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2 Profile

®  Basic Information
®  Name : Soohwan Kim
m  Nation : Republic of Korea
® Birth: 1995.10.11
®  Professional Information
®m  Job : Al Research Engineer
®  Company : TUNIB
®  Speech Related Projects
® Pororo - Multilingual-TTS
®  Pororo - Automatic Speech Recognition

®m OpenSpeech

KoSpeech
®  Social Information
®  GitHub : https://github.com/sooftware

® Blog : https://blog.naver.com/sooftware

®m  Facebook : https://www.facebook.com/sooftware95/
® [ inked-In : https://www.linkedin.com/in/Soo-hwan/
®  E-mail : sh951011@gmail.com




What is the Speech Recognition?
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What is the Speech Recognition?
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WORD ERROR RATE (WER)
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End-to-End Speech Recognition
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End-to-End Speech Recognition
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Audio File

(wav, pcm, flac etc.)
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Feature Extraction

Amplitude(m/s?)
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Short-Time Fourier transform
20ms =&l / 10ms AX|E=

« “Voice Recognition using MFCC Algorithm” (IJIRAE, 2014)
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Acoustic Modeling

Y
Hidden Layer
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Acoustic Modeling

h h h hhhhhhh
S ENENE € € € € e €
|
O 0 0OOO0O OO0 0 O
€ € € € € € € € € €

Attention

CTC

20



Connectionist Temporal Classification
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alphas

« Suhas Pillai, “Intelligent Handwriting Recognition_MIL_presentation_v3_final’, Slideshare
» Alex Graves et al. “Connectionist Temporal Classification: Labelling Unsegmented Sequence Data with Recurrent Neural Networks”,

ICML, 2006

21



Connectionist Temporal Classification
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Connectionist Temporal Classification
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Batch
Normalization

( CTC )
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+ “Deep Speech 2: End-to-End Speech Recognition in English and Mandarin” (ICML, 2016)
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Speller

Listener

b= (ha,..

%)

Grapheme characters y; are
modelled by the
CharacterDistribution

AttentionContext creates
context vector ¢; from
and S;

Long input sequence x is encoded with the pyramidal
BLSTM Listen into shorter sequence h

XtA0{x 2| 20| A H|CHEI RNN 7|8t Seq2seqE SM QA0 HE
Cross-Entropy Loss Function AFE
Listener: QITHE 2M ASO| LM E High-level I 2 Hats T = oigt

Speller: Attention 7|8t C| 2. Listener| L|XE BIOA SXIE WA F = A

- “Listen, Attend and Spell” (ICASSP, 2016)
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Speller

h=(hy,...,h

Listener

Grapheme characters y; are
modelled by the

CharacterDistribution

AttentionContext creates
context vector ¢; from
and S;

Long input sequence x is encoded with the pyramidal
) BLSTM Listen into shorter sequence h
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« “Listen, Attend and Spell” (ICASSP, 2016)




Joint CTC-Attention
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+ “Joint CTC-Attention based End-to-End Speech Recognition using Multi-Task Learning” (ICASSP, 2017)



Metric

Character Error Rate (CER)

Edit Distance

b Bon -
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length of Ref. 8

0
>
to

-
d

substitution =2

=0.5

deletion =1 E

insertion =1

https://en.wikipedia.org/wiki/Levenshtein_distance
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Raw Audio Feature Model Transcript
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Output Layer
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Korean Speech Recognition

30




KsponSpeech: Korean Spontaneous Speech Corpus for
Automatic Speech Recognition

b_y L‘ Jeong-Uk Bang 9, L' Seung Yun . 99,_("— Seung-Hi Kim 9, L' Mu-Yeol Choi B L' Min-Kyu Lee =)
( Yeo-Jeong Kim & { ¥ Dong-Hyun Kim & { ¥ Jun Park & (! Young-Jik Lee & and { ¥ Sang-Hun Kim &

Artificial Intelligence Research Laboratory, Electronics and Telecommunications Research Institute (ETRI), 218 Gajeong-ro,
Yuseong-gu, Daejeon 34129, Korea

" Author to whom correspondence should be addressed.

