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AL EHERIRTIRF EHFIRAEAK (ASR)
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and Rules Model
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BEERARANFREIEREF EENGT T RIAMARAERAEL L, FHGICOW Sphinx., HTK. ISIP. Julius ARV #AEKaldi, {2
AAEERITFRAR BAIERRZHTFRAEUATEANRS, BRAGAIFTF AR AETES. BAT2 KR KG3EFTHAT A4 XKaldi
LEAMARS T RS, EKaldi ARFBELRZRGEEHEDaniel Poveyi L UBRBAF R I NEAMAELLIERER, B
NESFBAISHELL (i RN &) B8FCC0F 5 & & 5Tt H A2 WA Kaldi A T a2 2R BARXS A 5HmAKalditt X,

Toolidt Programming Deuelqp.menl: Tutorials and Community Trained
languages activity examples models .
. Daniel Povey GItH“b
CMU Java, C, Python, : EF'ET?G 'g:hf'r“‘ﬂ IR EEERR R
Sphinx others L +++ ++ e
languages
Kaldi C++, Python 44 ++ 44 Subset of
' o L : English
HTK C, Python ++ +++ ++ None O
Julius C, Python ++ ++ + Japanese 0
REETRRS
ISIP C++ ++ e + Digits only FEEZEFAEZENHHX

B%+ EIE R RN SR
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3 EFTHEHREFRSTE

OpenSLR

Home Resources

Aishell E

los

Identifier: SLR33

Summary: Mandarin data, provided by Beijing Shell Shell Technology Co.,Ltd

Category: Speech

License: Apache License v.2.0

Downloads (use a mirror closer to you):

data_aishell.tgz [15G] (speech data and transcripts ) Mirrors: [China]

resource_aishell.tgz [1.2M] ( supplementary resources, incl. lexicon, speaker info ) Mirrors: [China]

About this resource:

Aishell is an open-source Chinese Mandarin speech corpus published by Beijing Shell Shell Technology Co.,Ltd.

http://www.opensir.org/33/

AISHELL-1: An open-source Mandarin speech corpus and a speech

recognition baseline

Hui Bu; Jiayu Du; Xingyu Na; Bengu Wu; Hao Zheng  All Authors

Publisher: IEEE Cite This

70 740
Paper Full 0 < @
Citations Text Views

BE+BR A FRR N {e Lk

2

@ KALDI

20em

Kaldi recipe

@ s5: a speech recognition recipe
20cm | 20em = v1: a speaker recognition recipe

178H
400 Speakers

@® Sampling Rate: 16KHz
Sample Format: 16bit
Environment: Indoor

Sample ‘ Netdisk ‘OpenSLR

License: Apache License v.2.0

http://www.aishelltech.com/kysjcp

SEFHREENTT R



3 EFTHEHREFRSTE

2 O KALDI

Kaldi recipe

20cm

1000H _ i
1991 Speakers ). ® .. [® speech recognition recipe
= e e kaldi/egs/aishell2/

. Sampllng Rate: 16KHz Sample ‘ Netdisk |0penSLR
Sample Format: 16bit C noms
; . License: Apache License v.2.0
Environment: Indoor P AISHELL-2

AISHELL-2 is by far the largest free speech corpus avzilable for Mandarin ASR research.

http://www.aishelltech.com/aishell_2 oA

Training data

1000 hours of speech data (around 1 million utterances)

arXiv.org > cs > arXiv:1808.10583

1991 speakers (845 male and 1146 female)
clean recording environment (studio or quiet living room)

Computer Science > Computation and Language read speeen

reading prompts from various domain: entertainment, finance, technology, sports, control command, place of interest etc.
near field recording via 3 parallel channels (I0S, Android, Microphone).

[Submitted on 31 Aug 2018 (1), last rewised 13 Sep 2016 (ths version, v2)f

AISHELL-2: Transforming Mandarin ASR Research Into Industrial Scale
Jiayu Du, Xingyu Na, Xuschen Liu, Hui Bu

i35 data is free for non-commercial research and education use (e.g. universities and non-commercial institutes)

AISHELL-115 by far the largest open-source speech corpus available tor Mandann speech recognition research. It was released with a baseline system containing solid traming and
tesfing pipelines for Mandarin ASR In AISHFI -2 1000 hours of clean read-speech data from 05 is published which is free for academic usage: On top of AISHFL -7 comus, an
improved recipe is developed and released, containing key components for industnal applications, such as Chinese word segmentation, flexible vocabulary expension and phone set
transformation etc. Pipelines support various state-of-the-art techniques, such as time-delayed neural networks and Lattic-Free MMI objective funciton. In addition, we also release dev

and test data from other channets{Android and Mic). For rescarch community, we hope that AISHELL 2 corpus can be a solid resource for topics like transfer leaming and robust ASR.
I _ A WeNetXIFAISHELL-ZH !
For industry, we hope AISHELL-2 recipe can be a helpful reference for building meaningful industnal systems and products.

