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Talks

Thursday 12 January 2023, 09:00—09:25

Pupil dilation as an index of listening effort and 
auditory attention in young children with hearing 
impairment
Amanda Saksida, Eva Orzan
Institute for Maternal and Child Health - IRCCS “Burlo Garofolo” - Trieste, Trieste, Italy

Background: There is a general agreement that infants and children are more vulnerable in 
noisy environments, due to the still ongoing language development and maturation of the au-
ditory pathway in childhood. Noise may particularly disadvantage infants and young children 
in recognizing and learning from speech. While literature on speech perception in background 
noise in adult hearing aid and cochlear implant users is abundant, there are only few studies 
related to listening effort in paediatric populations, with or without hearing impairment. This 
fact persists, although the most widely used and reliable objective method for assessing lis-
tening effort, pupillometry, is thought to be easily administered also in non-communicative 
populations, including infants and children.

Similar situation can be found in studies on auditory attention. Processing auditory regular-
ities and their violations induces an event-related pupillary dilation response in adults, and 
studies suggest that this may be a more sensitive attention-capture index than behavioural 
measures. Auditory attention can be measured with pupillometry also in the paediatric popu-
lation, as an index of sensitivity to phonological detail, prosodic cues, or unexpected sounds. 
Albeit possible clinical implications of such a measure, to this date, no studies have been pub-
lished with hearing impaired adult or paediatric populations.

Methods: I will present two recent studies with preschool children with hearing impairment, 
in which the listening effort and listening attention were assessed through pupillary dilation 
response. In the first, we measured pupillary dilation response to speech and music stimuli 
presented in background noise in 14 children with cochlear implants and 14 normally hearing 
children. In the second study, involuntary attention to unexpected sounds of various intensi-
ties was measured in 44 infants and preschool children with hearing impairment, hearing aids 
and cochlear implant users.

Results: In the first study children with cochlear implants showed increased pupil response for 
speech without noise, while music in noise induced larger pupil response in children with nor-
mal hearing. In the second study, larger pupil response was measured for unexpected sounds. 
We furthermore explored the effect of age and hearing status on their responses.

Discussion: We will discuss the possible implications of the observed interaction between pre-
sented stimuli and hearing status, as well as the potential clinical applications of the involun-
tary auditory attention measure in children with hearing impairment.
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Thursday 12 January 2023, 09:25—09:50

EEG-based assessment of listening effort in deaf and 
normal hearing persons
Giulia Cartocci
Sapienza Università di Roma, Italy

Listening effort represents a hot topic in auditory cognitive neuroscience[1] [2], and it is well-
known that a typical paradigm able to elicit such particular cognitive effort is represented by 
speech in noise tasks. Furthermore, in the last years it has been ever more felt the need for the 
identification of an “objective measure of listening effort”[3] [4], aimed at identifying more 
sensitive assessments of the way an auditory task is undertaken by a listener, especially in 
case of hearing impairments. Among these measures based on neurophysiological measures 
we can coarsely divide between measures based on central nervous system activity and auto-
nomic nervous system activity, and EEG-based indices belongs to the former ones. In the area 
of research I am presenting it was employed the paradigm of speech in noise task in associa-
tion with the study of EEG rhythms, essentially parietal alpha [5] [6] and frontal theta [7] [8] as 
indices of listening effort.

It is interesting to investigate listening effort both in children and adults, given the frequent 
difference in the etiology of deafness in these two populations, more often related to con-
genital reasons in the first group and to a later acquisition in the second group. Concerning 
children with asymmetric hearing loss, we found significantly higher parietal alpha power lev-
els in the “binaural noise” and in the “noise to the worse hearing ear” conditions (that were 
difficult but still feasible conditions) than in the “quiet” (too easy) and “noise to the better 
hearing ear” (too difficult) conditions (p < 0.001) [9]. Conducting the same paradigm on adult 
unilateral cochlear implant users, we similarly found during the noise to the worse hearing ear 
condition, in the pre-stimulus phase, higher levels of parietal alpha power, in accordance to 
a preparatory role for alpha [5] for attended stimuli. Furthermore, we found higher levels of 
frontal theta power during the listening phase of the same condition, that also reported the 
higher percentage of correct responses, supporting a more sustained effort but also higher 
processing and efficiency for it [10]. Concerning children, we also investigated single side deaf 
patients, in comparison to normal hearing children, undergoing as well a speech in noise task. 
Results suggested for both theta and alpha rhythms that normal hearing children by default 
lateralized in the left hemisphere in the Broca’s area, while single side deaf children lateralized 
on the base of the background noise direction [11].

References:
[1] R. McGarrigle et al. (2014) “Listening effort and fatigue: What exactly are we measuring? A British Society of 

Audiology Cognition in Hearing Special Interest Group ‘white paper’”, Int. J. of Audiol., doi:10.3109/1499
2027.2014.890296.

[2] M. K. Pichora-Fuller et al. (2016) “Hearing Impairment and Cognitive Energy: The Framework for Under-
standing Effortful Listening (FUEL)”, Ear and Hear., doi:10.1097/AUD.0000000000000312.

[3] C. Bernarding, F. I. Corona-Strauss, R. Hannemann, D. J. Strauss (2016) “Objective assessment of listening 
effort: Effects of an increased task demand”, in 38th Annual International Conference of the IEEE Engi-
neering in Medicine and Biology Society, doi:10.1109/EMBC.2016.7591527.
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[4] C. Bernarding, D. J. Strauss, R. Hannemann, H. Seidler, F. I. Corona-Strauss (2014) “Objective assessment 
of listening effort in the oscillatory EEG: Comparison of different hearing aid configurations”, in 36th An-
nual International Conference of the IEEE Engineering in Medicine and Biology Society, doi:10.1109/
EMBC.2014.6944168.

[5] J. Obleser, N. Weisz (2012) “Suppressed Alpha Oscillations Predict Intelligibility of Speech and its Acoustic 
Details”, Cereb. Cortex, doi:10.1093/cercor/bhr325.

[6] N. Weisz, T. Hartmann, N. Müller, I. Lorenz, J. Obleser (2011) “Alpha rhythms in audition: cognitive and clin-
ical perspectives”, Front. Psychol., doi:10.3389/fpsyg.2011.00073.

[7] M. G. Wisniewski, E. R. Thompson, N. Iyer, J. R. Estepp, M. N. Goder-Reiser, S. C. Sullivan (2015) “Frontal 
midline θ power as an index of listening effort”, Neuroreport, doi:10.1097/WNR.0000000000000306.

[8] M. G. Wisniewski, E. R. Thompson, N. Iyer (2017) “Theta- and alpha-power enhancements in the electroen-
cephalogram as an auditory delayed match-to-sample task becomes impossibly difficult”, Psychophysi-
ol., doi:10.1111/psyp.12968.

[9] P. Marsella et al. (2017) “EEG activity as an objective measure of cognitive load during effortful listening: A 
study on pediatric subjects with bilateral, asymmetric sensorineural hearing loss”, Int. J. Pediatr. Otorhi-
nolaryngol., doi:10.1016/j.ijporl.2017.05.006.

[10] W. Klimesch (1999) “EEG alpha and theta oscillations reflect cognitive and memory performance: a review 
and analysis”, Brain Res. Reviews, doi:10.1016/S0165-0173(98)00056-3.

[11] G. Cartocci et al. (2019) “EEG rhythms lateralization patterns in children with unilateral hearing loss are 
different from the patterns of normal hearing controls during speech-in-noise listening”, Hear. Res., 
doi:10.1016/j.heares.2019.04.011.

Thursday 12 January 2023, 09:50—10:15

Towards objective markers of speech understanding 
based on neural coding and perception of 
spectrotemporal sound features
Pauline Devolder1,2, Emmanuel Ponsot1,3, Ingeborg Dhooge2,4, Sarah Verhulst1

1. Hearing Technology @ WAVES, Department of Information Technology, Ghent University, Belgium | 2. Ghent 
University, Department of Head and Skin, Belgium | 3. STMS Lab, CNRS / Ircam / Sorbonne Université, Ministère 
de la Culture, Paris, France | 4. Ghent University Hospital, Department of Ear, Nose and Throat, Belgium

Background: In the audiological practice, much variability in speech understanding is ob-
served between patients, despite similar (normal or increased) hearing thresholds. Speech 
perception could be influenced by three different individual factors (audibility, cognition and 
suprathreshold coding). A factor that could influence suprathreshold coding would be coch-
lear synaptopathy (CS; damage to the synapses between the inner hair cells and the affer-
ent nerve fibers), which could be measured with the envelope following response (EFR). This 
objective EEG-test would measure the ability to process the temporal envelope (ENV) cues 
in speech signals. Nevertheless, speech signals are not only temporally modulated, but also 
spectrally, where the temporal fine structure (TFS) plays an important role. Research with be-
havioural psychoacoustic measurements has shown that spectral (SM) and spectrotemporal 
modulated (STM) stimuli appear to be good representatives of realistic speech signals (and 
TFS processing).
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The study aimed to analyze: (1) Whether behavioural psychoacoustic measurements with 
S(T)M-stimuli are related to TFS-processing and speech perception. (2) Whether an objective 
frequency following response (FFR) with SM stimuli could offer information about TFS-pro-
cessing and speech perception.

Methods: We designed a battery of psychoacoustical detection thresholds and electrophys-
iological FFR measurements based on spectrally modulated stimuli carrying well-defined 
TFS cues. The protocol was conducted in three groups of participants: younger normal-hear-
ing individuals (yNH group, n=15), older individuals with normal hearing (oNH, n=16) or 
mild-to-moderate hearing loss (oHI, n=14). Speech in noise (SPIN) scores were measured with 
Matrix tests presented under several frequency-filtering conditions.

Results and conclusions: We will present and discuss all the results obtained from this large 
data-set. One important result was that the strength of FFRs was strongly reduced in older 
compared to younger listeners, and negatively correlated to age. In contrast, we found no dif-
ferences in FFR strength between older listeners with or without sensorineural hearing-loss. 
These data suggest that cochlear damage per se does not impact the neural coding of TFS 
cues, but that CS could be an important factor for TFS-coding capacities. However, we ob-
served no relationships between these neural measurements and SPIN, nor between psycho-
acoustical detection thresholds of spectral envelope shapes and SPIN in either group.

These joint psychophysical and electrophysiological results call for further work to design a 
psychoacoustical test that would provide a robust behavioral proxy of TFS-coding fidelity for 
such spectrally-shaped sounds. Overall, this project paves the way toward novel non-invasive 
biological markers of CS based on the neural encoding of spectral cues of sounds.

Funding: Work supported by Fondation pour l’Audition (FPA 2020-005F2) and European Research 
Council (ERC-StG-678120, RobSpear).

Thursday 12 January 2023, 10:45—11:10

How voice perception affects listening effort
Thomas Koelewijn, Ada Biçer, Deniz Başkent
Department of Otorhinolaryngology/ Head and Neck Surgery, University Medical Center Groningen, University of 
Groningen, Netherlands | Graduate School of Medical Sciences, Research School of Behavioural and Cognitive 
Neurosciences, University of Groningen, Netherlands

Listening to speech with one or multiple persons talking in the background is known to be 
challenging and effortful, especially for people with hearing impairment. Being able to per-
ceive differences in voice cues like fundamental frequency (F0) and vocal-tract length (VTL) 
can help listeners segregate competing talkers, which improves speech understanding. Re-
search showed that cochlear implant (CI) listening reduces sensitivity to F0 and VTL voice 
cues, potentially contributing to difficulties in understanding speech in adverse listening con-
ditions. The pupil dilation response has shown to be an objective measure for cognitive pro-
cessing load in adverse listening conditions, also referred to as listening effort. Using a variety 
of listening tasks, studies have shown different types of speech degradation, by masking (e.g., 
noise vs. speech) or vocoding, to affect the pupil dilation response. However, it is relatively 
unknown how voice perception processes, which make use of voice cue information, affect 
listening effort when speech is degraded.
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In a couple of studies, F0 and VTL voice cues were systematically manipulated while we in-
vestigated the effect of voice discriminability on listening effort. In one study participants 
performed a speech-on-speech task (sentences), while in the other study participants per-
formed voice cue discrimination tasks (CV-triplets), where the reference voice was trained or 
untrained and stimuli were either clear or vocoded. The amount of listening effort during both 
tasks was investigated by means of pupillometry.

Speech-on-speech listening improved when F0 and/or VTL were manipulated to be different 
between target and masker speech uttered by the same talker. Improvements in performance 
co-occurred with smaller pupil dilation responses recorded during listening, indicating a de-
crease in listening effort. At the level of voice cue discrimination, voice training resulted in a 
smaller pupil dilation response when listeners had to indicate F0+VTL differences between 
CV-triplets in vocoded speech. Interestingly, this effect was not present for non-vocoded 
speech and occurred in the absence of a performance benefit.

The pupil response shows a systematic decrease in listening effort when target and masker 
voices differ for F0 and VTL voice cues. Additionally, voice training showed to be of benefit by 
reducing listening effort, when speech was degraded by means of vocoding. These outcomes 
provide insight on the impact that voice discriminability and voice familiarity have on listening 
effort in normal and CI-listening.

Thursday 12 January 2023, 11:10—11:35

Gamification of a speech recognition task influences 
multimodal measures of listening effort
Peter Carolan, Antje Heinrich, Kevin Munro, Rebecca Millman
University of Manchester, United Kingdom

Under cognitively demanding listening situations, listeners may expend more listening effort 
(LE) but only if they are motivated to achieve listening success. We aimed to evaluate aspects 
of gamification (by using performance-based financial rewards, financial penalties and feed-
back) as agents to motivate young (18-35 years) listeners with normal hearing to exert LE dur-
ing a speech recognition task.

In addition to a standard remuneration, participants were given £5 at the start of the speech 
recognition task and informed that correct responses would be rewarded via financial gain 
whereas incorrect responses would incur a financial penalty. Feedback on performance (i.e. 
correct/incorrect responses) and the amount of financial reward retained was provided at the 
end of each trial. The listening demands of the speech recognition task were manipulated 
using prior knowledge (perceptual ‘pop out’) of tone-vocoded speech sentences. We meas-
ured multimodal LE outcomes on a trial-by-trial basis, including performance accuracy on the 
speech task (correct response rates), response times (RTs), self-rated work and pupil diameter 
(peak pupil dilation, PPD).

