ parameters, which were led to an optimal path
avoiding the obstacles between the points. Two simulations were conducted consid-
ering situations in which a robot must travel on long and short paths. The simulation
with the longer path showed that DE performed nearly the same as Artificial Bee
Colony (ABC) and PSO in terms of path length, convergence and time; CPSO
outperformed in this scenario. In the second simulation with the shorter path, our model
performed better than ABC and PSO and closely equal to CPSO considering path
length, convergence and time. However, CPSO performed very well over the timing

Fig. 6. The convergence steps of the four explored algorithms in 30 iterations for scenario 2.

Fig. 7. The total and converging time for all algorithm in scenario 2.
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issues. Using mutation as the main operator helped DE to overcome the local minima
problem very fast. Considering the results of both simulations in terms of all criteria,
DE provided a good solution for scenarios of short paths. For future work, improved
version of DE can be applied to obtain better outcomes in comparison with CPSO,
which is an improved version of PSO, and applications of other spline functions can be
applied to gain better results with less complexity and more smoothness.
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Abstract. Artificial intelligence’s objective is to replace human decision
makers, while decision support system (DSS) has the aim of supporting rather
than replacing. In a group DSS (GDSS) a number of managers need to be
involved in the decision process. Roadway lane management can be imple-
mented by different strategies whichever is appropriate for particular situation,
based on the environment and individuals’ behavior. Solving lane management
problem requires setting weights for different management strategies by some
experts based on standards on physical characteristics of the road and some
other experts based on the individual’s behavior. Finally, the planner(s) will
choose the most appropriate strategy based on the current characteristics of the
roadway and its users and also based on previous experience on that country.
This article makes an environment which exerts experts’ consult and for each
roadway/society situation estimates fuzzy results based on this consult and
previous implementation experience from knowledge base. A Naive Bayes
classifier is the core of the proposed GDSS which handles the irrelevant attri-
butes, and can get a good estimate of the probability and do not require a very
large training set.

Keywords: DSS � GDSS � Fuzzy � Naive Bayes classifier � Lane management

1 Introduction

The term “managed lanes” includes different types of strategies that some of them have
been applied on the roads. The goal of Lane Management is maximizing productivity
of current road capacity by using operational tools. When HOV lanes are implemented,
people tend to use high capacity vehicles [1]. The central concept of HOV lanes is to
move more people rather than more cars. So, especial lanes of the way will be dedi-
cated to high-occupant vehicles that carry the minimum number of people posted at the
entrance signs. This strategy can be implemented in different ways, whichever is
appropriate for particular situation, based on the environment and individuals’
behavior.

Societal and public opinion regarding the implementation of a managed lanes
strategy may be the single most important nonoperational factor in a facility’s success
or failure. Unfavorable public opinion can result in either the curtailment or
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cancellation of projects or provide a preconceived notion of the effectiveness of a
strategy that may affect future projects. Therefore, in addition to the physical charac-
teristics some other properties must be checked to maximize the likelihood of success.
As an illustration, if the rate of high-occupant cars is less than 30−45 vehicles per hour,
then people will think HOV lane is inapplicable. Poorly thought out strategies com-
bined with insufficient public education can lead to implementation problems. There-
fore, the planner must consider two aspects in decision making. First is the power of
analyzing physical constraints and second is considering nonoperational factors. Not
only multiplicity of features and their different values in various strategies can be
confusing, but also analyzing them and estimating with previous experience in one
country is too puzzler.

When it is not desirable to delegate all decision making process steps to an auto-
mated system, a kind of information system called DSS is applied to assist decision
making [4]. There are numerous applications of DSS for solving various problems in
different industries due to their capacities in: (a) effectively addressing the needs of
multiple decision maker [5], (b) adequately modeling the subjectiveness and impre-
cision of the human decision making process [6], and (c) greatly reducing cognitive
demand on the decision makers in the decision making process [7]. If an individual
manager is responsible to make the decision, a Personal DSS (PDSS) is used. But when
a management team needs to get involved in the process, it is necessary to use a group
support system (GSS) [8]. Solving lane management problem requires weighting dif-
ferent management strategies by some experts based on physical characteristics of the
way and some other experts based on the individual’s behavior. Finally, the planner(s)
will choose the most appropriate strategy based on the current characteristics of the
roadway and its users and also based on previous experience from knowledge-based.
For this purpose, the planner uses the values of current road and users properties as
input, and the processor based on experience of previous implementations from
knowledge based and weighted strategies based on pre-defined standards by experts
helps the planner to make the best decision.

In this study a Naive Bayes Classifier has proposed and used in the processor
engine of the GSS. A Naive Bayes classifier is a supervised learning method which
considering the class variable, presence (or absence) of different features are not
dependent together. This classifier is particularly suited when the dimensionality of the
inputs is high. There are theoretical reasons in the literature about implausible effi-
ciency of Naive Bayes classifiers [9] which state that not only they have oversimplified
assumptions and naive design, but also in comparison with other classification algo-
rithms such as random forests or boosted trees, Bayes classification surpasses other
approaches [10]. The power of Bayesian classifiers caused some researchers use it as
the central computation engine in their decision support systems [11–13]. Naive Bayes
classifiers are robust to noise data because such noise data are averaged out when
estimating the conditional probabilities from all data set. Naive Bayes classifiers are
also practical classifiers to handle the irrelevant attributes. Using Bayes Theorem, it can
get a good estimate of the probability and do not require a very large training set.

