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This thesis is concerned with the use of optimal filtering to enhance the intelligibility
and quality of body-conducted speech. In the context of a mobile communication
system, body-conducted speech picked up by an ear-microphone has the advantage
of being immune to background noise compared to air-conducted speech, which
can be easily degraded by external noise sources. However, their intelligibility and
quality differ significantly, as air-conducted speech is subjectively superior to body-
conducted speech. This study investigates the design of a filter to enhance the
overall quality of body-conducted speech. This is pursued through the application
of optimal filtering which uses the body-conducted speech as the input, and the air-
conducted speech as the desired signal. The optimal filter, which is generated for
specific phonetic material, attempts to match the two signals by minimising their
difference in a least-squares sense.

Analysis of simultaneous speech recordings with acoustic and vibration transducers
in quiet and noisy conditions demonstrated the noise-immunity characteristic of
body-conducted speech, and its low-pass filtering effect due to body-conduction
attenuation. Experiments have also shown that the temporo-mandibular joint of a
speaker is a good position at which to detect speech vibrations. Optimal filtering has
been compared subjectively to high-pass filtering, a technique that is currently used
in communication systems. The statistical analysis of standard intelligibility and
quality tests showed that, overall, significantly better performance may be obtained
with the optimal filter derived for different words/speakers, under both quiet and
noisy conditions.

Furthermore, the analysis of the optimal filters suggested that the filter’s perfor-
mance is affected by the electronic noise-floor of the accelerometer, and is not
strongly dependent on the frequency content of the speech input. Instead, the
performance depends mainly on the anatomical characteristics of a speaker, and the
positioning of the transducers. This led to the design of several types of fixed optimal
filters, which were generated as averages across a number of speakers and/or speech
materials. The results of formal listening tests revealed that an optimal filter that
is generated specifically for one speaker outperforms the optimal filters designed for
a number of speakers of mixed, or single gender.
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Chapter 1

Introduction

1.1 Project Aims

The number of mobile and personal telecommunication systems in use is con-
tinuing to grow steadily in the form of dedicated devices for specialised appli-
cations, indicating a rising demand for mobility and robustness in this field.
However, a frequent problem with such systems is poor speech intelligibility
and quality during reception and transmission. The most common factors con-
tributing to this are: (1) non-ergonomic design of the speech pick-up element,
(2) obstruction by an apparatus (e.g. breathing mask), and (3) background
noise, which degrades the transduced speech signal and has to be minimised
so that the signal is as clear as possible. The requirements are, therefore,

ergonomy, compactness and noise-immunity.

Ordinary close-talk microphones are widely used and can satisfy the com-
pactness and ergonomy requirements. However, because the microphone in
such units is air-conductive, they are not immune to noise. Ear microphones

constitute another approach that is sometimes adopted. This satisfies the er-



gonomy requirements, but still presents the problem of noise-susceptibility of

the signal.

The other solution that has been recently adopted is the use of a body-
conduction, or contact, microphone. This type of system consists of a minia-
ture accelerometer that picks up the speech vibrations near the ear of a speaker,
which are caused by the vocal folds and the sounds internal to the vocal tract.
This has the advantage that the signal is less influenced by ambient noise.
However, it is degraded by the effect of body-conduction, so it is not as clear

as an air-conducted signal transduced by a microphone.

Hence, the question is whether the filtering of the body-conducted speech
signal by a digital filter could be effective concerning the enhancement of its
intelligibility and quality, and if so, how well it could perform compared to the
currently used high-pass or band-pass filters. The main aims of this project

are therefore:

1. The investigation of body-conducted speech. This is approached with
the recording of speech with microphones and a miniature accelerometer
in order to better understand the characteristics of both air- and body-

conducted speech signals.

2. The study of optimal filtering and its application to the accelerometer
signal, to compensate for the loss of quality due to body-conduction
attenuation. The filter under investigation uses the microphone as the
desired signal, and the accelerometer as the input to the filter. It then
tries to match the input to the desired signal in a minimum mean-square
error sense, improving the intelligibility and/or quality of the accelerom-

eter signal.

3. The design of a fixed filter that could potentially correspond to a broad

range of speech inputs and speakers, and could therefore be more suitable



for a practical implementation.

1.2 Thesis Structure

The first part of this thesis (Chapters 2-4) is focused on the literature relevant
to this study. Chapter 5 presents the theory of the optimal filtering approach.
Chapters 6-9 discuss all the experimental work, while the last part (Chapter
10) discusses the general conclusions of this project and proposes ideas for

future work.

Chapter 2 starts with a description of basic speech physiology, and moves
onto the classification of speech according to various phonetic features. It
then presents the basic physiology of hearing and discusses its dynamic and
frequency response. Finally it gives information on the factors that affect
the detection of one’s own speech, such as the transfer function of the open
ear (TFOE), speech directivity, body conduction, speech vibrations, and the

dynamics of the jaw.

Chapter 3 discusses past attempts at speech vibration detection, enhance-
ment and assessment. The topic of mobile communication using speech vibra-
tions is not recent, so in this section a historical background dating back to

the 1950’s and reaching contemporary communication systems is presented.

Chapter 4 presents the theory behind the design and application of the Diag-
nostic Rhyme Test (DRT'), and the Diagnostic Acceptability Measure (DAM),
the two listening tests used in our experiments, for assessing, respectively, the

intelligibility and quality of processed speech.

Chapter 5 comprises a review section on optimal (Wiener) filtering theory,

the main enhancement strategy that was adopted throughout this study. The



chapter also includes the development of a model for our optimal filtering
problem, that takes into account the acoustic and anatomical influences on

the filter’s design.

Chapter 6 presents the development of the experimental setup. The chapter
includes a presentation of the experimental equipment, the electronic noise-
floor measurements, and speech recordings at different anatomical positions in
order to choose a good speech vibration conduction point. The outputs from
optimal, high-pass and band-pass filters are compared, and initial conclusions
are derived for the potential of optimal filtering in enhancing speech vibration

signals.

Chapter 7 acquaints the reader with the formal experiments that investigate
the performance of word- and sentence-specific optimal filters compared to
fixed high-pass filters. It contains a detailed description of the speech recording
sessions, the processing of the results, a description of the programs that were
written in Matlab for the randomisation and analysis of the signals, and finally
the subjective listening tests, using the DRT and DAM procedures in order to
assess the processed speech in quiet and noisy conditions. The chapter then

concludes with the results from the statistical analysis of the two tests.

Chapter 8 comprises an objective analysis of the optimal filters, in order to
understand the factors that influence their performance. This is approached
initially by a presentation of the spectra of the microphone and accelerometer
signals, and the optimal filters’ magnitude and phase responses and output
error spectra. The chapter proceeds to discuss the effects of electronic noise
and non-causality on the coherence of the system with the help of the model

from Chapter 5.

Chapter 9 presents the design and assessment of a ‘general’ optimal filter that

corresponds to a broader range of inputs and speakers. The chapter presents an



optimal filter which is an average of optimal filters across speech materials and
speakers, and its subjective comparison to optimal filters designed specifically

for words or sentences.

Finally, Chapter 10 discusses the main conclusions of this project and pro-

poses some ideas for a potential future expansion of this study.

1.3 Main Contributions

The main contributions of this study, which also satisfy the main objectives

of the project, are the following:

e The investigation of the potential performance of a more ‘general’ fixed
filter that corresponds to a broader range of phonetic inputs and speak-

ers, and is easier to implement in practice.

e The experimental demonstration of the optimal filter’s superior perfor-

mance compared to the currently used high-pass filtering.

e The study and interpretation of the nature of body-conducted speech
picked up by an accelerometer, compared to air-conducted speech picked

up by a microphone.
Other contributions are:

e A solid understanding of the most efficient position for the detection of

speech vibrations in the context of a mobile communication system.

e The development of an efficient system for the detection of speech vi-
bration signals. This was accomplished with the design of a low-noise
experimental setup incorporating simultaneous recordings of air- and

body-conducted speech.



e The development of an analysis system and an enhancement method

based on optimal (Wiener) filtering for speech vibration signals.

e The development of a model, and the derivation of an optimal filtering

expression for this specific application.

1.4 Publications

The work from Chapter 6 was presented in a poster at the 1415 meeting of

the Acoustical Society of America (Chicago, IL, June 2001).

The work from both Chapters 6 and 7 was presented in a conference paper at

the 1% meeting of the Hellenic Institute of Acoustics (Patra, Greece, September

2002).



Chapter 2

The Speech and Hearing

Mechanisms

2.1 Introduction

Speech communication can be considered to be the passage of information from
one speaker to a listener via an air-conducted acoustic speech signal and in-
cludes two processes: production, which is the generation of the speech signal,
and perception, which interprets the speech signal in the ear and the brain.
The human speech production and hearing mechanisms are believed to have
evolved in parallel, since they work in a complementary way. The human ear
is especially responsive to those frequencies in the speech signal that contain
most information. The aim of this chapter, therefore, is to present the basic
concepts of the speech and hearing mechanisms that are relevant to this study.
The motivation is that a basic understanding of the physiology, the dynamic
characteristics, as well as the factors that influence the function of those two
mechanisms is vital in order to comprehend the concept of the reception of a

speaker’s own speech, whether this is an air-conducted signal detected by a



microphone, or a body-conducted signal detected by an accelerometer.

The first part presents an introduction to the speech mechanism’s physiology.
This is followed by an analysis of the various modes of phonation and their
manner and place categorisations. The chapter then proceeds with a basic
coverage of the ear’s anatomy, while its dynamic and frequency responses are
discussed. The last part presents the main factors that influence the detection
of one’s own speech. The points that are covered here include the transfer
function of the open ear and the effect of speech directivity as influencing
factors for the detection of the air-conducted signal. The analysis continues
by presenting the concept of body-conduction in relation to speech vibrations
and the dynamics of the jaw, as an influencing factor for the detection of the

body-conducted signal.

2.2 The Speech Mechanism

The speech production system can be divided into three main sections: the
lungs, the larynx and the vocal tract, which includes the various articulators
that create the speech signal. Of particular importance to our study is the
larynx and the vocal tract. We will present these two parts briefly, since
an appreciation of their functions and physiology is important in order to
discuss the manner and place categorisations of speech, as well as the theory

of intelligibility and quality tests in Chapter 4.

2.2.1 Lungs, Larynx and Vocal Tract

The larynx connects the lungs and trachea to the vocal tract. (see Figure 2.1).

Of particular importance are the vocal folds, two small muscular cushions



forming a diaphragm with a slit-like opening that modulates the airstream as
it vibrates open and shut. The opening between them is called the glottis and
the term glottal has come to be used as a general term for laryngeal function
(length of the opening is about 2.5cm in men and 1.5cm in women). The
tension applied to the vocal folds, the lung pressure and their mass determine
the fundamental frequency (FO0) of their modulation. The shorter and lighter
vocal folds of most women vibrate almost twice as rapidly as those of men.
This rate of vibration is closely related to the perception of the speaker’s vocal
pitch. The range of FO for an adult male is from about 80 Hz to about 160
Hz with an average value of about 132 Hz. For an adult female, typical values
give a lower limit at about 150 Hz while the upper limit of the range is at

approximately 500 Hz, with an average value of about 223 Hz (O’Shaughnessy,
2000).

Nasal cavity

5?% i)zzéam 4 Hard palate
{velum} T )
Pharynx £ =33 Uppar lip
Epiglottis %‘ ZZ“%‘*“@{

wer lip

Mandibie
Larynx

Trachea

Bronchi
Lungs

Figure 2.1: The main components of the vocal tract (after Owens (1993)).

The vocal tract is a tubular passageway surrounded by muscular and bony
tissues. It provides the means to produce various sounds that characterize
spoken language. The vocal tract has two functions: (1) it can modify the
spectral distribution of energy in glottal sound waves, and (2) it can contribute
to the generation of sound for stops and fricatives. It consists essentially of the
pharynx and the oral and nasal tracts (see Figure 2.1). The vocal tract is a non-

uniform acoustic tube, approximately 17cm long in an adult male, terminated



at the front by the lips and at the back by the vocal folds or larynx. Its cross-
sectional area can be varied by muscular control of the speech articulators
(lips, tongue, jaw and velum). The nasal tract is also a non-uniform tube of
fixed area and length (about 12cm in an adult male). The vocal tract can
be modelled as an acoustic tube with resonances, called formants, as well as
antiresonances. The formants are abbreviated F;, where F is the formant
with the lowest frequency. By moving the various articulators, the shape of
this acoustic tube is altered, which in turn changes its frequency response; the
simple presence of the vocal tract boosts output speech intensity by 10-15 dB
as an impedance match between the glottis and free space beyond the lips.
The vocal tract’s filter amplifies energy at the formant frequencies while it

attenuates energy at the antiresonances.

2.2.2 Modes of Phonation and their Categorisation

The speech sounds are categorized in different schemes, however, voicing, man-
ner and place is one set concerned with the way in which they are produced
(articulatory description). Voicing describes whether or not the vocal folds are
vibrating. The manner of articulation is concerned with airflow, the path that
it takes and the degree to which the vocal tract impedes it. The place of artic-
ulation describes the most constricted section of the tract during the phoneme
production. The classification of a phoneme, therefore, includes elements from

the above set.

Voicing Categorisation

(a) Voiced sounds include all vowels, glides, liquids, nasals, and some frica-
tives, affricates and stops. Those are produced when the vocal folds are

tensed together and they vibrate in a relaxation mode as the air pressure
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builds up, forcing the glottis open, and then subside as the air passes
through. This vibration of the folds produces an airflow waveform, which
is approximately triangular. Being periodic, or at least quasi-periodic, it
has a frequency spectrum of rich harmonics at integral multiples of the
fundamental frequency of vibration. The vocal tract acts as a resonant
cavity, which amplifies some of these harmonics and attenuates others

to produce voiced sounds.

(b) In the production of unvoiced sounds the vocal folds do not vibrate. For
instance, a steady forced exhalation will produce a hissing sound caused
by turbulence set up in the flow of air through the numerous irregularities
along the vocal tract. Spectrum analysis of the unvoiced sounds reveals
a band of practically continuous frequency coverage largely confined to
the upper portion of speech range (Kinsler et al., 1982). There are three
basic types of unvoiced speech sounds: fricatives, stops and affricates,

which are described below.

Manner Categorisation

e Vowels are produced by voiced excitation of the vocal tract with the
position of the articulator remaining static. There is no nasal coupling
and sound radiation is from the mouth. Examples are /i/ (e.g. beat), /e/
(e.g. bet), /ee/ (e.g. bat), /a/ (e.g. but), /o] (e.g. coat). Vowel energy
is primarily concentrated below 1 kHz and falls off at about -6 dB/oct
with frequency. At the acoustic level, vowels are characterised primarily
by the locations of their first three formant frequencies. Usually Fj
decreases as tongue height increases during articulation, and F;, decreases
as the tongue is shifted backward, while lip rounding lowers the first two

formants by reducing the size of the mouth opening.
e Diphthongs are a combination of two vowel sounds. They are therefore

11



similar to vowels except that the gesture is created when the articulators

move slowly from one static vowel position to another. Examples are

/e i/ (e.g. bay), /ai/ (e.g. eye), /aU/ (e.g. how).

Semivowels are also vowel-like gestures. They include the glides and

liquids.

Glides, (/w/ as in wow, /j/ as in you), employ narrow vocal tract con-
strictions that under conditions of unusually strong airflow may cause

frication; the glides are close in articulation to high vowels (i.e. /j/-/i/).

Liguids, (/r/ as in row, /1/ as in [ull), are similar to vowels but use the
tongue as an obstruction in the oral tract, causing air to deflect around

the tip.

The nasals /m/ (e.g. mother), /u/ (e.g. no), /y/ (e.g. doing) are
produced by vocal fold excitation with the vocal tract totally constricted
at some point along the oral passageway. The velum is lowered, which
allows airflow through the nostrils. Thus the oral cavity acts as a side-
branch resonator that traps acoustic energy at certain frequencies. In
the sound radiated from the nostrils, these resonant frequencies of the

oral cavity appear as antiresonances.

Stop (plosive) phonemes involve the complete closure and subsequent
release of a vocal tract obstruction. The velum is raised to prevent
nasal airflow during the closure. After a rapid closure, pressure builds
up behind the occlusion and is suddenly released with a rush of air
that creates a short burst. This transient excitation may occur with or
without vocal cord vibration to produce voiced (/b/ as in boy, /d/ as
in dad, /g/ as in gig), or unvoiced plosive sounds (/p/ as in play, /t/
as in toy, /k/ as in keg). Plosives are characterized by transient bursts
of energy and as a result their properties are highly influenced by the

sounds which precede or succeed them.
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When turbulent airflow occurs at a constriction in the vocal tract, the
category of sounds produced are called fricatives. The point of this
constriction occurs near the front of the mouth in English and its exact
location characterizes the particular fricative sound that is produced.
The unvoiced fricatives /f/ (e.g. fire), /0/ (e.g. thin), /s/ (e.g. super),
/J/ (e.g. show) are produced without vocal cord excitation whereas in
their voiced counterparts /v/ (e.g. vote), /8/ (e.g. that), /z/ (e.g. z00),

/3/ (e.g. treasure), the vocal folds are vibrating.

Affricates consist of the unvoiced /f/ as in church, and the voiced /dz/
as in judge. They are produced when a stop and fricative consonant are
both shortened and combined. They may therefore be interpreted as the
consonant equivalent of a diphthong (Owens, 1993).

Place Categorisation

The place categorisation of phonemes (see Figure 2.2) involves the following

groups:

Labials: these sounds are produced when the main constriction is at the
lips (/m, p, b/).

Dental: produced when the tongue tip (apex) touches the edge or back
of the upper incisor teeth (/6/).

Labio-dental: produced when lower lip forms a constriction with the

upper teeth (/f, v/).

Alveolar: produced when the tongue blade approaches or touches the

alveolar ridge (/n, t, d, 1, 1, s, z/).

Alveo-palatal: produced when the tongue blade is against the place which

overlaps the alveolar ridge and palate.
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o Palatal: when the main constriction is formed between the back of the

tongue (dorsum) and the hard palate, (/j/).

Velar: when the the main constriction is formed between the tongue

dorsum and the soft palate, (/n, k, g/).

Uvular: when the dorsum approaches the uvula.

Pharyngeal: when the main constriction is formed at the pharynx.

Glottal: when the main constriction or closure is formed at the vocal

folds (/h/).

Figure 2.2: Places of articulation: (1) labial, (2) dental, (8) alveolar, (4) palatal,
(5) velar, (6) uvular, (7) pharyngeal, (8) glottal (after O’Shaughnessy (2000)).

Feature Categorisation

There is one more categorisation of phonemes according to their articulatory
and acoustic characteristics. Those features are more commonly used in listen-
ing tests involving speech intelligibility and quality. It is important to present
them, as they will be used later during the discussion of our listening tests in

Chapter 4. The features are the following (Crystal, 1991):

o Continuant (sustained): Continuant sounds have been defined as those
produced with an incomplete closure of the vocal tract. All vowels and

fricatives are continuant.
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e Compact: Compact sounds are defined as those which involve a stricture
relatively far forward in the mouth and a relatively high concentration
of acoustic energy in a narrow central part of the sound spectrum (e.g.

high or mid. vowels, 2-3 kHz).

e Grave: Grave sounds are defined as those involving a peripheral artic-
ulation in the vocal tract and a concentration of acoustic energy in the

lower frequencies. Back vowels and labial or velar consonants are grave.

e Sibilant: Refers to a fricative sound made by producing a narrow, groove-
like stricture between the blade of the tongue and the back part of the
alveolar ridge. These sounds such as /s/ or /[/ have a high frequency

hiss characteristic.

e Nasal: Refers to sounds produced while the soft palate is lowered to
allow an audible escape of air through the nose. Both consonants and
vowels may be articulated in this way. Nasal consonants occur when
there is a complete closure in the mouth and all the air thus escapes
through the nose, e.g. /m, n, y/. English has no nasal vowels, but
nasalisation is often heard on English vowels, when they display the

articulatory influence of an adjacent nasal consonant as in mat or hand.

e Voicing: A fundamental term used in the phonetic classification of phonemes,
referring to the auditory result of the vibration of the vocal folds. Sounds
produced while the vocal folds are vibrating are voiced sounds, e.g. /b,

z, a, i/ as opposed to those produced with no such vibrations which are

called voiceless or unvoiced, e.g. voiceless stops /p, t, k/.

Table 2.1 (O’Shaughnessy, 2000) shows all the phoneme classifications (voic-

ing, manner, place, and feature), each accompanied by an example word.
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Phoneme | Manner Place Voiced | Nas. | Sust. | Sib. | Grav. | Comp. Ex.

/i/ vowel high front + - + - - - beat
I vowel high front + - + - - - bit
€ vowel mid front + - + - - - bet
e vowel mid front + - + - - - pay
® vowel mid front + - + - - - bat
® vowel low back + - + - + + sofa
a vowel low back + - + - + + hard
o vowel mid back + - + - + - caught
0 vowel mid back -+ - + - + - coat
(§) vowel high back + - -+ - + - book
u vowel high back + - + - + - boot
A vowel mid back + - + - + - but
3 vowel mid central -+ - + - - - bird
) vowel mid central + - + - - - about
ol diphthong | mid back—high front + - + - + - boy
el diphthong | mid front—high front + - + - - - hey
oU diphthong | mid back—high back -+ - -+ - + - hoe
au diphthong | low back—high back -+ - + - + - how
al diphthong | low back—high front + - + - - - eye
ju diphthong front—high back + - + - - - you
] glide front + - - - - -+ you
w glide back -+ - - - - - WOW
1 liquid alveolar + - - - - - lull
r liquid retroflex + - - - - - roar
m nasal labial + + - - + - aim
n nasal alveolar -+ + - - - - none
Iy nasal velar + + - - + - bang
f fricative labiodental - - 4 -+ + + fin
v fricative labiodental -+ - + -+ + + valve
0 fricative dental - - + + - + thin
0 fricative dental - - + + - -+ then
S fricative alveolar - - + + - + sin
Z fricative alveolar -+ - + + - + 700
I fricative alveopalatal - - + + - - shoe
3 fricative alveopalatal + - + + - + measure
h fricative glottal - - + + - - how
p stop labial - - - - + + pop
b stop labial + - - - -+ + bob
t stop alveolar - - - - - + tot
d stop alveolar + - - - - o+ did
k stop velar - - - - + - kick
g stop velar + - - - -+ - gig
1 affricate alveopalatal - - - - - + church
& affricate alveopalatal + - - - - + judge

Table 2.1: English phonemes and corresponding features (after O’Shaughnessy

(2000)).
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2.3 The Hearing Mechanism

This section presents the principal aspects of the human ear’s physiology and
response in order to complement the information concerning the speech mecha-
nism. The aim is to aid the understanding of the various factors that influence

the reception of a person’s own speech, as will be described in section 2.4.

2.3.1 Physiology of the Ear

The three principal parts of the human auditory system as shown in Figure

2.3 are the outer ear, the middle ear and the inner ear.
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Figure 2.3: The three principal parts of the ear. Reproduced with permission from
Roederer (1995).

The outer ear is composed of the pinna and the auditory canal (or auditory
meatus). The auditory canal is terminated by the tympanic membrane or the
eardrum. The outer part has a cartilage skeleton and the deep part is bony.
The middle ear is an air-filled cavity spanned by the three tiny bones, the
ossicles, called the malleus, the incus and the stapes. The malleus is attached
to the eardrum and the stapes is attached to the oval window of the inner

ear. Together these three bones form a mechanical, lever-action connection
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between the air-actuated eardrum and the fluid-filled cochlea of the inner
ear. The middle ear is vented to the upper throat behind the nasal cavity
by the Eustachian tube which is used to equalise the static air pressure of
the middle ear with the outside atmospheric pressure. The middle ear also
contains two small muscles and is traversed by the facial nerve before it exits
the skull (Westermann, 1987). The inner ear comprises a dense bony capsule
containing a membranous labyrinth, which forms the cochlea, vestibule and
semicircular canals. The membranous part is sealed from the middle ear by
the stapes footplate and round window membrane. The cochlea contains the

organ of hearing, which is connected by the auditory nerve to the brain stem.

2.3.2 Response of the Ear to Sound

The sensitivity of the ear to an external excitation of sound decreases con-
siderably towards low (and also towards very high) frequencies. Maximum
sensitivity is achieved around 3 kHz. The shape of this threshold curve is
influenced by the acoustical properties of the auditory canal and by the me-

chanical properties of the bone chain in the middle ear (Roederer, 1995).

Curve A of Figure 2.4, the threshold of hearing, tells us that human ears are
most sensitive around 3 kHz. At this most responsive region, a sound pressure
level of 0 dB can just barely be heard by a person with normal hearing. Curve
B represents the level at each frequency at which a tickling impression is felt
in the ears. This occurs at a sound pressure level of about 120-130 dB at
which a sensation of pain is produced. In between the thresholds of hearing

and feeling is the area of audibility.

However, speech uses only a portion of the auditory area. This region is
located centrally in the auditory area; neither the extremely soft or extremely

loud sounds, nor sounds of very low or very high frequency, are used in common

18



speech sounds. With frequencies ranging from 50 Hz up to approximately 10
kHz or more, speech has amplitudes between 30 and 90 dBA SPL (measured
at a distance 1m from the lips). Therefore, the speech area should have fuzzy
boundaries to represent these excursions in level and frequency. The auditory
region used for intelligible speech has an average dynamic range of about 42
dB and a frequency range of about 5 octaves (150 Hz-5.5 kHz) (Everest, 1994),

and is shown in Figure 2.4.
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Figure 2.4: The portion of the auditory region used for intelligible speech communi-
cation (after Everest (1994)).

2.4 Main Factors Influencing the Reception of

one’s own Speech

The analysis of speech picked up by a microphone or an accelerometer near a
speaker’s ear, as it is done in this study, is a difficult task, since the recorded
signal is influenced by a number of acoustic and anatomical factors. The aim
of this section, therefore, is to advance the knowledge from the two previous
parts by giving some insight on those multi-disciplinary factors that influence

the reception of one’s own air- or body-conducted speech. This section will
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help us understand the experimental results of Chapters 6 to 9, since it conveys
the necessary information to interpret the spectra of speech recorded by both

transducers.

The reception of one’s own voice is influenced by three main pathways, as

shown in Figure 2.5.

(a) Direct sound transmission from the mouth through the air around the

speaker’s head to the ear drums.

(b) Internal sound transmission inside the head via bones and skull to the

cochlea.

(c) Reflections from one’s own voice from surfaces in the surrounding envi-

ronment.

Figure 2.5: Components for the reception of one’s own voice (Porchmann, 2000).
Reproduced with permission from Acustica-Acta Acustica.