Results revealed that high listening demands decreased correct response rates as well as PPD, 
and increased RTs and self-rated work. High motivation (high rewards/penalties) increased 
self-reported listening effort, PPD and RTs but had no effect on correct response rates. Motiva-
tion had no effect on self-rated fatigue measured at the end of each block of trials. Interactions 
between listening demands and motivation were not found.
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The use of game design elements in our novel speech recognition task captured the effects 
of motivation and listening demands on multimodal measures of listening effort. The opera-
tionalisation of financial reward through performance-based rewards/penalties and feedback 
on a trial-by-trial basis may be a more effective and robust motivational agent than simply 
offering financial rewards based on achieving a target performance level over a block of trials. 
Application of gamification elements to “conventional” speech recognition tasks may improve 
listener experience and engagement, highlighting the importance of listener motivation in LE 
research.

Thursday 12 January 2023, 11:35—12:00

Colin Cherry Award 2020

Handling classroom babble noise in an automatic 
speech recognition-powered educational 
application
Lucile Gelin1,2, Morgane Daniel1, Thomas Pellegrini2, Julien Pinquier2

1. Lalilo, France | 2. Institut de Recherche en Informatique de Toulouse, France

Background: In the scope of the Lalilo reading assistant for 5-7-year-old children learning to 
read, designed for classroom usage, we develop an automatic speech recognition (ASR) sys-
tem that aims at transcribing accurately children’s read speech and detecting potential read-
ing mistakes. In addition to challenges linked to the recognition of young reading learners 
(extended frequency ranges, high intra-speaker variability, slow reading rate, and presence of 
disfluencies), the system needs to adapt to the noise environment of classrooms.

Methods: Babble noise is among the most complex types of noise because suppressing it re-
quires the faculty to distinguish the targeted speaker’s speech from background speakers’. In 
this work, we apply multi-condition training to a state-of-the-art phoneme recognition model 
to improve its robustness to classroom-typical babble noise. This method consists of mixing 
the speech training recordings with babble noise at different signal-to-noise ratios (SNR) to 
teach the system to handle noise. Our model follows a Transformer encoder-decoder archi-
tecture. We use transfer learning to cope with the lack of data, training a source model on 
150 hours of the Common Voice adult read speech dataset, and fine-tuning it with our small 
in-house Lalilo child read speech dataset (13 hours). Multi-condition training is applied to 
the fine-tuning stage, using two noise datasets: (1) the DEMAND noise dataset, where we se-
lected only babble noise recordings; (2) our in-house Lali-noise dataset, containing real-life 
classroom recordings. While the first displays adult babble noise with constant volume and 
distribution, the second is characterized by irregular child babble noise and other classroom 
noises. The evaluation set is comprised of recordings with SNRs varying between -10 and 50 
dB, and a mean SNR on the set of 23.8 +- 10.9 dB.

Results: Our results show that multi-condition training with babble noise indeed improves the 
system’s robustness to noise. We observe a global reduction of the phoneme error rate (PER) 
that is more important using the Lali-noise dataset than the DEMAND dataset. In particular, we 
observe an important PER reduction on high-noise (SNR < 10 dB) and medium-noise (10 dB < 
SNR < 25 dB) recordings when using the Lali-noise dataset. On the contrary, using the DEMAND 



9

dataset gives better performance on low-noise (SNR > 25 dB) recordings, at the cost of slightly 
degrading the recognition on high-noise recordings. These results lead us to the conclusion 
that training the model in conditions that resemble most the inference noise environment is 
most efficient to improve ASR noise robustness.

Thursday 12 January 2023, 13:35—14:35

Keynote lecture

Cochlear coding mechanisms: From animal to 
human data
Jérôme Bourien
University of Montpellier - Institute for Neurosciences of Montpellier (Inserm U1298), Montpellier, France

Auditory nerve fibers (ANFs) convey acoustic information from the sensory cells to the brain-
stem using an elaborated neural code based on both spike timing and rate. This code is con-
veyed by subtypes of ANFs differing in their characteristic frequency, spontaneous rate (SR) of 
discharge, and threshold of activation. Since there is a negative correlation between threshold 
and SR, high-SR fibers are supposed to be critical for hearing sensitivity whereas low-SR fib-
ers are presumed to be engage in the neural encoding of supra-threshold sounds, including 
vocalizations. Gerbils possess a very specialized cochlea in which the low-frequency inner 
hair cells (IHCs) are contacted by ANFs having a high-SR fibers whereas high frequency IHCs 
are innervated by ANFs with a greater SR-based diversity. This specificity makes this animal 
a unique model to investigate the functional role of different pools of ANFs. The shape of the 
rate-intensity functions varies significantly with the fiber characteristic frequency. Above 3.5 
kHz, the sound-driven rate is greater and the slope of the rate-intensity function is steeper. 
Interestingly, high-SR fibers show a very good synchronized onset response in quiet (small 
first-spike latency jitter) but a weak response under noisy conditions. The low-SR fibers ex-
hibit the opposite behavior, with poor onset synchronization in quiet but a robust response in 
noise. In humans, a cochlear synaptopathy specifically targeting the low-SR fiber pool could 
explain why some listeners have poor speech intelligibility in noisy environments while their 
tonal audiogram is almost normal.
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Thursday 12 January 2023, 14:35—15:00

Feeling the rhythm: Vibrotactile enhancement of 
speech-in-noise comprehension
Tobias Reichenbach1,2, Pierre Guilleminot1

1. Imperial College London, UK | 2. FAU Nuremberg-Erlangen, Germany

Background: Natural speech contains intrinsic rhythms set by the rate of phonemes, words 
and syllables. These rhythms are used by the brain to process speech. Neural activity in the 
cerebral cortex in the delta and theta frequency bands tracks the sequence of words and syl-
labes, and the neural tracking is presumably used to parse speech into these different linguis-
tic units for further processing. Modulating the cortical tracking through transcranial alternat-
ing current stimulation has indeed been found to influence the comprehension of speech in 
noise.

Methods: Here we show that vibrotacile stimuli can provide another avenue for modulat-
ing the cortical tracking and speech comprehension (Guilleminot and Reichenbach, 2022, 
doi:10.1073/pnas.2117000119). The somatosensory system indeed innervates the primary au-
ditory cortex and can, in particular, influence its neural activity in the theta band. We therefore 
investigated how the comprehension of continuous speech in noise may be influenced by the 
simultaneous presentation of vibrotactile pulses that are linked to the timing of syllables.

Results: We found that, when the timing of the pulses coincided with the perceptual center of 
the syllabes, speech comprehension was enhanced by about 5% compared to no tactile sig-
nals or to a sham stimulation. Timing differences between the tactile pulses and the perceptu-
al center of the syllables led to less speech enhancement or to impediment of speech-in-noise 
comprehension. EEG recordings revealed that the modulation of speech comprehension 
through the tactile pulses could be partially explained by neural indices of multisensory inte-
gration in the auditory cortex. Another experiment on the recognition of individual syllables 
showed that vibrotactile pulses can modulate speech comprehension also after the tactile 
stimulation has occurred, in a manner that is consistent with the hypothesis that the pulses 
reset the phase of ongoing oscillatory activity in the theta frequency range.

Conclusion: Taken together, our results show how vibrotactile signals can enhance speech 
comprehension through multisensory integration linked to speech rhythms, and may open up 
a possible avenue for future multisensory auditory prosthesis.

Friday 13 January 2023, 11:30—11:55

Towards spoken interaction with embodied agents
Khiet Truong
University of Twente, Enschede, Netherlands

In this presentation, I will highlight some of the research we have been carrying out on spo-
ken interactions with embodied agents. Talking to embodied agents, such as robots or virtual 
agents, can be beneficial for several reasons, ranging from being able to multitask hands-free, 
to expressing oneself in a less restricted manner in the context of storytelling or information 
search. Creating these spoken interactions with embodied agents requires not only automat-
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ic speech recognition technology but also knowledge about paralinguistics, conversational 
interaction, and human-computer interaction as well. I will present several examples of our 
research in which speech technology and knowledge from speech communication research 
drive our investigations into spoken interactions with embodied agents. The first example 
involves creating a listening agent. From research, it appears that the display of listening be-
havior is often cued by the speaker’s prosodic behavior. We developed and evaluated sever-
al backchannel strategies for a virtual agent. The second example concerns robot-supported 
spoken conversational search in media for children. Searching via speech in multi-turn con-
versational interaction with the help of a robot has several benefits for children who find it dif-
ficult to compress their search needs into one query. Through asking clarification questions or 
giving suggestions, the robot can support the child in their information seeking. However, how 
do we design these interactions in a responsible manner and what role does trust play here? 
Thirdly, in current times where voice assistants are pre-dominantly female-sounding by de-
fault, we were wondering to what extent gender norms control the way we perceive voices. In 
this case, we looked into a nonverbal vocalisation that can be associated with multiple social 
functions, namely laughter. I will present the results of these studies and discuss implications 
for the development of spoken interactive embodied agents.

Friday 13 January 2023, 11:55—12:20

Colin Cherry Award 2022

Understanding speech from different talkers: The 
use of voice features in cocktail-party listening
Jens Kreitewolf
Department of Psychology, McGill University, Montreal, Canada

In this talk, I will show how different groups of listeners use voice acoustics to enhance speech 
comprehension under adverse listening conditions, specifically when the auditory scene 
comprises a multitude of sounds heard at once. These “cocktail-party”-like situations pose a 
difficult conceptual problem for normal-hearing listeners and are particularly challenging for 
cochlear-implant users: To comprehend target speech, listeners need to attend to the target 
voice while at the same time ignoring other irrelevant sounds.

The cocktail-party problem is made considerably easier when all target sounds are spoken by 
the same talker. Previous work suggests that this so-called voice-continuity benefit can be—in 
large part—attributed to continuity in two prominent voice features: Glottal-pulse rate (GPR) 
and vocal-tract length (VTL). GPR determines the fundamental frequency of a speech sound 
and is perceived as vocal pitch; VTL determines the spectral envelope of a speech sound and 
is perceived as an aspect of vocal timbre. Apart from being important voice identity cues, GPR 
and VTL have been shown to contribute to both stream segregation and perceptual grouping 
in cocktail-party listening.

Here, I will present data from a series of experiments highlighting similarities and differences 
in how normal-hearing listeners and cochlear-implant users exploit continuity in GPR and VTL 
to group sounds at the cocktail party.
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Friday 13 January 2023, 13:20—13:45

Examination of the relationship between spatial 
speech-in-noise and localization ability
Abigail Anne Kressner1,2, Rikke Skovhøj Sørensen1, Per Cayé-Thomasen2, Niels Cramer West2, 
Jeremy Marozeau1

1. Technical University of Denmark, Denmark | 2. Rigshospitalet, Denmark

It has been argued that virtual sound environments can facilitate better assessments of hear-
ing ability and hearing device benefit since measurements obtained in these environments 
more accurately reflect the real world. Several researchers have presented strategies for sim-
ulating complex acoustic environments and thereafter investigated the effect of transplanting 
speech tests into such environments. Broadly speaking, the speech intelligibility measure-
ments obtained in the complex environments lead to different estimates of performance than 
the estimates provided with their standard test counterparts, and these differences are not 
yet well understood. In this study, we investigate these differences in a specific population 
of patients that are known to contain large individual differences, and we hypothesize that 
a lower-than-expected spatial speech-in-noise score (i.e., worse than expected in a complex 
environment based on the score in a standard test) can be explained by poor localization. Thir-
teen unilateral cochlear implant (CI) users who were implanted following vestibular schwan-
noma (N=10 with single-sided deafness; N=3 with asymmetrical hearing loss) were assessed 
postoperatively on their speech and spatial perception with and without their CI on their (1) 
localization ability, (2) spatial release from masking (SRM), and (3) speech reception threshold 
(SRT) in a complex, reverberant meeting room. Localization abilities and SRM for this patient 
population were in line with existing single-sided deafness literature. The residuals of a linear 
regression between the SRTs in the standard and complex environments were significantly 
correlated with localization ability, but only in the aided condition. On the other hand, neither 
aided nor unaided SRM was correlated with the regression residuals, suggesting that these 
tests may be measuring independent aspects of hearing. The findings shed light on the impor-
tance of uncovering the relationship between these tests in order to better understand how 
to increase the real-world relevance of speech tests that can be used diagnostically to give a 
more accurate representation of hearing ability.
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Friday 13 January 2023, 13:45—14:10

Effect of head-related transfer function 
individualisation on spatial release from masking in 
the median plane
Thibault Vicente, Lorenzo Picinali
Audio Experience Design, Dyson School of Design Engineering, Imperial College London, London, United 
Kingdom

Daniel González-Toledo, María Cuevas-Rodríguez, Luis Molina-Tanco, Arcadio Reyes-Lecuona
Departamento de Tecnología Electrónica, Universidad de Málaga, Málaga, Spain

To create realistic 3D audio scenes through headphones requires taking into account the influ-
ence of the human body on the sounds incoming to the ears, which is known as the head-relat-
ed transfer function (HRTF). Each individual has a specific HRTF due to different morphological 
features, such as head size and/or pinnae shape. While it is known that using non-individual 
HRTFs can affect localisation accuracy and perceived realism, the effects on speech intelli-
gibility, for example in terms of improvements observed when masker/s and target are not 
co-located (spatial release from masking – SRM), are relatively unexplored.

The goal of the current study is to assess the impact of individual versus non-individual HRTFs 
on SRM when sources are separated along the median plane. The focus on this plane allows 
us to investigate the use of spectral monaural cues related to the pinnae shape, assuming that 
these cues are specific to each individual. Two experiments have been designed, both inspired 
by studies from the literature. These involve a speech-on-speech paradigm using the coordi-
nate response measures (CRM) corpus, which is made by sentences with the same structure, 
containing only colour and digits keywords.

In the first experiment one speech masker is simultaneously presented with the target. The 
target speaker is always different from the masking speaker, but both have the same gender. 
The target and masker are simulated at 3 different frontal locations: 0°, -50° and +50° of eleva-
tion. The second experiment involves two concurrent and co-located speech maskers instead 
of one. The masking speakers are always different from the target speaker and could be from 
different genders. Three masker locations are also involved (0°, +45° and -45° of elevation), 
but the target is always simulated at 0° of elevation. Although past studies from the literature 
involved only individual HRTFs and native-English speaker participants, the current study also 
explores the use of a generic HRTF, as well as the effect of native language (i.e. non-native 
English speaking participants were also recruited).

