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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. Generally, speech enhancement covers
multiple types of corruptions (additive noise, reverberation etc.) but most previous works focus on denoising.

SE models have been shown to perform well, as long as the test data resembles the training data [1].
Under domain shifts performance degrades noticeably. Test-time adaptation (TTA) aims at restoring source
performance in previously unseen domains. As TTA happens at test-time, this adaptation must be online
and unsupervised. TTA is further restricted by assuming no access to source data out of storage and privacy
concerns. Previous works on TTA for SE are presented in [1, 2, 3].

In many real-world use-cases for SE, models are exposed to the same speaker under stationary or slowly
changing corruptions (e.g. web conferences). This presents an opportunity to specialize the SE model to the
specific setup. As this specialization happens at test-time, it can be phrased in terms of TTA. The goal of this
thesis is to explore TTA in the context of SE specialization.

Objectives

• Construct an evaluation setup for long-term SE

• Evaluate existing TTA methods on long-term SE

• Optimize existing methods to the long-term scenario

• Optional : Come up with a novel TTA method for this scenario

Prerequisites

• Took the Deep Learning exam with good results

• Good programming skills in Python

• Experience in ML-frameworks (Preferably PyTorch)

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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