Appl. Sci. 2020, 10(19), 6936; https://doi.org/10.3390/app10196936

Received: 27 August 2020 / Revised: 28 September 2020 / Accepted: 29 September 2020 / Published: 3 October 2020

(This article belongs to the Section Computing and Artificial Intelligence)

+ “KsponSpeech: Korean Spontaneous Speech Corpus for Automatic Speech Recognition” (MDPI, 2020)

31



Data Analysis

(a) Dual transcription (orthography/pronunciation)
- ZAl (EFEH/ARENHO| CHoH & & ZOop
- Do you know a lot about (computers/computars)?
(b) Filler word symbol (*/*)
- O/ REMIB 22 247 MY 2 S Br2f.
- U/, if you look closely, he wants luck the most.
(c) Repeated word symbol (*+”)
-0/ Lh+ L= A0 HF =& & HO|L UAE?
- Uh/, I'm+, I went to Jeju twice last year.
(d) Ambiguous pronunciation symbol (“*’)
-SHOF L7k EEIOtR2 = L0 FRl2 k LR &= AHX|.
- That's right. That's why* they are released as dramas and movies.
(e) Non-speech event symbols (‘b/’:breath, ‘1/’:laughter, ‘o/’:overlapped utterance, ‘n/’:noise)
- TR SEAS. v W7 F 00 7+ F0t5t= 2EXIOF. b/
- It's really good. [laughter] That's one of my favorite snacks recently. [breath]
(f) Numeric notation (numbers and units/pronunciation)
- 2|3 E KFCE= OfH| (9AI/0HE Al) XLt 2 X[Z10] & S22 RSt

|
|
|
|
|
I
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
I
|
|
|
|
|
|
|
I
: - And in KFC, if'it’s past (9 o clock/nine o ’clock), you can buy one and get one free.

32



Data Analysis

e Raw Data

"b/ Ot/ 2+ & 22I0F (70%)/(2 & HAUE) #Eol2tL| n/”
o b/,n/, /.52 HSE 20[E AA|

"0t/ 2+ & 22I0F (70%)/(8 ¢ HUE) FEO0l2tLI"

o MIE (BAHAH/(LEETAN T ESTALALE

"0t/ 2+ 2 2210 & & HUE FHEo0l2tLl"

o UHFO BEH 52 23 ALE 7, '+ 52/ 2|05 AHH|

"OF 2 2 &2i0F 2 & HAE &S0/l

* Code: h ://gith m ftware/kspon h
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https://github.com/sooftware/ksponspeech
https://github.com/sooftware/ksponspeech

Data Analysis

Al Hub Korean Voice Dataset

L UL R

0 50 100 150 200 250 300
Sequence Length

KsponSpeech Box-plot (Text-Length)
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Data Analysis

id char freq

0 5774462
1 640924
2 d 556373
3 0| 509291
4 £ 374559
2329 & 1

2330 & 1

2331 % 1

2332 % 1

id char freq

0 5774462
1 640924
2 a 556373
3 0| 509291
4 = 374559
2032 & 2

2033 A& 2

2034 Z 2

2035 ZF 2
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Data Format

QL|2 AR [TAB] &= ™AL [TAB] ID HA}

KsponSpeech_01\KsponSpeech_0001\KsponSpeech_000001.pcm [TAB] Of & A2[0F 374 &£, [TAB] 94 727 4 1743428 46 1014128 5
KsponSpeech_01\KsponSpeech_0001\KsponSpeech_000003.pcm [TAB] Z12{A X|E2} Aot S2t2tA 2t 2J0) 255H= 7|7 JUCHR. [TAB] 6 36 20 ... 20 4
KsponSpeech_01\KsponSpeech_0001\KsponSpeech_000005.pcm [TAB] A & & & Z=Z 7}F2| Of0| 2} 718 2| E&0|0F? [TAB] 6 23 4 154 ... 368 7 28 16
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Feature Extraction by librosa

librosaE Eoll €/ 2RC|Q EE Y LY FE 7t

Mel-Spectrogram, MFCC 52| CI¥

St

|7

import librosa
import numpy as np
import matplotlib.pyplot as plt

signal, sample_rate = librosa.load('../557.wav', sr=16000)

plt.plot(signal)

plt.show()

