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ABSTRACT

Since the advent of Deep Learning (DL), Speech Enhancement (SE) models have performed well under a variety of noise

conditions. However, such systems may still introduce sonic artefacts, sound unnatural, and restrict the ability for a user

to hear ambient sound which may be of importance. Hearing Aid (HA) users may wish to customise their SE systems to

suit their personal preferences and day-to-day lifestyle. In this paper, we introduce a preference learning based SE (PLSE)

model for future multi-modal HAs that can contextually exploit audio information to improve listening comfort, based upon

the preferences of the user. The proposed system estimates the Signal-to-noise ratio (SNR) as a basic objective speech quality

measure which quantifies the relative amount of background noise present in speech, and directly correlates to the intelligibility

of the signal. Additionally, to provide contextual information we predict the acoustic scene in which the user is situated.

These tasks are achieved via a multi- task DL model, which surpasses the performance of inferring the acoustic scene or SNR

separately, by jointly leveraging a shared encoded feature space. These environmental inferences are exploited in a preference

elicitation framework, which linearly learns a set of predictive functions to determine the target SNR of an AV (Audio-Visual)

SE system. By greatly reducing noise in challenging listening conditions, and by novelly scaling the output of the SE model,

we are able to provide HA users with contextually individualised SE. Preliminary results suggest an improvement over the

non-individualised baseline model in some participants.

Index Terms— Audio-visual speech enhancement, hearing aids, individualisation, multi-modal processing.

1. INTRODUCTION

Speech enhancement (SE) models are typically evaluated by criteria that objectively measure both the speech quality and

intelligibility (i.e. PESQ, STOI). Ideally, when evaluating for specific application in HA’s, the performance of SE should be

benchmarked after modelling HA signal degradation and enhancement (i.e. HASQI, HASPI) [Kates and Arehart, 2022], as well

as computational complexity and it’s subsequent effect on latency of the end-to-end output signal transformation. Additionally,

whilst SE models may perform well on simulated, synthetic data, it is of critical importance to evaluate them in multi-channel,

realistic, audio-visual scenarios to test ecological efficacy.

However, the ideal SE model is not necessarily ‘one size fits all’. In established research, it has been posited that pref-

erence for the amount of Noise Reduction (NR) for various signal-to-noise ratios (SNRs) differs amongst hearing aid (HA)

users [Neher and Wagener, 2016]. Moreover, given the scientific description of the highly individualised and non-linear pathol-

ogy that constitutes hearing loss [Lesica, 2018, Moore et al., 2022, Fereczkowski et al., 2024], there have been relatively few

attempts to personalise modern, non-linear SE algorithms with respect to the hearing impaired listeners preferences. This gap

has been highlighted recently in [Andersen et al., 2021], describing the inferred best direction of future hearing aid research.

In this paper, we propose a framework for individualised AVSE, as shown in Fig. 1, that controls the output of DL-based

AV SE models according to the user preference of NR at different levels of background noise within various acoustic envi-



ronments. In the subjective evaluation section, Normal Hearing (NH) and Hearing Impaired (HI) participants are tested and

their preferences for NR, alongside the subsequent evaluation of the PLSE and baseline model, are analysed. We evaluate the

resultant noise and speech quality alongside the speech intelligibility from the PLSE in comparison to the noisy condition and

the baseline model. Simultaneously, by building on previous work [Kirton-Wingate et al., 2023], a multi-task DL-based SNR

estimation and Acoustic Scene Classification (ASC) model is designed to hierarchically model and predict the individualised

preference for AVSE, which builds a foundational system to provide PLSE in real test conditions. Once the user’s preference

function has been estimated after preference elicitation, we hypothesise that it can be utilised to achieve better overall listening

than using a static, ‘one-size-fits-all’ NR model in HA, without significantly impeding the intelligibility.

The rest of this paper as organised as follows: Section 2 reviews related work, Section 3 introduces our proposed PLSE

framework including the multi-task ASC & SNR prediction architecture, Section 4 introduces the experimental set up for the

subjective results from NH and HI participants presented in Section 5, and finally Section 6 presents a general discussion with

references to related literature, limitations of this study, concluding remarks and future work directions.