In this study, a Naive Bayes classifier is adopted to identify the most likelihood
hypothesis (strategy) when the planner assumes some properties take place. The fol-
lowing chapters are organized in this way. Section 2 addresses the problem precisely
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and presents the suggestion model and its variables. Section 3 discusses the prototype
designed based on Bayesian learning to assist the HOV planner.

2 Numerical Model and Formulation

Suggestion Models provide processing support for a suggested decision in a relatively
structured task. So, we first define a model for lane management problem.

In roadway lane management problem, there are 19 objectives available for the user
to select and then set the appropriate strategy to enhance them:

1. Increase vehicle-carrying capacity.
2. Increase person-carrying capacity.
3. Increase goods-carrying capacity.
4. Maintain free flow speeds.
5. Maintain or improve the LOS.
6. Reduce travel time.
7. Increase trip reliability.
8. Provide travel alternatives.
9. Reduce peak-period vehicle trips.

10. Improve express bus service.
11. Provide transmodal connectivity and accessibility.
12. Minimize traffic crashes involving large trucks.
13. Improve air quality from mobile sources.
14. Address environmental justice concerns.
15. Encourage transit-oriented development.
16. Fund new transit and managed lanes improvements.
17. Produce enough revenue to cover O/M and enforcement.
18. Produce enough revenue to cover debt services.
19. Provide private investment return on investment.

Obviously, there is correlation between objectives and different managed lane strate-
gies. In summary, Table 1 shows the various objectives (on the right) and how they can
relate to the different strategies (on the left). By weighting objectives, the planner is
able to determine which strategy fits requirements perfectly. In this study, based on the
Tehran requirements, such as increase both vehicle and person-carrying capacity,
reduce peak-period vehicle trips and etc. the focus is on HOV lanes. HOV lanes are not
tolled for any types of vehicles and just High-occupancy vehicle, bus/BRT, LEV, Taxi/
Shuttle, motorcycle and emergency vehicle are allowed to use them [2].

In this article 4 types of strategies are considered for HOV implementation: 1. Two-
way HOV barrier separated (BRRHOV2), 2. Reversible HOV barrier separated
(BRRHOV1), 3. Two-way HOV buffer separated (BFRHOV2), 4. Two-way concur-
rent HOV (CHOV). Differences in implementations are described in the following
section.
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Table 1. Objectives of managed lane strategies

Managed lane strategy Objectives

Express Toll Lanes
Separated lanes with limited access
where all vehicles pay a toll

• Increase vehicle-carrying capacity

• Reduce travel time

• Provide travel alternatives

• Fund new transit and managed lanes improvements

• Produce enough revenue to cover O/M and
enforcement

• Produce enough revenue to cover debt service

• Provide private investment profit

HOV Lanes
Lanes that only allow vehicles that
meet or exceed a required number of
occupants

• Increase vehicle-carrying capacity

• Increase person-carrying capacity

• Reduce travel time

• Increase trip reliability

• Provide travel alternatives

• Reduce peak-period vehicle trips

• Improve express bus service

• Improve air quality from mobile sources

• Address environmental justice concerns

• Encourage transit-oriented development

Express Lanes
Separated lanes with limited access

• Increase vehicle-carrying capacity

• Reduce travel time

• Provide travel alternatives

Exclusive Transitways
Lanes or roadways which are meant to
exclusively serve buses

• Increase person-carrying capacity

• Reduce travel time

• Increase trip reliability

• Provide travel alternatives

• Reduce peak-period vehicle trips

• Improve express bus service

• Provide transmodal connectivity and accessibility

• Improve air quality from mobile sources

• Address environmental justice concerns

Encourage transit-oriented development

Exclusive Truck Lanes
Dedicated lanes in which only large
trucks are permitted

• Increase vehicle-carrying capacity

• Increase goods-carrying capacity

• Maintain free-flow speed

• Reduce travel time

• Minimize traffic crashes involving large trucks

(Continued)
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2.1 Formulation the HOV Evaluation and Selection Problem

The central concept of HOV lanes is to move more people rather than more cars. So,
especial lanes of the way will be dedicated to high-occupant vehicles that carry the
determined minimum number of people. The separated HOV facility is physically
separated from main lanes or general-purpose lanes of the freeway with either a con-
crete barrier or a wide painted buffer. The lanes may be either two-way or reversible.
Two-way separated HOV lanes usually consist of one lane in each direction, often have
limited access, and may have their own direct ingress and egress treatments [2]. A
concurrent-flow HOV lane is a freeway lane that flows in the same direction as the rest
of traffic and is not physically separated from the main lanes of the freeway. Either a
buffer or distinctive paint striping may separate the HOV lane from other traffic lanes.

