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30 Creating a walking sensation for the seated
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Learning and finding congestion-free routes

- Online shortest path algorithm with binary decision diagrams -

Abstract

existing algorithms.

We consider adaptively finding congestion-free routes connecting specified two locations on a network. In many
practical scenarios, congestion on a network, or transmission time taken to send messages, changes
dynamically. Therefore, we need to effectively learn congestion using past congestion data and efficiently find a
congestion-free route each time we send a message. While there exist learning algorithms that can be used for
predicting congestion, they incur too much computation cost due to the presence of a huge number of possible
routes. We overcome this difficulty by using the zero-suppressed binary decision diagram (ZDD), which is a
compact representation of all possible routes. We develop a learning algorithm that can work on ZDDs without
examining all possible routes explicitly, which enbles us to find congestion-free routes far more efficiently than the

Problem Setting

We choose a route every time we send a message,

where congestion on the network changes dynamically.
™

I
e |
e
timel time2 time3
congestion-free ~ s=sxeses congested

We aim to find a congestion-free route at each time.

Efficient Algorithm with ZDDs

Difficulties of the Problem

First, we cannot see how congested each edge is
when sending a message.

For example, cyberattacks may cause sudden congestion,
which is sometimes hard to observe without sending a
message and getting a feedback.

Second, since there are a huge number of possible
routes, predicting congestion for each route is too costly.

Existing methods (e.g., [2]) learns and predicts congestion
by examining all possible routes, which takes too long time.

Existing learning algorithm

Our algorithm first compactly represents the set of all
possible routes using the zero-suppressed binary
decision diagram (ZDD), and then performs learning
algorithm [2] on the ZDD without examining all routes.

g

We have achieved to find congestion-free routes
adaptively on a network with dozens of nodes for the
first time.

Route

Not a route
ZDD

Set of all routes

Point 1. Can learn congestion-free routes efficiently.

All operations are performed on compact ZDDs, and thus
our algorithm can run faster than existing algorithms.

Point 2. Need not reconstruct ZDDs at each time.

Once a ZDD is constructed, we can reuse it at each time.
This makes our algorithm so efficient as to deal with
sudden congestion.
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Efficient and comfortable AC control by Al

- Environment reproduction and control optimization system -

Abstract

We propose an air-conditioning control system by Al to save more enegy and to be more comfortable. In a lerge-
scaled facility, it takes serveral time to stabilize temperature. Traditional and typical way of control system,
commonly known as feed-back control, makes sometimes uncomfortable and consumes extra enegy by the time-
delay. On the other hand, feed-forward control determines suitable control with predicting environment status of
the facility. For example, if congestion is predicted, the air-flow could be increased or decreased in advance,
which would make the facility’s temperature suitable. We developed Al consisting of environment reproduction
system and control optimization system to calculate the optimal operation schedule for multiple air-conditioning
flows, and demonstrated the importance of feed-forward control through field trial at “COREDO Muromachi”,
which is one of the largest-scale commercial facilities, with NTT-Facilities and MITSUI FUDOSAN.

Background: feed—back or feed—forward

Problem1: complex environment

{‘ emperatur:

Air control

(ex. cooling/heating,

CO2 exhaust)

It is hard to build prediction model.

Problem2: insufficient data variation [EHEeNEReSY

control
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Proposed Method

All air flows are synchronously controlled
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Disturbance ;
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There are several missing teacher data like when air—
conditioning flows are partially or periodically turned off,
Prediction is needed to keep temperature comfortable. hecayse normally all air flows are synchronously controlled

operation

Domain knowledge

— Environment
||"||||||||||||”mm 9 ';'P Data Augmentation by Slicing(DAS) —»| reproduction system
BEMS* I— . : - (Environment)
| Single mask Combined mask
* 1 AC1 AC1 e
e - L
o= | Weather I—: AC2 :Fil;;%’ ACZ :
- I, = = reinforcement
T4 ; "T : (1)Learning within area (2)Learning between areas N
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= +__ traffic . S
I corresponding to the area to cover missing control pattern.
1 schedule |
! Control
emperature| :" Condition Control Curriculum Design(C3D) —» optimization system $
! : - (Agent)
I Formulating comfort and energy saving
1 |
J

= Maximize conflicting indicators by deep reinforcement learning
to calculate optimal operation schedule.

3¢: BEMS: Building Energy Management System
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Recover urban people flow from population data

- People flow estimation from spatiotemporal population data -

Abstract

Real-time spatiotemporal population data is attracting a great deal of attention for understanding crowd movements
in cities. The data is the aggregation of personal location information and consists of just areas and the number of
people in each area at certain time instants. Accordingly, it does not explicitly represent crowd movement.

We propose a probabilistic collective graphical models that can estimate crowd movement from spatiotemporal
population data. There are two technical challenges: (i) poor estimation accuracy as the traditional approach
means the model would have too many degrees of freedom, (ii) excessive computation cost. Our key idea is to
model the transition probability between areas by using three factors: departure probability of areas, gathering
score of areas, and geographical distance between areas. These advances enable us to reduce the degrees of
freedom of the model appropriately and derive an efficient estimation algorithm.

What we are working on?

v’ ltis difficult to utilize people movement
data across various services and
enterprises because of privacy issues.

¥v"In many practical situations, only
aggregate information is available.

Our technology

Input: population of each area at each time
Output: # of people who moved between areas

Technical points

Estimation reflects nature of human movements

+ Basic idea: Allocate people flow from decreasing area Population fluctuatiOETokyo
to increasing area . VI V|V A station
+ Point 1: Consider area characteristics A increase V|V i=ly
- Gathering area ( areas where people are likely to gather ) WV decrease * ~ Shi
- Emissive area ( areas where people are likely to leave ) vvivv Inagawa
» Point 2: Consider distance between areas == No change AV VIV station
Transition probability from area i to j - Estimation
0;j x m; X s; X exp(—p - dist(i,])) Basicidea  Basic * Point 1+ Point 2
e o [] >
— Y J [ P, S
Point 1 Point 2 T/ A “\::_l
" = S
Departure probability m; L\
determines whether the person leaves area i or stay incorrect |7 us \ correct
If the person is deemed to leave i, . i .
(probability of next area j to be chosen) o< Most people || People move to *gathering area
. . . . . move to Shinagawa ( As the results, flow from
¢( gathering factor of j ) x.(dlstance between iand ;) closer area Shinagawa to Tokyo can be recovered. )
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Improving the accuracy of deep learning

- Larger capacity output function for deep learning -

Abstract

that with softmax.

