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ABSTRACT

Due to the increase in popularity of mobile devices and mobile
networks, the usage rate of VVoIP has also increased. The flow consumption
of types of VoIP has become very important from the limited mobile
network data program. In recent years, the voice streaming server of Adobe
Flash, Red5, has been increasingly used to realize the function of VolP.
Red5 is an open source media server and has good voice compression and
video compression. However, it can only be executed on a PC computer.
This is because Adobe Flash player has a hardware competence, such as
microphone and camera lens. The flash phone is not supported or widely
used on mobile devices. In this research, we propose a mobile device which
can support Adobe AIR to obtain the competence of the hardware device
and to use the Red5 library to communicate with the Red5 server.
Experimental results showed that the proposed method allows mobile
phones to call flash phones. Also, the flash phone bandwidth is about
4KBytes in comparison to the SIP phone, which makes it more suitable for
use on mobile devices.
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1. INTRODUCTION

Voice over Internet Protocol® on the internet or other IP technology can
be used in place of current telephone communication. This includes the
ability to make calls through a variety of devices and network transmissions,
where users benefit from not having to pay telecommunication fees. Costs
may be saved for long distance and international calls. The increase in
mobile internet and mobile device users also resulted in an increasing
internet phone population where many people are using VoIP to cut down
costs via network transmission costs.

In some countries, the mobile internet package is not an unlimited use
of mobile network, so the packet size of VoIP has become very important.
Therefore, when network transmission flow is smaller per second, talk time
can be longer. The current most commonly used VoIP technology is Session
Initiation Protocol (SIP)* ®. SIP phone can only be used on desktop
computers, IP phones and mobile devices. Users need only go through the
SIP server (such as Asterisk) for voices to talk with each other. The process
requires only the cost of network traffic, for long distance and international
calls. Transfer Protocol of SIP phone is Real-time Transport Protocol (RTP)®.
It is based on UDP. Therefore, RTP does not ensure data transfer time or
quality of service. Although RTP transmission speed can be very fast, it does
not ensure whether a packet is served. This may result in packet loss.
Currently, the SIP server Asterisk? is used in VoIP where SIP server features
are integrated for SIP communication exchange. In recent years, the new
\OIP technique is to use Adobe Flash to create VoIP communications. Adobe
Flash Player is developed by Adobe. And Adobe Flash phone is developed
by the Infrared5 company to support flash phone media streaming server
called Red5"® "8 Currently, the flash phone is made through a browser for
phone calls where Real Time Messaging Protocol (RTMP)® % * for voice or
video streaming is used in comparison to SIP server RTP stream. The RTMP
protocol is based on TCP, which has confirm-data-delivered characteristics
so that transmission of voice will not result in packet loss due to
discontinuous sound problems. However, RTMP is built on TCP with
confirm-data-delivered characteristics, which require checks on messages
causing higher packet traffic than UDP. Fortunately, the traffic cost is only
2KBytes®, which is suitable for applications on mobile devices. The current
flash phone is confined only to use on desktop computers. The microphone
and earpiece of current mobile devices are incompatible for use due to the
outdated browser flash package for mobile phones. Our proposed method is
to create a flash support mobile hardware kit, which will enable mobile
devices to make calls on the flash phone.
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This paper is organized as follows: Section 2 explains related issues on
flash phone and flash SIP phone. Section 3 introduces the proposed method.
Section 4 describes the experimental results and Section 5 makes the final
conclusions.

2. RELATED WORK
2.1 Red5 Server and Flash Phone

The flash phone client application is built on the Adobe flash action
script 3.0**2. The Adobe Flash Player is required for use in flash phone. The
Adobe Flash Player was developed for the purpose of making computers
capable of using flash media for use of computer peripherals, such as the
camera or microphone. Its common application is to use the browser to
watch flash media. Currently, flash phone application clients use the flash
phone. The Adobe Flash Player must be installed before flash phone can be
used. This also requires the installation of flash phone media streaming
server Red5 developed by the Infrared5 company for voice exchange in
flash phone. Flash phone client voice transmission makes use of RTMP with
Red5, mainly for the user to do call pairing. That is, when a user connects to
Red5, the user ID will be recorded and when users dial the flash phone,
Red5 will make connections based on the user ID. Figure 1 shows the Red5
server transmission of signal and voice exchange.

