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* WaveNet : 2016. 9. DeepMind

A deep generative model of raw audio waveforms
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3. Tacotron 2: Generating Human-like Speech from Text

* Tacotron 2: Generating Human-like Speech from Text
 Tuesday, December 19, 2017

* Posted by Jonathan Shen and Ruoming Pang, Software Engineers, on behalf of the Google
Brain and Machine Perception Teams

 Tacotron + WaveNet,
 “Natural TTS Synthesis by Conditioning WaveNet on Mel Spectrogram Predictions”[link]

* seguence-to-sequence model optimized for TTS to map a sequence of letters to a sequence of
features that encode the audio.

« an 80-dimensional audio spectrogram with frames computed every 12.5 milliseconds,
capture not only pronunciation of words, but also various subtleties of human speech,
Including volume, speed and intonation. Finally these features are converted to a 24 kHz
waveform using a WaveNet-like architecture.

https://ai.googleblog.com/2017/12/tacotron-2-generating-human-like-speech.html



https://arxiv.org/abs/1712.05884
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3. Tacotron 2(cont.)

* You can listen to some of the Tacotron 2 audio
samples that demonstrate the results of our state-of-
the-art TTS system. In an evaluation where we asked
human listeners to rate the naturalness of the generated
speech, we obtained a score that was comparable to
that of professional recordings.

While our samples sound great, there are still some
difficult problems to be tackled. For example, our
system has difficulties pronouncing complex words
(such as “decorum” and “merlot™), and in extreme
cases it can even randomly generate strange noises.

Also, our system cannot yet generate audio in realtime.

Furthermore, we cannot yet control the generated
speech, such as directing it to sound happy or sad.
Each of these is an interesting research problem on its
own.
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A detailed look at Tacotron 2's model architecture. The lower half of the image describes the sequence-to-sequence model
that maps a sequence of letters to a spectrogram. For technical details, please refer to the paper.


https://google.github.io/tacotron/publications/tacotron2/index.html
https://google.github.io/tacotron/publications/tacotron2/demos/decorum.wav
https://google.github.io/tacotron/publications/tacotron2/demos/merlot.wav
https://arxiv.org/abs/1712.05884

4. Tacotron-2-keras (Without Wavenet vocoder)

Mel Spectrogram

Waveform Samples

Bo—{ 5 Conv Layers Post-Net l

b (G o ! i ' e e o
I

Encoder

xN Decoder Steps |

Linear Projection + sigmoid

o\
) S

[ Linear Projection ]—

_______ -
'

Attention wrapping

https://github.com/Stevel705/Tacotron-2-keras
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master ¥ 2 branches

@ gosha20777 write ussage to README

model

processing

.gitignore
1_create_sudio_dataset.py
2_create_text_dataset.py
3_trainpy

4 test.py

5_syntezerpy

LICENSE

README.md

hparams.py

. Clone a repaository

Go to file + Code ~
(3 Clone @
HTTPS  GitHub CL
Init repo https://github.com/5tevel7@5/Tacotron- [S]
Init repo Use Git or checkout with SVN using the web URL.
Init repo

) Open with GitHub Desktop
cimment metadata.iloc[:500] line for ful

Init repo [ Download ZIP

Init repo 2 years ago
Init repo 2 years ago
Init repo 2 years ago
Create LICENSE 2 years ago
write ussage to README 2 years ago
Init repo 2 years ago

git clone https://github.com/5tevel705/Tacotron-2-keras.git

. Download LJ-like dataset (e.g. english Speech Dataset)

. Extract dataset to Tacotron-2-keras\data folder

Run § python3 1_create_audio_dataset.py to process an audio

Run $ python3 2_create text dataset.py to create a text data

. Train tacotron § python2 3_train.py
. Test pretrained model $ python3 4_test.py (optional)