Deep learning is used in a lot of applications, e.g., image recognition, speech recognition, and machine
translation. In many applications of deep learning, softmax is used as an output activation function for modeling
categorical probability distributions. To represent various probabilities, models should output various patterns, i.e.,
models should have sufficient representation capacity. However, softmax can be a bottleneck of representational
capacity (the softmax bottleneck) under a certain condition. In order to break the softmax bottleneck, we propose
a novel output activation function: sigsoftmax. To break the softmax bottleneck, sigsoftmax is composed of
sigmoid and exponential functions. Sigsoftmax can output more various patterns than softmax without additional
parameters and additional computation costs. As a result, the model with sigsoftmax can be more accurate than

Deep Learning

Deep learning is used in a lot of applications.
(e.g., image recognition or machine translation)

To represent the probability, softmax is used as an
output function.

“Olympics in” “I have a” Example: o
° next word prediction
— Weight
QO Unit
7z [ softmax

[ softmax_] [ softmax ] | f(z) = _exp(zi)
dog Tokyo bird  dog Tokyo bird Yexp(z)
0.05 09 005 05 01 04

For accurate prediction, models should output a lot of
patterns of probabilities, i.e., models require sufficient

representation capacity.
Bottleneck of Representation
If the number of units in the last layer d < the
number of outputs M -1, softmax does not

have sufficient representation capacity.
Phira

o softmax

>&P If d = 1, softmax cannot ‘
dog | output the true patterns.

In natural language processing, M = the
number of vocabulary is very large, and a lot of
parameters are required if we setd = M-1.

Problem
We assume the number of outputs M is 3.

Probability of outputs: (Pgog, Prokyos Pbird)
— It can be represented as a point on the triangle.
Models connect these points and inputs.

We assume the blue line represents the true patterns of
probabilities (output set of various inputs).

— The range of outputs of models should fit this line.
4 (0,0,1)

Ppird
010w Proyyo

Inputs

- « »
-~ | have a
True patterns,, ™ Y
“Olympics in”

(1,0,0) Pdog Various Inputs

Novel output function: sigsoftmax

Multiplying sigmoid to have larger
representation capacity

. Prok
sigsoftmax Phira ° 3
£ (0) = J@R@) \\/‘
' Yo (zj)exp(z;)
>
o(z) = —1—ex; 5 sigmoid Paog

monotonically increasing to 1 from 0

Sigsoftmax has a larger representation capacity
than softmax(! without additional parameters and
computation costs.
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Which is cause? Which is effect? Learn from data!

Causal inference in time series via supervised learning

Abstract

Our goal is to automatically discover “causal relationships” from time series data, i.e., a sequence of data
measured over time. Discovering causal relationships has key applications in various fields: e.g., finding that
“R&D expenditure influences sales” is useful for decision making in companies; discovering gene regulatory
relationships provides a key insight for drug discovery researches.

To infer causal relationships, existing methods require us to select an appropriate mathematical expression (i.e.,
auto-regressive model) for each time series data, which is difficult without expertise in data analysis. For this
problem, we build a novel approach that trains a machine learning model by using various data. Our method does
not require a deep understanding of data analysis and therefore will help us to effectively make an important
decision making in several situations.

Problem setup: causal inference in time series | (e.g.)
causal relationship between cause] effect

Time series data Causal relationship R&D expenditure & sales

— VW
MM
\/\‘/\’\/\" y XY X:R&D expenditure

No Causation :
—_————lp Y. sales R&D expenditure influences sales

Time
current time

Existing methods W
What is causality?
X—=Y If errors are (significantly)
reduced by using past values of X

Y ¢ prediction errors

X—=Y

Predictive model

(Only Y)

!
Y

Predictive model

If past values of X are
helpful to predict future /\/)(,\I

values of Y, then

(Xand Y)

Require to appropriately select
predictive models

Difficult without expertise in
alysis

(Granger causality)

Learn causal relationships from data I Feature vectors I
X—=y ! xX—y! No Causation @

No Causation

Our method

can infer causal Sampling

relationships without Linear .
. . Point 2.
expertise in data analysis|| model .
Point 1. Learn how to
Nonlinear ;(_ > Provide feature vectors to determine causality
model W@}OM identify causal relationships  from training data
Various probabilistic models [ Training data ]
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Forecasting future data for unobserved locations

- Tensor factorization for spatio-temporal data analysis -

Abstract

Analysis of spatio-temporal data is a common research topic that requires the interpolations of unobserved
locations and the predictions of feature observations by utilizing information about where and when the data were
observed. One of the most difficult problems is to make future predictions of unobserved locations. Tensor
factorization methods are popular in this field because of their capability of handling multiple types of spatio-
temporal data, dealing with missing values, and providing computationally efficient parameter estimation
procedures. We propose a new tensor factorization method that estimates low-rank latent factors by
simultaneously learning the spatial and temporal correlations. We introduce new spatial autoregressive
regularizers based on existing spatial autoregressive models and provide an efficient estimation procedure.

Spatio—Temporal Regression Problem

Sensor |
types

Our tensor factorization method estimates factors of unobserved locations (blue) with a spatial
regression and employ it as a spatial regularizer. By combining it with future actors (green) obtained
from an autoregression model, we enable to get predictions of unobserved locations (red).

TRMF: a temporal autoregression
method [Yu+, NIPS2016]

R

Get predictions of unobserved

locations by multiplying blue
and green blocks.