BE+BR A FRR N {e Lk

SEFHREENTT R



https://github.com/kaldi-asr/kaldi
https://github.com/kaldi-asr/kaldi/tree/master/egs

3 ELHERBEFRATE

AISHELL-WakeUp-1

HI-MLA

“R8F, KI" “Hi, Mia” Open Source

@ KALDI

Kaldi recipe

Speaker Verification
Keyword
recognition recipe

AISHELL Speaker Verification Challenge 2019

3 HI-MIA

http://www.opensir.org/85/

A
> AISHELL-WakeUp-1
p & underdogliu HI-MIA update: complementing trial list format and text-independent r... -

) N 0
- N ) .‘ http://www.aishelltech.com/wakeup_data
@) att) @ @EQ’ :

P master »  kaldi/ egs / hi_mia/

HI-MIA update: complementing trial list format and text-independent r...

B%+ EIE R RN SR

4 1561H wl [egs] Add hi_mia/w1 recipe (#4120
Im- README xt egs] Add HIMIA (openslr-83) recipe speaker verification (£4069)
m 411}B N 340 Speakers fegs] P
j Source README txt
L | s‘ | | Sampling Rate: 44.1KHz & 16KHz |
1111 2SC111 1]11 311}. 5111 . Th: repository for HIMIA dataset
Sample Format: 16bit e e o e
HI-MIA: http:// openslr.org/8
Environment: Indoor
T e o
speaker tion recip e found DHE .

SiEFHREENTT R



3 EFTHEHREFRSTE

S multi-speaker Text-to-Speech (TTS) systems

Speaker

20em

System recipe

Cj— I Baseline System Samples

(08 Android Arxiv: 2070.11567

Github Repo: sosT1sosZSixteen/aishell-3-baseline-fc

Dataset Download: www.aishelltech.com/aishell_3
‘ Samp]_ ing Rate: 44_ 1KHz 85H For further questions regarding the dataset: tech@aishelldata.com

Sample Format: 16bit 218 Speakers

Environment: Indoor P Authors
= SHI, Yao (Wuhan University, Duke-Kunshan University)
= BU, Hui (AISHELL)

Download-Dataset « XU, Xin (AISHELL)
http://www.aishelltech.com/aishell_3 ® ZHANG, Shaoji (ISHELL)

¢ LI, Ming (Duke-Kunshan University, Wuhan University) - ming.li369@dukekunshan.edu

Download-Paper
https://arxiv.org/abs/2010.11567

AISHELL-3 V2 INTERSPEECH 2021

The Interspeech 2021 Program Committee are pleased to inform you that your paper

» - Paper ID: 755
=] mE —
él#\%u?éﬁﬁ Al =-_ SHELL Title: AISHELL-3: A Multi-Speaker Mandarin TTS Corpus

has been accepted for presentation at the conference. Please read through the rest of this email carefully

BE+BR A FRR N {e Lk
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Al-.-‘}SHELL 4

—PMEEZ R XEYISERAY BEF N EBIE RN SRS

L) ‘.

120 /)i | 120 Hours | Speech front-end processing FRESR
211 3H= | 211 Meeting Sessions Speech recognition Open Source
10 2= | 10 Meeting Rooms Speaker diarization

60 A | 60 Speakers

IZEIBRELES2111541 , BIFSNAESA |, BUEEH120/\E AR, 1ZEIRE STEBHIIRN TS FEiE AR
R, AISHELL-A#(REE T LRI sE FTEMEEGN | fIIER. B8, REARE. BES, RNEUEEREHTE