The results of the first experiment showed no significant effect for native speakers, but an 
effect of HRTF on SRM for non-native speakers, although the benefit was lower compared to 
the original study from literature. The second experiment showed similar results as the exper-
iment from the literature (when conditions are the same), an effect of HRTF on SRM but no 
effect of native language.
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Friday 13 January 2023, 14:10—14:35

Assessing the generalization gap of learning-
based speech enhancement systems in noisy and 
reverberant environments
Philippe Gonzalez1, Tommy Sonne Alstrøm2, Tobias May1

1. Hearing Systems, Technical University of Denmark | 2. Cognitive Systems, Technical University of Denmark

Deep learning-based speech enhancement algorithms have been extremely popular in recent 
years due to their superior performance over traditional learning-free approaches. Howev-
er, the performance of learning-based systems typically degrades in acoustic conditions that 
were not included in the training stage. This is particularly prominent in speech processing 
due to the high variability of noisy and reverberant mixtures caused by the spectro-temporal 
characteristics of the target speaker and noise sources, the properties of the room or the sig-
nal-to-noise ratio (SNR).

The generalization of learning-based speech enhancement systems is usually evaluated by 
using an arbitrarily selected speech or noise database that differs from the one used during 
training. While this provides some information on generalization, the results are heavily influ-
enced by the selected databases. Moreover, when using a new database to change the char-
acteristics of the training data, the difficulty of the speech enhancement task can also change. 
For example, noises with spectro-temporal characteristics similar to speech are more chal-
lenging compared to stationary environmental noises. Therefore, the performance difference 
between training and testing is also influenced by changing the task difficulty

In the present work, we propose a novel generalization assessment framework to more ac-
curately estimate the generalization performance of learning-based speech enhancement 
systems. To disentangle the effect of testing on new data from the change in task difficulty, 
we train a reference model on the test condition to provide an upper performance limit that 
reflects the difficulty of that condition. The relative performance difference to the reference 
model is termed the generalization gap and can be expressed in percentage. Moreover, to re-
duce the influence of specific training and testing databases, we repeat the evaluation in a 
cross-validation fashion using multiple speech, noise and binaural room impulse response 
(BRIR) databases. We use this framework to evaluate the generalization of a standard feed-
forward neural network (FFNN) and a state-of-the-art Conv-TasNet in speech, noise and room 
mismatches. We find that while the Conv-TasNet shows higher performance in matched con-
ditions, the FFNN is more robust to mismatched conditions, even when training on four dif-
ferent speech, noise and BRIR databases. We also show that speech is the acoustic dimension 
affecting generalization the most, followed by room and noise, which suggests diversifying 
the speech material during training is the most important. The present framework quantifies 
the generalization performance in percentage and thus facilitate a comparison across studies.
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P01 Speech processing in multi-talker situations: The 
role of speaker similarity
Petra Kovács1,2, Brigitta Tóth1, Orsolya Szalárdy1,3, István Winkler1

1. Institute of Cognitive Neuroscience and Psychology, Research Centre for Natural Sciences, Budapest, 
Hungary | 2. Budapest University of Technology and Economics, Budapest, Hungary | 3. Semmelweis University, 
Budapest, Hungary

Speakers with perceptually similar voice should be harder to segregate in multi-talker situa-
tions. However, while the dissimilarity of voices may help their segregation, the same variable 
may also affect sustained selective attention. Thus, the overall effect of voice similarity on 
following one voice in the cocktail party situation may either be beneficial or detrimental. To 
tease the two effects apart, we collected electrophysiological (EEG) and behavioral data while 
22 healthy young adults listened to two concurrent speech streams consisting of either 1) 
identical, 2) similar, 3) dissimilar, or 4) opposite-gender speakers. Functional brain connectivi-
ty and behavioral results suggested that, while speaker similarity hinders auditory stream seg-
regation, dissimilarity hinders selective attention by making the speech stream to be ignored 
more distracting. The problem to be solved by the speech processing system in multi-talker 
situations is thus different depending on the level of perceived speaker similarity.

P02 Evaluating the intelligibility of hearing-aids in 
realistic scenes: The Hearing-Aid Listening Test
Gaston Hilkhuysen, Tim Green, Stuart Rosen, Mark Huckvale
Department of Speech Hearing and Phonetic Science, University College London, UK

Evaluating the intelligibility one obtains with commercial hearing aids (HAs) is complex. Each 
HA employs a combination of digital signal processing strategies with implementations differ-
ing across manufactures and models. Measurements of the aids’ physical properties can be 
helpful to quantify performance but are difficult to relate to realistic listening scenes. Various 
intelligibility metrics claim they account for the processing found in HAs but have not been 
validated under realistic conditions. Consumers, on the other hand, demand the HA that is 
best fit to their individual needs. This raises the following questions. 1) Given a hearing-im-
paired listener and a listening scene, which HA provides optimal intelligibility? 2) Can intelligi-
bility metrics be used for HA selection?
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To answer these questions, we recorded the outputs of six pairs of commercial HAs fitted to a 
manikin placed in four locations: an anechoic room, a kitchen, a car and a restaurant. IEEE test 
sentences were played at approximately 1 m distance from two directions, either facing or to 
the left of the manikin. Speech-shaped noise was played from the facing loudspeaker in the 
anechoic chamber, while elsewhere background noises typical to the location were presented.

Each HA was fitted to the same mild-to-moderate sloping audiogram. As two baseline condi-
tions we recorded the sentences in an unaided condition and additionally processed these 
unaided signals with NAL-R1 amplification. This led to a database with 64 test conditions: 8 
processors, 4 scenes and 2 target speaker positions.

We subsequently measured the intelligibility performance of 16 HA users with losses similar 
to the target audiogram in the 64 conditions. Detailed results will be presented on the poster, 
but highlights include the facts that no single HA was best for all listeners or for all scenes; and 
frequently NAL-R1 amplification outperformed all the commercial HAs. Furthermore, varia-
tion in intelligibility performance across aids was not well explained by a signal-based metric 
designed for prediction of intelligibility by hearing-impaired listeners.

P03 Humanoid robot-assisted speech audiometry for 
children: Automatic scoring via Kaldi-NL
Gloria Araiza-Illan1,2, Luke Meyer1,2, Khiet Truong3, Deniz Başkent1,2

1. Department of Otorhinolaryngology / Head and Neck Surgery, University Medical Center Groningen, University 
of Groningen, Netherlands | 2. University of Groningen, University Medical Center Groningen, W.J. Kolff Institute 
for Biomedical Engineering and Materials Science, Groningen, Netherlands | 3. Human Media Interaction, 
University of Twente, Enschede, Netherlands

To assess speech perception in noise, the digits-in-noise (DIN) test is widely used in speech au-
diometry for normal-hearing and hearing-impaired adults and children. The DIN test consists 
of a list of 24 digit-triplets, presented in noise at varying intensities. The test currently has two 
setups: 1. with clinicians running the test and scoring the participants’ spoken responses dur-
ing the test (clinical setup), and 2. with participants manually entering the digits they heard 
using a keypad. We propose a third, alternative setup whereby spoken responses are auto-
matically scored using the Dutch instance of the automatic speech recognition (ASR) toolkit 
Kaldi, hereinafter referred to as Kaldi-NL. We have previously evaluated the performance of 
the ASR with normal-hearing, native Dutch speaking adults, which showed high accuracy and 
low word-error rate (WER) when decoding the spoken responses. As a follow-up pilot study, 
we now evaluate our proposed system’s performance with children’s speech. The aim is to 
explore our system’s limitations, taking into account that children’s and adults’ speech differ 
in both prosody and articulation, and that Kaldi-NL is only trained on adult speech. Due to the 
inherent repetitive nature of the DIN test and the known shorter attention span of children 
(when compared to adults), and based on the assumption that including a robot in repetitive 
tasks may induce a more engaging and enjoyable experience, we also propose the addition of 
a NAO humanoid robot to our DIN-Kaldi-NL setup. Twenty-three normal-hearing, Dutch speak-
ing children aged 5 – 17 years old participated in this study. Results of the accuracy and WER 
of the ASR showed that our system with children did not perform as well as with adults, as 
expected due to the training of the ASR model; however, both accuracy and WER did approach 
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adults’ accuracy and WER as children’s age increased. Results also showed that of the 552 
triplets presented, 186 presented 289 decoding errors. From such results, it is still unclear to 
what extent these decoding errors affect the final DIN test score (speech reception threshold, 
SRT). Therefore, further work includes the comparison of the obtained children’s DIN test SRTs 
using our proposed setup to those acquired with the clinical setup, as well as exploring if we 
can improve the ASR performance by either retraining the ASR with children’s speech or by 
implementing prosody modifications (such as pitch and speaking rate) on the recorded chil-
dren’s speech before feeding it to the ASR.

P04 Video database for intelligibility testing in Virtual 
Reality
Mark Huckvale, Gaston Hilkhuysen, Tim Green
Speech, Hearing and Phonetic Sciences, University College London, UK

Background: The immersive experience allowed by VR headsets holds much promise for hear-
ing assessment within more realistic listening environments than are usually found in audio-
logical tests - ones that include visual information, spatialised sound and everyday settings 
[1]. However, realising the promise of VR-based assessment requires both new audiovisual 
materials compatible with the headsets and software tools for composition and running of 
tests. Existing resources, such as the Facebook audio-visual corpus [2] are still rather limited 
in scope. Here we describe a new corpus of audiovisual materials designed for intelligibility 
testing in VR.

Methods: British English matrix sentences [3] were recorded in our anechoic chamber against 
a green screen, using a 360º camera and a high-quality condenser microphone. These sentenc-
es contain 5 slots with 10 choices in each slot. Different sets of 200 sentences were recorded 
by 5 male and 5 female speakers sitting at a table. The individual speakers have been cropped 
from the videos and the green screen and table replaced by a transparent background to allow 
compositing of speakers in new 360° scenes. The individual matrix sentences have been ex-
tracted as 11s videos together with level-normalised monophonic audio. We have developed 
scripts that build multi-speaker videos from these elements in a format that can be played on 
VR Headsets such as the Oculus 2. We have also developed a Unity application for the head-
sets, which will play the 360° composite videos and create spatialised sound sources for the 
speakers together with background noise stored in ambisonic format.

Conclusions: We have created a new resource for running intelligibility tests within a VR en-
vironment which will allow the assessment of listener performance in more realistic listening 
settings including how listeners react to multiple speakers, spatialised sound, visual cues, and 
changes in head and gaze direction. We anticipate that the finished database will be made 
freely available, together with scripts for compositing new videos and software for testing lis-
teners in VR.

References:
[1] Stecker, C. Using Virtual Reality to assess auditory performance, Hearing Journal, June 2019.
[2] Kishline, L., Colburn, S., Robinson, P. A multimedia speech corpus for audio visual research in virtual reality. 

Journal of the Acoustical Society of America 148, 492-495 (2020) doi:10.1121/10.0001670
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[3] Kollmeier, B., Warzybok, A., Hochmuth, S., Zokoll, M., Uslar, V., Brand, T., Wagener, K. The multilingual ma-
trix test: Principles, applications, and comparison across languages: A review. International Journal of 
Audiology, 54 (2015) sup2, 3-16.

P05 Effect of noise attenuation on reaction time and 
listening effort during a dual task
Federica Bianchi, Emil B. Larsen, Sindri Jonsson, Christian Svensson
Oticon A/S, Denmark

Andreea Micula
Linköping University, Sweden

Torben Christiansen
EPOS, Denmark

Elaine H. N. Ng
Oticon A/S, Denmark

Performing two or more tasks simultaneously is a commonly occurring situation in everyday 
life. Despite being a common situation, multitasking is often challenging, and one may need 
to prioritize one task over the other(s) to maintain a certain level of performance on the main 
task. This study evaluates the potential benefits of noise attenuation in audio devices for nor-
mal-hearing participants during multitasking. Specifically, the aim of the study is to evaluate 
the benefits of passive damping on reaction time, accuracy, and listening effort during a dual 
task, consisting of a primary auditory task and a secondary visual task.

Adult normal-hearing participants were enrolled in this study. The primary task consisted of 
a speech understanding test, where HINT sentences were presented over headphones in a 
4-talker babble noise (70 dB SPL). The participants’ task was to repeat each sentence as ac-
curately as possible. The secondary visual task started at sentence onset with a digit being 
displayed on a screen. The participants were instructed to press a key on a keyboard as fast 
as possible, depending on whether the number was even or odd. Word recognition, reaction 
time, and accuracy were recorded. Five conditions were presented, leading to different manip-
ulations of task difficulty: baseline (visual only task), and four dual-task conditions, consisting 
of two signal-to-noise ratios (SNRs of -6 and -10 dB), and two noise types (noise pre-processed 
with passive damping or unprocessed). Pupil dilation was recorded during the dual task as 
a physiological indicator of listening effort. Moreover, participants’ subjective assessment of 
effort was evaluated via a 3-items questionnaire for each condition.

Preliminary behavioral results show that reaction time during the dual task increased relative 
to baseline (visual only task), reflecting a dual-task cost when performing both tasks simul-
taneously. Passive damping decreased reaction time while not compromising accuracy. The 
final results will be presented at the conference.

The findings of this study suggest that performing two challenging tasks simultaneously in-
creases reaction time relative to a single task performed in isolation. Passive damping can 
help decrease this dual-task cost by reducing the cognitive resources needed to perform the 
auditory task.
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P06 Timing of head turns to upcoming talkers in 
triadic conversation
John F. Culling
Cardiff University, UK

Lauren V. Hadley
University of Nottingham, UK

In conversation, people are able to listen to an utterance and respond within only a few hun-
dred milliseconds. It takes substantially longer to prepare even a simple utterance, suggesting 
that interlocutors may make use of predictions about when the talker is about to end. Listen-
ers that are simply following the conversation could also benefit from predicting the turn end 
in order to shift attention appropriately with the turn switch. We examined whether people 
predict upcoming turn ends when watching conversational turns switch between others in 
the group by analysing head movements in natural conversations. These conversations were 
between triads of older adults in different levels and types of noise. The analysis focused on 
the observer during turn switches between the other two parties using head orientation (i.e., 
saccades from one talker to the next) to identify when their focus moved from one talker to 
the next. For non-overlapping turn switches, head movements were tightly clustered around 
the onset of the new speaker, but observers sometimes started to turn to the upcoming talker 
even before the prior talker had finished speaking. These anticipatory movements occurred in 
17% of turn switches (going up to 26% when accounting for 200 ms of motor planning time). 
For overlapping utterances, observers started to turn toward the interrupter before they inter-
rupted in 18% of turn switches (going up to 33% when accounting for motor planning time). 
Timing of head turns was largely unaffected by noise type and level. These findings demon-
strate that listeners try to catch the start of new contributions to a conversation and in doing 
so often exhibit head movements that anticipate the end of one conversational turn and the 
beginning of another.

