Master thesis
Electrical Engineering
Thesis number:
May,2013

Good Vibrations: A vibrotactile aid
toward music sensation aiming at
helping deaf people

Emanuel E. Mahzoun
This thesis is presented as part of Degree of Master of Science

In Electrical Engineering with emphasis on Signal Processing.

Blekinge Institute of Technology (BTH)
May 2013

School of Engineering
Department of Electrical Engineering
Blekinge Institute of Technology

Supervisor: Phd. Parivash Ranjbar






This thesis is submitted to the School of Engineering at Blekinge Institute of Technology in partial
fulfillment of the requirements for the degree of Master of Science in Electrical Engineering with
emphasis on Signal Processing. The thesis is equivalent to twenty weeks of full time studies.



Contact information

Author:

Emanuel E. Mahzoun

Email: emmal0@student.bth.se

goynic@gmail.com

Supervisor:

PhD.Parivash Ranjbar
Universitetssjukhuset Orebro,Sweden
Email:

parivash.ranjbargharajehei@orebroll.se

Examiner:

Head of Department of Electrical Engineering, Sven Johansson
School of Engineering

Blekinge Institute of Technology (BTH)

Email:

Sven.johansson@bth.se







Abstract:

This project is aiming at helping deaf people to listen to music through vibrotactile sensation. In this
thesis, music is converted into vibrations through extraction of rhythmic pattern of music. By using
this approach people particularly who suffer from deafness are able to be touched by music and
enjoy vibrations of music on their skin. This work is mainly based on two remarkable jobs, which have
been previously done in this field. One aimed at converting environmental sound to its vibrations to
help deaf individuals to be able to conjecture what kinds of actions occurring in the environment
surrounded them. This method teaches people to make very likely conjectures to connect the
vibration to its associated environmental sound [1]. The second work fulfilled to convert music to its
vibration [2].This work has achieved a great performance in terms of having precise conjectures of
subjects for associating music to its vibration. The latter work has focused only on the pop music.
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Chapter 1

Introduction

1.1 Overview

There are many works have been done to help deaf people but this area has always remained an
open topic for many researchers and students. This topic assists how this area needs more
considerations. A lack of apparatuses and researches is obvious, particularly when it comes to
vibrotactile music sensation for deaf people. This is the most importance of why this topic was
considered for this thesis. In the very first stage of this job, there are two things should be
concerned. Firstly, how the hearing is performed through the ears. Secondly, how it is possible to
make the skin organ to carry the ears functionality. Obviously, it will face many obstacles in this
route, due to huge difference of these two organs. Then, the vital preliminary task is acquiring deep
understanding of these organs to be able to make them works in comply with each other.

1.2 Aims and Objectives

The general purpose of this work is developing a technical aid to improve music perception of the
individuals through vibration. The lack of hearing sense is compensated using the skin sense if
auditory information becomes presented as vibrations. There are some features needed to be
investigated for this purpose:

e Skin structure and its abilities and disabilities to perceive music.
e Structure of ear and try to imitate its functionality to the skin.
e Structure of music and extraction of its significant perceivable properties for the skin.

1.3 Research questions

The questions need to be answered in this thesis are as follows:

Q.1. What are the characteristics of the skin?

Q.2. What are the features of the ear?

Q.3. What does it take to replace the skin instead of the ear for purpose of hearing?
Q.4. How to extract music features in form of vibrations to be perceivable for the skin?
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1.4 Research Methodology

As it will be explained later comprehensively, abilities of the ear and skin are very different when it
comes to hearing. The most important difference for these 2 different organs is the frequency range
which they can hear or perceive. Ear can hear from 20 Hz to 20 kHz, whereas skin has very low
range of frequency which is capable to cover. According to Ranjbar P. [1] the hearing for this
organ(skin) can be performed in frequency range 0-1000 Hz. This obstacle can be easily solved using
a Amplitude modulation [1].

The important question to answer is, what is the most important feature in the music could be
extracted to be most compatible with our skin?

Although, there are many features should come into account when it comes to music analysis and
they play important roles in this regard, but rhythm is one of the most substantial parts, which is
deemed the key for this thesis.

There are many works concluded that how rhythm of music can be extracted and they are explained
comprehensively in related works section.

In this thesis, rhythm had been extracted and made compatible with the skin. The importance of
rhythm comes with the fact that rhythm is the flow of music in time and everything we hear by
listening to music is its rhythm and if music deviates from its rhythmic pattern the first thing we
would notice is un-rhythmic and also unpleasant sound. The chosen approach is presented because
of having good flexibility features shows with different music genres.

1.5 Contribution

Music signal processing seems to be the minor portion of the vast and broad field of speech signal
processing. Although, many techniques and approaches primarily invented for speech have been
applicable to music, but music signals show peculiar acoustic and tectonic attributes, that
differentiates them from voice and other nonmusical signals. For instance, tempo and beat are two
very important features in musical signals. They are the main reasons why human hears flow of
music in time, rhythm.

There have many efforts to extract these outstanding features and there have been many prominent
results obtained in this regard, but none of the works tried to leverage making them compatible with
the skins capabilities. If there is, a way to convey these features to the skin then there is the
possibility to feel the vibration of music. This paper tried to extract rhythm of music and transfer the
rhythm to the skin with regard to the skin capabilities.

1.6 Related works

Although, there are numerous works have been done for speech processing but music processing has
not been considered serious and there are a huge lack of works in this regard. Particularly, almost
few publications for the music sensation in the form of vibration exist. There are two works
particularly published in this field and this thesis is mostly based on them. Ranjbar P. PhD’s
dissertation [1] is one of the most remarkable investigations, which tried to convert environmental
sounds as vibration. The second thesis has been done is “MUSIK AR VIBRATIONER OCH KROPPEN AR



Chapterl.Introduction |15

EN RESONATOR” [ 2], which tried to convert pop music into vibrations and connect it to the skin as
the first work by Ranjbar P. [1] does.

In the Rhythm and periodicity detection for polyphonic music [4] they concluded that, using
envelope information alone is not enough for beat extraction from polyphonic music. Moreover, if
the beats are spaced with periods that the resonators are not tuned to, there is no way to identify
the beats.

They also inferred that, by filtering the music signal with a narrow band pass filter in the band 50-
200 Hz, they were able to extract the beat sequence. It is worth mentioning that this region is almost
free from any human voices and other instrument sounds, which makes the extracted beat sequence
very accurate. However, in my work this band pass filtering is extended by filtering in 0-12800 Hz,
because if we apply the band pass filtering in the lower frequency ranges we will lose many
important frequencies lie in musical signal in higher frequencies.

1.7 Thesis outline

The remainder of this thesis is organized as follows.

Chapter 2 explains the ear and the skin structures. It also explains how one could become fascinated
with the functionality of the ear to mimic it to the skin. Moreover, the compatible frequencies with
the skin are expounded in this part.

Chapter 3 clarifies the most primitive definition of music, sound and voice signals. It also explains the
difference between these signals. At top of that, this chapter explains the major features of music
signal and leaves us very close to the direction.

Chapter 4 explains the significance of rhythm and the methods have been previously accomplished
to extract it. In addition, it explains the advantages and disadvantages of these methods.