Location E X X2 ~ y®
Unobserved (1)
U,
location Xl e
/T
Time stamp New time stamp

Our angle dependent coefficient learning enables

to get factors of unobserved locations uz(f,z.

Spatial regression regularizer

K P
HUCTEDS [

A regression coefficient by, is assigned by the
angle between p and p’ (red and blue arrows)

i\,
wpruh) + olu 3,

A spatial regression method

ours

Our spatial regression method can deal with both grid and non—grid sensor locations by assigning
the same coefficients based on the angle between a source and a target sensor locations.

Lean a spatial
correlations of latent
factors

<« Positive coefficient

<« Negative coefficient
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Search suitable for various viewpoints

- “Pitarie”: Picture book search with graph index based search -

Abstract

We propose a similarity search method for finding similar objects in a large-scale database. The search method is
based on a graph index, where each vertex corresponds to a object and two vertices are connected by an edge
when they satisfy a certain similarity condition. The graph index shows small-world behavior, that is, vertices can
be reached from every other vertex by a small number of steps. Hence, searching the graph results in quick
termination of the search process. Furthermore, since the graph index is constructed based on similarity between
two objects, the search method is versatile and can be applied to wide variety of media such as text, images and
audio. When applied to complex objects that are more than two media combined, such as picture books which
consists of text and illustration, users can search from various viewpoints; users can find picture picture books
that are not only similar in content but also similar in style of illustration.

Picture book search system “Pitarie” Preparation of graph index in advance of search (Off line)

Find tooks Bipnd o word

)ngitarie

Graph index construction

Construct a graph by connecting
similar objects, and use it as a index
for search.

v “Small-world behavior” :
Any two objects are within a small
number of edge hops.

Search picture books from various viewpoints.

Case 1: Input a summary and search

v Since the graph construction is
independent of media’s characteristic,
the proposed method is applicable to
various media.

Case 2: Search for books with similar contents

| |
Case 3: Search for books with similar style of
illustration (Example below)

Fast search by utilizing graph index

You can find books with similar style Search books suitable for
Example ) - ) Example . . . ..
L of picture by various illustrators. articulation disorder training

| (421=%5 (F4)) like princesses!

I’'m looking for a book that contains
many lisp concerning words with

Graph search %

Similar book
by a different
illustrator.

Speech

girl Search for dicture|books that ~ therapist
fulfill bo uests.

Search for similar books by
continuously traversing
from a vertex (object) to its
neighbors.

&

Joint Research
with a hospital.

Cited picture books:
LACEERADIFoLIF—F D PFEITAME, ZCER. 1972
SETERAESH, T1vITIN—F1E BEEEIE. 1964

» e RE ] danss
phonetic Words in
histogram the book

Queen
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We can transmit messages to the efficiency limit

- Error correcting code achieving the Shannon limit -

Abstract

For the realization of high-speed digital communication, it is necessary transmitting messages reliably with high
efficiency under noisy environment. The limit of efficiency is derived by a computer scientist C. E. Shannon and it
is called the Shannon limit. It is known that we can achieve the limit for a paticular class of channels with LDPC
(Low Density Parity Check) codes or the Polar codes, which are used in the 5G mobile communication
technology. However, it is impossible to achieve the limit for a general class of channels with these codes. We
propose a novel technology called CoCoNuTS (Code based on Constrained Numbers Theoretically-achieving the
Shannon limit). With this technology, we can constuct a code achieving the Shannon limit for a general class of
channels. Our goal is realizing future high-speed digital communication by establishing related peripheral
technologies.

Error Correcting Code

Adding information Reproducing message

for error correction by eliminating noise

Encoder

Decoder

environment

[ Sercer

Efficiency=(no. of message symbols)/(no. of transmitted signals)
We want to maximize efficiency to the Shannon limit.

Essence of proposed technology Difficulty in encoding and decoding

Receiver

» To achieve the Shannon limit, it is necessary to place channel
Geometric illustration inputs {x;} efficiently (as far as possible in the left figure).
N * When the optimum distribution of a channel input X is uniform, we
can achieve the limit with LDPC codes or the Polar codes.

However, when the optimal input distribution is not uniform, it is
X, impossible to achieve the limit by using these codes.

* In the naive decoding method, we have to guess a channel input
from a channel output (x, from y in the left figure) by using the
brute-force search, which is impractical.

Proposed technology

* We can realize an ideal layout of channel inputs by using the
constrained-random-number generator.

8 Xy
, Channel input
y e
Channel output (noisy) * We can avoid the brute-force search by using the constrained-
random-number-generator, which provides a practical decoding
method.
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New secrets threaten past secrets

- Vulnerability assessment of quantum secret sharing-

Abstract

We investigate a counter-intuitive phenomenon of quantum state discrimination that the success probability of
identifying all the unknown quantum states increases even when the number of unknown states increases. The
phenomenon is known for vulnerability of quantum secret sharing (QSS), which enables one to distribute a secret
amongst untrusted participants securely, however, the necessary and sufficient condition for the phenomenon
was unknown. We show the condition for a specific discrimination task and construct a practical method to realize
the phenomenon. These results advance the analysis of the phenomenon and reveal the vulnerability of QSS.
Since quantum state discrimination lies at the heart of many quantum information processing tasks, our research
widely contributes to the future information society based on quantum technologies, where people would obtain
the benefits from genuine quantum information processing.