P07 Spatial release from masking in sound fields with 
specular or scattered reflections
Nicola Prodi, Chiara Visentin, Matteo Pellegatti
Università di Ferrara, Italy

Background: Speech intelligibility in rooms depends on the amount of reverberation, and on 
the distribution of sound energy in the impulse response between early and later reflections, 
the former being considered beneficial, the latter detrimental. In addition, the correlation of 
the masker at the ear of the listener provides higher or lower efficacy to the E-C process where-
by the masker can be spatially disentangled by the target hence affecting spatial release from 
masking (SRM). Specular reflections are coherent by nature, whereas diffuse scattered reflec-
tions are related to a temporally smeared wavefront and are intrinsically incoherent.
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Rationale: Specular and scattered reflections may differently influence the degree of corre-
lation of both source signal and masker at the listener’s ears. They could therefore have a 
non-negligible influence on the SI level achieved for a given reverberation time and fixed en-
ergetic ratios. In particular this should be proved by measures of SRM; the relative importance 
of the phenomenon for the target source and for the interferer should be possibly assessed.

Methods: Binaural room impulse responses (BRIR) having either specular or diffuse reflec-
tions were simulated. The levels of reverberation time (T20mid = 0.45 [s]) and clarity (C50mid 
= 11.7 [dB]) were fixed to values of an inclusive room for speech. An anechoic case was added 
as reference. Source-receiver distance was set at 3m. SRM listening tests were accomplished 
by means of energetic and informational noise at 0° and 105° by using the BRIR, convolution 
and a multi-channel audio rendering system.

Results: The BRIRs from specular and diffuse reflections had cross-correlation values that 
both differed from unity and had gaps between them larger than the just noticeable differenc-
es. SRM data showed the effect of reflections type, with specular ones providing larger SRM 
values in most cases. The effect of correlation of reflections was larger for the target source 
than for the masker. The joint effect was not strictly additive but larger than the two effects on 
source and masker in isolation. The effect of the type of noise was also observed.

Conclusions: The nature of the reflections in the BRIR is a factor that builds up the speech 
intelligibility performance via correlation. In a single room the effects on target and masker 
are necessarily to be considered both, even at realistic distances. The results provide new ev-
idence of the practical implications of BRIR correlation and aid at better setting the optimal 
conditions for speech in rooms.

P08 Results of the Clarity (Speech) Enhancement 
Challenge, round 2
Jon Barker, William Bailey
Sheffield University, UK

John F. Culling, Rhoddy Viveros Muñoz
Cardiff University, UK

Trevor J. Cox, Simone Graetzer
Salford University, UK

Graham Naylor, Michael A. Akeroyd, Eszter Porter
University of Nottingham, UK

The Clarity Enhancement Challenges (CECs) seek to facilitate development of novel process-
ing techniques for improving the intelligibility of speech in noise for hearing-aid users through 
a series of signal-processing challenges. Each challenge provides entrants with a set of stimuli 
for development and testing of their algorithms. Algorithms are permitted to use unlimited 
processing resources, but must be causal in the sense that output at time t must be independ-
ent of input at t+5 ms (i.e., in use, the algorithm could cause a lag of no more than 5 ms). The 
performances of the algorithms are assessed using objective measures of speech intelligibility 
and subjective measures conducted with a panel of hearing-impaired listeners. CEC2 featured 
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more complex listening environments than CEC1, with multiple interfering sounds sources 
(speech, music, household appliance sounds) within a simulated living-room environment at 
signal-to-noise ratios (SNRs) from -12 to +4 dB. In addition, head rotation towards the target 
speech was introduced. Target speech came from a new dataset of 10,000 different English 
sentences; 40 actors speaking 250 sentences each (Graetzer et al., 2022). Algorithm inputs in-
cluded the input signals from 6 microphones (3 on each behind-the-ear hearing aid) and the 
current head orientation. The objective assessment was provided by HASPI (Kates & Arehart, 
2021), but a parallel series of Clarity Prediction Challenges (CPCs) seeks to improve methods 
of objective assessment. All 18 entries achieved substantial improvements in HASPI, averag-
ing 0.55 across all systems and SNRs. Improvements were greatest (averaging 0.61) for SNRs 
between -8 and 0 dB. The best-performing system achieved HASPI scores above 0.9 for all 
SNRs. Results from the CEC2 subjective tests will be available by the time of the meeting. The 
next challenge is CPC2, which will begin in the Spring.

References:
Graetzer, S. Akeroyd M.A., Barker J. Cox T.J., Culling J.F., Naylor, G., Porter E., Viveros-Muñoz, R. (2022) “Data-

set of British English speech recordings for psychoacoustics and speech processing research: The clarity 
speech corpus” Data in Brief, 41, 107961.

Kates, J.M. and Arehart, K.H. (2021) “The hearing-aid speech perception index (HASPI) version 2” Speech 
Comm. 131, 35-46.

P09 Sentence comprehension in classroom chatter 
noise: Listening effort, motivation, and role of 
individual differences
Chiara Visentin1, Matteo Pellegatti1, Maria Garraffa2, Alberto Di Domenico3, Nicola Prodi1

1. University of Ferrara, Italy | 2. University of East Anglia, UK | 3. University of Chieti, Italy

Background: Comprehending the speaker’s message when people around us are chatting is a 
challenging task, that school-age children face on a daily basis. Even though the listening con-
dition is generally the same for a whole class, differences in individual reactions to noise and 
performance in the task at hand can be observed that might depend on a variety of personal 
factors and their specific interactions with the cognitive load imposed by the listening condi-
tion itself. This study was designed to explore how children’s differences in linguistic and cog-
nitive capacities and noise sensitivity relate to performance, listening effort, and motivation 
in a sentence comprehension task presented in actual classrooms in the presence of chatter 
noise.

Methods: A total of 104 children (8 to 10 years old) completed tests in quiet to assess their 
literacy and cognitive (inhibitory control) skills, and noise sensitivity, as well as a sentence 
comprehension task in an “easy” and a “hard” listening condition (signal-to-noise ratio, SNR, 
equal to +9 and +1 dB respectively). Background noise was intelligible – yet task-irrelevant 
– speech coming from different directions around the listener. Outcome measures included 
accuracy and response times (a behavioral measure of effort) in the task, self-rated effort, and 
motivation.
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Results: Results showed different patterns across the outcome measures. In particular, re-
sults suggest that baseline literacy skills may have an influence on the children’s motivation in 
completing the task (with more proficient students taking advantage of better listening con-
ditions), while noise sensitivity may play a greater role in the self-ratings of listening effort. 
Furthermore, both behavioral and self-rated measures of effort may be affected by children’s 
inhibitory control.

Conclusions: The results of the study suggest that behavioral measures/subjective ratings 
of effort supplement evaluations of performance, providing tools to disclose the role of in-
dividual differences in complex listening tasks. Additionally, the study shows that children’s 
differences in literacy and cognitive skills, and noise sensitivity contribute in various ways de-
pending on the listening condition. The latter finding has practical implications for the acous-
tic design of classrooms, which should move from the traditional environment-centered ap-
proach to a more child-centered perspective, including individual characteristics as mediating 
factors, with the final goal to create inclusive learning spaces.

P10 The Danish Sentence Test (DAST) corpus of 
audio and audio-visual recordings of sentences and 
monologues
Abigail Anne Kressner1,2, Kirsten Maria Jensen Rico1,2, Johannes Kizach1, Brian Kai Man1,3, 
Anja Pedersen4, Lars Bramsløw3, Brent Kirkwood5

1. Technical University of Denmark, Denmark | 2. Rigshospitalet, Denmark | 3. Demant, Denmark | 4. WS 
Audiology, Denmark | 5. GN Hearing, Denmark

A new, larger corpus of Danish sentences has been developed in order to facilitate the develop-
ment of a new Danish Sentence Test (DAST). The corpus is made up of audio and audio-visual 
recordings of 1200 linguistically balanced sentences, all of which are spoken by both two male 
and two female talkers who were either professional actors or experienced narrators. The 
sentences were constructed using a template-based method that facilitated control over both 
word frequency and sentence structure, such that there is variation in syntax across sentenc-
es in a balanced way. The resulting written sentences were evaluated linguistically in terms 
of phonetic distributions and naturalness. For the phonetic assessment, each sentence was 
transcribed into phonemes (Brondsted, Automatic Phonemic Transcriber v1.3), and the re-
sulting distributions show that our template-based approach yields an overall phonetic dis-
tribution that is consistent with existing Danish corpora, and moreover, that the distributions 
between randomly created lists of sentences are reasonably consistent. For the naturalness 
assessment, the sentences were assessed via an online questionnaire that asked participants 
(N=814) to assess a total of 30 sentences on (1) how natural they perceived the sentence to be 
on a 7-point Likert scale and (2) whether the sentence evoked a feeling of discomfort. Each 
participant read 20 DAST sentences and 10 filler sentences (i.e., sentences known to be of ei-
ther good or bad quality), which were presented pseudo-randomly so that one random filler 
was presented after approximately every two randomly chosen DAST sentences. Finally, each 
of the audio and audio-visual recordings of the sentences from all four of the talkers were as-
sessed qualitatively in terms of the phonetic quality of the recording (e.g., pronunciation and 
voice quality), the quality of the sound (e.g., presence of background noise), and the quality 
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of the visual component (e.g., facial expression and movement). Besides the sentences from 
each talker, the corpus also includes 30+ minutes of monologue recordings from each of the 
same four talkers, including both spontaneous speech and reading aloud from a book. The 
resulting corpus will be essential for the development of new audio and audio-visual speech-
in-noise tests that facilitate more extensive, well-controlled experimental designs of speech 
intelligibility that have not previously been possible. The corpus and its associated tests will 
also facilitate novel research directions into audio-visual integration and will be useful in the 
context of machine learning applications that target the Danish language.

Acknowledgements: Lise Bruun Hansen, Jens Bo Nielsen, Sofie Bundgaard, Amal Abdulqadir Ali, 
Pernille Holtegaard, Michael Nielsen, Laura Balling, Tobias Andersen, Tobias May, Filip Rønne, 

David Harbo Jordell, Jens Hjortkjær, and Torsten Dau

P11 Speech-on-speech perception in cochlear 
implant users
Eleanor E. Harding1,2, Etienne Gaudrain3, Barbara Tillmann3, Bert Maat1, Robert Harris2, 
Rolien H. Free1, Deniz Başkent1

1. Department of Otorhinolaryngology, University Medical Center Groningen, University of Groningen, Groningen, 
NL | 2. Prince Claus Conservatory, Hanze University of Applied Sciences, Groningen, NL | 3. Lyon Neuroscience 
Research Center, CNRS UMR5292, Inserm U1028, Université Lyon 1, Université de Saint-Etienne, Lyon, FR

A cochlear implant (CI) provides electric hearing to deaf individuals. While this technology 
offers restored hearing of speech in quiet conditions, speech is often still hard for the CI user 
to understand in environments where multiple speakers are talking in the background. One 
contributing factor to reduced CI perception of speech-on-speech is that the fine structure of 
speakers’ voice characteristics, such as vocal tract length or fundamental frequency (F0), is 
lost due to the reduced spectrotemporal signal transmitted by the implant. This in turn may 
require that in order to perceive content, the intensity of the target speaker needs to be much 
greater compared to the masker, as voice characteristics cannot be utilized to distinguish si-
multaneous speakers. The current study is in the process of collecting speech-on-speech per-
ception data from 24 CI users who have enrolled in a larger study. Our novel paradigm uses 
an adaptation of the coordinate response measure (CRM) where a target speaker says a call 
number and color while a gibberish masker is simultaneously presented, and the participant 
must identify the correct number and color on a response grid. The voice of the masker was 
modified such that it differed from the target voice in F0 and VTL according to three conditions 
[(∆F0,∆VTL): (0,0); (-6,+1.8); and (-12,+3.6); where the difference are expressed in semitones]. 
In addition, the target-to-masker (level) ratio (TMR) was modified according to three condi-
tions as well (0 dB, +6 dB, +12 dB). This orthogonal design allows to estimate voice-difference 
benefits experienced by CI listeners at various TMRs. Results will contribute baseline perfor-
mance data for CI users in terms of whether they can perceive target speech-on-speech with 
lower TMR when voice differences are introduced.
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P12 Neural mechanisms of audio-tactile speech 
integration
Pierre Guilleminot1, Tobias Reichenbach1,2

1. Imperial College London, UK | 2. FAU Nuremberg-Erlangen, Germany

Speech is organized hierarchically, from phonemes to syllables, words and sentences. To 
extract semantic content, its processing requires segmentation based on those tokens. In 
particular, it relies on neural oscillations in the delta and theta frequency ranges (1-4Hz and 
4-8Hz) in the auditory cortex, which track the rhythm of syllables. Using tactile stimulation, 
the neural activity in these frequency bands can be modulated and therefore potentially affect 
speech processing, similarly to the way speech comprehension has been found to be affected 
by transcranial current stimulation.

Here, we used vibrotactile pulses to modulate speech comprehension (Guilleminot and Re-
ichenbach, 2022, doi:10.1073/pnas.2117000119). The pulses were aligned to the centres of 
syllables, with different delays between auditory and tactile streams. We assessed speech 
comprehension using semantically unpredictable sentences. The neural encoding of speech 
and tactile pulses were measured using electroencephalographic recordings (EEG) during 
continuous speech.

The tactile stimulation modulated speech comprehension in a manner that showed an ap-
proximate sinusoidal dependence on the time lag. When the auditory and tactile streams were 
in synchrony, we found significant speech comprehension enhancement compared to an au-
dio-only and sham conditions. Similarly to these behavioural findings, we observed that the 
audio-tactile stimulation modulated the neural responses to both tactile and speech streams, 
also in a sinusoidal manner depending on the delay of the tactile stimuli. Finally, we demon-
strated that the comfort at which subjects reported that they could understand the sentences 
was correlated with electrophysiological markers of audiotactile integration in the auditory 
cortex.

