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Abstract

The use of personal hearing protection devices (HPDs) is often recommended to protect
workers' hearing from noise-induced damage when no other means of reducing noise levels
at the source is effective. The effects of HPDs on speech communication cannot be neglected
in spite of their benefit in reducing the risk of hearing loss. While much research has been
directed at speech perception, much less is known on how HPDs affect speech production.
The tendency of talkers to raise their vocal effort in noise, known as the Lombard effect, is
often disrupted by HPDs due to their occlusion effect and the lower noise at the ears as well
as the attenuated feedback from one’s own voice.

Three main knowledge gaps are addressed in this thesis. The first gap is to characterize
speech produced by talkers with or without HPDs under realistic acoustic conditions while
immersed in an external noise field. The second gap is to evaluate more comprehensively
speech production under protected and unprotected talker and listener ear conditions in
different types of fluctuating and continous noises. The third gap is to assess the alterations
in the characteristics of speech produced by talkers wearing level-dependent HPDs set at
different transmission gain settings and in comparison with passive HPDs.

This thesis extends methods used to recover Lombard speech elicited in an external
noise field. For this purpose, two noise suppression methods, direct waveform subtraction
(DWS) and adaptive noise cancellation (ANC), were found to adequately remove noise from
speech recorded for SNRs as low as —10 dB. Moreover, this work contributes new
knowledge on the effects of conventional passive HPDs on speech production. When talker
wears HPD in noise then speech level were found to decrease by up to 9 dB in continuous
noises and by 7 dB in fluctuating noises compared to open ears, while speech levels were
found to increase by about 5 dB in all noises when the listener wears HPD. Furthermore,
changes in pitch and spectral levels were consistent with changes in speech levels. The
effects of level-dependent HPD on speech production, depending on the chosen transmission
gain setting, revealed that it led to smaller decrease in talkers’ speech levels in noise
compared to conventional passive HPD. These findings indicate that the level-dependent
HPDs may impede communication less than conventional passive HPDs, while providing

protection against high levels of noise.
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Chapter 1

Introduction

1.1 Statement of problem and motivation

Exposure to high level occupational noises is one of the risk factors which jeopardizes well-
being and safety of workers in many industrial and military workplaces. In the United States
(US), it has been found that around 22 million workers are exposed to daily hazardous
occupational noise levels [1]. According to the statistics revealed by the European Union
(EU), about 30 % of the workers are exposed to loud noise at least one-fourth of their work
time [2, 3]. Several studies conducted in 12 countries in South America, Africa, and Asia
also reported that there are high occupational noise levels in many industrial and non-
industrial workplaces [2].

It has been found that there is an interaction between the noise exposure and the

symptoms of psychological distress, fatigue, and physical problems (e.g. cardiac



malfunction, high blood pressure) in many workers [4]. Moreover, the occupational noise
has adverse effects upon concentration on tasks, job performance, and job satisfaction [4].
High noise level also endangers workers and public safety since it impairs the ability of
workers to communicate, to detect important and warning signals, and to localize the sounds
[5, 6].

Apart from all these effects on health outcomes and auditory function, noise-induced
hearing loss (NIHL) is one of the most serious effects arising from exposure to high noise
level [2]. In addition to temporary hearing loss, workplace noise can cause permanent
hearing loss in the workers. It has been reported that worldwide, 16—24% of hearing
impairment is caused by occupational noise [1]. In the US, the Bureau of Labor Statistics
revealed that NIHL is one of the most common occupational diseases [5], and accounted for
nearly 11% of all occupation-related illnesses in 2004 and 2005 [1, 2, 5]. Recent statistics
obtained by Veterans Affairs Canada confirms the high prevalence of NIHL among retired
military personnel [7]. The resulting NIHL could exacerbate speech understanding
difficulties when communicating in noise or challenging work environments [5].

The most effective solution to prevent NIHL is to eliminate the noise hazards [1, 6].
Although control technologies consisting of engineering and administrative strategies are
most desirable to reduce the noise hazards and exposure [8], they may not be practical and
possible to implement in many situations [1, 6]. As an example, it is not often economically
or technically possible to discontinue the use of a noisy machine, to modify the working
process to reduce noise, to isolate the source of noise from workers by using distance or
barriers, or to limit the exposure duration in many industrial or military workplaces. Under
these circumstances, the only possible approach to protect the workers from the noise-

induced damage is to use personal hearing protection devices (HPD) [9, 10]. Several national
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and international standards [11-14] specify the procedures for proper testing, selection, fit
and use of hearing protectors.

In spite of providing protection against noise hazards, hearing protectors have inevitable
effects not only on the auditory perception of speech and other desirable sounds but also on
the way speech is produced. It has been found that wearing conventional hearing protectors
makes communication more difficult [15] and impairs the perception of workplace sounds
and warning signals [16-19]. Level-dependent hearing protection devices are able to enhance
situational awareness (e.g. warning signal perception, sound localization, speech
communication, detection of distant events) while providing effective protection against loud
noise [20, 21]. In contrast to the fixed attenuation of conventional protectors, they have a
variable transmission gain which depends on the surrounding noise level. As such, they
provide attenuation at high noise levels while they amplify speech and other surrounding
sounds in lower levels of noise [20-23]. This is achieved by gain compression circuitry
which allows maintaining communications in soft noises while protecting hearing against
loud noises [23]. Thus, they can provide new opportunities for workers at risk of noise-
induced hearing loss [23, 24]. However, they may have inevitable impacts on speech
production resulting from their effects on the user's perception of auditory feedback and
surrounding noise,

There is a gap in knowledge regarding the effects of wearing level-dependent hearing
protection devices, as well as conventional protectors, on the acoustical characteristics of
speech produced by users in noisy environments. The available research has focussed on the
effects of conventional passive protectors [15-18, 25-34] and active level-dependent hearing
protection devices [17, 18, 24, 31, 33-38] on speech perception, speech recognition, and

sound localization. In contrast, there have been few studies about the impact of passive
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protectors on the users' vocal output [15, 27, 39-41]. Other limitation of most available
studies on speech production is related to the delivery of noise directly to the ears through
headphones. This technique makes it difficult to evaluate the real impact of hearing
protectors on speech production, especially with earmuffs, and to measure speech output in

an actual external noise field.

1.2 Research objectives

The overall goal of this doctoral thesis is to evaluate the effects of wearing passive level-
independent and active level-dependent hearing protection devices on speech production in
different noise conditions. For this purpose, three main knowledge gaps are addressed in the
context of speech communication in noise. The first one relates to the characterization of
speech produced by talkers while immersed in an external noise field under different
occluded and unoccluded ear conditions. An appropriate speech enhancement method
providing significant noise reduction while introducing little distortion to the speech signal is
needed in order to extract the Lombard speech from the vocal output recorded in the noise
field. Secondly, this work aims to evaluate more comprehensively the characteristics of
speech produced in different noise conditions, and so the speech produced by talkers under
protected and unprotected ear conditions is investigated in different types of fluctuating and
steady-state noise. Thirdly, this work aims to assess the alterations in the characteristics of
Lombard speech arising from active level-dependent hearing protectors at different gain

settings and in comparison with passive protection.



This thesis aims to extend our understanding of speech production in noise and the
effects of using hearing protection devices on speech communication. It also contributes key
data towards the development of comprehensive tools or quantitative models to assess the
impact of different types of noise, the hearing status of talkers, and hearing protection

devices on face-to-face speech communication in real noisy environments.

1.3 Methodology and approach

In order to achieve the above-mentioned objectives, a study involving the technical
development of measurement procedures as well as experiments with real subjects was

conducted:

e Development and evaluation of measurement procedures for recording speech output
in noise from talkers using hearing protectors: Several noise suppression techniques
were implemented and evaluated for our purpose of recovering the clean speech in an
external noise field with a minimum degree of distortion. A battery of tests and in-
laboratory noise measurements were carried out to select the enhancement methods
that provide the biggest size of noise reduction over a wide range of SNRs, from a set
of available methods.

e Pilot laboratory measurements using an acoustic manikin and a real participant:
These data served to evaluate the effects of talkers' body movements on the size of
noise reduction by the selected enhancement methods, and to assess the performance

of those methods in recovering the Lombard speech in the external noise field.



e In-laboratory speech measurements with multiple talker participants wearing passive
protection: The goal was to evaluate the effects of a passive hearing protector
(earmuff), while worn by the talker and/or an acoustic manikin serving as the
listener, and the effects of the spectral and temporal characteristics of the background
noise on the talkers' speech features. In order to assess the impacts of wearing
hearing protector by each side of the communication pair, four different protected
and unprotected conditions for the pair of talker and listener were also tested in the
experiment.

¢ In-laboratory speech measurements were carried out with multiple talker participants
with level-dependent protection: The goal was to evaluate the impact of different
gain settings and attenuation of an active level-dependent hearing protection device
on the speech produced by the talkers. Two fluctuating and steady-state noises were
used to reveal the alterations in the speech produced by protected and/or unprotected

talkers in response to the changes in the characteristics of background noises.

1.4 Thesis outline and contributions

The remainder of this thesis is organized as follows:

Chapter 2 provides an overview of speech production in noise by explaining different
perspectives proposed by theories of speech. The mechanism responsible for the production
of the Lombard effect is explained followed by a review of the literature to address the

effects of noise type, noise level, occlusion effect and wearing hearing protectors, on the



Lombard speech. Finally, the practical use of the Lombard effect in different fields is briefly
discussed.

Chapter 3 begins with an explanation about the necessity of eliciting the Lombard effect
in an external noise field and subsequently the need to use speech enhancement methods to
recover the clean speech from the noisy voice recorded in the noise field. The size of noise
reduced by several speech enhancement methods is evaluated through experimental tests.
The last part of this chapter is an article published in the Proceedings of Meetings on
Acoustics (170th Meeting of the Acoustical Society of America), and entitled “A comparison

of speech enhancement methods to extract Lombard speech in an external noise field”.

Chapter 4, the second article of this thesis submitted to International Journal of Speech
Technology, investigates the performance of the two selected noise suppression methods,
direct waveform subtraction and adaptive noise cancellation, for Lombard speech extraction
in a more realistic experimental condition where a real participant's body movements is used
to simulate dynamic sound field disturbances rather than static displacements of an acoustic
manikin. Moreover, the effects of acquisition configuration (microphone types, distances

from the mouth) and noise type on the size of noise reduction will be evaluated.

Chapter 5 is the third article of this thesis prepared for a peer reviewed journal. This
study evaluates the effect of a conventional passive hearing protector (earmuff-type) on the
level, pitch and the spectral distribution of speech produced in quiet and in different types of
continuous and fluctuating noises presented at different levels in an external sound field.
Different ear conditions are investigated for talker and listener in terms of hearing protection
use through conducting an experiment by 24 participants as talker and an acoustic manikin as

a target listener.



Chapter 6 as the fourth article of this thesis for an upcoming submission in a peer
reviewed journal contributes new knowledge of the effects of a level-dependent hearing
protection device (HPD) on the talkers' speech produced in two noise types (continuous and
fluctuating) at three different noise levels in an external sound field. Moreover, different
operation modes of the HPD will be compared to the passive mode, representing a passive
hearing protector, through an experiment carried out by 24 participants in a noise simulation
room. An article entitled as "The effect of wearing conventional and level-dependent hearing
protectors on speech production in noise and quiet” was presented in 42th National Hearing

Conservation Association Conference (NHCA).

Finally, Chapter 7 provides a summary of the research findings, contributions,

limitations and potential avenues for future work.



Chapter 2

Review of the Literature

2.1  Anoverview of speech production by different theories

Speech is a major means people use for communication in everyday life [42, 43]. It is an
acoustic signal that transmits a linguistic message from the speaker to the listener through
the vocal-auditory channel [44]. Speech production is a complicated process which results
from the coordination of movements within the individual subsystems of a complex system.
The complex system includes respiratory, laryngeal and supralaryngeal subsystems [42, 45].

Different theories have been proposed about the overall nature of speech production
[42]. Stage theory hypothesizes that there is a serial level of control to produce speech. In
contrast, action or dynamic system theory claims that the speech motors act based on the
specific task to be performed. This means that only necessary and related motors respond in

order to fulfill a given task. The speech motors are controlled in groups or in synergy to



accomplish a task. Therefore, the control system does not need to prepare and send
individual command for each muscle during speech production. Another important
characteristic of action theory is the possibility of choosing different coordinative structures
for a particular task [42]. The speech controller makes it possible for the speech production
system to select different coordinative structure or synergy of muscles to accomplish a
specific task based on the biological and environmental situations. In addition to the
flexibility in choosing the coordinative structure, the speech production system can also
regulate the magnitude of motor responses relative to speaking condition [42, 46]. Therefore,
articulatory movements can be modified in response to the changes of speaking rate and
stress level. This addresses the fact that a certain sound of speech is produced differently
based on the context and speaking condition [42, 46].

In contrast to the two above-mentioned theories (e.g. stage and action theories) focusing
on how the speech motor system is controlled during speech production, the Hyper and
Hypo (H&H) theory is concerned with the linguistic and communicative functions of speech
[42, 43, 46]. This theory is based on intra-speaker variations in speech production.
According to the theory, two distinct concepts, hyperspeech & hypospeech (H&H), describe
how the speech production system regulates the behaviour of related speech motors. The
concept of "hyperspeech” is attributed to the plasticity and output-oriented control of
articulatory movements. In contrast, "hypospeech” is defined as economy and system-
oriented control of speech motor [43, 46]. Hypospeech demonstrates that the speech motor
usually tends to an economical physiological effort [43, 46]. It implies that the control
system regulates the speech articulators such that they can move as easily as possible with
minimum cost of energy. Thus, the emphasis of hypospeech is on the reduction of energy

costs for articulatory movements rather than on the intelligibility and quality of speech [42,
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43]. However, there are particular demands for intelligible speech in some challenging
communicative settings. Under these circumstances, the output-oriented nature of motor
control (hyperspeech) triggers the movements of speech articulators in an effort toward the
production of intelligible and high quality output [43, 46]. Thus, according to the Hyper and
Hypo (H&H) theory, the communicative needs of the speaker control the production of
speech. Speakers are able to control speech production and to adapt their speaking style to
different situations through a continuum of hypospeech to hyperspeech or vice versa [42,
46]. The intelligibility of speech can also be modified by the speaker relative to the needs of
communicative environment. In an unconstrained usual communicative setting, the default
behaviour of motors to produce speech tends to a low-cost form. However, when constraints
are imposed by physiological, cognitive, social, and communicative factors, the
compensatory feedback is sent to speech motor to modify their movements in favor of

intelligible speech [43, 46].

2.2 Speech communication in noise

Speech communication is affected by many factors including age, gender, vocal effort,
language proficiency, cognitive skills, hearing loss and/or speech impediments, acoustic
transmission properties such as talker-listener distance and orientation, reverberation, noise,
availability of nonacoustic cues, and the wearing of devices like headphones, hearing aids,
and hearing protectors (See Figure 2.1) [47]. By changing the way speech is produced,
transmitted and/or received, each factor can affect the intelligibility and quality of spoken

speech, and hence speech perception/recognition.
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Figure 2.1: Different Factors affecting speech communication between a talker and a

listener (adapted from [47] with permission).

Among many different factors, noise affects all dimensions of speech communication
between a talker and a listener, including speech production, speech perception and the
acoustical transmission properties (Figure 2.1). In real life, there are many sources of
environmental noises including the speech of other talkers nearby and the sound of
machinery which hinder speech communication. The interference of environmental noises
with speech communication and auditory perception can cause negative consequences. In
manufacturing settings, for example, machinery noise interferes with workers'
communication, warning sound perception and the recognition of other important acoustic
cues such as audible equipment defects. These interferences not only influence auditory
performance and work efficiency, but they also endanger workers and public safety [5, 6, 7].
In addition to the destructive impact of noise on optimal communication, long-term exposure
to high levels of noise is one of the most important causes of permanent or temporary

hearing loss in workers [6, 8, 48].
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By masking the acoustic and linguistic cues available in spoken message, the
background noises reduce the intelligibility of speech for target listeners [16, 49]. From a
listener’s perspective, the masking effect of background noise increases the effective
threshold of audibility. The level of a target speech must be elevated to be identified easily in
noise since the auditory system needs a neural discharge rate higher than the spontaneous
discharge rate to detect that desirable sound. The higher level of the target speech increases
the listening speech-to-noise ratio (SNR), often defined as the decibel difference between the
speech level and the noise level [50]. As the level of background noise increases, the

desirable signal level must also be increased in order to be detected and/or recognized.

2.3  The Lombard effect

Talkers are able to modify the articulatory movements and the acoustic, phonetic, and
linguistic content of their speech in order to adapt to the surrounding acoustic environment
[51]. The communicative needs of a speaker with respect to target listener are important
factors controlling speech articulatory movements. In noisy environments, speech motors
drive the movements of speech articulators to produce high-intelligible speech and high-
quality vocal output [52, 53]. Intelligibility is often measured as the percentage of words
which listeners can understand and identify correctly, while quality is related to the
naturalness, clarity and pleasantness of speech [54, 55].

To compensate for the unfavorable effect of background noise, talkers involuntary
increase their vocal effort to enhance the audibility of their own voice for the listeners. This

phenomenon, referred to as the Lombard effect, was first described by the French
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otolaryngologist Etienne Lombard in 1911 [56, 57]. Lombard found a direct relationship
between the level of background noise and the level of vocal output: the higher the noise
level, the greater vocal intensity [56].

There have been arguments among researchers on how to interpret the cause of the
Lombard effect. Some authors believe that the Lombard effect is a physiological reflex,
implying that speaker is not aware of raising the voice level in presence of noise. Indeed, it is
claimed that the mechanism responsible for the production of Lombard effect is the auditory
feedback channel masked by the ambient noise [58]. However, it seems that this assumption
is not sufficient to describe the phenomenon. Another assumption is that this effect is driven
by the speaker's tendency to overcome the damping effect of noise on speech intelligibility
[58]. Thus, the speakers attempting to enhance the audibility of their own voice for the
audience by raising the voice level are not completely unaware of the production of the
Lombard effect. The importance of the communication aspect in the Lombard phenomenon
was supported by stating that the speakers do not change their voice level to communicate
better with themselves, but rather with others [59]. It has been observed that speakers have
stronger vocal changes in a communicative interaction compared to when they are just
reading or speaking in a non-communicative setting [60]. On the other hand, ignoring the
Lombard effect as a communicative phenomenon would support the assumption that this
effect is only a physiological reflex [61, 62]. In an effort to integrate the different aspects of
this phenomenon, it has been hypothesized that the changes of vocal effort in noisy
environments, the Lombard effect, is driven by both reflexive and communicative
mechanisms [60, 63-65].

Typically, a noise level below 45 dB SPL does not have a significant effect on the level

of vocal output. Indeed, the Lombard effect as a mechanism to overcome the destructive
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effects of noise typically appears for noise levels over 45-55 dB SPL [66-68]. In response to
the increase of noise level, the level of vocal output is raised until about 100 dB SPL, the
maximum human vocal effort [69].

The increase of speech level as a function of ambient noise level, referred to as the
Lombard slope, has been investigated to be in the range of 0.2 to 1 dB/dB [66, 67, 70]. For
example, Korn (1954) reported a Lombard slope of 0.38 dB/dB, meaning a 0.38 dB increase
in speech level for every 1 dB increase in the noise level, where 50 speakers read sentences
and engaged in conversation [71]. Pickett (1958) reported a Lombard slope of about 0.3
dB/dB in the free-field acoustical condition of an anechoic chamber [72]. Webster and
Clumpp (1962) found a Lombard slope of 0.5 dB/dB under conditions of pairs of subjects
communicating under various levels of ambient noise [73]. Kryter (1946) found a Lombard
slope of 0.33 when the speakers read word lists in noise levels reaching as high as 105 dB
SPL [25]. In 2004, Dodd and Whitlock measured the Lombard effect in different masking
noises for 18 children reading a book in an anechoic chamber. They showed that for voice
level above 53.4 dB, there is a linear relationship between voice level and noise level with
the slope of 0.22 dB/dB [74]. In 2004, Sato and Bradley found a slope of 0.82 dB/dB for 28
noisy classrooms [75]. A Lombard slope of 0.69 dB/dB was estimated in an experiment

conducted in 10 eating establishments [66].

2.3.1 The characteristics of Lombard speech

From a physiological perspective, the speech produced in noise, called here the Lombard

speech, is observed as a hyper-articulation which is reflected by an amplification of the
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articulatory movements [76], such as higher amplitude of mouth and jaw, and rigid head
movements. The respiratory system and laryngeal mechanism have important contribution to
increased vocal intensity [42]. Talkers change their breathing pattern resulting in higher
volume and pressure in lung to raise vocal intensity. The stiffness of vocal folds and the
glottal shape change when speaking louder, which affect the glottal airflow waveform [76].
All these physiological factors contribute to the increased vocal effort when producing
Lombard speech [77, 78].

In addition to the main feature of Lombard speech of an increased vocal output or
speech level [78, 79, 80] in noise, many investigations have been carried out to study the
complete range of acoustic-phonetic changes associated with Lombard speech produced by
normal-hearing talkers. Compared to normal speech, the acoustic-phonetic characteristics of
Lombard speech typically include an increase in the fundamental frequency or pitch [63, 81-
83, 77-79], a decrease in speaking rate [78], an increase in the relative duration of vowels
with respect to consonants [63, 79, 80, 83], a slight decrease in duration of consonants [63],
an increase in duration of words [63, 81], a reduction in the percentage of silence in speech
[84], an increase in sentence duration [85], a shift of energy from low frequency bands to
middle or high frequency bands [79, 80], flattening of the spectral tilt for vowels and semi-
vowels [84], an increase in the first [79] and second formant frequencies [63, 64], a
reduction in the bandwidth of the first four formants for most phonemes [63, 81], an increase
in formant amplitude especially for sonorants [86]. These acoustic-phonetic effects for
Lombard speech are listed in Table 2.1. All the articulatory and acoustic-phonetic changes
make the Lombard speech to be more intelligible than the conversational speech produced in

quiet [79, 87, 88].
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Table 2.1: The variations of acoustic-phonetic characteristics of speech in noise

Parameter Effect
Vocal intensity (vocal output Level) increase
Fundamental frequency or Pitch (Fo) increase
Speaking rate decrease

Vowels: increase
Consonants: decrease

Duration Words: increase
Sentences: increase
The percentage of silence in speech decrease
Spectral center of gravity upward shift
Spectral tilt flattening for vowels and semi-vowels
Formant frequencies increase in first and second formants

decrease for most of the vowels, glides,

Bandwidth of first four Formants S
liquids, and nasal

Amplitudes of Formants increase

Quantitative data on the acoustic-phonetic changes are available from several studies;
however, research methods vary widely so that direct comparisons are difficult. Junqua and
Anglade (1990) found that the energy of vowels produced in white noise of 85 dB SPL
decreased by 17-37 % in the frequency range of 0-500 Hz, while the energy in the
frequency range of 4-5 kHz increased for the female speakers. The first formant for vowels,
glides, liquids, and nasals increased by 42—113 Hz, and pitch or fundamental frequency (Fo)
increased by 82—-106 Hz for male speakers [83]. Garnier et al. (2006) investigated the

alteration of several acoustic-phonetic features of speech in two white and cocktail party
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noises [77]. For white noise, word duration, vocal output level and the fundamental
frequency Fo increased by 11%, 12.9 dB and 55.5 Hz respectively, while for cocktail party
noise they increased by 8.2%, 8.6 dB and 65 Hz. Moreover, the increase of spectral energy
in the frequency ranges of 1500-3500 Hz and 3500—-5500 Hz in white noise was 23 dB and
27 dB, respectively. In cocktail party noise, the increase was 19 dB in both above-mentioned
frequency ranges.

Davis et al. (2006) observed an average increase of 11 dB in vocal output level and a
higher mean Fo for all participants in babble and white noises at 80 dB SPL relative to a
quiet condition [78]. They also measured the articulatory movements and submitted their
data to a Principle Component (PC) analysis to uncover the primary articulatory changes
associated with the Lombard effect. The main changes of articulatory movements were
reported by the first 6 PCs including PC1: jaw motion (mouth opening), PC2: mouth
opening and eyebrow raising, PC3: head translation toward the hearer, PC4: lip protrusion,
PC5: mouth opening and eyebrow closure and PCG6: rotation. As expected, there was a
significant increase in the amplitude of articulatory movements, except for PC3, in noise
compared to a quiet condition.

In an experimental study [64], four different communicative conditions including
"neither person in noise”, "both listener and speaker in noise", "speaker in noise” and
"listener in noise" were studied with white noise, if present, presented to subjects at 70 dB
SPL. In the "both listener and speaker in noise" condition, the mean vocal level was 7.4 dB
higher than that in the "neither person in noise™ condition. In the "speaker in noise" and
"listener in noise" conditions, the vocal levels were 6.3 dB and 2.2 dB higher compared to
the "neither person in noise" condition, respectively. Although the increase in the vocal level

by 2.2 dB in the "listener in noise" condition was small, this supports the Lane and Tranel's
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(1971) [70] interpretation of the Lombard effect as a communicative phenomenon. In this
case, the speaker not situated in noise shows the Lombard effect only by considering the
noisy situation of the target listener. The duration of words in the "both listener and speaker
in noise", "speaker in noise" and "listener in noise™ conditions were 20—30 ms longer than

that in "neither person in noise" condition.

2.3.2 The application of Lombard effect in different fields

The Lombard effect has been proposed as a phenomenon that could be integrated in some
hearing tests such as for the diagnosis of hearing loss and also for studying the function of
audio-vocal channel during speech production [62]. Clinically important, the Lombard effect
is used to study speech production, voice disorders and can serve as a treatment method for
patients suffering from certain vocal malfunctions [62]. As an example, the evidence
indicates that rehabilitation training sessions focusing on the Lombard effect can be
beneficial for people with alaryngeal speech, stuttering and Parkinson [39, 61, 89]. It has
been shown that the masking effect of noise on speech production can be used as a
therapeutic strategy to induce esophageal subjects to raise their voice intensity through the
Lombard effect [56]. Likewise, it has been observed that the frequency of stuttering in noisy
background is reduced so that interventions based on the Lombard effect could be beneficial
for this population to improve fluency [39]. In return, promoting the Lombard effect as
therapeutic intervention in the speech clinic could induce hyperfunctional voice disorders so
that prior evaluation of the integrity of vocal structures supporting Lombard speech is

warranted.
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Beyond applications in the medical fields, Lombard speech has also been utilized in the
area of telecommunication [62]. Based upon models of the Lombard effect, a speech
synthesis system has been proposed to transform natural speech into noise-free Lombard
speech [88]. This artificially-generated Lombard speech can then be transmitted over
telecommunication channels (i.e. telephone) rather than the original normal speech from the
talker. Given that the Lombard speech is more intelligible than normal speech in noise, the
system produces more intelligible output over noisy telecommunication channels [90].
Generally speaking, the approaches of enhancing intelligibility based on the Lombard effect
would be applicable to many other communication systems such as cell phone, public
address system and automatic speech and speaker recognition [91, 92, 93].

Moreover, the size of the Lombard effect can be employed to set the maximum level of
noise and to enhance speech intelligibility in architectural acoustic design [62]. By
predicting speech intelligibility, models of the Lombard effect can help architects control the
effects of reverberation, competing noise and other adverse factors in order to optimize
speech communication in public spaces such as eating establishments, dining spaces, and
classrooms [66, 74]. This is possible because reverberation time, the interior room materials,
the arrangement of furniture, and the location of noise source relative to that of target sound
affect the background sound level and hence vocal output and speech intelligibility [94].
More specifically, a novel model based on the Lombard effect was proposed which is able to
predict speech and noise levels as well as speech intelligibility in eating establishments as a
function of the number of customers [66]. Likewise, a model of teacher's vocal output was
provided which estimates the level of speech at 1 metre in noisy free field based on the level
of noise in classroom and a Lombard constant to accommodate a range of Lombard slopes

[66].
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Finally, it has been investigated that the size of changes in FO and speech level in the
presence of noise could be used to estimate the talkers' intended communication distance.
The changes in speech production arising from the occlusion of ears by the hearing
protectors could also be measures when the level of background noise and the residual noise
in the ears are known. Thus, it is hypothesized that a model of speech production in noise as
a function of talker-to-listener distance and background noise level can be provided for
different occluded ear conditions. Such a model could be used to enhance the
communicative experience and interactions among multiple users of wireless communication
headsets in some environments, whereby only the intended listeners would receive the

message on the basis of the intended communication distance by the talker [41].

2.4  Current topics in speech production in noise

2.4.1 Interaction between the temporal characteristics of noise

and speech production

The masking effect of noises, apart from the level, also varies depending on other
characteristics, for instance, amplitude modulations or fluctuations, the energy distribution
over the frequency spectrum, and the existence of any linguistic information [95]. Thus, the
size of noise-induced changes in auditory perception and speech production is affected by
the type and characteristics of the background noise [66, 96—98].

Noises can be steady-state or fluctuating in time. As an example, time-varying maskers

include speech of competing talkers as well as noise modulated by a sinusoidal or square
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wave or by the broadband temporal envelope from single or multiple talkers [99]. Most real
noises we encounter in everyday life are often fluctuating [97].

The listeners have better understanding of speech spoken in fluctuating masker
compared to that spoken in steady-state noise [97—101]. A speech reception threshold (SRT)
improvement of 10—14 dB was reported for listeners exposed to intermittent noise (16 Hz
square-modulated noise) compared to stationary noise [97]. In time-varying real noises,
speech intelligibility depends on the ability to take advantages of brief "acoustic glimpses"
of speech in dips, where the target speech is relatively unmasked due to momentary decrease
of fluctuating noise level [97, 99, 102, 103]. This phenomenon is referred to as dip listening
or temporal masking release. Dip listening has little importance in steady background noise
due to absence of any dips with sufficient duration and amplitude, as a result of which
intelligibility highly depends on the higher-level portions of speech [104].