Quantum state discrimination Discrimination of independent Bell states

1. Distribute a randomly chosen quantum state to | 1. Distribute randomly chosen Bell states to two users

two users . . .
2. The users try to identify all the states x4, x5, :*+, xy by using

2. The users try to identify the state by using an an ordinary communication channel

ordinary communication channel
Bell x;

unknown guantum state

(-

ordinary communication channel

() ()

Main Results
(i) Entropy of the randomness> 1 | (ii) Entropy of the randomness < 1

Suppose the quantum state is randomly chosen Upper bound of the success probability| Lower bound of the success probability,
from four Bell states (standard and useful quantum 0 é 0 é

states) Q& 06 06

Bell 1 0.4 0.4
Bell 2 ‘ 0.2 0.2
Bell

Bell 3 x 0 0

Bell 4 50 300 550 800 100 600 1100 1600
Number of Bell states N Number of Bell states N

Success probability of the identification< 1 > Fail the identification no Succeed the identification
matter how well one identify with a practical method

2. Attacking users try to read secret x;, x, -+, x5 by
identifying the distributed quantum states

Vulnerability assessment of QSS

1. Distribute quantum states each of which encodes

secret x to two users
Bell1ifx=1
quantum state Bell 2ifx = 2
Bell 3ifx =3
Bell 4 if x = 4 C—) O

Main results — The more secrets one distribute to attacking users, the more vulnerable the secrets become
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Analyzing the discourse structure behind the text

- Hierarchical top-down RST parsing based on neural networks -

Abstract

Analyzing a discourse structure behind the document is crucial for context aware Natural Language Processing
(NLP) tasks including machine translation and automatic summarization. We propose a neural discourse parsing
method based on Rhetorical Structure Theory (RST) that regards a document as a constituent tree. Our parser
builds RST trees at different levels of granularity in a document and then replace leaves of upper-level RST trees
with lower-level RST trees that were already constructed. The parsing is performed in a top-down manner for
each granularity level by recursively splitting a larger text span into two smaller ones while predicting nuclearity
labels and rhetorical relations. Unlike previous discourse parsers, our parser can be fully parallelized at each
granularity in a document and does not require any handcrafted features such as syntactic features obtained from
full parse trees of sentences.

RST parsing by splitting text spans @
Recursively splitting a large span into smaller ones

(- . )
S, : Snowfall accumulation reached 30cm

b : S,,: The railway company has been s 2
ocumen considered to stop the operation. Su S Sw  Su S Swe e

| Elaboration
P./S, t0 Sy S,5: The temperature dropped to -10 /\ /\

degrees. _ )
| 5 Satellite 1 Nucleus Satellite Nucleus|
S,,:Accidents occurred due to the road L. /%A
surface freezing. 18

P . N
251110 16 - The start of the entrance exam Satellite hucleus TP
—] has been delayed for two hours. /\ Sis —
S,¢: The exam has been finished Nucleusy  Nucleus Nucleus Nucleus
. . L)
P4[S1; t0 Syl without any accident. ) /\ /\ Nuse /\Cfuse
J
Satellite yNucleus Satellitgy Nucleus Satellite Nucleus SatelliteNucleus
L] L]
PA SZO to S22 Siy Sz Si3 S, | | | |
_ Su Sip Si3 Su Sis S Y,
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This is a collaborative research project between Okumura Lab at Tokyo Institute of Technology and NTT CS labs.
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When children begin to understand hiragana

- Emergent literacy development in Japanese -

Abstract
Although many studies have reported child literacy development, it remains unclear when and how toddlers
acquire letters well before starting formal education. We focus on Japanese hiragana letters to investigate
(a) when toddlers begin to understand hiragana, and (b) what kind of letters is easily acquired. This work’s
eye-tracking experiment shows that toddlers at 32—39 months begin to understand hiragana letter-sound
mapping. Moreover, our large-scale corpus analysis found that various factors, such as letter frequency in picture
books and visual complexity, contribute to the acquisition of hiragana reading and writing. We aim to extend our
findings to develop an early detection method and letter-learning method for children with reading difficulties.
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Measuring emotional response and emotion sharing

- Quantitative assessment of empathic communication -

Abstract

Empathy is the basis of people's social lives. However, the mechanism has not yet been fully elucidated because
it is a complex phenomenon consisting of subjectivity, physiology, and behavior. The purpose of this study is to
quantify empathy from a multifaceted point of view considering individual differences. We examined how
physiology, behavior and cognition are related in an individual, and how they are shared with other individuals. In
order to deal with the large individual difference in the subjective judgment, we built a computational model that
explains the individual difference from their personality traits, exploiting the wisdom of the group approach which
aggregates the judgment of multiple individuals. This kind of framework for quantitative measurement of empathy
including individual differences will make it possible to assess and predict the effects of interventions that promote
empathy tailored to individuals. We believe this is an essential step toward improving human well-being.

Empathy involves a variety of phenomena,
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spontaneous faces, we directly compared
C) humans with machines using video or EMG signal
Trait ) ) 2 VD in terms of accuracy.
Cognition I Is facial expression {FE) of this person sponianeous or posed?
Physiology = FE was measured using
== (EMG)
.f (\r} Video & Hlectromyography

3
u
o |d3
w28
= s
.

Human Machine 1 Machine 2
Accuracy: human < Video = EMG

Covert

[ Cognition and personality trait on Physiological synchrony and

e emotion sharing @

cognitive sharing

We found that the physiological response is
synchronized during cooperative work, and that the
higher the physiological synchrony, the more consistent
the impression of the interaction.

Based on the similarity judgment theory, we clarified which
types of people tend to have emotion similar to others and
to recognize their emotional similarities accurately.
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Touch, enhance, and measure the empathy in crowd

- Towards tactile enhanced crowd empathetic communication-

Abstract

This study targets the empathetic communication that occur in sharing the same field. To provide quantitative
evaluations, physiological changes are observed using optical camera communication. Vibrotactile stimulation
was presented simultaneously to enhance the viewing experience. Thanks to the vibrotactile communication
technologies, we can record, distribute, and display tactile information in accordance with audiovisual contents and
optical camera communication enabled us to simultaneously observe physiological responses from crowd of
people. By combining these interdisciplinary technologies we can run cyclical research processes of sense
intervention, measurement, evaluation, and factor analysis to progress the research on empathetic
communication. Based on these research results, we will make a design theory for making field that can enhance
the wellbeing of the people gathered in the field.

