arXiv:2401.13851v2 [cs.SD] 29 Jan 2024

SCALING NVIDIA’S MULTI-SPEAKER MULTI-LINGUAL TTS SYSTEMS WITH ZERO-SHOT TTS TO INDIC LANGUAGES

Akshit Arora Rohan Badlani Sungwon Kim Rafael Valle Bryan Catanzaro

NVIDIA

1. ABSTRACT In this paper, we describe the TTS models developed by NVIDIA for the MMITS-VC (Multi-speaker, Multi-lingual Indic TTS with Voice Cloning) 2024 Challenge. In Tracks 1 and 2, we utilize RAD-MMM [1] to perform few-shot TTS by training additionally on 5 minutes of target speaker data. In Track 3, we utilize P-Flow [2] to perform zero-shot TTS by training on the challenge dataset as well as external datasets. We use HiFi-GAN [3] vocoders for all submissions. RAD-MMM performs competitively on Tracks 1 and 2, while P-Flow ranks first on Track 3, with mean opinion score (MOS) 4.4 and speaker similarity score (SMOS) of 3.62.

2. INTRODUCTION The MMITS-VC 2024 Challenge^1 is organized as a part of ICASSP’s Signal Processing Grand Challenge in 2024. It aims at the development of multi-speaker multi-lingual TTS (TTS) systems capable of performing zero-shot TTS. A challenge dataset of 7 languages (Hindi, Telugu, Marathi, Bengali, Chhattisgarhi, English and Kannada), with 2 speakers per language, is made available to the participants. For Tracks 1 and 2, additional 5 minutes of data from the target evaluation speakers is provided to promote few-shot TTS. Participants build TTS models and share the generated audio samples for mono and cross lingual evaluation of samples through extensive listening tests.

There has been incredible progress in the quality of Text- To-Speech (TTS) models, specially in zero-shot TTS with large-scale neural codec autoregressive language models. Unfortunately, these models inherit several drawbacks from earlier autoregressive models: they require collecting thousands of hours of data, rely on pre-trained neural codec representations, lack robustness, and have very slow sampling speed. These issues are not present in the models we propose here.

Our goal, in Tracks 1 and 2, is to create a multi-lingual TTS system that can synthesize speech in any target language (with a target language’s native accent) for any speaker seen by the model. We use RAD-MMM [1] to disentangle attributes such as speaker, accent and language, such that the model can synthesize speech for the desired speaker, and

1https://sites.google.com/view/limmits24/home

the desired language and accent, without relying on any bilingual data.

In Track 3, our goal is to create a multi-lingual TTS system that synthesizes speech in any seen target language given a speech prompt. We use P-Flow [2], a fast and data-efficient zero-shot TTS model that uses speech prompts for speaker adaptation.

3. METHOD 3.1. Dataset and Preprocessing We reprocess the provided speech data (challenge and fewshot datasets) with the approach described in our previous submission to the LIMMITS 2023 challenge [4]. During preprocessing, we remove empty audio files and clips with duplicate transcripts, trim leading and trailing silences, and normalize audio volume. This results in the challenge dataset that we use in all the tracks. Statistics for the challenge dataset are captured here https://bit.ly/mmits24_nvidia.

In addition to the challenge dataset, we use LibriTTS [5] and VCTK [6] for tracks where external datasets are allowed by the challenge rules.

3.2. Tracks 1 and 2: Few-shot TTS with RAD-MMM Our goal is to develop a model for multilingual synthesis in the languages of interest with the ability of cross-lingual synthesis for a (seen) speaker of interest. Our dataset comprises of each speaker speaking only one language and hence there are correlations between text, language, accent and speaker within the dataset. Recent work on RAD-MMM [1] tackles this problem by proposing several disentanglement approaches. Following RAD-MMM, we use deterministic attribute predictors to separately predict fine-grained features like fundamental frequency (F0) and energy given text, accent and speaker.

In our setup, we leverage the text pre-processing, shared alphabet set and the accent-conditioned alignment learning mechanism proposed in RAD-MMM. We consider language to be implicit in the phoneme sequence, whereas the information captured by the accent should explain the fine-grained differences between how phonemes are pronounced in different languages. 3.2.1. Track 1 We train RAD-MMM on the challenge dataset described in Section 3. Since the few-shot dataset is very small (5 mins per speaker), to avoid overfitting on small-data speakers, we fine-tune the trained RAD-MMM model with both challenge and few-show data for 5000 iterations and batch size 8.

3.2.2. Track 2 We train RAD-MMM on the challenge dataset, LibriTTS and VCTK (excluding target evaluation speakers from the fewshot dataset, following challenge guidelines). Even though the additional datasets (LibriTTS and VCTK) are English only, they contain many speakers, thus helping the model generalize better. Similarly to Track 1, we avoid overfitting by fine-tuning this RAD-MMM model on challenge and few-shot data for 5000 iterations and batch size 8.

