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Dear Conference Participants! 

Welcome to the NTAV/SPA 2012 conference held in Lodz. This year's scientific event joins two successful series of conferences: 
the New Trends in Audio and Video {NTAV) conference - organized first by the Wrodaw University of Technology in 1994 and then 
biannually by various major technical universities in Poland, and the IEEE Signal Processing: Algorithms, Architectures, Arrangements, 
and Applications (SPA) conference - first held in 1993 and then organized yearly since 1999 by the Poznan University of Technology. 
Credit for the initiation, sustained support and organization of the NTAV and SPA conferences goes to professors Andrzej Dobrucki 
and Adam Dc}browski, respectively. 

NTAV/SPA 2012 is the second time these two conferences are joined as one event, the first time being in 2008 at the Poznan University 
of Technology. The aim of the NTAV /SPA 2008 was to gather researchers interested in various signal processing studies (including audio, 
video and image analysis). Similarly, the aim of this year's event, held four years later, is to bring together colleagues from a broad range 
of research subjects related to audio, image and video processing, digital signal processing theory, techniques and various applications 
including human-computer interaction systems and medicine. 

An excellent introduction to the conference's broad scope is given by the three invited lectures prepared by distinguished scientists from 
Norway and Poland. Professor Arvid Lundervold from the University of Bergen presents an important image diagnostic technique 
known as Functional Magnetic Resonance Imaging (fMRI) and highlights its applications in basic and clinical neurosciences. The lecture 
by professor Andrzej Czyzewski from the Gdansk University of Technology is devoted to the dynamically developing field of human­
computer interaction and its novel applications in education and aids for persons with disabilities. Finally, professor Wladyslaw Skarbek 
from the Warsaw University of Technology addresses the appealing concept ofliteral programming, i.e. the methodology of programming 
in high level languages resembling natural language more than program code. 

The 42 regular papers accepted for NTAV /SPA 2012 were reviewed by two ( or in some cases three) reviewers - members of the Scientific 
Committee. The contributions have been grouped into the following thematic fields: signal processing theory and algorithms, audio 
processing and acoustics, image processing and analysis, and finally human-computer interaction. All the accepted submissions printed 
in the conference proceedings will be indexed in the IEEE Xplore database. Selected papers pointed out by the Scientific Committee, after 
suitable extension, are invited for a publication in peer reviewed journals. It is worth noting here that, thanks to the support of the Audio 
Engineering Society, the abstracts of the NTAV/SPA 2012 papers devoted to audio and acoustics have been printed in the recent special 
issue of the Archives of Acoustics, a magazine published by the Polish Academy of Sciences. 

The NTAV/SPA 2012 Organizing Committee acknowledges the financial support of the Ministry of Science and Higher Education. 
In this respect, special thanks are also due to the Dean of the Faculty of Electrical, Electronic, Computer and Control Engineering 
prof. Slawomir Wiak and the Dean-Elect prof. Slawomir Hausman. The contribution of the Polish Section of the Audio Engineering 
Society and the Polish Association of Theoretical and Applied Electrotechnics to the organization activities of the conference is also 
highly appreciated. Finally, sincere thanks are extended to all conference participants who submitted their work to the NTAV/SPA 2012. 

We do hope that a wide scope of this joint conference will offer a unique forum for stimulating interdisciplinary discussion on new trends 
of all aspects of signal, image and video processing techniques and their widening important applications. 

We wish you an enjoyable stay in L6dz! 

On behalf of the Organizing Committee 
Pawel Strumillo 
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Functional MRI - Signal Processing 
Algorithms and Applications 

Arvid Lundervold, MD, PhD 
Professor in Medical Information Technology 

Neuroinformatics and Image Analysis Laboratory 
Department of Biomedicine, University of Bergen 

Jonas Lies vei 91, 5009 Bergen 

& 
Department of Radiology, Hauk.eland University Hospital 

5021 Bergen, Norway 

Functional magnetic resonance imaging (fMRI) investigations are 
increasingly important for the in vivo study and modeling of integra­
tive brain functions in health and disease, where sophisticated math­
ematical and statistical algorithms for fMRI signal processing and 
interpretation have come into play. Apart from neuroanatomical, neu­
rophysiological, and neuropsychological competence, the progress in 
cognitive neuroscience and brain mapping is critically dependent on 
expertise from other disciplines - such as statistics, computer science, 
and electrical and electronic engineering dealing with signal process­
ing, circuits and systems. During the last years, there has also been 
a trend towards funding of "open science'' consortia, providing huge 
and well-curated image data repositories together with advanced soft­
ware tools and processing pipelines to be used and further developed 
by the research community. 

• The human brain and information processing, spatial and temporal 
scales 

• The history and basic principles of BOLD fMRI 
• Signal, noise, and preprocessing of fMRI recordings 
• Statistical analysis of preprocessed fMRI data 

- Voxel-wise analysis with the general linear model (GLM) 
- Multi-voxel pattern analysis (MVPA) 
- Independent component analysis (spatial and temporal ICA) 

• Applications of fMRI in basic and clinical neurosciences 
- Neuronal encoding of sound and tonotopic maps 
- Visual processing and object recognition 
- Resting state fMRI and complex networks in health and disease 

In my talk, I will try to give glimpses from the big picture of this 
exciting and fast progressing field of fMRI and brain mapping, with 
the following outline: 

• Conclusions and Perspectives 
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ABSTRACT - Multimodal computer interfaces and examples of their 
applications to education software and for the disabled people are 
presented. The proposed interfaces include the interactive electronic 
whiteboard based on video image analysis, application for control­
ling computers with gestures and the audio interface for speech 
stretching for hearing impaired and stuttering people. Application 
of the eye-gaze tracking system to awareness evaluation is demon­
strated. The proposed method assumes analysis of visual activity of 
patients remaining in vegetative state. The scent emitting multimo­
dal computer interface is an important supplement of the polysen­
soric stimulation process, playing an essential role in education and 
therapy of children with developmental disorders. A new approach 
to diagnosing Parkinson's disease is shown. The progression of the 
disease can be measured by the UPDRS (Unified Parkinson Dis­
ease Rating Scale) scale which is used for evaluating motor and be­
havioral symptoms of Parkinson's disease, employing the multimo­
dal interface called Virtual-Touchpad (VTP) to support medical di­
agnosis. The paper is concluded with some general remarks concern­
ing the role of multi modal computer interfaces applied to learning, 
therapy and everyday usage of computerized devices. 

KEYWORDS - multimodal interfaces, video processing, speech 
processing 

I. INTRODUCTION 

The research project entitled "Elaboration of a series of 
multimodal interfaces and their implementation to educational, 
medical , security and industrial applications" is rea li zed by the 
authors of thi s paper. In thi s project, multimodal interfaces for 
the application in the area o f medicine and of education 
(therapy of ch ildren, di sabl ed persons) arc developed. The 
proposed solutions arc based on the human interaction with the 
computer using a ll fi ve senses. Regarding the video analys is, 
methods of controlling the computer with ges tures arc 
developed . More advanced video processing algorithms arc 
emp loyed to tasks related to the Virtual Whiteboard and to 
diagnostics of the Parkinson 's di sease. The sound modality is 
used for slowing down the speech for improving its perception, 
and for training of the auditory and visual latcra lization. 
Moreover, the system of polyscnsory training, based on a 
visual-auditory-kincsthctic stimulation, is developed. An 
important innovation is a computer-controlled scent emitting 
syi::,tem. Additionally, a method of assess ing patients' 
awareness in the locked-in syndrome, based on tracking of the 
eyes ight focal point and on analysis of brainwaves, is 
developed. All above solutions arc presented in the following 
sec tions of thi s paper. 

11. VIRTUAL WrtrTEBOARD 

The Virtua l Whiteboard is a computer system allowing for 
emu lating an e lectronic whiteboard using a multimedia 
projector, a screen , a computer and a camera connected to the 
USB port (Fig. I) . T he multimedia projector is mounted under 
the cei ling. A camera can be attached directl y to the 
multimedia proj ector or placed on a stand at a distance from the 
screen so that its field of view fits to the video frame. The user 
is s ituated between the projector and the screen. An app lication 
installed on the computer controls the mentioned components 
and recognizes dynamic gestures, i. e. constituted by motion 
traj ectories, and stati c gestures, e.g. palm shapes. Apart from 
the bas ic functionality of the whiteboard, which is entering the 
content, the system enables the user to interact with objects , 
e.g. rotation, zooming in/out, cropping and shifting is poss ible. 
A course of events during the work with the system can be 
saved and recreated , preserving time dependencies. The Virtual 
Whiteboard works with multimedi a presentation browsers, 
providing functionality of browsing s lides and adding notes. 
The so lution has been implemented in 20 primary and high 
schools located in the Poli sh Pomcrania region and in Gdansk 
Science & Technology Park in the education zone for children, 
called EduPark . 

The principle of its functioning lies in subtracting the 
camera video stream from the stream di splayed by the 
multimedia projector. Gestures arc recognized in the resulting 
processed stream. The utilized image processing algorithms 

Fig. I. Virtual Whiteboard components and user location 
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have been presented in the earlier paper [l]. For dynamic 
gesture recognition, an inference system based on fuzzy rules 
has been applied. Fuzzy rules have been used for modeling 
motion trajectories considering speed and direction of hand 
movement. Four fuzzy sets for directions: north, east, south, 
west, and four fuzzy sets for gesture speeds: very small , small , 
medium, high, are distinguished. The membership functions 
have triangular shape. Membership functions related to the 
performed motion associated with gesture classes was designed 
according to the Takagi-Sugeno zero order model. The output 
of the system is the result of the rule fired with the maximum 
membership degree. The decision threshold equal to 0.5 was 
utilized in the inference method. A value below this threshold 
means that the performed motion is associated with neither of 
the gesture classes. Kalman filters were utilized to smooth the 
motion trajectories, which enables to eliminate erroneous hand 
position detections. Static gestures are recognized using 
support vector machines of C-SVC type with RBF kernel. For 
the purpose of the palm shape parameterization, PGH (Pairwise 
Geometrical Histogram) histograms with 15 bins of height 
equal to I O units were used. The method ensures insensitivity 
to hand rotation. 

111. POLYS ENSORY STIMULATOR 

The polysensory stimulator is a tool dedicated to 
stimulating development of kinesthetic-perceptual functions in 
children with moderate or severe mental retardation. The aim 
of employing the system to the educational process is to help 
developing the visual and auditory perception, to increase 
duration of maintaining attention on stimuli , to improve visual­
auditory-kinesthetic coordination, to develop and to enhance 
orientation in the body schema and space, to develop 
kinesthetic functions, and to boost language skills. The 
expected effect of the system application consists not only of 
development of particular functions but also of their mutual 
cooperation, i.e. perceptual-motor integration. 

The system consists of a personal computer with the 
application installed, two monitors, a therapeutic mat, two USB 
cameras, 4 speakers of surround sound system, and a stand for 
the speakers and one of the cameras. Such a hardware platform 
has been also utilized during the development of the 
Multimedia System of Polysensory Integration [2] , providing 
exercises for intellectually retarded pupils. The monitors are 
placed back to back, with one of them displaying the exercise 
screens to the pupil and the other displaying modified screens 
and controls to the therapist. The therapeutic area is designated 
by a stand construction with a square therapeutic mat lying in 
its center on the floor. The therapeutic mat has 9 square areas 
separated by straight lines. One of the cameras is placed on the 
floor in such a location that the person walking on the 
therapeutic mat is always visible in the image frame. The 
second camera is placed over the middle position of the 
therapeutic mat on such a height that the same requirement as 
for the floor camera is met. The speakers are positioned in the 
comers of the stand construction. 

Interaction with the system is based on walking on the mat 
and thus choosing one of the squares at the time and bouncing 
to confirm the square choice. Occupying a particular square 
causes di splaying an image or generating a sound associated 
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with it. Bouncing produces image displaying and generating 
sound as well. 

The system contains 11 exercises diversified in terms of 
difficulty level : simple ones for the intellectually developed 
children but challenging for the mentally retarded ones. The 
exercises involve various combinations of the task of searching 
for the image associated with the particular therapeutic mat 
square. By changing the location on the mat, the pupil changes 
the displayed image and the generated sound. The scheme of 
the exercises provided by the engineered software is fixed. A 
therapist can, however, customize the images and sounds to 
certain particular educational needs and age or interests of the 
pupil. 

The research on the effectiveness of the system has been 
carried out for 8 weeks in the primary special school No. 26 in 
the Polish city Torun. Eight pupils, aged 8- 17, took part in the 
therapy. Their high degree of motivation and interest in the 
equipment resulted in a relatively fast progress. It was 
especially noticeable in two spheres: spatial orientation & 
directions understanding and sense of causation, i.e. 
concentration of attention and understanding of cause and 
effect relationship while interacting with the system. 

The system bases on the processed video streams obtained 
by subtracting the initial video streams that do not contain a 
pupil , from the video streams retrieved during the training. This 
principle regards both floor and overhead cameras. The 
subtraction method is based on the absolute difference. After 
subtraction, video streams are converted from RGB color space 
to gray scale and binary thresholded with a default threshold 
value. After the binarization, video streams are median filtered 
with a mask of size equal to 9 pixels (Fig. 2). The detection of 
pupil silhouettes is performed using a contour detection 
algorithm implemented in the OpenCV library. 

IV. 30 HAND MODEL FOR SUPPORTTNG PARKINSON'S 

DISEASE OBJ ECTIVE DIAGNOSIS 

Currently, more than l % of the population aged over 60 
suffers from the Parkinson ' s Disease (PD). Despite many 
conducted researches and various methods of treatment, the 
disease still remains incurable. The main problem in searching 
for new methods of treatment is lack of objective diagnosis 
method of this illness development. The disease if often rated 
in the so-called Unified Parkinson's Disease Rating Scale 
(UPDRS). During the examination, the patient is asked to 
perform a series of tests. Each test is then rated from O to 4, 
where O means that no symptoms were present and 4 that the 
patient was unable to perform the task. Usually, two different 
clinicians rate the same patient differently, therefore basing on 

a) b) 
Fig. 2. The processed image retrieved from the fl oor camera (a) and the 
overhead camera (b) 



their diagno is, thu it is impossible to a sess deterioration or 
improvement in the patient's state. A development of new 
methods for objective diagnosi is strongly de irablc. 

The authors arc conducting the research aiming to fill the 
existing gap. The developed algorithm utili zes the captured 
video trcam to the rating of the performance objectify 
employing three UPDR tests. These are: test 23 - finger 
tapping, test 24 - fist opening and test 25 - alternating hand 
movement . A web camera located on a special tripod captures 
the top view of the hand, which is placed on a black rubber 
pad. Due to such an approach, the separation of the object from 
the background is moothcr. Most of the currently developed 
gesture recognition systems arc based on the recognition of 
static key frames in the dynamic video stream. Such an 
approach would not guarantee, however, the needed 
information for diagnosing PD, as no information about the 
way the gesture performed is included. The algorithm 
presented in this paper solves this problem by visualizing the 
entire gesture on the motion curve (MC). First, a 30 hand 
model based on a single captured frame is created and then the 
reference animation of each gesture is rendered. The dynamic 
video stream is then compared with reference and the results 
are stored on MC [3]. The obtained MC provide a fundament 
for the objective classification. Additionally, in order to 
provide knowledge about naturalness of the movement, the 
classifier cooperates with the database of reference MCs 
generated from Motion apturc recordings. The entire process 
of the classification is depicted in Fig. 3. 

In order to generate the reference animation, a single 
captured frame of patient's hand (neutral pose, fingers slightly 
spread) is converted into a binary image. The binarization 
threshold is dynamically computed, so the algorithm is 
becoming robust against changes in lighting. First the image is 
split into R,G,B components and the histogram is analyzed for 
each channel. Basing on this analysis, a binarization threshold 
is computed. For a further computation, the image that 
separates the hand from the background in a best way is 
chosen. The objects in the image are searched with a chain 
approximation algorithm. The biggest object is the hand image. 
Then, a hand contour is created. The point cloud is inserted into 
the contour and the hand mask. The modified Dclanucy 
triangulation algorithm is applied to generate a 20 mesh, which 
is then extruded into 30. The bone structure is then added to 
the mesh. By modifying the bone structure, a reference 
animation is created. 
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Fig. 3. The scheme of objecti ve diagnosis algorithm for UPDR test 23,24,25 
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A si mple subtraction classifier is used for comparing the 
video stream to the animation. The MC is drawn. The 
maximum amplitude is interpreted as the midpoint of the 
performed gesture. An example of the MC is pre cnted in Fig. 
4. The presented methods allow for an easy distinction between 
motion of healthy people and PD patients. The frequency of 
ex treme position crossing, smoothnc s of the MC and duration 
of the performing excursive provide objective parameters for 
the automatic classification. 

V. S CENT EM ITTI G MULTIMODAL COMPUTER INTERFACE 

The aim of the project wa to create a new kind of a 
computer interface, which could significantly enhance the 
polyscnsory stimulation process. There are numerous method 
of treatment based on simultaneous inciting of different senses 
(e.g. Morning Circle or Multimedia System of Polyscnsory 
Integration [2]). The scent emitting computer interface should 
be able to diffuse an aroma in the cla sroom not only quickly, 
but also irrespectively of air humidity and temperature. To 
achieve this goal, it was decided to use a technique called Cold 
Air Diffusion. The advantage of this technique is very small 
dimension of aroma molecules: their size remaining below I 
micron (about 50 times smaller than molecules of deodorant). 
Small molecules allow for ea ier filling even large rooms with 
scent. In addition to that, small molecules easily combine with 
air molecules, thus the scent resides in the room for a long 
time. 

Two versions of the scent emitting computer interface were 
developed in the framework of the project: the extended and 
the basic one. The extended version (Fig. 5) is able to emit four 
scents independently and it i equipped with the following 
sensors: gas, temperature, humidity and atmospheric pressure 
[2,4]. The basic version is able to diffuse one scent only and it 
has only the gas sensor built-in. However, it is pos ible to 
connect more than one device to the PC simultaneously. Both 
developed devices use USB or Bluctooth interfaces and they 
work with common PC computer . 

The main use of the developed interface is extending 
functionalities of the polysensory stimulation. In this way, 
therapists will obtain a new tool that gives them opportunity to 
diffuse scents according to the children needs. Furthermore, it 
will be possible to correlate precisely the aromatherapy process 
with images, movics and sounds presented by the therapist. 
The interface can also be used as a vital complement of the 
multimedia educational applications. Emission of specific 
scents may cause e.g. encouraging inactive children or quieting 
hyperactive or restless children. It should be also pointed out 
that an appropriate choice of the aroma would make lectures on 
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Fig. 4. An example result of comparison the M 's for healthy person (light 
line) and PD patient (dark line) 
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Fig. 5. Interior of the cent diffuser prototype (the extended vers ion) 

topic uch as biology or material science more attractive. The 
interface may be also used to diagnose ncurodcgcncrati c 
di ·cases in their early stage . 

VI. Y TEM UPPORTI G COMMU IC/\TION RETWEEN PUPIL 

/\ D TEACI IER 

Problems with pccch perception may cause an impairment 
in the language learning. Often, difficulties in speech 
perception are associated with peripheral auditory sy tcm 
disorder ·. In such a situation, the usage of a typical hearing aid 
(which works as a compressor) a llows for eliminating this 
problem almost completely. However, not alway speech 
perception problems arc related to the peripheral auditory 
sys tem. Chermak et a l. estimated that 2% of children of the age 
between 6 and I O years, suffer from the Central Auditory 
Processi ng Disorders (CAPO) manifesting with speech 
perception problems in complex acoustic conditions, 
di ffi culti cs in concentration, problems with perception of 
speech spoken with a high rate, problems with reading and 
speaking, etc. 

One of the most known methods related to the problem of 
children with CA PO is the so-called FM system. It was 
designed in order to support speech perception during the 
school classes. The idea of it is implc: a teacher uses a 
wireless microphone located near hi s/her mouth ; pupils li sten 
to teacher 's voice with their headphones. The audio signal 
between the devices is transmitted using the FM connection. 
This conf'i guration al lows one to reduce the reverberation and 
noise leve l related to classroom acoustics. The other group of 
similar systems arc those that modify the time scale (T M) of 
the input pccch (time-expansion of the speech). A · it was 
shown in the literature, in case of listener · with C PD, time­
expanding of the speech improves it perception. 

Based on the methods presented above, a system which 
stretches (in real -time) teacher' s speech and reproduce it on 
the pupils' headphones was designed. The sys tem consists of 
two main parts: the speech stretching device and the 
workstation for performing hearing tests. In Fig. 6 the schema 
of the proposed system is shown. At the beginning, every pupil 
has to perform a series of hearing test (the examination is 
supervised by the specia li st) . The workstation is used for 
performing peripheral auditory system tests (air conduction 
tonal audiometer and loudness sca ling test), and centra l 
aud itory system tests: Dichotic Digits Test (DDT), Duration 
Pattern cqucnce Test (DP T), Pitch Pattern Sequence Test 
(PP T), Random Gap Detection Test (RGDT). Children with 
detected APO may use the proposed device. 

The designed mobile device stretches the speech signal in 
real -lime. It was necessary to design methods allowing to 
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perform this operation and to ensure as small a poss ible 
difference in the duration of the input (original speech) and the 
output (stretched) signal. In Fig. 7 the block diagram of the 
designed algorithm is presented. The proposed algorithm is 
based on the assu mption that the input signal is redundant. The 
noise and the tutter are considered redundant parts of the 
signal. In order to detect these event , the oicc acti ity 
detector (V D) and the stutter detector were u ed. Redundant 
parts of signal arc removed and they arc not stretched by the 
T M algorithm. Additionally, T M is performed non­
uniformly, i.e.: owels (detected by the vowel detector VRD) 
arc stretched u ing a higher va lue of the scale fac tor than the 
consonants; dependently on the estimated rate of speech 
(ROS), fast speech i tretchcd more than the low one. The 
TSM is performed using the SOLA algorithm ( ynchronous 
Overlap and Add). The presented algorithm was implemented 
to the mobile phone. 

VII. AUDITORY-VI /\L /\TTE T IO STIMULATOR 

The proposed method of latcralization formation training 
was designed using a dedicated soft.ware. There are severa l 
scenarios in which it could be used. In the main scenario, a 
typical PC with the headphones serves as the training tool. Tn 
the extended version, some additional hardware is required, i.e. 
30 display or an eye-tracking sy Lem. ln Fig. 8 the block 
diagram of the proposed approach i · presented. The main idea 
is to perform para llel stimulatio of the eyesight and the 
hearing sense using dig ital signal processing technique . 
Modification of the visual and hearing stimuli is performed in 
order to focus perception of those senses by the appropriate 
hemisphere (by means of the latcralization profile). 

Speech modification is pcrfonncd in two separate domains: 
TSM and signal amplitude va riation . The TSM is obtained 
using the non-uniform real -time speech stretching algorithm 
[5]. The mai n purpose of the TSM algorithm is to modify 
duration of different speech units using various time scaling 
factors , in real time . Vowels, consonants and pauses arc 
analyzcd as the most signilicant speech units. The recorded 
speech and the ass igned text arc used during the training. The 
whole wave file is manually labclcd in order to determine time 
stamps (LR formatted) of the words. Image modif'ication is 

Teacher-pupil communication 

... -
• ~ Teachc'i·-.:_s 

I lcadphon~~······ .. J~1_i_crophoi1;,; 
·· ... ... ·· .... -· 

Workstation 
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Fig. 7. Block diagram o f the des igned rea l-time ·peech stretching algorithm 



full y synchronized with the pccch signal. It can be achi eved 
either at the leve l of words or sentences. 

The developed system allows for visual stimulation of the 
eye using an appropriate adjustment of the foll owing image 
parameters: color, brightness, contrast, size of the letters 
(including zoom profile - each letter is enlarged with different 
zoom factor). According to the clas ic Ges talt perceptual 
theory, the authors dec ided to reject the text highlight 
possibility. The u er may not be able to di ·tingui sh the tex t 
from the highli ghted background which becomes a fi gure. 

s it is we ll known, reading with dys lectic fonts docs not 
improve the reading speed. However, some spec ifi c types of 
reading errors arc decreased. Therefore, in the presented 
system, it is poss ible to choo c the appropriate font. In the 
ex tended version of the ys tcm, para meters associated with 
vision and hearing modification algorithms may be controlled 
by the eye-tracking system ( ig. 9) . uch a system, developed 
in the Multimedia Systems Department was used fo r 
optimizing the training process [6,7J. 

VIII . CONSC IOU NES STUDY OF PATIE TS 

I VEGETATIVE ST /\TE 

valuation of the consciousness level is the most important 
stage of rehabilitation of patients in vegetative state. The 
authors developed a consciousness test based on utilizing 
different multimodal interfaces: an eye-gaze tracking ystcm 
and an EE helmet. The re car h wa conducted in the 
cooperation with therapist of th Therapeutic Care Center o f 
" Light" Foundation in Torun , Poland. 

First, hearing of each patient was examined, exploiting an 
objccti c method ABR (Auditory Brainstcm Response). 

stimation of the hearing threshold i rca onable because the 
therapists have to be confident that patients can hear their 
commands. It is worth mentioning that all 15 tested patients 
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Fig. 8. Block diag ram of the training system of the auditory-visual attention 
stim ula tor 
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had normal hearing. The mean hearing threshold cqualcd to ea. 
25 dB nl-lL. Then , ·1 patient was subj ected to tes ts utilizing the 
deve loped multimodal interfaces. Their interaction with the 
content displayed on the computer screen was studied u ing the 
eye-gaze tracking sys tem. Also, the emotional state of each 
pa ti ent was examined during the polyscnsory stimulation, 
employing the ~ ~ hel met l5] . When a therapi st observed 
repeatable awareness symptoms, patient 's electrica l activ ity 
was analyzcd in the context of intcnsion of hand movement 
detection. A diagno is of the consciou ncs tatc is related to 
comprehensive observa tion of the patient during severa l 
months. There fore, eva luation of the consc iou ness leve l 
includes results obtained during sess ions utilizing the eye-gaze 
tracking system and the E ~G helmet. The scheme of the 
proposed method of consc iousness state assessment 1s 
presented in Fig. I 0. 

A. Eye-gaze tracking 

mploying the eye-gaze tracking sys tem 111 the 
consciousness study is an innova ti ve approach in research 
conducted in this area. The authors and the therapists of the 
Therapeutic Care enter of " Light" Foundation carri ed out an 
initial ex periment in order to assess the usc f ulncss of the eye­
gaze tracking system in patients ' rehabilitation [7]. The 
confirmation of it · use fulness enabled the authors to develop 
the ·o-called con ciou ne le l including 12 excrci e . Within 
thi tc l, tracking of mo ing object, remembering orientation 
in time and in place under landing or logical thinking arc 
studied. The rati o of correct tasks performed with the cy -gaze 
tracking sys tem determines the c aluation of con ciou nc 
state. In case of cvcral patient of the le Led group, a rcpctiti c 

aluc of correctl y pcrfotmcd tasks ratio wa obscr cd during 
the six-month study period. The conducted experiment proved 
that the consciousness level in most of the tested patients was 
misdiagnosed. 

B. EEG test 

This ection presents an attempt at determining the hand 
movement intention by analyzing the electric bra in ac ti ity 
(E G). The mo cmcnt-rclatcd cortica l potential (MR P) could 
be noticed in the normalized EEG signal as the occurrence of 
the negati ve phase in the ignal lasting from 0.5 to 2 ·cconds 
before the exact mo cmcnt or its intention [ I]. The d tcctcd 
MR P is shown in Fig. 11 . 
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channels were the trammg input for the intelligent classifier. 
The abilities of Random Forest (RF) classifier were utilized. 
The experiment was conducted in the control group containing 
15 healthy subject and 14 patients who were suspected to be in 
the locked-in syndrome. First, the data from movement 
execution for the control group were used to train the classifier 
and then testing was performed with the cross-validation 
method. The same experiment was then repeated for the 
movement intention. Next, data from the ME stage were used 
for training the classifier and the MI data were treated as the 
test set. Also, the opposite situation was examined. Then, both 
the ME and the MI models were tested with data obtained from 
patients' recordings. The obtained results proved that in all 
cases, the accuracy of right hand movement detection is I 00%. 
The main reason for such a result is that during normal daily 
activities, activity of the left hemisphere of the brain 
(responsible for controlling the right side of the body) 
dominates, therefore additional changes in signal are simpler to 
notice. High efficiency in movement intention detection could 
also state about high rate of false positive values. 

' 11 

' . . I .. 

----------,--1 
! 
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Fig. 11 . Movement-related cortical potentials: a) b) MRCP, c) d) false 
positive value 

IX. CONCLUSIONS 

The developed multimodal computer interfaces were 
reviewed in this paper that enhance users' interaction with the 
computer by adding stimulation of senses that usually are not 
used in computer interfaces. Applying and in certain cases 
combining sound and video analysis with scent emission and 
brainwaves analysis constitutes an innovative aspect of the 
proposed solutions. A series of prototypes that were presented 
to end users during the tests, is a tangible effect of the 
described research. 

It was proved that the proposed interfaces are positively 
received by the users participating in tests. The cooperation 
with schools and medical centers allows for assessing of the 
developed interfaces outside the research laboratory. The test 
results obtained from the end users prompted the authors to 
enhance the interfaces and to adapt them to the users' needs. In 
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tum, constant technological developments encourage for 
further development of the proposed solutions. A wide range of 
possible end users prove that there is a need for this type of 
interfaces in many different areas. The scientific project 
"Elaboration of a series of multimodal interfaces and their 
implementation to educational, medical, security and industrial 
applications", realized in years 2008-2013, aims to 
commercialize the developed interfaces in the form of 
technology demonstrators, usable devices, publications and 
patents. 
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AnsTRAC1' - Literate programming is a concept initially conceived 
by Professor Donald Knuth who had applied it in practice while 
developing his TEX formatting system. In my integrated approach 
I advocate the concept of literate programming in a single book, 
i.e. all levels of a created application (including the descriptions of 
new algorithms) are joined together with all source codes in one 
PDF document, which is created from a tree of Latex documents. 
lhe code granularity can be of any detail. Even a single line of code 
is possible, surrounded by necessary comments, if needed. Codes 
can be composed sequentially and hierarchically. The presented 
paper will discuss advantages of the proposed programming 
methodology for developing software prototypes of applications 
within digital media one the example of calibration algorithms for 
a structured light camera system. 
INDEX TERMS - literate programming, software documentation, 
structured light method, camera calibration 

I. INTRODUCTION 

The pioneer of literate programming is Donald 
Knuth - the genius of Computer Science. In 1980's, 
he incorporated this concept in his WEB language 
(an extension of Pascal) while implementing the 
TEX formatting system. Actually, The 1£Xhook of 
Knuth had been written using WEB 1121. There is 
also CWEB - the C version of WEB. Let us listen to 
words of wisdom expressed by Knuth: The structure 
(~l a s(dtware pro1vam may be thought (~l as a 
"WEB" that is made up rd' many interconnected 
pieces. To document such a program we want to 
explain each individual part (~{ the web and how 
it relates to its neighhors. The typographic tools 
provided by T[-,_,X give us an opportunity to explain 
the local structure (d' each part hy making that 
structure visihle, and the programming tools pro­
vided by languages like C make it possible for us to 
speL)f.v the algorithms formally and unambiguously. 
By combining the two, we can develop a style (d' 
programming that maximizes our ahility to perceive 
the structure (d' a complex piece (4' .wdhvare, and 

This is the paper accompanying the invited lecture to NTA V /SPA 2012. 

at the same time the documented programs can 
he mechanically translated into a working .w~ftware 
system that matches the documentation. 

Another excerpt is: Literate programming is a 
methodology that combines a programming lan­
guage with a documentation language, therehy mak­
ing programs more rohust, more portable, more 
easily maintained, and (Jrguably more .fim to write 
than pro[!,rams that are written only in a high-level 
language. The main idea is to treat a program as 
a piece rd' literature, addressed to human beings 
rather than to a computer. The program is also 
viewed as a hypertext document, rather like the 
World Wide Weh. 

More on Knuth's original approach to literate 
programming can be found at the web site I 141. 

It seems that there were only few followers of 
Knuth. One positive example of the technical text 
written in literate programming style is the book on 
computer graphics 141. 

Just after encountering this book, I decided (in 
September 2009) to write the T ntegra application 
to join the literate programming concept to one-tcxt­
many-views concept which was already used by me 
for combining presentation slides with lecture notes. 
Actually, the preprocessor for the latter approach 
was written by the research assistant Marcin Morgos 
in 2003, according to my requirements. 

I implemented Integra in Python and the pro­
gram serves me well for flexible development of 
lecture notes where Python and CIC++ code is ex­
tensively used for teaching multimedia algorithms. 

In my integrated approach I advocate to the 
concept "system in a single book", i.e. all levels of 
an application being created (including description 
of new algorithms) arc joined together with codes 
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in one POF document, which is created from a 
tree of Latex documents. The code granularity can 
be of any detail. Even the single code line is 
possible, surrounded by necessary explanations, if 
needed. Codes can be composed sequentially and 
hierarchically. 

In this paper I would like to share my expe­
rience how the literate programming works when 
the algorithms are developed or tuned while a new 
application sec is designed and implemented in 
usual conditions of research uncertainty. 

The application sec refers to calibration of struc­
tured light camera. Actually, our camera consists of 
three cooperating components: high speed infrared 
projector (200 fps), high speed infrared camera 
(200 fps, 640x480), and HD camera (25 fps). It is 
supposed that the calibration data is to be used by 
a 30 viewer application, working in real time when 
the system observes an arbitrary 30 scene. 

Besides implementing and integrating of calibra­
tion algorithms the sec goal is to provide timed 
information for its users on 

l) actions to be performed in the given stage of 
calibration, 

2) data items to be updated in application con­
figuration files, 

3) values of calibration parameters which have 
been established, 

4) quality measures for particular calibration 
steps. 

There are four channels for user interaction: 
I) log window with prompts and messages, 
2) pop-up menus for selection of relevant steps, 
3) interpreter console to show results, 
4) configuration files to tune calibration setup 

parameters. 
There are two modes of sec activity: 
1) simulation mode: stripes projector, stripes 

camera, and video camera are simulated in 
virtual environment using OpenGL 3D graph­
ics standard, 

2) real mode: previewers windows of simulated 
cameras are replaced by previewers windows 
of real cameras. 

II. INTRODUCTION TO INTEGRATED LITERATE 

PROGRAMMING 

The literary programming is a philosophy of 
software creation, which follows from a belief that 
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computer programs can be written by program­
mers similarly to literary texts which are always 
addressed to potential readers. In this case there are 
two groups of readers: 

• computers reading the created source code to 
execute it, 

• programmers (including the primary software 
author) interested in code maintenance and de­
veloping, focusing rather on the documentation 
of the available software. 

The Integrated Literate Programming is an at­
tempt to integrate in one Latex document or in a tree 
of Latex documents content for both addressees. 

Within the writer's metaphor the software creator 
should like a true writer enhance his/her literary 
style in order for both the computer and the man 
to benefit from reading his/her work. 

1) Benefits for computers: 

a) executing programs correctly, 
b) using computing resources effectively. 

2) Benefits for designers and programmers (usu­
ally the same persons): 

a) understanding of design requirements 
and decisions; 

b) understanding of source code, i.e. he/she 
can say: I can test the code, I can change 
it, and I can develop it. 

In the above philosophy of software build, the 
source code and its documentation are equally im­
portant components. Fragments of documentation 
and source code are interleaved like in novels, scene 
and person description with monologue or dialog. 

Let us observe that a change of application 
requirements means the change of documentation 
together with the relevant source code - like a new 
person entrance means its participation in the next 
dialog. 

At the end, a document emerges in the form 
of one or more Latex (textual) files with optional 
inclusion of image, video, and audio materials. 
From such manual, besides a comprehensive system 
manual in POF format, the source code files are 
extracted and optionally multimedia presentation or 
system web pages could be generated, too. 

A. lntegra directives - requirements 

Integra is controlled by simple directives which 
provide tools: 



I) to specify values for attributes of integration 
process, 

2) to define textual fragments, 
3) to compose textual fragments. 

The basic requirements for Inteqra commands 
include: 

I) Commands are embedded into Latex docu­
ment within Latex comments. 

2) Types of commands: 

a) specifying of Integra outputs, 
b) embracing textual fragments, 
c) assigning fragments to outputs, 
d) assigning names to fragments, 
e) fragments nesting, 
t) fragments concatenation, 
g) defining textual blocks. 

3) Authors expectations: directives should he 
intuitive for understanding and compact for 
writing. 

4) Machine expectation: directives should be 
quickly interpreted by Python. 

B. Important directives 

I ) Assignments m keyword notation: 
<attribute name> = <attribute value> 

2) Lists of attribute assignments are included m 
the single line of Latex comment. 

3) Selected directive lines begin from: 

a) %i% if it identifies the output document, 
b) % ( % if it starts a textual fragment, 
c) % ) % if it ends a textual fragment, 
d) %n% if it stands for a textual fragment to 

be nested. 
/:) . .-ample: 

%i%id=4,file='hash.py' 

%(%into=4 

%n% name of nesting fragment 

%)% 

C. A simple example 

Suppose that within a S<dtware EnKineerinK 
course a problem of saving arbitrary precision inte­
ger numbers is considered. 
BEGIN<~{ EXAMPLE 
Let us consider, for instance numbers produced by a 
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factorial function. For the argument n the factorial 
value n! is to be saved to the file tname by the 
function t actor ial ToF ile 

The Python source code file is st. py established 
in default directory of sources. 

Implementation is based on standard arithmetic 
operations and functionalities of file class. 

1 def factorialToFilc(n,rname): 

.1 s = I 
'i for i in xrange(2,n): s *= 
" text = str(s) 
1 fp = open ( fname , 'w' ) 

,, #< Form a ff i II g w hi I e s a\' 111 g to f i I e ># 
1.i fp.close() 

The result is subdivided into lines of GO digit 
each: 

,, I S = I e 11 ( t e X t ) 

10 for k in xrange (0, ls ,60 ): 

11 Ip = min( Is, k+60) 
12 f p . write ( t c x l I k : Ip I+ '\ n ' ) 

In the source tile, the implemented function pre­
cedes its conditional testing ( e.g. by the way: fix 
character coding in the first line of the module): 

I # ~* coding: u tf8 -*-

1 #< Computing factorial and saving to file ># 
1'i i r name marn 

'" n = 1000; fname = ''+slr(n)+'. txt' 
. , o1.d ' 1· . I o1 ' 11 _p_rlJ!.1 1< • ~ l o ~ I c ~ ms ~ . . . % ( n, fname) 

1x factorialToFilc(n,fnamc) 

The first four lines ( out of 43) 
1 ooo. txt are given below: 

from the file 

40?1812600110931135437024339230019857]9]74864?1071461?541199 
9104?991R'il2198629020~9204420848696940480041998861019719605R 
63166681?9948085589011218?9669944590991424504081013159918821 
62F/27 188132~ I 97795059'i09'l 0,276120874 <J'/',4624 9104 Jf>Ol 4182'18094 

END <f EXAMPLE 

Note, that while "the system manual" includes 
the text between the line BEGIN <d" f,'XAMP/,E and 
the line END <d' EXAMPLE, the actual content of 
integrated file st. py corresponds to line numbers 
in the manual: 

# • - codi nq: ut I 8 • 
d,·t L,ct.or ialToFil<'(ll, t11ilm<'): 

s - 1 
tor i in xr.-1.11<JP(7.,11): s • i 
text str(s) 

fp op0n(fnamP,'w') 
]S ~ ]Pll (t t'X!) 

tor k i11 xrnrnJP(O,J,;,hO): 
Ip min(ls,k+60) 
fp.write(text lk:lpJ+'\n') 

f p.clos,• () 

it name ' Ind i 11 ' : 

n 1000; t11c.1m(~ ''•str(11)•'.txt' 
print ''t.d! to tile~ 'i.!; ••• '% (11,!11.-imP) 

I dCt or id I ToF i lr (n, t ndmf') 
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III . INTROD UCTION TO STR UCTU RED LI GHT 

CAMERA CALIBRATION 

Structured li ght is a method of li ght volumes 
forming which is useful in surface mod ling when 
projected on the m 111, [21, l3J, l5l, r61 , 171 , 18J, l91, 
1101, flll , 11 31, ll5]. 

Stripe images are a mean of 30 space subdi vis ion 
into sectors to which a unique code can be a .. igned. 
The code can be detected (read out) in stripe cam­
era imag which acts with the sam speed as the 
projector while acquiring image of the illuminated 
scene in the spectrum range. 

A. Beginning of light structuring: single ray 
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A JD point registration: 

• 
Projr<'to r ent r 

• Single ray design: set a s ing le pixe l (:£71 ;t;p) in 
the graphi cs card frame buffer with adequate 
RGB values. 

• Proj ect the ray on a surface: nsure that the 
refl cted ray from an unknown point (X, Y Z ) 
di ffers in colour wrt to its spatial ne ighbours. 

• Gel an image r~f the surface: make a camera 
single shot. 

• Delert image (:r ;, Yi ) of ( X Y , Z ) : apply 
colour segmentation procedure. 

• Compule an approximalion ( X, Y, Z) of the 
point (X, Y , Z ) : apply the Least Square 
Method to fi nd a point of eq ual to minimal 
di stance from projector's ray (:r11 , '.'h)) and cam­
era's pixel ray (:r;i Yi ). 

B. Plane qf' light rays 

c..:urve r 

Image curve y 

(x,y) 

Light plane 

Camera cente r 

ProJec t or cente r 

• Pl ane of ray ---+ curve r on object s surfa e: 

I ) Emission of light plane y = '.1/p · 
2) Image registration for modeled object. 
3) Detection of image curve 1 = the image 

of r . 
4) Approximation of spatial curve r. 

C. A systemic view 

• 20 imag ing as 20 system: 

I) Input: the plane of light ray y = '.iJp· 
2) State: the unknown curve r on objects 

surface. 
3) Oulput: the di screte curve , . 

• 30 Modeling as the identification problem: 

I) Given: image(s) of 30 object illuminated 
by structured li ght. 

2) lden f(ficalion of system oulput: the d -
tection of di crete curve , in camera's 
image . 

3) Identification of system output: the detec­
ti n of li ght pl ane y = Yp· generating , . 

4) Identification r4· system state: the approx­
imati on of the curve r on the object's 
, urface. 

D. Advancing light structuring - stripes 



• Stripe: colour (in RGB), orientation (H or V), 
location (first line index and width) 

• Stripe pattern is the list of di sjoint stripes of 
the same orientation, covering the projector's 
image frame. 

What is important, the stripe sector is a pyramid 
with its apex located within the volume of the stripe 
projector and with unspecified base. In the stripe 
camera, for each pixel the sector's code is readout 
for the stripe sector with the view pyramid deter­
mined by the pixel. Such readout is possible if in 
the intersection of both pyramids there is a surface 
reflecting projected light. Finally, the combination 
of pixel index and sector index determines the depth 
of the surface. 

0 
] 

; 

? , 

---~ 
-

10 
] l 

12 
13 ,,_ 
1.:, 

• Two types of codes: sequential and parallel m 
display time. 

• n -sequential colour code of a pixel wrt a 
sequence of n stripe patterns of the same 
orientation: the sequence of n colour values of 
the stripes, the pixel belongs to. 

• n -sequential stripe code is a sequence of n 
stripe patterns with the same orientation, such 
that the pixels with the same n -sequential 
colour code create a connected set of pixels. 

a 

1 
3 

.5 
6 

a 
9 

0 
1 

• n -stripes neighbourhood of a pixel wrt a stripe 
pattern is a stripe the pixel belongs to and the 
next n - l stripes (in axis order with rnod 
warping for the trailing stripes). 

• n-parallel colour code of a pixel wrt a stripe 
pattern is the sequence of colors for its n­
stripes neighbourhood. 

• n-parallel stripe code is a stripe pattern such 
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that the pixels with the same n-parallel colour 
code create a connected set of pixels. 

E. Gray patlerns 

F 

• Gray code of length n over alphabet 8 -

{O, ... s - l} is a one-to-one mapping C\,n : 
[O , sn) ~ :i for which Gs,n ('i) and Gs,n ( i 
1 1110d sn) differ on exactly one position. 

• Domain of Cs n is the set of indexes for items 
' 

to be encoded. 
• Item to be encoded - for in stance a stripe of 

light. 
• Gray code of length one: 

=> The code C s , l ( i) · i , i E I:8 is Gray code 
of length one. 

• Inverse Gray code: => Let C\n be an inverse 
Gray code defined wrt to Gray code e,·1_.; ,n as 
follows: 

c:,n(i) . Gs,n (sn - l - i) i E [O sn) 

Then C\n is the Gray code over the alphabet 
I: .,, . 

• Binary Gray codes in 20 tables: 

- item index is array column index; 
- code position is array row index. 

• Example for s = 2, n = l : 

C 2 1 ' -

[O] [1] 
[O] 0 1 

• Example for s = 2, n = 3 : 

C 2,:J [O] [1] [2] [3] [4] [5] [ 6] [7] 
[OJ () 0 0 0 1 1 1 1 

[1] () 0 1 1 1 1 () () 

[2] 0 1 1 0 () 1 1 0 

Departure from Gray codes for calibration and 
modelling 

In the next section we derive another code to 
define stripes with better properties than Gray code 
based patterns. 

For our camera, pixel dependent thresholding is 
more important for accurate camera image binarisa­
tion. The repetition factor r E [1, 3] will characterize 
the admissib le code. 

Another property is a balance between white 
and black areas in the stripe pattern image. This 
is achieved by symmetrical offset in the table of 
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admissible codes. This leads us to valid codes used 
for calibration and modeling. 

There are two correspondences as the results of 
the structured light camera calibration: 

1) (stripe camera pixel, valid code index) t------+ 

depth index, 
2) (stripe camera pixel, valid code index) t------+ 

video camera pixel. 

Since optical distortions of cameras contribute with 
high share. and projector with less impact, both 
correspondences are highly nonlinear. Therefore. the 
number of modeling parameters of both correspon­
dences is intractable. Hence they arc approximated 
by interpolation process using experimentally estab­
lished correspondence tables. 

IV. CASE STUDY: STRIPES MOIHJLE 

As the implementation of the whole sec applica­
tion is too large to be shown here I have selected the 
stripes module to present literary programming in 
details. It is more image processing oriented than 
other modules and it fits more to the conference 
scope. 

The stripes module handles all aspects of stripe 
images handling including index images creation 
and comer detection from them. 

A. Stripe pallerns - code image approach 

Any sequence of k binary images defines a code 
image including at most 2,.. different binary codes. 
Since we want to use such coding to subdivide 
the 30 space into identical parts, the corresponding 
areas in code image. so called level sets, should be 
identical too. The simplest areas of this kind arc 
horizontal or vertical stripes of equal height /,1i or 
width /, 111 • For structured light camera calibration, 
we need more tine 30 space subdivision and then 
square areas obtained as intersections of horizontal 
and vertical stripes will tit. 

High speed stripe projectors require saving all 
stripe images in its memory. Then its capacity 
determines the upper hound k,,w.r for total number 
of horizontal k1, and vertical k,, stripe images: 

This is the limit used in the calibration application 
and for the off-line 30 modeling of still objects. In 
practice k1i, k,, < l 0, and k111<1.r > I OOO. Therefore 
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the above condition is satisfied in contemporary 
technology state of art. 

In 30 player we use only one-directional stripes. 

and then the speed ./~~;i of the stripe projector 

and stripe camera and the speed IA~) of the video 
(texture) camera, measured in actually registered 
image frames per second, matter: 

}
•(ii) 

k<~ 
- (u) 

.f11.~ 

where k = k1, or k = k,,. 
Obviously for the projector with resolution \\ · x 

// the f urthcr constraints for k1, and k,, 

k1, > log2 / /, k,, > log2 \ \ · 

Here, we have assumed for the finest stripes of one 
pixel width. However, in practice, the registration 
of borderline pixels is error prone. Since both sides 
of border can he affected, the borderline could 
be wider than one pixel. Therefore, perfect codes 
arc expected at ratio at least lOO(L-2)///Yo. For 
instance for stripe width /, = 1, 10, 20 we get 
r: ()01 8<)01 <)()01 · J <> 10, • 10, . 10, respective y. 

For system calibration we need higher ratio of 
code recognition and single line resolution of code 
image. By trading effective code image resolution 
with calibration time we display the same stripe 
image L times. At i-th time each image is displayed 
at offset i rows (in case of horizontal stripes) and 
at offset i columns (in case of vertical stripes). 

Note that the code index j + i/ L for pixel with 
wrong code at i-th offset if the perfect code index j 
at offsets / = 0, ... , i - 1, is found and the perfect 
code index j + l is detected at offsets / = i + 
1, ... , /, - 2. 

Since projector's memory is large enough, we 
can keep all original images and their offset images 
together for stripe width /, : 

kuuu: 
/,k1, + /,k11 < k 11w .. r ---t L < ---

kh + kv 

For k,, < k1i = l 0, k111<1.r = 200() we have l, < 100. 
With f,~!) = 200 we get not more than 10 seconds 
to collect all calibration data at the fixed relative 
position of the video camera and projector screen. 
Therefore even for such extreme case mechanical 
movements of the devices determine the whole time 
of calibration procedure. 

In particular case if \ \ · = G40 = 

'180 = ;3 · 5 · :f' then /, = 5, l 0, 20 
5 · 27 II = 

' 
arc feasible 



·""\J ... /\'V /L'.pi\ ::>Q. 1::, I I µ I "-:)_.. $-...,\ - ·- O _. 

SATURDAY, SEPTEMBER 29 • PLENARY LECTURES 
------------------------------------------ ---·---

and the corresponding number of horizontal stripes 
l\.h = I I/ l.1 = 9G, 118, 2,1 and the number of hori­
zontal stripes l\·1• = \ t"/ /, = 128, 64, 32. 

Since each stripe has a unique code, the number 
of codes C 11 > l\· 11 and <11, > K 1,. The number 
of codes C\. ((},,) will be determined by the con­
struction of code table which in turn will depend on 
number of bits k,, (k,,), and the zero-one repetition 
factor r. For instance r = 2 means that in each bit­
string of code table we have at least two zeros and 
least two ones. 

I) Code table construction: Let us follow the 
following reasoning: 

I) The light emitted from the projector is always 
an additional light in the 30 scene. 

2) Therefore we cannot distinguish all zeros 
from all ones. 

3) Repetibility condition on the level r: qantity 
of zeros > r, quantity of ones > r. 

4) For I..: 4 stripe images the code ta-
ble ( codebook) consists of the entries: 
00 11, 01 01, 0110, 1001, 1010, 1100. 

5) In general for k, r we get the number C1.;,,. of 
codes: 

a) If r = l then C\ 1 = i·· - 2, 
b) If r = 2 then C\:2 = 2k - 2k - 2, 
c) If r = 3 then C\:~ = 2k - k( k + l) - 2 : 

(/1.;;~ = 2k - 2 - 2k - (;) - (1.;~J = 
i·· - 2 - I..: - k 2 

6) For r = 2, one of the reasonable binarisation 
procedure is detined by thresholding with 
regard to T(i,j): 

.9Lo('i,j) < .<fl1(i,j) < ··· < .<fl1.- 1('i,j) 

where y1('i,j) jest /-th gray scale value 111 

sorted k values at pixel ('i, j) 
7) Notation argsort: 

[lo,l1, ... ,l1.;_2,l1.:_i] = 

argsort[.<Jo, .</1, ... , .<Jk-2, .</k- t] 

We begin from importing mathematical tools 
1 ~ -*- coding: utf~ -*-
2 .Lmport numpy as np 

image file reading and writing functions 
4 fmm. image. imagclO imp~U imagcFilcToMatrix 
5 .f.rQm_ image. imageIO _import matrixTolmageFile 

and image filtering function 

(1 r ro Ill Ill r i I I C r . 111 f i I t C r i ll1J2Q!! \ 

1 f i I t c r 2 d as f2 d 

The module is built of class Stripes, and 
of the test part implemented by the function 
testStripes. 

The class Stripes collects all functionalities we 
connect to stripe image construction, processing, 
and analysis. 

B. Structure <d" stripes. py 

I) Class Stripes: 

1 clas_s Stripes: 

1) 

48 

<,() 

7<, 

82 

120 

!3<, 

#< 
#< 
#< 
#< 
#< 
#< 
#< 

Strip e co 11 s t r II c t o r ># 
Code admissibility ># 
Code table size># 
Number of stripe images ># 
S t r i p e image g e II e r a to r ># 
Stripe images from file ># 
In de x image h II i I t ># 

1<>•, #< Corner extractor># 

2) Testing function: 

201, def testStripes ( ): 

20X #< Tes t g e 11 e r a t i II g of s t r i p e s ># 
213 

238 

#< Test generating of index image ># 
#< Test corner extractor ># 

2<.4 i f __ name __ ==' __ main __ ': testStripes() 

C. Stripes constructor 

It is reasonable to make the stripe generating in­
dependent of the projector'se resolution. To achieve 
this goal a single bit is assigned for each stripe. Then 
the color pixels in stripe arc obtained by scaling and 
copying the bit according the required resolution. 