Regarding to HOV strategy, some physical constraints should be satisfied:

• Current level of service in the highway (CLS),
• The lane length (LL),
• Number of lanes (NL),
• The average number of high-occupant vehicles passing the highway per hour

(HVPH),
• The width of the highway (LW),
• The average speed of vehicles passing the highway (speed),
• And the ratio of flow in two-direction of the road (VRate).

Table 1. (Continued)

Managed lane strategy Objectives

Truck Restricted Lanes
Lanes of the roadway in which large
trucks are restricted

• Maintain free-flow speed

• Maintain or improve LOS

• Minimize traffic crashes involving large trucks

HOT Lanes
HOV lanes that allow vehicles that do
not meet the occupancy requirement to
use the lanes for a fee or toll.

• Increase vehicle-carrying capacity

• Increase person-carrying capacity

• Maintain free-flow speed

• Reduce travel time

• Improve express bus service

• Improve air quality from mobile sources

• Address environmental justice concerns

• Encourage transit-oriented development

• Fund new transit and managed lanes improvements

• Produce enough revenue to cover O/M and
enforcement

• Produce enough revenue to cover debt service

• Provide private investment profit
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As it is demonstrated in Fig. 1, each HOV strategy has some criteria. Based on the
level of these criteria satisfaction, the strategy is degreed between well-applicable or
not.

There are numerous articles present numerical calculations for HOV design based
on previous experiences in HOV implementation. As an illustration, Figs. 2, 3 show the
calculations for designing reversible barrier separated managed lanes regards to the
highway width.

Fig. 1. The model of HOV selection problem

Fig. 2. Desirable measures for BRRHOV1 [3]

Fig. 3. Reduced measures for BRRHOV1 [3]
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Desired measures are calculated generally, in literature. Experts in each country can
calibrate them proportional to the physical characteristics of special vehicles and
environment. Table 2 shows the minimum specifications of criteria.

2.2 Naive Bayes Classifier Formulation

In this section the Naive Bayes principles are described, briefly. The next section
outlines how to use this classifier as the GSS processor. Consider a supervised learning
problem in which we wish to approximate an unknown target function f : X ! Y , or
equivalently PðY jXÞ. To begin, we will assume Y is a Boolean-valued random variable,
and X is a vector containing n Boolean attributes. In other words, X = <X1;
X2. . .;Xn > , where Xi. is the Boolean random variable denoting the ith attribute of
X [14].

Applying Bayes rule, we see that PðY ¼ yijXÞ can be represented as:

PðY ¼ yijX ¼ xkÞ ¼ P X ¼ xkjY ¼ yið ÞPðY ¼ yiÞP
j P X ¼ xkjY ¼ yj

� �
PðY ¼ yjÞ

Where ym denotes the mth possible value for Y, xk denotes the kth possible vector
value for X, and where the summation in the denominator is over all legal values of the
random variable Y.

One way to learn PðYjXÞ is to use the training data to estimate PðXjYÞ and PðYÞ.
We can then use these estimates, together with Bayes rule above, to determine PðY ¼
yijX ¼ xkÞ for any new instance xk. The expression for the probability that Y will take
on its kth possible value, according to Bayes rule, is:

PðY ¼ ykjX1. . .XnÞ ¼ P Y ¼ ykð ÞPðX1. . .XnjY ¼ ykÞP
j PðY ¼ yjÞPðX1. . .XnjY ¼ yjÞ

Where the sum is taken over all possible values y j of Y. When X contains n attributes
which are conditionally independent of one another given Y, we have:

Table 2. Desirable specifications for criteria

. BRRHOV2 BFRHOV2 CHOV BRRHOV1

CSL >=D >=D >=D >=D

LL >=8 km >=8 km >=8 km >=8 km

NL >=3 lanes each
direction

>=3 lanes each
direction

>=3 lanes each
direction

>=3 lanes each
direction

HVPH >=30 >=30 >=30 >=30

Speed <=48 km/h <=48 km/h <=48 km/h <=48 km/h

VRate – – – 35−65 %

LW >=16.2 + 2*3.6*
NL

>=16.2 +2*3.6*
NL

>=27 >=8.4 + 2*3.6*
NL
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P X1. . .XnjYð Þ ¼
Yn

i¼1 PðXijYÞ ð1Þ

Now, assuming the Xi are conditionally independent given Y, we can use Eq. (1) to
rewrite this as:

P(Y ¼ ykjX1. . .XnÞ ¼ P Y ¼ ykð ÞQi PðXijY ¼ ykÞP
j PðY ¼ yjÞ

Q
i PðXijY ¼ yjÞ

ð2Þ

Equation (2) is the fundamental equation for the Naive Bayes classifier. Given a new
instance Xnew ¼\X1;X2. . .;Xn[ , this equation shows how to calculate the probability
that Y will take on any given value, given the observed attribute values of Xnew and
given the distributions PðYÞ. and PðXijYÞ estimated from the training data. If we are
interested only in the most probable value of Y, then we have the Naive Bayes clas-
sification rule:

Y  argmaxyk
P Y ¼ ykð ÞQi PðXijY ¼ ykÞP
j PðY ¼ yjÞ

Q
i PðXijY ¼ yjÞ

Which simplifies to the following (because the denominator does not depend on Yk).