2. RELATED WORK

The following section describes related research in the following parts: Hearing Aid Personalisation, Speech Enhancement,

Performance Assessment & SNR Prediction, Acoustic Scene Classification and Multi-Task Learning.

2.1. Hearing Aid Personalisation

Within the HA personalisation literature there are many studies and models for fine-tuning, particularly in individualising the

parameters in digital multi-band dynamic range compression algorithms that exist in most modern HAs, initially set accord-

ing to prescriptions such as the clinical standard NAL-NL2 [Keidser et al., 2011, Casolani et al., 2024]. By further adjusting

the patient’s audiogram based prescription and/or compression parameters based on personal preference, we see a significant

increase in user satisfaction of the audio quality [Nielsen et al., 2013, Nielsen et al., 2014]. More recently, Drakopoulos et

al. [Drakopoulos and Verhulst, 2022] proposed to attempt to invert an individual auditory pathology by decreasing the error

between Normal Hearing (NH) and Hearing Impaired (HI) simulated auditory nerve responses using Deep Learning.

2.1.1. Individualised Speech Enhancement

In terms of individualised SE, Bhat et al. [Bhat et al., 2018] proposed a formant based SE framework to customise the noise sup-

pression and subsequent speech distortion according to the user preference elicited via a smartphone based elicitation system.

The model modulates the frequency domain formants to control the HA output based on user preferences whilst attempt-

ing to maintain speech intelligibility. Other studies have focused on personalising SE models with respect to the listener’s

preference by fine-tuning NR parameters [Bhat et al., 2018], or with respect to the audiogram via spectral change enhance-



ment [Chen et al., 2018]. However, these approaches do not utilise recent advances in Deep Learning technologies, which

have significantly improved intelligibity and quality over other approaches [Andersen et al., 2021] [Zheng et al., 2023] (most

frequently demonstrated by objective metrics such as PESQ and STOI). Moreover, the differential in preferences that are shown

for varying types of noise experienced in the real world (that are here treated as acoustic scenes), whilst accomodating for the

trade off between preference for noise level and naturalness [Brons et al., 2012, Kubiak et al., 2022], has not been explicitly

accounted for in adaptive DL based SE. Furthermore, rich feature embeddings that are gained from DL ASC models, have not

been investigated in confluence with this differential in preference, according to a hierarchy of the Acoustic Scene and SNR.

2.2. Speech Enhancement

2.2.1. Speech Enhancement Performance Assessment & Intelligibility Prediction

Aside from simply measuring the SNR, it is possible to predict the intelligibility of the signal: either as a general population

function (e.g STOI), or as a function of the individual’s hearing loss and hearing aid (e.g. measured by Audiogram) (HASPI,

HASQI [Kates and Arehart, 2022]). Though these may offer some advantage over predicting the SNR as they are more related

to speech perception, SNR is a higher level feature and thus provides more generalisation for analyses. It is thought that this

will add rich enough information to correlate with the preference, whilst providing data that can be compared with in-clinic

SIN tests.

To achieve a reasonable estimate of the SNR computationally, generally the Segmented SNR is calculated, which takes

the SNR at particular spectral time windows utilising the STFT and then averages the values over an extended length of

time [Mermelstein, 1979]. In addition to this methods also exist for predicting the intelligibility of the signal utilising Deep

Learning. Several DL-based assessment tools have been developed utilising a range of model architectures, e.g., BiLSTM

[wei Fu et al., 2018], CNN [Feng and Chen, 2022], and CNN-BiLSTM [Lo et al., 2019]. Additionally, attention mechanisms

[Zezario et al., 2020] and multitask learning [Zezario et al., 2022b] have also been employed to enhance assessment abilities.