Therefore the constructor of object Stripes de­
fines the list of valid codes tables - one table per 
stripe image. In order to understand the process of 
generating valid codes follow the definitions: 

I) k - codeword length, 
2) K max - the number of all possible codewords 

of length I..: : l<max = 21.:, 
3) r - zero-one repetition factor (2r < I..:) 
4) admissible codeword - it consists of at least 

,. zeros and r ones, 
5) c_kr - the number of admissible codes of 

length k, with repetition factor r, 
6) valid codeword - the admissible codeword 

with index between the first (f) and the 
last (l) in the sequence of admissible codes, 
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7) K - the numher of valid codes: 

8) Symmetric range of valid codes we get if: 

In our approach /\. is a compromise between pro­
jector image resolution and stripe width. Having /\. 
we find the first and the last valid codes from the 
ahove condition on symmetric range. 
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I ) Constructor header: 

a) start of method header: 

•J def __ init __ ( 
10 self, 

b) codeword length: 

12 k, 

c) number of valid codes: 

11 K, 

d) code repetition factor: 

14 r =2, 

e) end of method header: 

I :'i ) : 

2) Save all parameters for future use: 

lh 

17 

self.k = k; self.K = K; self.r = r 
self.th = I 

3) Prepare codes - the list of byte tables of 
size /\. each to store bits of codewords. It 
is column-wise representation of conceptual 
code table: code [ i J r j J == I if and only if i-th 
bit of j-th codeword is equal to one. In other 
words: the first byte table represents the least 
significant bit of all codewords, the last byte 
table represents the most significant bit of al I 
codewords. 

1x s e If. codes = 11 
,,, for i in range(k): 
w self .codes.append( 
21 np.zeros(self.K,dtype=np.uint8) 
22 ) 

4) The valid codes are obtained from admissible 
codes by skipping an equal number of leading 
and trailing admissible codes: 

24 

C_kr = s e If. countCodesNumher () 
if (self .K>C_kr ): 

et = "Too~many~stripcs !" 
raise Exception(et) 

27 

2X 

f i r s t = ( C _ k r -K ) / 2 
I as t = f i r s t +K-1 

5) Prepare a lookup table from arbitrary codes 
on k bits to their indexes in the valid code 
table - 0 stands for invalid code: 

~ K_max = 2**k 
.10 self.code_index =\ 
.11 n p . zeros ( K_max , d type= n p . i n t 3 2 ) 

12 #< Fill index and code tables># 

6) Create index and code tables: 

.n J_a = 0 # index of valid code 

.u j_h = 0 # index of admissible code 

.14 f o r j i_rr_ range ( 0 , K_max ) : 
15 i f n o t s e I f . i s A d m i s s i h I e ( j ) : 
1" continue 
11 if first<=j_h: 
~ code= j 
w self.codc_indexljJ=j_a+l 
4o for i l!!_ range(k): 
41 if code & I: 
42 s e I f . c o d e s [ i 11 j _ a I = I 
41 code >>= I 
44 J_a += I 
4:'i j_h += I 
.11-, L[_ j_h>last: _hr~ak 

D. Admissible codes 

I) Counting ones and zeros for the codeword 
code: 

48 d e f i S A d m i S S j h I C ( S e ) f , CO d C ) : 

~ n_zeros = O; n_ones = 0 
'\() f O r i l!!_ r a n g C ( S e I f . k ) : 

51 if code & I: n_oncs += 
5, e I s e : n _ z c r o s += I 
:'il code >>= I 
:'i4 j f ( 11 _ Z er OS >= S e I f . r ) and \ 
:'i:'i ( 11 _ 0 n e S >= S e I f . r ) : 
5<, r e t u r n T ru c 
S7 e IS e : 
'\X return False 

2) Counting admissible codes: 

w @staticmethod 
<>1 g_ef countCodes ( k, r): 
~ K_max = 2**k 
<d i l r = = I : re _tu r _!!_ K 
h·l elif r==2: return 

eji( r==3: return ~- -

"" else: 

max-2 
K_max 2 2*k 
K_max-2-k-k * k 
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<,X 

6') 

cl= " R e p ea t ~ fa c tor ~ r = l , 2 , 3 " 
r a i c Exce pti o n (e t ) 

70 d C f CO U n t CO d e S N U Ill b e r ( S C I f ) : 
1 1 nc = Stripes.countCodcs(sclf . k , 
72 SC I f . r ) 
n r e turn nc 

3) Matching codeword length to stripe width 
(height): 
Having the stripe image resolution in the 
given direction DD (horizontal or vertical) and 
stripe size L in the same direction we get in 
function ma t c h Cod e R nk minimum poss ible 
codeword length of the given repeatability r . 

15 @ s t a ti c m e thod 
1r, d c r m a tchCodcRan k (DD , L , r ) : 
11 f o r k l!!_ r a n g e ( 2 , I 2 ) : 
1x C = S t r i p c s . c o u n t C o d e s ( k , r ) 
7'J if L*C> =DD: return k 
xo r c turn 0 

E. Stripe image generator 

Construction of stripe images is implemented by 
g e n r a teSt rip eima g es static method. 

Firstly, define its header. 

I ) start of method header: 

x2 @ s t a t i c m e t h o d 
xi d e f g e n e r a t e S t r i p e l m a g e s ( 

2) image horizontal resolution: 

x.'i W, 

3) image vertical resolution: 

X6 H , 

4) stripe size: 

X7 L, 

5) code repetibility factor (with default): 

XX r =2, 

6) orientation of stripes: 

x•i o r i c n t = ' -- ' , 

7) if saving to file enabled (with default): 

CJ() t O _ f i I C = T r LI C 

8) end of method header: 

CJI ) : 

Generating stripe images is based on code tables. 

I) Firstly, prepare code tab]es: 
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D = H i f o r i e n t == ' -- ' c I s e W - --'i2 

'i.1 

')4 

k = S trip e .ma tc hCodc Ra nk (D , L , r ) 
K = D/L 

'/5 se lf = Stripes(k , K , r = r) 
% se lf .L = L 
•n se lf.sima ges = fl 
•,x p r c f i x = " H" _i__[ o r i c n t == ' - - ' \ 
•i•i c I s e " V " 

2) Next, for each image compose its stripes: 

l (K) f Or i !.!!_ r a n ge ( k ) : 
1 o 1 1 m a g e = n p . z e r o s ( ( H , W) , 
102 d type= n p . LI i n t 8 ) 
10] 0 = 0 
104 for j l!!_ r a n ge ( K ): 

I 05 V a I = 2 5 5 * s C I r . C O d Cs L i J l j I 
106 

107 

IOX 

10') 

11 0 

111 

11 2 

I 1.1 

11 4 

115 

11 6 

11 7 

I IX 

II CJ 

i f o r i e n l == - ' : 
im age Lo:o+L , : I = va l 

c I se: 
im age I: ,o:o+LJ = val 

o += L 
sc I r. s ima ges . a ppend ( im age) 
if l o _ file: 

name= prcfi x + " _ s tripc s _ " 
na me += s tr ( i ) + " _ " 
name+= s tr (se lf.k )+ "_" 
na me += s t r ( s c I r . r ) 
matri x Tolma geF il e( ima gc , 

" .. / im age / " +n a me + " . pn g " ) 
return se lf 

3) We verify generated stripe images by watch-
ing them in the directory .. /ima g e / : 

2ox s p _ H = S t r i p e s . g c n c r a t c S l r i p e I m a g e s ( 
20•J 8 0 0 , 6 0 0 , 6 , o r i e n t = ' - - ' ) 
2 10 s p_ V = Stripes. gc ncr a t eS trip e fma ges ( 
2 11 800,600 , 7 , oricnt= 'I ' ) 

F Index image definition 

Context of image index: 

I) The 3D scene is il1uminated in turn by k stripe 
images (patterns) of the same orientation. 

2) Stripe camera images are registered in gray 
scale for each i11umination. 

3) Binarisation is performed according the for­
mula (6) 

4) For each pixel its codeword is converted to its 
index , i.e. the position of the codeword in the 
table of valid codes. 
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5) or vi suali zati on the index could be sca led to 
g ray sca le value or to an index of a pseudo 
colo rs table . 

Building o f index image: 

I) Verify compatibility o f the number of camera 
images to code rank: 

1Y, d ef d e rin eCo d e lnd ex lm age( se l f ,c i ma ges ): 

1.1 6 k = Se 1 f . k ; r = Se I r . r 
137 i r I e n ( Cima g e s ) 1 = k : 
1 Jx e t = " 1 ma g e s ~ i n c o m p a t i b I e " 

131) r a I S e E X C e p l i O 11 ( e ( ) 

2) Store a ll images into 30 tabl e: 

14 1 11 , W = c ima g es l O I . s h ape 
1.i2 t a h I e = n p . ze r os ( ( H , W, k ) , 

143 d t y p e= n p . u i n t I 6 ) 

144 r O r .!..!}_ r a n g e ( k ) : 
14 'i t a hl e l : , : , il = c i magesl i 

3) Perform in-pl ace sortin g with regard to 3-rd 
dimension: 

14(, t a hl e.so rt (ax i s=2) 

4 ) Create the table of thres holds according one 
of four option : 

141 i r s e I r . t h == 1 : 
14X 

141) 

! 'ill 

'" 
l 'i2 

l 'il 

l.'i4 

l 'i'i 

I 'i(, 

I 'i7 

1,x 
l 'i') 

t h r s = ( t a h I e I : , . , r - I I+\ 
t a bl e ! : , k rl )/2 

e lif s elf . th == 2: 

thr s = ( table I : , : , 01+ \ 
t a h 1 e I : , : , k - I J) / 2 

e lif se lr.th == 3 : 
thr s = np . ze r os(( H ,W ) , \ 

dt y p e = np . uintl 6) 
for i in ra n ge(r): 

t h r s + = l a b I e I : 
t h r s += t a b I e I : 

t hr s I= (2 * r ) 

, i I 
, k- i - 11 

5) Build the code table : 

!(,() 

1(, 1 

I (,l 

164 

l (>'i 

c t a hl e = n p.a rr ay( 

c im ages lk - ll > th r s 
d t y p e = np . uint1 6) 

f or 1 111 r a n ge( k - 2, 1 , - 1): 

c t a hl e *= 2 
c t a h 1 c += ( c i m a g e s I i I > t h r s ) 

6) Create index table: 

indcx _ tab l e = \ 

lh7 se l f" .c ode _ in d cx l c t a hl e I 
1c,x re t L!.l...!l_ i n de x _ tab I e 

7 ) Testing index image gene rator. 

a) De fin e g ray to rgb image conve rtor: 
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2 11 d e r 
2 14 

2 1'i 

2 16 

2 17 

2 18 

2 11) 

220 

22 1 

222 

223 

224 

22'i 

226 

227 

22X 

221/ 

230 

to RGBlm age( t a bl e): 
nt a bl e = np . a rr ay ( t a bl e , 

dt y p e= np . fl oa t 32) 

mx = n p . mi n ( t a b I e ) 

Mx = n p . max ( t a b I e ) 

nt a bl e = mx* np .o n es( 
t a bl e.s h a p e , 
dt y p c= np . rt oa t 32) 

nt a bl e I = ( Mx- m ) 

nt a bl e *= 255 . 0 
g r ay = n p. a rr ay ( nt a bl e , 

dt y p e= np . uint 8) 

m , n=g r ay . s h a p e 
r g b = np . ze r o . (( m , n 3), 

dt y p e= np. uint 8) 
f o r i .i..!l r a n ge(3): 

r g b I : , : , i I = g r ay 
r e turn r g b 

b) For te ting take stripe images with k = 
7, r = 2, and check the result in the 
directory . . / im ge : 

m c i = Strip e . l oa d S trip eF il es (7 ,2) 

211 i nd _ H =\ . 
214 p_ H .de fin eCo d e Tnd ex lm age(c i ) 
m r g b _ im age = to RGBJm age( ind _ H ) 

nc, m a t r i x T o l m a g e F i I e ( r g b _ i m age , 
rn " .. / im age /inde x _ t es t_ im age _ H . pn g") 

G. Importing stripe images from .files 

, 20 a) s t a t i c m e t h o d 

12 1 def l oadS tr ipeF il es ( k r , o ri e nt =' - ' ): 

122 c i ma g es = 11 
121 

124 

12'i 

12(, 

127 

128 

121/ 

I"\() 

11 1 

112 

p r C r i X = "H" _i_[ () r i e n t == ' -- ' \ 
e l s e " V " 

fo r 111 r a n ge( k ): 

n a me= pr e ri x+"_ s tripe s _ " 
n a me += s t r ( i ) + " _ " 

n a me+= s tr ( k ) + "_" 

n a me+= s tr ( r ) + " . pn g " 

im age = im ageF il eTo M a tri x ( 
' . . /im age / ' +n a me) 

c ima g e s. a pp e n d ( im a g e) 
1H re tu rn c i ma g cs 

H. Virtua l corners extractor 

An overl ay o f verti cal and hori zonta l ind x im­
ages reg ist red by a stripe and video camera pro­
duces a virtua l quadril ateral mesh whi ch can be used 



either for the system calibration with regard to to 
depth information or during on-line 30 free-point 
views creation. 

Therefore stripe detection in camera image for 
illuminated scene is of crucial importance. For 
calibration intersections of stripe edges, so called 
corners are also useful. 

For corners and stripe edge detection the popular 
method is Harris filter which is a detector of abrupt 
changes in a natural image. However, the index 
image is a map of code image. The nature of 
stripe code is its stability within the stripe. The 
changes within the stripe mean error code detection 
inside the stripe. Moreover, changes between stripes 
in calibration planar scene are equal to one, and 
small integer for natural scenes. Therefore another 
approach based on computing scaled variance in 
3 x 3 window of index image seems more adequate, 
as the variance within the stripe is equal to zero: 

svar 1 (p) · 8 L I ( <J )
2 

-

O<ll<1-Pi11 <:l 

The following properties can be proved: fl the 
pixel p belongs to a stripe edge, its 3 x 3 neigh­
borhood there are h: E [1, 7] pixels indexed to i, 
and 8 - k pixels has got the index i + l then the 
scaled variance depends only on k accepting only 
four d(fferent values 56, 96, 120, 128 : 

svar1(p) = 8k(8 - k), k = l, ... , 7 

Relevant summation will be performed by the 
function f2d, an alias of the function _f i l ter2d_ 

from the module mfilter. There are two kernels 
(masks) in the implementation: 

mask = [ t ~ :] mask2 = [ : 

I ) Parameters: 

a) start of the header: 

I <>'J (Q) S l a l j C Ill e l h O d 
110 d e _[ e x t r a c t C o r n e r s ( 

l 
1 
l 

b) index image for horizontal stripes: 

112 i nd_h , 

c) index image for vertical stripes: 

m i nd_ v 
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d) end of the header: 

174 ) : 

2) Compute sums of indexes and their squares 
for each pixel of index images: 

11:i mask = [ [ I , I , I I , I I , 0 , I I , I I , I , I I I 
116 sumh = f2d(ind_h,kernel=mask, 
m dtype=np.i11t32) 
11x sum v = f 2 d ( i n d _ v , k e r n e I =mask , 
17•1 d t y p e = n p . i 11 t 3 2 ) 
1xo sum2 h = f2d ( i nd_h * i 11d_h , 
1x1 ker11el=mask, 
I X2 d t y p e = n p . i n t 3 2 ) 
I X3 SU 111 2 V = f 2 d ( i n d _ V * j 11 d _ V , 

IX4 

IX:, 

kernel=mask, 
dtype=np. int32) 

3) Detect pixels with positive scaled variance 
in both index images: 

1xh J_O = np. array ( 
1x1 ( ( sum2_h < <3)>sum_h * sum_h) \ 
,xx &( ( sum2_ v < <3)>sum_ v * sum_ v) , 
1 x•1 d t y p e = n p . u i n t 8 ) 

4) Leave only groups of pixels having 
at least three elements: 

l'Jo J_I = f2d(J_O,kernel=mask, 
l'JI dtype=np. uint8) 
,n J = np. array (J_I >2, 
19.1 dtype=np. uinl8) 
194 y,x = np.where(J) 

5) Sum up indexes around detected elements: 

19:, mask2 = 11 I , I , I I , [ I , I , I I , I I , I , I 11 
I% sum h = f2d ( i11d_h*J, kernel=mask2, 
197 d type= 11 p . i n l 3 2 ) 
, 98 sum v = f 2 d ( i n d _ v * J , k e r n e I =mask 2 , 
1•N dtype=np. i11t32) 
2m sh = sum_h[y,x I; sv = sum_vjy,xJ 

6) Determine group centroids: 

yres, xres = ind_h. shape 
X = 11p.outer( 

201 

202 

20l 

204 

20:, 

206 

np.011es(yres ,dtype=11p. int32), 
np.ara11ge(xres ,dlype=np. i11t32 )) 

Y = 11p.outer( 

207 

208 

2(1) 

210 

211 

212 

n p . a r a 11 g e ( y re s , d t y pc= 11 p . i 11 t 3 2 ) , 
11p.011cs(xrcs ,dtypc=11p. int32 )) 

sum X = f2d(X*J, kernel=mask2, 
dtype=np. i11t32) 

sum Y = f2d(Y*J, kernel=mask2, 
dtype=np. i11t32) 

sx = sum_X I y, x I; sy = sum_ YI y, x I 

7) Correct the number of pixels in the neighbor­
hood and return mean values: 

35 



I 
INTEGRATED LITERATE ?ROGRAMMING FOR STRUCTURED LIGHT CAMERA CALIBRATION 

211 nxy = .J _ lly ,xJ+ np .o nc s( lcn (y), 

214 dtypc = np . float] 2) 

rn _rs tu__I_D__ sy/nxy,sx/ nxy,s h/nxy,sv/nxy 

I. Testing corner extractor 

To get vertical index image we define eight stripe 
images with ,. = 2 : 

DX C i = s t r i r C s . I O a d s t r i r C F i I C s ( 8 ' 2 ' 
2:-•1 o r i c n t = ' I ' ) 
240 i n d _ V = s p _ V . d c r i n c C o d c I n d e x T m a g c ( c i ) 

w rgh _ ima gc = toRGHlmagc( ind _ V ) 

242 ma L r i x To I ma g e Fi I c ( r g h _ ima ge , 
24 , " . . I i 111 a g c / i n d c x _ t e s t _ i m a g c _ V . p n g " ) 

2'14 y , x , h , v = S t r i p c . . c x t r a c t C o r n c r s ( i n d _ H , i n d _ V ) 

To watch the results, the detected corners are 
indicated by red color in vertical index image: 

246 y = 11 p . a r r a y ( y + 0 . 5 , d l y p C = n p . i 11 l ] 2 ) 
247 x = n p . array ( x + 0 . 5 , d l y pc = n p . i n t 3 2 ) 

24X _p __r__irrJ_ ( y I : 5 0 0 I ' X I : 5 0 0 l) 
24'> r g b _ i m a g c I y , x , 0 J = 2 5 5 
250 r g b _ i 111 a g c I y , x , I I = 0 
15 1 r g b _ i 111 a g c I y , x , 2 I = 0 
252 m a L r i x T o I 111 a o c F i I c ( r o b i 111 a (r c t:, t:, - t:, , 

m " . . /image/ cxlraclor _ t cs t _ ima gc. pn g") 

In th figure perfect corne r extraction is observed. 
This is po. sib le on ly if perfect image binarization 
takes place what in real camera images is not true. 
Copying with imperfection is the main research 
goa l. In thi s case, we simply avoid detection of 
stripe corners in favour f stripe inn r pixel s which 
ex hibit much hi gher success rate of detection. 
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V. ONCLUSIONS 

The conclusions can be I divided into positive and 
negative parts. On positive s ide we have: 

I) lear representation of top-down software de-
sign. 

2) ull integ ration of design with implementa­
tion. 

3) Nonlinear track of code development. 
4) Easy integrat ion of main path of code design 

with testing path. 
5) Tutorial character of system manual which in­

cludes algorithms, formulas, re ulting images, 
and the y tern code, too. 

On the negative part we get invi sibl e (in the 
paper) drawbacks: 

I) In Latex editor there is no upport for syntax 
check of programming languages. Therefore, 
the person who is both the program mer and 
the designer has to have perfect knowledge of 
the programming language and the libraries 
used. 

2) The unknown a lgorithms, just developed or 
modifi d are hard to write as th cycle of 
editi ng (in a Latex editor), integration (by 
the Integra appli cation ), and te. ting (in a 
development environment, e.g. IDLE) g ives 
th significan t time overhead. 
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ABS'l'RACT - In this paper two image processing methods for 
use in medical image processing based on the level set method 
are described. 'Ihe theoretical basics arc described and the meth­
ods are applied to a set of sample CT images. 'Ihe results are then 
compared. 

KEYWORDS - image processing, level set, medical diagnosis 

I. INTRODUCTION 

Image processing and recognition is an area of interest 
of many scientists and has many applications. One of these is a 
vital part of diagnosis of dillcrcnt kinds of cancer. It is a 
disease that manifests as a palpable growth in the body and as 
such it can be discovered using processing of images from 
many techniques. Examples arc CT scans, MRI images, X-rays 
and skin lesion photography[ I O]. Those images carry a large 
amount of valid information, making them a vital base for 
diagnoses. Unfortunately, in most cases the diagnostic process 
requires a skilled human operator to assess the data. Having in 
mind that the images arc often distorted by noise and that the 
diagnosis itscl f is seldom based on fixed mles it is obvious, that 
the process can sometimes give inconclusive results. Another 
problem is that in many cases it is imperative to administer the 
patient with a contrast solution to acquire good quality images, 
which in some patients can cause negative effects depending 
on their physiology. Succcssf ul treatment by removing the 
growth cannot he performed without first knowing the exact 
area to operate in. It makes the surgeon life easier and also 
decreases the chance of leaving some diseased cells that can 
spread and regrow. The fact that it is one of the major causes of 
death around the world[9l makes the research in the field very 
important. Also, first symptoms of the disease can he hard to 
connect to their actual cause, which makes the development of 
tools for diagnostic aid a great benefit to medicine. 

II. Ll:VEL SET MlffllODS 

In the study we compared two image segmentation 
methods. One of these was the Distance-Regulated Level-Set 
method, the other one was the Chan-Vese method with and 
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without implementing opllm1zation for vector images. Both 
methods arc using the level set method as a base to describe the 
transformation of the contour. 

The level-set method is a well known and appreciated 
technique for numerical description of shapes in the Cartesian 
system. It's advantage over other methods is that it allows for 
faster computation without parametrization of shapes, which in 
turn i mprovcs cllicicncy. This makes the method suitable for 
describing dynamic changes in objects, like contour evolution 
in image segmentation. In sequential iterations new contours 
arc being calculated, resulting in a level set[l]. The method 
was first proposed and introduced by Osher and Sethian[2][3l 
In the method we describe a certain area n with an edge 1 ·. The 
velocity of the edge v between steps depends on the position, 
shape, time and external conditions. It is possible to conduct 
calculation in the x domain alter discretization. We arc trying 
to define a function <j)(x,t), where x is the position in Cartesian 
space and t is time, describing the moving contour (fig. I). The 
level set mcth(x.l can be used in ditforent applicationsf 4]. In 
general, the algorithm can be described using a block diagram 
I ikc the one in figure 2. The contour stops moving when a 
certain condition of minimal energy is met. It is possible to 
choose the external energy functional to best fit the task. The 
distance regulated level set method utilizes a functional (I) 
introduced in r 41: 

where: 
E(<j)) is the energy, 
Rp(<j)) is the level set regularization term, 
Lg( <j)) is minimized when the zero level contour of is located at 
the object boundaries, 
Ag( <j)) is introduced to speed up the motion of the zero level 
contour in the level set evolution process. 

The Chan-Vcsc method differs in the sense that it implements 
another approach to defining and minimizing the energy 
functional(2 ). 
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Figure I. The level set function [I[ . 
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Figure 2. General image segmentation alg rithm using the level set 
function. 

£(<1> )=1t( J l( V H (<1> ))l dr)
1
'+ )'* f H (<J> )dr 

l l 

+ 11. 1*f (l( I- c)IJ2 H(<J> )dr+A ~* f (~ l - c)!)2 ( I H(<J> )) dr 
(2) 

(l {l 

Where: 
E(F) is the energy, 
First segment is the weighted term from the total contour 

length, it's impact can be incrca ·ed for smoother contour, 
ccond cgmcnt defines the total area inside the contour, 

Third and the fourth segmen t arc proportional to the variance 
or the pixel vanance inside and outside the contour 
respectively. 

In fi gure 3 an example segmentation result is shown. 
During the segmentation, the acce lerati on and ve loci ty or the 
contour arc varying depending on the moment. While the 
contour <j>(x,t) is far from the solution , the c\ocity and the 
acce leration increases. When the contour approaches the 
de ired area, the acceleration and speed decrease. Acceleration 
and velocity chart in an example segmentation is presented in 
figure 4. 
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Fi gure 3. Example segmentation ofan image of two cel l [41. The original 
level se t I anti image 3 arc transformed to the desired leve l se t 2 and gives 
contour function in the image 4. 

- acceleration 

- velocity 

4 t 

Figure 4. Velocity and acceleration during segmentation. We can ·ce three 
<l i ITc rent areas 
I to 2 far from the contour, 
2 lo 3 near the contour, 
3 to 4 slowi ng down in the intermediate vici nity of the contour, approaching 
end cond ition with zero velocity. 

IIL DATA 

In the course or research, we processed a set or med ical 
images using the two methods. The image · were obtained from 
the ccond Radio logy Department in Lublin . The image were 
taken u ing CT ·cans. We have chosen 16 images rcprc ·cnting 
the scan · or the patients' tor ·o and two ·ide iews. 'n1c image 
were all gray calc and their size was 600x600 pixel . On the 
i magcs, a f'cw distortions in the form or markers and 
descriptions were present. The images were delivered in .JP 
format. The authors or the original algorithms in M TLAl3 
were hunming Li[4] and Yue Wu. In the cour e or re carch, 
the codes were modified lo allow for batch image processing, 
easy result interpreta ti on, evoluti on speed and acce leration 
ca lculations. We appli ed the method · lo both noi sy and 
Gaussian filtered images, and both with and without the 
markers. In ·omc cases, artificial noise was added to test the 
methods' robustnes ·. umber or iterations was recorded for all 
the case · and overa ll quality or segmen tation versus time taken 
was assessed . The accuracy or the segmentation was assessed 
by a MRI diagnostician . 



IV. R ESULTS 

The consequent curves arc usually chosen from the set 
ca lcul ated using the method of curve diffusion[4]. Proper 
definition of end conditions has a large impact on the 
segmentation result ·. When too many iterations arc performed, 
some details or the image can be treated as noise and removed. 
In the same way, afler too little iterations the resulting mask 
can be nonspeci fi c. It is shown in figure 5. Usually, the number 
or iterations doesn't impact the ccntcr or mass position of the 
objects. A major di fTcrence can be observed in the object's 
longest diameter, it can decrease as soon as aflcr 70 iterations. 
Thi s oflcn results in another distance being chosen as the 
longest diameter. It is shown in figure 6. The longest diameters 
were calculated between two furthest pixels. The surface areas 
were calculated by counti ng the number or pixels in each 
object. The Di stance-Regulated method only gave good results 
for noi se less images or low complexity. In some cases, it was 
impossible to achieve good results despite using noi se filters 
and many iterations. The method used more resources for each 
calculation and was not preferable. In fi gure 7 example 
segmentations of a noi sy image using both methods are shown. 
Due to the fact that the methods differ in ca lculating the ending 
condition, the Chan-Vcsc method performed much faster. 

A C 
Figure 5. Tomographic image of the liver. a) original ima ge, b) image 

processed by 50 iterati ons of curve diffusion, c) image processed by 150 
iterations of curve di fTus ion. 

B C 
Fi gure 6. /\n exa mpl e transformed liver image with object ccntcr mass and 
longest di ameter shown. cgmcntati on with curve diffusion usi ng a)20, 
b)50 and c) 150 iterations. The blue areas represent blood vesse ls. The 
bottom two red areas marked with 'T " arc tumor masses . 
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Figure 7. Segmentation ofa noi sy image with sa lt-and-pepper noise. In the 
top row, images with noise. In the middle row, the Di stance-Regul ated 
method, in the bouom row the Chan-Vese method for vec tor images. 
Segments I, 2 an<l 3 correspond to 0.2, 0.5 and 1.0 SN R accordingly. 

V. CONCLUS ION 

The Di stance- Regul ated method returns sat is factory results 
only for si mple and clean images and requires much more 
resources. During the segmentation process the Chan-V c e 
method performed fas ter and gave sati sfactory results. All 
the masks were accurate and the number of iterations never 
exceeded 300. The method for vector images proved to be 
inscnsiti ve to noi se and pcrfon11cd well for Gaussian and 
salt-and-pepper noi se. 1 he method can successfull y be used 
to obtain segmentati on masks even from noisy images and 
offers fast computation times. It has potential in the field of 
medical imaging and can be used to show significant 
masses. 
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ABS1'RACT - Magnetic resonance imaging (MRI) is currently 
widely used in medical image diagnosis. However, MR scanners 
are extensively used in clinics and thus are rarely accessible for ex­
perimentation. In consequence, the number of images available for 
image processing methods evaluation is too low and there appears 
a need for a method to generate synthetic images. In their previous 
works, the authors studied various methods for blood vessels seg­
mentation and tracking. Effectiveness of the designed algorithms 
requires objective verification which implies repetition of experi­
ments for large number of images and comparing the results with 
some ground truth models. 'Iherefore, this study aims at designing 
a computer system which implements numerical routines for gener­
ation of synthetic MRA images. In particular, in this paper we study 
the performance of various configurations of assembled computer 
grid and analyze their potential in angiographic image synthesis. 

I. INTRODUCTION 

Magnetic resonance imaging (MRI) is currently widely 
used in medical image diagnosis. This non-invasive technique 
allows acquisition of high-resolution volumetric images which 
visualize even small details of hiological tissues precisely po­
sitioned relative lo the interior of the whole hody. On the other 
hand, recent advances in the development of image processing 
algorithms facilitates their usage in quantitative anlysis or 
MR images. If conducted properly, such analysis can augment 
ohjectivily and correctness of the medical diagnosis. However 
statistically credihlc validation of the designed methods is 
hampered hy the signilicanl cost or collecting MR images 
solely for the research purposes. Additionally, MR scanners 
arc extensively used in clinics and thus arc rarely acccssihlc 
for experimentation. In consequence, lhe numhcr of images 
availahle for evaluation studies is loo low and there appears 
a need for a method lo generate synthetic images. One of 
the approaches that helps lo overcome these impediments is 
computer simulation or magnetic resonance imaging 111. 

In particular, we pul focus on magnetic resonance angiog­
raphy (MRA) directed al visualization or the human vessel 
system. In their previous works 121, 131, the authors studied 
various methods for hlood vessels segmentation and tracking 
in 3D MR images acquired using Time-Of-Flight (ToF) or 
Susceptibility Weighted Imaging (SWI) sequences. Effective-

ncss or the designed algorithms requires objective vcrilication 
which implies repetition or experiments for large numhcr of 
images and comparing the results with some ground truth 
models. 

Therefore, this study aims al designing a computer system 
which implements numerical routines for generation of syn­
thetic MRA images. This general aim can he decomposed into 
several suhlasks which include: 

I) definition of the virtual object containing synthetic ves­
sel branches and characterized not only hy the magentic 
properties (such as spin-spin and spin-lattice relaxation 
lime constants, hydrogen proton density, tissue magnetic 
susccplihility) hut also hy the hydrodynamic parameters 
of a suhstancc flowing through virtual vessels; 

2) hlood flow simulation which generates information 
ahoul displacement of moving voxcls during MR image 
formation; 

3) simulation of electromagnetic phenomena which lake 
place in real MR scanner spin selective excitation, 
precession, relaxation, signal induction, etc. 

4) image formation k-spacc lilling, lillcring in the spatial­
frequency domain, application of the Fourier transform. 

The above dcscrihcd tasks arc computationally extensive, 
especially if the target image is a 31) high-resolution data 
structure. Most existing MRI simulators arc implemented 
using various architecture computer grids. Thus, for the need 
of our project and as a first slcp towords the target system, 
we designed our own parallel implcmcnlion of the core MRI 
simulator, i.e. no flow effects arc taken into account. The 
ohjcctivc was to use the availahle resources and thus gain 
guaranteed, flcxihlc, on-demand access lo it in any future 
excpcrimcnls and he independent from publicly availahle, hut 
of limited access, open grid projects. As a consequence, our 
runtime environment is developed as a heterogeneous grid of 
UNIX/LINUX machines which communicate with one another 
over local cthernct network using the SSH protocol. 

In this paper, we study the performance of various con­
figurations of our computer grid and analyzc its potential in 
angiographic image synthesis. In the reminder or this paper 
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Fig. I. Main software modules of the MRI simulator 

we dcscrihc the overall concept of the MRA simulator and 
main parts of the system (Seel. II). Then in Seel. 111, we 
provide here the description of how we plan lo deal with 
the flow phenomena, so that angiographic images can he 
simulated. In Seel. IV we give technical specification of the 
computer grid used in the experiments, as well as the details of 
simulator parallel implementation hased on the MPI standard. 
The performance tests are reported in Seel. V and finally 
Seel. VI concludes. 

II. MRI SIMULATION 

Difficulties in acquistion of large volumes of real MRI 
images solely for research purposes constitute the main reason 
why over the last two decades there appeared a numhcr of 
attempts lo huild computer MRI simulators. The proposed 
solutions 141, 151, 161, 171 differ from one another hy the 
approach lo modelling tissue of imaged ohjccls, the MR image 
synthesis routines, and the degree to which different artifactual 
or undesired phenomena (like noise, chemical shift, ringing or 
Gihhs phenomenon, partial volume effect etc.) arc taken into 
account. 

In the approach proposed in I 81, the imaged ohjccts arc 
defined as parameter maps. These maps visualize distrihution 
of TI (spin-lattice relaxation time constant), T2 (spin-spin 
relaxation) and rho (proton density) values within the ohjccl. 
These values arc determined hascd on real images. Formation 
of new ones is performed using different repetition and echo 
times. 

On the other hand, in paper 191, the virtual organ ohjcct 
is modelled using the concept of spin density. Hy the use 
of inverse Fourier Transform, the simulator constructs the 
image representation in the spatial-frequency domain (k-spacc 
formalism). Simulation of the signal sampling phase and spe­
cific imaging sequence is accomplished through appropriate 
selection of the k-spacc elements and their amplitude and 
phase alteration. It is raised that this approach requires separate 
simulation phases for each of the modelled tissues. This 
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introduces significant impediment if a voxcl contains more 
than one tissue (i.e. partial volume effect). 

In comparison with other approaches, more realistic simula­
tion effects arc achieved hy solutions proposed in 151,161,171. 
Models of the imaged o~jccts used therein require for each 
ohjcct voxcl and every tissue component definition of TI, T2, 
and rho parameters, as well as value of the frequency offset 
linked lo chemical shift artefact. In order to deal with the 
partial volume effect it is sufficient lo determine how much of 
particular tissue material is present in a voxcl. 

The simulator used in our study is hascd on the SIMRI 
(fr. S/Mulateur de MRI) project dcscrihcd in 151, due its 
vcrsatality and proven effectiveness in producing realistic MR 
images. Moreover, it seems to he hcst suited - after necessary 
modifications - lo our proposed angiography simulator. The 
main software modules of the originally proposed system -
reimplemented hy our team - arc presented in Pig. I. 

A. Digital phantom description 

The input to the simulator is the virtual ohjccl composed 
of 31) rastcrizcd components, each of which corresponds to a 
different tissue type. Tissues arc dcscrihcd hy their spin-lattice 
(TI) and spin-spin (T2) relaxation times, as well as proton 
density (p) values. Every component is also dcscrihcd hy 
the water-relative frequency shift which allows simulation of 
the chemical shift artifact. This value is determined assuming 
that the main magnetic field H0 = IT. Moreover, each ohjcct 
voxel is associated a 3D magncitzation vector, whose state al 
suhscqucnt stages of image formation is controlled hy the MRI 
simulation kernel. In addition lo raster size (numhcr of voxels 
in :r:, y and z coordinates), the ohjcct is characterized hy its 
physical dimensions. Thus, every ohjccl voxcl accomodatcs 
information ahout portion of the tissue component it contains, 
(TI ,T2,p)-tuplcs for each component, and current magneti­
zation vector state hcing a sum of magnetization vectors 
calculated for every tissue. 



B. Sequence definition 

The image synthesis procedure is controlled by the group 
of paramalers which set up sequence type and output image 
contents. The latter refers both to the image resolution which 
can be lower or equal to the input virtuual object raster size 
and to the position and size of the field of view (FOY). Hy 
defualt FOY embraces whole object, but it can he reduced lo 
only a part of it and its center can he moved to any object 
point. This is important to keep the record of the FOY center 
offset and its location relative lo gradients isocenter, since it 
affects the gradient value experienced hy each voxel. 

The sequence definition is mainly determined hy the se­
quence type, which cen he either spin echo (SE) or gradient 
echo (GE) imaging. Jn both cases, the program requires 
specification of the echo and repetition times (TE and TR 
accordingly). In the case of GE, it is also necessary to define 
the flip angle (n). The sequence type also include information 
whether the target image is 2- or ]-dimensional. For the 2D 
image, one has to specify the slice position (:r coordinate). 
Eventually, the signal sampling window is determined by 
the acquisition time which must ensure that the sampling 
frequency meets the Nyquist theorem. 

C. Event manaf?ement 

The event management module is responsible for invoking 
subsequent steps of computations based on the current simula­
tion stage. It begins with establishing the initial magnetization 
of the object by allowing all of its spins lo freely precess 
in the presence of the main external magnetic field 8 0 . Then, 
depending on the sequence type, the object magnetization state 
is altered through the application of an RF pulse, free preces­
sion, refocussing pulse (SE imaging only) and application of 
phase encoding gradients (in y and z directions in the case of 
volumetric imaging or only in y direction for the 2D case). 
Eventually, the frequency encoding gradient is applied and the 
signal acquisition step is executed. At each step the MRI kernel 
is invoked with the appropriate parameters. 

D. MRI kernel 

The heart of the whole system is the MRI kernel which 
implements the discrete time solution to the Bloch equation 
[ I OJ. It uses the rotation matrices and exponential scaling 
to modify the voxcl magnetization vectors in accordance 
to the specified sequence events. For the details of kernel 
implementation we refer the reader lo the original paper [5J -
here we recall only the main bits of this stlitem module. 

First of all, the magnetization vector 1\/ at location r = 
[x, y, z] is given by 

J\;f ( r, t + ~t) = Rotz ( Bg )Rotz ( f)i )RrclaxRRFAf ( r7 , t), (I) 

where Rotz ( I)) rotates the magnetization vector around the 
z-axis in reply to the phase encoding gradient (f}g) and as a 
consequence of the main magnetic field inhomogeneity ({)d. 

The Rreiax rotation matrix is responsible for the relaxation 

THURSDAY, SEPTEMBER 27 • SESSION l: IMAGE ?ROCESSING I 

effects and is given as 
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Eventually, the RRJ,' encapsulates the effect of the RF excita­
tion pulse which flips the magnetization vector around an axis 
belonging to the xy-plane hy the angle in time ~t. In the 
presence of gradient, the effective flip angle is n' and RHF is 
calculated as 

Ruy = Rot z(</>)Rofy(/j)flofx(n')Roty(-fj)Rofz(-</>), (3) 

where 

-t( ~w ) f3 = tau n/ ~t , 

and ~w is the local frequency offset from the main static 
magnetic field induced hy gradients, RF pulse and field 
inhomogeneities. 

Signal acquistion is performed hy aggregating the transverse 
magnetization components over all object voxcls and this 
summation is repeated the number of times needed to fill 
one K-spacc line. Between each two acquistions, the voxcl 
magnetization states arc updated due to relaxation effects that 
lake place during the sampling period 8t. Thus, one point 8(t) 
of the K-spacc line is calculated as follows 

s(t) = L J\;f(r, t)x + j L M(r, t)y. (4) 

r 
The MRI kernel is actually much more versatile than described 
here. It offers T2* effect handling, variety of pulse wave 
forms, gradient crushing, numerical transverse magnetization 
spoiling, can take into account various artefatcs linked to static 
field inhomogeneities, field default intensity values or tissue 
susceptibility. Apart from standard SE and GE sequences, 
there arc more sophisticated sequences implemented, such 
as e.g. True-FISP technique (Fast Imaging with Steady-state 
Precession). It also allows adding noise to the K-spacc data, 
although in the current project phase, this feature is restricted 
to white Gaussian noise only, which is a simplification of the 
true MR noise characteristics. As indicated in 1111, the better 
model here would incorporate the Rice function. 

E. lmaf?e reconstruction and .filterin~ 

The last stage of image formation procedure consists in 
transformation of the raw data in the spatial-frequency domain 
(K-spacc) into image intensity domain. This is accomplished 
hy the fast Fourier transform, followed by calculation of the 
magnitude of - in general - complex tranformation output. 
Before application of the Fl-<T routine, it may he necessary 
to filter the raw data lo reduce the Gibbs artifact in the case 
of small resolution images. We decided to port the filtering 
routine (as welll as Fl-<T-bascd image reconstruction) to the 
Matlab environment and thus we can use any kind of low-pass 
digital filter available in the Signal Processing Toolbox I 121. 
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111. EXTENSION TO ANGIOGRAPHY IMAGING 

The major modification we need to introduce to the SIMRI 
simulator concerns the virtual ohjcct. which now must include 
information ahout replacement of the flowing hlood. We 
decided to determine this information using a separate program 
dedicated to flow simulation. For that purpose we employed 
the COMSOL Multiphysics 4.2a software 1131. In our initial 
experiments we used a simple digital flow phantom, composed 
of a single cylindrical tuhc of impcrmcahlc houndarics placed 
in porous material, ahlc to ahsorh arhitrary volume of liquid. 
Since under the framework of this paper we arc mostly in­
terested in MR image formation process, the flow phenomena 
arc not covered here and will he discussed in a separate work. 

It must he noted, that the flowing hlood particles move at 
different speed, depending on their position within a vessel and 
the vessel size. Replacement of the slower particles during a 
single simulation time step (such as a sampling period e.g.) 
may he less than a voxcl. This hrccds a need for even a 
deeper remodelling of the digital phantom than simple addition 
of pcr-voxel flow information. The two feasible solutions for 
this issue is to perform computations at suh-voxcl level or 
redefinition of the object (at least for the moving component) 
so that instead of voxels arranged in a regular lattice it is 
composed of particles, each storing its current position within 
the ohjcct volume. Because the prior startegy docs not solve 
the prohlcm entirely hut only reduces it to the limit of the 
voxcl quantization scale, we decided to focus on the second 
approach. 

The model of ohject constructed as a set of particles requires 
that each particle is associated a portion of media - call 
it a cell - it represents. Contribution to the output image 
coming from each separate cell should he proportional to 
its size. Therefore, after each time step and magnetization 
vectors update, our system is designed to recalculate new 
mesh of simpliccs (cells) linked to the moving particles. We 
chose the 31) Dclaunay triangulation f 141 method to perform 
this operation. The triangulation is invoked on the points 
corresponding to current particle locations and static points 
placed all over the vessel walls. 

The signal acquistion procedure for the moving liquid 
compnent is executed similarily to stationary tissues, hut now 
the sum in Eq. (4) is taken over cells and not over regularly 
distributed voxcls. Moreover, each clement of the sum is 
weighted by the factor which relates volume of a cell to 
the volume of an output image voxel. Note, that the K­
spacc structure remains a regular grid of voxcls, as the signal 
sampling procedure is independent from the object internal 
definition. Eventually, the collected K-spacc data arc simply 
added to complex signal volumes huilt for the stationary 
tissues. 

Extension to angiography imaging sequences is still under 
development. Thus, the rest of the paper presents the perfor­
mance of the designed cluster environment cmplyed for the 
synthesis of basic MRI images. 
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IV. CLUSTER ENVIRONMENT 

As noted in the introduction, we aimed at constructing our 
own computer cluster huilt on available hardware resources 
instead of utilizing any of the cxisiting and publicly avaialhle 
remote grid projects. In the latter case, the access to grid 
execution units is subject to specific rules which define job 
submission scheduling process, software interface for parallel 
programming, total amount of working hours granted to a 
user, etc. In the current phase of our project, which is still 
under intensive development, it is prcfcrahle to have on­
demand access to cffiicient computing cnviromcnt allowing 
for instant testing of any of the incremental and major system 
modifications. 

A. Cluster confixuration 

The network of computers used in our simulations is com­
posed of UNIX and LINUX machines of various architectures. 
The grid is composed of two server units (both possesing a pair 
of Intel quad-core Xcon CPUs), one 20 iMac (with double­
core Intel Core Duo), one 27 iMac (quad-core Intel Core 
i7) and 6 MacMini computers, each equipped with an Intel 
Core i5 processor. Enabled with the hypcrthrcading feature, 
the i7 CPU is actually ahle to run 8 threads in parallel, while 
double-core i5 can run 4 threads simultaneously. This gives 
effectively 50 cores of 134,4 GHz total computing power 
and potentially 537.6 GFlops of peak performance. Note, 
that hoth server computers hclong to the i386 architecture, 
while other units to the x86_64 platform. This variation 
in operating systems and hardware configuration makes the 
designed cluster a heterogeneous computing environment. As 
a consequence, flexibile communication protocol, transparent 
for hoth Linux and Mac OS X machines, is needed to ensure 
efficient and reliahlc parallel joh execution. In conjuction with 
the Open MPI lihrary that we used to parallclize the simulator, 
it occurred that the SSH protocol provides the easiest way to 
establish the grid. 

B. Parallelization usinx Open M PI library 

The Message Passing Interface (MPI) is the well-recognized 
standard in the domain of high performance computing. It is 
specifically designed for use in cluster/grid systems with dis­
trihutcd memory model, i.e. where each processing unit has its 
own memory addressing space. The MRI simulator developed 
under the SIMRI project was based on the MPICH-G2 l 151 
distribution. However, we decided to huild our implementation 
around the Open MPI library 1161 due to its better integration 
with Mac OS X systems and documented support for the SSH 
protocol. 

Paralellization of the MRI simulator slightly differs for 
motionless (stationary tissue) and moving (hlood) object com­
ponents. In the first case imaged 31) volume is dcvidcd into 
slices along the x dimension. Each node of the grid performs 
signal acquisition for the whole 31) k-spacc, hut it takes into 
account only the contribution coming from the object voxcls 
hclonging to this nodes slice. Then, the root node collects the 
k-space volumes from all the nodes and they arc aggregated. 



Arter completing calculations for one component it moves on 
to the remaining ones. 

Hccausc, the object component corresponding to hlood flow­
ing through vessels is designed differently, it eequires separate 
parallelization model. Instead of dcviding the object into 
slices, every node receives a portion of cells to handle. A node 
is thus responsible for updating cell position and recalculation 
of its corresponding magnetization vector. During acquistion 
step, the k-spacc is filled hy summing up signals coming from 
object cells managed hy a particular node. 

It is worth to stress that this strightforward parallelization 
model further substantiates the assumed approach to moving 
object component dcfintion. Each object cell constitutes an 
autonomous agent and all information connected with its 
replacement and magnetic vector state can he derived within 
a grid node. If it were the alternative approach based on sub­
voxcl analysis, information about magnetization of flowing 
liquid would have to he somehow transmitted to ncighhor­
ing voxels belonging to different nodes slices. This would 
involve additional communication between working nodes 
and inevitable transmission synchronization issues leading to 
downgraded pcrformacc. 

C. Runtime parameters 

In order to launch jobs on SSH-based grid using Open MPI 
software, it is important to properly sctup user accounts on 
all machines. First of all, a user of the same login name 
should he registered on every node. Preferably, this user should 
he granted administrative priviligcs. User logging between 
computers should proceed without password authentication, 
as described in the Open MPI documentation I 161. To achieve 
this, one has to generate RSA key pair on the root node, 
copy the public key to the authorized_key file, and eventually 
distribute .lssh directory to the specified user home directories 
on all remote nodes. 

Moreover, the Open MPI distrihtion - the same on all 
nodes at least up to the major subversion number - should he 
installed at the identical location. Similarity, the MPI program 
has to placed under the same absolute path on every computer. 
The progam itself, though uniformly named too, should he 
architecture and OS specific. Thus, in our grid the same 
executable is shared between both iMacs and Mac Mini units, 
hut there arc separate compilations for Xscrvc and the Linux 
server. 

To simplify file exchange between nodes, it is possible to 
establish common file system for them. For this purpose, we 
utilized the NFS (Network File System) protocol. On the root 
node one has to create a shared folder and place its path in the 
/etdexports file with appropriately set network address space. 
Then, on the remote hosts, this shared resource needs to he 
mounted using mount -t ,fs shell command. 

Eventually, the command which invokes a parallel joh using 
MPI and on the SSH-based grid takes the following form: 

sh$ $MPI_HOME/mpirun 
--mca plm_rsh_agent ssh 

THURSDAY, SEPTEMBER 27 • SESSION l: IMAGE ?ROCESSING I 

--hostfile $JOB HOME/hosts 
--np 50 
$J0B_HOME/simra_mpi 
$NFS_COMMON/job_paramaters_file 

where $MP I_HOME indicates the installation directory of the 
MPI distribution, shared $NFS_COMMON directory contains 
any addditional files required hy the executed program (object 
definition, flow information, MRI sequence parameters) and 
$J0B_HOME is the path to the parallelizcd executable. The 
--mca switch states that it is the SSH agent that controls the 
grid management, the hosts file contains the list of computers 
in the grid, and the --np switch specifics the number of 
processes to run in parallel. 

V. EVALUATION OF GRID PERFORMANCE 

In order to assess efficiency of the designed computer grid, 
we have conducted a series of simulations for one digital 
phantom at different scales of the grid. For every scale, there 
was a part of CPU cores constantly present across various 
configurations (Xserve, Linux server, and iMacs) and the 
rest (Mac Mini computers) were accumulatively added in 
subsequent simulations. 

The phantom used in the experiments is composed of 
two virtual tissues whose voxels arc spherically distributed 
arround common origin. The resolution of the object is I 00 
voxcls in each dimension, while the physical size were set to 
(0.2rn? .The intcsity levels of the object components range 
from O to 125. These limits results from the assumed method 
of phantom synthesis. First, one chooses the minimum and 
maximum radii of each component boundary spheres. Sec­
ondly, a voxel is dcvided into suhvoxcls, 5 in each direction, 
giving 125 suhvoxels in total. If a ccntcr of a suhvoxels lies 
within the assumed limits, then it is added to the object 
component. The number of suhvoxcls included determines 
intensity of its corresponding voxel. 

Table I summcrizes the details of the object and its com­
ponents. Note, that T 1, T 2 and p parameters arc set to values 
typical to fat and water ((components no. I and 2 respectively). 
Average simulation times achieved to synthesize MR images 
arc shown in Table II, while synthesized images (GE, T 2 *­
wcightcd) arc presented in Fig. 2. Note that relatively strong 
T 2 * weighting of the image lead to almost entire suprcssion 
of the signal related to the fat component. On the contrary, 
water with high T 2 constant appears bright on the image. 

VI. CONCLUSION 

Analysis of the obtained time measurements (sec Table II) 
proves efficiency of the assembled computer grid. Also, grid 
management and inter-process communication controlled hy 
Unix/Linux machines guarantees reliable and stable operation. 
Computational specdup scales (almost) linearly with the num­
ber of CPU cores. Time needed to synthesize high-resolution 
volumetric images ranges on average from 1.5 up to 2 
hours per component, depending on the object size. This 
appears to he acceptable, especially if compared to the results 
achieved hy other simulators. This leads to conclusion that our 
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Fig. 2. Synthes ized MR image. Gradient echo sequence, TE= 15 ms, TR= 120 ms, flip angle = 20° 

TABLE I 
DI GITAL PHANTOM DESC RIPTION 

Component No. 'f 'm i n 
I 

1'rr1a.x 
2 /1 T 1 T 2 

2 cm 4 cm I 350 70 

2 4 cm 6 cm I 2569 329 
1• 2 minimal and maximal sphere radii 
3 water re lati ve proton density 

TABLE II 
GRI D PERFORMANCE EVALUAT ION 

Number of cores 26 30 34 38 42 46 48 

Time x 103 [s] 12,9 12,3 12,0 11 ,4 II , I 10,7 10,2 

gird can be expected to produce angiographic MR images in 
reasonable times. However, if the number of available cores 
occurs insufficient, the archicture of the grid allows its further 
expansion on additional units. 
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ABSTRACT - The aim of the described research is to develop brain 
blood ve sets modeling algorithm on the basis of three-dimension­
al high-resolution magnetic resonance image . The geometrical 
model of ve sets will be used to visualize arteries and vein and 
to determine their quantitative description. It is expected that 
the estimated geometrical parameters of vessel will signi ficantly 
complement the re ul ts of medical examinations and contribute to 
a more objective and accu rate medical diagnosis. Geometrical pa­
rameters need lo be extracted from MRA image after segmenta­
tion. Most important parameters are: vessel diameter, loca l direc­
tion and location of vessel endings and bifurcations. In this paper, 
the estimation algorithms will be presented. They are developed on 
the basis of three-dimensional skeleton of ves els and vessel track­
ing technique . 