Flash phone internet traffic is a minimal 2Kbytes®. Therefore, flash for
use on a mobile device is a good choice. But the flash phone client will need
the Adobe Flash Player to work properly. The Adobe Flash Player is
supported on mobile devices, but its hardware support is not ideal. The
reason is the lack of permission from proprietary mobile devices, and
security issues so the browser cannot be enabled on the phone hardware,
such as a microphone and earpiece. Therefore, the mobile device with
Adobe Flash Player application can only be used to watch flash media, but
not for Flash-enabled hardware on the device.

Web browser Web browser
Flash Flash

=N

RTMP RTMP

\/ Red5 Server

[ ]

Figure 1. Flash phone structure®
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2.2 Flash Phone Call SIP Phone

Currently, SIP is used to save costs on VoIP. However, there are
problems with communication between flash phones and SIP phones. A
bridge module would be required. The Infrared5 developed Red5 server also
provides SIP phone calls, which could be used as a bridge interface for the
flash phone to communicate with SIP phones. However, the application core
for the flash phone client is built on Flash Action Script 3.0 architecture,
which requires Adobe Flash Player. In order to communicate with the SIP
phone, the SIP communication interface will have to be added to the flash
phone. Flash phone SIP interfaces can be divided into Red5 server and Red5
SIP application.

First, the user receives and sends sounds by Red5 server transfer.
Before Red5 server sends the microphone sound to the SIP phone, the first
to arrive is the RTMP User Class module. This module is primarily used for
RTMP streaming to deliver voice data and also for Red5 SIP application to
receive or transfer signaling. When the RTMP User Class module sends
voice to SIP phone, this will cause two sides with incompatible encoding.
Therefore, voice cannot be directly sent to the SIP phone, but must be
through the ASAO turn u-law module encoding and then sent to SIP User
Class module. Finally, the SIP User Class module will be the voice sent to
the SIP phone. The SIP User Class module is mainly used to receive voice
from SIP phone or send voices and signals. When the SIP User class module
receives SIP phone signals or voice calls, signals would be sent to the Red5
SIP application and voice callback to RTMP User Class module. The RTMP
User Class module, on receiving the voice, will be compressed and
transmitted to the Red5 server to be sent to the user's client end, where
sound is played. In the second part, Red5 SIP application is mainly used to
send or receive call signals. The signal content is dialed, accepted and
listened to the call status. Red5 SIP application work is received or
transmitted through signal transfer to the SIP User Class module or RTMP
User Class module and client. It is the bridge of Red5 phone and SIP phone
communication. Flash SIP phone interface process is as shown in Figure 2
where the client interface is built in two parts®. The first is to send and
receive signals, and the other is to send and receive voice. RTMP User Class
module and SIP User Class module are transceivers for signal and voice
processing. Although flash phone to call the SIP phone can even have calls
to support SIP on a mobile device, this method is limited to use on the
desktop computer. The reason is the same problem as mentioned in section
2.1. This is because Red5 SIP phone application only provides the browser
version, and Adobe Flash Player must be installed. The general mobile
device browser support in the Adobe Flash Player and for the hardware is
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far from ideal due to proprietary and security issues in mobile devices where
the browser cannot be enabled for phone hardware, such as a microphone
and earpiece. Our proposed method provides a solution as described in
section 3.

Signal Channel Jeb browser
I
Flash Microphone Media Channel Flash Phc_)ne
— RTMP Cllent
Flash Speaker Media Channel
Invoke Remote methods
(call, pickup, accept) Publish
(ringing, Accepted, etc) Play
Red5 Application (SIP) Red5 Server
External N
Asterisk
" Callback Play Publish
allbac
—> >
> SIP User Class RTMP User Class
RTMP Client
(SIP UA) é asao2ulaw é ( Client)

Figure 2. Flash SIP phone structure®

3. THE PROPOSED METHOD

In order to realize a mobile device making flash phone calls, we
proposed a method based on Adobe AIR to support flash in mobile devices,
and with Flex development to combine the Red5 library to achieve support
for mobile device flash phone applications. In this paper, the proposed
method is divided into two parts.