2.2.2. Audio-Visual Speech Enhancement

Afouras [Afouras et al., 2018] proposed a deep AVSE network capable of isolating a speaker’s voice based on the lip region

in the corresponding video input. This is achieved by predicting both the magnitude and phase of the target signal. The Lip

Reading in the Wild 2 (LRS2) dataset has been utilized to evaluate the performance of this approach. The experimental results

demonstrate that the model excels at isolating real-world challenging examples. Additionally, Wang et al. [Wang et al., 2020]

presented an online approach that predicts rough speech patterns from the visual stream. These predictions are then integrated

into the output of an AV-based system, resulting in a conservative yet robust utilisation of the weak information embedded in

the visual stream. Initial experimental results show that the proposed method outperforms the audio-only baseline at different

Signal-to-Noise Ratio (SNR) levels. More recently, Chern et al. [Chern et al., 2023] introduced a method leveraging the pre-



trained AV-HuBERT model followed by an SE module for AVSE and Audio-Visual Speaker Separation (AVSS). Comparative

experimental results confirm the effectiveness of the model with a fine-tuning strategy, demonstrating that the multimodal

self-supervised embeddings obtained from AV-HuBERT can be generalized to AV regression tasks.

The SE, or more specifically, NR algorithm employed in this study is a class of DL based AV SE [Michelsanti et al., 2021].

Intelligibility-Oriented AV SE (IOAVSE) [Hussain et al., 2021] in-particular has been chosen because of it’s high performance

in comparison with other NR algorithms at low SNR, as well as it’s Ideal Ratio Mask (IRM) based output which makes

adjustment of the NR ‘target SNR’ (SNR∗) relatively simple, via the modulation of the activation function at the final output

layer.

2.3. Acoustic Scene Classification

Acoustic Scene Classification (ASC) is a sub-field of machine listening that deals with the classification and representation

learning of acoustic scenes or environments. Recently the DCASE challenges have provided an opportunity for international

researchers to improve the SOTA in ASC. Deep Learning based models, utilising convolutional, recurrent architectures have

been utilised to achieve SOTA results [Abeßer, 2020]. Furthermore, it has recently been of interest to generate interpretable

semantic sound recognition models that enable meaningful navigation of the encoded feature space [Esposito et al., 2023]. In

this paper, we additionally make contribution by extending this idea to acoustic scene recognition to make it interpretable both

for modelling and in potential future work, clinical use via preference learning.

Within the context of HA’s, there are a number of factors to consider when deploying an ASC system, such as Real-

time factor, microphone placement, directionality and interference, and power saving efficiency. [Martı́n-Morató et al., 2022]

presents the results of the DCASE 2022 challenge for low complexity ASC with devices. Additionally [Panariello, 2022]

explores this within the context of hearing aids.

2.4. Multi-Task Learning

Multi-task learning (MTL) has emerged as a prominent paradigm in machine learning, aiming to improve the performance of

multiple related tasks simultaneously by leveraging their shared information or dependencies. Rather than training individual

models for each task independently, MTL frameworks exploit the inherent relationships among tasks to enhance generalization

and learning efficiency.

The resurgence of neural networks has fueled the exploration of multitask learning in deep learning frameworks.

[Zhang and Yang, 2022] provided a comprehensive survey of multitask learning in neural networks, emphasizing its applica-

bility in various domains such as natural language processing, computer vision, and speech recognition. Recent advancements,

including the use of attention mechanisms and meta-learning, have further improved the efficiency of multitask models.

MTL has emerged as a promising approach in advancing speech processing tasks by leveraging shared representations

and learning efficiencies across multiple related tasks. In the context of speech assessment, MTL has played a crucial



Fig. 1. PLSE HA System Diagram with Experimental Dataset Y (GRID-CHIME3)

role in enhancing the accuracy and robustness of models tasked with evaluating spoken language proficiency. Early re-

search in speech processing-related MTL focused on jointly learning acoustic modeling[Abdullah et al., 2022], phonetic

classification[Zhao et al., 2019], and language modeling tasks.[Weber et al., 2021], laying the foundation for subsequent ad-

vancements in speech assessment models. Building upon this foundation, recent studies have extended MTL techniques to

encompass a broader range of speech assessment tasks, including speech intelligibility, speech quality, and analyzing other

dimensions crucial for effective communication. By jointly modeling these diverse tasks, researchers have demonstrated

improvements in overall assessment accuracy[Zezario et al., 2023, Zezario et al., 2022a]. Despite these advancements, chal-

lenges remain in addressing domain-specific nuances and scaling MTL approaches to large-scale speech assessment datasets.