KEYWORDS - Magnetic Resonanse Angiography ; blood vessels; 
image p rocessing; parameter estimation; diameter; loca l direct ion; 
bifurcation 

I. I TROD CTIO 

A. Problem description 

Development o r magne ti c resonance tec hno logy enab les 
one to acq uire hi gh reso luti on, three d imensiona l images. 
T ime o f Fli ght [ I ] and usceptibility Weighted Imaging r21 
techniques combined together in one measurement re ul t in a 
fu ll map o f ve ins and arteries [3]. Typica lly, images have to be 
segmented fo r vcs ' Cl ex tracti on. here arc many approachc to 
'Cgmentati on [4]. T hey a rc di vided to two ma in gro ups: based 
n geometri ca l modeling a nd on mathemati cal morphology. 

T hi paper wi ll foe u · on the processi ng step performed a fte r 
segmenta ti on witc h is model ing. To produce rel iabl e 
geometrica l mode l of vesse l one need an informati on about 
vesse l tree para meters. T hose parameters ca n be es tima ted 
from segmented MR images. Ass umptio n is tha t es tima ti on 
sta rts from binary, three dimens iona l image where a ll vcs ·c l 
voxe ls have bri ghtness va lue equa l J and background equa ls 0 
(Fig. Ja) . Another ncce ·sary input is skeleton o f essc l which 
will be treated as ccntcr line o f vessels (F ig. I b). 
Morphologica l thinning has been chosen fro m a ra nge o f 
different sk lc ton methods. Morpho logica l thi nn ing is mos t 

suitab le for vesse l tracking purposes because of maximum 
reduction of vc cl reg ion. With thi · approach each oxcl in 
the centcr line of vessel wi ll have on ly 2 ncighbor voxc l 
which a lso arc part of the ccntcr line in a ll -26-voxel 
ncighborhood. Exceptions arc bi furcation voxc ls (3 ncighbors) 
and ending voxc ls ( I nc ighbor). 

a b 

Figure I. a)Maximum inten ity projection of segmented 30 MRA image, b) 
maximum intensity projection of the re ·ult o r thinning applied to image (a) 

The most important essc l parameters, considered in thi s 
paper, arc: vcs c l diameter, loca l direction as we ll as locations 
o f vesse l endings and bifurcations (F ig. 2). Estima ti on o f 
vessel diameter can be perfo rmed by us ing both o r those 
images. 

Figure 2. Parameters of vessel tree: diameter, loca l direction, loca ti on or 
endings and bifurcation 
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B. Methods overview 

T here arc many approaches o f diameter estimati on. 
Majo rity o f them arc us ing ske leton to obta in ccntcr line o f 
vesse l. Method proposed by Sorantin [5] is based on user 
interac ti on. Sho1test path between two po ints determined by 
user is computed . C hill ct [6] suggest to use normal pl ane and 
cros -section area. Tha t approac h can produce di ameter 
in fo rmation fo r every ske leton voxc l. Another method, 
employi ng deformab le sphere located a t the ccnter line, is 
proposed by Zho u l 7]. M cthod proposed in th is paper is 
s imil ar, but based on b inary ba ll structuring c lement. T he 
ccntcr of the ba ll is placed at every voxc l o f ccntcr line, but in 
vesse ls image. Ba ll starts from smallest poss ibl e radius. When 
ba ll conta ins vessel voxe ls only, its radius is increased . Thi s 
o pera ti on is repeated until some part o f "growing" ba ll w ill 
conta in background voxc ls. Loca l vesse l diameter is computed 
based on number o f iterations and percent o f vesse l voxe ls in 
las t iteration. Tests were perfo rmed on di g ita l tube phantoms 
w ith d ifferent pos ition and di amete r. The a im o f the testing was 
to assess the accuracy o f the estimated di ameter. 

Another important geometrica l parameters arc locations of 
bifurcations and endings o f vesse l . Bifurcation detection in 
vcs e l tree are u ·ua ll y des igned fo r two dimensiona l images. 
1 o find b ifurcation in thi · space, it is eno ugh to use a set of 
masks [8] or co unt nc ighbors [9]. AdaBoo t me thod of 

auss ian filter and first and second deri vati ves of Gauss ian 
filtcr[7] are used for three-dimens iona l images. Method 
proposed in thi s paper is based on fingerprint line tTacking[ I OJ , 
but performed in three dimensional space. Only ccnter line 
image is used to find locations of bifurca tion and endings. 

nding voxcls arc easy to find . Endings in ccntc r line image 
re c ivcd from morphological thinning have only I ncighbor. 
Voxcls detected a ending arc pending starting points for 
vesse l tracking. T he 26 oxc l nc ighborhood is checked for 
ccntcr line voxels. When found it becomes nex t voxcl to check. 
Travclcd path becomes invis ible fo r later tracking. When 
tracking finds more than one path lo foll ow, the path is chosen 
randoml y and start po int o f a lternati ve path is added to an 
endings search queue. When tracking ends in a voxcl no t 
labc lcd as ending, then tha t voxc l becomes labclcd as 
bi furca tion. In vessel trees w ith more b ifurcations this is no t 
eno ugh. It may be necessary to search fo r endings in who le 
image after tracking and making travc lcd path inv isib le . Found 
endings will a lso be marked as bifurcations. 

Fi na lly, local direction o f vesse ls i also an impo1ia nt 
parameter to find . Estimation method is in thi ea ·c s imil a r to 
the prev io us one. Vessel tracking is perfo rmed on ccntcr line 
image, but requ ires in fonnat ion about a ll previous ly esti mated 
parameters (diamete r, bifurcati ons and endings). Tracking 
starts from voxc l which is labc lcd as vessel ending and has 
la rgest diamete r. Tracking makes tra vc lcd path in vis ible like in 
b ifurcation search. Local d irecti on is determi ned in every voxc l 
on ccntcrlinc except for bifurcations and endi ngs. When 
prev io us voxc l in path is inv is ib le, then examined voxc l have 
o nl y one ncighbor. Location o f that nc ighbor relative to 
examined voxc l gives information about loca l d irec tion. When 
tracking finds bifurcation it trave ls random branch. Begin ni ng 
o f second bra nch is added lo q ueue as another sta rting po int. 
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Po ints from queue arc used to start new tracking when prev ious 
one ends (when voxc l labc lcd as ve c l ending is fo und). 

II. PAR AM ETER E T IM ATION 

A. Estimation ofdiameter 

Di ameter estimati on is performed in every voxel o f vessel 
ccnter line. Voxel index is taken from ccntcr line image and pu t 
into full vesse l image as ccnte r o f binary ba ll. Ba ll radius is 
equal to I voxc l. f nncr product o f ba ll is computed. Brightness 
va lue o f every vesse l voxc l equals I so inner product value is 
equal to number o f vesse l voxc ls in ·idc ba ll (F ig. 3). When 
every voxc l w ithin g iven ba ll radius equa ls I, then radiu is 
increased. Thi process is repea ted until the ba ll is full y fill ed 
with vesse l voxc ls. Informati on abo ut b iggest ball radius 
witho ut background voxc ls and percent o f vesse l voxc ls in 
larger radius is acquired by per fo rming thi s procedure for every 
voxc l o f the centc r line . 

Figure . Visualization or diameter estima tion 

Thi s information needs proper inte rpre ta tion. T his was done 
by u ·ing dig ital phantoms in tube shape. Tubes represents 
vesse ls with different radius (from I lo 10 voxcls) and different 
directions in three-dimens iona l space. N earl y 200 phantoms 
(F ig. 4) with known di amete r were examined by diameter 
estimation a lgorithm. 

Figure 4.Maxi mu rn intensity projection of' digi tal phantoms with di f'f'erent 
diameters and d ifferent orientation 

Information about bi ggest radius o f the ba ll full y fill ed with 
vesse l voxe ls and in formation about percentage o f ba ll vo c ls 
located ins ide the vessel at increased ba ll radius were compared 
with in fo rma tion abo ut rea l radius of phantoms. Aim o f 
composition was to reduce difference between real di ameter 
and es tima ted diameter. A fter error reduc tion estimated 
diameter is over 90% correct. Usua lly mistakes arc not greater 
than I voxe l. Example resul ts a rc shown on Fig. 5. 
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Figure. 5 Comparison of diameter estimated by the propo ·ed method with 
correct diameter 

B. Localization of bifurcations and ending 

The algorithm is based on center line image only. Image is 
produced by morphological thinning. The algorithm returns 
another ccntcrline image but with changed brightness values. 
Brightness value equal 3 means that a voxel has been labelcd 
as vessel ending. Brightness value equal 4 means that voxel is 
labelcd as point of bifurcation . 

Figure 6. Bifurcations and endings estimation steps 

First task (Fig. 6a) in the proposed algorithm is to find endings 
of vessels. Thanks to morphological thinning, the ending 
voxels have only one ncighbor in full 26-ncighborhood. 
Brightness value of those voxcls is set to 3. Second step (Fig. 
6b) is vessel tracking. Purpose of tracking is to find bifurcation 
voxels. All indexes of ending voxcls arc put into a queue as 
start voxels for tracking. Tracking changes brightness value of 
current voxel to 2 if current voxcl isn't labeled as ending or 
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bifurcation. Thanks to that travclcd path is labeled and other 
tracking won ' t follow that path. Ncighborhood of currently 
examined voxel checking i performed in every step of 
tracking. Usually only one unlabeled neighbor is found. In that 
case, a found ncighbor becomes next voxel to check. When 
tracking arrive to crossroads (two unlabcled neighbors found in 
ncighborhood) further path is chosen randomly. Third case is 
end of road (no unlabelcd ncighbors found). In this case it can 
be another ending voxel. If it is ( current voxel brightness value 
equals 3), then tracking ends and another tracking starts from 
next start point from queue. If current voxel isn ' t labcled as 
ending it means that this is bifurcation or voxcl next to 
bifurcation. Current voxel is labeled as bifurcation. It may 
happen that not all bifurcations arc found . Because of that third 
step (Fig. 5c) repeats searching of ending voxels, but operates 
only on unlabclcd voxcls. Found voxcls are labeled as 
bifurcations. 

There is one issue with the algorithm. Sometimes voxel 
labclcd as bifurcation isn ' t really a bifurcation, but some 
ncighbor is. This issue requires correction which is realized by 
simple loop. If voxel labclcd as bifurcation has only two 
ncighbors, neighborhood of that voxel is searched to find voxel 
with tree neighbors . If such neighbor was found , then it 
becomes labeled a bifurcation and voxel previously labclcd as 
bifurcation becomes part of ccnter line. This procedure is 
enough to detect all bifurcations in real MRA image. 
Algorithm testing on more complicated digital vessel tree 
phantoms showed that when number of bifurcations in vessel 
tree is large then not all of them are detected. Because of that 
estimation algorithm became iterative and is repeated on 
unlabeled voxels until there arc no unlabeled voxcls left in 
entire image. Thanks to that, localization of bifurcations works 
well regardless of vessel tree complexity. 

C. Estimation of local direction 

Local direction estimation results in new image of vessel ccnter 
line with changed brightness values just like in bifurcation 
estimation. In this image brightness value represents local 
direction in every center line voxel except for endings and 
bifurcations. Spectrum of those values is from I to 26 just like 
number of neighbors in three dimensional space. Information 
about previously estimated parameters like diameter, endings 
and bifurcations is required to create such image. Local 
direction is estimated through tracking similar to that used is 
bifurcation estimation. Tracking starts from voxel with biggest 
diameter which is labeled as ending. Traveled path is labeled to 
make it invisible. Examined voxcl usually has one unlabelcd 
neighbor. Position of that neighbor in one of 26 directions is 
written as brightness value in output image and found neighbor 
is set as next voxel to examine. If currently examined voxel is 
labeled as bifurcation then randomly chosen unlabeled voxcl is 
set as next voxel to check and index of other is put into a 
queue. When tracking arrive in voxel labeled as ending, then 
next voxcl index is taken from queue and new tracking starts. 
When queue becomes empty and some unlabcled voxcls are 
still in image, whole procc ·s is repeated only on unlabcled 
voxels. This is necessary because in real MRA image of brain 
there are two main arteries without any connection. 
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Ill. FUTURE WORK 

Proposed solutions need further improvements. Bifurcation 
and ending estimation sti ll generates minor mistakes and must 
be reviewed. Another important modification will be diameter 
estimation performed on gray scale images by computing 
standard deviation inside ball radius. This will allow to express 
diameter as real number instead of natural number. When all 
parameters will be estimated correctly then vessel modeling 
can be started. 

Figure 7. Model based on cylinders and trapezoids 

Model will be based on cylinders and trapezoids like in Fig. 
7. All gathered information about vessel parameters will be 
useful while building model. Reliable 30 model of real brain 
vessels can be used for blood flow simulations 
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ABSTRACT - In this paper we present a novel method of medi­
cal CT data segmentation using explicit atlas-type knowledge and 
Active Appearance Model (AAM) as a principal segmentation tool. 
New approach of automatic landmarks creation for AAM is pro­
posed. Obtained results of automatic segmentation of prostate 
image in the CT scans are compared with true outlines drawn by 
medical doctors during the radiotherapy planning and with the 
Active Shape Model (ASM)-based segmentation tested by us be­
fore. Using ASM turned out to be better than AAM. 

KEYWORDS - ASM, AAM, CT, segmentation, prostate radiothera­
phy, atlas segmentation 

I. INTRODUCTION 

High numerical power of contemporary computers makes 
available application of many different advanced algorithms 
supporting biomedical diagnosis and therapy. In particular, 
thanks to this, complex procedures of biomedical imaging can 
be much easier, wider and faster exploited at present. It is 
especially important in medical radiology where X-ray 
technique is a standard tool used for, both, medical 
imaging/diagnosis of cancer changes (with low radiation dose) 
and their radiotherapy/treatment (with high radiation dose). 
In both tasks the computed tomography is used and its 
functionalities (reconstruction speed, accuracy, etc.) should be 
improved together with associated data analysis and 
processing (segmentation, registration, etc.). 

A prostate cancer is one of the most common cancer in men. 
Age and genetic predisposition arc its main risk factors. 
Choosing medical treatment depends on the disease advance, 
patient age and co-existing illnesses. In radical treatment of 
locally advanced cancer, a surgical treatment is preferred for 
younger persons while for older ones - the radiotherapy. 

Before the radiotherapy the computed tomography (CT) 
examination/imaging is done and resulting data arc used for 
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preparation of treatment plans. It is necessary to delineate the 
cancer tissue in the transverse CT images (i.e. to mark the 
GTV - Gross Tumor Volume) as well as to contour anatomical 
structures that should be particularly protected against 
radiation. In most clinical cases a region to be radiated, 
attacked by the cancer, consists of the prostate and seminal 
vesicles while rectum, bladder and heads of femurs (tight 
bones) should be not radiated. 

In this paper, a problem of GTV segmentation is presented. 
The main problem in the prostate radiotherapy is a low quality 
of the CT data causing that indicating the border between such 
anatomical structures like bladder and prostate is very 
difficult. Since a priori information can significantly help 
interpret new data that arc analysed, nowadays segmentation 
algorithms arc supported by an additional explicit knowledge, 
very often in the form of medical models and atlases, and 
work much better than simple unsupervised solutions. 
Segmentation of a new CT can be guided by a pixel-type or a 
contour-type information extracted from available CT (the 
same modality) [1,2] or MRI (different modality in which soft 
tissue is better visible) 13,4] databases. Active shape models 
(ASM) [5] and active appearance models (AAM) (6,7] are 
knowledge extraction (approximation) methods used for 
building statistical generalizations of collected data coming 
from different realizations of the same or similar objects, e.g. 
human faces. The AAMs have been already widely applied in 
3D medical image segmentation [8]. The main problem 
making their application difficult is required consistent (strict 
correspondent) medical landmarks placement over a large 
database ( e.g. medical annotation of the same points of the 
same human organ in many CTs of different patients). Some 
solutions to this problem has been already proposed and 
applied (9, I O] but the problem is still opened. 
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In thi s paper we address a problem o f segmentation o f the 
prostate image in CT scans, supervised (a ided) by ex plicit 
sLati stica l ac ti ve appearance model o f the prostate build by 
AA M (mea n va lue and its perpendicul ar dev iations) in similar 
way as in [ I I] where the AS M was exp loited. Consistent 
placement of prostate land marks in many CTs, requ ired by the 
AAM, has been sol ved in a novel way. All CTs have been 
registered in a groupwisc manner using the free form 
deformation method with 8 -spl incs (global and loca l voxcl 
adjustment) [ 12] what allows, in conj unction with 
interpolati on and using in verse deformation fi eld wi th 
geometrica l correcti on, to rind sets of stri ctl y corresponding 
landmarks. These sets were used by AAM to a stati sti ca l 
prostate shape calcul ation . Manual landmarks' set generat ion 
on the mean CT is also possible. 

The paper consists of introduction, bri ef state-of-the art 
problem description, presentati on o r the proposed method 
(training data generation, stati stical model of prostate image 
constructi on and AAM -bascd segmentation), presentation o f 
obtained results in co mparison with ASM methodology used 
in [ 11] and their discussion. 

II . PROPOSED M ETIIOD A D M ETHODOLOGY 

The main problem existing in app lication of the 30 AAM 
technique is appropriate crea tion o f corresponding (consistent) 
landmark sets of training data. It is a direct consequence of the 
requirement that each landmark marked in one training data 
should correctly correspond to the same point in other training 
data. This fea ture is very diffi cult to obtain from practi cal 
point of view since medica l doctors mark arbitrarily sets of 
landmarks and the landmark consistence (correspondence) 
should be obtained in large database, espec ially in 30. The 
same problem ex ist for the SM that was exploited in our 
prcviou work [ 11]. Otherwise an incorrect parametri sa ti on of 
the object would result. Another solution is to generate correct 
sets of landmarks automatica ll y. Frangi et a l. [13 , 141 proposed 
registration of an analysed data to an availab le atl as using 
quasi-a ffine ri gid global tra nsformati on and local non-ri g id 
e las ti c transformati on. Landmarks themselves arc put in the 
atlas data, copied to the registered analysed data and then 
projected back to the atlas ali gned-coordinates usi ng in verse 
of the known elasti c transformation. Next, AAM can be 
performed on consistent sets of land marks assoc iated with 
data of interest. The other olution is to rea lize jointl y a rigid 
global and an elas ti c loca l transformati on [ 15, 16] or to re­
sa mple all training data into the same number of slices by 
interpolating elliptic Fourier descriptor (EFD) coe ffi c ients 
l 171. 

In thi s paper a segmentati on of the prostate image in the 
CT scan using the AAM techn iq ue [6,7, 181 in connec ti on with 
group wise registrati on [ 12] is proposed. Such approach 
ensures au tomatic landmark creati on. Its di ffcrcnccs in respect 
to [ 13, 15] and [ I] were stated in the in troduction. fn the fi rst 
part o f the resea rch the prostate statis ti ca l model was built. 
A va il ablc CT images o f prostates o r di ffcrcnt pati ents were 
registered to one arbitrary chosen co-ordinate system in voxcl­
to-voxe l manner, i.e. each CT image was processed by the 
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global affine and loca l 8 -spline transformati ons (FOO 
method) [ I 2l sing fo und va lues o f transformati ons' 
parameters prostate contours annotated (drawn) by medi ca l 
doctors were transformed from the input CTs to the common 
co-ordinate system, then averaged and interpolated (rc­
samplcd). The resultant approxi mation was nex t transfom1cd 
back to each input CT. Then, a geo metrica l correction to the 
medical contours was done fo llowed by the ICP (Iterati ve 
Closes t Point) method. This way the set of CTs with 
correspond ing prostate landmarks was obtained. Its possess ion 
is abso lutely necessary on input of active shape modcling 
(A M) procedures but usuall y it is very difficult to get. 
Finall y, the AAM of the prostate based on the Kroon's 
implementation [ 19] was built, namely: the prostate statisti ca l 
shape, texture spread of its points and thei r variances in 
perpendi cular direction lo the surface correlated with the 
tex ture. In the second part or the research, an exe mplary 
automatic segmentati on of prostate images fo r 9 validation CT 
sets was done. Results obtained for the AAM method were 
compared with the ·imilar ASM applicati on [ I I] fo r the same 
test set. 

111. T RAIN ! G DAT A GE ERA T IO 

The idea of the applied tra ining data generati on fo r the 
AAM is presented in Fig. I. First, the automati c groupwisc 
registrati on is performed, i.e. each image is registered to one 
coordinate system and its deformati on fi eld T; in respect to this 
system is found. The coordinate system (the re ference) is not 
defined explicitl y, but i calculated implicitly by constraining 
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the average deformation to be the identity transform [ 12]. In 
the groupwisc registration framework, we have chosen the 8-
splinc Free Form Deformation (FFD) working in 3-lcvel 
mullircsolution scheme, proposed by Rucckct et al. [20] lo 
registration of MRI breast images. The non-rigid 8-Splinc 
FFD was combined with an affine transformation: 

T(x, Y, z) = T1ocal (Tglohal (x, Y, z)) (I) 

where T~1"""1 is the affine transform and T1 .. ,a1 is the deformation 
model based on 8-splincs. The affine transform allows to 
compensate a patients body pose while the 8-splincs - a local 
deformation between the data. Calculation of deformation 
fields was done using implementation given by Balci et al. 
[ 12]. 

Then, a set of M p = [x1 ,y1i 1 , •.. ,xM,YMiM] landmarks 
on gradient of the mean CT i was calculated (i-th arc 
landmarks coordinates). Knowing the N forward 
transformations of N CT data sets we can calculate the inverse 
(backward) transformations Ti-i (i = I .. N) what allows to map 
landmarks from the mean CT to individual data used to the 
mean CT creation. Resulting positions were corrected using 
the ICP method and a distance to the doctors contour. Finally, 
we received N vectors of landmarks correlated with the 
training data with correspondences between them kept: 

(2) 

IV. MODEL CONSTRUCTION 

Creation of the statistical model of the prostate image is 
based on the Active Appearance Model algorithm introduced 
by Cootcs et al. [20,22]. During its construction the following 
quantities were computed: 

• mean shape P of landmarks p;: 

(3) 

(4) 

• covariance matrix Sh: 

(5) 

• eigenvectors <l>si of Sh ( using principal component 
analysis (PCA)): 

• 

(6) 

(7) 

vector hs such that for any n the following equation 
holds: 

lI = p + <l>shs, hs = [bsl• bs2• ··· bs2M( (8) 
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The vectors <l>s and hs represent, respectively, main 
directions of mean model changes and variances along these 
directions. Since eigenvectors with higher indexes have 
smaller deviations, only the t largest eigenvalues were retained 
which allows lo reduce dimensionality of the model. The final 
shape model was described by: 

(9) 

As most shapes are within the range ±3cr, knowing vectors <l>st 
and hst a new shape n, which is not derived from the training 
data, can be generated. 

As a result of the mentioned above operations, the Active 
Shape Model (ASM) was obtained. To build the AAM on its 
base, the following quantities were necessary: 

• a vector g achieved by warping prostate textures of 
each CT lo the points of the mean shape, and 
normalized using a linear transformation: 

(10) 

where g is a mean texture, I is a vector of ones, µ 
_q 

and a_J arc the mean and variance of elements of g, 
• a texture model computed in the same way as the 

shape model: 

(11) 

• a vector c of correlations between the shape and 
texture, which arc learned to generate a combined 
appearance model in the way described in [22]. 

Finally, the obtained AAM can be defined by equations: 

(12) 

(13) 

where Qs and Qg are matrices describing the modes of 
variations, derived from the training set. 

V. SEGMENTATION USING AAM 

To initialize the AAM algorithm the statistical model of 
the prostate image is approximately fitted to the image data by 
the global transformation Tglohal what gives: 

( 14) 

During matching voxcls gim, contained in a region of the 
image pointed by the vector n, arc sampled and projected into 
the texture model frame g5 = T~~hal (gim). As the current 

model texture is given by gm = g + Qgc, the error vector 
(measured in the normalized texture frame and describing 
differences between a present image and the model) is given 
by: 
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(15) 

where h = (c, s, 8, n c) represents the fol lowing parameters of 
the model: correlation between shape and texture, scale, pose 
and current landmarks positions. 

Let us assume that an RMS of the vector r elements is a 

convergence measure, E(h) = rTr . Its first order Taylor 
expansion is equal: 

r(h + eh) = r(h) + ar e h 
ah (16) 

and a value or eh which minimizes the formula lr(h + e h) 12 

is to be found. Setting equation ( 16) to O lead to the following 
so luti on: 

T - l T 
eh = - Rr(h) R = (!!!._ ar) ar ( 17) 

' ah ah ah 

The A/\M algorithm is started near the target and rea lizes the 
following steps [20]: 

I. projecting texture sample into the texture model 

frame by g5 = T~~ba l (gim); 
2. calcu lating the current error vector E(h) ; 
3. computing predicted parameters of the displacement 

vector e h = - Rr (h); 
4. updating the model parameters h ~ h + ke h, initial 

value of k is equa l I ; 
5. computing new points, n' and the model frame 

texture g 'm_; 
6. samp ling the image al new points in order to get g ;m; 
7. calculat ing a new error vector r ' = T;i~bal' (g ;m). 

tcps 1-7 arc repealed unti I 

8. C hangi ng va lue of k to 0 .5, 0 .25 etc. unless lr'l 2 < E, 

then obtained value of the vector h a ll ows to compute 
positions of landmarks what is considered as the final res ult of 
matching and treated a · the segmentation result. 

VI. R ESULTS 

In order to build an atlas and to train the AAM model we 
used images co ming from 14 patients and the amc 
conventional T device. As the proposed method finally 
should find application in pos itioning patients during the 
irradiation , for algorithm validation a set of 9 sets of different 

T scans performed on Siemens T -on-Rails were u ed. 
All CT sca ns were acquired without contra t enhancement. 

In axial plane the training image had 512 on 512 pixels, whi le 
each va lidation se t has different s ize. Tmagcs used for both , 
validation and training had I mm resolution for 5-mm thick 
s lices. 

Contours of each patient's prostate, manually drawn hy the 
same medicine doctor, were considered as correct shapes. As a 
measure of validation accuracy a Diec coefficient has been 
used . 
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Figure 2 . Exemplary results of segmentation using the proposed method 
with the A M-based (left co lumn ) and /\AM-based (right column) a lgori thm 
for three different patients. White contour - doctors outline, black contour -

result from the proposed method 

ln [ I I] there wa presented a s imilar approach to the ame 
problem but making use of the ASM a a segmentati on 
a lgorithm instead of the AAM. Despite us ing all image 
information including textures by the AAM , a low contra ' t, 
lack of spcci fie features and simi lar ap pearance of the 
neighbouring organs textures caused that the obtained total 
accuracy of the AAM -based segmentat ion algorithm was 
lower than for the ASM . Using AAM as a segmentation tool 
led to automatic delineation with mean e fficiency specified by 
Diec coefficient o =0.652 and with standard deviation 
(j=0.0663 , while the intensity gradient-oriented ASM allowed 
to obtain o=0.812 and (j=0.045. Both algorithms were tes ted 
us ing Matlab on a PC c lass computer with 2.0 G Hz Dual ore 
processor and 4GB RAM memory. Matching model to the 
prostate structure on T scans takes the AAM and ASM about 
30 and 120 seconds, respectively. Exemplary results arc 
shown in Figure 2. It shou ld be noted that the SM a lgorithm 
was performed on gradient images of T data in our 
experiments. 

VII. S MMJ\RY 

In the paper we presented the method of automatic 
landmarks propagation and the new algorithm of segmentation 
of prostate image in the CT scan exploiting the /\AM 
technique . Efficiency of the proposed solution has been 
confirmed by visua l examinations and compared with outlines 
performed by a radiotherapy specia li st. In our future research 
we plan to use the presented approach to create a system for 
automatic segmentation us ing models of other organs like 
bladder, rectum pel vis etc . 
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ABSTRACT - The concept of USG based noninvasive articulo­
graph has been presented for speech production registration. The 
proposed articulograph is a portable device with OMAP board as 
a signal processor unit. Combining the information about tongue 
position and labiograms the progress in linguistic theory of speech 
can be expected. 

I. INTRODUCTION 

What is Articulography? There is no one definition of the 
therm of Articulography but shortly and simplifying we can 
define it as a measurement of moving parts (articulators) of 
speech apparatus in speech production process. The main 
problem was how to record it without interrupting the natural 
process of speech. The second problem is how to record 
movement of articulators located inside the speech apparatus. 
Logopedics heavily analyzc the movement of lips. When it 
comes to analysis of tongue movement the procedure is much 
more complicated. The science tried to find the solutions for 
the problem by introducing palatography [I]. The method is 
very inconvenient for the patient. More convenient way was 
articulography introduced by German company called Carstens 
Medizinelektronik. The method is reasonable convenient for 
patient but the procedure is very complicated. 

Working previously on subject of speech reconstruction for 
people with partial or full laryngectomy the idea of 
reconstructing of the speech from information other than audio 
data. Series of experiments let to conclusion that visual 
information coming from mouth is insufficient. The natural 
way is to extend visual channel by adding the data from tongue 
position. We should emphasis here that audio information was 
unavailable and whole procedure should be based on any other 
information channel. Experiments performed with USG 
devices brought promising results. Device based on USG and 
dedicated for tongue tracking docs not exist on the market. 
This initiative has the goal of creating system for research 
purpose. and may_bc ~ommcrcial usage as well. The interesting 
aspect is to vcnfy 1f lack of positive back propagation of 
proce~s influences the articulatory movements. The goal of this 
work !S to _find ~heap and convenient for patient methodology 
of registration hidden articulators. 

Inspiration for the project was palm sized USG devices 
offered by ~ompanies from China. Usage of mixed DSP and 
ARM architecture allows minimize the size of device and 

prof. nzw. dr hab. inz. Antoni Grzanka 
Faculty of Electronics and Information Technology 

Warsaw University of Technology 

Warsaw, Poland 

power consumption together with maximization of processing 
power. 

The project is in very initial stage due to lack of the cheap 
USG head with well defined and standardized communication 
interface. 

II. SCIENTIFIC GOALS 

The main scientific goal is to verify ability of ultrasound to 
track the movement of the tongue. Other goal is to analyze the 
movements of articulators like tongue shapes and position in 
vocal tract during speech production. There is a great interest 
in evaluation of the tract geometry in speech research 
applications as well as in medicine and other application areas. 
In the early studies the X-ray radiography has been utilized, 
however this method is limited to small counts of subjects as 
the test is invasive and demands large equipment. The modem 
MRI, electromagnetic articulography, palatography pose 
similar disadvantages. Looking for the noninvasivc, portable 
technique we propose ultrasonography as the method of tongue 
imaging. W c will present the proposal of research combining 
of labiograms and USG for construction a portable device. 
There arc few expected applications of the proposed 
instrument. The speech therapists would evaluate the quality of 
expression looking at the source. W arc going to reconstruct 
the speech of persons after laryngcctomy where USG is 
supposed to bring the key information. And finally we would 
like to evaluate the precision of the technique. 

Once proven and implemented technology mentioned 
above the authors will focus on attempts to take dialog with 
theories like Distinctive Regions Model (DRM) [Mrayati 1988] 
and quantal theory of speech [Stevens 1989] 

Ill. MEANING FOR SCIENCE AND INDUSTRY 

In speech production process there arc some area of 
knowledge, especially in medical context, which require deeper 
knowledge. Main instrument for information coding in human 
voice communication is articulatory apparatus. This project 
will focus on vocal tract, articulators movements and voice -
all participants in speech production. Most result of research on 
oral cavity during speech comes from invasive methods like 
palatography, electromagnetic articulography or radiography. 
Methods proposed in projects, based on ultrasonography arc in 
initial stage in this area of usage [Stone 2005]. The technical 
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part of thi project will be a cha I lengc and should produce 
significant vo lume of information as it will be evaluated on 
large et of patients. There is assumption, in pccch 
communication the most ignificant role play so called 
transient sta tes. We can find the quantity of sc ientific activities, 
which were focu cd on mentioned above site of pccch 
production process. All of them have deductional character and 
require more empirical verification. As sample of dcductional 
model we can present Distinctive Regions Model ORM 
[Mrayati 1988]. ORM model is in the centcr of wider 
dcductional approach leading to explanation of voice 
phenomenon including speech [ arrc R 2009]. Example of 
success in building phonetic model based on deduction is 
publication [Liljencrants 1972] , where author tries to explain 
phonetic structure of vowel system based on articulator model 
and perceptual contrast rule. The result cou ld be achieved by 
the introduction of numerical interpolation of maximum 
contrast rule . Perceptual contrast has a long tradition in 
lingui stic [Jakobson R 1941 ]. 

It is also worth to take challenge of research on quanta! 
theory of speech [Stevens 1989] . By invoking acoustic 
stability criteria introduced vowel formants. This kind of 
re carch try to take assumption from the higher level, in kind of 
acousti c contrast maximization , minimum effort or simplicity. 

pccch production system and it' s perception i treated a an 
effect of evaluational process. This process is driven by the 
main evaluational rules applied to human articu latory apparatus 
including vocal tract. Initiall y it was a tube adopted and formed 
later for comm uni cation process. Effort minimalism in control 
of communication wa the major criteria which nature used to 
drive evaluational process of adaptation articulatory system. 
To bring something new in that knowledge, it will be defined 
new noninvasivc method of regi stration of articulation. For 
many years such role played introduction of palatography. 
Palatography has proven , that thru the control of contact of 
tongue with palate, it is poss ible to estimate dy function s of 
speech and judge advance in rcmovi ng them. 

Some part of research activities will be focused on speech 
synthesis ability based on articulators state. Hidden Markov 
Model will be used for mentioned above task. Pioneers in thi s 
area using methods of electromagnetic articu lography were 
sc ienti fie institution in Japan [Ling 20 I O] . In sy tern where 
HMM computation is u cd toe timatc articulators movements, 
the phase of learning is based on pre-recorded feature of 
articu lators linguistic context labcling. When text is 
complemented with acoustic features , the pha c of HMM 
learning is started. The model i able to detect the 
dependencies acoustic and articu lators movements. In speech 
synthesis process optimal trajectories of articulators arc 
generated from learned model s. Maksimum likelihood (ML) is 
used for computation of optimal trajectory [Tokuda 2000 J. 

Other aspect of research is the attempt to build the system 
for reconstruction of the speech in s ituation when one c lement 
of voca l tract does not function properly. As example wi ll be 
taken the case of pati ent after parti al or full laryngcctomy. 
These people use so ca lled pseudo wh isper. The approach is to 
reconstruct the voice from articulator movements 

Building of the noninvas ivc ystcm for analy is of 
arti cul atory movement will g ive researchers new devi ce for 
vcri fi cation of theories which have o far deductive character. 
Authors have also the ideas of usage modified version of the 
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device in commerc ial products. Mainl y it w ill target building 
equ ipment for reconstruction of the speech for people with 
laryngcctomy. 

IV. TI IE SOL T IO 

A. Hardware and sqfiware 

USG head should be placed under the jaw of patient. The 
mounting hould be stable and conveni ent for patient. USG 
signal is interpreted by ignal proce ing unit. Coordinates of 
tongue surface could be passed to dedicated PC or interpreted 
and visua lized by OMAP board. Whole process can be 
synchronized with sound and video of lips movement . USG 
head i the implc linear type, idea lly with USB interface. 
Target system shou ld use USG head with two orthogonal lines 
of scn or . Cross like shape allows to record 2 0 position of the 
predefined points on the tongue. Third dimension is take based 
on the distance of the point from the USG head 

Patient 

USG head 

USG signal 
processing unit 

Signal post-processing 
and results visualization 

In experiments following hardware and software was used: 

I. BcagleBoard (OMAP 3.5 ) from Texas Instruments. OMAP 
architecture offers hybrid architecture with multipurpose ARM 
proce sing unit and dedicated DSP (C64x family) . Heavy 
algorithms can be optimized for DSP architecture. General 
purpose tasks (visualization) can implemented on ARM core. 
Next generation OMAP 4 architecture offers two general 
purpose ARM cores and better DSP unit. Evaluation board 
worked under Linux Ang trom contro l. 

2. U G dev ice with USB interface called Sontrance 
(http ://www.sontracc.com). It was provided by company called 
Dramin ki . It is implc and relatively cheap device but biggest 
advantage i USB interface. USB interface a llows easy 
integration with MAP evaluation board . Initial recording of 
tongue position were performed using standard hospital USG 
device. 

3. The ·oftwarc implementation i done in C . For DSP 
utili zation , DSPLink from Texas Instruments was used. 
Compila tion for the target system was done using dedicated for 
BcagleBoard Toolchains. As compiler gee together Ecl ipse 
ID E was used. 

B. Results andjinal goals 

Experiments were focused on the visua li zation of tongue 
surface. The urfacc of tongue has high impedance for 
ultrasound . J\ s a con equcnce in USG images tongue is very 



well shown . Below 
vowel. 

the example sequence or images for 0 

the re ult of ignal proce sing, the system hould create the 
40 (30 in time) representation of the articulatory movement 

V. APPLICATIONS 

A. Measurement tool 

The device hould be able to produce result with accuracy 
to be ufficient for measurement purpo cs. The biggest 
problem i to define the coordinate ystcm. The other obstacle 
i to guarantee the stability of coordinate ystem. As reference 
it can be u cd y tern G500 German company ca ll ed 'arstcns 
Medizinelcktronik. (http://www.articulograph.de/ ) 

Verification of the re ult · should be performed by 
Logopedics and Phoniatrics institutions 

B. Device for reconstruction oft he speech 

The i : Information about the hapc of the lips and the 
tongue location should be sufficient to recognize the vowel. 
The equence should lead to recognition of the word. 

1n this solution the implificd version of the articulograph 
i u ed a y tern extending the support vector for classification 
of the vowel based on vi ual information from shape of the 
lips. The solution use camera recording the lips movement 
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and articu lograph for the information about tongue position. 
The proccs ing unit can be based on OMAP4 or combination 
of dedicated OSP ystcm connected to PC. At the moment 
c pcrimcnt arc performed u ing Open V library optimized 
for TI TM 320 architecture and uppmt Vector Machine for 
cla si fication . 

VI. W1 IY OMAP 

MAP architectu re becomes recently more popular mostly due 
to development of smart phones. The major advantage. of 

M P arc: 

I. The mixed architecture - general purpose ARM unit and 
pecialized D P unit 

2. Relatively low power con umption. For the experiment , the 
author used BeagleBoard xM ( M P 3.5) and PandaBoard 
(ba ed on OMAP 4) evaluation board The power 
consumption of both board varies from 5 to I OW. It is very 
sati . fying result for fully autonomic ystem. 

3. Strong support from open ourcc community. MAP based 
eva luation board were able to run Linux distribution . It i. 
also pos ible to find off-the-shelf specialized professional 
libraric like OpcnCV. 

4. MAP based system can be build a fully autonomic sy tern 
focused on particular processing tasks. Only re ult can be 
exchanged with master y tern. 

5. trong uppott from companie. u ing OMAP in own y tern 
n hip elution . Very good example is Tcxa In trument . 

The company offer profc . ional libraries for DSP module of 
own chip . Library like OSPLink can be obtained free of 
charge. 

6. Low heat emission. Heat emission can be critical in medical 
application. 
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ABS'l"RACT- 'the purpose of the study was to determine whether the 
level of commercial emission is higher than the level of regular pro­
gram and to check if the commercials broadcasters follow the recom­
mended levels of loudness. 'Ihe paper shortly reviews some chosen 
methods of volume measurements specified in the ITU and EBU rec­
ommendations. ·1 hen, it describes a prototype of a system implement­
ed in Embarcadero C++ Builder 2010 which carries out automatic 
evaluation ofloudncss using the recordings acquired directly from TV 
programs. In the end, the results of the measurements obtained for TV 
commercials arc shown, and the conclusions arc drawn. ·1 he final Sec­
tion outlines also future work being planned. 
K1-:YWORDS - Content classUication, Detedion of 'J'V commercials, 
J,oudness measurements 

I. INTRODUCTION 

The problem or too high level or TV commercial emission 
level can be observed in almost all countries. Watching 
programs interrupted hy loud commercials, adverts is 
burdensome and significantly affect the viewer's comfort. This 
problem relates not only to sound hut also to the image. 
Commercials arc very oflcn broadcastcd with a higher contrast 
and with more frequently shot changes. Those actions have to 
attract the attention or a potential client. In Poland, the KRRiT 
(National Broadcasting Council) regulation on program 
emission level l 6 J sets that the emission level should he 
determined on the basis of the multichannel sound level 
objective measurement algorithm. The algorithm proposed hy 
KRRiT is based on the ITU (International Telecomnumication 
Union), BS.1770-1 recommendation l 8 J. 

This paper includes a short review of some methods and 
recommendations on analyzing emission level or audio-video 
signals and describes the developed Automatic Analysis 
System or the TV Commercial Emission Level. 

11. PARAMETERS DEFINITIONS 

Before a brief description of chosen loudness measurement 
methods is given, some or the parameters should first he 
recalled: 

- emission level - sound pressure level, expressed in LUFS or 
LKFS, used to describe loudness orTV programs; 

- loudness - attribute of auditory sensation in terms or which 
sounds can be ordered on a scale extending from quiet to loud 
[I]; 

- sound pressure level - logarithmic measure of the effective 
sound pressure or a sound relative to a reference value; 

- dB SPL - decibel unit used to describe sound pressure level; 

- LKFS - Loudness, K-wcightcd, relative to full scale -
loudness standard designed to enable normalization or audio 
levels for delivery of broadcast TV and other video [41. LKFS 
is standardized in ITU-R BS.1770 [8J; 

- LUFS - EBU loudness unit, related to full scale, described in 
EBU R 128 [3]. 

111. DESCRIPTION OF CIIOSEN LOUDNESS MEASURFMENT 

METHODS 

A. Method\· and regulations on loudness measurement 

This Section describes some or the methods concerning the 
TV program loudness measurement. First, it should he noted 
that all official recommendations use loudness parameter in 
contradiction with its physical definition. I lowcvcr, to maintain 
consistency, the authors or this paper use loudness parameter 
in the same context as recalled in the ITU-R.1770-1 
recommendation. The ITU-R.1770-1 and the EBU R-128 
recommendations arc the basis for the objective estimation of 
loudness and provides requirements for the loudness 
measurement method. 

B. f,'quivalent Sound level Measurement 

The equivalent sound level L1,,1 is defined as the level of the 
steady state audio signal that has, over a given period, the same 
energy as a fluctuating sound. The equivalent sound level is 
commonly used in measuring environmental noise pollution 
hut it can also he employed to measure loudness ( using 
Revised /,ow Frequemy B-wcighting curve; R LB) of mono 
audio signals [81. The revised RLB analyzcr implements a 
method of sound level measurement especially designed for the 
monitoring of broadcast audio level. RLB is similar to B­
wcighting, except that the high frequency transfer function is 
flat instead of having a high frequency roll-off. This spectral 
weighting was found to be an elfoctivc objective measurement 
of loudness or typical broadcast material hy Soulodre (2004) 
I 101, and is recommended for use hy the International 
Telecommunication Union 121181. It is a fully functional 
method, which requires low computing resources and gives 
satisfying results. ll:',1 is defined as follows: 
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LEq (f.J')= l Olog[ rJo :t:! dt ] 
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(I) 

where: W - used weighted curve 
xw - signal at the filter input, 
XRef - reference level. 

The block diagram of the equivalent sound level (RLB) 
meter is shown in Figure I . 

Frequency 
weighting 

w 

x,,. l eq( W) 

Figure I. Block diagrnm of equivalent sound level (RLB) meter 

C. Recommendation JTU-R, BS. I 770-1 

International recommendation TTU-R, BS. 1770-1 [8] 
describes audio signal (mono and multichannel) measurement 
algorithms, which arc used to present subjective loudness in 
numerical form. The measurement procedure docs not include 
the low frequency effect (LFE) channel. 

Figure 2 shows a block diagram of loudness measurement 
in multichannel system. The first step of the algorithm 
developed by ITU is pre- filtering of each channel. The pre­
filter characteristics is shown in Figure 3, the block diagram of 
this filter is presented in Figure 4. In Fig. 3 the first stage of the 
pre-filtering takes into account the acoustic effects of the head 
(high frequency acoustic waves reflections) , where the head is 
modeled as a rigid sphere [8]. 

l'rc-l 'iltcr RLI:! fi lter Mc,m s4uar<: 

Pre-tille r Rl.B fi lter •1t-an ~4uan.· 

1 .. o udnl·,~ 
Pre-filler RI. B fi lter h:;m ".iquarc 

l'rc-fih,·r Rt n fi ller M\.!~n squar\' 

PrL"-fihL· r RI H filll·r M~nn 'iqua,c· 

Figure 2. Block diagram of the loudness measurement according to ITU, 
BS. 1770-1 [8] 

Table l contains pre-filter coefficients, appropriate only for 
the 48kH z sampling frequency. In other cases, different 
coefficient values should be chosen to obtain characteristics 
consistent with Figures 3 and 4. 

TABLE I. TABLE OF PR E-FILTER COEFFICIENTS TO MODEi. T IIE 
ACOUSTIC EFFECTS OF TII E SPII ERICAL II EAD 

- I .690659293 1824 1 

0.73248077421585 f - J bo 1.535 1248595697 

b, -2 .69169618940638 

b2 1.1983928 1085285 
- -

The second step of the algorithm is high pass filtration 
which uses the RLB weighting curve. Figure 5 shows RLB 
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weighting curve. The block diagram is the same as initial filter 
(Fig. 4). Filter coefficients arc presented in Table II. 
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Figure 3. Pre- filter frequency charncteristics taking the acoustic effects of 
the head influence into account r81 

Figure 4. Block diagram of pre- and RLB filt ers of2"d order [8] 

TABLE TI . TABLE OF TII E RLl3 FILTER COEFFICIE TS 

[l- - fi - - bo 

I - 1.990047454833~ b1 

0.9900722503662 1 b2 

1.0 

-2.0 

1.0 

5 ...---~,....,,,...,~,~, ,-.,.---,- , .,..,, ,...,..,,~, -....-..--, ..,.., ~, ,~, ,....-, ---, 
! : : : : ::t : ! :t ::1 : : : ::: 1 

i 1 111 H~ ; 111 in 1 11 ir i 
0 ....... , .... : ... L.:S JSc;. .. __:;; .. ·;;.; .. ·..j.·'-+--i'"' ~- ":-:-' ":":'" r' -~~- H. ,;'.". :":' .. r. --1 

- 5 .... --~-- -~---' ! ~ ~ ~ ~~.----·-+- -~ + ~ ~ ~· ~:+-·· --~ ----;--+· ~ ~-~!·?~- .... 
: - ; : ! : : : H! ; ; ! : : :: :! 

l ; 1 i 1 ! ~ ll l 1 l I l l l ! i . . . . . .... . . . . . .... . ....... . 
··- •• .j - j ••• j. • • j 1 ~ 1 ~!'- ····-.. ; .. -'t" .,. 1 -(,f .; i1"-·- - - 1 •.•. ; .• ;,... ; -i-1 ; ;;. - •.. ... ' .. .. . . . . . ... 

: : l :: :::i 
: : : : : ; : : : j j j l l jjl! . . ... .. .. ~ ; - I S .... . · ........ . ... . . ........... · .. - · .. · .. ·. ··.--· ..... . · .... · .. · .. · . .......... .. 

~ : ! ! I! :::~ 1 ; ! 1) l ()i ' ; ' ' ' '' ii 

~ - 20 . - · ! __ I _ _J _ _: i 1:: l ........ ! ... ! _:_ ! ! !_!! ! .... .. ~ . . .l..U \ !\ :i .. .. . 
i ; i ; 11 i ; ~ l : 1 i ; 111 i i ! i 1 111 H 
1 i ! 1 1 111 ~ ! 1 I 1 11 ! 11 1 1 1 1 11 1 1 l - :::!.5 •••.•• , ••• , •.. , .• ,., ~., .. ,.. .•••.•.. , ...... . ,. J +-t---1•+ -- - - - ., •• •• l ....... ~ .,_., J ll - ••. . 

1 • 1 1 i l H~ i i 1 1 l 1 it! i I t 1 1 UH 
: I: ::·( ! ; I: : :: :1 : · : : : :: ! I 
; : ; : : : ~ : ; : : ; ; : : : : : ; ; ; ; : : 

-JO .__ ________ : __ : ..... : --': '--'" -...;.: ____ : ..... : ..... : .... : '""'' '--' _ ....... _..._, --' ... : .... : :--': '--' __. 
10' 10' 10' I()' 

l·rcqucncy (II</ 

Figure 5. RLB filter frequency charncteri stic · 

The next step of the process is the calculation of the root 
mean square value of energy, in 
optimum time interval T 1s 
recommendation. 

time period T (2). The 
not proposed 111 the 

where: Yi 
I 

z . -
l 

.1 rT d r Jo Y7 t 

- signal after both filtration operations, 
- L, R, C, Ls. Rs (all used channels). 

(2) 



After calculating zi for a ll of the channels the loudness can 
be computed accord ing lo (3). The loudness unit is LKFS or 
LU ( I LKFS - ILU = ldB) [8]. 

loudne.s= - 0.691 -1 Ologlf G,zi (3) 

where: N - number of active channels 
Gi - channe l weighting coefficient (helps to account 

source location re lati ve to the head) 

D. EBU R-128 recommendation 

The algorithm propo ed by European Broadcasting Union 
[3 J organization expands the ITU algorithm by adding some 
new parameters, for examp le : Program Loudness, Loudness 
Range or True Peak Level. The loudness measure process is 
similar to the ITU, BS. 1770- 1 a lgorithm, however the gating 
block is added . However, it should be added that recently, the 
revised version of the ITU recommendation (8 .1770-2) has 
been prepared in which the gating block was applied [9]. The 
gating fun ction prevents taking low- level signa ls into account. 
EBU recommendation also changes the loudness unit from 
LKFS to LUF . 

IV. ASSUMPTIONS OF T II E DES IGNED SYSTEM 

The main purpose of the system is to sec whether 
commercials arc louder than other programs. The system 
assumptions are as follows: 

• Windows application, 

• automatic detection of commercia ls in an ana lyzcd 
s ignal and information the user about the beginning 
and the end of a commercia l block, 

• implementation of the ITU and EB loudness measure 
algorithms according to recommendations, 

• an offlinc mode implementation, which enables the 
user to import an audio s ignal , ex tracted from TV 
recording (stereo wave format, 16bit, 48kHz), 

• Presentation of the loudness lo the user after the 
measurement proccs is comp leted. 

V. D ESCR IPTION OF T II E DESIG ED YSTEM 

The au tomatic Analysis System of TV Commercial s 
miss ion Level is, according to assumptions, a Windows 

app lication. It has implemented both, ITU and EB U 
algorithms. In the c urrent version the sys tem docs not have the 
on linc mode. The applica tion engi neered de tects commercials 
in the imported audio track and mca ure loudness and 
loudness range (for the EBU algorithm) . 

The analysis s tarts with selecting an algorithm. The next 
step is the audio file se lection . After the file is selected, the 
ana ly is proce s sta1ts. Figures 6 and 7 show the application 
interface during the analysis process. All of the results a rc 
saved in a s ingle lcxl file , which enables the user lo find out if 
the commercial block is emitted al a hi gher level than the other 
TV program content. The used detection algorithm is based on 
mus ic recognition a lgorithm developed by the haza m 

ntcrtai nmcnt Ltd [ 12]. The method uses only audio tracks for 
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analysis, which enables the developer to implement it in both, 
TV and radio commercial detection. 

Figure 6. The main application window during the analysis process 

;,: 11 < 

Figure 7. An additiona l window showing infom1ation about beginning and 
the end of commercial 

The bas is of implemented algorithm is the spectral 
.fingerprint of a commercial jingle. Fingerprint description 
must be created manually for each TV channel. The idea of the 
spectral jingerprints is based on time offsets between 
characteri stic points of the spectrogram. Figure 8 and Table 111 
how the principal ideas behind the system working. 

Figure 8. A commercial jingle spectrogram with mark ed characterist ic 
points 

TABLE Ill. FREQ Ii C IES i\Nl) TIME OFFSETS OF 1: Xi\MPl,F FINCiERPR IN'I 
Cll i\Ri\CTERISTIC POINTS 

Frequency I 1-fzl 

1250 (anchor point) T Time offset I ample! 