Some examples may help to illustrate these different components. When wear-
ing an in-ear microphone for communication or an earmuff, one’s own voice
is perceived as significantly changed. The sound transmission around the
speaker’s head (path a) is attenuated, and the body-conducted component
is enhanced due to the occlusion imposed by the device. If a speaker listens to

a recording of his/her own voice, the absence of internal sound transmission
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due to body-conduction (path b) becomes apparent. For our study, path (c)
representing reflections from an enclosed space is not so important as we are

more concerned with path (b) compared to path (a) (see Chapters 6 and 8).

2.4.1 The Transfer Function of the Open Ear (TFOE)

An important parameter that characterises the behaviour of the external ear is
the transformation of sound pressure level from the free field to the eardrum.
It is affected by the structure of the external ear, the diffraction from the
head and the pinna, together with resonances in the ear canal. These diffrac-
tion and resonance effects influence the Transfer Function of the Open Ear
(TFOE). This can be defined as the ratio of the increase in sound pressure at
the eardrum, due to the presence of the head, to the relative free-field pressure
without the head present (Wiener and Ross, 1946). Therefore it should not be
unexpected that the sound at the eardrum is found to be greater than the free-
field pressure. TFOE is important for our study as it influences the recorded

speech and noise signals from the miniature transducers (see Chapters 7 and

8).
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Figure 2.6: Ear canal transfer functions at 0° azimuth (after Wiener and Ross

(1946)).

Wiener and Ross (1946) concluded that the above ratio is a function of fre-
quency and can reach values of about 20 dB in the region of 3 kHz (see Figure
2.6), where we have the ear canal’s first major resonance, i.e. approximately
2.3cm corresponding to a quarter-wavelength resonance. The amplification is

greater if the source is at an azimuth angle approaching 90°.
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2.4.2 Speech Directivity

Most of the energy in speech is found in the lower frequencies, particularly
below 1 kHz, whereas intensity falls off as frequency increases above this range.
Although the long-term average speech spectrum tends to be similar for male
and female speech in the range 250-5 kHz, male levels are considerably higher
at frequencies below 160 Hz, and female levels are slightly higher in the range

above 5 kHz (see Figure 2.7).
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Figure 2.7: Long-time averaged spectrum calculated for utterances made by 80 speak-
ers (after Sadaoki (1989)).

However, speech sounds do not have the same strength in all directions. This is
due primarily to the sound shadow cast by the head. Previous studies (Flana-
gan, 1960; Kuttruff, 1979; McKendree, 1986) concerning speech directivity
concluded three main points. First, the free-field radiated sound spectrum
from the mouth varies as a function of distance and angle. Second, the dis-
tance attenuation is caused by the medium in which sound is transmitted,
whereas the human head and torso cause the directional attenuation. Third,
the angular dependence affects the perceived speech spectrum and intelligi-

bility. The first point is the one directly related to our study, and becomes
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apparent with the simultaneous recording of speech with a reference micro-
phone 60cm from the speaker’s mouth, and a miniature in-ear microphone

(see main experiments in Chapters 7 and 8).

One of the first and most basic studies concerning speech directivity is the one
conducted by Dunn and Farnsworth (1939), which constitutes the starting
point for many recent studies on this topic. A single speaker in a seated
position repeated a fifteen-second sample of a phonetically balanced text, while
r.m.s pressure measurements were made in thirteen frequency bands (62.5 Hz-
12 kHz), and at seventy-six positions, in different directions and distances. A
reference microphone in front of the mouth was also used so that the various
speech levels in different positions could be compared with it. In this study,
the radiation from surfaces such as the throat, the chest and the back of the
neck, are mentioned for the first time as possible factors that could influence
the spatial distribution of speech at a particular frequency. The results appear

in Figure 2.8 for the horizontal and vertical planes.

Figure 2.8: The directional characteristics of the human voice in the horizontal (top)
and vertical (bottom) planes, for five frequency bands (Dunn and Farnsworth, 1939),
(Note: ~= Hz). Reproduced with permission from Olson (1967).
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One can see that in the horizontal and vertical planes, there is a directional
effect of about 5-10 dB in the 100 Hz to 400 Hz band. This is to be expected
because the head is small compared to the wavelengths associated with this
frequency band. There are significant directional effects, however, for the 1-4
kHz band. For this band, which contains important speech frequencies, the
front-to-back difference is about 20 dB, except for the torso. Those results also
agree with those of Kuttruff (1979), Flanagan (1960) and Huopaniemi et al.
(1999). Generally, for head directivity in the horizontal plane, as the angle
of incidence increases (the angle between the mouth and the receiving trans-
ducer), it results in low-pass filtering. The attenuation of high frequencies
(greater than 1.5 kHz) becomes especially significant as the wavelength ap-

proaches, and decreases beyond, the dimensions of the human head, at about

2 kHz.

2.4.3 Body-Conduction and Speech Vibrations

It is important to differentiate between “artificial” body-conducted sounds
such as the ones induced by bone-conduction hearing aids, and “self-generated”
body-conducted sounds that are generated during speaking. The second type
of body-conducted signal is the one that is of interest to us, and is essentially
the reciprocal of the first, since the stimulation happens internally rather than
externally, but the mechanism of vibration transmission is similar. The mo-
tivation for this section is the need to comprehend this common mechanism
and the factors that affect the transmission of the speech vibrations. The
term body-conduction, however, refers only to the conduction of speech sounds
through the bones. In our case, the transmission path from the various speech
sources in the head to the pick-up point near the ear is much more complex,
involving tissues, muscles, tendons as well as bones. ‘Body-conduction’, there-

fore, is a more appropriate term to use, and will be adopted throughout this
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study.

Regarding the excitation of body-conducted speech, Howell et al. (1988) iden-
tified various types of vibrations. He distinguished between vibrations associ-
ated with the movement of the vocal folds, which force the bones to vibrate,
and vibrations caused by the resonances of the cavities in the vocal tract.
Some common ground has been found in terms of the conduction pathways
to the ear. This can be seen in the work by Tonndorf (1972), as well as in
the paper by Khanna et al. (1976), in accordance with Schroeter and Poesselt
(1986). Those pathways are:

e The external ear component, in which the air in the ear canal is excited
by vibrations of the ear canal walls, as well as the soft-tissue conduction

of sound originating from vibrations of circumaural skin and pinna.

e The middle-ear component, which is caused by relative vibrations of the

ossicles and the skull due to middle-ear inertia.

e The inner-ear component, which excites the cochlea directly, causing the

so-called distortional compressions.

Bekesy (1960) concluded that the mechanism for reception of body-conducted
sounds was due to three phenomena. For the low frequencies, the relative
movement of the ossicles controlled the body-conduction response. Above 1.5
kHz, compressional waves become apparent, and hence the response is at-
tributed to compression of the labyrinth. He also suggested a third possibility
as a source of body-conducted stimuli: relative movement between the jaw and
the skull. All three cases appear in Figure 2.9. According to Khanna et al.
(1976), vibrations on the walls of the ear canal produce most of the signal that
can be detected in or around the ear canal. In this respect, the effects of the

middle and inner-ear components are minimal.
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Figure 2.9: An illustration of the three components of hearing by body-conduction.
The left part, clinical body-conduction, includes the movement of the lower jaw.
Reproduced with permission from Stenfelt (1999).

One of the most detailed studies on body-conducted sound is that of Schroeter
and Poesselt (1986). They modelled the contributions from the middle ear
and the ear canal walls to the total sound pressure in the occluded ear canal.
However, they considered only the sound produced by a bone vibrator placed
on the skull and not by one’s own voice. The literature provides little data
on body-conducted sound produced by a speaker’s own speech. As a general
comment inferred from the very few studies, vibrations from different speech
sources in the head are transmitted, not only to the ear canal, but to the middle
and probably to the inner ear as well. All three pathways, therefore, contribute
to the detection of the body-conducted sound. The area of speech vibration

detection, assessment and enhancement will be presented more thoroughly in

Chapter 3.

2.4.4 Jaw Dynamics

A factor that influences the reception of the body-conducted part of speech
is the mechanism of the lower mandible (jaw). The lower jaw is attached
by its condyle to the skull at the Temporo-Mandibular Joint (TMJ), close to
the outer ear canal. When the skull is set in motion, either when moving or

speaking, the jaw oscillates with the same frequency as the rest of the skull,
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however with a different phase and amplitude, since it is not firmly attached to
the other skull bones. This difference in phase and amplitude yields a relative
motion due to which, this part is compressed and expanded, something that

induces sound in the outer-ear canal and acts on the eardrum (see Figure 2.10).

Relative motion of
the ossicuar chain

Compression

of the cochlea
and semicircular
canals

Figure 2.10: An anatomical view of the body-conduction route during jaw movement.
Reproduced with permission from Stenfelt (1999).

Experiments by Franke et al. (1952) and Howell et al. (1988) indicated that
opening and closing of the mouth increases the sound pressure produced by
body-conduction in the closed auditory canal by as much as 6-10 dB in the
frequency range between 40 and 700 Hz. This action was also investigated by
Prinz (1998) and Shiga and Kobayashi (1995), who found that sounds in the
TMJ were created during mandibular movement (opening of the jaw as far
as possible and then closing it). Prinz (1998) recorded the vibration signals
from 216 subjects with in-ear microphones and inferred that TMJ clicks are
produced by an impact of the condyle with the fossa, and that any energy
release in the joint excites resonances in adjacent structures. This point can
be supported by the findings of Wee and Ashley (1990) who observed that it
is impossible to isolate the recording of sounds transmitted through a single
muscle without interference by other muscles, when a group of agonist muscles
are contracting simultaneously. The averaged spectra of clicks all showed a
similar spectrum with a major peak at approximately 180 Hz (see Figure 2.11).

The function of the jaw is an important detail for our study, as the signals
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detected by the accelerometer on the subjects’ TMJ’s as well as from the in-
ear microphone during our speech recordings were influenced by its movement

(see Chapters 6 and 7).

Power
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Figure 2.11: Frequency spectrum of a typical TMJ click (after Prinz (1998)).

As will be seen in Chapters 6 and 7, the main experiments involve body-
conducted speech recordings with a miniature accelerometer placed on the
TMJ of one or more subjects. A reasonable question, therefore, concerns the
useful information we can extract from these body-conducted signals. From
the theory of this chapter, we saw that jaw movement is likely to influence
the recorded speech spectra. The answer is difficult, since specific experi-
ments focused on the dynamic characteristics of each speaker’s jaw need to be
planned, something that is beyond the scope of this study. The only solution
that was adopted was to listen to the recorded body-conducted speech, observe
the time-domain signals and discard any data contaminated with ‘mechanical’
noise, a frequent point during the recording/playback of the Temco signals

(see Chapter 7).
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2.5 Conclusions

The first point that we can infer from the study of the speech mechanism’s
physiology concerns the generation of speech vibrations from different anatom-
ical sources. Therefore, the larynx, being the main source of voiced speech, is
expected to produce a vibration signal with a relatively high amplitude. This
is shown in the literature presented in Chapter 3, and also in Chapter 6 with
the recording of body-conducted speech using an accelerometer from different
anatomical locations (see section 6.2.5). On the same assumption, both the
nose and the larynx are expected to be the main source of vibrations for nasal
speech. For fricative sounds, however, it is difficult to assume a point that
could carry the main weight of speech vibration generation, as frication takes
place along the vocal tract for different fricative phonemes. Therefore, we can
support the fact that the identification and analysis of the speech vibration
sources and transmission pathways is a complex task, since speaking generates

vibrations on the whole body (Bekesy, 1960; Tomatis, 1987).

Another point that can be inferred from this chapter concerns the effect of
the TFOE on the spectra of recorded speech and acoustic noise with the ac-
celerometer. Since the accelerometer in our speech recordings was placed on
the skin surface over the speaker’s TMJ, the amplification of sound (speech
and noise) due to the TFOE, is expected to influence the spectrum of the
body-conducted speech radiated from the subject’s ear canal to the circum-
aural area. This is also shown in Chapter 8 with the presentation of acoustic
noise spectrum, recorded by the accelerometer on the skin surface over the
TMJ, which is amplified in a similar fashion to the TFOE’s main amplifica-

tion response.

Speech directivity is another point that, as will be seen in Chapter 6, influ-

ences the spectrum of the in-ear microphone signal. Therefore, the miniature
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microphone signal, which for our experiments was placed at the opening of
the subject’s ear-canal, gave a spectrum which, at the higher frequencies, was

lower than the on-axis reference microphone spectrum.

The last point concerns the TMJ as a possible vibration pick-up point. As was
seen from section 2.4.4, the TMJ plays an important role as a mechanism of
vibration transmission from the ear canal during speaking, to the circumaural
area. Its role, therefore, as a means to convey speech vibrations is important.
This point is supported with the literature of Chapter 3 where the TMJ’s
vibration conduction properties are discussed, as well as from Chapter 6, where

it is chosen as the most appropriate position for speech vibration pick-up.

To summarise, this chapter has contributed towards an understanding of the
main principles of the speech and hearing mechanisms while, at the same
time, it has given a broader picture of the factors influencing the reception of

a speaker’s own air- and body-conducted speech.
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Chapter 3

Detection and Enhancement of

Body-Conducted Speech

3.1 Introduction

Not many publications on the detection and assessment of speech vibrations
were found in the open literature. The aim of this chapter, therefore, is to
discuss the topic of speech-induced vibrations, their detection, measurement
and enhancement from the few studies on this field. The first section presents
selected papers in the history of speech vibration detection and assessment.
We then describe previous attempts to design communication devices that use
speech vibrations, while the last section presents the main classes of present
systems that exploit this family of signals. The motivation behind this chap-
ter is the study of the experimental procedures and results discussed in the
literature. This will not only give a starting point for the development of our
own experimental setup, but will also reveal some possible weak points that
could be challenged by our approach, as far as the speech recording procedure

and the enhancement strategies are concerned.
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3.2 History of Speech Vibration Detection and

Assessment

In the 1920’s, it was first noticed that when a stethoscope was laid over any
part of the known resonance area of the speech mechanism, i.e. larynx, throat,
cheeks, nose, etc., a distinct vibration was communicated to the ear of the
observer when the underlying area was functioning as a resonanting chamber.
Wise (1932) rank-ordered the conductive efficiency of different types of tissue.
From most efficient to least efficient, they are as follows: (1) bony tissue, (2)
tendonous tissue, (3) tense muscle tissue, (4) relaxed muscle tissue and (5)
soft non-muscular tissue. In 1939, Bekesy reported an investigation on areas
of the body from the abdomen to the mastoid process with reference to the
relative amplitude of skin surface vibration during phonation. According to
his findings, the amplitude of vibration decreases with progressively greater
distance from the larynx (see Figure 3.1). No details are given for this study,

apart from the fact that the measurements were conducted with a stethoscope.

Figure 8.1: The decline in relative amplitude of vibrations produced by the vocal folds
as they travel over the surface of the body (Bekesy, 1960).

Figure 3.1 is the best representation of speech vibration contours in the liter-

ature, and can be used as a ‘map’ for our study in order to see how speech
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vibrations travel through the body and especially through the head, which is
our primary interest. As one can notice, the main vibratory pathway on the
head passes from the TMJ, a location that is exploited in the experimental

phase of the project.

In a related study, Mullendore (1949) reported relative amplitudes of vowel
sounds at various locations of the body. He ranked 10 locations in decreasing
order as follows: (1) larynx, (2) mandible, (3) nose, (4) top of head, (5) clavicle,
(6) vertebra, (7) sternum-superior end, (8) sternum-inferior end, (9) mastoid
and (10) fifth rib. However, the most fundamental study, on which many
contemporary papers were based, is the one by Moser and Oyer (1958). During
their investigation on speech vibration detection, they used 3 subjects with a
reference microphone placed 30cm from their lips and an accelerometer on 16
different locations on their heads and necks (see Figure 3.2). The subjects
sustained different vowel sounds at a constant level (about 76 dB) for 5s.
The way the accelerometer was mounted on the head was examined, and it
was found that with a medium pressure applied to the accelerometer, the

measurements were constant.

Figure 3.2: Anatomical locations investigated by Moser and Oyer (1958).

The resultant 576 recordings (12 vowels at 16 locations from three subjects)
were analysed for relative intensities by spectral power level measurements.
The anatomical locations were divided into four groups according to the rela-

tive intensity of the transduced vowels. The composite intensities of the test
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vowels were highly similar at the larynx, the sides of the neck and at the angles
of the mandible. Those were the three positions where the highest intensity
of the transduced vowels was recorded. The difference between the strongest
point (larynx and side of mandible) and the weakest point (sphenoid bone)
was found to be 21 dB. The recorded signals were also compared subjectively.
There was unanimous agreement that the most faithful reproduction of vow-
els occurred at the forehead but the loudest signals were obtained from the
mandible and laryngeal areas. In respect to the larynx, it was noted that
positioning of the transducer was extremely critical. When it was positioned
slightly below the thyroid notch, it became impossible to make a phonetic dis-
tinction even between /i/ and /a/. The above findings were a starting point
for the selection of the accelerometer positions in our experiments (see Chap-
ter 6). As will be seen, we only tested a certain number of speech vibration
pick-up points (larynx, mastoid, TMJ) as most of the other locations, as seen

above, have poor vibration conduction properties.

This topic was also studied experimentally by Maurer and Landis (1990) from
a psychophysical angle. In their tests they used 20 subjects with normal hear-
ing. The voices of the subjects were recorded with two different transducers
separated in two channels of a tape recorder with an integrated mixing desk.
On one channel, the voice was recorded by a commercially available micro-
phone placed 10cm in front of the mouth. On the other channel, the voice was
recorded from the skull by an accelerometer with a suitable preamplifier. The
accelerometer was pressed by the subject onto the mastoid bone behind the
right ear by the subject while speaking. The subjects were trained prior to
the tests, to press the accelerometer until distortions occurred in the recording
and then to release the pressure just enough for the distortions to disappear.
Hence, the voice was simultaneously recorded by means of an air- and body-
conduction pathway. The recordings could then be played back by a mixing
desk, in such a way that the subject could adjust the settings (loudness) of
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the two separate recordings until the perceived voice matched the subject’s
own voice when speaking. The results were revealing in the sense that all
subjects added body-conducted speech when searching for their own familiar
voice. Most subjects showed a constant mixture of body/air-conducted speech

within the limits of 10 dB.

Similar work has been conducted by Giua (1998), who performed a study of
“accelerometric” speech. He recorded 7 seconds of continuous speech through
a reference microphone and an in-ear microphone (Temco ‘voiceducer’) which
has also been used in this project (see Chapter 7). The main difference that he
found between the two spectra is that above 600-800 Hz, the signal picked up
by the accelerometer was low-pass filtered due to the effect of body-conduction.
Other possible parameters that could affect the accelerometric speech, accord-
ing to him, are head and body movements that can introduce low frequency

noise.

An important finding was the reduced intelligibility of the accelerometric voice,
especially for back vowels. Generally, voiced stops (/b, d, g/), nasals (m, n,
), liquids (/1, r/) and voiced fricatives (/v, z, 8, 3/) were enhanced, while
unvoiced consonants (/p, t, k, f, s/) were attenuated. A simple intelligibility
test was performed, and it was found that the nasals and semivowels were the
most intelligible (89%) followed by the stops (83%), then the voiced fricatives
(81%) and finally the unvoiced fricatives (56%). It is interesting to note that
the range of the above results is similar to our results from the intelligibility
test of Chapter 7. In his paper, he also proposes the simultaneous recording

of body- and air-conducted speech in order to overcome the noise problem.

Analogous work was also performed by Ishimitsu and Kitazake (2001), who
recorded three sets of Japanese words simultaneously with a reference micro-
phone placed in front of the mouth of three male subjects, in combination with

an accelerometer tested on three positions on the subjects’ head: on the cheek
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(possibly the TMJ), on the larynx and on the upper jaw. The results showed
that the upper jaw was the best pick-up point for speech vibrations. With
a basic intelligibility test, he found that the accelerometric speech obtained
a high score in both high (17 dB) and low (-6 dB) signal-to-noise ratio cases
(94% and 91% respectively).

3.2.1 Devices for Speech Vibrations Detection and En-

hancement

Probably the first attempt to test the idea of speech vibration detection for
communication systems dates back to 1957 with Black’s study on an in-ear
microphone. In this paper, the disadvantages of having a microphone in front
of the mouth (e.g. moisture on the capsule, impediment to user’s movements)
are discussed for the first time, while the usefulness of having a compact,
noise-immune system in the ear, is noted. The speech material consisted of
the phrase “Joe took father’s shoe bench out”, which the subjects had to cite
at a constant level. The material was picked up by a reference microphone in
front of the subject’s mouths, and by the in-ear microphone which picked-up
the subjects’ speech vibrations radiated in their ear canals. Both signals from
6 subjects were eventually recorded on tape. The attenuation characteristic of
the head path, through the different resonating cavities of the head and body-
conduction is then approximated as the difference between the recorded voice
spectrum at the mouth and the voice spectrum in the ear (see Figure 3.3).
He also comments on the difficulty of detecting consonants through the body-
conduction path and proposes the complementary use of both a conventional

and an in-ear microphone.

Another attempt to approach the topic of accelerometric speech was conducted

by Sebesta et al. (1970). In this study an accelerometer referred to as an iner-
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Figure 8.3: Attenuation characteristic of the path through the head between the
mouth and the outer ear canal (after Black (1957)).

tial microphone, mounted on a headstrap at the back of the head, was tested.
The system was completed with the addition of an amplifier and a loudspeaker
for the purpose of listening to transmitted speech for two-way communication
(see Figure 3.4). Laboratory speech tests were performed in an ambient sound
field of 110 dB SPL. The speech samples that were used were characteristic
of the various phoneme categories. Therefore the syllables ah and oh were
used as being representative of vowel sounds, and sizth and fifth were chosen
as being rich in sibilants. The material was recorded with a reference micro-
phone in front of the subject’s mouth and the accelerometer. The results in
this study came in close agreement with the findings of Giua (1998); that is,
after about 800 Hz, there is a steep roll-off of the body-conducted sound, and

vowels are detected more clearly than consonants.

Ono (1977) also performed a comparison for speech vibration signals, radiated
into the ear canal of a subject, and then picked up by a sound-pressure type

in-ear microphone. The shortcomings that he noticed were that:

(a) The output signal was very dependent upon how well the ear microphone

was inserted in the ear-canal.
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(b) Listeners were very concerned about their safety and security caused by
their inability to hear outside sounds since the ear microphone obstructed

their ear-canal.

(c) It was necessary to wear earmuffs to reduce high ambient noise, in order

to increase the signal-to-noise ratio.

Consequently, he designed a speech vibration transducer that picked-up speech
vibrations directly. This utilised a piezoelectric element, which ran parallel
to the temporal bone in the ear-canal. This position was chosen instead of
other places on the skull since it was assumed that the collection of speech
vibrations conducted to bones deeper than the ear canal cartilage, would be
spectrally richer and could be unconstrained from the effect of the lower jaw
movement. He then compared the spectra of sustained vowels, obtained from
three different positions in the ear canal of a subject, with the spectra obtained
simultaneously from a reference microphone fixed close to the subject’s lips.

The three positions were the following;:

1. In contact with the inlet of the external auditory meatus.
2. In contact with the cartilagenous part of the external auditory canal and,
3. In contact with the bony part of the ear-canal.
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In a simple quality test he compared the signals recorded at the positions
(1)-(3), and observed that the signal picked up from points (1) and (2) was
enhanced in the lower frequency region (300-600 Hz) and showed an attenu-
ation of 10 dB/oct after 1 kHz. However, the signal from point (3) showed a
smaller attenuation, even for high frequencies (> 1.5 kHz) and hence chosen
as the optimal speech vibration pick-up point. For its enhancement, he used
various high-pass filters with cut-off frequencies of 200, 500, 1000 and 1500 Hz,
with a roll-off rate of 12 dB/oct in quiet conditions. In an intelligibility test
using one hundred vibration-recorded syllables, with four subjects (2 female,
2 male), the scores were 96% for 200, 500 and 1000 Hz cut-off frequencies, and
94% for 1500 Hz (unfiltered signals were not used in his intelligibility test).
The above procedure was also helpful for the development of our experimental
setup (see Chapters 6 and 7), as it provided an enhancement strategy that
could be challenged and compared with optimal filtering. We, therefore, ap-
plied the above high-pass filters to our speech vibration signals, and performed
an intelligibility test to see their effectiveness compared to optimal filtering,

not only in quiet but in noisy conditions as well.

The use of a combination of acoustic and vibration transducers, was also ex-
plored by Viswanathan et al. (1985). In this study a shaping filter for the
enhancement of accelerometric speech was used (sharp high-pass at about 800
Hz, 5 dB/oct boost over the range 800-2800 Hz, flat response over 2.8-4.7
kHz, sharp low-pass at 4.7 kHz). The accelerometer was placed on the side of
the lower jaw during speech recordings. The recordings employed the use of
the DRT and DAM test for intelligibility and quality testing respectively (see
Chapter 4). A selected set of two-sensor systems (acoustic and vibration) and
individual sensors including the frequency-shaped accelerometer, were tested
in 95 dB and 115 dB SPL of simulated fighter aircraft cockpit noise. The two-
sensor systems produced essentially the same DRT and DAM scores in the 95
dB SPL case, and even higher scores in the 115 dB SPL case, as compared
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to individual microphones, indicating the noise-immunity characteristic of the
body-conducted signal. The shaping filter from this study was also applied to
our accelerometer speech signals (see Chapter 6), and its outputs were com-

pared subjectively to the ones of optimal filtering with an intelligibility test.

In the study of Shigeaki et al. (1999), a microphone/receiver unit using an
accelerometer has been developed for use in noisy environments. This unit
consisted of an acoustic transducing part that picked-up and reproduced voice
signals, and an equalising circuit that controlled the optimum sound quality
for various ambient noise levels. The transducers involved a small loudspeaker
referred to as a receiver, enabling two-way communication, a microphone and
an accelerometer. All three components were included within a single earplug-
shaped case, which fitted easily into the user’s ear (see Figure 3.5). This
device was adopted by the Japanese company Temco, which designed the

Temco-voiceducer that was tested in our experiments (see Chapter 6).

Air-cohductive el " Ear danal
microghone 3 a —. .
Air-conductive —~~  Bont-conductive

Figure 8.5: Configuration of the in-ear transducer (after Shigeaki et al. (1999)).

