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Preface

In the winter semester 2014/2015 ten students of the Medical Image Processinglecture
took part in this seminar. They had the opportunity to intensify their newfound knowledge of medical imaging by self-applying new learnt methods on state-of-the-art research
topics.
For three years, the seminar has been completely performed in English, making tribute to
the diversity of the student population. The event was jointly organized by the department
of computer science, chairs of computer science 6, 8 and theoretical informatics, and the
de-partment of medical informatics. This meeting of different research areas promised a
broad base of interesting problems demanding interdisciplinary solutions for presentations
and dis-cussions.
The seminar was the occasion for the students to apply scientific methodology: literature
re-search, critical thinking, reimplementation and presentation to the peers. Placing the
articles in a broader context led to fruitful and constructive discussions, whose synthesis
are summarised in these proceedings.
We would particularly like to thank Professors Thomas Deserno, Thomas Seidl, Hermann Ney and Peter Rossmanith, as well as the involved supervisors, without whom this
interdiscipli-nary seminar would not be possible. Last but not least, we would like to
thank all participating students for their engagement and passion in research for the field
of medical imaging.
Aachen, February 2015
Daniel Haak, Stephan Jonas
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Head Tracking and Flagellum Tracing for Sperm
Motility Analysis Wintersemester 2014/15
Artin Daniel Hariri

Zusammenfassung
Sperm motility analysis plays an essential role in human fertility and animal breeding. The manual
observation of sperm quality is time-consuming and subject to intra- and inter-observer variability. In
this paper a framework is introduced to detect and track spermatozoon and its flagellar beat pattern.
The framework consists of three modules, which build on top of each other. The head detection module
detects the spermatozoon heads every 100 frames and passes their position to the head tracking module to
keep track of the position and determine the movement direction. This information is then passed to the
flagellum tracing module.
Keywords: Sperm Motility Analysis, CASA, Image Processing

1

Introduction

The most important attribute of semen quality is sperm motility. Sperm quality assessment plays an
essential role in human fertility and animal breeding. Since manual analysis is time-consuming and subject to intra- and inter-observer variability, Computer-assisted sperm analysis (CASA) systems were
introduced[1].
In this seminar paper the algorithms that are used to realize such CASA systems, as suggested in [1], are
presented.

2

Spermatozoon Model

Modeling the sperm cells is essential in order to extract and analyse its movement. A model for the head
and the flagellum of the spermatozoon is introduced as seen in Figure 1[1].
2.1

Head Model

The head is modeled by an ellipse. Hence it has 5 parameters, denoted as (x,y,a,b,φ), where (x,y) are
coordinates of the center point, a and b are the lengths and θ is the angle between the major axis and
the horizontal direction.
2.2

Flagellum Model

The flagellum is modeled by a sequence of Ns circles. Each circle is closely connected to its adjacent
neighbors and has a radius r and an angle θ. The angle θ is defined by the angle between the connecting
line of the center of the circle and the center of its predecessor circle and the direction of sperm movement.

3
3.1

Head Detection
Introduction

The goal of the head detection module is to detect an unknown number of sperm heads in a 2D image.
To achieve this goal a Multiple Birth and Cut algorithm based on marked point processes is used [1] . I
will first introduce marked point processes and then explain the methods of the Multiple Birth and Death
algorithm and the Cut-Graph algorithm. Finally I will outline the functioning of the Multiple Birth and
Cut algorithm which is a combination of the latter two[2].
5
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Abb. 1.1: Representation of a spermatozoon. (a) The spermatozoon consists of a head represented by
an ellipse and a flagellum represented by Ns circles. (b) Close-up of the blue bounding box in (a). Each
circle is parameterized by a radius r and an angle θ.
3.2

Multiple Birth and Cut

3.2.1 Marked Point Processes Marked point processes allow to model scenes made of objects. In
this case the objects are ellipses, which represent the sperm heads. The geometrical parameters of any of
these objects are called marks. Each mark mi is associated to a point xi . Let
M = [amin , amax ] × [bmin , bmax ] × [0, π[

(1.1)

be the mark space, which a and b are the major and the minor axis respectively, for which we select a
minimum and a maximum value. An object is defined by ωi = (xi , mi ) ∈ K × M . A configuration
Ωn = {{ω1 , ..., ωn } ⊂ K × M }

(1.2)

is a set containing n objects, where n is a random variable, the number of objects to be detected.
The configuration space is then defined as
Ω=

∞
[

Ωn .

(1.3)

n=0

3.2.2 Markov Point Process A Markov point process is a marked point process which allows to
model interaction between objects. The density of the process is defined by an energy form of the sum of
potential over interacting objects.
1
f (x) = exp[−U (x)],
(1.4)
Z
where Z is a normalizing constant and
U (x) = Ud (x) +γp Up (x)
| {z }
| {z }
data term

(1.5)

prior term

, where γp is the weight assigned to the prior term. The data term Ud (x) considers the relevance of
the objects in the configuration and the prior term takes interactions between objects into account.
Minimization of the energy function corresponds to the right configuration detection.
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Abb. 1.2: Overlapping Coefficient
3.2.3 Prior Term The use of prior information helps us to regularize the configuration to match the
real objects. In reality our objects should almost not overlap, we penalize this situation and introduce an
overlapping coefficient between two objects, as illustrated in Figure 2:

C(ωi , ωj ) =

A(ωi ∩ ωj )
min(A(ωi ), A(ωj ))

(1.6)

, where A(ωi ) is the area of object ωi .
The prior energy of a local configuration {ωi , ωj } is given by:

0, if C(ωi , ωj ) < 0.1
up (ω) =
∞, if C(ωi , ωj ) ≥ 0.1

(1.7)

, which means that we forbid a configuration with overlapping coefficient greater than 10%. The total
prior energy is then given by:
X
up (ωi , ωj ),
(1.8)
Up (ω) =
ωi ∼ωj

, where ∼ is symmetric relation ∼r ∈ K × M .
3.2.4 Data Term Given the independence of the data term of each object, data term energy of a
configuration ω is given by:
X
Ud (ω) =
ud (ωi ),
(1.9)
ωi ∈ω

where ud (ωi ) is the output of a local filter, evaluating from a data point of view, the relevance of object ωi .
Since every object contains information about its location and its shape, the data term can be interpreted
as an adaptive local filter by favoring a specific shape (ellipse) and object depending locally on the data.
In the sperm motility scenario a sperm head can be modeled as a dark ellipse surrounded by a brighter
background.

8
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3.2.5 Multiple Birth and Death Algorithm (MBD) The idea behind the MBD is that at each
iteration of the algorithm, we propose the addition of a new configuration ω ′ an we treat the new configuration ω(n) ∪ ω ′ by removing non-fitting objects. The probability of the death (removal) of a object
corresponds to the relevance of the object in the configuration. The birth process is a realization of a
Poisson process.
3.2.6 Cut-Graph Algorithm The Cut-Graph Algorithm constructs a graph from the energy function
to be minimized. Finding the minimum cut of this graph also minimizes the energy. The minimum cut is
efficiently calculated using the max flow algorithm.
Let
G = (V, E, C)
be an directed graph, which consists of finite sets of vertices, a set E ⊂ V
C : E → R+ ∪ {0}.

(1.10)
2

of edges and a cost function
(1.11)

The graph has two special vertices: A source S and a sink T . An S-T cut is a partition (S,T) of the
vertices (S ∪ T = V and S ∩ T = ∅, such that S ∈ S and T ∈ T. The cost of a S-T cut is the sum of the
costs of the edges that start in S and end in T:
X
C(S, T ) =
C(u, v).
(1.12)
u∈S,v∈T :(u,v)∈E

Finding a minimal cut in the graph is equivalent to finding the maximum flow from source to sink. In this
case the Ford and Fulkerson theorem is used. It finds the problem solution in polynomial time with small
constants. For a S-T cut, and a labeling function f which maps from V to {0, 1} for a binary partitioning,
f (v) = 0 means that v ∈ S and f (v) = 1 means that v ∈ T.
3.2.7 Multiple Birth and Cut Algorithm (MBC) Initialization In the first step the unique
variable R, the number of objects to be added in each birth iteration, is initialized. In step two a candidate configuration ω ′ is generated which is set to ω(0) . ω ′ is a sample of non-overlapping ellipses. ω(0) is
represented in figure 3.(a) in green, ω(0) = {a, b, c}.
Birth In each iteration we propose a new configuration ω ′ , e.g. ω ′ = {d, e, f, g} non-overlapping”(may
overlap to a certain threshold) ellipses, which are shown in figure 3.(a) in blue.

Cut, Graph construction: We construct the graph for the proposed configuration ω(n) ∪ ω ′ as shown
in figure 3.(b). Each node represents an object ωi . Between each object and the source and each object
and the sink edge weights are assigned as shown in table I.
For ωi ∈ ω(n) the weight to the source is the data term ud (ωi ) and 1 − ud (ωi ) to the sink, while it is the
inverse for ωi ∈ ω ′ , it is 1 − ud (ωi ) to the source and ud (ωi ) to the sink. For the edges between objects,
we assign the prior term up (ωi , ωj ).
Optimizing: After the construction the graph-cut algorithm is applied, to assign labels {0, 1}. Label
’1’ for ωi ∈ ω(n) means ’keep’ this object, label ’0’ means ’kill’ it while ’1’ for ωi ∈ ω ′ means ’kill’ this

Head Tracking and Flagellum Tracing for Sperm Motility Analysis Wintersemester 2014/15
object and label ’0’ means to ’keep’ this object.
These steps are repeated until the algorithm converges[2].

Abb. 1.3: a) proposed configuration ω(n) ∪ ω ′ = {a, b, c} ∪ {d, e, f, g}
b) constructed graph for the in a) proposed configuration
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Head Tracking
Introduction

To keep track of the previously detected sperm heads we use a block matching algorithm iterating two
stages in a multi-scale manner.The algorithm takes a reference image I and a floating image J as input.
The output is the transformation T and the image J ′ = J ◦T −1 , which is aligned with I. The composition
of computed transformations allows us to track the sperm head through the sequence[1]. The following
is based on the work of [3].
4.2

Block Matching Algorithm

4.2.1 Computation of Correspondences by a Block Matching Strategy To detect correspondences of objects we move a block A of the floating image in a neighborhood Ω, and compare it to blocks
B that have coincident positions in the reference image. The block size Nx × Ny and the size of the search
neighborhood Ωx × Ωy are constant at a given scale level.
The best corresponding block B with respect to given similarity measure, allows to define a match (ai , bi )
between the centers of the blocks A and B. To improve the computation time the search set Ω is subsampled by considering tentative matches every Σx (rest. Σy ) pixels along x (resp. y) direction. Σ = (Σx , Σy )
determines the resolution of the displacement field. The centers of the test blocks A are taken from a
sub-lattice introducing another set of sub-sampling factors ∆ = (∆x , ∆y ), the density of the displacement
field.
To avoid outliers we reject matches corresponding to similarity measures that are below a given threshold.

Abb. 1.4: Illustration of the bock matching strategy. On the left the floating image and on the right the
reference image. N is the block size; Ω is the size of the search set; Σ is the resolution of the displacement
field; ∆ is the density of the displacement field.

4.2.2 Multi-scale Scheme Since the complexity of the block matching procedure is proportional to
(N × Ω)/(∆ × Σ), we optimize the performance in respect to the computational cost by making use of a
multi-scale scheme. We start out with a coarse scale, large values for N , Ω, ∆ and Σ. When refining the
scale, all parameters are halved. Thus the complexity is independent of the scale level.
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4.2.3 Similarity measure For multimodal registrations the correlation ratio (CR) or the mutual
information (MI) is used as similarity measure. The cost of the block matching procedure strongly depends
on the required time to evaluate the similarity measure. To compute the MI between two blocks we first
have to evaluate the joint histogram and then perform na × nb logarithm computations, na and nb being
the respective number of intensity classes in the blocks A and B. As consequence the cost of the evaluation
of MI is one order of magnitude greater than when using CR.
4.2.4 Least Trimmed Squares Minimization To find the rigid transformation T that best fits the
displacement field computed through block matching we use the least trimmed squares (LTS) regression.
In consists in solving the following minimization problem:
min
T

h
X
i=1

kri:n k2 ,

(1.13)

where kri:n k2 are the squared ordered Euclidean norms of the residuals,
ri = (ai − T /bi ),

(1.14)

n is the total number of displacement vectors, and h is set to h = ⌊n/2⌋ to achieve a 50% breakdown
point.

5
5.1

Flagellum Tracing
Introduction

According to our model in section 2.2 the flagellum consists of a sequence of Ns circles,
C = (c1 , ..., cNs ),

(1.15)

where ci represents the ith circle with parameters (ri , θi ). Given the image Data D, the goal of the
flagellum tracing is to find the most probable sequence of circles
Ĉ = arg max p(C|D).

(1.16)

C

This is achieved by the use of a Markov Chain Monte Carlo algorithm.
By Bayes’ rule, the Equation can be rewritten as:
p(C|D) ∝ p(D|C)p(C),

(1.17)

where p(D|C) is the observation likelihood, and p(C) is the prior.
First the circle prior and the observation likelihood are introduced and then the Markov Chain Monte
Carlo algorithm is explained, based on the work of [1].
5.2

Circle Prior

Assuming that the prior, p(C), follows a Markov process, which means that the circle ci depends only on
its predecessor ci−1 , it can be factorized as
p(C) = p(c1 )

Ns
Y

i=2

p(ci |ci−1 ) = p(r1 , θ1 )

Ns
Y

i=2

p(ri , θi |ri−1 , θi−1 )

(1.18)

We assume that the radius ri and orientation θi are independent of each other. The product of equation
(17) can then be split into:
p(C) = p(r1 )p(θ1 )

Ns
Y

i=2

p(ri |ri−1 )

Ns
Y

i=2

p(θi |θi−1 ).

(1.19)
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Abb. 1.5: a) li1 and li2 are the line segments that connect the tangent points of ci and ci−1 . b) The vector
fields diverge from the centerline of the tail. Therefore the centerline has positive divergence.
Under Markov process assumption, the radius and the orientation of the circle ci are more likely to
be similar to those of the previous circle. A Gaussian centered around ri−1 and θi−1 is used to model
p(ri |ri−1 ) and p(θi |θi−1 ) which can be mathematically represented as:

p(ri |ri−1 ) ∝ exp(−λr (ri − ri−1 )2 )
,
(1.20)
p(θi |θi−1 ) ∝ exp(−λθ (θi − θi−1 )2 )
where λr and λθ are constant parameters. r1 and θ1 are determined from the detected head and thus
p(r1 ) = 1 and p(θ1 ) = 1.
5.3

The Observation Likelihood

The observation model incorporates two constraints: gradient and convergence constraints. Both consider
the interaction between adjacent circles.
p(C) can thus be factorized as:
p(D|C) =

Ns
Y

pg (D|ci−1 , ci )

Ns
Y

pd (D|ci−1 , ci ),

(1.21)

i=2

i=2

where pg (·) and pd (·) are the gradient and divergence likelihoods, respectively.
Gradient Constraint The aim of the gradient constraint is to locate the object boundary by observing
the line segments between two circles ci−1 and ci as shown in figure 5(a). The line segments are the lines
that connect the tangent points of two adjacent circles. The likelihood is then given by:
pg (D|ci−1 , ci ) ∝ exp(λg G(li1 , li2 )),

(1.22)

where li1 and li2 are the line segments of ci and ci−1 and G(·) is a contrast invariant energy function.
Divergence Constraint The divergence constraint helps us to better align the centers of the circles
with the centerline of the tail. The divergence indicates how much of the vector field is converging or
diverging from a given point. If the divergence is positive, the region is called source, if it is negative it
is called sink. In Figure 5 b) the vector fields are diverging from the centerline, thus the centerline has
positive divergence. The divergence of a vector field v is called is calculated as div
v=

δvy
δvx
+
.
δx
δy

(1.23)
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The likelihood is defined as the mean divergence of the line connecting the centers of two adjacent circles:
pd (D|ci−1 , ci ) ∝ exp(λd Dli ),

(1.24)

where Dli is the mean divergence of the line li connecting the centers of ci and ci−1 and λd is a constant
parameter.
5.4

Markov Chain Monte Carlo Inference

We want to calculate the maximum a posteriori of equation (17). A Markov Chain Monte Carlo method is
used to generate the solution space by constructing a Markov Chain. In this case the Metropolis-Hastings
algorithm is applied.
For each circle ci to be estimated, we construct a chain of Nc samples by starting with an arbitrary initial
sample c1i and then iterating for s = 1...Nc − 1:
(a) Propose a new circle candidate c′i ,
(b) calculate the acceptance ratio
α = p(c′i |D)/p(csi |D),
(1.25)
(c) accept c′i with probability α and reject otherwise.
The sample with the highest probability in the chain is selected as the estimated state. The radii and the
orientations are estimated in the image in which the head is detected. Since the length of the flagellum
does not change in our model only the orientations of the circles are calculated in the subsequent images.

6
6.1

Experimental Results
Data

The framework was evaluated by using two confocal microscopy image sequences of ram semen samples.
One sample had a high concentration (50 mM) of beta-mercaptoethanol (bME) and the other one was the
control sample. Both sequences were recorded with a frame rate of 200 fps. The frame size was 1280×1084
x × y pixels, with a resolution of 0.3 × 0.4µm2 /pixel[1].
6.2

Pre-processing

Due to the inhomogeneous background and noise, a background subtraction step was performed on a
temporal sliding window basis[1].
6.3

Head Detection Results

The Head Detection Module was implemented in C++ and executed on a laptop with CPU 2.4 GHz
and 8 GB memory. Its performance was evaluated by comparing the detection results against manually
constructed ground truth. The result of the head detection considered the numbers of ground truth,
detected objects, correct detections, missed detections and false alarms, as well as precision, for 3 different
parameter settings. With tuned parameter settings the highest precision was 88.14% with 78.79% correct
detections, 21,21% false alarms and 11.86% missed detections. The computation time for a single frame
was about 3 minutes. Figure 6 shows a part of the result with the best parameter setting[1].
6.4

Head Tracking Results

To obtain the head trajectories the head positions were tracked and the angles of rotation of the heads
were estimated. The result for each detected head is a sequence of images in which the head is still.
Figure 7 (a) shows a part of the minimum intensity projection (MinIP) of 10 consecutive images from
such a sequence. Figure 7 (b) shows the head trajectory of a single sperm. The sperm moves forward in
a wiggly motion (red) with respect to the average path (blue). The graph in figure 7 (c) shows the angle
of head rotation in the subsequent frames with respect to the first frame. The sperm movement involves
a periodical behavior [1].
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Abb. 1.6: Part of head detection result. The contours of the detected heads are depicted in red. The blue
arrows indicate the missed detections and the black arrows (diagonal arrows) indicate the false alarms.

Abb. 1.7: a) Minimum Intensity Projection (MinIP) of head-registered images of a sperm b) its head
trajectory (red) and average path (blue) c) angles of head rotation with respect to the head on the first
time.
6.5

Flagellum Tracing Results

Figure 8 shows the tracing results of the control group and the group under bME effects. More tracing
results are shown in figure 9. To evaluate the performance of the flagellum tracing the computer-generated
traces were compared against the manual annotations. The missed detection rate (MDR) is the percentage
of pixels in the annotation that are more than d pixels away from the computer-generated result. The
false detection rate (FDR) is the percentage of pixels in the generated result that are more than d pixels
away from the annotation. 4 selected sperms were each traced for 10 images and the value for d was set
to 3. The result was 6.12% for the MDR and 1.78% for the FDR.

7

Discussion

The covered abstract described the approach to detect and track sperm heads and trace their flagellum
beat patterns but left open some important questions. The head detection for example takes about
3 minutes computational time on a single frame. It was not stated why the performance of the head
detection was rather bad. On top of that there was no information about the run time of the head
tracking and flagellum tracing module, which would answer the question if the framework is suitable
for real-time analysis. Since the results only were experimental results the sample size of 2 microscopy
image sequences is too small to make any significant assertions about the performance of the presented
framework.
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Abb. 1.8: Flagellum Tracing Results. (a) Results of a sperm in the control group. (b) Results of sperm
under bME effects. The obtained sequences of circles, along with ellipses, are overlaid on the images at
different times. Visually, the tracing module successfully traces the tails.

Abb. 1.9: Flagellar beat patterns of sperms under different conditions. Sperms are (a) at normal condition
(control) and (b) at a high concentration of bME. Sperms under the high concentration of bME show
larger beat amplitudes. Forty traces for each sperm are shown.
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Efficient EMD-based Similarity Search in Medical
Image Databases
Andreas Straub

Zusammenfassung
Technological advances have made imaging ubiquitous in many fiels, including medicine and biology.
However, in order to make the high volume of existing data usable for routine diagnostic use, efficient
and highly selective query processing techniques are needed. The Earth Mover’s distance has enjoyed great
popularity in the field of image processing due to its high performance as a similarity metric for visual
data. The big drawback of EMD, its high computational cost, has made its application in similarity search
computationally prohibitive. This is due to the very large number of distance function evaluations needed
to search big databases. Wichterich et al. have proposed a dimension reduction technique for EMD that
yields significant speed-up. As a result, search on large data sets can be performed in sufficiently short
time frames to facilitate everyday use.

1

Introduction

The Earth Mover’s Distance (EMD) has found a wide range of application in the computer vision domain.
It can be used as a similarity measure for different kinds of feature descriptors, but is particularly popular
popular on histograms. Many of the other distance functions that are used in this domain are built upon
statistical interpretations of the data, like histograms as probability distributions (e.g. Bharracharyya
distance). In contrast to this, EMD defines distance between two feature descriptors by the minimal
amount of work needed to transform one into the other.
One important application for distance functions is similarity search. When searching large databases
for images that are similar to a given query image, the quality of the result set depends heavily on the
distance function. It implicitly defines which kinds of raw differences in the source images correspond to
semantic differences, and which ones are due to intra-class variability. This is of special importance for
medical applications, as measurement inaccuracies and quantization effects are prevalent in this domain.
1.1

Motivation

The major downside of EMD is its high computational complexity. For similarity search in large databases,
efficiency of distance function computation is very important, as these functions are evaluated very often.
Thus, optimization of the distance function computation yields great benefits, and could very well mean
the difference between a merely academically interesting method and a practically viable solution.
The EMD’s high computational complexity stems from the fact that, at its core, it is a complex linear
optimization problem. Although algorithms for faster optimization exist, a more promising solution lies in
filter and refine approaches. The idea behind filter and refine is to first apply much more easily computed
filters in order to discard “obviously dissimilar” items early. This strongly reduces the number of EMD
computations that have to be performed by pruning the candidate set. This work presents one such
approach.
In the following, we will first lay the foundation for the presented approach by gving background
information regarding multistep query processing frameworks, the formulation of EMD, and how EMD
fits into such a framework in section 2. In section 3, we present the approach to speed-up taken by
Wichterich et al. [1]. Finally, we present their evaluation in section 4 and conclude in section 5.

2

Background

In order to understand how to optimized EMD computation for similarity search, we first need to understand the environment in which EMD is applied, as well as how the distance function itself operates.
18
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Abb. 2.1: Multistep query processing. Image from [1]
To that end, we first introduce multistep query processing frameworks and filter properties necessitated
to apply them. Next, we motivate cross-bin distance functions in general and explain the mechanics of
EMD in more detail.
2.1

Multistep query processing

As mentioned in section 1.1, filter and refine approaches present a promising solution to efficiency problems
in search applications. By applying a cascade of cheaper filters to remove highly dissimilar candidates in
advance, the number of expensive computations of the target distance function is strongly reduced, as
visualized in figure 2.1. However, in order for this method to provide actual speed-up while preserving
the result set, the filters have to fulfill certain properties.
Efficient The net speed-up attained by applying filter-and-refine can be expressed as the difference
between time saved on target distance function computation and time expended on filter function computation. As such, efficiency of filter computation is vital for speed-up.
Lower-bounding In order to preserve the original result set, filter functions can not have any falsenegatives, i.e. any item in the original result set must be returned as a candidate by all filter functions.
Another way to put this is that the filtering distance function may only ever underestimate distances.
If distances could ever be overestimated, some actual result might be discarded by a filter, which would
lead to a difference in the final result set from the original result set.
Selective While underestimation of the distance will not corrupt the final result set, it does cause a drop
in efficiency. The lower the false-positive rate of the filter, the less target distance function evaluations
have to be computed on non-result candidates. Thus, the higher the filter selectivity, the tighter the lower
bound on target distance it computes.
2.2

EMD

In image comparison tasks, operations are often not carried out on the raw source images themselves,
but rather on feature representations thereof. In particular, histograms are a popular choice for image
representation. To compute an images histogram, the pixel value space is quantized into bins i = 1, · · · , d.
The histogram then is the feature vector x = (x1 , · · · , xd ), where xi is the count of pixels in the image
that fall into bin i. This vector essentially encodes a discrete probability distribution of the pixel values
in the image. Note that we are always operating
Pd on normalized histograms, i.e. the bins do not contain
absolute counts, but are relative, such that i=1 xi = 1 holds.
There exist many different candidates for distance functions on histograms, each with their own
advantages and drawbacks. The set of histogram distance functions can broadly be separated into two
categories: bin-by-bin and cross-bin. Bin-by-bin distance measures only compare the values of individual
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bins
qPwithout considering their neighborhoods. The simplest example for this are Lp norms (Lp (x, y) =
d
p
p
i=1 |xi − yi | ). The big advantage is that these are usually easy to compute. However, they can be
very sensitive to certain patterns of distortion. For example, due to imprecisions in the image acquisition
like lighting changes, the color distribution of two images of the same scene might be shifted relative to
one another, while preserving the same general shape. A bin-by-bin distance measure would interpret this
as a large number of discrepancies, because there are differences in every bin. In contrast, a third image
which shares some of the histogram values of the query images with significant changes in others could
be classified as more similar.
To solve such misclassifications, cross-bin approaches must be applied. These distance measures can
take into account a bin’s neighbors – or, even more generally, all other bins. This means that not only
simple differences in counts, but rather entire distributions, are compared.
One such cross-bin distance measure is the Earth Mover’s Distance. Intuitively, it computes the amount
of “work” needed to transform one histogram into another. This “work” is formalized as a so-called “flow”,
which represents a set of operations moving certain amounts from one bin to another. Larger flows, i.e.
those which move bigger amounts, are considered more expensive. Furthermore, flows are weighted by the
distance they span. This way, moving a certain amount to an adjacent bin is regarded as much cheaper
than moving that amount to a far-away (and thus semantically less-related) bin. There are many different
ways of redistributing the amounts from a given histogram such that the result matches a second given
histogram. The EMD is defined as the cost of the minimum flow solving the problems, or, more formally:
Definition 2.1 (Earth Mover’s Distance) For two d-dimensional vectors x = (x1 , · · · , xd ) and y =
Pd
Pd
(y1 , · · · , yd ), ∀1 ≤ i ≤ d : xi , yi ≥ 0 of normalized total mass i=1 xi = i=1 yi = 1 and a cost matrix
C = [cij ] ∈ Rd×d , the EMD is defined as a minimization over all possible flows F = [fij ] under positivity
constraints CP os, source constraints CSource, and target constraints CT arget:
d
d X
X
cij fij |Constraints}
EM DC (x, y) = min{
F

(2.1)

i=1 j=1

with Constraints = CP os ∧ CSource ∧ CT arget:
CP os : ∀1 ≤ i, j ≤ d : fij ≥ 0

(2.2)

CSource : ∀1 ≤ i ≤ d :

d
X

fij = xi

(2.3)

CT arget : ∀1 ≤ j ≤ d :

d
X

fij = yi

(2.4)

j=1

i=i

Together, these three constraints enforce that only viable flows are considered as candidates, meaning
that only non-negative flows are allowed (CP os), the flow neither creates nor destroys any amount
(CSource), and that the result of applying the flow to the source histogram is the target histogram
(CT arget). The cost matrix C encodes the pairwise ground distances of the bins, which are used to
weight the flows to obtain the EMD.
This formulation of the EMD is a linear program. A popular way of solving it is the simplex algorithm.
Although its worst time complexity is exponential in input dimensionality, in practice cubic runtimes
are achieved [2]. In our application, input dimensionality is directly related to histogram granularity.
Coarser histograms have less bins and therefore lower-dimensional feature vector representations, which
decreases runtime. However, as shown by Rubner and Tomasi [2], coarse histograms do not preserve
enough information to benefit from cross-bin dissimilarity assessment.
As such, auxilliary approaches must be applied in order to make EMD calculation runtimes feasible.
In section 3, we will look at filtering techniques in a multistep query processing framework.