() 
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Implemented algorithm is searching for the anchor point of 
the prcparcdfingerprint. Once the anchor point is detected, the 
application starts lo "listen" for the rest of the characteristic 
points. If all of the points arc detected, the system shows 
information about beginning (or about the end) of a 
commercial block. The fewer number of points, the faster 
analysis. 

The application uses 512-point FFT (window type: 
rectangular; window length: l 024 samples without 
overlapping) to create the audio spectrogram. In this 
configuration the algorithm gives satisfactory results - about 
90% effectiveness in detection of commercials. It is obvious, 
that it also depends on precision of the .fingerprint description. 
The effectiveness can be increased by using other than 
rectangular analysis windows, for example Hamming window. 

The application returns loudness of a whole analyzed file, 
loudness of each commercial block and program, and in 
addition for the EBU algorithm: loudness range. 

VI. EXPERIMENTS 

In all of the experiments audio tracks extracted from the TV 
recordings collected in database were used. The database 
contains recordings from four Polish TV broadcasting 
channels. The material was recorded using the stationary DVD 
recorder (Frame size: 720x576 pixels; Audio: 48kHz, 16bit, 2 
channels) and standard cable TV signal for a source. The 
storage format is DivX coded avi with the same frame and 
audio parameters. The total length of stored material is 14 
hours, 57 minutes and 30 seconds. 

A. Algorithm comparison - loudness with ITU and EBU 

The first test was a simple comparison of the two 
measurement algorithms implemented. Randomly selected 
fragments of TV recordings were used to compare loudness 
measurement results by using both methods. Table IV shows 
some of the results. 

T AHLE IV. l<>UDNESS MEASUREMENTS WITH ITU AND EBU 
ALGORITHMS (TOP BROADCASTER) 

Loudness 
File name 

ITV ILKFSI EBVILUFSI 

01 12 2010 09 40 c3 -19.6 -18.9 

01 12 2010 09 40 c4 -19.9 -19.5 

01 12 2010 09 40 c5 -19.4 -19 -

01 12 2010 09 40 c6 -19.1 -18.7 

01 12 2010 09 40 c7 -19.5 -19.3 

01 12 2010 09 40 c8 -19.6 -19.3 
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Test results were consistent with expectations. In all cases 
loudness was higher for the EBU algorithm. It is caused by the 
implemented gating block. This block causes the measurement 
lo slop when the level of input signal is lower than the 
threshold properly set. However, an interesting result is the 
fact that all levels arc higher than acceptable -23 LUFS. 

B. Comparison <?/'commercial and program loudness 

The aim of this test was lo find out if the commercials arc 
emitted al a higher level than actual program. The algorithm 
used in this test is based on the EBU R 128 recommendation. 
Table V shows some of the results obtained. 

TABLE V. LOUDNESS MEASUREMENTS WITH ITU AND EBU 
Al.(iORITHMS (TOI' BROADCASTER) 

Loudness: 

LRA: 

Loudness: 

LRA: 

_. Loudness:~ -

LRA: 
~ -- -

Comnrerda~ ] ~ 
1 

-18.5 

6.2 

l,o:.::·,"=_r --~·.s _}_- -

Loudness: 

LRA: 

Loudness: 

LRA: 

t-­
~I: -~ t:- -

-18.4 

5 

Program 

-22.2 

13.1 

-18.7 

5.8 

-20 

13.5 

-20.8 

6.4 

-20 

7 

-20.6 

6.3 

The results were similar in most cases. Commercials were 
emitted al a higher level than the programs indeed. Analyzing 
the loudness range parameter (LRA) differences in the results 
obtained can be seen. It is dependent on the content of 
recording. Narrow ranges of LRA (5-6 LU) characterize talk­
show type programs (no music or special effects); medium 
ranges (7-10 LU) - Polish series; wide ranges (> I O LU) - action 
mov1cs. 

Neither the programs nor the commercials do meet the 
requirements related lo loudness (-23LUFS). This problem can 
be recognized in all of the broadcast stations material [ 11 l. 
However, this may be caused to some degree by conversion of 
TV signal before it reaches the DVD recorder input. 



VII. SUMMARY AND CONCLUSIONS 

The main purpose of the application designed was to show 
loudness differences between TV commercials and programs. 
It enables the user to check if the commercial is emitted at a 
higher level compared to the adjacent regular program. Two 
approaches were employed based on ITU and EBU 
recommendations. 

The processes of the TV signal transformations before it 
reaches DVD recorder arc not known. To achieve the most 
reliable results the DVB-T signal in stream form should be 
used. However, the analyzcd recording showed that 
commercial blocks arc emitted at a higher level than the 
program content which is often found by other studies (e.g. 
f 6]). 

The Automatic Analysis System of TV Commercials 
Emission Level is at the stage of improving its functionality 
features. The focus is on automatic spectral fingerprint 
extraction; the future work will combine audio and video 
methods for detection process; real-time loudness analysis -
these arc the most important aspects. Since there arc no 
commercially available applications that enable to 
automatically detect commercials in the TV signal and 
simultaneously measure loudness (in compliance with 
recommendations), thus this goal is worth pursuing. 
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ABSTRACT - lhe paper introduces a new approach for analyzing 
and processing non-stationary audio signals obtained from un­
derlying nonlinear systems such as digital sigma-delta (2:A) audio 
DACs. 'lheir parameters and performance depend mainly on fea­
tures of digital 1:A modulators. lhe Intrinsic Time-Scale Decom­
position (ITD) method can self-adaptively decompose input signal 
into a monotonic trend (baseline signal) and a set of proper rota­
tion components (PRCs) for which instantaneous parameters of 
signal are well defined. Finally, correlations between quantization 
noise and input signal (in particularly noise modulation) in digital 
L::\ modulators and possibility of the ITD method application for 
analyzing noise modulation is investigated. 

KEYWORDS - digital L1 audio DAC, digital .E,1 modulator, noise 
modulation, intrinsic time-scale decomposition 

I. INTRODUCTION 

Nowadays, l:~ audio analog-to-digital converters (ADCs) 
and digital-to-analog converters (DACs) arc commonly used in 
both consumer and professional audio equipment. Large 
number of psycho-acoustic tests showed that the quality of 
sound reproduced by l:~ audio DACs is worse than quality of 
sound reproduced by conventional PCM audio DACs. 
Preliminary analyses indicate that audio quality reduction of 
sound reproduced by l:~ audio DACs is strongly connected 
with noise modulation in digital l:~ modulator. Noise 
modulation is the effect where the noise floor of the modulator 
changes as the input signal changes i.e. quantization noise is 
correlated with input signal. According to [ 1-3] the variation in 
quantization noise should be less than I dB in order to be 
inaudible. Thus, for high quality audio applications the 
objective is to have a constant quantization noise that results in 
predictable audio quality. Therefore, noise modulation should 
be minimized or avoided i r possible [ 4-10 ]. The main 
techniques that have been proposed to minimize or eliminate 
noise modulation include application of dither inside the digital 
L~ modulator structure and selecting a digital l:A modulator's 
feedback loop filter, which makes the modulator chaotic l l 1]. 
In this paper, only an application of dither signal inside l:~ 
modulator structure will be considered and quantization noise 
will be referred as error or quantization error. 

Though the use of dither to prevent noise modulation in 
PCM systems is well-understood [ 12], there arc many 
intriguing questions that remain when dither is applied to the 
digital l:A modulator. That is mostly because of feedback loop 
in digital l:A modulators that affects the probability distribution 
of the input to the quantizer in complicated ways [ 13]. The 
purpose of this paper is to look more closely at the noise 
modulation in digital l:~ modulators, introduce a new approach 
(called Intrinsic Time-Scale Decomposition) for analyzing and 
processing non-stationary signals obtained from underlying 
nonlincar systems and propose a new procedure for noise 
modulation analysis in digital l:A modulators with ITO method 
applied. 

II. DITHER AND NOISE MODULATION IN DIGITAL L~ 
MODULATORS 

Recent treatments of dither signal in digital l:A modulators 
arc that there has been wealth of analysis of such systems, with 
seemingly contradictory conclusions. Several authors have 
suggested that digital l:~ modulators may be set f-dithered 
[ 14, 15 J, but ability of self-dithering to minimize or eliminate 
noise modulation is unclear [ 16]. Alternatives to dithering have 
been proposed, including bit-flipping l 17, 18] and chaotic 
systems [ 19-23], but these results have yet to be put into the 
proper framework [24 ]. Noise modulation in digital l:A 
modulators was also pointed out in [ I 0, 13 ]. 

As mentioned previously, the results of dither distributions 
and the resultant quantization error for PCM systems do not 
apply for digital l:A modulators because the input to the 
quantizer includes the system input and noise shaped error. 
This statement was proven in paper [24] for simple digital l:~ 
modulator with one and multibit quantizer. Authors have 
shown how error moments depend on input to digital l:A 
modulator. 

In most digital l:A modulators with I-bit quantizer, addition 
of dither has no effect on the conditional moments of error. 
From Fig. I, the input dependence in the error is clearly seen. 
These results actually represent six simulated systems (all with 
de input signals): I si and 2nd order digital l:~ modulators, each 
without dither, with rectangular dither at the quantizer, and 
with triangular dither at the quantizer. [24 ]. 
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Figure I . The first four conditional moments of error for digital i:~ 
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In Fig. 2, the second and third order conditional moments 
of error arc plotted as a function of de input signal for digital 
L~ modulators with multibit quantizer without dither, with 
dither applied to the input, and with dither applied to the 
quantizer. Although application of dither at the system input is 
rarely performed in practical applications, it is useful for 
illustration and serves to demonstrate why dither placed 
elsewhere in the feedback loop is often more beneficial [24]. 
The results show that application of rectangular dither in digital 
L~ modulators with multibit quantizer successfully eliminates 
much of the input dependence in the error. 

Another statistical analysis of error signal is presented in 
[25]. Authors examined dithered multibit I st order digital L~ 
modulator and considered all signals around the noise shaper. 
Numerous simulations including power spectral density (PSD), 
probability density function (PDF) and characteristic function 
(CF) calculation of signals were performed with different types 
and amplitude of dither signal. Authors showed that properly 
dithered multibit digital I.~ modulators can eliminate most of 
the noise modulation, but I -bit digital I.~ modulators cannot be 
linearized by the use of dither. Input dependence on error was 
also described in [26] where testing for noise modulation was 
done by applying several de levels as input signal to digital 
look-ahead based modulators, and for each de level low-pass 
filtering the output and calculating the second order moment of 
the error. Alternatively, authors used STNAD calculation for 
varying sine wavc's level as input signal to modulators. 
Simulations showed that both baseband noise power and 
SfNAD varied with changes in input signal. 

All presented simulations' results were estimated by 
averaging signals from digital L~ modulators over time, thus 
even they prove the existence of noise modulation, short term 
behavior (from time to time) of digital I.~ modulator is 
averaged and clearly missing. Moreover, most of the 
simulations were conducted using de level input signals, which 
arc not used in practical audio applications. In the next two 
sections of this paper, a proposition of the new procedure for 
analyzing correlations between error and input signal in digital 
I.~ modulators with real world audio input signals will be 
introduced. 
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Figure 2. Second and third order moments of error as a function of input for 
a multibit first order digital Li'l modulator without dither, with rectangular 

dither at input, or rectangular dither before quanti zation [24]. 

111. THE PRINC IPLES OF ITD METHOD 

The ITD method [27] can self-adaptively decompose input 
signal into a monotonic trend and a set of proper rotation 
components (PRCs) for which instantaneous parameters of 
signal arc well defined. It constructs the piece-wise linear 
baseline si1::i111al between successive extrema and computes the 
instantaneous amplitude and frequency based on the piece-wise 
wave of each PRC. 

Given a real-valued signal {X 1 , t ~ O} an operator A is 

defined, which extracts a baseline signal from X 1 in a manner 

that causes the residual to be a proper rotation (all minima are 
negative and all maxima are positive values). Signal X1 can be 

decomposed as 

x, = A. x1 +(I-A). x, = L, + H 1 , (l) 

where L1 = A· X 1 is the baseline signal and H1 = (l -A) · X 1 

is a proper rotation. 

Let {rk>k = 1, 2, .. . } denote the local extrema of X 1 and for 

convenience define , 0 = 0. In the case of intervals on which 

X1 is constant, but which contain extrema due to neighbouring 

signal fluctuations, 'k is chosen as the right endpoint of the 

interval. 

Suppose that Xk = X(rk) and Lk = L(rk) have been 

defined on t E [O, 'k] and that X 1 is known for t E [O, 'k+2] . 

Then, baseline signal can be defined on the interval (rk, 'k+iJ 

as follows: 

where 



and O < a < I is typically fixed with a = 0.5. Proper rotation 
component can also be defined as: 

H · X 1 = (1-A) · X 1 = H 1 = X 1 - l 1 . (4) 

Once the input signal has been decomposed into baseline 
( l 1 ) and proper rotation component ( H1 ) as depicted in Fig. 3, 

with latter representing the highest relative frequency present 
in the input signal, the procedure can be re-applied using the 
baseline signals as input. This process can be repeated until a 
monotonic baseline signal is obtained. lTD decomposes the 
raw signal into a sequence of proper rotations of successively 
decreasing instantaneous frequency at each subsequent level of 
the decomposition: 

(5) 

Once the input signal has been decomposed, instantaneous 
amplitude, phase and frequency information can be extracted 
from proper rotation components. This instantaneous time­
frequency-energy (TFE) information can be defined in a piece­
wise manner, on each time-interval between successive up­
crossings of a proper rotation, and based only upon information 
about the single wave of a proper rotation occurring during that 
period: 

arcsin(;,} 

,r - arcs in ( ;: } 
(6) 

where A1 > 0 and A2 > 0 arc respective amplitudes of the 

positive and negative half-waves (portion of signal between 
adjacent zero-crossings) between successive zero up-crossings 
and t1 ••• t5 arc shown in Fig. 3. Instantaneous amplitude is 

piece-wise constant and determined by the extrema values of 
the proper rotation components between zero-crossings and 
instantaneous frequency arc calculated as follows: 

/
. __ I _ _ dB, 

. I - 2tr dt 
(7) 
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where authors m [27] calculate .f~ by differentiating 

instantaneous phase angles B, using an I I coefficient least­

squares FIR differentiating filter [28]. 
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Figure 3. Illustration of ITD ' s extraction of the baseline and proper rota tion 
component from an input s ignal. 

The main characteristics that make the TTD method well 
suited for analysis of noise modulation in digital L~ 
modulators are: 

• precise temporal information regarding instantaneous 
frequency and amplitude of proper rotation component 
signals with a temporal resolution equal to the time­
scale of occurrence of extrema in the input signal , 

• ability to adapt to any time-scale and to use complete 
signal information, including all critical points such as 
inflection points and zero-crossings and not just local 
extrema in the input signal , thereby allowing weak 
signals embedded in stronger signals to be extracted. 

IV. PROPOS ED PROC EDURE FOR DIGITAL L~ MODULATOR 

ANALYSIS 

Proper analysis of digital L modulator bchavior with real 
world audio input signal would require very careful and precise 
analysis of input signal , all internal signals in digital L 
modulator structure and output signal from the modulator. 
Moreover, those analyses should ensure that all short-term 
(temporal) changes in signals will be preserved. Previously 
introduced ITD method seems to be appropriate for such 
analysis. In Fig. 4 a model of I s i order digital L~ modulator 
with one or multibit quantizer is presented along with blocks 
that refer to proposed analysis approach. 

Input, 8-bits audio signal x(n) with /~. = 44. 1 kHz is 

oversampled with L = 64, 128, 256 ratios, fed to the very 
precise low-pass filter and simultaneously to the digital L~ 
modulator. The output signal y(n) from digital L~ modulator 

is reconstructed using the same filter, which design was based 
on modified I 0-tcrm cosine-sum window from [29]. The main 
requirements for this filtering operation i to keep x(n) and 
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y(n) in the audio band unchanged, while filtering out all 

artifacts above the audio band (designed filter has 10-13 dB 
passband ripple and about 300 dB stopband attenuation which 
result only from numerical errors). Designed low-pass 
filter's magnitude response and passband ripple is presented in 
Fig. 5. 

x(n) 

B-bits 
L·f, 

FOP 

11" order digital 1- or K-bit !Cl modulator 
I 
I 
I u(n) 

+ 

-1 
z 

L----- -- -----------------J 
FOP 

'-------' Xr( n) 
!TD 

decomposition 
ITD 

decompositi on 

An alyze PRCs and 
baseline 

Analyze PRCs and 
baseline 

An alyze and 
compare 

features/ apply 
const raints 

Results 

Reconstructed 
signal 

y(n) 

1 or K-bits 
l ·f, 

Figure 4. Block diagram of the proposed approach for analysis of one or 
multibit I " order digital L~ modulator with fTD method app li ed. 

Since sample delay in digita l LD. modulator is placed in 
feedback path and low-pass filter has constant and known 
group delay, corresponding samples in s ignals xp(n) and 

YF(n) arc perfectly aligned. ITO decomposes each signal into 

proper rotation components and baseline signals with temporal 
resolution equal to the time-sca le of occurrence of extrema in 
xp(n) and yp(n). Thus, calculated instantaneous parameters 

or quantitative features from decomposed signal s may be 
compared and analyzcd without loss of short term (temporal) 
information embedded in input s ignal s xp (n) and y F (n) . 
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Figure 5. Magnitude response and bandwidth' s ripple of designed low-pass 
filter with sampling freq uency 64 x 44100 llz (2.8224 Mll z), about 300 dB 

stopband attenuation and I 0-1.1 dB passband ripple. 

V. CONCLUSIONS AND FUTURE WORK 

In this paper, the new approach for analyzing digital LD. 
modulator's features is introduced . In particular, noise 
modulation phenomena is described more closely, because it is 
considered to result in deterioration in audio quality. According 
to [1-3 ,l 0,30] for high-quality audio applications the error 
should be ideally invariant with its input signal characteristics. 
Time-domain, frequency-domain and statistical-domain 
analyses proved that noise modulation ex ist in LD. systems and 
showed how to deal with it. However, recent s imulations were 
conducted with de level or sinusoidal input s ignals to LD. 
systems, which are not used in practical audio applications. 
Results from those simulations were estimated by averaging 
signal s over time, thus short term (temporal) behavior of LD. 
systems is missing. Author of this paper believes that results of 
the proposed analysis approach of digital LD. modulators with 
real audio data as input signals will allow for more precise 
analysis of correlations between signals in such systems and to 
eliminate them. Verification of the proposed approach, 
reduction of possible problems that can disrupt results, 
s imulations and careful analysis of results arc the author's 
ongoing research. 
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a Coniparison Between kNN and SOM Classifiers 

Dorota Kaminska 
Technical University of Lodz 

Institute of Mechatronics and Informal ion Systems 

Poland, 90-924 Lodz 

Email: kaminska.dorota{!l)o2.pl 

ABSTRACT - This paper presents a system for automatic bird iden­
tification, which uses audio input. 'Jhe experiments have been con­
ducted on three groups of birds, which were created basing finishing 
on classification, the system is fully automated. The main problem 
in automatic bird recognition (ABR) is the choice of proper features 
and classifiers. Identification has been made using two classifiers -
kNN (k Nearest Neighbor) and SOM (Self Organizing Maps). Sys­
tem has been tested using data extracted from natural environment. 

INDEX TERMS - birds, kNN, HMM, recognition, identification, self 
organizing maps, SOM 

I. INTRODUCTION 

The main goal of this paper was to develop an automatic 
system for hird recognition using audio input. This kind 
of system could he valuahle for hiological research and 
environmental monitoring. It is possihle to recognize hird 
species using audio recording, hasing on the fact that hirdsongs 
have a grammatical structure and arc composed of notes, 
syllahles, phrases and calls (including alarm calls, distress 
calls, territorial calls and others). A set of one or more syllables 
and phrases arranged in a regular pattern is referred to as a 

song. 
Classification of hird species hy their sound is not a chal­

lenging task when they hclong to different families. However, 
practical systems should he ahlc to distinguish hirds helonging 
to the same family hut different species. Thus, experiments 
have hccn made on three different groups. The similarity 
hctween hird sounds in each group differ respectively: small, 
medium and significant difference. Groups have hccn created, 
hased on correlation hctwccn the most descriptive features. 

In order to chose proper methods of classification, literature 
study on whole spectrum of algorithms has hccn made. SOM 
and kNN classifiers, which gave satisfactory results, have hccn 
chosen and compared in this paper. 

The majority of scientists who conduct research in this field 
use manual syllahlcs division. Thus, currently existing systems 
arc not fully automated. This paper presents a fully automated 
algorithm. Moreover, there is no prohlcm with adjusting the 
system for new hirds recognition using training module. 

II. RELATED WORK 

Analysis of hird sounds can he divided into three main 
parts: segmentation of hird sounds (e.g. to syllahlcs), features 

Artur Gmerek 
Technical University of Lodz 

Institute of Automatic Control 

Poland, 90-924 Lodz 

Email: artur.gmerek@p.lodz.pl 

extraction and classification. Scientists usually use manual 
or semi-automatic syllahlc segmentation. The last two stages 
of identification often differ greatly depending on individual 
approach. 

Most of researchers use simple statistical features i.e. mean 
value, frequency handwidth, duration of syllahle, signal am­
plitude. Sometimes more sophisticated features arc used e.g. 
Linear Predictive Coding (LPC), LPC Ccpstral Coefficients 
(LPCCs), Mel-frequency Ccpstral Coefficients (MFCCs) 111 
or wavelet coefficients. 

Statistical classifiers like k nearest neighhors, haycsian 
classifiers and decision trees can he used for the purpose of 
hird recognition. Some methods, which arc common for hu­
man voice identification like Dynamic Time Warping (DTW), 
Hidden Markov Models (HMMs) 121-f 41, Gaussian Mixture 
Models (GMM) and Vector Quantization (VQ) have hccn also 
used for hirds species identification. 

Lakshminarayanan et al. have introduced prohahilistic mod­
els hased on hirdsong syllahlcs 15 J. Their Independent Frame 
Independent Syllahlc (IFIS) and Markov Chain Frame Inde­
pendent Syllahle (MCFIS) models achieved helter results than 
Support Vector Machine (SVM) classifier. 

Aki Hanna has performed identification using sinusoidal 
modcling 161 hasing on the fact that syllahlcs can he approx­
imated as varying amplitude and frequency hricf sinusoidal 
pulses. 

In recent years neural networks like Multilayer Pcrccptron 
(MLP) 171, Time Delay Neural Networks (TDNN) 181, Autore­
gressive Time-Delay Neural Networks (AR-TDNN) 191 and 
Self Organizing Maps f I OJ have hccn used hy many scientists. 

The most valuahlc arc those puhlications, in which different 
methods arc compared [ 111. For example Hriggs and others 
have presented a different statistical manifold approach 1121. 

Mcllraith and Card have compared hctwccn hackpropaga­
tion learning in two-layer pcrccptrons and discriminant analy­
sis ( 13 J. They have used simple statistical features (duration, 
mean, standard deviations, power spectral densities) and more 
complicated e.g. LPC. They achieved performance range from 
82% to 93%, hut experiments have hccn made merely on six 

different species. 
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11 I. METHODS 

Representation of the signal in lime or frequency domain is 
a complex projection. Therefore features arc sought to deter­
mine signal properties. In this study following features have 
hccn used: duration, handwidth, fundamental frequency, power 
spectral density of a syllable and formant and antiformant 
frequencies. Also other features have hccn used, which arc 
dcscrihcd in following subsections. 

A. LPC coefficients 

Linear predictive coding is a method used in audio signal 
processing for representation of spectral envelope of a digital 
signal in compressed form. Linear prediction, hascd on the 
assumption that a signal sample u( 11), can he approximated 
by linear comhination of P previous samples for 'II > 0. The 
predicted signal value is expressed by the formula: 

p 

u.(u) =- - L <LµU('II · p) 
p=l 

u(n - p) - previous observed values, 
aJJ - predictor coefficients, 

LPC coefficients arc determined by autocorrelation crite­
rion. In this method the expected value of the squared error, 
which is defined as following equation, is minimized: 

N-1 J> 
, 2 l ~ [ ~ ]2 rr = E[err (n)] = N _ J> L u(n) + L a1/u(n - p) 

n=p p=I 

where N is the number of samples. 

To determine the optimal coctlkients a1.:, 1 ~ k ::::, p, a 
partial derivative of rr with respect to the variable aJJ should 
he calculated and equated to zero. Afterwards p equations 
containing p variahlcs arc ohtaincd with following solution: 

Ra= -r 

where R is a symmetric, autocorrelation matrix called Tocplitz 
matrix. 

Experiments show, that the most optimal numhcr of LPC 
cocffkcnts is 12, therefore this amount has hccn used in this 
study. 

B. Mel Frequency Cepstral Coefficients 

Currently MFCCs arc a standard in speech rccogmlton 
1141. The MFCC algorithm is mullistage. Al first, the signal 
is multiplied hy the I lamming window, presented hy the 
following equation: 

w('II) 
{ 

O.S4 - 0.4G cos ( 1'!:; ) 
0 

where N specifics window size. 

,o<,n>N-l 

, otherwise 

Suhscqucntly F FT is computed. Then the estimation of 
power spectral density function is calculated and averaged 
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using ovcrlaping triangular weight functions. Design of the 
triangular functions includes md scale. Following equations 
present the same frequency, m is frequency value in m.cl, f 
in hrrtz using natural logarithm: 

11] -cc l l 27, 01048111( 1 + f /700), f - 700( (' 1127'.:'i11l1K - 1 ), 

and using dccadic logarithm: 

m = 2SDSlog(l + f/700), f = 700(102;:;1,, - 1). 

The last step is calculation of a Discrete Cosine Transform 
(DCT) of the logarithmcd estimation, using the following 
formulas: 

/2 /,-I - Ilk 
c,.. = y L L lnS(l)co.s( yU + 1/2)), k = 0, l, ... <J - 1 

l=O 

where L is the numhcr of weight functions and <J is the numhcr 
of Mel Coefficients. 

IV. CLASSIFIERS 

Classification is an algorithm, which assigns objects to 
groups (called classes) based on ohjcct features. Features arc 
usually presented in a vector: 

'I' . - ['I' 1 ,,.2 'l'J 'I'd] "] - ,, , ..... , .. , .... , 

where d is the number of features, :rk is feature value. 
All features values in a task arc called the training set CU. 

It can he said, that the goal of classification is to assign a class 
-i E A/ for an individual ohjcct :r J. 

A. Nearest Nei?,hbor C/ass(fier (kNN) 

In kNN algorithm the recognition process involves calcu­
lating distances in parameters space X between the unknown 
Xj ohjcct and all ohjccts from the training set :r1.: E CU for 
k = 1, 2, ... , I, where I is the numhcr of training examples. 

In presented project euclidean distance has been used: 

"" - '·· "2 w <f ( ,lj, :1, J,..) - I] - ,J l,:i) 

Obtained distances arc sorted in an ascending order. Object 
:r:j is assigned lo this class, which is the most common among 
k nearest objects. 

B. Se(f' Or!!,anizin!!, Map 

Self Organizing Map is type of Artificial Neural Network 
(ANN). This type of ANN learns without a teacher, using 
only the observation of the input data (unsupervised learning). 
Network map, which creates a static grid cell, has a fixed size. 
It usually has a rectangular or hexagonal structure. Weights or 
input neurons can he initiated with random values. SOM has 
two hasic methods of changing the neurons weights. The first 
one - Winner Takes All (WTA): the neuron, whose weights 
arc closest lo the input vector components is modified in such 
a way that its weights arc as close as possible to theinput 
vector. The second one, Winner Takes Most (WTM):ncuron 
with weight most similar to the input value is called the winner. 
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Fig. I . The classification accuracy of birds sound with respect lo the SOM 
size and number or epochs. The optimal number or neurons for given task 
was 4'.'iO. 

Its weights and ncighboring neurons weight arc modified. 
1--<rcquently, thi s modification is dependent on the distance from 
the winner. 

First step of the learning algorithm is to find the nearest 
maps clement to the c(:i;) vector. 

c(x) = ar.9111:inllx - m,il l 
where x is a sample from the training set CU 111 the step t 

Then the winner and its ncighbors arc modified according to 
the formu la: 

where h c( .r),i is a ncighborhood functi on given by: 

( Jlri - Tc(x) ll 2
) 

h c(x),i - CY.(t)ex;p - 2u2(t) 

where a(t) is related to veloc ity of learning procc s. 
Optimal number of learn ing epochs and SOM size has been 

ca lculated for thi s problem (Fig. I ). The network docs not 
produce definite results of cl ass ification. It ra ther illustrates 
l inks between pattern s hy projecting them onto n-dimcnsional 
plane. After proj ecti on, data has to be decoded aga in in order 
to achieve accuracy or class i fica tion. T his process is done by 
checking the distances between the nearest clusters or data 
around the point being the result of classificati on (Fig. 2). 

Y. EXPERIM ENTS 

Studies have been conducted on 10 birds species. A ll fi les 
have been downloaded from different Internet sources. The 
formal of these files was PCM WAV E with 44 100Hz sampling 
rate. 70% of fil es were used as tra ining, 30~ as testing set. 
Both . et were disj oint. 

There are 3 groups or hirds presented in the Table I. Species 
from these groups arc correlated on a di ffercnl level. t-:or 

THURSDAY, SEPTEMBER 27 • SESSION 2 : AUDIO ?ROCESSING I 

Fi g. 2. An example or SOM process ing. Colored areas represent different 
c lusters (d ifferent bird species). eighborhood urrounding results or classi ­
fi ca tion (111arked here as x) is measured based on eucl idean distance. In a 
presen ted example resu lt docs not overlap with any areas, there arc no clusters 
in the nearest distance or one chcckcred pattern . Because or that. algorithm 
checked the next checked patterns. There arc 1 or lhc111, wh ich belongs to 
blue cluster and one, which represent to brown cluster. Consequently results 
wi l l he classified as blue. 

TA HLE l 
COMMON AND LATIN NAMES Or B IRD SPEC I ES OF T I IE RIRDSONG 

DATAflASE AND T II E I R CORRESPOND ! (; AMOU T OF SYLLABI.ES 

Common name Latin name 
Training 

Tc~t Syll . 
Syll. 

Great Tit Parus major 562 137 
Blackb ird Turdus mcrulc 522 143 
Eurasian uthatch Si lla europca 530 104 
Robin L::rithacus rubccula 543 140 
Thrush Nightinga le Luscinia lusc inia 370 80 
Great Tit Parus major 562 117 
Blackbird Turdus mcrulc 522 143 
Eurasian uthatch Sitta curopca 530 104 
Grey Partridge l'crdix pcrdix 246 62 
Tengmalm 's Owl /\cgol ius runcrcus 277 86 
Common Swift /\pus apus 555 83 
Wild Duck /\nas platyrhynchos 403 65 
Common Cuckoo C'uculus canoru~ 330 82 
Grey Partridge Perdix perdix 246 62 
Tcngmalm·s Owl /\cgo liu~ funcreus 277 86 

example the first group consists of birds, whose sounds arc 
in high correlati on (only from Passcri formcs order). Thus, 
class ification of birds from the fi rst group could he more 
problemati c in relation to other groups. 

In order to prepare data for class i fi cation, signa ls were 
processed according to the algorithm presen ted in (I 'ig. 3). 
T he fi rst step - preprocess ing, prepared the signal for fea tures 
extracti on. A fter that different features were calculated. The 
process or classi fica ti on was divided into two stages: learning 
(leaching SOM cl assi fier and crea ting a code book for kNN) 
and lcs ti ng i tscl r. 

A. Preprocessing 

The goa l or preprocess ing is adaptati on and simpl ification 
of the signal for further analys is. It is divided into three steps : 
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1--' ig. J. A lgorithm for processing audio files. Experiments have been 
conducted on } different groups of birds species. 

filtration , normali zation and wavelet decomposition. The aim 
of filtration, done by the use or band-pass filter, was to remove 
higher frequencies. 

After fi ltration data were normali zed. The goal of nor­
malizati on was to eliminate the influence of the amplitude 
from the further analysis. Different amplitudes may be the 
result or various conditions during signal registrati on. In thi s 
study signal was normalized to fit [- 1, l] va lue interval. 
Unfortunately normali zation also decreased distances between 
classes. However, thi s was a necessary step, before proceeding 
lo the next stages. 

After normalization wavelet analys is was used for signal 
de-noising. N oise usuall y comes from recording apparatus, as 
well as from the environment. The first step o f the method 
is decomposition. After selec ting its level L and the type 
or wavelet function s, signal is di vided into L decomposition 
levels according to the equation : 

j = l k k 

where: 
cpL(t) is a scaling function or the £- level, 
, ;J(t) for _j = l , 2.,,L are wavelet functi ons for the L levels. 

B. Division info syllables 

The definition of sy llabic is a problem in phonetics and 
phonology of human speech. This problem becomes even 
greater when it comes to birds. Therefore one or the biggest 
challenge or thi s study was sy llables ex tract ion . Physica lly, the 
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Fig. 4. Di vision into sy llables algorithm 

syllable is de11ned a. a segment which has higher intensity than 
its ncighborhood. In thi s paper, following considerations arc 
based on the signal Lime domain. 

Division into sy llables was divided into three parts. The 
fir t part was approximation , which reduced the noise and 
dimensionality of signal samples. After that local maxima 
and minima were designated, based on the gradient or signals 
polynomial approx imati on. 

The sy llables were clustered between two ncighboring min­
ima and usually had one max imum. However if a time period 
of a sy llable was to small or differences between extrema were 
to low (what means, that thi s observation is a part or the same 
sy llabic) , it was added to the previous syllabic (Fig. 4) . 

Values or factors in thi s algorithm have great influence on 
class ifiers performance. At the beginning the va lues o f factors 
were establi shed ba. ing on the observati on or the sys tem, and 
after that, fac tors were optimi zed basing on the highest results 
of accuracy. 

A ll the research and analys is was can-icd out on isolated 
sy llable ' . Timing and sy llabic spectrogram arc presented in 
the Fig. V-B. 

After automatic divi sion the features were ex tracted and 
clusters have been class i11 cd. Duri ng classifi cati on the method 
described in the prev ious section have been used. 

C. Results 

The class ification accuracy for di ffcrcnt fcaLUres shows that 
spectral fea tures arc the bes t for ABR Lask (Table II ). 
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TABLE II 
CJ ./\SSll :IC/\T ION ACClJR./\CY (CA) FOR SEl .1--:CTl :D 1:1:/\TlJR"S 

Feature nallle 
PLP (Perceptual Linear Prediction ) 
LPC (Linear Predictive Coding) 
MFCC (Mel Frequency Cepstral 
Coeffi c ients) 
Histogralll 
Formant 
Antyfornwnt 
Handwidth 
Duration 
FF (i'"unda111ental Frequency) 
PSD (Power Spectrulll Densit y) 
Sum or rcatures 

CA( %) 
79.89 
74.6 

80.42 

51.41 
46.82 
16.77 
26. 19 
21.28 
27.78 
21.8 1 
89.95 

Table Ill presents the results or accuracy or c lassifiers 
for different birds species. One can observe that some birds 
species provide hi gh classification accuracy, no matlcr lo 
which group they were assigned to (Euroasian Nuthach , Teng­
maims Owl) . This means that the sound or those birds di ITcr 
significantl y from others in a particular group. One can also 
observe correlation between results accuracy and the ra ti o of 
training sy llab les lo test syllables. At thi s point it is worth 
to note that a JO% or liles were designated lo test co llec ti on 
and not JO% or sy llables. That is why the amount or hird 
syllables is different. or course, if the number or training 
syllables was greater then test sy llables, the accuracy could he 
higher. This regularity can he seen while comparing Eurasian 
Nuthatch (510 training sy ll. , I 04 test sy ll. ) and Hlackhird (522 
training sy ll. , 141 test sy ll ). 

YI. DISCUSSION 

Achieved results arc relatively satisfactory. It is di rficull 
to exactly compare different works, because accuracy or 
classification depends greatly on the type or audio lilcs and 
compared bird species. ll is usually not a problem to identify 
birds, which sounds differ greatly, the problem is with simi lar 
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TAHU-: Ill 
CJ./\SSl l·IC/\TION /\CTl/R/\CY OF HIKDS SPFC ll :S H)R 2 IJIFl ·l-:l{ l·:N f" 

CL/\SSIFIJ-:RS 

Cnlllmon nallle ( : Ak NN ( 'Yi ) ( ' ; \ _<,'() J\ I ( '1, ) 

Gi·eat ~ 59.85 43.79 
Bl ackb ird 43.16 30.07 
Eurasian uthatch 70_ I 9 61.54 
Robin 3 1.43 I 5.00 
Thrush igl11 i11ga le 57.5 21.25 

G reat Tit 59.12 37.96 
Bl:1ckhird 44.06 16.36 
Eurasian Nuthatch 73.08 59.62 
Grey Partridge 66. 12 4CU'.2 
Te ng111al111 \ Ow l 96.51 89.51 

C o111111011 Swif"I 90.36 85 .54 
Wild l)uck 91.85 73.85 
Co 111111011 C uckoo 85.37 54.88 
G rey Partridge 80.(i5 58 .06 
Trng111alm\ Owl 97.67 86.05 

--

hird sounds (e .g. from the I sl group). Results show that hi ghest 
accuracy was achieved hy the Jrd group, in which sounds or 
hirds species differ emphaticall y. 

There arc unfortunately a few disadvantages or the system. 
Firsl one is connected with the automatic sy ll ab les segmen­
tation algorithm - the system has low immunity for va rious 
interferences. There may be a problem, when identifying hird 
sings on the same time with others. This problem can he 
considerab le because birdsong is almost always connected 
wi th others (hirds answer to each other). 

Another problem is connected with va lues or various pa­
rameters in automatic sy llables division algorithm. They were 
assi gn experimenta ll y. One of the solution could he improving 
the algorithm hy automatic adjustment or va lues of these 
coefficients basing on the information ahoul expected group 
or recorded birds . 

VII. CONCLUSfONS AND FUTURE WORK 

In this article, the results of hirds class ification , based on 
their sounds have hccn presented . An automatic algorithm for 
division or hird sounds into sy ll ab les has hecn developed . 
Classification has hcen made using strictly selected features 
and 2 di ITcrenl classi ficrs . Tests have hecn made on rea l 
environment data sets. Mean accuracy of classification was 
69,94 % for kNN and 52,92 % for SOM class ifier. The 
hi ghest accuracy has hecn achieved using MFCC features. The 
accuracy of classifica1ion depends mainl y on the type of data 
sets, hut also on used descriptors and classifiers. 

Hcst results were achieved with kNN class ifi er. The research 
also shows that results arc correlated with the similarity of the 
hirds sounds . The experiments confirm that hi gh accuracy in 
fully automated systems for ABR is possihlc, hut not easy to 
achieve. 

Future work wi ll focus on adapting this system for handhcld 
devices like ce ll phones or palmtops. These actions will he 
connected wi th optimalization or the al gorithm in terms or 
speed or ca lcu lation and memory usage. Also a procedure, 
wh ich wi ll contrive with some dinicultics mentioned in di s­
cussion section, shou ld he developed . 
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New features, which arc not connected to spectral con­
struction of syllahlcs, should he also tested. Descriptors from 
nonlinear dynamics, like fractal dimension or shapes of at­
tractors can serve as an example of such features. Also 
additional features, extracted from phrases and songs, which 
show connections hctween syllahles could he used. 
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Estiination of Interaural Tiine Difference froin 
Measured Head Related IInpulse Responses 

Michal Pee 
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Emai l: michal.pcc ,ugmail.com 

ABSTRACT - A novel approach to estimation of the Interaural 
Time Difference (ITD) from the measured Head Related Impulse 
Responses (HRIR) is proposed in the paper. An innovative appli ­
cation of the cross-correlation function that is estimated for im­
pulse responses corresponding to adjacent sound arrival directions 
makes the presented method robust and immune lo inherent noise 
components occuring in the measured HRIRs. 

I. I NTRODU TION 

Head Related Impulse Responses arc claimed to code all 
sound filtering phenomena responsihlc for spatial hearing in 
humans 111. Because, however, HRTRs strongly depend on per­
son 's anatomy (pinnca, head and torso) individual character­
istics need to be measured, typically in an anechoic chamber. 
The person under measurement has small microphones placed 
in each car cana ls. Then wide-hand sound sources arc gener­
ated from different patial locations surrounding the listener. 
Microphone re. ponscs to these sequentially generated sounds 
arc recorded separately for left and ri ght ear as HRTR,,({;} , <p), 

HRIRn({;}, <p), i .e. impulse response functions parametrized in 
two angles defined in vertical -polar coordinate system Pig. I , 
where O is the azimuth and <p is the elevation angle. The 
widely used term Head Related Transfer Functions (HRTF) 
are the Fourier transforms or the corresponding HRTRs, and 
provide information on anatomy related pcctral modifi ca tions 
or sound harmonics hcforc they reach the li stener's eardrums. 

II . ITD ESTIM /\T IO 

HRlRs associated with a unique sound arrival direction 
arc typica lly implemented a. a cascade of a delay line and 
a minimum phase filter. In such a liltering . cheme accurate 
estimation or the lntcraural Time Difference is essential. lTD 
is the difference in arrival time or a sound wave hctwccn the 
left and the ri ght car. Thi s time difference depends on the 
ound arrival direction idcntilicd by azimuth (&) and elevation 

( r.p ) angles. 
A number of methods for ca lculating or lTDs from 

mea ured HRIRs were proposed. In the intcraural Cro. s­
Corrclation method the ITD is estimated as the lag or the max­
imum in the cross corre lation function for impulse responses 
of the left and the right car 141 . A computationally simpler ap­
proach is used in other methods, e.g. in 151, in which the sound 
arrival time delay is first estimated for each car hy comparing 
the corresponding HRIR samples to a predefined threshold 

Pawd Strum iHo 
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b"i g. I . A verti ca l-polar coordinate system 

( 15 9'< or max imum HRTR amplitude is typically used) and then 
the time difference between the two delays is taken as the ITO. 
ITD can also be computed from HRTR phase characteri sti c. 
Fitting a linear function to a phase of the HRIR or like reported 
in f 61 to the excess phase (i .e. phase or all-pass component 
obtained from minimum phase reconstruction) is employed. 
However, the outlined approaches that arc commonly used 
for ITD estimati on may give wrong results under parti cular 
conditions. The correlation ba. cd methods can yield inaccurate 
estimation due to very different HRlR shapes for the left and 
the ri ght car for some angles (e.g. due to sound hadowing by 
the li steners head at angles close to ± 90°). Exemplary pair 
or HRIRs for . ource pos ition (B, ) = (90° 0° ) is shown 
in Fig. 2. M ax imum or cros. -correlation function deri ved for 
such impulse responses may not indicate real time delay. 

A lthough the acoustic conditions during the measurement 
arc nearly anechoic, some rcncctions rrom elements or mea­
surement apparatus or li stener's body may innucncc recorded 
impulse responses. Such situation is shown in Pig. 1. 

Appl y ing threshold-ha. cd ITD computation method lo such 
noi. cd impulse rcspon. cs may give unreliable cstima1ions 
because the threshold va lue is crossed prematurely. On the 
other hand ir such noi se is removed using band-pass filt ering, 
linearity or HRI R phase in parti cular frequency range may be 
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Fig. 2. HRIRs for left (solid line) and ri ght (dashed line) ear for sound 
source positi on (B , ) = (90° , 0° ); note a delay in the onsets of the impulse 
responses of approx. 0.6 ms (J s = tltllOOl) 
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Fi g. 3. Exemplary noised Head Related Impulse Response 

lost which causes phase-based ITO estimation methods fail. 
Values of ITD can be also calculated basing on the anthro­

pomctrical features using the so called Woodworth 's formula 
l7l In thi s approach to ITD estimation , a s implified (spherical 
or e llipsoidal) model of li stener's head is used to calculate 
the difference of the paths lengths from a sound source to 
left and right car correspondingly. Thi s method, however, 
requires conduction of precise measurements of the anthro­
pometric features of the li stener. Consequently, the HRIR 
acoustic measurements must by accompanied by additional 
non-acoustic measurements which lengthen the procedure and 
can he a source of additional e rrors in ITD estimation . Authors 
experienced the indicated problems with lTD estimation from 
HRIRs, thus decided to search for a more robust and accurate 
rTD estimation method. 

Ill. THE PROPOS ED TTI) ESTIM AT ION M ETHOD 

The proposed lTD estimation method employs the cross­
corre lation function of the HRIRs which is computed for the 
same ear and the adjacent sound arrival directions. In such 
a way a map of elementary time differences can he built. 
The Elementary Time Difference (ETD) is defined here as 
the difference in sound wavc 's arrival times for two adjacent 
e leva tions. By appropriately summing up consecutive ETDs, 
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sing le ear time delays for any direc tion can be obtained. 
Individual fTDs can be calculated by subtracting the ri ght­
ear time delay from the corresponding left-car time delay. The 
advantage of thi s s imple, yet effective, [TD estimation method 
is that the cross-correlation function is estimated for impulse 
responses of s imil ar shape waveforms. Exemplary pairs of 
HRIRs for adjacent sound source 's positions for left and right 
car correspondingly arc shown in Figs. 4 and 5. 

02·~ - ~--~ --~ ---.-- - ~-- ~-~ 

0.1 

0.00 

--0.o> 

--0.1 

-0. 1~ 

40 80 100 no 140 

Fig. 4. HRIRs for left car for two sound sourcc·s positions: 
(0, cp ) = (60° , 45° ) - solid line - and (0, cp ) = (60° , :{6° ) - dashed line 
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Fig . ."i. HRIRs for ri ght car for two sound source·s positions: 
(0, cp ) = (n0° , 15° ) - so lid line - and (B , cp ) = (60° , Jfi0

) - dashed line 

A method based on a similar scheme was proposed in 
18], hut in our opinion the earlier reported method is more 
complicated computationally and insufficiently documented. 
The HRIR set for which the ITD is to be calculated should 
fulfill the two requirements: 

• direction. for which the HRIRs are measured arc g iven 
in a grid defined in a vertical -polar coordinate system 
shown in Fig. I. Two ang les: azimuth(€}) and clcvation(cp) 
specify a sound source 's angular location. 

• the HRIRs arc measured for elevation ang le cp = 90° 
(strai ght above the head) for which the ITD i assumed 
to he 0 . 

Block diagrams or the proposed a lgorithm for ITD estima­
tion arc shown in Figs . 6 and 7. 



START 

el= 0 
3Z = 0 

irl=HRIRiaz. ell 
ir2=HPIP(az. el+l) 

U psample wnpul,e responses 

Calculate aoss-correlat,on 
function of each pair of 

impulse respaises 

Find ma""ma 
of cross-conel.t.lon funcbcns, 
subtract from their indexes 

the length of impulse response 

Store calculated values 
n ETD under nde" [az, ell 

Increment el 

lncren1ent az 

el = 0 

Perform 2D fib,·ng of ETD array 

STOP 

Fig. 6. ITD calculation algorithm - part I 

For a clearer explanation its description is divided up inlo 
lhe lwo following parls: 

• compulalion and processing or ETD 
• computation of lnlcraural Time Difference 

Yariahles: el and az in lhc diagrams arc actually integer 
indices or consecutive elevation and azimuth angles. The only 
exception from lhis scheme occurs in Fig. 6 in lhc third 
topmosl hlock where impulse responses arc hcing picked to 
analysis. Since IIRIR is a function of azimuth and elevation 
angles, in this operation el and az acl as parameters of a 
function, which is denoted hy round hrackcts. Elevation index 
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START 

el = 0 

•z = 0 

tdl[el]=O 
tdRI •H=O 

Increment el 

tdl[el]=tdl..[el-1] + ETD L[az.el] 
tdR[el] =tc*>[el-1] + ETD-:_R[az.ell 

ITD[az.el]=tdL[el] -tdR[el] 

Increment a2 

el = 0 

STOP 

Fig. 7. ITD calculation algorithm - pa11 11 

TAHLE I 
21) I.OW-PASS l·I Lll'K COEH·I( 'I ENTS 

0.0357 0.0.157 0.0357 

0.0357 0.714.1 (l.()357 

(l.()357 0.0.157 0.0.157 

cl -= 0 corresponds lo source position slright above listener's 
head. 

Up-sampling applied lo impulse responses ensures an im­
proved resolution of the estimated ETDs. In the reported 
method, correct estimation of each ETD is critical. Every 
single error made in calculating lhc cross correlation affects 
lhc final ITD value for the successive elevations. Low-pass 
filtering applied lo 21) arrays of ETDs is nol necessary, 
hul significantly reduces the influences of possible cslimalion 
errors due lo noisy or inlcrlcrcd impulse responses. < >n lhc 
other hand, filler transition hand musl he nol too sharp, hccausc 
il may influence the value of ITD. Filler cocrticicnls used for 
EDT smoothing arc shown in Tahlc I. 
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IV. R ESULTS 

Validity of the proposed ITO estimation approach was 
evaluated by compari ng it to other earlier proposed methods. 
HRJR sets for which ITDs were estimated were measured in 
an anechoic chamber using the system owned by the Technical 
Universi ty of Lodz. The measurement set-up and the adopted 
procedure were described in a more detail in r:n HRIR record­
ings were performed with 6.() = 10° azimuth and 6. c.p = 9° 
elevation resolution. The two fo llowing methods were used for 
comparing earlier reported ITO estimation techniques to the 
one proposed in thi s work : 

• Comparison or smoothness or 2D surfaces or ITDs 
indexed by azimuths and elevations in graphica l and 
numerical way - thi s allows to evaluate method robustness 
against interferences occurring in the measured HRlRs. 

• Compari son of ITD values derived with proposed and 
earlier reported methods. 

A. Smoothness analysis 

Pigures 8 - I I show values of ITDs for a sample HRIR set 
e. timated with the compared methods. ITD is shown in a form 
or 20 mesh plot indexed with azimuth and elevations. 

r ig. 8. ITO estimated using the interaural cross-correlation method (e levation 
and azimuth angles are given in degrees) 

Fig. 9. ITD estimated using the impul se response thresho lding 

ITD es timation results obtained by the interaural cross­
correlati on method arc shown in Pi g. 8. Note a number of 
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Fig. 10. ITD estimated by the linear HRIR phase fit method 
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Fig. I I . ITD estimated using the proposed method 

larger vanallons in the estimated TTD values for azimuths 
close to - 90° and 90° where the HRTRs for left and ri ght 
ear significantly differ due to the shadowing of one of the 
ears. ln Fig. 9 , which shows results obtained for the impulse 
response thresholding method, a number of incidental errors 
occur. These errors might be due to noi se components in the 
measured HRTRs. A few errors occur also in Fig. I O, in which 
the ITD va lues arc estimated by means of linear HRlR phase 
fit over a frequency range from 500 to 2000Hz. Note that ITO 
estimation results obtained by usi ng the proposed method y ield 
the most even surface in comparison to the earlier proposed 
methods (Fig. I I ). 

f n order to allow for objective comparison of smoothness 
or ITD we propose the smoothness measure basing on energy 
of the first dcrivate in azimuth and elevation domain. The 
proposed measure is given by the following equation : 

"""' """' I 2 """' """' I 2 Srn = LLITDaz + LLITDct ( I ) 
d az az r>l 

I . I 

where IT D d and IT D az arc the gradients elevation- and 
azimuth-wi se of the 2D array of ITD va lues. Table shows the 
va lues or such measure ca lculated by means of the discussed 
methods for three exemplary HRIR sets. The smoothness 
parameter was ca lculated for ITD given in mili seconds. The 
lower is the va lue of thi s measure the smoother the data is. 



TARLE II 
COMPARISON or SMOOTHNESS OF ITDs ESTIMAIHI> BY Al'l'LYIN(; 

llll·l•ERENT METIIODS 

HRIR Smoothness Smoothness Smoothness Smoothness 
set (the (interaural (threshold (linear phase 

proposed cross- detection fit method) 
method) correlation method) 15] 161 

method) 14] 

I 3.21 4.51 4.78 5.4 

2 3.81 4.62 4.55 4.6 

3 3.15 3.98 4.45 4.25 

TABLE Ill 
VALUES OF AVERACil'.1> DIFFERENCE OF (TI) VALUES, STANOARD 

llEVIATION OI• DIH'ERENCE AND ROOT MHAN SQUARE[) ERROR FOR 

TIIREE HRIR SETS 

HRIR Average Standard Root Mean 
set difference of deviation of Square error 

ITD !ms] difference 

I 0.016 0.033 0.037 

2 -0.()()6 0.023 0.022 

3 0.0 I 0.026 0.033 

B. Comparison of /TD values 

Values of the Intcraural Time Difference calculated by 
means of the proposed method were compared to values 
of ITD obtained using cross-correlation, thresholding and 
linear phase fit methods. Since ITDs given by those methods 
may contain incidental errors due to phenomena mentioned 
in section II, the authors have decided to use median of 
ITU calculated with classical methods for all directions as a 
reference to test new method. Performance of the proposed 
method was evaluated by means of the following quality 
measures: 

• averaged difference of ITD values 

- } N 

E =NL (ITDr<'J(i.) - fTDn<'w('i)) (2) 
i=I 

• standard deviations of differences 

(T = 
1 N - 2 NL ( (IT DrcJ(i.) - IT D 11 1·w(i.)) - E) (3) 

is I 

• root mean square error 

R!vfS'c = 
l N NL (ITDreJ(i) - fTDncw('i)) 2 (4) 

i=I 
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Values of these quality measures calculated for the consid­
ered three IIRII{ sets arc shown in table Ill. 