Our results therefore provide evidence of the link between neural oscillations in theta range 
and the syllable rate as well as the possibility of using vibrotactile pulses to modulate and 
enhance speech-in-noise comprehension.
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P13 Reaction times to spectrotemporal modulations 
as a predictor of speech in noise after changes in 
cochlear-implant device settings
Elisabeth Noordanus1, Josef Chalupper2, Marc M. van Wanrooij1, Lucas H.M. Mens3, A. John 
van Opstal1

1. Donders Centre for Neuroscience, Biophysics, Radboud University, Netherlands | 2. Advanced Bionics 
European Research Center, Hannover, Germany | 3. Radboudumc, Nijmegen, Netherlands

Speech perception is a complex cognitive skill that not only depends on the integrity of the 
(restored) auditory system, but also on factors like language skills, short-time memory, and 
other cognitive characteristics of the listener. Therefore, speech-perception measures may not 
be an optimal method to evaluate the effect of clinical interventions, such as changing coch-
lear implant (CI) fittings. The sensitivity to spectrotemporal (ST) modulations is essential for 
speech intelligibility, especially temporal modulations between 4 - 32 Hz and spectral modula-
tions up to 1 cycle/kHz are important. We explored reaction time to a modulation onset as an 
objective measure of the sensitivity to different ST modulations. Reaction times in response 
to ST modulation onsets may be less contaminated by cognitive stages of auditory processing 
and therefore suited as early indicators of the effect of changes in device settings. The reac-
tion-time paradigm does not depend on working memory like alternative forced-choice para-
digms. Thirty seconds suffice to measure the sensitivity to a certain ST modulation.

We measured the reaction time to an unpredictable onset of a ST modulation embedded in 
noise for 21 unilateral CI users. We also compared results collected in a supervised and an 
unsupervised condition. In the supervised condition, sounds were presented in the free field 
and reaction times were recorded by a spacebar press on a laptop while monitored by the 
test leader. The unsupervised method employed a research app on a smartphone, using wire-
less streaming directly to the CI sound processor, while subjects responded by pressing the 
touchscreen. The reaction-time task was feasible for all subjects. Speech understanding in 
noise was also assessed in both conditions. The reaction times and the speech in noise results 
were largely comparable for both methods. We observed strong idiosyncratic differences in 
the reaction times to the different spectral and temporal modulations onsets. Across subjects, 
reaction times to ST modulations representative of modulations in speech were correlated 
with speech in noise performance (r = 0.6 - 0.7). The highest correlations were found for the 
broadband stimuli with density 0.25 cycles/octave (r = 0.72 for the pure spectral stimulus, 0.66 
for 16 Hz), and for 8 Hz 0.5 c/o (r = 0.70). In addition, the 1-octave 4 kHz centered 4 Hz 2 c/o had 
a good correlation (0.64). In conclusion, reaction times to ST modulations, even in an unsu-
pervised condition, provide an objective measure for the neural sensitivity to ST modulations 
of CI users and promise to provide an early indicator of the development of speech in noise 
understanding after device changes.
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P14 Principal Components Analysis of amplitude 
envelopes from spectral channels: comparison 
between music and speech
Agnieszka Duniec, Olivier Crouzet, Elisabeth Delais-Roussarie
Laboratoire de Linguistique de Nantes – LLING / UMR6310 CNRS, Nantes Université, France

Introduction: The efficient coding hypothesis predicts that perceptual systems are optimal-
ly adapted to natural signal statistics. According to this approach, sensory systems evolved 
to encode environmental signals in order to represent the greatest amount of information at 
the lowest possible resource cost. Previous studies applied Factor Analysis (FA) on amplitude 
modulations channels from natural speech signals. While some authors argued that 4 chan-
nels would be sufficient to represent the main contrastive segmental information in natural 
clean speech, comparison of speech statistics with perceptual performance led to suggest that 
6 to 7 frequency bands would be required to optimally represent vocoded speech. However, 
research on music perception in cochlear implanted listeners sheds light on potential limits 
associated with this hypothesis. Indeed, performance observed on vocoded signal material 
in normal-hearing listeners as well as in cochlear implant users is systematically better for 
speech signals than for music. It is therefore crucial to compare statistical properties of music 
and speech in order to reach a better understanding of the relation between characteristics of 
various auditory communication signals and their possible optimal coding in auditory percep-
tion. We applied the same FA method on 2 different sets of data: (1) a database of free music 
recordings (Free Music Archive, https://github.com/mdeff/fma), (2) a free corpus of speech sig-
nals (Clarity Speech, doi:10.17866/rd.salford.16918180).

Method: Analyses were carried out using the Matlab environment and mirrored previous stud-
ies. Sample signals were passed through a gammatone filterbank (1/4th ERB bandwidth, ap-
prox. 100-120 channels) and their energy envelope was extracted. This amplitude modulation 
matrix was then run through FA and Principal Components (PCs) were independently rotated. 
Channels that covary in amplitude envelope should be grouped as a single Principal Compo-
nent. As our aim was to compare speech and music, for which typical signal bandwidths differ, 
two higher-frequency limits were compared (8000 Hz vs. 22000 Hz).

Results: Contrastive analyses of music and speech data are still in progress. Preliminary re-
sults show that 22 PCs (the maximum number of PCs described in previous studies) account 
for 86% of the variance when processing music. Focusing on a reduced number of PC combi-
nations that would compare to previous conclusions on speech according to which 4 to 7 PCs 
would be ‘optimal’, we find that cumulative explained variance for music is located between 
35% and 50%. Statistical details in the relevant papers are not complete enough to let us com-
pare our results on music with previous results on speech. Analysing the Clarity Speech data-
base will provide the basis for an effective comparison. A full breakdown of the same measure-
ments for each database will be detailed in the final presentation.

Acknowledgements: Agnieszka Duniec receives PhD funding (2019--2023) from the RFI-Ouest Indus-
tries Créatives (RFI-OIC, Région Pays de la Loire) & Nantes Université.
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P15 Development of perception of speech in babble 
noise, in 5 to 10 years old children
Jérémie Ginzburg, Lesly Fornoni, Pierre-Emmanuel Aguera, Caroline Pierre, Anne Caclin, 
Annie Moulin
Lyon Neuroscience Research Center, Université Lyon 1, Inserm U1028, CNRS UMR5292, Lyon, France

Context: Perception of speech-in-noise is a key auditory process, especially during develop-
ment as children are exposed to noisy environment that can greatly disrupt learning. This is 
even more so the case in children with learning disorders (especially speech language impair-
ment and dyslexia) who often show a deficit in perception of speech-in-noise, especially in the 
most challenging situation of informational masking (i.e., babble noise). Speech-in-noise thus 
needs to be assessed thoroughly throughout development.

Method: Ninety-six 5 to 10 years old children were tested in their school environment with a 
closed-set perception of speech-in-babble-noise test (Audimages). Children were binaurally 
presented a target-word that they had to recognize among four pictures on a tablet. Perfor-
mances were compared for two intertwined levels of difficulty, defined by the level of pho-
nological similarity between the 4 words in the response set: “difficult” condition for similar 
words, “easy” for dissimilar words. A babble-noise consisting of 16 mixed unintelligible female 
and male voices was presented during the task. Children were tested at two levels of signal/
noise ratio: -3 dB SNR and +3 dB SNR.

Results: Results indicate statistically significant effects of age, SNR, and difficulty. No inter-
action involving the age effect was significant. Specifically, perception of speech-in-babble-
noise performance increased linearly with age from 5 to 10 years of age, but did not reach 
adult’s performance by 10 years of age. The developmental aspect of this study shows that 
perception of speech-in-babble-noise abilities are maturing throughout childhood and are far 
from being mature at 10 years of age, with a gap of 3 dB SNR in average between young adults 
and children. Phonological proximity effects, observed in a closed-set test, are robust in chil-
dren regardless of the level of noise or developmental stage and highlight the need to carefully 
consider such effects in the definition of normative values for such tests.

Conclusion: Lastly, this study highlights the importance of children’s acoustic environment in 
the classroom and the potential detrimental effect of an environment involving informational 
masking on speech understanding.



28

P16 Conversation success in small groups
Raluca Nicoras1, Lauren V. Hadley2, Karolina Smeds3,4, Rosa-Linde Fisher5, Matthew Godfrey1, 
Bryony Buck1, Graham Naylor1

1. University of Nottingham, Hearing Sciences Scottish Section, Glasgow, UK | 2. University of Nottingham, 
Hearing Sciences Scottish section, Glasgow, UK | 3. University of Nottingham, UK | 4. ORCA Europe, WS Audiology, 
Stockholm, Sweden | 5. WS Audiology, Erlangen, Germany

Rationale: Conversation success is a multifaceted concept. Previous work showed that people 
with normal and impaired hearing identified seven clusters that drive conversation success: 
(1) Being able to listen easily; (2) Being spoken to in a helpful way; (3) Being engaged and 
accepted; (4) Sharing information as desired; (5) Perceiving flowing and balanced interaction; 
(6) Feeling positive emotions; (7) Not having to engage coping mechanisms. However, how 
conversation success is perceived during real-life interactions is unclear.

Objective: This study aimed to explore the perception of success in group conversations and 
how it changes in different noise environments for people with normal and impaired hearing.

Design: 15 mixed gender quartets (N = 60) composed of two participants with normal hearing 
and two participants with impaired hearing held six conversations in low, medium, and high 
levels of background noise. Participants with impaired hearing wore their hearing aids binau-
rally and were unaided in half of the conversations. During the conversations, audio, visual, 
and head motion data were recorded in synchrony with continuous participant feedback. A 
survey based on the aforementioned seven clusters of conversation success was completed 
between each condition.

Results: Preliminary results of participants’ perceived success and their speech amplitude 
variability will be reported.

P17 AVbook, a high-frame-rate corpus of narrative 
audiovisual speech for investigating multimodal 
speech perception
Enrico Varano
Imperial College London, UK

Tobias Reichenbach
Friedrich-Alexander-University Erlangen-Nuremberg, Germany

Background: Seeing a speaker’s face can help substantially in understanding them, in particu-
lar in challenging listening conditions. Research into the neurobiological mechanisms behind 
audiovisual integration has recently begun to employ continuous natural speech. However, 
these efforts are impeded by a lack of high-quality audiovisual recordings of a speaker narrat-
ing a longer text. Here we seek to close this gap by developing AVbook, an audiovisual speech 
corpus designed for cognitive neuroscience studies and audiovisual speech recognition. We 
present the corpus along with behavioural and electroencephalography (EEG) experiments 
validating its suitability.
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Corpus: The corpus consists of 3.6 hours of audiovisual recordings of two speakers, one male 
and one female, reading 59 passages from a narrative English text. The recordings were ac-
quired at a high frame rate of 119.88 frames per second. The corpus includes a set of multi-
ple-choice questions to test attention to the different passages. A short written summary is 
also provided for each recording. To enable audiovisual synchronisation when presenting the 
stimuli, four videos of an electronic clapperboard were recorded with the corpus. We verified 
the efficacy of the multiple-choice question set in a pilot study; and a method for using the 
electronic clapperboard, and related results, are also described.

Behavioural and EEG Study: We demonstrate the efficacy of this corpus in an EEG paradigm 
by presenting results obtained by employing this material to study the integration of the tem-
poral and categorical cues carried by the visual component of speech. We study the effect of 
talking faces and simplified versions of these visual stimuli on the comprehension of speech 
in noise.

Results: Behaviourally, we find that visual signals need to contain information beyond the 
speech envelope to convey a speech-in-noise benefit, with the largest enhancement provided 
by the natural signals. Employing the EEG data, we further demonstrate that the speech-in-
noise benefit is linked to the audiovisual gain in the cortical tracking of the speech envelope 
in the delta frequency range (word rate), but not in the theta frequency range (syllabic rate).

Conclusions: We present a publicly available corpus to support research into the neurobiol-
ogy of audiovisual speech processing as well as the development of computer algorithms for 
audiovisual speech recognition. Employing this corpus in a speech-in-noise EEG paradigm, we 
evidence a role of the cortical tracking of words in audiovisual speech comprehension.

P18 VTServer: A Python server for online signal 
processing
Etienne Gaudrain
Lyon Neuroscience Research Center, CNRS UMR5292, Inserm U1028, UCBL, UJM, Lyon, France | Department of 
Otorhinolaryngology/Head and Neck Surgery, University of Groningen, University Medical Center Groningen, 
Groningen, Netherlands

While specialized equipment in laboratories allows researcher in auditory sciences to deliver 
highly controlled auditory stimuli, this environment is not always the most suitable place to 
run an experiment. For instance, some experiments sometimes benefit from the participant 
being home, in their natural environment; or it could simply be that the participants are locat-
ed too far from the lab to be comfortable traveling there; or that being present in the lab could 
present a health risk for the participant (like during the COVID pandemic). For all these cases, 
and where precisely calibrated audio equipment is not required, online testing has offered a 
viable solution that has been soaring in the recent years.

To be highly deliverable, online experiments rely on the Web browser runtimes instead of a 
dedicated software like Matlab or ePrime. Many solutions have been developed to facilitate 
the construction and distribution of online experiments. These online experiment develop-
ment frameworks harness the power of Web browsers to produce visually complex and ap-
pealing graphical interfaces. Playing audio in various formats is also not an issue anymore 
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since support for HTML5 features has become ubiquitous. However, the live generation of 
stimuli remains a challenge. Javascript libraries for signal processing are still from the degree 
of maturity of Matlab or Python’s Scipy, and browser support for the Web Audio API is still rel-
atively patchy. Finally, some researchers may be reluctant to make their stimulus generation 
code available, which is necessary if the code is running on the client side.

As a remedy to this situation, stimuli can be generated online using a proxy server that inter-
faces with signal processing libraries. The VTServer (https://github.com/egaudrain/VTServer) 
is a Python server that receives an instruction object encoded in JSON, handles processing 
using built-in or custom modules, handles caching for efficiency, and returns the generated 
sound. The modular structure of VTServer allows researchers to create their own module eas-
ily.

Examples of experiments will be presented, and comparisons of computing efficacy with na-
tive Matlab implementations will be reported.

P19 Early and late progress in speech recognition by 
cochlear implant users
Chris J. James
Cochlear France SAS, Toulouse, France

Marie-Laurence Laborde, Carol Algans, Marjorie Tartayre, Mathieu Marx
Service ORL Hôpital Riquet, Toulouse, France

Cochlear implant (CI) outcomes are known to be variable and difficult to predict. According 
to results from vocoder-based CI simulations with normal listeners, 10 to 20 channels allow 
>90% sentence recognition in quiet with only tens of minutes of exposure. A few CI recipients 
may also achieve this high level of speech understanding within a day, and some more still 
within one month (James et al., Ear Hear 2019, doi:10.1097/AUD.0000000000000670). For oth-
ers, it appears that several months of experience is required, or they may never reach this lev-
el. We hypothesized that CI subjects with no ‘bottom-up’ or ‘top-down’ limiting factors would 
achieve >90% sentence understanding at one month after activation. We also wanted to un-
derstand the progression of sentence understanding in quiet and in noise over time, and how 
this is influenced by limiting factors.

