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With the rise of hearables and the advantages of using in-ear microphones with intra-aural devices,

accessibility to an in-ear speech database in adverse conditions is essential. Speech captured inside

the occluded ear is limited in its frequency bandwidth and has an amplified low frequency content.

In addition, occluding the ear canal affects speech production, especially in noisy environments.

These changes to speech production have a detrimental effect on speech-based algorithms. Yet, to

the authors’ knowledge, there are no speech databases that account for these changes. This paper

presents a speech-in-ear database, of speech captured inside an occluded ear in noise and in quiet.

The database is bilingual (in French and in English) and is intended to aid researchers in developing

algorithms for intra-aural devices utilizing in-ear microphones.
VC 2019 Acoustical Society of America. https://doi.org/10.1121/1.5091777
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I. INTRODUCTION

With the rapid advancements in data science and digital

signal processing along with the diminishing size of sensors,

wearable technologies, interconnecting the human body to

electronics, have attracted researchers’ interest in the last ten

years (Pantelopoulos and Bourbakis, 2010). In particular,

hearables have gained significant research effort because of

their widespread use and their potential for numerous appli-

cations (Hunn, 2016; Johansen et al., 2017; Voix, 2017).

Hearables are intra-aural devices capable of more than just

audio playback and can include, among others, health moni-

toring, enhanced communication, augmented hearing, as

well as voice command. Frequently, signals of interest are

captured using either an in-ear acoustic microphone placed

in an occluded ear canal (Bouserhal et al., 2013; Voix,

2017), or a bone-conduction microphone that presses against

the ear canal at its opening (Hunn, 2016). For speech appli-

cations, the developed algorithms must be robust to the

uncontrolled conditions of everyday life, the changes in

speech production caused by blocking the ear canal at its

opening, as well as the unconventional placement of the

microphones. Still, validation of these algorithms is con-

ducted using existing speech corpora that are not representa-

tive of the actual conditions when wearing an intra-aural

device. In this paper, an in-ear database of speech captured

in adverse conditions while wearing an intra-aural device

equipped with in-ear microphones is presented.

Several factors contribute to changes in speech produc-

tion when wearing an intra-aural device. Namely, speech

production is primarily governed by two systems: feedback

and feedforward. The audio-phonation loop, is the feedback

system of how one hears oneself over three different paths:

the direct air-conduction path, the bone conduction path, and

the indirect air-conduction path (reflections from surfaces in

the room) (Bouserhal et al., 2017b; Garnier et al., 2010;

v. B�ek�esy, 1949). The feedforward system allows talkers to

anticipate the sensory consequences of their speech produc-

tion and gets more efficient with experience (Tourville and

Guenther, 2011). In quiet rooms that are not notably rever-

berant, with open ears, the direct air-conduction path domi-

nates the audio-phonation loop (Zwislocki, 1957).

Disturbing one of the three feedback paths causes changes in

speech production. A common manifestation of this feed-

back system is the Lombard effect (Brumm and Zollinger,

2011; Lombard, 1911). In the presence of background noise,

because the audio-phonation loop is disturbed, talkers adjust

their vocal effort in an attempt to remain intelligible

(Brumm and Zollinger, 2011; Hotchkin and Parks, 2013;

Junqua et al., 1999). Consequently, Lombard speech differs

from normal speech in that it has an increased overall ampli-

tude, increased vowel intensity and duration, decreased dura-

tion for unvoiced consonants, an increased spectral center of

gravity, and an increase in both the fundamental frequency

(f0) and first formant (F1) (Bottalico et al., 2017; Garnier

and Henrich, 2014; Lane and Tranel, 1971; Summers et al.,
1988). These changes in speech production are collectively

beneficial for speech intelligibility. Studies have shown that,

when tested with additive noise, Lombard speech is more

intelligible than speech produced in quiet (Cooke and

Lecumberri, 2012; Pittman and Wiley, 2001; Summers

et al., 1988).

