arXiv:2211.05103v2 [eess.AS] 13 Mar 2023

ACCIDENTAL LEARNERS: SPOKEN LANGUAGE IDENTIFICATION IN MULTILINGUAL SELF-SUPERVISED MODELS

Travis M. Bartley^⋆, Fei Jia^†, Krishna C. Puvvada^†, Samuel Kriman^†, Boris Ginsburg^†

NVIDIA^†, City University of New York^⋆

ABSTRACT

In this paper, we extend previous self-supervised approaches for language identification by experimenting with Conformer based architecture in a multilingual pre-training paradigm. We find that pre-trained speech models optimally encode language discriminatory information in lower layers. Further, we demonstrate that the embeddings obtained from these layers are significantly robust to classify unseen languages and different acoustic environments without additional training. After fine-tuning a pre-trained Conformer model on the VoxLingua107 dataset, we achieve results similar to current state-of-the-art systems for language identification. More, our model accomplishes this with 5x less parameters. We open-source the model through the NVIDIA NeMo toolkit.

Index Terms— Self-Supervised Learning, Spoken Language Identification, Conformer, VoxLingua107

1. INTRODUCTION

The use of self-supervised (SSL) pre-trained audio models has grown in popularity over recent years, thanks largely to the impressive results demonstrated by the wav2vec architecture [1]. Alongside achieving state-of-the-art (SOTA) accuracy for automatic speech recognition (ASR), such models are notable for high performance in low-resource settings. This versatility becomes more pronounced when pre-training utilizes multilingual corpora, with fine-tuned models achieving superior accuracy in comparison to monolingual counterparts [2, 3, 4].

A likely contributor to this improved performance is the acquisition of language related knowledge as an auxiliary consequence of pre-training. Previous work found that embeddings learned by SSL training can be grouped by both language class and linguistic genealogy [3, 4, 5]. In related work, Tjandra et al. saw that pre-trained model layers varied in their influence on fine-tuning for a language identification (LangID) task [6]. Over an ablation study, they were able to remove half the original encoding layers from an XLSR [3] model while retaining fine-tuning results competitive with a

⋆Research conducted during internship with NVIDIA.

full model. Interestingly, these results contend against previous arguments that the upper layers of SSL models were related to LangID [7].

While these prior findings demonstrate a relation between SSL and language classification tasks, there are caveats. In general, clustering has only been observed with languages and data seen during pre-training. Though it was observed that intermediate layers of SSL models encode varying linguistically relevant information [8], it is understudied how this relates to LangID. Indeed, we know of only one relevant work that found layer-wise correlation between SSL and LangID, but utilized architecture and pre-training specifically targeted for identification tasks [7]. Further, it remains an open question how such findings can improve performance.

To address these issues, we extract embeddings from intermediate layers of pre-trained models for LangID, evaluating classification accuracy against layer of extraction, and language composition of pre-training data. Our results lead to the following contributions:

• We present empirical findings that pre-trained embeddings alone encode sufficient information for LangID, even for unseen domains and languages.

• We identify optimal LangID encodings in the lower layers of pre-trained models, suggesting a relation between LangID and pre-training subtasks.

• We train a model with near state-of-the-art performance on the VoxLingua107 dataset, despite utilizing one-fifth the parameters of high-performing SOTA systems.

2. DATASET AND MODEL ARCHITECTURE

2.1. Dataset

Experiments are performed on the VoxLingua107 dataset, a collection of audio recordings scraped from YouTube comprising 6628 hours of audio [9]. It contains a training set with 107 languages and an evaluation set of only 33 languages.^1 For our experiments, we segment the training set into segments of 4, 5, and 6 seconds. To avoid overfitting on the

1For more details regarding training and evaluation splits, see http://bark.phon.ioc.ee/voxlingua107/

evaluation set, we stratified shuffle split 10% of the training set to create a validation set. For all experiments, we report error rate with the validation set and reserve the unmodified evaluation set for benchmark results.