Ongoing research efforts continue to explore novel architectures and learning paradigms to further enhance the effectiveness

of MTL in the context of speech assessment. However, Ongoing research efforts continue to explore novel architectures and

learning paradigms to further enhance the effectiveness of MTL. Moreover, the exploration of different speech assessments or

related features, such as contextual information, speaker characteristics, and environmental factors, is underway to improve the

performance of individual tasks within the multitask learning framework.

In the context of acoustic scenes, utilising a multi-task DNN model has been seen to improve results in a soundscape task

previously [Mitchell et al., 2023], whereby simultaneously predicting noise annoyance alongside individual sound events, leads

to an increase in accuracy of the subjective noise annoyance prediction. As well as showing the predictive power of multi-

task learning, this supports the hypothesis that contextual information, alongside sonic characteristics, are important when

considering the perceptual relationship we wish to have with our acoustic environments.

3. SYSTEM OUTLINE

In this section, we introduce the fundamental parts of the proposed system (see Figure 1), including the SNR Control Mechanism

dependent on the acoustic context, Acoustic Context Modelling and Prediction including feature representations via the attention

mechanism and t-SNE dimensionality reduction.



3.1. SNR Control Mechanism

The basic idea here is to utilise the user preferences and the environmental SSNR prediction in order to control in real-time the

target SNR∗ of the DNN based SE system.

SNR∗ α f(A) and A = ŜNR β + γ (1)

A α (1− p)| ŜNR where (0 ≤ p1:N ≤ 1) (2)

where ŜNR is the predicted environmental SNR. The elicitation sequence begins at 50% enhancement and (0 ≤ A ≤ 1)

for input into the activation function (equation 4). p is the preference from the elicitation phase and β and γ are learnt from

inputs p and ŜNR.

For each acoustic scene c, we derive a personal preference function that is modelled from the elicitation phase. Then, we

have the ability to predict the preference for A based on the joint prediction of the SSNR (ŜNR) and the acoustic scene. In this

case a closed set A denoted by the acoustic scene index c refers to the set of preferences for each scene.

Ac = ŜNR · βc + γc where Ac ∈ A1:C (3)

SNR∗ α Ac +
(K −Ac)

(C +Qe−Bt)1/v
(4)

In the Generalised Logistic Activation Function (Richards Curve), the lower asymptote, denoted as A (which serves as a

noise floor within SNR∗), is to be determined based on the learned preference function. Equation 4 adjusts the activation and,

consequently, the resultant SNR for the ultimate output layer via the mask magnitude spectrogram estimation of the IRM-SE

model.

3.2. Acoustic Context Modelling

3.2.1. Multi-Task Deep Neural Network

The SNR and Acoustic scene are predicted in a multi-task model according to the architecture in Figure 2. We have chosen

power spectral features as input and CNN-BiLSTM with self-attention as a model architecture after experimentation. Our model

architecture is composed of 4 convolutional blocks, each comprising 3 convolutional layers. The number of filters in each block

follows an incremental style, with 16, 32, 64, and 128 filters, respectively. These convolutional blocks play a crucial role in

extracting high-level signal features from the input data. Following the convolutional layers, a single-layered BiLSTM with

128 units is employed. The BiLSTM is designed to capture the sequential dependencies within the extracted features. This is



Fig. 2. The Multi-Task Acoustic Scene Classification and SNR Prediction Model illustrating a shared encoded feature space.

followed by a fully connected layer with 128 units. The resulting encoded feature space is shared between two branches, each

dedicated to specifically predicting SNR or ASC. Both branches incorporate an attention layer to enhance the model’s focus on

relevant information.