In the proposed design, the accelerometer and receiver units are acoustically
isolated so that there is no interaction leading to acoustic feedback. The out-
put signal of the equalising circuit consists of three band-restricted signals,
i.e. low-pass and high-pass filtered air-conducted voice and low-pass filtered
body-conducted voice with an optimum weight which depends on the envi-

ronmental noise level. The system estimates the noise level automatically by
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integrating the air-conducted sound as the noise level. Most of the compo-
nents of this unit were embedded in CMOS. When the noise level is low, the
frequency characteristic is almost the same as the air-conducted sound. When
the noise increases, the frequency characteristic includes few high-frequency
components (air-conducted) but more, enhanced lower-frequency components

(body-conducted).

The latest development in speech vibration detection comes from the Japanese
firm NTT DoCoMo, which has come up with a mobile phone that is worn on
the wrist. Its receiver sends vibrations through the hands to the end of the
fingers. Hence, in order to hear the caller, the user presses the finger on the

ear’s pinna and listens (see Figure 3.6).

Figure 8.6: The new mobile phone, creted by NTT DoCoMo, Japan, (IEE Telecom-
munications magazine).

3.3 Present Communication Systems Using Speech

Vibrations

Hands-free interaction between mobile communication devices is an important
feature, since it can increase the flexibility of present applications where the

user cannot be impeded by a hand-held or a head-mounted transducer (e.g.
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a boom microphone). In this context, one could adopt the solution of a di-
rectional microphone, when the position of the talker is fixed, e.g. a fixed
microphone in a car compartment (Omologo et al., 1998). However, a small
movement of the speaker or the effect of environmental noise can degrade the
speech signal. Hence, for mobile and robust speech transduction, a small and
noise-immune transducer, like an accelerometer, is an attractive solution. The
aim of this section is to present the different classes of commercial products
which are currently available as communication devices, using speech vibra-
tions as the signal to be detected. Sound-pressure type in-ear microphones are
also presented as complementary information. The motivation is to provide
information concerning their operation, the enhancement techniques applied
to the body-conducted speech signal and the positioning of their vibration
pick-up element. The section could, therefore, trigger some ideas that could
be tested in our experiments concerning the positioning of the accelerometer

and/or microphone, and the enhancement of the speech vibration signal.

3.3.1 Laryngeal Microphones

The laryngeal microphone is fixed on the anterior wall of the trachea to pick
up the voice signal during phonation (see Figure 3.7). Since speech at this
area involves an enhanced low-frequency content, the clarity is generally low
even without noise. When it is worn, it presses on the neck from the outside
and is fairly uncomfortable. For this reason, it is not usually the first choice

for specialised applications.

3.3.2 Forehead Microphones

The forehead microphone is essentially an accelerometer-based system that

picks-up the voice conducted to the skull. The voice quality is theoretically
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Figure 8.7: An example of a laryngeal (throat) microphone combined with a receiver
(left) and the same unit in use (right) by Savor™™.

almost the same (see section 3.2) as that obtained with the body-conduction
microphone. The greatest disadvantages of the forehead microphone is the
low gain because of long distance from the vocal cords and the difficulty of

placement. If the forehead microphone is fixed with a helmet (see Figure

Figure 3.8: Exzample of a forehead microphone used inside a helmet.

3.8), the helmet functions as if it were a sounding board and transmits the
noise to the forehead microphone, thereby increasing the noise output of the

microphone. The helmet also introduces resonant peaks in its response.

43



3.3.3 Mask Microphones

Those are accelerometers, which are placed on a mask for fire-fighting and
for radioactivity protection, as well as for underwater applications (see Figure
3.9). The drawbacks of this design are that it responds poorly to a deep
voice, has low clarity, and is sensitive to moisture. The mask has a built-in
microphone which would be unnecessary on some contingencies, since it is

sensitive to rough handling.

2

Figure 8.9: Example of a mask microphone used for underwater and firefighters
communication.

3.3.4 Body-conduction Microphones

One type of transducer that has been used in communication systems where
suppression of background noise is desirable, is the body-conduction micro-
phone. Usually, this is nothing more than a piezoelectric accelerometer, built
in a small device, which can be placed on different points around the head. The
manufacturing companies often propose a different location around the head
for their products. The motivation behind this application is that vibrations
caused by speech are immune to acoustic noise, in contrast to an air-conducted

signal transduced e.g. from a microphone, that will be degraded significantly
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by the presence of acoustic noise. Different commercial systems are available,
where the accelerometer is often housed in an in-ear type device that is placed

in the user’s ear-canal.

Figure 8.10: Ezxample of a body-conduction mz’cvi"opvone placed in the ear-canal of
the user.

However, because the vibrations are transmitted through bone or skin, the high
frequency speech components are easily attenuated. Hence, the transduced
speech is unnatural and there is always the need to consider where and how to
put the microphone in order to get the best results. The speech enhancement
strategies adopted in those systems are fairly simplistic (high-pass or band-

pass filtering). A typical in-ear body-conduction microphone appears in Figure

3.10.

3.3.5 Sound-Pressure-type Ear Microphones

The basic concept of sound-pressure-type ear microphones is to pick up the
sound pressure produced in the external auditory canal (see Figure 3.11). A
drawback of the device is that the external auditory canal must be sealed
off. Hence, there is an abnormal sensation in speaking because of obstruction
of the ear canal (also known as the occlusion effect). The sound-pressure
type does not provide noise reduction, unless the ear canal is sealed. It has
however, an advantage that it can be bilaterally used as a transmitter/receiver

with the microphone and loudspeaker (receiver) in the same casing. In terms

45



of voice quality, since the low frequency is increased and high frequency is
decreased when the external auditory canal is blocked, the voice sounds deep,
but the use of an adequate high-pass filter provides sufficient clarity (Ono,
1977). The development of the body-conduction microphone, later on in the
history of speech vibration detection, originated as an improvement to the

sound-pressure-type ear microphone, since it proved to be superior regarding

}

Figure 8.11: Two examples of sound-pressure ear microphones used for mobile
phones (Earmark™™ left, and Jabra™™ | right).

noise reduction properties.

3.4 Conclusions

This chapter contributed towards a broader understanding of the area of speech
vibration detection and its use by commercial systems. The limiting factor
when reviewing this area was the small number of research papers available;
this topic is still not studied in depth, since the literature does not provide
any information on the identification of the transmission pathway of speech
vibrations. A general remark for all the studies listed in this chapter was
the use of a reference microphone in front of the speaker’s mouth in order to
compare air- and body-conducted speech, a point that was adopted throughout

our experiments. Another point is the use of a miniature in-ear microphone

46



to pick-up the radiated speech vibrations from the speaker’s ear-canal, a point

that was also adopted in the experiments of Chapter 6.

As an overall comment stemming from this chapter, it can be inferred that
body-conducted speech is most important at lower frequencies. For frequencies
between approximately 600 Hz and 1200 Hz, it dominates the perception of
one’s own voice, meaning that the body-conducted signal has a relatively high
amplitude. This is demonstrated in our speech recordings of Chapters 6 and 7
where, as will be seen, sounds like vowels or nasals with strong low-frequency

energy content are detected more clearly than other sounds like fricatives.

As far as the enhancement of the body-conducted speech is concerned, most
of the studies made use of a linear high-pass or band-pass filter applied on the
body-conducted speech signal. This approach has the advantage of low com-
plexity and ease of implementation. However, only Shigeaki et al. (1999) took
advantage of both air- and body-conducted signals by mixing them with an
equalising circuit. In this case, optimal filtering appears as a better solution,
since it improves the quality of the body-conducted signal, by matching it to
the air-conducted signal in a minimum mean-square error sense. This is inves-
tigated in Chapters 6 to 8, where optimal filtering is compared subjectively to

the high-pass and band-pass filters discussed above.
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Chapter 4

Review of Speech Intelligibility
and Quality Tests

4.1 Introduction

Speech intelligibility and quality are two concepts that must be based on sub-
jective human responses when they are tested. Speech intelligibility tests are
only appropriate for communication systems that produce moderate to severely
degraded speech, since, by their very nature they are unable to distinguish
among signals that are all highly intelligible. These systems, however, may
still differ in other perceivable characteristics such as pleasantness, natural-
ness, or the recognizability of the talker. Subjective tests that point out those
fine subjective preference details are more appropriately termed speech quality

tests.

The main aim of this chapter, therefore, is to present the theory behind two
standardised procedures for testing speech intelligibility and quality, the Diag-
nostic Rhyme Test (DRT) and the Diagnostic Acceptability Measure (DAM),
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respectively. The motivation is the need to understand their theory and func-
tion since they are used as the main subjective tests in Chapters 7 and 9 to
study the performance of optimal filters in enhancing speech picked up by a
vibration sensor. The chapter presents the theory of the DRT test and con-
tinues with the theory of the DAM test. The speech materials and the rules
when administering both are also presented and analysed as far as the phonetic

content and the recording-listening procedures are concerned.

4.2 Diagnostic Rhyme Test (DRT)

Voiers (1977b) advanced the concept of the already existing rhyme tests for
intelligibility in his Diagnostic Rhyme Test (DRT). The DRT has been exten-
sively used to test the intelligibility of communication systems. It uses 192
monosyllabic English words arranged in 96 word pairs. The words are con-
structed from a consonant-vowel-consonant sound sequence and differ only in
their initial consonants. Listeners are shown a word pair, then asked to iden-
tify which word is presented by the talker. The test results reveal errors in the
discrimination of initial consonant sounds. The distinctive features considered
in the DRT are voicing, nasality, sustention, sibilation, graveness and com-
pactness (see section 2.2.2 for definitions). The advantage of the DRT is that
it gives not only an overall intelligibility rating for a speech system, but also a
“diagnostic” rating consisting of intelligibility scores in each of the distinctive

feature categories (see feature categorisation in section 2.2.2).

When administering the DRT, it is best if more than one individual is used
in the recording, while the stimulus words should be cited at approximately
1.5s intervals. In each listening session, at least eight to ten listeners should
be used with all listener responses pooled together (Quackenbush et al., 1988).

The listener’s task is simply to strike out the member of the word pair she/he
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judges to have been uttered, whether the material is played back processed or
not. The most straightforward scoring of the DRT yields seven scores, one for
each of the six consonant distinctive feature categories and one mean score.
All scores are corrected for random guessing effects as follows:

_ 100(R; — W;)

T (4.1)

S;

where S in the “true” percent-correct responses, R is the number of correct
responses, W in the number of incorrect responses, T' is the total number of
responses, and subscript j denotes the distinctive feature class. The mean
score is an average of the diagnostic scores, which is equivalent to grouping all
responses into a single class. In essence, what equation 4.1 does, is to convert

a chance level (say 50%) in R to, respectively, 0% in S.

In recognition of evidence that the state of a feature may not be equally intel-
ligible in every manifestation, various constraints were observed in assembling

the corpus of test words which can be seen in Table 4.1:

1. For half of the word pairs designed to test for the intelligibility of voicing,
both critical phonemes involve friction (i.e. are affricates or fricatives);

for half the critical phonemes are stops.

2. Half of the nasality word pairs in each vowel context involve a grave

phoneme-pair (i.e. /m-b/); half involve an acute pair (i.e. /n-d/).

3. Half of the word pairs designed to test for the intelligibility of sustention

involve a voiced phoneme-pair; half, an unvoiced pair.

4. Half of the word pairs concerned with sibilation involve voiced phonemes;

half, unvoiced phonemes.

5. In the case of graveness, word pairs were constructed such that for each

vowel context, one pair is voiced and the other is unvoiced.
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6. Compactness word pairs were constructed such that states of vowel-
likeness, sibilation, voicing, and sustention were given equal represen-
tation in the test.

Voicing Nasality Sustention Sibilation Graveness Compactness
veal feel meat beat vee bee zee thee weed reed yield wield
bean pean need deed sheet  cheat cheep keep peak teak key tea
gin  chin mitt  bit vill  bill jilt  gilt bid did hit  fit
dint  tint nip dip thick  tick sing thing fin thin gill dil
700  Sue moot  boot foo pooh | juice goose moon noon coop  poop
dune tune news dues | shoes choose chew coo pool  tool you rue
vole foal moan  bone those doze joe go bowl dole ghost  boast
goat  coat note dote | though dough | sole thole fore thor show so
zed said mend  bend then den jest  guest met net keg peg
dense tense | neck deck fence pence chair care pent tent yen  wren
vast  fast mad  bad than dan jab  gab bank dank gat  bat
gaff  calf nab dab shad chad sank  thank fad thad shag sag
vault  fault moss  boss thong tong jaws gauze | fought thought yawl  wall

daunt taunt | gnaw daw shaw  chaw saw  thaw bong dong caught thought
jock  chock | mom bomb von bon jot  got wad rod hop fop
bond pond | knock dock vox  box chop cop pot  tot got dot

Table 4.1: The DRT words list.

4.3 Diagnostic Acceptability Measure (DAM)

The Diagnostic Acceptability Measure or DAM is a relatively new quality mea-

sure, first described by Voiers (1977a). DAM is able to gauge a wide range of

speech degradations, and hence is useful for a wide range of speech qualities.

It is different from other subjective measures of speech quality in that it in-

corporates a multidimensional approach to its realisation. It assesses a speech

signal on 19 separate scales, all of which have a range of 0 to 100 points. These

scales can be divided into three groups: Signal Quality, Background Quality

and Total Quality. The three total quality sub-scales I, P and A represent

principally the standard direct approach of evaluating speech quality in which

the speech is assessed relative to some general probes such as “Intelligibility”,
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“Pleasantness” or “Acceptability” respectively.

The speech materials used with the DAM consist of four groups of twelve
sentences each (see Table 4.2). Each sentence is six syllables in length and has
its phonetic makeup controlled in the following manner: it is constrained to
have at least one vowel from each of the three categories (Front, Mid, Back)
and at least one consonant from each of the three categories (Sibilant, Stop,
Fricative). The DAM is typically used to assess speech from six to twenty
four communication systems in a single testing session. For each processing
system, twelve sentences of speech with total duration of approximately one
minute are required. Sentences are presented to a number of listeners at a
rate of one sentence every four seconds and systems are presented in random

ordering.

The DAM combines a direct (isometric) and an indirect (parametric) approach

to the overall speech sample evaluation.

e Isometric: I, (Intelligibility), P (Pleasantness) and A (Acceptability).

e Parametric: Signal and Background quality scales.

The isometric approach requires the listener to provide a direct, subjective
assessment of the speech sample in terms of intelligibility, pleasantness and
overall acceptability. The parametric approach requires him/her to evaluate
the sample with respect to its signal and background perceived qualities. Based
on experimental evaluation of a large amount of test speech using a large team
of quality gauges, Voiers (1977a) developed a set of response scales, shown
on the following DAM listener response sheet (Figure 4.1). Of the response
scales, nine are used to rate the speech signal, seven to rate the background,

and three to rate the overall quality.
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0 10 20 30 40 50 60 70 80 90 100

Negligible P Extreme
Signal Qualities Score (0-100)
eFluttering (e.g. amplitude modulated speech)........................ {:]
eMuffled (e.g. low-pass speech)...........coovviiiiiii i [::l
eDistant (e.g. transmitted speech)..........coovviiiiiiiiiii, l:]
eRasping (e.g. peak-clipped speech)..............c.ooo l::]
oThin (e.g. nasal speech)..............cooo E:
eUnnatural (e.g. mechanical, lifeless).................ooooi. l:
eBabbling (e.g. noNSense)...........covvvviiiiiiiiii {—_—::l
elrregular (c.g. fluctuating, imbalanced)......................ooei [___j
eInterrupted (e.g. internet-packetised speech)......................... !:]

Background Qualities

eHissing (e.g. noise-masked Speech)............ovevvvveiuiiniiiniiin, D
eChirping (e.g. clicking sounds)............cooovviiiiiriniiininnnnn. [___:]
eRoaring (c.g. loud, deafening)..............coeuuviunviiiinenininannn. [:]
eCrackling (e.g. scratching Sounds)..............c..coovrernerennenennn. :]
eBuzzing (e.g. vibrant, lively)..............oo !:]
esRumbling (c.g. low-frequency noise)...........coovveiiviinniinennn.. D
eBubbling (e.g. narrow-band filtered speech)................oovonenin. l:]
Total Effect
eIntelligible (understandable, meaningful)................... {:

ePleasant (rich, MellOW).........coveiiniiiiiiieii e eeeeeaeinens :]
eAcCePtable. ... . ..., E:]

Figure 4.1: The DAM response sheet given to the subjects of the listening experiment.
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Group 1

Group 2

I read the news today
Wrap the bones in tin foil.
He stole all her hats.

I hated the poems.

You are the biggest man.
We all ate fresh mushrooms.
The cold pond made me sneeze.
Don’t permit that cheap talk.
The boat sailed off the edge.
You kids get off the fence.
Dirt was blown in my face.
Doubtless he was too thin.

This road forks up ahead
Jack was lost in the woods.
Do not present the prize.
Don’t feed that vicious hawk.
The trees grew ten feet tall.
Snow fell all last winter.
Let’s sit in the cool bar.
This box is much too flat.
You should be there on time.
The cook can boil beef stew.
Look at those peacocks strut.
The wind blows hard at sea.

Group 3

Group 4

That hose can wash her feet.
The goose laid an odd egg.
That quiz was much too hard.
Those are pudgy old men.
We cracked all those pecans.
He had the bluest eyes.
Don’t meet me first today.
These shoes were black and brown.
They are too loud in church.
We saw a bad movie.

I suggest you leave now.
The rabbits and dogs drowned.

Go and sit on the bed.
The book is about trash.
Moths still turned yellow.
Fire consumed the paper.
The bowl dropped from his hands.
Don’t thrash around that way.
Those children are dirty.
Dress sleeves are much too warm.
Tractor plowed the fields.
We made some fine brownies.
They broke out of prison.
He drank our lusty brew.

Table 4.2: The four DAM sentence groups.

4.4 Conclusions

When performing a subjective speech quality evaluation it is difficult to de-
cide exactly what quantities to measure when making the quality assessments.
Speech intelligibility is indisputably a significant factor in shaping the overall
acceptability of voice communication systems, but it is clearly not sufficient
in all cases. For example, in high quality systems where easy and efficient
communication might be the goal, it is also desired that speech sound natural

and that the user be able to recognize the speaker.

This chapter, therefore, contributed towards the understanding of DRT and
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DAM, two standardised procedures that test speech intelligibility and quality,
respectively. Both of them are used by the U.S Department of Defense for the
evaluation of communication systems. This is the reason that the reader may
notice in the corpuses of the two tests that some words are not British English,
and also that some word pairs that rhyme in American English, are not rhymes
in British English. The DRT is also the NATO standard for evaluating speech
intelligibility in communication systems. In addition to government agencies,
DAM is widely used by many companies involved in speech communication

research.

To summarise, the chapter presented the theory behind two standardised sub-
jective listening test, DRT and DAM, used for evaluating the intelligibility and
quality of processed speech in communication systems. Details concerning the
scoring and the design of the two tests were also set forth, since they will be

extensively used in Chapters 7 and 9.
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Chapter 5

An Optimal Filtering Approach
for Speech Vibration Analysis

5.1 Introduction

Added noise and imperfect transmission process can degrade the intelligibil-
ity or quality of speech. The enhancement of degraded speech is therefore an
important problem with numerous applications ranging from suppression of
environmental noise for communications systems and hearing aids, to prepro-
cessing for speech recognition systems. In our study, the accelerometer signal
is immune to noise but it has poor speech quality due to body-conduction
losses, in contrast to the microphone which gives a good quality signal, but is
susceptible to acoustic noise degradation. The objective is, therefore, the in-
vestigation and application of an optimal filter which will compensate for the
loss of higher frequencies due to body-conduction attenuation, while main-
taining the small amount of acoustic noise. The choice of the Wiener filter,
as it is also known, can be justified from the fact that Wiener estimate is

optimal. Therefore, no other enhancement method can yield better results in
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a mean-square error sense. It uses the microphone as the desired signal, and
the accelerometer as the input to the filter. The filter then tries to match the
input to the desired signal in a minimum mean-square error approach. This
helps in improving the intelligibility and/or quality of the accelerometer signal,

something that is verified with listening tests in Chapters 6 and 7.

The aim of this chapter, therefore, is to present the theory of optimal filtering,
which is the main signal processing technique that is investigated in Chapters
6 to 9, and describe its application to speech vibration signals. The chapter
starts with the theory of optimal filtering. It then progresses to the modelling
and derivation of an optimal filter for speech vibrations, by using a block
diagram which encompasses the various transfer functions that affect the re-
ception of self-generated speech, air- and body-conducted. The motivation for
this is the need to have a general model that will help in the interpretation of

the experimental results in subsequent chapters.

5.2 Optimal Filters in the Time Domain

Filters are commonly used to extract a desired signal from a background of
random noise or deterministic interference. The aim of this section is the
presentation of the time-domain optimal filter theory, that will be used as our
proposed speech enhancement strategy to accelerometric speech, in Chapters

6 to 9.

The optimal filters are designed to minimise the mean-square error between
their output and a desired signal. Thus, they are said to be optimum in a
mean-square error (MSE) sense. This particular definition of optimality is
convenient because it leads to closed form solutions for the filter coefficients

in terms of the autocorrelation of the signal at the input to the filter, and
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the cross-correlation between the input and the desired signal. Figure 5.1

illustrates the Wiener filter configuration.

d(n)
x(n) yn) PN e

Figure 5.1: The main blocks of an FIR optimal filter.

In this figure the error signal e(n) is given by the difference between the desired
signal d(n) and the input signal z(n) filtered by an FIR filter with coefficients

w; so that
e(n) =d(n) — Z wiz(n — i) (5.1)

The summation over w;z(n—1) in equation 5.1 can be conveniently represented

as a vector inner product, such that

e(n) = d(n) — wix(n) = d(n) — x* (n)w (5.2)

where
W = [wo wi... w[_l]T, (53)
x(n) = [z(n) z(n—1)...z(n — I+ 1)]F (5.4)

and the superscript 7" denotes the transpose of the vectors, which are agsumed

to be column vectors.

The objective is to find the values of each of the filter coefficients wg ... wy_1
that minimise the quadratic cost function given by the mean square error
(MSE),

J = Ele*(n)], (5.5)

where F denotes the expectation operator. If x(n) and d(n) are not stationary,

then J and the optimal filter coefficients will be functions of time. We assume
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here that all the signals are stationary, so that the expectation is time invariant,
and can be calculated by averaging over time. The cost function given by

equation 5.5 is thus equal to the average mean-square value of the error signal.

Using equation 5.2 the cost function can be written as (Elliott, 2001):

J=wlAw —2w’b +c, (5.6)
where
A = Elx(n)x"(n)], (5.7)
b = Elx(n)d(n)], (5.8)
c= E[d(n)] (5.9)

In a quadratic equation having the general form of equation 5.6, the matrix
A is known as the Hessian matriz, and in this case its elements are equal to

the values of the autocorrelation function of the input signal,

[ Ru(0)  Ren(1) ... Ruo(I—1)]
Rus(1)  Rua(0)
A 5 (5.10)
a1 - 1) Re(0)

where R, (m) is the symmetric autocorrelation function of x(n), defined for

the entirely real time sequences assumed here to be
R..(m) = Elz(n)z(n+m)] = Ry(—m) (5.11)

The Hessian matrix is not necessarily equal to this matrix of autocorrelation
functions, and in order to be consistent with the discussion below, the Hessian
matrix is written here as A rather than the more specific form R, which is
widely used for FIR filters in the signal processing literature. An example

of this more general form for A is when the cost function to be minimised
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includes a term proportional to the sum of the squared filter weights, w’w,
so that

J = E[e*(n)] + fwlw (5.12)
where [ is a positive, real coefficient-weighting parameter. This cost function
can also be written as a quadratic equation of the form of equation 5.6, but

now the Hessian matrix has the form
A=R+ /1 (5.13)

where R is the autocorrelation matrix given by the right-hand side of equa-

tion 5.10 and I is the identity matrix.

The vector b in equation 5.8 has elements that are equal to the values of the

cross-correlation function between the input and the desired signals so that
b = [Rpa(0) Rea(l) ... Rea(I —1)]F (5.14)
where for the entirely real and stationary time sequences assumed here

R.q(m) = Elz(n)d(n + m)] = Elx(n —m)d(n)] (5.15)

Finally, ¢ is a scalar constant equal to the mean-square value of the desired

signal.

5.2.1 The Wiener Filter

The value of the coefficients of the FIR filter that reduces the mean-square
error to a minimum can be found by differentiating the cost function with
respect to each coefficient and setting all of the resulting derivatives to zero.
It is convenient to express this differentiation using vector notation, and so we
define the vector of derivatives to be

oJ [

5—‘—7‘7—2

T
aJ aJ 8J
LINNN AT (5.16)
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Using the definition of J in equation 5.6 and the properties of derivatives of

vectors, equation 5.16 can be expressed as

aJ

— =92[Aw-b 5.1
oo = 2[Aw-b] (517)
The vector of optimal filter coefficients can be obtained by setting each element

of equation 5.17 to zero, giving
Wopt = A7'b (5.18)

The filter that has these optimal coeflicients is often called the Wiener filter.

5.3 Modelling of the Optimal Filter

As was seen in Chapter 2, a speaker produces a speech signal in the form of
acoustic and vibration waves that travel around the speaker’s body as well
as from the speaker’s mouth to his ears. The air-conducted signal consists of
variations in pressure as a function of time and is usually measured directly
in front of the mouth, the primary sound source (although sound also comes
from the nostrils, cheeks and throat). In addition to that, the body-conducted
signal consists of vibrations around the speaker’s body, which are difficult
to quantify, and can only be described by making assumptions about the
medium in which they travel (Tonndorf, 1972). The speech signal is non-
stationary, with changing characteristics as the vocal tract changes shape and
the source characteristics change (O’Shaughnessy, 2000). However, the long-
term average speech spectrum can be assumed stationary, something that
supports the design and modelling of the optimal filter for the enhancement

of speech vibrations that is used in this study:.

Hence, the optimal filtering problem that we try to fit to this case can be

modelled as the mixed analogue-digital block diagram shown in Figure 5.2
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where the two types of speech signal are picked up by an equivalent transducer,
i.e. a microphone for the air-conducted signal and an accelerometer for the
body-conducted signal. The microphone is placed at a close distance from
the speaker’s mouth, while the accelerometer is attached on a position on the
speaker’s head where speech vibrations are conducted sufficiently well. For

this section, the blocks will be assumed linear and time-invariant.

The motivation for the development of this model is the need to have a tool that
will aid the analysis of the optimal filtering performance, and the interpretation
of the filters’ responses (see Chapter 8). What we try to achieve, therefore,
is to derive a final optimal filter expression that will potentially show the
dependence of the optimal filter on certain factors. This, not only will help in
explaining certain discrepancies in the filters’ performance, but will also aid
the proposition of a speech enhancement solution for the front-end user of a

communication system.