In fluctuating noises, the Lombard effect is hypothesized to be reduced due to less
effective masking of these noises [64, 101]. Among the few studies focusing on the talker's
end, Cooke and Lu [85] evaluated the effect of N-speaker babble noises on speech
production for different values of N ranging from N=1 (single speaker) to N=owo (speech-
shaped noise). It is worth mentioning that as the number of speakers (N) decreases the
temporal fluctuations in the babble noise get more pronounced. They measured the noise-
induced changes of the acoustic parameters of the produced speech including sentence
duration, energy, fundamental frequency, spectral center of gravity, formant frequencies,
formant bandwidths, spectral tilt, sentence start time, number and duration of short pauses,
and voiced-to-unvoiced (V/UV) energy ratio at the utterance and phoneme levels in the

different maskers.
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At the utterance level, most parameters showed significant changes in different noise
masker conditions compared to a quiet baseline condition [85]. Across the different maskers,
energy increased by 3 to 9 dB and mean Fo rose by 0.6 to 2.5 semitones. Spectral center of
gravity had an increase of 20%—38% from the quiet baseline of 870 Hz. The mean sentence
duration increased by 2.4%—7.6% relative to the mean duration of 1.64 s found in quiet.
Moreover, the pause before speaking which represents the tendency of talkers to avoid
overlapping with background masker was raised by 6%—18% from a baseline of 0.55s in the
quiet condition. The V/UV energy ratio increased by 2.4 dB from the value of 8.6 dB found
in quiet. There was an increase in the duration for most types of speech sounds. The spectral
center of gravity also rose by more than 25% for all speech sounds. It was observed that F:
frequency had an increase by up to 100 Hz for each vowel. Increases in F, and F3 energy for
vowels were also obtained in the noise maskers compared to the quiet baseline. Moreover, F1
bandwidth increased while F> and F3 bandwidths decreased for all the vowels in the noise
maskers. They observed that the noise-induced changes of speech parameters relative to the
quiet condition increased with the number of talkers in the babble noise. As an example, the
modifications of energy, mean Fo and spectral center of gravity, and the increases in F2 and
Fs energy were greater for speech-shaped noise compared to competing talker noise. Thus,
the results confirm that the effect of fluctuating noise on speech production is smaller than
the effect of stationary noise (speech-shaped noise, N=c0), when presented at the same
overall level.

MacDonald and Raufer [101] studied the variation and adaptation of speech production
(Lombard effect) in response to an amplitude-modulated noise with different modulation
rates, delivered at two presentation levels of 60 and 80 dB SPL. The talkers were asked to

read a list of 50 fixed grammar five-word sentences and also to speak clearly to the operator.
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The level and Fo of Lombard speech produced in the modulated (i.e. fluctuating) noise were
compared with those related to speech produced in quiet and unmodulated (i.e. continuous)
background noise. The average speech level and Fo increased in noises of 60 and 80 dB SPL,
either modulated or unmodulated, compared to the quiet condition. This is consistent with
the results of other studies regarding the Lombard effect [77, 78, 81, 83]. The increases were
smaller in the lower noise level relative to the higher one. Moreover, little changes were
observed between the 60 dB SPL modulated and unmodulated noises, while the increases in
speech level and Fo were larger for the 80 dB SPL unmodulated noise compared to that for
the 80 dB SPL modulated noise. The latter was consistent with Lu and Cook’s findings [85].
This implies that less vocal effort is required to maintain intelligibility in the fluctuating
noise relative to that in stationary noise. In addition, based upon the results of energy
distribution of speech over time, the talkers reduced the overlap between their utterances and
amplitude-modulated noise (with modulation rates of 2 and 4 Hz) by approximately 2% in
order to enhance the intelligibility of their vocal output.

In most studies, the acoustical characteristics of speech have been measured where
subjects are exposed to steady-state (speech-shaped) noise [64, 77, 78, 83, 91, 105-108]
while many natural noises interfering with speech communication in daily life are often
temporally fluctuating [97, 109-112]. Thus, the effect of different time-varying masking
noises on speech production and perception needs to be evaluated to better recognize the
effect of everyday real noises on speech communication. In particular, at the talker's end,
few investigations have studied the variations of acoustic-phonetic characteristics of speech

in fluctuating noise [85, 101].
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2.4.2  Effects of wearing hearing protection devices on speech

production

2.4.2.1 Interaction between Lombard and occlusion effect

Use of hearing protectors are advised to prevent noise-induced damage when no other means
of reducing noise levels at the source is effective [27, 40, 113]. By blocking the ear canal,
hearing protectors can attenuate the level of sound to a more comfortable lower level.
However, it has been reported that one important factor hindering workers from consistent
use of such protectors is their interference with speech communication and sound perception
[27, 29, 32, 33, 37]. The disturbing effect of wearing protectors is not only on speech
reception but also modifies the way speech is produced [22, 25, 113, 114]. They interfere
with perception and production of speech by affecting the users' auditory feedback of their
own voice and the level of surrounding noise heard [22, 25, 39, 114]. Monitoring one's own
speech output (auditory feedback) has great importance in adjusting the articulatory
movements and in regulating the vocal effort relative to the surrounding acoustical
condition, which contribute to maintain speech intelligible for the listeners [40, 41].

Wearing of hearing protectors increases the users' perception of their own voice relative
to the auditory feedback received in the open-ear condition. This phenomenon is called as
the occlusion effect [115]. Auditory feedback is received through two hearing pathways, air
and bone conduction, so that the occlusion effect produced by hearing protectors can affect
the balance between these two pathways [41, 116]. Occlusion of the ear canal by an insertion
tip or a cap of a hearing protector blocks air conduction through the ear canal while

amplifying the bone-conducted vibrations of talker's own voice [115, 117]. Low-frequency
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vibratory displacements of the canal walls, concha, or pinna, develop significantly greater
pressure at the eardrum in the occluded condition compared to that in open ear condition.
The occlusion effect reaches a maximum at low frequencies and reduces with increasing
frequency [115]. Thus, the blockage of the ear canal by the protectors causes the talkers to
perceive their own voice through bone conduction as boomy and louder in low frequencies
[117, 118]. The acoustic reflex (an involuntary contraction of the middle ear stapedial
muscles triggered by high-intensity sound stimulus and the talker's vocalization) may also be
affected by hearing protectors and further disrupt the self-monitoring of one's own speech. In
practice, users of hearing protectors may show a reduction in their Lombard effect because
of the increase in their perception of auditory feedback and the decrease in their perception
of surrounding noise [39]. The reduction in the vocal output may lead to deterioration in

speech intelligibility for nearby listeners [27, 39].

2.4.2.2 Passive hearing protectors

Attenuating speech and noise equally, the conventional passive hearing protectors (i.e.
earplugs or earmuffs) commonly used in many occupational settings may impede optimal
aural communication of workers and users' awareness of the surrounding acoustic
environment [22, 24, 31, 32, 37, 49, 119]. The interference of protectors' fixed attenuation
with the hearing acuity can be more challenging for workers immersed in fluctuating noise
condition and for who have pre-existing hearing loss [31, 40].

There have been many studies investigating the effect of wearing conventional hearing
protectors mostly on speech and auditory perception but only a few on speech production

[15, 18, 25, 27, 28, 29, 32, 33, 34, 37, 40, 41, 117]. The effect of protectors on speech
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communication depends on the level of noise in which they are worn [25, 27, 40]. Kryter
(1946) indicated that intelligibility is increased when earplugs are worn at the high noise
level (>80 dBA), while in lower level of noise the use of earplugs decreases speech
intelligibility [25]. It has been found that wearing protectors causes no degradation on the
ability of normal-hearing listeners to understand speech in noise levels above 85—-90 dBA
[25, 27, 40]. It has been observed that there is a benefit of about 10% in speech
discrimination in the extreme noise level for this population [28], even though there is an
equal amount of attenuation for both speech and noise which keeps the signal-to-noise ratio
constant. The benefit appears related to a release from perceptual overload (i.e. auditory
filter broadening) when wearing hearing protectors at higher presentation levels [16]. At the
low level of noise (<70 dBA), the protectors reduce the speech intelligibility most likely
because of the attenuation of the lower level of speech to a level insufficient for recognition.
Talkers wearing the earmuffs and the earplugs lowered their vocal level by 2.7 dB and
4.2 dB, respectively. The intelligibility scores were reduced by 37% to 31% for the listeners
[27]. In the situation where both the talkers and listeners wear protectors, the speech
intelligibility is reduced because the damping effect on the talkers' vocal level exceeds the
benefit of protectors for the listeners [27]. Hormann et al. (1984) investigated the effect of
wearing ear protectors (earplugs) by both speaker and listener on verbal communication and
the extent of speech intelligibility [15]. They showed that subjects speak an average of 4 dB
lower in protected condition. Subjects with ear protectors speak the words approximately 20
percent faster than those with no protectors. Approximately 25 percent shorter pauses are
made when wearing the earplugs. There are a 40 percent reduction in the understanding of
speech and a considerable delay in the exchange of information in the condition of both

talker and listener with protectors. The highest speech intelligibility score is related to the
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situation where both talkers and listeners are with open eras, while the lowest score is
obtained when the protector is worn by both of them [15]. Tufts and Frank (2003) observed
that the overall speech level for open-ear talkers increased by 5 to 13 dB in response to raise
in the background noise level from 60 to 100 dB SPL [40]. When talkers wore the earplugs
and the earmuffs, there was a drop in the size of overall speech level and the SNRs by 4 to
11 dB relative to the unprotected group. The use of hearing protectors reduces the spectral
center of gravity (SCoG: "center of mass" of the spectrum) of speech by 147 to 327 Hz,
indicating that the energy of Lombard speech shifted to lower frequencies than in the
unprotected condition. Furthermore, the estimation of speech intelligibility index (SII) under
conditions where talkers wore earplugs or not showed that the speech information available
for listeners decreased in the former condition relative to the latter, particularly in moderate
to high level of background noise [40]. Brungart et al. (2012) showed that the speech level of
talkers wearing earplugs reduced by 5.8 dB to 10.1 dB depending on the inserted side of
plugs into the ear [117]. The use of earplugs impaired the intelligibility of speech predicted

at the listeners' ears by 17% to 37% at the high noise level of 80 dBA.

2.4.2.3 Active level-dependent hearing protectors

The advent of level-dependent hearing protection devices (HPD) equipped with active noise
cancellation technology and radio communication headsets into the marketplace appeared to
be a good alternative for the conventional passive protectors [24]. In contrast to the
conventional protectors, level-dependent protectors attenuate high level noise and intense
sounds while amplifying speech and other desirable low level sounds. Hence, they are able

to simultaneously provide effective protection against noise and to enhance communication
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and situational awareness of the immediate work surroundings [21, 22, 49]. In a qualitative
assessment study, the noise-exposed workers rated the level-dependent HPDs higher than the
passive protectors in terms of their performance in improving communication and situational
awareness [22].

Despite the advantages, the inevitable impacts of transmission gain and the associated
compression circuitry of advanced level-dependent protector on speech production cannot be
ignored. The available research on the advanced level-dependent HPDs is restricted to the
studies at the listener' end evaluating the impacts of gain settings and the attenuation on the
perception, recognition, detection and the localization of speech and other desirable sounds
[17, 18, 23, 31, 33, 34, 35, 36, 37, 47, 120-125].

Based on the review of literature, there is a need to investigate further the consequences
of wearing level-dependent hearing protection, as well as conventional protectors, on the
speech acoustics produced in a noisy environment (talker's end). Moreover, research is
needed to study in more detail the effects of these devices on the production of speech in the
noisy workplace taking into account the temporal and spectral characteristics of the noise.
Furthermore, more research needs to be conducted to reveal the effect of wearing hearing

protectors on speech production in interaction with the listener.
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Chapter 3

Speech Enhancement Methods

This chapter imposes challenges regarding the contamination of the recorded Lombard
speech by the background noise. Subsequently, different speech enhancement methods are
proposed to extract the clean Lombard speech from the noisy voice recording. Tests are
conducted to select the methods based on the criteria defined for the most desirable
enhancement technique. Finally, an experiment using an acoustic manikin as the talker in the
simulation room is conducted to evaluate the performance of the best two selected methods
in recovering the clean Lombard speech. Moreover, the effect of body movement simulated

by static movement of manikin's head and torso on the speech recovery is investigated.
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3.1 The Lombard effect in an external noise field

In most research on the Lombard effect, the noise condition has been generated by the
headphones worn over the ears [40, 77, 78, 83, 91, 101, 105, 106, 107, 108]. Although such
an experimental approach allows recording the produced speech in an ideal noise-free
condition, the vocal level of talkers can be reduced by the occlusion effect of the headphones
[117]. Talkers wearing headphones can hear their own voice louder so that the tendency to
raise the level of speech could be reduced. Moreover, the noise provided to subjects through
headphones is mixed with the auditory feedback from their own voice. Depending on the
realism of the auditory feedback simulation and given the possible occlusion effect artefact
on one’s voice when using headphones, the noise-free Lombard speech recorded under these
circumstances may differ from the noisy Lombard speech produced by talkers with open ears
in real-world noisy environments. Other limitations of using headphones to elicit the
Lombard effect are that it is less practical to use when the effect of wearing hearing devices,
such as hearing protectors or hearing aids, is investigated. While head-related transfer
functions and other auditory virtual reality processing can be integrated into the headphone
noise-delivery system, the close proximity between the headphone unit and the pick-up
microphone of in-ear devices such as hearing aids and active earplugs is such that correctly
reproducing spatial cues from complex sound fields can become highly problematic due to
near field acoustic coupling effects. It is also impractical to deliver of noise through
headphones when evaluating earmuff-style hearing protectors.

Therefore, there is a need to study the Lombard effect elicited by an external noise field
(e.g. loudspeakers) to take into account the realistic effects of noise on speech. The external

noise field where subjects are immersed in noise with open ears is closer to a real-world
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situation in which the speech output is modified by both background noise and the Lombard
effect. In contrast to the use of headphones to present the noise, the use of loudspeakers
allows the talkers to attend to the noise with no effect on the self-monitored auditory
feedback [117, 126]. Furthermore, the use of sound field methods for eliciting the Lombard

effect is the only possible choice when the effects of hearing protectors are evaluated.

3.2 Enhancement methods

The use of an external noise field, however, poses a challenge because of the contamination
of the recorded Lombard speech by the eliciting noise. It becomes necessary to extract the
clean Lombard speech from noise by utilizing speech enhancement techniques that provide
significant noise reduction while introducing little distortion to the speech signal.

There are different enhancement methods available including spectral subtraction,
Wiener filtering and wavelet-based methods, which are known as single-ended methods as
they normally use only the microphone signal but are applicable to many practical situations,
and adaptive noise cancellation (ANC), channel estimation (CE) and direct waveform
subtraction (DWS) methods, which rely on having access to a priori information but are not

readily applicable in many practical situations [54, 117, 118, 127, 128].

3.2.1 Spectral subtraction

Spectral subtraction is one of the first algorithms proposed for noise reduction. There are

different types of spectral subtraction methods including magnitude spectral subtraction,
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power spectral subtraction, spectral subtraction with over subtraction, and multiband spectral
subtraction [129].

This method is based on the principle that the clean speech signal can be estimated by
subtracting the spectrum of noise signal from the spectrum of noisy speech. Thus, a priori
knowledge of the noise is necessary. The noise spectrum can be estimated during silence
periods when no speech is present in the noisy speech signal. The noise in the gaps can be a
representative of the whole noise contaminating the speech signal, under the assumption that
the noise is additive and the spectrum does not change over time. This assumption implies
that the noise should be stationary over time or slowly time-varying. Another limitation of
spectral subtraction method is that the negative values resulting from the subtraction

introduce a new type of noise called "musical noise" [129,130].

3.2.2 Wiener Filtering

A Wiener filter can be used to eliminate the noise in a noisy signal using a priori knowledge
of the noise characteristics. A simple classical Wiener filter can be designed spectrally via

the estimated ratio of energy of clean speech to that of noisy speech. One example of the
transfer function of a Wiener filter is illustrated in Equation 3.1, where S, and Sy are the
kth component of the vectors representing clean and noisy spectral samples of speech,

respectively. P corresponds to the kth parameter of the mean power spectrum of noisy

speech (S) and P, is the kth parameter of estimated power spectrum of noise. The amount
of noise suppression is sometimes controlled by a factor £. In classical case, f = 1 is chosen

yielding a linear filter.
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The power spectrum of noise can be estimated over the pause segments of the speech
signal which contain only noise. Thus, this filtering method is dependent on the assumption
that the noise is stationary [54]. It assumes that the noise extracted from the pause segments
is representative of the background noise disturbing the speech signal. Thus, this method
would be less accurate and effective for many non-stationary real noises. However, it can be
refined by using another microphone to record the interfering noise separately, leading to a

to a better estimation of the noise power [54].

3.2.3 Wavelet-based noise suppression method

Donoho and Johnstone (1994) proposed a speech enhancement algorithm based on the
wavelet transform. By using the discrete wavelet transform, the noisy speech signal is
decomposed into "detail” and "approximation™ coefficients. The former relates to the high-
frequency components of the speech signal, while the latter relates to its low-frequency
components. Wavelet coefficients with large absolute values represent the energy of speech
signal and the coefficients with small absolute values are related to noise and fine details of
speech. Thus, the small wavelet coefficients of the noisy speech signal falling below a
predefined threshold are set to zero in order to suppress the disturbing noise. Then, the
inverse wavelet transform is applied to the coefficients in order to reconstruct a cleaner
speech signal. The performance of the method depends on the SNR since the dominance of

noise at very high noise level conditions (low SNR) causes the noise content with large
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absolute values of wavelet coefficients prevents the removal of noise content associated with
large absolute values of wavelet coefficients.

There are different threshold selection rule (e.g. universal, minimax, SURE) and
thresholding function (e.g. hard, soft, firm, garrote, step-garrote thresholding) [131]. A
drawback of wavelet thresholding is speech distortion arising from unwanted removal of
speech information components during thresholding process [131].

Bouhara & Rouat (2006) extended the wavelet-based noise suppression technique to
allow speech enhancement under conditions of time and frequency-varying noises [132].
Compared to the conventional uniform thresholding explained above, the extended technique
with a time-scale adapted threshold for each wavelet's subband yields a better suppression of
coefficients related to noise components in the noisy speech signal.

Another wavelet-based algorithm has been proposed in which a reference signal
representing the disturbing noise is employed to robustly identify the coefficients arising
from noise. This reference noise that is highly correlated with the original contaminating
noise is recorded using a second microphone. Then, energies computed for the wavelet
coefficients of reference signal are used as a comparator to detect voiced and unvoiced
segments of the noisy speech signal. Finally, the coefficients detected as unvoiced are set to

zero to eliminate the ones related to the masking noise [48].

3.2.4 Channel estimation (CE) method

In the channel estimation method, the noise contaminating speech is eliminated using the

transfer function of the recording room which is estimated when the talker is quiet and still
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(Figure 3.1). The transfer function is modeled by recording white noise in the room while
the talker is asked to be quiet (See Acquisition and Channel estimation in Figure 3.1). Then,
the transfer function is used to estimate the noise contaminating the talker's speech from the
noise played in the room while the talker is speaking. Finally, the estimated noise is
subtracted from the recorded noisy speech signal (See Site Noise Removal in Figure 3.1). As
a necessary condition for obtaining a good result, the acoustic configuration of the recording
room must not change at all during recordings. In other words, the talker must sit still while
speaking [118]. Moreover, the quality of sound equipment and the distortion in the
estimation of the transfer function over low and high frequencies are the main factors

affecting the size of noise reduction.

3.2.5 Adaptive noise cancellation (ANC) method

By gaining access to the noise signal through the second channel (microphone), the adaptive
noise cancellation (ANC) technique may be more effective for speech enhancement than
other filtering techniques in adapting to time-varying noises [133]. It renders the filtering

method more appropriate to handle many kinds of non-stationary real noises.
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Figure 3.1: Flowchart of acquisition, channel estimation, and site noise removal used in the

Channel Estimation method (adapted from [118] with permission). See description in the

text.
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Figure 3.2: Two-microphone adaptive noise cancellation (adapted from [54] with

permission). See description in the text.

The conventional two-channel adaptive enhancement method uses a second microphone,
distinct from the primary microphone, to record the background noise and serve as a
reference to enhance the noisy speech [54]. Two microphones should be placed far enough
apart such that the reference microphone contains no or little speech, but also close enough
so that it resembles as much as possible to the noise affecting the primary signal or target
speech [54]. Figure 3.2 shows the block diagram of a two-microphone adaptive noise
canceller. Due to the different locations of the two microphones, there is a delay, most likely
variable, between the time of recording of the background noise by the reference and the
primary microphones. Therefore, a filter is used to match the reference noise to the target
noise recorded by the primary microphone [54]. The filter weights are adjusted by an
adaptive algorithm. The adaptive process is controlled through a criterion (e.g. the
minimization of mean-square error) in order to estimate a noise signal which is a best fit to
the noise contained in the primary signal [133]. Then, the filtered reference noise is

subtracted from the primary noisy speech signal to suppress the noise.
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There are various kinds of adaptive algorithms to estimate the filter coefficients
necessary to equalize the reference input, such as the Least Mean Square (LMS), the
Normalized LMS (NLMS), and the Recursive Least Square (RLS) algorithms. The
performance of the adaptive filter depends on the estimation algorithm so that, for real-time
applications, it is important to use an algorithm which has a fast convergence rate and low

computational complexity [133].

3.2.6  Direct waveform subtraction (DWS) method

The noise degrading speech signal can be removed using the same waveform of noise
recorded separately (frozen noise) [117]. First, the background noise is played and recorded
in the room while the subject is asked to be silent and still. Next, the subject produces the
target speech in the same frozen noise while the noisy speech is recorded. The speech signal
is then enhanced by subtracting the waveform of the reference noise in the first step from the
waveform of the noisy speech in the second step. Figure 3.3 illustrates an example of the
signal recorded in each step and the recovered clean speech waveform.

The size of noise reduction is highly affected by the time alignment of the noise
waveforms from the two recordings. The reference and noisy speech signals must be
synchronized and matched before the subtraction. Recording the reference noise in exactly
the same conditions as the target noise in the compound signal can increase the amount of
noise rejection. Random or voluntary head and body movements can also perturb the noise
field around the talker and produce differences between the reference and target noises,
which would have a damping effect on the size of noise reduction. Thus, the main

disadvantage of this method is that it is only possible in controlled laboratory situations
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where the noise can be played back with exactly the same waveform, not in real time
applications. There are two main advantages to this method: (1) the size of noise reduction is

independent of the speech level and (2) the speech signal is unaffected by this processing.

3 Reference noise
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Figure 3.3: Time-domain waveforms of reference SSnoise, noisy speech and the speech

enhanced by direct waveform subtraction method (DWS).

3.3 Pre-selection of speech enhancement methods

3.3.1 General framework

In the present research, the main task is to extract Lombard speech at a short distance from
talkers reading a list of sentences in a noise field. The latter is generated by loudspeakers
located around the talker in a test room with dimensions of 4.29 m x 3.65 m x 2.42 m

(length x width x height) in the Hearing Research Laboratory at the University of Ottawa, as
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shown in Figure 3.4. In this controlled-laboratory methodology, there is full control of the
noise so that it can be replayed as needed. An appropriate speech enhancement method needs
to be selected to remove as much as the noise as possible from the microphone recordings,
while keeping the underlying speech waveform intact.

There are several enhancement methods that can be used to extract the clean Lombard
speech from an external noise field, including one-channel methods (e.g. wavelet) as well as

two-channel methods (e.g. ANC) as reviewed in Section 3.2.
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Figure 3.4: Layout of the simulation room and loudspeaker configuration, N1-NG6:

Loudspeakers used to generate noise (adapted from [16] with permission).

In this application, the enhancement methods selected do not need to be real time.
However, they must possess a number of desirable features, as listed below:
1. method not too sensitive to the motion of the talker (fixed or dynamic);

2. method not too sensitive to the nonlinear distortion by loudspeakers;
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3. method working in a wide range of noises (steady-state and fluctuating) and at
different SNRs, both in terms of the NR achieved and the preservation of the speech
waveform;

4. method not too sensitive to noise playback and audio recording settings; and

5. method not too sensitive to noise alignment issues (in the case of two-channel
methods).

Based on these desirable features and the characteristics of common speech
enhancement techniques surveyed in Section 3.2, four enhancement methods out of the six
different methods described were preselected for the current application. Due to their
inherent limitations (e.g. the appearance of musical noise and the necessary assumption of
noise as stationary), spectral subtraction and Wiener filtering methods were discarded before
any further measurements. The four methods retained included wavelet-based techniques,
channel estimation (CE), adaptive noise cancellation (ANC) and direct waveform subtraction
(DWS). Some in-laboratory tests were conducted to assess the performance of the selected
methods against the desirable characteristics. The possible inputs available to the
enhancement methods under test are the noise waveform as a computer file and/or as an
acoustic noise recorded in the room. A noisy speech signal was simulated by adding a
computer noise file and/or a noise recorded in a real measurement to the waveform of a
clean speech signal selected from the American English Hearing-In-Noise Test (HINT)
[131] at different SNRs, referred to as the initial SNR. The SNR is defined as the ratio of

clean speech power to the noise power expressed in the logarithmic decibel scale.
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3.3.2 Summary of findings by method

3.3.2.1 Wavelet method

The differences among the wavelet-based methods are related to the type of thresholding

function, the threshold value, the type of wavelet transform, and the coefficients used to be

thresholded. They include following methods:

Wavelet 1: This method uses a time-scale adapted threshold and soft thresholding
algorithm to compress the coefficients of wavelet packet transform (WPT) [132].
Wavelet 2: This method uses a reference noise signal as a comparator for
voiced/unvoiced detection and soft thresholding algorithm to compress the “detail”
and “approximation” coefficients of discrete wavelet transform [48].

Wavelet 3: This method uses SURE (stein unbiased risk) threshold selection method
and soft thresholding algorithm to compress the coefficients of discrete wavelet
transform in frames of noisy speech signal [134].

Wavelet 4: This method is the same as Wavelet 3 except that it uses garrote
thresholding algorithm [131].

Wavelet 5: This method is the same as Wavelet 3 except that it uses step-garrote
thresholding algorithm [131].

Wavelet 6: This method is the same as Wavelet 3 except that it uses a new
continuous differentiable threshold function proposed by Jia et al. [135].

Wavelet 7: This method is the same as Wavelet 5 except that it uses the universal

threshold value [131].
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e Wavelet 8: This method uses the universal threshold and the continuous
differentiable threshold function [131] to compress the subbands of wavelet packet
decomposition.

By virtue of being a one-channel enhancement method, the wavelet approach has the
advantage of possessing the desirable features 1, 2, 4 and 5 listed in Section 3.3.1.
However, a major drawback of wavelet-based methods is that they may affect the fine
structure and temporal envelope of the speech waveform in addition to removing the noise.
As an example, Figures 3.5 and 3.6 illustrate the waveforms of noisy speech (simulated by
adding a computer white noise to the waveform of clean speech), clean, and enhanced
speech by methods of Wavelet 1 and Wavelet 3 at the initial SNR of —10 dB and 0 dB,
respectively. When comparing the second (clean speech) and the third panels (enhanced
speech) in Figures 3.5 and 3.6, it is obvious that the wavelet-based method also removes
some components of speech information apart from the noise. This problem is such that it is
not suitable to our purposes because it seems to cut the low energy portion of the speech

waveform at SNRs well within the range projected for noisy Lombard speech.
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Figure 3.5: The waveforms of noisy speech (SNR=—10 dB), clean speech, and enhanced

speech by Wavelet 1 method. White noise is used.
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Figure 3.6: The waveforms of noisy speech (SNR=0 dB), clean speech, and enhanced speech

by Wavelet 3 method. White noise is used.
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3.3.2.2 DWS and ANC methods

The DWS and ANC methods are relatively insensitive to nonlinear distortion by
loudspeakers (feature 2 listed in Section 3.3.1) since all inputs are acoustical from the room
recordings. The ANC method is more immune to motion of the talker and misalignment
(features 1 and 5 listed in Section 3.3.1) than DWS, as long as the speech in the second
channel does not disturb the computation of the adaptive filter. Some tests were conducted to
evaluate the effects arising from the motion of talker's body and the misalignment of noise
waveforms on the DWS and ANC methods. In order to create noisy speech, the clean speech
waveform was contaminated by noises recorded in the room rather than by computer noise
files. This methodology makes it possible to have noisy speech more similar to that
produced in real noisy environment. Moreover, the effects of changes in the noise samples,
arising from any alteration in the acoustics of the room, on the size of noise reduction can be

taken into account.

33221 Playing and recording the noises with two different sets of

equipment

In this section, the test is performed using the noise files recorded by two different sets of
equipment; 1) sound card playing the noises in the room and 2) the sound recorder capturing
the noises in the room. The noises were recorded in the noise simulation room (Figure 3.4)
while an ANSI S3.36 acoustic manikin (B&K 4128) was placed in the room to simulate the

sound reflection and diffraction effects around a talker immersed in noise.
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The noise stimulus played in the room is a concatenated sequence consisting of six
different noises of white, pink, brown, SSnoise, riveter, and helicopter. Each 12-second
noise was separated by a 2-second pause from the subsequent noise. The noise file was
played from a desktop computer and LynxOne sound card (sampling rate of 24 kHz) through
six loudspeakers located around the manikin in the simulation room (Figure 3.4). To
calibrate the individual noises, the level was set by changing the volume of amplifier
(Yamaha RX-V1000) connected to the PC and then a sound level meter (B&K Type 2235
with omnidirectional microphone B&K Type 4176) was used to measure the level of noises
at the centre location of the manikin's head. All individual noises were calibrated to 70 dBC.

