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Welcome!

Dear participants of VCCA 2022,

It is our great pleasure to welcome you to the 3rd Virtual Conference on Computational
Audiology (VCCA), which is hosted by the Cluster of Excellence Hearing4all, Oldenburg
and Hanover. The conference series aims at providing you with the latest global develop-
ments in e-research, big data, machine learning, computer models, virtual reality, and more
research directions that may shape audiology soon. It brings together academics, clinicians,
industry partners, policy makers, and patients to innovate hearing healthcare.

We feel that the program of the VCCA 2022 contributes nicely to these goals, and this is
thanks to our growing community, which contributed highly relevant research to the meet-
ing. A special ”thank you” goes to the speakers of the keynotes and the featured talks, the
organizers of the special sessions, and all other contributors!

We wish you an informative and fruitful conference and hope it will be inspiring for your
further work.

Anna Warzybok, Waldo Nogueira and Volker Hohmann
Chairs of VCCA 2022
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We thank our sponsors:
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PROGRAM

Program
Thursday, June 30th 

Time UTC+2 Session / Author & Title Room 

16:00-16:15 Intro and Kick-off, Welcome message by Hearing4all Main 

16:15-17:05 Main Session 1
Chairs: Volker Hohmann, Jan-Willem Wasmann

16:15-16:40 Keynote 1
Stefan Launer: Holistic hearing and health care in the context of digital 
health care

Main 

16:40-17:05 Keynote 2
Elle O‘Brien: Big Hearing Science: Making More from Data, Code, and 
Models

Main 

17:05-17:20 Break 15 min Lounge

17:20-18:50 Special Sessions 1 & 2 

17:20-18:50 Predictive Coding
Chairs: Bernhard Englitz, Floris de Lange, Emma Holmes 

A

17:20-17:45 Emma Holmes: An introduction to predictive coding, active inference, and 
applications to speech perception

A

17:45-18:10 Floris de Lange: Predictive neural representations in music A

18:10-18:30 Bernhard Englitz: Evidence for Predictive Coding in the Auditory System 
and its Use in Acoustic Filtering

A

18:30-18:50 General Discussion A

17:20-18:50 Remote Audiology
Chairs: Eric Gallun, De Wet Swanepoel, Ellen Peng

B 

17:20-17:30 Karina De Sousa: Remote digits-in-noise testing to triage hearing loss B

17:30-17:40 Vicky Zhang: Comparing speech communication performances between 
in-person and videoconference-based assessment in normal hearing 
people: A pilot study

B

17:40-17:50 Liesbeth Gijbels: Considerations for Virtual Studies of Early Childhood 
Development

B

17:50-18:00 E. Sebastian Lelo de Larrea-Mancera: Gamification effect (or rather, 
Using gaming technology to train auditory function)

B

18:00-18:20 Jo Evershed: Why and How to Gamify Auditory Research B

18:20-18:50 Panel Discussion B

18:50-19:45 Dinner break: relax & chat Lounge

19:45-20:45 Contributed talks 1-4 (8+4 min)

19:45-20:45 Session 1: mHealth and remote testing 
Chairs: Karina De Sousa, Inga Holube

A

19:45-19:57 Caitlin Frisby: MHealth Applications for Hearing Loss: A Scoping Review A

19:57-20:09 Chen Xu: Development of Smartphone-Based Methods for Assessing 
Pure-Tone Audiometry and Loudness Growth Functions

A

20:09-20:21 Nuha Khatib: Is A Hybrid of Online and Face-To-Face Services Feasible 
for Audiological Rehabilitation Post Covid-19 in Low Resourced Contexts?
Findings From Three Public Health Patients

A
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20:21-20:33 Yoshita Sharma: Maternal views on infant hearing loss in Delhi A

20:33-20:45 Deuzimar Araújo: Online virtual audiometer for teaching and learning: 
interest, access and satisfaction

A

19:45-20:45 Session 2: Signal processing for hearing devices
Chairs: Tobias Goehring, Waldo Nogueira

B

19:45-19:57 Tom Gajecki: An End-to-End Deep Learning Speech Coding and 
Denoising Strategy for Cochlear Implants

B

19:57-20:09 Varsha Pendyala: Estimating Frequency-Selective Hearing Loss from 
Cortical Responses

B

20:09-20:21 Iordanis Thoidis: Towards differentiable auditory models as objective 
functions for listener-specific speech enhancement

B

20:21-20:33 Lidea Shahidi: Room-matching models could improve mitigation of 
reverberant artifacts in the cochlear implant stimulus

B

20:33-20:45 Feyisayo Olalere: Target Speaker's Speech Extraction using Bilateral 
Cochlear Implants spatial Information

B

19:45-20:45 Session 3: Measurement tools and hearing device fitting
Chairs: Virginia Best, Mareike Buhl 

C

19:45-19:57 Supriya Mathew: Test-retest reliability of various psychoacoustic tests in 
Psycon application 

C

19:57-20:09 Sven Kliesch: The Development of Graphical User Interfaces for Self-
Adjustment of Cochlear Implant Processor Parameters

C

20:09-20:21 Marianna Vatti: Comparing engagement between two pitch-training games
genres for cochlear implants

C

20:21-20:33 Calvin Murdock: Noise-Related Conversational Behavior Patterns C

20:33-20:45 - C

19:45-20:45 Session 4: Inspirations from physiology and models
Chairs: Sarah Verhulst, Gerard Encina-Llamas

D

19:45-19:57 Lakshay Khurana: Model-based prediction of optogenetic sound encoding
in the human cochlea by future optical cochlear implants

D

19:57-20:09 Khaled Abdellatif: A method for examining audiovisual prosody perception 
based on a virtual human

D

20:09-20:21 Samiya Alkhairy: On auditory filters for hearing devices D

20:21-20:33 Jacques Grange: Advanced simulations of the interaction between 
efferent reflexes and deafferentation in psychophysical tasks

D

20:33-20:45 Fotios Drakopoulos: A neural-network framework for the design of 
individualised hearing-loss compensation

D

20:45-22:00 Featured session 1
Chair: Volker Hohmann

Main

20:45-21:10 Featured talk 1
Roger Miller: Best Practices for Data Sharing in Computational Audiology: 
How to Accelerate Discovery?

Main

21:10-22:00 General discussion & summary Main
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Friday, July 1st

Time UTC+2 Session / Author & Title Room 

08:00-08:50 Main Session 2
Chairs: Anna Warzybok, Volker Hohmann

08:00-08:25 Keynote 3
Lorenzo Picinali: Virtual Reality in hearing research: achievements and 
future challenges

Main 

08:25-08:50 Keynote 4
Bernd Meyer: Deep machine learning in audiology: Models of perception 
and automated listening tests 

Main 

08:50-09:05 Break 15 min Lounge

09:05-10:35 Special Sessions 3 & 4 

09:05-10:35 Machine Learning Challenges to Improve Hearing Devices
Chairs: Jon Barker, Trevor Cox, Annamaria Mesaros, Zehai Tu 

A

09:05-09:15 Introduction - How shared-tasked challenges can be brought to the 
hearing device domain - Jon Barker (University of Sheffield)

A

09:15-09:30 Discussion / Question:What issues do people with hearing loss have 
with listening to speech, music, or environmental sounds? Which of these 
is ripe for solving with machine learning and why? 

A

09:30-10:00 Lightening talks 
 The Clarity Project (claritychallenge.org): Machine Learning 

Challenges to Improve Speech in Noise for People with Hearing 
Loss – Jon Barker / Zehai Tu (University of Sheffield)

 The Cadenza Project (cadenzachallenge.org) : Machine-Learning 
Challenges to Improve Music Listening for People with Hearing 
Loss - Trevor Cox (University of Salford) 

 DCASE Challenges (dcase.community): Environmental Audio - 
Annamaria Mesaros (Tampere University)

A

10:00-10:15 Discussion - Focussing on Research Questions. A

10:15-10:20 Presentation: Practical issues in running challenges - Trevor Cox A

10:20-10:25 Discussion of Practical issues: Questions including. · How to run 
system evaluations? (listening tests, latency, etc) · How to fund 
challenges in a sustainable way? · What other opportunities do you see 
for ML, challenges and hearing aids?

A

10:25-10:35 Close A

09:05-10:35 Virtual reality for hearing research and auditory modeling in realistic 
environments 
Chairs: Axel Ahrens, Maartje Hendrikse, Lorenzo Picinali 

B 

09:05-09:15 Lubos Hladek: On behavior during free conversations in the realistic audio
visual simulation of the underground station

B

09:15-09:25 Bhavisha Parmar: Measuring outcomes of VR-based spatial hearing 
interventions

B

09:25-09:35 Maartje Hendrikse: Improving hearing device fitting with virtual reality B

09:35-09:45 Merle Gerken: Speech Recognition Predictions in Complex Auditory 
Environments for Listeners with Hearing Impairment

B

09:45-09:55 Abigail Kressner: Towards better predictions of speech intelligibility in 
cochlear implant recipients

B
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09:55-10:05 Thibault Vincente: Predicting the effect of hearing impairment and 
presentation level on binaural speech intelligibility in noise

B

10:05-10:35 Panel Discussion B

10:35-10:50 Break 15 min Lounge

10:50-11:50 Contributed talks 5-8 (8+4 min)

10:50-11:50 Session 5: Perception in children and adults
Chair: Deniz Başkent

A

10:50-11:02 Saskia Ibelings: Speech recognition and listening effort of synthetic 
everyday sentences

A

11:02-11:14 Sumokshi Tiwari: Influence of cross modality testing on auditory working 
memory in school going children 

A

11:14-11:26 Syeda Aisha: Effects of Maturation and Gender on Auditory Spatial and 
Working Memory Abilities in Typically Developing Children

A

11:26-11:38 Sushmitha S Upadhya: Spatial acuity and its relationship with innate 
musical abilities

A

11:38-11:50 Sridhar Sampath: Comparison of subjective performance and acoustic 
evaluation of hearing aid processed chimeric sentences 

A

10:50-11:50 Session 6: Complex environments
Chairs: Marc van Wanrooij, Florian Denk

B

10:50-11:02 Mark R Saddler: The role of temporal coding in everyday hearing: 
evidence from machine learning

B

11:02-11:14 Giso Grimm: Distributed virtual reality for hearing research B

11:14-11:26 Sridhar Sampath: Spatial acuity assessment techniques in real and closed
field: A Comparative study

B

11:26-11:38 Robin Hake: Development of an adaptive test of musical scene analysis 
ability

B

11:38-11:50 - B

10:50-11:50 Session 7: Objective measures
Chairs: John Culling, Jan Rennies

C

10:50-11:02 Jule Pohlhausen: Assessment of audio quality and measurement 
environment for online research

C

11:02-11:14 Peter A Wasiuk: Predicting speech-in-speech recognition using a 
computational glimpsing model

C

11:14-11:26 Theresa Jansen: Simulating Binaural Speech Recognition Thresholds of 
Hearing-Impaired Listeners

C

11:26-11:38 Shubhaganga Dhrruvakumar: Objective Speech Intelligibility and Quality 
Measures as Tools for Optimizing Hearing Aid Performance in Sloping 
Hearing Loss

C

11:38-11:50 Franklin Y Alvarez Cardinale: A computational model to simulate spectral 
modulation and speech perception experiments of cochlear implant users

C

10:50-11:50 Session 8: Supporting tools for audiology and rehabilitation
Chairs: Alessia Paglialonga, Andrea Hildebrandt 

D

10:50-11:02 Giulia Angonese: Psychological profiling in a Virtual Hearing Clinic D

11:02-11:14 Mareike Buhl: Model-based comparability of speech tests – towards 
consistency of audiological databases

D

8



PROGRAM

11:14-11:26 Gloria A Araiza Illan: Coupling of automatic speech recognition with 
speech audiometry testing

D

11:26-11:38 Nancy Sotero: Electrophysiological and pupillometric measures in 
monitoring auditory cortex plasticity and listening effort after hearing aids 
fitting

D

11:38-11:50 William Whitmer: Developing a predictive model of adult hearing loss 
using self-reported outcomes

D

11:50-12:15 Main session 3
Chairs: Waldo Nogueira, Jan-Willem Wasmann

Main

11:50-12:15 Keynote 5
Giovanni di Liberto: The music of silence: Investigating the predictive 
brain with music and electrophysiology

Main

12:15-12:45 General discussion & summary Main

12:45-13:00 Awards and Wrap-Up
Chair: Inga Holube 

Main
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Thursday, June 30th 2022
Main Session 1: 16:15-17:05, Main room

Keynote 1

Holistic hearing and health care in the context of
digital health care

Stefan Launer, PhD, VP Audiology & Health Innovation, Sonova AG
Adjunct Professor University of Queensland, Brisbane, Australia,
Adjunct Professor University of Manchester, Manchester, UK

Hearing systems have entered the age of connectivity in that wireless connectivity based on standard, widely
available wireless communication protocols has become a standard component of every hearing device. Con-
nectivity in hearing instruments has a wide ranging impact on the devices and their functionalities available
to patients as well as on the way hearing health care services are being delivered to patients. Today we ex-
pand the scope of our focus in technology development beyond the classical aspects of hearing instruments
to offer innovative approaches to hearing health care along the entire client journey. Currently, the ear is
also turning into a hotspot for vital sign monitoring by integrating various sensors in ear level worn devices.
Next, the occurrence of hearing loss is strongly correlated with e.g. the occurrence of diabetes type II, an
increased risk of cognitive decline a higher risk of falls and various other health issues. So overall, hearing
aids are morphing in digital health agents serving people most in need of a broader, more holistic approach
to hearing and health care. In my presentation I will discuss the transformation of hearing aids to health
agents in the context of current overall trends in digital health care.