The model links the electroacoustic with the physiological aspects of our ex-
perimental setup, as it is presented in Chapter 6. Therefore, Figure 5.2 is an
expanded version of Figure 5.1 to include the effects of the body-conduction
and the air-conduction path from the speech source s(t) to the accelerometer
and microphone, respectively. The signal from the microphone is used as the
desired signal as it is of higher quality than that of the accelerometer, which

is the input to the filter.

__________________________ Gaero
—o{ 1, b o> LpF H AD | d(n)
Speech b -
S(t) T T T T +
NpT > LPF H AD . L ()
__________ ZD—FT_ x(1) Wopt y(n) e(n)
G

Figure 5.2: Mized analogue-digital physical model of the optimal filtering problem.
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The multi-source speech input s(t) is influenced by the acoustic and anatomical
transfer functions G, and G, , respectively. The air-conducted signal is
filtered by G, forming the desired signal d(n). On the other hand, the body-
conducted signal is filtered by G,. and constitutes the input to the optimal
filter Wy, which tries to match z(n) to d(n).

However, Gg.. includes various individual transfer functions. H; is the acoustic
transfer function from the various speech sources to the microphone, and in-
cludes the vocal tract. G, also includes the acoustic transfer function from the
speaker’s lips and nose to the microphone, the electroacoustic transfer func-
tion of the microphone, the electrical transfer function of the microphone’s
amplifier, the electrical transfer function of the anti-aliasing filter (appearing

as LPF), and that of the A/D conversion process.

Goan., on the other hand, includes Hj, the body-conduction transfer function
from any possible speech vibration generation point on the speaker’s head to
the accelerometer. G,,. also includes the electroacoustic transfer function of
the miniature accelerometer, the electrical transfer function of its amplifier, the
electrical transfer function of this channel’s anti-aliasing filter (also appearing

as LPF), and that of the A/D conversion.

The optimal filter W, can be written in terms of the power spectra of d(n)

and z(n) (Elliott, 2001) as:

Szd
Wopt = "SE“ (519)
where
Smd = Gac.S:zs = Gac.GZm_Sss (520)

Sz:c = IGan.FSss (521)

Substituting 5.20 and 5.21 in 5.19, we see that the optimal filter becomes equal
to:
(5.22)



An equivalent all-digital approach to Figure 5.2 is the one in Figure 5.3.

d(n)

G _+

G @ e[y e

ac.

opt

Figure 5.8: All-digital physical model of the optimal filtering problem.

We treat the air-conducted signal d(n) as the only reliably measured quantity,
since we cannot actually measure s(t), and working backwards we end with the
accelerometer signal z(n) which is related to the air-conducted signal filtered
by the transfer functions of the two paths combined together. This approach

makes the derivation of the optimal filter more straightforward, since:

Gan. \"

Spa = <Gac.> Sad (5.23)
Ga']'b 2

% = |G, | (5:24)

Therefore, the optimal filter W, is equal to:

Sxd 1 - Gac.

P Szz gz: Gan.

(5.25)

ie. Wop is the same as the one derived in equation 5.22, indicating that
Figure 5.3 is indeed equivalent to Figure 5.2. Equation 5.25 reveals that the
optimal filter that we try to design for our application, is dependent on the
two transfer paths. From that we can infer that the response of the filter will
not depend significantly on the frequency characteristics of the speech input,
but instead, on the anatomical characteristics of the speaker that define G, ,

and the placement of the reference microphone that defines Goe..

An approximate estimation of the filtering effect imposed by [g‘;’: |2 was calcu-

lated as the ratio of the magnitudes of :g—:f based on Figure 5.3. The calculation

was performed for the male and the female subjects, using average spectra of
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the DAM sentences list (see Chapter 6 for the recording procedure). The

resulting filtering magnitude appears in Figure 5.4.

10 10°
Frequency [Hz] Frequency (Hz)

(a) (b)

Figure 5.4: Magnitude spectrum of |g—zz—[2 for (a) male, and (b) female speakers.

This filtering effect, which also includes the low-pass filtering G, due to
body-conduction, appears to have a main cut-off at about 500-600 Hz for both
male and female speaker, while the roll-off rate is approximately 18-20 dB/oct.

Since Wopr = t"‘f’ it is expected to have the form of a high-pass filter in this

ac.

frequency range.

5.4 Conclusions

This chapter has contributed to a better understanding of the theory of the
FIR Wiener filter that has been adopted as our main enhancement strategy

for the intelligibility and quality improvement of the recorded accelerometric

signals.

Optimal filter theory was adapted to our case of detecting a speech vibration
signal, which the filter tries to match to an air-conducted speech signal. This
diagramatic approach proved to be useful as it facilitated the derivation of the

optimal filter by lumping together the two main speech transfer pathways that
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we are investigating, and which can be evaluated with power-spectra estima-
tions. This approach helped the interpretation of the optimal filter responses,
presented in Chapter 8, where the diagram is expanded to include the effect
of electronic noise of the accelerometer. However, the main distinction that
has to be made is that section 5.3 was used to understand the modelling of

the system, since Wep = gzz is not restricted to be causal, thus is not always

implementable. In practice, W,,; was computed as in section 5.2.1 to ensure

causality.

The main conclusion, therefore, is the derivation of an optimal filter expression
which showed that the filter that we try to design for our application is not
significantly dependent on the frequency content of the speech input, but in-
stead, on the anatomical characteristics of a speaker and the positioning of the
transducers, that define G, and G,,.. This poses the question whether an op-
timal filter which is designed for specific phonetic material performs better or
equally well to a fixed optimal filter that is designed for a speaker, something

that is answered in Chapter 9.

This chapter concludes the theory sections of this thesis. We have presented
the theory of optimal (Wiener) filtering that has been adopted as our main
enhancement strategy. The chapter also presented a block diagram which
linked the physiological principles of speech vibration generation, transmission
and detection, with the design of an optimal filter focused on the problem of

enhancing them.

66



Chapter 6

Development of the

Experimental System

6.1 Introduction

The aim of this chapter is to present the development of a vibration-based
recording system that was used throughout the experimental sessions. The
chapter starts with a description of the setup used in the initial experiment.
This includes a presentation of the acoustic and vibration transducers, the
amplification and filtering devices, as well as the signal acquisition and gener-
ation devices. It is then followed by a discussion on the electronic noise-floor
measurements of the above equipment. The next section presents the first
attempt of speech vibration recordings on three anatomical locations in order
to see which one is the most appropriate for detecting speech. The chapter
then proceeds to portray the initial speech enhancement strategies that were
adopted (high-pass, band-pass and optimal filtering), some indicative results,
and their assessment through an informal listening test. The chapter ends

with a presentation of the experimental setup used in the later experiments,
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the changes in the equipment, and the motivation behind its re-design.

(The work included in this chapter was presented as a poster at the 141%

meeting of the Acoustical Society of America, June 2001).

6.2 Initial Experiment: Aims for the Devel-

opment of the Experimental Setup

The experimental setup described in this chapter was aimed at guaranteeing a
viable, practical, and stable measuring system for speech vibration recordings.
This was accomplished first by investigating the electronic noise-floor of the
equipment to ensure that there would be no significant interference with the
speech recordings. It was further approached by investigating the best contact
point for speech vibration detection. For this reason, selected speech mate-
rial that was representative of different classes of speech was recorded from
three anatomical locations in order to decide which one had the best speech
vibration conduction properties. The subjective comparison among various
high-pass filters and a band-pass filter with optimal filtering applied on the
speech vibration signals was the last step in order to see which type of en-
hancement gave promising results for its use in a larger-scale experiment. The
above steps contributed towards a better understanding of the equipment, and
the design of a reliable and functional recording system that could be easily

set up and used in the future.

6.2.1 Place of Experiments

The first experiments were conducted in the laboratory of the Signal Pro-

cessing and Control Group at the Institute of Sound and Vibration Research.
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This laboratory is dedicated to applications of signal processing on sound or
vibration. It is a space equipped with various measuring equipment, filters,
data-acquisition devices and computers, making it an all-purpose lab for sound
and vibration applications. It is a sufficiently quiet space for speech recording,
although it cannot be considered perfect, as there is a background noise level
from the different pieces of equipment when they are switched on. A typical
background noise level spectrum of the lab, recorded with our reference mi-
crophone, which is described below, can be seen in Figure 6.1. The spike at

about 1.5 kHz can be attributed to the cooling fan from PC’s.
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Figure 6.1: Background noise level spectrum in the lab where the experiments were
conducted.
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6.2.2 Experimental Equipment

The equipment that was used throughout our experimental sessions can be
divided into five main categories: acoustic transducers, vibration transducers,
amplification equipment, acquisition devices and finally filtering and analysis

equipment.
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Acoustic Transducers

The ideal size of microphone for our application would be a miniature one, since
it would be possible to place it at the aural area easily. For our experiments we
used the standard EM-3046, manufactured by Knowles, a model that is broadly
used in hearing aid applications. It is a millimetre-scale, condenser microphone
with a robust construction to withstand severe environmental conditions. In
addition, we also used a 1/2" condenser microphone, B&K 4133, as reference

microphone. This served later as the desired signal of the optimal filter.

Vibration Transducers

The miniature accelerometer (model BU-1771) was also obtained from Knowles.
This is a low-mass accelerometer containing a ceramic vibration transducer
with high sensitivity and a flat response up to 3 kHz, above which it rises
sharply. The in-built FET amplifier and high mechanical shock resistance also
make it suitable for severe environmental conditions. The presence of this
FET amplifier makes the use of a simple voltage amplifier possible. Hence,
the use of a charge amplifier, which is more commonly used with piezoelectric

accelerometers, is not essential.

Filtering Equipment

KEMO anti-aliasing filters (model VBF8) were used prior to the A/D con-
version for every channel, with cut-off frequencies set at 11 kHz. Each filter
rack has two channels with a switch to adjust for parallel, series or separate
modular use. In our case, since we had three independent channels, we used
the modules separately. The filter chosen was an 8-pole, 6-zero Butterworth

filter (approx. 48 dB/oct). These modules are also provided with low-noise in-
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built amplifiers with 0, 10 or 20 dB additional amplification for every channel,

which could be selected with a switch.

Signal Acquisition and Generation Devices

For the acquisition of signals, we used a National Instruments data-acquisition
card (type PCI-6035E), fitted in a standard desktop PC (PHI, 800 MHz,
128MB RAM) along with the appropriate interface (National Instruments
BNC-2090) where all the transducers could be attached with BNC connec-
tors. This specific card has 16 analog inputs, 2 analog outputs and 16-bit
resolution. Its maximum sampling rate for one channel is 200 kHz and is com-
patible with the Matlab software, hence no hardware-mismatch problems were
encountered. During all measurements, a sampling frequency of f;=24 kHz
was used, since it was assumed that speech contains negligible energy above
fs/2=12 kHz (Meakawa and Lord, 1994). For the measurement of the ampli-

fiers’ responses, we used a dual-channel FFT spectrum analyser (Advantest

R9211C).

Amplification Equipment

During all measurements, the amplification for each transducer was set to the
appropriate level so that the acquired signals did not distort, while we could
get the best signal/noise ratio. For the miniature microphone and accelerom-
eter signals, two individual amplifiers were used, built in ISVR. These have 3
amplification levels at 20 dB steps (20, 40 and 60 dB) and each one accepts
a single input. The response of the amplifiers was measured with the FFT
spectrum analyser, which served as a signal generator, by using a broad-band
input at 0.5V peak. During all our experiments, only the 40 dB setting was

used. The amplifier’s amplitude and phase response appears in Figure 6.2.
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Figure 6.2: Amplitude and phase response of the accelerometer’s amplifier at 40 dB
setting.

For the B&K 4133 reference microphone, we used the standard B&K measuring
amplifier type 2609, with the capsule pre-amplifier, type 2619.

6.2.3 Noise-Floor Measurements

After setting up our equipment in the laboratory, it was decided to check
whether there would be any electrical noise interference with the acquired
speech signals. Several tests were done involving the acquisition of 5s signals
with all transducers in the laboratory, while switching electrical equipment on
and off, but none seemed to interfere drastically with the acquired signals. The
custom-made amplifiers for the miniature transducers needed to be switched on
for about 10min prior to the experiment so that consistent measurements could
be taken. A suggested reason for this is that charges in the circuitry may take
some time to settle. A schematic diagram for the noise-floor measurements

can be seen in Figure 6.3.
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Figure 6.83: Experimental setup for the measurement of equipment noise-floors.

Noise-Floor of the Data-Acquisition (DAQ) System

A starting requirement was to check the electronic noise-floor of the DAQ
system on its own, and in conjunction with the other pieces of equipment. A
way to check this is to feed it with a OV signal in order to see the inherent noise
disturbances. The reason for using such a signal is that if the DAQ system
is fully disconnected from the other equipment, the system may suffer from
impedance mismatches giving unreasonable results. Hence, a OV input signal
was fed to the DAQ system from the FF'T analyser source and a 5s sample
was acquired at a sampling frequency of 24 kHz. Immediately after, a pure
tone at 1 kHz and 2.5V amplitude was acquired for the same duration at the

same sampling frequency.

The spectra of the OV signal, corresponding to noise, and the 2.5V sine wave,
corresponding to the signal, appear in Figure 6.4, where the SNR, was calcu-
lated theoretically according to Watkinson (1995) as equal to 98.1 dB, based
on the approximate 6 dB/bit-rule. However, this result is applicable for a
full-scale input signal, so in order to compare the measured value to the the-
oretical value, we have to subtract 6 dB from the theoretical value, as we are
using half of the maximum peak-peak voltage that the DAQ card can handle
(£5V p-p). The fluctuations of both the signal and noise signals, however, in-

dicate that there is additional electrical interference, most probably from the
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Figure 6.4: Noise-floor of the Data-Acquisition system.
PC-amplifier-filter interaction, giving another 20 dB approximately of noise,
which have to be subtracted from the theoretical calculation. Therefore, the

measured SNR was calculated in Matlab as follows:

Power of Signal
Power of Noise

SNR = — 6dB — 20dB (6.1)

This calculation gave a SNR value of 72.2 dB. This coincides with the theoret-
ical calculation if we subtract the 26 dB as in equation 6.1 and, nevertheless,
shows that our system has low inherent noise-floor and that any contributions

other than Analogue-to-Digital Conversion (ADC) noise, are not significant.

Noise-Floors of the Microphones and Accelerometer

No intentional noise sources were present except background noise. The ampli-
fication settings were the same as in the experimental recording session. The
reference and miniature microphones were isolated from any acoustic interfer-
ence by blocking their diaphragms firmly with compressed acoustic foam, and
5s of data were acquired. The accelerometer was placed on a piece of foam

so that any possible structure-borne vibrations from the laboratory would be
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minimised, and again 5s of data were recorded (see Figure 6.3). A typical
spectrum of speech recorded with the same procedure as described in section
6.2.4, (the sentence “Sunlight strikes raindrops in the air”), is plotted along

with the electronic noise-floor spectra from all three transducers in Figure 6.5.
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Figure 6.5: Electronic noise-floor versus Z'?EZ?? [H?pectm from the three transducers.

It can be seen that the noise-floor curves converge at high frequencies. This can
be explained by the attenuation imposed by the anti-aliasing filter cut-off at
11 kHz. Overall, the electronic noise-floor levels of the transducers were lower
than the recorded signals, thus giving us a satisfactory signal-to-noise ratio
(36.3 dB for the reference microphone; 26.4 dB for the miniature microphone;
10.2 dB for the miniature accelerometer, calculated as a ratio between the
power of the speech over the power of the noise signal). Figure 6.5 also shows
the low-pass filtering effect of speech directivity (see section 2.4.2), with the
miniature microphone spectrum being about 5-10 dB lower than the reference
microphone spectrum in the range 1-4 kHz, while above 4 kHz this difference

increases to more than 25 dB.
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6.2.4 Speech Recordings

For the first set of speech recordings, the material that was used consisted
of single, sustained phonemes (sustained for 2s) and phonetically balanced
sentences. The phonemes were vowels (/a, o, i/), nasals (/m/), and voiced

and unvoiced fricatives (/s, f, v/). The sentences were the following:

“High jets whiz past screaming”, which contains a mixture of vowels, and

consonant clusters.

“The sunlight strikes raindrops in the air”, a phrase from the “Rainbow
passage” which is often used for psychoacoustic tests. It contains a
balanced quantity of phonemes, i.e. stops, nasals, voiced and unvoiced

fricatives, vowels, etc.

e “We were away a year ago”, which contains entirely voiced phonemes,

no nasals or fricatives, and,

“Should we chase those young outlaw cowboys?”, which contains a mix-

ture of fricatives (voiced and unvoiced), diphthongs, and affricates.

A data-acquisition program was written, using the Data Acquisition Toolbox
for Matlab. It employed three channels (as many as our transducers), each
acquiring data at 24 kHz. For the acquisition of phonemes, a duration of 2s
was used, while for the sentences the duration was increased to 3s. Those
times were considered large enough to capture all the phonemic information

of phonemes or phrases respectively.

One Greek, male subject was used. The recording session began with the
subject getting accustomed to the positioning of the miniature accelerometer
on his face. For this reason, adhesive stickers, used to attach electrodes on the

skin, were used for the miniature accelerometer and the miniature microphone.
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It was made sure that the contact for the miniature accelerometer was the
best possible, without much force exerted on the surface of the skin, since
that would distort the results. Three contact points were investigated: the
larynx, the skin surface over the TMJ, and similarly over the mastoid bone.
Our motivation for using only those locations was based on the results of
Moser and Oyer (1958), who showed that these three locations were the most
conductive for speech vibrations. However, in the context of our study, we had
to decide on a location that would be vibrationally conductive, close to the
ear (as the miniature microphone is placed there as well), and applicable for
an ergonomic design. The miniature microphone was attached at the opening
of the ear-canal, making sure that it was not blocking it. The experimental
setup which follows the structure of the model in Figure 5.2 can be seen in
Figure 6.6 below.

seated subject

P\ N—
€ oA 2
¢ 60cm ) ; "/‘
B&K 4133 3

reference mic.

DAQ interface

Anti-aliasing filter racks Reference mic. with
I_‘_‘I[: amplification
Miniature acc/er. on TMJ (solid linc), larynx and mastoid (dotted lines)
<1 with amplification
l: I Miniature mic. in car-canal opening with amplification I

Figure 6.6: FExperimental setup for preliminary experiments.

The subject had control over the program, so when he was ready to cite the
material, he would press a button on the keyboard resting on his lap, and the
acquisition would begin for all three channels simultaneously. The recorded

data were stored in the computer as Matlab files ready for processing.
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6.2.5 Investigation of the Best Conduction Point

The spectra from four characteristic sustained phonemes recorded at the three

positions stated above can be seen in Figure 6.7.

dBre 1 VeHz
|

dBre. 1 VP/Hz
‘ \
dBre. 1 V/Hz
|

L
3

&
S

—60f -

~70F

0z : : 3 ;3 10° 10° 10t
Frequency [Hz] Frequency [Hz]

(c) (d)
Figure 6.7: Speech spectra recorded by the reference microphone and the accelerom-
eter located at 8 anatomical positions. (a) phoneme /a/, (b) phoneme /m/, (c)

phoneme /f/, (d) phoneme /s/.

We note that for vowels (only /a/ shown here) and nasals (similarly, only /m/)
the peaks for the reference microphone and larynx positions do not line up with
those for the mastoid and TMJ positions because they were not recorded simul-

taneously, so the actual speech signal was different. Also, spectral amplitude

decreases noticeably above 1 kHz for all accelerometer positions. Morevover,
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the accelerometer located on the mastoid delivers the lowest amplitude signal
in most cases, except for the /a/ where at low frequencies (up to 800 Hz),
it is a better transmission position than the TMJ. The accelerometer signal
from the larynx also delivers a strong signal, but is not as practical for the
user as the mastoid or the TMJ. This can be understood in the context of a
final design, in which the user would most likely prefer a small device that
could be positioned easily around the aural area, without any encumbrance
in other parts of his/her head. Hence, the temporo-mandibular joint (TMJ)
appears to be the best accelerometer position for this system. The recording
of the sentences, therefore, that were recorded in subsequent recording sessions
were done with all the transducers in the same place, except the accelerometer

which was placed only on the TMJ.

6.2.6 Preliminary Speech Enhancement and Subjective

Evaluation

The aim of this section is to compare the effects of high-pass, band-pass and
optimal filtering on speech vibration signals. This is done through the design
of the filters, the recording and processing of speech, and the conduction of a
listening test. Results are then used in the design of an improved experimental

setup and analysis methods described in the next section.

High-pass and Shaping Filters

In his study, Ono (1977) investigated the use of a high-pass filter with different
cut-off frequencies (200, 500, 1000 and 1500 Hz) for the enhancement of speech
picked up by an accelerometer. In his paper, he did not give any specific
details about the construction of the filter. We therefore built a 2nd order

Butterworth high-pass filter with Matlab, in which we incorporated one more
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cut-off frequency (800 Hz), based on the results of Giua (1998), who found
that the characteristic low-pass filter of body-conduction has an approximate
cut-off frequency at 800 Hz. The other filter we built was a shaping filter
(band-pass), based on the study of Viswanathan et al. (1985). This has a
sharp high-pass at about 800 Hz, a 5 dB/oct boost over the range 800-2800
Hz, a flat response over 2.8-4.7 kHz and a sharp low-pass at 4.7 kHz. The
reason we designed the above filters was to use a reference point from the
literature (see section 3.2.1), with which the optimal filter could be compared
as far as its enhancement properties is concerned. The two filter responses
appear in Figure 6.8. Figure 6.9 shows the block diagram for the high-pass

and band-pass filtering of the accelerometer signals.
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Figure 6.8: Frequency and phase responses of the high pass filter (left) and band-pass
filter (right).
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Figure 6.9: Block diagram showing the high-pass or band-pass filtering of the ac-
celerometer signal.

Optimal (Wiener) Filter

Based on the theory of section 5.2.1, a Matlab program was written which
used the reference B&K microphone as the desired signal, and the accelerom-

eter signal as the input. Six hundred taps were used and a different Wop,
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was derived for every phoneme and every sentence, in order to investigate its
enhancement characteristics for inputs with specific phonetic properties. The
filter design stage can be understood with the aid of Figure 6.10. Figure 6.11

shows the block diagram for the filtering of the accelerometer signals.

Wopt

Figure 6.10: The setup for the design of our optimal filter: subject with accelerometer
on his TMJ as the input signal, and reference microphone on the right as the desired

signal.

Accl/er. W | Filtered acc/er.
g opt signal

input
Figure 6.11: Block diagram showing the optimal filtering of the accelerometer signal.

A typical frequency response and output error spectrum of a W, filter derived

for the sentence “The sunlight strikes raindrops in the air” can be seen in

Figure 6.12.
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Figure 6.12: Magnitude |Wop:| and phase response (top left) and output error spec-
trum (top right) See of Wop: derived for the sentence “The sunlight strikes raindrops

in the air”.
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Here, the Wy, which is derived for every phoneme or sentence individually,
includes all of the impulse responses for all of the air- and body-conduction
pathways. The optimising process attempts to match the TMJ accelerome-
ter signal to the reference signal. Hence, as can be seen from its frequency
response in Figure 6.12, the optimal filter compensates for the attenuation of
the speech signal due to body-conduction losses (above about 1 kHz). This
can also be justified by the error response, which is the difference of the de-
sired signal d (reference microphone signal) and the output of the optimal
filter y. A negative error response (in dB) tells us that there is a good match
at the lower frequencies (up to approximately 1.5 kHz). At higher frequencies
however, (above 4 kHz), some fluctuations in the error response indicate that
the filter may need more data points, or that the coherence of the system is
degraded by noise. These fluctuations that appear in the frequency response
as well, could also be due to the fact that the filter tries to process two kinds
of different, uncorrelated noise: acoustic noise picked up from the reference
microphone, and mechanical noise due to the movement of the jaw, picked up

by the accelerometer.

Results from Speech Processing

The miniature microphone signals were not processed at all at this stage, as
our main interest was focused on the processing of the body-conducted speech.
Characteristic input-output spectra from the optimal filtering operation on
sustained phonemes can be seen in Figure 6.13. An example of all filtered
output spectra for the sentence “The sunlight strikes raindrops in the air” can

be seen in Figure 6.14.

Optimal filtering seems to have the best performance of all filters, judged by
the match between accelerometer input and reference spectra for most of the

frequency range. For nearly all speech test material (sustained phonemes and
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Figure 6.13: Desired, acc/er. input and optimal output spectra from four phonemes:
(a) phoneme /a/, (b) phoneme /m/, (c) phoneme /f/, (d) phoneme /s/.

phrases), the error signals (not presented here) indicated an enhancement for
frequencies up to 3 kHz or higher. More specifically, for vowels and nasals (see
Figure 6.13(a,b)), the match was good up to about 3.5 kHz. For the /f/ case
(see Figure 6.13(c)), the enhancement of the signal was better between 3.5
kHz-8 kHz, while for /s/ (see Figure 6.13(d)) the filter performed well above
about 3 kHz.

The above observations are encouraging as far as the performance of the op-

timal filter is concerned. Thus, the signal enhancement for vowels and nasals

83



dBre. 1V/Hz

—100H -+

R TR
4 / ‘| — 1 Reference : Ll & b 1k
3 : :| — 2 optimal output : AR A | 1

420 ML e {{ — 3 shaping filter output [ -+« - -5 oo PRRRRE SRRRERRRERN ||| T

| = 4 HP fc=1500Hz
| — 5 HP fc=1000Hz

40 e T b 6 HP fc=800Hz
: [ — 7 HP fc=500Hz
[ — 8 HP fc=200Hz
160 . : 5 8 £ &% ia 5 t : B IR i4
10 10 10

Frequency [Hz]
Figure 6.14: Reference microphone spectrum vs. output spectra from all filters for
the sentence “The sunlight strikes raindrops in the air”.

occured at lower frequencies (less than 3.5 kHz), where the input had most
of its energy. Equivalently, for fricative sounds, the filter performed better at
higher frequencies (above 3.5 kHz), where most of the fricative sound’s energy
is found. The high cut-off frequency (4.7 kHz) of the shaping filter makes it
inappropriate for processing of fricative speech sounds, as most of the useful
information is excluded (see Figure 6.14). The same applies for the high-pass

filter with high cut-off frequencies (1 and 1.5 kHz).

Listening Tests

The aim of this informal listening test was to investigate the subjective re-
sponses for the processed speech. For this reason, four subjects were used (2
female and 2 male). Only the sentences were tested as there was no point in
assessing single sustained phonemes. In the first test, the subjects were asked
to rate each processed sentence for naturalness and ease of understanding, each

on a scale from 1-5 (see Figure 6.15).
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The speech test material consisted of the reference microphone signal, the
original unfiltered accelerometer signal, and all the outputs from the various
filters discussed in section 6.2.6, thus giving us 9 different versions of each

sentence. The results can be seen in Figure 6.16 after averaging the results

across subjects.
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Figure 6.15: The response scale for ease of understanding (top) and naturalness
(bottom) of presented signals.
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Figure 6.16: The results from the first subjective test.