RIVEFESNANEERER | HERREH TEEL DEIFRIRES |, FETLURITERSLL,

B%+ EIE R RN SR
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EFHEHREFRTE

Mic 7 | =
Mic 6, Mic 8 Theme
i 120H 60 Speaker
R I i p3 P4 Meeting sessions
The topology of 8-mic array )I_Ij'
= & o 211
TV : o 240 ~ = H
projector 3 A %‘tE Meeting rooms
I i I . B
V o g N N
P5 Circular MA [ %'\’l'?i 1 O
f Tablel] \/ oo E;_Fi% Recording Device
S| Window
i B s
5 P2 PL | — vk 8-chnanel
| = /}j circular microphone array (16kHz, 16-bit);
—= ¢ Table 2 Door RN
N B i
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3 ELHERBEFRATE

http://www.openslr.org/111/

OpenSLR

Home Resources

ATSHELL-4

Identifier: SLR111

Summary: A Free Mandarin Multi-channel Meeting Speech Corpus, provided by Beijing Shell Shell Technology Co.,Ltd

Category: Speech

License: CC BY-SA 4.0

Downloads (use a mirror closer to you):

train_L.tar.gz [7.0G] ( Training set of large room, 8-channel microphone array speech ) Mirrors: [China]

train_M.tar.gz [25G] ( Training set of medium room, 8-channel microphone array speech ) Mirrors: [China]

train_S.tar.gz [14G] ( Training set of small room, 8-channel microphone array speech ) Mirrors: [China]

test.tar.gz [5.2G] (Testset) Mirrors: [China]

About this resource:

The AISHELL-4 is a sizable real-recorded Mandarin speech dataset collected by 8-channel circular microphone array for speech process
dataset consists of 211 recorded meeting sessions, each containing 4 to 8 speakers, with a total length of 120 hours. This dataset aims
research on multi-speaker processing and the practical application scenario in three aspects. With real recorded meetings, AISHELL-4 |
rich natural speech characteristics in conversation such as short pause, speech overlap, quick speaker turn, noise, etc. Meanwhile, the
speaker voice activity are provided for each meeting in AISHELL-4. This allows the researchers to explore different aspects in meeting f
individual tasks such as speech front-end processing, speech recognition and speaker diarization, to multi-modality modeling and joint
We also release a PyTorch-based training and evaluation framework as a baseline system to promote reproducible research in this fielc
generated samples are available here.

You can cite the data using the following BibTeX entry:

B%+ EIE R RN SR

SiEFHREENTT R

http://www.aishelltech.com/aishell 4

-4 ZiRiEep

e Mandarin Mult

WHN AT RER, &
ISHELL-4 8 18 48
« FIEERTE TR

MR HE W, W A, BREEEEE12000
15 LT A S W, WS, REAR
WEHRE. WEASTIWRMES, MELEETR

The AISHELL-4 is a sizable realrecorded Mandarin s

. 1o mutti-modality mo
system 1o promote reproducible

Table 1

= f
o v ! ' ——

The setup of the recerding snviranment.

L) é. @)

1204+t | 120 Hours Specch front-end processing FEMma
211 HEi | 211 Meeting Sessions Speech recognition Open Source
#WHE | 10 Meeting Rooms Speaker diarization

60 A | 60 Speakers

Open Source

rape g é:, ) GitHub

Speaker

arxiv Sample Information

MNetdisk | OpenSLR Readme | alshell4 System

License: GG BY-SA 4.0




https://github.com/felixfuyihui/AISHELL-4

AISHELL-4

This project is associated with the recently-released AIHSHELL-4 dataset for speech enhancement, separation,
recognition and speaker diarization in conference scenario. The project, served as baseline, is divided into five parts,
named data_preparation, front_end, asr and sd. The Speaker Independent (SI) task only evaluates the ability of frant
end (FE) and ASR models, while the Speaker Dependent (SD) task evaluates the joint ability of speaker diarization, front
end and ASR medels. The goal of this project is to simplify the training and evaluation procedure and make it easy and
flexible for researchers to carry out experiments and verify neural netwerk based methods,

Setup

git clone https://github.com/felixfuyihui/AISHELL-4.git
pip install -r reguirements.txt

Introduction

* Data Preparation: Prepare the training and evaluation data.

* Front End: Train and evaluate the front end model.

* ASR: Train and evaluate the asr model.

* Speaker Diarization: Generate the speaker diarization results.

* Evaluation: Evaluate the results of models above and generate the CERs for Speaker Independent and Speaker
Dependent tasks respectively.

General steps

1. Generate training data for fe and asr model and evaluation data for Speaker Independent task.
2. Do speaker dizarization to generate rttm which includes vad and speaker diarization information,
3. Generate evaluation data for Speaker Dependent task with the results from step 2.