06

04

02

00

0 25000 50000 75000 100000 125000 150000 175000

frame_length = 20.0
frame_shift = 10.0

n_mels = 80

n_fft = int(round(sample_rate * 0.001 % frame_length))
hop_length = int(round(sample_rate * 0.001 * frame_shift))

spectrogram
spectrogram

librosa.feature.melspectrogram(signal, sr=sample_rate, hop_length=hop_length, n_fft=n_fft, n_mels=n_mels)
librosa.power_to_db(spectrogram, ref=np.max)

plt.imshow(spectrogram, aspect='auto', origin='Tlower")

<matplotlib.image.AxesImage at @0x7fc7b@2bad90>

5 8 8 & 8 8 3
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Raw Audio Feature Model Transcript

} » Of 9 = Ag|of OA I

Output Layer

38



39



KoSpeech & OpenSpeech




Speech Recognition Training Pipeline

Loss

o\
. } » ob o ® Azlof 27
f o

CTC Loss
or
CE Loss

o w7hK] BH=

Parameter Update




CTC 7|8t B2 C|AEH7F HCIXK]..?

29
2

Loss’t @l nanO[X]|..?

71 &
p

ol 22| 7F XH B X|=H OH5HA]..

5tolH m2tn|E = o EH Fatx|?

oo ra |
2 AFXITIE

| =]
LS H = oT

2EX}IE: https://eithub.com/sooftware/Speech-Recognition-Tutorial
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https://github.com/sooftware/Speech-Recognition-Tutorial
https://github.com/sooftware/Speech-Recognition-Tutorial
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kospeech

Open-Source Toolkit for End-to-End Korean Automatic Speech
Recognition.

speech-recognition asr korean-speech end-to-end las-models ksponspeech

@ Python {? 270 % 95 AIA Apache License 2.0  Updated 13 days ago

Spectrogram, Mel-Spectrogram, MFCC, Filter-Bank Z|& X|&

LAS, Transformer, DeepSpeech2, Jasper, Conformer 2| 2 & X|&l

il

Character / Subword / Grapheme TX{2| & &t& X[

Etc.

[GitHub] : https://github.com/sooftware/kospeech
[TECHNICAL-REPORT] : https://arxiv.org/abs/2009.03092

pytorch

[PAPER] : https://www.sciencedirect.com/science/article/pii/S2665963821000026
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https://github.com/sooftware/kospeech
https://arxiv.org/abs/2009.03092
https://www.sciencedirect.com/science/article/pii/S2665963821000026
https://github.com/sooftware/kospeech
https://arxiv.org/abs/2009.03092
https://www.sciencedirect.com/science/article/pii/S2665963821000026

KoSpeech

An Apache 2.0 ASR research library, built on PyTorch, for developing end-to-end speech recognition models

0| HOFX[HM AEXT U0 A ZHefo] o2 A

J

BY S OF £V} A| L2 BESE 20| 232 S0k (38 S50} L)

=02 X3

Hp=l2t Tto| EX| 7|8t (Multi-Node Training S2| 0{2{2)

o
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Facebook-ResearchO|A] 3718t configuration 2| Z2{| 32l Hydra M& & MHHQl 2= £F S X2

7|20 2 SOt M of|7[X| 2t 7t d7|= S 0 Z0| AUS

* https://github.com/facebookresearch/hydra
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KoSpeech

o 0f2f AN 2fA[Z] X|J (et=0{, PO, E=01)