3

Speed-up approach

The idea for speed-up in this approach is to apply ”weaker”but faster distance measures first in order to
discard candidates that are guaranteed to be too dissimilar to be included in the final result set, before
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performing similarity search using the target distance function. As we have seen in subsection 2.1, such
filters need to fulfill certain properties. While efficiency and selectivity of the filter only impact runtime
performance, the lower-bounding property is necessary for result integrity. As such, we will now look at
how to design a lower-bounding filter for EMD, and then we will evaluate its efficiency and selectivity.
In contrast to many bin-by-bin distance measures, it is not sufficient to simply drop input dimensions
entirely for EMD. In bin-by-bin distance measures, the individual bins usually contribute non-negative
error terms to the final distance, which are then summed up. Therefore, leaving out dimensions can only
ever reduce the final result by a non-negative term, preserving lower-boundedness. However, in EMD,
removing a dimension could remove a cheap option of equalizing source and target histograms via flow,
necessitating moving the amount to some other, more expensive bin. This would increase the overall
distance computed, and thus breaks lower-boundedness. In the following, we examine how to reconcile
these problems by modifying the cost matrix C. Then we will look at how to reduce the input vector
dimensions in detail. Lastly, we present two algorithms that approximate this reductions in an efficient
manner.
3.1

Dimensionality reduction

First, we introduce a general formalism to describe dimensionality reductions mathematically. Then, we
define a subclass of general dimensionality reductions, and derive the optimal cost-matrix reduction for
a given input vector reduction.
Definition 3.1 (General linear dimensionality reduction) A general linear dimensionality reduc′
tion from dimensionality d to d′ is characterized by a reduction matrix R = [rij ] ∈ Rd×d . The reduction
′
′
′
′
of a d-dimensional vector x = (x1 , · · · , xd ) to a d -dimensional vector x = (x1 , · · · , xd′ ) is defined as:
x′ = x ∗ R

(2.5)

For d′ < d, the resulting vector x′ will be of lower dimensionality than the original vector x. However,
this very general formulation makes no statement on the form of the reduction matrix R. A very useful
restriction is to only consider the subset of reductions that combine one or more dimensions to form a
single reduced dimension.
′

Definition 3.2 (Combining dimensionality reduction) The set ℜd,d′ ⊂ Rd×d of linear dimensionality reduction matrices that reduce the data dimensionality from d to d′ by combining original dimensions
to form reduced dimensions is defined by:
R ∈ ℜd,d′ ⇔ ∀1 ≤ d∀1 ≤ j ≤ d′ : rij ∈ {0, 1}

(2.6)

′

∧∀1 ≤ i ≤ d :

d
X

∧∀1 ≤ j ≤ d′ :

d
X

rij = 1

(2.7)

j

i

rij ≥ 1

(2.8)

The first restriction 2.6 ensures that dimensions can only ever be assigned in one atomic chunk. As a
consequence of this and 2.7, it follows that there can only be exactly one reduced dimension to which one
original dimension is assigned. By including 2.8, it is also ensured that no new, empty dimension can be
created. Together, these restrictions define a class of reductions that is much easier to reason about than
general linear dimensionality reductions.
Definition 3.3 (Reduced Earth Mover’s Distance) For two d-dimensional vectors x, y and cost matrix C according to definition 2.1 and a reduction matrix R ∈ ℜd,d′ , the lower bounding reduced EMD is
defined as:
R
EM DC
(x, y) = EM DC ′ (x ∗ R, y ∗ R)
(2.9)
′

′

where C ′ ∈ (R)d ×d is a lower bounding reduced cost matrix.
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With these definitions in place, we now turn our attention toward deriving optimal cost matrix reductions for a given input vector dimensionality reduction. Recall that the cost matrix C used in EMD
defines the distance between bins, and as such is dependant on the input dimensionality. Therefore, it
immediately follows that a dimensionality reduction on the input vectors has to go hand in hand with a
reduction of the cost matrix. Furthermore, the cost matrix reduction is parameterized on the input vector
dimensionality reductions in order to be able to preserve lower-boundedness.
As we are taking great care to preserve lower-boundedness, and thus result set integrity, optimality in
this context is to be understood in terms of selectivity of the resulting filter. This stems from the fact that
a more selective filter will lead to smaller candidate sets, which means fewer refinement computations have
to be performed, which increases overall efficiency of the filtering process. Clearly, selectivity is higher for
tighter, i.e. greater, lower bounds obtained in the reduced dimensionality space.
Definition 3.4 (Optimal Reduced Cost Matrix) For two d-dimensional vectors x, y and a cost maR
trix C according to definition 2.1 and for a reduced EM DC
according to definition 3.3, the optimal reduced
′
′
cost matrix C = [ci′ j ′ is defined by:
c′i′ j ′ = min{cij |rii′ = 1 ∧ rjj ′ = 1}

(2.10)

The cost matrix with entries for the costs of reduced dimenstions equal to the minima over the costs
of the original dimensions that were merged to obtain that reduced cost matrix – as defined in 3.4 –
provides a lower bound on the original EMD:
Theorem 3.1 (Lower bound) Given a reduction matrix R ∈ ℜd,d′ and a cost matrix C ∈ Rd×d , the
reduced cost matrix C ′ according to 3.4 provides a lower bound:
R
∀x, y ∈ Rd : EM DC
′ (x, y) ≤ EM Dc (x, y)

(2.11)

The proof can be found in [3] and is a generalization of the proof in [4].
In fact, this is actually already the greatest lower bound. Intuitively, this follows from a simple worstcase assumption. Given a input vector dimensionality reduction matrix, for any two reduced dimensions
a, b, under all dimensions merged to create either reduced dimension, find those two original dimensions
A, B with the lowest ground distance d according to the original cost matrix C. Construct vectors X, Y
with all entries set to 0 except those corresponding to A, B respecitvely. These will be reduced to vectors
x, y with all entries set to 0, except those corresponding to a, b respectively. It immediately follows that,
by construction, the EMD of X and Y has to be d. Therefore, in order for lower-boundedness to hold,
the reduced EMD of x and y can not be higher than d either, which means the ground distance of a and
b must not be higher than d.
We observe that this construction can be applied to any pair of reduced dimensions to obtain an upper
limit on costs for those reduced dimensions that is equal to the minimum distance between any two of
the original dimensions making up either reduced dimension.
More formally, this can be shown using the monotonicity of the EMD in the cost matrix. Higher values
in the cost matrix increase the final EMD:
Theorem 3.2 (Monotonicity of the EMD) Given two cost matrices C1, C2 ∈ Rd×d , it holds:
C1 ≤ C2 ⇔ ∀x, y : EM DC1 (x, y) ≤ EM DC2 (x, y)
where
See [3]

C1 ≤ C2 ⇔ (C1 = C2) ∨ (∀i, j ∈ d : c1ij ≤ c2ij ∧ ∃i, j ∈ d : c1ij < c2ij )

Using this theorem and our previous observations on the worst-case assumption, we obtain optimality:
Theorem 3.3 (Optimality) Given a cost matrix C ∈ Rd×d and a reduction matrix R ∈ ℜd,d′ , there is
no greater lower bound than the one provided by C ′ accodring to 3.4:
′

′

¬∃C ′′ ∈ Rd ×d ∀x, y ∈ Rd : T ighter ∧ LB ∧ (C ′′ 6= C ′ )
where
R
LB : EM DC
′′ (x, y) ≤ EM DC (x, y)

For proof, see [3]

R
R
T ighter : EM DC
′ (x, y) ≤ EM DC ′′ (x, y)
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Note that this derivation depends heavily on the choice of restriction on reduction matrices. The
authors of [1] state that they also examined alternative dimensionality reduction rechniques such as
PCA, but attained much worse runtime performance because of the different cost reductions that had to
be applied in order to preserve the lower-bounding property.
Using the method just presented, we can now obtain the optimal cost matrix corresponding to any
given input vector reduction. As such, the quality of any reduction as far as efficiency goes is entirely
specified through the reduction matrix. However, how we obtain these input vector dimensions is still
unsettled. This is the problem we will tackle next.
3.2

Flow-based reduction

In this section, we will examine how to choose the input vector dimensionality reduction matrix in an
optimal way. To this end, we must first define an optimality criterion. Next, we present how to incorporate
domain knowledge into the reduction process in order to improve the reduction quality. We will discuss
problems regarding computability of the optimal reduction, and introduce an approximation method to
solve this issue.
As we have previously discussed, a filter’s performance relies heavily on its selectivity. Our goal is
to reduce the set of candidates as much as possible, so as to minimize the number of refinement steps
necessary to obtain the final result. In order to evaluate performance, we can thus measure this number
of refinement steps, and pick the reduction that minimizes this number:
Definition 3.5 (Optimal EMD reduction) Given a workload w = {(x1 , ε1 ), · · · , (xi , εi )}, where xi
is a query vector and εi the corresponding range threshold, the optimal reduction R ∈ ℜd,d′ for w is:
X
R′
R = argminR′ ∈ℜd,d′
|{y ∈ DB|EM DC
(x, y) ≤ ε}|
(x,ε)∈w

Using this defintion of reduction quality, the öptimality scoreı̈s always relative to the workload w. Thus
we need to choose a workload that is representative of our target application in order for the optimality to
extend to the target use case. But this also means that the reduction optimization is tailored specifically
to this application, while disregarding other workloads.
However, this definition is not immediately usable for derivation of reduction matrices due to the large
search space. As all pairwise distances between workload items and database items need to be computed,
|w| ∗ |DB| individual linear optimiation problems have to be solved, meaning that a total number of
′
d′(d−d ) ∗ |w| ∗ |DB| reduced EMDs need to be computed for exhaustive enumeration of the search space.
Clearly, this is infeasible. As such, the authors introduced heuristics to obtain efficient reductions for
specific target applications.
The idea behind the presented approximation method is to incorporate knowledge of the underlying
data by examining flows computed for unreduced EMDs. Considering the purpose of EMD reduction
is to speed up unreduced EMD evaluation, it may seem counter-intuitive to apply the computationally
more expensive unreduced EMD as preprocessing for the reduction. Nevertheless, the speedup attained by
guiding the reduction using unreduced EMD flows far outweighs the cost incurred by it. This is because
the expensive computation of unreduced EMDs only has to be carried out once, while the time savings
incurred by the reduction accumulate over each query.
As we have seen in section 3.1, combining reduction matrices and associated optimal reduced cost
matrices provide a lower-bounding filter on the unreduced EMD. In order to obtain a selective filter, it is
thus desirable to find the reduction matrix that maximizes EMD scores. Because the cost terms c′i′ j ′ in
the reduced EMD sum c′i′ j ′ ∗ fi′′ j ′ are derived from the reduction iself, the maximal EMD score is attained
if the reduction is chosen such that the reduced flows fi′′ j ′ are maximized with respect to c′i′ j ′ .
To speed up this maximization process, the flows in the reduced EMDs are approximated by averaged
flows from the unreduced EMD
rather than computed explicitly. To this end, the average flow matrix
P
1
S
S
ˆ
F S = [fij
] with fij
= |S|
2
x,y∈S fij (x, y) over a sample S of the database is computed for unreduced
EMDs. Given a reduction matrix R, the reduced EMD flow fi′′ j ′ can then be approximated by summing
S
up those fij
where i is reduced to i′ and j is reduced to j ′ by R.
X
X
S
aggrF low(F S , R, i′ , j ′ ) =
fij
{i|rii′ =1} {j|rjj ′ =1}
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By computing the optimal cost matrix C ′ from R and using it to weight the approximated reduced
EMD flows, an approximate tightness score for the reduction R is obtained:
′

′

d
d X
X

i′ =1

j ′ =1

aggrF low(F S , R, i′ , j ′ ) ∗ c′i′ j ′

(2.12)

Again, this term can not be globally optimized over all possible reductions R, as exhaustively enumerating them is infeasible. Thus, the authors propose two variants of an algorithm that iteratively reassigns
single original dimensions to reduced dimensions in order to continually improve the reduction matrix.
The starting point for these improvement algorithms is an initial reduction matrix. Because we are
only looking at combining reductions, the reduction is basically equivalent to a clustering of the input
dimensions. One possible initialization is k-medoid clustering, as this allows use of arbitraty distance
metrics. In this case, the cost matrix of the EMD is used as distance metric between the input dimensions.
Running the clustering algorithm then yields a partition of the input dimension, with the dimensions in
a single cluster being similar to one another and different from those in other clusters according to the
EMD cost function. This and other initializations are described in more detail in [3].
Algorithm 1 optimizeF B − M OD(R, C, F, d, d′ )
1: origDim ← 0; lastOrigDimChanged ← 0;
2: currentT ightness ← calcT ight(R, C, F, 0, R.getAssignment(0), d′ );
3: repeat
4:
threshold ← currentT ightness ∗ mini mprove;
5:
for redDim ← 1tod′ do
6:
swapT ightness ← calcT ight(R, C, F, origDim, redDim, d′ );
7:
if swapTightness - currentTightness > threshold then
8:
currentT ightness ← swapT ightness;
9:
R.reassign(origDim, redDim);
10:
lastOrigDimChanged ← origDim;
11:
break;
12:
end if
13:
end for
14:
origDim ← (origDim + 1)modd;
15: until origDim = lastOrigDimChanged
16: return R;

Algorithm 2 calcT ight(R, C, F, origDum, newRedDim, d′ )
1: result ← 0;
2: R′ ← R;
3: R′ .reassign(origDim, newRedDim);
4: C ′ ← C.reduce(R′ );
5: for i′ ← 1tod′ do
6:
for j ′ ← 1tod′ do
7:
result ← result + aggrF low(F, R, i′ , j ′ ) ∗ C ′ [i′ ][j ′ ];
8:
end for
9: end for
10: return result;
This initial matrix R is then improved upon by iterative reassignment of original to reduced dimensions. The algorithm loops through all original dimensions. For each original dimension d, it is checked for
each reduced dimension d′ whether assigning d to d′ would improve the reduction according to equation 2.12. If so, the dimension d is immediately assigned to reduced dimension d′ . Then, the next original
dimension is evaluated in the same manner, restarting with the first original dimension once the end is
reached. This process repeats until each original dimension was looked at in succession once without making any assignment. The authors refer to this variant of the algorithm als FB-Mod (flow-based reduction
– modulo). Detailed pseudocode is given in algorithm 1 and algorithm 2, both taken from [1].
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(b) IRMA

Abb. 2.2: RETINA (left) and IRMA (right) dataset examples. Images from [4] and [6]
The second variant follows the same basic scheme, but it does not commit to the first improving
reassignment it encouters. It loops through all possible reassignments once, and in every iteration chooses
that reassignment which yields the biggest improvement in tightness. The authors refer to this variant of
the algorithm as FB-All.
3.3

Query processing algorithm

As previously explained, the proposed dimensionality reduction technique can easily be combined with
other filtering techniques for EMD, because the reduced-dimension distance function is again an EMD
problem. This property allows us to reuse previous results in the field of EMD effiency research, making
full use of the multistep query processing framework.
For their evaluation, the authors applied the LBIM technique introduced in [5], performed on dimensionality reduced features, as a first filtering step. As thesecond step, they applied general EMD, again
on dimensionality reduced features. Lastly, they perform refinement using EMD on unreduced features.
Furthermore, these steps are not run in sequence. Rather, individual objects are passed through the
entire filter cascade in order from best to worst according to the individual filters’ distance functions.
This allows the query processing to break early if the final result set has already been found. This can be
determined due to the lower-bounding property of the individual filters. If the largest distance computed
in refinement of any of the objects in the candidate result set is smaller than the next object’s distance
computed by the filter, the candidate set is the final result set and query processing can be ended. This
is because the objects are passed on in order from best to worst, and the filters only ever underestimate
target distance. Note that for this property to work, the individual filters have to be lower-bounding
relative to the next filter step, not just the final distance function. For more detail, see [3].

4

Evaluation

For evaluation of the proposed query processing pipeline, real world medical data sets were used. We now
briefly describe these datasets and we give a summary of the results.
4.1

Data sets

Two different data sets were used for evaluation. Both contain bio-medical images, and examples are
shown in figure 2.2.
The first one is the RETINA set from the UCSB Bioimage Database. It contains images of retina
scans from cats, that have been labeled with various antibodies. For evaluation of EMD lower bounds
techniques, Ljosa et al. [4] computed histograms representing tile-based spatial distribution of color layout
descriptor measures on this data set. These histograms were reused for this evaluation. Specifically, the
authors truncated the 96-dimensional histograms, preserving only the first three dimensions, denoted
RETINA1-ALL through RETINA3-ALL. For the dimensionality reduction matrix computations, sample
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Abb. 2.3: Timing results for both datasets, IRMA and RETINA, graphed against competing approaches
from literature. Shown is the impact of different target dimensionalities (top), and different neighborhood
sizes (bottom). Images from [1]
sets of size 383 were used, which equals about 10% of the total data set. Out of the 3932 images in the
original dataset, the histograms of 100 were used as query sets, and the rest were used as database sets.
Secondly, the authors used the IRMA dataset. This dataset contains radiographs from the Image
Retrieval in Medical Applications project [6]. As with the RETINA set, the authors again made use of
previous work on feature extraction for this dataset, performed by Deselaers et al. [7]. In particular, the
evaluation was performed on the image-wise cluster frequencies. They are represented by 199-dimensional
histograms. The cost matrix for the EMD ground distance is computed from Euclidean distances between
the 199 cluster centers. A sample set of size 1000 was used to compute the reductions. The database
contained 9900 images, and the query set contained the remaining 100 images.
4.2

Result summary

A general trend that is visible in the evaluation of the dimensionality reduction technique is the influence
of the number of reduced dimensions. A distinctive “U-shape” is evident in the graphs for the proposed
approach in figures 2.3(a) and 2.3(b), meaning there is a sweet spot of number of target dimensions which
optimizes query processing time.
This classic tradeoff is the result of two interacting properties influencing processing time.Reducing
to too few dimensions gives up discriminability in the features, which yields lower selectivity. Therefore,
even though the reduced computations themselves are faster for low dimensions, too few candidates can
be filtered out at this stage. As a result, a high number of refinement computations have to be performed,
which negates the time saved during the filtering stage. On the other hand, while byreducing the number
of dimensions by only a small amount, a high selectivity can be obtained for the filtering stage, the
reduced EMD computations now take such a large amount of time themselves, that the savings in time
spent on refinement is lost.
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Abb. 2.4: Impact of existing filtering technique Red-IM 2.4(a) and database size 2.4(b) on query processing time. Images from [1]
Notably, the proposed dimensionality reduction technique still outperformed the competition at all
reduction levels for both data sets. As can be seen in figures 2.3(c) and 2.3(d), speed-up factors varied
with different k values for the k-nearest-neighbor queries. However, the overall ordering of the evaluated
approaches stayed consistent, with the proposed approach winning out or tieing the competition.
Additionally, the authors have shown that their proposed method integrates well with existing filtering
techniques for the EMD. Figure 2.4(a) visualizes the effect of combining the proposed dimensionality
reduction with the Independent Minimization filtering technique from [5].
Lastly, it can be observed in figure 2.4(b) that query processing times scale similarly for different
approaches across increasing database sizes. The authors conclude from this, that the sample size used
to compute reduction matrices was sufficient in order to identify important flows.

5

Conclusion

The authors showed that leveraging domain knowledge in the form of target database analysis can be used
to greatly speed up similarity search. In particular, a specific dimensionality reduction technique, that
makes use of characteristics extracted from the target database in order to guide the reduction process, was
introduced. This proposed method has the peculiar property of performing a number of computations
of the target distance metric that is supposed to be approximated by the dimension-reduced distance
function. While this seems counter-intuitive, their evaluation has shown that significantly reduced query
times more than make up for the upfront cost incurred by this approach. As a result, the highly effective
Earth Mover’s Distance was sped up sufficiently to make its application in real-world medical scenarios
feasible.
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Review of the Signature Matching Distance for
Content-based Image Retrieval
Christoph Rackwitz

Zusammenfassung
Beecks, Kirchhoff, and Seidl [4] introduced the Signature Matching Distance (SMD) and showed it to be a
simple yet effective approach to content-based image retrieval. I have reviewed their paper and the related
work and examined the SMD for properties of a metric.
Keywords: content-based image retrieval, distance function, feature signature, signature matching distance, metric

1

Introduction

Content Based Image Retrieval [1, 2] describes the retrieval of digital images using a query image. The
resulting image set should look similar to the query image, which requires algorithms to capture the highlevel content of images as judged by humans. For this application, Bag-of-Visual-Words [3] has become
a common approach to map images to “visual words” that can be handled similarly to textual words.
Improvements in accuracy on the BoVW approach have been made, but these improvements typically
are computationally more demanding.
Signatures are the alternative approach. The signature approach describes an image in terms of an
image-specific visual vocabulary that adapts to specific image properties, rather than an universal vocabulary learned in advance. The resulting signatures then need to be compared to determine similarity
between images. Popular distance-based similarity measures [5, 6] for this task are the earth mover’s
distance [7] or the signature quadratic form distance [8].
The Signature Matching Distance [4] now incorporates a matching-based similarity definition into
the signature-based model. The SMD defines image dissimilarity solely based on a matching of image
signatures, without needing a common visual vocabulary. The SMD outperforms thus outperforms other
signature-based approaches in efficiency and accuracy. The SMD can even compete with most BoVW
approaches by using only a simple color and texture-based descriptor [9]

2

Local Feature Descriptors

One method to describe the contents of an image is called Local Feature Descriptors. This is in contrast
to global descriptions of images, such as color histograms.
The idea is to find corners, called feature points, in the image that can be found very likely in another
image of the same scene. The immediate area around each feature point is described using a feature
descriptor in a way that is invariant to various image perturbations such as rotation and scaling, or
varying illumination.
2.1

Common Definitions

2.1.1 Descriptor Space This is a vector space that contains the feature descriptor vectors. Signatures may also be in this space, or a subspace of it. Mathematically, it is generally Rd , but computer
implementations use machine floating point numbers, fixed point numbers, or even integers.
2.1.2 Ground Distance δ : Rd × Rd → R describes the dissimilarity between two descriptors or
signatures.
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Abb. 3.1: Clustering a set of descriptors into voronoi cells and their centroids
2.1.3 Set of representatives RX ⊂ Rd This denotes a small set of k = 10..100 points in the descriptor
space that results from clustering (Abb. 3.1) the set of feature descriptors and taking the centroid of each
cluster. The elements of this set are called representatives, or more technically, centroids.
2.1.4 Weights wX : RX → R≥0 describe the size of each cluster and are attributed to the representative of a cluster. This value is commonly the set size of a cluster.
2.1.5 Signature X = {(x, wX (x)) | x ∈ RX } denotes the set of all centroids and their weights. Its size
for evaluations in [4] was on the order of k = 10..100.
2.2

Position, Color, Texture (PCT)

This is a conceptually simple feature descriptor and fast to compute [5]. It contains the pixel position, a
measure of its color (CIELAB color space), and a description of local texture (coarseness and contrast,
Tamura features [9]).
2.3

History of Oriented Gradients (HOG)

A histogram of the gradient orientations in a small area around a point of interest is computed. This may
be a feature point, or it may be a regular grid across the image (usable for template matching to find
shapes).
2.4

Scale-Invariant Feature Transform (SIFT)

This descriptor [12] incorporates scale invariance (extrema in a Laplacian pyramid) and rotation invariance
(orientation of dominant gradients) to yield very robust descriptions. It is computationally expensive, but
optimized, GPU-accelerated implementations exist.

3

Image Matching Approaches

As hinted at in the introduction, there are two popular approaches to comparing images. I will briefly
describe and contrast them now.
3.1

Bag of Visual Words

The Bag-of-Visual-Words approach makes use of a previously learned visual vocabulary (Abb. 3.3) that
is modelled to fit the problem domain. The descriptors of an image are reduced to this set of visual words
(Abb. 3.4).
Common visual vocabularies must be learned from large databases of images and may contain tens of
thousands or even millions of visual words. These vocabularies may be structured into Vocabulary Trees
[13] for fast lookup.

32

Christoph Rackwitz

(a) House

(b) Gradients

Abb. 3.2: Example of the HOG descriptor (images [17])

Abb. 3.3: A Common Visual Vocabulary, a model of the expected images and their features
3.2

Signatures

The Signature-based approach quantifies the descriptors of an image only in terms of the image content
itself. The advantage of this approach is that it does not require any previously learned model or vocabulary and instead matches sets of image-specific words directly to each other. The problem consists of
finding a good matching (Abb. 3.5), which wasn’t the case in the BoVW approach.

4

Signature Distances

To deal with the previously mentioned problem of matching centroids computed from different images,
there are several several good choices for distance measures. They all make use of a ground distance δ
between descriptors to come to a number that quantifies the distance betwen both signatures.
The Earth Mover’s Distance [7] is a transformation-based measure and expresses the work required to
reshape one distribution (or histogram, or signature) into another, given a few constraints. It transforms
the problem into a minimum cost flow problem that can be solved efficiently using appropriate graph
algorithms.
The Perceptually Modified Hausdorff Distance [15] is a matching-based approach and uses a weighting
function proportional to distance
weight similar to the matching strategy Distance Weight Ratio presented for
the SMD.
The Signature Quadratic Form Distance [5] is a correlation-based approach.

5
5.1

Signature Matching Strategies
Nearest Neighbor

This matching algorithm matches every representative x ∈ X to exactly one y ∈ Y , namely the nearest
one. Thus, n = |X| matches are guaranteed.
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(a) an image and its set of descriptors (symbolized)
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(b) images quantized to a common vocabulary

Abb. 3.4: The concept of Bag-of-Visual-Words

(a) one image

(b) another image

Abb. 3.5: Image-specific quantization (images [14]) yields centroids that are not trivially matched
5.2

Distance Ratio

This approach only matches x to y if there is no y ′ within a certain relative distance because y ′ could
have been a candidate and the small variations in distance might just be noise that should not have an
impact on the matching. We get 0..n matches.
5.3

Inverse Distance Ratio

The opposite approach to Distance Ratio matching. If y ′ is close enough, it too is matched. We get n..2n
matches.
5.4

Distance Weight Ratio

Here, potential matches are evaluated by their distance and inversely by their weight. A close but light
representative will not be matched, but instead a slightly more distant but much heavier one. The idea is
that close but light representatives might just be noise and should be ignored in favor of heavy centroids.

6

Cost Functions

A simple cost function to evaluate the quality of a matching would be c(m) := |m|, or simply counting
the number of edges.
A better cost function would be the following. Here the sum of ground distances of the edges of a
matching is weighted by the respective centroids of each edge. Close matches are good, hence cheap.
Matches between heavy centroids are important, hence expensive unless also close together.
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Abb. 3.6: Nearest Neighbor (left) and Distance Ratio (right) matching (images [4])

Abb. 3.7: Inverse Distance Ratio (left) and Distance Weight Ratio (right) matching (images [4])

cδ (mX→Y ) :=

X

(x,y)∈mX→Y

wX (x) · wY (y) · δ(x, y)

Another cost function uses instead of the plain ground distance the distance/weight ratio:
X
cδ/w∗ (mX→Y ) :=
wX (x) · wY (y) · δ/w∗ (x, y)

(3.1)

(3.2)

(x,y)∈mX→Y

7

The Signature Matching Distance

The Signature Matching Distance evaluates a given matching. If a matching contains many bidirectional
matches, this is taken to mean that representatives matched each other well. This condition should not be
penalized by counting the cost of such edges. A parameter λ discounts such bidirectional matches, such
that their cost can be scaled from full to zero. Unidirectional matches suggest a bad fit and are counted
in any case.
7.1

Definition

The SMD is a function of two signatures X, Y , a matching strategy m, a cost function c, and a parameter
λ that expresses the exclusion of cost of bidirectional matches.
SM D(X, Y, m, c, λ) := c(mX→Y ) + c(mX←Y ) − 2λ · c(mX↔Y )

(3.1)
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Abb. 3.8: A bidirectional match consists of two unidirectional matches. Hence the factor of 2.
Thus, for λ = 0, all matches are counted, whereas for λ = 1, only unidirectional matches count and
bidirectional matches (which signify a good matching) cost nothing.

8
8.1

Discussion of Performance
Compared to Signature-based approaches

An evaluation of Mean Average Precision [4] over EMD, PMHD, SQFD, and SMD using the descriptors
PCT, SIFT, CSIFT (colored SIFT) against two image databases showed that all distance measures
performed best with PCT or CSIFT, and that SMD competed well with PMHD and even outperformed
the Earth Mover’s Distance.
8.2

Compared to BoVW-based approaches

Again MAP was evaluated on the same databases. Competitors were BoVW (from [16]) and some refined approaches of the original BoVW. BoVW was outperformed by 30 percentage points. SMD showed
competitive numbers compared to all other approaches.
8.3

Tuning

Variation of λ and the ǫ parameter found in some matching strategies revealed that very little tweaking
is needed. SMD performance increased up to a signature size of k = 30 representatives, then leveled off.
Varying λ and ǫ improved MAP only by single percentage points.
8.4

Computational Efficiency

Timed computational performance tests showed that SMD is about as fast as PMHD and orders of
magnitude faster than SQFD and EMD. One million distance computations took between 1.4s(k =
10) and 82.8s(k = 100) on a 3.4 GHz single-core machine. This execution speed allows for interactive
applications and enters the realm of real-time.

9

Properties of a Metric

If the SMD had the properties of a metric, all the methods of Metric Indexing [10] could be applied to
efficient database query and retrieval using the SMD.
Beecks, Kirchhoff, and Seidl suspected [4] that the SMD is not a metric. I have investigated their
claim and given below are the results to confirm.
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9.1

Assumptions

9.1.1

δ(x, y) ≥ 0 The ground distance is assumed to be a metric.

9.1.2 wX (x) ≥ 0 The weight of a centroid is non-negative because it was defined to be the size of the
cluster it represents, i.e. the number of descriptors in this set.
9.1.3

λ ∈ [0, 1] λ models the exclusion of bidirectional matches and must be in that range by definition.

9.1.4 c(m) ≥ 0 The cost of a matching assesses the quality of that matching. All presented cost
functions fulfill this.
9.1.5 c(mX↔Y ) = c(mX→Y ) = c(mY →X ) The cost of an edge is the same, irrespective of its
direction.
9.1.6 Matchings can be flipped The presented algorithms for generating matchings generate the
same directed edges (with opposite direction) for input (Y, X) as they do for input (X, Y ). This is
clear because the presented algorithms may generate edges for each x ∈ X and for each y ∈ Y , but
independently of the result of the other stage.
9.2

Non-Negativity
SM D(x, y) ≥ 0
c(mX→Y ) + c(mY →X ) − 2λ · c(mX↔Y ) ≥ 0

(3.1)
(3.2)

W.l.o.g. ignoring unidirectional matches because those would only contribute positively to the lefthand size. Bidirectional matches are left. W.l.o.g. consider a matching m′ ⊆ m, |m′ | = 1 that contains a
single bidirectional edge of cost a = c(m′X→Y ) = c(m′X←Y ) = c(m′X↔Y ). The distance reduces to:
a + a − 2λ · a ≥ 0
2a(1 − λ) ≥ 0
1−λ≥0

(3.3)
(3.4)
(3.5)

The property of non-negativity holds for the SMD.
9.3

Identity of Indiscernibles

9.3.1 x = y =⇒ d(x, y) = 0 Signatures being equal (x = y) implies that both have the same
number of centroids, in the same positions (δ = 0), with the same weights w associated to them. A
matching would match every descriptor in x to the same descriptor in y bidirectionally, each with zero
cost, i.e. c(mX→Y ) = c(mX←Y ) = c(mX↔Y ) = 0. There are no unidirectional matches. W.l.o.g. consider
X ′ ⊆ X, |X ′ | = 1, m′ ⊆ m, |m′ | = 1.
SM D(X ′ , X ′ ) = c(m′X→Y ) + c(m′X←Y ) − 2λ · c(m′X↔Y )
= 0 + 0 − 2λ · 0
=0

(3.1)
(3.2)
(3.3)

The SMD of identical signatures is zero.
9.3.2 d(x, y) = 0 =⇒ x = y This property does not hold for λ = 1. Consider a counterexample,
where SM D(X, Y ) = 0 but X 6= Y .
The centroids are not equal, but paired close enough to make the matching completely bidirectional.
For λ = 1, bidirectional matches cost nothing. Thus, SM D(X, Y ) = 0.
To fulfill this condition, choose λ

1 or take care to have unidirectional matches.
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Abb. 3.9: X in red, Y in blue.
9.4

Symmetry

Assuming a matching algorithm that produces the same set of directed edges, but of opposite direction,
when given signatures the other way around.
SM D(X, Y ) = SM D(Y, X)
c(mX→Y ) + c(mX←Y ) − 2λ · c(mX↔Y ) = c(mY →X ) + c(mY ←X ) − 2λ · c(mY ↔X )

(3.1)
(3.2)

c(mX↔Y ) = c(mY ↔X )

(3.3)
(3.4)

SM D(X, Y ) = SM D(X, Z) + SM D(Z, Y )

(3.1)

The SMD satisfies symmetry.
9.5

Triangle Inequality

This property can not be satisfied by the SMD. The following counterexamples are constructed such
that mX↔Z and mZ↔Y yields bidirectional matches only (SM D = 0), but mX↔Y has unidirectional
matches (SM D > 0). Some arrows are curved for illustration purposes only.
The counterexample for Distance Weight Ratio Matching chooses the weights and distances of the
centroids adversarially such that both X centroids match the upper Y centroid; one match must remain
unidirectional, thus costly.
A counterexample can also be constructed for Nearest Neighbor Matching and its derivatives Distance
Ratio Matching and Inverse Distance Ratio Matching. The centroids are skewed such that for matching
against Z in the middle,“corresponding”pairs are closer together than to other candidates of the signature,
while matching for X and Y the skew starts to matter and provokes unidirectional matches as in the first
example.
Such counterexamples work for λ = 1, but also for λ < 1 to some extent, until the adversarial gain
from the above constructions is compensated. For λ = 0, Abb. 3.11 would indeed satisfy the triangle
inequality; all edges have full cost, but the diagonal one (lower x to upper y) is shorter than going
horizontally twice.
9.6

Conclusion

The SMD, for some λ, satisfies neither the Triangle Inequality nor the Identity of Discernibles.
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Abb. 3.10: Counterexample for Distance Weight Ratio Matching

Abb. 3.11: Counterexample for Nearest Neighbor Matching

10

Algorithmic Considerations

A signature consists of k = 10..100 centroids which are the set of representatives (computed from the set
of descriptors).
Computational effort to match a signature against one other image/signature:
O(k · ln k)

(3.1)

This is the effort expected for k instances (for each representative in the first image) of nearest neighbor
lookup using Binary Space Partitioning, which is a binary search algorithm. For our given k, this is close
to constant and might practically even be turned into a few clock cycles of effort using vector instructions.
Due to the lack of common visual vocabulary, advanced database schemes such as the Vocabulary
Tree [13] can not be leveraged for the SMD. A linear scan over n images results in this complexity:
O(n · k ln k)
This might still be improved upon though using data structures specially suited to databases.