4, Train FE and ASR model respectively.

w

Generate the FE results of evaluation data for Speaker Independent and Speaker Dependent tasks respectively.

o

Generate the ASR results of evaluation data for Speaker Independent and Speaker Dependent tasks respectively
with the results from step 2 and 3 for No FE results.

bl

Generate the ASR results of evaluation data for Speaker Independent and Speaker Dependent tasks respectively
with the results from step 5 for FE results.

o

Generate CER results for Speaker Independent and Speaker Dependent tasks of (Mo) FE with the results from step
6 and 7 respectively.

Contributors

< EEESIES _—; — =
ISLP w5 =’ /RS

H E L L

Aidio, Speech and Languess Processing Growe NPU

BE+BR A FRR N {e Lk
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AISHELLEX PRI TI K%, FEBERAKRE. MEEENIEX
INTERSPEECH 202131

- 3| Ten et - r Wle
rnell University the Simons

arXiv.org > cs > arXiv:2104.03603

Help | Advanced Y
Computer Science > Sound
[Submitted on 8 Apr 2021 (v1), last revised 18 Jun 2021 (this version, v2)]

AISHELL-4: An Open Source Dataset for Speech Enhancement, Separation, Recognition and
Speaker Diarization in Conference Scenario

Yihui Fu, Luyao Cheng, Shubo Lv, Yukai Jv, Yuxiang Kong, Zhuo Chen, Yanxin Hu, Lei Xie, Jian Wu, Hui Bu, Xin Xu, Jun Du, Jingdong Chen

In this paper, we present AISHELL-4, a sizable real-recorded Mandarin speech dataset collected by 8-channel circular microphone array for speech
processing in conference scenario. The dataset consists of 211 recorded meeting sessions, each containing 4 to 8 speakers, with a total length of 118
hours. This dataset aims to bride the advanced research on multi-speaker processing and the practical application scenario in three aspects. With real
recorded meetings, AISHELL-4 provides realistic acoustics and rich natural speech characteristics in conversation such as short pause, speech overlap,
guick speaker turn, noise, etc. Meanwhile, the accurate transcription and speaker voice activity are provided for each meeting in AISHELL-4. This allows
the researchers to explore different aspects in meeting processing, ranging from individual tasks such as speech front-end processing, speech
recognition and speaker diarization, to multi-modality modeling and joint optimization of relevant tasks. Given most open source dataset for multi-
speaker tasks are in English, AISHELL-4 is the only Mandarin dataset for conversation speech, providing additional value for data diversity in speech
community.

Comments: Accepted by Interspeech 2021
Subjects:  Sound (cs.5D); Audio and Speech Processing (eess.AS)
Cite as: arXiv:2104.03603 [cs.5D]

(or arXiv:2104.03603v2 [cs.SD] for this version)
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AISHELL-2018A-EVAL

TEST DATA: 5000 utterances fram 10 speakers DEV DATA: 2500 utterances from 5 speakers

DATA Information
o8 - Sampling Rate 16kHz

m - Sample Format : 16bit
Erwironment : Indoor
- Speech Data Type: PCM
- Channel Mumber: 1
- Recording Equipment
W05 / Android / High Fidelity Microphone

‘. o

TEST&DEV DATA

TEST 10 speaker
DEV 5 speaker

SR
TR

Speech & Speaker Recognition evaluation e Apache License v.2.0

AISHELL-2019A-EVAL

DATA Information
.y Total Time 24.3 Hours
m - Sampling Rate 44 1kHz & 16kHZ
Sample Format 16bit
- Environment Indoar
Specch Data Type W
- Recarding Equipment - High Fidelity Micraphane

‘. o & O

Sample Readme Databuase

50 speakers in the recording

Speech & Speaker Recognition Evakuation License: Apache License v.2.0

AISHELL-2019B-EVAL

-

IEEIREE jE

DATA Information

o9 - Total Time : 437.67 Hours

- Sampling Rate : 44.1kHz & 16kHz
- Sample Format : 16bit
- Environment : Indoor

86 speakers in the recording - Speech Data Type © wav
- Recording Equipment :

Microphone-Array Board/ High Fidelity Microphone

‘- [ I A

IEERAOEFR
Speech & Speaker Recognition Evaluation

Sample Readme Database Paper

License: Apache License v.2.0

B%+ EIE R RN SR

SiEFHREENTT R

AISHELL-2019C-EVAL
BN RHIESERRE

DATA Information

- Total Time ;

