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The Problem

So you want to make a synthesizer?

Without Data With Data
Approach: rule-based | Approach: statistical
Required: linguist Required: speech corpus
Pros: no data, can speed-up | Pros: human-like speech
Cons: robotic sounding | Cons: data == $$$
Example: eSpeak NG Example: Merlin
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Overview

Development Pipeline

N ksE W=

find audiobook (Human)
split audiobook on silence (Human)
hand-align sample of audiobook (Human)
train speech recognizer on sample of audiobook (Kaldi)
use new recognizer to generate transcripts for more audiobook (Kaldi)
use text from audiobook to train TTS frontend (Ossian)
train acoustic and duration model for DNN TTS (Merlin)
synthesize new speech (Merlin / Ossian)



DATA
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Audiobooks

More data == better.

Better data == better.

Kyrgyz books == bizdin.kg


bizdin.kg
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Original Text

K.Kaumos.

ATAM

3apbIKTBIPraH YMYT

Moby, )XYK TakTaizai Terteru3 6oyr, KbIpKa TapTKaH JKerripeKel JOHCOOHYH a/lfibIHAarbl
anmakaH/aii xaiibik Kek-Karuar fern aranar. MyHyH JapervH GaiKiaM Iy adbuiaH Oarika
JKakTarbuiap 6uuiimec. MbIHal Ke3 )Ka3/IbIMbIH/Ia KaJlbIll, yUypy KeJireH/ie raHa 3CKe ajibiHy
Kalinap fylHHee Mo ro. Ara GeT MaHzaiinanI KyHrei Tapanta, atakTyy Ken-KonzyH oo3yHzarst
nap6a3a/iait KbI3bUT Talll, aifikes1 MaHACTBIH KyM06©3y TapbIXThIH Ky6ecyHe OKIIor, 6y Kaii Jkep
9KeHHUH 63Y 3/1e aliKbIH/ANT.

©peeH/IYH OpPTOCYH/Ia KYKYKTOII arblll JKaTKaH UOH CyyHy 60ii/ioif ©CKOH UbITHIPMaH TOKOH Jja
apCTaH/BIH XKaJIbIHA OKILOII AYIYHYI, 6aaThIpAbIH )XKeDHUHUH 3/1eCHH K63 ajiabIra TapTar. KyHreii-
TeCKel »KaKTapbl a)Kbllaap/ibIH a3yyCyH/ail apcak Tool0p MeHeH KypyairaH KeH MeHKHH UbITbIIITaH
6aTBIITH! KO3/161 TachIpalbIIl CO3Y/IyII JKaraT.



Split & Align

Split audio on silence: sox or Audacity
Split text on utterance-like punctuation: python3
Align text to audio: ears, eyes, hands
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Train Speech Recognizer

Language model == audiobook text.

Overfit to speaker == good.

Train w/ Kaldi.


<http://jrmeyer.github.io/kaldi/2016/12/15/DNN-AM-Kaldi.html>

Decode Speech

Split on silence exactly as before.

Decode w/ Kaldi.

Now you have more training data for TTS.


<http://jrmeyer.github.io/kaldi/2017/01/10/Using-built-DNN-model-Kaldi.html>

TTS
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Train Ossian Frontend

Naive Approach

tokenize on whitespace
word2vec (instead of POS)
split into characters

Linguistic Approach

syllable
onset rhyme
nucleus coda
| |

cC \Y (6;
pl & nt




Train Merlin Models

Acoustic Model

11

Duration Model




Synthesize New Speech

trained model 4 new text == new speech

simple as that



Thanks!

Hox paxmar!
Paxmer!
Kip raxmat!
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