Chapter 5 elucidates all the details about the proposed algorithm
Chapter 6 represents the results and future works.

At the end, the visualization is published to give a better insight into whole process.
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Chapter 2

EAR and Skin background knowledge

2.1 Ear structure

The picture below shows the different layers of the ear in general:

Semicircular Canals (3]

Canal
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- Stirrup .
E Nerves E
. Al _ _ :
: (' 5 S cOnnects ¢
: - to the
: Hammer —pw braln -8
[ h .
: '“"""-H.., x\\\ :
- Eardrum \‘\ "
. Eustachian connects to
- Outer Ear Tuhe the nose &

Fig. 2.1. Structure of human Ear

As it can be seen, the ear is defined with three main different layers [3]: Outer ear, middle ear and
inner ear.

2.1.1 The Outer ear

The outer ear consists of three parts, namely Pinna, ear canal and eardrum. The pinna is the part we
can see on the side of our head. The main functionality of this part is to accumulate sounds and
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redirect them to ear canal, which looks like a funnel. The pinna has also a role in empowering us to
identify which direction the sound comes from, this process is known as sound localization.

The ear canal is a passage that sound travels through and leads to the eardrum, sometimes this part
is called tympanic membrane. The average ear canal is approximately 26 mm in length and 7 mm in
diameter, considering the fact that, these values vary noticeably from person to person.

The ear canal is covered with earwax. Sound enters the ear and travels down the ear canal until it
reaches the eardrum.

The eardrum is roughly 8-10 mm in diameter and is composed of three layers of skin. It seems like a
drum-skin, when sound hits it, it starts vibrating. At the end, the sound vibrations are passed into the
middle ear.

In brief, the outer ear does not only direct the sound waves to the middle ear, but also amplifies
certain frequencies components. These frequencies are known as the resonant frequencies [5].

2.1.2 The middle Ear

Beyond the eardrum is an air-filled space known as the middle ear or tympanic cavity. This space
houses the ossicles — a group of three tiny bones that link the outer and inner ear. These bones are
the smallest in the human body and their job is to pass the vibrations of the eardrum through the
middle ear to the inner (sensory) part of the ear. Because of their distinctive shapes, these bones are
sometimes called the 'hammer', 'anvil' and 'stirrup'. They are more commonly referred to by their
Latin names: malleus, incus, and stapes respectively. The malleus (or 'hammer') is partially embedded
in the eardrum and is responsible for transferring the eardrum vibrations to the remaining ossicles.
There are also two very small muscles inside the middle ear (stapedius and tensor tympani),which
have two roles: they help to suspend and retain the ossicles within the middle ear and they contract
in response to loud sound, which in turn tightens the chain of ossicles. This contraction is known as
the acoustic reflex. This process makes it more difficult for sound vibrations to pass across the chain
of ossicles - thereby helping to protect the sensory part of the ear from damage by loud sounds.

The middle ear cavity is also connected to the back of the throat by a passage called the Eustachian
tube. This passage helps to keep the pressure of the air in the middle ear equal to that of the outside
world when the tube is opened naturally by swallowing or yawning, for example. In this way, the
eardrum has equal pressure on either side and is able to work at its best. Many people experience an
unpleasant sensation in their ears when flying, and need to swallow from time to time to help
equalize the pressure across their eardrums. Upon all these specifications, the primary functionality
of the middle ear is to offset the decrease in acoustic energy that would occur if the low impedance
ear canal air directly contacted the high-impedance cochlear fluid [6]. The important functionality for
this layer that should be emphasized in that for its tight relation with this thesis is filtering. In fact,
mechanical (shape of the bones and elements) and acoustic (mass and stiffness mostly deals with
tissue of this layer) limits of the middle ear structure play an key role in determining band-pass shape
of the auditory of middle ear [9]. This thesis was inspired by the fact that, this functionality that
cause to hearing of human beings can be mimicked artificially for implementation on the skin. Using
this fact makes us to be able to sense vibrations through the skin. It is worth mentioning that, this is
also the procedure implemented on the earphones.
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2.1.3 Inner ear

The inner ear has two parts, cochlea and vestibule. The cochlea is the part involved in hearing, while
the vestibule forms part of your balance or vestibular system.

The cochlea is a small spiral shaped structure (rather like the shell of a snail) that is embedded in
bone and it is filled with fluid. Sound is transmitted as ‘waves’ in this cochlea fluid through vibration
of the stapes bone in the ‘oval window’. Inside the cochlea there is an important structure known as
the organ of Corti, which supports rows of special cells known as hair cells. These hair cells detect
sound waves moving through the cochlea fluid and turn them into electrical signals that travel via the

auditory nerve toward the brain. When these signals reach the ‘auditory cortex’ of the brain, they are
processed, and we perceive them as 'sound'.

According to the [8], cochlea is one of the mechanisms used by our auditory system for encoding
frequencies. This can bring us to the conclusion that one of the reasons, the cochlear implement is
done because ear is not able to band-pass filter the auditory incoming signal. The figure below shows
how the band-pass filtering is used in implanting in cochlear, similar to the ear functionality [8].

Volume
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Fig. 2.2 Band-pass filtering is used in implementing of cochlear

This thesis work is inspired to do band-pass filtering on a music signal to mimic the cochlea
functionality. Using this method, we practically did the last procedure mentioned above, which
should be essentially executed by the ear-cochlea to make us capable of hearing. Arranging

frequencies in an organized routine and ultimately transferring them to the skin is the last part of this
process.
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2.2 Skin structure

General definition of the skin:

The integument or skin is the largest organ of the body, making up 16% of body weight, with a
surface area of 1.8 m2. Skin has several functionalities, the most important one is to form a physical
barrier to the environment, which allows and limits the inward and outward passage of water,
electrolytes and various substances, while it provides protection against microorganisms, ultraviolet
radiation, toxic agents and mechanical insults. There are three structural layers to the skin:
epidermis, dermis and subcutis. Hair, nails, sebaceous, sweats and apocrine glands are regarded as
derivatives of skin [11].

2.2.1 A brief functionality of the skin

The following lines shows a brief functionality of the skin [12].

o Provides a protective barrier against mechanical, thermal and physical injury and
noxious agents.

o Prevents loss of moisture.

o Reduces the harmful effects of UV radiation.

e Acts as a sensory organ.

o Helps regulate temperature control.

« Plays arole in immunological surveillance.

« Synthesizes vitamin D3 (cholecalciferol).

o Has cosmetic, social and sexual associations.

2.2.2 Tangible frequency range of the skin

Referring to some previous researches about the skin functionalities and capabilities would make it
easier to understand the best concrete frequency range compatible with skin.

The skin has rich innervations with the hands, face and genitalia having the highest density of nerves.
All cutaneous nerves have their cell bodies in the dorsal root ganglia and both Myelinated and non-
Myelinated fibers are found. Free sensory nerve endings lie in the dermis where they detect pain,
itch and temperature. Specialized corpuscular receptors also lie in the dermis allowing

sensations of touch to be received by Meissner's corpuscles and pressure and vibration by Pacinian
corpuscles [13].