(3.2)
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Conclusions

The SMD is model-free (requires no pretrained Common Visual Vocabulary) and matched or outperformed the state-of-the-art competition using a very simple feature descriptor in both precision and
execution speed. It is simple yet effective. Unfortunately, it is not a metric and hence can not benefit
from fast retrieval algorithms that make use of the property.
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Mean Shift in Infinity Norm
Christopher Tenter

Zusammenfassung
This paper explains the theory behind the mean shift algorithm with focus on image segmentation. Basics
of image processing and required background knowledge is also discussed. The mean shift is an iterative
process which converges at some point. Usually, distances are measured in the euclidean norm when the
mean shift operations are executed. However, the infinity norm can be used just as well and can affect the
convergence rate.
Keywords: Mean Shift, Image Segmentation, Convergence, Infinity Norm

1

Introduction

Image segmentation is the process of grouping image regions based on their object affinity. Usually, image
segmentation is part of an image processing pipeline that involves steps such as noise reduction, smoothing
or sharpening, color correction. The segmented image can be further processed via artificial intelligence
techniques, which detect objects in an image or track the position of an object in a sequence of animated
images. It has medical applications, such as detecting tumors and defective cells, surgery simulation and
any type of tissue analysis. There are various techniques available to perform image segmentation. The
mean shift algorithm is one of them [1].
In fact, the mean shift algorithm has many other uses next to image segmentation. It is not only limited
to images, but can be used for any type of real-valued data of any shape and dimension. The intuition of
the mean shift is to find high density areas in a data set. The algorithm is an iterative process, meaning
that the same operation is repeated several times. Such algorithms may not terminate with a good solution
after a finite number of steps, if they do not converge to some optimal solution. This paper describes
the ideas behind the mean shift algorithm and also takes a closer look at convergence. Furthermore,
application of the infinity norm with the mean shift is explored [2]. An example of a segmented image is
shown in Figure 4.1. The left image shows a building with grainy walls and the left image is the result
after applying mean shift segmentation. It is a lot easier and more robust to perform object detection on
the segmented image, as noise and fine details have been removed while object edges were left unchanged.
Pixels belonging to the same region have the same color after segmentation.

2

Preliminaries

A basic understanding of signal processing is necessary in order to grasp the idea of mean shift. This
paper mainly focuses on image segmentation, so mainly image processing concepts as discussed in [3] are

Abb. 4.1: Input and segmented image. Source: [1]
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required for understanding the mean shift. An image is defined as a 2d matrix, which stores color values.
A pixel is an entry within that matrix. Say I is an image represented by a matrix of type ℜm×n , then
the pixel at row i and column j is a single real value that stores the luminance as color. Also, the image
has width of m and height of n pixels.
I(i, j) = pij ∈ ℜ
This can be extended to a color image by storing three real values instead of a single value for each
pixel. That is, the color is stored as a triplet of real values and each component of that triplet is associated
(m×n)
.
with one of three color channels: red, green and blue. The image is then a matrix of type ℜ3
I(i, j) = pij ∈ ℜ3
However, the mean shift algorithm operates on a set of samples instead on a matrix. Given an image
I ∈ ℜm×n , the set of samples X = {x1 , x2 , ...} has size m · n and is given as follows.
xk = (i, j, pij )T ∈ ℜ3
where k is the index of the k’th pixel of the image, i and j are row and column of the k’th pixel and
pi,j is the luminance of the k’th pixel. For colored images this becomes:
xk = (i, j, pij r , pij g , pij b )T ∈ ℜ5
where the sub-indices r, g and b indicate the red-, green- and blue color channels of the pixel. Furthermore, since pixel index (i, j) and pixel color are merged together in the sample set, this can be improved
by scaling the position with a constant factor. Basically, the mean shift algorithm looks for density maxima in the sample set X. Position and color both influence the density of the sample set, so scaling one
of them by a coefficient s ∈ ℜ gives control about the strength of influence in the common space.
xk = (s · i, s · j, pij r , pij g , pij b )T ∈ ℜ5
Images can be filtered, which means that a filter-operation is applied on the image [3]. This operator
takes the input image, performs certain computations based on pixel colors and maybe also positions and
finally returns the result of the computations as a new image. This new image is the filtered version of
the input image. Blurring, sharpening and noise reduction are common image filtering operations. The
mean shift filter is another filter in the sense, that it has an image as input and returns a segmented
image as output. In the segmented image, pixels belonging to the same content or visual object ideally
all have the same color. Additionally, pixels that do not belong to the same content ideally have different
colors after image segmentation.
Pixels that are grouped together are said to form a cluster. To be more precise, a cluster is a collection
of samples that are related or close together. That is, ares with high sample density form a cluster. In
physics, density is a measure of mass in a normalized unit volume. This is similar in signal processing,
where the number of sample points in a unit volume is a measure of mass. Areas with many sample points
have a higher density, which is what the mean shift algorithm tries to find.
Unfortunately, this idea of density is not a very precise one. In fact, given a sample set as input,
one can only guess the density of each region in the sample set. The intuition is that regions with lots of
samples in one spot have high density, while regions with sparse samples have low density. This intuition is
not very precise, but the mean shift algorithm has to actually measure a quantifiable value that describes
density. Since the density is unknown, it has to be reconstructed based on assumptions and educated
guesses. This is where a kernel function comes into play. A kernel is a function that is suited to build
probability distribution functions (PDFs). A PDF is usually an accumulation of kernel functions. Thus,
density can be modeled as a PDF based on kernels and evaluated at a random point in space [1].
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Related Algorithms

There exists various techniques and methods to perform image segmentation on digital images. The goal
of such an operation is always to cluster pixels belonging to the same region of a visual object together.
Applications in medical image processing usually involve object detection such as diseases and tumors.
Two methods other than mean shift are commonly used for segmenting images: k-means clustering and
normalized cuts [3].
3.1

K-means Clustering

The basic idea of the k-means clustering clustering is rather intuitive. It is an optimization problem of
the following form:
Given a set of n input samples X = {x1 , x2 , ..., xn }, distribute these samples into k buckets such that
the sum of internal variances within each bucket is minimal. Say there are k buckets and Si is the set of
samples that are in the i’th bucket. Then the variance within one of the buckets is given as
X

x∈Si

||x − µi ||2

where µi is the mean of the samples in Si :
µi =

1 X
x
|Si |
x∈Si

So the k-means clustering solution is the partition of sample points into the buckets Si , such that the
following term is minimal:
k X
X

i=1 x∈Si

||x − µi ||2 → min

In this case, variance is somewhat related to the sample density. If samples are wide apart, the variance
is high. On the other hand, if samples are close to each other, variance is low. After partitioning, the
samples are clustered into k buckets and each bucket represents a certain region of an object if the input
was an image. This way, each pixel can be classified into one of k classes. Solving the k-means clustering
problem is not an easy task unfortunately. There are heuristic algorithms such as Lloyd’s algorithm,
that try to find a good approximation to the optimal solution. Clearly, one problem with the k-means
clustering approach is that the number of classes k has to be guessed by the user. The user might have to
apply the k-means clustering filter possibly several times for various choices of k before getting a satisfying
result. Also, implementing a k-means clustering solver is difficult.
3.2

Normalized Cuts

Similar to k-means clustering, the normalized cuts approach is also an optimization problem. It does not
operate on a discrete sample set, but converts the input into a weighted graph instead. For an image for
example, pixels are the nodes of the graph and nodes are connected via edges to each other. There is a
weight assigned to each edge based on heuristics, which describe the similarity between two pixels. For
example, pixels that have similar color and are close to each other, have high similarity. The nodes of the
graph are then partitioned by computing normalized cuts, which is a modified version of the minimal cut
problem.
Each cut partitions one subset of nodes into two subsets. Basically, this method recursively subdivides
the partitions in the graph by cutting. Once one cut has been applied, it stays forever so partition borders
do not move around. There must be a stopping criterion such as a threshold for the value of a normalized
cut within a subset of nodes. In the end, the nodes of the graph are partitioned into several group and
can be reinterpreted as pixels. The partition of the corresponding node is the classification of that pixel
after segmentation.
This approach requires a graph cut solver algorithm, a heuristic weight function and a stopping
criterion. In practice, solvers do not find the optimal solution for the normalized cut problem, but again
approximate it for performance reasons.
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Mean Shift Details

In contrast to the previous two methods, the mean shift algorithm does not solve a discrete partitioning
problem. The result is certainly a partition, but the partition sets are implicitly computed by finding local
maxima in the probability density function of the input samples [1]. Finding maxima of a real-valued
function is also an optimization problem and the mean shift can be compared to the Newton’s method for
maxima searching. Newton’s method tries to find maxima by taking the derivative at some initial point
and stepping along it in domain space. This is repeated until convergence. The idea behind mean shift is
similar and explained in more detail in the following sections.
4.1

Definition

The mean shift clustering is an iterative approach, where each iteration improves the previous state. The
goal is to find local density maxima, so each iteration yields a point that is closer to the density maxima
than the previous state. The mean shift algorithm works as follows: Given a sample set X = {x1 , ..., xn } ⊂
ℜd , a window size h ∈ ℜ and an initial window position y0 ∈ ℜd , try find the next window position y1
by performing one mean shift operation.
y1 = y0 + u(y0 )
where u(y) ∈ ℜd is called the mean shift vector at position y. The main idea is to search for local
density maxima. The search starts at some initial position y0 and is limited to all local samples within
a d-dimensional sphere of radius h around that position. This sphere is called window, since one mean
shift operation only takes samples within that sphere into account. Figure 4.2 visualizes this state for
the 2-dimensional case. The points in the sample set X are painted in red, the window is painted in blue
and the mean shift vector is the yellow arrow. Intuitively, the mean shift vector tries to shift the window
towards a region with higher density. In this example, samples are wide apart in the left area inside the
window, while they are closer together in the right half. This also means that the density is lower in
the left half, but higher in the right half. The mean shift vector should therefore point into the general
direction towards the high density region to the right of the window.
A very simple approach to computing such a mean shift direction is to calculate the mean sample
position within the current window. The mean point is attracted to high density areas. If there is a cluster
of many samples that are close together in one area, then the mean point is drawn towards that cluster.
Let S(y) be the set of samples inside the window around point y with radius h:
Sy = {x ∈ X| ||x − y|| ≤ h}
Then, the mean point is the average of all samples inside the window:
X
1
x
|S(y)|
x∈S(y)

(a) Step 1

(b) Step 2

Abb. 4.2: Mean shift iterations. Source: [5]

(c) Step 3
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and the mean shift vector is the difference between the window position and the mean point:


u(y) = 

1
|S(y)|

X

x∈S(y)



x − y

This can be easily computed and the only challenge in implementing this is to find the samples within
a window around a random point in space. There are various methods to do such a neighborhood search
of samples in an efficient manner. This is a basic problem of collision detection and common solutions
are space-partitioning trees or spatial hashing [4].
After computing the mean shift vector u(y), the window is shifted by that vector to a new position.
Then, the process is repeated for the samples inside the window at the new location. So after k iterations,
the new window position is given as:
yk+1 = yk + u(yk )
Ideally, this process is repeated until the mean shift vector reaches 0. Often, it will not be exactly
0 due to numerical issues or sample layout. A stopping criterion such as absolute or relative thresholds
ǫabs , ǫrel or a maximal number of total iterations kmax can be introduced to avoid infinite recursion.
||u(yk )|| ≥ ǫabs
||u(yk+1 )|| ≥ ǫrel · ||u(yk )||
k ≤ kmax

If any of these constraints are violated, the search is stopped. In such a case, the window does not
move a lot anymore since the mean shift vector has become small or the maximal number of iterations
has been exceeded. The final location of the search is then said to be a local density maxima.
This is the most basic attempt of the mean shift algorithm. To recap, the main idea is that the mean
can be used to find high density areas. Regions with sparse samples contribute far less to the mean point
than regions with many samples that are tightly packed. This actually is a valid model for reconstructing
the unknown density function in an implicit manner. Still, this can be improved by making use of kernel
functions.
4.2

Kernels

Kernels were already mentioned in Section 2. They are basis functions, which can be used to construct a
probability density function (PDF) for the input samples. Basically, it is assumed that the data points X
were sampled from such a PDF. In that case, one can use the PDF to compute more accurate mean shift
vectors. Unfortunately, the PDF is unknown and has to be guessed. There are several kernel functions to
choose from. In any case, the shape of the kernel function should resemble the assumed density function
around local maxima. Figure 4.3 shows the relation between PDF and data points. One can see two
clusters in the data points in this example. One of these clusters has a higher density and this is also
reflected in the PDF. There are two local maxima and one maxima is higher than the other. A more
important fact is that the area around these maxima-peaks resemble the underlying kernel function of
the PDF.
Common kernel functions are the Epanechnikov KE , Gaussian KG and uniform kernel KU :

KE (u) =

(

KG (u) =

c(1 − ||u||2 ),
0,

(

c · e−
0,

||u||2
2

,

if ||u|| ≤ 1
otherwise

if ||u|| ≤ 1
otherwise
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(
c,
KU (u) =
0,

if ||u|| ≤ 1
otherwise

where c ∈ ℜ is the kernel normalization factor. This factor is different for each kernel and each
dimension. In any case, it can be calculated by integrating the kernel term, since a normalized kernel has
to satisfy the following constraint:
Z

K(u)du = 1
u∈ℜd

Kernels also only consider points in a unit radius. Points outside the unit radius are cut off. The
reason behind this is the neighborhood search for samples within a window. Basically, the kernel should
be applied to samples within a window only. Samples outside are not included to improve performance.
After choosing a kernel function, the density of the center point y in a window of radius h can be estimated
as follows:


n
y − xi
1 X
K
f (y) =
nhd i=1
h
The kernel function K is centered around the origin and has a radius of 1, so the argument of the
kernel has to be shifted and scaled accordingly. Intuitively, this estimate is maximal for high density
regions. The kernel fits the region around maxima in the assumed PDF best. Also, since all kernels make
use of the distance between the window position y and sample positions xi , it gives a measure of density.
Furthermore, this estimate can be interpreted as a weighted average computation. For instance, the
uniform kernel assigns each sample the same constant weight. The result of using a uniform kernel is the
same as the mean shift algorithm without kernels, as it was introduced earlier. Each sample had the same
influence on the mean position, so all samples were equally weighted. Choosing a different function such
as the Epanechnikov or Gaussian kernel introduces a non-uniform weighting scheme. Samples that are
close to the window center y have a higher influence than samples that are farther away. This is a common
concept in kernel based image filters. For instance, the Gaussian blur filter is basically a convolution of
the image with the Gaussian kernel. Basically, the Gaussian filter computes a weighted average of the
pixel colors in a circle around each pixel. Pixels close to the center are weighted higher.
So the mean shift filter can be improved with a kernel function in the same vein as many other image
filters. Given the kernel function, it is possible to estimate the density around any point in space as
f (y). Since the goal is to find local density maxima, the mean shift algorithm tries to find the closest
maxima in the density estimate f that is reachable from point y. The algorithm has already been shown

(a) PDF

(b) Sampled data points

Abb. 4.3: Probability density function and sampling. Source [5]
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for the uniform kernel, where the search direction is given by the mean point of samples in the search
window around y. This is no longer the case for a general kernel function and a different approach has
to be used instead. First of all, further restrictions have to be made to the kernel function. It has to
be differentiable and non-negative. The non-negativity guarantees that the weights do not cause any
trouble in the weighted average summation. Filter kernels are used for computing a weighted averages,
so negative weights do not make any sense. The differentiable property on the other hand proves useful
for the maxima search. From the theory of function analysis it is known that the gradient of a function is
a vector pointing in the direction of steepest ascent in domain space. Here, ∇f (y) is the gradient of the
density estimate evaluated at point y ∈ ℜd and points to the direction of steepest ascent in ℜd . Stepping
in that direction by some small amount δ and evaluating it again leads to an area with higher density:
f (y) ≤ f (y + δ · ∇f (y))
If f (y) is already locally maximal, the gradient at that point becomes 0 and the equation still holds.
The idea of the mean shift algorithm is exactly the same as stepping along gradients to find local density
maxima. In fact, the mean shift vector at point y is the gradient of the assumed density function f and
does not even have to be scaled by a factor δ.
u(y) = ∇f (y)
The mean shift iteration after k steps then becomes:
yk+1 = yk + ∇f (yk )


n
yk − x i
1 X
∇K
yk+1 = yk +
nhd i=1
h
Starting at window position yk , the gradient of f at yk is evaluated and used to shift the window to a
new position yk+1 . So the used kernel function must be differentiable at all potential points y ∈ ℜd . For
analytically defined kernels such as the Gaussian, Epanechnikov or uniform kernels the gradient function
can also be found analytically. Thus, the mean shift algorithm does not have to actually evaluate density
estimates, but only gradients of the density estimates. If the kernel does not have an analytical definition,
the gradient can still be evaluated by taking finite differences with some performance hit. All in all, the
mean shift iteration is rather straight forward to implement. The only challenge is to find data points of
the input samples X that are within the sphere of radius h around any random point in space y. This
is an optimization step, because the kernel evaluates to 0 for samples xi outside radius h. As already
mentioned, there are collision detection algorithms which are suited to solve this problem efficiently.
So far the algorithm is independent of the used norm. In fact, the norm is only taken into account
in the kernel function. First, the kernel usually makes use of the norm to compute a weight. Second, the
kernel filters data points that are out of range. Data points are out of range if they are too far away from
the kernel center, that is if the distance measured in some kind of norm exceeds radius h. It is intuitive
to use the euclidean distance for all operations, however it is just as valid to use the infinity norm for
example. The difference between these two norms for a vector x ∈ ℜd is as follows:
√
||x||2 = xT · x
||x||∞ = max |xi |
i=1...d

So the euclidean norm is equivalent to the euclidean distance of x to the origin, while the infinity
norm is the maximal absolute component of x. The kernels in euclidean norm are cut off for samples
outside of a unit-sphere in dimensions d. This actually has the geometry of a hyper-sphere in general
dimensions. However, a unit-sphere in infinity norm does not have the geometry of a sphere anymore, but
that of a unit-cube. This has to be taken into account in the collision detection implementation for finding
neighboring data points around a random point in space. The neighborhood search has to find samples
in a cube with sides 2h instead of a sphere with radius h. This can still be efficiently done however.
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Convergence

The iterative mean shift algorithm for searching local density maxima does converge as shown in [2].
This section explains the proof in more detail and adds remarks for steps, that might not be as obvious.
So the hypothesis to show is that applying the mean shift iterations repeatedly yields a sequence of
window positions yk , which converge to some local maxima in the density function f . This is shown for
the euclidean norm first.
The proof is very much like any convergence proof for sequences in analysis theory. In this case, the
sequence of density estimates f (yk ) shall converge given the iteration step formula
yk+1 = yk + ∇f (yk ).
So, for a random starting point y0 ∈ ℜd , the sequence to examine is given as
F = {f (yk )|k ∈ N} ∪ {f (y0 )}.
A sequence converges if it is bounded and strictly monotonic. Since the goal is to find local maxima,
sequence F should have an upper bound and be strictly monotonic increasing. Sequence F is bounded,
because there are only a finite number of input data points in X and each point x ∈ ℜd has finite
components: ||x|| < ∞. By definition of the PDF f , the sequence F has an upper bound:


n
yk − x i
1 X
K
f (yk ) =
nhd i=1
h
The sum and all atomic terms in the definition of f are finite. Clearly, the number of samples n = |X|,
window radius h and dimension d are all greater than 0 and finite. To guarantee convergence, it is also
important that the kernel maps to finite scalars. Theoretically, this was not required previously, but now
it is to guarantee boundedness. Standard kernels naturally satisfy this condition.
So boundedness of F is given and monotonicity remains to be shown. The sequence F is monotonically
increasing if the following relation is valid for all k ∈ N:
f (yk ) ≤ f (yk+1 )
This means that the estimated density after k + 1 iterations is at least as high as after k iterations.
Actually, the sequence should be strictly monotonically increasing, but this detail is discussed later on.
The remainder of the convergence proof depends on the used kernel. In fact, convergence has to be
shown for each kernel individually, but in this section the Epanechnikov kernel is applied. So inserting
the definition of the kernel into f and considering only those samples S(yk ) within the sphere of radius
h around yk yields:

f (yk ) =

c
nhd

X

xi ∈S(yk )



1−

||yk − xi ||2
h2



.

In this formula, c is the kernel normalization factor and samples outside of the sphere S(yk ) do not
contribute to the sum, as the kernel evaluates to 0 for these points. Without loss of generality, yk can be
assumed to be located at the origin. One can just shift the PDF such that yk is the origin and shifting
the domain space of f has no effect on either boundedness or monotonicity. With yk = 0, the equation
simplifies to:
c
f (yk ) =
nhd

X

xi ∈S(yk )



||xi ||2
1−
h2



.

yk+1 is the new location after applying a single mean shift operation to yk and the density estimate
f (yk+1 ) can not be fully expressed in terms of samples from the previous window S(yk ). But it is known

Mean Shift in Infinity Norm

49

that the two windows S(yk ) and S(yk+1 ) overlap. This observation proves useful in order to relate f (yk )
and f (yk+1 ) with each other. The definition of f (yk+1 ) is given as:
c
f (yk+1 ) =
nhd

X

xi ∈S(yk+1 )



||yk+1 − xi ||2
1−
h2



.

The intersection of samples S(yk ) ∩ S(yk+1 ) is a subset of S(yk+1 ). Thus, if only those samples in the
intersection are considered, the sum becomes less or equal to the actual density estimate at f (yk+1 ):
c
f (yk+1 ) ≥
nhd

X

xi ∈S(yk )∩S(yk+1 )



||yk+1 − xi ||2
1−
h2



.

Furthermore, the samples in the intersection of these two spheres are also a subset of S(yk ), so it
is possible to combine the two terms for f (yk ) and f (yk+1 ) by taking the difference. The difference
f (yk+1 ) − f (yk ) should be positive for a monotonically increasing sequence.

c 
f (yk+1 ) − f (yk ) ≥
nhd

X

xi ∈S(yk )∩S(yk+1 )



||yk+1 − xi ||2
1−
h2



−

X

xi ∈S(yk )





||xi ||2 
1−
h2

The inner 1 in both sums evaluate to the number of samples in S(yk ) and S(yk )∩S(yk+1 ) respectively,
so this can be simplified to:
X

xi ∈S(yk )∩S(yk+1 )

X

1−

xi ∈S(yk )

1 = |S(yk ) ∩ S(yk+1 )| − |S(yk )| = −|S(yk ) \ S(yk+1 )|.

S(yk ) is the set of samples in the sphere around yk , while S(yk ) ∩ S(yk+1 ) is a subset of samples
in S(yk ), which are also in the next sphere at position yk+1 . Thus, S(yk ) \ S(yk+1 ) is the same set as
S(yk ) \ (S(yk ) ∩ S(yk+1 )). By taking care of the signs and factorizing with h12 the relation becomes

f (yk+1 ) − f (yk ) ≥



c 
nhd+2

X

xi ∈S(yk )

||xi ||2 −

X

xi ∈S(yk )∩S(yk+1 )



||yk+1 − xi ||2 − |S(yk ) \ S(yk+1 )|h2  .

The next step is to eliminate dependency of S(yk+1 ) altogether in the sum of samples in the intersection
of both windows. A simple observation regarding the distance of some samples in S(yk ) to yk+1 helps
with this. Samples in intersection S(yk )∩S(yk+1 ) are inside both windows, but samples in S(yk )\S(yk+1 )
are outside of S(yk+1 ). This is shown in Figure 4.4 and mathematically described as

S(yk) \S(yk+1)

yk+1

Abb. 4.4: Sample sets for two consecutive window positions at yk and yk+1 .
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||yk+1 − xi ||2 ≥ h2 , ∀xi ∈ S(yk ) \ S(yk+1 ),
because S(yk+1 ) is the set of samples within a sphere of radius h around yk+1 and S(yk ) \ S(yk+1 )
only contains samples outside of S(yk+1 ). Thus, the distance of samples outside has to be at least h2 .
With this observation, the last term can be expressed as a sum:
|S(yk ) \ S(yk+1 )|h2 =

X

xi ∈S(yk )\S(yk+1 )

h2 ≤

X

xi ∈S(yk )\S(yk+1 )

||yk+1 − xi ||2 .

Ideally, both sums are combined into one sum. This is now possible with simple set theory:
X

xi ∈S(yk )

||yk+1 − xi ||2 =
≥

X

xi ∈S(yk )∩S(yk+1 )

X

||yk+1 − xi ||2 +

X

||yk+1 − xi ||2

xi ∈S(yk )\S(yk+1 )

2

xi ∈S(yk )∩S(yk+1 )

||yk+1 − xi || + |S(yk ) \ S(yk+1 )|h2

The last term is the same term as it appears on the right hand side of the relation for f (yk+1 ) − f (yk ).
So this can be replaced as follows

f (yk+1 ) − f (yk ) ≥



c 
nhd+2

c
=
nhd+2
c
=
nhd+2
c
=
nhd+2

X

xi ∈S(yk )

X

xi ∈S(yk )

X

xi ∈S(yk )

X

xi ∈S(yk )

||xi ||2 −

X

xi ∈S(yk )



||yk+1 − xi ||2 

||xi ||2 − ||yk+1 − xi ||2



T
||xi ||2 − (||yk+1 ||2 + ||xi ||2 − 2yk+1
xi )
T
2yk+1
xi − ||yk+1 ||2







X
c 
T
−||yk+1 ||2 |S(yk )| +
2yk+1
xi 
=
nhd+2
xi ∈S(yk )


X
c 
T
=
−||yk+1 ||2 |S(yk )| + 2yk+1
xi 
nhd+2
xi ∈S(yk )

The last challenge is to evaluate the remaining sum. This sum over all samples in S(yk ) computes the
mean point of the samples in S(yk ) scaled by |S(yk )|:
X

xi ∈S(yk )

xi = |S(yk )|µk ,

where µk is the mean of samples in window S(yk ). The authors in [2] now argue that this mean point
is the next window position. Basically, the window at yk is shifted to its mean point yk+1 = µk . This
would be correct if the employed kernel was uniform, but the proof made use of the Epanechnikov kernel
instead. To be mathematically correct, it is actually necessary to compute the gradient of the density
function at yk as the mean shift vector instead of just taking the mean. The proof given in [2] may not
be perfectly correct in that regard, but assuming the window is actually shifted to the mean point µk ,
the relation becomes
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c
T
−||yk+1 ||2 |S(yk )| + 2yk+1
yk+1 |S(yk )|
d+2
nh

c
T
=
|S(yk )| −||yk+1 ||2 + 2yk+1
yk+1
nhd+2

c
=
|S(yk )| −||yk+1 ||2 + 2||yk+1 ||2
d+2
nh
c
=
|S(yk )| · ||yk+1 ||2
nhd+2

f (yk+1 ) − f (yk ) ≥

Finally, the last term contains only positive terms. To recap, c is the kernel profile, n is the number of
total samples in X, h is the window radius and |S(yk )| is the number of samples inside the window around
yk . All of these scalars greater than 0. The last term ||yk+1 ||2 is the magnitude of the mean shift vector,
since yk was assumed to be at the origin. This is greater than 0, if the mean shift vector is not 0. In the
case where the mean shift vector becomes 0 the algorithm is also convergent, because the window does
not move anymore and a local maxima has already been found in yk . Since all terms are strictly positive,
the sequence F is strictly monotonically increasing. Finally, F converges because it is also bounded by
an upper limit. This means that the mean shift algorithm for searching local density maxima converges.
The proof has been executed in the euclidean norm so far, but it can be easily applied to the infinity
norm. From the definition of the euclidean distance it follows that the infinity norm is less or equal to the
euclidean norm for all vectors x ∈ ℜd . The infinity norm is the absolute of one of the components of the
vector. Say it is the i’th component |xi |, then the squared euclidean norm is at least |xi |2 . Furthermore,
if the vector contains at least two non-zero components, then the infinity norm is strictly less than the
euclidean norm.
x21 + x22 + ..x2d = ||x||22

||x||∞ ≤ ||x||2 , ∀x ∈ ℜd
The difference of two consecutive density estimates in F measured in the infinity norm becomes
c
|S(yk )| · ||yk+1 ||22
nhd+2
c
≥
|S(yk )| · ||yk+1 ||2∞
nhd+2

f (yk+1 ) − f (yk ) ≥

Thus, the sequence F is also strictly monotonically increasing in the infinity norm. In conclusion,
changing from the euclidean norm to infinity norm guarantees convergence as well. The next sections
deal with applications of the mean shift for image segmentation.