. Synthesize mels and speech ¢ python2 5_syntezer.py (in progress) 7


https://github.com/Stevel705/Tacotron-2-keras

9q—| 5 Conv Layers Post-Net

decoder

Bidirectional RNN

e s (7,850,513) i
'II#HHII. 5 i comacion
: Reshape (7'850‘513) Conv1D layers
[Lmea: Projection + sﬁgmoxd] Linear Projection }— : I
: Dense (?,436050) Max-pool along ima (stride=1)
v T T TS T ST T T T T T T T T T T Twensonweseping) : |
] D bank + stacking
Al CBHG_post_Process (?,256) i
Locancn\ Sensitive 2LSTM Layers I ) E E I .............................
Al LastFame (?,200,80) % 2. CBHG 72
--------------------------- E (?,200,400) mel_spectro_training
Comme J——| =
L S Reshape (7200,400) . ---_
Dense 1 O
| P
encoder .
decoder RNN_output  [4*:256) +
I RN
C Atten_context > (?.1,256) .
. = Y ?,1,256)
cbhg_encoding (2:2.256)V Dense|(256) (2,1,256) .\ GRU(256)
Attention \
N p_— | > concatnate (21512) n
»”| A I
K_cbhg=k1=16 !
CBHG | softmax | 2.1,256) \ GRU(256)
| | Dnese | attention_rnn| output_reshaped i
pre_net (B,200,128) < \ P
1 reshape (1,256) S
I
B,200,256
embedded ( ) RepeatVector(200) Atten_rnn_out (%.256)
Input_dim=len(vocab)=32, 956
Embedding output_dim=embed_size=256, GRU(256) (7.256)
input_length=nb_char_max=200 | (2,.128)
prenet
<o - '
Input((nb_char_m@ (B, nb_char_max)=(B,200)
Input((None,n_mels 2,2,80
< Input((None,n_mels)) > (22.80) 8

encoder input

(None,n_mels) decoder_input_training



4.1 create_audio_dataset.py

 Data/LJSpeech-1.1/metadata.csv

« wav file => decoder_input, mel_spectro, spectro

L19@1-8001|Printing, in the only sense with which we are at present concerned, differs from most if not from
LI9@1-2002|in being comparatively modern.|in being comparatively modern.
L19@1-2083 |For although the Chinese took impressions from wood blocks engraved in relief for centuries befor
LI8@1-8004 |produced the block books, which were the immediate predecessors of the true printed book, |produceq
LI8@1-8085|the invention of movable metal letters in the middle of the fifteenth century may justly be consi

LI850-0274 |made certain recommendations which it believes would, if adopted,|made certain recommendations whic
LI850-08275 |materially improve upon the procedures in effect at the time of President Kennedy's assassination a
LI850-8276 |As has been pointed out, the Commission has not resolved all the proposals which could be made. The
LI850-8277 |with the active cooperation of the responsible agencies and with the understanding of the people of
LI@50-0278 |the recommendations we have here suggested would greatly advance the security of the office without

os
os.environ['TF_CPP_MIN LOG LEVEL'] = '3

pandas pd

numpy np
sklearn.externals
tgdm tqdm

joblib

processing.proc_audio
hparams ~

get_padded_spectros

tensorflow. compat. vl tf
tf.disable v2 behavior()
sess = tf.Session()

print("\nlLoading the data...")
metadata = pd.read_csv( data/L]Speech-1.1/metadata.csv’,

dtype="object’, quoting=3, sep="|

metadata = metadata.iloc|[:588]

, header=None)

Loading the data. ..

Processing the audio sanples (comnputation of spectroarans). .

100z | S00/500 [01:33<00:00,

Convert into np.array

5.33it/s]

Split into training and testing data

Save data as pkl

™ &2 4 Tacotron-2-keras-solution’ (1/17] ZE2EE)
4 Tacotron-2-keras
4 [ Python =3
b 0@ Python 3.7 (64-bit) (H S 7| £2hH
l EE
nm HAEHE
yscode
i _pycache_
4 fm] data
4 @] LISpeech-1.1
Pl wavs
A metadata.csv
[l README
decoder_input_testing.pk
decoder_input_training.pk
mel_spectro_testing.pkl
mel_spectro_training.pkl
spectro_testing.pkl
spectro_training.pkl
text_input_ml_testing.pk!
text_input_ml_training.pkl
vocabulary.pkl
4 @] model
b i _pycache_
Py building_blocks.py
PY tacotron_model.py
4 ul processing
b Bl _ pycache_
PY proc_audio.py
PY proc_text.py
4 ] results
model hS
training_history.pkl
B .oitignore
P¥ 1_create_audio_dataset.py
P¥ 2_create_text_datasetpy
PY 3 _frain.py
PY 4 festpy
PY 5_syntezer py
PY hparams.py




4.1 create_au

« Data/LLJSpeech-1.1/m¢
 wav file =>
decoder_input,
mel_spectro,
spectro

LI®901-0001 |Printing, in the only sense
L1#@1-0002 |in being comparatively mode
LI9981-0883 |For although the Chinese to
LI901-0084 |produced the block books, wi
L1981 -0885 |the invention of movable me