The presence of noise, however, is not the only way that

the audio-phonation loop can be disturbed. Obstructing the

ear canal with an intra-aural device also alters speech pro-

duction. When compared to speech produced with open ears,

these variations are particularly pronounced in the presence

of ambient noise (Bouserhal et al., 2016; Casali and

Horylev, 1987; Navarro, 1996; Tufts and Frank, 2003). The

majority of the research done in this area is with the use of
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hearing protection devices (HPD) and hearing aids. Blocking

the ear canal at its opening causes it to act like a low pass fil-

ter, amplifying the bone and tissue conducted vibrations gen-

erated by a talker speaking. This phenomenon, known as the

occlusion effect, disrupts the audio-phonation loop and

causes the bone conduction path to dominate over the other

two. An extensive review of speech production while wear-

ing HPDs has been done by Byrne (2014). Results on speech

production in quiet while wearing HPDs have been inconsis-

tent. Some studies showed that talkers wearing HPDs in

quiet increased their speech level between 3 and 6 dB

(Bouserhal et al., 2016; Casali and Horylev, 1987; Kryter,

1946), while other studies showed no significant difference

in speech level (Navarro, 1996; Tufts and Frank, 2003).

Tufts and Frank (2003) attribute these discrepancies to level

of occlusion and attenuation caused by the earplug. In addi-

tion, taking into account the feedforward system, the degree

of experience as well as awareness of the participant may

also contribute to these inconsistencies. Participants with an

efficient feedforward system, may be better at inferring the

consequences of ear occlusion, thus, maintaining a stable

speech level, even when their direct-path auditory feedback

is lowered. Whereas other participants, with less efficient

feedforward systems, rely mostly on the altered direct audi-

tory path, causing changes in their speech level when

occluded in quiet. In noise, all studies have been consistent

in showing that talkers do not adjust as much to the noise

when wearing HPDs compared to when they do not (Byrne,

2014; Casali and Horylev, 1987; Hoemann et al., 1984;

Howell and Martin, 1975; Tufts and Frank, 2003). In gen-

eral, Lombard speech was not fully engaged when wearing

HPDs in noise; speech levels did not increase as much and

the upward shift in the spectral center of gravity was smaller.

Consequently, it has been shown that speech produced in

noise by talkers wearing HPDs is less intelligible than its

open-ear counterpart (Howell and Martin, 1975; Tufts and

Frank, 2003). The changes in speech caused by occluding

the ear and its interaction with the presence of noise are sig-

nificant and must be addressed when considering speech-

based algorithms developed to be used with intra-aural

devices.

In addition to variations in speech production, the place-

ment and type of microphone used as part of the intra-aural

device are important to consider. In recent years, the use of

in-ear microphones has gained notable research interest

(Bouserhal et al., 2017a; Bulbuller et al., 2006; Denby et al.,
2010; Kurcan, 2006). This is because in-ear microphones

placed in occluded ear canals are less susceptible to the

effects of background noise, since they are placed past the

passive attenuation of the earplug, and can capture a diverse

range of human-produced audio signals such as heartbeats

and breathing (Bouserhal et al., 2018; Martin and Voix,

2017). However, due to the properties of bone and tissue

conduction, speech captured inside the occluded ear is

“boomy,” having an amplified low-frequency content and a

limited bandwidth of 2 kHz (Bouserhal et al., 2017a).

Nonetheless, in-ear microphone speech has a useful amount

of mutual information with speech captured in-front of the

mouth (Bouserhal et al., 2015). This allows for manageable

ways of artificial bandwidth extension of speech captured

with an in-ear microphone without the use of an additional

air-conduction microphone placed in front of the mouth,

which is commonly the case when using bone-conduction

microphones (Shin et al., 2012).

Existing speech databases have given rise to extensive

development and validation of speech-based algorithms.