6
6.1

Mean Shift Image Filtering
The Mean Shift Filter

The mean shift algorithm performs a search for local density maxima starting at some point y0 . This is
useful for image segmentation, where the goal is to group pixels with high similarity and spatial proximity.
The main idea now is to perform the maxima search for each pixel and assign the color of the local maxima
to that pixel. That is, the color of each pixel in the filtered image is the color of its nearest density maxima.
This is the reason, why image segmentation based on mean shift works. Similar pixels are attracted to
the same density maxima and have the same color after filtering.
At first, the image has to be converted to a sample set X = {x1 , ..., xn }, where n is the total number
of pixels in the image. Say the k’th pixel is located at row i and column j of the image and has a certain
color pk , then the k’th sample is initialized to xk = (s · i, s · j, pk )T . Here, s is a scaling factor to transform
pixel indices i,j and color pk into a common space, as already explained in Section 2. Depending on
the number of color channels, xk has either three or five components for gray-scale and colored images
respectively.
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The mean shift based density search is performed for each sample xk ∈ X individually until it
converges. Then, the result of the search for sample xk is a point yˆk = (û, v̂, pˆk ) that locally maximizes
the density estimate function. The color of the point at the density maxima is stored in the filtered output
image:
I ′ (i, j) = pˆk ,
where I ′ is the filtered image, and i, j are row and column of the k’th pixel.
This algorithm can be improved by executing it repeatedly. In [2] the authors propose an algorithm
that automatically detects, whether repeated filtering can improve the result.
6.2

Entropy-based Mean Shift Filtering

Repeatedly filtering the image with the mean shift filter can improve the result [2]. The reasoning is that
applying the mean shift filter only once may not correctly group pixels if there are lots of small local
maxima in the density function. Repeating the whole filter process might alleviate the problem of having
lots of small clusters, that should actually be grouped together. If local density maxima are close together
and not too different from each other, they might get grouped together in the next mean shift filtering.
It is desirable to find an automatic algorithm, that detects whether filtering an image again is justified.
That is, the algorithm should decide to stop filtering after k steps if the current image Ik and the filtered
version Ik+1 are not too different from each other. The authors in [2] suggest to use entropy as a measure
of similarity between two images. Entropy is a measure of chaos in a data set. It is computed as follows
for an image I:
E(I) = −

X

pI (u)log2 (pI (u)),

u∈Colors

where pI (u) ∈ [0, 1] is the probability that a uniformly randomly chosen pixel has color u and Colors
is the set of all colors in the image. The mapping pI is also called the normalized image histogram. For
color u, it can be computed by counting the number of pixels colored in u and dividing it by the total
number of pixels in the image. The sum in the equation for entropy E is negated, since the logarithm on
probability values in [0, 1] is negative.
It is now possible to measure entropy before and after applying the mean shift filter on an image. If
the difference of entropies falls below a threshold, the mean shift filter has little effect on the image and
another repetition is unnecessary. The entropy-based mean shift image filter works as follows.
Given an input image I, a window size h and an entropy threshold ǫent , compute a sequence of images
I1 , I2 , ... by recursively applying the mean shift filter on Ik , such that the entropy-based stopping criterion
is satisfied:
|E(Ik ) − E(Ik+1 )| > ǫent .
This sequence is initialized with the input image I1 = I and Ik+1 is the mean shift filtered version of
Ik . The sequence eventually stops after n iterations, so the final image In is returned as output.

7

Summary

The mean shift algorithm can be used for image segmentation. It does so by searching for local density
maxima in an estimated probability distribution function of the input samples. A kernel can help to
shape the PDF such that it resembles the distribution of samples of the given image. The algorithm is
straight forward to implement and also easy to use. The user only has to choose a window size and a
kernel function as the main parameters. It is possible to specify more parameters such as custom stopping
criteria to prematurely stop the maxima search in favor of speed. The sequence of mean shift operations
converges to some local density maxima if the operation is carried out in the euclidean norm and also in
the infinity norm. Experiments presented in [2] show that using the infinity norm can improve or worsen
performance, which seems to depend on the image content and window size. The infinity norm tends
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to give faster performance for larger window sizes, but this is also not guaranteed for every image. The
downside of the mean shift filter is that a good window size is not an obvious choice for all images. It
might be even beneficial to define a variable window size depending on the window position. Overall, the
mean shift gives good results for image segmentation problems and is a valuable tool in an image-based
object recognition pipeline.
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Fine-Grained Image Classification with
Convolutional Neural Networks
Ike Sebastian Kunze

Zusammenfassung
The subject of this paper is fine-grained image classification with convolutional neural networks (CNNs),
i.e. distinguishing between very similar classes of images. In this context, the general concept of CNNs
will be explained first, before a network by Krizhevsky et al. [1], the AlexNet, is presented, as a lot of other
approaches build on the architecture of this network. After that, two part-based approaches, the Part-Based
R-CNN by Zhang et al. [2] and Ensemble of Localized Learned Features (ELLF) by Krause et al. [3], will
be discussed and compared to the AlexNet, as they use other additional techniques to further enhance the
performance of the CNN. Finally, it will be analyzed to what extent convolutional neural networks are
currently used in medical image processing.
Keywords: CNN, R-CNN, ELLF, Medical Image Processing

1

Introduction

Fine-grained image classification is a difficult task, although this might not be obvious. In general, human
beings can easily differentiate between certain categories (coarse-grained classification), as well as between
corresponding subcategories (fine-grained classification), as long as one is familiar with the respective
topic. For example, it should not be a problem, even for laypersons, to first identify an arbitrary finger as
a finger (coarse-grained) and then to distinguish between the thumb and the index finger (fine-grained), as
the index finger is longer and leaner than the thumb. However, differentiation in applied medical context
is not as easy as this, e.g. when it comes to the interpretation of computed tomography (CT) or magnetic
resonance imaging (MRI) images. One example for this is the detection of breast cancer in MRI images
as shown in Figure 5.1. As can be seen there, healthy and cancerous regions within breasts can have
subtle differences, thus making it hard to distinguish between them. Modern imaging techniques already
facilitate this process by preprocessing the images in a beneficial way, e.g. increasing contrast within the
image or hiding unimportant body layers. Nonetheless, mistakes may happen, as some radiologists have
better expertise or more experience than others, thus making fewer mistakes, and as humans tend to
make mistakes now and then in general. However, it would be desirable to reliably detect breast cancer,
i.e. without making any mistakes, as such mistakes can be dangerous for human life.
This is where Computer Aided Detection (CADe) methods, i.e. computer-based image processing
techniques, can help to decrease the number of errors. However, computers have not been able to achieve
results anywhere near human performance for a long time.
Yet, latest progress has made it possible that computers now can classify images quite successfully, i.e.
with relatively low rates of error [1]. This recent success is partly explained by technical progress, which
accelerates the computations of the processing techniques and improves the quality of imaging techniques,
thus yielding images of higher quality that are more suitable to further processing by computers. Apart
from these improvements of the technical foundations, image processing techniques themselves have been
extended, too, so that the newly created technical possibilities can be utilized efficiently.
One line of theoretical ideas has built upon convolutional neural networks (CNNs), which were first
proposed by LeCun et al. [6] in 1989 and shall be the topic of this paper. First, the basic concepts of
convolutional neural networks will be reviewed, because a well-founded knowledge of them is inevitable to
understand further approaches. After that, the AlexNet, a CNN by Krizhevsky et al. [1], will be presented,
as the architecture of this network is used as template for a lot of recent state-of-the-art approaches.
Building up on that, two part-based approaches will be shown, as they augment the basic strategy with
additional techniques to further improve the performance of the network. Finally, the applicability of
convolutional neural networks to a medical context and the extent of current usage will be analyzed.
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(a) The MRI image on the left
shows a normal breast, whereas
the image on the right shows a
breast with potential cancerous
regions. Source: [4]

(b) The MRI image shows two breasts, each
having one potential cancerous region (arrows). Source: [5]

Abb. 5.1: MRI images of breast cancer

2

Convolutional Neural Networks

Convolutional neural networks (CNNs) are a special type of feed-forward artificial neural networks, which
are used to process and classify images. Every feed-forward network consists of processing units called
neurons which are organized in one input layer, one output layer and an arbitrary number of layers in
between (as shown in Figure 5.2).

Abb. 5.2: This feed-forward neural network consists of one input, one output and several hidden layers.
Building up on these processing units, the networks compute a function on a presented input image
to determine a corresponding classification. The function is adjusted during the training of the network
in such a way that the computed classification becomes more and more equal to the correct classification,
i.e. after some time, the training images should be classified correctly. After the training is completed, the
function is fixed and, in the ideal case, suitable to correctly classify images that are not from the training
dataset aswell.
As mentioned before, convolutional neural networks are one special type of feed-forward networks,
which is why their concept will be described in more detail in the following. First, the processing units
are characterized in Section 2.1, before different types of layers and their purposes are presented in
Section 2.2. Last, the training of the network will be further elaborated in Section 2.3, i.e. it will be
shown how networks can be adjusted properly.
2.1

Neurons

Neurons are the network’s processing units typically having both incoming and outgoing connections to
other neurons. They work on an input obtained from the incoming connections and complemented by
an additional value, called bias. After applying a so-called activation function on the input, which is
illustrated in Figure 5.3, the so generated output is passed along all outgoing connections.
In practice, non-linear functions are used as activation functions, which permits modeling of quite
complex scenarios. Typical examples for such non-linearities are the saturating functions f (x) = 1+e1−x
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Abb. 5.3: Neuron 3 receives the outputs x1 and x2 of neurons 1 and 2 as input, weighted by w1 and w2 ,
respectively. It then applies its function f on the weighted data, which is also complemented by the bias
value and puts out the result along its outgoing connection.
(sigmoid function) and f (x) = tanh(x) or the non-saturating function f (x) = max(0, x), a very popular
variant. Following Nair et al. [7], neurons with such an activation function are called Rectified Linear
Units (ReLUs).
The interconnection between neurons of different layers is dependent on the layer they are in, as there
are different types of layers with different properties. For example, in some layers the connections between
neurons are weighted, like illustrated in Figure 5.3, whereas other layers do not make use of weights. Thus,
the different types of layers shall be further explained in the now following Section 2.2.
2.2

Layers

Layers are collections of neurons. There are different types of layers, which fulfill different tasks within
a network. As already mentioned, the type of layer has influence on the neurons belonging to it, e.g. on
the connections between the neurons.
One general constraint, which is valid for all neurons within a convolutional neural network, is that
neurons of a layer l − 1 can only have outgoing connections to a layer l, which means that no layer can
be skipped and that no connections to the same or a previous layer are allowed. This is reasoned by the
fact that CNNs are feed-forward networks, i.e. data can only flow in one direction. Other constraints are
highly dependent on the different types of layer, which are described hereafter.
The first type of layers are the convolutional layers. They are the most important ones in convolutional
neural networks and they basically generate local descriptions of their input by using several different
filters. For this, the neurons in such layers apply their standard activation function to overlapping areas
of the input, which is shown in Figure 5.4 a). The influence of each part of the area, i.e. of each contained
neuron, is hereby determined by a weight, which simply scales the output accordingly. Furthermore, the
weights of connections between the same relative position within the overlapping areas and the neurons of
the convolutional layer dealing with the respective area are shared, which is also depicted in Figure 5.4 a).
For example, the output x1 in the red area is scaled with weight w1 , which is also done for the output x5
in the blue area. Both outputs share their relative position within their respective area, which is why their

(a) A convolutional layer of size 2 × 2 with 1 filter and (b) A max-pooling layer with non-overlapping 2 × 2 poofiltersize of 2×2 is here applied to a 3×3 input to obtain ling is applied to a 4 × 4 input. For example, the output
a result of size 2 × 2 × 1.
of the top-left neuron would be 9.

Abb. 5.4: Examples for a) convolutional and b) max-pooling layers
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influence on the processing neuron of the convolutional layer is also weighted with the same shared weight.
One set of such shared weights can be interpreted as a filter applied to the whole input, generating local
descriptions for each area while it is slided over the input. All local descriptions combined are then called
a feature map. In most cases, convolutional layers do not only have one such filter, but several different
ones, each of them having a different set of shared weights yielding different feature maps. Following the
interpretation from before, one could say that convolutional layers apply multiple independent filters to
generate multiple different local descriptions for the input. Typically, convolutional layers represent the
first layers of a network, as they only generate local information. Before this local information is put
together, which is done by fully-connected layers (as they can combine local information from all over
their input), the information is often condensed to reduce its dimension.
This is done by another type of layer, the pooling layers, which simply summarize areas of the preceding
layer in one neuron of their own. For this, the pooling neurons apply their pooling function, which is chosen
from a variety of possiblities, to areas of the preceding layer. The connections, which are used for this, do
not have any weights, as the pooling layers are not adjusted during the training of the network. One way of
pooling is the so-called max-pooling, where the maximum value in an area is chosen as the representative
for the whole area. This is shown in Figure 5.4 b) for non-overlapping pooling regions of size 2 × 2. In
such non-overlapping regions, one neuron can only be part of one area, which is then summarized by one
neuron of the pooling layer. However, pooling regions can also be overlapping, but this limits the resulting
reduction of dimension. As stated before, a lot of convolutional layers are directly followed by a pooling
layer to reduce the size of the generated feature maps, before the still local information is combined by
fully-connected layers.
These fully-connected layers are perhaps the most basic layer type, as they are used in a variety of
different neural networks. Neurons in such layers are connected to every neuron of the previous layer by
weighted connections. In contrast to convolutional layers, there is no weight sharing in fully-connected
layers. Still, such layer use the same activation function and they apply it in a similar way, as their input
is also composed of the sum of all weighted incoming connections and the complementing bias term. As
the neurons of these layers take the input from all the neurons of the preceding layer, fully-connected
layers are well suitable to combine the local information generated in convolutional layers. Thus, it is not
surprising that they are typically used as the last but one layers of convolutional neural networks. They
are only followed by the final classification layer which uses their results to compute the final output
vector of the network.
This vector has as many entries as there are different classes in the classification task, each of them
containing the probability that the input belongs to the respective class. The vector is represented by
neurons of the final layer, which again have weighted connections to the previous layer. The probabilities
can be computed by different kinds of probability functions, one variant being the softmax function, a
generalization of the logistic function. Layers with this probability function are called softmax layers and
represent the most common classification layer.
One exemplary network is shown in Figure 5.5, where all the before mentioned aspects, except for
the final softmax layer, are clearly visible, above all the convolutional layers followed by pooling (subsampling) layers.

Abb. 5.5: This convolutional neural network consists of one input layer and two convolutional layers,
which are followed by a pooling (sub-sampling) layer. Finally, there is a fully-connected layer and the
final output layer. Source: [8].
Altogether, the network computes a chained function consisting of the functions of each layer to classify
the input. As the weights of the neurons in the convolutional, fully-connected and classification layer can
be adjusted, as well as the bias terms, there are a lot of parameters that can be tweaked to influence
the overall output and thus to improve the obtained results, i.e. to achieve a correct classification. This
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is done during the training of the network, which will be looked at more closely in the now following
Section 2.3.
2.3

Training Techniques

Convolutional neural networks are trained on image datasets by applying the network to the images and
adjusting it to yield better results. The intention behind this is that unknown images can also be classified
correctly, once the training of the network on the training dataset is completed. As stated before, the
adjustment of the network is realized by tweaking the weights of connections between neurons and the
values of bias terms and it is for example computed by a technique called stochastic gradient descent.
Stochastic gradient descent basically finds a new value for each weight so that the overall function
moves into the direction of a minimal deviation between the network’s output and the desired output,
i.e. the correct classification, measured by an error function (e.g. the squared error loss function). The
only requirement for the error function is derivability, as will become clear in the following.
The adjustment of the weights starts with those of the last layer. First, all partial derivatives of the
error function for all weights of the last layer are computed. The so obtained gradient then indicates the
direction of the largest decent of the error function, which means that it determines how the weights
have to be adjusted to get closer to the minimal difference between computed and desired output. The
weights are then adjusted accordingly by adding the gradient to the former values of the weights, which
then moves the function in the direction of the minimal deviation. However, it might happen that the
minimum is skipped by accident, if a too large step is used. For this, an additional parameter, the learning
rate, is used which scales the gradient and thus determines how far the movement in the direction of the
minimum shall be. Like this, the unwanted effect of skipping a minimum is treated and with suitable
choices of the learning rate avoided.
After the weights of the last layer have been adjusted, the second to last layer is regarded next. This
procedure is called backpropagation algorithm, which simply backpropagates the error from the final layer
towards the input layer until all weights have been adjusted, i.e. the input layer is reached.
In contrast to standard gradient descent, which needs a complete run on the input dataset, stochastic
gradient descent can be performed after an arbitrary number of images, which speeds up training for
huge datasets. In the context of improved training techniques, pre-training and fine-tuning are two other
important terms, above all when the intended training dataset is quite small. Pre-training means that
the network is first trained on an additional dataset, which is (much) bigger than the (small) dataset
which is supposed to be classified. Like this, the weights within the network can be trained with much
more training examples. After the training on this additional dataset is completed, the final classification
layer is exchanged with a new classifcation layer to fit the number of classes of the new dataset. The
network is then fine-tuned on the desired dataset, which means that the network is trained as usual with
the slight difference, that all weights but those of the classification layer are fixed, so that only those of
the classification layer are adjusted to enable a correct classification.
Summarizing the characteristics of convolutional neural networks, one can say that they combine local
descriptions generated all over the input to compute probabilities for the membership of the input in one
or another class, thus classifying the input. The obtained classification is adjusted during the training
of the network to improve the results, so that in the end all training images and a lot of other images
belonging to the classes of the dataset can be classified correctly, atleast in the ideal case. Although this
adjustment is the main strength of CNNs, it is also their main weakness, as it can happen that weights
are adjusted in such a way that only the training images can be recognized correctly whereas other,
potentially similar images might be classified into completely wrong classes. This is called overfitting and
it is mostly the case when the used dataset is too small for the size of the used network, i.e. if there are
too many parameters that need to be adjusted for too few images. Thus, it is difficult to find a suitable
network architecture and suitable accompanying methods, as wrong choices, e.g. a bad or too big network
architecture, can prevent good results. Still, there are a lot of successful architectures available, which
will be presented in the following sections.

3

Image classification with convolutional neural networks

Recently, research has seized on convolutional neural networks using them to exceed previous results in
fine-grained classification by far so that convolutional neural networks can now be considered as state
of the art in a lot of areas of application, like face detection or speech recognition. A paper by Alex
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Krizhevsky et al. [1], who have developed an efficient two-GPU implementation for large convolutional
neural networks, has played an outstanding role in this process. The authors use their network, often
called ’AlexNet’, to beat previous state of the art by classifying 150,000 images of the ImageNet dataset
into 1000 categories for the ImageNet Large-Scale Visual Recognition Challenge (LSVRC) [9]. Thus, the
’AlexNet’ can now be regarded as state of the art, which is why it serves as principle for a lot of current
approaches to image classification. Both, its architecture and how it is trained, shall be described in the
following.
3.1

Network Architecture

Krizhevsky et al.’s network, the AlexNet, basically consists of 5 convolutional layers, some followed by
max-pooling layers with overlapping pooling regions (layers 1,2,5), 2 fully-connected layers and a final
1000-way softmax layer. The whole network is spread across two GPUs, which is achieved by splitting up
every layer into two parts of equal size and putting them on different GPUs (architecture as depicted in
Figure 5.6). Like this, a higher efficiency for larger datasets can be achieved, as multiple computations
can be performed simultaneously, although less efficient GPU-to-GPU communication becomes necessary due to this architecture, aswell. However, this negative aspect is limited by another trick, as the
inefficient GPU-to-GPU communication is only needed in some of the layers (convolutional layer 3, the
fully-connected layers and the softmax layer), whereas in the other layers the neurons only take input
from neurons that reside on the same GPU (convolutional layers 2,4,5; see Figure 5.6.

Abb. 5.6: Schematic illustration of the structure of the CNN. Source: [1]
The network’s neurons are modeled as ReLUs, because the authors believe networks with such neurons
train several times faster than networks with saturating neurons. This choice has contributed to the fact
that ReLUs can be seen as the current standard activation function. Furthermore, the activity of neurons
of the second and third convolutional layers is adjusted by Local Response Normalization (LRN), a
technique that scales the activity of a neuron in relation to the activities of a certain number of other
filters applied on the same spatial position. In particular, n filters inhibit the activity evoked by a filter
i, which is similar to a behavior found with real neurons called ’lateral inhibition’, where neurons inhibit
each other to intensify contrast between them. Still, it is doubtful if this technique is really necessary, as
there is no other approach which also uses it.
3.2

Training

The AlexNet is trained with standard training techniques for convolutional neural networks, i.e. with
stochastic gradient descent and backpropagation. The whole training process is designed such that overfitting is reduced as much as possible. This becomes necessary as the AlexNet consists of 650,000 neurons
and 60 million parameters, which need to be adjusted during the training.
One thing that is done against overfitting is an artifical augmentation of the training dataset, i.e.
the network can be trained on a greater amount of images. The augmentation is performed by first
altering the color of the original image using a random variable, which yields different results each time
the image is used as the input. After that, the so altered image is resized to a fixed resolution and 1024
random patches are extracted. The network is finally trained on those 1024 patches and their horizontal
reflections, totalling in 2048 overall training images generated from one single image in one iteration of
the training process (mostly, one image is used as the input more than once, each time yielding different
2048 patches). At test time however, only 5 patches are extracted, namely the 4 corner patches and the
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center patch, and used as network input along with their reflections. The network’s result on these 10
patches is then averaged to obtain the classification of the original image.
Another technique to avoid overfitting is called Dropout [10], which literally drops a hidden neuron
out of the architecture of the network for one training image by a 50% chance, i.e. it does neither take
part in the forward feeding (as its output is set to 0), nor in the backpropagation for this image. Thus,
the network’s architecture looks different for every training input presented which prevents neurons from
relying on their neighbors too much and forces them to learn more robust features. During the training
of the AlexNet, dropout is used in the first two fully-connected layers, which makes it neccessary that
the out of these neurons is multiplied by 0.5 at test time to keep the results in a manageable dimension.
3.3

Results

Krizhevsky et al. performed several tests on the AlexNet, achieving record breaking results on the ILSVRC
2009 and 2010 test datasets and winning the 2012 competition. Top-1 error rates (the percentage of images,
which are not classified correctly) and top-5 error rates (the percentage of images, for which the top-5
computed results of the network do not contain the correct classification) of the AlexNet and of the next
best approaches are shown in Table 1 and will be presented in the following.
In the 2009 edition, top-1 and top-5 error rates of 67.4% and 40.9% are achieved, compared to 78.1%
and 60.9% reported by the next best approach. Still, there is no established test dataset for this competition, which is why the much improved error rates might also be explained by the differences between
the test datasets (Krizhevsky et al. simply use a random half of the dataset for training and the other
half for testing)
ILSVRC-2009
Model
Top-1
Previous best 78.1%
AlexNet
67.4%

Top-5
60.9%
40.9%

ILSVRC-2010
Model
Top-1
Previous best 45.7%
AlexNet
37.5%

Top-5
25.7%
17.0%

ILSVRC-2012
Model
Top-1 Top-5
Next best —
26.2%
AlexNet
36.7% 15.3%

Tab. 1: Comparison between the results achieved by AlexNet and previous or next best results in the
ILSVRC-2009, 2010 & 2012 competitions.
In contrast to that there is a fixed dataset for the 2010 edition in which top-1 and top-5 error rates
of 37.5% and 17.0% beat previous results (45.7% and 25.7%) by significant margins. Here, the AlexNet
can clearly be seen as an improvement. This opinion can be substantiated by the results of the 2012
competition, where Krizhevsky et al. have actually participated and won with the AlexNet, beating the
runner-up with a top-5 error rate of 15.3% compared to 26.2%.
Thus, it can be claimed that the AlexNet has set a new standard in the field of fine-grained image
classification, atleast when only talking about the final classification accuracy. This is why a lot of other
approaches have build on the architecture of Krizhevsky et al. One group of ideas has focused on partbased approaches, i.e. applying the network to selected parts of images. The ideas behind this will be
looked at more closely in Section 4.

4

Part-based approaches to image classification

Part-based approaches try to further enhance the performance of a single convolutional neural network
by using it in combination with additional region proposal algorithms, which propose certain regions of
the input image with the intention of restricting the data, which is processed by the network. Ideally, this
reduces the input data to the most useful one, i.e. those regions which are most suitable for discrimination.
Doing so, unnecessary information, like background noise, is dropped as this is not needed for the correct
classification of the image. Furthermore, part-based approaches aim at comparing the appearance of
certain parts of the displayed object, rather than the appearance of certain regions within the image.
Both basic ideas can be realized in a lot of different ways, as will be shown with the help of two
supplementary papers.
4.1

Part-Based R-CNNs

Ning Zhang et al. [2] propose a generalization of a method by Girshick et al., called Region-CNN [11],
to classify 6000 bird images of the Caltech UCSD bird dataset [12] into 200 different breeds. In RegionCNN, images are first put through a region proposal algorithm, where certain regions of the image are
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extracted. These regions are then fed to a CNN to generate appropriate descriptors, which are finally used
to classify the image with a linear support vector machine (SVM). A (linear) SVM divides two sets of
points (representing descriptors belonging to two different classes) by a (linear) function while maximizing
the distance between the points located near the border on each side, as depicted in Figure 5.7. Like the
network, the SVM function is trained with the descriptors of training images and fixed at test time,
where a point belongs to one of the classes, if it lies on the respective side of the border. For the actual
classification, the authors one one-versus-all SVM for each occurring class, i.e. SVMs which decide whether
a descriptor belongs to a certain class or not.

Abb. 5.7: The SVM divides the set of points in two subsets, maximizing the distance between the points
located near the border. Source: [13].

4.1.1 General Structure The basic idea of Zhang et al.’s Part-Based R-CNN approach is the same
like in the original Region-CNN method. Parts of the images, which are suitable to distinguish between
different objects, are first proposed by a method called Selective Search [14], which uses a form of oversegmentation to propose regions, i.e. the images are first divided into a huge number of very small parts
and then put back together step by step to obtain a desired amount of regions. The so proposed regions
are then processed by a convolutional neural network, which uses the network architecture of the original
AlexNet (see Figure 5.6), but a different implementation (Caffe [15]). After that, the computed descriptors
are fed to a collection of one-versus-all SVMs. However, Zhang et al. do not only have SVMs for each class,
but also for a certain number of different parts of the objects, e.g. the bird’s head or body, which enable
them to further perform part detection. They use this additional information to generate a representation
for the object, which is based on the relation between the different parts and their respective appearance.
This representation is finally used to classify the input with another SVM.
In the following, the training of the overall system will be explained first, before details of the classification process will be pointed out.
4.1.2 Training In comparison to the training of the AlexNet, the training of the Part-Based R-CNN
method seems quite expensive, as there are a lot of different components that need training. However,
each component can be easily trained as will be shown in the following.
The convolutional neural network is pre-trained on the ImageNet dataset and fine-tuned on the desired
bird dataset afterwards, as the bird dataset is quite small compared to the ImageNet dataset (6,000 images
compared to 1.2 million images). For the training of the network, Zhang et al. use the same standard
techniques like Krizhevsky et al. At test time, the network architecture only differs in the final 200-way
softmax layer which replaces the original 1000-way version to fit to the 200 bird breeds contained in the
dataset. As the pre-trained AlexNet is publicly available, i.e. the weights of each connection, the only
time in this part is spend on the fine-tuning of the network.
In contrast to that, the SVMs need a complete training. The authors do not only use one SVM for
each breed of birds, but also one for each part of breed, e.g. one for the head. As the bounding boxes
for the birds and a fixed number of their parts is annotated in the training data, the authors use feature
descriptors of proposed regions with more than 0.7 overlap with the bounding box of a certain object
or part as positive examples for the respective SVM, and regions with less than 0.3 overlap as negative
examples.
The final classification SVM is trained on a pose normalized object representation, which uses the
geometric relation between the detected objects and parts to filter out false detections. As this object
representation is quite complex, it will be explained in the following Section 4.1.3.
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4.1.3 Pose normalized object representation The pose normalized object representation is basically achieved by translating intuitive properties of correct detections into formulas.
For this, the locations of an object p0 and its n parts {p1 , p2 , · · · , pn }, i.e. their bounding boxes, are
denoted by X = {x0 , x1 , · · · , xn }, with corresponding SVM scores {d0 , d1 , · · · , dn }, di (x) being the score
for a feature descriptor generated at location x and put into the SVM for part i.
The first property is that the highest scored detections ought to be the right ones. This is achieved
by using Equation (5.1) without ∆(X), as this simply defines an optimization problem to find that
combination of proposed regions, which maximizes the product of all object and part detector scores.
The solution for this is simply the combination of the highest scored regions for each object and part
detector.
!
n
Y
∗
di (xi )
(5.1)
X = argmax ∆(X)
x

i=0

However, the detectors are not perfect, which makes false detections possible. Thus, the authors use
Equation (5.1) with ∆(X), as this function is designed to establish a relation between the object and
part locations to filter out false detections. They experiment with several different definitions for ∆(X),
each of them representing one intuitive constraint to the correct detections.
The first one, which the authors call box constraints, simply filters out those combinations, where
parts are detected outside of the bounding box of the overall object, i.e. when not all parts p1 to pn are
located inside the bounding box x0 of object p0 . For this, they define ∆(X) as
∆box (X) =

n
Y

cx0 (xi ).