- Sampling Rate :
- Sample Format :
- Environment :

m

12 speakers in the recording

31.2 Hours

44 1kHz & 16kHz
16bit

Indoor

- Speech Data Type : way

- Recording Equipment :

JoneR Translator/ High Fidelity Microphone

LY
5'1 4
g I Read: Datab
el ’

AELERRT
Speech & Speaker Recognition Evaluation

AISHELL-2021A-EVAL
B FERINRE R SR B EUERE

DATA Information
a®y - Total Time :

- Sampling Rate :

- Sample Format :

- Environment :

2066 speakers in the recording - Speech Data Type :

License: Apache License v.2.0

7.2 Hours
16kHz
16bit

Car

wav

- Recording Equipment : High Fidelity Microphone

<.

eB o

" Datal

IBERBICTR

Speech Recognition Evaluation License: Apach

e License v.2.0

AISHELL-2021C-EVAL

{K4h) LB REIE BT M B HUERE

DATA Information
™ - Total Time :

- Sampling Rate :
m - Sample Format :

- Environment ;

1117 speakers in the recording - Speech Data Type :

2.18 Hours
16kHz
16bit
Indoor
wav

- Recording Equipment : Mobile Phone

.. =

RERBIIET

"]

/

Datab

e i) Sample

Speech & Speaker Recognition Evaluation

License: Apache License v.2.0

AISHELL-2021B-EVAL

Rif+ IE R REINBDTHE S E S EEEE

DATA Information

- Total Time :
XX - Sampling Rate :
m - Sample Format :
- Environment :

30 speakers in the recording - Speech Data Type :

15.8 Hours
16kHz
16bit
Indoor
wav

- Recording Equipment : Android Mobile Phone

<.

EEHAECIET

FEEUSEISITR Sample Read
Speech & Speaker Recognition Evaluation

License: Apache License v.2.0
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AISHELL-1 & AISHELL-2 AISHELL-3 AISHELL-DMASH
AISHELL-1 Kaldi recipe | Kaldi recipe AISHELL-2 DMASH — e e — i ERARSEND
s5: a speech recognition recipe | speech recognition recipe AISHELL-3 :J) multi-speaker Text-to-Speech (TTS) systems istribute icrophone Arrays in Smart Home { ) Dataset
29 v1: a speaker recipe | kaldi/: hell2, o Spesker
7 bitp e opersicory/2a) | mitp/funesshelbech com/ashel 2 g p AR INTERSPEECH Open
178H . 1000H - AT . — Source
o} ,,_ -8 400 Speakers I 1991 Speakers B — ]
= @ Sunl ing Rete: 166H: | @ Sawpling Rate: 6Kk e o " _{9 The INTERSPEECH 2020
Sample For Bbit Sample Format: 16bi 20em 20em * Ei . sy
e e | B - Sl Baseline System Sampleg w0508 Far-Field Speaker Verification Ghallenge
Sorial Naer | Domain i Sorial Numer | Domain - J @i . 30 http://www.aishelltech.com/DMASH Dataset

1 s L Sampling Rate: . 1EHz 85H 1
: i ! : i et Sample Format: 16bit 218 Speakers e @_ &‘?._@ ‘6'}___@ _G) 50000H
+ Digital Seauence (Voice Contral) | + Digital Seauence (Voice Contral) Environment: Tndoor D- D H dOo0sQ00w Jo0s OJoOw
: Tl i 2 UMby e a = Sampling Rate: 44.1KHz & 16KHz
- = : o = System recipe m
7 Science and Technology Science and Technology . -

[ 1 o ! : s https://sos1sos2sixteen.github.io/aishell3/ el 000w SEmpls Fommaragot
w | News | w | News . - - SHLY iversin i i - ! Environment: Indoor
: i | : e T - ket L fm fem sl NUS

1 L & A I T
| http://www.aishelltech.com/aishell_3 i (AISHELL) ) % GT-\\ X DUKE KUNSHAN w
Y nshan University, Wuan University) -~ mi " LY 1 LY 2 Y -
Download-Paper e (J"m' - RS9 USC University of

Southern California

AI:'SH ELL

» i K %
https://arxiv.org/abs/2010.11567 500 Speakers

AISHELL-WakeUp-1

HI-MIA
“fREF, KIE” “Hi, Mia” Open Source

3 HI-MIA
@ http://www.openslr.orqg/85/

AISHELL-WakeUp-1

2 5
http://www.aishelltech.com/wakeup_data
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AISHELL-4: An Open Source Dataset for Speech Enhancement, Separation,
Recognition and Speaker Diarization in Conference Scenario