Typically, clean speech corpora, such as the IEEE Sentences

(Rothauser, 1969) and TIMIT (Zue et al., 1990) are com-

posed of phonetically balanced sentences produced by male

and female talkers. They are usually recorded in a controlled

environment, like an acoustically treated sound room, meet-

ing some criteria in terms of reverberation time and residual

background noise level. Beyond clean speech, corpora such

as the NTIMIT (Network TIMIT) (Jankowski et al., 1990),

Noizeus (Hu and Loizou, 2007), and the AURORA corpus

(Hirsch and Pearce, 2000) simulate the behavior of telecom-

munication terminals by bandpass filtering clean speech or

mixing in additive noise to the filtered signals. In addition,

corpora like UT-SCOPE (Ikeno et al., 2007) containing

speech produced in noise also exist. The advantage of the

UT-SCOPE database is access to clean Lombard speech,

achieved by recording signals using a microphone placed in

front of the talkers’ mouth while noise is played through

headphones. However, the UT-SCOPE corpus is meant to

simulate a noisy open-ear condition and does not consider

things like the occlusion effect or the attenuation of the

headphones. Le Roux et al. (2015) did an extensive review

of existing corpora, their cost, size and realism. To the

authors’ knowledge, no speech corpora that account for the

effect of noise as well as occluding the ear exist.

Furthermore, even with the advantages offered by using in-

ear microphones, there are no databases of in-ear micro-

phone speech signals captured from occluded ears. Still, the

problems of communication while wearing intra-aural devi-

ces is of significant research interest as it affects both the

consumer world of hearables as well as the occupational

safety and health world of HPDs.

In this paper, a speech in-ear (SpEAR) database is pre-

sented. This database is aimed to deepen the understanding

of speech production in noise as well as provide a standard-

ized dataset for researchers working with in-ear microphone

speech-based algorithms. SpEAR is a bilingual database of

French (Vaillancourt et al., 2005) and English hearing in

noise test (HINT) sentences (Nilsson et al., 1994). HINT

sentences are phonetically balanced, with uniform length

and representation of natural speech, and are used to assess

speech intelligibility in noise and in quiet. The lists have

been made publicly available in both French and English,

allowing for their widespread use. As part of SpEAR, speech

is collected from talkers wearing an intra-aural device using

three different microphone placements in four different con-

ditions. Using in-ear microphones, outer-ear microphones

and a microphone placed in front of the mouth, clean, noisy

and clean Lombard speech are collected. In addition, open-

ear clean speech is recorded to be used as reference. The

methods used, including participant recruitment, apparatus

used, and a detailed description of the recording conditions

are presented in Sec. II. The data accessible as part of
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SpEAR are presented in Sec. III. A precursory acoustic anal-

ysis over the different conditions is performed in Sec. IV to

characterize basic changes in speech production and to aid

the user of the database in selecting data that fits their needs.

Results of the acoustical analysis are presented in Sec. V,

followed by conclusions in Sec. VI.

II. METHODS

A. Participants

Participants were recruited via email and word of

mouth, following the approval of the Comit�e d’�ethique pour

la recherche, the internal review board (IRB) of the �Ecole de

technologie sup�erieure (H20170103). In total, 25 people par-

ticipated in the experiment. Of all the participants, one male

French talker was excluded from the study for whispering in

all conditions. For the English corpus, 11 participants con-

sisting of six females and five males with a mean age of 34

and 36, respectively, were included in the study. Four of the

English talkers, including one female and three males, were

not native speakers. No formal assessment of the degree of

foreign accent was made, but all were self-identified fluent

speakers. For clarity and ease of access, each talker’s native

language as well as the language spoken for the database are

identified in the metadata. For the French corpus, 13 partici-

pants consisting of four females and nine males with a mean

age of 25 and 30, respectively, were retained for the study.

All francophone participants were native French speakers

from either France or Qu�ebec. All participants had normal

hearing with thresholds of 25 dB hearing level (HL) or lower

at each octave band frequency from 0.25 to 8 kHz, verified

using tonal audiometry for both ears.

