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Abstract Low-Resource Sampling
In recent years, several text-to-speech systems have been proposed ER— g MENE 5
to synthesize natural speech in zero-shot, few-shot, and low-resource Speaker: e Predictor juEE. ;
scenarios. However, these methods typically require training with data _,[ Variation J, % : : : : 3
from many different speakers. The speech quality across the speaker | ot Phoneme Pre-Net R Length Post-Net Mel
set typically is diverse and imposes an upper limit on the quality Sullel (CBHO regutator e Shectrogram EEEEN
achievable for the low-resource speaker. In the current work, we _ ——— : =====
achieve high-quality speech synthesis using as little as five minutes of | c°"_‘:'§'°" Condition ;! Training batches over time
speech from the desired speaker by augmenting the low-resource s S EEE B
speaker data with noise and employing multiple sampling techniques EEEENR
during training. Our method requires only four high-quality, high- SEEEE
resource speakers, which are easy to obtain and use in practice. Our
low-complexity method achieves Improved speaker similarity
compared to the state-of-the-art zero-shot method HierSpeech++ and Results Conclusions
the recent low-resource method AdapterMix while maintaining
comparable naturalness. Our proposed approach can also reduce the ; . 5 . * Proposed a light-weight approach for low resource
data requirements for speech synthesis for new speakers and l 1 speech synthesis using noise augmentation and
languages. g . L ;5 L | ] modified sampling strategies.

= o = We get improved speaker similarity at similar

g a L % .| L naturalness to state-of-the-art zero-shot method.
PrOpOSEd Method ?E ] v = Our approach trained with as little as 20 minutes of
= ForwardTacotron [1] with prosodic variation predictors is our basis [2]. > 2 L L jg 3| . a data is Inferior by only 0.2 MOS regarding both
= Four high-resource (HR) and one low-resource (LR) speakers. 2 naturalness and speaker similarity to a model trained
= The LR training data Is augmented using white Gaussian noise, similar o - ’ . o - " - with 5.5 hours of data.
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to Kayyar, et al. [3]. HighRes 20min  Smin  lmin HierSp++

= Multiple augmented versions for each LR training sample.
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