In the second test, four versions of each sentence were presented to the subjects

in order to test intelligibility. The versions were:

e Original unfiltered accelerometer signal.

e Optimal output.
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e Shaping (band-pass) filter output.

e High-pass filter (f,=800 Hz) output.

All four sentences were presented in a randomised order, and the subjects were
asked to write down what they thought they had heard. At that time, a simple
scoring was devised based on the number of syllables of every sentence. A score
of 0 was given if a syllable was missing or if the sentence for the specific version
was poorly reproduced. A score of 1 was given to an incorrect sentence which
did not deviate too much from the original. Finally, a score of 2 was given
to a fully reproduced sentence. The results, again, were found after averaging

across subjects, and can be seen in Figure 6.17.
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Figure 6.17: The results from the second subjective test.

Overall, as can be seen from Figure 6.16, the optimal filter outputs were judged
easiest to understand on average, in comparison to the shaping filter outputs
which were judged the hardest to understand. Naturalness did not have a big
variability since most of the results were grouped between marks 2 and 3, in
contrast to the ease of understanding which presents a higher variability. As

far as the results of the second test are concerned (see Figure 6.17), it can be
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seen that in the first sentence containing mostly vowels and glides ( “We were
away a year ago” ), the unfiltered accelerometer signal gives the same results as
the optimal filter, while the highest score is obtained with the high-pass filter.
For the second sentence containing mostly diphthongs ( “Should we chase those
young outlaw cowboys?”), the unfiltered signal gives the same results as the
high-pass filter, while the optimal and shaping filter give a slightly higher
score. The interesting case however, is the third sentence containing mostly
affricates, glides and diphthongs ( “High jets whiz past screaming”). Here, the
high-pass filter gives the highest score of all (about 78%), with the optimal
and shaping filters following at a lower level (about 62%), and finally with
the unfiltered accelerometer giving the lowest score (about 28%). For the
last sentence, containing a good proportion of all classes of speech sounds, all
filter outputs and the unfiltered accelerometer signal resulted in 100% correct
responses, due to the fact that this specific sentence was already familiar to
the subjects. These results indicate for the first time that different classes of

speech may need different filters.

6.3 Re-design of the Experimental Setup

The initial experiment served as preparation for a larger-scale experiment
which would test the effectiveness of optimal filtering compared only to high-
pass filtering, since we saw that band-pass filtering was not really appropriate
for speech vibration enhancement. The motivation for the re-design of the
setup was, initially, the acoustic noise in the laboratory where the speech
recordings took place. This pointed out the need for a quieter and more
comfortable space, where the equipment could be easily setup without the ob-
struction from other experimental rigs. The other detail that surfaced after
the completion of the first experimental period was the need to test a com-

mercial body-conduction microphone, and compare its signal quality to that
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of the miniature accelerometer. Another point that became important, was
the use of a speech corpus which could comply with a standardised procedure
for testing the intelligibility and quality of processed speech in communication
devices. The last motivation was the subjective comparison of high-pass to
optimal filtering both for quiet and noisy conditions, since, in the literature,
high-pass filtering had not been compared to any other type of filtering for

this application in either condition.

The second version of our experimental setup, therefore, approached the above
problems in an improved way. The aim of this section is to present the main
features of the new setup, i.e. the new place where speech recordings were to

be made, the new equipment, and the new rig.

6.3.1 Recording Location

All the recording experiments of the revised experiment were conducted in a
paediatric clinic of the Audiology department at the Institute of Sound and
Vibration Research, used for audiological testing of children. The clinic is
divided into a control room and a test room, which communicate via a door
and a triple-glazed window of dimensions 1.5mx1m. In order to comply with
International Standards (ISO 8253-1, aimed at standardizing audiometric test
methods), all the walls of the test room are twice the thickness (102mm) of a
normal wall, and covered with sound-absorbing material, approximating the
conditions to semi-anechoic. The test room’s reverberation time as given by
the building contractor does not exceed approximately 0.3s for the 1/3-octave
bands 31.5 Hz-8 kHz, and the average temperature with one person in the room
and all our equipment switched on, was measured with a digital thermometer

at around 20°C.

The control room communicates visually with the test room through the win-
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dow, and electrically via dedicated connector blocks on both sides of the sep-
arating wall. Hence, all equipment can be monitored from the control room,
while the subject participating in an experiment can stay unaccompanied in
the test room. An important piece of equipment that proved very advanta-
geous for our setup was a monitor in the test room, which could communicate
with the monitor of the PC in the control room via an embedded connection
on the wall. Therefore, a subject could actually see on the screen whatever
appeared in the experimenter’s screen, something that is quite useful if auto-

mated programs are used as in our case.

6.3.2 Changes in the Experimental Equipment

All the equipment used for this experiment was exactly the same as the equip-
ment presented in section 6.2.2, except the reference B&K microphone and an
additional in-ear transducer. As was seen in section 6.2.2, we used a condenser
1/2" B&K 4133 type microphone, which gave us a high level of electric noise
that appeared as a hissing sound in the preliminary recordings. Therefore, it
was decided to use the 1" B&K 4145 which has a 10 dB lower inherent noise-
floor than its predecessor. This is a microphone for general laboratory use and

can handle a broad dynamic range of sound levels.

Another transducer was kindly sent to us from Temco, a Japanese company
specialised in radio communication equipment. This “voiceducer” (model EP-
2) is a body-conduction microphone (see section 3.3.4). The device contains
both a subminiature electromagnetic receiver (loudspeaker) as well as a high
performance vibration pick-up microphone. Temco also sent us a custom-
made amplifier with an adjustable amplification knob for use with the in-ear

microphone.

During some preliminary recordings, it was found that by using some addi-
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tional amplification from the Kemo filter racks, we could achieve a satisfactory
suppression of the electronic noise level for the miniature accelerometer and
the Temco microphone, while the speech-to-electrical noise ratio improved to
the following values: 28 dB for the miniature accelerometer, and 44.5 dB for
the Temco voiceducer, measured with a recorded sentence from the DAM list
serving as the speech signal (see section 7.3), and electrical noise recorded as
described in section 6.2.3 as the noise signal. The SNR was calculated as a
ratio between the power of the speech over the power of the noise signal. No
extra amplification was used for the miniature microphone except its dedicated

ISVR-made amplifier.
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Figure 6.18: Average power spectrum of the sentence “The boat sailed off the edge”,
compared to spectra of electronic noise-floors from the acoustic (left) and vibration
transducers (Tight).

The noise-floor of the Temco in-ear microphone and of the other transducers
was measured in exactly the same way as described in section 6.2.3. The
total electronic noise-floor of all the transducers, along with the spectrum of
the sentence “The boat sailed off the edge” recorded from the male speaker,
appears in Figure 6.18. As seen, the spectral magnitude of the recorded signals
is generally higher than the noise level. For the miniature accelerometer case
however, the signal and noise converge at about 7 kHz which, as will be seen
in Chapter 8, is the main reason of the poor performance of the optimal filter

at higher frequencies.
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6.3.3 New Experimental Setup

Two native British-speaking subjects were chosen for the recording of the
speech samples so that any variations in expression due to different native
language would be eliminated. One was male (MJ, 24 years old) and the other
was female (EP, 29 years old). Both subjects were from the area of acoustic
research, so they had a certain level of experience in speech recording. More
specifically, the female subject came from the Audiology group of ISVR, hence

she was quite acquainted with the way she should cite the speech samples.
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..................................................................................
e e o e e o e e e o S S S S S e S S S e S e S e B S S e S S e B S S e S S S S S e S e e |

Control room Test roo
= U{ monitor 1
| monitor 2 seated subject
40cm 60cm i ads
>
‘\./" (
B&K 4145 3

DAQ interface reference mic.

FFT analyser &
signal generator

Reference mic. with
amplification

Anti-aliasing filter

connector block

Temco in-ear mic. with amplification l J

MVM ©

J Miniature acc/er. on TMJ with amplification I

Miniature mic. in ear-canal opening with amplification I

Figure 6.19: Ezperimental setup for the second experiment.

The subject sat in front of monitor 2 (see Figure 6.19) where she/he could
watch the words or the sentences and then repeat them. The monitor was
placed 1m from the subject’s mouth, 40cm behind the stand with the ref-
erence microphone. The reference microphone was located in front of the
subject’s mouth, with the diaphragm at 0° incidence to the subject’s mouth,
at a distance of 60cm as shown in Figure 6.19. The phonetic material that

was used consisted of the DRT and DAM tests, described in Chapter 4.
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6.4 Conclusions

This chapter contributed towards a better understanding of the design of our
experimental setup. The main conclusion from the initial experiment, is the
advantage of using optimal filtering for the enhancement of speech vibrations,
in comparison to high-pass filtering. Band-pass and high-pass filtering with
high cut-off frequencies were rejected as inappropriate enhancement strategies.
The other important conclusion is the use of the TMJ as a sufficiently good
speech vibration pick-up point. This stemmed from an optimisation of factors
such as distance from the ear, comfort of the speaker, and applicability of this
location to a commercial product. Another point is the experimental verifi-
cation of the theory from Chapter 3, as it was seen that spectrally “strong”
phonemes such as vowels, nasals and voiced fricatives presented better body-

conduction properties than their unvoiced counterparts.

Additionally, the setup used in the revised experiment proved to be improved
as far as electronic noise suppression and ergonomy are concerned, and formed
the basis of the main experiment discussed in the next chapter. This involved
the use of a new in-ear commercial microphone, and some modifications in the
rig of the initial experiment (recording location, new reference microphone,

new amplification settings).
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Chapter 7

Subjective Assessment of

Optimal Filtering Performance

7.1 Introduction

The aim of this chapter is to present the formal experiment that followed the
initial experiments of speech vibration recordings and their enhancement, pre-
sented in Chapter 6. The chapter starts with a description of the recording
session. The next section includes the signal processing stage, where the prin-
ciples behind the Matlab programs are explained. This leads to the final part,
where the subjective listening tests are described, accompanied by the statis-

tical analysis of the results and overall conclusions about the effectiveness of

the optimal and high-pass filters.

(Part of the work included in this chapter was presented as a conference paper

at the 1% meeting of the Hellenic Institute of Acoustics, Patras, Greece 2002).
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7.2 Experiment Aims

After showing in the preliminary experiment of Chapter 6 that optimal filter-
ing has the potential to improve the overall quality of speech vibration signals
in comparison to band-pass, and high cut-off frequency high-pass filtering, it
became necessary to verify this with a larger scale experiment. This would
include standardised procedures for speech intelligibility and quality assess-
ment, more than one speaker, and more listeners. Therefore, as will be seen in
this chapter, it was decided to compare the subjective responses of 20 listen-
ers regarding the intelligibility and quality of acoustic and vibration signals
acquired from 2 speakers, by using the standard DRT and DAM tests (see
Chapter 4).

The signals that were assessed included the reference microphone, the unfil-
tered accelerometer, the output from the optimal filter and the output from
one high-pass filter, in both quiet and noisy conditions. The general objective
of this experiment is the demonstration of the optimal filter’s advantage over
high-pass filtering in enhancing speech vibration signals for both conditions.
What we expect to find are significant statistical inferences concerning the im-
provement of the accelerometer signal’s intelligibility and quality after using
optimal filtering, compared to the use of high-pass filtering, for both quiet and

noisy cases.

7.3 Speech Recordings

The aim of this section is to depict the formal recordings of the DRT and DAM
corpuses, including descriptions of the computer programs that were used and
representations of the whole process, from the moment the speakers entered

the clinic to the end of the sessions.
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7.3.1 Acquisition and Randomisation Programs

The first step was to write some routines for the automated, simultaneous
data acquisition, using Matlab with its dedicated Data Acquisition Toolbox.
The data acquisition program employed four channels (see section 6.3.3), each
acquiring data at 24 kHz. For the DRT test, a duration of 3s was used for
each word, while for the DAM test, the duration was increased to 4s. Those
times were considered large enough to capture all the phonemic information

of words or phrases respectively.

The reader will remember that there are 16 pairs of rhyming words in each
category of the DRT words list. If this is transferred to a real recording
situation, we can imagine the speakers getting tired, but also biased, since they
would anticipate the style of the next word to be acquired. Consequently, at
the end of the recording, the expression of the recordings would sound fatigued,
something that is not desired, since all speech samples must be uttered in a
clear, “flowing” way. For this reason a randomisation routine was written,
which read all the words for every feature from a struct array. It randomised
them and then picked up one, subtracted it from the array, and displayed it
after the pressing of a key. Hence all words could be displayed once without the
same word appearing twice. The above acquisition routine was incorporated
in the randomisation program with an additional feature: that for every word
or sentence (since the same program was used for the DAM test as well), data
were saved in a folder with the same name as the word or the sentence. So, at
the end of the recording session, there were two root folders, one for the male
and one for the female speaker, each containing subfolders with the appropriate
names of the features (voicing, nasality, etc.) or the sentence groups (group
1, group 2, etc.), each one including smaller subfolders with the saved data,

named after the words or the sentences.
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The acquisition program was controlled by the experimenter from the PC in
the control room. Monitor 1, as appears in figure 6.19, communicated with
monitor 2 so the speech material could be seen on both monitors simultane-
ously. The session would start with a welcoming message on a blank screen,
followed by an instruction to the subject to repeat each word after she/he saw
it. The experimenter pressed a key on the keyboard of the PC, and the session
started. The word (or sentence) came into view on monitor 2, and the only
task the subject had to carry out was to read the word or phrase from the

screen, while data were being recorded from the transducers.

7.3.2 Recording Session

A typical recording session would start by advising the subject to speak clearly
and without any fluctuations. The subject would sign the safety and ethics
form and then enter the test room, sit on the chair and the miniature transduc-
ers would be attached to her/his face. The miniature microphone was attached
to the opening of the ear canal, such that it was not blocking it. The miniature
accelerometer was attached to the skin surface over the temporo-mandibular
joint (TMJ) (see Figure 6.10), and the in-ear Temco microphone was secured
in the speaker’s ear-canal. Medical tape was used for the positioning of the
miniature microphone and accelerometer. The Temco transducer was cleaned
with medical alcoholic swabs when a speaker had finished a session, so that it

could be used safely by the next speaker.

All equipment was already linked to the connector blocks on the wall leading to
the data-acquisition PC and the anti-aliasing filters in the control room. Pre-
liminary recordings of 5-10 words were performed so that the subject would
become accustomed to the setup. After that, the experimenter closed the
partitioning door, went to the control room and with a wave of a hand to the

subject, gave the signal to start the recording. The recording of both DRT and

96



the DAM tests was done twice in order to avoid any problems such as extrane-
ous coughs, clicks, laughs, etc. At the end, all the recordings were listened to
and the tokens without any problems were chosen. No major problems were
noted in the first session except some coughs and deep breaths. After the
recording of the DRT words, the subject had a rest for 2-3min and the DAM

sentence list was recorded.

Since we would test the effect of different filters on quiet and noisy speech, it
was necessary to record a short segment of noise that would be added with
Matlab to the speech signals recorded from each transducer. For this purpose,
the signal generator of the FFT analyser was used, connected to a loudspeaker
resting on the table behind monitor 2, as seen in the schematic diagram in
Figure 6.19. The subject’s exposure to this noise complied with the Safety
and Ethics committee regulations. The generated noise was broad-band, with
a bandwidth 20 Hz-20 kHz, and amplitude 7V. Five seconds were recorded,
with all the transducers attached on each subject. The sound pressure level
as recorded by a sound level meter placed becm from the subject’s ear was
approximately 80 dBA. The recording of noise for each subject marked the

end of the first part of this experiment.

Figure 7.1 shows experimentally the principle of immunity of accelerometric
speech to acoustic noise up to about 1.5 kHz. While the air-conducted sig-
nals have an overall low signal-to-acoustic noise ratio (-9 dB for the reference
microphone), the body-conducted signals present a higher S/N ratio (21 dB),
since the speech vibrations are not significantly degraded by the presence of
noise. The above values were calculated as a ratio between the power of the
speech over the power of the acoustic noise signal. The peak at 4 kHz in
Figure 7.1(b) could be partly explained as an interaction between the rising
frequency response of the transducer and the falling spectrum of the noise sig-
nal, to which the accelerometer is responding in some way. The outer ear-canal

resonance (see section 2.4.1) could also play a role, as it could be picked-up
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by the accelerometer placed close to the subject’s ear-canal.
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Figure 7.1: Spectra of the sentence “The boat sailed off the edge” (1), and noise (2),
as recorded from the reference microphone (left) and the accelerometer (right).

7.4 Processing of the Signals

All the recorded signals were initially saved as Matlab data files, so from this
moment onwards it was a matter of processing them and generating the sound
files for the listening tests. The program initially added the recorded noise to
the reference, the miniature accelerometer, and the Temco voiceducer signals
(see Figure 7.2). There are two weaknesses of this additive technique used
to simulate a noisy environment. These are: (1) that the subject would not
actually talk in the same way in a noisy environment, and (2) that in spec-
tral regions where the signal recorded from the subject is comparable to the
electronic noise floor, adding the signals would result in raising the effective
noise floor, and this could result in a slight underestimate of the utility of
the enhancement filters. The program then calculated the coeflicients of the
Wiener filter, which was applied to the signals from the miniature transducers.
The program calculated the auto- and cross-correlation matrices between the

inputs from the miniature transducers and the clean reference signal and re-
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trieved the Toeplitz (Hessian) matrix, with the help of which an optimal filter
was calculated. Six hundred coefficients were used, and for each input (word

or phrase) a different optimal filter was generated.
ref. microphone

-+

clean acc. input —» Wont L e

noise copy

V4

acc. input —>?)— W, - » out

Figure 7.2: Schematic diagram of the Matlab program for optimal filtering. (Top
part) Optimal filter calculation.  (Bottom part) Generation of filtered output

with/without noise

In addition to the optimal filter, a simple second-order high-pass filter (Butter-
worth response) with a cut-off frequency of 800 Hz was created and employed
in the same program (see Figure 7.3). The choice of this filter with this spe-
cific cut-off frequency was based on the results of the preliminary experiments,
where it was shown that the low-pass cut-off point of the accelerometric speech

for most of the cases was around 800 Hz.

noise

acc. input —PED— HPF — out

Figure 7.8: Schematic diagram of the Matlab program for high-pass filtering
with/without noise.

In order to save time, the program employed a loop function so that during
each run it would create all the filter outputs at once, by retrieving the data
from the folders created during the acquisitions. Simultaneously, sound files
(.wav format) of all the original and processed signals were created. All sound

files of the filter outputs were normalised to the power of the reference signal
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so that they could be played at the same level.

7.5 Subjective Listening Tests

After the signal processing, it was time to perform the subjective listening
tests as described in Chapter 4. At this time, for each word or sentence,
there were sixteen different versions: clean and noisy reference signal, clean
and noisy accelerometer signal, clean and noisy Temco signal, optimal filter
outputs for clean and noisy accelerometer and Temco signals, and finally high-
pass filter outputs for clean and noisy accelerometer and Temco signals. For
the subjective tests, it was decided to use the following eight signals, since they
would provide a good representation of the signal processing outputs. After
the description of each signal-pair, the abbreviations by which we will refer to

them are given in parentheses.

1. Clean and noisy reference microphone signal (Ref. mic./Noisy Ref.).
2. Clean and noisy miniature accelerometer signal (Acc./Noisy acc.).

3. Optimal output for clean and noisy accelerometer signal (Opt./Noisy

Opt.).

4. High-pass filter output for clean and noisy accelerometer signal (HP /Noisy
HP).

The reason Temco signals were not used was that in some preliminary listening
of the signals, they were found to have a higher noise level caused by clicks
of the moving jaw, something that was not present in the accelerometer data.
Also, we were restricted to the number of overall options, as we wanted a

listening test with a reasonable length. The main difficulty was to organise
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and present the signals for the listening test. For this reason some routines

were written in Matlab in order to facilitate the tests.

We have to remember that in the DRT test, there are two rhyming words that
appear visually to the subject while only one is heard, and the subject must
decide which one it is. Hence, the aim was to present mixed male or female
signals, randomised in such a way so that for each word pair, four versions of
the first and four versions of the second word would be presented in a random
manner. The restrictions imposed by the experimenter were that for a single
listener, the same version of the same word should not be heard twice; the
same word should not be heard twice in a row; half of the presentations of
words would be male and half female; and finally, those presentations would
be randomised with regard to which word in the pair and which feature were

presented to a given subject.

For purposes of illustration, let us choose the first word pair of voicing (see
Table 4.1) as an example and call it 1. Then, assign the letters a-h for the eight
output versions stated above. Also, name the first word (veal) as w1, and the
second (feel) as w2. So, what the program does is to present the subject with
lwla...1,w2f ... 1,w2,h ... I,wl,b ... etc. The dots represent versions of
other word pairs that may have been presented in between. Twenty subjects
(10 males, 10 females) were used, all of British origin. In total, every subject
listened to 32 words in each category x 6 categories x 4 versions for each word
= 768 words. The overall DRT test lasted about 45 minutes, during which
subjects were allowed to take a break if they felt tired.

In the training phase, prior to the main listening test, subjects heard a set of
reference speech signals that exemplified the high, low, and middle judgment
categories. This process is known as “anchoring” and is meant to give all lis-
teners the same subjective range and origin in their quality ratings. Hence,

certain samples of the clean reference, the noisy reference, the clean accelerom-
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eter signal and clean optimal output were presented.

The subject watched the word pair on the screen of the PC, while one word
was heard. When the presentation finished she/he pressed the keys 1 or 9,
which represented the first (left) word and the second (right) word respectively,
according to which one she/he thought has been played back through the
headphones connected to the sound-card of the PC. At the end of the test,
all results were gathered and a small database was created with the history of
presentations, including the true word that had been presented, the subject’s
answer, the version of the output, the speaker (male or female), and the feature
category. Then the program calculated an intelligibility score for each feature

based on equation 4.1.

For the DAM test, the constraints were not so strict, as for each version of filter
output a whole group had to be presented to the subject. The only randomi-
sation was between the sentences of each group. After each group presentation
had finished, the subject was given the quality evaluation form to fill in, as
shown in Figure 4.1. For each of the quality scales (signal, background, total
effect), a sub-score was calculated by simple averaging. The DAM test lasted
about 20 minutes, as each sentence group lasted approximately 1 minute and
the subject had to listen to 8 groups (one for every signal version) and assess
each one by completing the DAM response scale form. The overall listening
test did not take more than 1.5h, including some pauses when the subjects

took a break.

7.6 Results from Listening Tests

All the results from the listening tests were gathered in a database in the

statistical software SPSS. The statistical test that was used for all subsequent
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analysis was the repeated-measures ANOVA with the “differences” type of
contrast. By a combination of ANOVA’s and t-tests, we were able to derive
some conclusions about the effect that some factors (type of filter, condition,

transducer, speaker) had on the intelligibility and quality results.

7.6.1 Results from DRT Test

The results of the DRT test, averaged across listeners, are plotted in Figure 7.4
and also appear in the following Table 7.1. The legend of the graph describes
sensor, quiet/noise condition, and filter combinations. Each point represents
an average of 20 listeners’ responses to 16 DRT word pairs, giving a total of

320 values.
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Figure 7.4: Results from the DRT intelligibility test. Scores have been corrected for
chance performance.

As can be seen, the quiet reference microphone signals provide the highest
intelligibility scores, on average, for all features except for sustention, where

the optimal filter results are slightly higher. The results from the optimal
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Ref. mic. | Noisy Ref. | Acc. | Noisy acc. | Opt. | Noisy opt. | HP | Noisy HP
Voicing 99.4 45.6 73.1 70.0 86.9 94.4 81.3 79.4
Nasality 100.0 76.9 89.4 82.5 95.6 97.5 90.0 81.3
Sustention 95.0 58.8 82.5 69.4 97.5 85.0 75.0 76.3
Sibilation 98.1 45.0 75.0 61.3 80.6 74.4 62.5 65.0
Graveness 89.4 22.5 49.4 52.5 81.9 76.9 63.8 56.9
Compactness 95.0 29.4 59.4 57.5 81.3 70.6 67.5 61.9
Avg. per system 96.1 46.4 71.5 65.5 87.3 83.1 73.3 70.1
Avg. across cond. 71.2 68.5 85.2 7.7

Table 7.1: Intelligibility scores for each feature and every transducer configuration.

filter for both quiet and noisy input signals follow the trend of the reference
microphone results, suggesting that the optimal filter improves intelligibility
both in quiet and noise compared to unfiltered signals. An interesting point
is that the results from the unfiltered accelerometer are in a similar range to

the results of Giua (1998) (see section 3.2).

It is also interesting to note that for voicing and nasality the noisy optimal
signals have a higher intelligibility score than the quiet ones. This could be
due to the fact that the presence of noise may add some ‘liveliness’ to the
signals, which results in improved intelligibility. The results from the quiet
and noisy accelerometer signal as well as from the quiet and noisy high-pass
outputs all follow the same pattern with the highest scores for nasality and
voicing. This is due to the fact that the other features are mostly based on
consonants, which are more prone to noise or filtering changes than voiced or
nasal sounds. The noisy reference microphone signal is, on average, the least
intelligible. Nevertheless, there is a need for statistical tests in order to see

which of these means is significantly different.

7.6.2 The Variables in the Statistical Analysis

The purpose of the following statistical analysis is to draw some general conclu-

sions about the effect of noise, transducer and filter type on the intelligibility
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results. This could potentially show some significance among the DRT results,
which is not clearly seen from a first glance of their graphical representation

and the mean values.

The independent variables under investigation are the speech features (6-level
factor), the transducers (reference microphone/ accelerometer: 2-level factor),
the filters (optimal/ high-pass: 2-level factor), and the condition (quiet/ noise:
2-level factor). Our dependent variable is the intelligibility which is tested for

different combinations of the independent variables.

Initially we grouped the results and investigated the effect of condition vs.

transducer, and the effect of filter on the accelerometer signal vs. the condition.

7.6.3 Effect of Transducer and Condition on Specific

Features

This test was conducted in order to look on the interaction of transducer and
condition on specific features. It was therefore a 6x2x2 level ANOVA and
the factors were the features (6-level factor), the condition (2-level factor) and
the transducers (2-level factor). Data were averaged across subjects. Averages

across condition and transducer, for every feature can be seen in Table 7.2.