B. Apparatus

Recordings were done in a double-wall audiometric

booth (Eckel Noise Control Technologies, Morrisburg,

Ontario, Canada) using a MacBook Pro laptop (Apple Inc.,

Cupertino, California), running MATLAB 2015 (MathWorks,

Natick, Massachusetts), connected to a Roland OCTA-

CAPTURE (Roland Corporation, Hamamatsu, Shizuoka

Prefecture, Japan) sound card. For the majority of the record-

ings, participants wore an intra-aural device equipped with

in-ear microphones (IEM), outer-ear microphones (OEM),

and miniature loudspeakers, connected to a cross-over,

located inside the ear as seen in Fig. 1. The components used

in the earpiece are as follows: the IEMs are Sonion 50GE31

(Sonion, Plymouth, Minnesota), the OEMs are Knowles FG-

23652, the woofers are Knowles CI-22955, and the tweeters

are Knowles WBFK-30095 (Knowles Electronics, Itasca,

Illinois). Since occluding the ear canal has an effect on the

frequency response of an IEM, the behavior of the IEM in an

average ear canal is measured on a GRAS 45CB acoustic

test fixture (GRAS Sound & Vibration, Holte, Denmark).

Figure 2 shows the estimated transfer function between the

IEM and the GRAS RA0045 ear simulator of the acoustic

test fixture, measured by playing pink noise through the

internal loudspeakers of the earpiece. The IEM itself has two

characteristics deviating from a uniform response. First, it

exhibits a first order low frequency roll-off at about 250 Hz.

This was found to be a desirable characteristic for an IEM,

since ear canal deformation resulting from jaw movement

when talking caused quasi-static pressure changes inside the

closed volume that is the occluded ear canal. On a previous

earpiece prototype with flatter response IEM, this was found

to cause acoustic overload and clipping of the signal at the

transducer. Second, the IEM exhibits a peak at 8 kHz, fol-

lowed by a second order high frequency roll-off beyond 10

kHz. Anti-resonances can be seen on the IEM response rela-

tive to the GRAS microphone response when the in-ear loud-

speaker is used as a source. This is attributed to reflections

off the end of the coupler and happens at frequencies for

which the distance from the IEM to the end of the coupler

FIG. 1. (Color online) Transparency view of the CAD drawing of the ear-

piece, highlighting its components and associated sound channels, showing

the woofer (1), the tweeter (2), the IEM (3), the OEM (4), the cross-over (5),

and the foam tips (6).

FIG. 2. (Color online) The estimated

transfer function between the IEM and

the microphone of the ear simulator,

estimating the differences between

measurement locations and occluded

ear acoustics.
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and back causes the reflected wave to be out of phase with

the incident wave (Hiipakka et al., 2010). They can be

observed at around 3, 9, and 15 kHz.

To attenuate external noise and to occlude the talkers,

ComplyTM Tx-200 tips (Hearing Components, Inc., Oakdale,

Minnesota) were used with the earpiece. In addition, a

GRAS 40HF 1-inch low-noise microphone (GRAS Sound &

Vibration, Holte, Denmark) was placed 30 cm from the

mouth at a 0� angle of incidence. This microphone is

referred to as the REF microphone for the remainder of this

paper. HINT sentences were displayed on a screen at 1 m

from the participants head and its angle was adjusted to

accommodate each participant’s comfort. An example of

the setup, including a participant equipped with the ear-

piece is shown in Fig. 3.

C. Procedure and recording conditions

To start, participants were asked to insert the earpieces

in their ears to the best of their abilities. Once the earpiece

was inserted, to check for a good acoustical seal, pink noise

was played at 85 dBA using a loudspeaker placed 30 cm

from the participants’ head. A well-inserted earpiece was

accepted if the attenuation between the OEM signal and the

IEM signal was at least 8 dB at 250 Hz and the coherence

between the two microphones was at least 0.8 (Voix and

Laville, 2009). The foam tip of the earpiece was adjusted in

the participants’ ears until a good acoustical seal was satis-

fied. Subsequently, participants were asked to hum in a form

of a frequency sweep from the lowest to the highest fre-

quency they could manage. The occlusion effect was esti-

mated as the difference in level between the IEM signal and

the OEM signal at 250 and 500 Hz (Bernier and Voix, 2013;

Kuk et al., 2005). Next, participants were asked not to talk

while factory noise from the NOISEX-92 database (Varga

and Steeneken, 1993) was played in diffuse field, within the

audiometric booth, at 95 dBA for 3 s and recorded using the

IEM. The purpose of this recording was to estimate the

residual noise inside the ear for each participant so that a

noisy environment could then be regenerated using the inter-

nal loudspeakers of the earpiece.