Mass measurement by Optical
Camera communication

Vibrotactile communication
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We measure the brain activities of

the users who are experiencing
vibrotactile intervention by using

optical camera communication.

Together

Alone /

e —

We compare the condition
between alone and together to

elucidate the effect of empathetic By using the level of brain activities and its amount of

communication caused by sharing synchronization, we estimate the effect of empathetic level,

a field. g and investigate the effect of imposing vibrotactile stimuli or
the effect of the number sharing the field.
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Robot understands events in your story

- Chat-oriented dialogue system based on event understanding -

Abstract

The proposed chat-oriented dialogue system can make users think the system understands the user’s utterances.
By understanding the user’s utterances as an event structure (a group of time, place, person, etc.), we achieve a
chat-oriented dialogue system that can sympathize and delve into topics during a chat. To understand a user's
events from the user’s utterances, a system must understand various words/phrases in user utterances. To tackle
this problem, we focus on general words and phrases that are familiar in a chatting situation but difficult to extract
by conventional methods. Using this technology, systems can extract a user’'s utterances by organizing the
extracted information. In the future, we aim to foster a world where humans can converse with systems like
humans with mutual understanding by grounding the extracted information to the system and external knowledge.

System utterance generation based on event understanding \

The system generates its next utterances corresponding to the user’s event, extracted from the user’s
utterances as structured event information, by comparing the event with system knowledge.

Example of an extracted event structure

[ How was your summer vacation? E Time SUmmer vacation
ﬁ | went to Osakal ] Place Osaka/Namba
Person
Oh, did you go to USJ? - -
[ youg ]> Action ate takoyaki
4 No, | went to Namba! ] = Feeling

L ]
(__Oh, Namba! Did you eat takoyaki? L— A= o Example of similar events (system knowledge)

Yes, | searched on the internet ® o Time in vacation Time |in September
and went to a popular shop. e Place | Osaka/USJ Place | Osaka/Namba
[ Good! Was it delicious? Per§on with family Per_son with frlends.
Action | saw turtles Action | ate takoyaki
| Ability to empathize and delve into topics | Feeling | was cute Feeling | was delicious

This system was developed based on the dialogue system that won first prize in a live competition in Japan (2019).
(.

Phrase detection in user utterance N

To understand user’s events from his/her utterances, various types of words/phrases must be extracted.
By analyzing such words and phrases in chats, we achieve this extraction.

Example of location words/phrases in chats

User utterance Conventional Proposed Extracted phrase
(Red is location phrase) NE extraction extraction .
| went to ltaly. Italy Italy This weekend, | went to[[the park] near[Kyoto sta]]

park near Kyoto
Station

We went to the park near
Kyoto station.

Kyoto station When

/ Where

Extracted general word

| often go to electricity shop. (none) electricity shop

70% chance that phrases that are not Named Entity (NE)

. : ) Ability to extract general words and phrases
appear in chats (in case of location words/phrases) | y 9 P |
|\

J
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Voice command and speech communication in car

- World’s best voice capture and recognition technologies -

Abstract

Our technology can support a speech command and hand-free communication even in noisy environment such
as road noise without any stresses. Clear speech can be picked up from the noise-mixed sound in order to realize
speech command with high accuracy. A lot of computational complexy and memory was required to keep speech
quality and reduce only noise so far. This problem can be solved by using our acoustical knowhow, moreover, low
latency was able to be also achieved. In addition, a sign of howling was able to be detected rapidly by combining
multiple microphone array. Our goal is to improve an in-car acoustical environment by reducing noises which are
road noise, engiine noise, and any sound from other cars. We will also try to establish an event detection
technology in order to help a driving assistant or an early maintenance by detecting emergency car or anomalous
in sound.

: : IM : Intelligent Microh
Differences from conventional ASTiEnRe: Il_%g:i—d_isltggtigrc:néuppression of noise with mask—based TransER function estimation
Conventional NTT Conventional NTT This technology
technology 1 (IMx) technology 2 (ASTER*) (IM-ASTER)

Abstract Extracting target sound Reducing noise rom noise Achieving low computational
from noise—mixed sound mixed speech signal while complexity and small amount
by combining a linear and minimizing speech of memory, and having
non-linear process. distortion. advantages of IM and ASTER.

Image of process

- Speech is degraded

Noise is removed while Noise is removed while
(Input signal) by too much noise minimizing speech distortion minimizing speech distortion
reduction
Minimize distortion A O O
High level noise O A (@)
Computational com—
P o) x o

plexity / memory

Demonstration

In car communication Speech command from target seat Hand—-free communication
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Learning speech recognition from small paired data

- Semi-supervised end-to-end training with text-to-speech -

Abstract

We propose a semi-supervised end-to-end method for learning speech recognition from small paired data and
large unpaired data. This is because preparing the paired data of a speech and its transcription text requires a
large amount of human effort. In our method, we introduce speech and text autoencoders that share encoders
and decoders with an automatic speech recognition (ASR) model to improve ASR performance using speech-only
and text-only training datasets. To build the speech and text autoencoders, we leverage state-of-the-art ASR and
text-to-speech (TTS) encoder-decoder architectures. These autoencoders learn features from speech-only and
text-only datasets by switching the encoders and decoders used in the ASR and TTS models. Simultaneously,
they aim to encode features to be compatible with ASR and TTS models using a multi-task loss.

» The encoder-decoder model requires a large amount
of the paired speech and transcription text dataset.

Speech Recognition “H%LO”

* Prepare paired data of
speech and transcription decoder

text for training  Preparation of such dataset needs huge amounts of

time and money

« If the networks can learn speech-only and text-only
datasets, the data preparation becomes much easier

* Perform speech encoder « »
recognition on given HI;#.O
speech input E 3 b

decoder
) <) EZN
Semi-supervised training method

* Train speech encoder feature
and text decoder networks

A

Point 1: Combine speech-to-text task with text-to-speech
speech text speech text char
*Train with paired data: speech-to-text‘ , text-to-speech] to to to to error
-Train without paired data: speech-to-speech ™, text-to-text ¢ text text | speech [ speech | rate
v 15.0
] t)) “HELLO” %
4 t v v 9.0%

% Point2: Training to encode or decode

Jointly train
all encoders and

e decoders ‘ ,))

features that look similar to each other
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Who spoke when & what? How many people were there?