Y  argmaxykP Y ¼ ykð Þ
Y

i
P XijY ¼ ykð Þ ð3Þ

2.3 Bayesian Classifier for HOV Selection

When the planner is going to decide which strategy is the most appropriate one, 4
hypotheses are possible to choose (BRRHOV2, BRRHOV1, BFRHOV2, and CHOV).
The learning rule in Eq. 3 explains how to choose the most likely hypothesis, having
information about previous successful projects properties. If the properties of each
project be listed as \X1;X2. . .;Xn[ then we are looking for the most likely Yk,
k = 1…4.

Here, the value of n for BRRHOV2, BFRHOV2 and CHOV equals 6 and for
BRRHOV1 equals 7. Tables 3, 4, 5, 6, 7, 8, 9, 10, 11, 12 present the values for prob-
abilities P Y ¼ yijX ¼ xkð Þ; for each yi and xk. These values as is described in Sect. 3,
has set based on some standards from literature. Also, experts in each country can
customize them a little, based on special physical environment and individual’s behavior.

3 Prototype of GSS for Lane Management

A prototype of GSS for lane management is created in Microsoft Visual Studio with
C#. This prototype is composed of three parts: 1-The knowledge-base, 2-The entrance
gate for getting the values of current situation of a roadway, 3-The processor engine
which is a Naive Bayes Classifier to evaluate the most likelihood answer.
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As it is mentioned in Sect. 2, there are four strategies that the planner wants to
choose the most likelihood answer among them. Some features got extracted from
literature based on standards of HOV design. The most desirable and also reduced
measures for HOV features are also available in literature. But, this measurement can
get customized based on some variables in each country. The software presents the
range of acceptable values and allows experts manipulate them. So, using Eq. 3 in
Sect. 2.3, Yk (four strategies) and \X1;X2. . .;Xn[ are known. From previous expe-
rience in implementation, experts set the values of P Y ¼ yijX ¼ xkð Þ: As an illustra-
tion, suppose the possible ranges for HOV lane length as it is shown in the first column
of Table 4, is less than 2 Km, between 2 to 3, 3 to 4, 4 to 6, 6 to 8 and longer than 8
Km. Then, P Y ¼ BRRHOV2jX ¼ [ 8ð Þ. outlines that what percentage of successful
HOV projects had HOV lanes longer than 8 Km. These probabilities will be set based
on data sets using Eq. 2 in Sect. 2.3.

At the entrance gate, there are 7 inputs for our decision support system (CSS, NL,
LL, HVPH, Speed, Vrate and LW) which are entered by the planner to define the
current road situation. The properties set is allowed to be equal {v1, v2, v3, v4, v5, ;,
v7}. Note that since our system has been programmed in modular way, the number of
inputsnd possible control measures can be extended easily.

The processor engine will load \X1;X2. . .;Xn[ sets for each Yk; k ¼ 1; . . .; 4.
from predefined data base and the planner input then applies Eq. 3 to find the most
likelihood strategy. Probabilities are reported to planner as 4 numbers and also are
described in detail. As an example, the result might show that the BRRHOV2
implementation is less likely to be successful. The application shows the reason of this
decision to the planner. It might happen because of line length or line width or other
properties. The application determines which properties did not get fit with experts’
comments.

Appendix: Tables

Table 3. CLS probabilities

. BRRHOV2 BRRHOV1 BFRHOV2 CHOV

F 30 30 30 30

E 30 30 30 30

D 30 30 30 30

C 10 10 10 10

B 1e-08 1e-08 1e-08 1e-08

A 1e-08 1e-08 1e-08 1e-08

Total 100 100 100 100
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Table 4. LL probabilities