Longitudinal sentence recognition scores were collected for 32 adult Nucleus CI recipients. 
Top-down tests were the Montreal Cognitive Assessment (MoCA), the Stroop test for interfer-
ence, and two subtests from the French ECLA-16+ reading battery to evaluate phonological 
awareness. Bottom-up tests were based on electrically evoked action potentials (ECAP) per-
formed on a mid-basal and a mid-apical electrode contact: amplitude growth functions (AGF) 
for anodic- and cathodic-leading biphasic pulses, spread of excitation (SOE) and recovery 
functions. Sound processor usage was also collected.

CI subjects ranged in age from 26-87 years (median 70). Only four subjects used their processor 
less than 10 hours per day. A third (13/32) of subjects scored >90% sentence recognition at one 
month. Six subjects had below normal (<22/30) MoCA scores, five registered interference, and 
six poor phonological awareness. Subjects with no limiting top-down factors and no limiting 
bottom-up factors covering both apical and basal electrodes were significantly more likely to 
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achieve >90% score in quiet (Fisher test, odds ratio 10.9, p<0.005). The relationship between 
limiting factors and scores at one day after activation was not as strong as that seen for one 
month. However, over several months to a year those with limiting factors scored lower in 
noise, even where >90% scores were achieved in quiet, compared with those with no identi-
fied limiting factors.

These results suggest that top-down factors related to cognition strongly influence speech 
recognition performance in quiet and in noise with CIs. The presence of bottom-up limiting 
factors related to neural health or the electrode-neural interface was rare in our sample, or our 
diagnostic tests were not able to detect them.

P20 Age-dependent speech recognition in noise 
for children with mild to severe hearing loss with 
hearing aids or cochlear implants 6 to 18 years of 
age
Lucinda Kootstra, Marc van der Schroeff, Jantien Vroegop
Department of Otorhinolaryngology and Head and Neck Surgery, Erasmus MC, Netherlands

Objectives: Speech reception in noise is an important outcome measure of the rehabilitation 
of children with hearing loss using hearing aid(s) (HAs) and/or cochlear implant(s) (CIs). The 
Dutch digit-in-noise (DIN) test is a validated test to reliably evaluate the speech reception in 
noise at a young age. For normal hearing children the result of the DIN-test improves with 
increasing age. Using the DIN-test results of our clinical population, we investigated whether 
speech recognition also improves with increasing age for these children with hearing loss. In 
addition, we determined factors that influence speech recognition in noise of children reha-
bilitated with HAs and/or CIs.

Design: We retrospectively analysed the DIN-test results of Dutch speaking children with hear-
ing loss who are rehabilitated with HAs (N=161) and/or CIs (N=81). The DIN-test is part of the 
clinical yearly follow up of children with hearing loss in our tertiary referral center. The DIN-
test results of children between 6 and 18 with an open-set phoneme recognition in quiet > 
50% at 65dB SPL and stable hearing loss were included. 56 HA-users and 56 CI-users have 
performed the DIN test more than once, resulting in 233 measurements for HA-users and 170 
for CI-users. The children were tested with their own devices on their daily programs. All were 
experienced users with at least 1 year of experience. The effects were modeled with a linear 
mixed models with random intercepts for children with HAs and CIs separately.

Results and conclusion: We found a significant effect of age on the DIN-test for children with 
HA and CI. For HA users, the speech reception threshold (SRT) for soft speech and degree of 
hearing loss (normal, mild, moderate or servere) are also significant predictors for the DIN-test 
result. For children with CIs a clinically relevant and significant difference in DIN-test result be-
tween children with bilateral versus monaural rehabilitation exist. Hence, like normal hearing 
children, the speech recognition in noise improves with increasing age for their counterparts 
with hearing loss rehabilitated with HAs and/or CIs.
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P21 Neural processing of amplitude modulations in 
normal-hearing adult listeners: Is there a link with 
the ability to identify consonants in noise?
Laurianne Cabrera, Clémence Basire, Irene Lorenzini
Integrative Neuroscience and Cognition Center, CNRS-Univ Paris Cité, France

Psychoacoustic research has highlighted the fundamental role of temporal modulations for 
speech perception in noisy environments. The present study seeks for a relationship between 
neural mechanisms underlying AM processing and speech perception in noise. Using electro-
encephalography (EEG), the AM following response (AMFR, or envelope following response), 
an auditory potential reflecting the brain activity following the modulation frequency of 
amplitude modulated tones, can be recorded at the scalp level. If AM processing relates to 
speech-in-noise abilities at early sensory stages, it was hypothesized that higher magnitudes 
of AMFR would positively correlate with lower (better) speech-in-noise thresholds. Moreover, 
this relationship was expected to differ as a function of AM rates, as speech information is 
mainly conveyed by slow AM cues.

Thirty-five young adults with normal hearing (18-30 years) completed two experiments: 1) an 
EEG session measuring AMFR at two AM rates (8 vs 40 Hz), and 2) a behavioural measure esti-
mating consonant-identification thresholds in noise in four phonetic conditions. For the EEG 
experiment, the stimuli were a 4-min long pure tone carrier at 1027 Hz sinusoidally modulated 
at either 8 Hz or 40 Hz (m=100%) presented twice. Adults were facing a screen displaying a 
silent cartoon and listened to the sounds played at around 65 dB SPL by two speakers located 
at each side of the screen. A fast Fourier transform (FFT) was performed on the averaged EEG 
waveforms in each AM rate condition. The maximum magnitude value at 8 and 40 Hz was es-
timated individually and corrected by the EEG noise within the modulation frequency neigh-
bouring bin for each participant.

For the speech-in-noise adaptive task, syllables of the form /aCa/ were presented and the con-
sonants /C/ were either fricative or stop. Four phonetic conditions were designed presenting 
a minimal change in a) place of articulation for the fricatives, b) place of articulation for the 
stops, c) manner of articulation for voiced consonants, and d) manner of articulation for un-
voiced consonants. Syllables were presented in a XAB task to assess consonant identification 
thresholds within a steady speech-shaped noise.

AMFRs were observed at each modulation rate. Thresholds for consonant-identification in 
noise were comprised between -11 and -19 dB SNR for all phonetic conditions averaged. Pre-
liminary correlation analyses between individual AMFR magnitudes (at 8 and 40 Hz) and con-
dition-averaged consonant-in-noise thresholds showed no significant relationship. The role of 
other individual factors such as hearing levels remains to be explored.
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P22 The interaction between energetic masking 
and attentional control during divided-attention 
listening
Sarah Knight, Sven Mattys
University of York, York, UK

Understanding speech-perception-in-noise (SpiN) requires modelling the interaction between 
bottom-up (acoustic) factors and top-down (cognitive) processes. Much SpiN research focuses 
on situations in which listeners are required to track only one target talker presented in a back-
ground of to-be-ignored speech (i.e., selective attention). Less is known, however, about the 
acoustic/cognitive interaction in situations in which listeners must track two target talkers si-
multaneously (i.e., divided attention). In this case, the acoustic factors involved primarily con-
cern energetic masking (EM) – spectrotemporal interference at the auditory periphery – while 
the cognitive processes involve control of auditory attention. In particular, auditory attention 
may need to be directed to different spatial locations during divided-attention listening. The 
impact of spatial separation between target talkers on the acoustic/cognitive interaction in 
this situation is unclear: separation is likely to both create acoustic benefits (release from EM) 
but also increase cognitive costs (by increasing demands on spatial attention control).

To explore this question, we ran two online studies (total N=320) using a “split listening” par-
adigm. Participants were asked to track the speech of two simultaneous target talkers. The 
relative intensity of the talkers was manipulated such that they were perceived as being in one 
of four spatial configurations: (1) collocated (i.e., diotic presentation); (2) spatially near, +/- 30º 
azimuth; (3) spatially far, +/- 60º azimuth; (4) spatially opposite, +/- 90º azimuth (i.e., dichotic 
presentation). As a result, EM was maximal in the collocated condition and effectively nil in the 
spatially opposite condition, whereas spatial-attentional demands were maximal in the spa-
tially opposite condition and minimal in the collocated condition. We also manipulated the 
levels of EM between the target talkers: in Experiment 1, stimuli were constructed from natu-
ral (unmanipulated) speech, giving rise to high levels of EM; in Experiment 2, the two talkers’ 
speech was filtered into non-overlapping frequency bands, resulting in very low levels of EM.

When EM was high (Experiment 1), transcription performance improved monotonically from 
collocated to opposite, indicating a gradual reduction in EM via spatial separation. When EM 
was minimal (Experiment 2), the benefit of spatial separation disappeared, with transcription 
performance actually worsening in the opposite condition. Additionally, across both experi-
ments, individual differences in working memory best predicted transcription performance 
in conditions where EM was low. These results suggest that acoustic processes are dominant 
during divided-attention listening but that the challenges of cognitive control and the contri-
bution of working memory can be observed when EM is reduced.
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P23 A novel Visual World Paradigm to examine real-
time speech segregation and listening effort during 
speech-on-speech masking
Khaled Abdel Latif1, Thomas Koelewijn2, Deniz Başkent2, Hartmut Meister1

1. Jean-Uhrmacher-Institute for Clinical ENT-Research, University of Cologne, Germany | 2. Department of 
Otorhinolaryngology/Head and Neck Surgery, University Medical Center Groningen, University of Groningen, 
Netherlands

Objective: The ability to segregate competing auditory streams is a necessary prerequisite 
to focus attention on the target speech during speech-on-speech masking. Stream build-up 
typically takes place across the duration of a few seconds. The Visual World Paradigm (VWP) 
is considered as a powerful tool for auditory research enabling gaze fixation acquisition at 
millisecond level during the time course of speech processing. The aim of this study was to 
introduce a new VWP to capture the time course of speech-on-speech segregation when com-
peting sentences are presented and to collect pupil responses as a measure of listening effort.

Procedure: Young adult participants with normal hearing (n=12) and normal or correct-
ed-to-normal vision were recruited. A matrix sentence test was used as speech material. These 
sentences have the structure “name-verb-number-adjective-object.” In each trial a target and 
a masker sentence were diotically presented via headphones. In parallel the VWP visually pre-
sented the number and the object word of both the target and the masker sentences. Partici-
pants were instructed to focus their gaze to the number and the object belonging to the target 
sentence. Stimuli were presented at different target-to-masker ratios (TMR) of 0, 2.5, 4.5, and 
6.5 dB. Additionally, speech recognition performance was determined in an offline experiment 
to compare the results with the gaze fixations and pupil dilations.

Results: The gaze fixations consistently reflected the different TMRs on both the number and 
the object word. Slopes of the fixation curves were steeper and the proportion of target fixa-
tions was higher for larger TMRs, reflecting that segregation of the competing sentences was 
more efficient in the favourable conditions. Furthermore, temporal analysis of pupillometry 
using series of Bayesian paired sample t-tests showed a reduction in listening effort with in-
creasing TMR. This was also true for the conditions where target speech recognition was near-
ly perfect.

Conclusions: Our results reveal that the proposed VWP is generally suited for an objective 
assessment of sentence-based speech-on-speech segregation and corresponding listening ef-
fort. Since it captures speech processing on a fine-grained temporal level it gives information 
that is not provided by offline performance measures.
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P24 Towards predicting individual differences in the 
speech perception of hearing-impaired listeners
Helia Relaño-Iborra1, Johannes Zaar2, Torsten Dau1

1. Hearing Systems, Technical University of Denmark, Denmark | 2. Eriksholm Research Centre, Denmark

The speech-based computational auditory signal processing and perception model [sCASP; 
Relaño-Iborra et al., (2019), J. Acoust. Soc. Am., 146(5), 3306–3317] was shown to successfully 
account for speech intelligibility measured in normal-hearing listeners in a wide range of lis-
tening conditions, including speech degradations as well as non-linear speech enhancement 
algorithms. The model consists on a chain of auditory-processing stages, including outer- and 
middle-ear filtering, a non-linear frequency-selective basilar membrane model, inner hair 
cell transduction and envelope modulation frequency filtering. The model’s decision metric 
is based on the cross-correlation between the clean and the degraded (or enhanced) speech 
representations in the modulation envelope domain. In this study, we evaluated the sCASP 
model as a predictor of speech intelligibility data measured in hearing-impaired (HI) listeners 
in a speech in noise task. The model was individually parametrized for each HI listener, based 
on their pure tone audiogram as well as estimates of cochlear compression and outer- and 
inner-hair cell loss. We analyzed the model’s predictive power in terms of its average perfor-
mance across listener groups as well as by its ability to predict individual listeners’ speech 
reception thresholds (SRTs). The predictions obtained with sCASP accounted for the general 
decrease in performance observed for HI-listeners as compared to results from normal-hear-
ing listeners. Furthermore, the model correctly predicted effects of different masker types in 
the SRT. Overall, the model accounted well for the trends observed at the group level, whereas 
reasonable correlations between the measured and predicted performance across the indi-
vidual listeners were only found for a subset of the data. These promising results warrant fur-
ther investigations into the sources underlying the across-listener variance and their potential 
integration in the model’s processing chain such that it can account for the performance of 
individual listeners.

P25 Neural correlates of degraded speech processing 
under divided attention
Han Wang, Patti Adank
Speech, Hearing and Phonetic Sciences, University College London

Understanding spoken language often occurs under suboptimal listening conditions, such 
as processing degraded speech input or conversing in the presence of a competing talker. 
Current neuroimaging studies suggest a role of frontal regions in compensating for degraded 
speech and that of cingulo-opercular attentional network in allocating attentional resources 
between different tasks under distraction. However, no studies so far have explored the com-
bined effects of acoustic degradation and distraction on the speech processing network.
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Using functional magnetic resonance imaging (fMRI), we investigated the neural basis of pro-
cessing degraded speech under divided attention. We examined brain responses of listeners 
performing a sentence recognition task concurrently with a visuospatial orientation task. 
Twenty British-English speakers in a factorial design completed a primary sentence recogni-
tion task for speech degraded to 4 and 8 bands of noise vocoding together with the visuospa-
tial dual task at two difficulty levels. Participants performed worse in the hard than in the easy 
condition for both tasks. Performing the harder speech task, compared to the easier speech 
task, resulted in increased activity in bilateral anterior cingulate gyri and bilateral anterior 
insula, reflecting an upregulation of the executive network during effortful listening. In par-
ticular, participants’ self-rated attention to the speech task was negatively correlated with the 
overall activity in insula across conditions, suggesting a modulating role of insula on the atten-
tion to degraded speech processing. Contrary to our expectation, no significant differences in 
neural activity were found when contrasting the hard and easy visual conditions (behavioural 
accuracy: 0.65 and 0.8). As such, our study showed the engagement of cingulo-opercular at-
tentional network and insula in the processing of degraded speech under divided attention.