For SNR prediction, an additional time-distributed linear layer with a single unit is introduced after the attention layer. This

facilitates the frame-wise prediction of SNR scores. To calculate the utterance score, Global Average Pooling is applied to the

frame-wise scores. For ASC, a linear layer with 4 units is employed to predict the corresponding labels. This comprehensive

architecture allows our model to effectively capture and utilise intricate features for the multitask prediction of SNR and ASC,

leveraging the strengths of convolutional, recurrent, and attention mechanisms.

Because of the shared convolutional deep feature encoding we are able to also save significant computational cost. If we

were to have two single task models, the cost would be increased whilst distributed between multiple feature encodings. Apart

from performance increase this is another benefit of the multi-task framework.

3.2.2. Environmental Segmental Signal-to-Noise Ratio Estimation

Signal-to-noise ratio (SNR) is a basic objective speech quality measure which quantifies the relative amount of background

noise present in a speech clip, usually in terms of sound pressure level (SPL), measured in decibels (dBs). It is defined as the

ratio of signal intensity to noise intensity. In contrast to working directly on the entire signal in our experiments, we used the

Segmental Signal-to-Noise Ratio (SNRseg or SSNR) [Mermelstein, 1979], which calculates the average of the SNR values (in

dB) of short segments (15 to 20 ms) given as:



Model Type LCC SRCC MSE
Single-Task 0.979 0.969 0.393
Multi-Task 0.981 0.970 0.343

Table 1. SSNR Scores on the GRID-CHIME3 dataset

Seg.SNR =
10

M

M−1∑
m=0

log10

( ∑Nm+N−1
n=Nm

s2(n)∑Nm+N−1
n=Nm

[s(n)− ŝ(n)]2

)
(5)

M represents the number of segments, s(n) represents the clean signal sample at time n, ŝ(n) corresponds to the sample of

the processed (noisy or enhanced) signal at the time n, and N denotes the total number of samples in the segment.

The user’s preferred SNR essentially refers to the SNR that a user prefers when listening to a target speaker, whilst experi-

encing a relative SPL of background noise. For a non-intrusive measure of SSNR, we have built a SSNR prediction model for

our proposed framework.

3.3. Evaluation

To evaluate the SSNR prediction model, three evaluation metrics were used: linear correlation coefficient (LCC), Spearman

rank correlation coefficient (SRCC) and mean squared error (MSE) [Zezario et al., 2020]. Higher LCC and SRCC scores show

that the predicted scores are of higher correlations to the ground truth assessment scores, whilst a lower MSE score indicates

that the predicted scores are closer to the ground-truth assessment scores. The experimental results of the SSNR prediction

model using cross-validation for the GRID-CHIME3 corpus are shown in table 1.

Figure 3 shows the classification scores for the Acoustic Scenes in the GRID-CHIME3 dataset.

3.4. Encoded Acoustic Scene Feature Representation

3.4.1. Dimensionality Reduction

Through the application of dimensionality reduction technique t-SNE we can gain some interoperability on the encoded DNN

features. We also present the final linear layer of the multi-task framework (Figure 6) to show the resultant linear separabil-

ity between classes. t-SNE, is a powerful method for visualising high-dimensional data in a lower-dimensional space while

preserving local structures [Tyagi and Rajan, 2022]. In our analysis, t-SNE was configured with two components, a perplex-

ity value of 50, and 5000 iterations. These settings enable the creation of visualisations that offer meaningful insights into

feature spaces. We present the following visualisations for the ASC task from the self-attention layer: in Figure 4 we have

the single-task model, and in Figure 5, the multi-task model. Such visualisations not only aid in modelling tasks, helping to

address problems such as cold-start and generalisation capability once the model scales in the real-world, but also hold potential

relevance in clinical discussions, particularly concerning Hearing Aid (HA) outcomes with respect to different environments.



Fig. 3. Confusion Matrices for the Single-task (above) and Multi-task Model (below). The multi-task achieves near perfect
prediction performance on the held out set whilst the single task model confuses the acoustic scenes without clear long droning
background sounds such as the bus engine. The pedestrian and cafe scenes are often confused in the single-task model which in
Figure 4 there is no clear separable boundary between classes in feature representation, though this is improved in the multi-task
model, displayed in Figure 5.