. BRRHOV2 BRRHOV1 BFRHOV2 CHOV

>8 80 80 70 65

6 << 8 15 15 25 25

4 << 6 5 5 5 10

3 << 4 1e-08 1e-08 1e-08 1e-08

2 << 3 1e-08 1e-08 1e-08 1e-08

<2 1e-08 1e-08 1e-08 1e-08

Total 100 100 100 100

Table 5. NL probabilities

. BRRHOV2 BRRHOV1 BFRHOV2 CHOV

>=5 50 98 95 90

4 27 98 95 90

3 23 90 85 80

2 1e-08 1e-08 1e-08 1e-08

Total 100 100 100 100

Table 6. HVPH probabilities

. BRRHOV2 BRRHOV1 BFRHOV2 CHOV

>60 23 23 23 23

50 << 60 23 23 23 23

40 << 50 22 22 22 22

35 << 40 22 22 22 22

30 < 35 10 10 10 10

<30 1e-08 1e-08 1e-08 1e-08

Total 100 100 100 100

Table 7. Speed probabilities

. BRRHOV2 BRRHOV1 BFRHOV2 CHOV

<30 50 50 50 50

30 << 48 40 40 40 40

48 << 65 10 10 10 10

65 << 80 1e-08 1e-08 1e-08 1e-08

80 << 100 1e-08 1e-08 1e-08 1e-08

100 << 120 1e-08 1e-08 1e-08 1e-08

Total 100 100 100 100
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Abstract. Neural action potential, named spike, plays an important role in
comprehending the central nervous systems. Neuronal spike detection is a
technical challenge due to the effect of strong noise and nonstationarity. There
are two main problems for almost all conventional spike detection approaches.
First, a filtering approach is often followed for pre-processing the data. Selection
of the filter parameters is a time-consuming task. To overcome this problem we
suggest utilizing empirical mode decomposition (EMD) and a filter whose
parameters are selected automatically. The second problem is that the spike
detection method is signal dependent and the performance changes considerably
when the data changes. To tackle this problem, a novel approach which utilizes
the data distribution is proposed. This method exploits the fuzzy set theory to
combine a number of spike detectors to achieve a higher performance. The
results demonstrate the superiority of the proposed method.

Keywords: Noisy neuronal data � Extracellular spike detection � Empirical
mode decomposition � Singular value decomposition � Genetic algorithm

1 Introduction

Extracellular recordings of neural activity provide a noisy measurement of action
potentials produced by a number of neurons adjacent to the recording electrode.
Characterization of the neural action potentials (also known as nerve impulses or
spikes) play an important role in understanding the central nervous system [1, 2].
Extracting useful information from these measurements depends on the ability to
correctly detect the spikes from the measurements [3]. The environment and mea-
surement noises in one hand and contribution of more than one neuron to each of the
recorded spike signal on the other hand are two main problems in spike detection [4, 5].
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There are three main approaches to detect spikes in neural data. The first type
includes algorithms that can be implemented in hardware. Amplitude threshold
detection is the simplest one of this category. When the signal amplitude exceeds a
user-defined threshold, a spike can be discovered. However, this method has a major
drawback: its performance is sensitive to the threshold, it is not capable to distinguish
between spikes with different morphologies and similar amplitudes, and its perfor-
mance degrades rapidly when there are many resource noises [6, 7].

Mtetwa and Smith proposed five spike detection techniques and three thresholding
criteria for spike detection [3]. The best method between these methods is based on
normalized cumulative energy difference (NCED). This method inspired by the fact
that the energy in a spike should be greater than that in noise of the same length.

In [8] three methods based on the fractal dimension, smoothed nonlinear energy
operator (SNEO), and standard deviation to detect the spikes of noisy neuronal data
were proposed. To reduce the effect of noises, two pre-processing steps by using
discrete wavelet transform (DWT) and Savitzky-Golay filter were employed [8].

There are 2 main drawbacks in the majority of conventional spike detection
approaches: (1) Usually, choosing appropriate parameters for each noise reduction
method is a time-consuming task, and (2) Generally, each spike detection approach is
only suitable for a limited number of signal types and applications.

To overcome the first problem, we propose an adaptive approach to set appropriate
filter parameters automatically by genetic algorithm (GA). Also, we suggest using
empirical mode decomposition (EMD) method that there is not any parameter to set.
EMD is a powerful and new method applied to decompose the data into a number of
intrinsic mode functions (IMFs) and a residual signal from a complex time series [9].
Since each IMF has almost a specific frequency with mean value of zero, it can be
considered as a noise signal originated from a special and unknown source. Thus, the
residual signal is a filtered version of the original signal combined with a number of
noise sources. In this paper, to achieve a much better performance compared with that
can be achieved by the conventional neuronal data spike detection methods, we pro-
pose an approach based on the probability and fuzzy concepts.

The next section explains the proposed method. The performance evaluation of the
proposed method and the conclusions are provided in Sects. 3 and 4 respectively.

2 Proposed Methods

First, in order to reduce the noise effect and increase the performance of the proposed
method, EMD and intelligent singular spectrum analysis (SSA) are employed. In
comparison with other conventional filters, the parameters of the proposed filters don’t
need to be adjusted.

As mentioned before, EMD decomposes the signals into their IMFs. This
decomposition, so called sifting process, uses the mean of the upper and lower enve-
lopes. The sifting process must be repeated until every component satisfies two
conditions:
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1. The number of extrema and the number of zero-crossings must either be equal or
differ at most by one

2. At any point, the mean value of the two envelopes defined respectively by local
maxima and local minima must be zero.

For an arbitrary time series xðtÞ, the sifting process can be summarized as follows:

1. Identify all the local extrema (maxima or minima) of signal xðtÞ, and then connect
all the local maxima by a cubic spline line (upper envelope)

2. Repeat similarly for all the local minima (lower envelope).
3. The mean of the upper and lower envelopes is designated as mðtÞ. The difference

between the data and mðtÞ is the first component as follows:

h1ðtÞ ¼ xðtÞ � mðtÞ ð1Þ

4. Consider h1ðtÞ as the new original signal and repeat the above steps [9, 10].

Generally, this process must be repeated until the last h1ðtÞ has at most one extrema or
becomes constant. However, in many cases, it is not a suitable criterion. In this paper
we use the criterion applied in [10].