2.2. Model

We use the encoder-decoder framework for LangID. For our encoder, we use pre-trained Conformer[10] models of 18 Conformer layers, 8 attention heads, and hidden depth of 512. Decoding is performed using an x-vector paradigm [11]. Outputs from the encoder are pooled by concatenating the average and standard deviation of embedding parameters before projection to a bottleneck vector of length 256. This is followed by a second projection layer to the number of language classes to learn classification through cross-entropy loss. For feature encoding, we use 80-dimension log-mel filter banks with a 25ms window and a stride of 10ms.

3. EXPERIMENTS

3.1. Pre-training

For pre-training, we adopt the contrastive loss objective as seen in [1]. Our primary model (MultiVP) is pre-trained on the VoxPopuli dataset [12] for 400k updates with batchsize 2048. Learning rate was annealed using Noam scheduling with a peak learning rate of 1.4e-3 and 25k warmup steps. To observe whether behavior is unique to multilingual models or transfers across SSL configurations, we also pre-train a monolingual model (EngLL) on the LibriLight dataset [13] with the same hyper-parameters, except with peak learning rate of 2e-3. A randomly initialized conformer model of the same size is used for baseline comparisons (Scratch).

3.2. Fine-tuning

We begin with a feasibility assessment of fine-tuning pretrained layers for LangID. Layers are iteratively included from the ’bottom’ (layer closest to raw audio) upwards of MultiVP before the resulting sub-model is fine-tuned. For initial exploration, we fine-tune only with sub-models formed of the encoder’s 4-10 bottom layers, using the entire model for baseline observations.

Models are trained over 100 epochs using AdamW optimization with Noam annealing with a warm-up ratio of 0.2. We use SpecAugment for time-masking with steps of 24 width and ratio of .5. Frequency masking is also applied with 4 patches of width 10. We present results from initial fine-tuning ablations with sub-models in Fig. 1, displaying best observed error rates.

While fine-tuning the full model achieved best performance with a validation error rate of 3.2%, sub-models utilizing only the lower layers still achieved strong results. Further,

Fig. 1: Best validation error over number of pre-trained layers taken from MultiVP for fine-tuning on VoxLingua107. Layers are relative from the ’bottom’ (closest to raw audio) upwards. Baseline is best observed error rate from fine-tuning the all pre-trained layers. Sub-models of 7 and 10 layers outperform other models.

sub-models of layer sizes 7 and 10 outperformed other submodels, with error rates of 5.16% and 4.86%, respectively. On a review of training behavior, we found these sub-models to have also reached convergence faster than other sub-models and the baseline. We hypothesize this indicates an optimal relationship between certain pre-trained layers and LangID. By exploiting this relationship, we theorize, we can fine-tune models with similar LangID performance, but with substantially fewer parameters.

3.3. Frozen Encoder

To evaluate this hypothesis, we repeat the previous experiment but freeze the pre-trained layers to prevent training during fine-tuning. Given the (relative) simplicity of our decoder, we reason, this would limit performance on LangID to behavior from pre-training. Further, to observe whether results are encoding class information from pre-training or information pertinent to LangID in general, we partition the data into three subsets:

• ’seen’ contains solely the 23 languages from VoxPopuli observed during pre-training for (MultiVP).

• ’unseen’ contains 14 languages that are largely genealogically distinct from pre-training languages. In our selection, we choose languages with high similarity to (i.e. are a dialect of or mutually intelligible with) at least one other language within the partition to add difficulty to the classification task.

• ’-VP’ contains all languages in VoxLingua107 disjoint with ’seen’.

Training languages and hours of ’seen’ and ’unseen’ subsets are provided in Table 1 and Table 2, respectively.

Table 1: Our ’seen’ partition of VoxLingua107, comprising audio from languages present in pre-training for our multilingual model (MultiVP). Reported in hours.