(5.2)

i=1

Hereby, cx0 (xi ) is defined such that part locations xi , which fall outside of the object’s location x0 by
more than a fixed tolerance are considered to be not valid (cx0 (xi ) = 0), whereas part locations within
this tolerance limit are considered as valid (cxi (xi ) = 1). Thus, this definition of the scoring function
∆(X) fulfills the primary task and eliminates all detections, where certain parts are detected outside of
the overall object. Like this, the simple combination of the highest scored regions is not always possible
anymore.
Still, the geometric relation between the parts is not regarded by the box constraints, which allows
unwanted constellations, e.g. detections of a bird’s head close to the bird’s feet. To avoid this, the box
constraints are extended to filter out incorrect detections by enforcing constraints over the relative position
between parts and their object. They define their geometric constraints as
!α
n
Y
∆geometric (X) = ∆box (X)
δi (xi ) ,
(5.3)
i=1

where δi is a function that fulfills the task of scoring the relative position of part pi using information
learned from the training data and α is an adjustable parameter. For δ, the authors propose two different
definitions.
δiM G (xi ) fits a Gaussian mixture model with 4 components to locations of part pi learned from the
training data. In other words, the location xi of a detection for part pi is scored by the probability
distribution for the location of part pi in the images of the training data. Thus, this definition tries
to create a general model describing all possible shapes of an object category. However, this might be
inaccurate, if the objects appear in different poses, which is not captured sufficiently. Just think of a data
set in which a lot of birds stand upright and only few have their heads near the ground (which is also
a normal pose for birds). Then the model would state that it is quite unlikely that the head of a bird
is located below the body, thus scoring object and part candidates in this pose with a lesser score than
candidates similar to an upright pose. Like this, detections might be discarded, although they were the
correct ones, just in a pose, which is underrepresented in the dataset.
δiN P (xi ) is an adaption of δiM G (xi ) and tries to eliminate the described mistake. Here, the Gaussian
model is not fit to the whole training data, but to 20 images, which are nearest neighbors to the topscoring window of the object detector. This means that the location xi of the detection for part pi is
scored by the position of part pi in 20 images, which show the highest resemblance to the whole object
detection. In contrast to the model created by δiM G (xi ), the δiN P (xi ) model does not describe all possible
shapes of an object, but only one very specific shape, thus minding the scenario described above, as well.
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The authors reportedly use both of the definitions of δ, achieving results with only slight differences.
The latter one is illustrated in Figure 5.8

Abb. 5.8: The birds in the first column are the respective test images with bounding boxes determined
by the approach of Zhang et al., the 5 other birds in each row are the top-5 nearest neighbors used in
δ N P . Source: [2]
As soon as the optimization problem is solved, the feature descriptors of all regions, which are used
in the optimal constellation, are concatenated and used as the input for a final SVM. Thus, the final
classification is performed using the pose-normalized representation created before, which makes a more
stable classification possible compared to a representation that does not take different poses into account.
Apart from the mere classification of an object, the authors can also use their approach to locate parts,
as this is an elementary component of their system. Results for both, classification and part localization,
will be shown in Section 4.1.4.
4.1.4 Results Zhang et al. use their system to classify images of the Caltech-UCSD bird dataset into
the 200 different bird species contained in the dataset. They conduct several experiments in a setting
where the bounding boxes of the objects and parts are unknown at test time. The classification and part
localization results achieved by the different versions of the scoring function will be reported in Table 2.
Classification with bounding box unknown
Model
Accuracy
Previous best
44.94%
∆null
64.57%
∆box
65.22%
∆geometric (δ M G )
65.98%
∆geometric (δ N P )
65.96%
∆box (finetuned)
72.73%
∆geometric (δ M G ) (finetuned)
72.95%
∆geometric (δ N P ) (finetuned)
73.89%

Part localization accuracy
Model
Head
Body
Previous best
37.44% 47.08%
∆null
60.50% 64.43%
∆box
60.56% 65.31%
∆geometric (δ M G ) 61.94% 70.16%
∆geometric (δ N P ) 61.42% 70.68%

Tab. 2: Tables showing accuracies of the Part-Based R-CNN. Table on the left shows the overall accuracy,
whereas the right table shows the accuracy of part localization, measured as percentage of correctly
localized parts.
The approach of Zhang et al. beats previous state of the art by significant margins, which shows that
convolutional neural networks can also be used successfully in a part-based context. Furthermore, the
results are suitable to judge the effect of the different scoring functions on the overall outcome. As can
be seen in the left table, the usage of a scoring function slightly improves the performance of a system
without a scoring function (∆null = 1, see Equation (5.1)). Moreover, the extension of ∆box to ∆geometric
further improves the performance, although the difference might be less distinct than expected. However,
the difference becomes clear, when the part localization accuracy is regarded separately. Here, the usage
of ∆geometric boosts the performance of a system with ∆box by a more significant margin, which shows
that the idea behind ∆geometric actually works. The lower impact on the overall classification can possibly
be explained by the fact that descriptors generated by a CNN are robust against small translations, which
limits the impact of false localizations.
All in all, it can be said that the constraints enforced by the authors help to improve the results of
the convolutional neural network. Moreover, they show that it is wise to rather compare the appearance
of parts than the appearance of same regions within images to perform a successful classification. In the
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following Section 4.2, another approach is presented to show another possible strategy for realizing the
basic idea of part-based approaches.
4.2

Learning Features and Parts for Fine-Grained Recognition

Krause et al. [3] use feature descriptors generated by a convolutional neural network in connection with
part detectors based on a technique called HOG [16] to form an object representation: Ensemble of
Localized Learned Features (ELLF). ELLF stores detected parts of an object together with their appearance, i.e. their respective feature descriptors, and is then used to classify images of a self-collected cars
dataset [17] with the help of a support vector machine.
The approach introduces one novelty, as all part feature descriptors are generated from the feature
descriptor of the whole image, i.e. the image is divided into parts after the application of the network.
This is contrary to other part-based approaches, like Part-Based R-CNN, where first patches of the
image (containing desired parts) are extracted and then used as the input for the network to obtain the
respective descriptors, i.e. the division into parts happens before the application of the network.
This is only possible because of the unique architecture of Krause et al.’s convolutional neural network,
which is presented in Section 4.2.3 and enables a generation of feature descriptors for specific regions of
an image. Before that, the general principle of the Ensemble of Localized Learned Features representation
will be described in Section 4.2.1. Thereafter, it will be described how discriminative parts of the objects
are first discovered and then detected by part detectors based on HOG [16] in Section 4.2.2. Finally, the
efficiency of the overall system will be pointed out with the help of results published by Krause et al.
4.2.1 Ensemble of Localized Learned Features The Ensemble of Localized Learned Features
(ELLF) stores each detected part of an object together with its respective feature descriptor, e.g. if
the front bumper of a car is detected, a feature descriptor for the front bumper region of the image is
computed and stored as the front bumper’s appearance, i.e. the object parts are directly connected to
their appearances. Thus, an object is represented by the concatenation of the descriptors of each part,
i.e. if an object category consists of n parts and ai denotes the descriptor of part i, the resulting ELLF
representation is (a1 , a2 , · · · , an ).
The generation of ELLF is as follows. Assume that an object category consists of n parts and that
training has already happened, i.e. parts have been discovered, the corresponding detectors are trained,
etc. Given an input image, parts of the depicted object are first detected by applying the trained part
detectors to the image. For each detected part, the convolutional neural network will generate a corresponding feature descriptor of the region defined by the part’s bounding box. If a part is not detected,
the corresponding entry in the ELLF representation (its feature descriptor) is set to 0. As soon as all
entries are set, the ELLF representation will be fed to a linear support vector machine, which will then
perform the final classification of the image.
In this procedure, part discovery and detection and the convolutional neural network fulfill important
tasks within the overall system. Thus, the process of part discovery and part detection is presented in
Section 4.2.2 and details of the unique architecture of the convolutional neural network are pointed out
in Section 4.2.3.
4.2.2 Part Discovery and Detector Learning Part discovery is a key component of the approach
at hand. It works unsupervised and is not customized to the classification of cars, so that it is applicable
to a variety of areas and not limited to the car dataset used in this paper.
The part discovery and detector learning algorithm can be divided into 3 steps. First, sets of aligned
images are searched for, i.e. images which show objects in the same position (see Figure 5.9), so that
spatial positions of the images can be compared to select certain parts. After that, those parts, which
differ most across the whole set of images, are selected to be the defining parts for the object class, i.e.
only those parts are used, which are most suitable for differentiation. Finally, patches of the original
images are used to train one part detector for each selected part, which concludes the part discovery
algorithm. Details of each step will be described in the following.
As mentioned before, the algorithm starts with the search for sets of aligned images. For this, one
of the images contained in the dataset is randomly selected as root image and compared to the rest of
the data set in terms of HOG features. A certain number n of images that show the highest resemblance
is then picked, centered to make comparison easier and stored together with the root image to form
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Abb. 5.9: 8 aligned images, which show nearly
the same pose like the seed image. Source: [3]

Abb. 5.10: The foreground of the region specified by the user (red frame) is extracted from the
image

one set of aligned images (see Figure 5.9). As the background might have unwanted influence on the
comparison, the foreground of all images is beforehand extracted using a form of image segmentation
called GrabCut [18], which extracts an image’s region determined by a bounding box (see Figure 5.10).
As the bounding boxes for all objects are annotated in the training data, no additional manual input is
needed for this step of the algorithm, which is an important aspect for this approach.
From the so found sets of aligned images, certain parts are selected to become the defining parts
for the object class. This is done by randomly sampling some thousand patches of various sizes as part
candidates, whereby the same regions are selected on each image. The variance of the candidates’ HOG
features is then compared across all images, to find parts which differ most, as these are most suitable
for discrimination, e.g. cars can easier be distinguished by their front bumper than by their tires. The
10 candidates with the highest variance are finally selected as object parts. Whenever a candidate is
selected, all parts that overlap more than a fixed value with the selected part are removed from the list
of candidates, so that the selection of redundant parts is avoided. Note that this step is also performed
in an unsupervised way, as patches are randomly sampled and as the 10 parts are automatically selected.
Finally, one detector is trained for each selected object part to enable automatic part detection. For
this, patches of each aligned image at the part’s location are used as positive example, whereas patches
from other locations, which must not overlap with the part’s location, are used as negative examples.
However, it cannot be guaranteed that the images are indeed well-aligned, so that the part’s location
might not be exactly the same in every image, which has to be considered as well.
Krause et al. propose the following learning objective
)
(
XX
X
−
+
T
T
max{0, 1 + w h(Ij , zj )} ,
(5.4)
min
max{0, 1 − max w h(Ij , zj )} +
w

j

zj+

j

zj−

where h(Ij , z) represents the HOG features extracted from image Ij at location z. Furthermore, zj+
is a latent variable representing the true location of the respective part on image Ij , whereas zj− are
randomly chosen locations on image Ij that do not overlap with the true location of the part and are
thus used as negative examples.
The objective is then to find a vector w which yields maximal values when multiplied with the HOG
feature vector extracted at positive locations, i.e. maximizing wT h(Ij , zj+ ), and minimal values when
multiplied with vectors extracted at negative locations, i.e. minimizing wT h(Ij , zj− ). For this, the latent
variable zj+ is initialized with the original location z + , which is only the true location, if the images are
well-aligned. However, w is first optimized for this location and after that the best match for all possible
locations zj+ is chosen. The objective is optimized by alternately optimizing w or zj+ while fixing the other
variable or by including a penalty for locations zj+ which are too far away from the starting location z + .
At test time, the vector wT is multiplied by the HOG feature vector of a certain region of an image
to obtain the detector score. If no part of the image surpasses a certain threshold, the part is considered
to be not visible in the image, which will automatically set the associated feature descriptor in the ELLF
representation to 0. The generation of those feature descriptors shall now be explained in the following
Section 4.2.3.
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4.2.3 Network Architecture The convolutional neural network used by Krause et al. is the second
key component of their approach, as it enables the generation of feature descriptors for specific regions
within an image, i.e. feature descriptors for different parts of an image can be generated without the need
of applying the network to respective image patches like in Part-Based R-CNN for example.

Abb. 5.11: At test time, the convolutional neural network consists of one input layer and 2 convolutional
layers. Feature descriptors for specific regions are generated by performing max-pooling on the second
convolutional layer. Source: [3]
This is only possible due to the unique architecture of the network at test time, as the fully connected
layers are removed after training and feature descriptors are thus only generated by the remaining 2
convolutional layers (architecture at test time as shown in Figure 5.11). The feature descriptor for a specific
region is then generated by performing max-pooling on the respective region of the second convolutional
layer, which is not possible in a standard convolutional neural network, as spatial information is lost in
fully connected layers. Convolutional layers, however, retain spatial information so that a direct relation
between a value in the feature descriptor and a region within the image can be established. Like this,
Krause et al. can generate feature descriptors for each part by simply pooling the overall feature descriptor
at those positions, where a part is detected.
Although the network at hand is based on the AlexNet, there are some more differences to the original
architecture, as the network uses 2 convolutional layers instead of 5, which is an adjustment made due
to the much smaller scale dataset (17,000 images compared to 1.2 million images), and linear units in
the fully connected layers (at least during training). Still, the number of fully connected layers (2), the
usage of dropout and of ReLUs in the convolutional layers and the various forms of data augmentation
techniques are just like in the approach of Krizhevsky et al.
What is confusing is the fact that the Krause et al. do not use pre-training for their network although
their training data is quite small, which is a difference to the Part-Based R-CNN. Although they say
that this aspect will not be important in the future anymore, as datasets will become much bigger, this
explanation is not convincing, as pre-training could have further improved their results.
Nonetheless, their results are quite impressive, even without pretraining, as will be evaluated in the
following Section 4.2.4.
4.2.4 Results Krause et al. apply their system to classify their own car dataset, which makes a comparison to other techniques harder, as no other approach has worked on the same data before. Thus, they
also apply other techniques to the same dataset to compare the results and to make founded statements
regarding the efficiency of their own technique.
As can be seen in Table 3, ELLF beats the results of the previous best approach by 4.4%. Moreover,
it can be seen that the sole application of a convolutional neural network, e.g. the AlexNet, is also better
than the previous best, which solidifies the impression obtained in the before discussed approaches that
convolutional neural networks can be regarded as state-of-the-art.
The results for CNN-SPM (small and large) further show the importance of the ELLF representation.
In those two adaptions of the approach at hand, the ELLF representation is adjusted in such a way
that the same entries of the representations of two images refer to the same location within the image.
The locations used in the representation are obtained by performing spatial pyramid matching (SPM)
on the image, i.e. the image is divided into patches of same size which are then processed by a CNN to
generate descriptors for each patch. In the case of CNN-SPM small, first the whole image is used, then the
whole image divided into 4 patches and finally into 16; for the CNN-SPM large the image is additionally
divided into 64 patches. The descriptors for each of those patches is then concatenated and used as the
representation. The adjusted variants are outperformed by the original ELLF representation by 6.0% and
4.6%, respectively, and even the previous best approach is better than them.
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Classifying Cars
Model
Accuracy
Previous best
69.5%
CNN-SPM (small)
67.9%
CNN-SPM (large)
69.3%
CNN
70.5%
ELLF
73.9%
Tab. 3: This table shows the performance of several models on the car classification task.

Thus, it is again shown, that the comparison of the actual appearance of parts and not same spatial
positions within images is more useful for a successful classification, as was already seen in the PartBased R-CNN approach. The results of the two previous sections will be summarized in the now following
Section 4.3.
4.3

Evaluation

In this section, the most important facts that can be learned from the three different approaches will be
presented in order to develop some kind of guideline concerning the application of convolutional neural
networks. For this, basic components of all networks will be evaluated and pointed out in connection with
other general aspects.
The main problem of all deep convolutional neural networks, i.e. networks with multiple convolutional
and fully connected layers, is overfitting, which can be avoided by training the networks with huge datasets.
However, such datasets are not necessarily available, which is why a lot of dataset augmenting techniques,
like color perturbation or the training on image patches, are used to augment the available training data.
Another possibility is to pre-train the network on a large, additional dataset and then later fine-tune
the network on the desired, smaller dataset, which is for example done by Zhang et al. It is also possible to
simply use a smaller network, like Krause et al. showed in their approach. However, it one can be assumed
that smaller networks without pre-training, which are not used in a part-based system, perform worse
than larger networks with pre-training, as the fewer number of layers restricts the level of abstraction
computed by the network.
In general, it can be said that the network’s size, especially the number of convolutional layers, has
to be chosen fitting to the size of the available dataset, which should always be increased as much as
possible by multiple data augmentation techniques, because the larger the resulting dataset is the more
convolutional layers can be used, thus deriving more and more complex descriptors of the input.
The network’s neurons are preferably modeled as rectified linear units. Doing so, response normalization is not needed to prevent neurons from saturating, i.e. making training possible, as Krizhevsky et al.
explain in their paper.
Several fully connected layers should be used during the network’s training. After that, they can
theoretically be removed from the network to obtain feature descriptors that preserve spatial information.
This means that every part of the resulting feature vector can directly be associated with a specific region
of the input image, which is not possible after the application of fully connected layers, as these mix up
the spatial information. Thus, convolutional neural networks can be used to generate two different types
of feature descriptors, namely one that can directly be related to the input image and the other being an
abstract description of the image.
Another indispensable component of convolutional neural networks are (max-)pooling layers. They are
normally used to summarize information of fixed areas in between layers, but as Krause et al. have shown,
they can also be converted to pool specific regions of the network’s output vector. In connection with
cutting off the fully connected layers, this method enables the network to generate feature descriptors for
different parts of one input image. This way, Krause et al. perform unprecedented work in the area of
part-based approaches, as other approaches, like Zhang et al., need to first extract the desired region from
the image and then use the extraction as the network’s input to generate the desired feature descriptors.
However, both approaches show that it is clever to compare the appearance of parts rather than to
compare certain positions within images, as both build representations connecting object parts with their
feature descriptors.
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Summarizing it can be said that it is not surprising that convolutional neural networks are the new
state of the art in object classification, as all three approaches show the potential of these networks on
basic research classification tasks. In contrast to that, the application of convolutional neural networks
to medicine, a field of particular interest, shall be discovered in the following.

5

Application to Medicine

The requirements for image classification in medicine are a great deal higher than for usage in fields
that do not concern life, because false detections, both false-positive and false-negative, can cause lifethreatening consequences. Thus, medical image processing systems should have high precision, i.e. a high
detection rate and a low number of false positive detections.
Even slight improvements in either of both aspects make such systems more applicable. Knowing that
convolutional neural networks can be successfully combined with other techniques, it becomes plausible
that they could be used for these improvements in connection with already existing methods. And indeed,
a lot of combined methods can be found. First, early development is shortly described, before current
progress, especially based on Krizhevsky et al.’s basic research, is stated.
5.1

First Attempts

First attempts in this domain were undertaken in the mid 90’s, after LeCun et al. had proposed convolutional neural networks in 1989 [6].
Lo et al. [19] applied convolutional neural networks to the detection of lung nodules on chest radiographs, which can be indicators for lung cancer. As assumed above, they used the network in combination
with other methods, namely to verify pre-scan results, i.e. to filter out false-positive detections (FP) and
to confirm true-positive detections (TP). The results achieved by the network were later validated. The
authors report that their network reduces the number of FPs by 79% and preserves 80% of TPs.
This shows that convolutional neural networks can effectively improve other techniques to come near
to performances of radiologists, especially considering studies by Stitik et al. [20] from 1985, who stated
that one radiologist was only able to detect 68% of lung nodules back in that time, which shows that
tasks like this were even hard for human beings not too long ago.
Despite the obvious potential of convolutional neural networks in Computer Aided Detection (CADe), they were still rarely used, as a paper review by Shi et al. [21] showed in 2011. They point out
that convolutional neural networks were only used in 2 of the 23 reviewed papers concerning medical
object detection and recognition. Although their choice of papers might not be representative for the
real application of such networks, it clearly shows that there were not many common papers proposing
CNNs for medical image processing, as these would have been surely included in their work. Following
the publication of Krizevshky et al. [1], this has changed however, as there have been a variety of newly
developed techniques in medical image processing involving convolutional neural networks. Two of them
will be exemplarily described in the next subsection.
5.2

Recent Progress

Holger Roth et al. [22] build upon state-of-the-art Computer Aided Detection methods for computed
tomography (CT) images by Liu et al. [23] (mediastinal CT volumes) and Cherry et al. [24] (abdominal)
to detect enlarged lymph nodes. The CADe methods can detect almost 100% of the occurrences of lymph
nodes, although this high sensitivity, i.e. high number of true positive detections and low number of false
negative detections, is at the expense of a relatively high number of false positive detections, namely about
30 per image. Thus, a challenge is to filter out those false detections, while simultaneously preserving
correct detections.
The network used for this works with the cuda-convnet implementation by Krizhevsky et al., ReLUs
and DropConnect, an advancement of Dropout which drops out single connections instead of whole
neurons, with the architecture being illustrated in Figure 5.12.
The preprocessing CADe systems by Liu et al. and Cherry et al. yield marked regions in the 3dimensional CT volumes, indicating where enlarged lymph nodes have been detected. Each marked region
is then divided into one set of three 2-dimensional images, namely axial, one coronal and one sagittal
image, which are all centered at the center of the region (see Figure 5.13). Doing so, the authors can use
a CNN designed for RGB images by simply using each slice of the 3-D volume as the input for one of the
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Abb. 5.12: The CNN consists of 2 convolutional layers, followed by a max-pooling layer, 2 fully-connected
layers without DropConnect, 1 fully-connected layer with DropConnect and a final 2-way softmax. Source: [22]
3 input channels, i.e. the axial image for the first channel, the coronal image for the second channel and
the sagittal image for the third channel.

Abb. 5.13: Decomposition of the 3-dimensional CT volume into 3 2-dimensional images. Source: [22]
Finally, two different networks are trained, one for each category of CT volumes, i.e. one for mediastinal
images and one for abdominal images. The application of convolutional neural networks improves the
sensitivity of the mediastinal lymph node detection from 55% of the stand-alone CADe method (Liu et
al.) to 70% and from 30% (Cherry et al.) to 83% in the abdominal regions, all achieved with a fixed rate of
3 false positive detections per image, e.g. 83% of the true positives were detected, before 3 false positives
occured. This proves that the performance of existing CADe systems can be drastically improved by the
application of convolutional neural networks. Furthermore, it shows one easy way to use 2-dimensional
networks for 3-dimensional volumes is shown, which is important as the typical data type in medical
imaging is 3-dimensional, e.g. CT or MRI volumes.
Another application to medicine is shown by Li et al. [25], who use a CNN to classify HRCT lung
volumes of the interstitial lung disease (ILD) dataset [26] into 5 different classes, one of them representing
healthy lungs, whereas the other classes are different types of diseases. The authors apply a quite small
convolutional neural network, which is not pre-trained, to 2-D slices of the original HRCT volumes and
they do not use any kind of other techniques to further improve the performance. Still, they achieve a
recall, i.e. sensitivity, which is better than previous best for all but one class of disease, and a precision,
i.e. the fraction of true positives on all positives (false and true positives), which is better for all classes
(see Figure 5.14).
Thus, it can be concluded that convolutional neural networks also show promising results in a medical
context, which implies that they could be used regularly in the near future. Moreover, there are easy ways
to use the common 3-dimensional medical imaging data with standard convolutional neural networks,
although this causes a loss of information, as slices of the volumes only cover a small percentage of
the available data. This is why it could be beneficial to further research efficient, true 3-dimensional
convolutional neural networks, which is a difficult task as they would have a huge number of parameters
and the available datasets in medicine are very small, even when used with standard CNNs. Nonetheless,
the research should be continued in any case to avoid a stagnation like before.

(a)

(b)

Abb. 5.14: Results for the approach by LI et al. on the ILD classification. Source: [25]

6

Conclusion

In this paper, current progress in fine-grained image classification has been shown. Although convolutional
neural networks have already been proposed in 1989 by LeCun et al. [6], their application to medical
problems has stagnated from the mid 90’s. However, early attempts back then, like Lo et al. [19], have
already shown that convolutional networks could be beneficial for medical image processing, above all as
verifiers for other image processing tools. Despite that, CNNs have not been extensively used in medical
context, as the results of a paper review by Shi et al. [21] from 2011 imply. This could be explained by
the fact that there had not been substantial progression in the basic techniques of convolutional neural
networks, which helped to overcome deficits which were crucial for the application in medicine. What can
be mentioned here is e.g. the need for a huge number of training examples, which is especially difficult to
obtain for rare diseases, and for a high accuracy, because both false-positive and false-negative detections
can have serious consequences for a patient’s health.
The paper by Krizhevsky et al. [1] in 2012 has certainly helped to bring convolutional neural networks
back to the center of attention. In their work, they showed how to efficiently train deep convolutional
neural networks, thus making them more useful in general. Although their approach can be regarded as
new state of the art, it uses the network as a stand-alone system and works on a huge dataset, which is
different to the real ’work environment’ of such networks in medical context. Thus, the papers by Zhang
et al. [2] and Krause et al. [3] provide important insights regarding the applicability of this new kind of
networks in connection with other techniques, as they successfully use them in part-based surroundings
together with techniques like HOG feature descriptors and support vector machines.
Approaches by Roth et al. [22] and Li et al. [25] transform the newly learned techniques in a medical
context. They both use standard 2-dimensional convolutional neural networks to work on the common 3dimensional volumes in medicine, taking slices of the original volumes as the input for their networks. Roth
et al. use their network to verify the detections of state-of-the-art Computer Aided Detection methods
with a 2-way classification network, i.e. either verifying or rejecting the CADe detections. Li et al. use
a 5-way classification network to classify lung images into 5 different classes. Both achieve promising
results.
Summarizing, it can be said that the importance of convolutional neural networks in medical context
will certainly rise in the (near) future. On the one hand, this can be explained by the enormous positive
effects that CNNs already provide today, as shown above. On the other hand, it is nearly safe to say that
the performance of convolutional neural networks will further improve with progression in hardware power
and the availability of larger datasets of medical images. Still, the basic principles of convolutional neural
networks should also be further improved, e.g. to make true 3-dimensional convolutional neural networks
feasible, as they are the only ones which really make use of all the information present in 3-dimensional
volumes.
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Image fusion on neural networks
Jan Kehren
1

Abstract

In this paper we will discuss image fusion on neural networks in relation to medical imaging. First of all
we will give you a short introduction about what image fusion is and what neural networks are. After
this we will see how you can combine those with medical imaging and we will see that the inventions of
the last decades prepared new ways for researchers and other people. This paper will focus on the classic
feed-forward neural networks but will touch on fuzzy approaches and wavelet transformation. In the end
you will see a short prospect on the topics of current research.

2
2.1

Introduction
What is image fusion?

Image fusion is a technique to combine two images into a single image that has the maximum information
content without producing details that are non-existent in the given images.[8]
There are many application areas for image fusion i.e. on a weather map at first you get the map oft the
earth’s surface and then you fuse this map with clouds, air pressure and so on. An other example is the
medical technology where you merge different medical images to get more information about the disease
picture of the patient.
Before we can start with the image fusion we need to register the images to each other.
The following graphic shows the single steps of image fusion:

Abb. 6.1: Single steps of image fusion.

2.1.1 Image registration Image registration is when we register two or more images to each other.
We register them to each other thereby we transforming the different sets of data into one coordinate
system.
At first we choose an reference image which is the coordinate system into which we transform the other
sets of data. We call the other images object images.
There are several methods for image registration i.e. intensity vs. feature-based , Spatial vs. frequencydomain methods, etc.
We now have a closer look at one at one easy registration algorithm. It is called rigid transformation.[4]
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Definition: rigid transformation
The rigid transformation is defined by XB = RAB XA + tAB where XB and XA are two points
and the point XA is mapped on point XB .With rotation RAB and shift tAB [4]

As we can see by the definition the rigid transformation does not change the structure of an object so
its clear we can only use the rigid transformation if there is a solid structure. The rigid transformation also
retained distances between every point. This is an ability that exists because there are only displacement,
rotation, reflection or a combination from these allowed.
The following image shows an registration of an MRI (first two images in the first line) and an CT (last
two images in the first line ) image and the registered result in the second line [4]:

Abb. 6.2: Registration of an MRI

2.1.2 Image fusion
The different application areas ensure that there are several methods of image fusion we will present in
this paper: multisensor, multitemporal, multifrequeny, multipolarization and multiresolution image fusion.
The different pictures are often represented in different colors in the final image to discover the different
images in the end.[2]
The current state of technique allows us to get a high quality fused image with spatial and spectral information by different algorithms. In the following we will discuss some algorithms for image fusion and we
will compare them with some performance parameter like peak signal to noise ratio (PSNR), Normalized
correlation (NC), and Men square error (MSE) and their advantages and disadvantages. The methods of
image fusion can be split up into two groups:
1. Spatial domain fusion method
2. Transform domain fusion
In the spatial domain fusion method we directly work with each pixel. The pixel values are manipulated to achieve desired result. A big disadvantage of spatial domain fusion is the spatial distortion which
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appear in the fused image. Therefore we have some problems with image blurring which is really bad
in medical imaging because there is a need of high accuracy when dealing with a human life. One big
advantage of spatial domain fusion is that we a high high spatial resolution.
In the following I will present two easy algorithms for spatial domain fusion.At first we will have a look
at the simple average algorithm[8]:

Definition: Simple average
X(i, j) + Y (i, j)
where X(i, j) and
2
Y (i, j) are two input images with coordinators i and j and K(i, j) is the Output image with
the corresponding pixel i, j[8]
The simple average algorithm is defined by K(i, j) =

The simple average algorithm is quite easy. Its a fact that the regions of images that are in focus tend to
be of higher pixel intensity so the algorithm brings all regions in focus by calculating the average intensity
of 2 pixels from 2 given images and assign this value to the corresponding pixel in the output image.
Now we will have a look at the simple maximum algorithm:

Definition: Simple maximum
The simple maximum algorithm is defined by K(i, j) = max X(i, j) + Y (i, j) where X(i, j)
and Y (i, j) are two input images with coordinators i and j and K(i, j) is the Output image
with the corresponding pixel i, j[8]
The simple maximum algorithm uses the fact that the regions of images that are in focus tend to be of
higher pixel intensity too. It just assign the greatest value to the corresponding pixel. This ensures that
we have an highly focused output image.
In the transform domain fusion we first transfer the image so we do not directly deal with each pixel.
In frequency domain we have to transform the image into the frequency domain that mean we compute
the Fourier Transform of the image then we start with other computations like discrete wavelets transform (DWT). In the end we use the Inverse Fourier transform to get the fused image. One big advantage
is that we can easily handle spatial distortion with the frequency domain methods. So we do not have
spatial distortion but we have some spectral noise. Overall in the end we have an high quality spectral
content.
Now we will have a closer look to the DTW [8]:

Definition: Discrete wavelets transform
Wavelets can be described by using two functions. The scaling function f(t), also known as father wavelet and the wavelet function t or mother wavelet. t undergoes translation and scaling
operations to give self similar wavelet families as given by Equation:

ψa,b (t) =

√1 ψ( t−b ), (a, b
a
a

∈ R), a > 0

The DWT different the wavelets into low-high, high-low, high-high spatial frequency bands at different
scales and the low-low band at the coarsest scale. In the low-low band we see the average image information. The other bads contain things like directional information or spatial orientation. Higher absolute
values of wavelet coefficients in the high bands correspond to salient features such as edges or lines.
The following picture from http://www.intechopen.com/source/html/45735/media/image1.jpeg shows the
wavelet based image fusion:[8]
The following table from [8] is a summery of different fusion techniques with their advantages and
disadvantages.
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Abb. 6.3: Wavelet based image fusion.
Number
1

Fusion Technique/Algorithm
Simple Average

Domain
Spatial

Measuring Parameters
PSNR = 25.48
EN = 7.22

Advantages
This is the simplest method of image fusion.