Yihui Fu'”*, Luyao Chwzgl‘*, Shubo Lv', Yukai Jv', Yuxiang Kangl,Zhuo Chen®
Yanxin Hu', Lei Xiet, Jian Wu®, Hui Bu?, Xin Xu®, Jun Du?, Jingdong Chen'

3m

!Northwestern Polytechnical University, Xi’an, China
Beijing Shell Shell Technology Co., Ltd., Beijing, China

st 340 Speakers #Microsoft Corporation
e L Sampling Rate: 44.1KHz & 16KHz 4University of Science and Technology of China, Hefei, China
m 25cm m 3m m

Sample Format: 16bit {yhfu, lycheng, shblv, ykjv, yxkong, yxhu}@npu-aslp.org, lxie@mwpu.edu.cn, {zhuc,
wujian}@microsoft.com, {buhui, xuxin}@aishelldata.com, jundu@ustc.edu.cn,

jingdongchen@ieee.org
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NTERSPEECH  ConferencingSpeech 2021

BRNO | CZECHIA

Far-field Multi-Channel Speech Enhancement Challenge for Video Conferencin:g: - .

Far-field Multi-Channel Speech Enhancement Challenge for Video Conferencing (ConferencingSpeech 2021)

A R E
DURE KUNSHAN

AISHELL 2019
Speaker Verification Challenge

INTERSPEELH

OCTOBER 25-20/ SHANGHAI . CHINA The ConferencingSpeech 2021 challenge is proposed to stimulate research in multi-channel speech enhancement and aims for processing the far-field speech from microphone

W”Wlm“““r SHANGHAI INTERNATIONAL CONVENTION CENTER arrays in the video conferencing rooms. Targeting the real video conferencing room application, the ConferencingSpeech 2021 challenge database is recorded from real speakers.
The number of speakers and distances between speakers and microphane arrays vary according to the sizes of meeting rooms. Multiple microphone arrays from three different

‘ =08 types of geometric topology are allocated in each recording environment.

FFSVC 2020 A munnis HNUS
AL 9

ey
EREN

FREWTERENREBAREELRANE, EHRUAFSHY, RE8
CRERATURDNY, BF. £H%. FAREREROERLHR, &
FNF ENIGEAECINERAR, FARANARDBRERE. X
BEARCBEREGRARR, MiKHaRNSEhfa s
BRRLREHEE, BEREAMSREASMERFRR, 3 GFLR
Bk k.

REEF:

c‘s ca:\or

Far-Field Speaker .
Verification Challenge m’-ﬂﬁUSCanmn of A |:—-’ SHELL

Southern California

FBET L ARRFELGRT
TRACK 1 TRACK 2

Distributed Microphone Arrays in Smart Home Database.
WERE: (DMASH)

REHEXERRNFHAISHELL-NakeUp-1BiRES 1R R
RERESRERGic, n, S, SHFTAS “5F, XE” BRE ) ) ) ) f ﬁ
Multi-Speaker Multi-Style Voice Cloning Challenge (M2VoC)

ETRE: : — - l I11 p lq p o
B Emeo . EEEEE EmaAs | A= okl !
s oW, p a a ’ r Text-to-speech (TTS) or speech synthesis has witnessed siznificant performance improvement with the help of deep learning, The latest advances in end-to-end

: text-to-speech paradigm and neural vocoder have enabled us to produce very realistic and natural-sounding synthetic speech reaching almost human-parity

pE s il L 1 84 5 + performance, But this amazing ability is still imited to the ideal scenarios with a large single-speaker less-expressive training set. The speech quality, target

ik E""“‘gégm*mﬂﬂﬂmg similarity, expressiveness and robustness are still not satisfied for synthetic speech with different speakers and various styles, especially in real-world low-
R ; http://2020.ffsvc.org/ resourced conditions, e.2. each speaker only has afew samples at hand. The current open solutions are also not robust enough to unseen speakers. We call this

4 chatienge isnlteon. °°’"< challenging task as multi-speaker multi-style voice cloning (M2VaC).
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演示者
演示文稿备注
特别是在测试数据集以及评测方法上的研究，测试集的合作例如基于会议场景的技术模型评测，希尔贝壳向中国信通院配套定制评测数据集。
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