Speech was recorded at 48 kHz sampling rate and 32-bit

resolution in four different conditions. Table I lists and

describes the noise conditions of the microphones. To allow

for the training of denoising algorithms, such as those using

adaptive filtering (Bouserhal et al., 2017a), and to simulate a

realistic environment, speech was recorded while factory

noise from the NOISEX-92 database (Varga and Steeneken,

1993) was played in diffuse field, within the audiometric

booth, at 95 dBA. Factory noise was selected to mimic an

industrial environment. To better understand the noise, the

long-term average spectrum as well as the modulation spec-

trum are presented in Fig. 4. Noise level measurements were

made before the recording using the REF microphone placed

at the location of the participant’s head. In addition, clean

speech was recorded while the earpiece was worn as well as

with open ears. This helps assess any changes in speech pro-

duction caused by simply wearing hearing protection, even

in quiet conditions. Finally, to have access to clean Lombard

speech that can be conveniently analyzed, noise was played

directly in the ears leaving the OEMs and REF microphone

free of noise. The noise regenerated inside the ear was fil-

tered to reproduce the spectral characteristics that were mea-

sured by the IEM when it was previously played in diffuse

field and recorded under the earpiece. This was done for

each participant by designing a filter matching the inverse

transfer function estimate between the IEM and the input to

the miniature loudspeakers inside each ear and applying it to

the individually recorded residual noise before playing it

back through the miniature loudspeakers of the earpiece.

Calculating the inverse transfer function estimate was done

by sending pink noise to the miniature loudspeakers and

recording it with the IEM as the earpiece was inserted, while

looping back the pink noise to the sound card to obtain a

time-aligned reference. The coefficients of the filter were

those of an adaptive filter with a step-size of 0.01, where the

FIG. 3. (Color online) (A) An example showing the setup during the record-

ing, including the placement of the REF microphone and the screen, with a

(B) close up of the earpiece inside the participant’s ear.

TABLE I. A list of the four recording conditions and the states of the speech

signals picked up by each microphone.

Condition IEM OEM REF

Open-ear quiet N/A N/A Clean

Occluded quiet Clean Clean Clean

Occluded noisy (ambient noise) Noisy Noisy Noisy

Occluded noisy (regenerated in-ear noise) Noisy Clean Clean

1072 J. Acoust. Soc. Am. 145 (2), February 2019 Bouserhal et al.



input signal x(n) was the IEM signal and the desired signal

d(n) was the looped back signal at sound card, as shown in

Fig. 5. Due to acoustical constraints on the frequency

response of the loudspeaker and its enclosure in the earpiece,

the residual noise could not be matched without error at all

frequency bands. Nonetheless, the mean deviation between

the overall sound pressure level (SPL) of the recorded resid-

ual noise and the regenerated residual noise over all partici-

pants was 1.4 and 1.8 dB with standard deviation of 1.0 and

1.6 dB, for the left and right ear, respectively. An example of

the recorded residual noise and its regenerated counterpart is

shown in Fig. 6.

A list of 234 HINT sentences, for both English and

French, was divided into three lists of 78 sentences. Each of

the three occluded conditions was assigned a list of unique

sentences. A fourth list of 78 sentences was created from the

first 26 sentences of each of the three unique aforementioned

lists, to be used during the open-ear quiet condition. Every

list was read in its entirety by every talker for each condition.

Therefore, the first 26 sentences of each list were repeated

twice by each talker, once in the open-ear condition and

once in their respective occluded condition.1 This was done

to ensure that in each condition a reference list of sentences

was available so that comparisons could be drawn on the

phonetic level.