Values shown in tahlc III indicate some discrepancies be­
tween ITD values derived with the proposed method and the 
previously reported ones. However, these differences should 
not he alarming, if we keep in mind the susceptibility of the 
earlier documented methods to noise and other interferences. 
Deviation of results obtained with the proposed method should 
not exceed 2 samples for a sampling rate f.<; = 44100~ that 
was used for the HRIR measurements. 

V. CONCLUSIONS 

A novel approach to estimation of Interaural Time Differ­
ences that is important in spatial sound reproducing techniques 
was proposed. The method reported here outperforms other 
commonly used methods in terms of computation simplicity 
and robustness against incidental interferences and noise com­
ponents present in the measured HRIRs. 
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ABS1'RAC1' - It is often believed that sinusoidal as well as sinusoidal 
plus noise modcling is not capable of delivering high audio quality for 
complex signals such as wideband music. We identify the key sources 
of modcling artifacts in sinusoidal modcling systems and demonstrate 
a hybrid system that offers near transparent quality of reconstructed 
audio, thanks to application of a dedicated transient model, an accu­
rate parameter estimation method, an advanced tracking algorithm 
and a warpcdfrequency spectral model of noise. 

K1:YWORDS - audio analysis/synthesis; sinusoidal model; estimation; 
transient modeling; noise modeling 

I. INTRODUCTION 

Sinusoidal model (SM) and hybrid sinusoidal t noise 
model (HSNM) arc both well-established frameworks for 
signal analysis, transformation and synthesis, as well as 
enhancement, source separation, recognition, and data 
compression [I]. Since its early introduction in late 1980s, this 
family of techniques has been applied mostly for representing 
speech and single instrumental sounds 11,2,3 J. Still, there is a 
common belief that such representation docs not offer a high 
quality reconstructed audio for wideband signals, especially in 
challenging cases, like e.g. complex music with many sound 
sources of wide dynamics and spectra. In this paper we discuss 
and show a solution to several limitations of I ISNM. We also 
present an advanced modcling system that offers a near 
transparent audio quality, i.e. the reconstructed signal is in 
most cases perceptually undistinguishable from the original 
audio, while a compact and meaningful parametric repre­
sentation is achieved, enabling efficient implementations of 
auditory scene analysis, transformations, and data compression. 

Generally speaking, SM consists of several stages, 
including spectral analysis, detection of spectral peaks 
identifying sinusoidal components, parameter estimation of 
sinusoids, and tracking of those parameters across consecutive 
audio frames. In this approach, all signal components arc 
represented by modulated sinusoids, although it may be 
inefficient for signals with a significant amount of noise. 
Hybrid sinusoidal modcling addresses this problem by 
introducing additional modcling components. I lowcvcr, it 
requires a separation of the original signal into sinusoidal part 
and non-sinusoidal part, which may be particularly difficult for 
complex audio. In typical implementations, only certain peaks 

of short time spectrum arc identified as sinusoids (the 
deterministic component), tracked, and synthesized. The 
residual from the sinusoidal part represents the remaining 
spectral energy. This residual (noise component) may be 
modelcd as an auto-regressive random process characterized by 
a time-variable spectral density function and a temporal 
magnitude envelope [3,4 J, 

X(I) ~ t. A, (I) sin ( q,, + 2 rr f J; (t) d + '.'.::,~:.:,:'.::. ( J) 

dclenninistic n,mptmcnt 

II. ARTIFACT SOURCES IN HSNM 

Sinusoidal analysis aimed at detection of spectral peaks 
representing all important tonal components is usually 
implemented on a frame basis, as a short-time Fourier 
transform (STFT) followed by picking salient peaks of 
magnitude spectrum. STFT-bascd sinusoidal analysis is always 
a compromised solution, trading off the accuracy of represent­
ing modulated partials for the ability to capture all low­
frequency partials, which is more important since they usually 
describe fundamental harmonics of many musical sounds and 
exhibit high energy. The problems with STFT arc its fixed 
spcctro-temporal resolution as well as the underlying 
assumption on local stationarity. High spectral resolution 
required for proper analysis of low pitched sounds (sometimes 
below 50Hz) enforces the use of long analysis windows ( I 00-
200ms, i.e. 2 12-i 3 samples if);. = 44.1 kllz) in order to reliably 
resolve individual harmonic partials. Higher frequency 
components in wideband audio often exhibit deep frequency 
and amplitude modulations, and they must not be considered 
stationary within a time window of such length. On the other 
hand, relying on STFT with long and strongly overlapping 
analysis windows usually yields significant pre-echo artifacts 
when analyzing sounds with transients. 

Transients arc relatively sparse, but very important 
elements of sounds characterized by sudden increase of energy. 
Many f<xms of spectral processing of audio have insufficient 
temporal resolution that results in temporal smearing of 
transients, which is easily detectable and usually annoying for 
the listener. Since there is no way to effectively estimate 
transients with highly overlapping STFT frames, it may be 
concluded, that a separate model of transients [ 6 J with transient 
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removal before sinusoidal analysis. as well as transient-aware 
multi-resolution sinusoidal analysis. arc both necessary for 
high quality representation. 

In a typical HSNM system. only spectral peaks representing 
actual sinusoids should be selected for the tonal part of the 
model, and their parameters should be tracked in order to 
establish sinusoidal trajectories. In practice, discerning between 
sinusoidal and stochastic spectral peaks is a challenging 
problem. First of all, the bulk of spectral components observed 
in natural audio is neither purely sinusoidal nor purely random. 
Several techniques for classification of spectral peaks have 
been proposed [7,8], but the general experience is that applying 
such selection is always prone to misclassification and audible 
modcling errors. In our experience, the best verification of 
whether given spectral peak is a sinusoidal one. is if it yields a 
reliable knot of a sinusoidal trajectory as a result of tracking. 
Therefore, application of any peak classification criteria should 
be very conservative in order to avoid rejecting weak 
sinusoidal partials which may be obscured by noise. 

Accurate partial tracking is probably the most challenging 
problem in IISNM, because the goal is not well defined and it 
depends on particular application. For example, too fragmented 
trajectories resulting from too conservative connection rules 
yield a model that is inefficient in terms of data compression. 
Conversely. long and continuous trajectories obtained by 
excessive linking of partial data representing actually different 
sources may result in significant errors in source separation. In 
our experience, simple tracking algorithms [2,31 arc 
inappropriate for modcling of wideband music because of not 
taking into account the wider temporal context of established 
connections and because of too simplified connection criteria, 
depending mostly on absolute frequency difference and not 
reflecting deeper modulations observed in upper harmonics. 
Trajectories obtained from a simple tracking algorithm arc 
usually fragmented and chaotic. A signal synthesized from 
such a model is inferior in quality due to many audible 
discontinuities of partials which cannot be easily masked by 
applying a smooth fade-in and fade-out to segments at 
trajectory endpoints, since such amplitude modulation 
introduces a significant spectral distortion. For the sake of 
preserving the continuity as much as possible, tracking based 
on various forms of adaptive prediction is preferable in high 
quality HSNM. 

I landling the non-sinusoidal component by a separate 
model requires obtaining the residual of SM as clean and free 
from unwanted sinusoids as possible, because otherwise the 
residual spectral model tends to compensate for their energy, 
and the amount of noise becomes overestimated. The residual 
may be derived as a time-domain difference between the 
original signal and the synthesized sinusoids l 2 ], or through 
spectral subtraction [3]. The first option requires an accurate 
estimation of partial parameters, as well as phase-coherent 
synthesis. The latter option is more tolerant to estimation 
errors, but it usually yields the power density spectrum being 
underestimated. 

Spectral modcling of the residual, interpreted as a random 
noise, is often implemented in a form of auto-regressive 
modcling, or linear prediction (LP). Unfortunately, this popular 
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technique l 1,3,4 J is not well suited for modcling colorcd noise 
components in wideband music, because of its frequency 
resolution being uniform in a linear scale which docs not match 
the non-uniform resolution of human car. Hence, an LP model 
of reasonable order is very inaccurate in the low frequency 
range while it is unnecessarily accurate in high frequencies. 

Ill. SINMOD TOOLBOX 

A hybrid sinusoidal modcling system has been developed 
for dealing with wideband complex music signals in the 
HSNM framework. The software implementation in a form of 
a Matlab toolbox is freely available for non-commercial 
applications at http://www.multimcdia.cdu.pl/audio _rcsearch/. 

It has been verified through a number of blind listening 
experiments, that this system offers a near transparent quality, 
1.c. the reconstructed audio is perceptually nearly 
undistinguishable from the original music recording. The key 
elements that contribute to this high fidelity arc: 

• a dedicated transient model, with transients re­
synthesized and removed from the signal prior to 
sinusoidal analysis, 

• multi-resolution sinusoidal analysis for detection of 
both low frequency dense partials and deeply 
modulated higher frequency partials, 

• adaptive prediction-based partial tracking for creating 
long, continuous and meaningful trajectories, 

• post-processing of sinusoidal trajectories to cope with 
overestimation and fragmentation of trajectories, 

• accurate sinusoidal parameter re-estimation once tracks 
arc established, enabling accurate and phase-coherent 
synthesis, 

• a noise model with frequency resolution corresponding 
to the resolution of human car. 

These elements will be discussed in the remaining part of 
this paper. 

A. Modeling <?/transients 

Before transient modeling, a reliable detection is to be 
performed. Popular transient detection techniques arc based on 
thresholding of certain audio features, like local energy or 
spectral flux. In the HSNM system proposed here, a complex 
spectral domain prediction (2) is employed [9] for detecting 
sudden changes of signal short-time amplitude and phase 
spectrum, usually associated with discontinuities, note onsets, 
or short bursts of energy accompanying transients, 

K 

11 { m) = L J X k ( m) - X k ( m )j , 
k-1 

(2) 

where Xk(m)=IXk(m-l)lcxp[j2<pk(m-J}-j<pk(m-2)] isa 

complex-valued prediction of a DFT co-efficient Xk(m) based 
on two previous frames, m-1, and m-2. 

The detection function ri(m) as proposed in [9] is correlated 
with signal magnitude, therefore an adaptation to local signal 



dynamics is nccc ary for reliable detection. A decision process 
with an adaptive hysteresis is used here. The lower and upper 
thresho lds are dependent on local mean and median values of 
11(111). Furthermore, in order to avoid false alarms on pure noise, 
transient detection is enabled only when signal amplitude 
exhibit. a significant local peak . 

For transient modeling, a simple model of damped 
inusoids sharing a common amplitude envelope is adopted 

from [ I O] . In the first step, a parametcrizcd envelope model (so 
called Meixner function) is fitted to the magnitude of the signal 
within a short rectangular window. Subsequently, a set of 
inusoidal modulating components is iteratively detected based 

on FFT analysis of the original signal windowed by the 
envelope determined in the first step. Finally, the phase of each 
sinusoid is estimated using a least-squares fit. 

The procedure results in a set of data consi ting of three 
envelope parameters, identifying the position, attack time and 
decay time of each transient, a well as frequencies, amplitudes 
and phase of each of the modulating sinusoids. The signal 
ynthcsizcd from these parameters matches the original 

waveform and may be subtracted in time domain re ulting in a 
conditioned ignal that i better suited for sinusoida l analysis 
(cf fig. I). 

-1.5 

-21---+-----------------------~ 

-2.5 

7.5 8 8.5 9 9.5 
4 

X 10 

Fi gure I. Example of transient synthes is from parameters (bollom) and the 
signal arter transient subtraction (middle) from the original signal (top) . 

B. Multi-resolution sinusoidal analysis 

Accurate detection of spectra l peaks representing partials in 
the dense range of very low frequencies as well as detecting 
deeply modulated partials in the more sparse range of upper 
frequencies ca lls for multi -resolution spectral ana lysis. The 
propo cd H NM system employs a traditional structure of 
subband decomposition followed by FFT transform of different 
resolutions suited to particular signal properties in each 
subband. For practical reasons, the number of subbands is 
limited to three. The configuration (splitting frequencies and 
transform block lengths, N) is experimentally optimized by 
calculating the modeling error for a range of signa ls with all 
reasonable combinations of cttings. Listening tests indicate, 
that the best configuration found in this way (table I) also 
offers a be t subjective quality of modeling. In all resolutions, 
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con ccutivc analy, i frames arc trongly overlapping and 
advanced by 6 or I 2ms. 

TA13LEI. M Ul.l'l -R l·SO l t JT IO /\ /\1.YS IS SH I' 

Subbaml Freq11e1n:r range Suh.rnmpling FFT length, 

201 I/ JI OIi / (14 : I 16384 (256) 

2 J I OI I;, 24801 I/ 8: I 2048(256) 

J 24801 l z - 20kl I /. 1024 

Transient detection and removal before sinu oidal analy i 
effectively reduces pre-echo in case of impulse-like transients, 
however there is still a po sibility that high window 
overlapping yields pre-echo in ea c of step-like transients. 
Therefore, a special pre-process ing is applied for analysis 
windows marked as containing a transient in their second half. 
In such a case, the sequence of samples starting from detected 
transient position is replaced by a predictor output based on 
previous samples (fig. 2). A high-order (e.g. p 500) auto­
rq,,rrcssivc (LP) model is trained on data samples preceding the 
transient, and a sequence of zeros i passed to the input of the 
LP predictor while preserving it inner state after proccs ing 
those original samples. The prediction , ignal partially replaces 
the original signal. This allows to avoid detection of new 
sinusoidal partials related to transient in frames preceding the 
actual transient po ition. 
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Fi gure 2. Example of' step-like transient removal. In the case of a transient 
loca ted in the second half of the analys is window, the ori ginal signal (top) is 

replaced by the output or a hi gh order predictor (bollom) . 

Sinusoidal partials arc detected by applying the standard 
peak picking procedure to the magnitude spectrum in each 
frame. Optional peak selection may be performed in order to 
avoid estimation and further tracking of partials which arc 
inaudible. Fort thi s purpose, all peaks fal ling below the 
frequency dependent absolute threshold of hearing arc rejected. 
furthermore, a small clearance zone (e.g. I 01-l z) is defined 
around each detected peak. Peaks of magnitude lower than 
I OdB w.r.t the maximum peak within this zone arc rejected as 
well. 

Estimation of partial frequencies, amplitudes and phase is 
based on the ML method with quadratically interpolated 
rouricr transform and takes into account the shape distortion of 
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spectral main lobes related to frequency and amplitude 
modul ations [ 11 ]. However, the proposed HSN M system is not 
fi xed to any particular estimation method, and other methods 
may be used as well. 

C. Adaptive tracking 

The tracking algorithm is a result of an cx tcn ive 
development. It applies a carefull y chosen set of criteria for 
finding track continuations in a collection of spectra l data. The 
most important technique employed here is an adaptive 
predicti on which i much more success ful in tracking of 
modul ated sounds than any simple technique taking into 
account only the abso lute frequency difference of parti als. An 
LP predi ctor is capable of learning the character of ty pical 
vibrato and tremolo from the beginning of the note and 
accurately predicts its fu1ihcr evolution [ 12]. Its application is 
motivated by the observation that pitch and intensity variations 
in many natural sounds arc related to the motion (rocking or 
swinging) of player's hand which in tum may be characteri zed 
by certain mechanical resonant modes. 

For each trajccto1y defin ed by a sequence of parameters ij;, 
Ai}, the continuation is calculated from its existing evolution 
with a standard LP prediction equation, 

For all data points ava ilable in the current frame, a degree 
of frequency and amplitude matching '"A. is ca lculated by 

{ ~. }- . { _ I .l" - .t:11 I } , "'1 Im, Ill - mtn I max .t:11 ' 0 
(4) 

where 6 [, = max {8 1· max. m / . m, r } [Hz] , and 

( ~ )- . { I ,4111 - Am I } AA Am , A111 - mtn I -
6 

~ A , 0 
rnax A,,,, m 

(5) 

where 6 (A A )- {6' 11 
rnax m' m -

A 

~ 

Am 2 Am 
[dB] · ~ 

Am < A111 

The above measures arc normalized in the range of <O, I>, and 
related to predefined thresholds (6.f; '6.f; 'A, 6 -A) that all ow to 
contro l the sensiti vity of the algorithm. 

Note, that for the max imum change of frequency 6rnax.f; 
both abso lute difference limit ( /) and relati ve difference limit 
(8/) is considered (set approx imately to 30Hz and 3%, 
respecti vely). This is a crucial modifi cati on w. r. t. the ori ginal 
algorithm [2], and all ows to properly cope with freq uency 
modulation depth increasing fo r high-order parti als of a sound 
spectrum, while taking into account the typical accuracy 
limitations of frequency estimation whi ch is a part of sinuso idal 
analys is. On the other hand, fo r the max imum amplitude 
change max A, separate limits arc defined for amplitude 
increase ( 'A) and decrease (6-A), typically in the range of 6 to 
20 dB. The joint degree of matching is ca lculated as A=('"A.r '"A.,1t. 
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Connections arc made according to a greedy rule, i.e. best 
matching pairs arc connected in the first order, and a 
connection is fo rbidden fo r '"A.=O. 

Other track continuation methods may be used optionally, 
such as the first order, non-adaptive prediction, where aFO for 
,> 1, or a linear trend-based prediction in log scale of frequency 
and ampl itude. In such a case, the algorithm re orts to 
alternati ve criterion when the bas ic criterion docs not fi nd a 
matching data poin t. The last resort is generating zombie points 
that help to bridge connections over a number of frame with 
mi ss ing data. A sequence of limited number (e.g. 2 or 3) of 
successive zombie points is all owed in each trajectory by 
simply using the predictor outputs fo r /,~, and A111 , respective ly. 

D. Merging of trajectories 

The tracking algorithm creates trajectories progress ively, 
from prev ious frame to the current frame, in the direction of 
time. This strategy may result in mi ss ing connections, due to 
bad initializati on of the predictor (3). Furthermore, in certa in 
conditi ons, a sequence of alternating values representing a 
modulated parti al yields a creation of several parallel 
trajectories with zombie points instead of one evo lving 
according to the modu lations. An additional post-proces ing of 
trajectories is aimed at increasing the continui ty by merging 
fragmented trajectories a well as absorbing weak trajectories 
by a close strong neighboring one. 
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Fig ure 3. The classes of ne ighboring trajecto ri es . 

The iterati ve trajectory merging algorithm analyses all 
frames in a sequence. A set of traj ectories which end in current 
frame is determined and so1ied according to the energy of 
corresponding sinusoids. For every currently considered 
trajectory (C UR) a list of merging candidates is created. All 
trajectories within a small time and frequency neighborhood of 
CU R arc ass igned a specific class. Six classes are defined (cf 
Figure 3. ): earlier- non- overlapping (E-NO), carli cr- parti all y­
ovcrl apping (E-PO), earlier full y- overlapping (E- FO), later­
shorter (L-S), later- parti ally-overlapping (L-PO) and latcr­
non- ovcrlapping (L-NO). The best possible candidate fo r 
merging i detcm1incd in next step. All L-S candidates arc 
discarded at the beginning, as they arc redundant in current 
iteration. The choice between the re t of candidates is based on 
a degree of matching, which is essenti ally the same as defin ed 
in (4-5), albeit with more conservative limits of / and 
8/( I OH z and I%, respecti vely). For non- overlapping 



candidates, an LP based extrapolation of trajectories is 
calculated for a number of frame in order to dctcm1inc the 
degree of matching on a longer distance. 

The actual process of merging varies depending on whether 
the accepted candidate is overlapping or non-overlapping. For 
overlapping cases, all overlapping knots arc to be combined 
and their parameter need to be recalculated. The new values of 
amplitudes and frequencies arc determined as 

~ ~ ~ A2 r + A21· 
<p = arg{Xk}, / = k.lk ,,,.,,,, 

. A2 + A2 
k m 

(6) 

where X= IX , + X 111 l exp(Jarg{Xk+ X ,,,} ), X k = Ak cxp(j<pk) 

and X ,,, = A,,, cxp(j<p,,,) arc complex representation of corres­

ponding trajectory knots. In case of non-overlapping candidate 
choice, mi ss ing knots arc obtained by linear interpolation of 
amp litude and cubic spline interpolation of frequency va lue . 
An example effect of trajectory merging is hown in Figure 4 . 
It may be noted that this procc results in combini ng a 
equence of broken segments into a long continuous 

trajectory. 
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Figure 4 . Trajectories before (top) and after merging (bottom) . Thin-line 
circles indica te places where the merging was performed . 
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Exampl e hi stograms of trajectory lengths before merging (left) 
and after mergi ng (right) . 
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Fig. 5 show that after trajectory merging the number of 
short trajectories is ignificantly reduced, while the number of 
longer trajcctoric is s lightly increased. The total number of 
trajectories after merging is usually reduced by 40%-60%. The 
advantage of merging is not on ly the reduced complexity of the 
model , but a lso reduced number of discontinuities which arc 
respons ible for potential synthesis artifacts. 

E. Parameter re-estimation 

The additional stage of parameter estimation aim at 
correcting estimation errors, potential artifacts resulting from 
merging, as well as estimating zombie data points. Having the 
trajectories already established, it is possible to estimate the 
amplitudes and frequencies of time-varying s inusoids yielding 
minimum energy of the residual. The re-estimation is 
performed frame by frame. In every data segment ccntcrcd at 
current frame , a least-sq uares so lution to a matrix equation 
J:1 = W r is computed, where 

W = I A,(l)ex~[.i<p,(1)] 

l A1(N)cxp[j<p1(N)] 

A, (l)cxp[j(j), (I)] l 
AK ( N) cxp[j<p K (N)]J 

(7) 

is a matrix of interpolated trajectory samples, f is a vector of 
complex co1Tccting coefficients for all trajectories in the 
current frame, J:1 is a column vector of sample of an analytic 
signal x .. (t) - x(t) j ff {x(t)} , and ,;;, {} is the Hi lbcrt transform . 

The elements off obtained by solving the above equation 
arc used to correct partial parameters by substituting 

(8) 

The choice of the length of cgmcnt N is quite important as 
it affects the accuracy of the technique in time and frequency. 
It is particu larly essential in the low frequency range, where the 
segment shou ld be long enough to accommodate many cycles 
of the estimated waveform. For best results, the set of 
trajectories is divided according to their mean frequency, and 
different segment lengths arc used in each subset. Analysi 
settings shown in table I proved in an extens ive series of 
experiments to deliver the most accurate results. 

F. Noise modeling 

The noise model is based on the frequency warped LP 
technique [ 13]. It is particularly advantageous for wideband 
audio, s ince a proper se lection of the warping coeffic ient 
a llows to achieve a much more accurate estimation of the 
residual spectrum envelope in the low frequency range than the 
traditional auto-regressive (LP) model (cf. fig. 6). 

The residual is analyzcd in consecutive overlapping frames 
of fixed length (e.g. IOms). The warped linear prediction 
coeffic ients arc estimated in each frame as well as the energy 
of the prediction error. During re-synthes is, these parameters 
are used to generate an appropriately shaped random signal. 
Additional HP filter (2 11

d ordcr,J;.=300Hz) and an LP filter (2 11
d 

order, f.= I 2kHz) arc emp loyed for compensating the over­
c. timatcd power density in the very low and very high 
frcqucncic , as shown in fig. 6. 
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Figure 6. Spectra l envelope modcl ing of the origi nal signal (grey) by a 
standard LP model (dashed line) and the WLP model (black) of the same 

order (30). otc the increased accuracy in low frequency range in WLP versus 
an unnecessaril y hi gh accuracy in the high frequency range in LP. 

G. Signal synthesis/ram the model 

The synthcsi procedure is quite straightforward and may 
be perfonncd in any order. Sinusoidal partials arc synthesized 
sample by sample from the amplitude, frequency and phase 
data after linearly interpolating the amplitude in the log (dB) 
scale, and interpolating the phase with a cubic spline 
polynomial [2]. For pitch or speed transformations, pha c data 
needs to be recalculated based on the integral od instantaneous 
frequency . Noise and transient components arc ynthcsized 
from respective data sets and mixed with the sinusoidal part. 

IV. R ECON TR UCTION QUALITY 

The HSNM system described in this paper has been 
thoroughly tc tcd and the recon truction quality has been 
assessed in many experiments. For the purpo c of this paper, a 
blind Ii tening tc t has been organized according to the 
MUSHRA methodology [14]. Twelve subjects participated in 
the test, evaluating in a continuous subjective scale the 
anonymous reconstructed signal against known a well as a 
hidden reference (the origina l), for a collection of music 
excerpts representing various modeling challenges: a solo 
piano, olo harp ichord, a violin+acoustic guitar, a vocal 
quartet, a dynamic pop and RnB music, a choral piece, and a 
symphonic orchc tra piece. The re ults (c f. fig . 7) indicate, that 
in many case the Ii teners could not reliably identify the rc-
ynthesized signal. 
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Fi gure 7. Blind li stening test results: indi vidual items scores arc shown 
with 95% confidence interva ls. 
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The reader may al so individua lly as cs the quality of 
rccon tructed signals by vi iting the project homepage at 
http ://www.multimedia .edu .pl/audio_ rcscarch/. 

V. 0 CLU 10 S 

A hybrid sinusoidal mode ling ystcm that offers a near 
transparent audio quality even for complex and dynamic mus ic 
ha been described in the paper. This high reconstruction 
fidelity is achieved thank to introduction of a dedicated 
transient model , as well a numerous enhancements within the 
traditional inusoidal modcling scheme. The applications of 
thi y te rn include high quality parametric audio coding, 
source separation, pitch and time scale transformations, and 
other pecial effects. 
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ABSTRACT - This paper addresses the problem of tampering de­
tection and discusses one of the methods used for authenticity 
analysis of digital audio recordings. Presented approach is based 
on checking frame offsets in audio files compressed by using per­
ceptual audio coding. This method can be further improved by ap­
plying histogram analysis of modified discrete cosine transform 
spectrum and detection of maximum number of nonzero spectral 
coefficients. 'lhe influence of compression algorithms' parameters 
on detection of forgeries are presented by applying AAC and Ogg 
Vorbis encoders as examples. The effectiveness of tampering detec­
tion algorithms proposed in this paper is tested on a predefined 
music database and compared graphically using ROC-like curves. 

KEYWORDS - component tampering detection, digital audio au­
thenticity, lossy compression, frame offsets, MDCT, spectral coeffi­
cients 

I. INTRODUCTION 

Digital recording authenticity analysis is extremely 
important in juridical proceedings. Recordings may be useless 
as evidence when there is no proof that they arc original and 
they have not been tampered. It is difficult to detect traces of 
montage in the era of digital audio files, due to the fact that 
currently available technologies e.g. free sound editing 
software allow a forger to change the meaning of uttered 
sentences without audible artifacts. Therefore, any tool that 
helps to evaluate digital audio authenticity may be of great 
importance to forensic audio experts. Nowadays, the most 
accurate and commonly used authentication method is based on 
electric network frequency (ENF) criterion [5]. This approach 
utilizes random frequency fluctuations of the mains signal 
emitted by the electric network which arc inadvertently 
induced in electronic circuits of recording devices. Therefore, 
its effectiveness is strictly dependent on the presence of mains 
signal in the recording, which occurs rarely. Furthermore some 
of the aspects of this approach, such as accurate measurements 
of ENF as well as searching and comparing the fluctuation 
patterns with a reference database arc still being subjects of a 
scientific debate [4], [5], [10]. 

Recently, much attention is paid to authenticity analysis of 
compressed multimedia files . Several solutions were proposed 
for detection of double quantization in digital video which may 
result from multiple MPEG compression as well as from 
combining two videos of different qualities [2]. Blocking 

periodicity analysis in JPEG compressed images was also 
investigated according to differences in quantization errors 
between ncighboring blocks [I]. Due to differences between 
audio and picture compression algorithms it is impossible to 
adapt these methods in audio authenticity analysis. Instead, the 
detection of forgeries in compressed audio recordings must be 
based on other mathematical properties. Grigoras described 
statistical tools used to detect traces of audio rccomprcssion 
data to assess compression generation and also to discriminate 
between different audio compression algorithms [6]. Liu et al. 
presented novel approach to detect double MP3 compression 
by extracting the statistics of the modi ficd discrete cosine 
transform (MDCT) spectral coefficients of MP3 signals, 
followed by applying a support vector machine [ 12]. Moreover, 
Huang et. al presented the numbers of small-value MDCT 
coefficients as features to discriminate fake-quality MP3 from 
normal MP3 [9] as well as to perform authenticity analysis [8J. 

The remainder of this paper is organized as follows. In 
Section II a brief introduction to lossy compression is given 
including short explanation of MDCT properties. Analysis of 
spectral components and discussion on frame offsets is 
presented in Section III. Shown in Section IV arc three 
tampering detection algorithms proposed by the author, which 
effectiveness in detection of forgeries will be proven based on 
database of music tampered recordings. Obtained results arc 
discussed in section V. 

II. LOSSY COMPRESSION 

Analyzing lossy compression algorithms, it is worth taking 
into consideration the principles that arc relevant to the 
authentication process, i.e. spectral decomposition and 
quantization. The generic structure of perceptual audio coder 
consists of: (i) filtcrbanks and transform blocks where the input 
samples arc converted into a subsampled spectral 
representation, (ii) perceptual model in which the signal's time­
dependent masking threshold is estimated, (iii) quantization 
block where the quantization noise is masked, (iv) coding 
block, in which relevant information arc packed into a bit 
stream [7]. 

In MPEG Layer 3 (MP3) encoder a sequence of 1152 input 
samples arc poliphasc filtered into 32 frequency subbands. 
Subsequently, Modified Discrete Cosine Transform (MDCT) is 
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app lied to the time frames of subband samples and each of the 
32 subbands is split afresh into 18 subbands creating a granule 
with a total of 576 frequency coefficients. To reduce artifacts 
ca used by time- limited operation on the s ignal, the windowing 
is applied. Depending on the degree of stationarity, the 
psychoacousti c model determines, which of four types of 
window is used [8], [l O]. The Advanced Audio Coding (AAC) 
and Ogg Vorbis algorithms employ only MDCT filtcrbank 
which is switched between resolutions of 1024 and 128 
spectral lines, depending on the stationary or transient character 
of the input s igna l. Moreover, in AAC the shape of the 
transform window can be adaptively se lected between a sine 
window and a Kaiser-Besse l-derived (KBD) window. 
Afterwards, the spectral coefficients arc quantized, g iven the 
masking thresholds estimated by the psychoacousti c model and 
then coded using a set of Huffman code tables [7], [ I OJ. 

The MDCT is centra l for tampering detection a lgorithms, 
due to its properties. N-s izcd MDCT is computed based on 2N 
samples taken with 50% overlapping. Applying fn vcrsc-MDCT 
trans form to the frame of spectral coeffic ients yields therefore 
2N time-aliased samples. These di stortions arc canccled by the 
overl ap-and-add (OLA) procedure, which cons ists in 
computing an lnvcrsc-MDCT, based on the prev ious and the 
next frame , multiplying each of the aliased segments by its 
correspondi ng window function and summing up overlapping 
time segments . For signals with local symmetry, the MDCT 
coefficients arc frequently reduced to zero [8], [11]. 

111. ANALYSIS OF MDCT SPECTRAL COMPONENTS 

While encoding process is app lied , spectral coefficients arc 
quantized and some of them are assigned a zero value. This 
occurs for masked components as well as for unmasked parts, 
due to the probability distribution of the spectral coefficients 
and the compression ratio [7]. Within the decoded signal, the 
troughs in a logarithmi c spectral representation arc visible only 
if identical framing offset to the one used for encoding is 
applied [8]. lt is essential to emp loy a correct decomposition 
a lgorithm, including proper window length and shape as well 
as the same filterbank type as used during the encodi ng 
process. This is because encoders' specifications usua lly do not 
define the exact steps for processi ng input data. The a lgorithms 
can therefore function quite differently and still satisfy the 
standard [7]. 

Shown in Fig. I arc M OCT coe fficients of a decoded audio 
recording computed by using analys is window with one sample 
left shift (offset=-1), no sample shift (offsct=O) and one sample 
right shift ( offset=+ l) from the encoder frame grid, 
respectively. To process data and perform lossy compression 
AAC algorithm was used . As may be inferred from these 
examples, even a shift by one sample is sufficient to concea l 
the presence of characteristic zero values in the spectral 
representation of analyzed signal [7]. The troughs arc visib le 
onl y if the same frame offset is chosen as was employed during 
the encoding process. 
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a) MDCT spectrum. offset = -1 
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Figure I . MDCT coefficients ofa decoded audio recording computed by 
using ana lys is window with: a) one sample left shift (offsct- - 1 ), b) no sample 
shi ft (offsct- 0), c) one sample right shift (offset= I I ) from the encoder frame 

grid, respectivel y. The magnitude is shown in the logarithmic sca le. 

a) Histogram, offset = -1 

f :f '. : , . . ::.~ U ~:, ::11: H,1 /~i_ __ : . ..J 
-10 -9 -8 -7 -6 -5 -4 -3 -2 -1 0 

b) Histogram. offset= 0 

i::r....---.----.: .~: ...... :l.,,~~ :~ ..... J;.,, . ..L;~~ ..... ~ .... 1 
-10 -9 -8 -7 -6 -5 -4 -3 -2 -1 0 

c) Histogram. offset= +1 

l~l,----,--· ; ··· -i---r-·· i· ·. ~ .. ---,-----, .. ·,),1~,-----,---ti:H~:«~--.---·. ~-.-.... ---.----,~ .. ... .l 
-10 -9 -8 -7 -6 -5 -4 -3 -2 -1 0 

Magnitude ( 10 n ) 

Figure 2. Hi stogram ofMDCT spectrum ofa decoded audio recording 
computed by using analys is window with: a) one sample left shi ft (offset- -1 ), 

b) no sample shift ( offset- 0), c) one sample right shift (offset- I I) from the 
encoder rra me grid, respectively 

T he MDCT coeffic ients yie ld apparent significant di stance, 
between the lowest peak and the highest valley of the spectrum 
for frame offset equal to zero . Shown in Fig. 2 a rc MDCT 
spectrum histograms of a decoded a udi o record ing computed 
with one sample left shift (offsct=-1) , no sample shift 
(offsct=O) and one sample right shift (offsct=+ l) from the 
encoder frame grid , respectively. As can be seen, spectral 
components are not present between 10- 5 and 10- 4 va lue, if 
the proper frame offset is chosen. It means that the magnitude 
of none of the spectral lines appears in thi s range of values. 
This phenomenon wi ll be further utili zed in automatic forgery 
detection algorithms. 



IV. TAM PER ING DETECTlON ALGORfTIIMS 

The effects described in Chapter TIT are utilized in detection 
of forgeries in lossy compressed digital audio recordings . 
A number of active spectral coefficients (NAC) is calculated as 
proposed in [8] with one sample step offset: 

where j is frame offset and k is frame index. Signal samples arc 
multiplied by sliding window with predefined length and shape 
prior to the MDCT. Additionally, computations arc performed 
for each of four types of windows used by the encoder, which 
enables the algorithm to analyzc real audio recordings. When 
current value of a frame shift equals multiplication of a 
window length, NAC reaches its minimum. Hence, if recording 
is tampered, the offset between adjacent minimums of NAC 
function outside the forgery position is other than current 
window length. 

Fig. 3 illustrates a fragment of audio recording compressed 
and decoded by AAC algorithm (with 128 kbps constant bit 
rate and 44,1 kHz sampling frequency) in which four edits 
were made. NAC function related to the frame offset was 
computed for each of four window types . To simp lify the 
analysis, KBD window for long blocks was not applied in the 
AAC a lgorithm. Application of a short window requires a 
window swi tching seq uence which is also apparent in Fig. 3. 
Another crucial observation is that edit points arc accompanied 
by maximums of NAC function . Despite the fact that they may 
be found in other places where forgeries do not occur, these 
extreme values arc utilized to improve robustness of tampering 
detection algorithm. 

As stated above, the NAC minimums occur only for frame 
shifts equal to multiplications of applied window length . Any 
modification of aud io file, including cutting off or pasting a 
part of audio recording causes a di sturbance within this 
regularity. Based on the described phenomenon, three 
algorithms were deve loped. The ALG I cons ists in analysis of 
differences between adjacent minimum positions of NAC 
function. Depending on a window used during the encoding 
process, measured distances arc matched with predefined 
pattern. Observed variances arc compared parallel to each other 
for every window and stored as a possible indication of 
tampering. 

The ALG 2 a lgorithm employs additional histogram 
analysis. For each minimum of NAC function the absence of 
spectral components of magnitude values between 10- 5 and 
10- 4 is examined. These two results are logically multiplied 
and the outcomes are treated in the same manner as minimums 
of NAC in ALG I. In the last algorithm (ALG 3), detection of 
maximum values ofNAC function is employed. The results are 
then maximized within the area of window length and 
multiplied by the outcomes from ALG 2. The applied solution 
radically minimizes a number of false detections of forgeries. 
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Figure 3. NJ\C fun ction related to the frame shift computed for a fragment 
of audio recording in which four edits were made. Audio recording was 

compressed and decoded using AAC a lgorithm with 128 kbps constant bit rate 
and 44,l kHz sampling frequency 
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Figure 4. NAC function related to the frame shift computed for a fragment 
of audio recordi ng in which one edit was made. A part of audio fil e lasting the 

exact multiples of appli ed window length was removed 

Theoretically, cutting out a part of audio file lasting the 
exact multiples of applied window might not have caused 
detectable disturbances in frame offset, therefore analyzed 
recording might be recognized as unaltered. However, 
application of MDCT computed for blocks of signal samples 
taken with 50% overlapping still allows to find the trace of thi s 
fo rgery. Shown in Fig. 4 is a fragment of an audio file 
compressed and decoded by AAC algorithm (with 128 kbps 
constan t bit rate and 44, l kHz sampling frequency) from which 
a fragment of the recording lasting about 23 ms ( I O · 1024 
samples) was removed. As can be seen the distance between 
adjacent minimum positions of NAC function is other than 
I 024 for long blocks and the value of NAC function reaches its 
maximum in the vicinity of edit point. 
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V. R E ULTS A D DISCUSS IO 

Described a lgorithms arc examined for thei r usefulness as 
tools for detection of forgeries in lossy compressed audio 
recordings. The tests were conducted on a music database 
consisting of 15 music tracks with harmonic components and 
slowly changing audio background . The recordings were 
compressed and decoded using two different encoders with 
three different bit rates. In each of these tracks, 30 second long 
fragments were selected for f urthcr processing. The music 
database was prepared to mimic real forensic recordings, 
usually made in a noisy environment. In all of sampled 
fragments 21 deletions were performed at randomly selected 
locations and of randomly se lected durations, however no 
longer than one second . Therefore, 315 forgeries were 
produced and subj ected to further examinations. 

The algorithms described in Section IV were employed to 
detect edits performed in recordings from the music database. 
Thereafter, true acceptance ratios (TAR) and numbers of false 
acceptances (FA) were computed, g iven changing detection 
thresholds of minimums of NAC function. The T ARs are 
obtained based on the number of detected edit points , divided 
by the known total number of forgeries . Shown in Table I and 
Table Tl arc computational results obtained for two different 
encoders : AAC and Ogg Vorbis, respectively. Figures 5-6 
show modified receiver operating characteristics (ROC) plotted 
for each of employed algorithms, encoders and bit rate values. 
Typically, ROC curve illustrates the performance of a binary 
classification system when its di scrimination threshold is being 
modified . It is created by plotting the true positives out of the 
total number of positives as compared to the false positives out 
of the total number of negatives. The ROC-like curves used for 
the purpose of this article (Figures 5-6) depict true acceptance 
ratios in the function of the number of false acceptances, given 
changing detection threshold of minimums ofNAC function. 

TABLE I. SIMUL/\TIO R ESULTS FOR EDITED FR AGMENTS FROM TIIE 
M USIC' D ATABASE COMPR ESSED A D DECODED USI G AAC ENCODER 

Bit rate ALC I ALC2 ALG3 

lkbpsl TAR FA TAR FA TAR FA 

64 1,0000 1325 1,0000 1017 0,9905 6 

96 1,0000 324 1,0000 140 0,9968 0 

128 1,0000 2 14 1,0000 8 1 0,98 10 0 

TABLE II. SIM ULATION R ESULTS FOR EDITED FRAGMENTS FROM TIIE 
M USIC DAT/\IJASE COMPR ESSliD /\N D DECODED US ING OGG YORBI S ENCODER 

Bit rate ALC I ALC 2 ALG3 

lkbpsl TAR FA TAR FA TAR FA 

64 1,0000 26 1,0000 2 1 1,0000 0 

96 1,0000 48 1,0000 36 1,0000 0 

128 1,0000 3 1 1,0000 22 0,9873 0 
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Figure 5. ROC- like curves obtained during testing procedure of proposed 
algorithms executed on edited fragments from the mus ic database . AAC 

compress ion algorithm was applied 
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Figure 6. ROC-likc curves obtained during testing procedure of proposed 
a lgorithms executed on edited fragments from the music database. Ogg Yorbi s 

compress ion a lgorithm was applied 

As may be seen, ALG I and ALG 2 algorithms, which are 
based on detecting minimums of NAC function give superior 
forgeries detection ratio with intolerable number of false 
acceptances. These results are coincident with the outcomes 
presented in [8] and obtained for MP3 encoder using probably 
the long blocks only. In contrast, the ALG 3 algorithm yields 
slightly lower TAR values, while the number of false 
acceptances is still reduced almost to zero. The results obtained 
for AAC encoder at 64 kbps (Figure 5a) are significantly 
affected compared to all other bit rates, i.e. lower TAR va lues 
and hi gher number of false acceptances. This phenomenon is 
caused by default bandwidth limitation (to about 6 kH z) 
applied during encoding with the given bit rate. 

VI. SUMMARY 

The presented approach to analysis of nonzero spectral 
coefficients obtained based on MDCT transform can be 
successfully app lied to those recordings in which the alleged 
forgery was made qfier audio files were decoded to lossless 
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format and which were not encoded afresh. The methods 
proposed in the literature arc improved by employing analysis 
of each or the four types of the transform window. 
Furthennorc, histograms of MDCT spectra and detection or 
maximum number of nonzcro spectral coefficients arc applied 
to enhance robustness or initial algorithm. 

Presented methods consisting in detection or frame onset of 
the compressed audio files can be successfully applied by 
forensic experts to detect forgeries in lossy compressed digital 
audio recordings. The value or tampering detection ratio for the 
given number of false acceptances equal to zero, is greater than 
0.98. This allows the method to be recognized as a robust 
assistance in authenticity investigation process. 
Notwithstanding its robustness and accuracy, this approach 
requires more thorough research, especially in case or 
algorithmic di ffcrcnces between particular types of encoders. 
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ABSTRACT - lhe paper presents a prototype of a portable 
PC-based system, called MusicEar, able to perform real time analy­
sis, archiving and visualization of violin sound and thus support 
violin sound quality assessment. MusicEar visualizes the frequen­
cy spectrum in different scales including the Duennwald frequency 
regions designated specially for timbre characteristics of violins. 
It also calculates the instantaneous parameters based on Long 
Term Averaged Spectrum (LTAS) and stores them in a database. 
It enables comparison of characteristics of instruments sound 
already saved in the database. 

KEYWORDS: violin, musical instruments, sound analysis, sound 
quality assessment, real time system, audio database 

I. INTRODUCTION 

The violin is a string instrument, with four strings tuned in 
perfect fifths. It is known as "one of the most astounding and 
complicated acoustical devices ever created by and for the 
human nervous system. A product of the glorious musical and 
artistic developments of the Baroque era, it has been the subject 
of scientific investigation since the early 19th century." [5] 
Research in violin acoustics has been concerned with its 
mechanical subsystems such as strings, wood, soundpost, plate 
vibrations, body vibrations, radiation etc. Each epoch adds new 
violin research contexts, related to the technologies and 
methods developed in a given period of time. The recent 
advances in signal processing enabled digital analysis of violin 
sound and advances in machine learning and soft computing 
that have found application in the domain of musical 
instruments classification arc prmmsmg also m the 
classification and recognition of individual violins. 

Most of the research in the domain of musical instruments 
classification based on their sound is performed on the 
recorded sound samples. I lowcvcr there arc situations, where 
a real time violin-driven sound analysis and immediate violin 
sound classification is required, as e.g. in a violinmakcr 
workshop or acoustician's laboratory. Application of real time 
analysis of violin sound might be also useful during 
violinmakcr competitions, where violin sound quality is 
assessed by a jury. In all these cases it would be desired to 
store the results and just analyzed sounds. 

There exist general purpose commercial real time spectral 
analyzers, often used in acoustical laboratories, equipped in 
multiple computing modules e.g. Artemis 115] or Spectra Plus 
[16], which provide various acoustical parameters in real time. 
Th~ goal of our team is to construct a specialized system, 
which would characterize violin sound on the basis of a few 

robust and specific features. Current computer technology 
enables us to design sound analyzer according to the special 
needs of acousticians or sound quality researchers. 

As a proof of the above concept a system MusicEar was 
built which allows to analyzc, visualize, archivizc and compare 
parameters of violin sound in real time. The system stores all 
waveforms, spectra and calculated features in the special 
purpose database so that its content may serve as a dataset for 
further research. MusicEar system is a part of a long term 
project devoted to inducing jury's preferences in tenns of 
acoustic features of violin sounds. 

The Institute of Computing Science at Poznan University of 
Technology has been collaborating for several years with the 
I lcnryk Wicniawski Musical Society - the main organizer of 
the International Violinmakers Competition held every five 
years in Poznan. One of the results of this cooperation was 
a benchmark collection of violin sounds AMATI f I O] that was 
the subject of intensive investigations in the Institute of 
Computing Science and other universities e.g. [ 13 J. In 2011, 
during the 12th International Henryk Wicniawski Violinmakers 
Competition, the organizers and the jury agreed to perform 
tests of the MusicEar system on competing violins during the 
final stage of the competition. 

The paper is structured as follows. Section 2 discusses the 
parameters of violin sound which arc calculated by the 
MusicEar system, Section 3 presents the architecture and 
functionality of the MusicEar system, Section 4 describes its 
interface, Section S presents the tests perforn1ed during the 
violinmakcrs competition and Section 6 concludes the paper. 

II. PARAMETRIC REPRESENTATION 
OF VIOLIN SOUND 

A. /Juenwald parameters 

The study of acoustic properties of the violin has a long 
history 15][6] and there is still a significant interest in this area 
[ I JI 21. As it was mentioned earlier in the Introduction each 
epoch adds new violin research contexts, related to the 
technologies and methods developed in a given period of time. 
( 'onsidcrable amount of research effort has went to the 
discovery the most important violin resonances and to relate 
them to violin quality. Hutchins 161 has found a strong 
relationship between the quality of an instrument and 
a frequency distance dividing two resonances, called A I and 
BI at frequency range 485-S401 lz. This knowledge is currently 
used in research studies 11.3 ]. 
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TABLF I. DUENWALD RANGES OF FRH)lJFNCY FOR DL ITRMININCi 
VIOLIN SOUND QUALITY 

Ranges of freq ucncy Region 

1901 lz - 6501 lz A 

6501 lz - 13001 lz B 

I 3001lz - l 640Hz C 

l 6401lz - 2580Hz I) 

25801 lz - 4200Hz E 

42001 lz - MOO Hz F 

Jansson [ 4,8 J and Gabrielsson [ 4 [ suggested using Long 
Time Average Spectra, LTAS, which quickly give a "constant" 
frequency characteristics, resembling violin radiativity 
diagrams obtained during experiments with violin body 
excitement. Ducnnwald l3] has introduced frequency regions 
of interest for distinguishing between quality of violins. The 
Ducnnwald frequency bands are presented in Table I. 

Duenwald has measured the overall loudness in these 
regions and proposed the following rules: 

• If loudness in range B >> sum of the A,C and D 
regions, the sound is very nasal. 

• If average B << average ACD, the sound ts very 
unnasal, 

• l f average F >> average DE the sound is very harsh 

• If average F << DE the sound is very clear. 

Duenwald analyzcd individual sounds of old Italian violins, 
violins of old masters, violins made by masters after 1800, 
factory violins and violins made by hobby makers. The quality 
parameters consisted of the numbers representing fractions of 
unnasal and clear sounds. The same regions have been recently 
investigated by Buen for Old Italian Violins [ 1,2] and proved 
to be useful to determine the quality of the violin. 

The MusicEar system calculates the spectrum in Duenwald 
frequency regions, visualizes it in real time and archivizcs 
signal power in these regions in the database. The results arc 
now investigated by the authors and the parameters related to 
violin sound quality will find application in the next release of 
the system. 

B. Bark scale 

The Bark scale is a psychoacoustical scale proposed by 
Eberhard Zwicker in 1961 [ 14 ]. The scale ranges from I to 24 
and corresponds to the first 24 critical hand,· of hearing, which 
arc the rough approximates of frequency bandwidths of the 
auditory filters. Bark scale has been used in the first MPEG 
audio coding standards, as it is closely related to masking 
phenomena. In the audio classification and recognition tasks it 
is less often used than the me/ scale ( derived from the word 
melody) by Stevens, Volkman and Newman in 1937 [ 11 [, but it 
was introduced in MusicEar as a simplest perceptual scale to 
visualize frequency characteristics of a violin sound (24 bands). 
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C. MPEG-7 and other limhralfea/ures 

In the last decade for the purpose of Music Information 
Retrieval a large collection of descriptors was used, including 
numerous timbral features [9H 12]. Some of them arc included 
in the MPEG 7 standard [7] and used for musical instruments 
classification. Usually for the classification of musical 
instruments all of them arc taken into account with various 
weights yielded by soft computing methods. 

In the prototype MusicEar system presented in this paper 
only a few parameters arc calculated meaningful for violin 
sound. They arc related to two criteria used by violinmakcrs 
jury: volume and timbre of sound. The easiest way to measure 
volume is calculating the total energy of the signal. This is the 
first parameter calculated, normalized by the number of 
samples N. 

Five spectral parameters have been used to characterize the 
timbre. The simplest popular measure for characterizing timbre 
is Spectral Centroid - the ccntcr of gravity of the spectrum. Its 
high value indicates brightness of the sound. In MusicEar it is 
also calculated in the way proposed in the M PEG-7 standard -
as Audio Spee/rum Centroid calculated in log scale with 
reference to I OOO Hz. 

Another feature related to timbre is Spectrum Spread -
second central moment of the spectrum. It gives indications 
about how the spectrum is distributed around its centroid. The 
analogous descriptor in MPEG-7 is Audio Spectrum Spread, 
which is calculated in logarithmic scale with reference to 
I OOO llz. 

The fifth basic parameter describing spectrum shape is 
Spectral Flatness, which indicates to what extent a signal is 
self-correlated. This parameter is usually used to distinguish 
between tonal and noisy signals. In case of violin sound, which 
is mainly tonal, it may be a subtle indicator of noisiness of the 
signal, related e.g. to the easiness of violin response. 

The signal is also presented as a wavcfonn and spectrum in 
linear frequency scales. 

111. FUNCTIONALITY AND ARCIIITECTlJRE 

OF TI IE MUSIC EAR SYSTEM 

The MusicEar system has been designed for PC computer, 
preferably portable, to work with the external audio interface. It 
supports only one audio channel. MusicEar has a modular 
structure consisting of four modules with the following 
functions: 

• sound acquisition, 

• sound analysis, 

• visualization, 

• database. 

A. MusicHarjimc/ ional ily 

The system works in the following way. The signal is 
acquired with an external sound card and recorded in the 
database frame by frame. The instantaneous spectra in three 
different frequency scales and six parameters arc calculated 



and graphically visualized on the fly . After the recording is 
finished, the Long Term Averaged Spectra (L TAS) arc 
calculated for the whole recording and graphica lly visualized 
together with numerical va lues of the features for the averaged 
sound waveform. Both instantaneous and averaged 
characteristics are stored in the database. 

To be able to fulfil! the condition of real-time analysis, only 
16 bit samples with the sampling frequency 44, I kHz were 
acquired despite the fact that the external sound card supports 
higher va lues of both parameters. FFT window length is 8 192 
samples, givi ng 5,38Hz resolution in frequency domain. 