LJ950-8274 |made certain recommend
L1850-8275 |materially improve upo
LJe50-8276|As has been pointed ou
L1050-8277 |with the active cooper
L1850-8278 |the recommendations we

import o5

os.environ['TF_CPP_MIN_LOG_LEVEL'] = '3

import pandas as pd
import numpy as np

from sklearn.externals import Jjoblib

from tgdm import tgdm

from processing.proc_audio import get_padded_spectros
from hparams import *

import tensorflow.compat.y:

tf.disable_v2_behavior()
sess = tf.Session()

print("\nLoading the data..."')
metadata = pd.read_csv('data/L]5peech-1.1/metadata.csv’,

dtype="object’, gquoting=3, sep='|"', header=None)

metadata = metadata.iloc[:588]

dot_wav_filenames = metadata[@].wvalues

mel_spectro_data = []
spectro_data = []

decoder_input = []
print{"\nProcessing the audio samples (computation of spectrograms)...")
ifor filename in tgdm(dot_wav_filemames):

file_path = 'data/LISpeech-1.1/wavs/" + filename + '.wav'

fname, mel_spectro, spectro = get_padded_spectros(file_path, r,
PREEMPHASIS, N_FFT,
HOP_LENGTH, WIN_LENGTH,
SAMPLING_RATE,
N_MEL, REF_DEB,
MAX_DB)

decod_inp_tensor = tf.concat((tf.zeros_like(mel_spectro[:1, :]},
mel spectreo[:-1, 1), @)

decod_inp = sess.runidecod_inp_tensor)

decod_inp = decod_inp[:, -N_MEL:]

dim@_mel_spectro = mel_spectro.shape[@]
diml_mel_spectro = mel_spectro.shape[1]
padded_mel_spectro = np.zeros( (MAX_MEL_TIME_LENGTH, diml_mel_spectro))
padded_mel_spectro[ :dim@_mel_spectro, :diml_mel_spectro] = mel_spectro

M &2 4 Tacotron-2-keras-solution’ (1/17] ZE2EE)
d Tacotron-2-keras
4 [ Python =3
b 0@ Python 3.7 (64-bit) (H S 7| £2hH
l EE
nm HAEHE
t vscode
o _ pycache_
4 fm] data
4 @] LISpeech-1.1
Pl wavs
A metadata.csv
[ README
" decoder_input_testing.pkl
% decoder_input_training.pkl
mel_spectro_testing.pkl
mel_spectro_training.pkl
% spectro_testing.pkl
spectro_training.pkl
i text_input_ml_testing.pkl
text_input_ml_training.pkl
vocabulary.pkl
4 @] model
b i _pycache_
Py building_blocks.py
ov +acgtron_model.py
tions whickgng

sination anycache

made. The c_audiopy
people of L

ce without . hs

i 1 training_history.pkl

B .oitignore

P¥ 1_create_audio_dataset.py
P¥ 2_create_text_datasetpy
PY 3 _frain.py

PY 4 festpy
PY

PY

o_syntezer py
hparams.py



4.1 create_au

* Data/LJSpeech-1.1/m¢
 wav file =>
decoder_input,
mel_spectro,
spectro

LI®901-0001 |Printing, in the only sense
L1#@1-0002 |in being comparatively mode
LI9981-0883 |For although the Chinese to
LI901-0084 |produced the block books, wi
L1981 -0885 |the invention of movable me

LJ950-8274 |made certain recommend

L1850-8275 |materially improve upo

P vmares nere e o ko o Lo oo

print("\nsave data as pkl")
joblib.dump{decoder_input array_training,
'data/decoder_input_training.pkl"')

—_— e e A ==

joblib.dump{mel spectro data_array_training,
"data/mel_spectro_training.pkl®)
joblib.dump{spectro_data array_training,

'data/spectro_training.pkl'}

joblib.dump{decoder_input_array_testing,
‘data/decocder_input_testing.pkl')

joblib.dump{mel spectro_data_array_testing,
"data/mel_spectro_testing.pkl®)
joblib.dump{spectro_data array_testing,

‘data/spectro_testing.pkl")

=for filename in

tqdm{dot_wav_filenames):

file path = “data/LISpeech-1.1/wavs/"' + filename + ‘.wav
fname, mel_spectro, spectro = get_padded_spectros(file_path, r,
FREEMPHASIS, M_FFT,