Fig. 4. T-SNE Visualisation of Single-task ASC feature embeddings at the self-attention layer level. There is a lot of overlap in
the feature space between the Cafe, Pedestrian and Street scenes.

Fig. 5. T-SNE Visualisation of Multi-task ASC feature embeddings at the self-attention layer level. The representation is much
more well defined than the single-task model, though the classes are not completely separable.



Fig. 6. T-SNE Visualisation of Multi-task ASC feature embeddings at the final Linear (4 neuron) layer. The classes now show
distinct boundaries according to just two dimensions visualised here.

3.4.2. Attention Layer Representation

In Figure 7, the mechanics of the model can be loosely interpreted with respect to the raw spectogram of the noisy mixture.

Improvement in performance of the model can be explained by more granular neuronal activation, indicating more specialised

neurons attending different spectro-temporal patterns, and more non-speech time-distributed neuronal activation for the ASC.

The SSNR prediction also sees a slight improvement in performance with the multi-task model, and thus the attention

representation can be seen to be more concentrated around speech regions (plot omitted for brevity).

4. EXPERIMENTAL SETUP

The subjective study was approved by the Ethics Committee of Napier University, Edinburgh on 27 November 2023.

4.1. Presentation

Users interact with the multi-environment demo on a laptop, tuning their preferences in real-time to GRID-CHIME3 data. The

data used, Y, for this study is the GRID-CHIME3, augmented dataset [Cooke et al., 2006, Barker et al., 2015]. For each of the

experimental phases, one unique sentence is played from one of 4 target speakers (2 male, 2 female) from the GRID corpus are

overlaid onto each of 5 noise levels sampled from the 4 different environmental background noises of the CHIME3 dataset, cut

and volume adjusted. This leads to 5 SNRs: (-9,3,0,3,9) dB.

The experiments are split up into a preference elicitation stage and an evaluation stage. In the Preference Elicitation Stage, the



Fig. 7. From top to bottom (bus noise type): the raw noisy spectogram; single-task ASC and multi-task ASC prediction. The
multi-task model is able to more selectively activate neurons across the spectro-temporal range to distinguish salient sound
events that aid classification (such as the buses’ distinctive hum, which can be seen across the time steps here).



Fig. 8. Preference Elicitation Phase with 4 Acoustic Scenes from GRID-CHIME3 Dataset with Noise Suppression Control

participant engages with the ‘up, down or no change’ interface. The evaluation stage is comprised of 3 conditions:

1. Noisy Condition: Utterances at each of the 5 SNR’s played in each of the 4 simulated environments.

2. MaxSE Evaluation Condition: SE with maximum SNR∗ , i.e. sigmoid-scaled final output layer for the IRM-SE.

3. PLSE Evaluation Condition: SE with the inferred SNR∗ from the learned preference function, i.e. output layer scaled

according to equation 1.

All of the experiments were in rooms with below 35dB ambient noise according to an audiometer.

4.2. Normal Hearing vs Hearing Impaired Playback

The HI participants were all fitted with HA’s according to their prescription with NAL-NL2 procedure, the sound was then

played back directly through the hearing aids via Bluetooth at a comfortable volume for each participant (set before the start of

the experiment). The NH participants were played the sound through a pair of Sony WH-1000XM4 on-ear headphones and the

sound and video were played back via a Macbook Pro laptop.

4.3. Ambient Occlusion

[Jürgens et al., 2023] shows that intelligibility improves greatly when there is more sound occluded via the ear canal. New

materials have made it possible to achieve a lot of attenuation simply with ear buds. Additionally, recent technology has pro-

vided excellent active noise cancelling abilities that are widely available on the market.These advancements in small acoustical

technologies have made it possible to remove the vast amount of ambient sound from entering the ear canal directly, in earbuds,

wearables or potentially hearing aids, especially for those who have a hearing loss to begin with.

For these reasons, the experimental set up assumes an asymptotic, complete ambient occlusion via direct streaming of noisy

audio into the hearing aid. Future studies may look at the extra variablity different acoustic couplings may introduce (e.g. by

introducing free-field background sound in-situ alongside the PLSE).