SSA is a flexible and powerful tool used in many applications in which short and
long, one-dimensional and multi-dimensional, stationary and non-stationary, almost
deterministic and noisy time series are to be analyzed [11]. Moreover, the subspace
selection and reconstruction process by SSA is much faster than many existing filters
such as those based on DWT and has been used for spike detection recently [12].
However, this process, like almost all the filters, has an important short-coming, i.e.
there are some parameters to be adjusted using a large number of trials. Sometimes we
know the range or average of the signal-to-noise ratio (SNR). In this case, we propose a
new method based on the GA. GA is a powerful search algorithm to find the
approximate solutions in the defined space. The GA has many benefits, for example, its
concept is easy to understand, it supports multi-objective optimization, it is good for
noisy environments, and so on [13].

Assume a Gaussian noise with SNR = 2 dB is added to x1 ¼ 5 sinð3ptÞ. There are
many ways for choosing the two parameters of SSA, i.e. window length (i.e. embed-
ding dimension) l and m disjoint subsets I ¼ I1; . . .; Im½ � to reconstruct the time series.
The filtering process for a particular signal is sensitive to selection of these parameters.
When l and I are selected too large, some important information of the original signal is
removed by this filter. For too small I and l, however, this filter cannot attenuate
destructive noises sufficiently. Moreover, in many applications due to lack of infor-
mation about a signal, selecting these parameters are very difficult. To overcome this
problem, in this study, we propose to use the GA with the following fitness function:

H ¼ SNR� SNR
�� �� ¼ 10: log10

Xn
i¼1

ðxf ðiÞ2=
Xn
i¼1

ðxðiÞ � xf ðiÞÞ2
 !

� SNR

�����
����� ð2Þ
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where n, x, xf, and SNR are length of the signal, noisy signal, filtered signal, and SNR
average of a signal, respectively. x� xf is the noise. In other words, the GA tries to
reduce H by changing l and I for the SSA. It should be mentioned that we use the
proposed improved filter where the SNR average or at least the range of noise power is
known. The GA employed here has 20 populations and the number of iterations is 30.

The results for three different sets of l and I are shown in Fig. 1. As can be seen in
Fig. 1a, l = 6 and I = [1] are not large enough for filtering the signal with an
SNR = 2 dB. In Fig. 1b, l = 30 and I = [1], where [k] states that only k eigentriples are
used, and in Fig. 1c l = 30 and I = [2] are chosen. It is evident that in both figures the
amplitudes decrease considerably for an original signal with amplitude 5. Figures 1b
and c demonstrate irregularities in the first and the last time samples. Here, GA is used
to select suitable sets of filter parameters primarily for SNR = 2 dB. The result of
employing the proposed filter is shown in Fig. 2c.

After filtering the signal, two similar windows scroll along the signal. For each
window, the standard deviation, FD with the katz’s algorithm are computed. H and
G functions for respectively standard deviation and FD are used to detect the signal
spikes as follows:

Ha ¼ stdaþ1 � stdaj j; a ¼ 1; 2; . . .; m� 1 ð3Þ

Ga ¼ FDaþ1 � FDaj j; a ¼ 1; 2; . . .; m� 1 ð4Þ

where a and m are the number of analyzed window and the total number of analyzed
windows, respectively. stda and FDa denote respectively the standard deviation and
fractal dimension of a part of the signal which falls within the ath analyzed window.

Fig. 1. Results of applying three different sets of l and I for the SSA; (a) l = 6 and I = [1],
(b) l = 30 and I = [1], and (c) l = 30 and I = [2].
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If the local maximum is larger than the threshold, the mean value of Ha or Ga, the
current time is selected as a spike of the signal. Also, the SNEO that is a powerful tool
for spike detection is defined comprehensively in [8, 12].

As mentioned before, there are some suggested spike detection methods in the
literature each with some advantages and disadvantages [1–8]. For example, as can be
seen in Table 1, the standard deviation-based methods are the best ones when SNR is
large and in case SNR is lower than 0 the method is unreliable. FD methods have
different definitions to choose the threshold. The SNEO approaches are sensitive to
noise as reported in [14].

In this paper we propose a technique to combine some of them based on the fuzzy
and probability concepts to increase the accuracy of spike detections. For each sample,
we consider:

HC ¼ k1:SDA1 þ k2SDA2 þ . . .þ knSDAn

SDA1 þ SDA2 þ . . .þ SDAn
ð5Þ

where if the spike of the ith spike detection method is detected ki ¼ 1 else ki ¼ 0. n is
the number of considered spike detection methods and SDAi is spike detection accuracy
of ith considered method by using semi-real data. In fact, this technique is originated
from the concept of existence or absence probability of a sample as a spike. Thus, if
this probability is more than 0.5 we assume this signal sample is indeed a spike and
vice versa. As it is clear, for semi-real data if SDAm is larger than SDAn, mth method is
more reliable and trustworthy than nth method, so we show this effect on Eq. (5). Two
different parameters, namely, the true positive (TP) and false positive (FP) ratios were

Fig. 2. Improved SSA by GA; (a) original signal, (b) noisy signal (SNR = 2 dB), and (c) optimal
filtered signal.
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used to evaluate the performance of the proposed and conventional methods. These

parameters are defined as TP ¼ Nt=N

� �
; and FP ¼ Nf

�
N

� �
; where Nt, and Nf represent

the number of true, and falsely detected spikes and N shows the actual number of
spikes. It should be mentioned, since the false negative (FN) parameter used to assess
the spike detection methods is dependent on TP (TP = 1-FN), in this paper we only
consider TP and FP parameters. Considering FP is based on the inability detections, we

define SDA ¼ TPþð1�FPÞ
2

� �
.