III. THE DATABASE

As part of the collected corpus, data beyond the speech

signals is made available to the user. For each participant,

the following data are available: age, sex, language spoken,

native language, hearing thresholds, attenuation of earplug,

occlusion effect, measured residual noise levels during ambi-

ent noise, measured regenerated noise levels in the ear, and

speech sentences in four different conditions. Attenuation of

the earpiece at each ear are 1� 9 vectors representing attenu-

ation at each octave band frequency. Occlusion effect esti-

mates are provided as a 1� 2 vector with the measured

overall SPL values in dB at 250 Hz and 500 Hz in the first

and second column, respectively. Sex, native language, and

spoken language are strings with one value for each partici-

pant. Hearing thresholds at each ear are 1� 9 vectors repre-

senting monaural octave band thresholds. Overall SPL

measurements of the residual noise inside the right and left

ear as well as SPL measurement of the regenerated noise in

both ears are also provided as 1� 2 vectors for each partici-

pant. Speech signals are WAV files and 78� 4¼ 312 senten-

ces are associated with each participant.1 Therefore, in total,

7488 sentences are available including 1872 sentences in

each condition. This database can be accessed by filling out

a request through the research group’s website.1

FIG. 4. (Color online) (A) The long-term average spectrum and (B) the

modulation spectrum of the factory noise used in the experiment.

FIG. 5. A schematic of the adaptive filtering technique used to extract the

coefficients of a filter representing the inverse transfer function estimate

between the IEM and the input to the loudspeakers. The extracted coeffi-

cients are used for the regeneration of the in-ear noise signal.

FIG. 6. (Color online) An example of the recorded residual noise in the ear

and its regenerated counterpart.
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IV. PRECURSORY ACOUSTICAL ANALYSIS

A precursory analysis is performed to describe the

changes provoked in each noise condition and the spread of

the data accessible as part of the database. To better illustrate

the available data of the database, mean, standard deviation,

maximums and minimums are calculated and presented. The

statistical analysis tool, R (Team, 2013) and the lme4 pack-

age (Bates et al., 2014) are used to perform a linear mixed

effects analysis of the relationship between the participants’

speech levels and the various variables in the study.

Participants as well as the sentences read are treated as ran-

dom effects. The presence of noise (quiet or noisy), as well

as whether the earpiece was worn, are treated as fixed effects

in the model without any interaction term. Furthermore, the

effects of sex (male or female) and language (French or

English) are studied by adding these binary variables sepa-

rately to the model while including interaction terms with

both the presence of noise and whether or not the participant

is occluded. Likelihood ratio tests between the full model

with and without the effect in question are used to compare

the goodness of each model. Three conditions are compared,

the open-ear quiet condition, the occluded (i.e., the earpiece

is worn) quiet condition, and the occluded noisy condition,

where noise was regenerated directly inside the ear. The

objective of this analysis is to aid future users of the database

to be informed about the broad relationships and interactions

between the conditions and the variables examined. It aims

to facilitate the decision of the user on what data fits their

needs.

V. RESULTS OF ACOUSTICAL ANALYSIS

Figure 7 presents the mean attenuation of all participants

at each octave band frequency and the respective standard

deviation for each ear. Overall, the observed maximum and

minimum attenuation are 24.7 and 8.1 dB for the right ear,

and 23.2 and 8.5 dB for the left ear. The occlusion effect esti-

mates for all participants in the right and left ear at 250 and

500 Hz are presented in Fig. 8. On average the estimated

occlusion effect over all talkers for both ears is at 19.7 dB

with a 5.2 dB standard deviation and 16.5 dB with a 4.9 dB

standard deviation at 250 and 500 Hz, respectively.

Occlusion effect estimates range from a minimum of 5.0 dB

to a maximum of 31.2 dB at 250 Hz, and a minimum of

7.1 dB to a maximum of 28.2 dB at 500 Hz. The variations in

level of occlusion can be attributed to a combination of the

insertion depth of the earpiece and the geometry of the par-

ticipant’s ear canal. Figure 9 compares the measured residual

noise levels against the regenerated levels for each partici-

pant in each ear. The mean residual noise over all partici-

pants is 79.9 and 81.2 dBA with standard deviation of 4.3

and 3.7 dB for the right and left ear, respectively. Similarly,

the mean regenerated noise levels are 78.5 and 80.2 dBA

with standard deviation of 4.7 and 3.6 dB for the right and

left ear, respectively. As discussed in Sec. II C, the mean dif-

ference between the residual and regenerated noise inside

the ear is 1.4 and 1.8 dB with a standard deviation of 1 and

1.6 dB for the right and left ear, respectively. The maximum

difference in level between the residual noise and the regen-

erated noise is found at 3.8 and 6.2 dB for the right and left

ear, respectively.