5. SUBJECTIVE TESTING RESULTS

5.1. Normal Hearing

2 participants that were clinically reported within normal hearing thresholds and did not report any abnormal difficulty hearing

speech in noise were employed for the study. They underwent the experimental procedure described in Section 4.

5.1.1. NH Elicitation

Initial Normal Hearing results show that preference for target AVSE SNR indeed differs considerably across various environ-

ments; additionally, it can be shown that these preference functions vary for different listeners. This is illustrated in Figure 11

which show the resultant prefrence functions from the elicitation stage. Participant one prefers maximum NR/SE in the cafe at

high SNR’s, and at low SNRs in the street area. However, when the SNR is high in the street area, the participant prefers no

SE, this may be to preserve the naturalness of the signal when the intelligibility of the signal is high (a similar pattern is shown

for the pedestrian area). In the mean function, the participant shows preference for strong SE whilst maintaining some of the

original signal in the audio.

The preference for participant two follows similar patterns, however, this participant shows much more disdain for the SE

in general, with the preference functions not showing maximum SE in any circumstance. The mean function shows preference

for some SE, but a dislike for it in circumstances like a quiet street or pedestrian area.

5.1.2. NH Evaluation

Figure 9 shows Normal Hearing results from the evaluation stage of the testing. It can be seen that for NH-1, there is an

improvement in speech quality as reported by the likert scale for the PLSE condition (C3). Similarly, this can be seen by NH-2.

NH-2 interestingly also shows an improvement in intelligibility score in C3 as compared to C2; it can also be seen that the

intelligibility score worsens for C2 (MaxSE) vs C1 for NH-1.

These findings indicate that the PLSE may be the best condition for NH listeners, despite the quality of the noise being

apparently preferred for MaxSE for NH-2. In general in many of these situations, it would be unsafe and non-ideal to completely

irradicate background noise, so it is thought that this slight case-wise exception to supporting PLSE in noise quality is due to a

limitation of the study.

5.2. Hearing Impaired

3 participants that were clinically reported as so: HI-1: mild, HI-2: mild-moderate, HI-3: severe-profound. The experimental

procedure was designed for the HI participants as per Section 4.



Fig. 9. Normal Hearing Subjective Evaluation Results



5.2.1. HI Elicitation

Figure 12 shows the elicitation results from the HI participants, in general it can be seen that the preferences differ greatly

between each environment and each participant.

5.2.2. HI Evaluation

Figure 10 shows the HI results from the evaluation stage of the experiments.

Preliminary results show an improvement in speech quality for the preference learning vs. the enhanced condition in mild

/ moderate hearing loss participants HI-1 & HI-2, the intelligibility also increases for HI-3 for the MaxSE condition (2) which

shows that the enhancement has some benefit, however this is lost slightly with the introduction of PLSE: it is thought this may

be because of the initial adjustment phase (starting at 50% for ’Pedestrian’ scene) not leading to preference congruent with the

user’s needs.

6. DISCUSSION, CONCLUSION AND FUTURE WORK

6.1. Discussion and Conclusion

In this paper, we have introduced a novel context-aware preference eliciation system for DNN based SE (particularly multi-

modal, AV-SE). We presented it’s multi-task, mask modulating formulation, and provided initial experimentation with NH and

HI subjects. Though preliminary results show improvement for speech quality and perhaps intelligibility for the PLSE over

the noisy and maxSE conditions, there are some limiting factors, most notably the small N of participants. Addtionally, the

single-task nature of the experiments — such as listening to the person speaking, though not being motivated by any background

sounds – limits the elicitation for preference of naturalness vs synthetic sound; however, this can be seen as a positive limitation

in terms of disambiguating the analysis somewhat.

Next we visit each of these limitations in detail with respect to current and future work.

6.2. Limitations and Future Work

6.2.1. Ambient Occlusion

[Jürgens et al., 2023] seems to find that intelligibility improves greatly when there is more sound occluded via the ear canal.