Keynote 2

Big Hearing Science: Making More from Data, Code,
and Models

Elle O’Brien (University of Michigan)

In the world of machine learning, artifacts like data, code, and predictive models are widely shared to
accelerate research progress. This is the result of technical, institutional, and cultural investment in infras-
tructure. This keynote will discuss some learnings and approaches from other disciplines that may support
the next generation of data-intensive hearing science.
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Special Session 1: 17:20-18:50, Room A

Predictive Coding

Chairs: Bernhard Englitz, Floris de Lange, Emma Holmes

Emma Holmes: An introduction to predictive coding, active inference, and applications to
speech perception
The idea that the brain generates predictions about the external environment (predictive coding) has been
very influential. During speech perception, there is copious evidence that people predict the words they
expect to hear, and that these expectations influence perception.
In this talk, I will briefly introduce predictive coding, then I will describe active inference, which is a gener-
alisation of predictive coding that treats perception as a Bayesian inference problem. Finally, I will explain
how we have applied active inference to speech perception, by constructing new generative models. Our
models generate quantitative (testable) predictions about behavioural, psychophysical and electrophysio-
logical responses.

Floris de Lange: Predictive neural representations in music
We live in a largely predictable world. Capitalizing on this structure allows us to predict events and agents
around us. The ability to predict future input is potentially useful for more efficient encoding, learning
and recognition of input, and therefore appears a crucial skill. In my talk, I will first discuss the empirical
predictions that can be distilled from the neurcomputational framework of predictive coding. Then, I will
discuss a recent study from my lab, investigating the nature of predictive processing in a more naturalistic
setting: listening to music.

Bernhard Englitz: Evidence for Predictive Coding in the Auditory System and its Use in
Acoustic Filtering
Naturally occurring sounds have a high degree of predictability, ranging from deterministic predictions
across times and frequencies to statistical predictability on the level of marginal properties and recurring
spectrotemporal patterns. Neural systems can optimize their detection and reaction time performance by
integrating this inherent structure into their processing. Predictive coding across multiple scales is a suit-
able theoretical framework for implementing these predictive processes, and makes structural prediction on
the neural circuit level. I will review evidence for and against predictive coding in the auditory system on
different spatial scales, ranging from the cellular to the systems levels. I will conclude the session with some
pointers of how emulating the neural principles underlying predictive coding could prove to be a fruitful
avenue for improving the sound quality in various audio applications, including hearing aids and speech
recognition.
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Special Session 2: 17:20-18:50, Room B

Remote Audiology

Chairs: Eric Gallun, De Wet Swanepoel, Ellen Peng

Karina De Sousa: Remote digits-in-noise testing to triage hearing loss
The digits-in-noise (DIN) test is a powerful, yet simple hearing screening test that can be conducted via
mobile platforms without the requirement of headphone calibration. The combination of various stimulus
paradigms, such as diotic and antiphasic presentations, as well as the addition of noise filtered the presen-
tations have the potential to provide the clinician with rich information regarding the test user’s hearing
status in terms of type of hearing loss. This may ultimately provide a remote method for triaging hearing
loss referral pathways.

Vicky Zhang: Comparing speech communication performances between in-person and video-
conference-based assessments in normal hearing people: A pilot study
This study aims to use existing testing materials at the National Acoustic Laboratories to develop an as-
sessment battery for use with video conferencing (VC) platforms. Speech perception and communication
performances, self-reported listening difficulties and effort, as well as the acceptability of VC administration
methods were assessed in-person and via videoconference in a group of people with normal hearing. We
will report differences between the in-person and VC-based conditions and the test-retest reliability of the
VC conditions. The preliminary evidence would facilitate further research to develop novel technologies to
assist people with hearing loss in communicating effectively via VC platforms.

Liesbeth Gijbels: Considerations for Virtual Studies of Early Childhood Development
Over the past decades, technological advancements have expanded the scale and scope of academic re-
search. However, research in the field of child development has been more resistant, and has only recently
been demonstrated virtually. Limited resources and documentation of factors that are essential for de-
velopmental research (e.g., caregiver involvement, informed assent, controlling environmental distractions,
etc.) make online research especially difficult for developmental scientists. Recognizing this, we aim to
contribute to the field by presenting principles for future facilitation of online developmental research, and
we believe that considerations derived from previous studies (age 4 -15) at the Institute for Learning and
Brain Sciences (I-LABS, UW) can serve as documented points of departure that inform and encourage
additional virtual adaptations in this field.

Esteban Lelo de Larrea-Mancera: Gamification effect (or rather, Using gaming technology
to train auditory function)
Distributed technologies like smartphones and tablets can be harnessed to apply Auditory Training (AT)
strategies for improving functional hearing. However, promoting learning that transfers outside specificities
of training is yet to be established. We present preliminary results of a gamified AT based on perceptual
learning principles that generalized to speech in competition functional hearing measures using participant
owned devices and downloaded software. We showed remote and gamified AT can be done with scientific
rigor. Future work will focus on additional outcome measures, and the contribution of different aspects of
AT (e.g. stimuli and task structures) to perceptual learning and transfer.
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Special Session 2

Jo Evershed: Why and How to Gamify Auditory Research
Engaged participants are the secret to high quality data. Foster engagement and data collection will be
a breeze. Mess it us, and you’ll be dealing with grumpy participants and analysing rubbish data.Bored,
unmotivated, and inattentive participants are a significant challenge for auditory researchers. Afterall -
while the research question is fascinating - participants are often asked to make numerous 2-way force
choice decisions between two similar stimuli. Gamification is a technique that fosters participant attention,
so that you can get the high-quality data that you need. And it’s easier than you think!In this talk I’ll
present the most common situations where games can increase data quality, show some examples of what
is possible, and show you how to get started with games in your research.The prize? Happy participants,
and high-quality data.
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Session 1: 19:45-20:45, Room A

MHealth Applications for Hearing Loss: A Scoping Review

Caitlin Frisby (University of Pretoria)*
*caitlinfrisby7@gmail.com

Background: Mobile health (mHealth) has the potential to improve access and uptake of health services
globally. Noncommunicable diseases such as hearing loss have seen increasing use of mHealth approaches
to improve access, scalability, penetration, quality, and convenience of health services. This scoping review
describes published research in mHealth supported hearing healthcare services across the continuum of
care.
Method: A search on Scopus, MEDLINE (PubMed), and Web of Science for articles published up to July
2, 2021 was conducted. Articles in which mHealth was used across a continuum of care where the primary
focus was hearing healthcare were included. A narrative synthesis was conducted.
Results: One hundred forty-six articles meeting the inclusion criteria were included in data extraction.
High-income countries contributed 56% of articles, upper-middle countries 32%, lower-middle countries
8%, and low-income countries 4%. Articles identified included promotion (2%), screening (39%), diagnosis
(35%), treatment (10%), and support (14%) for hearing loss. mHealth applications in high-income countries
were more represented in diagnosis (62% vs. 38%), treatment (67% vs. 33%), and support (82% vs. 18%)
compared with low- and middle-income countries (LMICs) except for screening (64% vs. 36%). Few studies
focussed on hearing health promotion across all income brackets.
Conclusions: mHealth supported hearing healthcare services are available across a continuum of care and
various world regions, although more prevalent in high-income countries. Although great potential is demon-
strated, implementation evaluations are important to further validate its widespread use and potential to
make services for hearing loss more accessible in LMICs.
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Development of Smartphone-Based Methods for Assessing Pure-Tone Audiom-
etry and Loudness Growth Functions

Chen Xu (University of Oldenburg)*; Lena Schell-Majoor (University of Oldenburg); Birger Kollmeier
(University of Oldenburg)
*chen.xu@uni-oldenburg.de

Background: Smartphones offer an easy access to a low-cost hearing test. In just a few minutes, individuals
might get a limited, but potentially compelling assessment of their respective hearing status. A functional
hearing deficit might thus be discovered at an early stage. The goal of this study is to develop a smartphone
application for pure-tone audiometry and loudness scaling, as well as to test its viability.
Methods: To assess the air conduction audiogram, the single-interval up and down (SIUD) procedure was
used, while the adaptive categorical loudness scaling (ACALOS) approach was used to measure loudness
perception. Both ears were exposed to tones at 0.25, 1, and 4 kHz. Furthermore, for the loudness exper-
iment, both ears were presented to narrowband noise centered at these frequencies as well as broadband
noise (i.e., UEN17).
Three conditions were designed to measure eight normal hearing subjects. Condition I (reference) used the
standard lab procedures. Conditions II and III used the developed web-app for laptop and smartphone
performed in a sound-proof booth respectively. The hearing threshold level (HTL), middle loudness level
(MLL), and uncomfortable loudness level (UCL) were estimated as the sound levels at 2.5, 25, and 50
categorical units (CU) of the loudness function.
Results: The one-way ANOVA test was used for assessing the effect of the condition on the means of
HTL, MLL, and UCL. There was no significant difference for HTLs, MLLs, and UCLs among the three
conditions.
Conclusions: The thresholds and supra-threshold parameters measured by smartphones are in line with
those measured in the lab. Therefore, it is feasible to assess the audiogram and loudness growth function
using a smartphone if a proper set of precautions is maintained (i.e., low background noise, calibration of
the device, vigilance of the subject). The robustness and stability of the smartphone-based audiometric
assessments still need to be explored.
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Is A Hybrid of Online and Face-To-Face Services Feasible for Audiological Re-
habilitation Post Covid-19 in Low Resourced Contexts? Findings From Three
Public Health Patients

Nuha Khatib (University of Cape Town)*
*nuhakhatib93@gmail.com

Background: The use of tele-audiology in everyday practice has been a long-time coming and the recent
rapid uptake, albeit necessitated by COVID-19 circumstances, has enabled audiologists to be open to the
possible long-term benefits of using a hybrid of online and face-to-face services. The use of tele-audiology
for audiological rehabilitation may provide a sustainable, cost-effective modality to suit the existing need,
particularly in low-resourced countries. The aim of this study was to investigate the feasibility of a hybrid
tele-rehabilitation auditory training (AT) program on South African hearing aid users.
Methods: Convergent mixed methods design with a feasibility approach was utilized. Data collection was
through questionnaires, in-booth speech assessments, online AT, and face-to-face interviewing. Partici-
pants undertook online AT over four weeks. Pre-/post- online AT: the APHAB, QuickSIN, as well as
Entrance/Exit Questionnaires, Interviews and System Usability Scale were administered.
Results: Key findings of this study included 1) a high compliance rate (84.82%) to online AT with minimal
clinician contact time at 3 hours 25 minutes over a 5–6-week period, 2) improvement in participants’
perceived hearing aid benefit as well as improvement in their listening skills, 3) reported positive experiences
by participants and 4) minimal program costs at an average of $86.50 per person.
Conclusion: The results showed positive indicators that the use of hybrid tele-rehabilitative strategies may
provide a viable alternative to the traditional face-to-face modality. The hybrid approach showed not only
clinical benefits; cost-effectiveness; and minimal contact time; but also – considering the current social
distancing protocols – COVID-19 compliance. Further large-scaled research is still needed.
Key words: tele-audiology; low-resourced contexts; public health; auditory training; hybrid
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MATERNAL VIEWS ON INFANT HEARING LOSS IN DELHI

Yoshita Sharma (All India Institute of Speech and Hearing)*; Kristi Kaveri Dutta (All India Institute of
Speech and Hearing); Megha Nigam (All India Institute of Speech and Hearing); Chandni Jain (All India
Institute of Speech and Hearing)
*yoshita.aiish@gmail.com