The null hypothesis Hy therefore, is that the intelligibility scores for all features
and all transducers were the same for all conditions. The alternate hypothesis
H; is that the scores among the three dimensions are different. The results
from the SPSS analysis showed that the main effects of all three factors are
significant: Feature (F' = 46.3, p < 0.01), Transducer (F' = 6.67, p = 0.018)
and Condition (F' = 546.3, p < 0.01). Interactions vary: FeaturexTransducer
is not significant (F' = 0.38, p = 0.8), but FeaturexCondition is significant
(F' = 5.84, p = 0.002) as is Transducerx Condition (F' = 263.5, p < 0.01).
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Features Reference mic. | Min. acc/er | Avg. by condition

Voicing Quiet 99.4 73.1 86.25
Noise 45.6 70 57.8

Avg. by transducer 72.5 71.55
Nasality Quiet 100 89.4 94.7
Noise 76.9 82.5 79.7

Avg. by transducer 88.45 85.95
Sustention Quiet 95 82.5 88.75
Noise 58.8 69.4 64.1

Avg. by transducer 76.9 75.95
Sibilation Quiet 98.1 75 86.55
Noise 45 61.3 53.15

Avg. by transducer 71.55 68.15
Graveness Quiet 89.4 49.4 69.4
Noise 22.5 52.5 37.5

Avg. by transducer 55.95 50.95
[ Compactness Quiet 95 59.4 77.2
Noise 29.4 57.5 43.45

Avg. by transducer 62.2 58.45

Table 7.2: 6x2x2 level ANOVA matriz for effect of transducer vs. condition for
every feature.

Three-way interaction of FeaturexTransducerx Condition is significant (F' =

28, p < 0.01).

We thus conclude that the intelligibility of the reference microphone and unfil-
tered accelerometer signals varies significantly with each of the three factors.
Considering the factor transducer, the results averaged across quiet and noise
seem to indicate that the intelligibility for the overall reference microphone is
significantly better than that of the overall accelerometer; however, we must
consider the fact that the Transducerx Condition interaction was also signif-
icant. We also cannot necessarily conclude that the quiet reference micro-
phone is significantly better than the quiet accelerometer, and that the noisy

accelerometer is better than the noisy reference even if the means of Table
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7.1 seem to imply this. In order to support this, a t-test with Bonferroni
correction was performed comparing noisy microphone to noisy accelerome-
ter results. The result was significant (p < 0.01), suggesting that the noisy

accelerometer performs better than the noisy reference microphone.

The significance of the interaction of feature and condition can be understood
to mean that the main effect of noise varies significantly according to the fea-
ture being tested. The significance of the interaction of transducer and condi-
tion appears mainly to be due to the fact that noise affects the intelligibility

of the reference microphone far more than that of the accelerometer.

A 2x2 ANOVA was also performed for every feature in order to test the
main effect of transducer (reference microphone/accelerometer) and condition
(quiet/noise) specifically for every feature. The data were averaged across

subjects. Results appear in Table 7.3.

Feature Transducer | Condition | TransducerxCondition
Voicing p=0."74 S S
Nasality p=0.25 S S
Sustention p=0.26 S S
Sibilation p=0.77 S S
Graveness p=0.076 S S
Compactness p=0.069 S S

Table 7.3: Effect of transducer (reference/accelerometer), condition (quiet/noise)
and interaction between them for specific features. The letter S indicates significance
at p < 0.01 level; the entry in bold indicates significance at p < 0.1 level.

Interpretation of the Results for the Effect of Transducer

The reasoning behind the above results is dependent on the physical proper-
ties of every feature and on the extent that these are influenced by a change
of either transducer or condition. The following points, therefore, form an

attempt to understand the trends that were revealed with the ANOVA test.
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For Voicing, the subject is asked to judge between a word which starts with a
voiced phoneme and one which starts with its unvoiced counterpart, while the
last part of each word stays the same. The low-pass filtering characteristic of
the accelerometer would be expected to leave most of the words which started
with a voiced phoneme unaffected, as most of the energy of voiced sounds is
primarily concentrated below 1 kHz, where there is little attenuation due to
body-conduction. In addition, noise would be expected not to interfere signif-

icantly with the accelerometer because of its noise-immunity characteristics.

For Nasality the subject is asked to discriminate a word which starts with
a nasal phoneme. In this case, the pairs compare words which start with
phonemes with the same place categorisation, while they differ in manner
(nasal vs. voiced stop) and are presented in an alternating pattern; /m/ vs.
/b/ and /n/ vs. /d/. For the same reasons presented in the Voicing category
above, we would not expect the accelerometric effect and noise to interfere in

this case.

For Sustention, one can notice in the DRT list (see section 4.2) that the initial
phonemes of the words in the left column are all fricatives. They are contrasted
with stops and affricates. In each pair the voicing is kept the same, and place
is approximately the same. In a low-pass filtered condition like accelerometric
speech, fricatives and stops get confused because the noises whether continuous
or transient, are all relatively high frequency. We should therefore expect this
feature to be affected by the difference in transducer as well as the difference

in condition (broa dBand noise will obscure the noise differences).

For Sibilation, the initial phonemes in the left column are sibilant fricatives
and affricates while in the right column they have the same voicing and place
but are either non-sibilant fricatives or stops. The sibilant fricatives are much
louder than their counterparts; the affricates on the other hand, have a tran-

sient aspect and sibilance in the following noise, whereas the stops have only
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the transience. Again we would expect both the low-pass filtering of the ac-

celerometric speech and the noisy condition to interfere with this feature sub-

stantially.

Graveness contrasts labial sounds (left column) with dentals. Labials will
generally have a concentration of energy around 1 kHz; dentals are diffuse
(first formant is low, F2 and F3 are high and burst frequencies are spread
across the spectrum). Some of these pairs (/f-0/) are confusable in normal

speech with good conditions, which should mix up the intelligibility scores.

Compactness contrasts palatal-velar sounds (left column) with labials and den-
tals. The palatal and velar sounds should have a concentration of energy
around 2 kHz, which we expect would be somewhat affected by the low-pass
effect of the accelerometer. Graveness and compactness have to do with spec-
tral shape and therefore place identification, and thus might be more sensitive

to the effect of transducer (accelerometer vs. microphone).

So overall the predictions for the effect of the the low-pass filtering character-

istic due to the accelerometer, are that it:

e does not interfere significantly with voicing or nasality; this was demon-

strated, as seen in Table 7.3.

e interferes moderately with graveness and compactness, which was again

partly shown by the insignificance as seen in Table 7.3.

e interferes significantly with sustention and sibilation. This point is diffi-
cult to relate to the result of Table 7.3, because the accelerometer effect
will favour the microphone signal, while the noise effect will favour the

accelerometer signal.

The effect of noise as opposed to quiet condition was expected to,
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e interfere insignificantly with voicing and nasality,
e interfere moderately with graveness and compactness,

e interfere significantly with sustention and sibilation.

As it appears here, the main effect of noise was significant for all features,
which seem to contradict the above predictions. However, the significance of
all interaction terms indicates that we should look further. From the means
in Table 7.1, it is clear that the intelligibility of the reference signal is strongly
reduced in noise (most in Graveness and Compactness). The accelerometer
signal intelligibility also decreases in noise, and appears to do so least for

Voicing and Nasality and most for Sibilation and Sustention, as predicted.

7.6.4 Effect of Filter and Condition on Specific Features

This test was conducted in order to look on the main effect of filter and
condition on specific features. It was therefore a 6x2x2 level ANOVA and
the factors were the features (6-level factor), the condition (2-level factor) and
the filters (2-level factor). Data were averaged across subjects. Averages per

filter and condition for every feature can be seen in Table 7.4.

The null hypothesis Hy is that the intelligibility scores for all features and all
filters were the same for all conditions. The alternate hypothesis H; is that
the scores among the three dimensions are different. The results showed that
the main effect of Feature is significant (F' = 42.4, p < 0.01), as are those
of Filter (F' = 69.7, p < 0.01) and Condition (F' = 16, p < 0.01). This was
also verified with two separate t-tests, comparing the two filters in quiet and
in noise for data averaged across features and subjects. The analysis showed
that optimal filtering is significantly better than high-pass filtering for both
conditions (p < 0.01).
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Features Optimal filter | High-Pass filter | Avg. by condition
Voicing Quiet 86.9 81.3 84.1
Noise 94.4 79.4 87.15
Avg. by filter 90.65 80.35
] Nasality Quiet 95.6 90 98.2
Noise 97.5 81.3 89.4
Avg. by filter 96.55 85.65
| Sustention Quiet 97.5 75 86.25
Noise 85 76.3 80.65
Avg. by filter 91.25 75.65
| Sibilation Quiet 80.6 62.5 71.55
Noise 74.4 65 69.7
Avg. by filter 77.5 63.75
’ Graveness Quiet 81.9 63.8 72.85
Noise 76.9 56.9 66.9
Avg. by filter 79.4 60.35
] Compactness Quiet 87.3 73.3 80.3
Noise 83.1 70.1 76.6
Avg. by filter 85.2 71.7
Table 7.4: 6x2x2 level ANOVA matriz with average intelligibility scores for effect

of filter vs. condition.

None of the two-way interactions were significant (p > 0.05), but the three-
way interaction was (' = 5.9, p < 0.01). Post-hoc t-tests were conducted
to check on the main effect of filter in each quiet/noise condition separately.
The quiet optimal and quiet high-pass intelligibility scores differed significantly
(p < 0.01), and noisy optimal and noisy high-pass also differed significantly
(p < 0.01), which is consistent with the lack of filter-condition interaction.
More important, this means that the optimal filter outperforms the high-pass

filter in both quiet and noisy conditions.

The above results show that the main effects of transducer, filter or condition
as individual factors, were strong enough to create significant differences in

intelligibility scores. However, the insignificant interaction between filter and
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condition, suggests that the effect of noise on both the optimal and the high-

pass filter was similar.

A 2x2 ANOVA was therefore performed for every feature in order to test the
interaction between filter (optimal/high-pass) and condition (quiet/noise) at

a more detailed level. The data were averaged across subjects. Results appear

in Table 7.5.
Feature Filter | Condition | Filterx Condition
Voicing S p=0.12 (%) S
Nasality S S (%) S
Sustention S p=0.16 S
Sibilation S S S
Graveness S p=0.15 p = 0.65
Compactness S S p=0.34

Table 7.5: Effect of filter (optimal/high-pass), condition (quiet/noise) and interac-
tion between them for specific features. (x) shows that noisy condition is better than
quiet. The letter S indicates significance at p < 0.01 level.

7.6.5 Effect of Speaker

In order to test whether the particular speaker had an effect on intelligibility,

four ANOVA tests were performed.

A 2x2 level ANOVA was performed testing the effects of speaker (female,
male) vs. transducer (reference microphone, and accelerometer) for quiet sig-

nals. Data were averaged across features and can be seen in Table 7.6.

Male speaker | Female speaker | Avg. by transducer
Reference microphone 96 96.3 96.15
Accelerometer 71 71.9 71.45
Avg. by speaker 83.5 84.1

Table 7.6: 2x 2 level ANOVA matriz for speaker vs. transducer for quiet condition.

The main effect of speaker was not significant (F = 0.014, p = 0.9); the main
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effect of transducer was (F = 105.8, p < 0.01), and the interaction was not

significant (F' = 0.7, p = 0.41).

A similar analysis was made for the signals in noise. The data are shown in

Table 7.7.

Male speaker | Female speaker | Avg. by transducer
Reference microphone 46.3 46.5 46.4
Accelerometer 65.4 65.6 65.5
Avg. by speaker 55.85 56.05

Table 7.7: 2x 2 level ANOVA matriz for speaker vs. transducer for noisy condition.

In this case, all main effects were significant: that of speaker F' = 6.1, p =
0.023), transducer (F' = 41.4, p < 0.01), and their interaction (F' =8, p =
0.011). The intelligibility of the female speaker in noise is on average only

slightly higher than that of the male speaker, but that difference is significant.

Similar analyses were also made investigating the effect of speaker vs. filter
(optimal, high-pass). For both quiet and noisy signals, main effect of speaker
was not significant (quiet: F = 2.57, p = 0.125; noise: F' = 0.91, p = 0.35),
main effect of filter was significant (quiet: F' = 65.2, p < 0.01; noise: F' = 18.3,
p < 0.01), and the interaction was not significant (quiet: F' = 3.86, p = 0.064;
noise: F' = 0.9, p = 0.35).

We thus conclude that overall both speakers are equally intelligible in nearly
all of the test conditions, with just the small but significant difference for the
unfiltered signals in noise. We do not then need to break down results by

feature in terms of speaker.
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7.6.6 Results from DAM Test

The results from the DAM test can be seen in Figure 7.5. The legend de-
scribes sensor, quiet/noise condition, and filter combinations. They are av-
eraged across listeners and sub-categories (9 for Signal qualities, 7 for Back-
ground qualities and 3 for Total Effect). Each bar represents an average of 20

listeners’ responses to 8 DAM sentence groups, giving a total of 160 values.
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Figure 7.5: Results from the DAM quality test.

This plot is quite revealing since it shows directly the preferences of the listen-
ers during the listening tests. It should be noted that for the first two categories
(signal and background qualities), a small score shows a good quality signal

(i.e. an absence of a “negative” quality).

Therefore, the reference microphone signal is rated as having the best Signal
Quality, followed immediately by the optimal filter output for both quiet and
noisy cases. High-pass filter output comes next in preference judgements, and

last come the signals from quiet and noisy accelerometer and noisy reference

microphone cases.
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For the Background Qualities, again the quiet reference microphone is as-
sessed as the best concerning background conditions, while quiet miniature
accelerometer and quiet optimal filter signals come next. Those are followed
by the noisy optimal and the quiet and noisy high-pass filtered signals, while

the worst in the subjects’ preferences comes the noisy reference microphone.

For the third category concerning the total effect, the reference microphone is
considered to be the best regarding intelligibility, pleasantness and acceptabil-
ity. The optimal filter for both quiet and noisy conditions comes next in overall
judgement, followed by the quiet and noisy high-pass filtered signals. Then we
have the miniature accelerometer signals and finally the noisy reference signal

which is judged as the signal with the worst total quality.

The following statistical analysis will uncover the different trends in more
detail, as we examine the different sub-categories of the three main quality

teams.

7.6.7 Signal Qualities

The results of all the sub-categories in the Signal Qualities main category can
be seen in Figure 7.6 and also appear in Table 7.8. Each point represents an
average of 20 listeners’ responses to 8 DAM sentence groups, giving a total of

160 values.

The aim is to investigate the importance of those sub-categories, and their
effect in relation to transducer, condition and filter. Therefore, the analysis
that will be presented here will be the same as in the DRT test, i.e. we will
examine the main effect of transducer vs. condition first, and then the main
effect of filter vs. condition. One interesting point in Figure 7.6 is the high

score of ‘muffling’ assigned to the accelerometer signals, both for quiet and
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Figure 7.6: Results from the DAM test for Signal Qualities. DAM score is extent to
which test sentences exhibit the particular signal quality.

Ref. mic. | Noisy Ref. | Acc. | Noisy acc. | Opt. | Noisy opt. | HP | Noisy HP
Fluttering 5.3 15.5 22 21.5 16.5 12 31.8 20.5
Muffled 19.8 27 53.5 51 34 34 31.8 28.3
Distant 11.5 27.8 34 24.3 23.5 20.3 15 20.5
Rasping 10.5 20.8 19 41.5 13.3 Z21.8 18.8 23.5
Thin 14.3 17.8 21.3 33.8 21.3 16.3 14.3 28
Unnatural 19.8 30.8 40.3 27 25 24 19.3 33.5
Babbling 1.5 29.3 22.3 22.3 17.8 11.8 12 21.3
Irregular 3.3 24.5 16.3 16.5 19.5 11.3 26 14.5
Interrupted 3.5 11.3 6 9 10.3 6.3 23.8 4.5
Individual means 9.92 30.72 26.06 27.42 15.11 17.5 21.39 21.61
Avg. per system 20.32 26.74 16.3 21.5

Table 7.8: DAM scores for each Signal sub-category and every system configuration
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noise, as it reveals the accelerometric signal’s low-pass filtered nature.

Signal Qualities: Effect of transducer and condition

A 9 x 2 x 2 ANOVA test was performed, investigating the effect of sub-
categories (9-level factor), transducers (2-level factor) and condition (2-level
factor). Data were averaged across subjects. The main effect of sub-category
was significant (F = 21.5, p < 0.01), as were those of transducer (F = 18.9,
p < 0.01) and condition (F = 13.9, p < 0.01). The interactions between Sub-
category X Transducer and Sub-category x Condition were significant (p < 0.01)
unlike the interaction between Transducer x Condition which was not signifi-

cant (F' = 6.47, p = 0.02). The three-way interaction was found significant
(=5.37, p < 0.01).

Significance by condition suggests that the quiet case produces significantly
better quality results that the noisy case (results are averaged for both trans-
ducers and all sub-categories) . The only obvious conclusion therefore, is
that the quiet signals overall are preferred to the noisy ones. Significance by
transducer (where results are averaged for both conditions) indicates that the
perceived signal quality for the overall reference microphone is significanlty
better than that of the overall accelerometer. We can also conclude that the
quiet reference microphone is significantly better than the quiet accelerometer.
However, we cannot conclude that the noisy accelerometer is significantly bet-
ter than the noisy microphone even if this can be seen from the total result of
Figure 7.6. In order to investigate this point, a t-test was performed compar-
ing Noisy Reference to Noisy accelerometer results. Data were averaged across
sub-categories and subjects. The result was not significant (p = 0.13), sug-
gesting that the quality of the noisy accelerometer is not significantly different
to that of the noisy reference microphone. Insignificant interaction between

transducer and condition suggests that the effect of noise on the reference
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microphone is similar as on the accelerometer for all sub-categories.

Signal Qualities: Effect of filter and condition

A 9 x 2x2ANOVA test was also performed, investigating the effect of sub-
categories (9-level factor), filters (2-level factor) and condition (2-level factor).
Data were averaged across subjects. The main effect of sub-category was
found significant (F' = 8.66, p < 0.01). However, the effects of filter (F' = 1.2,
p = 0.28), and condition (F = 1.13, p = 0.3) were found not significant.

Significance by sub-category suggests that the signal quality results averaged
across all filters and conditions varied significantly across the sub-categories.
Insignificance by filter (results are averaged for both conditions) indicates that
the signal quality rating for the overall optimal filter is rated close to that of
the overall high-pass filter, a point that is challenged with the Total Quality
rating, below. Insignificance by condition (results are averaged for both filters)

suggests that the subjects did judge signal and not background qualities.

The interaction between Sub-categoryxFilter was significant (F' = 2.7, p <
0.05), suggesting that for all conditions, the main effect of filter, was signifi-
cant for all sub-categories. The interaction between Sub-category x Condition
was found significant (F' = 8.17, p < 0.01), suggesting that for the two filters,
the main effect of noise created significant differences when rating different
sub-categories. The interaction between Filter x Condition was not signifi-
cant (F' = 1.38, p = 0.25), indicating that for all sub-categories, the main
effect of noise was similar for both filters. The three-way interaction Sub-

category x Filter x Condition was also significant (F = 6.9, p < 0.01).
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7.6.8 Background Qualities

The results of all the sub-categories in the Background Qualities main category
can be seen in Figure 7.7 and also in Table 7.9. Each point represents an
average of 20 listeners’ responses to 8 DAM sentence groups, giving a total of
160 values. An interesting point for the same figure, is the exceptionally high
score for ‘hissing‘, ‘roaring’ and ‘rumbling’ assigned to the noisy microphone
signal. The quiet reference signal also has a relatively higher score of ‘roaring’
compared to the quiet and noisy high-pass filter outputs. Those points can

only be attributed to the dependence of the test on subjective responses.
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Figure 7.7: Results from the DAM test for Background Qualities. DAM score is
extent to which test sentences exhibit the particular background quality.

The aim in this case is to investigate the importance of the sub-categories, and
their effect in relation to transducer, condition and filter. The analysis is the

same as the one that was performed for the Signal Qualities.
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Ref. mic. | Noisy Ref. | Acc. | Noisy acc. | Opt. | Noisy opt. | HP | Noisy HP
Hissing 28 78.8 30.3 43.3 42.3 43 37 44.8
Chirping 6 16.5 17.5 12.3 12.5 26 28 31.5
Roaring 11.3 75.3 12.8 13 14.8 12.3 6.8 9
Crackling 6.5 30.5 30.5 17 14.3 15.8 38.3 32.8
Buzzing 11.3 28.3 12.5 10.8 13.5 12.5 11 13.3
Rumbling 11 62 36 19.3 20.5 41 12 10.3
Bubbling 5.8 13 17.8 10.3 24.8 10 11.3 15
Individual means 11.21 41.87 18.91 23.15 21.33 24.25 25.7 27.26
Avg. per system 26.54 21.03 22.79 26.48

Table 7.9: DAM scores for each Background sub-category and every system config-
uration

A 7 x 2 x 2 ANOVA test was performed, investigating the effect of sub-
categories (7-level factor), transducers (2-level factor) and condition (2-level
factor). Data were averaged across subjects. All three individual effects were
found significant: sub-category (F = 35.8, p < 0.01); transducer (F = 18.5,
p < 0.01), and condition (F = 40, p < 0.01).

Significance by transducer (results are averaged across conditions) indicates
that the perceived background quality for the overall reference accelerometer
is significantly better than that of the overall microphone. The above results
were verified with two separate t-tests between microphone and accelerometer
for quiet and noisy cases, where the results were found significant (p < 0.01).
Here, significance of the main effect of condition suggests that the quiet case
produces significantly better results that the noisy case. This indicates that the
background quality of the quiet microphone is significantly better than that
of the quiet accelerometer, and that the noisy accelerometer is significantly
better than the noisy microphone as it can be seen from the total result of

Figure 7.7.

All two-way interactions were significant (p < 0.01) as was the three-way inter-
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action (p < 0.01). It appears that noise affected the background quality of the
reference microphone more strongly than it affected that of the accelerometer,
but the amount of this effect varies greatly by sub-category, which is consistent

with the significant interactions.

Background Qualities: Effect of filter and condition

A 7 x 2 x 2 ANOVA was also performed, in order to check the effect of sub-
categories (7-level factor), filters (2-level factor) and condition (2-level factor).
Data were averaged across subjects. The main effect of sub-category was
significant (F' = 30.3, p < 0.01). However, the main effects of filter (F' =
0.006,p = 0.93) and condition (= 1.34,p = 0.26) were not significant. From
the insignificance of the filter factor, we can therefore conclude that the quality
rating for the overall optimal filter is not significantly different to that of the
overall high-pass filter, a point that is also challenged with the Total Quality
rating. Insignificance by condition suggests that the optimal filter achieves
some suppression of noise, therefore making the background quality of the

noisy signals to be perceived close to that of the quiet ones.

The interactions between Sub-categoryxFilter (F' = 19.9, p < 0.01), and Sub-
category X Condition (F = 4.55, p < 0.01) were significant. The interaction
between Filterx Condition was not (F = 0.06, p = 0.8). We can thus conclude
that for all conditions, optimal filtering had significantly better background
quality ratings than high-pass filtering. The three-way interaction was also
significant (F' = 7.2, p < 0.01), suggesting that the main effect of changing
filters and conditions created significant subjective differences when assessing

different sub-categories.
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7.6.9 Total Qualities

This assessment in effect is the most direct evaluation of our processed speech,
as the subjects had to rate the best signals with the highest score (perceptually
easier for a listener). The results of all the sub-categories in the Total Qualities
main category can be seen in Figure 7.8 and in Table 7.10, where the optimal
filter comes out to be the best rated signal compared to all others. Each point
represents an average of 20 listeners’ responses to 8 DAM sentence groups,

giving a total of 160 values.
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Figure 7.8: Results from the DAM test for Total Qualities. DAM score is extent to
which test sentences exhibit the particular total quality.

Ref. mic. | Noisy Ref. | Acc. | Noisy acc. | Opt. | Noisy opt. | HP | Noisy HP
Intelligibility 94.5 27 63.1 35.5 65.8 62.5 64.5 62
Pleasantness 72.3 T 33 34.3 44.8 47.5 42.5 35.5
Acceptability 83 9.5 47.5 35.3 55.5 53 49.3 44.5
Individual means 83.5 14.5 47.87 35 67.11 65.22 57.22 56.5
Avg. per system 49 41.43 66.16 56.8

Table 7.10: DAM scores for each Total sub-category and every system configuration

What we will investigate here, is the effect of changing transducer, filter and
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condition, on the direct evaluation of the signals. The whole procedure is the

same as the Signal and Background Qualities.

Total Qualities: Effect of transducer and condition

A 3 x 2 x 2 ANOVA test was performed, investigating the effect of sub-
categories (3-level factor), transducers (2-level factor) and condition (2-level
factor). Data were averaged across subjects. The individual main effects of
sub-category (F' = 35.8, p < 0.01), transducer (F' = 51.4, p < 0.01), and
condition (F = 308.8, p < 0.01) were all significant. Here, significance by
transducer indicates that the perceived total quality for the overall reference
microphone is significanlty better than that of the overall accelerometer. We
can also conclude that the quiet microphone is significantly better than the
quiet accelerometer, and that the noisy accelerometer is significantly better
than the noisy microphone, as it can be seen from the total result of Figure
7.8. The above results were verified with two separate t-tests between mi-
crophone and accelerometer for quiet and noisy cases, where the results were

found significant (p < 0.01).

All two-way interactions were found significant (p < 0.05), suggesting that the
main effect of noise was strong enough to create significant differences among

the sub-categories, and between the microphone and accelerometer signals.

Total Qualities: Effect of filter and condition

A 3 x 2 x 2 ANOVA was also performed, in order to check the effect of sub-
categories (3-level factor), filters (2-level factor) and condition (2-level factor).
Data were averaged across subjects. The main effects of sub-category (F' = 82,

p < 0.01) and filter (F = 4.9, p < 0.05) were significant, unlike that of
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condition which was not significant (F' = 3.6, p = 0.073). Interaction between
Sub-category xFilter (F' = 4, p < 0.05) was significant. All other interactions

were not significant.

The insignificance of the main effect of condition suggests that the quiet case
is not significantly different from the noisy case for the filtered signals. How-
ever, the filtering does make a significant difference, even though this varies
somewhat by sub-category as indicated by the significant Sub-categoryx Filter
interaction. Thus, we conclude that the total quality rating for the optimal
filter over both conditions and all sub-categories is significantly better than

that of the overall high-pass filter.

Further 2x2 ANOVA tests, comparing the effects of filter vs. condition, were
conducted only for the three individual sub-categories of the Total Effect. Data
were averaged across subjects only. Results appear in Table 7.11. As seen,
the optimal filter improves the overall Pleasantness and Acceptability of the
signal compared to the high-pass filter, while the Intelligibility is shown not

to have significantly changed.