Then, the omnidirectional microphone and sound level meter were located in front of the
manikin's mouth and a sound recorder (Olympus LS10) was used to record the noises in the
room at the sampling rate of 48 kHz. The reference position of the recording microphone is
cm in front of the manikin’s mouth. Several other fixed positions and orientations of
manikin's head and torso with respect to the recording microphone were tested to evaluate
the effect of talker movement on the recording of the noise and the performance of noise
reduction techniques. The experimental conditions for the manikin positioning and the label
for each condition are listed in Table 3.1.

The noise generation (LynxOne sound card) and recording (Olympus LS10) equipment
are independent in this experiment. There is no sampling rate synchronization between the
two sets of equipment.

In order to create a noisy speech signal, the noise recorded in different measurements
(e.g. M2a, M2b, M3a, M3b, and M3c) was added to the waveform of clean speech signal
selected form HINT while noise M1 was used as reference noise. In preliminary tests,

computer noise samples rather than noise recorded in the room (M1) were used as reference
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noise. It was observed that the adaptive filter could not estimate the noise contained in noisy
speech from the computer noise samples likely because of sampling rate mismatch between

playback and record sound cards.

3.3.2.2.2 Results

Since the noises were played and recorded using two different sets of sound equipment, a
MATLAB function was used to synchronize the noise measurements. It is essential for the
DWS method that the reference noise be synchronized with the target noise contained in the
noisy speech signal. The effect of misalignment on the size of noise reduction is evaluated
by manually misaligning the noise waveforms after synchronization.

Analysis of the results showed that the DWS and ANC methods could provide a good
size of noise reduction (NR) for all noise measurements shown in Table 3.1. As an example,
Tables 3.2 shows the size of noise reduction for the noise measurement M2a (where the
manikin's head was rotated respect to the reference position) at the "noise-only" and
"speech-in-noise" conditions. The negative values for the size of NR represent that the noise
is boosted compared to the initial noise available before using noise suppression methods.
To misalign the reference noise with the target noise, M1 (reference) is kept fixed and M2a
(target) is shifted. A negative shift means that the target noise appears earlier and a positive
shift means that the reference noise appears earlier.

For the target SSnoise in position M2a, the size of noise reduced by the DWS method
was 18.7 dB at lag zero, in both test conditions of "noise-only" or "speech-in-noise" (Table
3.2). As expected, the amount of noise reduction for DWS method is always the same for

both "noise-only" and "speech-in-noise” conditions, since the noise reduction is independent
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of the speech signal with this method. At lag zero, the size of SSnoise reduction by the ANC
method in position M2a was 21.3 dB in "noise-only" and was 12.4 dB in "speech-in-noise"

conditions (Table 3.2).

Table 3.1: The manikin/talker positioning and the label for each experimental condition

Label Manikin's head orientation Distance from manikin's
(degree) mouth to microphone (cm)

M1 0 50

M2a 15 50

M2b -15 50

M3a 0 49

M3b 0 45

M3c 0 40

M3d 0 25

It is observed from Table 3.2 at negative and positive lags that the DWS method is more
sensitive to the misalignment of the reference noise and the target noise compared to the
ANC method. The later method can compensate for the time mismatch as part of the
algorithm. Moreover, the size of noise reduced by the ANC method is lower for the negative
lags compared to zero or the positive lags. This is because the desired output of filter (target
noise) for negative lags appears earlier than the reference noise (input of filter) and the filter
becomes non-causal. When the lags are increased from zero to positive numbers, the noise
reduction remains slightly unchanged or increases a little. This means that when the
reference noise appears earlier than the original noise, the noise reduction remains high
compared to zero lag. However, after a certain value of positive lag the noise reduction
gradually goes back to an amount lower than at zero lag.
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Table 3.2: The size of reduction (dB) of SSnoise in M2a (target) by SSnoise in M1
(reference) in "noise-only” condition, and at SNR=0 dB in "speech-in-noise" condition
(SR=48 kHz)

Condition method Lags for misalignment (samples)
-10 -5 -1 0 +1 +5  +10

. DWS 02 42 125 187 173 5.0 0.6
noise-only

ANC 6.8 90 188 217 221 223 223
speech-in- DWS 02 42 125 187 173 50 06
noise ANC 30 53 128 162 166 161 158

3.3.2.2.3 Playing and recording the noises with one set of equipment

It was observed that the synchronization between the reference noise and the target noise has
a considerable effect on the size of noise reduction. Thus, the noises are played and recorded
simultaneously using the same sound card to further analyze the selected enhancement
methods.

The noises were recorded in the same noise simulation room at the Hearing Research
Laboratory while there was no manikin in the room. The noise signal played in the room was
the same as that used in the test explained in Section 3.3.2.2.1. In contrast, the sampling rate
of the computer noise file was resampled from 24 kHz to 48 kHz and 96 kHz. Then, it was
played at 75 dBC through six loudspeakers located around the room from the same sound
card (TASCAM US-366, TEAC Co., Japan) which would be used to simultaneously record
the noises in the room. The output noises were recorded twice as target and reference noises.
In order to have comparable data, the noises were also recorded by the two different

equipment (LynxOne sound card and sound recorder Olympus LS10) used in Section
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3.3.2.2.1 at the two sampling rate of 48 kHz and 96 kHz. In preliminary tests, it was found
that using the computer noise samples rather than noise recorded in the room as reference
noise did not work well since there might be a sampling rate mismatch between the

prerecorded computer noise and the noise recorded by the TASCAM sound card.

3.3.2.24 Results

In these data, the first recording acted as the reference noise while the second recording was
taken as the target noise to be cancelled. Tables 3.3 and 3.4 show the size of cancellation of
target noises using DWS and ANC methods, respectively, in the "noise-only" condition.
Using the same sound card at the sampling rate of 48 kHz increased the size of noise
reduction by 5.6 dB and 0.4 dB averaged across different type of noises for DWS and ANC
methods, respectively, compared to that obtained with different sound cards. The increases
in the size of noise reduction were 7.3 dB and 2.0 dB, respectively, at the sampling rate of 96
kHz. This verifies that only one sound card which is able to play and record the noises
simultaneously should be used in the measurements. There is a bigger effect on the size of
noise reduction for the DWS method since it is more sensitive to the alignment between the
target and the reference noises.

Moreover, it was observed that the size of noise reduction averaged over all noises
increased by 5.6 dB and 8.2 dB for DWS and ANC methods, respectively, when the

sampling rate increased from 48 kHz to 96 kHz.
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Table 3.3: The size of target noise reduction by DWS method in the "noise only" condition

(measurements with different sound cards and the same sound card at two sampling rates

(SR))

Measur_e_ment SR (kHz) White Pink Brown SSnoise Riveter Helicopter
condition
Different 48 10.4 17.7 204 224 16.7 23.1
sound cards 96 17.0 21.6 20.6 24.6 22.8 24.2
Same 48 21.8 23.6 20.3 26.2 25.0 24.2
sound card 96 27.2 28.9 26.2 31.7 30.3 29.9

Table 3.4: The size of noise reduction by ANC method in the "noise-only" condition

(measurements with different sound cards and the same sound card at two sampling rates

(SR))

Measur_e_ment SR (kHz) White Pink Brown SSnoise Riveter Helicopter
condition
Different 48 225 27.7 30.1 35.2 29.3 33.9
sound cards 96 30.8 35.8 35.2 40.4 35.9 394
Same 48 22.9 28.3 30.2 35.0 29.4 35.0
sound card 96 35.4 39.3 39.6 44.8 37.1 335

For the "speech-in-noise™ condition, Table 3.5 shows an example of the size of noise
removed by ANC method at the SNRs of —4 dB and +4 dB. The size of noise reduced by
DWS method is not provided at the "speech-in-noise™ condition due to the fact that the noise
elimination for DWS method is independent of the speech signal. Thus, the noise reduced by

this method in the "speech- in-noise" condition is equal in size to that obtained in the "noise-
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only" condition (See Table 3.3).

Similar to the "noise-only" condition at the sampling rate of 48 kHz, using one sound
card for the noise measurements increased the size of noise reduced by ANC method by 1.7
dB at the SNRs of —4 dB and +4 dB (in speech-in-noise condition). At the sampling rate
0f96 kHz, it increased the size of noise reduction by 2.2 dB and 1.1 dB at the SNRs of —4 dB
and +4 dB, respectively. Raising the sampling rate from 48 kHz to 96 kHz increased the size
of noise reduction by 2.2 dB and 0.3 dB at the SNRs of —4 dB and +4 dB, respectively.

According to the results in both "noise-only" and "speech-in-noise” conditions, a more
favorable noise reduction can be obtained by using only one sound card, playing and
recording the noises simultaneously in the room, at the higher sampling rate of 96 kHz than
using two sound cards (Section 3.3.2.2.1).

Finally, the DWS and ANC methods are retained among different enhancement
methods because of the larger size of noise reduction at different SNRs over different types
of noises. Moreover, neither method affects the speech waveform, in contrast to wavelet-
based methods. In Section 3.4, the performance of the two selected speech enhancement
methods of DWS and ANC are more extensively compared for recovering the clean

Lombard speech.
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Table 3.5: The size of noise reduction (dB) by ANC method in "speech-in-noise"” condition

(measurements with different sound cards and the same sound card at two sampling rates

(SR)).

Measurement

g SR (kHz) SNR White  Pink Brown SSnoise Riveter Helicopter
condition
48 —4 17.3 174 18.0 20.0 18.1 19.1
. +4 14.9 145 15.9 16.9 16.2 17.5
Different
sound cards % —4 190 206 188 214 202 19.8
+4 175 17.2 17.4 18.2 16.5 16.0
48 —4 19.9 19.9 18.6 21.3 20.9 19.3
+4 17.6 17.2 16.6 19.0 18.7 16.8
Same
sound card % -4 221 212 211 234 223 23.1
+4 19.6 17.1 18.7 17.2 17.9 16.9

3.3.2.3 CE method

With this method, the transfer function relating the computer noise file to the noise in the
room is first estimated using a broadband noise such white noise. Then, at test time, the
transfer function is used to estimate the noise disturbing the recorded noisy speech in the
room.

When using two different sets of recording equipments as explained in Section 3.3.2.2.1,
it was observed that the noise contaminating speech signal could not be correctly estimated
from the reference noise filtered by the transfer function of the room. Indeed, as an example,
the transfer function obtained by computer white noise file (input) and white noise in M1
(output) was not similar to that obtained by computer SSnoise file (input) and SSnoise in M1

(output). The transfer function should be independent of the type of noise since it reflects the
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acoustic characteristics of the recording room. Moreover, it was observed that the transfer
function is sensitive to misalignment even by 1 sample. Therefore, no good results could be
obtained by the channel estimation method. This is likely because the computer noise file
played into the room through the loudspeakers and the noise file recorded in the room are
obtained from separate audio playback/recoding equipment, which can create sample rate
synchronization problems. The channel estimation method is adversely affected by the
quality of sound equipment and the changes in the acoustic configuration of the recording
booth [118]. Distortion in the estimation of the transfer function over low and high
frequencies is also one of the drawbacks of this method.

In the condition of playing and recording the noises by a single sound card as explained
in Section 3.3.2.2.3, the white noise samples in the computer noise file and target noise were
used to estimate the transfer function of the recording room. Table 3.6 shows the size of
reduction of target noise in the "noise-only" condition.

According to Table 3.6, it was observed that the channel estimation method could not
suppress the noises successfully except for SSnoise. Indeed, the transfer function estimated
by white noise cannot be used as channel estimator to remove the other noises (pink, riveter,
and etc.) recorded in the room. As an example, the transfer function estimated by white noise
is compared to that estimated by pink noise in order to assess their differences and
similarities. Figure 3.6.a illustrates the spectrum of the transfer function of the room
estimated by white noise and by pink noise (computer noise file as input and target noise as

output) at the sampling rate of 96 kHz.
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Table 3.6: The size of target noise reduced by the CE method when the channel (transfer
function of the recording room) was estimated by white noise in computer noise file and
target noise as input and output of channel (measurements with the same sound card at two

sampling rates (SR)).

Measurement

g SR (kHz) Pink  Brown SSnoise Riveter  Helicopter
condition
. 48 2.54 —6.74 18.30 0.71 2.54
A single sound
card 96 400 127 23.93 0.93 2.84

The two transfer functions diverge considerably above around 11 kHz (Figure 3.7a). By
zooming in on the curves in the frequency range of 0—11kHz, it can be seen that curves are
in a good agreement with each other (Figure 3.7b). However, the curves differ from each
other in the frequency range higher than 11 kHz (Figure 3.7c). The comparison between the
transfer function estimated by white noise and that obtained by other noises recorded were
also similar to that for white and pink noises. Thus, this implies that the transfer function of
the room obtained for different input/output noises are not the same. As explained in Section
3.2.4, it might be due to the quality of sound equipment and the distortion in the estimation
of the transfer function over low and high frequencies. As a result, this speech enhancement

method is not retained.
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Figure 3.7: a) The transfer function of recording room estimated by white noise and pink

noise (sampling rate of 96kHz), b) Zooming in on a segment of the transfer function below

11kHz, ¢) Zooming in on a segment of the transfer function above 11kHz.
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3.4 A comparison of speech enhancement methods to extract

Lombard speech in an external noise field

In this section, two noise suppression techniques, DWS and ANC, are used to extract the
clean simulated Lombard speech from the noisy voice recorded in the external noise field of
a simulation room. Apart from the noise recording in the fixed position of the manikin,
several noise measurement are performed while the manikin's head and torso are rotated and
relocated respect to the recording microphone to simulate the talker's body movement. This
more realistic simulated experimental approach allows evaluating the effects of body
movement on the recovery of clean speech signal. The size of noise reduced by two methods
is compared in six different types of stationary and fluctuating noise conditions. Two basic
features of speech, pitch and energy, and two objective intelligibility measures based on the
speech intelligibility index (SIl) and the speech transmission index (STI) are extracted from
the clean and enhanced Lombard speech to assess the effectiveness of the two noise
suppression methods. Results show both methods can recover the speech features at SNRs
down to at least =10 dB, which make them suitable to study Lombard speech from real

talkers under typical conditions in an external noise field.

3.4.1 Experimental Protocol

The experiment was conducted in the noise simulation room in the Hearing Research
Laboratory at the University of Ottawa. An ANSI S3.36 acoustic manikin with artificial

mouth (B&K 4128) was used to create controlled conditions simulating a talker reproducing
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the same speech signal in noise and in quiet. This allows a direct comparison of the
recovered speech following noise suppression against the clean speech measured in quiet.

To generate an external quasi-diffuse noise field, the background noise was played over
4 tower loudspeakers, a bookshelf speaker and a subwoofer located in the simulation room
[16]. The acoustic manikin was placed near the middle of the loudspeaker arrangement, and
a sound level meter (B&K Type 2235) with a free-field microphone (B&K Type 4189) was
positioned 50 cm away from the mouth. The noise signals were played and recorded
simultaneously by an external sound card (TASCAM US-366, TEAC Co., Japan) at a
sampling rate of 96 kHz.

Two conditions were examined in this experiment: "noise-only" and "speech-in-noise".
In the "noise-only" condition, repeated measurements (M1-M5) were made of the frozen
noise samples recorded in the room at different positions of the manikin:

- M1 and M2: The manikin is in the reference position (head at 0 degrees with respect

to the microphone),

- M3: The manikin's head is rotated to the right side by 30°,

- M4: The manikin is moved closer toward the microphone by 10 cm,

- M5: The manikin is translated to the right side by 10 cm.

The noise signal M1 was used as the reference noise and the repeated recording (M2) in
the same reference position of the manikin represents an ideal situation with no talker
movement. The recording of noises M3-M5, where there are small changes in the manikin’s
position with respect to the reference position, allows simulating a more realistic situation in
which the talker moved slightly between recordings.

In the "speech-in-noise” condition, speech was produced through the mouth of the

manikin located at the reference position and recorded in quiet conditions with the same
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sound card and microphone position used for the noise recordings. The speech material is a
5-sentence list selected from HINT, and the clean speech recorded was added to each noise
recording (M2-M5) from the "noise-only" condition to simulate speaking in noise. In this
work, the level of speech is set at different levels to evaluate the performance of the noise
suppression methods over a wide range of signal-to-noise ratios (SNR) ranging from —30 dB
to +20 dB.

The background noise signals chosen for this study were white, pink, International
Female Fluctuating Masker (IFFM), speech-spectrum noise from the International Female
Noise (IFnoise), riveter noise, and helicopter noise all presented at a level of 70 dBA. The
IFFM consists of nonsense speech generated by reordering and concatenating speech
segments obtained from the International Speech Test Signal (ISTS) which includes six

female voices speaking in different languages [136].

3.4.2 Data Analysis

The size of the noise reduction is calculated by subtracting the power of residual noise after
enhancement from the power of the initial noise. The higher the value in dB, the more noise
is removed from the initial noisy signal.

The pitch, characterized by the fundamental frequency (F0), is an important attribute of
voiced speech that is related to the quasi-periodic oscillation of vocal cords. Numerous
algorithms have been proposed to robustly estimate the pitch due to the importance of this
parameter in different fields of speech processing [137]. In this work, PRAAT (v.5.3.55), a

computer software specialized in speech analysis, was used to estimate the average pitch of
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clean, noisy, and noise-suppressed signals. In addition, the energy of the signal represented
by the square root of the mean value of the squared signal (or RMS level), was selected as
another speech feature to assess the performance of noise suppression methods in recovering
the clean from the noisy speech.

The Sl and STI are the most commonly used objective measures for predicting speech
intelligibility and have also been used to evaluate the effectiveness of noise cancellation
methods. Like the SlI, the STI is an index between 0 and 1 that is highly correlated with the
intelligibility of speech. However, unlike the Sll, the STI accounts for the effects of temporal
and nonlinear distortions on speech intelligibility [138]. The speech-based STI has been
introduced which allows direct estimation of the intelligibility of speech in a noisy
environment [139, 140]. The conventional SII and STI models (ANSI/ASA S3.5-1997
R2012, IEC 60268-16-2011) have been validated for stationary noises. For time-varying
noisy conditions, extensions have been developed (Extended Sl (ESII) and short-time STI)

in which the SII and ST1 are averaged over short time frames of speech signals [83,140].

3.4.3 Results

3.4.3.1 Noise reduction in ""noise-only'* condition

The size of noise reduction in the "noise-only" condition, where there is no speech added,
can be seen in Figure 3.8a and Figure 3.8b which show the initial noise and the residuals
obtained with the two noise suppression methods, namely direct waveform subtraction and
adaptive filtering, respectively. Speech-spectrum noises (SSnoise) recorded for different
positions of the manikin (M2-M5) were chosen as target noises to be cancelled while
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SSnoise in M1 was selected as the reference noise. Cancelling M2 by M1 represents the
ideal situation in which the talker is kept still for the two recordings. The target noise to be
cancelled (M2) and the reference noise (M1) are very close in this case and, as shown in
Figure 3.8, the residual noise has the least spectral power (dotted-dashed curves) compared
to all other choices of target noises (M3-M5). A noise reduction of up to 40 dB with direct
waveform subtraction and 60 dB with adaptive filtering is achieved at low frequencies.

The influence of changes in the manikin's position is reflected as a reduction in the
amount of noise suppression, as illustrated in Figure 3.8 by the elevated residual noise
curves for the situations where M3, M4 and M5 are used as target noises. Inspection of
Figure 3.8 and Table 3.7 shows that the adaptive method was able to suppress more noise in
all conditions compared to the direct waveform subtraction method, since the former can
adaptively make the reference noise to be very close to the noise to be cancelled when no

speech is present.
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Figure 3.8: The initial speech-spectrum noise recorded in the manikin's reference position
(M1) and the residual noises obtained by (a) direct waveform subtraction, and (b) adaptive
enhancement method when M1 is used as reference and different noises as target noises
(M2-M5). Noise-only condition.

Table 3.7: Overall noise suppression (in dB) of speech-spectrum noise recorded at different
positions of manikin (M2-M5) by two different suppression methods when M1 is used as

reference noise. Noise-only condition.

Target noise Direct waveform subtraction Adaptive method
M2 36.2 42.0
M3 27.9 37.1
M4 9.7 19.1
M5 13.9 19.7
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Table 3.8: Overall noise reduction (in dB) for speech in noise M2 and M3 at different SNRs

when M1 is used as reference noise.

DWS method ANC method
SNRs -30 20 -10 0 +10 +20 =30 20 -10 0 +10 +20
Target noise
M2 36.2 36.2 36.2 362 362 36.2 348 305 259 209 156 94
M3 279 279 279 279 279 279 311 286 249 204 153 9.2

3.4.3.2 Noise reduction in "'speech-in-noise" condition

In order to simulate a realistic "speech-in-noise™ condition with or without movement in the
talker's body during speaking, the clean speech produced by the manikin's mouth was added
to the SSnoise in M2 and M3 at different SNRs. Again, the two noise suppression methods
used the noise M1 as the reference. As expected, the amount of noise suppression by direct
waveform subtraction is not affected by the presence of speech (Table 3.7 vs. 3.8). In
contrast, the noise suppression by adaptive filtering is lower in the "speech-in-noise"
condition (Table 3.8) compared to that in the "noise-only” condition (Table 3.7), in
particular for higher SNRs. This is because the target noise (e.g. M2 or M3) is summed up
with the clean speech signal in this case, and so the ability of the adaptive filter to match the
reference noise (M1) to the target noise (M2 or M3) is adversely affected by the presence of
speech. For lower SNRs, the noisy speech is dominated by the target noise so that the
"speech-in-noise” condition is more similar to the "noise-only" condition. Figure 3.9
compares the clean speech and the enhanced speech by direct waveform subtraction and

adaptive methods for different SNRs (-30, -20, -10, 0, +10, and +20). There is a good
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agreement between the enhanced speech and the clean speech for SNRs down to about -20
dB in the best case scenario of no talker movement (M2, Figure 3.9a) and about -10 dB with
movement (M3, Figure 3.9b). Although the adaptive method provides a smaller amount of
noise reduction at high SNRs compared to low SNRs (Table 3.8), the noisy speech signals at
high SNRs are already clean enough so that the enhanced signals can closely follow the
clean speech. The noise suppressed by direct waveform subtraction and adaptive filtering at
low SNRs (=30 to —10 dB) is better when there is no movement in the manikin (Figure 3.9a
vs. Figure 3.8b). Specifically, Table 3.8 shows that when M2 is added to clean speech,
which simulates a situation of no movement, the size of noise reduction for direct waveform
subtraction increases by 8.3 dB compared to the situation where movement is simulated (i.e.
M3 is added to the speech). For the adaptive method, there is 1-3 dB increase in noise

suppression at low SNRs for the M2+speech situation compared to M3+speech.

3.4.4 Evaluation of enhanced speech

The two above-mentioned noise suppression methods were used to enhance the speech
contaminated by six different background noises in configuration M3 at a SNR of 0 dB.
Figure 3.10a shows that the average energy values extracted from the enhanced speech
signals are very close to the energy of clean speech, which is 73.8 dB SPL (red line). In fact,
the two methods allowed the true energy (73.8 dB SPL) to be recovered within 0.1 dB, while
speech energy estimated from the noisy speech is overestimated by 2.6 to 3.6 dB across

noises.
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Figure 3.9: The clean and noise-suppressed speech enhanced by two methods at different
SNRs, with speech-spectrum noise M1 as reference while (a) SSnoise M2, and (b) SSnoise
M3 is added to the clean speech.

The average pitch values of enhanced speech are also very close to the average pitch of
clean speech at 113.4 Hz (Figure 3.10b). The unusually high value of pitch (173.5 Hz) for
speech contaminated by IFFM noise is because this noise is generated from female speech
which has a higher pitch than the male talker of the target HINT speech. The two methods
allowed recovering the pitch within 1.3 Hz of the true pitch, while the pitch estimated for the
noisy speech is overestimated by 4.1 to 60.1 Hz across noises.

Finally, Figure 3.11 shows the ESII and short-time speech-based STI intelligibility
ratings for the noisy speech and speech enhanced by the two noise suppression methods. At
an SNR of 0 dB, the ESII of the noisy speech ranges from 0.4 to 0.7, and the STI ranges
from 0.4 to 0.5, across noises. Under perfect noise-free recovery of the speech signals, the

intelligibility ratings are expected to reach 1 in each condition. As shown, there is a
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considerable increase in intelligibility ratings when using the two noise suppression
methods, with ESII and STI values on the order of 0.9, indicating that both methods

successfully recovered most of the audible cues masked by the noises.

3.4.5 Discussion and conclusion

There is little research investigating the Lombard effect in an external sound field, likely due
to the difficulty of extracting the clean speech from the vocal output contaminated by the
background noise. The available studies mostly evaluate the Lombard effect elicited by noise
exposure through headphones, even though they may have a dampening effect on the vocal
level. In this study, the use of two noise suppression methods was investigated to estimate
the clean Lombard speech in an external diffuse noise field with different noise conditions.
According to the results obtained in the "noise-only" condition, the largest amount of
noise reduction using the direct waveform subtraction and adaptive filtering methods is
achieved in the situation simulating no movement in the talker's body (M2), which ensures
that the reference noise is very similar to the target noise to be suppressed. In the direct
waveform subtraction method, differences between the target noise (M3-M5) and the
reference noise result in a decrease in noise suppression. The adaptation procedure used in
adaptive filtering to match the reference and target noise signals is also affected by the
talker's movement. In the "noise-only" condition, adaptive filtering performed better than
direct waveform subtraction because it is able to match the reference noise to the target
noise. It can be seen that adaptive filtering can even suppress the low-frequency noise from

the ventilation system in the room in situations where there is no or little movement in the
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The results of the "speech-in-noise™ condition show that the performance of adaptive
filtering decreases markedly when the SNR increases because the speech dominates the
noisy speech signal, making it difficult for the reference noise to be adapted to the target
noise mixed with the speech. Both suppression methods can successfully enhance the speech
signals contaminated by background noise at SNRs above —10 dB. At low SNRs of =20 dB
and —30 dB, the recovery of speech is affected at mid to high frequencies, especially when
there is movement in talker's body.

The similarity between pitch and energy of enhanced speech and those of clean speech
shows that the two noise suppression methods were able to extract these parameters in
different types of noises, fluctuating and stationary, at an SNR of O dB. Moreover, the
improvement in speech intelligibility, expressed by ESII and short-time speech-based STI
metrics, clearly supports the effectiveness of these two methods in noise suppression. The
results of this study therefore show that substantial noise reduction can be achieved using the
two evaluated enhancement methods for the SNRs above —10 dB which is the most likely
SNR range of Lombard speech produced in an external noise field, as reported by Brungart

[117].
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Chapter 4

Evaluating Noise Cancellation Methods
for Recovering the Lombard Speech
from Vocal Output In an External
Noise Field

4.1 Introduction

Talkers are able to adjust their vocal effort with respect to their primary communicative
needs, for example to be heard by listeners in noisy environments. This reflex phenomenon,
referred to as the Lombard effect, was first described by Etienne Lombard in 1911 [56, 80,
91]. Under the Lombard effect, the articulatory movements and the acoustic-phonetic

characteristics (e.g. level, pitch, formant frequencies, and spectral tilt) of speech are also
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modified compared to normally-produced speech [76, 77, 78, 141]. In noise, the Lombard
effect improves the effective signal-to-noise ratio (SNR) and leads to an improvement in the
audibility and intelligibility of spoken words.

It has been found that a noise level below 45 dB SPL does not significantly affect the
level of speech. Indeed, the Lombard effect as a mechanism to overcome the masking effect
of noise typically appears for noise levels over 45-55 dB SPL [66, 68]. The level of speech
rises in response to an increase in the level of noise, but up to the maximum human vocal
effort which corresponds to about 100 dB SPL [69]. The size of the Lombard effect also
varies depending on the temporal and spectral characteristics of the background noise [101,
109, 101]. In fluctuating noise, the weaker masking in the gaps, where there is little or no
energy, has a damping effect on the Lombard effect. The wearing of hearing aids, hearing
protectors or pre-existing hearing loss interfering with the perception of auditory feedback of
one's own voice also affect the vocal effort in noise [40, 41, 117, 142].

There has been extensive research on the Lombard effect where noise has been
presented through headphones worn by the talkers [83, 91, 101, 105, 106, 107]. Although
such an experimental approach allows recording speech in an ideal noise-free environment,
the vocal level of talkers wearing headphones can be reduced as a result of disruption in their
self-monitoring auditory feedback [143]. The occlusion effect arising from the blockage of
the ear canal by the headphones causes the talkers to perceive their own voice through bone
conduction as boomy and louder at low frequencies [117, 118], which can affect speech
production. As a consequence, results from such studies may not accurately reflect the
effects of different factors, such as type and level of noise, in real life situations when talkers
are immersed in noise from the surrounding environment. Furthermore, the use of

headphones to elicit the Lombard effect is impractical when the talker wears hearing
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protectors or hearing aids. Therefore, it is necessary to elicit the Lombard effect with an
external noise field (e.g. loudspeakers) to ensure talkers have a realistic perception of their
own voice and the surrounding noise in interaction with any hearing device worn, similar to
that experienced in real-world environments [77, 79, 117, 118, 144]. However, the use of an
external noise field introduces a new challenge because of the contamination of the recorded
Lombard speech by the eliciting noise. The background noise contained in the recorded
speech signal diminishes the accuracy of features extracted from the speech waveform.
Therefore, noise suppression techniques need to be utilized to extract the clean Lombard
speech from the recorded noisy vocal output.

The conventional denoising approaches include spectral subtraction, Wiener filtering,
and wavelet-based methods [54, 127, 145]. The serious drawbacks of most noise suppression
techniques include the necessity of a priori knowledge of the noise, the distortion of useful
components of speech, and the appearance of artifacts called "musical noise” [145]. For our
purpose, it is important to use a method that maximizes the noise rejection while introducing
no or little distortion over the processed speech signal to maintain the speech characteristics
as intact as possible.