As we can see, the Pacinian and Meissner corpuscles are responsible for the touch and vibration
sensation, respectively. It then requires us to know how we should deal with these parameters.

Meissner corpules

Meissner's corpuscles are a type of mechanoreceptor. They are a type of nerve ending in
the skin that is responsible for sensitivity to light touch. In particular, they have highest sensitivity
(lowest threshold) when sensing vibrations lower than 50 Hz. They are rapidly adaptive receptors.
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Pacinian corpuscles

Pacinian corpuscles, are one of the four major types of mechanoreceptor. They are nerve endings in
the skin responsible for sensitivity to vibration and pressure. Vibrational rule may be used to detect
surface, e.g., rough vs. smooth. Different mechanical sensitivities of mechanoreceptors mediate
different sensations; Pacinia corpuscles are more sensitive to the vibrations of 200-300 Hz while
Meissner corpuscles respond best around 50 Hz [10].

According to these articles and books, we conclude that the best frequency range, which is most
tangible for the skin starts from 50 to 300 Hz.
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Chapter 3

Music structure

3.1 Introduction to the Sound, Music and voice signal

Sound

Sound is the general term, which stands for audible effect of air pressure variations caused by the
vibrations, movement, friction or collision of objects [14].

Voice

The voice consists of sound made by a human being using the vocal folds

for talking, singing, laughing, crying, screaming, etc. Habitual speech fundamental frequency ranges in
75-150 Hz for men and 150-300 Hz for women [41]. The human voice is specifically that part of
human sound production in which the vocal folds (vocal cords) are the primary sound source.

Music

Music is an art form whose medium is sound and silence. Its common elements are pitch (which
governs melody and harmony), rhythm (and its associated concepts tempo, meter,
and articulation), dynamics, and the sonic qualities of timbre and texture [49].

3.1.1 Bandwidths of Music and Voice

The bandwidth of unimpaired hearing is normally between 10 Hz to 20 kHz, although some
individuals may have a hearing ability beyond this range of frequencies. Sounds below 10 Hz are
called infrasound and above 20 kHz are called ultrasounds [14]. The information in speech (i.e.
words, speaker identity, accent, intonation, emotional signals etc.) is mainly in the traditional
telephony bandwidth of 300 Hz to 3.5 kHz [14].

The sound energy above 3.5 kHz mostly conveys quality and sensation essential for high quality
applications such as broadcast radio/TV, music and film sound tracks. Singing voice has a wider
dynamic range and a wider bandwidth than speech and can have significant energy in the
frequencies well above that of normal speech. For music, the bandwidth is from 10 Hz to 20 kHz.
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Standard CD music is sampled at 44.1 kHz or 48 kHz and quantized with the equivalent of 16 bits of
uniform quantization which gives a signal to quantization noise ratio of about 100 dB at which the
quantization noise inaudible and the signal is transparent [14].

This is in fact the main difference between the voice and music signal that refers to the range of
frequencies that they require to have one of these specific forms as music or voice.

Now we know what the music and voice is composed of and we know that the sound is the
generalized term that include both the music and voice .It is vital to have a clear insight into the
music features, because the rest of this chapter is based on music knowledge.

3.2 Primary definitions of musical sound

Pitch

Pitch is a perceptual property that allows the ordering of sounds on a frequency-related scale
[15].Pitches are compared as "higher" and "lower" in the sense associated with musical melodies
[16] .Pitch essentially requires sound whose frequency is clear and stable enough to distinguish from
noise [17]. Human ear is a sensitive detector of the fluctuations of air pressure, and is capable of
hearing sound waves in a range of about 20 Hz to 20 kHz. The sensations of prominent sound
frequencies are referred to as the pitch of a sound [14].

To make it simpler the frequency is the physical cycle rate of waveform but the pitch is how low or
high we hear the frequency. This is completely related to the frequency again, because the higher the
frequency the higher the pitch and the lower the frequency the lower the pitch. The best example for
better understanding of pitch is the figure. 3.1 waveform.

A A AR AR A A ‘I M m||||,..,.......
NARVARVERVRRR T LIl

Fig. 3.1 Describes how the pitch sounds louder in higher frequencies

If we play such a sound, which is depicted in figure 3.1 we realize that the end of the signal when the
frequency is higher sounds louder and the beginning of the signal when the frequency is lower,
sounds quieter. Although the loudness or quietness is a characteristic associated to amplitude but
here is something different we faced with here, because the amplitude of the signal does not change
during its flow. This forms the pitch phenomena as a subjective feature of music.

Harmonics

A high pitch sound corresponds to a high fundamental frequency and a low pitch sound corresponds
to a low fundamental frequency. The harmonics of a fundamental frequency F; are its integer
multiples kFy[14].To put in a nutshell, playing more than just one note at the same time is called
harmony.
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Chord

Harmonies with three or more notes are called chords. Chords provide background mood of music.

Overtone

An overtone is any frequency higher than the fundamental frequency (lowest existence frequency in
signal) of a sound. The fundamental and the overtones together are called partials. Harmonics are
partials whose frequencies are integer multiples of the fundamental (including the fundamental
which is 1 times itself). These overlapping terms are variously used when discussing the acoustic
behavior of musical instruments.

Figure 3.2 shows the fundamental frequency of a signal and its harmonics as partial parts of the
signal. The lower time intervals (the higher frequencies) are the overtones. Standing waves are the
waves created when a vibration takes place. In the figure 3.2 it is seen that 7 standing waves are in
existence, the first one is the fundamental frequency of vibration and the 6 following waves are the
waves are known as overtones.
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Fig. 3.2 Standing waves of vibration in a string; the fundamental and the first 6 overtones.

Rhythm

To obtain a better insight into the rhythm, we need to have an understanding of elements of rhythm,
because rhythm is not just a single element to define. The general definition of the rhythm in music is
dependent on the fact that humans recognize a beat occurring at a regular interval [18].Rhythm in

music is more than just a beat, however in this way, sounds with different lengths (or gaps between
them) and accents can combine to produce patterns in time, which contain a beat [18].


http://neilhawes.com/sstheory/theory09.htm#rhythm
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Beat

Beat is the most fundamental concept of rhythm. A beat is a pulse that occurs at regular intervals, i.e.
with equal time intervals between the pulses, which is heard (and often felt) by humans [18].

Accent (articulation)

Accent is the stress or special emphasis on a beat to mark its position in the measure [19], the mark
in the written music indicating an accent. There are five basic accents, staccato accents, staccatissimo
accents, normal accents, strong accents, and legato accents with several combinations possible [19].
These are in fact just emphasis on the elongation of the music notes and make them to be longer.
They actually help us to know how prolongation a single musical note to be stressed on and
repetition in these stresses leads to rhythm.