For the linear mixed effect analysis, visual inspection of

residual plots did not reveal any obvious deviations from

homoscedasticity or normality. The presence of noise and

occlusion (i.e., the earpiece is worn) have a significant

(p< 0.001) effect on the speech level of participants. On

average participants speak at 57.9 dBA with 1.1 dB standard

FIG. 7. (Color online) The mean attenuation of the earpiece over all partici-

pants for the right and left ear and the standard deviation at each octave

band frequency.

FIG. 8. (Color online) A bar graph rep-

resenting the estimated occlusion

effect at 250 and 500 Hz for the right

and left ear, for all participants.
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deviation in the quiet open-ear condition. Once occluded and

in quiet, on average participants raise their speech level by

2.6 with 0.1 dBA standard deviation compared to the open-

ear condition. This is in contrast to Tufts and Frank (2003)

and Navarro (1996) who showed no change in speech level

when occluded in quiet. However, this could be explained

by differences in occlusion effect and attenuation of the ear-

plug as well as the feedforward system described in Sec. I.

To visualize the changes in speech level for each partici-

pant in each condition, Fig. 10 presents boxplots of speech

levels over all sentences in each condition for each partici-

pant in the open-ear quiet, occluded quiet and occluded

noisy conditions. Compared to the open-ear quiet condition,

most participants (excluding participant 21 and 22) raised

their speech level on average once occluded in quiet and all

participants raised their speech level on average in the pres-

ence of noise. Figure 11 presents a box plot of the speech

levels at the three conditions. At the introduction of 95 dBA

of factory noise, the average speech level increases on aver-

age by 6.5 dB with 0.1 dB standard deviation. This is consis-

tent with existing literature that showed speech level to

increase between 1.3 and 1.8 dB for every 10 dB increase in

noise from 60 dB (Bouserhal et al., 2016; Tufts and Frank,

2003).

Analysis showed that males and females do not speak at

different average speech levels. However, upon introducing

the interaction of noise and the presence of an earpiece,

female participants appear to raise their voice in the presence

of noise by 0.8 dB with 0.2 dB standard deviation

(p< 0.001) and when they are occluded by 0.6 with 0.2 dB

standard deviation (p< 0.001) more than males. This is con-

sistent with Junqua et al. (1999) who showed that men and

women do not react the same way to the Lombard effect. It

is not understood exactly why females reacted more strongly

to the Lombard effect than males. However, Junqua et al.
(1999) also showed that there was an increase in the 4–5 kHz

frequency band for vowels uttered by females under the

Lombard effect which was not observed for males. This

increase in the high frequencies as well as the use of an A-

weighting for level measurements in this study could explain

these observed differences. No difference in speech level

according to language spoken is found in the data.

Anglophones and francophones speak on average at the

same levels over all conditions.

FIG. 9. (Color online) A bar graph representing SPL values of the residual noise (Res) measured inside the ear when ambient noise at 95 dBA is played

in the room compared to the SPL values of the regenerated (ReGen) noise played directly inside the ear, for all participants in the right (R) and left

(L) ear.

FIG. 10. (Color online) Boxplot of speech levels over all sentences in each condition for each participant in the open-ear quiet, occluded quiet and occluded

noisy conditions.
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VI. CONCLUSIONS

The in-ear speech database, SpEAR, presented in this

paper is meant to respond to a lack of in-ear speech data-

bases in noisy conditions. It comprises of clean and noisy

speech collected from occluded talkers, including a reference

set of open-ear speech produced in quiet. It is intended to aid

in the development, optimization, and validation of speech

algorithms for intra-aural devices. Furthermore, it could aid

in understanding changes in speech production on the pho-

netic level caused by being occluded. Having access to more

than the speech signals also allows for a deeper understand-

ing of the changes provoked from wearing intra-aural devi-

ces in adverse conditions. SpEAR could accelerate research

advancements in the consumer market of hearables, as well

as the occupational safety and health field of hearing protec-

tion devices.
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