Filter | Condition | Filterx Condition
Intelligibility | p =0.17 | p=0.17 p = 0.85
Pleasantness | S ;001 p=203 p =0.05
Acceptability | S ;<001 | p=0.08 p = 0.58

Table 7.11: 2x2 level ANOVA results for filter vs. condition (Indwidual sub-
categories of Total Effect) (S: significant; p = value: not significant).

7.7 Conclusions

The results from both the DRT intelligibility, and the DAM quality tests were
encouraging, since after a statistical analysis using ANOVA’s and t-tests, it
has been shown that the optimal filter performs overall better than either the

high-pass or no-filter condition. More specifically, one of the main points for
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the DRT test is that the noisy accelerometer was significantly more intelligible
than the noisy reference microphone emphasising the noise-immunity of the
accelerometer. It was also shown that the optimal filter was significantly more
intelligible than the high-pass filtered and unfiltered accelerometer in both
quiet and noisy conditions. Additionally, it was shown that the main effect of
speaker (female/male) was not significant when tested with both transducers
and filters. For the DAM test, the total effect of the optimal filter’s output was
rated higher than the high-pass filter output for both conditions. Its signal
and background qualities were assessed high enough to be rated second in the
subjects’ preferences, but were not significantly different from those of the
high-pass filter. At the same time the optimal filter was shown to improve the

overall acceptability and pleasantness of processed speech.
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Chapter 8

Quantitative Assessment of

Optimal Filtering Performance

8.1 Introduction

In chapter 7 we showed that, overall, optimal filtering gave better intelligibility
and quality results than high-pass filtering. The aim of this chapter, therefore,
is a more elaborate analysis of the optimal filters, in order to understand
the factors that influence their performance. This is approached initially by
presenting and discussing their magnitude and phase responses, in parallel with
the spectra of the microphone and accelerometer signals, as well as the output
error spectra. The next part is dedicated to the analysis of the block diagram
of section 5.3, which is now expanded in order to look into the influence of
electronic noise of the system. Finally, the last section investigates the effect
of non-causality on the optimal filter performance, by examining the delays

imposed by the acoustic/anatomic paths and the equipment.
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8.2 Variability of Speech Spectra and Optimal

Filter Responses

The aim of this section is to study the variability of the acquired speech spectra
and the responses of the optimal filters from the main experiment of Chapter 7.
The motivation is to investigate whether a fixed filter across all speech material
or across speakers could be a reasonable alternative to a filter generated each

time for a different input, as has been done so far.

8.2.1 Reference Microphone Signals

Figures 8.1(a) and 8.1(b) show the average spectra of the DRT words for the
male and female speakers, respectively. Figures 8.1(c) and 8.1(d) show the
average spectra from the DAM sentences for the two speakers. For purposes
of convenience, any average spectrum Sy, that appears in this chapter is the
logarithmic mean (see equation 8.1) of the spectra from 192 DRT words or 48
DAM sentences, + 1 standard deviation, acquired from the transducer under
discussion. The mean is represented by a solid, blue line, while the standard
deviation is represented by a dashed, red line. Only logarithmic frequency
scale plots are presented in this chapter. The corresponding linear frequency

scale plots of each figure can be seen in Appendix A.
LN
Sea = 10 loguo(; ; Sz (8.1)

where S,, is the power spectral density of the signal z and N is the total

number of words or sentences.

Considering the spectra of the DRT words in Figure 8.1(a,b), peaks corre-
sponding to FO are clear for both male and female speakers, with typical

values at 120 Hz and 220 Hz, respectively (see section 2.2.1). The second and
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Figure 8.1: Reference microphone signal spectra for the DRT (top) and DAM (bot-
tom) tests, for male (left) and female (right) speakers. (a) DRT male; (b) DRT
female; (¢) DAM male; (d) DAM female.

third harmonics are clear for both speakers as well; 2F0 values are at 240 Hz
and 440 Hz for male and female, while 3F0 values are around 360 Hz and 650
Hz. The values above were also checked with the Speech Filing System (cour-
tesy of UCL, London, UK), a software package which performs FO tracking,

and confirmed.

The spectra for the DAM sentences follow the same harmonic pattern as the
DRT words list, with one main difference. That is, for both speakers, the
spectral amplitude for the DAM sentences is higher by 5-8 dB compared to the
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DRT words. This can be explained by the higher ratio of speech-to-quiet time
in the DAM sentences than in single DRT words. This forces the averaging
process to detect more silent segments in the DRT material, therefore lowering
the amplitude of the average DRT spectrum. The deviation from the mean is
also smaller in the DAM spectra for both subjects for most of the frequency
range, since the phonemic content of the sentences is mixed. This results in
masking spectral differences of individual sentences, and in essence, of different

sentence articulations, making the standard deviation smaller.

8.2.2 Accelerometer Signals

The difference in amplitude that was observed between the spectra of DRT and
DAM microphone signals is the same for the accelerometer case. Therefore,

only the DAM spectra will be presented here.

Quiet Signals

Figures 8.2(a) and (b) show the average spectra of the quiet accelerometer

signals for the male and female speaker, respectively.

As can be seen, the low-pass characteristic of the body-conduction path (part
of Gy, defined in section 5.3) starts having an effect at about 900 Hz-1 kHz,
where the spectrum is attenuated by about 30 dB in comparison to its mag-
nitude at FO0, for both male and female (for the reference microphone signals
in Figure 8.1, this difference is of the order of 15 dB). The harmonics are still
present, although they do not have as high amplitude as in the microphone

signal, due to this low-pass filtering effect.
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Figure 8.2: Average quiet accelerometer DAM spectra for male (left), and female
(right) speakers.

Noisy Signals

The spectra from noisy accelerometer signals, as they appear in Figure 8.3,
are also interesting to analyse, since they provide information about the per-
formance of the optimal filters in noise. The amplitude responses are sur-
prisingly similar to the quiet ones up to 1.5 kHz, above which the noise effect
becomes apparent. We have to remember that the noise was recorded with the
miniature accelerometer placed on the TMJ of the subjects, and then added

electronically using Matlab, to the quiet accelerometer signals.

A detail that is present for both subjects, is the distinct peak at 4 kHz. A
possible explanation could be the resonance of the subjects’ ear canal, when
the noise was played back from the loudspeaker. As described in Chapter 2,
the ear canal has a resonance at about 3.5 kHz, which could be picked up by
the accelerometer that is attached very close to the subject’s ear canal. The
amplitude of this peak is about 20 dB relative to surrounding frequencies, a
point that is supported by the information given in Chapter 2, describing the

Transfer Function of the Open Ear.
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Figure 8.3: Average noisy accelerometer DAM spectra for male (left), and female
(right) speakers.

8.2.3 Optimal Filter Responses

The aim of this section is to present the magnitude and phase responses of
the optimal filters in parallel with the output error spectra, generated for the
quiet and the noisy signals. The motivation is to investigate the performance
of the filters in different frequency regions, to interpret a reduced performance,
and to find some common characteristics that could potentially set a goal for

a better filter design.

Quiet Case

Figure 8.4 shows the average magnitude and phase responses of the optimal

filters for the DAM quiet accelerometer signals for both speakers.

It is not difficult to see that the optimal filter magnitude responses have, ap-
proximately, the structure of a high-pass filter up to about 1 kHz, below which
they try to reconstruct the harmonics in the accelerometer signal. W,,’s are
derived for every sentence individually. Each one, therefore, takes into account

the impulse responses of the two transfer paths, Gucoustic a0d Grody—conducted
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Figure 8.4: Average quiet Wop: magnitude and phase responses for the DAM test
for male (a), and female (b) speaker.

as in Figure 5.2. It eventually tries to match the accelerometer signal to the

reference microphone signal.

Overall, for both speakers, the variability of the filters’ magnitude and phase
responses increases above 900 Hz-1 kHz, indicating that Wyp's are very dif-
ferent at higher frequencies. A reason is that optimal filtering is based on
a mean-square error minimisation criterion. Higher frequency accelerometer
signals above 1-1.5 kHz have very little energy. Therefore, W,,:’s perform bet-
ter at lower frequencies, where the mean square error is concentrated. This is
shown in Figure 8.5, which shows the average error spectra from the two sub-
jects. As seen, the filters have actually enhanced the accelerometer signal by
matching it reasonably well to the microphone signal (indicated by a negative
error), from about 100 Hz-2 kHz, for both speakers. Above approximately 2
kHz, the match is not good, therefore the performance is expected not to be
good. Small peaks in the error spectra, indicating an imperfect match, may be

due to the presence of an anti-resonance in the accelerometer speech spectra.
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Figure 8.5: Average spectrum of quiet & for DAM sentences for male (a), and
female (b) speaker.

Noisy Case

Figure 8.6 shows the average magnitude and phase responses of the filters

generated for the DAM noisy accelerometer signals for the two subjects.
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Figure 8.6: Awverage noisy Wop magnitude and phase responses for the DAM test
for male (a), and female (b) speaker.

What was inferred for the quiet W, ’s is valid for the noisy case as well, with
the only difference being a high-bandwidth trough in the filter’s magnitude

response at around 3.5-4 kHz. This can be ascribed to the presence of the peak
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that was observed in Figure 8.3. However, it does not affect the performance
of the optimal filter, which, from the error spectra in Figure 8.7, appears to
enhance the accelerometer signal in the frequency range 100 Hz-2 kHz, similar

to the quiet case.
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-80 i . ;
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(a) (b)
Figure 8.7: Average spectrum of noisy & for DAM sentences for male (a), and
female (b) speaker.

For both quiet and noisy cases, W,,’s appear to be effective in the range
100 Hz to 1-2 kHz, where their variability is small. The limit in this range
(100 Hz-1 kHz) is due to the low amplitude of body-conducted speech at
higher frequencies (above 1-2 kHz), and from the effect of electrical noise
of the system, a point that is investigated in the next section. Their main
function in this range is high-pass filtering of the accelerometer signals, and
reconstruction of the harmonics. However, an important question that arises
is whether a fixed W, in this range has the potential to do equally well, since

the filters vary much more by corpus elements than by speaker.
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8.3 Factors Influencing the Performance of Op-

timal Filtering

A question that has arisen from section 8.2.3 concerns the possible factors that
influence and limit the performance of W,p,’s above 1 kHz. The factors to be

investigated are the following:

1. Effect of electronic noise on the coherence of the system.

2. Effect of non-causality of the system.

The aim of this section is to provide answers to these points. By verifying (1)

and excluding (2), we can say that (1) is the main factor limiting performance.

8.3.1 Effect of Electronic Noise

The model of Figure 5.3 did not include the electronic noise of the accelerome-
ter. A revised model including the noise is shown in Figure 8.8. The motivation
here is to investigate whether the accelerometer’s electronic noise is the signif-
icant factor affecting the system’s coherence, and in extent, the performance
of Wo,: above 1 kHz. For our analysis, the noise 7(n) is assumed uncorrelated

to the signals d(n) and z(n).

According to Bendat and Piersol (1993), the following frequency-domain rela-
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Figure 8.8: Physical model of the optimal filtering problem including the effect of
electronic noise.

tionships can be applied:
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For this model, the coherence function between the two output records z(n)
and d(n) is given by:
2 _ ISwd|2

= .3
Yzd wa de (8 )

Based on equation 8.2 and after some mathematical manipulation, we end in

a generalised coherence function expression for our model:

(8.4)

The optimal filter expression from equation 5.22 will become (Rafaely and

Furst, 1996):
Sa:d Gao Szz
W, = 2% . 8.5
? = Sy Gun  5ont O (85)

The measured coherence between z(n) and d(n) was compared to the model’s

coherence based on equation 8.4. The accelerometer’s electronic noise, as
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measured in Chapter 7, was used as the signal r(n). Figure 8.9 shows the
average measured coherences for the two subjects and tests, compared to the

model’s coherences.
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Figure 8.9: Average measured vs. modelled coherence functions for DRT words: (a)

Male speaker, (b) Female speaker. For DAM sentences:(c) Male speaker, (d) Female
speaker. Blue line: measured coherence; green line: modelled coherence.

The coherence plots can be split into three main regions. The first region
is from the lower frequency end up to about 1 kHz, where both coherences
are satisfactory, with values approaching 1. This is also reflected in the good
performance of W,,’s in this band. From 1 kHz up to about 3 kHz, the
coherence drops due to the increasing effect of electronic noise. At higher fre-

quencies, both the measured and modelled coherences are low, corresponding
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to the continuous fluctuation of the filters’ magnitude responses. The above
observations support our hypothesis, that the main limitation of performance
at high frequencies is the added electronic noise and not the non-linearity of
the system. The conclusion, therefore, is that even though the model predicts
our case quite well, we cannot really attain a better match, as above 1 kHz
the electronic noise is dominant. A solution, therefore, is to obtain a better

accelerometer and amplifier with a lower noise floor.

8.3.2 Effect of Non-Causality

A non-causal optimal filter, resulting from an acoustic transfer function group
delay shorter than the anatomical transfer function’s group delay, is more
difficult to implement (as W,y in practice is restricted to be causal), since
the problem in this case is not filtering but prediction. The objective of the
optimal filter is then to minimise the mean-square error by making the output
of the filter as close as possible to the current desired signal, using only past
values of the signal, i.e. to act as a linear predictor for the desired signal. The
aim of this section is the investigation of the effect of the system’s path-delays.
The motivation is to see whether non-causality was a factor for the reduction

in the W, performance.

As was seen in Chapter 5, W, is based on physical signals and was initially
constrained to be causal. The first step was to investigate the effect of an added
delay on the reference signal, effectively modifying that constraint. The first
delay value that was chosen was the acoustic delay from the speaker’s lips to
the microphone (see Appendix B for details concerning the calculations). The
resulting impulse responses of an unmodified and a W, artificially delayed by

that value (1.74ms), appear in Figure 8.10.

The added delay can be clearly seen on the right plot, verifying the system’s
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Figure 8.10: Impulse responses of (a) an original, and (b) an optimal filter artifi-
cially delayed by 1.74ms, generated for the sentence ‘Dirt was blown in my face’.

causality. It has to be noted though, that the two impulse responses are not
exactly the same. This is due to the fact that the cross-correlation S,q of
the delayed version is different to that of the unmodified version, since the
reference signal is delayed, while the accelerometer signal is not. Therefore,
some components which are seen on the left plot, such as the spike at the very

beginning of the response, are removed in the delayed version.

The second step, therefore, towards an understanding of the delay characteris-
tics of the filters was to investigate the average phase response of W, in Figure
8.4. Approximate values of group delays ranging from 1.7ms-2.2ms were calcu-
lated with Matlab within the useful range 100 Hz-1 kHz. This shows that Wy,

delayed the signal, suggesting that it was not constrained by non-causality.

A further step was to investigate the cross-correlation between the microphone
and the accelerometer signals. Figure 8.11 shows two characteristic plots of
the cross-correlation function R4, derived from the same sentence (‘Dirt was
blown in my face’), for both male and female. Cross-correlations were cal-

culated after the two signals were low-pass filtered with an FIR Butterworth

gfm as it appeared in

filter, f. = 600Hz), whose characteristics approached
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Figure 5.4. Both plots have a fairly broad envelope, with characteristic fluc-
tuations, indicating delayed harmonics in the air-conducted signal. Not all
cross-correlation plots are presented here; however, they have been examined
and in all cases the air-conducted signal is delayed relative to the accelerome-
ter by an average of 2.2ms for both male and female for the DRT words, while
for the DAM sentences the average delay was 1.9ms for the male and 1.8ms

for the female speaker.
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Figure 8.11: Ry4’s from the sentence ‘Dirt was blown in my face’ for male (a), and
female (b) speakers.

Another approach was the theoretical computation of the delays for the indi-

vidual paths of G, and G, (see description in section 5.3).

The total theoretical delay of Gy, is the sum of the individual delays due to:

e The distance between the speaker’s larynx and lips.
e The distance between the speaker’s lips and the microphone.

The group delay —%f of the microphone’s amplifier, and

The group delay of the anti-aliasing filter.

Additionally, the total delay of G,,. is the sum of the individual delays due to:

140



e The distance between the speaker’s larynx (Adam’s apple) and TMJ.
e The group delay —g—f of the accelerometer’s amplifier, and

e The group delay of the anti-aliasing filter.

The delays due to distance were calculated approximately, with the kinematics

law:

distance
ti = — 8.6
vme speed (86)

Typical values for the speed of sound in different materials, considered in our
calculations, appear in Table 8.1. Values for the average length of the vocal

tract that we used were 17cm for men, and 15.5cm for women.

air (20°C) | vocal tract (37°C) | human tissue (37°C)
343 359 1540

Table 8.1: Speed of sound (m/s) in different materials.

The results from the above approaches appear in Table 8.2. The first column
shows the results obtained from the study of the cross-correlations, for the
two subjects and tests. The second column gives the results obtained from
the phase of W,p;. The last two columns give the results from the theoretical
calculation of the delays in the two main transfer paths (details of the calcu-
lations are shown in Appendix B). The smaller delay values in the DAM test
may possibly be due to a slight change of the subjects’ seating position after

the completion of the DRT test.

Ra:d _g—i of Wopt Gac. Gan.

Male DRT | 2.2ms 2.1ms 2.2ms | 0.18ms
DAM | 1.9ms 1.8ms
Female | DRT | 2.2ms 1.7ms 2.2ms | 0.18ms
DAM | 1.8ms 1.8ms

Table 8.2: Total delays from three measurement approaches.
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8.4 Summary and Conclusions

This chapter has contributed towards a deeper understanding of the phys-
ical mechanisms that govern the performance of the optimal filters. More
specifically, an initial investigation of the input signals showed that the low-
pass filtering effect of body-conduction attenuates the signals strongly above 1
kHz. Results from a comparison between measured and modelled coherences
showed that electronic noise was the most dominant limiting factor above 1
kHz, therefore reducing the performance of W,,. The model also predicted
the acoustic path delays, with delay values approaching those calculated from
cross-correlations. In fact, the calculated delay from G,. was found to be
higher than the delay of G, , as expected. W,,’s appeared to have a small

variability at lower frequencies for the same speaker, supporting the fact that

the main factor that determines their performance is the ratio g:;: Table 8.3

encompasses all the above points.

f<1=2kHz | f>2kHz
Coherence Good Poor
High-Pass filtering Yes No
Harmonic Reconstruction Yes No
Variability of Wop:'s Small Large
Variability between speakers Large Large

Table 8.5: Main conclusions from the study of Wopt’s.

It was also shown that non-causality did not constrain the function of Wop,.
This point was approached with path-delay measurements, which showed that
the air-conducted signals were delayed with reference to the accelerometer
signals. The overall conclusion, therefore, is that a filter that captures the
characteristics of a speaker appears to have a better performance than a filter
which is based on the spectral information of a speech corpus, or particular

speech sounds.
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Chapter 9

Design and Assessment of a

Fixed Optimal Filter

9.1 Introduction

The analysis of the optimal filtering model in Chapter 5 posed the question
of whether an optimal filter that is designed for specific phonetic material
performs better than a fixed optimal filter that is designed for one speaker.
This question was also raised in the objective analysis of the optimal filters’
responses in Chapter 8, where the small variability of W, for one speaker
suggested that a fixed filter across a set of speech material or a number of
speakers could be useful. The aim of this chapter, therefore, is to present the
design and subjective assessment of different types of fixed optimal filters. The
first section discusses the motivations behind the need for each type of filter.
The next section presents the speech recordings and the design of the filters.
The chapter then proceeds with the presentation of the subjective assessment
of the filtered and unfiltered speech signals, while the last section is devoted

to the statistical analysis of the results.
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9.2 Motivation for the Design of a Fixed Filter

The main motivation for the development of a fixed optimal filter is to find a
good compromise between the complexity of the filter’s implementation and
its performance. The filter tested in Chapter 7 which is optimised for every
different word, might not be easy to implement in practice. Assuming that
in practice a clean reference microphone is not available, then a word-specific
filter will require a complex system to identify the word and adapt or select
an appropriate filter. As an alternative, a fixed filter which might only require
initial tuning to the speaker, is significantly simpler to implement. We propose

the following hypotheses:

1. A different W, for every speaker and different speech material will per-
form well. This is the type of optimal filter we have been testing up to
this point, i.e. different W,,’s are created for different words or sentences
recorded by a specific speaker. Implementation complexity is high due

to the rapid adaptation/selection required as discussed above.

2. A W, designed specifically for a speaker will perform almost as well.
This type of fixed filter is tested in this chapter and consists of an average
across all W,,;’s for the speech material recorded by a specific speaker.
Implementation of a fixed filter is simple, and requires only initial off-line

tuning.

3. A fixed Wy, for a number of speakers and speech material will not per-
form as well as the previous filters. This type of fixed filter is also tested,
and consists of an average across all W,,:’s generated for words or sen-
tences recorded by different speakers. Implementation here is simpler as

the fixed filter does not even require a speaker-specific tuning.
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The above points are encompassed in Table 9.1. The objective, therefore,
is to show that option (2) and possibly option (3) are good compromises of

performance vs. complexity.

Across speakers | Within a speaker/ | Expected performance | Complexity of
speech material implementation
(1) Variable Variable Good High
(2) Variable Fixed Average Medium
(3) Fixed Fixed Poor Low

Table 9.1: Main hypotheses for the design of a fized Wop;.

9.3 Speech Recordings

In order to validate the above hypotheses, it was decided to follow the same
experimental framework as in Chapter 7, but this time involving more speak-
ers. The experimental setup was the same as that described in section 6.3.3.
Eight native British-speaking subjects were used for the recording of the speech
material (4 males, and 4 females). This was considered a sufficient number
in order to test the performance of a fixed filter across one or more subjects
(points 2 and 3 in Table 9.1), and to keep the statistical analysis to a rea-
sonable length. The phonetic material that was used consisted of the DRT
and DAM tests, as in Chapter 7. The recording procedure of the material was
the same, i.e. the same acquisition and randomisation programs were used
(see section 7.3.1). Only quiet signals were recorded at this stage as it was
shown in Chapter 7 that the effect of noise was not a significant factor for the

performance of optimal filtering.
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9.4 Design of the Optimal Filters

The aim of this section is to present the main design procedures of the five
different types of optimal filters. The rationale is to understand the mech-
anism with which these filters were generated, since this will assist in the
interpretation of the results from the listening tests. For the processing of the
acquired speech signals, we used Matlab programs which generated the filters,
performed the filtering operations and produced the output sound files which
were used in the listening tests. The general filtering procedure is shown in Fig-
ure 9.1, where W, ; indicates the different types of optimal filters described
below.

ref. microphone

clean acc. input —» Wi S e

copy
\V4

acc. input —»(O—— Wi 5 out

Figure 9.1: Schematic diagram of the Matlab program for optimal filtering. Top
part: Optimal filter calculation. Bottom part: Generation of filtered output.

Wope: Optimal Filter for Single Words or Sentences

This optimal filter is the type of filter we have been using up to this point.
The mechanism is the same as the one used in Chapters 6 and 7, i.e. the
filter tries to match the TMJ accelerometer signal to the reference microphone
signal, in a mean square error sense. The processing program calculates the
auto- and cross-correlation matrices between the inputs from the miniature
accelerometer and the reference microphone signals, and retrieves the Toeplitz

matrix, with which an optimal filter is calculated. Six hundred coefficients are
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used, and for each input (DRT word, or DAM sentence) a different optimal
filter is generated. An example of the magnitude and phase response of Wy
derived from a male and a female subject, for one DAM sentence (‘Dirt was

blown in my face’), is shown in Figure 9.2.
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Figure 9.2: Magnitude and phase responses of a Wopt for (a) a male subject and (b)
a female subject, for the same DAM sentence, (‘Dirt was blown in my face’).

The main advantage of this filter is good performance, since a different fil-
ter is generated for a specific input. However, in the context of a real-life
communication system it is fairly complex, since it requires a highly adaptive
implementation. In order to switch different filters in and out, a recognition

system would need to be used, which would increase the computational com-

plexity substantially.

Woptisu: Optimal Filter for One Speaker

For the derivation of a fixed filter for a single speaker, we calculated the av-
erage S, of the accelerometer signal from all 192 DRT words, and 48 DAM
sentences spoken by one speaker, by averaging the individual S,;’s . The same
procedure was performed in order to find an average S,4. By calculating their

Inverse Fourier Transforms, the average auto- and cross-correlation matrices
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were found. The last stage involved the calculation of the Toeplitz matrix
using those average R,, and R,; matrices, and the calculation of the filter
coeflicients. The same filter length was used, i.e. six hundred coefficients. At
the end, we had 8 different Wp15us’s, one for every speaker. An example of

Woptisup for a male and a female subject is shown in Figure 9.3.
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Figure 9.3: Magnitude and phase response of a Woptisup for (a) a male and (b) a
female subject.

The motivation for the design of this filter is to see whether it can perform
equally well to W,,:. The advantage is that it could be easily implemented in
a real-life communication system. The system could include a microphone in
front of the speaker’s mouth serving as the desired signal, and an accelerom-
eter as the main speech vibration pick-up element. Subsequently, the speaker
could recite a pre-defined speech corpus, a process that could generate the
filter coefficients specifically formulated for his/her articulatory and anatomi-
cal characteristics. We anticipate that its performance will not be as good as

Wopt, something that is tested with the listening tests.
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Woptssup: Optimal Filter for Eight Speakers

This type of fixed filter was generated in the same way as W,54. The only
difference is that for the averaging of the auto- and cross-spectra we used the
material from all 8 speakers, i.e. 1536 DRT words (8 speakersx192 words
each), and 384 DAM sentences (8 speakersx48 sentences each). The filter’s

response is shown in Figure 9.4.
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Figure 9.4: Magnitude and phase response of Wopissup for eight subjects.

The motivation for the design of this filter is the great simplicity in a real-
life implementation as it does not require speaker-specific tuning. The main
advantage is that it can be directly used as an enhancement algorithm in a
communication system which involves an accelerometer without a reference
microphone. The reason is that it is designed to encompass the articulatory
and anatomical characteristics of a number of speakers. This, however, is
expected to perform poorly, since each speaker has identifiable characteristics
which are unique for him/her. Therefore, a filter like this is not expected to
present the performance of Wy or even Woysup, but nevertheless, is a viable

option which deserves some investigation.
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Woptmat/ Woptfem: Optimal Filters for Male and Female Speakers

Woptmar and Wopssem were generated in the same way as Wop15up, but the aver-
aging was done for the male and female speakers, respectively. The averaging
process, therefore, used 768 DRT words (4 male/female speakersx192 words
each), and 192 DAM sentences (4 male/female speakersx48 sentences each).