HOP_LEMGTH, WIN_LENGTH,

SAMPLING RATE,
M_MEL, REF_DB,
MAX_DB})|

decod_inp_tensor = tf.concat(({tf.zeros_like({mel_spectro[:1, :]},
mel_spectro[:-1, :]), @)

decod_inp = sess.run({decod inp_ tensor)

decod_inp = decod_inp[:, -N_MEL:]

dimé _mel_spectro = mel_spectro.shape[a8]
diml_mel_spectro = mel_spectro.shape[1]
padded_mel_spectro = np.zeros{{MAX MEL_TIME_LENGTH, diml_mel spectro})
padded_mel_spectro[ :dimé mel_spectro, :diml_mel_spectro] = mel_spectro

dimeé _decod inp = decod_inp.shape[a]

diml_decod inmp = decod_inp.shape[1]

padded_decod_input = np.zeros{{MAX_MEL_TIME_LENGTH, diml_decod_inp))
padded_decod_input[:dimd_decod_inp, :diml_decod_inp] = decod_inp

dimé spectro = spectro.shape[a]

dim1_spectro = spectro.shape[1]

padded_spectro = np.zeros((MAX MAG TIME_LENGTH, diml_spectra))
padded_spectro[ :dime@_spectro, :diml_spectro] = spectro

mel_spectro_data.append(padded_mel spectro)
spectro_data.append(padded spectro)
decoder_input.append(padded_decod _input)

print("\nnConvert into np.array”)
decoder_input_array = np.array(decoder_ input})
mel_spectro data_array = np.array{mel_spectro_data)
spectro_data_array = np.array(spectro_data)

print("\nsplit into training and testing data')
len_train = int(TRAIN_SET_RATIO * len({metadata))

decoder_input_array_training = decoder_input array[:len_train]
decoder_input_array_testing = decoder_input_array[len_train:]

mel spectro_data_array_training = mel_spectro_data_array[:len_train]
mel spectro_data_array_testing = mel_spectro_data_array[len_train:]

SpeCTro_aatd_array

spectro_data_array

training = spectro_data_array[:len_train]
_testing = spectro_data_array[len_train:]
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d Tacotron-2-keras

« @

b B2 Python 3.7 (64-bit) (R 7|
-0
-0

=4
P

[

=4
P

[

Python =3

BE
2 Az

Nscode

data
=l USpeech-1.1
P Bl wavs

A metadata.csv

[ README
i* decoder_input_testing. pkl
i decoder_input_training.pkl
i mel_spectro_testing.pkl
mel_spectro_training.pkl
: spectro_testing.pkl
i spectro_fraining.pkl
i text_input_ml_testing.pkl
i text_input_ml_training.pkl
i vocabulary.pkl

odel
Py building_blocks.py
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Py
Py
Py

el hS

i training_history.pkl
.gitignore
1_create_audio_dataset.py
2_create fext_dataset py
3_train.py

4 test py

o_syntezer py

hparams.py
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4.2 create_text_dataset.py

 Data/LJSpeech-1.1/metadata.csv

print{"\nImporting data ...")

!

Elmetadata = pd.read_csv('data/LISpeech-1.1/metadata.csv’,

dtype="object’, quoting=3, sep="|",
header=None)
metadata = metadata.iloc[:588]
metadata[ "norm_lower'] = metadata[2].apply(lambda x: x.lower())
texts = metadata[ ‘norm_lower’]

list of existing chars = list(set(texts.str.cat(sep="

L
st
St

vocabulary = '".join(list of existing chars)
vocabulary += "P°

print( " \nvocabulary: ' ,vocabulary)

vocabulary id = {}

i=@o

for i,char in enumerate(list(vocabulary)):
I vocabulary id[char] = i

IEtext_input_ml = transfurm_texthDr_ml{texts.values,
vocabulary id,
NB_CHARS MAX)

print( \nSpliting into training and testing ...")
len_train = int(TRAIN_SET_RATIO * len(metadata))
text input ml training = text input ml[:len trainm]

text input ml testing = text input ml[len train:]

print{'\nSaving data ...")

joblib.dump(text input ml training, ‘data/text input ml training.pkl")
joblib.dump(text_input_ml_testing, "data/text_input_ml_testing.pkl')

joblib.dump(vocabulary id, 'data/wvocabulary.pkl')

LJ@81-8001 |Printing, in the only sense wi
LI@e1-8002 |in being comparatively modern.
L1981-8083 |For although the Chinese took
LJ981-8084 |produced the block books, whic
LI@81-8085 |the invention of movable metal

LI050-8274 |made certain recommendati
L1@50-8275 |materially improve upon i
LI@50-8276|As has been pointed out,
L1050-8277 |with the active cooperati
LI850-8278 |the recommendations we hz

Importing data ...

vocabulary: uwy . xont —jzelpaf), hd: "alcsbrkma' iolwP
100% | I | 500/500 [00:00<00:00, 4321.92it/s

apliting into training and testing ...

saving data ...