PyTorch-Lightning 7|9t

DY U J[Et BES FIH57] 418 1E

. o2

[ ]
sl
0
lgﬂ
14
0
Loﬂ
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openspeech
Open-Source Toolkit for End-to-End Speech Recognition leveraging PyTorch-Lightning and Hydra. M A

@Python ¥ 181 % 30 (O 10 (4issuesneedhelp) 9 0 Updated yesterday

« https://github.com/openspeech-team/openspeech
48



Lightni HYDR@‘
=2 configuration= hierarchicalSt7| 22[5HA 2tad0] 2 £ X E @I58l PyTorch-Lightning + Hydra &
FairseqM|A HydraZ A&t 18 HO| &1

- Fairseq: https://github.com/pytorch/fairseq
+ Openspeech’ s Hydra: https://openspeech-team.github.io/openspeech/notes/hydra_configs.html
49



Supported Recipe

KsponSpeech LibriSpeech AISHELL-1
1,000h 1,000h 100h

+ “KsponSpeech: Korean Spontaneous Speech Corpus for Automatic Speech Recognition” (MDPI, 2020)
« “LibriSpeech: An ASR Corpus Based on Public Domain Audio Books” (ICASSP, 2015)
« “AISHELL-1: An open-source Mandarin speech corpus and a speech recognition baseline” (O-COCOSDA, 2017)
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Supported Models

10.

. DeepSpeech2 (from Baidu Research) released with paper Deep Speech 2: End-to-End Speech Recognition in

English and Mandarin, by Dario Amodei, Rishita Anubhai, Eric Battenberg, Carl Case, Jared Casper, Bryan
Catanzaro, Jingdong Chen, Mike Chrzanowski, Adam Coates, Greg Diamos, Erich Elsen, Jesse Engel, Linxi Fan,
Christopher Fougner, Tony Han, Awni Hannun, Billy Jun, Patrick LeGresley, Libby Lin, Sharan Narang, Andrew
Ng, Sherjil Ozair, Ryan Prenger, Jonathan Raiman, Sanjeev Satheesh, David Seetapun, Shubho Sengupta, Yi
Wang, Zhigian Wang, Chong Wang, Bo Xiao, Dani Yogatama, Jun Zhan, Zhenyao Zhu.

. RNN-Transducer (from University of Toronto) released with paper Sequence Transduction with Recurrent

Neural Networks, by Alex Graves.

. LSTM Language Model (from RWTH Aachen University) released with paper LSTM Neural Networks for

Language Modeling, by Martin Sundermeyer, Ralf Schluter, and Hermann Ney.

. Listen Attend Spell (from Carnegie Mellon University and Google Brain) released with paper Listen, Attend and

Spell, by William Chan, Navdeep Jaitly, Quoc V. Le, Oriol Vinyals.

. Location-aware attention based Listen Attend Spell (from University of Wroctaw and Jacobs University and

Universite de Montreal) released with paper Attention-Based Models for Speech Recognition, by Jan
Chorowski, Dzmitry Bahdanau, Dmitriy Serdyuk, Kyunghyun Cho, Yoshua Bengio.

. Joint CTC-Attention based Listen Attend Spell (from Mitsubishi Electric Research Laboratories and Carnegie

Mellon University) released with paper Joint CTC-Attention based End-to-End Speech Recognition using Multi-
task Learning, by Suyoun Kim, Takaaki Hori, Shinji Watanabe.

. Deep CNN Encoder with Joint CTC-Attention Listen Attend Spell (from Mitsubishi Electric Research

Laboratories and Massachusetts Institute of Technology and Carnegie Mellon University) released with paper
Advances in Joint CTC-Attention based End-to-End Speech Recognition with a Deep CNN Encoder and RNN-
LM, by Takaaki Hori, Shinji Watanabe, Yu Zhang, William Chan.