P26 Perceptual learning of modulation-filtered 
speech
James Webb, Ediz Sohoglu
University of Sussex, Brighton, UK

Listeners have a remarkable ability to adapt to degraded speech, a process known as percep-
tual learning. Previous work has demonstrated that learning generalises beyond the words 
heard during training (Hervais-Adelman et al., 2008, doi:10.1037/0096-1523.34.2.460). This 
might suggest that learning changes how listeners interpret acoustic features that are shared 
across words. However, precisely which acoustic representations are modified remain un-
known.

Accumulating evidence suggests that the auditory cortex is highly tuned to spectral and tem-
poral modulations in speech (Chi et al., 2005, doi:10.1121/1.1945807; Elliott and Theunissen, 
2009, doi:10.1371/journal.pcbi.1000302). In the present study we capitalised on this finding 
to delineate the perceptual representations that are changed by learning. Across two exper-
iments (conducted online; N=150), listeners were trained and tested with speech filtered to 
contain non-overlapping modulations. While listeners’ comprehension accuracy improved 
two-fold for trained speech, learning failed to generalise to speech differing in modulation 
content. Such specificity of learning is consistent with the hypothesis that perceptual learn-
ing of degraded speech occurs at a level of processing in which representations are acous-
tic-based (Hervais-Adelman et al., 2011, doi:10.1037/a0020772). It additionally suggests that 
these acoustic representations are primarily organised in terms of spectral and temporal mod-
ulations.
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P27 Nonnative-accented speech and masking noise 
increase listening effort for native and nonnative 
listeners: A dual-task approach
Kirsten Meemann, Rajka Smiljanic
University of Texas at Austin, USA

Background: Nonnative-accented speech presents a form of signal-intrinsic interference 
(Mattys et al., 2012, doi:10.1080/01690965.2012.705006) which can lead to decreased intel-
ligibility and processing speed (Bent & Bradlow, 2003, doi:10.1121/1.1603234; Munro & Der-
wing, 1995, doi:10.1111/j.1467-1770.1995.tb00963.x). These processing difficulties may in 
part be due to increased listening effort even when nonnative-accented speech is highly in-
telligible (McLaughlin & Van Engen, 2020, doi:10.1121/10.0000718; Van Engen & Peelle, 2014, 
doi:10.3389/fnhum.2014.00577). Background noise (energetic masking) also affects speech 
processing and requires listeners to recruit extra cognitive resources to successfully recognize 
speech (Pichora-Fuller et al., 2016, doi:10.1097/AUD.0000000000000312). The adverse effects 
may be additive when processing accented speech in noisy environments (Van Wijngaarden 
et al., 2002). The present study explores the effect of nonnative-accented speech and ener-
getic masking on listening effort, separately and in combination, for native and nonnative lis-
teners using a dual-task paradigm (Gagné et al., 2017, doi:10.1177/2331216516687287) along 
with subjective measures of listening effort (NASA-TLX questionnaire; Hart & Staveland, 1988, 
doi:10.1016/S0166-4115(08)62386-9).

Methods: Native and nonnative English listeners performed a primary word recognition task 
with sentences produced by one native and one nonnative accented English talker presented 
in quiet or mixed with speech-shaped noise. They also performed a secondary visual response 
task during which they pressed keyboard keys to indicate the orientation of an arrow on the 
screen. The two tasks were first performed separately and then simultaneously. Listening ef-
fort was assessed objectively as an increase in response times (RTs) on the visual task when it 
was performed in combination with the word recognition task. Listeners also provided ratings 
of perceived effort for a subjective assessment of listening effort.

Results: RTs were longer in nonnative-accented and in noise-masked speech conditions, 
compared to native-accented speech and speech in quiet, for both native and nonnative 
listeners suggesting increased listening effort. The longest RTs were found in the combined 
noise-masked and nonnative-accented speech condition indicating that listening effort was 
increased most when the two acoustic challenges were combined. While nonnative listeners 
self-rated the listening task as more effortful than native listeners, all listeners perceived non-
native-accented speech as more effortful and they gave up on the task most frequently when 
the nonnative-accented speech was mixed with noise.

Conclusions: Even though native listeners had better word recognition accuracy than nonna-
tive listeners overall, the effect of nonnative-accented and noise-masked speech on listening 
effort, as indicated by RTs, was similar for both groups. All listeners recruited additional cog-
nitive resources when processing signal-intrinsic and signal-extrinsic sources of degradation, 
and the effect on listening effort was cumulative.
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P28 Reasons for ceiling ratings in real-life evaluations 
of hearing aids: The relationship between SNR and 
hearing aid ratings
Nadja Schinkel-Bielefeld1, Jana Ritslev2,3, Dina Lelic3

1. WS Audiology, Erlangen, Germany | 2. University of Copenhagen, Copenhagen, Denmark | 3. WS Audiology, 
Lynge, Denmark

Ecological Momentary Assessment (EMA) is a method that can be used to evaluate hearing 
problems and hearing aids in everyday life. In the past EMA studies, hearing aid satisfaction 
ratings have often been close to ceiling. This poses the question if hearing aid performance re-
ally is perfect for all the situations EMA respondents experience in real life or if there are other 
reasons for this. Possibly, participants are reluctant to give negative ratings even when dissat-
isfied, do not have the resources to answer a survey in difficult situations or are avoiding, leav-
ing, or modifying dissatisfactory hearing situations before answering a survey. All those biases 
could lead to an overestimation of hearing aid performance and a lower contrast between e.g. 
two different hearing programs that are being evaluated.

To analyze the reason for the very positive ratings, we conducted a study with eleven experi-
enced hearing aid wearers (mean age 72 years, SD: 5.6 years, pure tone average 37.7 dB HL, SD: 
12.2 dB HL) who were fitted with study hearing aids. The acceptable noise level (ANL) of par-
ticipants was measured, and they rated hearing aid satisfaction, speech understanding and 
listening effort for defined SNRs between -10 and +20 dB in the laboratory. These ratings were 
then compared to ratings of a two-week EMA trial. Also, estimates of SNRs during the wearing 
time were collected via the hearing aids.

Initial results show that for hearing aid satisfaction and speech understanding, the full rating 
scale was used in the laboratory, while results in real life are strongly skewed towards positive 
ratings. Hence reluctance to give negative feedback is likely not the underlying reason for the 
positive ratings in real life.

In the laboratory, the SNRs closest to the ANL were generally rated in the range of “satisfied” 
to “very satisfied” and participants indicated “some effort” at these SNRs. SNRs experienced 
during speech situations in real life span the whole range of SNRs tested in the laboratory, 
but SNRs which were rated negatively in the laboratory make up less than 15 % of the speech 
situations experienced in real life.

Hence, people do not seem to frequently experience listening situations at SNRs where they 
are dissatisfied with their hearing aids and this could be the reason for the overly positive 
hearing aid satisfaction ratings in EMA studies. It remains unclear whether the scarcity of such 
situations is due lack of encounters or intentional avoidance.
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P29 Comparing Digits-in-Noise test implementations 
on various platforms with normal hearing 
individuals
Soner Türüdü1,2, Thomas Koelewijn1,2, Etienne Gaudrain3,1, Deniz Başkent1,2

1. Department of Otorhinolaryngology/Head and Neck Surgery, University Medical Center Groningen, University 
of Groningen, Groningen, Netherlands | 2. Research School of Behavioral and Cognitive Neuroscience, Graduate 
School of Medical Sciences, University of Groningen, Groningen, Netherlands | 3. Lyon Neuroscience Research 
Center, CNRS UMR5292, Inserm U1028, UCBL, UJM, Lyon, France

Background: The Digits-in-Noise (DIN) test measures speech reception threshold in noise us-
ing digit triplets in a staircase procedure and is commonly used as a screening tool in large 
populations. This has resulted in an abundance of normative data for a variety of populations 
in different languages. Previous studies used modified versions of the DIN-test to meet the 
needs of these populations. We aimed to evaluate these variations’ effect on DIN scores on 
varying platforms in young normal-hearing adults.

Methods: We have created different versions of the DIN test in MATLAB and online using the 
original Dutch DIN materials (Smits et al., 2013). Fifteen and eight normal-hearing individuals 
participated in the lab and online sessions, respectively. DIN-test implementations had three 
variables: (1) Mixing Method determined whether the presentation level of speech, noise, or 
the mix of both (not implemented online) was fixed at 65 dB SPL; (2) Starting signal-to-noise 
ratio (SNR) could be High (0 dB) or Low (-16 dB); (3) Finally, Sound Presentation could be diotic 
or dichotic (speech phase reversed in one ear).

Results: A three-way repeated measures ANOVA showed that the DIN thresholds for dichotic 
compared to diotic Sound Presentation were significantly lower in MATLAB (SNR= -16.4 dB 
vs -10.1 dB, respectively) and online (SNR= -15.1 dB vs -9.5 dB, respectively) platforms. The 
MATLAB results also showed a significant main effect for Mixing Methods (SNR for fixSp = -12.9 
dB, fixNse = -13.4 dB, fixMix = -13.5 dB), Starting SNR (High = -12.9 dB, Low = -13.6 dB), and a 
significant three-way interaction in MATLAB version. Online there was no significant effect for 
Mixing methods (SNR for fixSp = -12 dB, fixNse = -12.6 dB), and starting SNR (High = -12.2 dB, 
Low = -12.5). Post-hoc analysis on the MATLAB data revealed the Mixing Method, Starting SNR, 
and their interaction to be significant only in the dichotic conditions.

Conclusions: Dichotic listening resulting in lower DIN scores may be due to speech phase re-
versal in one ear, which helps separate speech from noise. DIN measurements should ideally 
be immune to changes in Mixing Method and Starting SNR. We observed a significant effect 
of these variables only in the dichotic condition of the MATLAB version; however, the effects 
were small and limited to a maximum of 1.3 dB SNR, and it appears that significance was only 
achieved because the participant group was homogeneous, young, and had normal hearing.
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P30 The influence of auditory training on behavioral 
and electrophysiological measures of gap detection 
in younger and older adults
Meital Avivi-Reich
City University of New-York (CUNY), NY, USA

Structural and functional age-related changes have been found to affect auditory processing 
and limit speech perception in adverse listening situations. Moreover, the deterioration in the 
ability to process rapid changes in auditory input with age seems to play a primary role in the 
difficulty many older listeners experience perceiving speech. One measure which is commonly 
used to assess temporal processing is the listener’s ability to detect a quiet gap in a sound (gap 
detection, GD). The current study investigated whether training using between-channels GD 
tasks could improve the ability of younger and older adults to detect brief quiet gaps marked 
by two noise-bands centered at different frequencies. In addition, once training was complet-
ed, generalization was tested using novel markers centered at novel frequencies: 1kHz-2kHz 
(frequencies used in the training condition but in the reversed order), 2kHz-2kHz (using the 
first marker of the training condition), 1 kHz -1 kHz (using the second marker of the train-
ing condition), 1.5 kHz -0.5 kHz (a novel frequency marker), and 2 kHz -1kHz (using the same 
markers in the training condition played to the untrained ear). Lastly, one month later par-
ticipants are tested using these conditions once again in order to evaluate training retention.

Ninety-six younger and 96 older clinically normal hearing adults were divided into a training 
group and six control groups (one for each condition tested). The training group had twelve 
older and twelve younger adults who completed 10 days of training detecting between-chan-
nel silent gaps marked by narrow-band noise centered at 2kHz and 1kHz. During the 10 days 
of training gap, detection thresholds are measured 10 times using an adaptive 2 down 1 up 
3I3AFC. The same procedure is used to assess generalization and retention. To look for chang-
es in cortical processes due to training, pre-and post-training Evoked Potential Response 
(ERP) measures were obtained. Generalization was examined at the end of the training and 
retention was examined 1 month later. The behavioral results imply that a model in which the 
rate of improvement with training is the same for younger and older adults provides a good 
fit for the data. The only statistically-significant difference between younger and older adults 
is that the younger adults’ asymptotic gap detection thresholds are significantly lower than 
those of older adults. This model, the results found for generalization, and retention, as well 
as the electrophysiological evidence, will be further discussed.
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P31 Machine learning framework predicts audio 
settings in real-world environments
Tiberiu-ioan Szatmari1,2, Alessandro Pasta3, Kang Sun1,4, Jeppe Christensen1, Niels 
Pontoppidan1

1. Eriksholm Research Centre, Snekkersten, Denmark | 2. Technical University of Denmark - Cognitive Systems, 
Lyngby, Denmark | 3. Demant A/S, Smørum, Denmark | 4. Technical University of Denmark, Lyngby, Denmark

Patient-centric adaptation of audiological preferences across different contexts is a challeng-
ing task, as traditional clinical measurements of audibility do not reflect the cognitive percep-
tion of speech nor the binaural loudness of sounds in different contexts. Listening programs 
enable hearing aid users to adapt device settings for specific listening situations, increasing 
the personalization of their listening experience.

This study aims to investigate whether the selection of a specific listening program can be pre-
dicted based on the sound exposure of a user. Thus, we defined a two-step time-series classifi-
cation framework. First, a binary classifier predicts whether a program change is applied. Sec-
ond, a multinomial classifier predicts which of the four distinct available programs (“Natural”, 
“Detail”, “Clarity”, “Full”) is selected based on real-world, time-series sound environment data.

The final dataset is comprised of nine sound environment features and approx. 3.500 program 
selections from 28 distinct users. A state-of-the-art feature extraction model, MiniRocket, is 
used to transform the environment features for the classification task. Initial results show the 
best-performing classifier is able to correctly label 85% of the “Detail” selections, 89% of the 
“Full”, 88% of the “Natural”, and 85% of the “Clarity”, based on F-score.