™ &2 4 Tacotron-2-keras-solution’ (1/17] ZE2EE)
4 Tacotron-2-keras
4 [ Python =3
b 0@ Python 3.7 (64-bit) (H S 7| £2hH
l EE
nm HAEHE
t vscode
o _ pycache_
4 fm] data
4 @] LISpeech-1.1
Pl wavs
A metadata.csv
[ README
" decoder_input_testing.pkl
% decoder_input_training.pkl
mel_spectro_testing.pkl
mel_spectro_training.pkl
% spectro_testing.pkl
spectro_training.pkl
i text_input_ml_testing.pkl
text_input_ml_training.pkl
vocabulary.pkl
4 @] model
b i _pycache_
Py building_blocks.py
PY tacotron_model.py
4 ul processing
b Bl _ pycache_
PY proc_audio.py
PY proc_text.py
4 ] results
% model h5
i 1 training_history.pkl
B .oitignore
P¥ 1_create_audio_dataset.py
P¥ 2_create_text_datasetpy
PY
PY
PY
PY

3_train.py

4 test py
o_syntezer py
hparams.py



M1 &2 Tacotron-2-keras-solution' (1/17] ZEEE)
4 Tacotron-2-keras
4 [ Python =t

b 3 Python 3.7 (64-bit) (B 7|£3H

g EE

ey MM HE

71 vscode

i _ pycache_
print('\nImporting prepared data ") 4 fm] data
decoder_input training = joblib.load( 'data/decoder_ input training.pkl") 4 fm] USpeech-1.1
mel spectro training = joblib.load( ' 'data/mel spectro_training.pkl') ’ g ﬁi;data coy
spectro_training = joblib.load('data/spectro_training.pkl’) 0 F{EADME.

i decoder_input_testing.pkl
decoder_input_training.pkl
mel_spectro_testing.pkl
mel_spectro_training.pk!
spectro_testing.pkl
spectro_training.pk!
text_input_ml_testing.pkl
text_input_ml_training.pk!
i vocabulary pkl

text_input training = joblib.load('data/text_input ml training.pkl')
vocabulary = joblib.load( 'data/vocabulary.pkl”)

print(’'\nCreating tacotron model ...")
Elmodel = get tacotron _model(N _MEL, r, K1, K2, NB_CHARS MAX,
EMBEDDING _5I7ZE, MAX MEL_TIME_LENGTH,
MAX_MAG TIME_LENGTH, N_FFT,

4 ] model

vocabulary ) b 7% _pycache
- — i
opt = Adam() Py building_blocks py

P¥ tacotron_model py

model . compile(optimizer=opt,
4 fml processing

loss=[ 'mean_absolute _error', 'mean_absolute_error']) 0.4189 - reshape 2_loss! 02893 - val_|

0.2504 - reshape_2_loss: 0.1803 - wval_| b _p}-tﬂ[hl?_
. . L . PY proc_audio.py
print({’'\nTraining tacotron model ...") 0.1961 - reshape_2_loss: 0.1650 - val_| PY proc_text py
Eltrain_history = model.fit([text_input_training, decoder_input_training], 0,1543 - reshape_?_loss: 0.1519 - val_| 4 fgal results

[mel spectro_training, spectro_training], 0.1953 - reshape.o_loss: 0.1471 - val_| % model.hs
- i — ]

epochs=NB_EPOCHS, batch_size=BATCH SIZE,

. . . 0.0777 - reshape_2_loss: 0.1041 - wal_lc gitignore
verbose=2, validation split=8.15) B gt :
- 0.0775 - reshape_2_loss! 0.1042 - val_lc P¥ 1_create audio dataset.py
0.0775 - reshape_2_losst 01039 - val_lc PY 2 create ftext dataset py

PY 3_train.py
» o = - - - - . . 0.0772 - reshape_?_loss: 0.1050 - val_lc )
joblib.dump(train_history.history, '‘results/training history.pkl') PY 4 _test.py

. a 0.0774 - reshape_Z_loss: 0.1041 - wal_lc PY mtez |
model.save( ' results/model.h5") Ll
rroram e 0,0775 = reshape_2_losst 01042 - val_lc PY hparams.py



M1 &2 Tacotron-2-keras-solution' (1/17] ZEEE)
4 Tacotron-2-keras
4 [ Python =t

b 3 Python 3.7 (64-bit) (B 7|£3H

[ ]
4.3t
5 rain.py en 24 2z
b 7% wvscode
b 73 _pycache_
print(’'\nImporting prepared data ...") 4 fm] data
decoder_input training = joblib.load('data/decoder_ input training.pkl’ 4 fm] Uspeech-1.1
. b Bl wavs

¥

I'I']El_sp-:-r'l-r'n trainine = Anhlih Taadf "data/me]l cnertra trainine nlkel

spectr limporting prepared data ..

