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Speech is the most natural communication modality for humans. Since the advent of
computers, the development of natural speech communication channels between humans
and computers has been one of the greatest goals in computer science research fields. For
such natural commumication channels, automatic speech recognition (ASR) technology,
which converts speech into text by computer programs, has been scrutinized and comprises
the core of such intelligent and user-friendly applications as voice dictation, voice search,
voice command, and spoken dialogue systems.

Over the past few decades, machine learning (ML)-based approaches have been a center
pillar of ASR research, based on the advancement of such key ML methodologies as
(artificial) neural networks and probabilistic modeling. With the recent advent of deep
learning (DL) techniques, ASR performances have significantly improved in the past five
years or s0. However, such DL-based ASR technologies remain insufficient for appropriately
coping with the variability of speakers and speaking environments; ASR technologies must
be improved.

The most fundamental way for coping with the variability is to fully represent it in training
stages for ASR systems. However, it is basically unrealistic to predict the entire variability.
Accordingly, incorporating some effective compensation techniques with DL-based ASR
systems is a reasonable solution to the variability problem. Motivated by this understanding,
in this dissertation, we investigate novel compensation techniques for deep neural network
(DNN)-based ASR systems by introducing an internal structure to DNN, which enables ASR
systems to evoke the aptitude of DNN for dealing with speaker and/or environment
variability.

In this dissertation, we separately study two kinds of variability: 1) variability in speakers,
and 2) variability in speaking environments (changes in background noise and
reverberation). For the former issue, we propose a novel speaker adaptation algorithm that
incorporates the speaker adaptive training (SAT) concept into the training of DNN in the
framework of a hybrid DNN and Hidden Markov Model (HMM) speech recognizer. Our
proposed SAT-based speaker adaptation scheme introduces modularity, more precisely,
localizing a speaker dependent (SD) module, in the DNN part of the hybrid system and
optimizes the DNN part, assuming that the SD module is adapted in the adaptation stage.
For the latter environment-related issue, we focus on a recently proposed end-to-end ASR
architecture, which is completely composed of neural networks, and propose a novel



multichannel end-to-end (ME2E) ASR architecture that integrates speech enhancement and
speech recognition components into a single neural network-based architecture. Our
proposed architecture allows the overall procedure of multichannel speech recognition G.e.,
from speech enhancement to speech recognition) to be optimized only under a
recognition-oriented training (learning) criterion using multichannel noisy speech samples
and corresponding transcriptions.

We conducted several experimental evaluations of our proposed methods and successfully
demonstrated their effectiveness in further increasing the performances of DNN-based ASR
systems. The proposed SAT-based speaker adaptation methods successfully increased the
adaptability of hybrid DNN-HMM ASR systems and reduced the size of the adaptable
parameters. The proposed ME2E ASR architecture successfully learned a noise suppression
function through end-to-end recognition-oriented optimization and improved ASR
performances in various noisy environments.