A noise cancellation method called channel estimation has been proposed to extract
Lombard speech parameters from talkers immersed in noises generated by two loudspeakers
[118]. This method of eliciting the Lombard effect was used to make the vocal loading
situation more realistic and to avoid a disruption of the talkers' auditory feedback when using
headphones. Channel estimation was performed by simultaneously recording the noise signal
twice as it was presented to the participant: (a) digitally at the input to the loudspeaker
system (input noise), and (b) acoustically using a microphone inside the recording booth

(output noise). The recordings included an initial segment of estimation noise followed by
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worksite noises. A transfer function for the channel of the audio system and the recording
booth including the participant’s body was estimated from the initial segment of the two
recordings. The input noise signal was filtered through this transfer function and the noise-
suppressed speech was obtained by subtracting the filtered noise from the noisy voice output.
Using the approach, the noise could be reduced by up to 40 dB under an ideal situation where
there is no motion in the talker's body. The channel estimation method has some inevitable
sources of error limiting the size of noise reduction, which include the quality of sound
equipment, the distortion in the estimation of the transfer function over low and high
frequencies, and changes in the acoustic configuration of the recording booth arising from
the talker's body movement. It was shown that small movements of 1 cm and 5 cm in the
talker's head to one side decreased the size of noise reduction by 3 dB to 20 dB over different
frequencies. Sensitivity to the displacement of the talker's body is critical since the estimated
transfer function is not adaptable to static or dynamic perturbation in room acoustics such
that a movement, even as small as one centimetre, can remarkably deteriorate the size of
noise reduction.

Brungart et al. (2012) used the so-called direct waveform subtraction method to recover
the speech waveform from talkers wearing earplugs in different levels (50, 60, 70, and 80 dB
SPL) of pink noise generated via 16 loudspeakers [117]. They stated that this technique
makes it possible to evaluate the real impact of hearing protectors on speech production and
to measure speech output in an actual noise field. For this purpose, a noise-only recording
(frozen noise) was subtracted from the speech-plus-noise recording to recover the speech-
only signal. At the highest noise level of 80 dBA, the noise suppression method could
recover speech signals well below the level of noise. Although this method is easy and

simple to use, inadaptability to the perturbation of the noise over time makes it sensitive to
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talker body motion. Moreover, this method is only useable in a laboratory or in situations
where the noise can be reproduced exactly.

In an experiment carried out to collect the Lombard speech in a noisy testing room
simulating a moving vehicle, an adaptive noise cancellation method and then a Wiener filter
were used to remove the background noise captured by the talker's microphone [144]. In
order to avoid any disruption in the talker's voice feedback, they used loudspeakers instead of
headphones to generate the noisy acoustic ambiance of a driving vehicle in a simulation
room. The loudspeaker noise signals recorded by an in-ear microphone were used as the
reference noise to design the adaptive filter. The adaptive filter could decrease the power of
the noise by about 15 dB. The advantage of this method is the ability to adapt to the static
and dynamic changes in the acoustics of the room (e.g. due to talker's body motion).

Giguere et al. (2006) used an updated version of the conventional wavelet shrinking
method with time and scale adaptation of the threshold proposed in [132] to enhance speech
produced in noise [87]. They extracted the Lombard effect in different types of continuous
and fluctuating noise including babble, restaurant, white and speech-spectrum noise [87].
However, a possible problem with wavelet-based methods is the musical noise artifact.

While the above-mentioned noise suppression methods are promising for Lombard
speech extraction, there is a general lack of knowledge about their sensitivity to the
recording method (e.g. distance and type of microphone) and the talker's static and dynamic
motion as well as the effective range of noise levels or SNRs. In Chapter 3, we evaluated the
effect of the talker's body positioning, simulated by static displacements of a manikin's head
and torso [126]. One recording setup with the omnidirectional microphone at 50 cm from the
manikin's mouth was tested to assess the change in the size of noise reduction due to static

shifts of the torso (laterally and towards the microphone) and head rotations. It was observed
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that the largest amount of noise reduction using the direct waveform subtraction and
adaptive filtering methods was achieved in the situation simulating no change in the position
of the manikin's torso and head. Moreover, both suppression methods could successfully
enhance the speech signals contaminated by background noise at SNRs above —10 dB. At
lower SNRs, the recovery of speech was affected at mid to high frequencies, especially when
there was a change in the manikin's head and torso position.

The aim of the present research is to study the performance of enhancement methods for
Lombard speech extraction in more realistic experimental conditions where a real participant
is used to simulate dynamic sound field disturbances arising from body movements rather
than static displacements by an acoustic manikin. The dynamic disturbance of the noise field
may affect differently the performance of enhancement methods that are fixed in nature like
the direct waveform subtraction method versus those which are adaptive. Moreover, the
effects of recording condition such as microphone distance (e.g. 50 cm and 25 cm) and the
type of microphone (e.g. omnidirectional and cardioid directional) on the size of noise
rejection will be evaluated. A shorter distance of microphone to the talker's mouth will
increase the speech level by 6 dB if distance is halved but it may be more susceptible to noise
field disturbances if the participant is moving while talking. Likewise, directional
microphones may reject 4—6 dB of noise in a diffuse sound field but they typically have
higher internal noise and are more prone to nonlinear distortion [146, 147]. Thus, the
performance of the enhancement methods that have been proposed to extract clean speech in
the noisy sound field need to also take these factors into consideration. In addition to
calculating the size of noise reduction, some basic characteristics of speech (e.g. pitch and
energy) and objective quality and intelligibility measures were also used to verify the

effectiveness of the two enhancement methods in recovering the clean speech.
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4.2 Methods and materials

4.2.1 Noise suppression methods

4.2.1.1 Direct Waveform Subtraction (DWYS)

Noise in a degraded speech signal can be suppressed by subtracting the same waveform of
noise recorded separately (frozen noise) [117]. A reference noise is first played and recorded
in the room while the participant is asked to be silent and still. After that, the same noise
waveform is replayed while the participant is talking. In order to extract clean speech, the
waveform of the reference noise recorded in the first step is subtracted from the waveform of
the noisy speech signal (speech plus target noise) recorded in the second step. Figure 4.1
illustrates an example of the reference noise, noisy speech signal, and the recovered clean
speech waveform.

There are two main advantages to this method: (1) the size of noise reduction is
independent of the speech level and (2) the speech signal is unaffected by this processing.
However, the size of noise reduction is highly affected by the time alignment of the noise
waveform in the first and second steps. As such, the reference and noisy speech signals must
be carefully synchronized and matched before subtraction. Therefore, recording the reference
noise in exactly the same conditions as the target noise in the noisy speech signal is crucial to
achieve a significant amount of noise suppression. Thus, a limitation of this method is the
natural movements of the talker’s body or head while speaking which can affect the
acoustical conditions and cause differences in the noise waveforms recorded in the two steps

of processing. Another limitation in the size of the noise reduction is the possible presence of
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nonlinear distortion of the recording equipment which would result in a mismatch of the

reference and target noise waveforms.

3 Reference noise
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Figure 4.1: Example of speech enhancement by the direct waveform subtraction and
adaptive noise cancellation methods. First panel: reference noise, Second panel: noisy
speech (SNR=0 dB), Third and Fourth panels are the speech enhanced by the DWS and
ANC methods respectively.

4.2.1.2 Adaptive noise canceller (ANC)

The adaptive noise cancellation method seems to be more effective than other filtering
techniques for speech enhancement since it is able to adapt to the time-varying alterations of
noise contained in the noisy speech signal [133]. The conventional adaptive noise canceller
requires a second microphone, in addition to the primary one picking up the talker's voice, to

separately record the background noise as reference [54]. In a typical real-time application,
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the two microphones should be placed far enough such that the second microphone contains
no or little speech, but also close enough so that the reference noise resembles as much as
possible the target noise contained in the signal recorded by the primary microphone. Due to
the different locations of the two microphones, the reference noise signal must be filtered to
compensate for the alterations in noise samples relative to the target noise. The filter weights
are adjusted by an adaptive algorithm. The adaptive process is controlled through a criterion
(e.g. the minimization of mean-square error) in order to estimate a noise signal which is a
best fit to the noise contained in the primary signal [133]. Then, the noise-suppressed speech
is obtained by subtracting the filtered reference noise from the primary noisy speech signal.

In a controlled laboratory situation, or when the exact same noise waveform can be
reproduced, a two-step approach to recording the primary and the second (reference) signals
using the same microphone can be envisaged to achieve better performance. Similar to the
direct waveform subtraction method, the first step is to record the reference noise alone and
the second step is to record the speech in the same target noise. This two-step approach helps
to reduce the mismatch between the reference and target noise signals and ensures that the
reference signal is free of speech. Figure 4.1 illustrates an example of enhanced speech
obtained by subtracting the filtered reference noise from the noisy waveform.

An advantage of this method is that it can adapt to static and dynamic perturbations in
the recording of noise signals due to changes in the acoustical conditions (e.g. motion in the
talker's body or head). However, the performance of this method can decrease at high SNRs
because the noise estimation becomes more difficult when the target noisy signal is
dominated by speech [133]. The LMS algorithm, with different step size values depending

on the SNR, was used to adaptively update the filter coefficients.
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4.2.2 Speech and noise material

In this study, the two speech enhancement methods were tested in four different types of
noise covering different temporal and spectral characteristics: pink noise, International
Female Fluctuating Masker (IFFM), speech-spectrum noise (SSnoise) from the International
Female Noise (IFnoise), and helicopter noise. The IFFM consists of nonsense speech
generated by reordering and concatenating speech segments obtained from the International
Speech Test Signal (ISTS) which includes six female voices speaking in different languages
[135]. The IFnoise is generated by randomly overlapping speech material from the ISTS
multiple times keeping the long-term average spectrum unchanged. Figure 4.2 shows the
time-domain waveforms and the spectra of these noises.

The noise stimulus played in the room was a concatenated sequence consisting of pink,
IFFM, IFnoise (SSnoise), and helicopter noise. Each 12-second noise signal separated by a
2-second pause from the subsequent noise in the stimulus signal was presented at a level of
70 dBA at the talker's ears.

The speech material is a sequence of 5 sentences from the American English Hearing-In-
Noise Test (HINT) [148]. The length of the concatenated sequence of 5 sentences with 1

second pause between each pair is 11 seconds.
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four noises used in the study
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Figure 4.3: Recording set up in the measurement room. The head icon represents a manikin
when recording speech and a real person when recording noises. Four acquisition
configurations were investigated using two microphone types (omnidirectional and
directional) and two microphone distances (25 and 50 cm). (adapted from [16] with

permission). See also Table 4.1.

4.2.3 Experimental setup

The experiment was conducted in a sound-treated room with the dimension of 4.29 m x 3.65
m x 2.42 m (length x width x height) in the Hearing Research Laboratory at the University
of Ottawa (Figure 4.3). A computer (PC) in the control room outside the recording booth
sends the noise to an external sound card (TASCAM US-366, TEAC Co., Japan) (Figure
4.4). The noise is then spectrally equalized to compensate for the room response via a
programmable multiprocessor (RANE RPM26z) which communicates with the sound card.

The multiprocessor outputs the equalized noise signal, split into four channels. As shown on
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the right side of Figure 4.4, these signals were then passed through a power amplifier
(Yamaha RX-V1000) and sent to a set of loudspeakers located inside the simulation room
which includes four tower loudspeakers (Sony MF600H), a bookshelf speaker on a stand
(Yamaha NS-C155) and a subwoofer (Mirage Subl2) (Figure 4.3). The sound card
(TASCAM US-366) was also used to simultaneously record the noise signals in the room at
a sampling rate of 96 kHz. The noise was recorded while there was a real participant near the
center of the recording room (Figure 4.3). The noise samples were collected by two different
microphones at two different distances of 50 cm and 25 cm from the mouth of the participant
in separate acquisition runs. The two microphones were a free-field omnidirectional
microphone (B&K Type 4189) connected to a sound level meter (B&K Type 2235) and a
cardioid microphone (Sennheiser ME 64).

The speech signals were collected separately by positioning an acoustic manikin (Head
and Torso Simulator, B&K Type 4128) at the same location in the room as the real
participant (Figure 4.3). The HINT speech sentences were sent through the output channel of
the RANE multiprocessor, amplified (Yamaha RX-A820) and then played through the mouth
simulator of the acoustic manikin, as shown on the left side of Figure 4.4. The acquisition
configurations (microphone types, distances from the mouth) used to record the speech
signal from the artificial mouth of the manikin were the same as those used for recoding the
noise in presence of the real participant. This strategy made it possible to create speech-in-

noise signals at any desired SNR by off-line mixing of speech and noise recordings.
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Figure 4.4: Test set-up for playing and recording noise and speech signals in the room,

(adapted from [149] with permission).
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4.2.4  Acquisition procedure

All noises were calibrated to a level of 70 dBA at the participant’s head position. For each
noise type (pink, IFFM, SSnoise, and helicopter) and acquisition configuration (Omni.50:
omnidirectional mic. at 50cm, Omni.25: omnidirectional mic. at 25cm, Dir.50: directional
cardioid mic. 50cm, Dir.25: directional cardioid mic. 25cm), three noise recordings were
then made (see "Noise" column in Table 4.1). During the first and second trial (R and T1),
the real participant was asked to stay still to allow recording of a reference noise and an ideal
target noise to create a best case scenario for noise suppression. In the third trial (T2), the
participant was asked to dynamically move (torso, head, lips, etc.) in a way that would
mimic speaking to a person in face-to-face situation, but while remaining silent. This trial
represented a more realistic situation where the talker's body moves, thereby disturbing the
noise field and creating a less favorable scenario for noise suppression.

The comparison of enhanced speech signals is reliable and practical only when the same
speech signal is uttered across all acquisition configurations and noise conditions, which is
not possible with real participants. In order to have exactly the same speech waveforms in
each condition, the HINT sentence speech files were played through the manikin’s mouth
and recorded in the same four acquisition configurations, at 50 cm and 25 cm and by two
different microphones in quiet (see "Speech™ column in Table 4.1). To generate noisy speech
test signals at different SNRs, the clean recorded HINT speech with variable amplitude was
then added to each noise recording in T1 and T2 conditions fixed at 70 dBA (Table 4.1). This
process ensured that the effects of speech enhancement method, acquisition configuration,
noise type and sound field disturbance by the participant motion could be compared with the

same speech signal waveform.
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TABLE 4.1: Noise and speech recording trials used to prepare the test signals. Speech and

noise were recorded separately. Speech signals in trial T1 and T2 were from the same

recordings.

Trial Noise

Speech

Participant Recordings

Manikin

Recordings

Still in noise Omni50, Dir50

Reference (R) field Omni25, Dir25

\deal Target (T1) Still in noise Omni50, Dirs50

field Omni25, Dir25
Natural Omni50, Dir50

Realistic Target (T2) movements of  omni25, Dir25
body and head

No speech

Speech from
artificial mouth

Speech from
artificial mouth

Omni50, Dirs50
Omni25, Dir25

Omni50, Dirs50
Omni25, Dir25

4.2.5 Performance measures

The size of the noise reduction (NR) for the T1 and T2 recordings was calculated by

subtracting the power level of the residual noise after enhancement from the power level of

the target noise before enhancement. The residual noise was obtained by subtracting the

waveform of clean speech from that of enhanced speech. The higher the value in dB, the

more noise was removed from the recorded noisy signal.

Several speech characteristics and objective intelligibility and quality measures were also

calculated for clean and enhanced speech to evaluate the performance of the DWC and ANC

methods in recovering the clean speech from the noisy speech. The energy of signal was
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reported in sound pressure level (dB SPL). The closer the energy of enhanced signal to that
of clean speech indicates the better is the noise suppression.

Different algorithms in time, frequency and time-frequency domain have been proposed
to precisely estimate the pitch period quantified by the fundamental frequency (Fo). In low
SNR conditions, mostly below 0 dB, the estimation of pitch is challenging because of the
degradation of pitch estimator performance [150, 151]. In this work, PRAAT (v.5.3.55), a
specialized environment for analysis of speech, was used to estimate the average pitch of
clean, noisy, and noise-cancelled signals. PRAAT calculates the pitch based on the highest
value of the autocorrelation function. The non-zero lag related to the highest value of
autocorrelation is taken as a candidate for the pitch period [152].

The speech intelligibility index (SII) and speech transmission index (STI), standardized
by ANSI S3.5-1997 and IEC 60268-16-2011 respectively, are the most commonly used
objective measures for predicting speech intelligibility [153, 154]. The Sl is estimated by
averaging the weighted signal-to-noise ratios (SNRs) in different frequency bands of the
speech and noise spectrum [140, 155, 156]. The STI uses a modulation transfer function
(MTF) rather than SNR to predict speech intelligibility. Based on the assumption that the
envelope of a speech signal must be perceived correctly in order the speech to be understood
correctly, the STI calculates the preservation of the envelope modulation in a degraded
environment (e.g. background noise) [157]. The conventional STI cannot be used when the
purpose is comparison between two speech signals in order to detect any degradation arising
from different speaking styles or speech enhancement [157]. To account for these effects on
intelligibility, the speech-based STI has been proposed in which the degraded speech signal
is compared with the original undistorted speech. The Sl and STI are indices between 0 and

1, a value highly correlated with the subjective speech intelligibility scores. The two
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measures have been validated for stationary noises but they cannot predict intelligibility
accurately and reliably in fluctuating noises. Extensions have been developed based on the
idea that instantaneous SII or STI computed over short time frames of signal can detect
short-time changes in intelligibility arising from the fluctuation in the background noise
[111, 138,139, 140].

The perceptual evaluation of speech quality (PESQ), standardized by ITU-T as
recommendation P.862 in 2002, is extracted from the fine structure information of the speech
waveform. It is estimated based on the comparison between the clean and the degraded
speech signals in a perceptual space [158, 159, 160]. The perceptual model transforms the
time-aligned clean and degraded speech signals from time-amplitude domain to frequency-
loudness domain. Then, the PESQ score is estimated by comparing the differences between
the loudness densities of both signals. It is an index between —0.5 to 4.5, or in most cases
between 1 to 4.5, correlating with subjective quality scores (e.g. subjective "Mean Opinion

Score” (MOS)) [160, 161, 162].
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4.3 Results

4.3.1 Noise reduction performanceof the two speech
enhancement methodsin the omnidirectional acquisition

configuration at 50 cm

Figures 4.5.a and 4.5.b illustrate the noise reduction achieved as a function of frequency with
the DWS and ANC methods in a reference acquisition configuration (omnidirectional
microphone at 50 cm) for the ideal motionless condition (T1) and for the more realistic
condition (T2) of the participant's body in one noise (SSnoise), when no speech is present
(SNR = —0). It can be seen that the size of noise cancelled by both methods is reduced when
there was movement in the participant's body during noise measurements (Figure 4.5b)
compared to the ideal condition (Figure 4.5a). The residual noise obtained by DWS method
follows somewhat the initial noise spectrum, but in the case of ANC method it is clear that
the algorithm distributed the residual noise nearly equally over frequency (Figure 4.5).
Moreover, it is observed that the DWS method cannot remove the noise to a level less than
the room noise, but the ANC method could even reduce the room noise at lower frequencies.
Figure 4.5 thus illustrates the potential benefits of ANC method in terms of a higher noise
reduction relative to that for the DWS method at very low SNR, in both ideal and realistic

conditions of target noise recording.
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Figure 4.5: The target noise, residual noise obtained by DWS and ANC methods at SNR of
minus infinity (i.e. no speech), and the room floor noise for real participant in the simulated
a) ideal situation (T1) of motionless talker and b) realistic situation (T2) of talker motion.

The signals were recorded by the omnidirectional microphone at 50cm and SSnoise is used.

Figure 4.6 shows the size of noise reduction (NR) by the DWS and ANC methods in the
baseline acquisition configuration (omnidirectional microphone at 50 c¢cm) for the ideal
motionless condition (T1) and for the more realistic condition (T2) of the participant's body
at different SNRs ranging from —oo (NS: no speech) to +20 dB. It illustrates that the size of
noise reduced by the DWS method does not change with the SNR value since this method is
independent of the presence of the speech. For the ANC method, the size of noise reduction
decreases when the SNR increases from —oo to +20 dB. Estimating the target noise with a

high amplitude speech signal using the reference noise is adversely affected at high SNRs.
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Figure 4.6: The size of noise reduction by DWS and ANC methods for the real participant in

the simulated a) ideal situation (T1) of motionless talker and b) realistic situation (T2) of

talker motion. The signals were recorded by the omnidirectional microphone at 50 cm. (NS:

no speech, SNR = —oo, NR: noise reduction).

Moreover, it is observed that the amount of noise removed decreases when comparing

realistic (T2) situation to the ideal motionless (T1) situation of talker's body in different types

of noise. It is observed that the largest size of reduction, no matter whether ideal (T1) or real

(T2) situation, is achieved for the low frequency (Figure 2.b) and fluctuating helicopter

noise, while the lowest size corresponds to the high frequency pink noise. Overall, the size of

noise reduction by the DWS method is superior to that by the ANC method in almost all

situations above a SNR of —25 dB, in this case where there is a perfect time alignment of

reference and target noises. The ANC method is better only in extremely low SNR or when

there is no speech. The degradation effect of the talker's movement on noise reduction is

larger for the DWS compared to the ANC method. The adaptive algorithm in the ANC
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method is able to compensate for the changes in the target noise arising from body

movement relative to the reference noise.
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Figure 4.7: The size of noise reduction by DWS and ANC methods at 0 dB SNR when the
reference and noisy speech (T2 condition) are misaligned (lag of —10 to +10 samples).
(Positive samples mean the reference appears later than noisy speech while negative samples

mean it appears earlier than noisy speech).

Figure 4.7 illustrates the effect of misalignment between the reference noise and the
noisy speech (T2 condition) on the size of noise reduction by the DWS and ANC methods at
an SNR of 0 dB. The performance of the enhancement methods decreases even with 1
sample misalignment. The larger drop in the size of the noise reduction by the DWS method
for different delays shows that it is more sensitive to misalignment compared to the ANC
method. For the negative values of delay, the ANC method is able to adaptively estimate the

target noise contained in noisy speech from the reference noise samples which are present
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earlier than the target samples. Thus, the size of noise reduction remains close to the value at
zero lag. At positive lags, however, the noise reduction gradually degrades with increasing
delay. This effect is due to the non-causality of the adaptive filter when the reference noise

appears later than the noisy speech (desired output of filter).
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Figure 4.8: The one-third octave band level of clean and enhanced speech signals obtained
by DWS and ANC methods with four different noise types in the realistic T2 condition
(SNRs= —10 dB and +10 dB). All signals were recorded with the omnidirectional

microphone at 50cm.

The spectra of speech signals recovered by the DWS and ANC methods at one third

octave band frequencies for different noise types in the realistic T2 condition are shown in
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Figure 4.8 using perfect time alignment. It is apparent that there is a good agreement between
the clean speech and the enhanced signals at SNR +10 dB for all noise conditions. For the
low SNR of —10 dB, the recovery of speech varies at frequencies higher than 2.5 kHz
depending on the type of noise. The best recovery of speech was achieved in the fluctuating
helicopter noise, largely because it has less high frequency energy compared to the other
types of noise (Figure 4.2), followed by that in the fluctuating IFFM and the stationary
SSnoises, while speech recovery in the pink noise was the least effective because it has more

energy at high frequencies.

4.3.2 SNR improvement in the four acquisition configurations

A shorter distance from 50 cm to 25 cm provides a theoretical improvement of 6 dB for the
speech level. A directional cardioid microphone has a theoretical directivity index of 4.8
dB which reduces the recorded noise and improves the SNR. In practice, the exact benefits of
a shorter distance and directional microphone depend on the sound reflection properties of
the room surfaces, noise type and noise spectrum. Table 4.2 shows the size of SNR
improvement at recording arising from the type of microphone (omnidirectional or
directional) and relocating the microphone to the half of the distance with respect to a
reference recording at 50 cm with omnidirectional microphone for different noise types. The
omnidirectional microphone at 50 cm serves as the baseline acquisition configuration in each
noise. Compared to this baseline configuration, the biggest size of benefit is observed for the

directional microphone at 25 cm. The SNR benefit is related to both the directivity index of
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the microphone (decreased noise) and the shorter distance of microphone to the mouth

(increased speech level).

TABLE 4.2: The improvement in SNR (dB) resulting from the acquisition configurations.
The omnidirectional microphone at 50 cm serves as the baseline acquisition configuration

and so the SNR improvement in the first column is zero.

Mic. type Noise Type
(distance to the Omni.(50cm) Omni.(25¢cm)  Dir.(50cm)  Dir.(25cm)
mouth)
Pink 0 6.9 0.0 6.8
IFFM 0 6.8 3.7 9.3
SSnoise 0 6.4 3.5 9.0
Helicopter 0 6.9 3.7 9.0

Omni.: omnidirectional mic., Dir.: directional cardioid mic

It is observed that the SNR improvement arising from the shorter distance is a little larger
than the theoretical value of 6 dB (Table 4.2). Further inspection of the data showed that the
noise has been slightly reduced when bringing the microphone from 50 cm or 25 cm, in
addition to the expected increase in speech level. Because the noise is not perfectly uniform
in the room, it is hypothesized that a screening effect by the head for noise components
coming from the back may occur when the microphone is closer to the head. On the other
hand, the size of the SNR improvement when changing the omnidirectional to the directional
microphone is found to be less that the theoretical value of 4.8 dB. As shown in Table 4.2,
the SNR improvement when using the directional microphone in IFFM, SSnoise and
Helicopter noises is in the range of 3.5-3.7 dB at 50 cm (Dir. 50 — Omni. 50) and 2.1-2.6 dB
at 25 cm (Dir. 25 — Omni. 25). Further inspection of the data showed that the speech level

was slightly affected by switching from the omnidirectional to the directional microphone
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(0.7 dB at 50 cm and 0.1 dB at 25 cm). Factoring out the reduction in speech level, the size
of noise reduction arising from switching to the directional microphone was 4.4 dB at 50 cm
(closer to the theoretical value of 4.8 dB) and 2.2—2.7 dB at 25 cm (about half the theoretical
value of 4.8 dB) in these three noises. Figure 4.9 shows the spectrum of four noises recorded
by the omnidirectional and the directional cardioid microphones at the distances of 50 cm
and 25 cm. The size of noise reduction arising from directivity benefit at50 cm is very close
to the theoretical value for frequencies up to about 4 kHz (Figure 4.9). The smaller size of
the directional noise reduction at 25 cm compared to the theoretical value is hypothesized to
be caused by the shorter distance of microphone to the mouth and the change in the

acoustical environment arising from the head, pinna, and torso reflections (Figure 4.9) [163].
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Figure 4.9: The spectrum of four noises recorded by the omnidirectional (omni.) and the

directional cardioid (Dir.) microphones at two distances of 50 cm and 25 cm.
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Table 4.2 shows that there is little directivity benefit when using the directional
microphone in the pink noise condition. It was observed that the size of noise reduction
arising from switching to the directional microphone in pink noise was only 0.7 dB at 50 cm
and 0.1 dB at 25 cm, but the reduction in the recorded speech negated an improvement in
SNR. The reason for the lower noise reduction arising from the directivity benefit is that the
directional microphone was less good or even negative at high frequencies where the pink
energy is dominant (Figure 4.9), so it was not able to reduce the background pink noise as
much as for the other three noises which contained more energy in the lower frequencies
where the directional benefit is superior.

In summary, the SNR improvement for the directional microphone at 25 cm (Dir. 25)
which combines both distance effect and the directivity benefit is not simply the sum of the
distance effect and the directional effect at 50 cm because the directional effect interacts with
distance. As per Table 4.2, it is observed that the total measured effect is 9.0-9.3 dB in three
of the four noises, a bit short of the theoretical max of 10.8 dB, while it is only 6.8 dB in pink
noise due the loss of directional effect at the high frequencies.

Table 4.3 shows the total SNR improvement when the four acquisition configurations are
combined with the two speech enhancement methods in the four noises in the realistic T2
condition. The reference condition is an acoustic input SNR of 0 dB at the omnidirectional
microphone at 50 cm and no further processing for speech enhancement. Note that in the
case of the DWS method the size of the reported improvements in Table 4.3 is independent
of the acoustic input SNR (Figure 4.6). In the case of the ANC method, the numbers in Table
4.3 strictly apply to the selected acoustic input SNR of 0 dB since the performance of this

adaptive speech enhancement method depends on the input SNR (Figure 4.6); larger
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improvements are expected at less favorable input SNRs and the converse is expected at
more favorable input SNRs.

Despite the larger size of acquisition benefit for the directional microphone compared to
the omnidirectional microphone, as shown in Table 4.2 at both distances, it is observed in
Table 4.3 that the total SNRs improvements with the directional microphone (Dir 50 and
Dir25) are smaller than those with the omnidirectional microphone (Omni.50 and Omni.25)
for both speech enhancement methods in all noises except the helicopter noise. As such, this
indicates that the omnidirectional microphone provided a superior recording configuration
for the purpose of speech enhancement, despite the higher acoustic input noise. It may be
that the directional microphone is more prone to distortion [146, 147], which could affect the

performance of DWC and ANC methods to subsequently recover the speech signal.

TABLE 4.3: The total improvement in SNR (dB) resulting from the acquisition
configurations combined with the two noise suppression methods of DWS and ANC in the
realistic T2 condition. The size of total improvement is calculated with respect to the
acoustic input at the omnidirectional microphone at 50 cm at a nominal SNR of 0 dB,

without speech enhancement.