3.3. Track 3: Zero-shot TTS with P-Flow In Track 3, our goal is to perform zero-shot TTS for multiple languages using reference data for speakers unseen during training. The challenge dataset contains speech samples from two speakers for each language, with at most 14 speakers. To achieve zero-shot TTS for new speakers, it is necessary to learn to adapt to a variety of speakers. Therefore, we additionally utilize the English multi-speaker dataset, LibriTTS, to alleviate the shortage of speakers in the Indic languages of the challenge dataset.

Recently, P-Flow [2] has demonstrated strong ability for zero-shot TTS in English by introducing speech prompting for speaker adaptation. P-Flow performs zero-shot TTS using only 3 seconds of reference data for the target speaker. We expand this capability for cross-lingual zero-shot, extending the model’s zero-shot TTS ability from its original language, English, to include seven additional Indic languages. To achieve this, we modify P-Flow’s decoder architecture, extend the training data to include the challenge dataset, and use RAD-MMM’s [1] text pre-processing to expand to other languages.

We train this modified version of P-Flow on both LibriTTS and the challenge datasets, filtering out audio samples shorter than 3 seconds. In total, we utilize 964 hours of speech data from 2287 speakers, comprising 14 speakers from the challenge dataset and an additional 2273 speakers from LibriTTS. We train P-Flow on 8 A100 GPUs, each with a batch size of 8 samples, achieving the same effective batch size of 64 as in the original P-Flow paper. We follow the same training details as the P-Flow paper.

During inference, we use Euler’s method for sampling with the default setup of P-Flow, with a classifier-free guidance scale of 1 and 10 sampling steps. For evaluation, we only use 3 seconds of speech from the given target speaker for zero-shot TTS. Specifically, we randomly select one sample corresponding to 3-4 seconds from each target speaker’s reference sample and only crop the first 3 seconds for use. Note that we do not use the transcript for the reference sample, so the model does not receive information about the language being used.

3.4. Vocoder For Track 1, we use the challenge dataset to train a melconditioned HiFi-GAN vocoder [3] model for both mono and cross lingual scenarios. For Track 3, we use the challenge and VCTK [6] datasets (excluding target evaluation speakers from few-shot dataset, following challenge guidelines) to train a HiFi-GAN vocoder [3] model from scratch. For Track 2, we further finetune the vocoder trained for Track 3 on the fewshot training dataset provided by challenge organizers.

4. RESULTS The official results and competition leaderboard is available at https://sites.google.com/view/limmits24/results.

5. CONCLUSION This paper presents the TTS systems developed by NVIDIA for the MMITS-VC Challenge 2024. We use RAD-MMM for few-shot TTS scenarios (Tracks 1 and 2) because of its ability to disentangle speaker, accent and text for high-quality multilingual speech synthesis without relying on bi-lingual data. We use P-Flow for zero-shot TTS scenario (Track 3) as alongside HiFi-GAN based vocoder models due to its ability to perform zero-shot TTS with a short 3 seconds audio sample. The challenge evaluation shows that RAD-MMM performs competitively on Tracks 1 and 2, while P-Flow ranks first on Track 3. 6. REFERENCES

[1] Rohan Badlani, Rafael Valle, Kevin J. Shih, João Felipe Santos, Siddharth Gururani, and Bryan Catanzaro, “Radmmm: Multilingual multiaccented multispeaker text to speech,” Interspeech 2023, pp. 626–630, 2023.

[2] Sungwon Kim, Kevin J. Shih, Rohan Badlani, Joao Felipe Santos, Evelina Bakhturina, Mikyas T. Desta, Rafael Valle, Sungroh Yoon, and Bryan Catanzaro, “P-flow: A fast and data-efficient zero-shot TTS through speech prompting,” in Thirty-seventh Conference on Neural Information Processing Systems, 2023.

[3] Jungil Kong, Jaehyeon Kim, and Jaekyoung Bae, “Hifigan: Generative adversarial networks for efficient and high fidelity speech synthesis,” Advances in Neural Information Processing Systems, vol. 33, pp. 17022–17033, 2020.

[4] Rohan Badlani, Akshit Arora, Subhankar Ghosh, Rafael Valle, Kevin J. Shih, João Felipe Santos, Boris Ginsburg, and Bryan Catanzaro, “Vani: Very-lightweight accentcontrollable tts for native and non-native speakers with identity preservation,” in ICASSP 2023 - 2023 IEEE International Conference on Acoustics, Speech and Signal Processing (ICASSP), 2023, pp. 1–2.

[5] Heiga Zen, Viet Dang, Rob Clark, Yu Zhang, Ron J.

Weiss, Ye Jia, Zhifeng Chen, and Yonghui Wu, “Libritts:

A corpus derived from librispeech for text-to-speech,” 2019.

[6] Christophe Veaux, Junichi Yamagishi, and Kirsten Mac- Donald, “Cstr vctk corpus: English multi-speaker corpus for cstr voice cloning toolkit,” 2017.