- All-neural source separation, counting and diarization model -

Abstract

We propose a method to accurately estimate “who spoke when" based on speaker's voice characteristics. It
works even in a situation where multiple speaker’s speech signals overlap, and accurately counts the number of
speakers in such cases. Conventional methods with the similar functionality works only when the observed signal
satisfies certain a priori (unrealistic) assumptions (e.g. the number of speaker known in advance, speakers never
change their locations). However, these assumptions cannot be often satisfied in realistic scenarios, which leads
to performance degradation. On the other hand, the proposed method, which is based purely on deep learning,
can theoretically learn and deal with any realistic conversation situations. It is expected to serve as a fundamental
technology for automatic conversation analysis systems, and will contribute to realization of automatic meeting
minutes generation systems and communication robots.

Difficulty of automatically analyzing ‘who spoke when' Kol N et R Nt RO A

*The number of speakers is arbitrary

(Target environment example) (Periods where each speaker speaking)  and changes over time
At . Pe_ople speaks intermittently
Voice often overlaps each other
» B+ — — - Speaker location changes randomly
<l ¢t —Difficult for conventional

> Time method to handle

I
Proposed method ' i
- Estimating ‘who spoke when’ l!J ¢ '“"h"" -+ E Has4 y .. I.l 'l Recorded signal

based on deep learning

Eni imizod 1st proc, | 2™ proc. | 3 proc. | 4™ proc.
- ”tt"ﬁ p_“’_cesj ‘;pf'm'ze block | block | block | block
with training data! ) I 1 N
Characteristics of 4’ Characteristics of Characteristics of ¢
Neural person A’'s voice | Neural person A’s voice Neural person A’s voice Neural
Network Tracking/ Network Network Network
4 Characteristics of A% A4
Proposed method... Neural person B's voice « | Neural Neural
. , ina~ | Network
- Iteratively extracts speakers’ voice Network & Tracking Network A
. o H oh
and repeat the process same times v [Ilence] Vv
as the number of speakers Cnaracteristics of
-When a new speaker appears, it increase the extraction Neural person C's voice | Neural
iteration by one Network Tracking | Network
- Tracks a speaker over time based on voice characteristics /n ?l‘
-Block online processing .
S Silence

Advantage of the proposed method in comparison with conventional method

- The proposed method achieves source separation and source number counting simultaneously.

*The proposed method can track speaker’s voice over time based on voice characteristics. It can keep tracking the
speaker even if the speaker changes his/her location.
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Changing your voice and speaking style

- Voice and prosody conversion with sequence-to-sequence model -

Abstract

We propose an voice and prosody conversion method for impersonating a desired speaker’s identity and hiding a
speaker’s identity. The conversion method consists of acoustic feature conversion and time-domain neural
postfilter. The acoustic feature conversion is based on a sequence-to-sequence learning with attention
mechanism, which makes it possible to capture the long-range temporal dependencies between source and
target sequences. The later post filter employs a cyclic model based on adversarial networks, which requires no
assumption for the speech waveform modeling. In contrast to current voice conversion techniques, the proposed
method makes it possible to convert not only voice timbre but also prosody and rhythm while achieving high-
quality speech waveform generation due to the proposed time-domain neural post filter. The remaining challenge
is the real-time voice conversion which is our ongoing work.

Overview Convert a speaker identity
but, quit synthetic...

Input Acoustic feature conversion [1] Ly Converted -] Time-domain Ly Output
speech (Intonation, voice timbre, and rhythm) speech neural post filter [2] speech

Acoustic Feature Conversion [y (e.g., Impersonating a speaker’s identity and modifying pronunciation) " m i E‘
Speech samples— -' i
« Train encoders, decoder, and attention mechanism Time warping function of :

source context information
T Acoustic feature prediction of the next

Naturally-sounding!

» Encoder-decoder model makes it possible to

. Context information - time frame from the previous output

1.Handle input and output sequences Extraction Attention and the a"gned context information

of different lengths mechanism

. . Source acoustic feature I
2.Convert not only voice timbre - i
TE 0 - D
but also rhythm .é 3 _ D> decoder —bé
« Attention mechanism has the abilities to —

1.Select critical information from ~ (_T&rget acoustic feature 1 Model training for minimizing

" : the differences to Y’

the encoded representation get

in accordance with the output decoder Minimize the prediction error

sequence representation Training A Cversion step

. step
2.Consider the long-range temporal -1 Use the predicted acoustic feature for predicting the next ones |

dependencies for converting intonation

LUESCINETENETIEECESSTIEIGEN (e.0., improving the speech quality) Speech samples — [;

Minimize the discrimination error A .
Minimize the reconstruction error

. . . X Train F for imitating F(y) K .
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The differences to §

* Cyclic model makes it possible to 5 - |Fake Fly) — -
X i % Discri- ¢—— .M- Synthet|c —p W Minimize the discrimination error
1.Train the models with non-parallel | & inator -to-natur, Train G for imitating G(x)
data of synthetic and natural speech| § Dy <« X
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due to need for the reconstruction Synthetic speech sie B
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Face-to-voice conversion and voice-to-face conversion

- Crossmodal voice conversion with deep generative models -

Abstract

Humans are able to imagine a person's voice from the person's appearance and imagine the person's
appearance from his/her voice. In this work, we take an information-theoretic approach using deep generative
models to develop a method that can convert speech into a voice that matches an input face image and generate
a face image that matches the voice of the input speech by leveraging the correlation between faces and voices.
We propose a model, consisting of a speech encoder/decoder, a face encoder/decoder and a voice encoder. We
use the latent code of an input face image encoded by the face encoder as the auxiliary input into the speech
decoder and train the speech encoder/decoder so that the original latent code can be recovered from the
generated speech by the voice encoder. We also train the face decoder along with the face encoder to ensure
that the latent code will contain sufficient information to reconstruct the input face image.

