JAIST-SAST2015, 11t Nov. 2015

Speech Signal Processing
based on Concept of
Amplitude Modulation

—1

Masashi UNOKI

School of Information Science
Japan Advanced Institute of Science and Technology

* - I . k- = = = .
Email: unoki@jaist.ac.jp AI: ; I
JAPAN
ADVANCED INSTITUTE OF
SCIENCE AND TECHNOLOGY
HOKURIKU 19990

URL: http://www.jaist.ac.jp/~unoki/



mailto:unoki@jaist.ac.jp

Masashi Unoki, Ph.D

| —
Master/Ph.D @ JAIST (Prof. Akagi) (1994-1999)

Visiting Researcher @ Cambridge Univ. (2000-2001)
Associate@JAIST (2001-2005)
Associate Professor @JAIST (2005 -)

Visiting Researcher @ Tech. Univ. Dresden (2010)



Associate Prof. Unoki, Assistant Prof. Miyauchi
Seven PhD candidates, Five Master students



Research stance (w-shaped approach)
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Auditory-motivated signal processing
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Projects

Auditory-motivated signal processing

Investigation & modeling of Sound (speech) signal processing
human auditory system

N .
Cochlear modeling * Speech enhancement

* Human auditor filterbank




Research keywords
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Human auditory filterbank (cochlear filterbank)
Auditory nonlinearities and attention

Selective listening and attention (ASA)
Auditory feedback

Acoustical Information Hiding (watermarking)
Denosing and dereverberation for speech perception
Auditory motivated frontend for ASR systems
Robust FO estimation and VAD

Blind estimation of the STI and reverberation time
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“Speech™ has redundancy
for representations.

“Hearing” system has
robustness for perception.




Robust perception/Redundant info.
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Japanese
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Chinese

—1
e Opi%inal speech
Noi PC) speech

1 1
15 5

—I BE_E = ?‘Z,j-l.: ﬁ%é”?gﬁg, melda] Speech

— | |
1 1 5 2 2 5 3 3.5 4 45 5
Time

e else-veee»ded speech

i
o=
g
D-1
o
iy & il ——— PR — —
0.5 1 1.5 2 25 3 3.5 4 45 5



Criginal

Frequency

Time

Frequency

05 1 15 2 25 3 - )
Time
Sine wave replica

5000 ir-:T-Tl'lu T2 lllTi' 'I| T

6000 |-
000 ol A A . _ —

4 ‘_,-\..\:l *u.- o . T B L By M T S
sl g, L™ .....- . 1 e N By e T e
a8 8|8 ] SNy AT T B fﬁl..;.m i 2 APerrng MY e
S K~ N e el e Ll

Hohaity b ':-} vy
05 1 15 2
Time

Moise—vocoded speech

Frequency

alao T T T T | = T T
G000 - ; A

ooof _ Lol 7
ooof - =Y

3 f=

Frequency




From AIr to Ear
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Anatomical features of Semicireular Canals

the peripheral auditory system

Stapes

Oval Window
Incus

| 5, Round Window
Pinna . Malleus

T o _ Temporal Bone

Ear Canal ~ " Auditory Nerve

Eardrum Cochlea

Eustacian Tube COCh Iea

Outer ear Middle ear Inner ear



Scheme of Auditory Processing
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Speech Perception/Filterbank

—1

Semicircular Canals

Auditory Nerve

Outer Ear Middle Ear Inner Ear

Cochlear filtering Neural firing

" HWR LPF [—
Auditory filter #1
Sound | Outer/
HWR LPF |—
Middle /\
Ear Auditory filter #2
LR HWR LPF |—

Auditory filter #N

A Stimulus spectrum

4
Frequency (kHz)

2
B Cochlear filter-bank

Stimulus waveform

A S S W

> > o

ap Oy

.
.

i

V

C Filter output




Speech information (Linguistic info.)

=

" Temporal Envelope (TE)
" vs. Temporal Fine Structure (TFS)

Amplitude
=

-0.1F
e for speech intelligibility
of Drullmann (1995)
0.05k : L . j . J
0 0.01 0.02 0.03 0.04 0.05 0.06

Time (secs)



Current projects
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Concept of AM (amplitude modulation) can be used
to account for speech perception.

Current projects in my lab are as follows
B Speech enhancement based on AM concept
B Estimation of room acoustics

B Linguistic/non-linguistic processing for
Cochlear implant systems
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