Background The reported rate of early onset hearing loss among children in India is 5–5.6 per 1000 (Ramesh
et al, 2007). Delays in diagnosis and hearing aid fitting have been connected to parental denial, lack of
awareness and a lack of willingness to accept a hearing problem (Sjoblad, & Harrison, 2001; Yee-Arellano,
& Leal-Garza, 2008). Success of new-born hearing screening programs depends on parental support and
decisions which are based on their understanding and attitude towards available possibilities. Through this
study, it is an attempt to investigate the knowledge and attitudes of the new mothers in Delhi, India, about
infant hearing.
Method A questionnaire developed by Bolajoko Olusanya was used and was administered on 60 new mothers
of 20 to 40 age range enrolled in the new-born hearing screening program. To analyse the data, descriptive
statistics were employed.
Result Results revealed that mothers were aware of some the reasons of hearing loss: ear discharge, noise,
and congenital factors. However, mothers were not well aware about some of the other important cause
like measles (50%), jaundice (41.6%), delayed birth cry 38.3%) and convulsions (38.6Results related to
the identification and intervention of hearing loss showed that mothers were aware about the fact that
treatment for hearing loss is available (78.3%) and only 51.6% of the mothers knew that hearing loss can
be identified soon after the birth. 93.3 mothers were ready to get their baby tested for hearing loss soon
after birth.
Conclusion The results of the study would help to develop public awareness campaigns to improve mothers’
understanding and attitudes around newborn HL in order to properly adopt new born hearing screening.
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Online virtual audiometer for teaching and learning: interest, access and satis-
faction

Deuzimar Araújo (Graduate Program in Speech, Language and Hearing Sciences, Federal University of Rio
Grande do Norte); Eliene S Araújo (University of Rio Grande do Norte)*
*eliene.araujo@ufrn.br

Background: Despite the potential benefits of simulation for teaching, the existing solutions for the teaching
of audiology may be outside the economic reality of many students and even educational institutions in some
countries. This study aims to develop an online virtual audiometer and to analyze the interest, access and
satisfaction of students, professors, and audiologists in the Brazilian context. Method: An online virtual
audiometer was developed, using JavaScript. All who expressed interest in participating, between June and
October 2021 (n= 523), were included. The software was hosted on the website www.audicel.com, and par-
ticipants were able to access the software for free study or practice. In addition, 131 participants answered
to the satisfaction questionnaire, with 10 questions on a Likert scale, and the positive and negative aspects
of the software. Descriptive statistics and content analysis for open questions, were used. Results: Among
the 523 registered users, 484 were students (92.5%), 24 professors (4.6%) and 15 audiologists (2.9%), aged
between 18 and 70 years (mean=28.8; SD= 11.2) and from 43 different institutions, 60.1% public. The
participants came from all regions of the country (18 states). The professors and audiologists had from 1 to
52 years of experience (mean=16) and there were students from all levels. Users’ perception was positive
for all items investigated, with agreement among users. The positive points showed that the software is
promising both to expand interactivity and to favor the assimilation of content. Most participants did
not identify any negative aspects and, among those who did, the lack of an instruction manual was the
most mentioned. Conclusion: There was wide interest of the software, with access in several locations in
the country and by users with different profiles. In addition, users’ positive perception was evident and
represents, therefore, a potential software for the teaching and learning of audiology.
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Session 2: 19:45-20:45, Room B

An End-to-End Deep Learning Speech Coding and Denoising Strategy for Cochlear
Implants

Tom Gajecki (Hannover Medical School)*
*Gajecki, Tom*

A cochlear implant (CI) is a surgically implanted medical device that can restore hearing to a profoundly
deaf person. In general, CI users achieve good speech intelligibility in quiet conditions. When compared
to normal-hearing listeners, however, CI users need significantly higher signal-to-noise ratios (SNRs) to
achieve the same speech intelligibility. We propose deep ACE, a deep learning speech denoising sound
coding strategy that estimates the CI electric stimulation patterns out of the audio data captured by the
microphone, performing end-to-end CI processing and replacing the advanced combination encoder (ACE)
sound coding strategy. Deep ACE takes the raw audio input captured by the microphone and estimates the
output of the loudness growth function. The strategy is not only independent of individual CI fitting pa-
rameters, but it also retains the 2 ms total algorithmic delay introduced by the standard ACE strategy. Five
postlingually deafened CI users were tested for speech intelligibility in noise to assess the potential benefits
of our approach. It was compared to the unprocessed signals and two other baseline speech enhancement
algorithms, namely, a Wiener filter and TasNet. Stimuli were delivered via direct stimulation through a
research interface using direct stimulation. Speech intelligibility in noise was measured by means of the
HSM sentence test. We found that the proposed method and a front-end speech enhancement method based
on TasNet do not affect speech understanding in quiet when compared to ACE. In the context of speech
enhancement, deep ACE showed slightly worse objective performance than the front-end TasNet approach.
Deep ACE allows reducing the processing complexity of the ACE sound coding strategy while performing
noise reduction for CIs. The proposed method has the potential to completely replace any CI sound coding
strategy while keeping its general usage for every listener and performing speech enhancement.
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Estimating Frequency-Selective Hearing Loss from Cortical Responses

Varsha Pendyala (University of Wisconsin-Madison)*; Viji Easwar (National Acoustic Laboratories); William
A Sethares (University of Wisconsin-Madison)
*pendyala@wisc.edu

Background: Evaluating hearing aid benefit in infants and children with hearing loss is a challenge due
to their limited ability to participate in clinical tests. In lieu of behavioral responses, auditory evoked
potentials may serve as a useful tool. We focus on envelope following responses elicited by consonant-vowel
syllables with potential to index subcortical and cortical activity simultaneously. Previous work using the
speech stimulus “susashi” has proven successful in evaluating frequency-specific audibility using subcor-
tical responses, but the ability to infer frequency-specific audibility using simultaneously elicited cortical
responses is unknown. The present study compares the feasibility and accuracy of previously used methods
like cross-correlation with novel machine learning (ML) approaches to infer frequency-specific audibility
from cortical responses.
Method: Audibility of low (0–1.1kHz), mid (1.1-3.5kHz) and high frequency (¿3.5kHz) was altered by
filtering the token “sashi”. Single-channel EEG was recorded in 6 conditions ranging from none to all
frequencies audible in 25 adults with normal hearing for 400 trials. Previous work estimated a linear
mapping between the running speech stimulus and corresponding EEG, and then assessed whether the
correlation between the speech and EEG was stronger than the correlation between the same speech and
randomly misaligned EEG. We recast the problem as the problem of identifying which of the 6 classes the
EEG was from, and applied ML techniques.
Results: Using the linear methodology and correlation analysis, we were unable to reliably separate the 6
conditions. Using a preliminary deep network and simple SVM classifier allowed 6-class classification with
accuracy of approximately 73%, which is far better than the chance level accuracy of 16.67%.
Conclusion: Machine learning algorithms could be useful for evaluating frequency-specific audibility from
cortical responses elicited by consonant vowel syllables.
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Towards differentiable auditory models as objective functions for listener-specific
speech enhancement

Iordanis Thoidis (Aristotle University of Thessaloniki)*; Konstantinos Pastiadis (Aristotle University of
Thessaloniki); George Papanikolaou (Aristotle University of Thessaloniki)
*ithoidis@auth.gr

Background: Auditory-inspired signal processing strategies have successfully been used for the objective
assessment of speech intelligibility and quality for a wide range of signal degradations, including signals that
are processed by speech enhancement systems. Recent studies show that supervising a speech enhancement
system to increase objective intelligibility and quality metrics favors overall performance. However, it is still
unclear whether these objectives can account for hearing loss or be utilized in the scope of patient-specific
optimisation. Methods: A differentiable implementation of an auditory model is introduced, where the
non-differentiable inner and outer hair cell stages are replaced with deep neural networks that are trained
to match their behaviour. This implementation is based on a parametric auditory periphery model that
incorporates changes due to hearing loss. We combine the auditory model with a spectro-temporal simi-
larity measure to serve as an intrusive correlate of speech intelligibility and use it as an objective function
to train a data-driven speech enhancement system using gradient descent. Results: The effectiveness of
the proposed speech enhancement objective is evaluated using objective metrics for speech intelligibility
and quality and is compared to existing distance- and metric-based objective functions. Results indicate
that the proposed method facilitates the model convergence and provides performance improvements for
small-sized models and specific audiograms. Conclusions: A differentiable implementation of an auditory
model is introduced that can be parameterized for hearing loss using standard audiogram thresholds. The
model can be utilized as an objective function to optimize a data-driven speech enhancement system. Fu-
ture extensions of this work may potentially serve as end-to-end personalized speech enhancement systems
based on deep learning.
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Room-matching models could improve mitigation of reverberant artifacts in the
cochlear implant stimulus

Lidea Shahidi*, Leslie Collins, Boyla Mainsah (Electrical and Computer Engineering, Duke University,
Durham, North Carolina)*
*lks24@duke.edu

Background. Cochlear implant (CI) users can struggle to understand speech in reverberant rooms, where
reverberant reflections distort the speech signal. The removal of stimulus pulses degraded by reverberant
distortions can improve the intelligibility of the CI stimulus, although detection of these reverberant artifacts
requires a priori knowledge of the clean speech signal. To enable mitigation of reverberant artifacts in
real-world listening conditions, this project pursues a machine learning approach to reverberant artifact
detection. To improve speech intelligibility in a wide range of reverberant conditions, we leverage acoustic
measures of the reverberant listening scenario to generate specialized artifact detection algorithms, resulting
in the Room-Matching (RM) paradigm.
Methods. Four acoustic measures are compared for the development of RM models: reverberation time,
early decay time, direct-to-reverberant ratio, and clarity 50. RM models use either the ideal or estimated
acoustic measure to inform the detection of reverberant artifacts by a neural network model. The intelli-
gibility of the mitigated stimulus is estimated using the envelope correlation measure (ECM).
Results. The acoustic measure that conferred the largest improvements in the ECM score differed de-
pending on the reverberant room. Across all rooms, RM models using information about the clarity 50 or
reverberation time consistently improved the ECM by up to 10%. RM model performance worsened when
using estimates of the acoustic measure, with maximum improvements in intelligibility lowered by 5%.
Conclusions. The RM paradigm can feasibly improve mitigation of artifacts in the CI stimulus by leveraging
the reverberation time or clarity 50 measures, suggesting that these measures indicate trends in reverberant
artifact addition. Although use of the acoustic measure estimator did not consistently improve mitigation
performance, further gains are possible with improvements in measure estimation.
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Target Speaker’s Speech Extraction using Bilateral Cochlear Implants spatial
Information

Feyisayo Olalere (Radboud University)*; Kiki Van der Heijden (Radboud University); Christiaan Stronks
(Leiden University Medical Center); Jeroen Briaire (Leiden University Medical Center); Johan Frijns (Lei-
den University Medical Center); Marcel van Gerven (Radboud University)
*feyisayo.olalere@donders.ru.nl

Background: Cochlear implant (CI) users experience great difficulties with perceiving speech in noise, es-
pecially when there is an interfering speaker in the background. In this study, we address the problem
of extracting a target speech stream from a mixture of competing talkers using recurrent neural networks
(RNNs). We assessed whether and how spatial information derived from CI microphones can be used
to optimize speaker extraction. Specifically, we compare 3 RNN models: we assessed whether a model
incorporating unilateral spatial information (resembling the case of a unilateral CI user) and a model in-
corporating bilateral spatial information (resembling the case of a bilateral CI user) outperform a baseline
model operating solely on spectrograms. We trained and evaluated the model’s audio fragments consisting
of a target speaker and an interfering speech stream which were pre-processed to resemble real-life listening
situations for CI users. I.e., we spatialized speech mixtures and added reverberation using room impulse
responses (RIRs) and CI head-related transfer functions (CI-HRTFs) measured from Advanced Bionics CIs
which have three microphones on each CI (Fig 2). Methods: We trained three RNNs (Fig 1) to estimate
a time-frequency mask for a target speaker. Speaker mixtures were created using various speech-to-noise
ratios (SNRs). We quantified model performance using objective metrics of speech intelligibility. Results:
Spatial models performed better than the spectral-only model as evidenced by higher speech intelligibility
scores (Table 1). Furthermore, spatial models required less training than the spectral-only model. Finally,
the bilateral spatial model outperformed the unilateral spatial model. Conclusions: In this study, we show
that the use of spatial information may improve target speaker extraction using deep neural networks. Such
strategies may be used for optimizing front-end processing in CIs to improve speech-in-noise perception by
CI users.
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Session 3: 19:45-20:45, Room C

