
CS 224S / LINGUIST 285
Spoken Language Processing

Andrew Maas
Stanford University 

Spring 2022

Lecture 13:  Foundation models and 
SpeechBrain training



Stanford CS224S 
Spring 2022

Outline
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� Working example

� SpeechBrain homework overview
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Reminders
� Homework 3 due Wednesday 11:59pm

� Some challenges running part 5+6. Skip those if you like.
� Homework 4 out today. 2 Colab notebooks

� Running inference + fine tuning SpeechBrain ASR model
� Use your own audio with a voice cloning toolkit

� This Thursday 5/12 is our second guest lecture!
� Catalin Voss. Building speech recognition systems for child 

reading products
� Lecture is Zoom only! No one in lecture hall

� 1% of your final grade for the course for just showing up!
� If you can’t attend synchronously, ask a question in advance on Ed

� Andrew OH on Zoom this Thursday. Link on Canvas
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Foundation models

Stanford HAI Foundation Models report

� Train large (neural) model on lots of data to cover input 
variation, use easy to impute labels. (self-supervision)

� Use embeddings from pre-trained model as features
� Can collapse variable-length inputs to single vector
� Depending on training objective, can encode rich attributes of audio

https://arxiv.org/pdf/2108.07258.pdf
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Foundation models

Visual BERT guide

� Use as encoder for variable-length audio
� Different models can encode speech, multiple languages, etc.
� Basic intuition same as in NLP:

https://jalammar.github.io/a-visual-guide-to-using-bert-for-the-first-time/
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Foundation models

(Baevski et al, 2020)

� Using Wav2Vec 2.0 as “standard” example
� Self-supervised. Pre-trained models available.
� Convolutional layers reduce number of inputs.

-> Transformer encoder

https://arxiv.org/abs/2006.11477
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Wav2Vec 2.0: Loss function

(Baevski et al, 2020)

� Combination of predicting masked value + diversity loss

https://arxiv.org/abs/2006.11477
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Wav2Vec 2.0: Masking & 
quantization

(Baevski et al, 2020)

� Masking of input features during training. Pick an index, mask 
out inputs for M (randomly chosen) steps after that index

� Contrastive loss predicts correct quantized vector q_t from 
among K distractors (masked examples from the same 
utterance). 

� Quantization choices define q_t
� Quantization can be k-means. Chosen empirically to capture 

audio. Similar to HMM triphone clustering or BPE.

https://arxiv.org/abs/2006.11477
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Wav2Vec 2.0: ASR performance

(Baevski et al, 2020)

� Great pre-training for end-to-end ASR models
� Performance ceiling effects on this dataset likely present

https://arxiv.org/abs/2006.11477
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Wav2Vec 2.0: Low resource ASR

(Baevski et al, 2020)

� Viable WER with just 10 mins – 1 hr of training data!

https://arxiv.org/abs/2006.11477
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Hidden Unit BERT (HuBERT)

(Hsu et al,, 2021)

� Explicitly create and predict hidden cluster vectors
� More directly optimizes masked label prediction than wav2vec

https://arxiv.org/abs/2106.07447
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HuBERT: Predicting quantized vectors

(Hsu et al,, 2021)

� Procedure to iteratively update clustering / quantization
� Mix predicting quantized vectors for masked + unmasked outputs

https://arxiv.org/abs/2106.07447
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HuBERT: A bit better on low resource

(Hsu et al,, 2021)

� Useful pre-training for ASR tasks. Quantized representations 
are somewhat easier to define for new tasks

https://arxiv.org/abs/2106.07447
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HuBERT or Wav2Vec: Great results!

(Hsu et al,, 2021)

� Overall ASR performance is great for pre-training + fine tuning 
approaches on reasonable benchmark. 

https://arxiv.org/abs/2106.07447
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Research trend: Foundation model 
features

(Liu et al, 2022)

https://arxiv.org/pdf/2203.01205.pdf
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Using HuBERT: Emotion recognition

(Morais et al,, 2022)

� Pre-train with huBERT, fine tune on emotion classifier

https://arxiv.org/pdf/2202.03896.pdf
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Using HuBERT: Emotion recognition

(Morais et al,, 2022)

� Pre-trained features much better than filterbanks
� Useful features even without fine tuning.

See paper for ablations

https://arxiv.org/pdf/2202.03896.pdf
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XLS-R: Large multi-lingual wav2vec 2

(XLS-R Blog Post, 2021)

� Train wav2vec 2 on many languages. Quantized outputs are
language agnostic

� Publicly released encoder model on HuggingFace

https://ai.facebook.com/blog/xls-r-self-supervised-speech-processing-for-128-languages/
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XLS-R: Low resource ASR + 
classification tasks

(XLS-R Blog Post, 2021)

� Useful feature encodings for several tasks across languages

https://ai.facebook.com/blog/xls-r-self-supervised-speech-processing-for-128-languages/
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XLS-R: multi-lingual ASR

(XLS-R Blog Post, 2021)

� Fine tuning from self-supervised pre-trained features
� Decoding uses language model. Comparing to SOTA

https://ai.facebook.com/blog/xls-r-self-supervised-speech-processing-for-128-languages/
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� Working example

� SpeechBrain homework overview
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Most common project feedback: Try 
foundation features!

� If your project would benefit from a good audio encoding, try 
some of what’s available via HF

� Potentially good way to work with smaller datasets
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Example: Using HF transformers API
https://huggingface.co/docs/transformers/model_doc/hubert

https://huggingface.co/docs/transformers/model_doc/hubert
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Example: Using HF transformers API
� Create huBERT audio features from pre-trained model
� https://huggingface.co/docs/transformers/model_doc/hubert

Public notebook with examples

https://huggingface.co/docs/transformers/model_doc/hubert
https://colab.research.google.com/drive/1crnRWPnzUs2bcv_19aIIXKkekWQF1vpz?usp=sharing
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SpeechBrain overview
� Full ASR toolkit. Integrated with PyTorch. Still figuring out APIs 

/ tools interface
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Appendix