Accents of music come together in a table 3.1 as follows:

Table.3.1. Basic Accent of Music

Staccato accent Short and separated from the following note

Staccatissimo accent An exaggerated short duration of the note

Strong accent Generally meant for attacks at loud dynamic levels of forte or Louder

Normal accent Moderately sharp attack that can be used in any dynamic level from
pianissimo or fortissimo

Legato accent This can be used at any dynamic level an it is a slight stress without a
noticeable attack and held to the full duration of the note

Tempo

Although with knowing, the meter of a music transcription, we can reproduce it correctly, but we
have no clue how fast a piece of music should be played. Tempo is the feature let us know how fast
or slow a piece of music has to be played. Beats per minute (BPM) is a unit typically used as a
measure of tempo in music. There are some other common tempo’s pace as it follows:
BPM=30,60,90,120,180,240. The higher the BPM the faster the tempo and consequently a piece of
music is played faster.

Rhythm pattern [20]

In order to read, identify and transcribe rhythms, you need to become familiar with rhythm notation
and rhythm patterns. This mainly involves indicating when a note happens and how long it lasts, and
recognizing when you hear a common rhythm.



http://www.music.vt.edu/musicdictionary/textm/Music.html
http://www.music.vt.edu/musicdictionary/texts/Staccato.html
http://www.music.vt.edu/musicdictionary/texts/Staccatissimo.html
http://www.music.vt.edu/musicdictionary/texts/Staccatissimo.html
http://www.music.vt.edu/musicdictionary/textl/Legato.html
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Meter

Rhythm occurs within the framework of meter, which is simply a repetitive pattern of strong and
weak beats. Here are some common examples of meter:

Table.3.2. Some Common Examples of Beat-Meter

Two-beat meter Strong-Weak
Three-beat meter Strong-Weak-Weak
Four-beat meter Strong-Weak-Weak-Weak

The meter of a song is indicated by its time signature. The time signature consists of two numbers,
stacked one on top of the other. The top number represents the number of beats per measure, while
the bottom number represents the note value for each beat. Rhythms are notated using notes and
rests. Here are the basic notations for each note, along with its equivalent rest. A rest is silence,
when no sound is played.

Table of notes contents:

Table .3.3. Notes Contents

Symbol Name Number per measure (4/4) Rest

O whole note O -
1 per measure

J -

2 per measure

S e ] ¢

4 per measure

Jﬁ eighthnote  Jddd ddas Y

8 per measure

e
ﬁ slmeenthnOte veove “J‘ ““m ./

16 per measure

half note
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Consonant

With some intervals, notes are combined naturally to make a pleasant voice or consonant.

Dissonant

With some intervals, notes are combined and make a unpleasant voice or dissonant. Time signature
and Meter refer to the same concept but they are slightly different. Meter is the property of music,
which is based on an underlying, repeating beat rhythm whereas time signatures are the symbols we
use to identify and describe the Meter.

Interval

An interval is the distance between two notes. Intervals are always counted from the lower note to
the higher one, with the lower note being counted as one. Intervals come in different qualities and
size. If the notes are sounded successively, it is a melodic interval and if it is sounded simultaneously,
then it is a harmonic interval [21].

Melody

To talk about melody in the manner of a music dictionary ,it is a series of notes played one after the
other (not simultaneously) [22].The thing we hear in a music is very likely the melody of the music
and it normally has the highest pitch in notes but it is not always true. Harmony can goes with
melody to enrich the sound.

Dynamics [23]

Musical Dynamics indicates the loudness of music. We use the Italian terms piano and forte to
indicate soft and loud. They are usually abbreviated p and f. We can also add the word mezzo (m)
to p and f to create mp (mezzo-piano) and mf (mezzo-forte). Mezzo-piano (mp) is moderately soft
and mezzo-forte (mf) is moderately loud. More than one p or f indicates a softer or louder dynamic,
such as pp or fff.

Timbre [24]

Also known as tone color or tone quality from psychoacoustics, is the quality of a musical note or
sound or tone that distinguishes different types of sound production, such as voices and musical
instruments, string instruments, wind instruments, and percussion instruments. The physical
characteristics of sound that determine the perception of timbre include spectrum and envelope. In
simple terms, timbre is what makes a particular musical sound different from another, even when
they have the same pitch and loudness. For instance, it is the difference between a guitar and a piano
playing the same note at the same loudness. Experienced musicians are able to distinguish between
different instruments based on their varied timbres, even if those instruments are playing notes at
the same pitch and loudness.


http://en.wikipedia.org/wiki/Psychoacoustics
http://en.wikipedia.org/wiki/Musical_note
http://en.wikipedia.org/wiki/Musical_instrument
http://en.wikipedia.org/wiki/Musical_instrument
http://en.wikipedia.org/wiki/Spectrum
http://en.wikipedia.org/wiki/Loudness
http://en.wikipedia.org/wiki/Musicians
http://en.wikipedia.org/wiki/Pitch_(music)
http://en.wikipedia.org/wiki/Loudness
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3.2.1 Texture

Texture

In music, texture is the way the melodic, rhythmic, and harmonic materials are combined in

a composition, thus determining the overall quality of the sound in a piece. Texture is often
described in regards to the density, or thickness, and range, or width between lowest and highest
pitches, in relative terms as well as more specifically distinguished according to the number of voices,
or parts, and the relationship between these voices.

3.2.2 Four Types of Texture in Music

Although there are multiple ways of describing texture in music, we will focus on four particular
types: Monophonic, Polyphonic, Homophonic, Heterophonic.

Monophonic

Literally meaning "one sound," monophonic texture (noun: monophony) describes music consisting
of a single melodic line [25]. The figure 3.3 shows a monophony signal apperarance.

Monophony

/\/—\

Fig. 3.3. Monophonic sound signal

Polyphonic

Polyphonic texture describes a musical texture in which two or more melodic lines of relatively equal
importance are performed simultaneously. This is a complex style, which served as a proving ground
for composers from around 1500-1800 [25]. The figure 3.4 shows the polyphony signal look.

Polyphony

Fig. 3.4. Polyphonic sound signal
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Homophonic

Homophonic is the texture we encounter most often. It consists of a single, dominating melody that
is accompanied by chords. Sometimes the chords move at the same rhythm as the melody; other
times the chords are made up of voices that move in counterpoint to each other. The important
aspect is that the chords are subservient to the melody [25].The figure 3.5 shows the appearance of
the Homophonic signal.

Homophony

-\/\

Fig. 3.5. Homophonic sound signal

Heterophonic

Heterophonic texture is rarely encountered in western music. It consists of a single melody,
performed by two or more musicians, with slight or not-so-slight variations from performer to

performer. These variations usually result from ornamentation are added spontaneously by the
performers. Mostly, heterophony is found in the music of non-western cultures such as Native
American, Middle Eastern, and South African [25].The figure 3.6 demonstrates heterophony signal
appearance in below.

Heterophony

Fig. 3.6. Heterophonic sound signal

3.3 The main characteristic differences between music and speech signals

Although there are, many methods can be applied for both music and speech but we need to
mention about some most important characteristics of music and speech as follows [14]:

(a) The essential features of music signals are pitch (i.e. fundamental frequency, timber (related to
spectral envelope), whereas there are not necessarily available in speech signal.

(b) Beat and rhythm, absent in normal speech, are important acoustic features of musical signals.

(c) Music signals have a wider bandwidth than speech extending up to 20 kHz and often have more
energy in higher frequencies than speech.