TEST-RETEST RELIABILITY OF VARIOUS PSYCHOACOUSTIC TESTS
IN PSYCON APPLICATION

supriya mathew (ALL INDIA INSTITUTE OF SPEECH AND HEARING)*; Banumathi . (ALL INDIA
INSTITUTE OF SPEECH AND HEARING); Sandeep kumar (ALL INDIA INSTITUTE OF SPEECH
AND HEARING); Kishore Tanniru (CAMS,Riyadh); Chandni Jain (ALL INDIA INSTITUTE OF SPEECH
AND HEARING)
*supriyamathew777@gmail.com

Background: Various software and approaches have been used to assess psychoacoustic abilities. PSY-
CON and the Maximum Likelihood Procedure (MLP) implemented in MATLAB are two commonly used
software in research to test psychoacoustic measures. Psycon is a free software tool for psychoacoustic
research and education that is beneficial for beginners without much programming experience, as well as
for experienced programmers (Kwon, 2012). There is a need to assess the test-retest reliability of Psycon
for various psychoacoustic measures.
Method: A total of 39 participants between the ages of 18 and 25 years with normal hearing were chosen.
Further, the test-retest reliability of the difference limen of intensity (DLI), difference limen of frequency
(DLF), duration discrimination threshold (DDT), and gap detection threshold (GDT) was measured using
the Psycon programme. The test stimuli were created in Psycon using the AUX scripting language. DLI,
DLF, DDT, and GDT testing was repeated within 24 hours of span to assess the test-retest reliability. To
determine the normality of the data, the Shapiro Wilk test was used, and all of the parameters showed
non-normal distributions. Test-retest reliability was examined using Cronbach’s alpha.
RESULTS Test-retest reliability of several psychoacoustic measures using Psycon revealed an excellent
correlation for DLF and DDT and a good correlation for DLI and GDT. The results indicated that the
test-retest reliability of various psychoacoustic measures assessed using the Psycon application ranged from
excellent to good (Cronbach’s alpha ranging from 0.814 to 0.994).
Conclusion: The test-retest reliability of Psycon ranges from excellent to good. This suggests that the
Psycon application can be extensively utilized in psychoacoustics for both research and clinical purposes.
However, a more extensive study with additional participants and across sessions would add to the existing
findings.
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The Development of Graphical User Interfaces for Self-Adjustment of Cochlear
Implant Processor Parameters

Sven Kliesch (Medical School Hannover)*; Andreas Büchner (Medical School Hannover)
*kliesch.sven@mh-hannover.de

Introduction Smartphones becomes more and more common for patients to play an active role in the
management of their own health by using smartphone applications, so called APPs. Also in the field of
cochlear implants, Bluetooth-enabled processors enable easy-to-use client applications. However, to achieve
a high acceptance and safe operation of the APPs, it is necessary to design intuitive user interfaces (UI)
which allows easy access to system parameters. The main goal of the presented study was to evaluate and
to compare two different UIs against each other with references to a current state of the art expert fitting.
Methods Two different UIs were explored in a group of bimodal cochlear implant subjects to determine,
which of the two interfaces would be best suited for setting treble, bass, overall volume and the balance
between the hearing aid and the cochlear implant. One of the UIs comprised a classical equalizer and
volume dial approach, while the second UI followed a 2D-surface concept to manipulate the according
sound parameters. The subjects changed their fitting parameters using both UIs in five different sound
scenes. The self-determined settings for the different scenarios were stored and revoked at a later stage for
direct comparisons.
Results Within minutes, the patients got accustomed to the concept of both UIs and generated their own
parameter settings in the different testing scenes. While there was no clear advantage for one of the two
UI concepts, it became apparent that most subjects rated their self-made program better than the clinical
baseline program.
Conclusion Self-adjustment of certain parameters with appropriate user interfaces seems feasible in cochlear
implants. Most of the subject stated that the self-adjustment gave them the impression to reach better
outcomes in difficult listening environments. This aspect is significant and shows that patient involvement
in the fitting is likely to play a big role.
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Comparing engagement between two pitch-training games genres for cochlear
implants

Marianna Vatti (Oticon Medical)*; Romain Lamere (Oticon Medical); Yue Zhang (Oticon Medical); Manuel
Segovia-Martinez (Oticon Medical)
*mvat@oticonmedical.com

Background Training with music has been shown to improve music perception, appreciation, and enjoyment
in cochlear implants (CI). A major challenge is that the training gain depends heavily on the time users
put into active engagement with the training programs. Serious games have been proven a useful tool
that increase player engagement relative to traditional training approaches and therefore increase learning.
However, the development of serious games is complex because of their twofold objective, being both
motivating and rehabilitative. The aim of this study was to understand how to promote engagement in
music-training games for CI.
Methods We devised two new mini-games for pitch where we explored different game features (e.g., genre,
game mechanics, gameplay, rewarding system) that enhance their learning effectiveness. To this end, we
compared two games genres for pitch training: a platformer and a puzzle game. The games were installed
in a group of normal hearing and CI participants’ mobile phone. We recorded telemetry data in the log
files that would allow us to quantify and compare users’ interactions. The tracked variables captured
general information, psychoacoustic thresholds, and attention, formatted longitudinally over the training
period. Each participant also responded to subjective questionnaires after each training session to gather
subjective feedback. Furthermore, we explored the possible influence of gamers’ demographic characteristics
(specifically gender, age, nationality) on game preferences.
Discussion We proposed a novel study design that examines the impact of the game design on users’
engagement, via real-life data logging. The collection of results is currently ongoing and will shed light on
effective strategies for designing serious games for music training. Telemetry will be applicable in future to
audiologists to track the user progress allowing for e.g., notifications, changes in level difficulty or fitting
adjustments.
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Noise-Related Conversational Behavior Patterns

Calvin Murdock (Reality Labs Research at Meta)*; Christi Miller (Reality Labs Research at Meta); Owen
Brimijoin (Reality Labs Research at Meta); Vamsi Krishna K Ithapu (Facebook Reality Labs); Melinda
Anderson (Reality Labs Research at Meta); Thomas Lunner (Reality Labs Research at Meta)
*cmurdock@fb.com

Background
An Augmented Reality (AR) platform is a system of interdependent technologies that enable digital objects
to be placed in our real-world surroundings. They may provide assistance by overlaying enhancements to
natural auditory objects in the scene, but the classic hearing device problems of estimating listener effort
and identifying signals-of-interest remain. As a step towards these goals, we quantify how background noise
influences conversational behavior as indicated by distributions of head position and orientation.
Method
In each of 130 hour-long sessions, a familiar group of 2 to 6 people participated in a seated conversation while
their head positions and orientations were continuously measured using a behavioral capture device (n=404,
18-88 yrs). Background noise varied randomly between four sustained levels. A two-sample nonparametric
hypothesis testing framework was employed to compare the distributions of behavior between each pair of
noise levels. The results were aggregated across sampling repetitions and individuals.
Results
At an individual level, noise-related behavior patterns differ substantially. Some people behave similarly
across all background noise conditions. Others behave differently only during the loudest conditions,
perhaps indicating corrective behaviors necessary to enhance speech intelligibility. Across individuals,
average behavior was more similar under similar noise conditions. Of the behavioral metrics examined, the
clearest noise-related effects were found relative position characterized as the listener “leaning in.”
Conclusion
Conversational behavior can change for any number of reasons, from auditory attention to random move-
ments. Despite this, there are consistent differences between noise conditions, particularly along dimensions
known to be associated with hearing impairment. Variability in patterns of behavior may suggest a rich
source of information about individual listening needs.
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Session 4: 19:45-20:45, Room D

Model-based prediction of optogenetic sound encoding in the human cochlea
by future optical cochlear implants

Lakshay Khurana (Institute for Auditory Neuroscience)*; Daniel Keppeler (Institute for Auditory Neu-
roscience); Lukasz Jablonski (Institute for Auditory Neuroscience); Tobias Moser (Institute for Auditory
Neuroscience)
*lkhurana@dpz.eu

Background: Patients with sensorineural hearing loss often benefit from cochlear implants. An electri-
cal cochlear implant (eCI) processes the sound into electrical pulses via an array of electrodes, directly
stimulating tonotopically organized spiral ganglion neurons (SGNs) in the cochlea of the inner ear. The
electrical current from these electrodes spreads widely within the scalae, leading to poor spectral selectivity,
hence limiting speech understanding in noisy environments and music perception. To improve the spectral
selectivity, light, that can be better spatially confined than current, offers an alternative. By limiting the
spread of neural activation, optical cochlear implants (oCIs) would provide a greater number of independent
stimulation channels. The aim of this project is to assist the development of clinical oCIs by predicting the
spread of light, hence the spectral selectivity, in a human cochlea.
Methods: An in silico study of the light spread in a human cochlea was performed using an optical
engineering software. Light emitters were computationally added to the scala tympani and ray-tracing
simulations were performed for a variety of spectral and angular properties of the emitters. The amount
of light reaching the somata of SGNs was obtained as irradiance profiles of Rosenthal’s canal.
Results: Emitters with Gaussian profile (LASER-coupled waveguide-based oCIs) outperformed the emitters
with Lambertian profile (LED-based oCIs) in terms of irradiance levels and spectral spread. Nevertheless,
when compared to electrical stimulation, all simulated light sources showed narrower spectral spread. The
emitter-to-neuron distance, formation of scar tissue, and orientation of the emitters were found to impact
the optical stimulation of the cochlea, highlighting directions for the development of oCIs.
Conclusions: Results of this study strengthen the idea that optogenetic stimulation of the cochlea would
improve the spectral selectivity of cochlear implants.
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A method for examining audiovisual prosody perception based on a virtual hu-
man

Khaled Abdellatif (Jean Uhrmacher Institute for Clinical ENT Research, University of Cologne)*; Isa
Samira Winter (Jean-Uhrmacher-Institute for Clinical ENT-Research, University of Cologne); Moritz
Wächtler (Jean-Uhrmacher-Institute for Clinical ENT-Research, University of Cologne); Pascale Sand-
mann (University of Cologne, Faculty of Medicine and University Hospital Cologne, Department of Otorhi-
nolaryngology, Head and Neck Surgery, Audiology and Pediatric Audiology, Cochlear Implant Center );
Hartmut Meister (Jean-Uhrmacher-Institute for Clinical ENT-Research, University of Cologne)
*khaled.abdellatif@uk-koeln.de

Background: Prosody plays a vital role in verbal communication. It is important for the expression of
emotions (affective prosody), but also carries speech information related to word and sentence stress or
distinction between questions and statements (linguistic prosody). Acoustic cues of prosody, such as into-
nation patterns, intensity, and duration have been examined extensively. However, prosodic characteristics
are not only perceived auditorily but also visually, as head and facial movements accompany the production
of prosody. Still, in comparison to auditory cues multimodal mechanisms are poorly understood.
Methods: Whereas controlled manipulations of acoustic cues are a valuable method for uncovering and
quantifying prosody perception, such an approach is much more complicated for visual prosody. Here, we
describe a novel approach based on video-realistic animations via virtual humans. Such a method has the
advantage that – in parallel to acoustic manipulations – head and facial movements can be parametrized.
Results: We show that such animations based on a virtual human are generally capable of providing
similar motion cues as gained by a video recording of a real talker. Parametrization yields a fine-grained
manipulation of visual prosody cues, which can be applied on single elements in isolation.
Conclusions: Applying virtual humans opens up new avenues for exploring mechanisms behind multimodal
verbal communication. Specifically, we discuss the possible application of this technique in the framework
of examining prosody perception in listeners with cochlear implants, who are limited in their use of auditory
cues.
Supported by Deutsche Forschungsgesellschaft, grant ME 2751-4.1 to HM
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On auditory filters for hearing devices

Samiya Alkhairy (MIT, KACST)*
*saalkhairy@gmail.com

Background: Devices such as cochlear implants and hearing aids use auditory filters which must be designed
to mimic auditory signal processing. Current filters are lacking in (1) being easily tunable based on desired
filter characteristics - e.g. values of peak frequencies and bandwidths; and (2) being implementable in
multiple ways so that we can develop architectures catered to our specific application and criteria - e.g.
small processor size, efficient, robust.
Methods: We develop a linear analytic model of the mammalian cochlea based on physics and data. We
test the model against experimental data and also demonstrate that the model mimics cochlear signal
processing and is therefore appropriate for use as auditory filters. The model has a small number of model
constants that capture the inherent variation in bandwidths and has closed-form expressions for the filter
variables. We leverage these features of the model to develop its tunability and implementational flexibility.
Results: We derive expressions for the model constants in terms of filter characteristics which enables
us to tune the filters easily and very directly based on desired filter characteristics. This is in contrast
to being constrained to a single set of parameter values or tuning the filter by searching through the
parameter space. We derived various equivalent representations for the filter variable, which increases
implementational flexibility and enables us to and construct hardware and software architectures that are
most suitable for our application of interest.
Conclusions: We have developed auditory filters that are well-tested, mimic cochlear signal processing, can
be directly tuned based on desired values of filter characteristics, and have a high degree of implementation
flexibility. These auditory filter properties make it particularly suited as signal processing components in
hearing devices. Future work involves incorporating nonlinearity in a manner that retains filter tunability
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Advanced simulations of the interaction between efferent reflexes and deaf-
ferentation in psychophysical tasks

