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Motivation

Speech enhancement (SE) studies improving the quality of spoken language and finds applications as a front-end
in automatic speech recognition, telecommunication or hearing aids. SE systems have shown remarkable success
in controlled environments but often struggle when faced with domain shifts in real-world deployments [1, 2].

Recent advances in test-time adaptation (TTA) for speech denoising have demonstrated promising results
by enabling models to adapt on-the-fly to new acoustic environments without requiring labeled data [2, 3].
However, so far they have focused exclusively on discriminative SE models (e.g. CMGAN [1]). The goal of
this thesis is to explore the behavior of generative speech enhancement models (e.g. SGMSE [4]) under domain
shifts and develop adaptation strategies.

Objectives

e Evaluate generative SE models under domain shifts.
e Explore failure modes of these models.

e Develop a TTA strategy for generative speech enhancement models.

Prerequisites
e Took the Deep Learning exam with good results
e Good programming skills in Python

e Experience in ML-frameworks (Preferably PyTorch)

Optional: Experience in speech processing

Optional: Participated in the ISS Deep Learning Lab

If this topic has sparked your interest, write me an email and we can discuss the proposal in more detail. Please
include your current transcript and CV.
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