As an example, we consider a part of a real signal of the CARMEN project
managed by Prof. Leslie S. Smith. This part of the signal is shown in Fig. 3a. There are
more or less probabilities for nine lines. There are some spike detection approaches for
semi-real neuronal data in [8, 3]; in this paper we combine five of these methods to
assess the real neuronal signal. Based on the SDAs of those methods provided in Table
[1] and the real signal has about SNR equals to 0 dB we have:

Fig. 3. The proposed method for combination four existing methods; (a) original signal, (b) FD
with DWT, (c) FD with Savitzky-Golay, (d) SNEO with DWT, (e) standard deviation with DWT,
and (f) SNEO with Savitzky-Golay filter.
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SDA1 ¼ 0:98þ ð1� 0:18Þ
2

� �
¼ 0:9; SDA2 ¼ 0:98þ ð1� 0:44Þ

2

� �
¼ 0:87;

SDA3 ¼ 0:96þ ð1� 0:3Þ
2

� �
¼ 0:83; SDA4 ¼ 1þ ð1� 0:22Þ

2

� �
¼ 0:89;

and SDA5 ¼ 0:96þ ð1� 0:24Þ
2

� �
¼ 0:86:

For the first line we have HCð1Þ ¼ 0�0:9þ1�0:87þ0�0:83þ0�0:89þ0�0:86
0:9þ0:87þ0:83þ0:89þ0:86 \0:5; thus, the

sample of the first line cannot be considered as a spike. Considering HCð2Þ;
HCð4Þ; HCð5Þ; HCð6Þ; or HCð8Þ is less than 0.5, 2nd, 4th, 5th, 6th, or 8th lines are not
a spike. Also, since HCð3Þ; HCð7Þ; or HCð9Þ� 0:5, 3rd, 7th, or 9th lines can be
considered as spikes.

3 Data Simulation and Results

Because of the lack of ground truth data (i.e., spike timings for each neuron) spike
detection methods are often difficult to evaluate. In [15] generation and transmission of
intracellular signals from neurons to an extracellular electrode were modeled and a set
of MATLAB functions based on this analysis provided. The codes were used here to
generate a set of close-to-real synthetic data. They produce realistic signals from a set
of nearby neurons including interference from more distant neurons and Gaussian
noise. These data best resemble the output of deep mesio-temporal brain discharges
observed at cortical electrodes. By following this synthesizing method, We have ran-
domly generated 70 semi-real neuronal data each including Gaussian noise with
SNR = −5, 0, 5, 10, 20 and 50 dBs. For each SNR level, each data contains 12 to 14
spikes. Therefore, we have about 70*6*13 = 5460 spikes to test. One of 70 signals that
contains 13 spikes with SNR = 5 dB is randomly selected as the test signal.

In this paper we propose to employ EMD to reduce the noise. As stated before, the
residual signal obtained by EMD can be considered as a filtered version of the signal
extracted from an original signal combined with some noise sources with mean values
of zero. In Fig. 4, we can see the result of decomposition performed by EMD of the
filtered test signal. This figure illustrates that the first mode has a higher frequency than
the second mode where modes are ordered from highest to lowest frequencies. Fig-
ures 5d, 6c, and 7c respectively show the outcomes of using EMD with FD, SNEO, and
standard deviation for the test signal. As can be seen, all spikes can be detected by these
methods and EMD as a pre-processing step. As mentioned before, the very important
advantage of employing EMD is that unlike usual filters, the EMD parameters do not
need to be adjusted.

Figures 8b, c, and d respectively show the outcomes of using SNEO with SSA,
standard deviation based method with SSA, and FD with SSA for the test signal. It can
be seen that all thirteen spikes can be accurately detected. It is worth mentioning that
SSA was presented in [12], but in this paper an intelligent SSA by using GA is
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Fig. 4. Components of the restored semi-real signal by EMD. The first time series is the filtered
signal. The decomposition yields 5 IMF and a residual. The IMFs are the time-frequency
constituents or components of the semi-real neuronal signal.

Fig. 5. Spike detection in test signal using FD and EMD; (a) original signal, (b) filtered signal
by EMD, (c) output of FD, and (d) G function result.
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proposed to automatically adjust the SSA parameters and ensure correct selection of the
subspace of spikes.

