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Latency is an important factor for practicality in any real-time information
processing system. The cause of latency includes various factors depending
on the tasks, and achieving a better tradeoff of accuracy and latency is an
open—ended research goal. This thesis focuses on latency in two fundamental
speech—-to—text generation tasks in real-world applications: streaming
automatic speech recognition (ASR) and speech translation (ST). In
streaming ASR, how quickly the system can display tentative recognition
outputs while a speaker is talking impacts user experience. On the other
hand, in ST, the system response time from the completion of speaking is
important for utterance interpretation and smooth communication.

In the past vyears, advances in deep learning have enabled end-to—end
training from speech to the target text sequence. Although it pushes up the
limit of accuracy, an uncontrollable token emission latency is introduced in
streaming end-to—end ASR models. Meanwhile, computational latency with
incremental left—-to—right decoding 1is not negligible for real-world
applications of ST systems, even though end-to—end models are faster than
traditional cascade models. Therefore, this thesis addresses two fundamental
latency: emission latency in streaming end-to—end ASR and computational
latency in end—to—end ST.

In Chapter 2, the conventional approaches of ASR and ST are formulated,
and their problems are discussed.

In Chapter 3, we address the reduction of emission latency of streaming

attention—-based encoder—decoder (AED) ASR models. We propose alignment
knowledge distillation from hybrid ASR systems and connectionist temporal
classification (CTC) models. Unlike conventional knowledge distillation

methods in an output probability space, the knowledge of token boundary
positions is distilled in a latent alignment space. Because the teacher CTC
model is trained jointly with the student AED model, the alignment knowledge
distillation from CTC can be regarded as self-distillation, a purely end-to-

end training framework. We formulate several training objective functions
to synchronize the token boundaries of the student model to those of the
teacher model. Moreover, we propose an alignment—-free emission latency

reduction method without any teacher model, which can be combined with the
above distillation methods. We experimentally demonstrate that distillation
from CTC achieves the best tradeoff between the recognition accuracy and
emission latency. It also makes the model robust to long—form and noisy
speech.

In Chapter 4, we address the reduction of display latency of streaming
AED ASR models. To take advantage of efficient batched output—synchronous
and low—latency input—-synchronous search methods, we propose a block-
synchronous beam search decoding. This guarantees a controllable display
latency and achieves comparable accuracy to the label-synchronous decoding.




Moreover, to relieve the model of pre—segmentation with a separate voice
activity detection (VAD) model, we propose a VAD-free streaming inference
algorithm. It leverages probabilities from an auxiliary CTC layer to
determine a suitable timing to reset the model states, and thus overcomes
the vulnerability to long—form speech. We experimentally show that the
proposed algorithm can recognize long—form speech stably for up to a few
hours without any external VAD model. Moreover, it outperforms cascading
VAD and ASR models in accuracy.

In Chapter 5, we address the reduction of computational latency in end-
to—end ST models. To accelerate the decoding speed, a non—autoregressive
(NAR) model, which generates multiple tokens in parallel, is incorporated.
We approach this in two directions. The first approach is to adopt an NAR
translation decoder instead of an autoregressive (AR) translation decoder
that generates tokens incrementally. To make the best of both decoders, we
propose a unified framework in which both NAR and AR decoders are jointly
trained on the shared encoder, and the latter is used for rescoring the
output from the former. This framework brings a large improvement of
translation quality over the baseline NAR model only with a small additional
cost for the rescoring. The second approach is to adopt a two—pass multi-
decoder architecture that decomposes the overall ST task into ASR and MT
sub—tasks by introducing an intermediate ASR decoder. We propose to
condition the second—pass AR translation  decoder on continuous
representations from the first—-pass NAR ASR decoder. Compared to a vanilla
encoder—decoder model, this slows down the decoding speed, but the
translation quality is improved by a large margin. On the other hand, this
framework significantly improves the decoding speed compared to when using a
first—-pass AR ASR decoder without sacrificing the quality.

In Chapter 6, we address data sparseness in end-to—end ST models by
making the most of bilingual ST corpora. We propose a simple yet effective
framework for multilingual end-to—end ST, in which speech utterances in
source languages are directly translated to the desired target languages
with a universal sequence-to—sequence architecture. We experimentally show
the effectiveness 1in one—-to—many and many—to—many language directions.
Moreover, to leverage the full potential of the source and target language
information, we propose bidirectional sequence—level knowledge distillation
(SeqkD), in which SeqKD from both source-to-target and target—-to—source
machine translation (MT) models is combined. The target—-to—source MT model
generates paraphrases of reference transcriptions via back—translation, and
a bilingual end-to—-end ST model is trained to predict the paraphrases as an
auxiliary task with a shared decoder. Because paraphrasing is a monolingual
translation task, bidirectional SegKD can be regarded as pseudo multilingual
training. We experimentally show that bidirectional SeqKD improves the
translation quality of both AR and NAR models.

Chapter 7 concludes this thesis with a brief look at future work.
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