(d) Music signals have a wider spectral dynamic range than speech. Music instruments can have
sharper resonance and the excitation can have a sharp harmonic structure (as in string instruments).
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(e) Music signals are polyphonic as they often contain multiple notes from a number of sources and
instruments played simultaneously. In contrast, speech is usually a stream of monophonic events
from a single source. Hence, music signals have more diversity and variance in their spectral-
temporal composition.

(f) Music signals are mostly stereo signals with a time-varying cross-correlation between the left and
right channels.

(g) The pitch and its temporal variations play a central role in conveying sensation in music signals,
the pitch is also important in conveying prosody, phrase/word demarcation, emotion and expression
in speech.

As we can see amongst these differences, the case Cis a major difference between music and
speech signal chosen for this thesis. The beat and rhythm according to this table are not in existence
for the speech signal opposed to music signal. These features have been explained during the last
part and we are now familiar with these elements. We will discuss later how these elements should
be extracted in our music signal in a proper way to help us having more explicit extracted music
signal compatible with the skin.
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Chapter 4

Related works

4.1 Significance of rhythm

As it was mentioned, rhythm is the repeating concurrence of the music. This repetition is formed by
the beat rhythm. As it is clear, the meter is the underlying reason for existence of rhythm and beat is
main property of the meter. Meter is defined with time signature which is composed of two numbers
one divided by the other .The nominator shows the beat rhythm in every bar (measure) and the
denominator represents the elongation of every beat. What this statement brings us to the
conclusion is everything takes a meaning in the extraction of the beat, which requires us
understanding and extraction of the meter. Thus, if we extract the beat rhythm of music we literally
have the rhythm of the music. Depending on the fact that whether the rhythm changes or it is
constant, it needs to follow some roles. The other important thing is the music genres have different
pattern in their own nature. For instance, there is huge difference between western music and
Middle Eastern music. The octave consists of 12 semitones in western music whereas in Arabic music
it divides into 24 semitones [4].

4.1.1 What makes beat tracking difficult?

Rhythm describes the flow of music with time, one aspect of rhythm is the beat [4] and intuitively
beat is just flowing of music in time. The beat repeat itself during the time as it is an instinct
characteristic of music to have a hierarchy structure.

The beats are getting faster or slower sometimes [4], but they intended to keep their repetition form
most of the time. It is also human brain tendency to order the sounds in hierarchy repetition form.
One famous example is the clock ticks, when we listen to these; we group them into “tick-tock”
sounds even though they are the same [4]. It seems psychologically that we feel comfort when we
group them into repeating patterns [4]. In reality, these are all the cognitive process is done within
the brain and formation of these procedures into an automated process that reliably works for the
variety of music styles is not an easy task [26]. Modern pop and rock music with a strong beat and
steady tempo can be handled by many methods well, but extracting the beat locations from highly
expressive performances of, e.g., romantic piano music, is a challenging task [26].
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4.2 Introduction to the Previous works

There are numerous computational models of rhythm, which may be classified into two categories
with regard to the type of input:

The first operates symbolic signs and the second operate directly from audio input [27].Symbolic
signs deals with the written notes of music while audio input as its name indicates deals with the
musical sound itself in form of incoming input.

Cemgil [28] presented a model it was linear dynamic system. We also have two more papers
proposed by the same author including graphical probabilistic [29] model and Bayesian model [30].
Although, it should be mentioned, that there have been done some improvements on these methods
later. For instance in [31] a probabilistic model proposed to improve precision of the extracted
parameter in [29].0ne of the good examples of the improvement in the fore-discussed methods is
[32]. In this book the author suggests, several music characteristic models. One of the models deals
with rhythmic model particularly engages structure of metric and the other, statistics of western folk
music. Relying on a bank of band-pass comb filter resonators Klapuri in [33] extracted onsets and
then estimated the phase and period of metric pulses using HMM.

There is also another proposal with rhythm extraction in [34], which assumed meter of music and a
fair approximation of tempo are known beforehand. This method localize rhythmical model trained
by HMM.

In all above-mentioned methods except [32] were tried to extract only tempo of the music, whereas
in the work [32] eventually the meter of the musical signal has been extracted too.

4.2.1 Classification of previous works

There are two general groups can accommodate all these approaches in music parsing, in terms of
rhythm extraction and finally perhaps music classification. Segmentation has a perceptual and
subjective nature. The music can be segmented manually or automatically. Manual segmentation
could be due to different attributes of music such as rhythm, timbre or harmony [35]. There is also
another categorization of computational models of rhythm, which can be classified into two
categories. The both categories based on the type of input: first operates symbolic signs and the
second operate directly from audio input [36].

Investigating more about all fore-mentioned methods bring us to the conclusion that despite of
having many clear results in some senses they undertake a lot of calculations and computer
programming skills. One should be very familiar with complicated algorithms and the ways to modify
them to get the proper result with respect to what is more precious in their calculations. For
instance, there is a constraint between resolution in time and frequency domain [37], when one
wants to analyze and process music or even speech signal using Fourier transform.

In this thesis work is tried to trade-off between the complexity of the scientific papers discussed
earlier and the perceptual ability of individuals to stay as far as possible away from the complexity,
while keeping quality of the extracted rhythm in a superlative way, relying on the ability of subjects.
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4.3 Advantages and drawbacks of two major works

One of the great trials is performed previously to make the deaf/deaf-blind people recognize
environmental sound was Ranjbar P. [1]. Ranjbar relied on simplicity of the algorithm at the same
time she tried to be dependent upon the abilities of the deaf/deaf-blind individuals for distinguishing
sounds. At the first stage, she tried to rectify and low pass filter the incoming signal and then using
some algorithms such as Transposition (TR) , amplitude modulation (AM) , frequency
modulation(FM) or even combination of both (AMFM) [1].Finally, the output adapted to be in
comply with the skin. Her idea was, that mostly energy of the used environmental sounds underlies
in very low frequencies .e.g. up to 10 Hz. Ranjbar P. tried to test if the subjects are capable to
recognize which sound is played using the vibration of played sound. It should be mentioned that,
subjects became familiar with the predefined environmental sounds before they undergo the
experiment. The results obtained from this study are very dependent on, either which algorithm is
used or the condition of the situation the experiment is implemented in. As a result, this work gained
reasonable feedbacks from the subjects that most of the time they were able to distinguish the
predetermined sounds from each other and even in the best condition it hit 83 percent success. This
method cannot be implemented for the musical sound due to one major defect. All the
predetermined environmental sounds used for this study are analyzed beforehand. It was made sure
that spectrum of the sounds used carry most of their energy in lower frequencies lesser than 10 HZ,
according to the Ranjbar P. [1] in 90 percent of the predefined environmental sound it occurs. This is
not the case applicable for musical signals. Musical signals behave unpredictably and one might not
assure whether can reach the envelop of musical sound using low pass filtering with such a cut off
frequency or not. Aside from that even if there is such a possibility, then it requires testing all the
spectrum of musical sounds in advanced and it is not desired. Moreover, using envelope information
alone is not enough for beat extraction from polyphonic music [4] opposed to monophonic
environmental sounds. This is true because of the fact that, envelope is a feature associated to the
melody of a sound not the beat, which is a property of music resulted from the flow of music in time.
The other work has been done very closely to this thesis is MUSIK AR VIBRATIONER OCH KROPPEN AR
EN RESONATOR [2].This thesis [2] has tried to extract two parameters from music, namely rhythm
and melody. For extraction of rhythm, they tried to use a low pass filter along with a band pass. Cut-
off frequency for low pass filter chosen is 50 Hz to extract bass drum and band pass filtering apply
on the music signal to pull out frequencies 150 -400 Hz as the representative of bass drum, snare
drum and hit-hat. They picked a threshold value to obtain the average of the transient signal that
they claimed it is equal to 50 ms, the chosen time is also equivalent to 400 samples. They also tried
to extract the melody of the music signal. Melody extraction has been done, using band pass IIR
butterworth filter. They attempted extraction of frequencies 150-1000 Hz. Ultimately, they
transferred the associated extracted frequency to the frequency range, which is known and defined
in the Western music genre, not the exact extracted frequencies themselves.