Crossmodal Voice Conversion/Face Image Generation

Leverage underlying correlation between voices and appearances to
{' convert speech into a voice that matches an input face image, and
* generate face image that matches input speech.

Information—theoretic approach using deep generative models

Voice Convertor G : Neural network (NN) that converts input speech x into & = G(X,y) by using face image y as auxiliary input
Training objective: Train G so that mutual information between X = G(X,y) and y is maximized

I[G’(X, y) Hy} > E(x!y)mp(x!y)[log R(y|G(X, y))} =P Maximize lower bound w.r.t. G and R
Speech and face image pair NN that approximates posterior p(y|x)
Voice Convertor G
A

Input speech | X ~ ] Output speech b'e Converted speech
Time— with voice that
dependent matches input

Feature Dim.

Feature Dim.

P!
Speech Speech ace image
der NN
. * Time

Time—
independent

Voice2Face
F
Encoﬂif W —>lole------------ > Generator R

Consistency between
¢ and € corresponds
to mutual information F
P ace

between ¢ and X Decoderiiih

Five NNs to be trained simultaneously:

J
Speech Encoder NN : Aims to extract linguistic information z Audio/image
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Learning unknown objects from speech and vision

- Crossmodal audio-visual concept discovery -

Abstract

In order for Al to visually perceive the world around it and to use language to communicate, it needs a dictionary
that associates the visual objects in the world with the spoken words that refers to them. We explore a neural
network models that learn semantic correspondences between the objects and the words given images and
multilingual speech audio captions describing that images. We show that training a trilingual model
simultaneously on English, Hindi, and newly recorded Japanese audio caption data offers improved retrieval
performance over the monolingual models. Further, we demonstrate the trilingual model implicitly learns
meaningful word-level translations based on images. We aim for a future in which Al discovers concepts
autonomously while finding the audio-visual co-occurrences by simply providing media data that exists in the
world such as TV broadcasting. We also consider the application to large-scale archive retrieval and automatic
annotation that involves interactions between different sensory modalities such as vision, audio, and language.
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Neural audio captioning

- Generating text describing non-speech audio -

Abstract

Recently, detection and classification of various sounds has attracted many researchers attention. We propose an
audio captioning system that can describe various non-speech audio signals in the form of natural language. Most
existing audio captioning systems have mainly focused on “what the individual sound is,” or classifying sounds to
find object labels or types. In contrast, the proposed system generates (1) an onomatopoeia, i.e. a verbal
simulation of non-speech sounds, and (2) an sentence describing sounds, given an audio signal as an input. This
allows the description to include more information, such as how the sound sounds and how the tone or volume
changes over time. Our approach also enables directly measuring the distance between a sentence and an audio
sample. The potential applications include sound effect search systems that can accept detailed sentence
queries, audio captioning systems for videos, and Al systems that can hear and represent sounds as humans do.

Detailed audio captioning Experimental results
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Recognizing types and shapes of objects from sound

- Crossmodal audio-visual analysis for scene understanding -

act

Sounds provide us with vast amounts of information about surrounding objects and scenes and can even remind
us visual images of them. Is it possible to implement this noteworthy ability on machines? We addressed this task
and developed a crossmodal scene analysis method that can predict the structures and semantic classes of
objects/scenes from auditory information alone, i.e., without actually looking at the scene. Our approach uses a
convolutional neural network that is designed to directly output semantic and structural information of objects and
scenes by taking low-level audio features as its inputs. An efficient feature fusion scheme is incorporated to
model underlying higher-order interactions between audio and visual sources. Our method allows users to
visually check the state of the scene even in a case where they cannot or do not want to use a camera. Our
method will contribute to expanding the availability of monitoring applications in various environments.

Crossmodal Scene Understanding
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Speech of chirping birds, music of bubbling water

- Sound texture conversion with an auditory model -

Abstract

Natural scenes such as bubbling water and rustling trees give us specific perception of sound textures. We
developed a method to artificially give such textures to speech and music. Inspired by research on manipulating
image textures, we improved the method so that we can applied it to sound. A computational model that takes
into account our hearing mechanism enabled effective control of sound textures in terms of hearing sensation.
The method is realized in the same framework as the image texture manipulation. This indicates that, in the brain,
seen and heard textures are processed by the similar mechanisms. From a scientific viewpoint, this study leads to
understanding of the mechanisms of sound texture perception by comparing the model’s internal states with the
brain activities induced by hearing sounds. From an application perspective, the proposed method enables us to
speak in a voice that does not actually exist or to play music with an instrument that does not exist.

Prior study: image texture conversion

Prior study: representation of

sound textures
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Danswing papers

- An illusion to give motion impressions to papers -

Abstract

We propose a technique to give motion illusions to static paper objects. Previous studies have reported visual
illusions wherein a static “virtual” object apparently moves on the basis of the luminance interaction between
object’s contours and the object’s background. However, no studies have proposed a method to give motion
illusion to a static “real” object. This study found a phenomenon in which a paper objects having bright and dark
contours apparently moved against the background with dynamic luminance modulation. Manipulating the contour
patterns could also produce not only a simple illusory movement such as translation but also relatively complex
illusory movements such as expansion, contraction, and rotation. We call this techniqgue Danswing (Dance +
swing) papers. By utilizing the Dancing papers, it is possible to gather customer’s attention towards an actually
static, but perceptually dynamic, objects.