Jacques Grange (Cardiff University)*
*grangeja@cardiff.ac.uk

The MAPsim simulator reconstructs an acoustic signal from the auditory nerve firing predicted by the
MATLAB© Auditory Periphery (MAP) model. Stimuli reconstructed with simulated deafferentation were
presented to normally hearing (NH) participants in psychophysical tasks. MAP predicts that efferent re-
flexes play an important role in dynamic range adaptation at the auditory-nerve level, acoustic reflex shifting
rate-level functions towards a context level and medial olivocochlear reflex sharpening auditory nerve sen-
sitivity around that level. A NH implementation of MAPsim was previously validated for speech reception
thresholds (SRTs) in noise. Disabling efferent reflexes significantly reduced dynamic range adaptation, and,
due to the saturation of high spontaneous rate fibers, speech intelligibility.
A first study simulating general deafferentation (equal across 3 spontaneous rates and 30 best frequencies)
showed an exponential growth of digit-triplet SRTs with successive quartering of remaining fibers from
NH. With stochastic under-sampling alone, 90% of the 30,000 fibers of a healthy auditory nerve had to be
knocked out for SRT to measurably degrade. Simulating the correct reduction of efferent signals caused by
a decrease in the afferent signal, 75% deafferentation yielded a 3 dB SRT elevation from NH.
A second study examined interaural time delay discrimination with 1 kHz low-pass noises. An exponential
threshold growth was found with deafferentation. The combination of stochastic under-sampling with
reduced efferent signals elevated thresholds from 19 µs with unprocessed or NH-processed stimuli to 60
µs at 75% deafferentation and efferent signals reduction caused thresholds to inflate by a factor 1.6 from
simulated under-sampling alone. Our findings suggest that (1) MAPsim preserves temporal fine structure
well and (2) efferent reflexes interact with deafferentation, such that the auditory nerve may not have as
much ’built-in’ redundancy as previously believed.
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A neural-network framework for the design of individualised hearing-loss com-
pensation

Fotios Drakopoulos (Ghent University)*
*fotios.drakopoulos@ugent.be

Background Even though the human auditory system is known to be complex and highly non-linear, hear-
ing aids (HAs) still rely on simplified descriptions of the auditory system or on sensorineural hearing loss
(SNHL) estimations to yield optimal acoustic amplification to HA users. Standard amplification strategies
succeed in restoring inaudibility of faint sounds, but fall short of providing precise treatment outcomes for
complex sensorineural deficits such as cochlear synaptopathy (CS).
Method To address this challenge, we adopt a deep-neural-network (DNN) version of a biophysically re-
alistic model of human auditory processing (CoNNear). CoNNear accurately simulates individual SNHL
and comprises a fully differentiable description that can be used to design individualised HA strategies
from the ground up. DNN-based HA models can be trained that can optimally process sound to restore
hearing in impaired auditory peripheries. Here, we evaluate the restoration capabilities of our framework
using simulated auditory-nerve (AN) responses of normal and impaired auditory peripheries. We compare
different loss functions to optimally compensate for a mixed OHC loss and CS impairment. After evaluating
which trained HA model yields the best restoration outcomes, we apply the same training procedure to
two milder hearing loss profiles, separately for OHC loss and CS.
Results Our results show that a simulated restoration of AN population responses was possible in all cases,
with OHC loss proving easier to compensate than CS. Several objective metrics were considered from the
literature to estimate perceptual benefits after processing, with the results holding promise for improved
understanding of speech-in-noise processing for impaired listeners.
Conclusion Since our framework can be tuned to the SNHL profiles of individual listeners, we enter an era
where truly individualised and DNN-based restoration strategies can be developed and be tested experi-
mentally.
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Featured Session 1: 20:45-22:00, Main room

Featured talk 1

Best Practices for Data Sharing in Computational Audiology:
How to Accelerate Discovery?

Roger Miller

It is widely believed that large repositories of shared scientific data will provide novel insights beyond vali-
dation of research results by independent groups, but how will the field of computational audiology realize
that goal? This talk will provide a brief overview of efforts from the National Institutes of Health (NIH) to
encourage widespread access to shared data, along with other advancements in data science, and accelerate
the discovery of insights that improve the lives of millions of people with communication disorders.
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Friday, July 1st 2022
Main session 2: 08:00-08:50, Main room

Keynote 3

Virtual Reality in hearing research:
Achievements and future challenges

Lorenzo Picinali

Virtual Reality (VR) has the potential to provide dynamic and immersive audio-visual experiences which
are at the same time very realistic and highly controllable. Several successful attempts have been made in
the past to create and validate VR versions of standard audiological tests, as well as to design and prototype
new assessment procedures and technologies in order to obtain more meaningful and ecologically-valid data.
Similarly, work has been done looking at hearing training, therefore at improving perceptual skills in tasks
such as speech understanding and sound sources localisation. Despite the potential of these approaches,
several challenges are still open, and several others have not yet been tackled.

Keynote 4

Deep machine learning in audiology:
Models of perception and automated listening tests

Bernd T. Meyer (Communication Acoustics, Carl von Ossietzky Universität,
Oldenburg, Germany)

In this talk, I will provide two examples how deep learning can be exploited in the context of audiology.
First, models of speech perception will be introduced that aim at predicting speech intelligibility by using
techniques from current speech technology. Second, automatic speech recognition is presented as a tool
for conducting hearing tests. In a clinical setting, listeners’ responses are usually collected by a human
supervisor, which is time-consuming and expensive. I will show results for speech audiometry using an
automatic system in the clinic and briefly introduce an Alexa skill for performing a screening procedure at
home.
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Special Session 3: 09:05-10:35, Room A

Machine Learning Challenges to Improve Hearing Devices

Chairs: Jon Barker1, Trevor Cox2, Annamaria Mesaros3, Zehai Tu1

1 University of Sheffield, UK
2 University of Salford, UK
3 Tampere University

Advances in machine learning have led to rapid and sustained improvements in the performance of many
speech and audio processing applications (speech synthesis, speech recognition, speech enhancement, acous-
tic scene classification etc). The speed of recent progress in these fields has been in part due to the adoption
of ’challenges’ - open, shared tasks that use standardised training and evaluation datasets. Such challenges
have allowed systems to be fairly compared across global research communities. Running these as an ongo-
ing series with increasingly complex scenarios, builds research communities and directs the evolution of the
state-of-the-art (e.g. Blizzard for Speech synthesis, Aurora/NIST/CHiME for speech recognition, DCASE
for environmental audio processing etc).

In this special session, we will consider how the ’community-driven’ challenge approach might be applied
to hearing device signal processing. The session will be a mix of presentations and discussions. We will
first explain how the challenge methodology has been applied in other audio processing areas. We will then
showcase three specific projects: i) Clarity: addressing speech-in-noise intelligibility for hearing aid users;
ii) Cadenza: music listening for users with a hearing loss; iii) DCASE: a challenge series for environmental
audio processing with tasks that are highly relevant to hearing aids such as scene classification. In these
presentations we will highlight some of the difficulties of bringing the challenge methodology to the hearing
aid domain, e.g., the multi-disciplinary nature of the domain; designing tasks that are relevant in real
listening situations; evaluating challenge systems with real individuals with hearing loss; and modelling the
processing constraints of real hearing devices. We will also discuss problems specific to applying machine
learning in the hearing aid domain, e.g. the difficulty of defining perceptually-relevant learning objectives;
dealing with listener individuality; and the dangers of severe overfitting due to the scarcity of labelled data.
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Special Session 4: 09:05-10:35, Room B

Virtual reality for hearing research and auditory modeling in
realistic environments

Chairs: Axel Ahrens, Maartje Hendrikse, Lorenzo Picinali

Lubos Hladek and Bernhard Seeber: Behavior during free conversations in a realistic audio-
visual simulation of an underground station.
Body movements play a critical role in face-to-face communication. The current research investigates the
influence of position of noise sources on the behaviour of three standing participants holding a free conver-
sation. The triadic conversations that took place in a virtual underground station created in the real-time
Simulated Open Field Environment with precisely controlled acoustics and visual stimuli. We hypothesize
that people adapt to changes in spatial configuration of the acoustic scene and analyze movement patterns
for compensatory or adaptive behavioural responses which improve communication in adverse acoustic con-
ditions, like changes in inter-personal distance, position and speaking and listening times.

Maartje Hendrikse: Improving hearing device fitting with virtual reality
Fitting of hearing aids and cochlear implants usually takes place in a relatively quiet fitting room, whereas
hearing devices are most needed in noisy and reverberant situations in daily life. This mismatch may lead
to inefficiency and suboptimal settings. Using virtual reality technology, listening situations from daily life
can be simulated in the clinic. This way, the patient and audiologist can try out adjustments together in
relevant situations, which may lead to a better fit. This talk discusses the development and validation of
virtual environments that can be used for fitting in the clinic.

Merle Gerken: Speech Recognition Predictions in Complex Auditory Environments for Lis-
teners with Hearing Impairment
It is of increasing interest to investigate speech recognition in complex scenarios. Contrary to setups with
only one noise source, this enables more ecologically valid investigations. In addition to time- consuming
subjective measurements, model predictions may provide a meaningful approximation of speech recognition
performance. The Toolbox for Acoustic Scene Creation and Rendering was used to render acoustic scenes
in a virtual living room with varying number of noise sources. Based on this, speech recognition thresh-
olds were simulated with the Framework for Auditory Discrimination Experiments. Listeners with varying
degree of hearing impairment were modeled by varying the amount of attenuation and supra-threshold
distortion.

Abigail Anne Kressner: Towards better predictions of speech intelligibility in cochlear im-
plant recipients
Several objective measures have been proposed for the prediction of speech intelligibility in cochlear implant
(CI) recipients. Majority of these objective measures have been evaluated with either data from vocoder
simulations tested on normal-hearing listeners or with data from a single CI study. Moreover, this data
tends to originate from highly controlled laboratory experiments which often lack ecological validity. To
investigate the generalizability of existing measures across CI listener studies, we have aggregated a dataset
comprising listener-specific CI results from six independent clinical studies ranging in focus from noise re-
duction and beamforming to reverberation. The studies vary in the degree of ecological validity, with some
that used direct acoustic stimulation, some that employed binaural room impulse responses, and others
that employed loudspeaker-based virtual sound environments. Evaluations with this dataset will facilitate
the relative predictive abilities of existing objective measures and provide a basis for further development
of objective measures accounting for CI speech intelligibility.
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Special Session 4

Thibault Vicente
Understanding speech amongst other competing sources is a challenging situation. When the sources are
spatially separated the auditory system is able to improve intelligibility by using two auditory mechanisms,
better-ear listening and binaural unmasking. However, the benefits of these mechanisms are degraded by
hearing impairment. The presentation will give an overview of a binaural model predicting speech intel-
ligibility for normal-hearing and hearing-impaired listeners. The proposed model successfully predicted
intelligibility scores of 4 experiments gathering 38 conditions using the listener’s audiogram and a time-
frequency analysis of the signals to compute the better-ear listening and binaural unmasking advantages
thus predicting intelligibility.
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Session 5: 10:50-11:50, Room A

Speech recognition and listening effort of synthetic everyday sentences

Saskia Ibelings (Institute of Hearing Technology and Audiology, Jade University of Applied Sciences, Old-
enburg )*; Thomas Brand (University of Oldenburg); Inga Holube (Institute of Hearing Technology and
Audiology, Jade University of Applied Sciences, Oldenburg)
*saskia.ibelings@jade-hs.de

