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Motivation
I Speech enhancement: task of estimating

the clean speech of a speaker immersed in
an acoustically noisy environment (Fig. 1).

Fig. 1: Speech enhancement.

I Important in several applications:
I Speech recognition.
I Speaker verification.
I Hearing aids.

I Lombard effect: Reflex occurring when
speakers talk in a noisy environment.

I Current deep-learning-based systems do
not take Lombard effect into account.
They are trained with neutral (non-Lombard)
speech utterances recorded under quiet
conditions to which noise is artificially added.

I We study the effects that the Lombard
reflex has on deep-learning-based audio-
visual speech enhancement systems.

Experiments
I Pipeline shown in Fig. 2:

I Architecture inspired by [1].
I Single modality systems: one of the en-

coder is removed.
I Systems trained on the utterances from the

Lombard GRID corpus [2], to which speech
shaped noise is added at several signal to
noise ratios (SNRs).

I Systems tested on speakers observed (seen
speakers) during training to isolate the im-
pact of Lombard effect from other factors.

I Models used in this study shown in Table 1.

Training Material
Modality Non-Lombard Speech Lombard Speech

Vision VO-NL VO-L
Audio AO-NL AO-L

Audio-visual AV-NL AV-L

Table 1: Models used in this study.
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Training Targets and Objective Functions
Direct Mapping (DM) Indirect Mapping (IM) Mask Approximation (MA)
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Table 2: Taxonomy proposed in [3]. Here: a = 1
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Pipeline for Audio-Visual Speech Enhancement
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Fig. 2: Pipeline for the audio-visual speech enhancement approach used in this study.

Results

Fig. 3: ESTOI and PESQ results for the various approaches.

Fig. 4: Listening tests results using audio-visual stimuli to evaluate speech intelligibility and speech quality.

Conclusion
I The Lombard effect affects the performance of speech enhancement systems.
I The impact of visual differences between Lombard and non-Lombard speech on estimated

speech intelligibility is higher than the impact of acoustic differences.
I A 5 dB benefit can be observed for the estimated speech quality at low SNRs when the mismatch

between neutral and Lombard speech is taken into account in the design of audio-visual systems.
I Listening tests using audio-visual stimuli show that:

I Signals processed with L systems tend to have higher intelligibility if compared to the other
processing conditions.

I The speech quality of the L systems is statistically significantly better than the one of the NL
systems at -5 dB SNR.