Lang. Train Val. Lang. Train Val. Bulgarian 45.0 5 Italian 45.9 5.1 Croatian 106.2 11.8 Latvian 37.8 4.2 Czech 60.3 6.7 Lithuanian 73.8 8.2 Danish 25.2 2.8 Maltese 59.4 6.6 Dutch 36.0 4.0 Polish 72.0 8.0 English 44.1 4.9 Portuguese 57.6 6.4 Estonian 34.2 3.8 Romanian 58.5 6.5 Finnish 29.7 3.3 Slovak 36.0 4.0 French 60.3 6.7 Slovene 108.9 12.1 German 35.1 3.9 Spanish 35.1 3.9 Greek 59.4 6.6 Swedish 30.6 3.4 Hungarian 65.7 7.3 Total 1216.8 135.2

Table 2: Our ’unseen’ partition of VoxLingua107, comprising audio from languages not present in pre-training for our mutilingual model (MultiVP). Reported in hours.

Lang. Train Val. Lang. Train. Val. Assamese 138.5 15.5 Japanese 50.4 5.6 Bengali 49.5 5.5 Korean 69.3 7.7 Basque 26.1 2.9 Lao 37.8 4.2 Hindi 86.4 9.6 Thai 54.9 6.1 Urdu 37.8 4.2 Mongolian 63.9 7.1 Indonesian 36 4.0 Turkish 53.1 5.9 Malay 74.7 8.3 Turkmen 76.5 8.5 Total 855.9 95.1 - - -

We train and evaluate MultiVP on both ’seen’ and ’unseen’ for sub-models comprised of layers up to 1-18. For EngLL and Scratch, we only use the ’seen’ subset, as we see no theoretical distinction between subsets for monolingual/randomized models beyond the range of possible labels. After obtaining results on these partitions, we repeat the frozen ablation studies with MultiVP on the full VoxLingua107 dataset and ’-VP’. Rather than using all sub-models, we use only those of up to layers 6-10, as they consistently showed high performance on previous experiments while still reducing the number of training parameters.

Results for Scratch, MultiVP, and EngLL on the ’seen’ partition and MultiVP on the ’unseen’ partition are displayed in Fig. 2. Pre-trained sub-models consistently perform above chance, with MultiVP having higher results. Further, we observe best performance to generally occur with sub-models formed of layers up to those between the lower third and bottom half of pre-trained models. Improved performance is also achieved using layers up to between the middle and upper third layers, being particularly pronounced when language classes are disjoint with pre-training data. Scratch per-

Fig. 2: Best validation error over number of pre-trained layers taken from MultiVP, EngLL, and Scratch for fine-tuning over VoxLingua107 partitions. Layers are relative from the ’bottom’ of pre-trained models (closest to raw audio) upwards and remain frozen during training. All sub-models are trained over ’seen’ and only MultiVP sub-models are trained over ’unseen’. EngLL and MultiVP sub-models of lower-third and middle layers outperform other models.

Fig. 3: Best validation error over number of pre-trained layers taken from MultiVP for fine-tuning over VoxLingua107 and ’seen’, ’unseen’, and ’-VP’ partitions. Layers are relative from the ’bottom’ of pre-trained models (closest to raw audio) upwards and remain frozen during training.

formance remained almost invariant, indicating architecture alone to have little effect on this behavior.

Interestingly, MultiVP sub-model performance on the ’unseen’ dataset is relatively high. While this can be due to the smaller class size, we note that the chosen languages bear high mutual intelligibility between each other (e.g. Hindi and Urdu, Malay and Indonesian, Thai and Lao) and should cause miscategorization between classes. Further, that performance remained significantly above chance even for identification of the 84 unseen languages in ’-VP’ (Fig. 3) suggests strong language discrimination for unknown classes.

Table 3: Best evaluation error by layer of embedding extraction from MultiVP for fine-tuning over VoxLingua107, with XLS-R baselines. Conformer sub-models use RIR impulse corpora and average five best checkpoints with respect to validation loss. Best model results are in bold while best Conformer results are underlined.