Background: The development and production of speech recognition tests recorded with real speakers is
time-consuming. An essential factor in the development process is the optimisation of the recordings. One
way to reduce the effort is to use Text-To-Speech (TTS) systems.
Methods: The German Göttingen Sentence Test (GÖSA) [1], which consists of meaningful sentences, was
synthesised using a TTS system based on deep neural networks. Both, a female and a male speaker, were
used. At three fixed Signal-to-Noise Ratios (SNR), speech recognition and listening effort were determined.
The Verbal Response Time (VRT, time delay between sentence offset and response onset) was used as
a measure of listening effort. Due to the Covid-19 pandemic, the study was conducted online using the
platform Gorilla Experiment Builder (https://gorilla.sc).
Results: The synthetic speech resulted in significantly improved speech recognition scores compared to the
original (natural) speech independent of the speaker (p ¡ 0.001). The Speech Recognition Thresholds for a
speech recognition score of 50% (SRT) differed by about 1.2 dB SNR (original: -6.5 dB SNR, synthesised:
-7.7 dB SNR). Lower SNR values resulted in an increase in VRT values for both the natural speaker and
the synthetic speakers indicating an increase in listening effort. Differences in the speech material were,
however, not significant (p = 0.698).
Conclusion: TTS systems can reduce the required time for developing new speech material. The syntheti-
cally generated GÖSA resulted in higher speech recognition scores than the original GÖSA. Furthermore,
listening effort for synthetic speech was comparable to that for natural speech. In summary, TTS systems
can be used for speech recognition tests in audiology.
[1] Kollmeier, B., & Wesselkamp, M. (1997). Development and evaluation of a German sentence test for
objective and subjective speech intelligibility assessment. The Journal of the Acoustical Society of America,
102(4), 2412-2421
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INFLUENCE OF CROSS MODALITY TESTING ON AUDITORY WORK-
ING MEMORY IN SCHOOL GOING CHILDREN

Sumokshi Tiwari (All India Institute of Speech and Hearing)*; Vasuki Dattakumar (All India Institute of
Speech and Hearing); K.V. NISHA (All india institute of speech and hearing, mysore); Prashanth Prabhu
(All India Institute of Speech and Hearing)
*sumokshitiwari@gmail.com

Background: Auditory & visual cognition are high-level processes that operate on incoming stimulation to
attend, select, extract meaningful information, perceive & locate sources. Explorations of modality specific
processing in simple and complex working memory (cognitive) tasks in school going children will answer
questions related to dominant modalities and its impact on cognition. This study aims to compare auditory
and visual cognitive skills in school going children.
Method: 20 school going normal children in the age range of 10-15 Years (Mean: 12.8; SD: 1.67) were tested
using Smriti-Shravan software to compare auditory and visual cognition. Forward, backward digit span,
and 2-back working memory tests were performed in auditory and visual modes. Statistical calculation was
done through SPSS and graphical presentation using PRISM.
Result: Shapiro Wilks normality test revealed normal data distribution (p¿0.05) for all tests. Data analysis
with MANOVA revealed a significant main effect of modality of testing [F(5,95)= 101.29, p ¡0.001]. Post-
hoc Paired t-test showed significantly better performance of children for 2-Back in visual compared to
auditory mode [t(19)=20.66, p¡0.001), as shown in Figure 1. Performance of children in auditory and
visual modalities for forward [t(19)=1.94, p¿0.05) and backward [t(19)=1.89, p¿0.05) tests were similar.
Previous studies reported that auditory and visual representations undergo similar transformations while
they are encoded & retrieved, when cognitive load is less (Visscher, 2007). As cognitive load increases,
modality-specific advantages emerge. In our case, performance of children in 2-back task visual mode was
significantly better (p¡0.05) than auditory mode.
Conclusion: Emergence of cross-modality influence on complex working memory tasks highlight the im-
portance of using task-sensitive measures for assessing cognitive skills in typically developing school-aged
children in general, and clinical population in particular.
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Effects of Maturation and Gender on Auditory Spatial and Working Memory
Abilities in Typically Developing Children

Syeda Aisha (All India Institute of Speech and Hearing)*; K.V. NISHA (All india institute of speech and
hearing, mysore); Chandni Jain (All India Institute of Speech and Hearing)
*aisha.sphg.22@gmail.com

Background: Auditory spatial perception is an interplay of acoustic (interaural time difference: ITD,
interaural level difference: ILD and spectral cues) and cognitive (eg. attention) factors. The current study
investigated the effect of maturation and gender on auditory spatial perception and auditory working
memory, and the association between them (if any) in school-going children.
Methods: Participants included thirty-nine (19 females & 20 males) normal-hearing children in the age
range of 6-15 years, divided into three groups: group 1 (mean age: 7.1, SD: 0.72; n=11), group 2 (mean
age: 10.2, SD: 0.8; n=18), group 3 (mean age: 13.5, SD: 1.3; n=10). Test of spatial resolution (ITD and
ILD thresholds) and auditory working memory (forward and backward digit span, and 2-back digit) was
administered on all the participants.
Results: Kruskal-Wallis indicated main effect of age on spatial resolution and auditory working memory
with median of lower age groups being significantly poorer (p¡0.05) than the higher age groups. Bonferroni
adjusted pairwise comparison indicated that group 2 and 3 performed similarly on the forward span, 2-back,
and ILD tasks, whose performance was significantly better than group1 (p¡ 0.001). Group 3 had significantly
better ITD (p=0.04) and backward span (p=0.02) scores than group 2. A significant correlation between
performance on working memory tasks and spatial resolution thresholds was also found. This finding can
be attributed to the influence of auditory attention (a process of working memory) on spatial resolution
(Sutcliffe et al., 2006). There was no significant difference between the genders in any of the tests.
Conclusions: The study showed that the ILD thresholds and auditory cognition tasks like forward span
and 2-back matured earlier between the age of 9-11y. Also, the ITD thresholds and the backward span
continue to mature beyond 11y.
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Spatial acuity and its relationship with innate musical abilities

Sushmitha S Upadhya (All India Institute of Speech and Hearing )*; Rohit Bhattacharyya (AIISH); Ritwik
Jargar (All India Institute of Speech and Hearing); Sandeep Kumar (All India Institute of Speech and
Hearing); K.V. NISHA (All india institute of speech and hearing, mysore)
*sushmithaupadhya07@gmail.com

ABSTRACT Background – Any skill development including musical abilities is known to improve with
nurture, with underlying innate abilities playing a significant role. Studies have examined the difference
in spatial abilities between musicians and non-musicians. However, whether spatial acuity changes with
musical aptitude is yet to be explored. This study examines whether innate musical aptitude influences
spatial abilities.
Method – Forty non-musicians (18-25 years) were divided into Group I and Group II based on their
music aptitude scores from Mini profile of music perception skills (Mini-PROMS). Group I consisted of 20
participants (mean age: 21.65±1.59) who scored ¡18 on Mini-Proms (mean score: 15.22±1.65). Group II
consisted of 20 participants (mean age: 22.5±1.84) who scored ¿18 on Mini-Proms (mean score: 19.9±1.82).
Spatial processing [virtual auditory space identification (VASI) test], binaural processing tests [Interaural
level difference (ILD) and interaural time difference (ITD)] and Cognitive tests (2-back and forward span
tests) were administered.
Results - The results of parametric Multivariate analysis of variance (MANOVA) and non-parametric
Mann-Whitney U test showed that individuals with musical aptitude had significantly higher VASI scores
[F(1,38)=7.79, p=0.008, partial n2=0.17], lower ILD [F(1,38)=5.020, p=0.031, partial n2=0.117] and lower
ITD [/z/=2.30, p=0.021, r=0.05] compared to those without musical aptitude. However, results for the
cognitive tests showed no group differences (p¿0.05). The study’s findings can be viewed as an extension to
Bhoomika and Nisha (2021), where positive influence of musical training in spatial skills was demonstrated.
This advantage can also be extended to the innate musical abilities.
Conclusion - Better spatial acuity among Group II suggests plausible benefits from innate musical ability.
Future investigations can compare the nature v/s nurture effects on spatial acuity on formally trained
musicians.
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Comparison of subjective performance and acoustic evaluation of hearing aid
processed chimeric sentences

Udhayakumar Ravirose (SRM Medical College Hospital and Research Centre, SRM Institute of Science
and Technology, Chennai); Sridhar Sampath (All India Institute of Speech and Hearing, Mysuru)*; Devi
Neelamegarajan (All India Institute of Speech and Hearing, Mysuru )
*sridharsampath102@gmail.com

Background: Temporal envelope cues are essential for speech perception. Perception might vary depending
on the compression characteristics and the number of processing channels in hearing aids. So, it is essential
to understand these effects on the perception of these cues. Acoustic measures are objective correlates of
speech intelligibility which do not require subjective participation. Perceptual evaluation of speech quality
(PESQ), Waveform Amplitude Distribution Analysis-Signal to noise ratio (WADA-SNR) and Envelope
Difference Index (EDI are commonly used objective acoustic measures to assess speech perception. The
current study compares the subjective performance of envelope cues and acoustic analysis: across different
frequency bands; syllabic and dual compression; between 8 channel and 16 channel hearing aids, using
hearing aid processed Kannada and Malayalam chimeric sentences.
Methods: Kannada and Malayalam chimaeras were prepared through Hilbert transformation (Figure 1)
and processed with 8 and 16 channel hearing aids in syllabic and dual compression programs. 30 native
speakers of Kannada and Malayam identified the chimeric sentences. The MATLAB code was used for
objective acoustic analysis(PESQ, WADA-SNR & EDI) of the chimaeras.
Results: Subjective evaluation showed a positive effect on no. of frequency bands and no. of hearing
aid channels but not compression system. Increased frequency bands in chimaeras and higher processing
channels in hearing aids yield a better perception of envelope cues. These results were on par with the
acoustic evaluation, where WADA-SNR and EDI improved with the number of frequency bands in chimaeras
and higher processing channels in hearing aids. PESQ showed that the quality of chimaeras doesn’t affect
their perception
Conclusion: Subjective evaluation of speech perception shows the importance of envelope cues and advan-
tages of higher hearing aid processing channels. Acoustic evaluation complements these findings
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Session 6: 10:50-11:50, Room B

The role of temporal coding in everyday hearing: evidence from machine learn-
ing

Mark R Saddler (MIT)*; Josh McDermott (Massachusetts Institute of Technology)
*msaddler@mit.edu

Background: The auditory nerve encodes sound with spike-timing that is phase locked to the fine-grained
temporal structure of sound. The role of this precise temporal coding in hearing remains controversial
because physiological mechanisms for extracting this information have proven elusive. We investigated the
role of auditory nerve phase-locking with machine learning models optimized to perform a range of natural
tasks using different types of simulated cochleae, asking whether phase-locking in a model’s cochlear input
was necessary to obtain human-like behavior.
Methods: We trained deep artificial neural networks to recognize and localize words, voices, and environ-
mental sounds using simulated auditory nerve representations of naturalistic auditory scenes. We manip-
ulated the upper limit of phase locking via the lowpass cutoff in simulated inner hair cells and measured
the effect on task performance in different acoustic conditions.
Results: Models optimized with high-frequency phase-locking replicated human robustness to sound level
and background noise. Degrading phase-locking impaired performance, but much more so on some tasks
than others, impairing voice recognition and sound localization while leaving word and environmental sound
recognition largely intact.
Conclusions: The results suggest auditory nerve phase locking is critical for accurate sound localization, for
voice recognition in noise, and for level-invariant hearing. These findings may clarify conditions in which
prostheses that fail to restore high-fidelity temporal coding (e.g., contemporary cochlear implants) should
and should not be expected to restore near-normal hearing. Our models illustrate the utility of supervised
machine learning for linking aspects of peripheral coding to real-world perceptual behavior.
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Distributed virtual reality for hearing research

Giso Grimm (Universität Oldenburg)*; Hendrik Kayser (Carl von Ossietzky University Oldenburg); Volker
Hohmann (Carl von Ossietzky University of Oldenburg)
*g.grimm@uni-oldenburg.de

Background Interactivity is an important factor in daily-life acoustic communication, e.g., in group conver-
sations. Interactive communication is therefore increasingly investigated by creating interactive experiments
in the lab or in the field, performing a combined analysis of each participant’s communication and motion
behavior. Conducting such experiments remotely, however, is not possible using common video conferencing
systems due to the large system delay and the lack of a spatial representation of sounds.
Methods We demonstrate a system for distributed simulation of interactive virtual acoustics that can
connect several interlocutors in a group via the Internet. Audio signals are exchanged between participants
in high quality and very short latency. At each participant site, an individual virtual acoustic scene with
a physical modeling of the sound field is generated based on the low-delay real-time acoustic simulation
software TASCAR. Head movements can be tracked and used for binaural rendering locally in the own
system as well as for dynamic simulation of the radiation directivity for all other participants. In addition,
other bio-sensors, such as electrooculography, can be read out and fed into a central data logging system.
Groups are managed via a web interface that allows to arrange participants in the virtual acoustic space.
Results Latencies achieved for transmission of audio and other data between participants range from 20ms
for a local network connection to about 100ms for intercontinental connections, which is well below those
of standard video conferencing systems.
Conclusions This paper explains the components of the system and demonstrates an application that
measures head and eye movements of participants performing a distributed group conversation. Networked
low-delay audio with interactive distributed virtual acoustic rendering is likely to be important for remote
applications in hearing research including factors like self-motion.
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Spatial acuity assessment techniques in real and closed field: A Comparative
study