. Multi-head attention based Listen Attend Spell (from Google) released with paper State-of-the-art Speech

Recognition With Sequence-to-Sequence Models, by Chung-Cheng Chiu, Tara N. Sainath, Yonghui Wu, Rohit
Prabhavalkar, Patrick Nguyen, Zhifeng Chen, Anjuli Kannan, Ron J. Weiss, Kanishka Rao, Ekaterina Gonina,
Navdeep Jaitly, Bo Li, Jan Chorowski, Michiel Bacchiani.

. Speech-Transformer (from University of Chinese Academy of Sciences and Institute of Automation and

Chinese Academy of Sciences) released with paper Speech-Transformer: A No-Recurrence Sequence-to-
Sequence Model for Speech Recognition, by Linhao Dong; Shuang Xu; Bo Xu.

VGG-Transformer (from Facebook Al Research) released with paper Transformers with convolutional context
for ASR, by Abdelrahman Mohamed, Dmytro Okhonko, Luke Zettlemoyer.

1

-

12.

13.

14.

15.

16.

17.

18.

19.

20.

. Transformer with CTC (from NTT Communication Science Laboratories, Waseda University, Center for

Language and Speech Processing, Johns Hopkins University) released with paper Improving Transformer-
based End-to-End Speech Recognition with Connectionist Temporal Classification and Language Model
Integration, by Shigeki Karita, Nelson Enrique Yalta Soplin, Shinji Watanabe, Marc Delcroix, Atsunori Ogawa,
Tomohiro Nakatani.

Joint CTC-Attention based Transformer(from NTT Corporation) released with paper Self-Distillation for
Improving CTC-Transformer-based ASR Systems, by Takafumi Moriya, Tsubasa Ochiai, Shigeki Karita, Hiroshi
Sato, Tomohiro Tanaka, Takanori Ashihara, Ryo Masumura, Yusuke Shinohara, Marc Delcroix.

Transformer Language Model (from Amazon Web Services) released with paper Language Models with
Transformers, by Chenguang Wang, Mu Li, Alexander J. Smola.

Jasper (from NVIDIA and New York University) released with paper Jasper: An End-to-End Convolutional
Neural Acoustic Model, by Jason Li, Vitaly Lavrukhin, Boris Ginsburg, Ryan Leary, Oleksii Kuchaiev, Jonathan M.
Cohen, Huyen Nguyen, Ravi Teja Gadde.

QuartzNet (from NVIDIA and Univ. of lllinois and Univ. of Saint Petersburg) released with paper QuartzNet:
Deep Automatic Speech Recognition with 1D Time-Channel Separable Convolutions, by Samuel Kriman,
Stanislav Beliaev, Boris Ginsburg, Jocelyn Huang, Oleksii Kuchaiey, Vitaly Lavrukhin, Ryan Leary, Jason Li, Yang
Zhang.

Transformer Transducer (from Facebook Al) released with paper Transformer-Transducer: End-to-End Speech
Recognition with Self-Attention, by Ching-Feng Yeh, Jay Mahadeokar, Kaustubh Kalgaonkar, Yonggiang Wang,
Duc Le, Mahaveer Jain, Kjell Schubert, Christian Fuegen, Michael L. Seltzer.

Conformer (from Google) released with paper Conformer: Convolution-augmented Transformer for Speech
Recognition, by Anmol Gulati, James Qin, Chung-Cheng Chiu, Niki Parmar, Yu Zhang, Jiahui Yu, Wei Han, Shibo
Wang, Zhengdong Zhang, Yonghui Wu, Ruoming Pang.

Conformer with CTC (from Northwestern Polytechnical University and University of Bordeaux and Johns
Hopkins University and Human Dataware Lab and Kyoto University and NTT Corporation and Shanghai Jiao
Tong University and Chinese Academy of Sciences) released with paper Recent Developments on ESPNET
Toolkit Boosted by Conformer, by Pengcheng Guo, Florian Boyer, Xuankai Chang, Tomoki Hayashi, Yosuke
Higuchi, Hirofumi Inaguma, Naoyuki Kamo, Chenda Li, Daniel Garcia-Romero, Jiatong Shi, Jing Shi, Shinji
Watanabe, Kun Wei, Wangyou Zhang, Yuekai Zhang.