The responses of the two filters are shown in Figure 9.5. The motivation for the
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Figure 9.5: Magnitude and phase responses of Woptmar (@), and Weptfem (b).

design of this type of filter is to investigate the optimal filter’s dependence on
the gender of the speaker. Since we saw in Chapter 5 that the filter is defined
by the anatomical characteristics of the speaker, it would be interesting to in-

vestigate the performance of a filter designed specifically for gender-dependent

Gac. and Gan. <
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9.5 Subjective Assessment of the Optimal Fil-

ters

After the signals were processed according to Figure 9.1, we performed the
same subjective listening tests as in Chapter 7, using twenty British-speaking
listeners. By this time, for every word/sentence there were six different ver-

sions:

1. Unfiltered reference microphone signal.

2. Unfiltered miniature accelerometer signal.
3. Output from W.

4. Output from Wop1up-

5. Output from Wopgsup-

6. Output from Wopsgen. Woptgen, standing for gender-specific filter means
that Wopimar was used to filter speech from the four male speakers, and

similarly Wopifem from the four female speakers.

The listening test procedure was designed to present mixed male and female
signals, randomised in such a way so that for each word pair the following con-
ditions applied: the same version of the same word should not be heard twice;
the same word should not be heard twice in a row; half of the presentations
of words would be male and half female; subjects would listen to the material
from all 8 speakers; for the gender-specific filters, half would be the outputs
from Wopima and half from Woprem; and finally, those presentations would be

randomised both as far as the word in the pair as well as the feature.

The overall listening procedure was the same as the one followed in Chapter

7. In total, every subject listened to 32 words in each category X 6 categories
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x 8 speakers x 7 versions for each word = 10752 words. The overall DRT test
lasted about 4.5h during which, subjects took a number of breaks if they felt
tired. The same training phase (i.e. “anchoring”) was performed prior to the
test so that the subjects had an overall impression of the sound samples. A

reward of £5 was given to them upon completion of the test.

For the DAM test, the constraints were not so strict, as for each type of filter
output a whole group had to be presented to each subject. The only randomi-
sation was between the sentences of each group and the speaker from which
they were cited. After each group presentation had finished, the subject was
given the quality evaluation form to fill in, as shown in Figure 4.1. The DAM
test lasted about 30 minutes, as each sentence group lasted approximately 1
minute and the subject had to listen to 7 groups (one for every signal version)
including the time to assess each one by completing the DAM response scale
form. The overall listening test lasted for about 6h (about 15 sessions for each

subject), including the pauses when the subjects took a break.

9.6 Results from Listening Tests

As in Chapter 7, the results from the listening tests were gathered in a database
in SPSS. The use of ANOVA’s and t-tests enabled us to derive conclusions
about the effect that the type of filter and transducer had on the intelligibility

and quality results.

9.6.1 Rlesults from DRT Test

The results of the DRT test, averaged across listeners, are shown in Figure 9.6

and Table 9.2. The legend of the graph describes sensor and filter combina-
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tions. Each point represents an average of 20 listeners’ responses to 16 DRT

word pairs from 8 speakers, giving a total of 2560 values.
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Figure 9.6: Results from the DRT intelligibility test. Woptgen 15 the average of
Woptmal applied to male speech, and Wopitem applied to female speech.

Ref. mic. | Acc. Wopt Woptlsub WoptSsub Woptgen
Voicing 96.3 78.1 | 83.8 91.3 86.3 89.6
Nasality 100 90 | 92.5 100 100 95.4
Sustention 93.8 76.3 90 86.3 73.8 73.8
Sibilation 93.1 75.6 | 79.4 83.1 68.1 75.5
Graveness 86.9 54.4 | 82.5 74.4 57.5 56.3
Compactness 96.3 60 83.1 86.3 78.8 76.7
Avg. per system 94.4 72.4 | 85.2 86.9 77.4 77.9

Table 9.2: Intelligibility scores for each feature and every transducer/filter imple-
mentation.

As can be seen from the mean values in Figure 9.6, the reference microphone
presents the highest intelligibility scores. Wy, and Wop1sus follow with fairly
high results in the same range, something that supports our hypotheses con-
cerning Wopt1sup’s performance. The score from Wpssup follows next, suggest-

ing that the performance of an average filter across subjects may not be as

good as the one of a word- or speaker-specific filter. The similarity in scores
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leads to the same suggestion concerning the performance of a filter designed
and applied to speakers of same gender (Woptgen). The lowest score is pre-
sented by the unfiltered accelerometer. It is interesting to note that the scores
from the first three columns of Table 9.2 are in the same range as the results

of the same configurations from the previous DRT test in Chapter 7.

The independent variables for this test are the speech features (6-level factor),
the transducers (reference microphone/ accelerometer: 2-level factor), and
the filters (Wopt, Woptisub, Woptssub, Woptgen: 4-level factor). Our dependent
variable is the intelligibility which is tested for different combinations of the

independent variables.

9.6.2 Effect of Transducer on Specific Features

The first test was conducted in order to investigate the interaction of trans-
ducer and specific features. It was therefore a 6x2 level ANOVA and the
factors were the features (6-level factor) and the transducers (2-level factor).

Data were averaged across subjects (see Table 9.3).

Features Ref. mic. | Acc.
Voicing 96.3 78.1
Nasality 100 90
Sustention 93.8 76.3
Sibilation 93.1 75.6
Graveness 86.9 54.4
Compactness 96.3 60
Avg. per system 94.4 72.4

Table 9.5: Intelligibility scores for each feature and every transducer configuration.

The null hypothesis Hy is that the intelligibility scores for all features and all
transducers were the same. The alternate hypothesis H; is that the scores
among the two dimensions are different. The results showed that both factors

are significant: Feature (F' = 20.2, p < 0.01) and Transducer (F' = 283.9,
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p < 0.01). Interaction was also significant: Featurex Transducer (F = 6.8,

p < 0.01).

We can therefore conclude that the intelligibility of the reference microphone
and unfiltered accelerometer signals varies significantly with each of the two
tactors. Considering the transducer factor, the significance indicates that the
intelligibility of the reference microphone is significantly better than that of

the accelerometer, a point that was also shown in Chapter 7.

9.6.3 Effect of Filter on Specific Features

The next test was conducted in order to investigate the effect of different types
of Wy, on specific features. The initial test was a 6x4 level ANOVA and the
factors were the features (6-level factor) and the filters (4-level factor). Data

were averaged across subjects. The results can be seen in Table 9.4.

Features Wopt | Woptisub | Woptssub | Woptgen
Voicing 83.8 91.3 86.3 89.6
Nasality 92.5 100 100 95.4

Sustention 90 86.3 73.8 73.8

Sibilation 79.4 83.1 68.1 75.5

Graveness 82.5 74.4 57.5 56.3

Compactness 83.1 86.3 78.8 76.7
Avg. per system | 85.2 86.9 77.4 77.9

Table 9.4: Intelligibility scores for each feature and every filter implementation.

The results showed that both factors are significant: Feature (F' = 41.4, p <
0.01), Filter (F = 11.1, p < 0.01), and their interaction (F' = 5, p < 0.01). The
above results show that the effects of feature and filter as individual factors,
were strong enough to create significant differences in intelligibility scores.
However, we still do not know the significance among the filters for specific

features.

We therefore grouped the filters in two categories: The first one included the
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filters Wy and Wopsup. The second category included Wopge, and Wopgsub-
The reason for this grouping is that during the DRT test, subjects listened
to cross-filtered signals (i.e. outputs from Wopima and Wopssem applied to fe-
male and male speech, respectively), as well as to the same-filtered signals
(i.e. outputs from Woptma and Wopsfem applied to male and female speech, re-
spectively). Hence, the statistical analysis for those two filters needs a specific

handling.

As far as the first category is concerned (W, and Wops1sup), an ANOVA was
performed testing the significance among the two levels of the factor Filter.
Data were averaged across subjects and features. The calculated overall F-
value (F' = 1.4, p > 0.05) showed non-significance. We can therefore infer that
the speaker-specific filter Wop150 has similar performance to W, verifying
our initial hypothesis. Individually, Wo,: and Wopisus were found significantly

better than the unfiltered accelerometer (p < 0.01).

Comparisons using ANOVA’s were also performed individually for every fea-

ture in order to investigate the significance between the two levels of the factor

filter in more detail. The results appear in Table 9.5:

Features | Wop vs. Woprisub
Voicing NS
Nasality NS

Sustention NS

Sibilation NS

Graveness , NS

Compactness NS

Table 9.5: Effect of filter for specific features. (NS indicates non-significance with
p>0.05).

As far as the second category is concerned (Wypigen and Wopssus), ANOVA
results showed non-significance (p > 0.05) between those two levels of the
factor Filter. We can thus conclude that an average filter across a number of

speakers of mixed gender (Woussu), performs equally well to a filter that is de-

156



signed and applied to speakers of same gender (Woptgen). Individually, Wopigen
and Wpssup Were found significantly better than the unfiltered accelerometer

(p < 0.01).

However, the listening test also included cross-filtered signals, which can be

seen individually in Figure 9.7.
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Figure 9.7: DRT results from presentation of the cross-filtered signals.

The significance among the results of Figure 9.7 was investigated with separate
t-tests comparing the outputs of the two filters applied on subjects of the same
gender, vs. the outputs of the two filters applied on subjects of different gender.

Data were averaged across features. The results are the following:

® Woptmar to male vs. Woytpem to female: Significant (p < 0.01).
® Woptfem to male vs. Wy, to female: Significant (p < 0.05).

e Overall, same-filtered signals vs. cross-filtered signals: Significant (p <

0.01).
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We thus conclude that the application of a gender-specific filter to subjects
of the same gender produces significantly more intelligible results than when
applying the same filter to subjects of the opposite gender. Another point
is that it appears to be more important for female voices to be processed by

Woptfem, than the male voices by Wopima

9.6.4 Results from DAM Test

The results from the DAM test are shown in Figure 9.8. The legend describes
sensor and filter combinations. They are averaged across listeners and sub-
categories (9 for Signal qualities, 7 for Background qualities and 3 for Total
Effect). Each bar represents an average of 20 listeners’ responses to 6 DAM
sentence groups, giving a total of 120 values. It has to be noted that during
the DAM test, no cross-filtered signals were presented to the subjects. The
statistical analysis, therefore, will only include Wpien among the other filters,
i.e. the average across Wypimae applied to male speech, and Wopfem applied to

female speech.

This plot is quite interesting as it shows the direct preferences of the subjects.
For the Signal Qualities we can see that the reference microphone signal is
the best rated signal (a low score indicates a good quality signal). The next
best is the output from W,y which is followed by the outputs of W, and
Woptgsup which have similar scores. The gender-specific filter Wepgen follows in
the overall signal rating, while the signal with the worst score is the unfiltered

accelerometer.

For the Background Qualities, again the reference microphone is rated the
best, followed by Woptisus and Wopssup. The rest of the signals all have ap-
proximately the same score. The scale, however, that shows the direct assess-

ment of the signals is the Total Effect. Here, we can see that the reference
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Figure 9.8: Results from the last DAM quality test.

microphone is considered to be the best regarding intelligibility, pleasantness
and acceptability. It is followed by the outputs of the four optimal filters
Weptisub, Woptssubs Woptgen and Wy of which the highest score is presented
by the subject-specific filter Wopt1sup, While the output from the unfiltered

accelerometer has the lowest score.

9.6.5 Signal Qualities

The results from all the sub-categories in the Signal Qualities can be seen in
Figure 9.9 and in Table 9.6. Each point represents an average of 20 listeners’

responses to 6 DAM sentence groups, giving a total of 120 values.

The aim is to investigate the importance of those sub-categories, and their ef-
fect in relation to the filter type. Therefore, the analysis that will be presented
here will be the same as in the DRT test, i.e. we will examine the effect of the

filter on the intelligibility using ANOVA and t-tests. The effect of transducer
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Figure 9.9: Results from the last DAM test for Signal Qualities. DAM score is
extent to which test sentences exhibit the particular signal quality.

is not investigated here, as it has already been shown at different instances
that, overall, the quality rating of the reference microphone is significantly

better than that of the unfiltered accelerometer.

Signal Qualities: Effect of filter

A 4x9 ANOVA was performed in order to investigate the effect of filter (4-
level factor) vs. sub-category (9-level factor). The results showed that the
individual effects of Filter (F = 11, p < 0.01) and Sub-category (F = 26.3,
p < 0.01) are significant, as is their interaction (F' = 6.5, p < 0.01). The above
result was verified by comparing the four levels of the factor Filter, revealing
a significant difference (F' = 12.2, p < 0.01). Post-hoc t-tests also revealed
significant differences between the results of the unfiltered accelerometer and
each filter. The individual differences among Wop:, Woptisup and Wopgsuy were

found not significant (p > 0.05). Individually, Wopt, Wopt1sus and Wopsssup Were
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Ref. mic. | Acc. Wopt Woptlsub Wopt&sub Woptge'n
Fluttering 4 27 15 5.5 9 16.5
Muflled 13 715 | 27 17.5 37.5 52.9
Distant 8 40.5 | 20.5 14.5 15.8 20
Rasping 8.8 38.5 14 11.5 31.3 16
Thin 7 19.3 | 17.3 15.8 17.8 18.1
Unnatural 9 36.5 | 24.5 17.5 9 44.1
Babbling 3 23 6 12.8 11 30.1
Irregular 3 22 16 12.3 8.5 18.3
Interrupted 3.5 155 | 3.5 7.3 4.5 5.6
Individual means 6.6 32.6 | 15.9 12.7 16 24.6

Table 9.6: DAM scores for each Signal sub-category and every system configuration

found significantly better than Wopgen (p < 0.01).

9.6.6 Background Qualities

The results from all the sub-categories in the Background Qualities can be
seen in Figure 9.10 and in Table 9.7. Each point represents an average of 20

listeners’ responses to 6 DAM sentence groups, giving a total of 120 values.

Ref. mic. | Acc. Wopt Woptlsub WoptBsub Woptge'n

Hissing 6.3 25 33 11.3 44 41.3
Chirping 14 13 10 20.3 7 4

Roaring 7 6.8 19 11.8 1 13.9
Crackling 8.8 31 22.5 19.3 9.5 14

Buzzing 0 15.5 | 16.5 12.5 18 25.8

Rumbling 13.5 11 24 22 21.5 22.6

Bubbling 10 15.6 | 21.5 14.3 12.5 17.9

Individual means 8.2 18.8 | 20.3 15.5 16.2 20.5

Table 9.7: DAM scores for each Background sub-category and every system config-
uration

The aim in this case is to investigate the importance of the sub-categories, and
their effect in relation to the filter type. The analysis is the same as the one

that was performed for the Signal Qualities.
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Figure 9.10: Results from the last DAM test for Background Qualities. DAM score
is extent to which test sentences exhibit the particular background quality.

Background Qualities: Effect of filter

A 4x7 ANOVA was performed in order to investigate the effect of filter (4-
level factor) vs. sub-category (7-level factor). The results showed that the
individual effect of Sub-category (F' = 23, p < 0.01) was significant. However,
the effect of Filter (F' = 2.5, p > 0.05) is not significant, unlike the interaction
(F = 5.8, p < 0.01) which was found significant. The above result was verified
with the investigation of the factor Filter, which showed non significance (p >
0.05) among its four levels. Results from post-hoc t-tests also showed that
the effects of all filters were not significant (p > 0.05) when compared among

them, and also when compared to the unfiltered accelerometer.
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9.6.7 Total Qualities

This direct evaluation of the processed speech, is effectively the most straight-
forward scale to see the overall preference of the subjects, as the way it is
scored is perceptually easier (the higher the score, the better the signal). The
results of all the sub-categories in the Total QQualities main category can be
seen in Figure 9.11 and in Table 9.8, where Wypi15u presents the highest score
overall after the reference microphone. Each point represents an average of 20

listeners’ responses to 6 DAM sentence groups, giving a total of 120 values.
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Figure 9.11: Results from the last DAM test for Total Qualities. DAM score is
extent to which test sentences exhibit the particular total quality.

Ref. mic. | Acc. Wopt | Woptisub | Woptssub Woptgen
Intelligibility 91.8 62.5 | 67.5 78 75.5 76.4
Pleasantness 70 36.5 48 66 59 56.3
Acceptability 82 40.8 | 62.5 68.5 65.5 61.7
Individual means 81.2 46.6 | 59.3 70.8 66.6 64.8

Table 9.8: DAM scores for each Total sub-category and every system configuration

What is investigated here, is the effect of filter type on the overall quality
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assessment of the signals. The whole procedure is the same as in the Signal

and Background Qualities.

Total Qualities: Effect of filter

A 4x3 ANOVA was performed in order to investigate the effect of filter (4-
level factor) vs. sub-category (3-level factor). The results showed that the
individual effects of Sub-category (F' = 41.9, p < 0.01), and Filter (F' = 18.4,
p < 0.01) were significant. The interaction, however, was not significant
(FF = 2.2, p > 0.05), suggesting that the effect of different types of fil-
ters created similar overall impressions for all sub-categories. Results from
post-hoc t-tests showed that Wi, Wopisus and Wonsew gave, individually,
significantly better quality results compared to the unfiltered accelerometer.
However, the difference between Wopigsus and Wopigen was found not signif-
icant (p > 0.05), verifying that the average quality across the two gender-
specific filters (Wopimai/ Wopifem) is rated close to that from a mixed-gender fil-
ter (Wopissus). The individual comparisons among Wop:, Woptisus and Woptgsus

all gave significant results (p < 0.05).

9.7 Conclusions

The DRT intelligibility test results verified our initial hypothesis concerning
the usefulness of an optimal filter based on the phonetic material of one speaker
(Woptisup). This presented similar intelligibility scores when compared to the
optimal filter that we have been using up to now, which was designed based
on specific words or sentences (W,;). In addition, the optimal filter designed
for a number of subjects (Wopssus) showed some potential in enhancing ac-

celerometer signals, although its performance was not as good as that of the
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two previous filters. As was also seen, an optimal filter based on the pho-
netic material of a number of subjects of specific gender seemed to perform
adequately well only when it was applied on speech recorded from subjects of

same gender, otherwise its performance dropped significantly.

The DAM quality test was the last check on the subjective preference of the
processed speech. Here, as in the DRT, W50 and Wpssyp were surprisingly
rated higher in the overall quality assessment than Wy, something that is
encouraging as far as the filters’ implementation on a communication system
in concerned. In addition, the gender-specific filter Woptgen, Was rated, overall,
close to Wopssup. The above points can be attributed to the smoothing of the
filters’ response during the averaging across the phonetic material of one or
more subjects of mixed or specific gender, resulting in the removal of artifacts

from the processing of single words or sentences.
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Chapter 10

Conclusions and Suggested

Further Work

10.1 Summary

The study of an inter-disciplinary topic such as speech vibrations is fairly
intricate to approach as it combines elements of speech physiology, human
anatomy, and vibrations which, on their own, are complicated areas. Moreover,
since we are investigating the detection, enhancement and assessment of such
signals, the task becomes quite challenging, since areas such as digital signal
processing, psychoacoustics and statistics are brought together. The main
aims of this closing chapter, therefore, are to present the general conclusions
inferred from this study, and to propose some ideas for a future expansion of

the project.
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10.2 General Conclusions

The general conclusions that are presented in this section can be split into
two broad categories: The first category includes the conclusions related to
the generation and detection of speech vibrations, while the second includes

conclusions about optimal filtering and its enhancement properties.

As far as the first category is concerned, body-conducted speech has been
shown to be detected efficiently within the circumaural area of a speaker. More
specifically, in the context of a mobile communication system, the usefulness
of the TMJ as a good pick-up point for speech vibrations has been verified.
It was also shown that an important factor which influences the quality of
the detected speech vibration signals is the movement of the lower jaw. The
modelling of our experimental setup has shown that speech, detected by a
microphone at a certain distance from a speaker’s mouth, and an accelerometer
on the TMJ, is influenced by the speaker’s acoustic and anatomical transfer
functions, respectively. These include the various paths from any acoustic or
vibratory speech-generation point to the equivalent transducer, including the
effects from the transducers’ responses. The filtering effect due to the two
paths, which also includes the low-pass filtering due to body-conduction, was
shown to have a main cut-off at about 500-600 Hz for both male and female

speakers, while the roll-off rate was approximately 18-20 dB/oct.

As far as the second category is concerned, optimal filtering has been shown to
be superior to high-pass and band-pass filtering, regarding the improvement
of intelligibility and quality of accelerometric speech. The performance of the
optimal filter is good in the range 100 Hz-1 kHz, where it high-pass filters the
accelerometer signals and reconstructs the harmonics attenuated due to body-
conduction. However, the electronic noise of the accelerometer was found to

be the most dominant factor above 1 kHz, contributing to the reduction of the
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optimal filter’s performance. The causality of the optimal filtering setup has
been verified with a model which showed that the acoustic path delays were
higher than the anatomical path delays. The model also assisted in demon-
strating that the main factor determining the optimal filter’s performance is
the ratio of a speaker’s acoustic to anatomical transfer functions, as defined
above. From that, it was suggested that it is more important to design a filter
based on the anatomical characteristics of a speaker, than on the spectral in-
formation contained in a speech corpus. This was verified experimentally with
the design of a fixed optimal filter across a number of speakers and/or speech
materials. The speaker-specific filter presented, overall, similar intelligibility
but better quality than the corpus-specific filter, as well as greater simplicity

in its practical implementation.

10.3 Suggestions for Further Work

One fruitful way to extend this work would be to use both miniature transducer
signals (microphone and accelerometer) as inputs to an optimal filter. This
would use the theory of multiple input optimal filters as explained in Elliott
(2001). Another idea could involve the use of the miniature microphone at
the ear as the desired signal (since this has been shown to be not so different
in amplitude and spectrum from the reference microphone), and thereafter
the miniature accelerometer signal would be optimised with reference to that.
This would result in a more compact system where the reference microphone,

which has been always present up to now, would not be needed.

The two types of filters proposed above are easily implementable by using
the speech material from the recordings of Chapters 7 and 9. The filters’
performance can also be tested with noisy signals. For this case, real noises

from e.g. a car or a fighter plane cockpit environments could be added in the
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same way as appeared in Figure 7.2. The filters’ performance could then be
assessed subjectively with the DRT and DAM tests as in Chapters 7 and 9.
The above filters are also easily implementable in a real-life communication
system which could consist of a compact, in-ear device incorporating the two

miniature transducers.

It would be useful to consider different ways of attaching the miniature trans-
ducers around the aural area more efficiently, without the dependence of any
kind of medium like the medical tape which was used in our experiments. Fu-
ture work could investigate the design of a commercially applicable product
that would incorporate one (miniature accelerometer) or more transducers in
a single device that could be placed at the aural area in order to detect body-
conducted and/or air-conducted speech. The device could eventually have a

single chip programmed with the enhancement algorithm.

The last idea concerns a new set of experiments that should be devised in
order to understand and quantify the speech vibration transmission paths,
from the generation point to the pick-up location. This could exploit the use
of a number of accelerometers attached to the face of a speaker, in order to

draw a ‘map’ of speech vibration intensities.
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Appendix A

Linear Frequency Scale Plots of
Chapter 8
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A.0.1 Reference Microphone Signals
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Figure A.1: Reference microphone signal spectra for the DRT (top) and DAM (bot-
tom) tests, for male (left) and female (right) speakers. (a) DRT male; (b) DRT
female; (c) DAM male; (d) DAM female. Same data as log-frequency graphs in
Figure 8.1.
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A.0.2 Accelerometer Signals

Quiet Signals
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Figure A.2: Average quiet accelerometer DAM spectra for male (left), and female
(right) speakers. Same data as log-frequency graphs in Figure 8.2.
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Figure A.3: Average noisy accelerometer DAM spectra for male (left), and female
(right) speakers. Same data as log-frequency graphs in Figure 8.3.
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A.0.3 Optimal Filter Responses
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Figure A.4: Average quiet Wop: magnitude and phase responses for the DAM test
for male (a), and female (b) speaker. Same data as log-frequency graphs in Figure

8.4.

Noisy Case

T T T —

10 Qg G AR, el
s ,\' “ ' .,:\.,4 PN u\.‘\v”'" N
g ! ‘ Ak Y A
o i &\, N llﬁ\"ﬁ' "‘gck ,,,.Muww
210 Yo ;, I & X 1
2 f

5 ot &
£ : 1

30 , 1“‘ "

L L L
Too 2000 G000 4000 5000 6000 7000 5000 5000 10000 11000 12000
Frequency [Hz]

1 T T

o :
7100
)
2 ool
£ 400
2
& _s00f-

600 i

L L L L
1000 2000 3000 4000 5000

Frequency (Hz)

(a)

L L L L . L
6000 7000 8000 9000 10000 11000 12000

Magnitude [dB)

S 1 L L L
7000 8000 9000 10000 11000 12000

6000
Frequency [Hz]

Phase [degrees]

Eessd

8 o

T T

6000 7000
Frequency [Hz]

(b)

L ' L L
8000 9000 10000 11000 12000

Figure A.5: Average noisy Wop magnitude and phase responses for the DAM test
for male (a), and female (b) speaker. Same data as log-frequency graphs in Figure

8.6.
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Appendix B

Acoustic and Anatomical Path

Delay Calculations

The delays in G, and G, were calculated approximately, with the kinematics
law:
dist
time = 22 UC (B.1)
speed
Typical values for the speed of sound in different materials, considered in our

calculations, appear in the Table below. Values for the average length of the

vocal tract that we used were 17cm for men, and 15.5cm for women.

air (20°C) | vocal tract (37°C) | human tissue (37°C)
343 359 1540

Table B.1: Speed of sound (m/s) in different materials.

The delay in G, due to the distance between the male speaker’s larynx and

lips is equal to:
0.17Tm

359m/s
The delay in G,.. due to the distance between the male speaker’s lips and the

time = = 0.47ms (B.2)

179



microphone is equal to:

0.6m
time = — " _ 174 .
ime S13mys 74ms (B.3)

where 0.6m is the distance from the speaker’s lips to the microphone (see
Figure 6.19). The group delay of the reference microphone’s amplifier was
calculated from the data-sheets to be approximately 1.4u s. The group delay
of the anti-aliasing filter was calculated from the data-sheets as approximately
69u s. All the above added together give a total delay of about 2.2ms for both

the male and the female speaker.

The delay in Gy, due to the distance between the speaker’s larynx (Adam’s

apple) and TMJ is equal to:

0.1m
1 T me———————— T B_4
time T540m/s 6515 (B.4)

where 0.1m is the approximate distance between the larynx and the TMJ. The
delay of the accelerometer’s amplifier was measured and found equal to 50u
s. The delay of the anti-aliasing filter was equal to 69u s. Those add up to

approximately 0.18ms for both the male and female speaker.
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