Noise Mic. type and distance to the mouth

suppression - Noise Type Omni. (50cm)  Omni. (25cm)  Dir. (50cm)  Dir. (25cm)

method
Pink 18.2 23.4 14.3 17.6
IFEM 25.4 20.6 22.7 27.2
DWS SSnoise 25.9 30.0 24.2 27.4
Helicopter 29.4 32.0 31.5 33.0
Pink 16.8 211 141 17.2
ANG IFEM 20.2 24.4 18.0 235
SSnoise 19.4 23.0 19.2 22.9
Helicopter 20.7 22.9 22.3 24.3

Omni.: omnidirectional mic., Dir.: directional cardioid mic.
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Overall, it is observed that the largest size of improvement for the selected acoustic input
SNR was obtained with the omnidirectional microphone at 25 cm (Table 4.3). The only
exception is found with the helicopter noise (both with ANC and DWS) where the total SNR
improvement is maximal with the directional microphone at 25cm (Dir 25). Still, the total
SNR improvements in the helicopter noise is quite large in both two microphone conditions
(Omni.25 and Dir.25) and the advantage of the directional microphone is only 1-2 dB in that
noise. Most importantly, the omnidirectional microphone at 25 cm is clearly superior in the
most difficult noise type (pink) and in general provides the best results across different
noises with less variation with noise type than is obtained with the directional microphone.
The results in Tables 4.2 and 4.3 are similar if the SNR improvement is measured in A-

weighted dB.

4.3.3 Evaluation of the performance of speech enhancement

methods in recovering clean speech

The aim of this section is to evaluate the extent by which the enhanced speech signals
recorded by the omnidirectional microphone at 25 cm estimate the clean speech in the
realistic T2 condition. For this purpose, speech parameters (energy and pitch) and
quality/intelligibility measures (ESII, short-time speech-based STI, and PESQ) were
calculated and compared for the clean, noisy and enhanced speech signals in the four
different noises at SNRs ranging from —20 dB to +20 dB.

As shown in Figure 4.10, both speech enhancement methods successfully estimate the

true energy level of the speech signal down to an SNR of —10 dB in all noises. In contrast,
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when there is no speech enhancement, the energy of the noisy speech overestimates that of
the original clean speech at all SNRs, except when in very favorable conditions (SNR of +20
dB). This implies that there is an improvement of 20 to 30 dB in the range of SNRs where
speech energy can be successfully recovered in noise when using the two speech
enhancement methods. The lesser success with pink noise at SNR of —20 dB is related to the
smaller size of noise reduction with the speech enhancement methods compared to the other

noises, as previously observed (Table 4.3, Figure 4.8).
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Figure 4.10: The energy of clean, noisy, and the enhanced speech signals obtained by DWS
and ANC methods in four different noise types (SNRs= —20 dB to +20 dB). All signals were

recorded by the omnidirectional microphone at 25cm.
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Figure 4.11: The pitch of clean and the enhanced speech signals obtained by DWS and ANC
methods in four different noise types (SNRs= —20 dB to +20 dB). All signals were recorded
by the omnidirectional microphones at 25cm. The star symbol means the pitch could not be
estimated reliably at SNR=—20 dB.

Figure 4.11 shows the values of pitch extracted from the noisy, clean, and the enhanced
speech signals. The stars on top of the bars indicate that the pitch could not be estimated
reliably by PRAAT in the noisy speech condition at the lowest SNR. Similarly to the
estimation of energy level values in Figure 4.10, the pitch estimation from the enhanced
speech signal is close to that for the original clean speech at SNRs from 0 dB to +20 dB for
pink, IFFM, SSnoise and helicopter noise and even at the SNR of —10 dB for the two latter
noises. The overestimated pitch for the enhanced speech at SNRs of =10 dB and —20 dB in
the IFFM noise condition is likely because of the competing female voiced speech embedded
in this noise which interferes with the estimation of pitch from the male HINT speech signal.
The situation is however much worse when there is no speech enhancement. Overall, the two
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noise cancellation methods allowed recovering the true pitch within 0.2 Hz to 6.7 Hz at
SNRs from —10 dB to +20 dB in three of the noise types: pink, SSnoise, and helicopter. It is

within 0.2 Hz to 1.4 Hz of the true pitch at SNRs from 0 dB to +20 dB for the IFFM noise.
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Figure 4.12: The ESII estimated for clean, noisy, and the enhanced speech signals obtained
by DWS and ANC methods in four different noise types (SNRs= —20 dB to +20 dB). All
signals were recorded by the omnidirectional microphones at 25cm.

Figure 4.12 shows the ESII index calculated for the noisy, clean, and the enhanced
speech signals in the same four noises. The purpose is to determine the benefit of speech
enhancement in estimating the ESII in a noisy environment. The ESII calculated for the
noisy speech (red line in Figure 4.12) represents the situation when the noise reduction
methods are not used and the only speech signal available is the noisy speech recording. The
ESII for clean speech (blue dashed lines in Figure 4.12) is the true value of the ESII and

represents the ideal situation when speech is perfectly estimated. The red lines show that
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without noise reduction the calculated ESII overestimates the true value corresponding to the
clean speech by a wide margin for SNR < 0 dB. As shown, the ESII calculated from the
enhanced speech signals is nearly identical to the true value in all noises and at all SNRs
down to at least —10 dB. Thus, the noise suppression methods could remove the background
noise from the recorded noisy speech signals in a way that their ESII scores approached the
true ESII calculated from the clean speech. Similar to the trends observed in the figures
related to the pitch and energy, the difference between the ESII index of clean speech (blue
dashed-dotted lines) and those for the enhanced speech (bars) decreases for the higher SNRs.
Finally, also note that the higher ESII values at the low SNRs in IFFM and helicopter noises
compared to the other two noises is consistent with the fact that speech is more intelligible in
the fluctuating noises than that in the steady-state noises.

The other two objective measures of short-time speech-based STI and of PESQ also
demonstrate the extent by which the speech enhancement methods recover the clean speech
in terms of intelligibility and quality scores.

Figure 4.13 shows that the DWC and ANC enhancement methods yielded a significant
increase in the STI in all noises and SNRs by up to about 0.4. According to Figure 4.14, the
PESQ scores of speech enhanced by DWS and ANC methods again increased in all noises
and SNRs, by up to about 1.5, Slightly better improvements in the STI and PESQ are
obtained with the DWS method. At the higher SNRs, the STI and PESQ scores become
close to their maximum values of 1.0 and 4.5 respectively. The higher short-time speech-
based STI index for the speech signals enhanced by DWS method compared to those for
ANC method indicates that the envelope of speech signals can be better preserved by using

the former method.

102



Short-time speech-based STI

1
08 IFFM noise
0.61
04r
0.2r
0
1
0.8 Hellco ter noise
0.6
04r
0.2
0 SNR=-20 SNR=-10 SNR=0 SNR=+10 SNR=+20 SNR—-20 SNR=-10 SNR=0 SNR=+10 SNR=+20

| [ |INoisy speech 1] Enhanced speech (DWS) [l Enhanced speech (ANC)|

Figure 4.13: Short-time speech-based STI estimated for noisy, and the enhanced speech
signals obtained by DWS and ANC methods in four different noise types (SNRs= —20 dB to
+20 dB). All signals were recorded by the omnidirectional microphones at 25cm.

Overall, the results show that the noisy speech signals recorded by the omnidirectional
microphone at 25cm and enhanced by the two noise suppression methods of DWS and ANC
yield a far better estimate of the energy and pitch of speech while providing sizeable
improvements in the recovery of the envelope and fine structure of speech, as measured by

the STI and PESQ respectively, than when no enhancement is used.

4.4  Discussion

The available studies investigating the Lombard effect and its influences on different
parameters of speech have been limited by the methodology used to generate noisy

environments. When the noise is delivered through headphones to the talkers to elicit the
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Lombard effect, they suffer from the occlusion effects of the headphones. Under these
circumstances, the noisy condition simulated in the talkers' ears differs from a real-world
noise field because the occlusion effect changes the talkers' auditory feedback of their own
voice which is used to adjust the level of speech. Moreover, it is not practical to investigate
the interaction of hearing protectors or hearing aids with the speech produced in noise when
the noise is generated by the headphones. Thus, it is essential to elicit the Lombard effect by
an external noise field, which can be simulated by loudspeakers, in order to be able to
realistically account for the effects of different factors on speech production in noise.
However, investigating the Lombard effect in an external noise field is challenging due to
the contamination of the speech by the background noise, which makes it difficult to recover
and analyze a clean version of the produced speech signal. Due to the limited research
related to the recovery of clean Lombard speech from the noisy recording, this study aimed
at evaluating the performance of two noise suppression methods used to extract the clean
speech in the simulated external noise field. In order to investigate the effects of different
recording methods, noise conditions, and the talker's movement on the performance of the
clean speech extraction, two microphones (omnidirectional and cardioid directional) at two
distances of 50 cm and 25 cm were employed to record the simulated Lombard speech in
four different fluctuating and continuous noise conditions.

It was observed that both noise suppression methods could significantly decrease the
target background noise when there is no movement in the talker's body. When the talker
moved during the recording of noises, as would be the typical situation in practice, the size
of noise reduction was less compared to the ideal condition of no movement, because the of

recorded target noise becomes less matched to the reference noise (Figure 4.5).
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Figure 4.14: The PESQ estimated for noisy, and the enhanced speech signals obtained by
DWS and ANC methods in four different noise types (SNRs= —20 dB to +20 dB). All signals

were recorded by the omnidirectional microphones at 25cm.

When no speech is present or at very low SNRs, the ANC method cancelled more noise
than that cancelled by DWS method (Figure 4.6). ANC could even suppress the noise to an
amount lower than the floor noise in the room at low frequencies (Figure 4.5). This is
because the ANC method is able to filter the reference noise with respect to the target noise
to be cancelled until their subtraction reaches the optimal minimum value. The ANC method
is also less sensitive to the alignment issues arising from the delay in the recording of the
target and the reference noises (Figure 4.7). It was observed, however, that the performance
of the ANC method gradually deteriorates at higher SNRs due to the greater prominence of
speech hindering the ability of the ANC filter to adaptively match the reference noise to the
target noise. Nonetheless, the speech spectra recovered with the ANC method are as good as

those with the DWS method at representative low and high SNRs (Figure 4.6).
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The amount of noise reduction with both methods was affected by the type of noise.
Greater noise reduction was achieved in the fluctuating and low-frequency helicopter noise,
while the least reduction was obtained in the continuous pink noise which has more energy
at higher frequencies. We speculate that noise reduction for the pink noise is lower because
the effects of movement on the sound field may be more important at high frequencies,
resulting in greater perturbation of the target pink noise with respect to the reference noise.
As a consequence, the recovery of the speech spectrum was better with the helicopter noise
than the pink noise at lower SNRs (Figure 4.8).

Different acquisition configurations were investigated for recording the speech and noise
signals. Halving the microphone distance from 50 to 25cm increased the speech level and
associated SNR by about 6 dB, as expected. Use of a cardioid directional microphone picked
up less noise by about 2—4 dB below 2 kHz, but did not consistently lead to better noise
reduction, especially in pink noise. Overall, the omnidirectional microphone at 25 cm was
the preferred acquisition configuration as it was found to provide good noise reduction for
all noise types.

The pitch and energy values extracted from the enhanced speech at different SNRs
showed results very close or identical to clean speech, except at the lowest SNR of —20 dB
or pitch extraction in a voice masker like the IFFM noise. Moreover, the objective speech
measures calculated for the enhanced speech demonstrated that the noise suppression
methods could substantially increase the predicted intelligibility and quality scores starting
at SNRs as low as —10 dB.

In practice, both DWS and ANC noise suppression methods provide adequate noise
reduction for SNRs above —10 dB when using the omnidirectional microphone at 25 cm.

Brungart et. al. (2012) showed that the SNR range of speech produced by open-ear talkers in
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pink noise levels of 50 dBA to 80 dBA was 1 dB to 13 dB at the distance of 50 cm from the
mouth [117]. When wearing a set of combat earplugs in linear mode, the SNR ranged from
—8 dB at 80 dBA to 9 dB at 50 dBA while in the nonlinear mode, the SNR ranged from —4
dB to 12 dB. Hormann et. al. (1984) indicated that when talker and listener were open ears in
the pink noise levels of 76 dBA to 92 dBA, the SNR ranged from —11 dB to —4 dB at a
distance of 1 m [15]. At the condition where both talker and listener wore earplugs, the SNR
ranged from —16 dB to —8 dB at the same noise levels and distance. At the preferred
acquisition configuration selected in our study, the SNR values reported above would
increase by 6 to 12 dB due to the shorter recording distance of 25 cm compared to the 50 cm
or 1 m recording distances used in those investigations. Consequently, the methods
evaluated in this study are suitable to successfully recover Lombard speech produced in an
external noise field with or without hearing protector.

The methods evaluated in this study are applicable in laboratory settings and for
investigations of the Lombard effect where the same noise waveform can be presented twice,
once to generate a reference noise and once to collect the noisy Lombard speech. However, a
limitation of the present study is that the noise and speech signals were recorded separately,
then mixed to create noisy speech signals at different SNRs. Speech was produced through
the artificial mouth of the manikin located at the reference position in the room while the
noise signals were presented by loudspeakers in the presence of a real participant
with/without dynamic body movements. This was done in order to have an identical "clean"
speech signal in all conditions with different acquisition set-ups and so allow direct
comparison of the recovered speech following noise suppression. Therefore, the speech
material could not be recorded while it was read by a real participant in the noisy room

which would have resulted in no single comparator. We expect that this recording
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methodology would not have any significant effect on the results, since the purpose is only
focused on the size of noise reduced by two methods, which is not affected by the way
speech is recorded.

In the next chapters, the Lombard speech produced by real talkers wearing hearing
protectors will be recovered using these two noise cancellation methods in order to evaluate

the effects of different noise conditions and hearing status on different speech parameters.

4.5 Conclusions

Use of two noise suppression methods, direct waveform subtraction and active noise
cancellation, was found to adequately remove noise from speech recorded in the context of
Lombard effect studies carried out in an external noise field, for example when hearing
protectors or other hearing devices are worn. The method requires presenting the noise
waveform twice. It is important to minimize movements in the talker's body during
recordings in order to increase the amount of noise reduction. The type of microphone and
its distance to the talker's mouth also affect the amount of noise removal and speech pick up.
The noise reduction achieved by the DWS method is independent of the initial SNR, but
noise reduction by the ANC method decreases when increasing the SNR. On the other hand,
the DWS method is sensitive to time alignment of the two noise recordings, whereas the
ANC method is more robust. Speech feature extraction and objective intelligibility and
quality measures calculated for the enhanced Lombard speech verified the effectiveness of

the two noise suppression techniques in recovering speech at SNRs as low as —10 dB.
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Chapter 5

Changes in Speech Production Induced by a
Conventional Hearing Protector Worn by the
Talker and/or the Target Listener in Different

Noise Conditions

5.1 Introduction

Exposure to high level of noise is one of the main health-related concerns in many industrial
and military workplaces. Excessive occupational noise can cause temporary or permanent
hearing loss [6, 8, 48]. Moreover, loud noise can jeopardize workers’ safety through physical
and psychological stress, annoyance, fatigue, and interference with verbal communication

and warning sound perception [4, 5, 6]. Military services and industries have been advised to
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use protective devices (e.g. earplugs or earmuffs) in order to prevent noise-induced hearing
damages [27, 40, 113] when the noise cannot be further reduced through engineering and
administrative control methods. Although hearing protectors attenuate the level of noise to a
lower more comfortable level, they can impede speech communication and users' awareness
of the surrounding acoustic environment [31, 32, 37].

Hearing protectors affect the users' perception of speech and other desirable surrounding
sounds by reducing equally the level of unwanted sounds (noise) and wanted sounds such as
speech and warning signals [22, 24, 31, 32, 37, 49, 119]. Many investigations have been
carried out to evaluate the effect of wearing conventional hearing protectors on speech and
auditory perception [15, 17, 18, 19, 25, 27, 28, 29, 32, 33, 34, 36, 37, 123, 164]. The effects
of the fixed attenuation provided by conventional protectors can cause communication
problems, particularly in the case of workers with pre-existing hearing loss [22, 31]. For
these individuals, blocking the ear canal by the hearing protector increases the challenges
since they already suffer the problems of decreased audibility.

The type and characteristics of the background noise affect the size of masking and
consequently the size of changes in auditory perception and speech production [96, 97, 98,
66]. The masking effect of noises varies depending on the temporal and spectral
characteristics, for instance, amplitude modulations or fluctuations, the energy distribution
over frequency spectrum, and the existence of any linguistic information [95]. Normal
hearing individuals have a better understanding of speech spoken in fluctuating maskers
compared to that spoken in continuous noises [97-101]. The phenomenon of "dip listening"
or "release from masking" is referred to the listener's ability to extract speech cues audible in
relatively silent and short periods of noise where the local signal-to-noise ratio is high

because of momentary decrease of fluctuating noise level [97, 99, 102, 103, 110, 165, 166,
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167]. Blocking the ear canal by the hearing protector can disrupt the ability of listeners to
take advantages of brief "acoustic glimpses" of speech in dips of fluctuating noise, especially
in listeners with hearing loss. The effect of protectors on speech communication and
auditory perception also depends on the level of noise in which they are worn. It was
observed that wearing protectors causes little degradation on the ability of normal-hearing
listeners to understand speech in noise levels above 85-90 dBA [25, 27, 40]. Furthermore, it
was found that wearing hearing protectors could even provide a benefit in speech
intelligibility at high noise levels [16, 25, 28, 168, 169] for individuals with normal hearing.
At low level of noise (<70 dBA), the protectors cause a reduction in speech intelligibility
[25] probably because of the attenuation of the lower level of speech to a level insufficient
for recognition.

Hearing protectors can not only affect speech perception but also speech production [22,
25, 113, 114]. When the ear canal is occluded by a hearing protector, the perception of one's
own voice increases relative to the open-ear condition. Indeed, the occlusion effect blocks
the air conduction of sounds through the ear canal while resonates the bone-conducted
vibrations of talker's own voice, resulting in a "boomy" and "hollow" auditory feedback
amplified in low-frequency [117, 170]. Thus, hearing protectors reduce the talkers' natural
tendency to speak loud enough against the background noise, known as the Lombard effect,
by increasing the users' perception of their own voice and decreasing their perception of the
surrounding noise [39].

There have been relatively few studies investigating the effect of wearing conventional
hearing protectors on speech production [15, 25, 27, 40, 41, 117, 171]. In quiet, wearing the
conventional hearing protectors has been found to promote higher speech level by 4-6 dB

compared to open-ear condition [25, 41, 171] although some authors reported a small
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decrease of 1 dB [39, 40]. In noise, studies showed that using conventional hearing
protectors decrease the talkers' speech level by typically 3—6 dB compared to when
unprotected [15, 25, 27, 40, 117, 171]. Some authors reported a slightly greater size of
decrease in the talkers' speech level when using the hearing protectors in some situations
[40, 117]. Brungart et al. (2012) showed that talkers wearing a combat earplug spoke less
intensely by 10.1 dB when they wore the earplug in the linearly attenuating mode and by 5.8
dB when they used the nonlinear mode designed to protect against high-impulse noises only,
compared to no protection [117]. Tufts and Frank (2003) observed a drop in overall speech
levels and corresponding SNRs by 4 to 11 dB in different noise levels for the talkers wearing
the earplugs compared with the open-ear condition [40]. They also observed that although
the spectral center of gravity (SCoG) of speech increased in frequency in the presence of
background noise compared to quiet condition, the SCoG was consistently lower when the
talkers wore the earplugs. In a noise level of 100 dB SPL, the mean SCoG were 972 Hz for
the talkers in the open ear condition while it was 624 and 756 Hz for the talkers with foam
and flange earplugs, respectively. Furthermore, the changes in the speech intelligibility index
(SH) when talkers wore earplugs compared to the unprotected condition showed that the
speech information available for listeners decreased in the same noise in the protected
condition [15, 27, 40, 117].

The effect of wearing the hearing protectors on the speech of talkers can depend on the
level and type of noise affecting the masking size of noise. Most available studies evaluating
the acoustical characteristics of speech produced in noise, with or without hearing
protection, have been mostly used continuous noises [15, 28, 29, 32, 33, 34, 37, 64, 77, 78,
83, 91, 105, 106, 107, 108, 172], while many natural noises interfering with daily-life speech

communication are often temporally fluctuating [97, 109, 110, 111, 112]. As a result, it is
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necessary to evaluate the speech production for the talkers wearing the hearing protector
under a more realistic noisy condition in order to account for the interaction effect between
real workplace noises and the hearing protectors on speech communication. There have been
relatively few studies on speech production when using hearing protectors, particularly in
fluctuating noises and across a range of noise levels. Also, with exceptions, most studies
focused exclusively on speech levels, and not in the other features of speech.

The effect of wearing hearing protectors on speech perception and production also
depends on the role of wearer being a listener, a talker or both. It was observed that speech
intelligibility was reduced when both the talkers and listeners wear protectors [27]. Hormann
et al. (1984) investigated the effect of wearing the earplugs in pink noise by a talker and a
listener on verbal communication and the extent of speech intelligibility in all four possible
combinations of hearing protector usage: (1) both unprotected, (2) only talker protected, (3)
only listener protected, and (4) both protected [15]. This allowed evaluating the effect of the
listener's ear condition as well as the talker's ear condition and their interactions on speech
communication with HPDs. The presence of a real participant as the listener prompted the
talker to adjust the level of Lombard speech more accurately. Overall, the authors observed a
40 percent reduction in the understanding of speech and a considerable delay in the
exchange of information when both talker and listener wore hearing protectors. The highest
speech intelligibility was related to the situation where both talkers and listeners were with
open ears, while the lowest score were obtained when the protector was worn by both of
them [15].

The aim of this chapter is to evaluate the effect of an earmuff-type hearing protector on
the level, pitch and the spectral distribution of speech produced in quiet and in different types

of continuous and fluctuating noises presented at different levels in an external sound field.
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Following Hormann et al. [15], different ear conditions are investigated for the talker and

listener in terms of hearing protection use.

5.2 Methods and materials

5.2.1 Participants

Twenty-four participants were recruited to participate in the study. They were equal numbers
of males (12) and females (12), ranging in age from 19 to 32 years, native speaker in the
English language, without any history of smoking, speech/language impediments, and
respiratory, postural or other chronic conditions that could affect speech output. All
participants had normal hearing thresholds < 15 dB HL for frequencies up to 4000 Hz in each
ear and < 25 dB HL at 6000 Hz and 8000 Hz, and normal tympanograms. They filled out a
questionnaire about their auditory history and the type and duration of the noise exposure
they experienced, if any, in their daily activities. Note that the data for two other participants
were collected but discarded and replaced because it was found that English was not the first
language for one participant. For another participant, the hearing thresholds were higher than

15 dB HL at three low frequencies of 250, 500, and 1000 Hz.

5.2.2 Noises, speech material, and hearing protector

Four different noise types were chosen in this study to explore a range of temporal and

spectral variations in the characteristics of the background noise. They are pink noise,
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International Female Fluctuating Masker (IFFM) [135], speech-spectrum noise (SSnoise)
from the International Female Noise (IFnoise) [135], and helicopter noise (Figure 4.2b). Pink
noise and SSnoise are continuous noises while the other two represent the fluctuating noises
(Figure 4.2a).

The noise stimulus was a concatenated sequence consisting of pink, IFFM, IFnoise
(SSnoise) and helicopter noise segments, in this order, each 27 second long separated by a 5
second pause. The noise stimulus sequence was presented at two different levels of 70 dBA
and 85dBA at the talker's head position in the noise simulation room.

A list of 12 sentences selected from the American English Hearing-In-Noise Test
(HINT) [148] was used as speech material to be read by the talkers. The HINT sentences
chosen were representative of conversation in noisy workplaces (e.g. The engine is running)
(Table 5.1).

The hearing protector used in the experiment was the earmuff PELTOR Optime™ 98
(3M, Minneapolis MN) with a Noise Reduction Rating (NRR) value of 25 dB calculated

from the laboratory-based attenuation data as reported by the manufacturer.

5.2.3 Procedure

The experiment was conducted in a noise simulation room with the dimension of 4.29 m x
3.65 m x 242 m (length x width x height) in the Hearing Research Laboratory at the
University of Ottawa (Figure 4.3). The equalized and amplified noise signals were sent to the
loudspeakers located around the simulation room by an external sound card (TASCAM US-

366, TEAC Co., Japan) at the sampling rate of 96 kHz. There were six loudspeakers
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including four tower type (Sony MF600H), a bookshelf speaker on a stand (Yamaha NS-
C155) and a subwoofer (Mirage Sub12) to generate a quasi-diffuse sound field in the room
[16]. The spectral equalization of noise signals was used to compensate for the variation
arising from the room response. The same soundcard was also used to record the signals in
the room at the same sampling rate.

The microphone used to pick up the speech was a free-field omnidirectional microphone
(B&K Type 4189) located 25 cm away from the talker's mouth and connected to a sound
level meter (B&K Type 1625). This acquisition configuration was found to be the best

overall to extract speech in noise among four configurations previously studied (Chapter 4).

TABLE 5.1: The HINT sentences chosen as speech material for the talkers

No. HINT sentences
1 The engine is running.
2 He climbed up the ladder.
3 A janitor swept the floor.
4 The buckets fill up quickly.
5 It's getting cold here.
6 There are branches everywhere.
7 Someone is crossing the road.
8 A fire truck is coming.
9 The paint dripped on the ground.
10 A bag fell off the shelf.
11 The exit is well lit
12 The scissors are very sharp
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The participant was asked to sit on a chair at the centre of the simulation room 1-m away
from an ANSI S3.36 acoustic manikin (B&K 4128). Vocal output is known to increase less
when the task is just reading text in isolation compared to when the emphasis is on
transmitting intelligible message to a target listener [56]. Thus, the presence of the acoustic
manikin prompted the talker to adjust the voice level accordingly. The talker was asked to
read the list of 12 sentences attached to the manikin's torso and was instructed to speak in
such a manner to be understood at the target distance of the manikin in the different noises at
different ear conditions. The participants were asked to start speaking two seconds after the
beginning of each noise. The first two seconds of each noise was assigned for the talker's
preparation to adapt to each noise condition. The talker was monitored during the test by the
experimenter in the control room outside the recording booth.

The participant's output speech signal was collected in quiet and in noise at two different
levels and under four different ear conditions: (1) when both talker and listener were in open
ears ("Open-Open™ condition), (2) when the talker was wearing the hearing protector while
the listener was in open ears ("HPD-Open™ condition), (3) when the talker was in open ears
while the listener was wearing the hearing protector ("Open-HPD" condition), and (4) when
both talker and listener wore hearing protection ("HPD-HPD" condition). The order of ear
conditions (4), types (4) and levels (2) of noise was counterbalanced across the participants.

As discussed in Chapter 4, two enhancement methods consisting of active noise
cancellation (ANC) and direct waveform subtraction (DWS) were developed to recover the
clean vocal output from the noisy recording in the room. Both methods could adequately
remove the noise from the vocal output at SNRs as low as —10 dB. This was verified by
extracting some basic characteristics of speech (e.g. pitch and energy) and objective quality

and intelligibility measures from the enhanced speech, which found to be very close to those
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features extracted from the clean speech at SNRs down to —10 dB (Section 4.3.3). In order to
be able to use the enhancements methods the noise signal needs to be send twice in the
simulation room, one for recording the reference noise while the talker is asked to be silent
and one when the talker is speaking. In this work, the speech signal was recovered by using
the ANC method in order to assure the better recovery in the case of low SNRs, since this
method was found to be a little more superior at very low SNRs and was less prone to
alignment errors. The LMS algorithm, with different step size values depending on the SNR,

was used to adaptively update the filter coefficients.

5.3 Results

5.3.1 Overall speech energy level

5.3.1.1 Quiet condition

Figure 5.1 and Table 5.2 show the mean overall speech level (dB SPL) for different ear
conditions of the talker and listener (with and without the earmuff) in quiet. The effect of the
talker status on speech levels is relatively small. In the situation where the target listener
(manikin) was open ears, speech levels increased by 1 dB when talkers wore the HPDs
relative to open ears (i.e. 74.5 dB SPL in "HPD-Open" condition vs. 73.5 dB SPL in "Open-
Open" condition). In the situation where the target listener was wearing the HPD, a small

increase of 0.2 dB SPL was also observed in the speech level when the talkers were wearing
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protection relative to open ears (i.e. 80.3 dB SPL in "Open-HPD" condition vs. 80.5 dB SPL

in "HPD-HPD" condition).
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Figure 5.1: The mean overall speech level (dB SPL) for four different ear conditions of the
talker and listener in quiet (Open ears or with a hearing protector). Error bars are the

standard error of the mean: + standard deviation/Nsample size).

TABLE 5.2: The mean and standard deviation (std.) of the overall speech level (dB SPL)
separately for males and females and when averaged over both genders for different ear

conditions of the talker and listener in quiet

Talker-Listener ear condition

Gender  Speech level
enaer SPeeCn Vel 5 en-Open  HPD-Open  Open-HPD HPD-HPD

Females mean 72.8 73.6 81.6 80.3
(n=12) (std.) (2.7) (34) (4.4) (4.6)
Males mean 74.2 75.3 79.1 80.7
(n=12) (std.) (3.6) (5.4) (3.7) (4.3)

Average mean 73.5 74.5 80.3 80.5
(n=24) (std) (3.2) (4.5) (4.2) (4.3)
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The effect of the listener status on talkers’ speech levels was more important. When the
talkers were open ears, speech levels increased by 6.8 dB when the listener wore the HPD
relative to open ears ("Open-Open" vs. "Open-HPD" conditions). Likewise, when the talkers
wore the HPD, the speech levels increased by 6.0 dB when the listener was also wearing the
HPD relative to open ears ("HPD-Open" vs. "HPD-HPD" conditions). It shows that when the
listener wore the HPD, the talkers raise their voice no matter the ear conditions they were in.