How to create Danswing papers

@ Apparently rotating heart object
DWwe digitally create images of a gray @The three heart-shape objects are digitally
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black heart-shape object. with dynamic luminance modulation.
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Visual mechanism for Danswing papers
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Measuring visual abilities in a delightful manner

Self eye-check system using video games and tablet PCs

Abstract

We explore an enjoyable and simple way to measure functions of the eye. We combined know-hows accumulated
through vision-science-experiments with technologies for drawing precise computer graphics on web browsers,
and created a system for testing visual functions with a generic tablet device. Our system can be utilized for self-
checking of eye functions in a delightful way like a video game. Previous tests of visual function are often time-
consuming and normally require the help of medical experts. Our system allows users to measure each visual
function in about 3 minutes. This system can be utilized to self-check users’ eye condition routinely. In addition,
by accumulating knowledge through data of many people including patients with eye diseases in simple and
short-time measurement, we can expect an early detection of eye diseases, rehabilitation application, and
scientific findings about complex visual processes.
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How do winners control their mental states?

- Physiological states and sports performance in real games -

Abstract

performance by adjusting their physio

It is said that mental state is an important factor if one is to be a winner in sports. Although mental and
physiological states are related, the relationship between physiological state and sporting performance, especially
in real games, remains unclear. Here, we investigate this relationship for real competition in esports, baseball, and
snowboarding by focusing on the heart rate (HR) as an indicator of mental state. The results show a strong
relationship between sporting performance and HR, such as the huge variation in HR that occurs when the
opponent is a higher-level player, the stable performance that accompanies a stable heart rate regardless of the
situation, and a top player delivering a good performance with a high HR. Further investigation will reveal the
component of the mental state related to performance and will enable us to develop ways of improving athletes’

logical state.
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Split-second brain function at baseball hitting

- Instantaneous cooperation between vision and action -

Abstract

In ball games, it is necessary to move the body appropriately in reaction to a ball moving at high speed, but the
mechanism of such movement is not known. In this study, we examined the brain mechanism that captures a fast
moving ball in a limited time by 1) measuring the eye and body movements of professional baseball players while
they were actually hitting and 2) performing basic experiments using an optical illusion. By measuring eye and body
movements in a scenario close to the actual game, we succeeded in capturing the sophisticated skills used by top
athletes. In basic experiments using the illusion, we clarified how the brain uses visual information to control body
movements. Our goal is twofold: to uncover the implicit brain functions for vision and action and to establish a new
training method to train people in techniques for optimal body control according to the situation. This will help
improve the motor skills of a wide range of people, from children to the elderly, as well as top athletes.

How do professional baseball players hit a fastball? Why can a fastball be hit in a very limited time?

Experiment Measured eye and body movements using Experiment Tested whether motor responses to a moving
wearable sensors in a situation close to a real game target is driven by position or motion brain information
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Designing technologies for mindful inclusion

- How sharing caregiving data affects family communication -

Previous research has shown that tracking technologies have the potential to help family caregivers optimize their
coping strategies and improve their relationships with care recipients. In this research, we explore how sharing
the tracked data (i.e., caregiving journals and patient’s conditions) with other family caregivers affects home care
and family communication. Although previous works suggested that family caregivers may benefit from reading
the records of others, sharing patients’ private information might fuel negative feelings of surveillance and
violation of trust for care recipients. To address this research question, we added a sharing feature to the
previously developed tracking tool and deployed it for six weeks in the homes of 15 family caregivers who were
caring for a depressed family member. Our findings show how the sharing feature attracted the attention of care
recipients and helped the family caregivers discuss sensitive issues with care recipients.
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Our goal is to design a tool that
helps family caregivers improve
their care and communication
with their care recipients at home.
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Real-world motion that the body sees

- Distinct visuomotor control revealed by natural statistics -

Abstract

visual processing for moving robot.

Visual motion has critical roles for quickly adjusting posture, eyes, and limbs in dynamic interactions with
environments. By behavioral experiments and synthetic model simulations, we have tried to reveal fundamental
mechanisms of implicit visuomotor processing. It is difficult to retrieve detailed information about the scene from
highly blurred image. However, we found that blurred image sequence can provide higher estimation accuracy of
rapid self-motion than the original image sequence. Interestingly, implicit motor responses of hands and eyes are
highly sensitive for low-spatial frequency stimuli. These results suggest that the brain knows the importance of
low-spatial frequency component to code the high-speed self-motion from the statistical relationship between
visual motion and head/posture fluctuation. This type of visuomotor control would be helpful to realize a novel

Procedure of self-motion estimation

* We employed a computational model which reproduced
human visual processing properties[1]
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Human studies: implicit motor responses

induced by visual motion[2]

+ Spatiotemporal tunings of implicit motor responses

are highly sensitive to low—spatial frequency stimulus
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Creating a walking sensation for the seated

A sensation of pseudo-walking expands peripersonal space

Abstract

Body action such as walking is known to extend the subjective boundaries of peripersonal space (PPS; the
space immediately surrounding our body) and to facilitate the processing of audio-tactile multisensory stimuli
presented within the PPS. However, it is unclear whether the boundaries change when a sensation of walking is
induced with no physical body motion. Here, we presented several vibration patterns on the soles of the feet of
seated participants to evoke a sensation of walking, together with a looming sound approaching the body. We
measured reaction times for detecting a vibrotactile stimulus on the chest, which was taken as a behavioral proxy
for the PPS boundary. Results revealed that a cyclic vibration consisting of lowpass-filtered walking sounds
presented at the soles that clearly evoked a sensation of walking decreased the reaction times, indicating that the
PPS boundary was expanded forward by inducing a sensation of walking.

A sensation of pseudo—walking created by multisensory stimulation

We have developed a method for creating a sensation of
walking by combining multisensory information, such as a
mechanism for moving the upper and lower limbs, a
motorized chair for body sway, and wind and smell
presentation, with the aim of achieving “generating a Arm swing
sensation of walking while seated”. '

3D video

We focused on the soles of foot and presented a
vibration to create a sensation of walking.

PPS expanded by sensation of pseudo—walking

We found that reaction time to a stimulus Lower limb motion
approaching toward the body changed when a gﬂ':ybo";:g;”;g'; mgrg;tmp""‘a" University,
vibration stimulus was applied to the sole of the foot.
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