Disadvantages
The main disadvantage of
Pixel level method is that
this method does not give
guarantee to have a clear objects from the set of images.

2

Simple Maximum

Spatial

PSNR = 26.86
EN = 7.20

Resulting in highly focused image output obtained from the input
image as compared to
average method.

Pixel level method are affected by blurring effect which
directly affect on the contrast of the image.

3

Principal component analysis

Spatial

PSNR = 76.44
NC = 0.998

PCA is a tools which
transforms number of
correlated variable into
number of uncorrelated
variables, this property
can be used in image fusion.

But spatial domain fusion
my produce spectral degradation.

4

DWT

Transform

RMSE = 2.06
EN = 7.42

The DWT fusion method may outperform
the
slandered
fusion
method in terms of
minimizing the spectral distortion. It also
provide better signal to
noise ratio than pixel
based approach.

In this method final fused
image have a less spatial resolution

5

Combine DWT, PCA

Transform

PSNR = 67.08
EN = 7.24

Multi level fusion where
the image undergoes
fusion
twice
using
efficient fusion technique provide improved
result .output image
contained
both
high
spatial resolution with
high quality spectral
content.

This method is complex in
fusion algorithm. Required
good fusion technique for
better result.

6

Combination of Pixel
Energy Fusion rule

Transform

PSNR = 27.75

Preserves
boundary
information and structural details without
Introducing any other
inconsistencies to the
image.

Complexity of method increases.

and

Overall we can see that PSNR of the average method is less then in frequency domain method like SWT,
that means fused image are not precisely to registered image. This is the reason why transform domain
fusion is more suitable then spatial domain method. However we ca not say that we don’t need the spatial
domain methods because the fused image contains high spatial information. So we can say the algorithm
we choose still depend on the problem we want to solve.
At least we can say spatial domain has high spatial resolution but problems with image blurring and
transform domain has a high quality spectral content. If we bring both domains together like combining
DWT and PCA we get both good features in the fused image. [8]
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What are neural networks?

A neural network consists of several computational units, we call these units neurons. Between two neurons
exists a directional, wight connection, so you can imagine a neural network as an graph. The different
nodes of that graph are the computational units, there are different nodes for input and output.
We need a way to give the neural network an input and to get an output from the network to compute
something. We have an input vector and an output vector for every network. The dimension of these
vectors are given trough the neural network, the dimension of the input vector is the number of the
neurons in the input layer and the dimension of the output vector is analogous to that the numbers of
neurons in the output layer.
Every neuron in the neural network has an threshold value, this threshold value indicate the level of
activation. The level of activation is defined by an activation function that refers to the old level of
activation and the threshold value.
The connections are used to send data between the different neurons due to that there are only directional
connections and it is only possible to send data in one direction with one connection. The wight of the
connection reinforce or inhibit the data transmission. We define the connection between two neurons i
and j as Wij.[3] [5]
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Definition: Neural network
A neural network is a sorted triple (N, V, w) with two setsN, V and a function w, where N is
the set of neurons and V a set {(i, j)|i, j ∈ N } whose elements are called connections between
neuroni and neuron j. The function w : V → R defines n. The weights, where w((i, j)), the
weight of the connection between neuron i and neuron j, is shortened to wij . Depending on
the point of view it is either undefined or 0 for connections that do not exist in the network.[5]

Neural networks are derived by the biological neural network, for this reason the neural network has
to learn. This happens through learning algorithms, therefor exist many different learning algorithms for
the many different application areas.
As we now know the basics of what a neural network is and how it works we will have a look at 3 different
topologies how to construct a neural network and how the network learn. So we get the ability to learn
complex transformations.[5]
2.2.1 How neural networks learn We have different kinds of learning algorithms for neural networks. These algorithms train the network to give the right output for a given input.
The common way to train a neural network is to change the weight of the connections so we only will
discus the change of connection wights.
For every network we have a training set. A training set is a set of training patterns, which we use to
train our neural network.
Also there are 3 different types of learning: Unsupervised learning, reinforcement learning and supervised
learning. In this paper we will mostly have a look at the supervised learning.
In supervised learning we have a training set and to this training set a given output. So we give the
training set to the network and after the network did his computation we compare the original output
with the from the training set. Through this output we create our error vector which train our network
by changing the wights of the connections.
We can do this method online and offline. That means we can change the wights after every training
pattern or we can run the complete training set on the network and change the wights after the complete
training set.
In the following part we will talk about the back propagation of error algorithm.[5]

Definition: Back propagation
∂E
= nδj xi where
Back propagation can be defined by the change of the wights by ∆ωij = η ∂ω
ij
∆ωij the change of the wight , n the learning rate, δj the error signal of the neuron j, E the
error function and xi the output of the neuron i is.[5]

Back propagation is an supervised learning where we start with forward propagation of a training pattern
through the neural network. Then we compare the given output and the real output through this comparison we get the error vector. If we have our error vector we start with back propagation of the error
from the output layer to the input layer and while we doing this we change the wights of the edges.[5]
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2.2.2 Feed-forward networks Feed forward networks work with a layer model which contains 3
kinds of layers. This kind of neural network will be the main focus in this paper. The first layer is the
input-layer which manages the input which comes to the network. After the input-layer there are several
computational-layer which do all computation in the network, these layers are not visible from the outside. The last layer is the output layer which manages the output from the neural network.
A point that fell account is that in feed forward networks the connections are always directional to a
layer that is nearer to the output-layer then the layer before so it the directions always are from n to
n+1. If every neuron in layer n has a connection to every neuron in layer n+1 then the network is called
completely linked.

Definition: Feed-forward network
The neuron layers of a feed forward network are clearly separated: One input layer, one output
layer and one or more processing layers which are invisible from the outside (also called hidden
layers). Connections are only permitted to neurons of the following layer.[5]

Abb. 6.4:
In some feed forward networks it is possible to jump over a layer. The data starts in layer n and arrives
in layer n+2, we call that jumps ShortCut-Connections.[5]
2.2.3 Recurrent networks Recurrent networks are an extension of the feed-forward networks. An
important point is that in recurrent networks the neurons are not explicit input or output neurons.
Recurrent networks are split up into three groups: direct recurrence, indirect recurrence and lateral
recurrences.
In direct recurrence networks we add the possibility to make connections from a neuron to itself so it
by influencing itself directly therefore direct recurrence.
In indirect recurrence networks are also an extension of the feed forward networks with the possibility
to have connections from layer n to layer n-1 so the neuron can have influence on itself by influence the
neuron where the input comes from.
The last ones are the lateral recurrences networks. They are also an extension of the feed foreword
networks with the possibility to have connections inside the layer.[5]
2.2.4 Completely linked networks Completely linked networks have the special feature that the
layers model is canceled because every neuron can have a connection to every other neuron except itself.
So the direct recurrent is not allowed in this kind of network.[5]
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2.2.5 Hopfield model Hopefield models are inspired by the behavior of particles in magnetism [5]. It
is a completely linked network where every particle tries to minimize his requirements energy. The idea
is that we use the rotation angle of every particle to represent our date and we use that the connections
have symmetric wights. Also we only use 2 rotation angle so we have a binary level of activation.
Therefore Hopefield networks have the property that they always converge to 0. That is the point why
we always know when the computation is done. It is done if the network does not change anymore.
Then it is clear how we give an input and get an output from this network. We have a binary string and
let each neuron represent an number of this string, this is how we put an input to this Network. Then
we let the network converge and when the network do not work any longer we can read our output as
the same way we give our input. The output is the last configuration of the network, so our output is an
binary string too.

3

Usage of image fusion and neural networks in medical imaging

One big application area for image fusion is Medical imaging. We need image fusion in the tomography
to compute and manipulate the images of i.e. mrt or ct. Neural networks become a part of this to reduce
the computational time.
To reduce the computational time of tomographic images in medical imaging we use hopefield models. It
is shown that the time where we start using the neural network is really impotent. There are 2 variations
applying the neural network before or after the wave field collection. Applying the neural network in the
beginning of the wave field collection we need around 10.000 iterations and after the wave field collection
we need around 200 iterations. So we see there is an impressive improvement if we use the neural network
after the wave field collection.[6]
But why do we need image fusion and neural networks in medical imaging?
Therefore are several reasons at first we have necessity of high accuracy when dealing with a human life.
If we want this high accuracy we can get it if we keep the false negative cases at a very low rate.
Another point of view is that hospitals need to control their costs and good software can assist human
and help them work more efficient.
A following point is that each of the different diagnostic tools like X-ray, MRI, CT, PET scan etc. have
different advantages, disadvantages and application areas. For example MRI is good to see tissue structures and a PET scan maps biochemical and physiological functions.[1] Now we are able to combined
these two images into one image with image fusion to see where is a malfunction like in this example
(http://www.medicalexpo.de/) where you see in the first row an MRI scan in the second row a PET scan
and in the third row the fused image:

3.0.6 Group Method of Data Handling (GMDH) The Group Method of Data Handling (GMDH)
is a collection of algorithms that has a wide field of usage. It is used for data mining, forecasting, optimization and knowledge discovery. In medical imagining GMDH is used in a variation the inductive GMDH
to find the best neural network for an algorithm and to increase his correctness. In [6] a list of useful
scenarios of GMDH is given :
-

Optimal complexity is known
NN parameters are calculated automatically in hidden layers
Most accurate model should be selected
Simple programming is needed
Apriori assumptions of modeling should be minimized

Now we will present some applications areas for GMDH in medical imaging.
At first we have the a GMDH based algorithm for analyzing images in 3D to recognize the heart. The
algorithm uses a feedback methodology to detected the properties of the images. The algorithm self selecting the neural network. The advantages are that this algorithm shows a good performance in extracting
the features from the image. A disadvantage of this algorithm are the complex computations which are
distress but overall we can say that the algorithm based on GMDH efficiently recognize the heart in images.
An other usage of GMDH is an algorithm that recognize the different organs in an CT image of the
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Abb. 6.5: Image fusion
belly space. The algorithm extract the single organs for analysis or further observation. this algorithm
also self select the neural network by setting a lot of variables to find the most fitting network. A big
advantage is the we only need one algorithm to detect several organs. The disadvantage is that the algorithm is only compatible with CT images that makes him inflexible. Overall the algorithm has a good
detection of lungs stomach and spleen.
Because the detection of lungs from chest X-ray image fails using the normal neural networks, GMDH
brings the solution. The algorithm is extended to detect cancer. It works in 2 steps with multi-detector
row images what an disadvantage is because it only work on those.
3.0.7 Probabilistic Neural Networks (feed forward network) Probabilistic neural networks or
feed forward network have great influence in medical imaging. There are several application areas for
them like the following table from [6] shows :
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Number
1

Application
Probabilistic
neural
networks based tumor detection

Advantages
Fast process and
less complexity.

Limitations
None

Results
A good performer and can
be helpful in detection of tumors

2

PNN vs MLP

Multi-layer
perceptron
is
high performer. performance
then MLP.

Probabilistic has less

In some cases MLP is better
performer.

3

Image evaluation based in
PNN

Better decision making is archived with machine learning

Compound of dual systems
and less reliable.

A good tool to be considered as a helping program but
cannot fully rely on this system.

4

Contour detection in ultrasound

Effective for 3D data

Computationally
and expensive.

The proposed method accelerates the reconstructions
by roughly a factor of three
on average for typical 3D
multi slice geometries.

5

Probabilistic
sentation

Easy mapping of simplex to
real world units.

No reverse mapping

An average algorithm to be
used in helping medical imaging.

6

Image registration using random coefficient

Minimized energy function

None

The experiment showed satisfactory results.

Shape

repre-

involves

complex

7

Probabilistic image validation

improved accuracy

No detailed performance testing for performance.

Accuracy more focused whereas no stats

Number

Application

Advantages

Limitations

Results

8

Kidney contour detector

Simple user interface

None

A good system with light
weight application.

9

Deformable density matcher

None

Relatively complex computations

No promising
shown

10

Probabilistic validation tool

Improved reliability

None

Significant improvement in
reliability of the tool for extraction of 3D shapes is proposed. A good implementation work

11

Temporal analysis of brain
MRI

Brain disease can be detected earlier

Complex system

Shown good results but performance is missing

12

CT image reconstruction

Reconstructs the series of 2D
image and display the result
as 3D

A variety of problems exist
in the method that needs improvement.

The results obtained by the
method are satisfactory.

results

are

We will now have a closer look in the probabilistic neural networks based tumor detection from the
table above.
In this paper the authors uses the principal component analysis for the feature extraction. Its one of
the most successful techniques that have been used in image recognition and compression because PCA
reduce the large dimensionality of the data. In the paper a set of MR images is used as training set to
classify the brain tumors. The task is now to find the most similar feature vector to the feature vector of
a given test image .
In the training phase of the network the feature vectors of all test images extracted with the assistance
of PCA. Therefore the image were transferred into single pixel vectors. Now PCA is applied to reduce
the dimensionality of these vectors. So each feature vector is computed and stored.
We go over to the testing phase where the feature vector of the test image is computed with PCA. Then
we compute the similarity between the feature vector of the test image and of all the training images and
if we assign it to the most similar. The similarity is computed with the Euclidean distance. The following
image from [7] shows the schematic diagram of a MR image recognizer:
The probabilistic neural network has a lot of advantages for example it has a very high training speed,
the training is instantaneous and it is robust to noise examples.
We have instantaneous learning because we do not have any wight changes. We train the network by
adding new connections and the wights get assigned. So the network is also robust to wight changes.
These abilities makes the network very fast.
The network classifies an input vector into the class that has the maximum probability to be correct. The
structure of the network is described by the following picture from [7]:
In [7] were 2 sets of data. The first set is the training set which consists of 20 images and the second
one is the testing set which consists of 15 images. The training set is to train the network and the testing
set is used to verify the accuracy and the effectiveness of the network. The spread value of the radial basis
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Abb. 6.6: Schematic diagram of a MR image recognizer
function was used as a smoothing factor and the with the different spread value they achieve different
accuracy from 73% to 100%.

4

Conclusion

Overall we can say every modality of imaging has its own practical advantages and limitations so we need
multi-modal approaches to have an high accuracy when dealing with the human life. So the combining
of image fusion and neural networks is interesting for medical imaging because several scopes to apply
both e.g. feature processing, feature extraction or making decision.
At least we can say that the current high technologies medical imaging would not exist without neural
networks and image fusion. In addition there is to say that application of PNN is not fully utilized yet
so it is an interesting and forward-looking field of research.
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Review - Application of the Ring Theory in the
Segmentation of Digital Image
Ligia Bildea
1

Introduction

Image segmentation is representing the technique of dividing an image into multiple segments such that
the image becomes more easy to process and analyze. Due to its importance in image processing which
is used in different areas such as imaging, machine learning, biology etc. this procedure took the interest
of many researchers. Today we are facing with a lot of algorithms that improve just parts of the image
segmentation, specializing themselves in some particular task. None of the techniques succeeded to return
the best performance in all the cases as a result of the enormous number of features in a picture. This
paper is based on the [2] and its aim is to explain and to review the idea presented by the authors. The
reviewed paper is introducing a new stopping criterion for the Mean Shift algorithm with the purpose of
improving the segmentation.
Mean Shift algorithm was invented in 1975, but it was not widely used until it was applied the
computer vision and obtained very good results. Therefore, many researchers focus on involving it as
much as possible in the image segmentation task.
The authors are concentrating on doing a similar thing, hence they propose a new similarity index
among images based on Ring theory and entropy function. This index is the new stopping criterion
specified before.
Each section of this paper will contain a brief explanation of the information found in the handedin paper followed by a personal opinion related to it. In the first section, the purpose of the paper is
discussed as well as the motivation. Once the questions about what the authors are going to do and why
are answered the theoretical aspects are going to be presented. In the next step, section 4 will throw a
light on the similarity index with entropy function. Having all the theoretical concepts needed explained,
we continue with the experiments and the results. At the end the conclusion is pointing out the most
important ideas drawn from the handed-in paper.

2

The purpose of the paper

The goal of the paper can be easily depicted already from the abstract. The aim of the authors was to
reach a better performance for segmentation process in digital images than the performance achieved by
[7, 8, 9, 6] and a more stable algorithm.
The solution proposed, was to use a new stopping criterion, based on Zn ring and entropy function, for
the Iterative Mean Shift algorithm. The authors claim that the usage of Ring Theory for the Iterative Mean
Shift algorithm, together with the new stopping criterion has a good performance and a better stability.
Between the ideas which motivate the solution of the paper, we found on the first place the inflexibility of
the existing methods, due to the complex variation in shape of the objects within an image. Techniques
such as thresholding, histograms or other traditional methods are consider rigid methods by the authors,
because of their complexity in automation process of the classical approximation. As a consequence the
segmentation process, in this case, is based on Mean Shift algorithm, considering the good results provided
by it in the image processing domain.
The reason presented for choosing the entropy function is represented by its importance in image data.
Entropy function is a fundamental concept in the information theory. It is claimed that, if the pictured
are defined by means of Ring Theory, the properties of entropy can be increased.
Since the authors want to consider the spatial information they use the Ring Theory. In this case all
the images are represented as matrices with elements belonging to the cyclic ring Zn . In addition, Ring
Theory has also been successfully used in cryptography and other computer vision tasks.
Regarding the goal of the paper, due to the lack of further explanations I will categorized the goal
as vague. This affirmation is based on [5], where it is presented that a better segmentation relies on the
88
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purpose of the application, on the features of the input image and on the knowledge of the user, none of
which being specified here. Being dependent on such a multitude of factors, it is as well the reason why
there exists no perfect segmentation that can be applied in all the cases.
In what regards the motivation for choosing to represent the images as matrices with values belonging
to Zn ring, the authors mention that by the help of this method, the information it is not lost, the negative
values are not set to 0, but they are wrapped up.

3

Theoretical aspects

The paper presents in section 2 the theoretical aspects that concern the algorithm used and the new
similarity index found. They are meant to help the reader to understand better the basic concepts,
underlying the solution proposed by the authors.
In the beginning, Mean Shift basic aspects are highlighted. The history of it starts in 1975 when
Fukunaga and Hostetler [1] invented this algorithm. It didn’t caught too much of the attention at that
time, therefore it was not widely used until it was applied in Computer Vision tasks. The performances
achieved were exceptional and they had as a consequence the propulsion of the interest for this algorithm
in the top. As a reader can depict from the paper itself the Mean Shift is a non-parametric iterative
algorithm which maps the feature space to empirical probability density function and uses a generalized
kernel approach.The logic behind it is the following: the algorithm takes an images and converts it into
feature space. In this case the feature space is 1 dimensional, because the authors consider just the
intensity values. Further, the search windows are distributed over the feature space and the mean value
is computed for each of them. Next step is to shift the center of the windows to the mean value and
algorithm is repeated until it converges. After each iteration, the windows are considered to be moved
into a denser region of the feature space. Whenever more windows reach the same location they are
merged.
The authors use a mathematical approach in order to explain the Mean Shift concept, starting with
the formula of the estimation of the probability density function f(x) and continuing with Epanechnikov
Kernel formula which is applied to compute f(x). Step by step, using trivial calculation, they reach to
the Mean Shift Vector formula. The computation presented in here is utilizing the general case of d dimensional space, but it is mention that only the case d equals 1, corresponding to gray level images,
will be taken into account because of simplicity reasons. This part of the paper is representing the exact
same work described in the previous papers [7, 9, 6] published by some of the same authors, but in this
case without having any reference to them. In other words, even if the authors mentioned a revision of
the Mean Shift theory as an improvement of the paper with regard to [11], in fact we find just a copy of
a section that was contained in previous papers published by them.
The next subtopic portrayed is related to the theoretical aspects of entropy. In brief the entropy
function, proposed by Shannon [10], is a measure of unpredictability, which obtains the lowest value 0
within a totally uniform region. This case is utopian because in practice the images present all the time
noise. Thanks to the fact that it can be seen as a measure of disorder in a system, it was successfully
used as stopping criterion for the Mean Shift algorithm.

4

Similarity index with entropy function

The section 3 puts the accent on the similarity index, which is defined by the use of the entropy function.
In this moment, the authors bring concrete arguments about the motivation underlying the paper. The
question they want to answer is why the entropy function is not a sufficient stopping criterion for the
Mean Shift algorithm. In order to explain it, they make use of an example which shows that the entropy
function will return the same values in the case of two pictures having the same pixel distribution, even
if they are different from the point of view of the images. Based on this fact, the authors claim that the
similarity index between two images calculated as the difference among the entropy of the two images
will led to wrong results when the difference among them is computed. The solution they present is a
combination of the entropy function and Ring Theory such that the spatial information between the
images is also taken into account .
Next topic introduced is the Ring Theory with respect to images. As the reader can find in the
definition given in the paper, the Zn Ring is a partition of Z in which the elements are related by the
congruence module n. Hence, the authors are defining the images as matrices with the values of the pixels
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belonging to the cyclic ring Zn . After a very basic theory introduction which starts with the definition of a
Zn ring and continues with the theorem of the addition and multiplication with respect to a ring structure,
the trivial proof of the theorem and the properties of the ring are introduced. These are the preceding
concepts based on which the strong equivalence in images is defined. Furthermore, the equivalence class
concept is introduced and this part of the paper is concerned with proving that two images are in the
same class of equivalence if and only if the two images are strong equivalent. This result also helps in
the next definition of Natural Entropy Distance which will play the role of the new stopping criterion for
Mean Shift. In the following I will enunciate its definition, as found in the hand-in paper.
Definition 1 Let CA and CB be two elements in the quotient space G(Z)
N , A1 ∈ CA and B1 ∈ CB are
images. The Natural Entropy Distance between A1 and B1 is defined by
vb(A1 , B1 ) = E(A1 + (−B1 ))

(7.1)

In this segment of the paper, the reader can observe the transition from very basic explanation of
some of the concepts, to a very abstract one for some of the main concepts. For example, in the case of
Ring Theory there are given trivial demonstrations for the theorems used, but not such a clear and easy
explanation when it comes to the formula of the new stopping criterion.

5

Experiments and results

The experiment results, together with the comparison and the discussion are detailed in section 4 of the
handed-in paper.
The method chosen to demonstrate the benefits of the new stopping criterion is the comparison with
an old stopping criterion which relies on the Entropy function. The distinction between the two criteria
is that in the case of the new stopping criterion, first a difference between the images is performed and
after that the entropy function is applied. For the old criterion the entropy values of the two images are
determined and the difference between them is computed.
The test images which are taken into account are based on their frequency. First one is called ”Birdänd
it belongs to low frequency category. For high frequency the picture called ”Baboonı̈s tested and representative for a combination of low and high frequency is the image Montage”. If a picture is belonging to
the low frequency category it means that the pixel values in that image are changing slowly over space,
at the opposite side for high frequency images the value of the pixels changes fast over space.
Among the comparisons conducted, the reader can find the profiles of the segmented image ”Birdöbtained using each criterion at a time. About the graphics attached, it is pointed out that they correspond
to equal intensity level. The outcome highlighted by the authors is the achievement of a better segmentation using the new stopping criterion. Their claim emerges from the fact that in the same region of
segmentation, the profile, when the new criterion was used, has less variation of pixels intensities. The
second comparison is related to the performances of the Mean Shift algorithm using the new, respectively
old criterion. The authors focus on the less homogenous areas found in the pictures resulted by applying
the old stopping criterion, which are emphasized by mean of arrows. As a consequence to the better
homogeneity found in the images obtain when the new stopping criterion was used, the conclusion that
the new stopping criterion is better then the old one was drawn.
In the next sub-sections of the paper a personal opinion will be given regarding the experiments and
the results presented.
5.1

General Overview

The first struggle that the reader faces is that the purpose of using the new stopping criteria is very
unclear. If in section 4 and in the section 5 the authors mention that the new stopping criterion for MSHi
algorithm is more stable than the old criterion, in section 4, in the description of the measures performed,
the authors claim that the new criterion gives a greater instability to the MSHi.
The general problem that persists in this paper is that the results are roughly described by the authors.
The diagrams that are presented have no axis titles and the reader has to search in the text what the
axis represent. The lack of details lowers the trust in the results presented.
In the literature belonging to the same topic, the method most used, which follows the diagrams, is
displaying the performances obtained in a table. It should contain the best values achieved and also the
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Abb. 7.1: The results diagram presented in the reviewed paper.

worst one in comparison, in this case, with the other stopping criterion. We can find example of these
representation in [12, 4] and many others. In the same time, in papers that make a parallel between two
or more methods, the authors always specify the type of machine that was used to perform the tests.
Here nothing is specified concerning this subject.
The experiment results that sustain the new approach for image segmentation, proposed by the paper
aim to prove that using the new stopping criterion, the segmentation process gives more homogeneous
results. For this purpose, there are provided the original versions of the images and the versions of
segmented image using the old criterion and the new one. The differences are pointed out using arrows
and a small text description.
Furthermore, in the final measures for comparing the two stopping criteria using the experimental
images, different scales for the diagrams are used. There exist no detailed explanation why and how this
sustains the performance of the new stopping criterion based on Natural Entropy Distance. The only
thing which is mentioned is that on the diagram corresponding to the new criterion applied to MSHi, the
behavior is more smooth and therefore the algorithm is more stable. In Figure 7.1 , a part of the results
was taken from the paper to underline the problems found.
5.2

Algorithm Overview

The Iterative Mean Shift algorithm is a technique mostly known in literature for its good performance in
fulfilling the clustering tasks[3]. In the case of image segmentation it also provides reliable solutions. It
seeks the modes in a feature space composed of spatial and color information. The results obtained with
this method are efficient, the only drawback that can appear in case of some inputs is the calculation
speed. Obtaining such promising results, led in the last years to many optimizations techniques able to
improve the calculation time. Some of them are oriented on using specialized test datasets and others,
with the risk of affecting the accuracy of the algorithm output, are using different heuristics. In this case,
it is used the Iterative Mean Shift algorithm using Natural Entropy Distance as stopping criterion.
Moreover, when an Iterative Mean Shift algorithm is used, the quality of the segmentation relies
also on the value of input parameters hs(spatial resolution) and hr(range resolution)[5]. If the spatial
resolution hs increases, then only the features with a large spatial support are present in the segmented
image. If the range resolution is large, then the features that have a high contrast will be represented
in the segmented image. Regarding this scientific work the values for hs and hr are 12, respectively 15.
There is no specification why these values are chosen, even though in [5] it is claimed that the bigger
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Abb. 7.2: Results taken from [6] a)Original Image b) Image segmented using MSHi with entropy as
stopping criterion hs=12, hr=15, threshold=0,001 (9 iterations) c)Image segmented using MSHi with
other stopping criterion- this is not relevant for the future discussions.

the window sizes are the uniformity increases. It is good to mention that this case doesn‘t apply to the
number of iterations, because for them the value oscillates.
5.3

Results Comparison

In [6] the Iterative Mean Shift algorithm is using the entropy as stopping criterion. The window sizes are
hs = 12 and hr = 15 and the stopping threshold is set to 0,001. Utilizing this configuration it is shown
that even if the images are more complex, and the initial entropy value is bigger, the convergence was
always reached in 8 to 10 iteration. In the case of the Bird, the number of iterations needed were 9 and
the segmented image is presented in Figure 7.2 .
In this paper the new stopping criterion is compared with the criterion presented before which is
referenced as old criterion. For this purpose, the settings for the old criterion are hs=12, hr=15 and the
threshold is equal to 0,01. The result in case of the Bird can be seen in Figure 7.3. In order for the
convergence to be reached there were 3 iterations performed using the old criterion.
What I want to emphasize here is that, the same algorithm, with the same window sizes, but different
threshold, therefore different number of iterations, leads to different results. After 3 iterations in the
case of Figure 7.3 c) the support on which the bird is staying is still visible, in the Figure 7.2 b), after 9
iterations the support is matching the wall and it is not visible anymore. The conclusion that can be taken
is that depending on the threshold value, for the old criterion, the image becomes more homogeneous. The
question which is without an answer in this paper is why that value is taken for the stopping threshold
for the old criterion.

6

Conclusion

The new similarity index proposed, used as stopping criterion for Iterative Mean Shift algorithm was
reviewed in this paper.
Even from the beginning, the purpose and the motivation underlying the handed-in paper were established and discussed. Further, the theoretical aspects needed were introduce to determine the mathematical arguments that sustain the better performance obtained by Mean Shift algorithm using the new

Abb. 7.3: Results taken from the reviewed paper a)Original Image b)Image segmented using MSHi with
NED as stopping criterion hs=12, hr=15, threshold=0,9 c)Image segmented using MSHi with entropy as
stopping criterion hs=12, hr=15, threshold=0,001 (3 iterations).
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stopping criterion. The experiments concluded and the results obtained were presented, as well as a
personal opinion about them.
The main points that are still unclear are if this method can be applied on different window sizes
obtaining the same performance. If the number of iterations is so big, while using the new criterion, isn’t
that a drawback from the point of view of the time needed to process the segmented image?
The paper has very vague explanations of the results, beside that, it is full with grammatical or
spelling mistakes which lead to a very difficult understanding of the idea. In the same time, these factors
also lower the trust in the performances achieved.
Furthermore, the work contains many information found on the previous papers published by the same
authors and even though big chunks of text are taken completely from there, there is no specification.
All in all, even if a new similarity index was found we can not be sure if the results are reliable or not.
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Tracing Neural Fibers from DT-MRI Data
Lukas Boersma

Zusammenfassung
This report gives an overview of neural fiber tractography from DT-MRI scans. A simple approach for
reconstruction of neural fibers from such 3D scans is presented, and an overview of the current state of
the art in this field of research is given.
Keywords: diffusion tensor imaging (DTI), neural fiber tracing, fiber trajectory, fiber tracking, tractographx

1

Introduction

For a long time, the human brain was a largely unexplored area in medical research. Today, the recent
launches of the Human Brain Project by the European comission and the Brain Activity Map Project by
the US executive office show how big the public interest in more knowledge about the human brain still
is. Advances in technology like 3D scanning techniques have made it much easier to research the structure
and biological mechanisms of the brain. Apart from research, 3D scanning of the brain structure also is
relevant for clinical purposes, because certain neurological disorders like Alzheimers alter structures in
the brain, and the presented method allows to detect such changes in brain structure.
1.1

General Overview

The human brain is not only a highly complex organ, but also a highly structured one. Inside the brain, a
number of separated regions exist. Inside of these regions, neural cells (classified as gray matter ) perform
the computational and processing tasks that make up the capabilities of the brain. These structures of
the brain are interweaved with a network of long fiber strands of neural cells classified as white matter,
connecting the different parts of the brain to each other and to the rest of the body.
This article surveys an algorithm first presented in 2002 [zhukov2002] that helps to understand the
structure of the human brain by reconstructing neural fibers from 3D DT-MRI scans for visualization
and other purposes (cf. figure 8.1).
It should be noted that while the algorithm presented here originates from the year 2002, neural fiber
tracing is still an active field of research. In section 1.3 we give an overview of the current state of art
and some more recent related works.
1.2

Problem Statement

With the availability of DT-MRI scanning devices, researchers and doctors are now able to retrieve
3D data from tissues with information about the diffusion tensor properties (cf. section 3.1) inside these
tissues. This information distinguishes tissues that are hard to separate in traditional MRI data. However,
because of the high complexity of the diffusion information, it is hard for a human observer to interpret
this data.
The goal of the presented approach is to take DT-MRI scans of brains as input and output reconstructed pathways of neural fibers. It can thus be seen as a visualization technique of data that is otherwise
hard to interpret. However, the 3D pathways could also be the basis for further processing, like the
creation of connectivity maps in the brain that indicate how strong different regions in the brain are
connected.
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Abb. 8.1: The presented algorithm extracts neural fibers (visualized here as colored lines) from 3D scans
of the human brain (visualized here as grayscale 2D slices in the background). [zhukov2002].