. Creating tacotron model ...
text_1

vocabU 1v;ining tacatron model ...

Epoch 1/50
print( 6/6 - s - loss: 0.7082
Smodel :Epoch 2750
646 - 15 - loss: 0,4307
Epoch 3750
646 - 15 - loss: 0.3610
Epoch 4/50
opt = 66 - 15 - loss: 00,3067 - reshape_1_loss: 0.1549 - reshape_2_loss: 0.1519 - val_loss: 0.3826 - val_reshape_l1_loss: 0,2272 - val_reshape_2_loss: 0.1554
model. Epoch 5480

6/G - 15 - loss: 0.2674
Epoch 4550

6/6 - 15 - loss: 0.1818
Epoch 46/50
6/6 - 15 - loss: 0.1817
Epoch 47/50
6/6 - 15 - loss: 0.1814
Epoch 48/50
6/6 - 15 - loss: 0.1822
Epoch 48/50
:oplip 66 - 15 - lossi 0.1815
- Epoch 50/50
6/6 - 15 - loss: 0.1817

val_loss: 0.5158

reshape_2_loss: 0O,2893

reshape_1_loss: 0.4189 val_reshape_1_loss! 0,.2207 - val_reshape_2?_loss: 0.2950

val_loss: 00,4143 - val_reshape_1_loss: 0,1925 - val_reshape_2_loss: 00,2218

reshape_1_loss: 0.2504 - reshape_Z2_loss: 0O, 1803

reshape_1_lass: 0O, 1961 reshape_2_laoss: 0O.1650 - val_loss: 0.4046 - val_reshape_1_loss: 00,2350 - val_reshape_2_loss: 0. 1696

val_loss: 0.4132

reshape_1_loss: 0.1253 - reshape_Z_loss! 0.1421 val_reshape_1_loss: 0.2516 - val_reshape_Z_loss: 0.1616

reshape_1_loss: O.0777 - reshape_2_loss: 0.104 val_loss: 0.5096 - val_reshape_1_loss: 0,2977 - val_reshape_2_loss: 0.2119

print(
Ftrain_

reshape_1_loss: 0,075 - reshape_2_loss: 0.1042 - wal_loss: 0.5377 - val_reshape_1_loss: 0,5243 - val_reshape_Z_loss: 0.213a

reshape_1_loss: 0,077/ - reshape_Z_loss: 0.1039 - val_loss: 0.5571 val_reshape_l_loss: 0,3465 - val_reshape_Z_loss: 0.2106

reshape_1_loss: 0,072 - reshape_Z_loss: 0.1050 - val_loss: 0.5651 val _reshape_l_loss: 0,3503 - val_reshape_Z_loss: 0.2153

val_loss: 0.5280

reshape_1_loss: 0,077/ - reshape_2_loss: 0.1041 val_reshape_1_loss: 0.3112 - val_reshape_2_loss: 0.2168

mode]l .
)

val_loss: 0.5761

val_reshape_1_laoss: 0,36028 - val_reshape_2_loss: 0.2153

reshape_1_laoss: 0,075 - reshape_2_loss: 0.1042



Bdef sawve HE".I'I:I.'.'E'-..', Fath.: =r '1 %‘?‘ ‘Tacotron-2-keras-sclution' /1 NE== _]
= R E

wav *= 32767 / max(8.81, np.max{np.abs{wav)}) ol cotron-2-keras
4 [ python =&

= . P s \ 7 (64-bit) (H = 7|27}
wavfile.write(path, sr, wav.astype(np.intl6)} > [ Python 3.7 (64-bit) (1% 7| )

4.4 test.py I:;metadata = pd.read csv('data/LlSpeech-1.1/metadata.csv’, ._: :::& nz