There is a major problem with last proposed method. The time they have chosen to detect the
average energy of the signal and consequently the beat, is a little shorter than what it should be.
Refereeing to [37] this time is not enough to work with different types of music genres. For example,
in the Techno and Rap music, beats are quite intense and precise so the constant threshold should be
high (about 1.4 S); whereas for Rock and Roll or Hard Rock the threshold should be lower (about 1 S).
As this is explained above this calculation will not lead to a precise extraction of the beat
approximation.

One of the other drawbacks of this work is that the extracted frequencies in output signal have been
transferred to a particular music genre, western music, and the frequencies do not have their own
original value. Musically speaking, the authors believed that the frequencies should be meaningful in
terms of being in comply with a particular genre whereas in my idea doing such a transformation
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changes the originality of primitive signal. They speculate that, a frequency is meaningful for us,
because of ordering of frequency by our ears in a special genre like western music. This is essentially
the behavior that our auditory system does. My idea is why would not let the skin to do it by itself
and experiences the exact incoming music signal rather than its conversion to a particular frequency.
This way we can measure how skin react in real situations with actual frequencies.



Chapter4.Related Works |37



Chapter5.Proposed algorithm,Implementation |38

Chapter 5

Proposed algorithm, implementation

5.1 Proposed algorithm

The proposed algorithm flowchart is followed in figure 5.1 to give a better insight into all the steps of

the work. All the steps are explained comprehensively in 6 stages starting from filter bank.

Normalization
of Extracted
Rhythm

o | Filterbank Fullwave Envelope Amplitude Rhythmic

¥l o0-400 Rectification Extraction Modulation Pattern Band1

o Filterbank Fullwave Envelope Amplitude Rhythmic

»| 400-800 Rectification Extraction Modulation Pattern Band2

_ Filterbank Fullwave Envelope Amplitude EhYthm'; "

Input Signal P 800-1600 Rectification Extraction Modulation attern Ban

Filterbank Fullwave Envelope Amplitude Rhythmic

» PR ) . Pattern Band4

¥’ 1600-3200 Rectification Extraction Modulation

o | Filterbank Fullwave Envelope Amplitude Rhythmic

"1 3200-6400 Rectification Extraction Modulation Pattern Band5
Filterbank Fullwave Envelope Amplitude Rhythmic

P 6400-more Rectification Extraction Modulation Pattern Band6

Fig. 5.1. Proposed rhythm extraction algorithm
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5.2 Filter bank

The first step in the algorithm is filter bank. A filter bank is an array of band-pass filters that
separates the input signal into multiple components, each one carries a single frequency sub-band of
the original signal [46]. This is performed by dividing frequencies into 6 different channels each
channel holds a determined frequency range [42]. Every channel should carry the original frequency
of the input signal. Taking FFT [42] and transferring the signal into predetermined frequency ranges
allows realizing small changes in the frequencies [44]. This step has to be implemented, because
different musical instruments have different frequencies and their frequency can change slightly.
Using this technique there is possibility of perceiving these small changes. Choosing the frequency
bands is a matter of expertise and many papers referred to [39].In the mentioned paper [39]
Scheirer hypothesized ,that the best frequencies can emulate our auditory systems are frequency
bands of 0-200 Hz, 200-400 Hz, 400-800 Hz, 800-1600 Hz and finally 1600-3200 Hz. In this paper
the frequency ranges have changed in the way that represent more important frequencies buried in
the musical signal ,which is believed could increase two folds of the mentioned maximum frequency.
Therefore, the chosen frequency ranges are 0-400 Hz, 400-800 Hz, 800-1600 Hz, 1600-3200 Hz,
3200-6400 Hz and 6400-12800 Hz. According to [45] if you listen to a music track in the frequency
range 9.6 KHz - 20 KHz by itself, you would have no idea what is going on.

F is the primary vector chosen to hold the frequency ranges we require. It is a matter of necessity
how to calculate the band ranges to form a determined frequency range inside the main vector,
which is F here and we can demonstrate as:

F=10-400 400-800 800-1600 1600-3200 3200-6400 6400~12800].

To fulfill this task, first a FFT should be taken. The used FFT formula in Matlab is as follows:
X() =E)o X () wy Y

Where wy=e2™/N |53 Ny, root of unity.

The next step is to limit the boundaries of frequencies involved after taking FFT.

In this thesis, these ranges have been calculated separately for odds and even numbers. Two last
cases considered to be special cases and they have their own peculiar calculations.

Devoting a number starts from 1 to 6 for values inside the F vector, naming them i and considering
the values inside the F vector as band limits, we will have:

i=1,2,3,4,5,6.

Odd band ranges:

Band Ranges(2*(i)-1) = (bandlimits(i) /maxSigFreq*lenY/2)+1;
Even band ranges:

Band Ranges(2*i) = (bandlimits(i+1)/maxSigFreq*lenY/2);

MaxSigFreq here is the maximum frequency, which can be used for sampling.

LenY is the length of the entire input signal that needs to be covered.
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Two last band ranges:

Band Ranges(2*6-1) =(bandlimits(6)/maxSigFreq*lenY/2)+1;
Band Ranges(6*2) = (lenY/2);

Observe that bandlimits are the lower and upper part of each interval, the bandlimits for different
bands are as follows:

0<bandlimit <400 :band1
400<bandlimit <800 : band 2
800<bandlimit <1600 : band 3
1600<bandlimit <3200 : band 4
3200<bandlimit <6400 : band 5

6400<bandlimit <12800 : band 6

Band ranges are the number of each band, which is supposed to be arranged in a specific range.
Odd band ranges are 1, 3, 5 and the even band ranges are 2, 4 and 6.

As it is seen 12 band ranges have taken formed to cover all the 6 ranges inside the primary vector as
follows:

(0,400),(400,800),(800,1600),(1600,3200),(3200,6400),(6400,12800).

5.3 Full wave Rectification

Full wave rectification is performed preferably to make the next stage easier. Rectification of the
signal is applied to eliminate the content of high frequencies and only deal with the positive side of
the envelope, which is considered to be extracted in the next stage. To reach this purpose it requires
the signal to be full wave rectified.