Architecture Layers Size, M % Error Conformer 7 52.2 7.27 8 58.5 6.90 9 64.8 5.41 10 71.1 6.46 18 121 6.71 XLS-R [2] - 300 5.7 XLS-R-attentive [15] - 300 4.7

3.4. Benchmarking

Given the recurring high performance in the observed layers, we hypothesize that pre-training had distributed language discriminatory information across specific regions of the model (e.g. ’critical regions’). The recurring high performance indicates these layers belong to one of these regions and are ideal for LangID training. To explore this hypothesis, we reattempt fine-tuning with these layers. We use the same configuration as our first experiment but limit training to only 20 epochs to avoid possible overfitting. Further, we attempt to improve performance with augmentation from the Room Impulse Response (RIR) and Noise [14] corpora and speed perturbation with 0.95x and 1.05x speeds. As well, we average the five best checkpoints with respect to validation loss. Results and comparisons with other models are displayed in Table 3.

Despite being only half the size of our original model, the nine-layer sub-model significantly outperforms when evaluated on the VoxLingua107 evaluation set. Further, its error rate surpasses the original XLS-R results [2]. Seen in Table 4, this is a result of improved performance across both short (0...5s) and long (5...20s) utterances.^2 While XLS-R-attentive[15] reports better accuracy, we note that our model is within 15% relative error rate, despite possessing only onefifth the parameters.

4. DISCUSSION

Our results reinforce the findings of Tjandra et al. [6]: when applied to LangID, pre-trained models can maintain competitive performance with only a few bottom layers of the original SSL model used for fine-tuning. Indeed, we discover layer selection to be critical for LangID.

From the results of our ”frozen” ablation studies, we find that a pre-trained model can perform LangID well even with-

2As XLS-R-attentive is not publicly available, we are unable to also compare its performance by utterance length.

Table 4: Comparison of evaluation error rates for best performing Conformer model and XLS-R by length of utterance. Conformer sub-model uses bottom 9 layers from MultiVP as encoder. Fine-tuning performed with RIR impulse corpora and averages five best checkpoints with respect to validation loss. Best model results for each utterance length and average are in bold.

Model 0...5s 5...20s avg Conformer (L=9) 8.7 4.79 5.41 XLS-R 9.1 5.0 5.7

out fine-tuning; i.e. a model trained with contrastive loss encodes sufficient language discriminant information into contextual embeddings. Training a simple statistical pooling decoder can produce robust performance over both unknown languages and speech conditions. Further, LangID performance peaks at similar layers of pre-trained models across various training configurations.

While the higher accuracy on observed languages could entail an overlap between LangID and contrastive loss pretraining, the robust performance on unseen languages suggests a more broad rationale. We believe instead that the observed ’critical regions’ are locations where speech sounds (phones) become most distinct during pre-training. In related work, Pasad et al. [8] saw medial layers of wav2vec models exhibit high accuracy in phone identification. Their results roughly correlate with our observations over which layers are optimal for LangID. We note that ranking n-gram frequency of discrete segments is one of the classical methods for LangID [16] and this task can be accomplished by a single feed-forward layer [17]. From this point of view, LangID for speech could be seen as functionally equivalent to learning a language’s phonemic distribution.

5. CONCLUSION

In this paper, we explore using self-supervised learning models for spoken language identification using Conformer architecture. We find that, (1) Pre-trained models optimally encode language discriminating information in lower layers, (2) Embeddings extracted from these layers are robust to unseen languages and acoustic conditions, making them effective candidates for zero-shot language identification, and (3) Training a language identification model initialized with lower layers of a pre-trained model produced results on the VoxLingua107 dataset close to state-of-the-art systems with only a fraction of parameters.

We open-source the highest performing benchmark model through the NVIDIA NeMo toolkit [18].

6. REFERENCES

[1] A. Baevski, H. Zhou, A. Mohamed, and M. Auli, “Wav2vec 2.0: A framework for self-supervised learning of speech representations,” in NeuRIPS, 2020.

[2] A. Babu, C. Wang, A. Tjandra, K. Lakhotia, Q. Xu, N. Goyal, K. Singh, P. von Platen, Y. Saraf, J. Pino, A. Baevski, A. Conneau, and M. Auli, “XLS-R: Selfsupervised Cross-lingual Speech Representation Learning at Scale,” in Interspeech, 2022.

