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Abstract

Current and future research activities of the Moriya Research Laboratory are introduced. To date,
various compression coding technologies for speech and audio have been used for convenient and eco-
nomical communication systems. However, compression makes the sound quality more band-limited
and contaminated with unnatural distortion. We are seeking to construct more comfortable and more
convenient communications systems by making full use of the broadband network environment. To
achieve this goal, we are focusing on the development of lossless compression coding and exploring
new concepts in quality through the use of newly developed devices and our deepening understanding

of human perception.

1. Introduction

In the evolution of communications systems, com-
pression has been essential because it allows users to
share the limited capacity of communications chan-
nels and storage spaces. Various types of compression
coding for speech and audio have been developed,
and these have found important applications in cel-
lular phone systems, music delivery over networks,
and portable players. However, most of the speech
coding and audio coding standards in ISO/IEC
MPEG#* (International Organization for Standardiza-
tion and International Electrotechnical Commission
Moving Picture Experts Group), such as MP3
(MPEG-1 audio layer 3) and AAC (advanced audio
coder), achieve a high compression ratio at the sacri-
fice of minor waveform distortion and band limita-
tion at the decoder.

In the near future, we can expect to enjoy a broad-
band network at a reasonable price, so greater band-
width will be available. If we can make use of this
rich information environment, we should be able to
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enhance perceptual quality dramatically. At present,
we face the challenge of shifting from the need for
efficient compression to the desire for excellent qual-
ity. To meet this challenge, we must find ways to
exploit the rich bandwidth for higher quality, greater
convenience, and more comfort in communications.
In this paper, we introduce our current research
activities on lossless coding and describe the future
challenges for high quality.

2. Current activities on lossless coding

Along with the evolution of the broadband network
and digital audio equipment, information rates for
delivery and storage have increased rapidly owing to
the demands for high-quality audio signal (high sam-
pling rates, high word resolution, and multichannel
capability). In the broadband environment, we do not
want to lose any quality as a result of data compres-

*1 MPEG is the standardization group in ISO/IEC JTC1 SC29 for
video and audio coding. MP3 and AAC are very popular audio
coders used for various applications such as the Japanese digital
broadcasting system, music delivery over the network, and porta-
ble music players.
http://www.chiariglione.org/mpeg/
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Fig. 1. Extension of research field.

sion. However, as long as the original quality remains
unchanged and the processing cost is low, compres-
sion will always be useful because the information
rates might exceed the available transmission speed
or storage capacity.

In this sense, our first endeavor for high-quality
coding was the development of a lossless coding
scheme that assures perfect reconstruction of the
original waveform. This is essential for economically
storing or transmitting high-quality signals without
any degradation. For interoperability of various
applications throughout the world and over time,
international standardization is extremely useful. We
have continually contributed to the establishment of a
lossless coding standard in the MPEG community
since 2002. The standard (MPEG-4 ALS) [1] was
published in 2006 as part of ISO/IEC 14496-3. Even
after the publication of this standard, we continued to
make efforts for further improvement of the encoder
and for commercialization.

A brief introduction to the lossless coding standard
and its basic technologies was given in a letter last
year [2]. The second paper in this set of Selected
Papers covers our recent advances with the encoder
algorithm and an optimized software implementation
(speed and compression). The third paper describes
application examples and additional standardization
activities.

We will continue our efforts to further compress
audio signals without losing quality. Compression
technology is sometimes dependent on the analysis
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method or model estimation. Efficient model estima-
tion is also useful for recognition and search tasks.
Maintaining a high level of compression technology
is also essential for other types of signal processing.

3. Meeting the challenge of
comfortable communication

3.1 Extension of research field

Provided that reliable, high-speed transmission is
available, there are various possibilities for achieving
more comfortable and higher-quality communica-
tions. The final goal is to achieve high-quality human-
to-human communications in various environments.
An example would be recording the whole audio
environment of a live concert, which would enable
transmission to distant places immediately or at
future times with full fidelity.

We need to extend our research field toward
improving the quality and comfort of communica-
tions as shown in Fig. 1. At present, a single-point-
source single-channel band-limited audio signal is
used for most communications systems. We want to
extend the way that this signal, or information, is used
in two ways. One is for human interaction. To explore
comfortable communication and the sensation of real
presence in music, we need to understand the charac-
teristics of human perception. The other is to signifi-
cantly increase the number of signal channels (super
multichannel capability). There is a huge amount of
information hidden in the sound field of a room. We
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can make use of new devices and hardware tools to
facilitate cost-effective multichannel communica-
tions systems.

3.2 Human interaction

To deliver fully enjoyable high-quality music sig-
nals to humans, we need a comprehensive under-
standing of the brain and human behavior. A full
understanding of human reactions to ultrasonic sig-
nals might enhance our contentment with communi-
cation or entertainment, for example [3]. In addition,
combining some other modality of sensation with
auditory perception (cross modality) might be useful
for enhancing the total experience of communication
or entertainment.

3.3 Super multichannel sound

The interface to the real environment can be
enhanced by introducing a massive number of chan-
nels for sound-field control. For this purpose, we
need economical high-speed hardware as well as pro-
cessing and control software. It is impossible to
increase the number of channels beyond a few hun-
dred with conventional parallel cable distribution of
signals from microphone and loudspeaker arrays. A
very promising solution is to use the rapidly develop-
ing technologies for high-speed transmission and
multiplexing through optical fiber and in small devic-
es. One interesting example is an array of micro-
phones multiplexed in an optical fiber [4]. If a super
multichannel sound system can be achieved, it will
find general use in various applications such as noise
control and environmental sensors.

4. Standardization and alliances

Information systems have become highly complex
with huge variations from one system to another.
Generally speaking, it is therefore very important for
users, manufacturers, and service providers to work
together to establish international standards for
interoperability and long-term maintenance. Com-

munications systems can be useful only if users or
potential users are attracted to them for their conve-
nience and reasonable cost. For this purpose, we will
make the necessary efforts to establish standards and
support commercialization. For success in these
activities, we will need global collaborations or alli-
ances among organizations and companies, keeping
in mind the idea that technologies are good only when
users can enjoy them.

5. Conclusion

The research activities at the Moriya Research
Laboratory include the development of lossless cod-
ing and future exploration of human interaction and
super multichannel signal processing. All are aimed
at the creation of high-quality comfortable communi-
cations systems that make use of the rich information
available through broadband networks. Our work will
be carried out under flexible collaborations with other
NTT laboratories in the fields of innovative commu-
nication devices and human sciences. In addition, we
will continue to promote standardization and alli-
ances, which are important for these new technolo-
gies. We hope these technologies will also contribute
to other research fields besides the acoustical signal
processing field.
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