An ideal full-wave rectifier makes negative input positive. For example [47], if we consider our
sinusoidal input, we find that the output will be:

4 v( 1)

au /

Ty

Fig. 5.2 Full wave rectification

AT

Full wave rectification can simply be shown in the following equation:
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—Vs, Vs<O0

vo={ Vs, Vs=0

5.4 Envelope Extraction

Envelope extraction is simply fulfilled with low pass filtering the our signal, e.g. convolving with
Hanning window [42] with a determined length (for this thesis the chosen Hanning window length is
0.004 (s) with 50 percent overlap).As the Hanning windows length is 0.004 (s) and with regard to
our rate of sampling which is 44100 each Hanning window contains 44100*0.004 samples which is
equal to 176.4 . According to the overlap percentage which is 50% every Hanning block contains
176.4/2 new samples, which is equal to 88.2 . The more the amount of sampling bins in each
Hanning window, the more precise result.

There is a fact that the speed of processing decreases with increasing of each window samples
number but on the other hand, the more accurate result obtains.

The question arises, that why do we need the envelope of the signal instead of the original signal?.
According to the fact that when two signals with slightly different frequencies reaching our ear the
alternating constructive or destructive interference causes the sound to be softer or louder
respectively and this phenomena is called beating [43]. The frequency of beating is the absolute
value of the difference between two frequencies reach to the ear. The produced frequency, which is
heard, is the frequency of another signal, which is either addition or subtraction of the primary
signals. For instance if the sounds reached to our ear are f1,f2,f3 what we hear is F=|f1-f2-f3| Hz.
Looking at the figure 5.3 taken from [40] clarifies the beating phenomena and shows how signals
increase or decrease in terms of amplitude when they reach to the ear.

Fig. 5.3. Shows consonant and Dissonant of sound signals

As it is shown, the agreements frequencies augment each other makes consonant and discord
frequencies decline each other to make dissonant.

Better understanding of envelope extraction through mathematically representation of it, it is very
tangible then referring to [47] we have:

The following formula depicts any amplitude or frequency modulation of a signal X(t):
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X(t)=R(t)cos(wt+@(t)).
The general form of Hanning window is:

w(n)=0.5(1-cos(%)) where N is the number of samples.

The chosen Hanning window for this thesis is as [44]:

2xA*TT\
N )

wy(a) =cos( where a=1,2,...,.N

The chosen Hanning window is a half Hanning window which starts from zero toward positive
numbers.For having more precision in calculations the length of Hanning window as it had been
mentioned was modified to smaller values to 0.004 (S) for each window block.

5.5 Amplitude Modulation

The extracted envelope is not the real original signal but as it has been explained it is the ultimate
frequency our ear hears. By implementing amplitude modulation, we follow two-folds:

1- Transferring the extracted amplitude envelope to the frequency range of carrier signal. This way
obtained signal will be in the frequency range in accordance with hearing range of ear.

2- Practically, reconstructing the obtained signal as similar as the primitive one.

According to the explanation in the chapter 2, there are some frequency ranges that skin is only
capable of hearing them. There are some slightly different interpretations about this issue but the
most promising that we can assure almost every potential frequency locates within is 50-300 Hz [1].
Reaching this goal some sinusoidal signals with different frequencies from 50 to 300 Hz is needed to
be made. Each column of extracted envelope should be multiplied with each of these sinusoidal
signals. Using this approach, it will give a signal with 6 different frequency bands, which are
compatible with the frequency that skin is able to sense. In addition, with applying amplitude
modulation, we applied multiplication of sinusoids with extracted envelope, that essentially
recovered the original signal, which is used to be some periodic high frequency signal (higher than
the frequency of envelope).Using this approach we approximate the original high frequency signal
with the different sinusoids made with different appropriate frequencies. Having a look at the figure
5.4 and mathematically representation of AM modulation can give us a better understanding.

X(®) y(t)

C(t)

Fig. 5.4 AM modulation

y(@) = X(®). C()
C(t)=Sin(w,t +6,)
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6. is considered to be zero to make the calculations easier.

[ Sin(wspt) 7
Sin(wqgot)
Sin(wqsot) |
Sin(wypet) |
Sin(w,s50t)
| Sin(w3got)]

y(t)=[(0-400),(400-800),(800-1600),(1600-3200),(3200-6400),(6400-12800)].

[((0-400). Sin(wsot)),((400-800). Sin(w;0ot)),((6400-12800). Sin(wset))]-

The first element in the y(t) vector is the parameter we call it R, or first extracted rhythm
modulated with sinusoidal signal with frequency 50 Hz. This is true for the rest of vector elements,
which are modulated with frequencies 100,150,200,250 and 300 Hz respectively.

5.6 Adding Extracted Rhythms

Adding extracting rhythm literally means putting all the extracted rhythms to gather. The extracted
rhythms in the form of frequency within 6 different frequency bands are the reasons we made all the
proposed algorithm, then why do we have to put them all to gather again? The only reason is the
lack of existing outputs. Getting several outputs as many as needed to have all the outputs
simultaneously is a challenging task. Due to, lack of such a device it is not applicable in one laptop,
which only can output one signal at the time. This restriction forced us to regain a unit-extracted
rhythm with all extracted rhythms gathered in one place.

If we take the extracted rhythm as a matrix with 6 columns and number of rows which depends on
the size of the input signal, we could show it in this way:

R=[R1' Ry,R3,R4,R5, Rs]-

In which R,(n =1,2,...6) are the associated column of the extracted rhythm for each frequency
bands. These bands can be shown in the following intervals:

0<R,<400 Hz
400<R,<800 Hz
800<R;<1600 Hz
1600<R, <3200 Hz
3200<R5<6400 Hz
6400<R,<12800 Hz

5.7 Normalized Extracted Rhythm

In fact, many software programs including Matlab are not capable to play back the sounds, which are
out of range. Matlab is just apt to play the signals lie within the [-1, 1].If it is tried to play a sound
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signal out of this range then loosing many important properties of signal is very likely. Moreover, the
ability of vibrator to play such signal is a matter of consideration.

This stage goes as follow:

If we take the R the final extracted rhythm from previous stage then the R needed to be normalized
by dividing it to its maximum value.

_ R
N max |R|

Ry is the normalized rhythm extracted at the last stage.
|R| is the positive number that maximum value of it considered in the denominator.

5.8 Implementation

In the implementation stage, the following ten different types of music genres namely blues,
classical, country, dance, electronic, hip-hop, pop, jazz, R&B/soul and rock have been chosen to be
tested. Twenty music have been chosen from 10 different music genres. Five subjects with normal
hearing and ages from 20 to 42 once listen to the music itself, the second time the subjects
experience music and its vibration simultaneously and finally at the third time, they experience only
the vibration of the music and they are asked to speculate which music is played. The vibration is
used is not a high sensitive type, which is connected to the palm of subjects.

Firstly, five music from different genre had been chosen and subjects listened to them. According to
the description above, the second time subjects listened to the music along with its vibration. Lastly,
the subjects were asked to be touched by only the vibration of the 5 selected music and make a
conjecture which music was played at the time.