By rethinking contextual adaptation of HA settings as a time-series classification problem, we 
validate the role of the sound environment in program selection. Additionally, we establish 
a baseline for investigating the role of listening intents, as well as the application of priva-
cy-aware machine learning techniques to support data privacy.
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P32 The effectiveness of unilateral cochlear 
implantation on performance-based and patient-
reported outcome measures in Finnish recipients
Antje Heinrich
University of Manchester, UK

Aarno Dietz
Department of Otolaryngology, Kuopio University Hospital, Finland

Understanding speech is essential for social interaction, and affects health, wellbeing, and 
quality of life (QoL). Untreated hearing loss (HL) is associated with reduced social activity, 
depression and cognitive decline. Severe and profound HL is routinely treated by cochlear 
implantation. The success of treatment is mostly assessed by performance-based outcome 
measures such as speech perception. The ultimate goal of cochlear implantation, however, is 
to improve the patient’s QoL. Therefore, patient-reported outcomes measures (PROMs) would 
be clinically valuable as they assess subjective benefits and overall effectiveness of treatment.

In a prospective clinical study we assessed the patient-reported benefits of 118 unilaterally 
implanted CI patients of an unselected Finnish patient cohort of patients with bilateral HL. 
The patient cohort was longitudinally followed up with repeated within-subject measure-
ments preoperatively and at 6 and 12 months postoperatively. The main outcome measures 
were one performance-based speech-in-noise (SiN) test (Finnish Matrix Sentence Test), and 
two PROMs (Finnish versions of the Speech, Spatial, Qualities of Hearing questionnaire (SSQ) 
and the Nijmegen Cochlear Implant Questionnaire (NCIQ)).

The results showed significant improvements in SiN scores, from +0.8 dB signal-to-noise ratio 
(SNR) preoperatively to -3.7 and -3.8 dB SNR at 6 and 12 months follow-up, respectively. Sig-
nificant improvements were also found for SSQ and NCIQ scores in all subdomains from the 
preoperative state to 6 and 12 months after first fitting. No clinically significant improvements 
were observed in any of the outcome measures between 6 and 12 months. No significant as-
sociation was found between SiN scores and PROMs postoperatively.

We demonstrate significant benefits of cochlear implantation in the performance-based 
and patient-reported outcomes in an unselected patient sample. The lack of association be-
tween performance and PROMs scores postoperatively suggests that both capture unique 
aspects of benefit, highlighting the need to clinically implement PROMs in addition to perfor-
mance-based measures for a more holistic assessment of treatment benefit.
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P33 Testing the functionality of the auditory pathway 
in children with cochlear implant using the CAEP 
method
Boška Munivrana Dervišbegović
Polyclinic for the rehabilitation listening and speech SUVAG, Zagreb, Croatia

Prelingually hearing impaired children, users of a cochlear implant (CI) have the opportunity 
for development of hearing and speech. There are three factors that influence successful use 
of CIs: age at implantation, duration of speech and hearing rehabilitation and auditory level af-
ter implantation. If all these criteria are satisfied most children reach the expected outcome. In 
this study, using cognitive auditory evoked potential technique (CAEP), the way of processing 
auditory stimuli was investigated. The study included 10 children who are CI users, aged 8-10 
years who are successful CI users. In the second group were 10 healthy age-matched controls. 
The measurements were performed with a 32-channel Neuroscan electroencephalographic 
system. The cap with channels according to the international 10-20 system was used. Record-
ing was performed twice. Different type of stimuli were used: (1) tone burst stimulations (TB, 
1 kHz, 2 kHz), and (2) speech stimulations (DS, double syllable stimuli, both consisting of two 
consonants and two vowels characteristic of the Croatian language). The stimuli were pre-
sented in an oddball paradigm, requiring a conscious reaction of the subjects to target stimuli. 
Latencies and amplitudes of CAEP waves were analyzed, as well as the reaction time and num-
ber of responses. The results showed differences in the CAEP peak amplitudes between these 
two groups. The latencies of the waves did not differ for the DS stimulus, while for TB stimulus, 
there was a difference for the N2 wave. There was also a difference in reaction times for both 
stimuli, while there was no difference in response accuracy.

P34 Biophysically-inspired end-to-end time-domain 
speech enhancement
Chuan Wen, Sarah Verhulst
Hearing Technology @ WAVES, Dept. of information technology, Ghent University, Belgium

Deep neural network (DNN) speech enhancement approaches have recently achieved great 
performance. There are numerous applications that benefit from the speech enhancement 
model, including automatic speech recognition (ASR) and hearing aids. The majority of these 
previous methods were developed in the time-frequency (T-F) domain. However, the T-F do-
main approach has some limitations, including a high minimum delay in reconstructing the 
signal from the T-F domain representation, poor generalizability in unseen noise, and bad per-
formance at negative signal-to-noise ratio’s (SNRs). To address these problems, we propose a 
biophysically inspired end-to-end time-domain neural network that adopts bio-inspired fea-
tures from CoNNear, a neural network that accurately simulates some biophysical properties 
of the human auditory system such as sharp and level-dependent filter tuning.
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We generated biophysical speech features using CoNNear and used these as input into the 
U-Net-based speech enhancement module. The latter module consisted of a generator net-
work without the discriminator from SERGAN (Baby and Verhulst,2019). For training we used 
the INTERSPEECH 2021 DNS Challenge dataset. An objective evaluation was performed using 
perceptual evaluation of speech quality (PESQ), segmental SNR (segSNR), cepstral distance 
(CD) and log-likelihood ratio (LLR) with unseen samples from the DNS challenge, which was 
different from the training noise scenarios.

Objective evaluations revealed that bio-inspired features show performance comparable to 
T-F features at positive SNRs, with improved generalizability in negative SNRs and for mis-
matched noises. Additionally, our time-domain CoNNear features dramatically decreased the 
minimum latency of the whole system towards 4 ms, making it suitable for real-time applica-
tions with high constraints on signal delay. The good generalizability in adverse noise condi-
tions and unseen noise, as well as the low latency of our DNN-based model show promise for 
application in hearing aids.

Funding: Research supported by FWO project G063821N (Machine Hearing 2.0).

P35 The effect of voice training on speech perception 
and listening effort
Ada Biçer, Thomas Koelewijn, Deniz Başkent
Department of Otorhinolaryngology / Head and Neck Surgery, University Medical Center Groningen, University 
of Groningen, Groningen, Netherlands

Background: In multiple-talker situations, normal hearing listeners can effectively use funda-
mental frequency (F0) and vocal-tract length (VTL) voice cues to segregate target speech from 
masker speech. Listening in multiple-talker situations might be especially challenging and 
effortful with degradations in the speech signal, like for cochlear implant users and through 
vocoder listening, as sensitivity to F0+VTL are shown to be reduced. Previous studies show 
that voice exposure by implicit or explicit voice training can improve speech intelligibility in 
normal hearing listeners. Our aim was to investigate if voice training improves sensitivity to 
F0+VTL voice cues and examine, by means of pupillometry, if listening effort would be affect-
ed. Investigating listening effort would provide information on the cognitive load spent during 
voice cue discrimination, following voice training. We investigated these goals for non-vocod-
ed and vocoded speech.

Methods: Normal-hearing adult participants listened to an audio book and answered con-
tent related questions for 30 minutes as an implicit short-term voice training. Subsequently, 
voice sensitivity (via just-noticeable-differences, JNDs, for F0+VTL) and listening effort (via 
pupillometry) were measured in both non-vocoded and vocoder-degraded speech. The JNDs 
were measured with an adaptive 3 alternative forced choice odd-one-out task, with conso-
nant-vowel (CV) triplets presented as stimuli. Acoustic/linguistically, CV triplets were either 
fixed (same) or variable (different) across the three items. Pupillometry data were quantified 
in peak pupil dilation, and by Generalized Additive Mixed Models (GAMMs).
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Results: The F0+VTL JNDs were significantly larger for vocoded than non-vocoded conditions, 
and when variable items were presented compared to fixed items. Contrary to our expec-
tations, voice training did not have a significant effect on voice cue sensitivity. Results from 
GAMM analysis showed that pupil dilations were significantly larger during voice discrimina-
tion while listening to untrained, vocoded speech than listening to trained, vocoded speech. 
For non-vocoded speech, pupil dilations did not differ between trained and untrained voices.

Conclusions: These findings imply that the short voice exposure by listening to a story seems 
not sufficient to improve voice cue sensitivity, since no significant F0+VTL differences were 
measured. However, this specific voice training seemed to provide an improvement in listen-
ing effort, as voice discrimination among vocoded voices resulted in a smaller pupil dilation 
with short-term voice training. In a follow-up study, how implicit or explicit voice training dif-
ferently affects intelligibility in speech-on-speech situations with different target-to-masker 
ratios and how listening effort is affected by voice training is being investigated, and the rele-
vant data will be presented.

P36 The relationship between subjective noise 
sensitivity and intelligibility of speech in noise
Gözde Bayramoğlu-Çabuk
Gazi University, Faculty of Medicine Department of Otolaryngology, Ankara, Turkey

Background: It is known that noise may produce auditory and non-auditory health problems. 
Research has demonstrated that noise-related non-auditory health problems are diverse in 
relation to individuals’ noise sensitivity. However, the relationship between subjective noise 
sensitivity and speech intelligibility in noise has not been investigated previously. In the lit-
erature, the “Weinstein Noise Sensitivity Scale” (WGHO) is the most common scale used for 
the evaluation of subjective noise sensitivity, and has been adapted for Turkish listeners (Tr-
WGHO). Speech intelligibility in noise has been subject to many studies covering normal hear-
ing and hearing-impaired people, and the “Hearing in Noise Test” (HINT) has been widely used 
in this context and adapted to Turkish.

Rationale: Our purpose in this study was to investigate the relationship between subjective 
noise sensitivity and HINT scores, and pure tone and speech audiometry.

Method: Tr-WGHO and Tr-HINT were tested in 92 (43 men and 49 women) subjects with normal 
hearing, aged between 21-50 years. Tr- WGHO scores were divided into tertile subgroups, with 
the upper 1/3 being “sensitive” and lower 1/3 being “non-sensitive” to noise.

Results: The average scores of sensitive and non-sensitive subgroups were 73.20 ±6.28 and 
106.43 ±6.71. The upper cut-off for the non-sensitive subgroup was 82 and the lower cut-off for 
the sensitive group 96. Pure-tone and speech audiometry was not correlated with Tr-WGHO 
scores and there were no subgroup differences. However, Tr-HINT scores (with exception of 
HS which was measured in silence) were significantly lower in the sensitive subgroup com-
pared with the non-sensitive group in all presentation situations; with noise presented from 
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the front, right and left, and their compound (HB). Furthermore, TR-WGHO and Tr-HINT scores 
were negatively correlated for all interfering noise situations. There were no effects of sex, age 
and education, nor the presence of vestibular problems, on noise sensitivity. However, there 
was a significantly higher proportion of subjects with tinnitus in the sensitive subgroup.

Conclusions: This is the first study reporting the relationship between noise sensitivity and 
speech intelligibility in noise in the Turkish and English literature. We recommend that the 
results of speech tests in noise should be accompanied by measurements of noise sensitivity.

P37 Experimental paradigm for change detection 
exploration
Michelle Kosminski1, Sascha Bilert2, Maja Serman3, Ulrich Hoppe1

1. University Erlangen-Nürnberg, Germany | 2. WSAudiology, Erlangen, Germany | 3. WSAudiology, Germany

We live in complex environments in which simultaneous visual and auditory stimuli compete 
for our attention. If we want to feel safe in such environments, it is crucial to attend to sud-
denly appearing and disappearing sound streams, that is – to be able to detect sudden sound 
changes all around us.

Here, we present a novel experimental setup for investigating auditory change detection with 
normal hearing and hearing impaired listeners. Our setup uses a combination of everyday en-
vironmental sounds (e.g. Eramudugolla et al., 2005), adjusted for use with different hearing 
aid processing schemes (e.g. Brungart et al., 2014).

As a first step of our exploration into the influence of hearing aid processing on the change 
detection ability, we present the experimental setup and first results with 20 normal hearing, 
unaided listeners.

References:
Brungart, D. S., Cohen, J., Cord, M., Zion, D., & Kalluri, S. (2014). Assessment of auditory spatial awareness in 

complex listening environments. J Acoust Soc Am, 136(4), 1808-1820. doi:10.1121/1.4893932 
Eramudugolla, R., Irvine, D. R., McAnally, K. I., Martin, R. L., & Mattingley, J. B. (2005). Directed attention 

eliminates ‘change deafness’ in complex auditory scenes. Curr Biol, 15(12), 1108-1113. doi:10.1016/j.
cub.2005.05.051



47

P38 Pupillometry and listening efforts
Petar Jerčić
Graz University of Technology (TU Graz), Austria

Repeated effortful listening may be associated with higher levels of experienced fatigue in 
hearing-impaired listeners compared to their normal-hearing peers. Furthermore, such hear-
ing-related fatigue may include restrictions in engagement in work and withdrawal from 
major social roles. Mental fatigue resulting from effortful listening is taxing for the attention 
and cognitive resources required to understand speech. The increased allocation of cognitive 
resources associated with this heightened ‘effort’ may also negatively impact their ability to 
perform other mental operations.

A balance of parasympathetic and sympathetic nervous system activity might explain this ef-
fect. People with more hearing problems have lower levels of parasympathetic activity. They 
thus had a poorer ability to ‘unwind’ or recover from the stress related to their long-lasting 
hearing problem.

The degradation of spectral resolution and increased listening effort to understand speech 
was correlated with pupil diameter. Pupil response reflects the mechanism where the allo-
cation of cognitive resources decreases as a function of speech intelligibility. Previous results 
suggest that the pupil response reflects the storage of the information (for rehearsal) and the 
demand for explicit processes. Therefore, the pupil response might be related to working 
memory processes. An index of listening effort could complement current clinical assessment 
tools such as pure-tone audiometry and speech-in-noise tests.

Overall, the ‘tonic’ pupil size reflects the general arousal level of the participants. Moreover, 
the phasic changes in pupil size react to the stimuli index of cognitive or emotional processes. 
Therefore, an alternative interpretation of the current results is that the more significant pupil 
response at lower intelligibility levels reflected an emotional response (e.g., increased anxiety 
or stress) to the greater task difficulty. The pupil diameter follows an inverted U - shaped curve 
in relation to listening comprehension across a wide range of signal-to-noise ratio efforts. The 
most prominent pupil dilation occurs when the intelligibility is around 50% correct perfor-
mance.

The results indicate a more significant effect of parasympathetic inhibition on the pupil dila-
tion response of listeners with better hearing acuity and a relatively high parasympathetic ac-
tivity in those with worse hearing acuity. Nevertheless, they failed to explain such differences, 
and there is a need for more research into this topic.
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