A two-way mixed ANOVA was performed on the speech level data. The within-subjects
and between-subjects factors are ear condition and gender, respectively. Ear condition was a
significant main effect (F(3,66)=59.0, p<0.001) while the effect of gender was not
significant (F(1,22)=0.03, p=0.86). There was a significant interaction between ear
condition and talkers' gender (F(3,66)=3.81, p=0.014). Multiple pairwise t-test comparisons
using Bonferroni correction (p=0.05/6=0.008) showed that the "Open-Open™ vs "HPD-
Open" and the "Open-HPD" vs "HPD-HPD" ear condition comparisons were not significant.
All other four pairwise comparisons reached statistical significance. Figure 5.2 shows the
interaction between ear condition and gender. When the target listener is with open ears, the
males and females both increased their speech level when wearing the HPD compared to
open ears. In contrast, when the target listener wears the HPD, the males increased their

speech level while the females decreased theirs.
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Figure 5.2: The mean overall speech level (dB SPL) separately for males and females for
four different ear conditions of the talker and listener in quiet (Open ears or with a hearing

protector)

5.3.1.2 Noise condition

Figure 5.3 illustrates the mean speech level for four different ear conditions in quiet and in
four types of noise presented at 70 dBA and 85 dBA. It is obvious that the talkers raise their
voice level in noise relative to that in quiet. At the noise level of 70 dBA, there was an
increase in speech levels by 8.4 dB to 11.2 dB ("Open-Open™ condition), 4.0 dB to 4.9 dB
("HPD-Open" condition), 5.2 dB to 7.8 dB ("Open-HPD" condition), and 2.2 dB to 3.0 dB
("HPD-HPD" condition) across different types of noises (Table 5.3). At the noise level of 85
dBA, the increase in speech level relative to that in quiet was 14.0 dB to 18.3 dB ("Open-
Open" condition), 5.6 dB to 8.7 dB ("HPD-Open" condition), 8.8 dB to 13.1 dB ("Open-

HPD" condition), and 3.0 dB to 6.0 dB ("HPD-HPD" condition) across the four noises.
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Figure 5.3: Mean overall speech level (dB SPL) for four different ear conditions of the
talker and listener (open ears and with a hearing protector) in quiet and at four different

noises at two levels.

In the higher noise level of 85 dBA compared to the noise at 70 dBA, the talkers raised
the level of speech by 3.6 dB to 7.1 dB (talkers in open ears) and by 0.8 dB to 3.8 dB
(talkers with protection) across different types of noises and listener's ear conditions.

In 70 dBA of noise, the mean speech level decreased by 2.9 dB to 5.4 dB (listener in
open ears) and by 2.8 dB to 4.7 dB (listener with protection) when the talkers wore the HPD
relative to open ears (Figure 5.4). The corresponding size of the decrease was 7.4 dB to 9.4

dB (listener in open ears) and 5.3 dB to 7.8 dB (listener with protection) at the noise level of

122



85 dBA. It is observed that when the talkers wore the HPDs at the lower noise level of
70dBA, the speech levels in the different types of noises were very close to each other (all
symbols overlap) for a given listener ear condition. The maximum difference in speech
levels across the different types of noises was 0.9 dB when the listener was open ears and 0.7
dB when the listener wore hearing protection. Thus, wearing the HPD at the noise level of
70 dBA did not cause the talkers to react appreciably to the differences in the noise type.

In contrast, the effect of noise type on the speech level is much larger when the talker is
wearing the HPD at the higher noise level of 85 dBA (by up to 3.2 dB) or when in open ears

at both noise levels (by up to 4.4 dB).

TABLE 5.3: The overall speech level (dB SPL), averaged over both genders (n=24), for
four different ear conditions of the talker-listener in four different noise types at two levels

(mean and standard deviation)

I'_\'e?/'Zf 70 dBA 85 dBA
Noise . . . . . .
Type: Pink IFFM SSnoise Helicopter Pink IFFM SSnoise Helicopter
mean 84.7 820 83.6 81.8 918 874 90.4 88.7
Open-Open (std) (33 (32 (2.9) 2.7) (35) (36) (3.3 (3.2)
mean 793 784 78.5 79.0 83.2 80.0 80.9 81.3
HPD-Open (std.)  (49) (4.7) (5.0) (5.1) (50) (5.1)  (5.0) (5.2)
mean 88.1 855 87.3 86.5 934 89.1 92.0 90.6
Open-HPD (std) (38 (B7) (37 (3.9) (40) (40) (3.5 (3.5)
mean 834 828 82.9 83.5 86.5 836 84.2 85.3
HPD-HPD (std) (49 (4.5) (4.7) (4.5) (51) (500  (5.0) (5.1)
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Figure 5.4: Mean overall speech level (dB SPL) in four noise types at two levels for four

different ear conditions of the talker and listener (open ears and with a hearing protector)

Comparing the curves on the right side of the dashed line to the curves on the left in
Figure 5.4, it is observed that the talkers increased their voice level when the target listener
(manikin) wore the hearing protector. At the noise level of 70 dBA, the average rise in
speech level across the different noises is 3.8 dB (talkers in open ears) and 4.4 dB (talkers
with protection). At the noise level of 85 dBA, the increase is 1.7 dB and 3.6 dB,
respectively.

The speech level increased by 15.0 dB, 11.4 dB, 13.7 dB, and 12 dB in pink, IFFM,
SSnoise, and helicopter noise, respectively, when comparing "Open-Open™ condition in

quiet to that in noise (average of both noise levels) (Figure 5.3). The larger increase for the
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pink and SSnoise could indicate that the talkers perceived these two continuous noises as
stronger maskers than the two fluctuating noises. As a result, they tended to talk louder in
the pink and SSnoise to be heard by the listener (manikin).

At the noise level of 70 dBA (Table 5.3), an interaction between the HPD and the type
of noise was observed as the decrease of speech level for the talkers by 5.1 dB, 3.2 dB, 4.8
dB, and 2.9 dB in pink, IFFM, SSnoise and helicopter noises, respectively, when comparing
the condition of talkers with HPD to the condition of open ears (no matter if the target
listener is in open ears or wearing hearing protection). At the noise level of 85 dBA (Table
5.3), decreases in speech level by 7.8 dB, 6.6 dB, 8.7 dB, and 6.4 dB in pink, IFFM, SSnoise
and helicopter noises, respectively, were found.

The speech level data in noise were statistically evaluated using a four-way mixed
ANOVA. There are three within-subjects factors (ear condition, noise type, and noise level)
and one between-subjects factor (gender). The Huynh-Feldt corrected probabilities (F value)
are reported when the Mauchly's sphericity test was violated. Significant main effects were
found for ear condition (F(2.0,44.2)=60.8, p<0.001), noise type (F(2.3,50.7)=102.2,
p<0.001) and noise level (F(1,22)=267.1,p<0.001), but not for gender (F(1,22)=0.12,
p=0.73). The two-way interactions of ear condition with noise type (F(7.5,165.3)=22.8,
p<0.001), ear condition with noise level (F(2.6,58.2)=32.7, p<0.001) and noise type with
noise level (F(3,66)=60.1, p<0.001) were also statistically significant, but not ear condition
with gender (F(2.0,44.2)=2.8, p=0.08), noise type with gender (F(2.3, 50.7)=1.2, p=0.3),
nor noise level with gender (F(1.0, 22.0)=1.3, p=0.3). The three-way interaction of ear
condition with noise type and noise level was significant (F(7.2,158.6)=2.8, p=0.008), but

not the other three-way interactions nor the four-way interaction.
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Multiple pairwise t-test comparisons among the four ear conditions (pooled over noise
type, noise level and gender) using Bonferroni correction (p=0.05/6=0.008) show that the
speech level in each ear condition was significantly different from that in other conditions,
except for "Open-Open™ vs. "HPD-HPD"™ conditions which did not reach significance.
Multiple pairwise t-test comparisons among the different types of noises (pooled over ear
condition, noise level and gender) using Bonferroni correction (p=0.05/6=0.008) also
confirmed that the speech level in each noise type differed significantly relative to that in all

other noise types.

5.3.2 Pitch

5.3.2.1 Quiet condition

The pitch of speech signals produced in the quiet condition was calculated by PRAAT
(v.5.3.55) and is illustrated in Figure 5.5 and Table 5.4 for each talker-listener ear condition
and separately for males and females. The general trend is similar to that for the speech level
in Figure 5.2.

In the situation where the target listener was open ears, the mean pitch increased by 4.5
Hz and 8.6 Hz for male and female respectively when the talker wore the protector relative
to open ears. When the target listener wore hearing protection, the wearing of HPDs by the
talkers caused a rise of 6.6 Hz in the mean pitch of male participants while a decrease of 6.7
Hz was observed in the mean pitch for the females relative to open ears. Comparing "Open-
Open™ and "Open-HPD™" conditions revealed that the effect of wearing hearing protection by

the listener resulted in an increase in the mean pitch of open-ear male and female talkers by
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11.6 Hz and 48.9 Hz, respectively. An increase of 13.7 Hz and 33.6 Hz in pitch was found
when comparing "HPD-Open" to "HPD-HPD" condition.

A two-way mixed ANOVA on the speech pitch data revealed a significant main effect
for ear condition (F(2.4,53)=27.7, p<0.001) and talkers' gender (F(2.4,53)=8.4, p<0.001).
The two-way interaction of ear condition with talkers' gender was also significant
(F(2.4,53)=8.4, p<0.001). Similar to the speech level data, multiple pairwise t-test
comparisons (pooled over gender) using Bonferroni correction (p=0.05/6=0.008) indicated
that pitch in "Open-Open” vs "HPD-Open" and in "Open-HPD" vs. "HPD-HPD" ear
conditions did not differ significantly while all other pairwise comparisons were significant.
Figure 5.5 shows the interaction between ear condition and gender. When the target listener
is with open ears, the males and females both increased pitch frequency when wearing the
HPD compared to open ears. In contrast, when the target listener wears the HPD, the males

increased while the females decreased pitch frequency.

5.3.2.2 Noise condition

Figure 5.6 and Table 5.5 illustrate the mean pitch of speech produced by male and female
talkers separately in the noise levels of 70 dBA and 85 dBA. In the "Open-Open" condition,
the pitch of female talkers increased by 59.4 Hz, 46.6 Hz, 50.5 Hz and 39 Hz in pink, IFFM,
SSnoise and helicopter noise at 70 dBA, respectively, relative to the quiet (Tables 5.5 and
Table 5.4). Corresponding pitch increases by 29.6 Hz, 19.7 Hz, 22.9 Hz and 17 Hz were
found for male talkers. At the noise level of 85 dBA relative to the quiet condition, female
talkers raised the pitch by 121.2 Hz, 74.5 Hz, 104.1 Hz and 90.6 Hz in pink, IFFM, SSnoise

and helicopter noise while it increased by 81.5 Hz, 56 Hz, 70.9 Hz and 62.4 Hz for male
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talkers. The results follow the trends for speech level (Figure 5.3, Tables 5.2 and 5.3); both

speech level and pitch are higher in noise than in quiet and increase with noise level when

the talker is open ears.
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Figure 5.5: The average pitch of speech (Hz) for four different ear conditions of the talker

and listener in quiet (open ears and with a hearing protector) in quiet (two upper lines:

female talkers, two lower lines: male talkers). Error bars are the standard error of the

mean: + standard deviation/Nsample size.

TABLE 5.4: The mean and standard deviation (std.) of pitch (Hz) for four different ear
conditions of the talker and listener in quiet

Talker-Listener ear condition

Gend Pitch
ender e Open-Open  HPD-Open  Open-HPD _ HPD-HPD
Females mean 211.7 220.3 260.6 253.9
(n=12) std. (16.4) (22.8) (33.8) (29.9)
Males mean 136.1 140.6 147.7 154.3
(n=12) stl. (19.1) (15.5) (16.8) (15.8)
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Figure 5.6: The average pitch of speech (Hz) in four different noises at two levels of 70 dBA
and 85 dBA for four different ear conditions of the talker and listener (with and/or without a

hearing protector) (upper lines: female talkers, lower lines: male talkers).

In the situation where the target listener was open ears, the pitch decreased by an
average of 22.7 Hz for the females and by 6.2 Hz for the males across the different types of
noises at 70 dBA when the talkers wore the protector relative to open ears. When the target
listener wore hearing protection, the decline in the pitch arising from wearing the protector
by the talkers was 24.0 Hz for the females and 9.4 Hz for the males. At the noise level of 85
dBA, the size of decrease in the pitch when the talkers wore the protector were 55 Hz
(listener with open ears) and 57.8 Hz (listener with protector) for the females, and 37.3 Hz

(listener with open ears) and 26.2 Hz (listener with protector) for the males.
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TABLE 5.5: The pitch (Hz) for a) female and b) male talkers and listener for four different

ear conditions in four different noise conditions

a) female talkers (n=12)

Noise Level: 70 dBA 85 dBA

Noise Type: Pink IFFM SSnoise Helicopter Pink IFFM SSnoise Helicopter

mean 271.1 258.3 262.2 250.7 3329 286.2 315.8 302.3

Open-Open std.  (33.6) (335) (36.5) (31.1) (35.0) (32.2) (40.2) (37.0)
mean 240.7 2373 2354 238.1 268.8 2419 250.6 256.1
HPD-Open
std.  (347) (332) (321 (35.0) (44.1) (31.0) (35.9) (39.9)
mean 3049 2845 296.8 291.4 358.7 3154 345.9 332.9
Open-HPD
std.  (39.3) (32.3) (43.2) (41.9)  (47.0) (36.8) (47.5) (45.2)
mean 2725 269.6 2914 273.4 295.8 268.6 284.9 290.5
HPD-HPD

std.  (44.2) (44.1)  (47.6) (50.7)  (56.1) (42.0) (49.3) (52.1)

b) male talkers (n=12)

Noise Level: 70 dBA 85 dBA
Noise Type: Pink IFFM SSnoise Helicopter Pink IFFM SSnoise Helicopter
mean 165.7 155.8 159.0 153.1 217.6 1921 207.0 198.5
Open-Open std. (17.0) (17.5) (18.3) (17.5) (34.4) (26.6) (32.3) (29.5)
mean 154.8 151.2 150.3 152.4 1705 164.6 162.8 168.2
HPD-Open
std. (20.4) (205) (21.8) (236)  (345) (305) (31.1) (32.7)
mean 183.3 1732 1754 171.5 228.7 201.7 217.7 213.8
Open-HPD
std.  (32.2) (29.7) (28.4) (25.3)  (40.8) (34.7) (37.2) (38.1)
mean 170.3 1655 164.1 166.1 197.0 184.2 1832 192.7
HPD-HPD

std.  (23.8) (19.4) (20.5) (226)  (41.0) (36.0) (35.3) (40.1)
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The effect of wearing the hearing protector by the listener was an increase in the mean
pitch of the talkers' speech in noise. When the talkers were open ears, they raised their pitch
by 33.9 Hz (females) and 17.5 Hz (males) at the noise level of 70 dBA, and by 28.9
Hz(females) and 11.7 Hz (males) at the noise level of 85 dBA due to this listener HPD
effect. When the talkers were wearing the protector the size of increase in the pitch arising
from wearing the protector by the listener was 32.6 Hz (females) and 14.3 Hz (males) at the
noise level of 70 dBA, and 30.6 Hz (females) and 22.8 Hz (males) at the noise level of 85
dBA.

A four-way mixed ANOVA was performed on the pitch data in noise. The Huynh-Feldt
corrected probabilities (F value) are reported when the Mauchly's sphericity test was
violated. The analysis showed that there are significant main effects for ear condition
(F(2.5,55.4)=39.8, p<0.001), noise type (F(2.8,62)=58.6, p<0.001), noise level
(F(1,22)=130.5, p<0.001) and talkers’ gender (F(1,22)=68.9, p<0.001). The two-way
interactions of ear condition with noise type (F(7.3,160.1)=18.3, p<0.001), ear condition
with noise level (F(3,66)=31.9, p<0.001), ear condition with gender (F(2.5, 55.4)=4.1,
p=0.02), noise type with noise level (F(2.6, 57.8)=43.1, p<0.001) and noise type with
gender (F(2.8, 62)=5.5, p=0.003) were statistically significant, but not noise level with
gender (F(1.0, 22.0)=0.004, p=0.95). The three-way interactions of ear condition with noise
type and noise level (F(6.8,149.7)=2.9,p=0.008) and of noise type with noise level and
gender (F(2.6, 57.8)=8.0, p<0.001) were statistically significant, but not the other three-way
interactions nor the four-way interaction.

Multiple pairwise t-test comparisons (pooled over noise type, noise level and gender)
showed that the pitch produced in the four ear conditions was significantly different from

each other ear condition at the p=0.05/6=0.008 level, except for "Open-Open" condition
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compared to "HPD-HPD" condition. Multiple pairwise t-test comparisons (pooled over ear
condition, noise level and gender) among the different types of noises revealed that the pitch
in each noise type was significantly different from that in other noise types, except in

SSnoise compared to helicopter noise.

5.3.3  One-third octave-band spectrum analysis

Figure 5.7 shows the distribution of speech produced by male and female talkers in the quiet
condition over one-third octave frequency bands. The male talkers produced higher speech
levels than the female talkers in the lower frequency bands up to 200 Hz. Conversely, the
female talkers have slightly higher speech levels than the male talkers in the frequency bands
from 200 Hz up to about 630—800 Hz when comparing the same ear condition. In the
frequency bands over 800—1000 Hz, the female talkers had higher speech levels than the
male talkers when the listener condition was HPD, but both genders produced nearly
identical levels when the listener condition was open ears. As expected from the overall
energy results (Figure 5.1), it was observed that the talkers, whether males or females, had
slightly higher speech levels over most frequency bands in the "HPD-Open™ compared to the
"Open-Open" talker-listener ear condition. Moreover, the speech band levels were slightly
higher in "HPD-HPD" relative to those in "Open-HPD" for the male talkers, but the opposite
was observed for the female talkers particularly over the frequency bands from 1000 to 4000
Hz. This gender effect is consistent with the overall energy (Figure 5.2) and pitch (Figure

5.5) results.

132



80

Quiet (Male)

Band Level (dB SPL)

2 | | | | | | | | | | | | | | | | | |
?00 125 160 200 250 315 400 500 630 800 1k 1.25k1.6k 2k 2.5 3.15 4k 5k 6.3 8k
One-third octave-band frequency (Hz)

80
g Quiet (Female)
560 =

©

o

—140

©

c

[}

@

2 | | | | | | | | | | | | | | | | | |
?00 125 160 200 250 315 400 500 630 800 1k 1.25k1.6k 2k 25 315 4k 5k 6.3 8k
One-third octave-band frequency (Hz)

| — Open-Open — HPD-Open —— Open-HPD —— HPD-HPD |

Figure 5.7: The speech level distribution by one-third octave band (dB SPL) for males (top
panel) and females (bottom panel) in the quiet condition for different ear conditions of the

talker and listener (with and/or without a hearing protector).

Figure 5.8 illustrates the spectrum of speech produced by males and females in pink
noise at 70 dBA and 85 dBA, respectively. As expected, the level of speech was higher in
each frequency band when the noise level was 85 dBA relative to 70 dBA. At the noise level
of 70 dBA (Figure 5.8a), the male talkers had again much higher levels of speech than the
female talkers in the lower frequency bands up to 200 Hz. At the higher noise level of 85
dBA (Figure 5.8b), these low-frequency spectral differences between males and females

were not as pronounced.
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Figure 5.8: The speech level distribution by one-third octave band (dB SPL) for males and
females in a) 70-dBA and b) 85 dBA of pink noise for different ear conditions of the talker

and listener (with and/or without a hearing protector).
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Figure 5.9: The speech level distribution by one-third octave band (dB SPL) for males and
females in four noises a) at 70 dBA for the "HPD-HPD" condition and b) at 85 dBA for the
"Open-HPD" condition.
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At both noise levels, the lowest speech level in each frequency band was found in the
"HPD-Open™ condition, consistent with what was found for the overall energy results
(Figure 5.4) and as reflected in the lower pitch (Figure 5.6). The highest speech level was
observed in each one-third octave band in the "Open-HPD" condition, similar to the
observations for the energy and pitch in Figure 5.4 and Figure 5.6, respectively. Figure 5.9
illustrates the effect of noise type on the spectral distribution of speech for males and female
talkers for two separate combinations of ear condition/noise level. Figure 5.9a shows the
results for the "HPD-HPD" ear condition at the noise level of 70 dBA where the talker is
least exposed to noise. Whether males or females, the speech spectra are nearly identical to
each other in the four noise types. As for the overall speech level (Figure 5.4) and pitch
(Figure 5.6) results, wearing of the HPD did not induce the talkers to react appreciably to the
noise type and change their voice spectrum in this situation. On the other hand, Figure 5.9b
shows the results for the "Open-HPD™" ear condition at the noise level of 85 dBA where the
talker is most exposed to noise. In this higher noise level, a more prominent response to the
type of noise by the unprotected talkers is now observed. As shown, whether males or
females, the talkers speak louder in the two continuous noises (pink, SSnoise) than the two

fluctuating noises (IFFM, helicopter).
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5.4 Discussion

5.4.1 Effects of hearing protector on speech in quiet condition

Overall talkers’ speech levels (pooled over gender) were slightly higher when wearing the
HPDs in quiet (Figure 5.1) irrespective of whether the target listener was protected or
unprotected; however, the effect was non-significant. This may be the consequence of two
opposite effects occurring in this situation: (1) the occlusion effect of HPDs and (2) the
attenuation of external sounds. The former effect causes the talkers to perceive their own
voice louder due to the trapping of bone-conducted sounds within the ear cups, while the
latter dampens the air-conduction pathway from their own voice. The small non-significant
increase in speech levels observed in quiet may be indicative that the attenuation effect was
slightly more important than the occlusion effect for the given HPD used (a mid-range
earmuff). It is possible that the interplay between these two opposite effects would be
different for different types of hearing protectors (earmuffs or earplugs) and the amount of
volume enclosed or insertion depth of hearing protectors [173]. As an example, earmuffs
with large cup sizes have typically less of an occlusion effect and larger attenuation value,
which could promote higher speech levels, than earmuffs with smaller cup sizes.

The results verify that the use of an earmuff by the talker does not overly affect the
speech produced in quiet (around 1 dB), in accordance with the data from earlier studies by
Navarro (1996) [39] and Tufts and Frank (2003) [40]. Some authors reported a bigger size of
change in speech level for the talkers in the order of 4-6 dB while wearing hearing
protectors (earplug and earmuff) [25, 171]. As explained by Tufts and Frank (2003) [40], in

the case of earplugs it might be due to the different amount of acoustic seal provided by the
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different earplugs used which affects the size of attenuation of air-conducted component and
the size of enhancement of bone-conducted component of speech.

In contrast, a large significant increase in talkers’ speech level was noted when the target
listener wore the HPD relative to open ears (Figure 5.1). Thus, when the talkers have
knowledge that the target listener is protected, a higher speech level is produced in quiet
perhaps in anticipation that the listener could have difficulty understanding speech. Overall,
the highest level of speech in quiet was produced in "HPD-HPD" condition and the least one
is related to "Open-Open" condition. No comparable data was uncovered in the literature on
the effect of the listener's hearing protector in quiet; the results of this study show that
knowledge that the listener is protected promotes higher talkers’ speech levels, presumably
to maintain intelligibility high enough.

It is to be noted that there is an interaction between ear condition and gender for speech
level (Figure 5.2). While both genders increased speech levels when wearing the HPD if the
listener was unprotected, males increased speech levels if the listener was protected but
females decreased theirs. The same trends are seen in the pitch extracted from the talkers'
speech (Figure 5.5). The females' pitch slightly decreases when the talkers wear the HPD for
the ear-protected target listener ("HPD-HPD" vs. "Open-HPD" condition), similarly
observed for the speech level. The similar effect is also observed in the spectra for males and
females (Figure 5.7). The cause of these small differences in level, pitch and spectrum is not

clear, but they are likely due to slight differences in vocal effort chosen by each gender.
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5.4.2 Effects of hearing protector on speech in noise conditions

No matter the ear condition, the talkers’ speech levels were higher in noise than in quiet and
higher at the noise level of 85 dBA than 70 dBA, as shown in Figure 5.3, which was
expected due to the commonly known Lombard effect. On the other hand, the effect of
wearing an earmuff by the talkers in noisy conditions consistently led to a decrease in speech
levels. When wearing the HPD in noise, the occlusion effect is still present as in quiet that
amplifies the talker's own voice and gives the impression that the voice is loud, but at the
same time the external noise is less intense due to the HPD's attenuation which dampens the
Lombard effect. So, whereas in quiet the occlusion and Lombard effects could counteract
each other, in noise both effects direct the talkers to speak less loudly.

The size of the decrease in speech level when the talkers wore the HPD varied
depending on the level of noise; less reduction of speech level at the noise level of 70 dBA
compared to that at the noise of 85 dBA (Table 5.3, Figure 5.4), as reported in earlier studies
[40, 117]. The size of drop is up to 5.5 dB at the former noise condition while it is up to 10
dB at the latter one, in accordance with data shown by other studies [40, 117].

The decrease in speech level when the talker wore the HPD in noise also depended on
the type of noise. The size of the effects was larger in the continuous noises than the
fluctuating noises. No matter the ear condition, the talkers’ tendency to increase voice levels
in noise was consistently higher in pink noise and SSnoise than in the IFFM and helicopter
noises (Figures 5.3 and 5.4). Fluctuating noises are known to be less masking than
continuous noises [97, 98, 99] due to the phenomenon of “listening in the gaps” [97, 99,
103]. Listening to own voice may thus be facilitated by this "release from masking" effect

promoting talkers to adjust their voice accordingly and speak not as loud in fluctuating than
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continuous noises. This effect was found earlier in an earlier study for the unprotected ear
condition [101], while in this study this observation is extended to conditions when the
talkers wear HPD.

The effect of wearing the HPD on the talkers’ speech level not only depended on noise
type and noise level but also on the interaction between these two factors. At the lower level
of noise (70 dBA), when the talkers wear the HPD the speech levels are very close to each
other in all types of noise whether the listener is with the HPD or open ears (Figure 5.4). It is
an indication that the talkers' speech levels are not strongly related to the noise in this
condition ("HPD-Open™ or "HPD-HPD" at the noise level of 70 dBA). When wearing the
HPD, the residual noise under the earcups may be low enough (around 50 dBA assuming 20
dB attenuation) to appreciably dampen the Lombard effect so that talkers adjust their voice
primarily due to the occlusion effect. At the higher level of noise (85 dBA), the HPD does
not attenuate the noise enough (around 65 dBA assuming 20 dB attenuation) and the talker
reacts to the noise as well as the occlusion effect. Thus, the speech levels are different in
different noise types in “HPD-Open or “HPD-HPD” conditions at 85 dBA. More research is
needed to document the effects of noise type and its interaction with noise level on the
talkers' speech wearing the HPD since there is no comparable data available in the literature.

The effect of wearing an earmuff by the listeners in noisy conditions consistently led to
an increase in speech levels. This is seen when the talker is open ears ("Open-Open" vs
"Open-HPD") as well as when the talker is wearing the HPD ("HPD-Open" vs "HPD-HPD")
as shown in Figure 5.4. On the other hand, when both the talker and listener wear HPDs
compared to both open ears, then there is interplay between the effects of the talker and
listener HPDs. At the lower level of noise (70 dBA), the speech level in "HPD-HPD"

condition was slightly higher (IFFM, helicopter) or lower (pink, SSnoise) than that in
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"Open-Open" condition depending on the type of noise, but there is always a drop in speech
level between the same conditions at the noise level of 85 dBA. However, this interplay
between talker-listener and use of HPD could depend on the type of HPD. Hormann et al.
found lower speech levels when both talker and listener wear earplugs compared to when
they both are open ears in pink noise at 76 dBA and 92 dBA, but not at 84 dBA [15].

The pitch increases in noise relative to quiet condition for both males and females (Table
5.5 vs. Table 5.4). Pitch patterns across noise types, levels and ear conditions in Figure 5.6
follows essentially the same patterns for speech level in Figure 5.4. Thus it seems pitch and
level are dependent parameters and likely predicated by a common source: vocal effort. The
HPD worn by the talkers causes that the pitch decreases while it increases when the target
listener wears the HPD. At the lower level of noise (70 dBA), when both talker and listener
are with the hearing protector, the raising effect of wearing the HPD by the listener on pitch
is stronger than the damping effect of the HPD worn by the talker (Figure 5.6). Thus, there is
a slight increase in pitch when comparing "HPD-HPD" to "Open-Open" for both males and
females. At the higher level of noise (85 dBA), there is a slight to moderate decrease in pitch
when comparing "HPD-HPD" to "Open-Open" for both males and females (Figure 5.6).

In noise, the speech spectra show the lowest level in each one-third octave frequency
band in the "HPD-Open" condition while they indicate the highest level in each band in the
"Open-HPD" condition (Figures 5.8a and 5.8b). Likewise, the female talkers have more
high-frequency speech energy than males especially for the listener wearing the HPD
(Figures 5.8a and 5.8b). At the lower level of noise (70 dBA), the negligible differences
between the speech band levels across four different noises at "HPD-HPD" condition show
the stronger role of occlusion effect of HPD than the noise type in adjusting the talkers’

speech level (Figure 5.9a vs. Figure 5.9b). At the higher level of noise (85 dBA), the spectra
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across noise types show the speech band levels being highest in the two continuous noises
and lowest in the two fluctuating noises reflecting differences in the amount of noise

masking inducing the Lombard effect.

5.5 Conclusion

In general, although the HPDs can protect hearing from damage due to noise, the effects of
wearing the protector on speech communication need to be taken into account. This chapter
evaluated the effects of the hearing protector on the talkers' speech produced in different
noise types at different levels in an external sound field under conditions where both the
talker and the target listener could wear or not the protector.