As such, it may be necessary to include ambient sound in the testing / evaluation chain whereby the original signal is summed

with the enhanced signal and play this back in a quiet environment / with noise cancelling headphones for testing / evaluation

according to a coefficient which simulates the amount of simulated Real-Ear-Insertion-Gain (to allow for different fittings).



Fig. 10. Hearing Impaired Subjective Evaluation Results
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Fig. 11. From top to bottom: Participant One, and Participant Two’s Preference Functions in the CHiME-3 Acoustic Environ-
ments. Key: Pedestrian-Red; Street-Green, Cafe-Blue, Bus-Yellow; Mean Function-Purple

6.2.2. Extending To Unseen Acoustic Scenes

In the case of environmental SNR, whilst the linear functions could be assumed to generalise to extreme SNRs that are not

evaluated in this set up (though this should be tested), there is no reason to assume that the set of acoustic scenes here completes

the set that would be necessary to provide the user with sufficient contextual output adaptation of the speech enhancement

system. To extend and generalise the model, Bayesian modelling or fuzzy logic could be used to extend the predictive model to

unseen acoustic scenes. A feature representation such as those shown in fig 4 could be used to provide a low dimensional input

that would effectively allow the scenes to be generalised like so (... is this neccessary or appropriate?)

6.2.3. Extending to more than one target speaker

A limitation of the study, and perhaps SE systems in general, is that they do not generalise to situations where there is more

than one target speaker. In real life situations there is often more than one person we are conversing with. This introduces many

complications, but it is of interest in future work to test if preference can be elicited in order to maximise intelligibility from

more than one target speaker in a way that is suitable for hearing aids / hearing aid users. In a simple case, it may be important

that a listener is able to hear their name being called whilst they are listening to a monologue.

6.2.4. Refining The Preference Elicitation Framework

The elicitation framework may not be perfect, and as with many optimisation problems the goal can be framed as balancing

exploitation with exploration (cite?). The initial setting exploration phase may be particularly problematic (i.e. setting to 50

% and expecting the user to adjust this sufficiently in a short number of utterances). Additionally, where the data is being

collected for regression even though the user has entered a new environment with a particular setting that was previously

suitable somewhere else. This could be improved by utilising an alternative AB test paradigm similar to [Nielsen et al., 2013],
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Fig. 12. From left to right, top to bottom, HI-1 to HI-3’s environmental preference functions. Key: Pedestrian-Red; Street-
Green, Cafe-Blue, Bus-Yellow; Mean Function-Purple. The first participant shows preference for higher NR as the SNR
increases, which indicates a dislike for the SE in general. For HI-2, the mixed gradients show a more situation specific pref-
erence, in the case of the yellow ’bus’ environment the participant shows preference for no speech enhancement on the low
SNR’s: this could indicate a disdain for unneccesary artifacts as the noise itself is largely free from babble and has a stationary
noise of the bus rumble. Interestingly this is not the case however for the green ’street’ environment where the opposite is true,
(similarly for the cafe), this could be because of the lower SNR’s being less intelligible. For HI-3, as the hearing loss is severe,
there is preference for almost maximum NR in most cases; the exceptions being low SNR Pedestrian (as this is where the
experiment begins at 50%, it is likely to do with the initial adjustment period of the experiment). The other exception is likely
due to the street scene being more intelligible at high SNR’s (a large open space with little babble or speech shaped noise), and
the participant preferring a more natural sound – this explanation is supported by HI-2 and the NH participants as well.



that utilises similar presumptions about function linearity but takes into account uncertainty into the preferences, given low data

or high variance in particular acoustic conditions.

6.2.5. Clinical Analysis

Additionally, users will be able to visualise how their preference differs after the session according to a low-dimensional

representation of the acoustic scenes. This will give the user and the audiologist some impression about how much noise

suppression the user prefers and how that differs in various environments. It should also help to give the audiologist information

on whether the user is a ‘noise hater’ or a ‘distortion hater’ [Reinten et al., 2023] and use this to guide fittings, make HA

recommendations and steer fine-tuning.
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