Abb. 8.2: Apart from reconstructing single fibers, isolating 3D volumes corresponding to fiber strands
are another possibility to visualize fiber strands. [basser2000].
1.3

State of the Art

The algorithm presented in section 3 traces fibers in the input data to create 3D line segments that can
be visualized to give a better understanding of the fiber structures. This algorithm, together with the one
presented in [mori1999], is one of the first to follow this approach on reconstructing neural fibers.
Several newer tracing approaches exist that try to improve on the algorithm presented here. For
example, in [lazar2005], biological constraints are incorporated into the algorithm for better results.
Another improvement of the presented method was introduced by Andrew Zalesky [zalesky2008], who
proposes an algorithm that traces fibers in a non-greedy way to achieve results that are better on a global
scale. Instead of retracing fibers, he uses the same measures used by the local decisions in previous works
to assign weights between the voxel grid cells, which is then interpreted as a graph and used for a shortest
path optimization to retrace all the fibers.
Apart from fiber tracing algorithms, other works [brun2003] focus on coloring and visual rendering of
the 3D data to improve visibility and perception of the underlying fiber structure for human viewers, or
on extracting the 3D volumes that are likely to belong to neural fibers [basser2000, wenger2004] (cf. figure
8.2).
Some more recent works present approaches to preprocessing data coming from scanning devices with
lower resolutions that are common in clinical environments [fillard2007, chen2005]
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Mathematical Background

The input data used for the algorithm presented in section 3 will rely on a tensor field as input data.
Tensors can be thought of as a generalized form of matrices, where higher dimensions than two are
allowed.

λ1

λ3

λ2

Abb. 8.3: A 3D tensor visualized as an ellipsoid with the tensor’s eigenvalues as axes.
In this paper, we will use symmetrical tensors of size 3x3, which is equivalent to a 3x3 matrix:
T ∈ R3×3

(8.1)

For our purposes, we define products of tensors and vectors as the usual matrix product, leading us
to a straightforward definition of eigenvectors for our tensors, being the vectors ei for which eigenvalues
λi exist so that:
T ei = λ i ei

(8.2)

Because we only use symmetrical tensors, there are always three eigenvectors and the eigenvectors form
an orthogonal vector basis. For consistency, we assume that their indices are sorted by the eigenvalues as
λ1 ≥ λ2 ≥ λ3 , so e1 always has a maximal eigenvalue and e3 always a minimal one. For the rest of this
article, we will visualize tensors as ellipsoids with the tensor’s eigenvectors as their axes (cf. figure 8.3).
This makes sense because the tensors used in the rest of this article measure the diffusion of molecules,
which is visualized nicely with this method (cf. section 3.1).
For our algorithm, we will be interested especially in tensors which have one large eigenvalue and two
smaller ones. These tensors would appear long and thin (cylindrical ) in our ellipsoid visualization. We
introduce a measure cl to classify these tensors:
cl =

λ1 − λ2
λ1 + λ2 + λ3

(8.3)

So, for long and thin ellipsoids cl would approach to equal one:
λ1 ≫ λ2 ≃ λ3

(8.4)

When cl approaches zero, the corresponding tensors would appear as spherical ellipsoids, with all
three eigenvalues almost at the same value.
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Methods

In the following, we give an overview of the process for generating fiber pathways out of DT-MRI scans.
3.1

Input Data

For retrieving our input data, we will use a modified version of the well known magnetic resonance imaging
(MRI). MRI scanning works by applying a high-frequency magnetic field around the body, which then
induces a magnetic resonance of molecules (mostly the water molecules) in the body for each pulse in the
magnetic field, which can be measured. The strength of the resonance varies for different types of tissues,
and can thus be used to distinguish between certain types of tissues in the body.
3.1.1 Diffusion Unfortunately, white and gray matter is hard to distinguish in MRI scans. Because of
this, we will exploit that the different structure of both tissues results in different patterns of diffusion.

Abb. 8.4: Without obstacles, molecules in a fluid will show movement in the opposite direction of the
concentration gradient J.
Diffusion describes the fact that in a fluid, molecules will tend to move in the opposite direction of
the concentration gradient, thus resolving differences in concentration (cf. figure 8.4). This is stated in
Fick’s first law:
J = −D∇p

(8.5)

Where J is the flux, D is the diffusion tensor, and ∇p is the concentration gradient. Different values
for D can not only account for different scales of the flux, but also account for restrictions of diffusion in
certain directions (cf. figure 8.6).
The diffusion tensor D indicates the amount of movement of water molecules in different directions.
We can interpret the eigenvalues of the tensors as the strength of diffusion in the respective eigenvector
direction. In other words, if the water diffuses mostly in one specific direction (i.e. in an anisotropic
way), we would get one large eigenvalue and two small ones. Likewise, if the diffusion is the same in all
directions, we would expect the three eigenvalues to have roughly the same value.
3.1.2 DT-MRI DT-MRI extends traditional MRI scanning by using magnetic fields with a gradient in
field strength. When a water molecule moved along or against the gradient between two measurements, the
magnetic resonance will be weaker or stronger in the second measurement, respectively. After repeating
measurements with gradients in several directions, we can then construct the diffusion tensor using a
simple least squares estimation.
Because the neural fibers we are looking for consist of very long and thin cylindrical cells (cf. figure
8.6), we would expect to cause neural fibers to appear as highly anisotropic data in our DT-MRI scans.
For the algorithm presented in the following, we assume that all points with high anisotropy correspond
to either neural fibers or noise.
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Abb. 8.5: In tissues where cells are not cylindrically shaped in one main direction, the average diffusion
tensor for a certain region will be spherical, because on a larger scale, water diffuses mostly isotropically.
3.2

Tensor Sampling

The DT-MRI scans output 3D tensor fields, so the data is a grid of Tensor matrices, giving a 3 times 3
matrix for each grid cell with coordinates (i, j, k):
Ti,j,k ∈ R3×3

(8.6)

fT : R3 → R3×3

(8.7)

For for the following filtering and tracing steps, we will need to sample from arbitrary positions in R3
instead of integer grid cells. We achieve this by simply linearly interpolating the tensors component-wise,
we get a tensor-valued function for every position x = (x1 , x2 , x3 ) in our sampling domain:

Where fT (x) is simply a linear combination of all eight neighboring Ti,j,k of x, barycentrically weighted
by their distance to x.
3.3

Noise Filtering

To improve robustness against noise, we will have to filter the input data first. Instead of filtering the
whole input data by smoothing or other approaches, the authors of the algorithm propose a local moving
least squares approach, where instead of sampling from the input data, a polynomial is locally fitted to
the input data and then evaluated instead of sampling from the actual input data.
This moving least squares approach is a local optimization approach that, for a given sampling position
x ∈ R, fits a polynomial fF to approximate the local neighborhood of x. This is done by minimizing the
energy E:
Z
E(x, fF ) =
Gx (t, fT (x)) · [fF (t) − fT (t)]2 dt
(8.8)
R3

Where G is a weighting function that weights points closer to x more than points far off, and thus
defines the shape of the region for which fF is fitted. Loosely speaking, this energy expresses the integral
of the squared differences between fF and fT , weighted by G.
When sampling from a point x, the following minimization problem has to be solved to obtain fF :
fF = argminfF (E(x, fF ))

(8.9)

The authors recommend to use a polynomial of some degree up to three for fF . The minimization
problem is then discretized and solved by setting the first derivative to zero.
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Abb. 8.6: Because of the shape of neural fiber cells, diffusion is mostly restricted to one main direction,
which results in tensors that can be distinguished from tensors corresponding to gray matter.
3.4

Fiber tracing

The algorithm works in an interactive way. The user has to determine a threshold for cl for the fiber
initialization and a plane on which all points that exceed this threshold should be initialized as fibers.
The actual tracing procedure then is straightforward: Starting from the initial points, we follow the longest
eigenvectors until cl drops below a certain value where we can no longer assume a neural fiber in the
data. The tracing is done in steps of the grid’s size, and turns above 90 degrees result in the end of the
fiber. The algorithm’s authors also suggest to remove fibers below a certain length for more robustness
against noise. Figure 8.7 shows a sketch of the tracing process.

4

Results

The images shown in this article all come from input data with a grid of 121x88x60 voxels, thus with a
scanning resolution of about 0.7cm. This resolution appears to be rather low compared to the high inner
complexity of the brain, but figure 8.8 shows that the algorithm can reconstruct at least most of the more
significant fiber strands in the brain.
In practice, the resolution of the 3D data is usually not high enough to expect all the actual neural
cells to be represented by single traced fibers in the output data.
So, although we talked about fiber reconstruction as being the purpose of the algorithm, we can not
expect to get exact data about actual single neural cells, but we can expect to get a good visualization of
the fiber strands in the brain. Figure 8.8 and 8.9 show schematics of known fiber structures and compare
them to the tracing results of brain scans.
Figure 8.10 shows a comparison between the algorithm’s results with and without applying the MLS
filter described ins section 3.3.
DT-MRI scans can also be useful outside of the brain. Figure 8.11 shows the results for a spinal cord,
which also contains neural fibers like in the brain.

5

Discussion

Unfortunately, we were unable to find any clinical studies or even simple surveys that try to measure
the accuracy and robustness of the presented algorithm by other means than showing various images as
results. Thus, we can not provide any quantitative measures of the algorithm’s quality.
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Abb. 8.7: The fibers are reconstructed by tracing along the directions of the eigenvectors of the tensor
field.
Furthermore, we were unable to find any studies that try to verify that the results actually correspond
to the real structures inside the brain. The fact that altered versions of this method are widely used in
practice could be seen as an indication that the results are good enough for practice, but there seem to
be no efforts to actually verify that.
Obviously, the quality of the reconstructed fibers heavily depend on the resolution and quality of the
input data. The resolution in which 3D scans can be obtained depends on the accuracy of the scanning
devices that are used. The algorithm can output traced pathways in the same resolution of the input
data, so resolution issues are more a question of the input device that is used. To a certain degree, this is
also the case for noise issues, because the signal-to-noise ratio in the input data can usually be improved
by using the magnetic fields with higher Tesla values.
Because of the low resolution, we can not expect to get exact fiber reconstructions regardless of the
method used. However, the results achieved with this method can still be of use for determining which
parts of the brain are connected to each other and how strong these connections are. Other purposes
could be to use the reconstructed fiber pathways for further processing, for example to map the “signal
distance” between different parts of the brain.
In figure 8.10, we can see that the filtering smoothes the traced fibers and reduces the amount of
fibers that seem to be incorrectly traced. We have, however, no way to measure the actual increase of
accuracy, so we can only say that the filtering gives a visually more pleasing result. Also, the authors do
not explain why they deem polynomial fitting to be more adequate that traditional filtering approaches,
and how one could be sure that no new peaks and artifacts can occur when fitting polynomials of higher
degrees to arbitrary input data.
It should be noted that because the algorithm assumes that any tensor with a cl measure above
the threshold belongs to a neural fiber strand, it gives poor results for scans of other tissues than the
human brain, where other types of body cells have cylindrical diffusion properties, too. Apparently, the
polynomial fitting approach is unable to cope with the high amount of noise present in bone structures like
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Abb. 8.8: A schema of neural fibers in the brain, compared to results of the algorithm. [zhukov2002].

Abb. 8.9: Another schema of neural fibers in the brain, compared to results of the algorithm.
[zhukov2002].
the spinal chord (figure 8.11). As shown in the picture, newer methods with different filtering approaches
produce better results in these scenarios.
The tracing of the fibers is done in a straightforward way and produces good results in most cases
when scanning inside of the brain. But at least in some synthetically generated tensor fields, the greedy
approach of always following the direction of the tensor field and the moving least squares approach for
filtering can lead to bad results. Figure 8.12 shows such a scenario. Non-greedy approaches like presented
in [zalesky2008] with a global optimization can deliver better results in situations like these in exchange
for lower performance.

6

Conclusion

In section 1.3 we only gave a very short overview of the variety of research that is done in the area of
fiber extraction from T-MRI scans. It is safe to say that as of today, many algorithms exist that produce
better results than the one presented here.
So, in conclusion, we can say that this algorithm works well enough for many applications, but has
been superseded by newer methods. Today, its relevance is mostly based on the fact that this is one of
the most basic approaches, on which the more sophisticated methods improve.
The current amount of research gives us reason to believe that improved methods and approaches
suited for wider applications will continue to be developed.
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Abb. 8.10: Results of the algorithm described in section 3 without any filtering (left) and with the MLS
filter applied (right). [zhukov2002].
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Abb. 8.11: Tracing results on a spinal cord with the algorithm presented here (left) and an improved
approach from 2007 (right). The fibers traced in the left image do mostly not exist in real spinal chords.
[fillard2007].

Abb. 8.12: This image shows a situation where the tensor tracing approach (Streamline) results in
incorrect fiber reconstruction in a synthetic tensor field because of the polynomial fitting being adapted
too slowly to the changing tensor direction. Here, the shortest path approach (Our Approach) leads to a
better result. [zalesky2008]

Seminar: Deformed Lattice Detection in Real-World
Images Using Mean-Shift Belief Propagation
Matthias Moeller

Zusammenfassung
Common problems in computer vision are detecting objects in images with a searched property. One
property could be, that the given object is textured with a lattice and it is necessary, that the shape and the
position of the object can be determined. For this purpose, an algorithm was provided and here discussed,
which finds such an object and its position. Also, some basic computer vision techniques, which are used
by the algorithm are presented.
Keywords: Lattice Detection, Computer Vision, Mean-shit Belief Propagation

1

Introduction

In computer vision, one is interested in identifying objects in a image. To do this, the shape and the
position of an object must be extracted. This seminar is about identifying lattices in a given image,
getting the position and the shape of a lattice. To do this, some terminology are introduced first.
What is a lattice? A perfect lattice is a 2D texture, which consists of one reference texture or tile. By
repeating this reference tile in all dimensions, constructs a lattice. On a perfect lattice, all tiles are equal
to the reference tile (see figure 9.1).
Extracting such a lattice is pretty easy, but what is a deformable lattice in real world images? In real-world

Abb. 9.1: Perfect lattice. Each tile surrounded by black borders is a copy of the reference tile (not in
image) with different position. Lattice is the whole texture, not only the pattern of the reference tile.
Source: http://www.lowes.com/
images, not all lattices are perfect, so the tiles are slightly different and it is not possible to determine a
reference tile. Extending the definition of a reference tile to one tile, which minimize the error of all tiles.
Also, not all latices are repeated with the same transformation (see figure 9.2) The position from one tile
to the next can be described as vectors, taking only the left and top tile resulting in two vectors. It is
enough to pick only the vector to the tile above/left of a tile, because you can iterate through it like a
single linked list. These vectors are like local coordinate system, because they describe the transformation
which must be done for his special tile to get the next tile.
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(b)
(a)
Abb. 9.2: Types of deformable lattices. (a) shows the 2D lattice projected on a non-planar surface.
The 2D lattice gets a deformation. (b) shows a deformed lattice on a planar surface, but the surface
is not perpendicular to the camera, resulting a deformation through camera perspective. Source: (a):
deiby.deviantart.com/ (b): www.drawing1.cf

2

Basic Computer Vision Techniques

Before the lattice detection algorithm is presented, some basic computer vision techniques are explained,
which are used by the lattice detection. In detail, those are the Mean-Shift and Mean-Shift Clustering
algorithm and a short introduction in Markov Models, and the Beliefe Propagation algorithm
2.1

Mean-Shift

2.1.1 Mean-Shift Alogrithm The Mean-Shift Algorithm describes a way to find the maxima of a
density function for a given dataset[5]. It is used for discontinuity preserving filtering and segmentation
of colour and black/white images[3].
The algorithm is iterative and guarantees to converge at some point, given two parameters, a window
h and a kernel function K. There exists several different kernel functions, all with their advantages and
disadvantages.
Given those parameters and a dataset of n points Rd , the multivariate kernel density estimate is defined
as follows:
n

x − xi
1 X
)
K(
f (x) =
nh i=1
h

(9.1)

To find a maximum of the function f , a update vector called mean-shit m(x) − x is introduced[5].
Pn
K(xi − x)xi
mh (x) = Pi=0
(9.2)
n
i=0 K(xi − x)

The mean-shift vector m(x) points toward the maximum increase of in density (See Figure9.3). Due, for
finding the maximum density, compute on iteration t on the given point xti , where x0i = xi is, the update
vector m(xti ) which points toward the maximum increase of density and adds it to the vector xti , resulting
in xt+1
= xti + m(xti ). This is done, until the maximum is reached (∇f (x) = 0 or m(xti ) = 0). This mei
thod is a hill climbing method because the density increases all iterations until it reaches the highest point.
Note that the algorithm performs just on feature space. This means, if the input is the colour of all
pixels of an image, only the colour values are updated and the position remains, but the window moves
in colour space.
2.1.2 Mean-Shift Clustering The Mean-Shift Clustering algorithm is based on the Mean-Shift Algorithm but extends it for a small amount. Instead of finding the density maximum of a point in a dataset,
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Abb. 9.3: Mean Shift Algorithm finding the maximum density of point x. Starting at point x0i and
updated with via mean-shift vector. Circled line describes the window h. Shaded points are points in the
dataset.[4]
the clustering algorithm classifies all points. The classification is based on the maximum density function.
Since the Mean-Shift algorithm always converges, the Mean-Shift Clustering algorithm computes for each
point in the dataset the maximum density.
If two or more points in the dataset have the same maximum density (xti = xuj ), then they are in the
same cluster. Obviously, no other parameters are necessary than the same parameters required for the
Mean-Shift Algorithm, especially the number of clusters can be unknown.
2.2

Markov

Markov Chains, Trees and Random Fields are stochastic models expressing the probability of a event
depending on other events which might be come true. The simplest form of a relations of probabilities
which are connected for easier computing are Markov Chains. More sophisticated relations and the Hidden
Markov Model are shown in the section Markov Random Fields and in the last section, the Believe
Propagation Algorithm is introduced which allows to compute a model configuration with maximum
probability.
2.2.1 Markov Chains Markov Chains are models containing random variables X = (X1 , X2 , ...)
which are connected via probability conditions P = (Xi |Xi−1 , Xi−2 , ..., X1 ). So, the simplest form of
the Markov Chain can be constructed, if the random variable Xi just depends on the previous variable
P = (Xi < Xi−1 ). This would be a first-order assumption.[1] An example to explain Markov Chains
presented in [1] is the weather example:
The random variables X = (X1 , X2 , ...) describing the weather of day i, {rain, sun} the question is: What
is the probability, that on day i the sun shines Xi = sun?
For the first order assumption, the stochastic model assumes, that the weather depends on the weather
of the day before, so when day Xi is a rainy day, the probability that on day Xi+1 for another rainy day
differs than if day Xi was a sunny day. In the example it is assumed, that after a rainy day it is more
likely to get a sunny day, which can lead to the following matrix (figure: 9.4 describing the probability
P (Xi |Xi−1 ). Given that model, it can be simply computed with which probability the next three days are
sunny days. To compute that, one can connect the days directionally, like a directional weighted graph,
where each Vertex represents a random variable and is connected to its next random variable via an edge
(See Figure 9.5). The example above just handle first oder Markov chains because of its simplity. For a
non first order Markov chain, one can extend the model where the weather of day Xi not only depends
on day Xi−1 but also on e.g. day Xi−2 .
2.2.2 Markov Random Fields Markov Random Fields are special Markov Chains where the random
variables X = (X1 , X2 , ...) can be imagined not as a big chain, but as a raster. Due, the random variable
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Abb. 9.4: Example of first order Markov Chains with Weather probability model.[1]

x1

x i–1

xi

x i+1

xN

Abb. 9.5: Markov Chain represented as a directed graph.[1]
Xi does not only depend on the previous variables, but on the variable above, behind, upper and lower.
For doing this, a so called observation zi is introduced for each random variable Xi . For each Xi it is
now possible to compute a likelihood depending on z. The function describing the likelihood Φi = (Xi , zi )
is often described as evidence function[11]. The observation can be for example a pixelcolour in a image
and the Xi can stand for a position on a image. Evidence function is describes the likelihood of Xi with a
position and the observation which is done on this position. If the position changes, also the observation
changes.
Drawing the Markov Random Field structure would lead to a figure described in Figure 9.6. As
described above, the random variables X = (X1 , X2 , ...) are also connected via a probability function.
This function is called compatibility function Ψij (Xi , Yi ). This function is the same function as the
function described in the weather example in the Markov Chains section.
The overall joint probability of a Markov Field X with given observations zi ∈ Z can be computed as
follows:
Y
1Y
Ψ (Xi , XJ )
Φ(Xi , zi )
(9.3)
P (X, Z) =
n
i
(ij)

Where (ij) denotes all neighbours j of i.
2.2.3 Believe Propagation Algorithm The Believe Propagation Algorithm computes the configuration of a Markov Model (e.g. Chains) including observations with the highest probability in a efficient
way. The brute force way would lead to an algorithm computing the probability of each configuration
and take the maximum. Let’s assume, the Markov Model has k nodes and the observations can have n
many states. For one single node X, the brute force model has the complexity of O(nk ) (recompute all
k-nodes probabilities for each state n) and for all nodes together O(knk ).
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Abb. 9.6: Markov Random Field Structure. Black dots are the observations, which are connected to the
white random variable dots via evidence function Φ. Random variables connected with the compatibility
function Ψ .[11]
One faster solution is proposed with the Believe Propagation Algorithm (BP). [1] BP uses so called
messages mi→j from node i to node j. The message (in this case for MAP (Maximum A Posteriori)
estimation) is defined as follows:
Y
mi→j (Xj ) = max P (Xj , Xi )
mk→i (Xk )
(9.4)
Xi

k∈N j

Where N j denotes all neighbours of i except of j.
Each node has a believe value b(Xi ) which can be computed with the Believe Propagation Algorithm and
in a directed loop free Markov Model, the believe value will give the exact probability.[11]
Y
b(Xi ) = kΦ(Xi , zi )
mj→i (Xi )
(9.5)
j∈N

The believe is the product of the current evidence with all incoming messages. To get the MAP estimate, so
the most likely solution for a given node Xi , can be received from the believe value, taking the maximum.
Xi = argx max bi (Xi )

3
3.1

(9.6)

Lattice Detection
Reference Tile Extraction

A lattice in a image contains one specific tile or texture-tile, which is repeated. In a perfect world, there
exists only one texture-tile which is repeated without any changes, but the world isn’t perfect all the time.
So, a lattice contains several pieces of texture-tiles, which differs all slightly. One possibility of an lattice
with different texture-tiles can be seen on a photo with objects, which aren’t planar or not perpendicular
to the camera. This would be a deformed object. In this case, the tiles can be matched, but they are
transformed not only by a translation, but also by rotation, shearing and rotation in 3D. In a 2D photo,
this information is lost and must be reconstructed.
One possible solution recognizing a lattice on a deformed object was presented by Wen-Chieh Lin[10].
The first step and one big part of the algorithm concentrates on extracting a possible reference texture-tile
which fits the deformed texture-tiles is as equal to the rest of the tiles as possible. The algorithm can be
used for general lattice without any pre-assumptions.
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Given an image I, get some feature points via feature point detector. It doesn’t matter which feature
point detector is chosen, but a feature detector which recognize repeated features gives better results.
Additionally, the image can be separated into blocks, hoping the regularities are unique in each block
and therefore can be properly recognized by the feature detection.
After getting the feature points f0 , ..., fn−1 on the image, they have to be classified. For classifying, look
at the neighbours of the points (Wen-Chieh Lin[10] recommend 11x11, should depend on the number on
feature points and the picture size) and bring it this e.g. 11x11 matrix in one row, so a 121-size vector.
This n many vectors of colour values can now be classified by the Mean-Shift Clustering Algorithm, giving
m many clusters C = {Ci |0 ≤ i < m, Ci unique cluster} where each feature points f0 , ..., fn−1 belongs to
one cluster (fi ∈ Cj ).

Abb. 9.7: Image after lattice extraction. Dark blue dots are extracted feature points. Bright blue dots
the feature points of the current cluster. Green arrows the proposed (t1 , t2 ) vectors and the red lines
represent the vectors, which are also a orthonormal basis after applying the transformation.
A reference tile can be defined using 3 points. It makes sense choosing the 3 points for our reference
lattice out of the feature points and since the lattice contains so many similar tiles, it is a good idea
getting the feature points from the same cluster, since their neighbours are similar. But which one should
be used, if in one cluster Ci contains more than 3 points and which cluster Ci should be selected?
A perfect lattice contains repeated tiles which are all equal but on different position. The relative
neighbour position of one of these tiles is described by t1 , t2 vectors. Taking the position of the tile and
adding t1 and t2 to the position is the position of one neighbour. On a perfect lattice, these vectors are
perpendicular and are equal for each tile. The most common transformation of a tile in a lattice is the
shearing or rotation. No scaling or translation because the image has to be filled in the resulting holes
interrupting the lattice of no translation/scaling was done. This gives the information, that the length of
the vector are equal, true on the perfect lattice but also by a deformed lattice.
Using the observation explained above, one can construct an algorithm providing 3 points which
have the most feature points in their cluster fulfilling the property of the same length and the same
orientation/angle between them. This can be done using a brute force method. For each cluster Ci take
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the vectors and connect randomly 3 feature points in the cluster f0 , f1 , f2 ∈ Ci . This give the t1 , t2 vectors.
Do the same for each other feature points in the cluster given vectors t1i , t2i . With some linear algebra,
you can convert the vector t1 , t2 to an orthogonal coordinate system pointing to (0, 1), (1, 0). Apply the
same transformation to each t1i , t2i . If the tiles have the same property like in our observation, saying
the vector from one tile to the next have all the same orientation/angle and the same length, the vectors
t1i , t2i should also be transformed into a orthonormal coordinate system. Counting those vectors t1i , t2i
which are, after applied transformation, nearly a orthonormal coordinate system (ǫ-ball around).
The algorithm described above can now be done for each cluster and for each vector combination. The
proposed reference lattice is extracted from the 3 vectors with the highest count. Knowing the 3 vectors,
we can extract the t1 , t2 vectors describing the local coordinate system and the position of the reference
lattice.
3.2

Lattice Extension

On the first step, a reference texture-tile was extracted inside the image, with a given position, dimension
and local transformation. This local transformation is represented by the vectors (t1 , t2 ). Since a lattice is
a continuous pattern, its a good assumption searching the next tile near the reference which is translated.
Normalized Cross Correlation (NCC)[2] is used, when the position of a pattern is unknown“[2] given the
”
pattern, an estimate position and the image. The NCC algorithm returns a value, which can be used to
estimate the likelihood of similarity of the given pattern and the given shifted image patch. It is also a
robust algorithm, if the pattern are not exactly matching, like signals or images[6] and it can be faster
computed than Fast-Fourier Transformation (FFT)[2].
Finding the best position with the highest likelihood given by the NCC, a Markov Random Field
can be given, where the random variables are the positions and the observations are given by the NCC
value. Using an algorithm like the BP Algorithm leads to fast way finding the positions with the highest
likelihood. Thus, the evidence function Φ(X(i,j) , z(i,j) ) of the Markov Field based on NCC an additionally
for increasing the power, the edge magnitude[10] yielding to the following equation for the observation
z(i,j) (observation on position (i, j)):
zi,j = N CC(T0 , I(i,j) ) × N CC(em (T0 ), em (I(i,j) ))

(9.7)

Where T0 is the reference tile and I(i,j) the image patch around position (i, j) and em is the edge magnitude. α is a freely constant which can be set to 5.[10] This value expresses just the amount of probability
change, since the probability function is not linear but exponential. Note that (i, j) are coordinates, which
are not in image space but describing the coordinates of the Markov Field Nodes. The evidence function
Φ can be expressed as follows:
Φ(X(i,j) , z(i,j) ) = exp(−α(1 − zi,j ))

(9.8)

The Markov Field also needs a compatibility function Ψ (X(i,j) , X(i±1,j±1) ), which describes the connection between to neighbouring nodes. Since each tile is spanned by a (t1 , t2 ) vector, defining the local
transformation inside the tile and one can assume, that a lattice is not deformed too much, it is obvious
that the compatibility function should minimize the differences between the (t1 , t2 ) vectors per tile. Note,
the vectors (t1 , t2 ) of a node Xi which is not yet validated by the algorithm and might has not the right
position since the algorithm is searching for it, are just proposed vectors and not yet vectors of this tile
and must be computed whenever the position of the node is changed. The equality of two pairs of vectors
can be expressed as follows[10]:
E(ti1 , ti2 , tj1 , tj2 ) = max(

||ti1 − tj1 ||2 ||ti2 − tj2 ||2
,
)
||ti1 ||2
||ti2 ||2

(9.9)

The compatibility function Ψ (X(i,j) , X(i±1,j±1) ) can be defined pairwise as follows:
Ψ (X(i,j) , X(i,j±1) ) = exp(−β × h(X(i,j) , X(i,j±1) ),
−−−−−it
−−→ −−
−−−−
−−→ −−
−−−−
−−→ −−
−−−−
−−→
it
0
0
0
0
0
h(X(i,j) , X(i,j±1) ) = E(xit
[i,j] x[i,±j] , x[i,j] x[i+1,j] , x[i,j] x[i,j±1] , x[i,j] x[i+1,j] )

(9.10)
(9.11)

where x0 are the local coordinate system vector of the reference lattice and x(it) the local coordinate system vectors of the node on iteration it. This function shows, that the divergence of the local coordinate
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system should be minimized and the probability of too strong deformed local coordinate system is low.
Thus, the evidence function checks, if the colour and edge magnitude are similar and computes a probability function, the compatibility functions checks, if the deformation is not too high and compute for the
deformation a probability function. Combined together it means, that higher probabilities are similar to
the reference tile in shape and in colour/edge magnitude.
With the Markov Field it is possible now, computing the most probable positions of the new tiles. One
efficient way to do this, is the Belief Propagation Algorithm introduced in section 2.2.3. A modified form
of the Belief Propagation Algorithm is the Mean Shift Belief Propagation Algorithm (see chapter 3.2.1
which is based on the iterative updating, hill climbing principle of the Mean-Shift algorithm reducing the
complexity of the high range of the observations.
After getting the highest probabilities of each node, not every node is an element of the lattice. Let’s
say 0.1% is the highest probability of a node, the probability that this node is contained in the lattice is
pretty low. If the node isn’t removed before the next step, the tiles can be deformed, that tiles can get a
low probability. Therefore, a verification step must be done before the lattice warping step is performed.
This verification step can be a threshold or more dynamic solutions considering the probabilities of the
neighbours. The dynamic one can be preferred, if the reference tile has a unknown and maybe bad
probability.
3.2.1 Mean-Shift Believe Propagation Algorithm The Mean-Shift Believe Propagation Algorithm gives a fast approximation of the Believe Propagation Algorithm introduced in section 2.2.3 by
reducing the complexity.[9]
Given Xi with a predicted state. Instead of searching the best solution, trying out all states for the
observation zi , only a range near to the observations is used. This reduces the complexity, specially with
Markov Model using loops. The random variable Xi will be up updated iterative, like in the Mean-Shift
Algorithm depending on the messages.
One message for communicating the believe is also updated each iteration. Note, that n stands for the
n-th iteration, therefore for the iteration 0, no message from the neighbours are needed. The following
defines the message with the MAP rule
Y
(n+1)
mi→j (Xi ) = max P (Xj , Xi )
mnk→i (Xk )
(9.12)
Xi

k∈N \j

Getting all messages from the neighbours, the believe value can be computed.
Y
b(xi ) = kΦ(Xi , zi )
mj→i (Xi )

(9.13)

k∈N

On the next step, the nodes can be updates according to the Mean-Shift rule influenced by the believe
value.
Pn
n
(n+1)
i=0 K(Xi − X )b(Xi )Xi
(9.14)
X
= P
n
n
i=0 K(Xi − X )b(Xi )

Where X 0 is the initial predicted position. Now, the next iteration can begin with computing the new
messages. This is done until the algorithm converges.
3.3

Lattice Warping

The Lattice Extension proposed new positions of tiles which extends the lattice. Since the algorithm
should perform on deformable objects, a warping step is performed reducing the error and increasing the
possible probability of tiles in further iterations of the algorithm.
One example of warping is shown in Figure 9.9. In the shown example, images, which show a scene
from different perspectives, are so warped, that the position of feature points (red dots) are equal to the
position of the feature points in a reference image.
For the Markov Field nodes there do not exists any reference positions, but the local transformation. On
the first step (chapter 3.1), the local transformation (t1 , t2 ) are extracted from the reference tile. Warping
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Abb. 9.8: Mean-shift example on Markov Fields. Here, the window are the black circles. After computing
the local belief under the window, the belief propagation is performed. Based on that the window is
updated and another belief propagation is performed. This actions loops until the algorithm converges.[9]
the image, so that all (ti1 , ti2 ) of each node Xi in the Markov Field pointing into the same direction as
(t1 , t2 ), brings the lattice defined through the Markov Field into a wallpaper shape. Each tile inside the
lattice share the same transformation on the warped image. Additionally, all objects on the image are
warped improving the probability of further Markov nodes coming after the deformed tile.
The tiles can be seen as a graph with the reference tile as root. The new neighbours of a tile are the
children of the node in the graph. Going from the reference tile to another tile, one have to pass all
the neighbours and for each neighbour, all the local transformation must be applied getting the global
transformation of the current tile. By equalizing all the local transformations, this steps aren’t necessary
and leads also to a simpler compatibility function in the Markov Model, which only depends on the
reference coordinate system and not on the neighbours.