In Table 1, the results of spike detection for the semi-real data are shown. As we
can see in Table 1, when SNRs > 0, EMD performs best in terms of all the parameters.
In addition, when SNRs < 0, SNEO with SSA is the best algorithm in terms of TPs
among all the proposed methods. The intelligent SSA has better performance between
all mentioned pre-processing algorithms among FD-based methods except EMD. Also,
unless standard deviation-based methods, the performance of the intelligent SSA is
better than DWT and Savitzky-Golay filter. The main difference between the basic SSA
[12] and the intelligent one is their computational costs for adjusting the parameters and
the intelligent SSA is much faster in adjusting them.

In Table 2, you can find the comparison between the spike detection rates for two
best proposed methods, combination approach and NCED for a part of the real

Fig. 6. Spike detection in test signal using the SNEO and EMD; (a) original signal, (b) filtered
signal by EMD, and (c) output of SNEO method.

Fig. 7. Spike detection in test signal using standard deviation and EMD; (a) original signal,
(b) decomposed signal after applying EMD, and (c) H function result.
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neuronal data. The data is 900 seconds long and sampled at 20,000 samples/sec taken
from the CARMEN database. From the table, except the combination approach by
Eq. (5), the best methods in terms of TP and FP are improved SNEO by intelligent SSA
and spike detection using FD and intelligent SSA, respectively. These methods are
superior to NCED as the best method among various approaches suggested in [3].

Fig. 8. Spike detection in test signal; (a) original signal, (b) output of SNEO method and SSA,
(c) output of standard deviation based method and SSA and (d) output of fractal dimension based
method and SSA. It can be seen that all thirteen spikes can be accurately detected.

Table 1. Results of these suggested and improved approaches on the semi-real neuronal data
compared with corresponding conventional methods.

Method Parameters -5 dB 0 dB 5 dB 10 dB 20 dB 50 dB

Improved SNEO by
DWT [8]

TP 96 % 96 % 100 % 100 % 100 % 100 %

FP 48 % 30 % 0 % 0 % 0 % 0 %

Improved SNEO by
Savitzky-Golay filter
[8]

TP 96 % 96 % 100 % 100 % 100 % 100 %

FP 53 % 24 % 2 % 0 % 0 % 0 %

Improved SNEO by
intelligent SSA

TP 100 % 100 % 100 % 100 % 100 % 100 %

FP 27 % 8 % 2 % 0 % 0 % 0 %

Improved SNEO by
EMD

TP 79 % 91 % 100 % 100 % 100 % 100 %

FP 81 % 39 % 0 % 0 % 0 % 0 %

Spike detection using
FD and DWT [8]

TP 96 % 98 % 100 % 100 % 100 % 100 %

FP 46 % 18 % 2 % 0 % 0 % 0 %

Spike detection using
FD and Savitzky-
Golay [8]

TP 96 % 98 % 100 % 100 % 100 % 100 %

FP 68 % 44 % 39 % 25 % 32 % 25 %

(Continued)
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4 Conclusions

The aim of this work is to investigate and demonstrate the ability of the intelligent SSA,
EMD, and a hybrid of the existence methods in detecting the noisy neuronal data. Since
conventional noise reduction algorithms such as SSA and Kalman filter have several
parameters that must be adjusted by many trials, in this paper we have proposed the
intelligent SSA and the residual signal obtained by EMD. It is worthy to mention that
providing an intelligent method to reduce the effect of the noise resources based on the
SSA and GA can be used in many noise reduction applications. Then, to increase the
performance of the existing approaches, we have suggested a novel and powerful
technique based on combination of the conventional spike detection methods. The
results indicate superiority of the proposed method comparing with three well-known
methods.

Table 1. (Continued)

Method Parameters -5 dB 0 dB 5 dB 10 dB 20 dB 50 dB

Spike detection using
FD and EMD

TP 82 % 89 % 100 % 100 % 100 % 100 %

FP 86 % 55 % 12 % 10 % 3 % 2 %

Spike detection using
standard deviation
and DWT [8]

TP 100 % 100 % 100 % 100 % 100 % 100 %

FP 43 % 22 % 10 % 14 % 17 % 11 %

Spike detection using
standard deviation
and Savitzky-Golay
filter [8]

TP 98 % 96 % 100 % 100 % 100 % 100 %

FP 68 % 24 % 30 % 14 % 19 % 18 %

Spike detection using
standard deviation
and intelligent SSA

TP 98 % 100 % 100 % 100 % 100 % 100 %

FP 51 % 22 % 18 % 10 % 16 % 10 %

Spike detection using
standard deviation
and EMD

TP 80 % 89 % 100 % 100 % 100 % 100 %

FP 82 % 46 % 18 % 14 % 13 % 8 %

Table 2. Comparison of spike detection rates for two best proposed methods, combination of
them, and NCED method as one of the best spike detection mehod tesed in real neuronal data.

Parameter The proposed
combination
method

Proposed improved
SNEO by intelligent
SSA

Spike detection using
FD and intelligent
SSA

NCED
[3]
method

TP 97 % 94 % 91 % 89 %

FP 8 % 17 % 12 % 21 %
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