Instantaneous spectra and parameters arc displayed in the 
appropriate charts to enable the user to visua lly analyzc the 
sound while li stening. After the recording is finished the 
averaged spectra and parameters values arc displayed in the 
same chart windows giving further possibility to find the 
characteristic features of the sound image in the regions of 
interest. These averaged values, together with signal 
waveforms and certain textual labels entered by the user arc 
added to the database and archivizcd. 

The database is an important part of the system, si nce it 
archivizes where all parameters and sound samples. It is 
possible to browse al I infonnation stored in the database and 
make the comparison of data for various violins in a new 
window. The user may have access to the table with database 
content, play a desired sound, export .wav files and parameters 
values in .csv format, compare and delete data. Data are 
compared in a new window, where pairs of spectrum charts 
and parameters values arc placed side by side. 

B. MusicEar Interface 

Fig. I presents the Music ar system main window. The 
field marked with number I contains text boxes for inserting 
information identifying the violin. 

F ' "[:·1-i'r ' - . . .. - . . 
:i. \V 

I "·' -------------.. ···- ·---··-·--.... ,. ..... _. ···-. 

.... 
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00 :08 

Figure I. MusicEar main window in the instatcnous mode (frame - by-frame 
representation) : a) s ignal waveform, b) spectrum in linear scale, c) log 

spectrum in Bark sca le , d) , energy in Ducnnwald reg ions, c) signal energy, f) 
center of gravity, g - ASC, h - ASS (frame by frame), i) SS, j) SF . Function 

keys: 3) recording sta rt , 4) recording stop, 5) c leaning data and charts, 6) new 

window start , 7) browsi ng database. 
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The field s in section 2 represent signal charts: the 
waveform and spectra in different frequency scales. Fields c) to 
h) graphically visualize the instantaneous values of signal 
parameters during recording. Buttons in the bottom of the 
screen represent other operations related to sound recording. 
Recording stop (4) results in suspension of all actions 
pcrfonncd by the program, i.e. recording, processing, and 
displaying samples. Pressing this button also causes averaging 
spectrum (LT AS), recalculating parameters and displaying 
their values in corresponding charts, as it is shown in Fig. 2. 
Cleaning (5) pcnnancntly deletes currently stored samples and 
results and enables new window to start, and (7) opens the 
database. 

C. Software and Hardware 

The software was written in C# in .NET framework using 
ASIO (Audio Stream Input/Output) audio interface. The 
relational database was built using SQLitc software library that 
implements a self-contained, scrvcrlcss, transactional SQL 
database engine. One row of the database represents a recorded 
sound file with the textual information, FFT coefficients and 
parameter va lues. Data are added to the database in a seria l 
form, as an array of bytes. This is the core of the SQLitc 
system which has a built-in binary large object storage class 
(BLOB). The serialization mechan ism available in the 
environment .N ET was used to transform data. The size of 
a single tuplc in the database depends on the length of the 
sound file and number of related parameters. For example, 
a row containing a 59 second long audio recording, 320 sets of 
calculated parameters and 320 sets of FFT coefficients needs 
a capacity of 11 404 kilobytes (5151 kilobytes for audio). The 
contents of the database is presented in Table 11. 

Fig. 3 presents the implementation model of the MusicEar 
system. There are three operational layers: data, analysis and 
visualization. Transfer of information between different layers 
is carried out via the controller. Data can be downloaded from 
a database or via an ASIO driver (Audio Stream 
Input/Output - a computer sound card driver protocol) from a 
microphone and a sound cart. 

A static class DBControllcr was used as a data connector to 
communicate with the database module. It provides methods to 

·.cc.:.:.-:c:= ... :-= .... :::-... --: .. :::::::::.:.:::::. ........ _,. .. 6,2304 0,1608 

::11 • .dlubullbb. •. __ _ 3168,2560 3688,3980 

ii; \J; pJ .Q .... •· 'I ,O.U t,f i-4 ,,..+;- '"" ••M 
.... ·---tit ..... .,.... ·· - ·yjW-~·"",it•· --~·-··'f!"9""•••., ......... ,~---· .. "'t····,:f*·· ·- · 

~0,1381 1,3650 

Fi gure 2. Long term averaged spectra and averaged va lues of parameters 
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enable "black box" data exchange - other parts of the system 
do not need to know how to get access to the database, only 
report the request to obtain data or to write data to the database. 

The source code for SQLite is in the public domain [ 17]. 
There is no need to configure the database management 
system. Together with ADO.NET Entity Framework (ActiveX 
Data Objects for .NET is a set of computer software 
components that programmers can use to access data and data 
services) and a linking interface, the creation, modification, 
deletion, and access to the database is from the software 
environment. 

Since MusicEar is a real-time system, it must fulfill the 
following minimal hardware requirements: 

• Processor - dual-core, min 1,8 GHz, 

• RAM - min. 2GB, 

• Disc space - 20MB (for software only), 

• Operating System - MS XP, Vista, Windows 7. 

MusicEar operates with audio equipment: Audio interface 
E-MU Tracker Pre and the microphone DPA 4011. 

Name 

ID 

Code 

Emblem 

Nationality 
-

Recording no 

Date 
-

Comments 

Sound samples 

FFT 
_ coefficie~ 

Parameters 
-

TABLE II. DATABASE CONTENTS 

Data type 

numeric 

character 
string 

character 

-
string 

character 
string 

number 

date 

Character 
string 

byte array 

byte array 
- -

byte array 

Comment 

Unique indentificr of the rec ording 

ered 
--

Number of the violin , ent 
manually at the recordi n 

-
Name of the violin, entered m anually 

at the recording 
Nationality (identifier) of the 

iall violinmaker, entered mam 

Recording number of the sam e violin 

Date of the recording gene rated 

-
automatically 

Comment entered manua lly by the 
operator 

Sound data, 

Spectrum sa mples 

values of a ll parameter s 

~sentallon 

User interface 

ASIO 

Mic + soundcard 

Figure 3 . Implemen tat ion model of the MusicEar system 
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lV. MUSI CEA R IN US E 

First tests of MusicEar have been performed at the 
Academy of Music in Poznan, Faculty of Violinmaking. They 
enabled checking the system performance in the external 
environment with a violinist. These tests proved the concept of 
the system and its realization. The real-time condition was met 
and the system performance was satisfactory. 

The subsequent tests were carried out during the 
International Henryk Wieniawski Violinmakers Competition 
held in Poznan in May 20 I I. The recordings took place during 
the competition auditions in the historic Groblicz chamber hall 
in the Museum of Musical Instruments. It was the first part of 
the final stage of the competition. Ten instruments competed at 
this stage. They were played five by five with a break in the 
middle of the audition. Each session started and finished with 
the reference violin , which, in case of this competition, was 
a Polish historical instrument of Bartlomiej Dankwart from 
1602 . 

On the whole the MusicEar system worked well under time 
constraints of the competition. With a long recording there is 
a risk of RAM overload (note, that the recording and the 
calculated data are collected in RAM and transferred to the 
SQLite database as one tuple). For this reason one recording 
(violin No 5) was lost. 

Observation of parameter values in real-time was very 
informative; the user could indicate the distinctive features of 
competing instruments while listening, and later in comparison 
window as presented in Fig.4. However multimodal analysis of 
violin sound by humans requires a large cognitive effort. 

The sound material gathered during the competition 
brought a large amount of new data to analyze. The results of 
this analysis will not only characterize the competing 
instruments, but also will bring guidelines to develop and 
improve the MusicEar system. 

As a preview of the results of the competing violins sound 
analysis two charts have been attached below. The figures 
feature information about nine competing violins and one 
historical reference violin. The numbers identifying violins are 
the same as during the competition. Fig. 5 presents the 
relationship between the energy and brightness and Fig. 6 
presents the flatness. 

P~J; KOO,~!l,~: Pa,bb, G~~ul, {HtAp;,tM-.-..?~tJ -~ ·0&- )li4'!.)}_~ff:c~ 

f•,~,. 2. Kod IM.1'!~: ?. t>l.r~tl: NJ«m<w Gt.i:lkt: ~1 fbu nnJc ... ;anw n;11 !11 ·06 n .<lll.(. i'.t1fftt.·!nttri: ft.wh 

' © 
~=~ ..... ...___.~~-~~~~ 

:. :U (;, l:l' •-~ t,IU U.: I.:' >~< U< 11!. ,;~ t~ U.: HW 
~14, i.);J i.h ;._~, d ... ; . • ,1 I~ J'-; l"''.l !>. ' "i ;.~" ~).U 

:··--- ~-----"' ,.u ,.., "' '" '" '·" ,,. "' " " ... "' ' " ,-:.- ,~,,-"'-,..-.,,-.. ,-,, .. 

Aud,,, Sp<'ctnim ( •ntroid 

0,0881 0,0881 8070,5240 8070,5240 -2,3692 -2,3692 

11,4711 11,4711 6471,2850 6471,2850 2,8475 2,8475 

Figure 4 . Sound comparison window 
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Figure 5. Relationship between the energy and brightness of competing 
violins 

It is evident, that the historical violin differs from the rest of 
violins. It is less loud, less bright and has less tonal character 
than the contemporary instruments. 

V. CONCLUSIONS 

In the paper a report was made of the course of the project 
devoted to the implementation of a system for analysis, 
visualization and archiving of a violin sound in real time, 
which is designed to support the subjective assessment of the 
quality of the violin. The system, called MusicEar presents the 
waveform, instantaneous and long term averaged spectra in 
various frequency scales, and parameters related to the timbre 
and sound volume. The database collects the recorded sound, 
calculated spectra and parameters. Violins from the database 
may be compared already during the recording session. The 
first version of MusicEar was successfully tested in demanding 
conditions of the International Henryk Wieniawski 
Violinmakers Competition held in Poznan, Poland in 2011. 

In this particular competition, the computer analysis results 
were not taken into account for jury decision and probably 
some time must elapse until this kind of analysis is approved 
for the violin quality assessment. Will it ever happen? Anyhow 
this type of software application may also be very useful for 
understanding the cognitive processes related to violin sound 
perception. It is hoped that next releases of the system will 
indicate similar instrument and will point the best. 

The data gathered in the database of MusicEar are now 
further analyzed. In particular Duennnwald frequency regions 
are explored to find the reliable coefficients related to the 
quality of violin sound. Ultimately MusicEar is planned to 
become a real time decision support tool. 
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ABSTRACT - Dynamic Time Warping is a standard algorithm used 
for matching time series irrespective of local tempo variations. 
lhis type of variability is inherent to audio input data obtained 
directly from users and, as such, it occurs in the context of Query­
by-Humming interface to multimedia databases. Apart from the 
time-alignment problem, most of the known mclodymatching ap­
proaches arc also affected by a second issue of aligning the pitch 
between the query submitted by a user and the template. lhc query 
is usually in a different key and it may be simply sung out of tune, 
which needs some additional, sometimes computationally expen­
sive processing and may not guarantee the success e.g. in the pres­
ence of pitch trend or accidental key changes. 
The method of tune following, proposed in this paper, enables to 
solve the pitch alignment problem in an adaptive way inspired 
by the human ability of ignoring typical errors occurring in sung 
melodics. The experimental validation performed on the database 
containing 443 l queries and over 5000 templates confirmed the en­
hancement introduced by the proposed algorithm in terms of the 
global recognition rate. 

I. INTRODUCTION 

The impressive diversity of methods and goals formulated 
in the area of Music Information Retrieval (MIR) reflects 
the intrinsic complexity of our perception of music and of 
the ni'usic itself. Out of the many research issues considered 
in the field, the prohlem of query specification for content­
hascd music retrieval has hccn attracting significant attention 
for years. Among many proposed solutions, such as Query 
hy Tapping, pitch contour specification with Parsons code 
or various forms of simplified musical notation, the Query 
hy Singing/Humming (QhSH) interface is perhaps one of the 
most natural approaches to searching for a piece of music in 

mu It i media dal a hascs. 
The main issue in QhSll prohlem is hasically melody 

matchinK where the melody is understood as a sequence of 
notes with given pitches and durations. Converting the user 
input into a sequence of pitch values, known as a pitch 
vector, is therefore a typical first step of processing. Many 
pitch detection algorithms (PDA) arc availahlc for this pur­

pose 111121131, so a rcliahle representation may he usually 
ohtaincd even in a relatively noisy environment. The potential 
prohlcms involved here include the frequency resolution and 
precision of the PDA (usually of minor significance in the 
QhSII task), octave errors (may occasionally hccome an issue) 
and the imprecision of the sung query itself which is one of 
the main sources of confusion in practice. 

The precise onset time and duration of a note arc more 
difficult to he unambiguously determined. This is a point al 
which the approaches used for solving the QhSl I prohlcm may 
he roughly divided into two main groups. 

I) Note-based Approaches: These methods aim at ohtain­
ing a reliahlc note segmentation with respect to the pitch 

and temporal parameters. Their higgest advantage is a com­
pact representation allowing for efficient melody searching 
with string matching algorithms 141. The methods proposed 
here include edit distance computation hased on note in­
sertion/deletion/replacement cost 1.51, transportation distances 
such as the Earth Mover Distance (EMD) 161171 and n-grams 
matching I 81. The notc-hascd methods rely on the quality 
of the note segmentation stage which generally makes them 
potentially imprecise or dependent on the user adhering to 
a requirement of singing every note on a given syllahle (e.g. 
" " "d " t' l'iJ) ta or a , c . _ . 

2) Direct MatchinK: In these approaches the note segmen­
tation prohlem is dclihcratcly ignored and the pitch vectors 
arc directly compared on a per-frame hasis. I ligh matching 
precision may he usually ohtaincd in this way hut at the cost 
of increased computational complexity 1911101. Not only is the 
melody representation much longer than the sequence-of-notes 
form, hut also variations of tempo in the sung query make the 
standard Euclidean distance hctwccn vectors inaccurate and 
a more sophisticated matching algorithm must he applied. 

The method of choice for aligning the query with a template 
via a non-linear scaling of the time domain is known as 
Dynamic Time Warping (DTW). Proposed initially for isolated 
words recognition 1121 it has hccn widely adopted in many 
other fields of artificial intelligence and signal processing. 

One of the fundamental issues in a practical application of 
the DTW algorithm for melody matching is to ohtain a key­
invariant representation. The melody is defined hy a sequence 
of relative pitches, so their ahsolute values arc hasically 
irrelevant. The user can sing a melody in any key, so all the 
notes may he shifted with respect to the template hy the same 
interval which may result in a large value of the DTW distance, 
even for a perfectly sung query. In this paper a novel solution 
is proposed, in which the query is "tuned in" to the template 

via gradual decrease of the pitch difference hetwccn the two. 
In the next section the principles of the DTW algorithm will 

he hricfly presented along with a summary of previous works 
which influenced the development of the method in the context 
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or QbSH and melody malching problems. Next , Lhe proposed 
modificalion of the algorithm and Lhe resulls or experiments 
demonstrating the obtained enhancement in recognition rate 
will be presented. 

TT. B AS IC CONCEPTS 

A. Previous Work 

The problem of minimizing the distance between two time 
seri es which may vary in time or speed occurs nalurally 
in numerous application areas. Early works of Itakura [ 11] 
and or Sakoe and Chiba [ I 2J introduced Lhe DTW as an 
effective solution in the speech process ing task. The funda­
menlal conce pts laid out in 111 ][ 121 have been later used wilh 
slight modifications in many fields of artificial inlelligence and 
dala mining, including audio and video stream monitoring, 
bio-medical signal inspection , financial data analysis, human 
motion and gesture recognition L 13 J[ 141. The variants of the 
method include full sequence matching r 12) and ubsequence 
matching LI 311151. Efficienl indexing techniques allowing to 
significantly reduce the searching time in large databases were 
introduced in 1141 and applied in the Musical Information 
Retrieval context in [ I OJ. The application of several variants of 
the DTW algorithm for the QbSH problem has been addressed 
in numerous works, including f9]f 15]f 16H I 7]L I 8J. 

B. The Fundamentals of Dynamic Time Warping 

Let qj denote the pitch value in the j -th frame of the query 
pitch vector q , where j = 1, 2, ... , J. Similarly, t.i represents 
the ·i- th frame or the template t , where i = 1, 2, ... , I. The 
Euclidean distance between the two: 

d 1~uclid (q, t ) = L lqi - t ,i l2 
, 

i 

(I ) 

may be computed only if the size of the two vectors is the 
same, which is typically not the case. Moreover, rcinterpo­
lating the sequences linearly to the same length may not be 
sufficient in the presence of local tempo variations (Fig. I ). 

q 

Fig. I . Sequence matching with the Euclidean distance 

The solution is to sca le the time domain or the sequences 
with a proper warping function so that the corresponding 
frames arc properly matched (Fig. 2). The warping function 
may he represented on the i -j plane by a path , i.e. a sequence 
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Fig. 2. Sequence matching after non-linear rescaling 

of points c(l ), c(2) , ... , c(K), where c(k) 
(Fig . 3). Every path is assigned a cost: 

(i(k) , j(k)) 

I ( 

E = L d(c(k)) , (2) 
k = I 

where the cost of matching an individual point c(k) may be 
defined as: 

d(c(k)) = d(i , j) = l<J.i ck) - t i(k) I . (3) 

Fig. 1. The warping function 

The DTW algorithm, findin g the optimal path in the sense 
o r minimization of eq. (2), is based on the dynamic pro­
gramming (DP) princ iple. The ·i-j plane is represented as 
a two-dimensional array g. Every clement g[i, j] is ass igned 
a minimal cost of reaching the point ( i, j) rrom the beginning 
point c(l) = (1 , 1): 

V g[i , j] = rL( i , j) 
{ 

g[i, j - 1] 
rnin g [~ - 1, ! - 1 J 

g[z - 1, J] 
(4) 

i = 1,2 , . . . . / 

j = J ,2, ... ,J 



with the houndary conditions: 

g[O, O] 

g[O,_j] 

g[i, OJ 

0 , 

for_j = 1, 2, .. . , J , (5) 

for ,i = l ,2, .. . , I . 

Arter computing all the values of the array g, the total cost 
of the optimal path is found in g[I , J], This value is typically 
multiplied by (I + J )- 1 to allow comparisons between queries 
or different lengths. 

The DP-equation (4) is a simple variant most often found 
in literature I I 3Jl 141 , Several more sophisticated variants in­
corporating local slope constraints and weighting coefficients 
were initially proposed by Sakoe and Chiba 11 2 1. Global 
constraints in the form of the Sakoe and Chiba band 11 21 
or ltakura parallelogram 1111 arc also often app lied (Fig. 4). 
The general role of the constraints is to limit the area of the ·i-j 

a) b) 

Fig. 4. DTW globa l constrairlls: a) Sakoe and Chiba hand, b) lt akura 
parall elogram . 

plane under consideration in order to speed up computations 
and to reduce the ri sk of " pathological warping" of the 
sequences L14J . Global constraints play also fundamental ro le 
in efficient indexing techniques introduced by Keogh in 1141. 

The boundary conditions may be modified to allow for 
a situation when only a fragment of one sequence is to be 
matched against the second one. Thi s is generally a subse­
quence matching problem in which the compared sequences 
may not start at the same position and/or end at the same 
position 11 3]. 

C. Melody Matching 

In a typical approach, the query sung by a user is matched 
against a database consisting or a collection or MIDI files. 
The templates from the datahase arc converted, similarly to the 
query, to the form of pitch vectors, expressed in the MIDI note 
numbers rather than as frequency values in Hz. The conversion 
is straightforward in the case or the MfDI files and always 
yields unambiguous results. On the other hand, the query pitch 
vectors often need some clean-up to decrease the innuence 
of noi se, octave errors, etc. and they generally represent the 
intended melody on ly approximately. Many users sing out of 
tune and they cannot sing with sufficient precision, especia ll y 
in case of bigger intervals 11 91. 
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The general problem which is addressed in thi s work is how 
to match a melody sung in a different key than in the template. 
There exist several approaches to deal with thi s issue. M any 
researchers use a simple method of subtracting the mean pitch 
from the whole sequence [ 18 J. The problem occurs when the 
melody represented in a query is only a part or the template, 
or vice versa, in which case subtracting the mean is or no use. 

Tn a different approach the melody may be represented in 
the form or relative changes of consecutive pitches (differ­
ential/delta representation) 1201 . Thi s eliminates the problem 
hut representing raw pitch vectors in this form often y ields 
poor results. In thi s case the MIDI-based templates consist 
mostly or zeroes with non-zero values only at the points or 
note transitions. On the other hand, the note transitions in 
a query may be spread over several frames which makes the 
true compari son imposs ible. 

An effective alternative may be to repeat the matching 
procedure several times with different transpositions of the 
query pitch vector. The query may be transposed by e.g. 
all possible number of semitones within the octave 1161 or 
from - 5 to +5 semitones in half-of- the-semitone steps 120]. 
Various numbers of repetitions may be considered but in any 
way this is clearly a brute- force approach which increases 
the computational complexity significantly. Another problem, 
which is still not solved, is that the transposition may appear 
within the query when the user fai ls to sing an interval (usually 
a greater one) precisely and continues in a different key. 

A solution proposed in thi s work is to try to follow the 
melody or the template by gradually decreasing the difference 
between the query and the template. This is intended to 
resemble the way in which humans follow the known melody 
irrespective of pitch inaccuracies and key changes. 

Ill. TH E PROPOSED ALGORITHM 

The input query pitch vector q raw i obtained from audio 
data sampled at 8kHz, with the non-overlapped frame size of 
256 samples. It is first preprocessed in order to obtain a smooth 
melody line without large jumps and unvoiced fragments. The 
preprocessing includes the following steps: 

I ) The leading and trailing unvoiced fragments, denoted hy 
the pitch detection algorithm as "O", arc removed. 

2) The median of the remaining data is computed and all 
the pitch values distant from the median by more than 
a given threshold T1 arc marked as unvoiced i.e. set to 
zero. Thi s may help in ea. c of poor quality of the input 
data resulting from noise or from errors introduced by 
the pitch detection algorithm. The quality or the database 
used in the experiments made thi s correction necessary 
in 1 % or the queries for T 1 = 24 semitones. 

3) For the same reason the max imum jump hetween two 
consecutive frames can not exceed a threshold T2 . 

Setting T2 = 14 semitones resulted in :L8% corrected 
files. 

4) Every unvoiced frame is set to the pitch value or the 
last voiced frame. In this way one continuous melody is 
obtained, without any breaks resulting from hrcathing or 
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articulation. rt should be noted that this operation also 
leads to rejecting some potentially useful information 
about the rhythm and beat. 

5) Median filter with the size of 9 frames is applied 
to smooth the pitch contour. Preliminary experiments 
showed that it enhances the recognition results signifi­
cantly. 

The smoothed query pitch vector q is then compared with all 
the templates from the database. For every template t the pitch 
difference dbeg between the beginnings of the query and the 
template is computed and then subtracted from all the elements 
of the query pitch vector: 

. \I Qj := qj - dbeg , 
J = l ,2 , . .. ,J 

(6) 

where J is the length of q after preprocessing. 
This makes both sequences start in the same key. In practice, 

the value of dbeg is computed as: 

d 
- q2 + q:3 

beg -
2 

(7) 

The first pitch value may be unreliable, so it is rejected and 
the mean of the next two is taken into account. 

As the database used for the experiments contained only 
queries sung from the beginning, this procedure enabled to 
obtain good matching results with the standard DTW algo­
rithm described in section II-B. On the other hand, the queries 
from the database often ended in arbitrary positions with 
respect to the template sequences, so using the arithmetic mean 
computed for all the values of q and t instead of dbcg in (6) 
yielded poor results. 

In a separate set of preliminary experiments the influence 
of DTW constraints on the recognition results has been tested. 
It has been found that setting the slope constraint condition 
P = 1/2, as defined in [ 12], yielded the best results. 

Having the beginning of the query shifted properly along the 
frequency axis, one have to deal with transpositions possibly 
occurring later in the course of the query (Fig. 5). For this 
purpose the standard DTW procedure is applied first to find the 
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Fig. 5. Example of a transposition (Old Mc/Jonald had a farm). The first 
17 samples of the template (light) and the median-filtered query (dark) arc in 
tune. Most of the remaining part of the query is one - two semitones helow 
the template. 
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warping function aligning the query and the current template. 
Going along the path on the i -j plane defined by the warping 
function , the procedure defined by the block diagram in Fig. 6 
is applied. The resulting signal q is a version of q modified to 

{} C\----e-- - ----
'1 i(k) 

~~-
! "- a ~ 1 l 0-----··-··__., + ~ z --······ 

i(k\ \. j 
1- a 

a 

Fig. 6. The block diagram of the tune follower. 

follow the pitch values defined by the template t. This process 
is controlled by the parameter a E (0, 1). The greater the value 
of a, the faster will the pitch of the query he aligned with 
the template. The final value of a = 0.05 was used in the 
experiments. 

The example with the same query and template sequences 
as in Fig. 5 is shown in Fig. 7. The enhancement introduced 
by the tune-following procedure is clearly visible. In most 
places the distance between the sequences decreased and two 
fragments in the second half of the query got tuned to the 
template exactly. It should be noted that both Fig. 5, and Fig. 7 
present the aligned, i.e. time-warped version of the sequences. 
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Fig. 7. The result of application of the tune follower (a = O. l ). 

The final matching cost is then computed for the sequence 
q with formula (2). One important thing that should be noted 
here is that although this cost is lower in comparison to the 
standard DTW algorithm for the matching template, it can also 
he lower for the non-matching ones. The fundamental question 
is whether the proposed tune-following procedure is able to 
make the matching template win easier in the competition with 
the others despite the fact that all of them may benefit from its 
application. In the following section the test results supporting 
positive answer to this question have been presented. 



IV. EXPERIMENTAL RESULTS 

A. Datnhnse 

The puhlicly availahle datasets, used in the MIREX 2011 
Query hy Singing/Hwnming evaluation task 1211, have hccn 
chosen to verify the proposed solution. Roger fang's MIR­
QHSI I corpus 1221 consists of a collection of 48 popular songs 
(ground-truth MIDI files) to he matched against 4431 queries 
sung hy ahout 200 suhjccts. The 48 ground-truth Ii lcs arc 
mixed with 5274 "noise" lilcs from Essen collection 1231. 

B. Testing Procedure and Results 

Each of the 44:H queries was compared with all or the 
48 + G27,1 template files, one of which was the correct one. For 
every query q, all the templates were ordered hy their DTW 
distance from q . According to the rules used in the MIREX 
evaluation, the search was treated as successful when the 
correct template was among the top 10 results. The ohtaincd 
results arc presented in Tahlc I. 

TABLE I 
TOTAL NlJMRER OF RECOGNIZED QUERIES 

Top Ten Score Hest HiI Score 6 

DTW 3077 (69.44%) 2109 (47.60%) 0.39532 

DTW + Tune Follower 3332 (75.2()<~,) 2455 (55.41 % ) 0.42975 

Additionally, the number of cases when the correct template 
was the first one on the list of DTW distances was also 
recorded (the Best Hit Score column). The last column displays 
the mean relative difference between the first and the second 
file on the list: 

l N E(n) _ E(n) 
<) - - ~ --''2 I 

- NL E(n) ' 
n=I l 

(8) 

where the sum is computed only over those N queries for 
which the best hit was the correct one (N -= 2109 or 24.S.S, 
respectively). The value E1~n) denotes the DTW matching cost 
for the n-th query and the template located at p-th position on 
the list, i.e. the value E)n) represents the score of the template 

best matching the n-th query (naturally, E)nl < E1n\ 
The character of changes introduced hy the proposed algo­

rithm may he better assessed on an example of a single query 
shown in Table II. The correct template was found to he the 
closest to the query, both with and without the tune follower 
(all of the remaining files come from the Essen collection). 
It may he however ohscrvcd that the DTW distance of the 
first template decreased significantly, from .S44 . .Sti to :lH2.~m. 
while the second template remained almost equally distant 
from the query (h.s!}. 72 vs. fi7G.O:l). Application of the tune 
follower reordered the list and introduced some changes in the 
top-ten matching templates (e.g. file Q0095.pv appeared and 
Q0082.pv was removed). 

201Z 
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TAHLE II 
RI,Slll.TS FOR A SIN(iLI: ()lll'RY 

Yl·AR: 2003, PERSON:(){)()//, FIii:: /)()()2()./11' (1/appy /Jirthday) 

DTW DTW + Tune Follower 

No Template DTW Distance Template DTW Distance 
~ 

.. 

I 00020.pv 544.56 00020.pv 382.80 

2 Y0003F.pv 67:'i.O:I V0003F.pv 659.72 

3 E0820.pv 731.27 E0820.pv 672.47 

4 A0302.pv 752.51 Q0075P.pv 678.65 

5 QOl 14N.pv 814.22 ()009:'i.pv 697.24 

6 ()0082.pv 82:'i.53 A0302.pv 712.63 

7 QI 102J.pv 830.32 QOl 14K.pv 712.67 

8 ()00808.pv 840.34 Q0137F.pv 734.59 

9 QOOSOA.pv 849.02 Q2079J.pv 738.94 

10 EOl 108.pv 876.25 QO(l48C.pv 745.74 

C. Discussion 

The presented results consistently show that the proposed 
tune-following procedure may have a positive influence on the 
DTW-hascd melody search. Although it is true that it generally 
makes the matching cost smal lcr for most of the templates, one 
can expect that this decrease will be more significant in the 
case of the correct template than for all the non-matching ones 
(Table II). 

This may result from the effect of accumulation of the 
corrections for consecutive notes. For example, when the pitch 
of a note sung by a user is too low with respect to the correct 
template then it is gradually increased hy our procedure until 
it reaches the right tune, provided that the note is long enough. 
If it is relatively short, it is at least partially corrected. In either 
case, if the note was sung too low, then it is probah\e that the 
pitch of the next note will also be too low in which case it will 
get corrected immediately or - at least - faster. This effect may 
he ohscrvcd e.g. when comparing Fig. 5 and Fig. 7. The pitch 
discrepancy in frames lOS-110 is made significantly smaller 
due to correction which occurred in the previous frames. 

This type of correspondence between the signs of the pitch 
differences in consecutive notes cannot he generally expected 
when comparing a query with a non-matching template. Cor­
recting one note may result in increasing the initial difference 
between the next note and the template. This may even result 
in increasing the total matching cost, although for long notes 
and infrequent pitch changes the tune follower will make the 
query closer to most of the templates. 

Further investigation revealed that the exact number of cases 
when the standard DTW failed Lo put the correct template on 
the first place and at the same time the proposed solution 
managed to do so, was equal to 493. Yet in 147 cases the 
opposite was true, i.e. the correct template disappeared from 
the first position when the tune follower was turned on. These 
figures arc definitely dependent on the parameter n of the 
tune follower. Finding the optimal value for n needs some 
additional tests and close inspection or those 147 cases. 

In general, the proposed solution cnahlcs to efficiently refine 
the results without computationally complex methods such 
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as repeating the DTW for all possi hie transpositions ( 16 (. It 
should he noted that it can he used independently on efficient 
indexing techniques ( IOI( 14] or note-based approximate algo­
rithms [171 to increase the speed and reliability of a QBSH­
hascd search engine. 

V. CONCLUSION AND FUTURE WORKS 

In this work a modification of the Dynamic Time Warping 
procedure have been proposed to enhance the results of melody 
matching in the Query hy Humming problem. The modifi­
cation is inspired hy the human ability to match melodies 
irrespective of the key and pitch inaccuracies. It may he stated 
that the proposed tune-following procedure plays a similar role 
for pitch alignment as the DTW docs for the case of time 
alignment and thus it may he seen as a frequency-domain 
complement to DTW. Similarly, while the DTW decreases 
the matching cost with respect to the Euclidean distance, 
the tune-following procedure decreases it even more, with 
respect to the DTW alone. Although the distance is lower both 
for the matching and non-matching templates, the presented 
experimental results clearly demonstrated the superiority of the 
proposed solution in terms of recognition rate and separation 
between the matching and non-matching templates. 

The concept of tune-following will he further investigated 
in future works. Apart from the issue of parameter settings 
and possible modifications of the presented procedure itself, 
it should be noted that it is currently being applied to the 
already time-aligned sequences, i.e. after the DTW algorithm. 
It is however possible to integrate the two and modify the pitch 
adaptively during the dynamic programming optimization of 
the path cost. This would enable to obtain a different warping 
function in some cases and, possibly, to match more impre­
cisely sung queries. However, it seems unclear if this would 
lead to the overall recognition rate improvement - some further 
research is hence necessary here. 

The generalization of the proposed method to subsequence 
matching problem would also he of great practical importance. 
It would eventually enable to construct a flexible hybrid system 
incorporating several methods, both direct and note-based, 
that would benefit from the tune-following algorithm to offer 
enhanced results in shorter time. 
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ABSTRACT - 'Ihe purpose of the presented research was the devel­
opment of a melody search system that would allow lo find a song 
in a music database, based on humming the tune of a known song 
fragment. lhe melody recognition in the developed system is based 
on comparing vectors of voice pitch values. lhe best match of the 
humming pitch vector against all the recordings in the database is 
searched. An original frequency and time scaling approach was im­
plemented to improve recognition accuracy. The system perform­
ance was tested with the use of live humming recordings of four 
volunteers with a small database. 
KEYWORDS - melody search, note frequency, query by humming, 
melodic contour. 

I. INTRODUCTION 

The task of recognizing the melody is one of the issues 
involved in the processing and storage of data related to music. 
The process of computerization of music helps not only people 
professionally involved m music, such as composers, 
instrumentalists or vocalists, hut also provides new 
opportunities for the recipient of a musical work - the listener. 

Currently, the most popular method of search for songs in 
musical databases is the so called "search hy text" 11 J. The 
searched text may he the name of the song, composer, artist or 
any fragment of the lyrics. It turns out, that it is not a 
satisfactory solution, when one remembers only a fragment of a 
song's melody. A melody recognition system allows the user to 
simply hum a song fragment, then treat it as a query to the 
database. As a result a list of tracks, that most fit to the 
hummed fragment, is returned. This is a special case of query 
by example, called the Query by Hwnming (()hi I) 121. For 
different recordings of the same musical work the only 
relatively constant feature of the song is the melody. 

The melody is a fundamental part of any musical work. A song 
may consist of several tunes, and usually one of them is the 
main melody while the rest form the musical accompaniment. 
A melody consists of several notes occurring in a particular 
order. For each note one can specify the frequency and 
duration. Note representation of a song can he easily 
implemented in a musical database hy direct note writing or 
can be retrieved from MIDI files. A properly hummed 
fragment of a song allows to recognize its melody for a human 
listener. Many QhH systems rely on note recognition. In Note 
Interval Matching 131 melodics arc treated as strings. They arc 
aligned to obtain the best similarity of two melodics with the 
use of dynamic programming. Frequency variation between 
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consecutive notes serves as the measure of similarity. Another, 
well known approach, N-Gram Matching 141, is also based on 
relative note frequency, hut it is quantized and an exact match 
is searched. A combination of the above two techniques is 
often used in a Two-stage Search: N-Gram Matching allows 
for rejection of the worst guesses and Note Interval Matching 
refines the result in a smaller database. Unfortunately, 
automatic note recognition is not an easy task 151. Lack of clear 
boundaries between notes in a real humming signal, both in 
amplitude and frequency, makes automatic note recognition 
prone to errors due to inaccurate singing and background noise. 
To avoid the above problems the authors have decided to 
develop and investigate a melody search system without note 
recognition, as in Melodic Contour Matching techniques 141. 
Instead of note symbols a vector of fundamental frequencies 
estimated in short time intervals, called "melodic contour'', is 
produced. This vector is matched to similar data structures, 
stored in the database. The best match should occur for the 
proper piece of music, allowing correct recognition. Typically, 
Dynamic Time Warping is used to find the best match of two 
melodic contours. This algorithm is time consuming, which 
motivated the authors to replace it with fine scaling of tempo 
and pitch of the hummed melody. 

II. THE CONCEIYf OF THE MELODY REGOGN ITION SYSTEM 

The presented project consists of three parts. The first is the 
analysis of the humming recording to identify the fundamental 
frequency for small time intervals and to find its variability in 
time. The second part relates to the extraction of the melodic 
contour of the songs in a database. The third part is the 
matching algorithm, which allows to search hummed tone 
sequence in the database of songs. The block diagram of the 
developed system is shown in Fig. I. Signal processing and 
analysis procedures arc represented with ovals, database 
records arc enclosed in cylinders, and the produced data 
vectors arc in rectangles. The research work is focused on the 
development and testing of these algorithms, it docs not cover 
optimization problems of the music database search. To 
simplify the tests a MIDI representation of songs was chosen. 
It required the extraction of notes and its conversion to melodic 
contour of each record. 

Ill. EXTRACTION A MELODIC CONTOUR OF HUMMING 
SOUND SIGNAL 

Melody matching in the proposed approach is based on the 
only one signal feature - the frequency of the first signal 
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Figure I. A Schematic diagram of the developed melody recognition 
syslem 

harmonic, known also as the pitch. In general pitch is the 
subjectively perceived frequency, not a lways representing a 
real one [7]. Fortunately a humming is a periodic signal with 
the first harmonic of considerable amplitude. Thus, pitch 
estimation algorithms can be applied in the stage of feature 
extraction. A lot of methods for pitch estimation exist. The 
most known are based on an Autocorrelation Function (Af), 
Cepstrum, Average Magnitude Differential Function (AMDF) 
or Comb Transformation, [8],[9]. 

The authors chose the algorithm based on the accurate 
autocorrelation method [ lO]. This method is more accurate and 
robust, than methods based on cepstrum or filtering. It was 
implemented in Praat sound processing and analysis 
environment [ 11 ], that can be invoked as a command line 
application from other programs. The main parameters of the 
utilized algorithm (function: Sound To Pitch) were set as 
follows: 

• Time step- IOms, 
• Pitch floor - 75Hz, 
• Max number of candidates - 15. 

Other parameters were set to their default values. Sound 
analysis performed by "Sound To Pitch" function produces a 
vector of frequency samples, that approximates the melodic 
contour of a given musical work (Fig. 2.). The obtained vector 
was then compared with musical database. The developed 
matching algorithm is described in section V. 

IV. EXTRACTION OF THE MELODIC CONTOUR FROM MIDI 
FILES 

Musical lnstrument Digital lnterface (MIDI) is a standard 
which allows collaboration between musical instruments, or 
between a computer and musical instrument. Communication 
between devices is realized using the MIDI protocol. This 
protocol is a fixed set of messages sent between devices. These 
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Figure 2. An example of the pitch vector extracted from a sample 
humming recording 

messages equipped with time stamp form commands, that are 
stored in files, called MIDI files. MIDI commands can control 
an electronic, musical instrument or a synthesizer, that is often 
integrated in a sound card . A single MIDI file can be used to 
control up to 16 synthesizers - they are multipath. Each path 
carries the information about the played note numbers and their 
durations, which gives a synthetic representation of a melodic 
contour. 

A specialized converter from a MIDI file to sampled 
musical contour was written in Java. Ct is capable of extracting 
a sequence of desired commands and converting them into a 
series of frequency values. The 'javax.sound.midi" packet was 
used to read and perform an analysis of MlDI files. A 
conversion from note MIDI numbers to frequency required a 
knowledge of the frequency mapping. It is described by the 
following formula: 

f nore=Z
112 

· f,ef (1) 

where: 

X=nM1orn,e1 MIDI (2) 

Reference note is A4, its frequenc7, f,eF440Hz, and MIDI 
number nrerM10F69. The coefficient 2 112 is a halftone frequency 
interval. 

Producing samples of melodic contour required both a decision 
of sampling period and measuring a time in MlDI. A choice of 
period was straightforward: it was the same as the time step in 
the Praat "Sound To Pitch" procedure. An estimation of time in 
MIDI depends on two parameters stored in the file: the tempo 
expressed in "beats per minute", and the resolution expressed 
in "ties per beat". Each event, such as the beginning and the 
end of a note, is expressed as a tick number, which is converted 
to discrete time based on the sampling period. Building of the 
melodic contour vector starts from determining its length and 
filling all the elements with zeros. Then, for each note, a proper 
range of vector elements is filled with note frequency . An 
example of extracted melodic contour can be seen in Fig. 3.a) . 



V . M ELODIC CONTOUR MATCHING AND SO G 

RECOGNITION 

A recognition of a melody cannot be . imply a result of 
comparing the unknown melodic contour with the contours 
stored in the database due to their di ffcrent lengths and lack of 
time synchronization. It should be obvious that there is no need 
to hum the whole song and that the hummed fragment does not 
have to start from the beginning of the song. In these 
conditions a recognition is a re ult of finding the best match of 
the unknown melodic contour to the fragment of one of the 
contours from the musical database. Assuming, that the length 
of the unknown contour vector is not higher than the lengths of 
all the vectors in the database, an error or vector match to 
pattern p for a given time shift i can be defi ned as a Root­
Mean-Square Error (RMSE): 

ep(i)={ [ L; N= ·0
1 (x(j)-p(j+il J I N} 112, 0 s is M-N (3) 

where: 
x - unknown melodic contour vector of length N, 
p - p-th melodic contour vector from database of length M. 

Both vectors and a plot of error ep arc shown in Fig. 3. 

Using RMSE as the measure of the matching accuracy 
makes the result independent of vector length and allows to 
express it in frequency units - lHz]. The best match error mep 
to the pattern p over all time shifts is the minimum of ep(i): 

mep = min{ ep(i) ), 0 s is M-N (4) 
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Fi gure 3. Examples of plots of melody contours: a) extracted from MIDI 
file, b) hummed by QbH system user, c) found fragment of a contour, and 

d) plot o f match error as a function of time shift 
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Finally, the recognition of a song is defined as its cla. sification 
k to one of the database examples p: 

k = arg{ min( mep) } , 1 s p sP (5) 

where P is the number of songs in the database. 

The above approach works very well in ideal conditions or 
perfect note frequency and tempo reproduction in the hummed 
fragment. Linear scaling of the unknown melodic contour was 
introduced to make the algorithm more robust to possible 
imperfections in melody humming. Scaling in time was 
obtained by signal rcsampling with the resulting sampling 
period t1.t51 defined as: 

M s,= tc · M s, tc E {0 .8, 0.85, ... , 1.2} 

where: 
Ms - original sampling period, 
tc - time scaling coefficient. 

(6) 

The scaling coefficient takes one of nine values, from 0.8 
up to 1.2. Scaling in frequency was obtained by multiplying the 
signal by a power of 2: 

fm = ;tn/'2 
· f, m E {-0.5 , -0.4 , ... , 0.5} (7) 

where: 
f - original frequency, 
fm - multiplied frequency . 

The m coefficient takes one of nine values, from -0.5 up to 
0.5. The range is set to compensate pitch errors in the range of 
a quarter 01· a musical tone. After an introduction a both scaling 
in time and frequency a number of necessary computations 
increases 9x9=8 I times, making the algorithm much slower, 
but the probability of correct melody recognition increases. 

VI. SYSTEM PERFORMANCE ESTIMATION 

A series experiments were carried out on real data to 
evaluate the developed system's performance. The test 
database consisted of eight songs of popular music and four 
persons of different ages and genders participated in the 
experiment. Only one of the participants possessed musical 
experience. In all the cases recognition accuracy was I 00%, so 
a distribution of the match error me over all the examples in the 
database was investigated. A matrix of match errors obtained 
for all the humming examples against all the examples in the 
database without scaling of the unknown melodic contour is 
shown in Table I. The lowest values are obtained for the proper 
examples, but other error values arc not much higher. The 
certainty of matching is not very high, and a recognition error 
can occur in the case of lower recording quality. Introducing 
scaling of unknown melodic contour vector, both in time alone 
and in frequency, gave a reduction of the error level. The 
results arc listed in Table HI. The highest error reduction was 
observed after combining both scaling in time and frequency. 
In the same time the recognition certainty was increased (Table 
II.) . 
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T ABLE I. M ATCH ERROR WITIIOUT SCALING OF MELODIC CONTOUR 
-- -

Match Hummed melody 
error 
[HzJ I. 2. .1. 4. 5. 6. 7. 8. 

Song I . 47.0 63.3 55.2 53.4 32.3 5 1.0 24. 1 48.5 

Song 2. 63.0 55.6 6 1.5 56.4 38.4 58. 1 38.9 57.6 

Song 3. 64.2 76.8 47.9 65.5 50.6 59.3 41.3 49.1 
-- -

Song 4. 76.4 66.7 74.1 32.2 58.9 95.5 44.7 56.5 
----

Song 5. 6 1.1 70.5 63.8 73.3 12.8 60.0 34.8 57.0 

Song 6. 90.6 105.7 85.2 11 4 42. 1 19.l 49.8 6 1.5 

Song 7. 68.7 65.8 59.0 71.6 33.0 66. 1 22.0 48.7 

Song 8. 7 1.3 7 1.6 65.9 74.0 45.2 7 1.9 35.0 18.3 

TABLE II. M ATC' I-I ERROR FOR SCALING OF UNKNOWN MEI .ODIC 
CONTOUR ROTH IN TIME AND FREQUENCY 

---

atch M 
e --rror 

HzJ 

ng I. 

ng 2. 
--~ 

ng 3. 

ng 4. 
--

ng 5. 

So 

So 

So 

So 

So 

So ng 6. 

So 

So 

ng 7. 

ng 8. 
-

I. 
' 

39.5 

56.7 
-

60.5 

59 

54.6 

85.5 

66.7 

63.4 

-- -
Hummed melody 

-
2. 3. 4. 5. 6. 7. 8. 

-
57.7 5 1.6 46.8 23.7 34.2 23.3 43.8 

... - +--

31.3 54.9 47.9 35.7 53.4 34.3 5 1.8 
'-----· - 1--- ._ 

70.3 29.0 50.9 45.4 54.4 36.8 43 .1 
- -

55 .7 60.6 25.6 46.7 84.8 32.9 49. 1 
- - - -

59.6 6 1.5 65.6 · 12.3 53.0 28.9 52.3 
- - - '- -

90.9 78.3 87.9 40.9 16.8 43. 1 55.0 
- - -· .... 

54.3 56.8 60.8 27.5 56. 1 15.5 45.2 
- 1--- --

55.7 55.4 66.4 42.8 58.7 33.8 18.1 
'- --- - _ ,_____ _._ 

TABLE Ill. M ATCH ERROR FOR DIFFERENT COMBINATIONS OF SCA LI NG 
OF UNKNOWN MELODIC CONTOUR 

- -- -- -- -
Match Hummed melody 
error 
!Hz] 1. 2. 3. 4. 5. 6. 7. 8. 

No 
47.0 55.6 47.9 32.2 12.8 19. 1 22.0 18.3 

scalino 
Scaling 

45.0 55.1 47.7 32. 1 12.3 16.8 2 1. 3 18.1 
in fre 
Scaling 

42.0 32.0 29.3 25.8 12.8 18.1 16.3 18.3 
in lime 
Scaling 
in freq. 39.5 31.3 29.0 25.6 12.3 16.8 15.5 18.1 

& time -- - -- -

Another experiment was concentrated on finding the individual 
capabilities of each test participant to cooperate with the 
proposed QbH system. The results are li sted in Table IV. 

TABLE IV. M ATCH ERROR FOR DIH'ERF.NT PARTICIPANTS OF THE 
EXPERIMENT 

- --
Match Hummed melody 

-error 
[HzJ I. 2. .1. 4 . 5. 6. 7. 8. 

-
Person I 42. 1 3 1.3 29.0 25.6 12.3 16.9 15.5 18. 1 

Person 2 44.7 36.0 33.7 53 .3 19.2 15.5 16.6 33.6 

Person 3 40.0 35 .9 34.6 24.5 22.6 24.6 16.5 19.9 

Person 4 :n .9 :n .1 34.3 22.3 8.99 19.2 19.9 18.1 
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Some variation can be observed, probably due to different 
style of melody humming and musical ability. The differences 
are sti 11 not crucial to the overall system performance. 

The match error for correct melody guesses in Table I. and 
H. seem to be very high, compared to fa lse guesses. One of the 
reasons for such a situation is the lack of the human ability to 
rapidly change the pitch between notes in a hummed song. It 
produces an additive error to all matches, which docs not 
de teriorate the algorithm's performance. This was verified on 
synthetic melodic contours, for which all the errors were lower, 
but their variability was similar, as in the real examples. 

VIL CONCLUS IONS 

The proposed QbH system allows for accurate melody 
recognition in small databases. lts performance for the small 
group of partic ipants was not significantly affected by musical 
ability. The created application a llowed to test the distribution 
o f RMS E over the introduced examples and made it possible to 
investi gate the effect of time and frequency scaling on the 
outcome of the match. 

The developed system is robust to slight errors in melody 
humming, such as singing a few fal se notes, singing the 
melody too fast or too slow, or shi fting the tune's pitch . For the 
testing examples the application obtained the recognition 
accuracy of I 00%. 
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ABSTRACT - The presented paper contains an analysis of the influ­
ence of various types of damping material in a transmission line 
loudspeaker enclosure on the acoustic emission spectrum. Damp­
ing of the tunnel is crucial in the design of this type of enclosures. 
Six types of materials traditionally used in home speaker construc­
tion were studied. 

KEYWORDS - loudspeaker, vented enclosure, bass-reflex, sealed en­
closure, transmission line, waveguide, damping materials, felt, wool, 
foam. 

I. INTRODUCTION 

The most common loudspeaker enclosure types arc either 
closed [I] or vented (bass-reflex type) [2,3]. These two types of 
enclosures can be relatively easily and accurately modclcd, 
allowing mathematical simulations to be used in efficient 
design Moreover, because of the small number of variables, the 
enclosures can also be quickly tested through trial and error 
with very good effect. For the sealed enclosure only the 
volume or the loudspeaker and the amount and type of 
damping materials can be changed, while the bass reflex 
enclosure (utilizing the Helmholtz resonator) introduces two 
more variables - the length and the diameter of the resonator 
(which arc in fact correlated [3 ]). Thanks to these features the 
closed and bass-reflex enclosures have dominated the market 
and nearly forced out all other enclosures types from 
commercial domestic applications. Due to the stretching of the 
speaker response toward the low frequencies with relatively 
low design effort, the bass reflex enclosure arc the predominant 
type used in home audio. The trend is so strong that many 
transducers arc designed specifically for use in bass reflex 
enclosures. 

However, these types or enclosures have several 
disadvantages. The resonant frequency or a loudspeaker 
mounted in a scaled enclosure increases, but at the same time 
begins to fall earlier near the low frequencies, which may result 
in the listener perceiving a lack or low-frequency sound 
material. The bass reflex type enclosure introduces a delay into 
the played sound - due to the fact that within the range of 
frequencies near the tuning frequency of the resonator it is the 
resonator itself (not the loudspeaker) that is the source of the 
sound. The bass reflex enclosure also increases the risk or 
ovcrdriving the speaker at frequencies below tuning, especially 
if it is poorly designed. 
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There is a loudspeaker enclosure type that avoids 
the aforementioned problems - the transmission line enclosure 
[ 4,51- This type of enclosure contains a tunnel behind the 
loudspeaker, with specific parameters serving as a wavcguidc. 
The resonance phenomena doesn't appear in transmission line 
enclosure, so there is no audible lag in the music material [ 6]. 
The response of the speaker has a natural decrease of 
l 2dR/octavc in the direction of the low frequencies and this 
decline begins later than in closed speaker casings. The 
wavcguidc is designed to use the rear surface of the speaker 
membrane, reverse it in phase and use as a second source of 
sound. Unfortunately, this type of enclosure is difficult to 
design. The number of variables is very large: the length of the 
tunnel, the location of the speaker relative to the entry of the 
tunnel, the tunnel's capacity, the cross sectional area of the 
beginning and end of the tunnel, and their relationship to each 
other, the type and location of the damping material, the 
number of turns in the tunnel. Most of these variables can 
be simulated by using appropriate modcling software. 
Unfortunately it is impossible to properly simulate the 
placement and the type of damping material, which is crucial in 
this type of construction. To understand why the damping is 
crucial it is necessary to first have a good grasp of the 
principle of operation of a transmission line enclosure. 

II. THEORY HEHIND TRJ\NSMISSION LINE ENCLOSURES. 

The basic principle of a transmission line enclosure is that 
the wave emitted from the front of the speaker membrane is 
combined with the wave from the rear of the membrane after it 
has travclcd the transmission line tunnel and has shifted in 
phase. The shift depends on the length of the tunnel and the 
wavelength of the sound. To reverse the phase by 180 degrees 
(to provide the same phase of the emission front side of the 
membrane and end of the tunnel) at a frequency of 30Hz the 
tunnel would need to be half as long as the wavelength of that 
frequency, i.e. approximately 5.7m (assuming sound speed 
of 344m/s). In practice, such a long tunnel is not necessary. 
The vector arithmetic shows that even when the phase is 
shifted by about 90° (with the length of the tunnel equal to 1/t 
wavelength) the summary emission is greater than the emission 
of only the front side of the membrane ( Figure 1 ). So for a 
'"resonance" at 30Hz the tunnel length only needs to be about 
2.9m. 
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Figure I . Phase pheno mena in a transmi ssion line loudspeaker system. 