Abb. 9.9: Warping Example. Several slightly different images are wrapped (top), so the feature points
(red dots) are on the same position on each image. The original images show the scene with different
camera distances to the scene.[8]

4
4.1

Evaluation
Critism

The presented algorithm in the main paper[10] is based on the previous published paper of the same
authors[9] and the paper by Wen-Chieh Lin et. al.[7]. One can say, one of the major improvements of the
presented algorithm by Wen-Chieh is the use of the Mean-Shift Belief Propagation algorithm and it is
also a very good improvement. The Mean-Shift Believe Propagation algorithm runtime is very good, if the
window is small and the predicted states are in the area of the maximum density (in this case probability).
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In this case, the number of iterations are small and the mean-shift converges fast. The mean-shift part
of the algorithm converges slow, if the predicted state is far away of the maximum and therefore, the
window needs to be updated often and each update includes a belief propagation. However, as the tile
transformation doesn’t include any translation and the vectors to the next tile should have nearly the
same length, the predicted state of the next tile’s position is somewhere nearly the predicted state and
so, the number of iterations are low (See figure 9.10).

Abb. 9.10: Runtime of several Belief Propagation algorithms compared to the base paper. Base paper[7]
first column. No machine/implementation information provided.[10]
Another great advantage of the algorithm is the independence of the first part, the reference tile
extraction, and the iterative part, lattice extension, verification and warping. The presented reference tile
extractor is a general solution, having nearly no assumptions except of searching for a lattice. Depending
on the application, it can be improved by e.g. human help, where the lattice area is roughly selected
but it will remove the full automatized functionality. If some more details about the lattice is given,
they can also be programmed as constraints and therefore increasing the reference lattice heuristic (See
probabilities for general approach on figure 9.11). The same constraints can also help for the Markov
model functions. The presented equations for the evidence function works well in general case, but if the
algorithm extracts only transparent lattices such as shown on figure 9.12 (b), the colour component can
be erased. here again, it depends on the application and the assumptions which can be made.

Abb. 9.11: Recognition rate of the reference tile on several image datasets containing lattices compared
to the base paper. Base paper[7] first column.[10]

(a)

(b)

Abb. 9.12: Results of the lattice extraction. Red is the result of the presented algorithm compared to
the derived algorithm[7].[10]
Take into account, that the lattice detection can also fail. First error can be the reference lattice
extraction, which yields to a wrong lattice and not correctly recognized shape, the second can be a too
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tolerant and too strict Markov Model. These errors are hardly to detect, especially the algorithm doesn’t
detect them and gives a wrong result. Thus, a review by human can only detect false detected lattices.
Figure 9.13 shows some examples, where the algorithm fails.

(a)

(b)
Abb. 9.13: Failed results of the lattice detection. (a) shows a lattice which is deformed too much and the
verification terminates the algorithm too early. (b) is ambiguous, because a lattice could also be detected
on the centred building.[10]

4.2

Application

As the presented algorithm is full automatized, say it doesn’t need any human input or additional parameters, except of the picture, one application could be one dealing with large image databases. For
medicine purposes this has to be a medical image database, where the algorithm detects a lattice. This
lattice can be for example a colour scheme template or a lattice for measurements (similar to ruler, but
better detectable). Given the measure device or the colour scheme palette, one can reconstruct information about the image like the distance of a recognized object or the colour code. This extracted information
can be used as input for another algorithm, which needs the local distance dimension for a given image,
e.g. tagging each picture by the wound size. Having such an algorithm, one can easily create a image
database which automatically tags all the input image for wound size and maybe wound type. Given
such a database, the doctor can make a photo and searching for similar wounds. If the database doesn’t
contain not only images, but also references to therapy and diagnostic information per image, the doctor
can receive experience about that type of wound from other doctors.

5

Conclusion

As a conclusion, one can say, getting a deformed lattice from a real-world image is not trivial and may take
some computation time. First, the reference tile must be extracted and a position of it. In a iterative way,
a Markov random field is build, where each node position is a node. Via Mean-Shift Belief Propagation
algorithm it is possible getting the most probable solution for the Markov Field giving the position of
each node. After the verification, if the node could be a tile, all local coordinate system get uniformed to
the reference lattice coordinate system. Then the Markov Field is build up again and this is done until
no new tile could be found.
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Zusammenfassung
The exponential growth in the technology and the advancement in the image segmentation techniques have
made the job of a pathologist a lot easier today. Invention of virtual microscopy technique accentuated
the prospects of image segmentation in the field of medical science. However, choosing the appropriate
segmentation technique suitable for a particular type of cell tissue has always remained a challenge, given
the diversity in the morphological structures of the cells. To choose an appropriate segmentation technique,
the already applied techniques should be first evaluated and compared. This paper tries to evaluate some
segmentation techniques which were applied to segment cancer cell images and compare their results, with
the sole motivation that a solid comparison would lead to choose an appropriate segmentation technique.
In the process we discuss the potential problems for evaluation.
Keywords: Segmentation, cancer cells, edge based segmentation, virtual microscopy images

1

Introduction

The concept of image segmentation has been there for over 50 years now [1]. The first light microscope was
invented in 1675. Though the two concepts existed since a very long time, not much work was done to try
to club both these concepts and come up with an efficient way to segment images. The idea of segmenting
the medical images was handicapped because of the lack of technology to capture the structures which
could be seen under a microscope. As the technology grew, the idea was implemented. Hence, image
segmentation found its application in the field of medical science in only recent times. Until then, the
whole process of image segmentation was done manually by a pathologist, which was not only tedious
but also time consuming.
Though image segmentation techniques were available since a very long time, it did not catch much
attention in the field of medical science mainly because the images captured were of low quality and the
segmentation techniques applied on those images did not give good results. Though the structures could
be quite clearly observed under a microscope, there was still a need for sophisticated methods or devices
to capture a microscope image [2]. This was later solved with the invention of sophisticated cameras and
microscopes. One of the major factors influencing the interest of medical science in the field of image
segmentation was the invention of virtual microscopy. Virtual microscopy techniques offered a way of
capturing a microscopic image to its finest details and also store them, so that they could be retrieved in
an efficient manner. Since image segmentation required high resolution images to give best results, virtual
microscopy images solved that problem [2].
To summarize, the whole process can be seen as a chain reaction. Medical science needed a faster
technique to segment huge number of cell images and segment accurately, this could be solved by applying
Image segmentation techniques on cell images. To apply image segmentation techniques, it required high
resolution images. With the invention of high resolution cameras and virtual microscopy the images could
be retrieved. This has now led to image segmentation becoming an integral part of medical science.
Motivation: Most papers have adopted edge based segmentation techniques to segment cell tissues
or cell nuclei images, reason being, the morphological diversity of the cells. Segmentation of cancer cell
images comes up with an additional challenge of not being able to know the shape or the structure of
the cell in prior. On such situations edge based segmentation techniques work best, provided the images
have high contrast. We can compare the method adopted by the edge based segmentation to the way a
blind man would identify an object: by touching and feeling the edges of the object.
119
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The literature survey resulted in a large number of papers on this area, every paper proposing a new
segmentation technique to segment cancer cells. Though a lot of work is done in finding an appropriate
and robust segmentation technique, the amount of work done to analyse the results of all the techniques
and compare the methodologies applied is surprisingly very little. However, we believe that evaluating
and comparing the results of the previously presented methods is as important as finding a new method.
In this paper we discuss three such segmentation techniques adapted by the three papers which we
have reviewed and try to evaluate their results, with the motive of choosing the best among them. The
first two techniques is based on segmenting cell images to find the cancer cells and the final one is to
observe the effect of drugs on cancer cells. By this we also try to give an overall view about how image
segmentation techniques are applied in cancer research: from segmenting and separating each cancer
tissue or cells to observing the effects of drug on the cells, along with keeping the motive of comparing
the results alive.

2

Methods

In this section we describe in detail the three segmentation methods whose results we try to compare in
the end.
2.1

Background Information

Preparing the specimens for study: The tissue or cell samples are removed from any part of the body
for the purpose of studying them. The collection process is usually based on the type of the suspected
cancer. Some of the methods like Pap test, biopsy, Fine Needle Aspiration(FNA) are used to collect the
samples [3]. After the collection, several laboratory techniques are applied on the samples in order to
make them viewable under a microscope. Techniques like cytochemistry and histochemistry are applied,
where special stains are applied on the samples to view the structures of cells and tissues more clearly
and the selection of these stains is done on the basis of the chemical properties of these cell samples.
Thus, a glass slide of the specimen is made by following the above described technique and these slides
are stored for future use [3].
Traditionally pathologists viewed these slides under a microscope and manually labelled the cells
to segment them which was tedious and time consuming. This has been now replaced by faster image
segmentation techniques, which take high resolution digital images as input. Virtual microscopy is one
such method for acquiring the high resolution images of the specimens. In virtual microscopy, the slides
described previously are scanned with the help of some high resolution scanners resulting in a high
resolution image of the specimen in the slide(refer to Fig 1). Such images are stored in huge databases,
with this accessing the images has become a lot easier and the images are available to a broader audience
at the same time [4]. Finally, image segmentation techniques are applied on such high resolution images.
Fig 1(a). shows such virtual microscopy image of cells and (b) shows how the process is carried out.
2.2

Image Segmentation

Image segmentation is a process of dividing an image into segments with the purpose of understanding the
image elements or identifying the region of interest. The process of image segmentation can be compared
to the way humans recognise objects in a scene, we concentrate only on the important objects in the

(a)

(b)

Abb. 10.1: (a) Virtual microscopy image of tissues [2]. (b) Steps of virtual microscopy [4].
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scene leaving out the other objects in the scene which does not concern us. Technically we could call
it as our region of interest. Medical science uses image segmentation to extract the region of interest.
Apart from medical science, image segmentation finds its application in various other fields. Some of the
applications of image segmentation would be computer vision, machine learning, content based image
retrieval, recognition tasks, object detection and many more.
Image segmentation methods can be mainly classified into five major groups,each having its own
advantages and disadvantages [4]:
• Segmentation based on thresholding: Segmentation carried out based on the specified threshold.
• Edge based segmentation: Segmentation process, where the edges of the objects are identified first
and then the region within the edges are found.
• Region based segmentation: Opposite to the previous method, first the region is found and then the
edges are found.
• Theory based: Mathematical functions are applied to segment images, more specific to the kind of
the image being segmented.
• Model based segmentation: The model information (shape, color etc.,) are known in prior to the
segmentation, it helps to segment the objects precisely and in a faster way.
Each of the above mentioned techniques have further many methods under them, for example, global
and local thresholding under the threshold based image segmentation, Region growing and merging
under Region based and so on. All of these segmentation techniques have their own advantages and
disadvantages, because of which each method have their own set of target images with which they work
really well and fail on other images.
2.3

Segmentation by Contour Detection

The first method which we describe is the segmentation of cell nuclei by contour detection. The whole
segmentation process is divided into six major steps [2].
Detection of closed contours: In the first step, the blind man approach is adapted and all the contours
in the image are marked. To identify the contours two important things should be identified first: start
pixels, object pixels.
A digital image can be defined as a combination of pixels on a square tessellation as show in Fig 2(a).
Considering a binary image, a pixel is said to be an edge pixel if it shares either any of its edges(pink)
or vertices with another pixel of different type(white)( say in a binary image, 1 should share its edge or
vertex with a 0). After detecting the edge pixels the boundary is detected by starting from an arbitrary
edge pixel and moving across the image connecting the edge pixels which share a common edge [6].
For a grey scale image, this is done as follows: each image row is considered as a one dimensional
image function and the distance between each pixel and its local maxima or minima is calculated Refer
Fig 2. The pixel is chosen as a start pixel if it has a maximum distance between its correlated local
maxima or minima. All pixel values whose intensity lies between the intensity of the start pixel and the
corresponding local maxima or minima are considered as object pixels. This is done by scanning the
whole image row wise and storing the local minima, maxima along with the corresponding start pixels
which form the maximum local gradients. Finally, the contours are detected by starting at a start pixel
and continuing towards the corresponding edge pixels in its 8- connected neighbourhood along the object
contours clockwise. A contour is considered valid only if it reaches back to the start pixel. Fig 2(b) shows
the one dimensional image function, with the corresponding local maxima and minima and the maximum
local gradient.
Contour evaluation: The first step in the segmentation process resulted in:
• Multiple and often overlapping contours not representing the object at all.
• Multiple contours representing same object.
Implies that the previous step resulted in over segmented images. To separate the overlapping images, it
is important to choose the prominent objects in the image. The authors have tried to differentiate the
segments representing the actual objects from other segments by applying the basic idea that, in any
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image the most prominently silhouetted structures define the object. Likewise, an object is considered
important if it has a higher mean gradient along the object contour. To choose the contour that best
represents the object among the multiple contours representing same objects gradient fit of the image
is calculated using Sobel operator(S). If the similarity between the contour pixels and the maximum
local gradient is high, then those contours are regarded as fitting best. Hence, gradient fit is defined
as the relative number of contour pixels that are similar to the maximum local gradient in its 3 × 3
neighbourhood.
M eanGradienti =
GradientF iti =

Σj |S(Pij )|
Ci

Σj (Pijmax )
Ci

(10.1)
(10.2)

Generation of non-overlapping segmentation: To generate a non-overlapping segmentation of the
images a 2D-map of the image of the size almost as that of the image is created. Each contour is labelled with a unique identifier and labelling of each contour is done in a sorted manner using the contour
value, which is defined in equation 3. Labelling starts with the pixel which has the highest contour value
and is not repeated for the pixels which are already labelled.
ContourV aluei = M eanGradienti ∗ GradientF iti

(10.3)

Contour Optimization: Though the previous step successfully generates non-overlapping segments,
the results still had a thin filament surrounding each segment which does not belong to the actual object
Fig 3(a). To remove these filaments the contour optimization is done by calculating the compactness
of each object pixel. Manhattan metrics are used to compute the distance transformation based on the
chamfering method. A distance value d is defined to check the compactness of the object pixels. A pixel
Pi with a distance value di and di < d is considered as a compact pixel if it is connected to another
pixel Pj with a distance dj over d − dj edges and dj = d. An efficient algorithm is used to remove the
non-compact pixels by parsing the image row wise.
Concave object separation: The previous steps result in non-overlapping segments without any filaments around, but as a cluster i.e., the cells would be still attached to each other. Concave object
separation process handles these clusters by separating the objects to their concave borders by removing
the object pixels along the cutting line between two concavities. The criteria to choose the cutting line is
that the length of the cutting line should be minimal compared to the depth of the corresponding concavities which are located opposite to each other. This process is done by detecting the concave contour
segments of each object by computing the convex hull. In Fig 2(a), if a pixel C exists between two other
pixels A and B in the convex hull , with a distance from AB > 0. All the contour pixels between AB
are considered as the concave points and they form the concave contour segment. All concave points of
all concave contour segments are combined of an object are combined to find the best fitting pair for
separation.Fig 3 gives a clear picture of the above mentioned method.
Classification into cell nuclei and other objects: To determine if the segmented objects actually represent the cell nuclei the nuclear specific color information acquired from the histochemical staining is used.
The main purpose of staining is to extract the structure information of the elements which we observe
under a microscope. Every stain will be characterised by a specific color, and this color is used as an aid

(a)

(b)

Abb. 10.2: (a) Square tessellation of pixels[6]. (b) One dimensional image function[2].
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to extract the structure information. So staining becomes a very important step in the process of making
the slides. Fig 4(a) shows an image of stained cells. The stain used for the samples is a nuclear specific
stain named hematoxylin, characterized by a deep blue or lilac color along with a cytoplasm specific stain
named eosin. The staining intensity of each pixel is computed and an optimal threshold is derived from
this distribution. All the objects with the mean color intensity below this threshold are removed.
2.4

Segmentation by Graph cuts and Laplacian of Gaussian filter

The second segmentation approach explained here intends to improve the automatic segmentation process by the combination of two ideas: graph cuts based image binarization and Laplacian of Gaussian(LoG)filter [7].
Graph cuts: In graph cuts algorithm an image is divided in to foreground and background, or object
and background. This is done by applying minimum cut concept in graph cuts on the image. We consider
the image as a graph, the pixels forming the nodes of the graph. Two nodes - source node and a sink
node are added to the graph, where source represents the object and sink represent background. Each
pixel in the graph is then joined to the source and the sink nodes and the weight of the corresponding
edges are calculated. The weights of the edges determine if the pixels belong to foreground or background.
The pixels are also joined to their neighbouring pixels and their weights are also calculated. Finally, a
minimum cut is applied on the graph which separates the foreground pixels from the background. A cut
is said to be minimum if it separates the source and sink along the minimum path. Minimum cut also
corresponds to maximum flow [8]. A clear picture of the graph cuts is shown in Fig 4(b).
Image binarization by Graph cuts: The first step is to separate the foreground pixels in the nuclear
channel from the background and this is done by Image binarization. To achieve this, the authors have
chosen an advanced approach using Graph cuts and level set algorithm. Careful initialization or training
must be done to adopt the above mentioned approach. Initial binarization is done by first computing
the histogram of the given image samples and it was figured that the resulting histogram was a bimodal
histogram and was modelled well by a mixture of two Poisson distributions. The authors have supported
their modelling choice by the analysis of image processing results and prior literature and finally the
Poisson-distribution-based modelling algorithm was used.The normalised image histogram for the mixture
of Poisson distribution is given in equation(4), where P0 and P1 are the probabilities of the nodes belonging
to background or foreground and p(i|j), j = 0, 1 are Poisson distribution with mean µj [7].
h(i) = P0 × p(i|0) + P1 × p(i|1)

(10.4)

Poisson mixture parameters are calculated for a threshold t, which is chosen to minimize the error
criterion. Spatial continuity constraints are applied on the results of thresholding. The globally optimal
labelling of pixels is done using the graph cuts segmentation algorithm.
Automatic seed detection and initial segmentation: The results of graph cuts binarization are a cluster
of nuclei and they have to be separated. To achieve this identification of initial markers: one marker per
cell is required. For this purpose multi-scale LoG filter is applied [7]. The LoG filter is given by:
LoG(x, y, σ) =

(a)

δ 2 G(x, y, σ) δ 2 G(x, y, σ)
+
dx2
dy 2

(10.5)

(b)

Abb. 10.3: (a) Thin filaments around the cells, result of non overlapping segmentation, contour optimization results.(b)Concave object separation:Cluster composed of two cell nuclei. Contour pixels (black),
vertices of convex hull(green), pixels of concave contour segment (blue), start pixels of the optimal cutting
line (red [2]).
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G(x, y, σ) is Gaussian with 0 mean and σ scale. The LoG filter is a 2nd derivative filter and it is
capable of detecting blobs in an image. The peaks in the distribution of the image, on which the filter is
applied, represent the blobs in that image. The biggest advantage of this filter is that the location of the
peaks is much robust because the chromatin texture scale value is much smaller compared to the nuclear
blobs. The filtering results form a topographic surface that for basis for cell segmentation.
2.5

Segmentation by marker controlled watershed

The last segmentation technique discusses the application of image segmentation to study the effect of
drugs on cancer cells [9]. To achieve this, the authors have adopted a method called time lapse microscopy.
This method stitches the images taken of the cells under observation throughout the effect of drugs, into
a video. Finally, an object tracking mechanism called as the kalman filter is applied on this video to track
the objects in motion. The segmentation technique adopted here is the marker controlled watershed, as
using the normal watershed algorithm would result in over segmentation of the cell images.
Background information: A watershed segmentation technique assumes an image as a topological
surface. The minima and maxima forming the peaks and the valleys of the surface. To segment the
image, it is assumed that the surface would be flooded with water starting from the minima of the
surface. The flooding will continue until it reaches in a topological surface as shown in the Fig 6. As a
result of this, in the end we would get a segmented image [10]. Fig 5(a) shows the topological surface and
that being flooded by water, thereby showing the result of the segmentation
Marker controlled watershed: The authors define marker as a connected component of an image, which
represents the existence of an object. The usual watershed algorithm considers the image as a topographic
surface and starts flooding the image from its minima, which usually results in over segmented images.
To avoid this, marker controlled watershed algorithm starts flooding from the pre-defined marker. The
marker here can be regarded as the first segment in the image and therefore it is important to extract
the object markers correctly [9].
Marker extraction: The proposed method is based on the concept of condition erosion, where the
erosion is carried out only when the object is larger than the predefined threshold. The authors here have
designed two masks according to the shape of the cells, one for fine erosion and other for coarse erosion
purpose. The fine erosion structures comprise of 2 3*3 masks and coarse erosion consists of 4 types of
7 ∗ 7 masks as shown in the Fig 6 [9].
2.6

Evaluation

The main goal of a cancer diagnosis system is to automatically decide the existence of cancer in a cell or
not. To achieve this most of the cancer diagnosis system follow three main steps: pre processing, feature
extraction and diagnosis. In the preprocessing step the background noise is removed and segmentation
techniques are applied to find the region of interest.This is the most crucial step among all the three
steps, as any wrongly segmented region would lead in false diagnosis. From the segmented parts the
required features are extracted for further study. This focuses on extracting the features of an individual
cell.Morphological, fractal, textural and intensity based features are extracted from the segmented parts.

(a)

(b)

Abb. 10.4: (a) Examples of staining, the colour in the picture is because of the stain that’s used. (b)Graph
cuts, the blue and the red nodes represent source and the sink and the thick lines show the strong
connection and thin lines weak the green dashed line shows the min cut [8].
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Finally the main goal of diagnosis is to find out the benignity and malignancy of the cells or to find out
the level of malignancy in each cell.
The idea of an automated cancer diagnosis system is to extract the information from the histopathological images and examine the extracted information by statistical analysis or applying some machine
learning algorithms, and the second part comprise of the process of evaluating the system. We have discussed some examples of the first part (extract information from the histopathological images) in the
previous sections. Before discussing the results it is important to know that evaluation is done on the
whole system and not just the segmentation part. Some papers like the third method discussed above
also give the segmentation results, but most other systems evaluate themselves on how precisely would it
help in the cancer diagnosis. So the ultimate criteria for evaluating a system is to find out how precisely
the system can distinguish between the cancer and the normal cells [11]. Fig 6 shows the picture of cancer
cell and a normal cell, surprisingly the first image is a normal cell and the second a cancer cell.
Therefore for any given sample a system may lead to one of the four possible catogories:
• True Positive (TP): where the system would declare that the sample has cancer and the sample
actually has cancer.
• True Negative (TN): where the system would declare that the sample does not have cancer and the
sample actually does not have cancer.
• False Positive (FP): where the system would declare that the sample has cancer and the sample
does not
• False Negative (FN): where the system would declare that the sample does not have cancer when
the sample actually has.
Out of all the above cases the most dangerous one is the false negative case [11]. To evaluate a system
we have to count out of the total samples given to the system how many fall in each of the above mentioned
categories. Then find out the probability of a system to give true positives and the probability to give
true negatives. This is done by calculating sensitivity and specificity, there are also other formulas which
help in determining the performance of the system.
Sensitivity =

numberof T P
numberof T P + numberof F N

(10.6)

Specif icity =

numberof T N
numberof T N + numberof F P

(10.7)

numberof T P
numberof T P + numberof F P

(10.8)

P recision =

Conglomerate =

(a)

numberof detectedcells − F P
numberof T P

(b)

(10.9)

(c)

Abb. 10.5: (a) Watershed segmentation technique [10](b) Erosion fine structures (c) Erosion coarse
structures [9].
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Results

Fig 7 shows the table of comparison of the results of the three segmentation methods explained in the
previous sections.
The first method evaluates the system with the gold standard data set of 7931 cells which were
morphologically diverse. The analysis yielded 0.908 precision, recall of 0.859 and conglomerate of 0.953.
A comparison was made with the Al-Kofahis method first in the fully automatic mode, and second using
an optimised parameter which was given by the author’s of the first paper. It was found that Al-Kofahis
method required less processing time but yielded 0.197 lower precision, however with the optimised
approach the precision remained less. The conglomerate score of Al-Kofahis method was slightly method.
The third method proposes the results in a different way, the method correctly segments 98.8

4

Discussion

After seeing the comparison of results one could argue, if this is the right way to compare the results
or is it even possible to compare the results of different systems. There are some important aspects that
we should consider here. First, different evaluation system estimate their system performance differently.
From fig 8 it is clear that there is a difference in the way that the first two systems have evaluated
the results from the rest of the systems. One of the main criterion ßpecificitymentioned in the results
sections is not being considered by any of the systems. Whereas, it is well known that to measure a
system’s performance, we check the sensitivity and the specificity of that system. Second factor is that,
all these systems work on different kinds of cancer, which means that the dataset that they consider also
would be different. In such a case when the system is developed to diagnose completely different case of
cancer, comparing the results would not make any sense. Finally, the basic dataset preparation is still
done manually by pathologists, so this can vary to a very large extent from the way one person does it
to another. Hence the basis on which each system gets its results could be only subjective.
The analysis on the first paper which describes the segmentation technique based on contour evaluation
would be the following: The paper claims no segmentation bias”, this would be agreeable if the bias they
are referring to is about not having any prior knowledge about the morphological data of the cells. They
also tell that the data samples they have chosen is of wide morphological variety. Here, we should really
pay attention to how they have evaluated the system, because if the evaluation is done in the right way
and if the data set that they have chosen is of wide morphological variety, then we could apply this
technique on all kinds of cancer data to check if we could get similar kind of results. This could also be
a possible future work for this paper.
Finally, the literature survey results in lot of papers working on the same problem and every work
is coming up with a new method to solve the problem. It is very important now to sit and analyse all
these work and do a complete survey about what is obsolete now and what can be improved and give a
proper overview about all the techniques applied. Interestingly most of the papers apply edge detection
techniques, no body explains why they choose this technique, this paper tries to give an explanation by
comparing the blind man’s approach, which to an extent sound like a feasible explanation for the problem.
However there are possibilities for a different explanation for this. Hence, why most papers have applied
this particular technique and are there any other techniques which could be better than this could also
be a possible research question.

(a)

Abb. 10.6: (a) normal cell and cancer cell [11].
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Abb. 10.7: Comparison of the results given by each system

5

Conclusion and Future Work

Analysis of previous work led to another important finding that, though there are so many papers published every year on the same problem and though every paper has come up with a new solution to the
problem, the traditional cell segmentation techniques still remain the same, nobody has come up with
completely new segmentation technique so far [1]. They have tried to modify the existing techniques by
combining it with other techniques. But, the amount of work being done on this problem is continuously
increasing every year. I try to reason this out, research is being done to solve the problem, but all of them
are adopting the same approach to solve it and hence coming up with new method in the same approach.
It is also important to try to find an alternative approach to solve the problem. This could be one future
work for this problem. Coming up with one universal method to segment all kinds of cells, though is an
ambitious but a valid future work for the problem.
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