dtype="object’, gquoting=3, sep="|",

_ header=None) E . .\.Isci:ihe
len_train = int(TRAIN SET RATIO * len(metadata)) P EEE'F;Z -
metadata testing = metadata.iloc[len traim:] 4 &l USpeech-1.1
P wavs
decoder_input_testing = joblib.load('data/decoder_input_testing.pkl’') g ;n;;d;?csu
mel spectro testing = joblib.load('data/mel_spectro_testing.pkl')  decoder_input_testing.pkl
spectro_testing = joblib.load(’ da'ta,_p,_c: _tez:ing pkl®) decoder_input_training_pkl
text input_testing = joblib.load('data/text_ input_ml_testing.pkl®) mel_spectro_testing.pkl
% mel_spectro_training.pkl
I spectro_testing.pkl
saved model = load model('results/model.h5") % spectro_training.pkl
predictions = saved model.predict([text input testing, decoder input testing]) text_input_mi_testing.pkl
mel pred = predictions[@] text_input_mil_training.pkl
mag_pred = predictions[1] : vocabulary.pkl
I 4 J'-."I rnn:u:le-l
item index = @ bl _pycache__
print('\n5elected item .wav filename: {}'.format( -y b'—'"d'”El_b":CkE-P}"
metadata_testing.iloc[item_index][ IB]"} PY tacotron_model.py
print( Selected item transcript = {} -format( 4 gl processing
metadata testing.iloc[item index]| l]fj b ol _pycache_
PY proc_audic.py
predicted spectro _item = mag pred[item_index] P L
Epredicted audio item = from_spectro_to_waveform(predicted spectro_item, N_FFT, 4 @ _r_'_ESUltS’
HOP_LENGTH, WIN_LENGTH, model.nS
N_ITER, WINDOW TYPE, 5 .:ra'n'ng‘h'mry'pkl
- - . gitignere
| MAX DB, REF_DB, PREEMPHASIS) — ‘9 criate sudio_dataset py
I sd.play(predicted audio item,SAMPLING RATE) - - - _
] PY 2_create text dataset py
sd.wait() PY 3 trainpy
PY 4 test.py
import librosa.display PY 5_syntezer.py
plt.figure(figsize=(14, 5)) P hparams.py
save wav(predicted audio item, 'temp.wav',sr=SAMPLING RATE) % | ICENSE
librosa.display.waveplot(predicted audio item, sr=5AMPLING RATE) README md
plt.show()

i temp.wav



4.4 test.py

30000

20000

—10000

I:;metadata = pd.read csv('data/LlSpeech-1.1/metadata.csv’,

.len_tr"ain = int(TRAIN SET RATIO *

save_wav(wav, path, sr):
wav *= 32767 / max(@.81, np.max(np.abs(wav)))

wavfile.write(path, sr, wav.astype(np.intl6))

dtype="object’, gquoting=3, sep="|",
header=None)
len(metadata))

metadata testing = metadata.iloc[len traim: ]

decoder_input_testing = joblib.load('data/decoder_input_testin
mel spectro_testing = joblib.load('data/mel spectro_tes

spectro_testing = joblib.load('data/spectro_testing.pkl®]
text input_testing = joblib.load('data/text input ml testing.pkl®)

—

REEMPHASIS)

librosa.display
plt.figure(figsize=(14, 5))

save wav(predicted audio item, 'temp.wav',sr=SAMPLING RATE)
librosa.display.waveplot(predicted audio item, sr=5AMPLING RATE)
plt.show()

£] &5 Tacotron-2-keras-solution’ (1/171 ZEHEE)
4 [p¥] Tacotron-2-keras
4 [ Python 3
b [@ Python 3.7 (64-bit) (™ 7|2Zh
g EE
e M AR
i vscode
_ pycache__
4 ] data
4 @] USpeech-1.1
P Bl wavs
B metadata.csv
[ README
* decoder_input_testing.pk
decoder_input_training.pkl
mel_spectro_testing.pkl
% mel_spectro_training.pkl
spectro_testing.pkl
% spectro_training.pkl
text_input_ml_testing.pkl
text_input_ml_training.pkl
i1 vocabulary. pkl
4 @] model
b1l _pycache_
Py building_blocks.py
PY tacotron_model py
4l processing
i Ml _pycache__
PY proc_audic.py
PY proc_text.py
4 ] results
i model.h5
training_history.pkl
E gitignore
Py 1_create_audio_dataset.py
PY 2_create_text dataset py
PY 3_train.py
PY 4 test.py
PY 5_syntezer.py
PY hparams.py
% LICENSE
README.md
i temp.wav

w w




A A

=Efor filename in tgqdm({dot_wav_filenames):
file_path = "data/LlSpeech-1.1/wavs/" + filename + ".wav'

