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This thesis presents a series of new techniques to improve the automatic
transcription of real meetings and presentations with end-to—end models.
Fnd-to—end automatic speech recognition (ASR) has been intensively
investigated because of its fast decoding and simplified architecture. It
consists of a single neural network, unlike the hybrid HMM-based approach
that uses modularized acoustic and language model components. However, it
requires a considerable amount of paired data of speech and transcriptions
for training, which are much more expensive to collect than unpaired speech
and text resources for a target task or domain. To address this problem, we
propose a framework for adapting end-to—end models using only untranscribed
speech and text-only data to new domains with unseen acoustic and linguistic
characteristics. Transcribing presentations and meetings is more challenging
because they consist of spontaneous and long utterances. Moreover,
faithfully transcribing these utterances word-by-word results in redundant
and ungrammatical outputs that are not necessarily easy to read and
comprehend. Therefore, we propose a method for robustly transcribing long
utterances and a strategy for end-to—end generation of readable written—
style texts directly from speech.

Chapter 2 gives a brief review of large vocabulary continuous speech
recognition (LVCSR) and the introduction of end-to—end models.

In Chapter 3, we present an approach to cross—domain speech recognition
based on acoustic feature mappings provided by a deep neural network, which
is trained using non—parallel speech corpora from two domains without
ground—-truth labels. For training a target—domain acoustic model, we
generate simulated target speech features from the labeled source domain
features using a mapping. This forward mapping and the backward mapping are
trained simultaneously with adversarial networks using a conventional
adversarial loss and a cycle—consistency loss criterion that encourages the
backward mapping to bring the translated feature back to the original as
close as possible. In a highly challenging task of model adaptation only
using the target—domain speech, this method achieved up to 16% relative
improvements in word error rate (WER) in the evaluation using the CHiME3
real test data.

In Chapter 4, we investigate how we can leverage the latest speech
synthesis technology to tailor the ASR system for a target domain by
preparing only a relevant text corpus. From a set of target domain texts, we
generate speech features using a sequence-to—-sequence speech synthesizer.
These synthesized speech features, together with real speech features from
conventional speech corpora, are used to train an attention—based end—to—end
ASR  model. Experimental evaluations show that the proposed approach
significantly improves the WER of presentation speeches of the CSJ from the
baseline model trained only with real speech, although the synthetic part of




the training data comes only from a single speaker voice.

Chapter 5 investigates how bidirectional attention mechanisms can be
integrated to improve the performance of ASR systems. The proposed approach
decodes speech from left to right and right to left, utilizing forward and
backward attention vectors. The best sentence hypothesis is chosen according
to the combined probabilities provided by the decoders of two directions.
The proposed bidirectional decoding improved the WER by up to 13% relative
for presentation speeches of the CS]J.

In Chapter 6, we propose a novel approach that outputs clean, readable
text directly from a meeting speech by removing fillers and disfluent
regions, substituting colloquial expressions with formal ones, inserting
punctuation, recovering omitted particles, and performing other types of
appropriate corrections. We formalize this approach as end-to—end generation
of written—style text from speech using a single neural network. We also
propose a method to guide the training of this end-to—end model using
automatically generated faithful transcripts and a novel speech segmentation
strategy based on online punctuation detection. An evaluation using 700-hour
Japanese Parliamentary speech demonstrates that the proposed direct approach
successfully generates <clean transcripts for human consumption more
accurately at a faster decoding speed than the conventional cascade
approach. We also conduct an in—-depth analysis of the edit types that
professional human editors perform in creating the official written records
of Japanese Parliamentary meetings and evaluate the proposed system in terms
of each edit type.

Chapter 7 concludes the thesis.
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