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Abstract

Automatic Speech Recognition (ASR) for individuals with impaired speech remains a significant
challenge due to data scarcity and high acoustic variability. This project builds upon a Bayesian
personalization framework developed by our team, which has recently been accepted for publica-
tion [14, 16, 15] and got merged into a web-app application [17]. Further work involved experi-
ments with Language Model Judges for Reinforcement Learning, Generation of synthetic training
data and MoE Architectures with varying success.

Together, these components are the building blocks of a personalization loop that could keep im-
proving the model long after the initial enrollment, as the user’s speech, vocabulary and recording
conditions change. So far, however, each building block has been studied in isolation, and every
improvement step still relies on the user. This thesis investigates how a personalized ASR model
can improve continuously while keeping the burden on the user minimal: which data is most infor-
mative to learn from next, which supervision can be obtained without the user, and how the user’s
own feedback can be made cheaper or partly automated. The project is research-oriented, leaves
room for the student to set priorities, and aims at a publication at an international conference.

Research Goals and Problem Statement

Personalization does not end after enrollment. A user’s speech changes over time, new vocabulary
appears, and the model encounters conditions it was never trained on. Keeping it up to date requires
new training data, yet labelled speech from the user is the scarcest resource in this setting, as
recording and correcting are tiring, especially with co-occurring motor impairments [17]. Classical
active learning reduces labelling effort by querying the most informative samples, but assumes a
single, reliable oracle of uniform cost [19]. Here, several sources of supervision are available that
differ in both cost and reliability: user corrections, synthetic speech and automatic judgements by



language models [2]. Automatic sources carry their own risks. Whisper is prone to hallucinations,
particularly for speakers with aphasia [9], and models repeatedly trained on their own outputs can
degrade [20], together with the uncertainty estimates the loop relies on [13]. The central question
of the thesis is therefore:

How can a personalized ASR model for impaired speech improve continuously over
time while minimizing the effort required from the user?

Proposed Work

The following directions are starting points; the student is expected to select and combine them as
the research develops.

* Informative data selection. The Phoneme Difficulty Score [16] and the epistemic uncer-
tainty of VI-LoRA [15] show where the model struggles. Combined with Semantic Re-
chaining [14], they can guide the search for the phrases that are most informative to add to
the fine-tuning repertoire, building on Bayesian active learning [5, 3, 8].

* Supervision without the user. Synthetic speech can target the user’s difficult phonemes
without any recording effort [11, 4], and unlabelled everyday speech can be exploited through
uncertainty-filtered self-training [7, 6].

* Cheaper and partly automated annotation. An LLM judge can pick the most plausible
transcript among candidates sampled from the Bayesian model, either to pre-rank the top-k
suggestions shown to the user or to create preference pairs for DPO without user involvement
[21, 18, 12, 1]. Multi-fidelity active search offers a principled way to split a feedback budget
between cheap ratings and costly corrections [10].

* Closing the loop. Combine these components into one continuous pipeline in Adapt4Me
[17], decide when to retrain and which source to trust, and evaluate the result longitudinally
in terms of error rate per unit of user effort, error severity and calibration.

Context & Prior Work

This project builds on a line of work in our group: Semantic Re-chaining for personalization from
little data [14], uncertainty-guided sampling with the Phoneme Difficulty Score [16], Bayesian
fine-tuning with VI-LoRA [15], the Adapt4Me application [17], and multi-fidelity active search
for discovering severe errors [10]. In the wider literature, Bayesian active learning selects data by
its expected information about the model parameters [5, 3], and proactive learning extends this to
several imperfect oracles with different costs [2]. For ASR, unlabelled speech has been exploited
through uncertainty-driven self-training [7, 6], LLM-based error correction [1] and reinforcement
learning from LLM feedback [12], while TTS-based augmentation has improved dysarthric ASR
[11, 4]. These approaches have mostly been studied in isolation and on normative or multi-speaker
data; how they interact in a continuous, single-speaker personalization loop is still open.
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