Sridhar Sampath (All India Institute of Speech and Hearing, Mysuru)*; Syeda Aisha (All India Institute of
Speech and Hearing); K.V. NISHA (All india institute of speech and hearing, mysore); Devi Neelamegarajan
(All India Institute of Speech and Hearing, Mysuru)
*sridharsampath102@gmail.com

Background: Localization setup in a free-field environment to assess spatial acuity, closely represent a real-
world situation but is impractical in certain situations. Virtual techniques like The Virtual auditory space
identification (VASI) test, to assess spatial acuity as an alternative to traditional free-field localization
setup is crucial, as it promises lesser cost and unsophisticated infrastructure. VASI synthesises azimuths
and assesses spatial acuity using virtual sources in a closed field. A comparison of the two techniques can
enable to establish the efficacy of the testing paradigms.
Method: Participants in this study included twenty-five normal-hearing individuals (Mean age: 21; SD:
3.26 y). All the participants underwent spatial acuity assessment using two paradigms; i) localization test
(in free field as shown in figure 1a) ii) VASI test (in closed field under headphones as shown in figure 1b).
The accuracy scores at each location, overall accuracy score and error rate were computed using MATLAB
script.
Results: Wilcoxon signed rank test showed that the accuracy scores (in percentiles) at various locations (0◦,
Right 45◦, Right 90◦, Right 135◦, 180◦, Left 45◦, Left 90◦, Left 135◦) and the overall accuracy scores (in
percentiles) using the free-field paradigm were not significantly different from closed-field (VASI) paradigm
(see figure 1c). Further, various spatial acuity errors including within hemifield errors (Right & left), across
Hemifield errors, Front-back and back-front errors were also not significantly different between the testing
paradigms (see figure 1c). Spearman’s rank correlation revealed a mild-moderate correlation of the various
accuracy and error parameters.
Conclusion: It is evident from the current study that testing in closed-field (VASI) yields similar results
to testing in free-field (Localization), for widely spaced spatial locations. Based on these findings we
recommend the use of VASI as its portable and ease of usage.
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Development of an adaptive test of musical scene analysis ability

Robin Hake (University of Oldenburg )*; Michel Bürgel ( University of Oldenburg); Daniel Müllensiefen
(Goldsmiths); Kai Siedenburg (Department of Medical Physics and Acoustics, Carl von Ossietzky University
of Oldenburg)
*robin.hake@uni-oldenburg.de

Background A critical aspect of music perception is the ability of the auditory system to organize the
acoustic world into coherent events and streams – a process known as auditory scene analysis. Even
though music psychology has long acknowledged the fundamental role of ASA in shaping music perception,
no standardized test to precisely quantify listeners’ ASA ability in realistic musical scenarios has been
published yet.
Methods A new adaptive and ecologically valid test was developed, suitable for measuring ASA abilities in
the context of music for both normal hearing (NH) and hearing impaired (HI) individuals. A 2AFC-task
required participants to decide whether the single target instrument was part of a 2-sec mixture. In order
to tailor the test’s level of difficulty to participants with different abilities, the excerpts varied in terms of
(A) the choice of target instrument, (B) the number of instruments in the mixture, and (C) the level-ratio
of the target in comparison with the mixture.
Results For two online experiments, 525 NH and 125 HI listeners (µ =31 years, SD = 14.3, range = 18-82)
were recruited. Thereby, the (C) level ratio (F(3,590) = 85.93, p ¡ .001,η2 = .29), the (A) choice of target
instrument (F(3,472) = 34.89, p ¡ .001, η2 = .18), and the (B) number of instruments in the mixture
(F(3,236) = 19.47, p ¡ .001,η2 = .07) found to be suitable factors to discriminate between the abilities of
the individuals. On the basis of a Bayesian item response theory model, an adaptive version of the MSA
test was developed, which is now freely available within the software environment R.
Conclusion In the course of a supplementary in-lab study, the final adaptive version of the MSA will be
validated in comparison with other measurement instruments. The MSA will provide an efficient tool for
evaluating ASA performances in the context of music for individuals with a broad dispositional spectrum,
which will contribute to a better understanding of the nature of ASA.
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Session 7: 10:50-11:50, Room C

Assessment of audio quality and measurement environment for online research

Jule Pohlhausen (Institute of Hearing Technology and Audiology, Jade University of Applied Sciences,
Oldenburg)*; Inga Holube (Institute of Hearing Technology and Audiology, Jade University of Applied
Sciences, Oldenburg); Joerg Bitzer (Institute of Hearing Technology and Audiology, Jade University of
Applied Sciences, Oldenburg)
*jule.pohlhausen@jade-hs.de

Background: Nowadays, conducting online measurements to reach participants at home plays an important
role both in hearing diagnostics and research. However, measurement environments and the recording
devices vary individually and can neither be documented nor controlled. Hence, non-intrusive, i.e., without
a reference signal, low-complex quality measures are needed to ensure a required level of recording quality.
This contribution aims at implementing a real-time web-based pre-test to decide whether the audio quality
and measurement environment are suitable to conduct online measurements.
Methods: In an online study, 49 German volunteers from 2 different groups (with and without device-
dependent signal processing like noise reduction or echo cancellation) recorded background sounds, speech
and handclaps. The task was performed in an environment as quiet as possible and an artificially noisy
environment (e.g., by using a vacuum cleaner, music, or radio news as background noise). In total 294
recordings of approx. 10 s each were analyzed with regard to the degrading factors clipping, background
level, and reverberation. These data were used to develop algorithms to detect or estimate the level of the
degrading factors.
Results: The estimation of the dynamic range, a clipping-coefficient, and the averaged estimation of the
reverberation time showed a high predictive value of quality impairments. Some recordings with signal
processing led to strongly reduced background sounds and artefacts in the desired signal. Threshold values
for the quality measures can be adjusted depending on the application.
Conclusion: The developed non-intrusive quality measures are capable of assessing the audio quality and
environment as a real-time web-based pre-test. It is recommended to record the signal without signal
processing to achieve reliable assessments. The easy-to-use methods can improve further online research
by preventing unsuitable environments or audio quality.
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Predicting speech-in-speech recognition using a computational glimpsing model

Peter A Wasiuk (Case Western Reserve University)*; Emily Buss (University of North Carolina at Chapel
Hill); Lauren Calandruccio (Case Western Reserve University)
*paw70@case.edu

Background: Speech-in-speech recognition can be challenging, and individuals vary considerably in their
ability to accomplish this complex auditory-cognitive task. Variability can be due to listener factors, such
as hearing status and cognitive abilities, or due to differences in the glimpsed audibility of the target
speech. This session will explore the efficacy of a novel experimental framework and modeling approach
for quantifying the effects of glimpsed audibility, target/masker difference cues, and cognitive variables on
speech-in-speech recognition.
Methods: Two experiments were conducted to evaluate the effects of glimpsed audibility, target/masker
difference cues, and cognitive variables on speech-in-speech recognition. Listeners were young adults with
normal hearing. Speech recognition was measured in two stages in each condition (SRT and fixed-SNR
keyword recognition). Participants completed a battery of cognitive measures related to masked-speech
recognition. The proportion of audible glimpses available in each keyword stimulus was quantified using a
computational model.
Results: Results demonstrated that speech-in-speech recognition depends critically on the proportion of
audible glimpses available in the keyword mixture, even across stimuli presented at the same global SNR.
Glimpsed audibility requirements for successful speech recognition varied systematically as a function of
informational masking (IM). Listeners required a greater proportion of audible glimpses to recognize speech
on trials with higher degrees of IM. In conditions with a strong difference cue between the target and masker
speech, less glimpsed audibility was needed for accurate recognition.
Conclusions: Speech-in-speech recognition is reliant upon glimpsed audibility, and this effect interacts with
the IM present in the listening situation. These data provide evidence for the effectiveness of a novel
framework for quantifying the factors that predict speech-in-speech recognition.
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Simulating Binaural Speech Recognition Thresholds of Hearing-Impaired Lis-
teners

Theresa Jansen (Hörzentrum Oldenburg gGmbH)*; David Hülsmeier (Medical Physics Group and Cluster
of Excellence Hearing4All, Carl von Ossietzky Universität Oldenburg); Dirk Oetting (Hörzentrum Olden-
burg gGmbH); Anna Warzybok (Medical Physics Group and Cluster of Excellence Hearing4All, Carl von
Ossietzky Universität Oldenburg)
*jansen@hz-ol.de

Background: Speech intelligibility (SI) is an important dimension in hearing diagnostics. Binaural SI mod-
els help understand factors causing an individual hearing loss. This knowledge can be beneficial for fitting
hearing aids.
Method: The Framework for Auditory Discrimination Experiments (FADE) was employed to predict in-
dividual binaural speech recognition thresholds (SRTs) of unaided hearing-impaired listeners in two con-
ditions: S0N0 and S0N90. FADE uses methods of machine learning. The model can account for binaural
hearing in two ways: 1. better-ear-listening (FADE-ABEL), 2. better-ear-listening extended by a simple
binaural processing stage (FADE-KAIN). The implementation of hearing loss is based on Plomp’s ”Atten-
uation” (A) and the ”Distortion” (D) component. The individual A-comp. was implemented using the
listener’s audiogram. The individual D-comp. was implemented as a supra-threshold level uncertainty
based on the listener’s SRT in S0N0. Additionally, a standard D-comp. (D=1 dB) was implemented with
an individual audiogram. Empirical SRTs for the Göttingen Sentence Test were used to validate model
predictions.
Results: In S0N0, simulations with only an individual A-comp. showed similar SRTs for all listeners,
indicating the small impact of the audiogram on SI. For individual A- and D-comp. predictions corresponded
well to empirical SRTs (R2=0.51, RMSE=1.6 dB). In S0N90, only a weak correlation was observed between
empirical and modelled SRTs for both FADE versions. For FADE-KAIN the individual D-comp. led to
an SRT increase for all listeners, but the accuracy of the predictions did not improve. For FADE-ABEL
simulated SRTs were similar for D=1 and the individualized D-comp.
Conclusion: The models FADE-KAIN and FADE-ABEL with an individual D-comp. are suitable to predict
individual binaural SRTs in S0N0. In S0N90, the variability across listeners cannot be simulated sufficiently,
indicating the need for an improved binaural processing stage of the model.
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Objective Speech Intelligibility and Quality Measures as Tools for Optimizing
Hearing Aid Performance in Sloping Hearing Loss

Shubhaganga Dhrruvakumar (All India Institute of Speech and Hearing)*; K.V. NISHA (All india institute
of speech and hearing, mysore); Devi N (All India Institute of Speech and Hearing); Vikram Arasuraj (All
India Institute of Speech and Hearing); Rashmi E (All India Institute of Speech and Hearing)
*dshubhaganga94@gmail.com

Background: The majority of individuals with sloping hearing loss are dissatisfied with the hearing aids
(HA’s) due to abnormal perception of one’s voice due to poor fitting. Acoustical modifications such as
increasing the vent size in the ear mould improve the intelligibility and quality of speech through HA,
especially in individuals with sloping hearing loss. The present attempt to optimize HA performance using
objective speech intelligibility and quality measures for sloping hearing loss.
Methods: Ten sentences at 65 dB SPL were routed to the loudspeaker placed at 0º azimuth to the BTE and
RIC HAs programmed (NAL-NL 1) for moderate gradually sloping hearing loss. The HAs were placed on
the KEMAR. The recordings were carried out for various vent sizes for BTE and domes for RIC HA’s, and
the output was subjected to objective analysis to derive Speech Intelligibility Index (SII). Additionally, the
MATLAB functions Hearing-Aid Speech Perception Index (HASPI) version 2 and the Hearing-Aid Speech
Quality Index (HASQI) version 2 were run, which provided the HA speech perception index and sound
quality index. In addition, subjective ratings using a 5-point rating scale were also done.
Results: The comparisons were made across various acoustical modifications of HA processed speech using
both objective and subjective measures. A significant effect was obtained for the acoustic modifications on
SII and HASPI, but not for HASQI. The ’no vent’ condition had significantly poorer SII and HASPI than
all the other conditions. Further, no significant difference was found in terms of perception across various
acoustic modifications during subjective analysis.
Conclusion: The findings from the present study confirm the utility of objective measures in optimizing
the HA performance in sloping hearing loss cases, where perceptual differences in sound quality are often
less appreciated, although individuals present persistent complaints of poor speech intelligibility.