Ear condition was a main effect on the speech level and it interacted with noise level and
type, but not gender. The effect of wearing an earmuff by the talkers in the high noise
condition consistently led to a decrease in speech levels. Further, the size of adverse effects
of hearing protectors on talkers’ speech levels was larger for the continuous noises compared
to the fluctuating ones. On the other hand, when the talker has knowledge that the listener
wears hearing protection, speech levels were found to increase. These two factors are in play
when communicating with hearing protectors and when both talkers and listeners wore
HPDs, the speech levels decreased compared to when they did not. Information exchange
can be significantly impeded when both individuals wear hearing protection compared to
when they do not or when only one of the two conversation partners wear hearing protector

[15].
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The limitations of this study include: (1) the target listener was a manikin, so there was
no interaction between the talker and listener which could have resulted in dynamic vocal
adjustments by the talker; and (2) the participants were naive users of hearing protectors.
Workers with experience using hearing protection may have developed strategies to speak
louder to compensate for wearing an HPD in noise. In any case, this study shows it is
important to inform workers about the effect of their HPDs, not just when listening but when
they are talking, and to train them to speak louder when using HPDs.

The level-dependent hearing protection devices (HPD) or those equipped with active
noise cancellation technology can be good alternatives for the conventional passive
protectors (earmuffs and earplugs). The next chapter evaluates the effects of one such type of

hearing protector on speech production in noise.
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Chapter 6

The Effect of Level-dependent Hearing
Protection on Speech Production in Quiet and

Noise

6.1 Introduction

Conventional passive hearing protectors can impede speech perception and user awareness
of the surrounding acoustic environment [19, 22, 24, 31, 32, 37, 49, 119]. They can also
interfere with production of speech by altering the talker's auditory feedback of their own
voice and the loudness of residual noise [15, 25, 27, 40, 41, 117, 171, Chapter 5]. By

increasing the users' perception of their own voice (occlusion effect) and decreasing their
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perception of the surrounding noise (attenuation effect), hearing protectors dampen the
talkers' tendency to speak louder against the background noise, known as the Lombard effect
[39].

Although hearing protectors are expected to be used in noisy conditions above 80-85
dBA, there are some situations where the talkers are wearing hearing protectors in quieter
periods, such as when the noise sources are intermittent during a work shift (e.g. drilling,
welding, and stoppages). It has been observed that talkers wearing hearing protectors in quiet
produce higher speech level by 1-6 dB compared to open-ear condition [25, 41, 171,
Chapter 5] while some authors reported a small decrease of 1 dB [39, 40]. Depending on the
type of hearing protector (earmuff or earplugs) the size of volume enclosed or the depth of
insertion into the ears would be different so that the different interplay between the two
opposite effects (occlusion effect and attenuation effect) of the protector might cause a raise
or a drop of speech level in quiet [173].

When wearing conventional hearing protectors in noise, unlike in quiet, the occlusion
and attenuation effects described above both prompt the talkers to speak less loudly [Chapter
5]. Studies have reported a decrease of 3—11 dB [15, 25, 27, 40, 117, 171, Chapter 5] in
speech level compared to open ears for different types of hearing protectors and noise
conditions (e.g. type and level of noise). The size of the decrease when wearing the hearing
protectors reduces as the level of noise decreases [40, 117], and was found to be as much as
5.5 dB at the noise level of 70 dBA while it was as much as 10 dB when the level of noise
increased to 85 dBA [Chapter 5]. Larger decreases in speech level were also observed in
continuous noises than in fluctuating noises with respect to open ear condition [Chapter 5].
The phenomenon of "listening in the gaps"” [97, 99, 103], known to produce less masking in

fluctuating than continuous noises at the same overall level [97, 98, 99], likely causes the
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talkers to have a better perception of their own voice which promotes them to speak even
less loudly in fluctuating noises [101].

Thus, conventional passive hearing protectors, which offer a fixed amount attenuation
regardless of the level of incident sound, can affect the talker's speech level and impede the
exchange of information between the talker and the listener [15]. The advent of electronic
hearing protectors with level-dependent transmission gain into the marketplace offers some
advantages over conventional passive protectors. By providing increasing amounts of
attenuation with increasing noise level, they can provide protection against high level
continuous noise and intense transient sounds while maintaining or even enhancing
audibility and situational awareness in low level noise or quieter periods, especially when
the noise is intermittent in the workplace and/or in the presence of workers with hearing loss
[20, 21, 22, 23]. In a qualitative assessment, noise-exposed workers rated the level-
dependent HPDs higher than the passive protectors in terms of their performance in
improving communication and situational awareness [22].

Despite these advantages, the inevitable impacts of automatic gain control and the
dynamics of the compression circuitry of level-dependent hearing protectors on speech
production cannot be ignored. The available research on these devices is limited to the
studies focussing on the listener, typically evaluating the impacts of different gain settings
and level-dependent attenuation on the perception, recognition, detection and the localization
of speech and other desirable sounds [17, 18, 23, 31, 33, 34, 35, 36, 37, 47, 120, 121, 122,
123, 124, 125]. Thus, there is a gap in knowledge regarding the effects of wearing level-
dependent hearing protectors on speech production in quiet and in different noise conditions.
Changing the gain of a level-dependent HPD is not expected to alter the occlusion effect,

which for earplugs is primarily related to the depth of insertion, while for earmuffs it depends
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on the size of the earcups. Thus, level-dependent HPDs are expected to produce the same
amount of occlusion effect as their conventional passive counterparts. On the other hand, the
air-conducted auditory feedback from own voice and the noise transmitted through the
device is determined by transmission gain characteristics of the level-dependent circuitry.
Thus, it is expected that speech production will be different with level-dependent HPDs
compared to conventional passive protectors.

In this chapter, the changes in level, pitch and spectral distribution of speech arising from
wearing an electronic level-dependent earmuff-style headset are evaluated in quiet and in two
noise types presented at three different levels in an external noise field. It is expected that
talkers will speak louder and closer to the level spoken in open ear conditions when the
device operates in level-dependent mode than when the device acts as a conventional passive
device with a larger attenuation. As mentioned above, the same occlusion effect is expected
in both level-dependent and passive attenuation operation modes, but the external noise will
be perceived as being louder in the level-dependent mode than in the passive operation and it
should induce talkers to speak louder in noise due to the increased Lombard effect.
Moreover, it is hypothesized that the effect of level-dependent HPD on the talker's speech
level will depend on the type of noise, as for conventional hearing protection and open ear

conditions, and be lower in fluctuating noises than the continuous noise types.
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6.2 Methods

6.2.1 Participants

Twenty-four adults (12 males and 12 females) participated in the study. These participants
were native English speakers, between 19 to 32 years of age, had normal hearing and
tympanometry, with no history of smoking, speech/language impediments, and respiratory,
postural or other chronic conditions. Normal hearing was defined as thresholds < 15 dB HL
for frequencies up to 4000 Hz in each ear and < 25 dB HL at 6000 Hz and 8000 Hz. The
history of each participant's exposure to noise was collected through a questionnaire. The

project was approved by the University Ethics Board on research with human subjects.

6.2.2 Hearing protection device

The device used in this study is the Peltor Power Com Plus™ level-dependent earmuff-style
headset (3M, St. Paul, MN). The built-in electronics provide stereo pass-through listening to
maintain audibility at low to moderate levels of noise and to protect hearing at high noise
levels [21, 23]. The device can operate in one of five so-called "surround settings”, S1 to S5,
providing a gain control range of 18 dB. Low level sounds (<60 dBA) are slightly attenuated
at the two lower surround settings S1 and S2, while they are amplified at surround settings
S3 to S5. Higher sound levels (>60 dBA) are subjected to automatic gain control in all
surround settings which reduces the transmission gain and increases attenuation to protect
hearing against high noise levels [21, 23]. Figure 6.1 shows the input-output function of the
device in the 5 surround settings. When the surround mode is turned off (not shown in Figure
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6.1), the device behaves like a passive HPD with a NRR of 25 dB, with a mean attenuation
of 19 dB to 39 dB from 125 Hz to 8000 Hz (as per laboratory-based attenuation data reported
by the manufacturer). In this study, the protector was used in passive (surround off) and two
level-dependent modes (surround settings S1 and S4). The former provides the maximum
attenuation of external sounds, as listed above, and the latter two a transmission gain of about
—6 dB and +9 dB, respectively, at low sound levels and gradually more attenuation with

increasing sound level (see Figure 6.1)
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Figure 6.1: Input-output level functions for speech-spectrum noise in the surround modes
(S1-S5) of level-dependent earmuff used in the tests (Reproduced from [21, 23] with
permission). The transmission gain at any surround setting and stimulus level is given is the
difference between the manikin sound level with the device in position and the open ear

response.
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6.2.3 Materials and Procedures

Two types of noises, pink and pulse pink, were chosen in this study (Figure 6.2). They have
exactly the same spectral content (Figure 6.2.b) but one is continuous and the second one is
temporally fluctuating (Figure 6.2.a). In order to generate pulse pink noise, the continuous
pink noise was modulated by a pulse waveform of width 50 ms with exponential decay with
a time constant of 10 ms, at a rate of 16 Hz. The noise stimulus was a concatenated sequence
consisting of pink and pulse pink noises, each 27 second long separated by a 5 second pause.
The noise stimulus sequence was calibrated at three different levels of 55 dBA, 70 dBA, and
85dBA at the talker's head position in a noise simulation room.

The noise simulation room with the dimension of 4.29 m x 3.65 m x 2.42 m (length x
width x height) was located in the Hearing Research Laboratory at the University of Ottawa.
In order to generate a quasi-diffuse sound field, the equalized and amplified noise signal was
played through six loudspeakers including four tower type (Sony MF600H), a bookshelf
speaker on a stand (Yamaha NS-C155) and a subwoofer (Mirage Sub12) [16] in the room by
an external sound card (TASCAM US-366, TEAC Co., Japan) at the sampling rate of 96
kHz.

A free-field omnidirectional microphone (B&K Type 4189) connected to a sound level
meter (B&K Type 2235) at 25cm away from the talker's mouth and the same external
soundcard was used to pick up the signals in the room at the same sampling rate of 96 kHz.
This acquisition configuration was found to be the best to extract speech successfully and

accurately in an external noise field (Chapter 4).
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Figure 6.2: (a) The time-domain waveforms, and (b) one-third octave-band spectra of the

two noises used in the study.

The participant sat near the centre of recording room 1-m away from an ANSI S3.36
acoustic manikin (B&K 4128) which served as a target listener (Chapter 5). Since vocal
output depends on the communication situation facing the talkers [56], the presence of the
manikin at a fixed distance prompted all talker participants to adjust their voice to a common
scenario. The first 2 second of each noise was assigned for the talker’s adaptation to the
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noise condition and then during the remaining 25 second of the noise the participant was
asked to read the list of 12 sentences attached to the manikin's torso and was instructed to
speak in such a manner to be understood at the target distance of the manikin in the different
noises. The sentences which selected from the American English Hearing-In-Noise Test
(HINT) represented a conversation in noisy workplaces (e.g. The engine is running)
(Table6.1) [148]. The participant was monitored during the test by the experimenter in the
control room outside the recording room.

The participants' output speech signal was recorded in quiet and in the two noises
presented at three different levels. There were four ear conditions for the talkers: (1) open
ears ("OpenEar"), (2) when the level-dependent HPD was worn with surround setting S4
("HPD-S4"), (3) when wearing the level-dependent HPD with surround setting S1 ("HPD-
S1"), (4) when wearing the level-dependent HPD in the "Off" mode ("HPD-Off"). The order
of ear conditions (4), noise types (2), and noise levels (2) was counterbalanced across the
participants. In order to limit the number of experimental conditions and the session duration
to avoid vocal fatigue, only one manikin target "listener" situation could be tested. The open
ear condition was selected.

In order to recover the clean speech signal from the noisy vocal output collected in the
external noise field, the active noise cancellation (ANC) method was used because it was
verified to be able to adequately remove the noise from the vocal output at SNRs as low as
—10 dB (as explained in Chapter 4). The LMS algorithm, with different step size values
depending on the SNR, was used to adaptively update the filter coefficients. Based on the
methodology of using the ANC method provided in Chapter 4, the noise signal needs to be
sent twice in the simulation room, one for recording the reference noise while the talker is

asked to be silent and one when the talker is speaking.
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TABLE 6.1: The HINT sentences chosen as speech material for the talkers

=z
o

HINT sentences
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The engine is running.

He climbed up the ladder.

A janitor swept the floor.

The buckets fill up quickly.

It's getting cold here.

There are branches everywhere.
Someone is crossing the road.
A fire truck is coming.

The paint dripped on the ground.
A bag fell off the shelf.

The exit is well lit

The scissors are very sharp

6.3

6.3.1

6.3.1.1

Figure 6.3 and Table 6.2 show the mean overall speech levels produced in quiet for different
talkers' ear conditions. The lowest speech level (71.1 dB SPL) occurred when the talkers
wore the HPD at the surround setting S4 ("HPD-S4"). As shown in Figure 6.1, the talkers

reduced their speech level by 1.2 dB (Figure 6.3) at the surround setting S4 compared to the

Results

Overall speech energy level

Quiet condition
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unprotected condition ("OpenEar"). In the surround setting S1, the talkers' speech level
slightly increased compared to that in "OpenEar" condition. The highest speech level (73.1
dB SPL) was produced when the HPD was worn in the passive mode ("HPD-Off"). Table 6.2
and Figure 6.4 show that there was a similar trend due to wearing the HPD in both male and
female talkers, except that the males had less differences between ear conditions, especially
at surround setting S4 ("HPD-S4"). Also, males spoke about 3-6 dB louder than females
across the ear conditions.

A two-way mixed ANOVA was conducted on the speech level data, with ear condition
and gender as within-subject and between-subject factors, respectively. There was a
significant main effect for ear condition (F(3,66)=14.7,p<0.001) and gender (F(1,22)=6.9,
p=0.015). The interaction between ear condition and talkers' gender was also significant
(F(3,66)=3.8, p=0.015), as illustrated in Figure 6.4. Multiple pairwise t-test comparisons
using Bonferroni correction (p=0.05/6=0.008) showed there was no effect between ear
conditions for males, but for females speech levels in the "HPD-S4" were significantly lower

than in the three other ear conditions.
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Figure 6.3: The mean overall speech level (dB SPL) averaged over both genders for four

different talker ear conditions in quiet (Open ears and with the level-dependent hearing

protector at surround gain settings S1 and S4 and at surround Off ). Error bars are the

standard error of the mean: + standard deviation/Nsample size)

TABLE 6.2: The mean and standard deviation (std.) of the speech level (dB SPL) separately

for males and females and when averaged over both genders for different talker ear

conditions in quiet

Talker ear condition

Gender Speech level OpenEar HPD-S4  HPD-SI __ HPD-Off

Females mean 70.7 68.4 70.2 71.0
(n=12) (std.) (4.1) (4.3) (4.4) (4.4)
Males mean 74.0 73.7 74.6 75.3
(n=12) (std.) (3.4) (4.0) (4.1) 4.1)

Average mean 72.3 71.1 724 73.1
(n=24) (std) (4.0) (4.9) (4.7) 4.7)
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Figure 6.4: The mean speech level (dB SPL) separately for males and females for four
different talker ear conditions in quiet (Open ears or with a level-dependent hearing
protector at three surround gain settings). Error bars are the standard error of the mean: +

standard deviation/Nsample size)

6.3.1.2 Noise condition

Figure 6.5 shows that the talkers, no matter the ear condition, increased their speech level
when speaking in noise compared to quiet condition, conforming to the Lombard effect. The
speech level increased more when the level of noise increased from 55 dBA to 85 dBA.
When the talkers were with open ears in noise, the increase in speech levels compared to
quiet condition was 4.3, 9.7, 17.1 dB at the three noise levels of 55, 70 and 85 dBA,
respectively, averaged over the two noise types (Table 6.3). The corresponding increase in
speech levels was 4.0, 8.1 and 13.0 dB at the “HPD-S4” condition, 3.1, 6.4 and 9.4 dB at the
"HPD-S1" condition, and 1.9, 4.0 and 7.1 dB at the "HPD-Off" condition in the three noise

levels compared to quiet. The highest speech levels in the presence of noise were produced
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in the "OpenEar" condition, indicating that wearing the HPD dampens the vocal output in

noise not only in passive mode but also in the two level-dependent modes.
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Figure 6.5: Mean overall speech level (dB SPL) averaged over both genders for four
different talker ear conditions (open ears and a level-dependent HPD at three surround gain

settings) in quiet and in two different noises at three levels.

Figure 6.6 shows the same data as in Figure 6.5 so as to illustrate that the effect of HPD
on the speech level depended on the surround gain setting of HPD, at the three different
noise levels. In 55 dBA of noise, the speech level decreased by 1.6 dB and 1.3 dB at "HPD-
S4", 1.4 dB and 0.8 dB at "HPD-S1", and 2.0 dB and 1.3 dB at "HPD-Off" in continuous and
pulse pink noises, respectively, when the talkers wore the HPD relative to open ears. At the

noise level of 70 dBA, the corresponding sizes of decrease were 3.0 dB and 2.8 dB at"HPD-
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S4" 3.4 dB and 3.0 dB at "HPD-S1", and 5.3 dB and 4.5 dB at "HPD-Off" relative to open

ears in the same two noises respectively. At the noise level of 85 dBA, the talkers' speech

levels decreased by 5.9 dB and 5.0 dB at “HPD-S4” relative to the "OpenEar" condition at

the two noise types (pink and pulse pink) of 85 dBA. When comparing the "HPD-S1"

condition to the "OpenEar" condition dBA, the size of drop in speech level were 8.2 dB and

7.1 dB, while they were 9.8 dB and 8.6 dB when the HPD was at the passive mode ("HPD-

Off" vs. "OpenEar").

TABLE 6.3: Overall speech levels (dB SPL), averaged over both genders (n=24), for four

different talker ear conditions in two different noise types at three levels (mean and standard

deviation)
Noise 55 dBA 70 dBA 85 dBA
Level:
Noise Pink  Pulse Pink  Pink  PulsePink  Pink  Pulse Pink
Type:
mean 76.9 763 82.4 816 90.2 88.7
OpenEar
(std.) (4.2) (4.4) (3.4) (3.5) (3.7) (3.8)
mean 75.1 75.0 79.5 78.8 84.3 83.7
HPD-S4
(std.) (4.8) (5.0) (4.8) (5.1) (4.3) @.7)
mean 75.5 75.6 79.0 78.6 82.0 81.5
HPD-S1
(std.) (5.0) (5.2) (4.6) (4.9) (3.8) (4.1)
mean 75.0 75.0 771 77.0 80.4 80.1
HPD-Off
(std.) 51) 50) ®9) 53) ®9) 51)
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Figure 6.6: Mean overall speech level (dB SPL) averaged over both genders in two noise
types at three levels for four different ear conditions of the talker (open ears and with a

level-dependent HPD at three surround gain settings).

The effect of HPD on the speech level also depended on the level of noise. At the noise
level of 85 dBA, the maximum difference in speech levels between the protected ear
conditions and open ears was 9.8 dB and was observed in the "HPD-Off" condition. At the
noise levels of 70 dBA and 55 dBA, the maximum difference was 5.3 dB and 2.0 dB,
respectively, again in the "HPD-Off" condition.

As shown in Figure 6.6, the effect of noise type appeared as a slightly lower speech level
in the fluctuating pulse pink noise compared to that in the continuous pink noise, especially,
at the high noise levels of 70 dBA and 85 dBA. The speech level was lower by 0.9 dB
("OpenEar"), 0.7 dB ("HPD-S4"), 0.4 dB ("HPD-S1"), and 0.1 dB ("HPD-Off") at the pulse
pink noise level of 70 dBA relative to the same level of continuous pink noise. At the noise
level of 85 dBA, the speech level was lower by 1.6 dB ("OpenEar™), 0.7 dB ("HPD-S4"), 0.5

dB ("HPD-S1"), and 0.4 dB ("HPD-Off") in pulse relative to continuous pink noise. The size
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of differences between speech levels across two types of noises decreased as the attenuation
of the HPD increased (or transmission gain decreased) from "HPD-S4" to "HPD-S1" and
"HPD-Off". At the low noise level of 55 dBA, there were only very small differences in
speech levels over the two types of noises when wearing the HPD.

A four-way mixed ANOVA was conducted on the speech level data. In the analysis, ear
condition, noise type, and noise level were within-subjects factors and gender was a
between-subjects factor. The Huynh-Feldt corrected probabilities (F value) are reported for
the main effects of ear condition and noise level and the interaction of ear condition and
noise level, since the Mauchly's sphericity test was violated. There were significant main
effects for ear condition (F(2.5, 54.1)=75.6, p<0.001), noise type (F(1,22)=10.1, p=0.004),
and noise level (F(1.2, 25.6)=233.6, p<0.001), but not gender (F(1,22)=3.6, p=0.07). The
two-way interactions of ear condition with noise level (F(4.1,91.1)=57.4, p<0.001), ear
condition with noise type (F(3,66)=8.8, p<0.001), noise type with noise level (F(2,44)=7.4,
p=0.002), and ear condition with gender (F(2.5,54.1)=3.6, p=0.025) were statistically
significant, but not noise level with gender (F(1.2,25.6)=2.2, p=0.15), and noise type with
gender (F(1,22)=0.12, p=0.73). The three-way interaction of ear condition with noise level
and gender (F(4.1,91.1)=57.4, p<0.001) was significant, but not the other three-way
interactions nor the four-way interaction.

Multiple pairwise t-test comparisons among three different levels of noises (pooled over
ear condition, noise type and gender) using Bonferroni correction (p=0.05/6=0.008) show
that the comparison between speech energy levels in each pair of noise levels was
statistically significant. Multiple pairwise t-test comparisons among the four ear conditions
(pooled over noise type, noise level and gender) using Bonferroni correction

(p=0.05/6=0.008) show that the comparison between the speech levels in all pairs of ear
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conditions were significant, except in "HPD-S4" vs. "HPD-S1". However, given the strong
effect of noise level on results (Figure 6.6), the same analysis was repeated separately by
noise level. At the noise level of 55 dBA, the differences between speech levels in all pairs
of ear condition were non-significant. In 70 dBA and 85 dBA of noises, all paired

comparisons were significant except for "HPD-S4" vs. "HPD-S1" at the former noise level.

6.3.2 Pitch

6.3.2.1 Quiet condition

Pitch frequency was calculated by PRAAT (v.5.3.55) and is shown in Figure 6.7 and Table
6.4 for the four different ear conditions in quiet, separately for females and males. It is
observed that the general trend is similar to that for the speech level in Figure 6.4. When the
talkers wore the HPD at the surround setting S4 ("HPD-S4"), the pitch decreased by 5.3 Hz
and 1.4 Hz for females and males, respectively, compared to the open ear condition. When
the HPD was worn at the surround setting S1 ("HPD-S1"), there was an increase in pitch by
1.1 Hz for females and a small drop of 0.4 Hz for males. Comparing the "HPD-Off"
condition to the "OpenEar" condition showed an increase of 7.1 Hz in the females' pitch and

a decrease of 0.5 Hz in the males' pitch.
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Figure 6.7: The mean pitch (Hz) for four different ear conditions of the talkers in quiet
(open ears and with a level-dependent hearing protector at three surround gain settings).

Error bars are the standard error of the mean: + standard deviation/Nsample size.

TABLE 6.4: The mean and standard deviation (std.) of pitch (Hz) for four different talker

ear conditions in quiet

Talker-Listener ear condition

Gender Pitch OpenEar HPD-S4 HPD-SI  HPD-Off

Females mean 210.6 205.3 211.7 217.7
(n=12) std. (14.8) (17.6) (16.1) (15.2)
Males mean 134.2 132.8 133.8 133.7
(n=12) std. (25.6) (23.7) (22.7) (19.4)

A two-way mixed ANOVA was conducted on the pitch data in quiet. The Huynh-Feldt
corrected probabilities (F value) are reported since the Mauchly's sphericity test was
violated. There was a significant main effect for ear condition (F(2.42,53.24)=4.2, p=0.015)

and gender (F(1,22)=100.74, p<0.001). The two-way interaction of ear condition with
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gender was also significant (F(2.42,53.24)=3.2, p=0.041). Multiple pairwise t-test
comparisons using Bonferroni correction (p=0.05/6=0.008) showed that the pitch in each ear
condition did not differ significantly relative to that in other ear conditions, whether this

analysis was done separately for females or males, or done for the pooled gender data.

6.3.2.2 Noise condition

The mean pitch produced by male and female talkers in two noise types presented at three
different levels is illustrated in Figure 6.8 and Table 6.5. Comparing to "OpenEar" condition,
it is observed that the pitch decreased for both males and females when wearing the HPD at
the higher noise level of 85 dBA, and at 70 dBA except for the males at "HPD-S4" and
"HPD-S1" in pulse pink noise at that level.

The size of decrease in female pitch was 12.1 Hz and 13.2 Hz in continuous and pulse
pink noises of 70 dBA, and 49.1 Hz and 39.0 Hz respectively at 85 dBA, when comparing
""HPD-S4" condition relative to the “OpenEar” condition. For the same comparison of ear
conditions, the male pitch decreased by 4.6 Hz in continuous pink noise while it increased
by 0.6 Hz in pulse pink noise of 70 dBA. At the noise level of 85 dBA, the male pitch in
"HPD-S4" condition reduced by 33.0 Hz and 28.1 Hz relative to "OpenEar" condition in
continuous and pulse pink noises, respectively.

When wearing the HPD at the surround setting S1 ("HPD-S1") relative to the "OpenEar"
condition, the female pitch reduced by 14.5 Hz and 12.5 Hz in 70 dBA of continuous and
pulse pink noises and by 56.7 Hz and 49.1 Hz in 85 dBA of the two same noises,

respectively. There was a drop of 3.3 Hz but an increase of 2.4 Hz in the male pitch in 70
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Pitch (Hz)

dBA of continuous and pulse pink noises when comparing "HPD-S1" to "OpenEar". At 85
dBA, the male pitch reduced by 46.7 Hz and 38.9 Hz in the two noises.

Comparing "HPD-Off" condition to "OpenEar" condition shows a decrease of 23.7 Hz
and 21.7 Hz in female pitch, and 10.3 Hz and 5.5 Hz in male pitch in 70 dBA of continuous
and pulse pink noises. At the noise level of 85 dBA, the size of drop was 73.2 Hz and 61.4
Hz (pink and pulse pink) in female pitch and 46.4 Hz and 39.2 Hz (pink and pulse pink) in
male pitch. In contrast, at the low noise level of 55 dBA, wearing the HPD did not have

much effect on pitch compared to the other two noise levels (Figure 6.8).
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Figure 6.8: The mean pitch (Hz) in two different noises at three levels of 55 dBA, 70 dBA
and 85 dBA for four different talker ear conditions (open ears and with a level-dependent
hearing protector at three surround gain settings) (upper lines: female talkers, lower lines:

male talkers).
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TABLE 6.5: The pitch (Hz) for a) female and b) male talkers for four different talker ear

conditions in two different noise types

a) female talkers (n=12)

Noise 55 dBA 70 dBA 85 dBA
Level:
Noise Pink  PulsePink  Pink  PulsePink  Pink  Pulse Pink
Type:
mean 223.5 219.7 258.8 253.9 329.1 314.4
OpenEar
(std.) (14.8) (16.2) (14.4) (21.2) (34.2) (33.7)
mean 222.9 222.9 246.8 240.7 280.0 275.4
HPD-S4
(std.) (15.9) (20.4) (24.9) (25.8) (29.5) (31.0)
mean 225.0 220.7 244.3 241.5 272.4 265.2
HPD-S1
(std.) (16.7) (19.2) (21.1) (25.2) (31.8) (30.7)
mean 221.3 221.7 235.1 232.2 255.9 252.9
HPD-Off
(std.) (21.4) (22.9) (19.8) (22.4) (26.1) (28.5)
b) male talkers (n=12)
Noise 55 dBA 70 dBA 85 dBA
Level:
NOIS? Pink Pulse Pink Pink Pulse Pink Pink Pulse Pink
Type:
mean 132.6 134.7 150.6 144.9 202.2 195.2
OpenEar
(std.) (19.2) (20.5) (16.6) (15.1) (39.6) (34.6)
mean 133.0 131.0 146.0 145.5 169.2 167.1
HPD-S4
(std.) (18.7) (21.6) (19.1) (23.6) (24.2) (28.8)
mean 136.7 134.5 147.2 147.3 155.6 156.3
HPD-S1
(std.) (22.5) (21.0) (24.7) (27.0) (22.8) (27.8)
mean 136.9 135.5 140.2 139.3 155.9 156.0
HPD-Off
(std.) (20.7) (23.5) (20.8) (22.1) (35.1) (37.6)




A four-way mixed ANOVA was performed on the pitch data in noise. The Huynh-Feldt
corrected probabilities (F value) are reported since the Mauchly's sphericity test was
violated, except for the two-way interaction of noise type with noise level and the three-way
interaction of ear condition with noise type and noise level. There were significant main
effects for ear condition (F(2.6,56.8)=35.6, p<0.001), noise type (F(1,22)=13.1, p=0.001),
noise level (F(1.1,25.1)=126.4, p<0.001) and gender (F(1,22)=136.3, p<0.001). The two-
way interactions of ear condition with noise type (F(2.1,45.7)=5.6, p=0.006), ear condition
with noise level (F(3.5,76.3)=44.2, p<0.001), ear condition with gender (F(2.6, 56.8)=3.0,
p=0.045), noise type with noise level (F(2,44)=5.9, p=0.005), and noise level with gender
(F(1.1, 25.1)=7.5, p=0.009) were statistically significant, but not noise type with gender
(F(1,22)=3.0, p=0.095). The three-way interactions of ear condition with noise type and
noise level (F(6,132.0)=2.8, p=0.02) was statistically significant, but not noise type with
noise level and gender (F(2,44)=2.6, p=0.09), ear condition with noise level and gender
(F(3.5,76.3)=1.7, p=0.17), and ear condition with noise type and gender (F(2.1,45.7)=1.06,
p=0.40) nor the 4-way interaction (F(5.1,113.3)=1.3, p=0.30).