The subjects have no experience of music vibrations tactile, thus it has been decided to start with

only 5 music to prevent bringing complexity to the inexperienced subjects. The results arranged in
the way that the subjects could change their idea about the played music whenever they changed
their mind at the middle of testing, but the former conjectures were not modified or corrected.
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Chapter 6

Results and Future Work

6.1 Results
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Experiments are carried out as it were described in “Implementation” in chapter 5. The two following
tables indicate the results are obtained from the music genre are chosen from blues, classical,
country, dance and electronic.

Table.6.1.First Fifth Results

Name of
music &
Genre

Beats per
minute
(BPM)

Subject 1
conjecture

Subject 2
conjecture

Subject 3
conjecture

Subject 4
conjecture

Subject 5
conjecture

Total Result
Accuracy of
Genres

Workin'
Hard For My
Uncle, Blues

121.99

Fail

Correct

Fail

Correct

Correct

3/5=60%

Symphony_|
n_C_Major_
30, Classical

90.57

Correct

Fail

Correct

Fail

Correct

3/5=60%

Sometimes
she’s just a
pain in the
ass, Country

147.94

Fail

Fail

Correct

Correct

Correct

3/5=60%

Strauss,Emp
eror Waltz,
Dance

126.20

Fail

Fail

Correct

Correct

Correct

3/5=60%

Avicii sweet
dreams,
Electronic

78.93

Correct

Correct

Fail

Fail

Fail

2/5=40%

Total Result
Accuracy of
Individuals

2/5=40%

2/5=40%

3/5=60%

3/5=60%

4/5=80%
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In the next experiment, the same test is implemented. Five more songs from the same genre are
tested and subjects have to make a conjecture, which one is played at a time while they once
listened to the music itself and listened to the music along with its vibration again, to familiarize
themselves with the vibration experience.

Table.6.2.Second Fifth Results

Name of Beats per Subject 1 Subject 2 Subject 3 Subject 4 Subject 5 Total Result
music & minute conjecture conjecture conjecture conjecture conjecture Accuracy of
Genre (BPM) Genres
g_tdd_120_ | 139.86 Correct Fail Fail Correct Correct 3/5=60%
02, Blues

Swan_Lake 136.70 Fail Correct Fail Correct Correct 3/5=60%

30, Classica_l

Hey good 78.21 Fail Fail Correct Fail Correct 2/5=40%
looking by
Hank
Williams,
Country

Stravinsky,T | 121.85 Fail Correct Correct Fail Fail 2/5=40%
ango, Dance

Dj Doboy - 138.65 Correct Correct Fail Correct Fail 3/5=60%
The Vocal
Edition
Volume 26,
Electronic

Total Result 2/5=40% 3/5=60% 2/5=40% 3/5=60% 3/5=60%
Accuracy of
Individuals

In the two following tables, results for the same subjects with the same age range, but with different
music genre continues. The chosen music genres are samples from hip-hop, pop, jazz, R&B and rock
music.




Table.6.3.Third Fifth Results
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Name of
music &
Genre

Beats per
minute
(BPM)

Subject 1
conjecture

Subject 2
conjecture

Subject 3
conjecture

Subject 4
conjecture

Subject 5
conjecture

Total Result
Accuracy of
Genres

All | See
(Beatminerz
Remix) by
A+, hip-hop

89.88

Fail

Fail

Correct

Correct

Correct

3/5=60%

My Girl
(feat. Jack
Goldstein),
pop

119.93

Fail

Correct

Fail

Correct

Correct

3/5=60%

Guilty by
George
shearing,
jazz

123.53

Correct

Correct

Fail

Fail

Correct

3/5=60%

Atomic dog
by George
Clinton, R&B

144.54

correct

Fail

Correct

Correct

Correct

4/5=80%

Roxanne by
The police,
rock

135.81

Correct

Correct

Correct

Fail

Fail

3/5=60%

Total Result
Accuracy of
Individuals

3/5=60%

3/5=60%

3/5=60%

3/5=60%

4/5=80%
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Table.6.4.Last Fifth Results

Name of
music &
Genre

Beats per
minute
(BPM)

Subject 1
conjecture

Subject 2
conjecture

Subject 3
conjecture

Subject 4
conjecture

Subject 5
conjecture

Total Result
Accuracy of
Genres

You're
Getting a
Little Too
Smart by
Detroit
Emeralds,
hip-hop

96.38

Fail

Correct

Correct

Fail

Correct

3/5=60%

How could |
be wrong,
pop

95.31

Fail

Correct

Correct

Fail

Correct

3/5=60%

Django’s
tiger by
Django
Reinhardt,
Jjazz

148.97

Correct

Fail

Correct

Correct

correct

4/5=80%

R&B Thug by
R. Kelly,
R&B

132.02

Correct

Correct

Fail

Correct

Fail

3/5=60%

Summer of’
69 Bryan
Adams, rock

138.31

Correct

Correct

Correct

Fail

Correct

4/5=80%

Total Result
Accuracy of
Individuals

3/5=60%

4/5=80%

4/5=80%

2/5=40%

4/5=80%
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6.2 Discussion

These results are just a short identification of the work and due to lack of time, there was no such
possibility to undertake the work by more experiments. Further experiments such as testing more
music genres with more subjects are required. It is recommended, to continue testing procedures
with more trained subjects. According to the Ranjbar P.[1] the more experienced the subjects are the
better results obtain. There is slight evidence that the songs with higher tempo (BPM) hit the best
records in terms of having a correct conjecture by subjects. This can be explained by the fact that
because the proposed algorithm extracts the rhythmic pattern of the songs then it could succeed to
extract the music with more rhythmic pattern with higher beats per minute.

As the work is about music experience, it is so far away from the reality if we base the work only in
expectation of correct conjectures of subjects. Music in its nature comes with pleasure and it is
deemed to gratify human beings with all its virtues. Thus, it cannot be claimed that even if the good
results are obtained up to some levels, then it could be considered as a comprehensive work, which
exhaust brining music with all its pleasure we human beings gain through our own perfect auditory
system.

6.3 Future works

The most important feature can be done with this thesis is implementing the real-time of the
proposed algorithm. By my experience because of relative simplicity of the algorithm, it is capable of
being applied in real-time performance.

One of the future works can be classification of music genre and make the features of music be
appropriate for extraction of the music rhythm. In this way, the algorithm can be smart and works
better for every genre.

The other thing can be discussed in future is the effect of pitch on our skin. Although, it is claimed
that pitch as an important factor is perceivable in cognitive process in human brain, but it is also
suspicious that whether such an absolutely important parameter in the music sound can be
perceived by the skin or not.

One very useful future work can be adapted an algorithm to work with various types of music
genres. Although, 10 different genres have been tested in this thesis but they are not all available
ones.
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Visualization

Exemplifying one chosen portray of extracted properties

There are many of the plots can be depicted to show how each step works during the process of
rhythm extraction, but plotting all the figures is outside the content of this thesis. One example is
only plotted to give a better understanding of every stage of the process.

The plotted figures below show how one chosen music genre is analyzed during the process and its
properties such as envelope and rhythms extracted and modulated.
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Second extracted thythm modulated by 100Hz
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sixth extracted rhythm modulated by 300Hz
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