51



A computational model to simulate spectral modulation and speech perception
experiments of cochlear implant users

Franklin Y Alvarez Cardinale (Medizinische Hochschule Hannover)*; Daniel Kipping (Hannover Medical
School (MHH)); Waldo Nogueira (Medical University Hannover, Cluster of Excellence Hearing4all)
*alvarez.franklin@mh-hannover.de

Cochlear implants (CIs) are devices capable of recovering the sense of hearing in people with severe sen-
sorineural hearing loss. These devices stimulate auditory nerve fibers (ANFs) with electrical pulses using
and electrode array inserted in the cochlea. The principal goal of a CI is to provide speech understanding
to the user, however, there is a high inter subject variability in performance. An important part of this
variability may be attributed to different degrees of neural degeneration among CI users. Because it is not
possible to measure neural health conditions in vivo, a computational model is presented with a front-end
consisting of: i) a processing stage with a CI sound coding strategy; ii) a three-dimensional electrode-nerve
interface that accounts for ANF degeneration; iii) a population of phenomenological ANF models; iv) and
a feature extractor algorithm to obtain the internal representation (IR) of the neural activity. As the
back-end, the simulation framework for auditory discrimination experiments (FADE) was used. Two psy-
choacoustic experiments relevant to speech understanding were performed with the computational model.
The first related to the detection of spectral modulation in a noise stimulus, and the second measuring the
intelligibility of speech in noise. The experiments included three different neural health conditions. The
results in speech perception experiments indicated that performance with CI sound coding strategies with
simultaneous stimulation, were more affected by the ANF degeneration than the CI sound coding strategy
sequential stimulation. spectral modulation experiment results were inconclusive, nevertheless, it may be
explained by factors in the IR and the prediction algorithm based on hidden Markov model (HMM) imple-
mented in FADE. In future, the proposed computational model could help to assess effects of sound coding
strategy or peripheral neural health on the performance of CI users in various psychoacoustic experiments.
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Session 8: 10:50-11:50, Room D

Psychological profiling in a Virtual Hearing Clinic

Giulia Angonese (University of Oldenburg)*; Inka Kuhlmann (University of Oldenburg); Birger Kollmeier
(University of Oldenburg); Mareike Buhl (University of Oldenburg); Andrea Hildebrandt (University of
Oldenburg)
*giulia.angonese@uni-oldenburg.de

Background: Mobile health solutions aim at reducing the impact of hearing loss by means of efficient
applications to achieve “hearing for all”. The Hearing4all Cluster of Excellence is conducting basic research
toward the development of a Virtual Hearing Clinic (VHC) to support decision-making processes in auditory
diagnostics. Within this framework, the present project aims at characterizing individuals who are more
or less prone to seek professional help after the diagnostic use of a VHC.
Methods: N=115 (62 females) non-aided individuals with subjective hearing loss, aged between 47-78 years
(M=63.8, SD=6.6), first completed a comprehensive online assessment of psychological traits that were
previously found to predict hearing aid uptake. A two-weeks ecological momentary assessment followed,
with daily reports of affect and objective measures of hearing performance, for which participants received
daily feedback. Motivation and readiness to seek professional help have been assessed as outcome variables.
The survey and the summarized intense longitudinal data have been fed into Näıve Bayes, Support Vectors
and Random Forests classifiers to predict help-seeking.
Results: Random Forest trained on up-sampled data outperformed competing models with respect to
classification accuracy. Feature importance estimates guided the selection of relevant measures to be
included in a psychological profiling algorithm. Profiling of a hearing aid seeker in need requires knowledge
about perceived hearing handicap, attitude towards hearing aids, personality, mood and locus of control.
The study further revealed that repeated measurements of hearing ability with performance feedback should
be implemented.
Conclusion: The present study provides important contribution to the identification of individual factors
that predict help-seeking in individuals with perceived hearing difficulties. These findings will support the
design of targeted treatment recommendations for users of a VHC.
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Model-based comparability of speech tests – towards consistency of audiological
databases

Mareike Buhl (Medical Physics and Cluster of Excellence
”
Hearing4all“, Department of Medical Physics

and Acoustics, Carl von Ossietzky Universität Oldenburg, Germany)*; Kristina Richardt (Medical Physics
and Cluster of Excellence

”
Hearing4all“, Department of Medical Physics and Acoustics, Carl von Ossietzky

Universität Oldenburg, Germany); Anna Warzybok (Universität Oldenburg); Birger Kollmeier (Medical
Physics and Cluster of Excellence

”
Hearing4all“, Department of Medical Physics and Acoustics, Carl von

Ossietzky Universität Oldenburg, Germany)
*mareike.buhl@uol.de

Background Audiological diagnostics builds upon audiological test batteries being measured for the patients.
Towards precision audiology, these data could be statistically exploited, e.g., in a clinical decision-support
system. However, consistent data across different clinical and research databases are required. For the
purpose of providing an abstract representation of audiological knowledge, being independent from the exact
choice of audiological tests, the Common Audiological Functional Parameters (CAFPAs) were introduced.
Regarding speech tests, so far only a link to the Goettingen sentence test, representing everyday German
sentences, was established. Therefore, the aim is to develop a framework for model-based comparability of
speech tests, which transforms SRTs in a given acoustic condition between speech tests.
Methods The concept is based on the speech intelligibility index and the Plomp model (audibility (A) and
distortion (D) component), which are combined to obtain a one-dimensional score (hearing loss index) for
the patients‘ hearing abilities. Within the framework, comprehensive reference model values for different
speech tests in different conditions will be available that enable clinical application. In a first step, these
reference model values were generated corresponding to data for three German speech tests (N=50), to
allow for a first plausibility check of the framework.
Results The obtained reference results provided plausible relationships depending on noise level, hearing
loss degree, and speech test.
Conclusion The present study provides a promising starting point for the development of a comprehensive
framework for model-based comparability of speech tests. Next, the reference data will be evaluated in the
context of this framework. The analysis could be extended to different languages, and will be linked to
CAFPAs by assessing the consistency of existing prediction methods and the model-based framework for
speech test comparability.
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Coupling of automatic speech recognition with speech audiometry testing

Gloria A Araiza Illan ( University Medical Center Groningen)*; Luke Meyer (University Medical Center
Groningen); Khiet Truong (University of Twente); Deniz Başkent (University Medical Center Groningen)
*g.a.araiza.illan@rug.nl

Background The digits-in-noise (DIN) test is widely used in the Netherlands to assess speech perception in
noise in two setups: 1) a clinician running the test and scoring the participant’s spoken responses, and 2)
the participant running the test online and manually entering the heard digits. The clinical setup requires
clinicians’ involvement, which can lead to work overload (e.g., with a shortage of clinical staff); whilst
the online version can be cognitively challenging (e.g., for some older people) requiring that the digits are
remembered, found and entered in the keypad. To offer support, we propose an alternative setup for the
DIN test: a laptop and an external microphone coupled with the speech recognition toolkit Kaldi-NL to
automatically run the test and score the participant’s responses. The aim is to reduce the clinicians’ work
load and the participant’s cognitive load, and to broaden the use of the test beyond the current setups;
e.g., for cases where the internet and/or clinicians are not available to run the test.
Method This study assesses the performance of Kaldi-NL for the automatic scoring of the DIN test. 30
normal-hearing (NH) native Dutch speaking adults completed the test with the proposed setup. Their
spoken responses were recorded and further used to manually compare them to the Kaldi-NL recognised
digits.
Results Kaldi-NL had 100% accuracy for 6 participants, whose data was then used to model the effect of
the inclusion of errors (responses not correctly recognised) from Kaldi-NL on the participant’s DIN score
(Fig.1). Bootstrap simulations showed that 4-6 errors result in a variation of less than 0.7 dB (known
within-subject DIN score variability for NH adults).
Conclusion On average, Kaldi-NL showed 3 errors for the other 24 participants, proving promising reliability
of the proposed DIN setup. Further work includes testing this setup with NH children and hard-of-hearing
individuals. We thank Cas Smits for sharing the DIN materials.
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Electrophysiological and pupillometric measures in monitoring auditory cortex
plasticity and listening effort after hearing aids fitting

Nancy Sotero (Santos Dumont Institute)*; Valeria Pereira (University of Braśılia); Isabelle Vasconcelos
(Federal University of Rio Grande do Norte); Emille Alves (Federal University of Rio Grande do Norte);
Thays Monteiro ( Federal University of Rio Grande do Norte); Danielly Miranda (Santos Dumont Institute);
Sheila Balen (Federal University of Rio Grande do Norte); Edgard Morya (Santos Dumont Institute)
*nancy.sotero@edu.isd.org.br

Background: Auditory cortex responses to the acoustic stimuli presentation can be assessed by several
methods, like long latency auditory evoked potential (LLAEP) with such as complex P1, N1 and P2 and
P300, a potential related to perception, discrimination and auditory recognition processes. Pupillometry
is a technique widely used to measure auditory effort, as the pupil diameter increases proportionally to the
complexity of the auditory task. This work aims to investigate the use of LLAEP with speech stimuli, in
both oddball paradigms, and pupillometry to assess changes in cortical plasticity and listening effort as a
result of auditory rehabilitation with hearing aids. This study will begin with the investigation of cortical
auditory evoked response of adults with normal hearing levels, and then will investigate those who use
hearing aids.
Methods: This is a cross-sectional, descriptive and quantitative study, aged 18 to 60 yo, both sexes,
with moderate to severe bilateral sensorineural hearing loss and normal hearing. The research will be
carried out at the Santos Dumont Institute, and will comprise the stages of recruitment, clinical interview,
auditory (audiometry, immitanciometry, otoacoustic emission and brainstem auditory evoked potential
through EEG) and visual (pupillometry) assessment. The latency, amplitude and morphology of the waves,
and the pupil diameter will be analyzed by comparing the values of mean, median, variance and standard
deviation.
Results and Conclusion: Thus, we seek to evaluate the neural plasticity of the auditory cortex, verifying
changes in the electrophysiological of the auditory cortex in different contexts, as well as changes in the pupil,
due to the use of hearing aids. It is also expected to validate the use of potentials as an objective assessment
in order to signal the gains obtained over time with the use of hearing aids in auditory rehabilitation.
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Developing a predictive model of adult hearing loss using self-reported out-
comes

William Whitmer (Hearing Sciences - Scottish Section)*; Polly Scutt (University of Nottingham)
*bill.whitmer@nottingham.ac.uk

Background. While there are options for the remote personalisation of hearing devices, even the most
efficient methods (e.g., the Van Tassell method) require the use of calibrated equipment. Here, we examine
how well self-reported hearing outcomes - ability, difficulty and handicap – on their own are diagnostic
predictors of adult hearing thresholds.
Methods. This analysis used data collected 2002-2009 of 1008 adults, aged 18-88 years, who underwent
complete audiometric testing as well as responded to three questionnaires: the Speech, Spatial and Qualities
of Hearing scale (SSQ), the Hearing Handicap Questionnaire (HHQ) and the Glasgow Hearing Aid Benefit
Profile (GHABP). Predictors were age, sex, the three subscales of the SSQ, the HHQ and the unaided
difficulty and handicap questions of the GHABP (averaged across situations). Stepwise regression was
used to model both better-ear pure-tone four-frequency average thresholds (BE4FA) as well as audiometric
categories based on the standard audiograms of IEC60118-15.
Results. A full model including all predictors fit the data reasonably well (BE4FA R2 = 0.63; audiogram
categorisation 52% accuracy) compared to previous results. A model consisting of only age and the GHABP
difficulty score performed nearly as well as the full model, whereas other predictor combinations (e.g., HHQ,
SSQ subscales) fared much worse based on Akaike information criteria. All models were limited in their
ability to predict the most severe hearing losses.
Conclusions. With subsequent validation, a small set of hearing difficulty questions could provide an
efficient means to help personalise remote hearing healthcare. By incorporating separate ability, difficulty
and handicap outcomes, the current analysis highlights, the importance of selecting the relevant domain to
the hearing diagnosis.
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Main Session 3: 11:50-12:45, Main room

Keynote 5

The music of silence: Investigating the predictive brain with
music and electrophysiology

Giovanni di Liberto

The human brain rapidly learns regularities of our sensory environment, helping us to predict and prepare
ourselves for future actions. Prediction mechanisms have an even more fundamental role, as they have
been shown to shape perception itself. While the impact of prediction on perception has been observed in a
myriad of scenarios, the underlying neural mechanisms remain under intense debate. One challenge is that
most investigations have been carried out with simple sensory stimuli and it remains unclear how those
findings apply to more complex and realistic scenarios. In this talk, I will discuss prediction mechanisms
in the context of music perception. I will describe my research framework to assess the neural tracking
of sounds with ecologically-valid stimuli and temporal response function analyses. Then, I will present a
series of recent EEG and ECoG results on music perception that provide a provocative perspective on the
role of predictions in auditory processing.
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