[3] A. Conneau, A. Baevski, R. Collobert, A. Mohamed, and M. Auli, “Unsupervised Cross-Lingual Representation Learning for Speech Recognition,” in Interspeech, 2021.

[4] T. Javed, S. Doddapaneni, A. Raman, K. S. Bhogale, G. Ramesh, A. Kunchukuttan, P. Kumar, and M. M. Khapra, “Towards building asr systems for the next billion users,” Proceedings of the AAAI Conference on Artificial Intelligence, vol. 36, no. 10, pp. 10813–10821, Jun. 2022.

[5] Z. Fan, M. Li, S. Zhou, and B. Xu, “Exploring wav2vec 2.0 on Speaker Verification and Language Identification,” in Interspeech, 2021.

[6] A. Tjandra, D. G. Choudhury, F. Zhang, K. Singh, A.

Conneau, A. Baevski, A. Sela, Y. Saraf, and M. Auli, “Improved language identification through cross-lingual self-supervised learning,” in ICASSP, 2022.

[7] S. Ling, J. Salazar, Y. Liu, and K. Kirchhoff, “BERTphone: Phonetically-aware Encoder Representations for Utterance-level Speaker and Language Recognition,” in Proc. The Speaker and Language Recognition Workshop (Odyssey 2020), 2020, pp. 9–16.

[8] A. Pasad, J. Chou, and K. Livescu, “Layer-wise analysis of a self-supervised speech representation model,” in ASRU, 2021.

[9] J. Valk and T. Alumäe, “Voxlingua107: a dataset for spoken language recognition,” in Spoken Language Technology Workshop (SLT), 2021.

[10] A. Gulati, J. Qin, C. Chiu, N. Parmar, Y. Zhang, J.

Yu, W. Han, S. Wang, Z. Zhang, Y. Wu, and R. Pang, “Conformer: Convolution-augmented Transformer for Speech Recognition,” in Interspeech, 2020.

[11] D. Snyder, D. Garcia-Romero, G. Sell, D. Povey, and S. Khudanpur, “X-vectors: Robust dnn embeddings for speaker recognition,” in ICASSP, 2018.

[12] C. Wang, M. Riviere, A. Lee, A. Wu, C. Talnikar, D.

Haziza, M. Williamson, J. Pino, and E. Dupoux, “Vox- Populi: A large-scale multilingual speech corpus for representation learning, semi-supervised learning and interpretation,” in Proceedings of the 59th Annual Meeting of the Association for Computational Linguistics and the 11th International Joint Conference on Natural Language Processing, 2021.

[13] J. Kahn, M. Rivière, W. Zheng, E. Kharitonov, Q. Xu, P. E. Mazaré, J. Karadayi, V. Liptchinsky, R. Collobert, C. Fuegen, T. Likhomanenko, G. Synnaeve, A. Joulin, A. Mohamed, and E. Dupoux, “Libri-light: A benchmark for asr with limited or no supervision,” in ICASSP, 2020.

[14] T. Ko, V. Peddinti, D. Povey, M. L. Seltzer, and S. Khudanpur, “A study on data augmentation of reverberant speech for robust speech recognition,” in ICASSP, 2017.

[15] K. Kukk and T. Alumäe, “Improving Language Identification of Accented Speech,” in Interspeech, 2022.

[16] W. B. Cavnar and J. M. Trenkle, “N-gram-based text categorization,” in SDAIR-94, 3rd Annual Symposium on Document Analysis and Information Retrieval, 1994, pp. 161–175.

[17] L. Shen and A. K. Joshi, “Ranking and reranking with perceptron,” Machine Learning, vol. 60, no. 1, pp. 73– 96, 2005.

[18] O. Kuchaiev, J. Li, H. Nguyen, O. Hrinchuk, R. Leary, B. Ginsburg, S. Kriman, S. Beliaev, V. Lavrukhin, J. Cook, et al., “Nemo: a toolkit for building ai applications using neural modules,” arXiv:1909.09577, 2019.