Multiple pairwise t-test comparisons (pooled over ear condition, noise type and gender)
revealed that the pitch at each noise level was significantly different from that at other noise
levels. Multiple pairwise t-test comparisons (pooled over noise type, noise level and gender)
showed that the difference between the pitch in each ear condition and that in others was
statistically significant at the p=0.05/6=0.008 level (using Bonferroni correction), except for
the pitch in "HPD-S4" vs. "HPD-S1" and "HPD-S4" vs. "HPD-Off". However, given the
strong effect of noise level on results (Figure 6.8), the same analysis was repeated separately
by noise level. At the noise level of 55 dBA, all paired comparisons were non-significant. In

70 dBA of noise, the speech level differences in "OpenEar" vs. "HPD-Off" and "HPD-S1"
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vs. "HPD-Off" were significant but not for other pairs of ear condition. At the noise level of
85 dBA, the comparison between the speech levels in all pairs of ear condition were

significant except for "HPD-S1" vs. "HPD-Off".

6.3.3 One-third octave-band spectrum analysis

Figure 6.9 illustrates the distribution of speech produced by male and female talkers over
one-third octave frequency bands in three levels (55, 70, and 85 dBA) of continuous and
pulse pink noises. As expected, the speech level was higher in each frequency band in the
higher noise level of 85 dBA relative to 70 dBA and 55 dBA. Across ear conditions, the
highest speech levels over the frequency bands corresponded to the condition of "OpenEar"
in each of three different noise levels. Further, speech frequency band levels generally
decreased with greater attenuation (or lesser transmission gain) from "HPD-S4" to “HPD-
S1” and then to "HPD-Off", mostly prominently in the highest noise levels of 70 dBA and
85dBA.

In Figure 6.9, male talkers produced higher speech levels than the female talkers in the
lower frequency bands up to 200 Hz, especially at the lower noise levels of 55 dBA and 70
dBA. In 55 dBA of noise, there was not a big difference between speech levels of males and
females over frequency bands higher than 200 Hz when comparing the same ear condition.
When wearing the HPD at the lower noise level of 55 dBA, the talkers' speech frequency
band levels remained close to each other for different surround settings on the HPD in the

two noise types.
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Figure 6.9: The speech level distribution by one-third octave band (dB SPL) for males and
females in 55 dBA, 70 dBA, and 85 dBA of continuous pink (solid lines) and pulse pink

(dashed lines) noises for different talker ear conditions (open ears and with a level-

dependent hearing protector).
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6.4 Discussion

6.4.1 Effects of level-dependent hearing protector on speech in

quiet condition

The effect of level-dependent hearing protector on speech energy level in quiet was
depended on the ear condition (Figures 6.3 and 6.4); however, the effects were small. At the
surround setting with the highest transmission gain (S4), there was a small decrease (about
1.2 dB over both genders; 0.3 dB non-significant effect for males, 2.3 dB significant effect
for females) in the speech level compared to the open ear condition. It can be hypothesized
that the female voices were favorably transmitted in quiet at this high amplification setting
and that female talkers wearing the protector at the surround setting S4 heard their own voice
louder than that in open ears. Thus, combined with the occlusion effect, this may have
promoted female talkers to talk at a lower level than in open ear condition.

At the lower surround setting (S1) and passive mode (Off), it is hypothesized that the
occlusion and attenuation effects counteracted each other leading to no significant changes
in speech levels compared to open ear condition for males and females. No comparable data
was uncovered in the literature on the effect of level-dependent HPD on speech level in
quiet.

The trend of pitch extracted from the talkers' speech (Figure 6.7) was seen to be similar

to that of speech level (Figure 6.4), but less pronounced.
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6.4.2 Effects of level-dependent hearing protector on speech in

noise condition

The speech level of talkers, either with open ears or with hearing protectors, increased
consistently in noise relative to quiet condition (Figure 6.5). The Lombard effect drove the
talkers to raise the vocal output to overcome the masking effect of background noise. There
was a higher increase in speech level as the noise level increased.

When wearing the level-dependent HPD in noise, the talkers' speech level reduced as
much as 10 dB compared to open ear condition. The size of decrease depended on the
surround setting chosen on the HPD. At the high surround setting S4, the protector is able to
amplify the low level incident sounds (<60 dBA) while attenuating loud sounds (>60 dBA).
In contrast, the HPD at low surround setting S1 attenuates the incident sounds, no matter low
or high level, but the attenuation gain changes depending on the level of sound. The level-
dependent protector equally attenuates the sounds at any levels when wearing at the passive
mode ("HPD-Off"). It was found that the speech level had the smallest decrease with respect
to open ears at "HPD-S4" condition compared to "HPD-S1" and "HPD-Off" conditions. This
may be because the talkers had a better perception of the surrounding noise which weakened
the dampening effect of HPD on the Lombard effect. At the low surround setting S1, apart
from the occlusion effect which was also present at high surround setting S4, the HPD
attenuation decreasing the amount of external noise heard reduced the talkers intention to
speak loud enough against the noise. At the passive mode, the decrease in speech level
arising from the attenuation effect is even higher since the HPD provided the largest size of
attenuation at this mode compared to the surround S1. The results showed that the speech

level produced when wearing the level-dependent HPD at the surround modes (S4 and S1) is
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significantly different than that at the Off/passive mode of the level-dependent HPD, but the
difference between the speech levels at the two surround modes of S4 and S1 was not
significant (S4 v. S1). Moreover, the result of this study verified that the level-dependent
HPD at higher surround setting can more presumably maintain speech communication in
noise while simultaneously protecting the hearing against high noise level.

The effect of level-dependent HPD on speech level depended on the level of noise
(Figure 6.6). At the low noise level of 55 dBA, there were no significant differences in
speech levels when wearing the HPD at different operation modes ("HPD-S4", "HPD-S1",
and "HPD-Off"). It was because the level of noise was too low to elicit a strong Lombard
effect and when wearing the HPD the talkers did not respond to the noise but rather they
adjusted their voice primarily due to the occlusion effect and/or perception of their own
voice. When the level of noise increased, the effect of wearing the HPD and the influence of
surround setting on speech level became more prominent. The largest differences in speech
level were thus observed when wearing the HPD at the high noise level of 85 dBA. Overall,
while none of the HPD conditions promoted speech levels as strong in open ear conditions,
the level-dependent settings of the HPD produced higher speech levels in noise than in
passive mode. Further, the benefit of level-dependent settings is stronger at higher noise
levels and the higher the transmission gain setting (e.g. S4 vs. S1).

The talkers spoke at a slightly lower level in the fluctuating pulse pink noise compared
to that in the continuous pink noise (Figure 6.5 and 6.6). This is likely related to the fact that
fluctuating noises are less masking than continuous noises [97, 98, 99] due to the
phenomenon of "listening in the gaps"” [97, 99, 103]. Thus, the talkers who have a better
perception of their own voice because of this "release from masking" effect speak not as

loud in fluctuating than continuous noises. The talkers reaction to the noise type when
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speaking is affected by the wearing of HPD and the level of noise. The effect of noise type
on speech level reduced when wearing the HPD compared to the open ears, because of the
decrease in the perception of background noise (Figure 6.6). The difference between speech
levels across two types of noises became smaller when the surround setting of the HPD was
lowered from S4 to S1 or turned to "Off". As expected, the smallest difference was observed
at the condition of "HPD-Off" where the talkers did not react appreciably to the noise type
because of the high attenuation of the HPD at this passive mode (Figure 6.6). The higher
attenuation of external noise at low surround setting of the HPD causes the talkers to not
appreciate the change in noise type. At the low noise level of 55 dBA, the differences
between speech levels produced in the two types of noise at "HPD-S4", "HPD-S1", and
"HPD-Off" conditions were smaller than at higher noise levels. No matter the surround
setting, talkers reacted mostly to the HPD occlusion effect and/or their own voice
transmitted through the HPD, not the noise, at this very low noise level. The effect of noise
type was observed to be more prominent at the high noise levels of 70 dBA and 85 dBA
where the talkers could more clearly perceive the noises even in the highest level of
protection ("HPD-Off" condition).

The pitch increased in noise compared to quiet condition for both males and females
(Table 6.5 vs. Table 6.4). Figure 6.8 shows that the pattern for pitch is the same as that for
the speech level in Figure 6.7, especially at high noise levels of 70 dBA and 85 dBA. At
very low noise level (55 dBA), the HPD setting selected only had a small non-significant
effects in pitch across different ear conditions of "HPD-S4", "HPD-S1", and "HPD-Off"
(Figure 6.8). At the higher noise level (85 dBA), the S4 and S1 conditions promoted a higher

pitch than in the passive mode (Off), but not as much as that seen in the open ear condition.
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The speech spectra show that the largest effect size of level-dependent HPD on speech
level in each one-third octave frequency band was at high noise levels (70 dBA and 85 dBA)
(Figure 6.9). The highest speech band levels were observed at the "OpenEar" condition
while the lowest band levels were related to the "HPD-Off" condition. The smallest decrease
in speech levels was observed when the HPD was worn at the high surround setting (S4 vs.
S1 and passive mode). The effect of noise type on adjusting the talkers’ speech level, higher
band levels in the continuous noise and lower in the fluctuating noise, was larger at high
noise levels (70 dBA and 85 dBA) than that at low noise level (55 dBA). At 55 dB of noise,
the residual noise under the HPD is too low to affect the Lombard effect and that the
occlusion effect dominates so there is no effect for pitch, speech level and spectra across the

HPD ear conditions.

6.5 Conclusion

The level-dependent HPD has been designed to protect hearing against high noise levels
while allowing the wearer to hear low level sounds in surrounding environment. This is
accomplished by built-in electronics providing amplification for the external low level
incident sounds (typically below 60-70 dBA) while attenuating higher level incident sounds.
Although the level-dependent gain setting can maintain the users' auditory perception and
situational awareness, the inevitable impacts of transmission gain and the compression
circuitry of level-dependent HPD on speech production cannot be ignored. This chapter

investigated the effects of a level-dependent HPD on the talkers' speech produced in two
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noise types (continuous and fluctuating) at three different levels ranged from low to high (55
dBA to 85 dBA) in an external sound field.

In quiet, the effect of HPD on speech level and pitch was non-significant for males and
only showed a small significant effect for females involving the higher surround gain setting.
In noise, there was a consistently lower speech level when wearing the HPD than in open
ears, except in low noise level of 55 dBA where the difference was not significant. At high
noise levels (70 dBA and 85 dBA), the smallest decrease in speech level was related to the
high surround setting on HPD while the largest decrease was observed at the low surround
setting of HPD and at the passive mode. The effect of noise type on speech level was more
prominent at higher noise levels but decreased at the low surround settings providing larger
attenuation. The adverse effect of the level-dependent HPD on speech communication
depending on the surround setting is found to be less than the conventional passive protector
and so the information exchange can be less impeded.

The limitations of this study include: (1) there was no real interaction between the talker
and the listener simulated by an acoustic manikin which could affect vocal adjustments by
the talker (2) the participants were naive users of hearing protectors and had no experience
of adjusting the voice output when wearing the HPDs (3) there were no other comparable
studies in the literature evaluating the effects of wearing level-dependent HPD on speech
production in noise (4) the effect of wearing a level-dependent HPD by a real target listener
was not taken into account. In Chapter 5, it was verified that use of hearing protection by the
target listener also affects the talker's speech level [15, Chapter 5]. Talkers increased vocal
output when they had knowledge that the listener wore a hearing protector. Whether or not
the talkers themselves wore passive hearing protectors, an increase of 3—5 dB in the talkers'

speech levels was observed when the target listener wore the passive hearing protector
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[Chapter 5]. Thus, there are further avenues which could be explored for future work on the
topic. This study contributes to expand the knowledge about the changes in the way speech
is produced in noise when the talkers are wearing a level-dependent HPD and about the

effect of different surround settings of HPD on the changes in speech characteristics.
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Chapter 7

General Discussion and Conclusion

This doctoral thesis aimed to evaluate the effects of wearing passive conventional and active
level-dependent hearing protection devices on speech production in quiet and in different
noise conditions of an external sound field. This chapter summarizes the content of the
chapters including the assessment of different noise suppression methods, the recovery of
speech signal from noisy vocal output in an external sound field, and the evaluation of a
passive and a level-dependent HPD on speech produced by real participants under different

types and levels of noises. This is followed by limitations and future research.
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7.1  Summary

7.1.1 Study context

Exposure to high level occupational noises is one of the risk factors which adversely affect
job performance, job satisfaction [4], well-being and safety of workers in many industrial
and military workplaces. Further, noise-induced hearing loss (NIHL) is one of the most
serious effects of exposure to high noise level [2]. An often used approach to protect the
workers' hearing against the damaging effects of high noise levels is to use personal hearing
protection devices (HPD) where engineering and administrative strategies may not be
practical or possible to implement [1, 6] to reduce the noise hazards and exposure [8].
However, hearing protectors have inevitable effects on speech communication, not only on
the auditory perception of speech and other desirable sounds but also on the way speech is
produced. As a result, it has been found that wearing conventional hearing protectors makes
communication more difficult [15] and impairs the perception of workplace sounds [16-19].
Conventional hearing protectors attenuate equally the level of unwanted sounds (noise) and
wanted sounds such as speech and warning signals [22, 24, 31, 32, 37, 49, 119]. The adverse
effect of conventional passive protectors' fixed attenuation on speech perception can be more
challenging for workers who have pre-existing hearing loss [31, 40]. In contrast, level-
dependent hearing protection devices (HPD) have been designed to attenuate high level
noise and intense sounds while amplifying speech and other desirable low level sounds [24].
Thus, they are able to simultaneously protect hearing against noise and to maintain
situational awareness (e.g. warning signal perception, sound localization, speech

communication, and detection of distant events) [20, 21, 22, 49]. In spite of these

177



advantages, level-dependent protectors may have inevitable effects on speech production
since they affect the user's perception of their own voice and surrounding noise.

The available studies in the literature have mostly investigated the effect of wearing
conventional and level-dependent protectors on speech and auditory perception, but only a
few focused on the talker's speech produced while wearing conventional passive protectors.
Further, it has been found that there is a lack of knowledge on the impacts of wearing level-
dependent protectors on the acoustical characteristics of speech produced by users in noisy
environments. A limitation of most available studies on speech production is the
methodology used to generate noisy environments. They collect the talkers' speech data in
noise injected directly in the ears through headphones. This technique makes it difficult to
evaluate the real impact of hearing protectors on speech production and impractical to
investigate the interaction of hearing protectors, especially for level-dependent type working
in nonlinear modes, or hearing aids with the speech produced in an external noise field.

In summary, the three main gaps in the literature include, 1) extracting the clean
Lombard speech induced by an external noise field, rather than the conventional approach of
in-ear noise exposure, to take into account the realistic effects of noise on vocal output and
to facilitate the study of speech under condition of using hearing protectors and/or hearing
aids, 2) evaluating the effects of wearing two types of conventional passive and advanced
level-dependent hearing protection devices on speech characteristics produced in quiet and
noise, 3) investigating the effects of different noise types (continuous and fluctuating) and

levels on the talkers' speech under different protected and unprotected ear conditions.
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7.1.2 Thesis contributions

This thesis contributed knowledge to account for the three main gaps in the literature
regarding the effect of passive conventional and active level-dependent hearing protection
devices on speech production in different conditions of noise types and noise levels by the
works accomplished and provided in the four chapters of 3, 4, 5, and 6.

In Chapter 3 and 4, the two noise suppression methods of DWS and ANC were selected
among several methods to recover the speech signal in an external noisy filed of a simulation
room since they met the defined desirable criteria: applicable in a wider range of SNRs, not
sensitive to nonlinear distortion by loudspeakers, insensitive to noise playback and audio
recording settings, less sensitive to dynamic perturbation arising from talkers' motion in
acoustics of recording room. The better the recovery of speech can be achieved when there is
the least movement in the talkers' body during the recording of noises. At the very low
SNRs, the ANC method could suppress more noise than that by DWS method. At the more
favorable SNRs, although the performance of the ANC method gradually deteriorates due to
the greater prominence of speech hindering the ability of the ANC filter, the speech spectra
recovered are as good as those with the DWS method. The performance of the two noise
suppression methods is also dependent on the type of noise. Greater noise reduction is
achieved in the fluctuating and low-frequency noises, while the least reduction is achieved in
the continuous and high-frequency noises. The recovery of speech in the external noise filed
by the two noise suppression methods is also affected by the acquisition configurations used
for recording the speech and noise signals. The omnidirectional microphone relative to the
cardioid directional microphone at the shorter distance of 25 cm rather than 50 cm is the

preferred acquisition configuration to provide good noise reduction for all noise types.
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Overall, the pitch and energy values extracted from the enhanced speech verify that the two
DWS and ANC methods are able to adequately suppress the noise in the vocal output
recorded with different noise types at SNRs as low as —10 dB, suitable to successfully
recover Lombard speech produced in an external noise field with open ears and when
wearing hearing protectors.

In Chapter 5, it was observed that overall talkers’ speech level is slightly higher when
wearing the passive conventional HPD in quiet. In contrast, the same HPD consistently leads
to a decrease (2.5-9.5 dB) in the talkers' speech level in noise. The speech energy, pitch, and
spectrum also change consistent with the change in vocal effort when wearing a passive
hearing protector compared to open ear condition. Depending on the level of noise, the
damping effect of passive HPD on speech level is greater at the higher noise levels. The
talkers speak louder in the continous noises compared to fluctuating ones. At the low noise
level of 70 dBA, the talkers do not react appreciably to the differences in the noise type
when wearing the passive HPD so that the speech levels in the different types of noises are
very close to each other (within around 1 dB). In contrast, the effect of noise type on the
speech level is much larger when the talker is wearing the HPD at the higher noise level of
85 dBA (by up to 3.2 dB) or when in open ears at both noise levels (by up to 4.4 dB). The
effect of wearing a passive HPD by the listener in noisy conditions consistently led to an
increase by 1-5 dB in the talkers' speech levels. On the other hand, when both the talker and
listener wear HPDs compared to both open ears, then there is an interplay between the
effects of the talker and listener HPDs. At the low noise level this interplay varies depending
on the type of noise causing a raise or a drop, while at the high noise level there is always a
drop in speech level. Thus, as the level of noise increases information exchange can be

significantly impeded when both individuals wear hearing protection compared to open ears.
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According to Chapter 6, the significant effect of level-dependent hearing protector on
speech level in quiet depends on the chosen surround setting of the protector. The speech
level slightly decreases (about 1.2 dB) when the level-dependent HPD is worn at the high
surround setting S4 while it slightly increases at the low surround setting S1 and passive
mode, compared to open ear condition. When wearing the level-dependent HPD in noise, the
talkers' speech level reduced as much as 10 dB compared to open ear condition. The size of
decrease depends on the surround setting chosen on the HPD, smallest decrease at S4 and
the largest decrease at the passive "Off" mode. Thus, the level-dependent HPD at higher
surround setting can presumably better maintain speech intelligibility in noise while
simultaneously protecting hearing against high noise levels. The effect of wearing the HPD
and the effect of surround setting on speech level become more prominent as the level of
noise increases. The effect of noise type on speech level, leading to a lower level in
fluctuating relative to continous noises, reduces when wearing the HPD compared to the
open ears. The smallest difference between speech levels across the two noise types is
observed at the passive mode of the HPD where the talkers do not react appreciably to the
noise type. The effect of noise type is more prominent at the high noise levels of 70 dBA and
85 dBA than that at the low noise level of 55 dBA where the talkers react mostly to the
HPD's occlusion effect not the noise. Overall, depending on the selected surround setting,
the level-dependent HPD has an adverse effect on speech communication compared to open

ears, but less than the conventional passive protector.
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7.2 Limitations and future works

This research could achieve the aims and make several contributions to the field of speech
production and hearing protection devices, but it has some limitations which should be
addressed in future works.

In Chapter 3, some noise suppression methods known in the field of speech (e.g.
Wavelet, spectral filtering) were chosen to be evaluated to extract speech from noisy vocal
output recorded in the external noise field. There might be many other noise reduction
techniques available which might have met the desirable criteria (e.g. largest size of noise
reduction over a wide range of SNRs with less amount of artifact and distortion) defined for
the purpose of research. Another limitation is that to use the selected noise suppression
methods the noise signal needs to be sent twice in the room, one for recording the reference
noise and one as target noise when the talker is speaking, which is possible only in some
experimental situations where the noise can be exactly reproduced.

In Chapter 4, the two noise suppression methods selected through several tests and in-
laboratory noise measurements from a set of available methods were validated to investigate
their performance in the presence of talkers' body movements. A limitation of this study was
that to simulate noisy speech the noise and speech signals recorded separately were mixed at
different SNRs. The noise signals were recorded while there was a real participant
with/without dynamic body movements in the room but speech was recorded as it was
produced through the mouth of the manikin at the reference position in the room. This was
done because it was necessary to have an identical baseline “clean” speech signal in all
conditions with different acquisition set-ups in order to be able to directly compare the

recovered speech following noise suppression. Therefore, the speech material could not be

182



recorded while it was read by a real participant in the noisy room that would result in no
single comparator. It is expected that this recording methodology would not have any
significant effect on the results, since the focus was on the size of noise reduced by two
methods, which is not affected by the way speech is recorded.

In Chapters 5 and 6, two distinct experiments were carried out to investigate the effects
of wearing a passive and an active level-dependent hearing protectors on speech produced by
24 participants in different noise conditions. The first limitation of these studies was that an
acoustic manikin was used as target listener so that there was no real interaction between the
talker and listener which might have resulted in dynamic vocal adjustment by the talker.
Furthermore, speech material used in the studies was a list of sentences which the talkers
read in such a manner to be understood by the target listener (manikin) while spontaneous
speaking about a topic or a picture might be more representative of a real conversation. Thus,
it remains possible for future research to evaluate speech signals recorded where two real
conversation partners engage in a more challenging communicative settings. Another
experimental condition limiting the studies (Chapters 5 and 6) was that the participants were
naive users of hearing protectors while workers with experience of hearing protection use
may have developed strategies to speak louder to compensate for wearing an HPD in noise.
One of the criteria to recruit participants for the two experiments was that they had normal
hearing thresholds, while future research can take into account the effects of hearing status of
talker or listener or both. It can extend models developed for use of hearing protection
devices by talkers with a wider range of hearing profiles. In Chapter 5, an earmuff was
chosen as a passive hearing protector while an earplug worn either by the talker or the target
listener might affect speech production differently. In the last study (Chapter 6), the talkers'

speech was evaluated to reveal the effects of using a level-dependent hearing protector while
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the target listener was with open ears. The ear condition of listener as a factor affecting
talkers' speech can be investigated further by future research. The results provided in the last
study (Chapter 6) could not be compared to other studies because the available research on
the level-dependent HPDs is limited to the studies focussing on the listener’s end and not on
speech production in noise. To this end, more research conducted in this field is necessary
and could help obtain more knowledge of speech production while wearing different types of

level-dependent hearing protectors as well as earplugs and earmuffs.

7.3 Outlook

In conclusion, the main goal of the research presented in this thesis was to characterize
speech production under the condition of wearing conventional passive and advanced level-
dependent hearing protection devices in different types and levels of noises of an external
sound field. The results of experimental measurements expand our understanding of the
advantages of level-dependent protectors over passive protectors in terms of their effects on
speech production An article published in the Proceedings of Meetings on Acoustics and an
article presented in National Hearing Conservation Association Conference (NHCA) has
arisen from this work, a full journal paper is under review, and some more publications will
be submitted in the near future. Finally, the present research could contribute key data
towards the development of comprehensive tools or quantitative models to assess the impact
of different noise types, noise levels, and hearing protection devices on face-to-face speech

communication in real noisy environments.
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Auditory History Questionnaire

Title of research project:

Evaluation of changes in speech production induced by conventional and
level-dependent hearing protectors and noise characteristics

Identification

Participant number:

Age:

Gender: [ Male [ Female L] You don't have an option that applies to me. | identify as
(please specify) :

Date of birth:

Case History

Buzzing or ringing sounds in ears (tinnitus): [] yes [ no
If so, which ear: [ left ear L] right ear

Additional comments (intensity, frequency...):

Vertigo or dizziness: ] yes [ no

If so, when?
Have you ever had ear infections? ] yes [ no

If so, which ear: [ left ear L] right ear
Have you ever undergone ear surgery? [] yes [ no

If so, please specify? [] stapedectomy
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[] myringotomy
[] tympanoplasty

[] transtympanic tubes

other:

[
Noise Exposure
Have you ever been exposed to loud noises? [] yes (1 no
If so, in which situation?
For how long?
Were you wearing hearing protectors?
Noisy Activities
» Use of firearms: ] yes [ no

Firearm held on:

Number of years:

L1 left arm [] right arm

> Snowmobile:
4hrs/week

» Motorcycle, CCV (“4 wheels”),
motocross, car race:
4hrs/week

» Farm equipment:
4hrs/week

> Snow blower:
4hrs/week

[_] more than 4 hrs/week

[] more than 4 hrs/week

[] more than 4 hrs/week

[] more than 4 hrs/week
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[ less than

[] less than

[] less than

[] less than



Workshop equipment: ] more than 4 hrs/week [ less than
4hrs/week

Loud music exposure: ] more than 4 hrs/week [ 1ess than
4hrs/week

Chain saw: ] more than 4 hrs/week (] less than 4hrsiweek
Other noisy leisure activities: [1 more than 4 hrs/week [] 1ess than

4hrs/week
(please specify):
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Evaluation of changes in speech production induced by conventional and
level-dependent hearing protectors and noise characteristics

Consent form

I, hereby accept to participate in a research project funded by
NSERC Discovery Canada. The goal of this project is to evaluate the effect of alterations in the
characteristics of noise, hearing protectors, and sensorineural hearing loss on the Lombard effect and
characteristics of speech produced in noise. | have carefully read the content of this letter and
understand that 1 will be completing a questionnaire regarding my hearing history, after which I will be
participating in a series of tests. The first consists of a basic hearing screening test, during which I will
be required to press a button upon hearing soft sounds, while the others include measures of speech
production in noise, during which | will be asked to read a list of sentences to a listener. These
measures will be carried out and audio-recorded during a single testing session lasting approximately
120 minutes. |1 am also aware that | will receive a sum of $25 to cover the expenses related to my
participation in this study, even if | choose to withdraw, and that | can request the results of my hearing
test.

My participation is voluntary. The risks related to my participation in this study are minimal and have
been explained to me. I have also received a detailed explanation of the expected results. | am aware
that 1 will constantly have the opportunity to ask questions, to which | will receive appropriate
answers. | understand that 1 may choose to withdraw from this research study at any time, for any
reason.

This research is being conducted as part of PhD thesis under the supervisions of Professors Christian
Giguere and Hilmi Dajani. By participating in this study, | will be contributing to efforts aimed at
improving communications and safety in the workplace for all individuals wearing advanced hearing
protection, including those with hearing loss.

If my candidacy cannot be retained because | do not meet the audiometric criteria, | will be referred, if
necessary, to one of the following audiology services:

Clinique universitaire interprofessionnelle en soins de santé primaires
» Université d’Ottawa — Campus Alta Vista, 600 croissant Peter Moran, piéce 113,
Ottawa, ON (613) 562-5800, ext. 8037
Ottawa Hospital
= General campus, 501, Smyth road (613) 737-8899
= Civic campus, 1053, Carling Avenue (613) 798-5555
Centre hospitalier de Gatineau
= 909 Boul. de la Vérendrye O., Gatineau (819) 561-8100
Centre hospitalier de Hull
= 116 Boul. Lionel Emond, Gatineau (Secteur Hull) (819) 595-6300
Polyclinique de ’oreille
= 120 Boul. de I’'Hopital, Gatineau (819) 561-0002
= 290 Boul. St-Joseph, Gatineau (Secteur Hull) (819) 776-0163
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Helix Hearing Care Center
= 1224 promenade Place d'Orleans (613) 834-7655
= 595 chemin Montreal (613) 745-0862
= 1385 rue Bank (613) 737-3500
Hearing Solutions Clinic
= 202-1915 chemin Baseline (613) 288-0295
* The Sound Room Ottawa
= 1-1800 rue Bank (613) 627-4700

In order to ensure data confidentiality, only the researchers mentioned below will have access to the
collected data. | understand that, under no circumstances, will my identity be revealed and that a number
assigned to my file will ensure this anonymity. However, my identity may be known to the listener;
hence, the protection of my identity cannot be entirely guaranteed. Finally, | am aware that the collected
data will be locked away in the Audiology Research Laboratory, Roger Guindon Hall, room 1117, and
will be destroyed five years after the publication of results.

For additional information regarding this research, | may contact any of the researchers involved in this
study, Ghazaleh Vaziri, Christian Giguere, Hilmi Dajani, whose contact information is found below. For
all information, requests or complaints regarding the ethical conduct of this study, my enquiries can be
addressed to the Protocol Officer for Ethics in Research at the following contact information: Office of
Research Ethics and Integrity, University of Ottawa, Tabaret Hall, 550 Cumberland St, Room 154,
Ottawa, Ontario K1N 6N5, phone number: (613) 562-5387, e-mail: ethics@uottawa.ca. There are two
copies of the consent form, one of which | may keep.

At any time, if | choose to withdraw from this study, | will be given the option of withdrawing or
retaining my collected data.

| authorize the researchers to solicit my participation in future studies.

Researcher’s signature: Date:

Participant’s signature: Date:

Names of researchers: Ghazaleh Vaziri, Ph.D. candidate, Christian Giguere, P.Eng, Ph.D., Hilmi
Dajani, Ph.D., University of Ottawa, Faculty of Health Sciences, School of Rehabilitation Sciences, 451
Smyth road, Ottawa, Ontario, K1H 8M5. Phone number: (613) 562-5800, ext. 4649, 6217. Fax number:
(613) 562-5428.

207


mailto:ethics@uottawa.ca