Conformer with LSTM Decoder (from IBM Research Al) released with paper On the limit of English
conversational speech recognition, by Zoltan Tiiske, George Saon, Brian Kingsbury.

ContextNet (from Google) released with paper ContextNet: Improving Convolutional Neural Networks for
Automatic Speech Recognition with Global Context, by Wei Han, Zhengdong Zhang, Yu Zhang, Jiahui Yu,
Chung-Cheng Chiu, James Qin, Anmol Gulati, Ruoming Pang, Yonghui Wu.
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Supported Modules

TriStageLRScheduler

0.00010 —r

0.00008

0.00006

0.00004

0.00002

I~

0.00000

0 25000 50000 75000 100000 125000 150000 175000 200000
timestep

Ir

0.10

0.00

TransformerLRScheduler

—r

\\

o

2500 5000 7500 10000 12500 15000 17500 20000
timestep

WarmupLRScheduler

0.00010 | == Ir

0.00008

0.00006

0.00004 -

0.00002

0.00000

0 2000 4000 6000 8000 10000 12000 14000
timestep

]

[ Classifier 1 ][ Classifier 2 ][ Classifier 3 ][ Classifier 4 ][ Classifier 5 ]

| | |

Class 1: 90% Class 1: 10% Class 1: 1% Class 1: 25% Class 1: 5%
Class 2: 8% Class 2: 80% Class 2: 85% Class 2: 65% Class 2: 90%
Class 3: 2% Class 3: 10% Class 3: 14% Class 3: 10% Class 3: 5%

Average:
Class 1: 26.2%
Class 2: 65.6%
Class 3: 8.2%

Final prediction: Class 2

0.00010

0.00008

0.00006

0.00004

0.00002

ReducelLROnPlateauScheduler

2000 4000 6000 8000 10000

timestep
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Training Command

e Examplel: Train the conformer-1stm model with filter-bank features on GPU.

$ python ./openspeech_cli/hydra_train.py \
dataset=librispeech \
dataset.dataset_download=True \
dataset.dataset_path=$DATASET_PATH \
dataset.manifest_file_path=$MANIFEST_FILE_PATH \
tokenizer=1libri_subword \
model=conformer_1lstm \
audio=fbank \
1r_scheduler=warmup_reduce_lr_on_plateau \
trainer=gpu \
criterion=cross_entropy

e Example2: Train the listen-attend-spell model with mel-spectrogram features On TPU:

$ python ./openspeech_cli/hydra_train.py \
dataset=ksponspeech \
dataset.dataset_path=$DATASET_PATH \
dataset.manifest_file_path=$MANIFEST_FILE_PATH \
dataset.test_dataset_path=$TEST_DATASET_PATH \
dataset.test_manifest_dir=$TEST_MANIFEST_DIR \
tokenizer=kspon_character \
model=listen_attend_spell \
audio=melspectrogram \
1r_scheduler=warmup_reduce_1lr_on_plateau \
trainer=tpu \
criterion=cross_entropy
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Add Custom Data Recipe (Korean)

1. C[O|H MX2| ZE ZHd
- Manifest file: 2C| 2 AZ [TAP] St2 F A} [TAP] ID T A}
- Vocab file: &5}= Ct | | Bt= yocab:ID I} MM

2. LightningDataModule &2|

- Manifest I THAl 2l train / valid / test Al 22| 2! H|0|E{ 25 H9|

- O:HX'” https://github.com/openspeech-team/openspeech/blob/main/openspeech/datasets/ksponspeech/lit data module.py
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https://github.com/openspeech-team/openspeech/blob/main/openspeech/datasets/ksponspeech/lit_data_module.py
https://github.com/openspeech-team/openspeech/blob/main/openspeech/datasets/ksponspeech/lit_data_module.py

Contribution is welcome !!
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TUNIB

http://www.tunib.ai/
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End Of Document
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