The maximum combined emission (from speaker and the 
tunnel) occurs when the phase is shifted close to 180° , which 
will accentuate this range of frequency characteristics. For the 
2.9m tunnel the first " resonance" would occur for frequencies 
near 60Hz. For frequenci es near 120Hz the phase shift will be 
close to 360°, which will mean the wave emitted through the 
end of the tunnel is in opposite phase to that from the speaker, 
and as a result we will sec a collapse on the combined emission 
frequency characteristics (the first "anti-resonance"). 
Phenomenon like this of un-dampcd tunnel will occur 
periodically throughout the higher frequencies as illustrated in 
Figure 2. 
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Fi gure 2. Idea l combined emi ss ion from un-dampcd transmi ss ion line 
loudspeaker system (tunnel length 2.9 m) . 

To minimize the resulting unevenness of the characteristics, 
while keeping a strong amplification at low frequencies, the 
emission of high frequencies needs to be attenuated. To 
accomplish this, damping materials lining the tunnel arc used . 
The main task for the damping material is to limit tunnel's first 
"anti-resonance", which is the most complicated task when 
designing transmission line enclosures [7]. 

111. ANJ\LYSIS OF DAMPING MJ\TERIAL 

The most commonly used damping materials in DIY audio 
are various foams, felts and upholstery wools. The presented 
study compared the following materi a ls: 

L20 

• 

• 

• 
• 
• 

• 

three layers of technical felt with a thickness of 3 mm 
each (Figure 3. 1 ), 

uphol stery wool with a thickness of 3 cm (Figure 3.2), 

plain foam with a thickness of 2 cm (Figure 3.3), 

plain foam with a thickness of 4 cm (Figure 3.4), 

pyramidal foam with a base thickness of I cm and a 
total thickness of 4 cm (Figure 3.5), 

wave-profiled foam with a base thickness of 2 cm and 
a total thickness of 4 cm (Figure 3 .6). 

Fi gure 3. Photos of the damping materials used in tests. 

Parameters of the tested enclosure: 

• tunne l length: 1.8 m, 

• area of the beginning of the tunnel : 2 x Sd of the 
speaker, 

• area of the end of the tunnel : 0.8 x Sd of the speaker, 

speaker placed at the beginning of the tunnel. 

Speaker used in measurements: SEAS L22 RN4X/P. 
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Figure 4 . Diagram of the test enclosure, a long with position o r damping 
materi a l (dotted lines). 

Each type of damping material was mounted in the same 
places marked in Figure 4 . For each type of material three 
measurements were performed : 



• 

• 

measurement in the far field ( 1 m from the enclosure) 
of the response as a function of frequency - the 
measurement shows combined emission of the tandem 
speaker + enc losure - top line in Figures 6 to 12, 

measurement in the near field ( 1 cm from the exit of 
the tunnel) of the response of the tunnel as a function 
of frequency - measurement of the tunnel shows a 
range of tunnel emission - middle line in Figures 6 to 
12, 

• measurement of the speaker impedance thi s 
measurement shows the tunnel 's se t f-resonancc, 
depends on its length - bottom line in Figures 6 to 12 . 

Measurements were made in an acoustic chamber with a 
1 m long microphone (e liminating the impact of the sound 
wave renections from the tripod) with a WM6 I A Panasonic 
microphone cartridge. A laptop with an M-Audio Audiophile 
USB sound card and frccwarc software Audua Speaker 
Workshop [8] was used for data co llection and ana lysis. 

Figure 5. Measurement setup in an anechoic chamber. 

IV. M EASU REMENT RESULTS 

The measureme nt results are presented in the same scale 
(10 dB grid), the frequency is limited to 5 kHz. Measurements 
of the tunnel response ( co llected in the near field , I cm from 
the exit of the tunnel) arc shifted by -45 dB to better show the 
measured dependences. 
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• control measurements performed without any damping 
material : 
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Figure 6. Measurements o fun-damped enclosure. Far field (top), near field at 
tunnel ex it (midd le), speaker impedance (bottom)_ 

It is c lear tha t the ant i-resonance occurring at about 170Hz 
is very strong. T he emission from the tunnel at this frequency 
is a lso very strong. The tunnel self-resonance is about 44Hz, 
which in the classical formula for resonance 

344 111/s I 
--- --= l ,95 m 
44Hz 4 

(I) 

suggests that the tunne l length is 1,95 111 . The physical 
length of the tunne l is only 1.8 111. Tt can be concluded that 
shape of the tunnel with multiple turns decreases the average 
wave velocity, because of that the speaker performs as if 
connected to a longer tunnel. It is expected that with the use of 
damping material the ve locity reduction will be even greater. 

m 
~ ., 
-0 
:, 

ci. 
E 
< 

• three layers of technical felt with a thickness of 3 mm 
each: 
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Figure 7. Measurements of enclosure damped with technical felt . Far field 
(top), near ticld at tunnel exit (midd le, shifted by -45 dB), speaker impedance 

(bottom), and control measurement without damping (back ground) . 

It can be noticed the reduction of emiss ions from the tunne l 
in the higher frequencies, the impact of the tunnel on the 
comb ined (far field) emi ss ion characteristics is much smaller. 
Unfo rtunate ly, the antiresonance at around I 70Hz is still 
c learl y visible and the combined characteristics is far from 
smooth . 
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Figure 8. Measurements of enclosure clamped with upholstery woo l. Far field 
(top), near field at tunnel exit (middle, shifted by -45 dB), speaker impedance 

(bottom), and control measurement without clamping (background). 

The effect of the uphol stery wool is s imilar to that caused 
by the fe lt. The antiresonance decreased s li ghtly, but still the 
far fi e ld characteristic is very uneven. The tunnel's se lf­
resonance is reduced to about 42H z, which suggests a greater 
reduction of the wave ve locity in the tunne l. 

• pla in foam with a thickness of 2 cm: 
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Figure 9. Measurements of enc losure damped with plain roam 2cm. Far fi e ld 
(top), near fie ld at tunne l exit (middle, shifted by -45 dB), speaker impedance 

(bottom), and control measurement wi thout damping (background) . 

The characteristics arc s imilar to those measured for the 
uphol stery wool and fe lt. The antiresonance is still clearly 
marked, but has changed its position on the fi-equcncy axis. 
This is due to the s ignificantly decreased sc l f-rcsonancc 
frequency of the tunnel to about 39Hz, and thus even larger 
wave ve locity reduction . 
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• plain foam with a thickness of 4 cm: 
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Figure I 0 . Measurements of enc losure damped with plain foam 4cm. Far field 
( top), near fi e ld at tunnel exi t (middle, shifted by -45 dB), speaker impedance 

(bottom), and control measurement without damping (background). 

The effect is s ignificantl y di ffe rcnt from the first three 
materi a ls. The antiresonance is practically unnoticeable. The 
emissions from the tunnel are very limited in the fi-cqucncy 
range I 00-200Hz. The se lf-resonance of the tunnel is located at 
about 36 Hz. T he use of this material created the effect of a 
virtua l lengthening of the tunne l to 2.4 m. Unfo rtunate ly, the 
expense is much weaker emiss ion of the tunnel in the lower 
frequency range, which get less profit from the work of the 
tunnel. 
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• pyramidal fo rmed foam with a base thickness of I cm 
and a tota l thickness of 4 cm: 
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Figure l I . Measurements of enc losure damped w ith pyramidal foam. Far field 
(top), near field at tunnel exit (middle, shif1ed by -45 dB), speaker impedance 

(bottom), and control measurement without damping (background). 

Pyramidal formed foam with a base thickness of I cm and a 
total thickness of 4 cm works a lmost exactly li ke the plain 
foam wi th a thickness of 2 cm, lead ing to the conclusion that 
the shape of the padding material is less significant than its 
vo lume and density. 



• wave-profiled foam with a base thickness of 2 cm and 
a total thickness of 4 cm: 
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Figure 12. Measurements of enclosure damped with wave-profiled Far lie lei 
(top), nea r fi e ld at tunnel ex it (miclclle, shifted by -45 dB), speaker impedance 

(bottom), and control measurement without damping (background). 

The wave-profiled foam's performance is something 
between the plain foam with a thickness of 2 cm and the plain 
foam with a thickness of 4 cm. Some antiresonance can be 
seen, but the characteristic is relatively even. 

V. CONLUSIONS 

On the basis of presented measurements the following 
conclusions can be drawn: 

Foam is able to significantly slow down the wave velocity 
in the tunnel, so it is possible to virtually lengthen the 
tunnel. This may be utilized to physically reduce the size of 
the enclosures. 

The profiling of the foam surface is not important. What 
matters is the amount of foam volume in the tunnel , 

It is fairly easy to reduce the emission of the tunnel (felt, 
upholstery wool), but to obtain significant reduction and 
characteristic smoothing is much more difficult and 
requires to use other, thicker materials , 

Foam as the damping material is overall the most 
advantageous, 

Further studies can focus on attempts to model the influence of 
the foam thickness on the emission characteristics to find the 
optimal amount of padding. It can also be speculated that a 
combination of different damping materials such as foam and 
felt or upholstery wool can give a satisfactory result. 
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ABSTRACT-This paper proposes a design of a generic head mount­
ed gaze tracker for both, infra-red and visible, spectra. The system 
design takes into account inter person morphological and visual per­
ception parameters. 'Ihe proposed low cost gaze tracker is optimized 
in weight. An algorithm for eye robust tracking in the presence of dif­
ferent type of eyes and eye movements is presented. The gaze tracker 
potential usage as an assistance of PC interactions of the upper limb 
motor impaired is outlined. 

KEYWORDS - gaze tracker, visible spectrum, assistance of upper limb 
impaired interaction 

I. GAZE TRACKER CURRENT STATUS AND FUTURE 
APPLICATIONS 

Eye movements arc a key clement for various cognitive 
studies such as human attention, interaction (human, robots, 
virtual environments), navigation, reading, painting analysis, 
etc., and, more recently, for the design of the new 
environments named ARE (Attention Responsive 
Environment, [I]). The usage of the gaze tracker as a tool for 
such activities requires the acquisition of specific skills for 
control of eye movements (dwelling, displacement in precise 
direction and at the appropriate speed, eyelids blinking at 
specific time, etc.). 

Gaze tracker is a system which allows not only to track the 
eye movements over a 20 surface located at a fixed distance 
(such as a computer screen, for example), but it allows also to 
identify a 30 gazed point (point of gaze) whose distance to the 
observer can vary. A head-mounted gaze tracker is most 
suitable for interactions at different depths. It can have one or 
two eye cameras which film one or two eyes, and one camera 
for scene image acquisition. 

However, all the existing gaze trackers ([2J) arc rather 
expensive and based mainly of infra-red (IR) technology only. 
The IR technology facilitates the image processing, but there is 
a lack of epidemiological data on the usage of the IR 
technology during several hours per day (what is usual case in 
PC gaming or internet usage) 13 ]. 

Therefore, a design of a low cost gaze-tracker adapted for 
short and long time usages is an objective of the AsTcRTCS, 
FP7 JCT project [4]. This paper addresses the design of such 
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gaze tracker. Section 2 brieOy introduces the gaze tracker 
specifications. Section 3 provides main details of an adaptive 
mechanical support for the gaze tracker architectures. Section 4 
shortly presents the basic software for visible spectrum eye 
tracking, while Section 5 outlines the designed gaze tracker 
possible exploitations as assistance for PC screen interaction 
for the upper limb impaired people. Finally, Section 6 proposes 
the current status of the gaze tracker design and its future 
improvements. 

II. SPECIFICATIONS OF A HEAD-MOUNTED GAZE 
TRACKER 

A generic gaze tracker has to satisfy three classes of 
parameters: intra-person ( or human) parameters, generic 
design parameters and parameters of optimal realization. 

Human parameters arc head sizes, distances "cyc­
camcra(s)", allowed head movements, eye illumination (infra­

. red (IR) or visible). 
Generic design parameters arc vision system configuration 

(mono/binocular system); adaptability to scene illumination; 
precision of gaze detection adaptable to targeted application ; 
interchangeable parts (for system different configurations); 
possibility to add additional sensors (such as an inertial sensor 
for example); case to wear; case to use. 

Parameters of an optimized (or optimal) realization arc the 
following: minimized cost, minimized weight; fast realization 
time; reduction of the obtrusiveness of the field of view. 

The above listed parameters arc implemented in different 
gaze tracker architectures. 

Typical gaze tracker architecture has therefore, 3 
syncrgctic components: 

• mechatronic support, i.e. system framework and 
support for sensors and control subsystems; 

• sensors for images management (acquisition and 
stabilisation); 

• specific algorithms (software) for image 
processing. 

The mechanical (& control) support of the targeted head­
mounted gaze-tracker has to respect the following design 
criteria: 
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DESIGN OF A GENERIC HEAD-1\/lOUNTED GAZE TRACKER FOR HUMAN-COMPUTER INTERACTION 

ha ve the maximal degrees of freedom (DOF) whi ch 
a llow to ada pt it to the huma n spcc i fi e needs (inter­
persona l va ri a ti o ns) suc h as a na to my o f the head , 
vis io n capability, huma n da ily ac ti viti es, a nd the ir 
te mpo ral evo luti on; 
have a good mec ha ni ca l res is ta nce, 
be lig htwe ig ht, 
be easy wearabl e, 
have a suffi c ie nt te mporal powe r a uto no m y, 
be o f a low pri ce fo r ma nufacture, 
be built with few off-she lf s ta nda rd compo ne nts. 

T wo types o f sensors arc used : cameras (v is ible and IR 
for eye images, a nd vis ible camera fo r ccnc images) and 
inerti a l measure unit ( IM U). 

The camera sho uld be exchangeabl e (o f a vis ibl e and IR 
spectrum) , and should acquire images of the be t qua lity (with 
a minima l noise (idea ll y, without no ise) and of hi g h contrast. 

ye images should be in centre of acquired eye images. The 
fi e ld o f v ie w of scene came ra should subte nded by a solid 
ang le o f a t leas t 60°. a mc ras sho uld be lig htwe ig ht a nd of a 

ma ll s ize. The I R illuminati on li g ht should have a n adaptable 
power (se lection of the ri g ht TR lig ht wave le ng th , selection of 
the correct current, selec ti on of the ri ght LED e le ments ang le 
and units) . 

The IMU should provide hig h prec ise results, should be 
easy to ca librate, o f a low price a nd low po wer consumption ; 
furthermore, it should be lightwei g ht and of small s ize. 
The algorithms should work with stabili sed image o f a ve ry 
good resolution . They should provide a implc ca libration , 
fast, preci se and re li abl e eye tracking, a nd fas t matching 
betwee n eye a nd gaze pos itions . All process ing should be 
optimized in space and time for their fast process ing by a 
processor o f a n embedded syste m . 

Ill. ADAPTIVE GE ERIC MECI IJ\ ICAL S PPORT FOR A GAZE 

TRAC KER 

The mecha ni ca l upport for a generi c ada pti ve gaze tracker 
is built upo n a s ta nda rd he lmet (used by we lde rs), to whi ch 
different o ri g ina l pcc ific e le me nts a re added . The number, 
types a nd parameters pe rtine nt for gaze trac ke r fin a l usages 
de fine the degrees of freedom (DOF) o f gaze trac ke r; they are 
a lso na med adapta bility pa rameters. 

Two architectures o f the head-mo unted gaze trac ker arc 
conside red : a direct gaze-trac ker w ith ( I R o r vis ibl e spectrum) 
camera (F ig ure I a), a nd an indirect gaze-trac ke r w ith fR 
ca mera (F ig ure I b ). 

In a direc t gaze tracke r, the eye camc ra(s) direc tl y films 
(two) cye(s) , whil e the fo re head camera film the o bserved 
scene in vis ible spec trum. In the case o f vis ible spec trum, 
camera ta kes co lo r image of the huma n eye while in the case 
of IR sctup, camera ta kes IR images of a huma n eye. In bo th 
cases, the va ri a tions of 3 D mecha nical para meters o f the boom 
arm support ing the camera is directl y linked to head 
morpho logy, pe rcepti on capability o f the huma n eye a nd 
acquis iti o n parame ters o f the ca me ra ( fi e ld of view, reso luti on, 
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fo ca l di stance; eye sens iti vity to IR illumina tio n in the case o f 
IR camera). 

( 

a) b) 

1 
) 

igurc I . I lead-mounted Ga7.c-trac kcr archi tectu res: a) 2-camcra direct 

system, b) I-ca mera indirect system . 

In a n indirec t camera syste m, the IR camera, placed on a 
s ide o f a face (c lose to the cars), films the image o f an eye 
rc nccted by a hot mirror. The hot mirror is tran pare nt to 
vis ible light, a nd it rc ncc ts non-visible lR lig ht to IR 
came ra(s) . The ang le between the hot mirror a nd I R camera 
dete rmine the quantity o f the rc nectcd lig ht thus the qua lity o f 
the I R image of the eye. lR li ght location can be in o ne o f the 
two settings : co-planar with the lR camera o r no t (usua lly, 
loca ted on a spec ifi c IR li ght a rms (Fi g ure 2 ri g ht). 

Figure 2. Indirect rR gaze tracker without ( lel1) and wit h the arm for rR 
ill um ina tion source. 

3. 1. Parame te rs o f direct gaze trac ker. 

T he mecha nica l suppo rt fo r direct gaze trac ker with one 
boom arm has 10 D F (cf. fi g ure 3); the re a rc: 

• 4 DOF o f the ca mera te lescopi c boom a rm ; 
(a = 07 75°,· /J = 07360°; y = 07 200° and S1 

1207 200mm); 
• 3 DOF of suppo rt fo r the scene camera; 
(<) = 07360°; l' = 07 360° and 2 = 107 30mm); 
• I DO F of pl ace fo r the scene camera; 
(( = ~360°)· 
• 2 DO F o f support fo r gaze trac ker bas ic contro l; 
(17 = 07 30° and() - 07 30°). 
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The DOF/parameters of boom arm play the following ro les 
(their 30 posi tion is usually defined with respect to human 
body main plans: frontal, sagittal, transverse) : 

Figure 3. 17 DOF or a direct gaze-tracker. 

-the angle a helps to set the camera position in front of the 
eye, in order to acquire the eye images with eye located in 
images centre; 
- the angle fJ adapts the camera rough position to human face , 
in uch a way that the image of the eye wi ll be parallel by the 
tran verse plane of the body/ face ; 
- the ang le y tunes the camera position to human face (the 
camera is adjusted to parallel (left or right) lateral and median 
body planes; 
- the displacement S 1 allows to tune the leng th between the 
boom arm ground clement a nd boom arm rod e le ment. This is 
needed to acquire the eye images of good quality; this 
parameter is ti ghtly coupled to camera reso lution and its optics 
(focal , field of view). 

The support for eye camera has 3 DO : two angles 8, £ 

and di splacement S2 : 

- the angle 8 keeps the camera position parallel to the 
body/face frontal plane (the eye camera should be in vertical 
position when boom arm ground clement angle a is changed); 
- the angle £ adapts the camera position lo human eye parallel 
to the transverse plane when boom arm rod clement angle y is 
changed; 
- the di sp lacement S2 adjusts the length between boom arm 
rod e lement and camera mounting pla te in order to acq uire the 
eye images parallel to the transverse pl ane. 

The support for the scene cameras attached to the he lmet 
has I DOF, angle (, ; thi s angle keeps the scene camera 
position in environment (parallel to the transverse plane). 

The support for gaze tracker basic contro l system ( on the 
top of helmet) has 2 DOF defined by angles: ri and 8. The 
angle Y/ adapts the box of the electronics (control and IMU) in 
the pos ition which must be in parallel with transverse plane. 
The angle O keeps the gaze tracker control unit position ( IMU 
included) in parallel with respec t to the transverse plane. 

The proposed direct eye tracker concept has 17 DOF, 
therefore, it is adaptable to severa l inter personnel 
morpholog ies and different conditions of interaction. Figure 4 
shows a front view of the rea li sed direct gaze tracker for one 
eye tracking. The white parts boom arm and support for 

scene camera- arc original (designed with a rapid prototyping 
tool, RTP). 

Figure 4 . Direct gaze tracker front view ( I-eye system) 

3.2. Parameter of indirect gaze tracker. 

Figure 5 shows the model of the indirect gaze tracker. 
This prototype of gaze tracker has 15 DOF with two hot 
mirTors (cf. figure 5), and only 9 DOF with one hot mirror. 
The design parameters are : 

• I DO of [R camera arm (S, = Q-.:,...60mm); 
• 2 DOF of side camera mounting plate; 

(a = Q-.:,.-200° and S2 = Q-.:,...J5mm); 
• 3 DOF of hot mirror arm · 

(/J = Q-.:,.-90°; S3 = Q-.:,...25mm and(, - Q-.:,.-90°); 
• I DOF of place for the scene camera (y = Q-.:,... JQ 0

); 

• 2 DOF of support for gaze tracker bas ic contro l; 
(J = Q-.:,... ]0° and£ = o_;_ 30°). 

Figure 5. 9 DOF of an indirect gaze-tracker. 

The lR camera arm has I DOF, the displacement S 1_ S 1 

adj usts the length between he lmet camcra/IR li ght ground 
plate and arm what is important for acquisition of the eye 
images of good quality. The di stance variation i tightly 
related to camera (reso lution) and its optics (focal, field of 
view). 

The side camera mounting plate has 2 DO : the angle a 
and di splacement S2. The ang le a adapts the camera position 
to hot mirror when I R camera arm displacement S, is changed. 
The displacement S2 tunes the camera's position to rcOcctcd 
eye on the hot mirror when hot mirror arm displacement S3 is 
changed. 

The hot mirror arm has 3 DO F, there arc two angles p, (, 
and displacement S3. The angle p adapts the hot mirror 
pos ition to idc camera when di splacement SI change . The 
displacement S3 adjusts the length between camera/hot mirror 
ground plate and hot mirror catcher clement in order to 
acquire the eye pupil images of good quality and enough 
rcOccting image. The angle(, adapts the hot mirror posi tion to 
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side ca mera in order to obtain the re fl ec ted human eye pupil at 
the centre on hot mirror in the fronta l plane. The place ror the 
scene cameras has I DO F : ang le y whi c h adapts the scene 
ca mera pos ition to environment. 

1 he support fo r gaze tracker power supply and I MU has 
2 DO F: angles l5 and F. . The angle 8 keeps the syste m control 
in parall e l to the attached inertial meas ure unit ( IM U), whil e 
the a ng le c keeps the gaze tracker control unit pos itio n (IM U 
inc luded) in parallel with the transverse plane. 

Figure 6 shows the des igned gaze-tracker system 
adaptable to inter-person ana to my vari a ti ons. A ll design 
parameters target the acqui s iti on images o r hi gh qua li ty where 
rca turcs pertinen t to image and vis ion process ing will be 
eas ier, fa ste r and more re li ably detected and processed. Thi s 
gaze tracker takes into account the comfort and medi cal 
security o r I R technology use. 

Fig ure 6 . Indirec t gaze tracker front view ( I-eye system). 

3.3. Des ign optimizati on. 
A wearabl e gaze-tracker must be easy to wea r and 

lightwe ight. As said be fore every ori g inal component will be 
printed with a rapid prototyping tool , RPT, (30 printe r), so it 
is poss ible to minimi ze the syste m we ight by re mov ing some 
plasti c materi al ins ide or des igned specifi c compone nts. The 
minimi sati on is a trade-off betwee n component we ig ht and its 
mechani ca l res ista nce. P racti call y, ir the optimized 
components a rc done by CNC machining the weight 
opt1m1 zati on is no t poss ible. However, it should be noti ced 
that the weig ht minimizati on will lead to component o r hi gher 
pncc. 
In the RPT, when li ghte ned components arc printed , the 30 
printer fill s-in the empty places with a material (usua ll y with 
the ABS BASS) . T he BS BASS mechanica l res is tance is less 
compared to the ABS as the mate ri a l is porous ( instead o r 
solid one) . Figure 7 g ives an example o r weight optimi sa ti on: 
the blue parts have been replaced by the ABS BASS. The 
weig ht optimisati on or all o ri g ina l parts or the adaptabl e gaze 
tracker reduces its initial we ight by around 15%. 

Figure 7. Section view o f " l le lmct camcra/ lR light ground pla tes". a ) non­

lightencd, b) li ghtened 
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IV. EYE TRAC K! G A LGORITIIM FO R HM -GAZE T RAC KER . 

T he who le gaze tracking process fo r HM -systcm inc ludes 
severa l steps. All o r them target to recover a 3 0 point fro m 3 
images acquired with the gaze tracker. Here a rtcr, vis ion eye 
de tec tion and tracking approach is bric n y outlined . 

Probabili sti c approaches to eye tracking seem better track 
the eye in c lose-up images acquired with a low-cost v is ion 
"only" ca mera and with uncontroll ed illumination conditi ons. 

T he de fin ed probabili sti c approach [5] combines two 
concepts: the sequential Monte Carlo a lgorithms (S MC, 
known a lso as a parti c le filter) and the radia l symmetry 
transform . 

T he SMC algorithm a ll ows formul ating multi -hypothesis 
in o rder to expl ore the state space (a ll probable pos iti ons o r the 
eye in the next image) us ing the currently acquired image in 
o rder to estimate the pos ition o r the eye in the nex t image. As 
a parti c le filter converges to the true posteri or probability 
dens ity runction (pd!) with the increase of parti c les ' number 
(theoreti call y, with their infinite number) , the SMC is time 
consuming soluti on space explorati on method . 

The radia l symmetry [6] guides the potenti a l parti c les ' 
se lec tion and therefore improves the temporal performances o r 
the particle filter. The radial symmetry has been selected 
because of eye symmetri c shape (the iri s can be modelled with 
an e llipse or ccnter (ex, cy)) and a potenti a l eye movement in 
any direction from the current pi xe l p = { x, y}. Thi s trans form 
accumul ates contributions o f magnitudes and ori entati ons or 
luminosity runction of pi xe ls in the p ne ighbourhood in 
different di stances (radii) r from pin the gradient ori enta tion . 

Figure 8 outlines the proposed SMC-radial symmetry 
approach. 
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Fig ure 8. Rad ia l symmetry guided parti c le fi lte r (the grey parti c les x, a rc 
generated at instance t accord ing to the probabi lity p(x,/x,.1), while white 
pa rtic les are propagated than k to the system status z,. q,.i,,(x,/x,.1, 1.,). 

The particles' se lecti on dynamic mode l is formul a ted as a 
Gaussian mi xture inc luding observa tion at time step t g iven by 
a radia l symmetry detecto r. Whenever the symmetry 
kno wl edge ri ses above the known pdf, the old se t o r samp les 
is repl aced by new set o f samples s uch that ampl e density 
be tter rc nccts poste rio r pdr. This e liminates parti c les with low 
we ights and se lects (or generates) parti c les in regions or 
hig hest probability fo r eye detec ti on. 
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Consequently, the radia l symmetry 
a) robustifies iris tracking via a particle filter as it generates 
only the correc tl y predicted next positions of the eye, 
b) reduces the volume of calculat ion, 
c) handles abrupt motion and 
d) automatica ll y recovers from track loss (due to eyelids 
occlusion for example). 

V. GAZE TRACKER FOR ASSISTANCE OF UPPER LIMB 

MOTOR IMPAIR ED. 

One of the targeted applicat ions of a low-co t gaze tracker 
is the assistance of ·crccn interactions of the upper limb 
impa ired. 

The basic scenari o targets the sim ul ation of a PC mouse 
operations via the gaze what includes mouse displacement and 
mouse c licking. The mouse di splacement toward an object is a 
convenient following the eye movements from the start to the 
end points. The mouse c licking operation (a selection of an 
obj ect) is defi ned via a dwe ll time. 

It should be noticed that other screen local and g lobal 
operations can be implemented via face express ion recognition 
(and processed us ing ASM, active shape models). 

More c lass ic application of the gaze tracker is its usage in 
order to control the environment, such as a door openi ng, 
room light sw itching on/off or mus ic playe r control. The 
environmental control is usually performed via a PC screen 
di splayed spec i fi e grid , where diffe rent co ntrol options are 
represented by icons (cf. Figure 9 for an example of such 
interface used in the frame of the AsTeRICS proj ect). 

@ 
-St<l!! .,,. bac1t 11> Meou 

Figure 9. A grid for gaze tracker contro l o f a remote HIFI. 

In technologically more elaborated future scenario, the PC 
mediation wi ll be avoided as objects of the attention 
responsive technology environment will be able to directly 
interact with a gaze in order to se lect the appropriate operation 
for execution. [n such case a dedicated so ftware continuously 
tracks the end-user eye(s) and gaze point in order to determine 
where in the environment eyes arc looking 

V I. CONCLUSTO . 

This paper proposes the design of a mechanical support for 
a generic low-cost gaze tracker. Its originality resides in the 
sys tem adaptabi lity to human inter-persona l data, to sensors 
characteristics and data acquisition conditions via multiple 
degrees of freedom (DOF) of the designed system. Two 
generic implementations of a gaze tracker have been 
presented: direct and indirect. 

Through its numerous DOFs, the direct gaze-tracker can 
adapt to a wide se lection of low cost CCD cameras and 
associated optics, and to large variations of morphological and 
perceptual capabi lity of the end-users. 

Through its numerous DOFs, the indirect gaze-tracker can 
adapt to a wide selection of low cost I R cameras, wide 
se lection of hot mirror s izes and shapes, wide se lection of the 
associated side camera optics and to various capability 
(morphological/perceptual) of the end-users. 

The direct gaze-tracker configuration can be used with 
any, vis ible or I R, spectrum. 

The proposed adaptab le systems and assoc iated software 
wil l al low to gather gaze scan paths for detailed human eyes 
bchavior regi stration when performing different cognitive 
tasks (such as navigation , reading, human-human interaction, 
human-robot interaction, etc.). The design and implementation 
of such so ftware is one of the future direc tions on the 
AsTeRICS proj ect. Once application software a nd hardware 
integrated, the whole system wi ll be evaluated with primary 
and secondary users in three European countries (Po land, 
Spain , Austria) for its improvements and quality life 
estimation s tudies. 
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ABSTRACT - The article presents a seminal results of a work on 
short review of current eye gaze tracking algorithms and systems, 
focusing mainly on the passive, non-intrusive and infrared-free 
methods. The second part of the article contains results of the cur­
rent research on such a system. The developed human eye gaze 
tracking system base on simple webcam presents huge potential for 
further research, focused on the head motion and position analy­
sis, precise eye gaze tracking on the screen and HCI for text input, 
dedicated to disabled people. 

KEYWORDS - gaze tracking, gaze, IR free, eye controlled HCI 

I. INTRODUCTION 

Despite the active research, the eye gaze tracking remains a 
very challenging task due to many issues appearing during 
tracking process, including occlusion of the eye by the eyelids, 
differences in size and reflectivity, head pose, camera 
resolution and other technical problems. Furthermore, the most 
accurate solutions are expensive and unaffordable for the 
ordinary users. 

The eye tracking brings the information not only about the 
gazing point of the user. Eyes reflect the way the person is 
thinking in a given moment, retrieving some memories or 
creating the new one. What is more, the eye moves, due to the 
complex movements programming process, can be used to 
detect several brain damages or diseases i.e. schizophrenia 
[20]. Scientific applications of eye movements tracking and 
analysis are vast. 

Eye tracking can be also used as a human computer 
interface for people, who cannot operate the traditional 
keyboard and mouse, as well as healthy people, as an 
alternative way of communication with the computer [ 16]. 

II. VISION AND EYE MOVEMENTS M ECHANISMS 

A. Eye physiology 

The eye tracking applications require providing the eye 
model that will be used in the calculations [10]. The most 
typical values of the human eyes' parameters are presented in 
Table I. [ 18]. 

Pawel StrumiHo 
Institute of Electronics 

Technical University of t6di 

t6di, Poland 

pawel.strumillo@p.lodz.pl 

TABLET. HUMAN EYES' PARAMETERS 

Size of eye's visual field - ( 35° X - ) 60° 
Range of eyeball rotation - 70° X - 70° 

Diameter of the fovea - Imm 
Radius of the eyeball 1.3 cm 

B. Eye movements' types 

There exist three different eye movement types. The 
saccades are quick preprogrammed eye jumps to the next 
viewing point. During the "jump" the cognitive process is 
stopped and person becomes "blind" for a few milliseconds. Tn 
Figure I saccades are shown as straight lines. 

The second type of eye movements are fixations, shown in 
the Figure I as circles. Fixations are small and very fast eye 
movements focused in one point. Presence of fixations reflects 
a running cognitive process and the real seeing. 

The last, but not least, type of eye movements is smooth 
pursuits, when the eyes are smoothly and slowly following 
some object [ 19]. 

Figure I. An example ofsaccades (curved lines) and fixations (circles) 

C. Eye movements' control 

The process of seeing is one of the most complex one. 
Many different parts of the brain are involved in the eye 
movements' control. The eye movement path is not always the 
same for the given stimulus. It is stTongly dependent on the 
given task or intentions of the examined person. The cognitive 
process works differently when the different tasks are given. 
On the basis of such an eye tracking results, the cognitive 
processes can be understood more clearly and any defects of 
the whole process can be detected [ 19]. 

Ill. EYE TRACKfNG APPLICATIONS 

Eye tracking has many different applications: from pure 
scientific ones, like cognitive process analysis, through medical 
applications, to human computer interfaces for disabled people. 
Due to the complexity of the eye movement programming 
process and involvement of many brain parts, the eye tracking 
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can be used as a si mple, fast and efficient way for diagnosis of 
many diseases like: schizophrenia, strokes and brain damages 
[ 19-20], 

What is more, the eye tracking is used in the ergonomics 
and usability. Eye tracking gives an answer if the interface or 
the device is correctly designed and if it is intuitive. It also 
shows the most important parts of the interfaces, where the 
most significant information should be placed. 

Eye tracking can be used also for fatigue monitoring and 
safety, for example in cars. A system can observe the road and 
the driver, and warn him if the unseen obstacle will appear in 
the eye of the cameras. In addition, the driver can be warned, 
when the fatigue wi 11 exceed safe level [ 6]. 

Eye tracking can be used for the remote pan-tilt-zoom 
camera control. The user can see the images captured by the 
remote webcam, while the viewing direction is affected by the 
eye movements [I]. Moreover, eye gaze tracking can control 
the avatar's eyes in the virtual environment, improving the 
reality of such a solutions [8]. 

The last described, but not the last possible, application of 
eye tracking is a human-computer interface for the disabled 
people. User could operate computer using only the eye 
movements [ 16]. 

IV. EYE TRACKING M ETHODS REVIEW 

A. Historical methods 

The first documented observations of eye movements were 
made in 19thcentury. The employed method relied on direct 
observation of the examined person's eye movements. In 1879 
Louis Emile Java) has found that the reading does not require 
continuous eye moves with the text direction. With time, more 
advanced eye tracking techniques were worked out. Edmund 
Huey had been using a contact lens connected to an aluminum 
pointer. This method, despite intrusive approach to eye 
tracking, had proven that not all the words in the sentence arc 
fixated [ 19]. 

Guy Thomas Buswell implemented the method that, with 
some improvements, is used in the modem eye tracking 
systems. What is even more important, it is much less intrusive 
than previously presented methods. Rays of the light were 
reflected from the surface of the eye and recorded on the video 
tape. Such a method assures that the tracking has hardly 
influenced on the experiment results. Yarbus determined that 
the eye movements arc strongly related to the given task [ 19]. 

B. Electrooculography 

Electrooculography is based on the measurement of the 
electric potential on the surface of the face near the examined 
person's eyes. Changes of the electric potential between the 
electrodes arc linearly correlated with the eye movements 
caused by the muscles. The electric potential changes arc 
presented in Figure 2 [ 19]. 
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Figure 2. Electrooculography results 

C. Electromagnetic contact lens tracking 

The other eye tracking method is based on magnetic field 
measurements. User is wearing the contact lens with the coil 
that creates electromagnetic field. User's head is placed inside 
the frame of sensors measuring the magnetic field. The 
resolution of the solution is high, however, a special contact 
lens and complicated measurement system makes the solution 
impractical. Furthermore, the user can feel uncomfortable 
keeping his head inside the measuring frame. 

D. Photo and videooculography 

The photo/video oculography is one of the oldest eye 
tracking method. The camera is placed behind the glass board 
on which the examined person is solving the given problems. 
Camera can be placed also in front of the user, capturing the 
images of his face. The exact viewing point is determined 
subjectively by the operator. 

E. Re.fleeted light method 

The reflected light method is one of the most popular eye 
tracking methods, due to the simple equipment, high accuracy 
and small influence on the examined person . ft is based on the 
light reflections that occur on the different parts of the eyes 
called Purkinje reflections. Light sources are placed in the 
comers of the screen and near the camera lens. The light near 
the camera is pulsating with the changing frames. When the 
light near the camera is turned on the pupil is visible in the 
camera as a bright point, due to reflection from the retina 
similar to the red eyes effect. In the consecutive frame, the light 
is turned off, leaving the pupil dark. 

The light sources placed in the comers remain turned on 
during the whole tracking process. The reflect ions that can be 
observed in the eye can be used for the looking direction 
determination and measuring the position of the reflection on 
the surface of the eye. First generation of the reflected light eye 
trackers is using the first Purkinjc reflection. The more 
sensitive one uses both fourth and first Purkinjc reflections 
(Figure 3) [19]. 
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Figure 3. Purkinje rcllcctions [http ://mozyrko.lilcs.wordpress .com] 

With the change of the viewing direction, the position of 
the reflections on the eye will change. Reflected light eye 
tracking systems arc very accurate and non-invasive, however, 
the price of the commercially available systems is very high. 
What is more, the continuous influence of the infrarcd light 
used in such systems can cause eye strain and be harmful for 
the users' eyes. 

V. VISIBLE LIGHT BASED METI IODS 

The vision based eye gaze tracking methods can be divided 
into two main groups: shape-based methods and appearance­
based methods. There exist also the hybrid group, employing 
the features of the both. The Shape-based methods use fixed 
and deformable shape respectively for the feature detection. 
The most commonly used features, in case of eye tracking, arc 
Jimbus and pupil. The appearance-based approach (the holistic 
approach) is based mainly on the template matching. An image 
patch model is constructed and eye detection through model 
matching using a similarity measure is performed. The 
template matching can be performed on the intensity image or 
a lower dimensional subspace [4]. 

One of the methods for iris shape analysis is the Circular 
Hough Transform that is widely used in the existing visible 
light based methods. Kunka and Kostek employ Haar-like 
features classifier for the face detection and in the next step the 
threshold operation is performed for iris segmentation. The 
threshold value was found empirically during the experiments. 
The reference points - eye corners - arc found by calculation 
of intensity variance changes. Irises arc detected with the 
Circular Hough Transform [ 13]. Similar approach can be found 
in [14] , where the Hough transform with gradient direction is 
used to perform the iris detection and gaze estimation. Another 
preprocessing method and reference point selection is 
presented in [ 16] and [3]. AdaBoost, Camshift and Lucas­
Kanade optical flow algorithms were respectively utilized to 
track the face and nostrils. However, the pupils were also 
positioned using gradient Hough circular transform. 

The other approach for the eye position and motion 
determination is based on initial centroid and gradient analysis 
technique. Moreover, the authors take into account high and 
low occlusion conditions, that can significantly affect the 
results of tracking [ 15]. Eye location and tracking with the use 
of isophotes (points with similar intensity value) properties is 

reported in [7] . The presented method is robust to linear 
lighting changes and rotational invariance. Li and Parkhust 
adapted the Starburst algorithm, linding the limbus contour 
points by computing the derivatives along rays extending 
radially from the initial point, until a threshold derivative value 
is obtained [ I 1]. 

The "one-circle" algorithm for measuring the eye gaze uses 
an image of only one eye. Observing that the iris contour is a 
circle, authors estimate the normal direction of this iris circle, 
considered as the eye gaze, from its elliptical image. Such an 
approach brings two solutions for the projections, however the 
geometric constraint (the distance between the eyeball ' s centcr 
and the two eye corners should be equal to each other) removes 
one of the solutions [9]. 

Eye gaze tracking can be also based on the Active 
Appearance Model (AAM). Authors use AAM for the whole 
head tracking. Required features (eye corners, eye region) arc 
extracted from the whole head model [6]. 

One of the main constraint of the eye gaze tracking using 
simple webcam is the camera resolution. Strictly speaking, the 
dimensions of eye image extracted from the whole frame. One 
of the possible solutions of the problem is subpixcl tracking 
method presented in [5]. Eye corners and irises contours are 
interpolated with I -dimensional cubic interpolation, giving 
much higher accuracy of the tracking. 

Eye tracking requires a reference points selection that 
usually arc eye comers or nostrils. Instead of these, a small 20 
mark place on the user's face can be employed to compensate 
for the head movements [ 12]. 

VI. E XISTING METHODS SUMMARY 

The presented techniques have their advantages and 
limitations, but the optimal performance of any technique also 
implies that its optimal working conditions arc met. These 
conditions relate to illumination, head pose, ethnicity, and 
degree of eye occlusion. For example, the outdoor illumination 
affects lnfrarcd based tracking methods, while techniques 
based on shape and appearances can work both indoors and 
outdoors l4] . 

The existing methods, besides the visible light based 
methods, poses many disadvantages that can influence the 
examination process. The main disadvantage of almost all 
presented solutions is high price of the system. As the eye 
tracker is used as laboratory equipment, the price is not a 
crucial factor. However, such systems can be used as human 
computer interfaces for the disabled people, for which low 
price is an important lcaturc of the equipment used . 

The other disadvantage is invasiveness of the method. 
Some of the methods require usage of special contact lenses, 
while others uses artificial light sources directed straight into 
the users eyes. The influence of contact lenses or the light can 
change the results of the examination, disturbing the examined 
person or causing uncomfortable sensations. Moreover, the 
continuous usage of the artificial light sources directed into the 
user's eyes can be harmful for the user. 
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Vil. PROPOSED SOLUTION 

A. Previous research 

The first version of the developed eye gaze tracking 
algorithm was based on Haar-like features classifier for the 
face and eyes recognition and basic threshold operation for 
pupils' detection and reference point calculation. Due to the 
specific operation of the Haar-like features classifier, the 
middle point of the face is not stable and cannot be used as a 
reference point for viewing direction dctcnnination. 

To avoid nuctuations of the middle point of the face 
calculated from the classifier's output, the two stage threshold 
operation was implemented in the application . The purpose for 
the first operation was to detect pupils of the eyes, as darkest 
areas in the image. While there often exist many other dark 
points in the image (i.e. eye comers), only the two largest 
regions were taken into account. The selection of these regions 
is based on contours area calculation. Contours arc segmented 
from the binary image with the use of the border following 
algorithm proposed by Satoshi Suzuki [ 17]. The second 
threshold operation was used to remove points that were 
significantly brighter than the eye pupils, leaving the 
approximate area of the eye sockets. 

The next step was the center point calculation for each 
obtained contour - two for eyes and one for the whole eye 
sockets area. Assuming that, the centcr point of eye sockets is a 
reference point, all eye pupils ' movements were determined 
with respect to this point. 

B. Current solution 

I) Overall algorithm review 

The main purpose of the application is the human eye gaze 
tracking. While the problem of eye tracking is a complex one, 
the modular dcsif:,111 of the app lication was used. [t allows 
modules to be exchanged during the process of development. 
All the parts of the system are described in details further in the 
article. 

2) Image enhancement methods' 

Image obtained by the web camera requires often some 
preprocessing stages to assure a proper quality for further 
analysis. In the described system, acquired images are 
converted from the RGB colour components to gray scale and 
then the image histogram is calcu lated and normali zed. The 
algorithm normalizes brightness and increases image contrast. 

3) Face detection and region olfnteresl extraction 

The next step of the process ing is the face detection in the 
image. There exist many different approaches for the face 
detection. Some arc based on the sym metry of the face and 
geometric relations between face features (knowledge-based). 
The information that can help while face detection can be skin 
color (feature-based) or the correlation between the training set 
of face patterns and the examined face (template matching). 
Other face detection algorithms employ also neural networks. 

In the presented application the Haar-like features classifier 
is used , while it is one of the most accurate, robust and fast 

136 

method for detecti ng features. The principle of operation of the 
classifier is based on simple features calculations and 
cascading many simple and weak c lass i ficrs to obtain a strong 
one. 

Edge features 

-I]~~ 
Line featu res 

[I] 
Center-surround features 

Fi gure 4. Haar-like features 

Features, presented in Figure 4, cover parts of the image. 
The value of the feature in the given image location is 
calcu lated as a weighted difference of pixels covered by the 
whole feature and pixels covered by the black area. Each 
feature mask is scaled and moved through the whole image 
during face detection. Obtained values arc an input for a tree of 
c lassifiers, determining if the part is face or not. The adaptive 
boosting process (AdaBoost) is implemented , to increase the 
recognition rate. AdaBoost finds the classifiers that minimizes 
the error rate and updates (increases) weights of incorrectly 
c lassified points that are considered as more important in the 
next iteration. The process repeats until error rate is higher than 
0.5. The boosting process is repeated several times to build a 
cascade of classifiers [21]. 

Each classifier after operation of adaptive boosting has high 
true positive detection rate (about 0.999), but a lso very high 
false positive rate (about 0.5). Using only one of such 
classifiers will make no sense; however, composing them into 
the cascade creates efficient classifier, as shown in equation 

0.99920 ~ 98% for true positiin• , 0.5:o ~ 0.0001% for false postttve (1) 

4) Face's center point calculation and tracking 

The ccnter point of the face, calcu lated using the data from 
the Haar-like features classifier, is nuctuating, due to the 
specificity of the algorithm. During computation, each feature 
is sca led to fit the input image. If the scaling step is large, the 
face detection is fast but inaccurate. In consecutive frames face 
can '~ ump" from one point to other, even if the user is not 
moving hi s head. In the contrary, the sca ling factor close to l 
decreases substantially the speed of process ing. 

In order to obtain a real-time computation speed as well as 
stable detection of the center point of the face, the middle point 
between eye comers is detected as it is shown in Figure 5. 
Starting from the middle vertical line of the face that is located 
between the eyes, the two darkest points placed on the left and 
right side arc found . The program assumes that these points are 
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the eye comers. Ca lculating the average from po ints' pos ition, 
the center point o f the face is ob ta ined. Stability of such an 
obta ined poi nt is suffi c ient fo r the eye tracking purposes. 

Figure 5. Eye corners detection 

5) Pupil detection 

Recognition o f the eyes on the image is based a lso on the 
Haar-like features c lassifier. The only diffe rence is that it was 
trained on the eye images data base. Hav ing the rough regions 
for each eye, the exact pupil shape should be ca lc ulated . In 
each region the largest set o f the dark pi xel s arc assumed to be 
a pupil region. For users with dark eye colors, such a region 
wi ll be a pupil with the iri s. The ccntcr point o f each pupil is 
calculated as a centcr o f a gravity o f each region contour. Such 
an approach was suffi c ient in the early phase o f the project 
development, but it will be improved to obtain better reso lution 
and accuracy. 

6) Viewing point calculation 

Due to the instability o f the user's face pos ition, the pupil s' 
positions arc calcula ted with reference to the ccntcr po int of the 
face as was described in po int 4. Obta ined vecto rs represent 
the re lati ve d isp lacements of each eyeball. 

7) Tracking results 

The eye gaze tracking results obta ined with the des igned 
system arc presented in Figures 6 and 7 The lines represents 
the eye movements wi th re fe rence to the ccn tcr po in t o f the 
head. 

During the ex periment, the user was asked to make 4 eye 
movements: up, down, left and ri ght. The di stance between 
head and screen with the camera was eq ua l abou t 40 cm. No 
additional li ght sources were used. 

The vert ical eye movements tracki ng res ul ts a rc presented 
in Figure 6. Two stars represent the eye gaze points in the 
screen and the corresponding trac ki ng result (arrows) . 

The hori zonta l eye movements can be seen in Figure 7. 
Straight pos ition of the eye is marked with number 4, while the 
marginal pos itions wi th 3 and 5. Poi nt no 6 is the res ult of the 
tracking fa ilure, however such errors can be detected and taken 
into account during the fina l process ing o f the eye gaze 
direction . 

1 
2 

1 

2 

Figure 6. Tracking results of verti ca l eye gaze movements 

3 4 5 

3 4 5 

Figure 7. Tracking results of hori zonta l eye gaze movements 

As it is v is ible in Figures 6 and 7 , sys tem shows acceptab le 
accuracy and prec is ion, however, the vertica l movements are 
less no ticeab le, whi le the vertica l eye movements have 
naITowcr range then hori zonta l ones. 

V III. CONCL SIONS 

C urrent vers ion o f the system is ab le to show the re lative 
eye movement o f the user. T he accuracy of opera tion and 
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system robustness require further improvements, however it is 
possible to build the passive real-time eye tracking system 
using simple wehcam, possessing relatively high precision and 
resolution. Such a system will he a perfect solution in situations 
when additional light source (particularly Infrared LEDs) can 
he dangerous or harmful, i.e. for outdoor applications and HCI 
systems for persons with disabilities, where the ergonomics 
and price of the system plays a key role. 
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ABSTRACT - In everyday life human gestures arc often used to 
communicate or enhance speech. 'I hey can be also used to enable or 
improve the communication between human and machine. Among 
the contactlcss human-computer interfaces (HCI) the vision-based 
solutions enabling for face and hand gesture recognition are the 
most promising ones. Haar-like object detection algorithm devel­
oped by Viola and Jones allows for rapid detection of human faces 
or hands in image sequences. 'Ihis paper presents the overview of 
vision-based Human-Computer interfaces employing methods 
based on Haar-like features and proposes a Human-Computer In­
teraction system controlled by mouth shape change. 

KEYWORDS - Human-Computer Interaction (HCI), Haar-like fea­
tures, face detection 

I. INTRODUCTION 

Over the years Human Computer Interfaces (HCI) evolved 
from text through graphical to multimedia ones. However the 
most common input method is still by using computer 
keyboard and mouse. Unfortunately these devices arc not 
sufficient to meet the needs of the latest virtual reality 
applications. They arc also not suitable for motorically 
impaired users. Therefore the development or alternative 
methods of communication between human and computer 
attracts the interest of many researchers in recent years. Two 
trends can be observed in this field: research on possibly most 
natural ways of human-computer interaction, and building 
systems enabling communication with the computer for people 
with severe physical disabilities. In both cases two types of 
solutions arc utilized: systems with external devices mounted 
on user's body, and contactlcss systems which offer much 
more comfort for the users. The non-intrusive systems utilize 
different types of remote sensors but the most promising ones 
arc vision-based solutions. User friendly human-computer 
interface should fulfill several conditions: be contactless, not 
dependent on lighting conditions, be reliable and working in 
the real time. 

Haar-like object detection algorithm developed by Viola 
and Jones f I] allows for rapid and reliable detection of human 
faces or hands in image sequences. Since the classifiers build 

using this approach arc available as open source, this method 
is probably the most frequently used one in the development 
of vision-based Human-Computer Interfaces. 

In this paper the Haar-like object detection method is 
briefly explained, followed by the overview or I luman­
Computcr Interaction systems based on Haar-like classifier for 
face features detection. Finally a mouth shape controlled 
vision-based HCI is proposed and the results and conclusions 
arc presented. 

II. HAAR-LIKE OBJECT DETECTION 

Face detection in image sequences is a challenging problem 
and many techniques have been developed to solve it. The 
existing approaches can be classi ficd into four groups: 

• knowledge-based methods employing simple rules to 
describe the properties of the face symmetry and the 
geometrical relationships between face features l 2 ]; 

• feature-based methods based on the detection of 
mouth, eyes, nose or skin color f3, 4 ]; 

• template matching methods based on finding the 
correlation between the input image and stored patterns 
of the face [5]; 

• appearance-based methods, where algorithms arc 
trained on models using neural networks f6], Support 
Vector Machines (SVM) f7] or Hidden Markov 
Models (HMM) [8]. 

I laar-likc object detection is a method derived from the 
template matching group. It was developed by Viola and Jones 
[ 11 and modified by Lcinchart and Maydt 191. The algorithm 
allows for rapid detection or any type of the object in the 
image for which the classilicr is trained. The AdaBoost 
classi ficr cascades arc based not on pixel intensities but on so 
called Haar-like features. 

Haar-like features enable encoding different features of an 
image by encoding contrasts exhibited by the object of interest 
and their spatial relationship. Each Haar-like feature can be 
considered as a template of several white and black rectangles 
interconnected. Haar-like lcaturcs arc computed similarly to 
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the coe ffi cients o f transformations based on Haar wave let. The 
features used are rec tangul ar and of different size, subd ivided 
into white and bl ac k regions. The three types o f Haar- like 
features arc presented in the fi g. I . 