5] fname, mel_spectro, spectro = get padded_spectros(file_path, r,
PREEMPHASIS, M_FFT,
HOP_LENGTH, WIN_LENGTE
SAMPLING_RATE,
M_MEL, REF_DB,
MAX_DB)|

deced_inp_tensor = tf.concat({tf.zeros_like(mel_spectro[:1, :]},
mel_spectro[:-1, :]1), 8)

decod_inp = sess.run({decod_inp_tensor)

decod_inp = decod_inp[:, -N_MEL:]

dime_mel spectro = mel_spectro.shape[@]
dimi_mel spectro = mel_spectro.shape[1]
padded_mel_spectro = np.zeros{(MAX_MEL_TIME_LENGTH, diml_mel_ spectro})
padded_mel spectro[:dim8 mel spectro, :diml mel_spectro] = mel_spectro

dime_decod_inp = decod_inp.shape[e]

dimi_decod_inp = decod_inp.shape[1]

padded_decod _input = np.zeros{({MAX_MEL_TIME_LENGTH, diml_decod_inp))
padded_decod input[:dimé _decod_inp, :diml_decod_inp] = decod_inp

dime_spectro = spectro.shape[8]

dimi_spectro = spectro.shape[1]

padded_spectro = np.zeros((MAX_MAG_TIME_LENGTH, diml_spectro)})
padded_spectro[ :dimeé_spectro, :diml_spectro] = spectro

mel_spectro_data.append(padded_mel_spectro)

spectro_data.append(padded spectro)
decoder_input.append(padded_decod_ input)

IEtext_input_ml = transfurm_texthur_ml(texts.values,
vocabulary id,
ME_CHARS MAX)

.len_train =

=f save_wav(wav, path,
wav *= 32767 / max(@.81, np.max(np.abs{wav)))

sr):

wavfile.write(path, sr, wav.astype(np.intl6))
metadata = pd.read_csv('data/LISpeech-1.1/metadata.csv’,
dtype="object', quoting=3, sep="|",
header=None)
int (TRAIN SET RATIO * len(metadata))

metadata_testing = metadata.iloc[len_trainm:]

decoder_input_testing = joblib.load('data/decoder_input_testi
mel spectro_testing = joblib.load('data/mel_spectro_testing.p
spectro_testing = joblib.load('data/spectro_testing.pkl®)

text input_testing = joblib.load('data/text_input_ml_testing.pkl')

saved model = load model('results/model.h5")

predictions = saved model.predict([text_input_testing, decoder_inp
mel pred = predictions[@]
mag_pred = predictions[1]

item_index = @

print(*\n5elected item .wav filename: {}'.format(
metadata_testing.iloc[item_index][@]))

print(’Selected item transcript 1} -format(
metadata_testing.iloc[item_index][1]))

predicted spectro_item = mag_pred[item_index]

predicted_audio_item = from_spectro_to_waveform(predicted_spectro_
HOP_LEMNGTH, WIN_LE
N_TTER, WINDOW_TYP
MAX DE, REF_DB, PR

.sd.play(predicted_audio_item,SAMPLING_RATEj

sd.wait()

import librosa.display

plt.figure(figsize=(14, 5))

save_wav(predicted_audio_item, 'temp.wav',sr=SAMPLING_RATE)
librosa.display.waveplot(predicted audioc item, sr=SAMPLING RATE)
plt.show()

=
=

=4 'Tacotron-2-keras-solution' (1/17 Z2EHE)
acotron-2-keras

4 [ python =&

F|

F|

F|

[

b [ Python 3.7 (64-bit) (1 7122
nm EE
nm HA HE
vscode
(. _pycache_
fml data
4 @] USpeech-1.1

P Bl wavs
B metadata.csv
[ README
decoder_input_testing.pk
decoder_input_training.pkl
mel_spectro_testing. pkl
mel_spectro_training.pkl
spectro_testing.pkl
spectro_training.pkl
text_input_ml_testing.pkl
text_input_ml_training.pkl
% vocabulary pkl
ml model
bt pycache
P¥ building_blocks.py

PY tacotron_model.py
=l processing
i Wl _pycache

P¥ proc_audio.py

PY proc_text.py
fml results
™ model.h5
training_history.pkl
.gitignore
1_create_audio_dataset py

3_train.py
4 _test.py
S_syntezer.py

-

PY 2_create_text_dataset.py
PY

PY

PY

PY hparams.py
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http://www.wins.or.kr/DataPool/Board/xxxxxx/10xxxx/1096xx/109641/001.wav
http://www.wins.or.kr/DataPool/Board/xxxxxx/10xxxx/1096xx/109641/102.wav
http://www.wins.or.kr/DataPool/Board/xxxxxx/10xxxx/1096xx/109641/207.wav
http://www.wins.or.kr/DataPool/Board/xxxxxx/10xxxx/1096xx/109641/400.wav
http://www.wins.or.kr/DataPool/Board/xxxxxx/10xxxx/1096xx/109641/810.wav

Yoon Joong Kim,