1. Edge features 

(a) (b) (c) (d} 

2. Line features 

[1][11]~ 
(a) (b) (c) (d) (e) (f) (g) (h) 

3. Center-surround features 

~~ 
(a) (b) 

Figure I . Rectangular masks used for object detection 

The fea ture va lue fo r the given mask is calculated as the 
we ighted sum of the intensity of the pi xe ls covered by black 
rectangle and the sum of pixel intensities covered by the 
whole mask. Definin g s I as the black region o f the mask and s2 

as the whole mask, A I as the area of the black rec tangle of the 
mask and A1 as the area o f whole mask, the weights o f these 
two areas respective ly can be defined as: 

W1 =-1. ( I ) 

W2= A / A 2. (2) 

The va lue c of the fea ture is ca lculated according to the 
equati on: 

C = WtSt + W ] S] . (3) 

where s I and s1 arc the sums of pixel intensities covered by the 
bl ack rectangle and the whole mask respecti ve ly. 

The key advantage of a Haar-like fea ture over most other 
features is its calculati on speed. Due to the use o f integra l 
images, a Haar-like fea ture o f any size can be ca lculated in 
constant time (approximately 60 mi croprocessor instructions 
fo r a 2-rcctanglc fea ture) [ I]. 

Integra l image is de fined as a 2-dimensiona l lookup tabl e in 
the fo rm of a matri x of the same size as the size of the ori gina l 
image. The va lue o f the matrix at posi ti on (x,y ) is the sum of 
pi xel intensities above and to the le ft of (x,y ) inclusive . Th is 
allows fo r computing the sum o f rec tangul ar areas in the 
image, at any pos ition or sca le, using 4 lookup tables onl y. For 
the ex tended set of Haar-like mas ks the features arc computed 
using 6 lookup tables fo r 2-rcctangle masks, 8 lookup tables 
fo r 3-rcctangle masks and 9 lookup tables fo r 4-rcctanglc 
masks. The sum of pi xel intensities fo r the rectang le de fined 
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by po ints pi I , pt2, pt] and pt4 is ca lcul ated for m eq uation ( 4 ), 
here A, B, C and D arc areas as shown in fi g. 2, and E is the 
sum of regions A, 8 , C and D. 

D = E + A - 8 - C. (4) 

Single features arc used by the large set of the weak classifiers 
to label the particu lar image region as "object" or "non­
object". 

Figure 2. Integral image calculation 

Not a ll calculated fea tures arc necessary to correctly detect 
desired object in the image. Effecti ve class ifier may be 
formed using only a part of the fea tures with smalles t error 
rates. In order to find these features the boosting algorith m 
AdaBoost is used. As a result a cascade of boosted class ifiers 
is built. For face detection and face fea ture detection the 
obtained accuracy rates are presented in Table I [ 15]. It can be 
stated that Haar-like fea ture based methods have very high 
ra te of detecti on (over 90%), but the fa lse pos iti ve rate is also 
rel ati vely high (about 25%). 

TABLE I. FACE FEATU RE DETECTION ACCURACY 

Ob ject Acc uracy 
Face 95% 
Eyes 80% 
Nose 78% 

Mouth 7 1% 

ITT. H AAR-LIKE FEAT RE rN V ISION-BASED HCl SYSTEMS 

Haar-like object detect ion i a method widely used in the 
vis ion-based human-computer interacti on sys tems. A number 
o f vision-based interacti on systems were deve loped using th is 
approach, that enable the communication with the computer 
by perfo rming hand gestures [ I OJ, eye blinking [ 11 ], mouth 
movements [ 12] or head movements [13]. 

Quite simple but very use ful solution was developed by 
researchers from Chongquing Uni vers ity [ 13]. They proposed 
a vision-based system fo r controlling the intelligent 
wheelchair by head movements. For thi s purpose a lip detector 
based on Haar-like fea tures was used. The assumpti on made is 
that the head of the user is located in the middle of the image 
from the wcbcam. The head pos iti on changes arc determined 
by the relati ve changes of the mouth locati on with respect to 
the ccntcr of the image. The sys tem is able to recognize fo ur 
head pos itions (apart from the neutral one): head up, head 
down, turn left and tum right. These changes o f head posi tion 
trigger the wheelchair ac ti ons: go forward , go backward , turn 
le ft and turn ri ght respecti ve ly. In the paper no nu mbers 
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concerning the accuracy of the system arc reported, however it 
is expected at the level of about 70% as the a crage accuracy 
of the cascade c lassi ficr for mouth detection. 

Another system where the mouth pos ition is ana lyzcd is a 
lip movement multimodal human-comp uter interface proposed 
by a re carch group from Gdan ·k nivcrsity of Technology 
[ 12]. The system is des igned especially for severe ly di sab led 
and paral yzcd users to enable them control over computer 
mouse and keyboard . The position of mouth is dete rmined not 
with the ea cadc classifier trained for mouth detection but the 
Haar-like face detector. The mouth region localized in the 
lower part o f the detected face region. Further lip s hape 
estimation is performed in the image composed of components 
of LUV co lor space and Discrete Hartley Transform (DHT). 
Recognition and c las ification of the mouth shape is done 
using neural network . The system allows for recognition of 
four mouth shapes: neutral , opened , "O" shape and sticking 
out the tongue. The average effectiveness of the LipMousc is 
about 85%. 

Human-computer interface controlled by different type of 
face gestures , that is by eye blinks, is b-Link invented at the 
Lodz University of Technology [ I I] and brought to market by 
the Orange group . Tn thi s bimodal interface two Haar cascades 
are used : for face detection and for eye detection. Face 
detector is used to minimize the region of interest for f urthcr 
eye detection . The blinks arc detected by template matching, 
that is the current eye image is compared with the template 
eye image of the user acquired at the initializa tion of the 
system. In order to distinguish the vo luntary (contro l) blinks 
from the spontaneous ones only eye-blinks lasting from 250ms 
to Is arc considered as the input s ignals to the system. The 
accuracy of thi s eye-blink contro ll ed human-computer 
interface is reported to be - 95% . The system , designed 
especially for molorically impa ired persons, offers the user 
many functions, such as on-screen keyboard and mou e, 
menus with shorlcuts to favoritc websites and applications and 
possibility of turning off the computer. 

Solutions for the di sabled include not on ly H I systems but 
also emotion recognition systems. E moCam [ 14] , developed in 
the Swinburne University of Technology, is des igned for 
persons with phys ica l di sabilities and persons having problems 
with express ing feelin g verbally (cases of autism, cerebral 
palsy or speech impai rments). The system composed of a 
laptop computer and a wcbcam a llows for recognition in the 
real time of fi ve basic emotional states : neutral , angry, happy, 
sad and scared . The first stage of the proposed algorithm is 
face detection us ing Haar-like features. It is followed by 
Principal Component Analysis that uses Eigenfaccs to detect 
emotions. 

Alternati ve methods of human -computer interaction a rc 
designed not only to enable the di sabled users communication 
with the machine but also to allow more natural interac tion in 
the virtual rea lity environments. An example of such so luti on 
is hand gesture recognition system developed at the Univers ity 
of Ottawa. This system enables detection of four hand poses: 
"two fin gers", " palm", " fi st" and " little finger". The hand 
gestures are recognized in two stages: posture recognition 

using parallel architecture of four cascade cla ·s i fi e rs based on 
Haar-like features, and gestures recognition using the syntactic 
ana lys is based on stochast ic context-free g rammar. The 
accuracy of the real time detection of these hand pos tures 1s 
reported to be about 95%. 

IV. PROPOSEDBfMOD/\L H 

The proposed mouth -controlled HC I is based on the 
graphical user interface designed for b-Link system [ I I]. The 
change of the input method was suggested by one o f the 
disabled users of eye-blink controlled interface who is 
suffe ring from athctosi s. For persons with thi s type of 
di sab ility voluntary eye-blinks are quite diffi c ult to perform, 
while the gesture of showing teeth does not cause problems. 
Therefore the proposed HCl o ffers the users the same 
functionality as b-Link. 

Figure 3 . Result of face and mouth detection 

Image 
acquisition 

Detection of 
teeth showing 

Figure 4. 

Face 
detection 

Mouth 
detection 

D 
RGB toHSV RGB to HSV 

Otsu 
thresholding 

conversion convers ion 

n J} 
Hcomponent Cr component 

extraction extract ion 

J} D 
Components 

sunumng 
(0.5* H + 0.5*Cr) 

Block dagram of the proposed I IC I system 

The first step of the a lgorithm is Haar-lik e face detection 
which allows for reducing the size o f image region for mouth 
detection . The mouth region detected is a lso performed with 
the cascade c lass ifi er. The resulting image with detected face 
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and mouth is shown in fi g. 3. The output image ROI is 
analyzed in two color spaces: HSY and YCbCr. The hue 
component (H) and red chrominance (Cr) component are 
added with equal we ights and the resulting image is 
thresholdcd using Otsu method [ 16]. The block diagram of the 
system is presented in fi g. 4 . The subsequent stages of image 
process ing for closed mouth and the control mouth shape arc 
shown in fig. 5. 

~ 
(e) 

L~l 
(j) 

Figure 5. Stages of mouth shape detection: RG B image (a, f) , hue 
component (b, g), red chrom inance component (c, h), summed image (d , i), 

thresho lded image ( e, j). 

T he detection of the desi red mouth shape, that is the 
gesture of showing teeth , is done by analyzing the number of 
whi te pixels in the final image. T he gesture is recognized as 
the control one if it las ts for al least 0.5s. The plot of mouth 
shape are in time wi th tri gger actions marked is presented in 

fig . 6 . 
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Figure 6. Pl ot of the number o r white pixels vs. time with contro l gesture 
detec ti on 

The system was tested by 12 users, 3 female and 9 male. 
Two of the male users had facial hair. Each user was asked lo 
make I O control mouth gestures. The rate of correct 
recognition of the desired mouth gesture was eq ual lo 96%. 
The tests included also monitoring of the syste m bchavior 
during speech conversation. The results showed that mouth 
gestures made during regular speech do not innucnce the 
pcrfonnancc of the proposed system. 

V. CONCLUSTO S 

Presented overview shows that Haar-like object detection 
is often success fully used in vision-based interaction systems. 
The reason for it is the reliability, high accuracy and speed of 
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this method. A great advantage of thi s approach is the fact that 
it is not susceptib le to noi se and li ght conditions, and is sca le 
invariant. This method is often used in the object detection and 
recognition systems al so due to the fact that most of the 
trained cascade c lassifie rs arc available as open source. 

Proposed Human-Computer Interface control led by 
"showing teeth" gesture is characteri zed by high detection 
accuracy (- 96%). This result suggests that such input method 
can be success fully employed in the bimodal HC I. It can be 
used as an extension for the eye-blink controlled vision-based 
human-co mputer interface [ 11]. 
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ABSTRACT - In this paper we report a vision-based human-com­
puter interface that enables touch-free communication with a com­
puter by means of head movements and eye-blinks. The developed 
interface is intended to be used by physically disabled persons. It was 
shown that image analysis software running on commercial off-the­
shelf hardware (a mid-range notebook and a web-camera) allows for 
successful implementation of typical computer interaction tasks, 
such as: browsing the Internet, viewing image albums and reading 
pdf files. Test results of the interface with participation of 6 volun­
teers are summarized. The paper also includes a short review of other 
up-to-date solutions to human-computer interaction for the disabled, 
ranging from brain-computer interface to a tongue control system. 

KEYWORDS - human-computer interaction, soft computing, the 
disabled, image processing and analysis 

I. INTRODUCTION 

A feeling of exclusion from society and the lack of 
independence are a common problem for persons with physical 
disabilities [ 1]. This is particularly the case of persons suffering 
from partial or total paralysis (e.g. due to stroke, injury or 
illnesses). The physically disabled can be fully fit mentally, yet 
unable to communicate with the environment, a condition 
known as the locked-in syndrome. Recent findings of fMRI 
studies (functional Magnetic Resonance Imaging) indicate that 
such persons, although unable to perform any body control 
action, frequently regain awareness of self. Patients with the 
locked-in syndrome can perceive the environment by sight, 
hearing or touch. It is also argued that they understand speech 
and form knowledgeable mental responses, that are reflected 
by activation of the corresponding brain regions [I]. A large 
number of such persons also recover fractional control over 
their body, e.g. they can move their eyes and blink or perform 
limited head movements. 

Recent advances in JCT (Information and Communication 
Technologies) and artificial intelligence allow to build devices 
that offer novel and inexpensive solutions for interacting with 
computers. Such devices fall into the category of human­
computer interaction (HCJ) technologies. A number of 
worldwide and European initiatives have been launched to 
advance work on HCJs, e.g. the COGAIN network of 
excellence - a European project that integrates efforts of the 

Tomasz Pajor 
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211 /215 W61czanska, 90-924 Lodz, Poland 
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research community on gaze interaction systems 
(www.cogain.org). A number of conferences are devoted to the 
area of HCI , e.g. the International Conference on Computers 
Helping People with Special Needs will take place for the 13 1

h 

time. A new journal - the ACM Transactions on Interactive 
Intelligent Systems, was also recently released 
(http://tiis.acm.org). 

In this paper a HCI solution is reported that requires 
commercial off-the-shelf (COTS) computer components only. 
The interface allows for touch-free communication with the 
computer by sequences of head movements and eye blinks. 

A. Short overview of human-computer interfaces /or the 
disabled 

Standard computer input devices such as the keyboard or 
the mouse are inaccessible for people with severe mobility 
impairments. Custom solutions are necessary to enable access 
to computers for the physically disabled. The approaches can 
be subdivided into the three following groups: 

vision-based systems, e.g. eye-blink monitoring 
systems, 

systems based on non-conventional mechanical 
interfaces or sensors, e.g. mouth operated joysticks 

systems based on electrical measurements and analysis 
of biosignals, e.g. brain computer interfaces (BCI). 

Within the group of vision-based interfaces are e.g.: 
EyeTech - a mouse tracking device [2] , 8-link [3] and 
I4Control® [4] which are systems for monitoring eye-blinks. 
The main advantage of these systems is that they are contact­
less. 

The EyeTech system is a gaze tracking mouse replacement 
kit. It consists of a pair of infrared (rR) light sources and a 
camera. The camera lens is focused on the user's face. 
EyeTech comes with a software package that runs on-line, 
detects the pupil positions and calculates the corresponding 
gaze point on the screen. Clicking is selected from a menu (left, 
right, double click, etc.) and activated with either blinking or 
staring at a fixed position for a preset amount of time. 
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The 8 -link is a vision-based system that utilizes COTS 
(commercial off-the-shelf) hardware. It monitors a user's eye 
blinks and recognizes the voluntary ones (i.e. lasting longer 
than 100 ms), interpreting them as control commands. The 
primary use of B-Link is to operate an on-screen keyboard, 
which highlights keys in rows and columns to be accepted by 
eye blinks. Web browsing functionality is also provided. The 
application designed at the Lodz University of Technology was 
deployed in cooperation with Orange Labs and is distributed 
free of charge as open source software (http: //sourceforgc.net/). 
Trained users achieve the typing rate of 10 characters per 
minute. 

Another vision based human-computer interface is the 
Cybcr-cyc system developed at the Gdansk University of 
Technology. The system employs infrarcd light to facilitate the 
camera to track eye-gaze of a user who locates keys on a 
virtual keyboard displayed on a computer screen .. The system 
offers also EEG measurement. Results of EEG analysis arc 
shown to the user by face gestures of an avatar displayed on a 
computer screen (sound.eti.pg.gda.pl/news/media). 

The T4Control lR.> system was developed at the Czech 
Technical University of Prague. The system monitors a user 's 
eye by a tiny camera attached to user' s spectacle frames, i.e. 
gaze tracking is achieved by the videoocu lography method. It 
was demonstrated that the system enables the physically 
handicapped to enter text ( via a virtual keyboard) and browse 
the internet. The di sadvantage of the systems is that an ex tra 
interface hardware connecting the camera to the computer is 
required . 

Good examples of non-conventional mechanical devices 
and sensors arc: a head pointer [5] , Jouse - a mouth operated 
joystick [6] and Tongue Control (TC) [7]. 

The head pointer device consists of a rig id rod on a harness 
strapped to a user 's head . The rod is protruding forward so that 
the tip is in the user's field of view and can be used to press a 
touch screen or a keyboard. Jousc is a mouth operated joystick 
that replaces the ordinary hand operated mouse. Cursor 
position is altered by moving the joystick with either mouth , 
tongue, chin or cheek. Mouse clicks arc performed by inhaling 
or exhaling through a tubular mouthpiece. Use of Jousc and 
other joystick based sys tems docs not require attaching any 
accessories to the user 's body. 

The TC device is a tongue-computer interface which 
consists of 18 inductive sensors placed within the user 's mouth 
on a small hard palate and a ferromagnetic bead g lued to the 
tongue. The tested individual s achieved typing rates of up to 70 
characters per minute after 3h training sess ions . 

Finally, among the systems that are based on electrical 
measurements and analysis of biosignals the example solutions 
arc: Ncss i [8] - an EEG-Controlled Web Browser for Severely 
Paralyzcd Patients and a BC I interface [9] that detects brain 
electrical responses to periodic li ght nashcs. 

Ness i is a Mozilla based web browser that uses s ignals 
gathered by the so called thought translation device (TTD) 
developed at the University of Tubingcn, Germany. TTD 
measures s low cortical potentials (SCPs) , i.e . signals a person 
can learn to contTol and invoke voluntarily. The browser 
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displays a visual feedback containing two square field s, colorcd 
red and green, that correspond to one of two possible actions 
selectable in the remaining part of the screen. 

The BCT interface built at the Technica l University of Lodz 
operates on the principle of detecting Steady State Vi sually 
Evoked Potentials (SSYEP). The user observes a keyboard of 
nashing LEDs, with unique frequencies, ranging from 3,5 Hz 
to 75 Hz, corresponding to each character. The recorded EEG 
potentials feature those characteristic frequencies, thus it is 
possible to determine the character which has the user 's focus. 
An average typing rate of 5 sec per character is currently being 
achieved by the individuals who tested this system. 

Functional properties and availability of the reported 
human-computer interfaces arc compared in Table I . 

TABLE I. COMPARISON 0 1: THE SELECTED HUMAN-COMPUTER 
INTERFACES WITIIIN T II E REPORTED CLASSES 

Assistivc Assis tance 
Elements 

Ora l 
Zero-

Diniculty 
attached force Price 

Dev ice to initialize 
to body 

contact 
operation 

of use 

EycTcch 
YES NO NO YES LOW IOkUSD TM3* 

B-1 ink * YES NO NO Yl!S LOW 
open 

source 

Cybcr-
YES NO NO YES LOW NIA eye*/*** 

14-Cont.rol* YES YES NO YES LOW NIA 

Head 
YES YES 0 NO HIGH > IOOUSD stick** 

Jousc* * NO NO YES NO MEDI UM > IOO USD 

Tongue 
YES YES Yl~S YES LOW NIA 

Contro l** 

Ncssi*** YES YES NO YES MEDI UM NIA 
BCI 

YES YES NO YES MEDI UM > IOO USD SSVEP*** 

*) vision-based interface, **) mechanical rigs, ***) EEG recording. 

11 . H EA D-TRAC KrNG II UMAN-CO MPUTE R INTERFACE 

Tn the author's opinion, vision-based HCI so lutions feature 
many advantages. They arc both contact-free and non 
invasive. Such systems arc s imple in use, require no force, no 
mechanical contact a little maintenance. What is more, the 
vision-based systems can be "a lways on" - ready for use and 
awai ting a user 's commands. Finally, they are medically safe 
and ethically easy-acceptable. 

The proposed vision-based human-computer interface 
sys tem consists of two major building blocks [ I OJ: 

hardware - providing acquisition image sequences, 

software - containing a lgorithms for image analysis, 
screen cursor displacement calculation and program 
control; the software is implemented with the use of 
the OpcnCY library. 

The system bench is illustrated in Fig. I. The user is 
positioned in front of the computer sc reen at a di stance within 
the range of 20-50 cm. The camera can be a built-in device or 
attached to the monitor. 
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Camera 

......... -- .. -· User line of sight ... ... .... ... . . . - • -

······· -·· Screen axis of symetry- ...... -- -·· 
Screen 

LCD or CRT 

User 

• ----~,O - 50 cm------· 

Figure I . System user positioning with respect to computer screen 
and the camera 

A. Software design and implementation 

A PC Windows OS application for this project 1s to 
perform the following operations: 

capture a seq uence of images of the user's face , 

prcproccss the images, 

identify the user's face location in consecutive image 
frames, 

resolve current face movements and decide of mouse 
cu rsor shift, 

detect the user 's eyes ( open/c losed) and perform 
spcc i fied mouse button actions. 

In order to perform the indicated operations an application 
was des igned, consisting of the software modules that arc 
indicated in a block diagram shown in Fig. 2. 

The image acquisi tion and pre-processing modules fetch 
frames from the imagcr and perform the following image pre­
process ing operations : resolution adjustment, image rotation , 
image flipping, co lor cod ing transformation and others. 

Image 
Acquisition 

lmage 
Pre-process · • 

Haar 
Cascade 

' Face 
Detection & 

Tracking 

• 
Template 

Acquisition 

Template 
Matching 
-··-··-----·---

Cursor 
Position 

Controller 

Mouse Button 
Controller 

Figure 2. Software modules implemented for image-based head tracking and 
eye-blink detection 

The face detection and tracking module consists of the 
three image process ing steps: I) face detection: by means of 
Haar cascade filtering masks according to Viola and Jones 
algorithm [ 11 ], 2) tracking initialization: for the motionless 
"neutral" face position, face and eye templates arc collected , 3) 
face tracking: implemented by means of template matching 
technique which serves both for face tracking and monitoring 
the user's blinking . 

During tracking each frame retrieved from the camera is 
correlated with the face template. The point with the highest 
match is assumed as the face's geometric ccnter of mass and its 
coordinates are forwarded to the Cursor Pos ition Contro ller 
(Fig. 3). 

The Mouse Button Controller is activated in a " neutral" 
enface face position. The eye template acquired during 
initialization is assumed to represent an "eyes open" state . 
Once the "quality" of the match falls below a configurable 
threshold , the left eye is identified as closed . This triggers the 
left mouse button service routine. If the user's face leaves the 
neutral position while the left eye is identified as closed 
dragging or framing is performed. Screen cursor movements 
are control led by user's head pitching and yawing (F ig. 3). 

Figure 3. Image of user 's face from the left : " neutral" enface position , head 
yawn, head pitched; c ircular mark er represents center of the face in the 

"neutral" position ; triangular marker represents center of face after rotation , 
its di splacement from "neutral " position is c learly visible 

I I I. SYSTEM TESTS AND RESULTS 

Hardware sctup of the system is bound to be s imple and 
limited to commercially ava ilable, off-the-shelf components. 
There arc no specific requirements for the camera's resolution, 
though it is assumed to be at least VGA standard reso lution of 
640x480 pixels with a frame rate between 25 and 30 fps 
(frames per second) . For image acquisition an ordi nary 
webcam with USB interface was used: Logitcch model 
QuickCam Ultra Vision. As a computing platform for the 
so ftware a PC class computer with an Intel Ccleron 1,5 GHz 
processor and 5 12 MB RAM memory was used and proved to 
be sufficient for running the application at a pace set by the 
camera frame rates . 

T he system was tested in 4 trial scenarios on 6 test subjects. 
Test users were both frequent computer users, accustomed to 
Microsoft Windows XP operation, working with a computer 
several hours each day and "occasional" users who in general 
lacked this experience. Trials had been preceded with 
indi vidua l training sess ions. 
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Each trial sess ion consisted of three parts that were 
conducted in different lighting conditions: 

l . Optimal li ghting conditions, in midday, with good 
natural illumination . 

2. Poor conditions, in late evening hours, with artificia l 
light sources placed outside the camera's field of view. 

3. Complex lighting cond itions with external light source 
placed in the field of view, behind and above the user. 

Four test scenarios were prepared to simulate s ituations 
experienced in typical computer use situations. Scenarios were 
focused on leisure and en tertainment. The lack of keyboard 
input precludes the vision-based interface in the c urrent version 
from being used as a tool for work 

A. Test scenario I - web browsing 

This scenario s imula tes use of the interface for access ing 
information using a popular news portal. It is assumed that the 
necessary bookmarks ha ve been added to the web browser. 

In thi s scenario the user is expected to perform the 
following actions: I) Open the Opera web browser using the 
shortcut on the workspace, 2) Open the Bookmarks tab, 3) 
Select one of 5 ava ilable bookmarks, 4) Access the weather 
forecast section using an expandable menu, 5) Return to the 
root bookmark, 6) Access the news section, 7) Scroll the page 
down, 8) Select the las t available news article. 

Total time and number of errors is recorded . Errors arc 
divided into following types: T. Involuntary actions - e.g. an 
unintended click, 11. Time related errors - e.g. a single click 
instead of a double, Ill . Precision related errors - e.g. failing to 
use the expandable menu . 

The total average time to complete a ll targets in thi s 
scenario was less than 5 minutes. This speed seem s to be poor 
in comparison to manually operated input dev ices. 
Nevertheless, error of type I - has never occ urred in this 
scenario. Less severe errors of type 11 and 111 - related with 
incorrect timing when c licking and lack of prec ision m 
navigating, had no s ignificant impact on the fina l result. 

B. Test scenario 2 - image browsing with fr/an View 

Simulates access ing and brows ing a collection of I O stored 
images . The user is to perform the following act ions: I) Double 
c lick on My Computer, 2) Access drive C: \, 3) Access a 
specified folder, 4) Access the folder Pictures, 5) Open the first 
picture, 6) Scroll through a ll l O pictures using "Next file ... " 
button, 7) C lose Trfan View. 

All users succeeded in completing a ll tasks. T he average 
time of I minute and 40 seconds to complete a ll goals is a 
promising result, comparab le to manually operated input 
dev ices. T he source of this improvement is the spatial 
d istribution of the used icons and buttons. Comparing to 
conditions of scenario I, where the hyperlinks were spread on 
the whole screen lr fan View requires the use of on ly the toolbar 
where a ll buttons arc located in close vici nity. Thi s 
considerab ly decreased the total path traversed by the cursor. 
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C. Test scenario 3 - the fahyrinth 

T hi s scenario is focused on prec ision of cursor movement. 
T he goa l is to lead the pointer through a labyrinth without 
touching the edges (sec Fig. 4). The smallest width of the path 
is set to I O pixels. T he total s ize of the labyrinth is 700x500 
pixel s. 

In the course of thi s scenario prec ision and control of the 
cursor pos ition was tested. In Fig. 4 a typical labyrinth 
following task is illustrated (all subj ects obtained comparable 
results). Sati s factory control in vertica l and hori zontal cursor 
movement was noted. Traversi ng a skewed line proved a more 
diffi cult task. 

I 

Figure 4. Paths traversed in the labyrinth by subject I ; the lines indicate 
results from three conducted sess ions 

D. Test scenario 4 - reading pd/files with Adobe Reader 

This scenario simulates opening and manipulating a pdf 
format fil e using Adobe Reader. The following actions arc to 
be performed : I) Open Start expandable menu, 2) Select a 
folder , 3) Access a folder , 4) Open tcst.pdf, 5) Zoom in , 6) 
Scroll down to second page continuously, 7) Scroll, 8) C lose 
Adobe Reader. 

Average time to complete a ll goa ls was I minute and 53 
seconds. A user when reading a book spends most of hi s/her 
time focused on the text. Mouse actions arc limited to scrolling 
the text or switching pages. Thus a di sab led person, using the 
proposed vision based interface, can read a vo luminous tex t 
document in a time period comparab le to a healthy person 
using mouse or touchpad interfaces. 

IV. CONCLUS IONS 

The designed vision-based interface provides mouse pointer 
contro l and a llows performing s ing le and double left mouse 
button c licks using head movements and eye blinks. A 
potential user can be a paralyzcd person with deteriorated 
preci sion of head movement. 

Resu lts gathered in the course o f 4 test scenarios prove that 
the presented prototype meets the design constrains and 
requirements. Implemented so luti ons demonstrate the 



. -
FRIDAY, SEPTEMBER 28 • SESSION £1: HUMAN-COMPUTER INTERACTION 

necessary precision and reliability. Although, this vision-based 
interface features significantly reduced input speed, as 
compared to manually operated devices, it is still a promising 
step forward for making computers accessible to physically 
disabled persons. Such perspective is a significant 
improvement in life quality, providing a sense of independence 
and self-sufficiency. 
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ABSTRACT - In this paper, a novel method for detecting steadys­
tate visual evoked potentials (SSVEP) using multiple channel elec­
troencephalogram (EEG) data is presented. Accurate asynchronous 
detection, high speed and high information transfer rate can be 
achieved after a short calibration session. Spatial filtering based on 
the Canonical Co relation Analysis method proposed in [I] is used 
for identifying optimal combinations of electrode signals that can­
cel strong interference signals in the EEG. Data from a test group 
consisting of 21 subjects are used to evaluate the new methods and 
to compare results to standard spectrum analysis approach. Con­
ducted research, for different length signal segments and five visual 
frequencies, showed improvement of both classification accuracy 
and detection speed. 

INDEX TERMS - Brain-Computer Interface (BCI), Electroencephalo­
gram (EEG), Steady-State Visual Evoked Potential (SSVEP) detection 

I. INTRODUCTION 

Studies on the development of the Brain-Computer Inter­
faces (communication systems, that do not depend on the 
brain's normal output pathways of peripheral nerves and 
muscles 12]) have more than 20-ycar history. HCI devices may 
allow people with disahilities, including paralysed people, use 
the computer and other technical equipment, on a par with 
other users. Over the years, most widely represented group of 
devices arc non-invasive HCI systems with electroencephalo­
graphic (EEG) hrain activity monitoring. 

At the moment, the most commonly used EEG-hascd 
BCI systems employ event-related synchronization of ,,, and 
/3 rhythms (ERD/ERS), event-related potentials (ERP) and 
steady-state visual evoked potentials (SSVEP). Information 
transfer rate (ITR, introduced in 131) is used hy majority of the 
BCI lahoratorics and research groups to evaluate HCI system 
performances. This measure depends on three factors: speed, 
accuracy and number of targets. It is proved, that currently the 
SSVEP approach provides the fastest and the most reliahle 
communication paradigm for the implementation of a non­
invasive HCI system 141. 

High speed and accuracy, sufficient numhcr of targets for a 
particular task arc essential for HCI system in order to hccome 
a practical device. Today a numhcr of signal processing 

methods for detection and extraction of SSVEPs exist. From 
simple methods for detecting a single frequency component 
in a single electrode signal 151, through most widely used 
spectrum analysis methods 161, 171 up to multichannel spatial 
filtering and detection methods 181, 111. 

In this paper, a novel approach for multichannel detection 
of SSVEP responses is proposed. System, after a simple cali­
bration session, is ahlc to work asynchronously with improved 
(in relation to spectrum analysis method) detection speed and 
accuracy (thus higher ITR). 

The paper is organized as follows. The second section dis­
cusses the details of the proposed method. Off-line experiment 
conducted to prove the algorithm quality arc presented in the 
third session. Fourth section contains results and discussion. 
Conclusions arc presented in the last section. 

II. DETECTION METHOD 

In this section, the proposed Cluster Analysis Canonical 
Correlation (CACC) method for detection of SSVEPs is 
discussed. It is hascd on the coefficients derived from the 
Canonical Correlation Analysis (CCA) which is dcscrihcd in 
what follows. 

A. Canonical Correlation Analysis 

CCA method is used for finding the correlations hctwccn 
two sets of multi-dimensional variahlcs. It was first used for 
SSVEP detection in 111 and was further developed in 191. 

CCA method seeks for a pair of linear comhinations wand 
v, for two sets of data Y and X, such that the correlation 

/JI = cor(S, U) ( I ) 

hctwecn the first pair of canonical variahlcs S w'/'y 

and U ---:- v·rx is maximized. Consecutive pairs of linear 
combinations, canonical variahlcs and canonical correlation 
coefficients can he ohtained, hut the maximum numhcr of pairs 
equals the numhcr of variables in the smallest of two sets (Y 

and X). 
As far as the CCA method is used for SSVEP detection: 

Y refers to the set of Ny multi-channel EEG signals and X 
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Fig. I: An illustration for usage of the CCA method in 
EEG signal analysis. Matrix Y is where data from Ny EEG 
channels is stored. X is an ideal , reference SSYEP response, 
containing both sinus and cosinus components for Nh har­
monics. 

refers to the set of 2N1i reference signals (Fig. I). In the rows 
of the X reference matrix, the sinus and cosinus components 
for all Nh harmonics of the stimulation frequency are stored: 

X = 

sin(21r ft ) 
cos (21r ft) 

sin(21rN,Jt) 
cos(21r Nhft) 

(2) 

CCA finds the maximum canonical correlation with respect 
to weight vectors w and v by solving the following problem: 

cov[S , U] 
maxp = -----:= ===== 
w ,v Jvar[S] var[U] 

E[SU] 

E[S2]E[U2] 

E[wTYXTv] 

/ E [wTyyT w] E [vT'xx'/'v] 
(3) 

When CCA is used in frequency recognition of the SSYEP­
based BCr system, where there arc Nf targets (stimulus 
frequencies f 1, h , . .. , fN 1 ), the same number of reference 
matrices must be used (Fig. 2). 

y 

jx, ~ ~ ccA ' 
~ ____ / (1 1 

',/'.ft..,-v_.,\."v / '-. ~- '"\....\(·•!' \i 'll'.f\:V .• 1/ .,.."\i ... , •. 

i,•, ...... ..,..,-•~,-.,-,-r~~---4,,,-,.,,:,-.,v~ 1--------.-: CCA ' 
. '--.. ,/ 

Fig. 2: An illustration for usage of the CCA method in different 
frequency components recognition of the SSVEP-based BCI 
where there arc Nf targets. Xi is the response reference matrix 
for the i-th stimulus frequency. 
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For each pair of multi-channel EEG and reference signals, 
a maximum canonical correlation coefficient is obtained and 
it can be used for frequency recognition. As proposed in f91 
user 's command is recognized as 

C = maxpi, i = 1, 2, ... , NJ , 
i 

(4) 

where Pi is the CCA coefficient obtained with the reference 
signal frequency being f, h, ... , f N,,. 

B. Encountered CCA problems 

Original CCA method, even in conjunction with thrcsh­
olding of maximum canonical correlation coefficients for 
each stimulus frequency, does not seem reliable in practical, 
asynchronous SSYEP BCI system. Main problem is related 
to strong dependence of measured EEG signals against user 
psychophysical state (Fig. 3). This state changes with the on­
going measurement session and between different days (when 
user eg. did not sleep well). In such cases, the background , 
non-stimulated EEG activity is increased. Brief moment of 
relaxation often improves recorded signal quality, but this 1s 
usually only a short-term effect. 

:::: Q_6 ,:-------, ---:·------- . - ~ --- ....... ,., .... ___ -------- --,; - _A.,..•,V,A'. li ~~ :~ ~~ • 
8 0.5 f f 

1\ f ' : ·', l j 22.66 Hz 
~ : . " : • f l 24 22 Hz 
80.4 I 1 ' t .!, , of- ( 25.78Hz 

~ 03 ------:---,---._-r-:---·-r-------
1

, --:-----;-------- -----
-~ 2 ' A. ) "v..;' ·1- i -1 . • ~· .... +' ·/1 .,;,.,.. .~-~ .·'·-- ~ \.tr- .. ~~'I l ,;~.i.. . ,.. "" .... \ • 1 
~ o v·,.J!· ,:r"I.\. ,q ., ,._,,,,., ·,tJ': 'i.J '- ;'\"',,.I' 1,-.. , • .._, ·, ' ' •· 4 ,,,..';,. ;t, .. 'r,1,\,W ,~;!,y 
)( Q.1 °ll't<t ~ ::, . . : \<: I w;" ' .r ,•'• ' ~ 1,.0 ',.·,•: ::.. : • ,_· r-. • •~'.. ,r, • r•-}" f t..:)~l{~ -.\~ 
«I I ' t I ' 
::;; o I I .... _. _ .. l .... I : . . . J 

5 
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:, 
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u 
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:, 
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·;;; 
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Time ls! 

10 20 30 40 50 60 10 

T1me lsl 

(a) good psychophysical state 

10 20 30 40 

T,mc fsl 

20 30 60 70 
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(b) bad psychophysical stale 

Fig. 3: Comparison or the classification results or the relevant 
parts of the signal for the AL I user in two test sessions. ln 
the second case wrong system dec isions were marked red. 
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In Fig. 3b it is clearly visible that a ll or the canonical 
cotTelation coeffic ients have greater variab ility over time (often 
reaching established threshold va lue, resulting in false detec­
tions). In this particular example SSYEP BCL system is not 
able to distinguish between working and idle state c lasses 
properly. There is a lso on ly a lilt.le margin to ri se threshold 
value due to the low canonical cotTelation coefficient va lues 
in segmen ts which involved stimulation. 

C. Cluster Analysis Canonical Correlation 

Original CCA method uses a s ing le cano nical cotTelat ion 
coeffic ient (w ith the highest va lue) for each or the N 1 SSY EP 
response patterns. CACC method uses three highest va lued 
corre lation coeffic ients as features. Detection and idle states 
can be accurate ly identified with k-means cluster ana lysis 
performed separate ly in each or the feature spaces (Fig. 4). 

0.25 

0.2 

0.15 

f= M 
a. . 

0.1 .. . . 
0.05 

# 0 
0.4 

0.3 

0.2 0 .8 

P2 0 .1 

0 
0.2 

P1 0 

Fig. 4: Sample result of the k-means c luster analysis in the 
correlation coefficients feature space. Idle c lass was marked 
red, detection class was marked blue. Centroids of both classes 
were marked green. 

Distance which can be measured between centroids or both 
detection and idle c lasses in feature spaces for each stimulus 
frequency, varies between the subject and frequency used for 
stimulation. rts value must be determined during the training 
phase, therefore BCT system work should be divided into two 

stages : 
I ) calibration session: At this stage (Fig. 5) the objective o f 

the algorithm is lo ide ntify the distances between centroids of 
detection and idle c lasses . This va lue is characteristic for each 
of the frequencies used for stimulation. The user is instructed 
to move hi s/her eyes (but not faster than every 5 seconds) 
between a ll stimul ation symbols. 

In the first step, a set o r response patterns for each of the 
sti mulation frequencies used (Xi, i = 1, 2 , .. . , N 1 ) is built. As 
a result of canoni ca l corre lati on of Ny EEG source channe ls in 
the detector window Y sequentially with patterns Xi , one gets 
sets of three factors: Pt i, p2i and p3i. Each o r the sets can be 
represented as a point P·i in the the feature space constructed 
on the basis of canonical cotTelation coefficients of the source 
EEG data with the i- th response pattern. 

Along with each success ive point P·i in particular feature 
space, k-means cluster analysis is performed and mutua l 

y 

'·/' -\>_~ .. ~AJ\,,_,,. ...... '"·~ • ../-;\, ..... /,\.,· .... ,.·i ~ K-means cluste r 
X2 wwwwww-. ...._,,.,.,,~,..,_..,,.,.,...,_,.,_,r,-1..;v,•,,v.r:, p ,,, Pn ,P" ana lysis, 

.,"-"·--:-·- .. ·-~·-'··-·--·-~. >-------- CCA >--- ~ verification of 
' ... ~ .. ':,t\.·:1.-·i';t/-J-,., ...._.,...,...,.._ ............. r"o t;.....J., .. ,-.. detection and idle 

~ state class ;v~.,.··,..!#0,.~ ...... \;·· .. ·,..._".;..,,.;_,...,-•. ,~~;., ~ p p p 

-',"~~--- ~ ... "·· "··· . X 'I,- wwwwww- / centroids distance 

t-: ..... ··~----·-:···--""' .. -- _,.,,, .. J,,,..,_..., ... 1-------+ CCA : - --

Fig. 5: System in ca librat ion mode. 

di stance between two classes (detection and idle state) 1s 
examined. Euc lidean metric is used : 

:i 

d(Bi, Di ) = L (Pn,1i - PD ,Ji)2, (5) 
j= I 

where B i and D.i denote the points where the idle and detec­
tion class centroids lay in the i -th feature space. Calibration of 
the frequency .fi e nds when the Bi and D.i centroid di stance 

is large e nough: 
(6) 

and after add ing e.g. the last 25 points to appropriate feature 
space, the di stance was not changed by more than I 0% . 

Based on the analys is of recorded EEG data and our 
practical investigations, /3 = 0.25. Its value is a compromise 
between the accuracy (especia lly for lower quality signa ls) and 
the time o f detection. Too high /3 value results in inc reased 
number o r false negative errors, and too small increases fal se 

pos iti ves. 
The training sess ion ends upon completion of the calibration 

for a ll N1 freque ncies. If the calibration procedure lasts over 
one minute, the system reports a problem with particular 

frequency. 
2) working mode: This is the target operating mode, in 

which device is used for communication (Fig. 6). All cali­
brated data (locati ons of the detection and idle class centroids 
in each o r N.r feature spaces) are used to improve c lassification 
at thi s stage. 

~ 
~ 
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~ I "5 X2 
~ 
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conflict ·;;; 
"' 

._,.,.....~yr\-vv..rv-· ' '"l~~,i-·/,'lf."''~··1-. 

·~\l,,,,..J-~,_,·,-., .. - -. ...._ ..... ~·-·.,r.JVo.. ~====::!._; 
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Fig. 6: System in working mode. 

Like in the ca libration mode, as a result o r canonical 
cotTe latio n o r the EEG source data (Y) with subsequent 
response patterns X i, sets of three coeffic ients : P1 i P 2i and P:1i 
(a point Pi in a three dimensional feature space) are obtained. 
Each point is classified (nearest ne ighbours method) to one or 

the classes Di or Di . 

J 5 1 
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If, during the classification in each of Nf feature spaces, 
none or exactly one point Pi was classified to D i class, system 
will detect respectively class zero (idle state) or number i of 
particular feature space. If more than one point, represented by 

the canonical correlation analysis coefficients of source data 
and response patte rn X i, will be qualified to the detection 
classes, a conflict occurs. 

Connicl situations are solved by us ing the di stance of each 
of the conflicted points Pi from the point laying on the line 
passing through centroids of both B i and Di classes, and lying 
half-way between them. The class ifier output is determined as 
the number of the i -th feature space in which the distance was 

the greatest. 
After successful de tection of responses al any of the stim­

ulus freq uencies , all data in detector window Y arc replaced 
with zeros. This prevents multiple detection of the same 
symbol. In addition, after each classification, 700 ms of the 
EEG data will not be utili zed (classifier will not take any 
decisions). Thi s will give the user of the BCI system time 
for gaze shifting. 

Ill. 0FFLINE EXPERIMENTS 

The experiments were carried out al the Institute of Elec­
tronics, Technical University of Lodz. Fig. 7 presents the 
layout of the measurement stand. 

Fig. 7: Layout of the measurement stand: visual stimulator (I) , 
subject (2) , EEG recording device (3) and operator (4). 

Subjects sat in the front of a visual stimulator (described 
in the next section) on a comfortable, ergonomic chair. Mea­
surements were carried out in a room with a window on the 
south side, curtained with a light impermeable material blind 
and a standard lluoresce nl light switched on. Lig ht conditions 
during all experiments were the same. 

A. Subjects 

Twenty one healthy subjects (Len women and eleven men, 
age range 16-'.B years, with the average of 22.2 years and a 
standard deviation of 3.4 years) participated in this study. for 
each subject, two measurements were carried out on different 
days . 
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Four subjects previous ly used our BCI system. None of 
the subjects had neurological or visual di sorders (glasses or 
contact lenses were worn where appropriate). Subjects did not 
receive any financial rewards. 

In the early stages of the experiment, users were qualified 

to one of three groups: 

I) Group A (best results, 5 subjects): Subjects who in most 
cases had earli er contact with the device (in our previous 
studies and tests). 

2) Group B (average results, I I subjects): The most widely 
represented group. Subjects who were not familiar with the 
idea of a BCI device, but actively participated in the experi­
ments. 

3) Group C (poor results, 6 subjects): Subjects with con­
centration problems or very high unstimulated, spontaneous 
brain activity 

This classification helped to investigate system parameters 
in relation to a specific group of users . 

B. Visual Stimulator 

A universa l, computer driven LED stimulator was used 
for stimulation . Each stimulation symbol (fig. 8) consisted 
of three LEDs: two stimulation lights with a diameter of 
5mm positioned on the lower right and lower left quarter 
of the visual field of each eye retina and one fixation light 
with a diameter of 3mm placed in the center of visual field. 

Distance from visual stimulator to subject eyes was equal to 
50 centimetres. 

E 
E 

l.f) 

3mm 

5mm 

Fig. 8: A view of stimulating lights (SL, SR) and a fixation 
light (F) on the screen of stimulator. 

Stimulation lights flash with the same frequency alterna­
tively in phase (alternate half-field stimulation technique [ I O]). 
Fixation light is used for two purposes: the subject is expected 
to concentrate his/her s ight on it; additionally it provides 
a feedback information about amplitudes of corresponding 
SSVEPs detected in the subject EEG s ignal. 

Vi sua l stimulator had five sets of LEDs forming stimulation 
symbols in five different colors (each set had stimulation 
and fixation LEDs of the same color): white, blue, green, 
yellow and red. Luminous intensity of each LED used was 
approximately I OOOmcd. 

C. EEG Recording 

Equipment from g. tec (Graz, Austria) was used for EEG 
measurements: g.USBamp biosig nal amplifier, g .GAMMAbox 
active electrode driver and g.GA MMAcap with sixteen 
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Ag/ AgCI active electrodes. Seven electrodes over the primary 
visual cortex (positions P07, P03, 0 I , OZ, 02, P04 and 
P08) and nine e lectrodes evenly di stributed over the remaining 
cerebral cortex (positions P3 , PZ, P4, C3 , CZ, C4, F3 , FZ and 
F4) were used for recording. A ground electrode was pl aced 
on CPZ position. A re ference electrode was placed on right car 
lobe (position A2). The EEG signal s were bandpass filtered 
between 2.0-60.0 Hz with a notch filter for 50 Hz power line 
frequency suppress ion , amplified and sampled at 600 Hz. 

EEG signals were recorded with a home-made software 
package - BioStudio [ 11 J which was able to drive visual 
stimulator and processed measured signals in order to compute 
biofeedback information for stimulation symbol s. 

D. Experimental paradigm 

Subjects were instructed to focus their gaze on fixation 
LED and flickering lights below it to produce SSVEPs. Each 
measurement lasted for several minutes and consisted of 
five stimulus sequences (one sequence for each color, only 
one stimulation symbol switched on at a time). The first 
sequence began a few seconds after starting the measurement 
(time required for stabili zation of electrode-skin connection 
impedance and possible adjustments of subjects' position on 
the chair to reduce the EMG signals). Stimulation frequencies 
were chosen to match the di screte Fourier transform frequen­
cies used in the subsequent analysis (in order to minimi ze 
spectral leakage). Each sequence contained 27 different stim­
ulation frequencies in the range of about 7-47 Hz. 

Each stimulation lasted eight seconds, followed by a 2-
second pause before the next stimulation (Fig. 9). Additionally 
a brie f pause followed each sequence (several up to tens of 
seconds). Thi s pause was intended for position adjustments on 
the chair and subject re lax with eyes closed (EEG signal was 
still being recorded). 

manually controlled pause for relax and position adjustments 

autom~~i~-~~~~~~~~-i ~-~-~~~ti;;ri-----1 r-----a~t~;;;; t;~ -~~~-~-~-~ce generation 

Sequence 1- white (4:30 min) Sequence 2 - blue (4:30 min) 

o:ooi 1:00 2:00 3:00 4 :00 ! 5:00 6:00 7:00 8:00 9:00 t (m :ss) 
I • •••• • ••• 

Stimulation 1-7,03 Hz (8 s) Stimulation 2 - 8,59 Hz (8 s) 

0 4 8 10 14 18 t (s) 

Fig. 9: Timing of each trial. 

Binary signal from visual stimulator indicating stimulation 
state (on/oft) was recorded along with the subject EEG signal 
from all sixteen channels. 

The original EEG data for subjects were re-sampled (Fs = 
200 Hz) and divided into shorter fragments , containing sev­
eral stimulation patterns. Al gorithm was tested with window 
lengths of 1.28, 2.56 and 5.12 seconds and data window moved 
with a step of 0 . 16 s. 

Results of the proposed method were compared to standard 
spectrum analysis SSVEP detection approach: power spectral 
density of EEG signal was computed in the sliding window 
(frequency resolution of about 0.78 Hz). For each predefined 

TABLE I: Results in Group A 

Window accuracy I %J det. speed Is] ITR lbpmJ 
Length f sl BBC CACC BBC CACC BBC CACC 

1.28 91.19 90.27 2_55 2.28 40 .3 43 .82 

2.56 94 .1 2 93 .0S 2.4 7 2_52 45. 7/J 43_29 

5 .12 9 1.53 94 .88 4.02 3_35 25.85 34 .52 

di screte frequency of stimulation a signal to background ratio 
(SBR) was estimated [ 12]. The frequency of the maximum 
SBR, after it was compared with the threshold value, was 
decided to be the intended target of the user. This algorithm 
was executed for a ll poss ible bipolar source e lectrode combi-
nations: 

C - ----2 ( Ny ) Ny ! 
N11 - 2 - 2!(Ny - 2) ! 

(7) 

in order to find Best Bipolar Combination (BBC). In ana lysed 
case (Ny = 16) 120 bipolar channel s had to be processed. 

IV. R ESULTS AND DISCUSSION 

Binary markers (stimulation on and off events) stored in par­
allel with the EEG data and the known stimulation sequence 
for each color were used to verify performance of the proposed 
detection algorithm. Classification results for each user were 
assessed in terms of accuracy, average detection time and the 
information transfer rate and were a fterwards averaged in each 
of the subject groups. 

A. Group A 

High accuracy of both SSVEP detection methods is proved 
(Table 1). The increase in detection accuracy with the increase 
of window length is negligible. Measured mean detection 
times increase as the window length is extended (this is a 
known problem an can be easily solved in practical system by 
use of multiple, different length parallel detectors) . Informa­
tion transfer rates are similar in case of both algorithms. 

B. Group B 

The biggest increase of accuracy of the CACC method over 
the BBC algorithm was observed in thi s group (Table II ). 
Depending on the window length , it was from 7 up to I I%. 
There is also a noticeable rise or detection accuracy with the 
increase of window length. As in the previous group, average 
detection times are similar (particularly for shorter windows) , 
but detection usua lly took about 0.8- 1.0 second longer. As far 
as the information transfer rate is considered, CACC method 
scams to be clearly better than BBC because of both : shorter 
detection times and hi gher accuracy. 

C. Group C 

Increase of detection accuracy for the CACC method over 
the BBC algorithm in thi s group was from 5 up to 8% (Ta­
ble Ill). Similarly to the first group, the increase in detection 
accuracy with the increase of window length is negli gible. As 
far as the average detection speed is considered, BBC method 
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TABLE II: Results in Group B 

Window accuracy I% I det. speed lsJ ITR lhpml 
Length lsl HHC CACC HHC CACC BHC CACC 

1.28 6:US 70.71 :3.:39 3.02 I 1.21 17.18 

2.5(i (i8.2(i 79. (jfi :1.20 :3.15 11.1(i 22.58 

5.12 68.:t{ 78.fi I 5.06 4.15 9.:31 16.51 

TABLE Ill: Results in Group C 

Window accuracy f % l det. speed Is l ITR lbpmj 

Length fs] HHC CACC HHC CACC BHC CACC 

1.28 45.07 50.98 4.02 5.06 ;3.44 2.14 

2.Gfi 17.2:3 5:3.22 4.75 5.12 :3.:39 4.06 

G.12 17.12 GG.17 G.:35 5.72 2.U!) 1.54 

is faster (difference of about I s for the shortest window and 
about 0.4 s in remaining cases). 

V. CONCLUSIONS 

Results clearly show that research on multichannel detection 
methods arc important and can significantly improve classi­
fication accuracy, detection times and overall communication 
speed. The proposed detection method improves the classifica­
tion accuracy in the groups of subjects with the average (Group 
H) and poor (Group C) results. In the group of users with the 
hcst results (Group A), there was no clear improvement of the 
SSVEP detection accuracy. Average detection times for both 
algorithms arc similar in most cases (but there were differences 
of up to I second). Information transfer rate in many cases 
(especially for Groups B and C) was higher for the CACC 
method, which is due to greater classification accuracy of this 
method. What is important, only a short off-line calibration 
session was necessary to achieve such results. 

At the moment many of the BCI systems arc at the stage of 
laboratory demonstrations. This is mainly due to high user 
variation, BCI illiteracy phenomenon and low communica­
tion speeds (low ITR). New spatial filtering and detection 
methods will make it possible to overcome this limitations. 
In the presented research, each of 21 subjects was ahlc to 

communicate in the off-line experiments and 16 subjects 
(Groups A and B) reached substantial information transfer 
rates. These results encourage further development of the 
proposed detection method and its implementation in the on­
line BCI system, what will he the subject of our future work. 
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