The first part is to change structure of flash phone applications on the
client end. Flash phone application is based on browser on desktop
computers and also requires Adobe Flash Player. This architecture is not
supported on mobile devices. Therefore, in this paper, the original flash
phone end client application architecture is modified and the browser
application is changed to mobile device application as shown in Figure 3.
The original flash phone application browser version of the end client is
converted into mobile applications to achieve the mobile flash phone
application. The flash phone features mobile device hardware that can be
supported in this implementation. The second part is to realize a flash phone
mobile application_based on Adobe AIR development. The original flash |
phone application is built on Flash Action Script 3.0 architecture and flash
phone mobile application architecture is the same. The only difference is
that the software runs on a desktop computer using Adobe Flash Player and
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the mobile device uses Adobe AIR. However, the flash phone mobile
application is just a program. Therefore, it does not have to rely on the
browser to enable flash phone, where the flash phone application can make
use of Adobe AIR to run its applications. Flash phone mobile application
development environment is to use Flash Builder*? software development
application and using Flex mobile project development with two libraries to
achieve flash phone mobile application. The first library is the Red5 library.
This library is the client end with Red5 server communication. The source is
the original Red5 phone built-in Red5 library and can be found in Red5
Server developed by Infrared5.

Finally, the Adobe Native Extension (ANE)™ library used is Flash
Action Script 3.0. The ANE library is Flex with mobile device source code
communication tools. In this method, the main control hardware mobile
device, such as the headset, will make use of ANE for headset permission
for sound output from speaker. The improved structure is as shown in Figure
4. After completing ANE development for client end flash phone mobile
application, no change is necessary for the Red5 server. The original
problem in the flash phone was the hardware problem in the client end,
which has nothing to do with the Red5 Server. After completing the Flash
Phone Mobile Application and to enable microphone and headset, the
hardware will be able to connect to the Red5 server for use in voice
communication.

Signal Channel

Flash Microphone Media Channel

Flash Speaker Media Channel

Web browser Application
Red5 Phone Red5 Phone
RTMP Client RTMP Client for mobile
N /D )
% Play Publish \ Play Publish
Red5 Server etc. Red5 Server etc.

Figure 3. Flash phone browser version converted into flash phone mobile
application



Jeanne Chen, Tung-Shou Chen,and Jhe-Wei Syu 311

Adobe AIR

Flex

Red5 Library Native code
ANE Plugin

ANE Library

Figure 4. Flash phone mobile application structure

4. EXPERIMENTAL RESULTS

For the experimental tests, we proposed the server environment using
Linux installed with Asterisk and Red5. Five combination tests were
performed using two mobile devices. The aim is to compare the upload and
download flow between Asterisk (SIP phone) and Red5 (Flash phone) and
the combination of both. Each combination takes one hour. Table 1 shows
the results of comparison for the upload and download flow for each
combination. The audio sampling frequencies for the phones are in KHz. In
test 1 (SIP phone to SIP phone at 8KHz vs. 8KHz) comparison to test 3
(Flash phone to Flash phone of the same frequency) showed that flash
phone resulted in higher voice quality. Also, the flash phone showed smaller
packets than the SIP phone with a maximum difference of more than double.
On the other hand, in test 4 (Flash phone to Flash phone at 8KHz vs.
22KHz), the higher frequency resulted in higher voice quality. Assume a
user with the 3G network is limited to 1GByte (upload plus download)
using SIP phone to SIP phone for about 772 minutes of talk time, and flash
phone to flash phone for 1,781 minutes of talk time. The talk time difference
of both would be more than double. This study is helpful for users with
limited internet bandwidth.

5. CONCLUSION

This paper presents a VolP-based mobile device built on Red5 server
applications. Adobe AIR and Flex are used to develop a flash phone client
end to support hardware for phone communications. Experimental results
showed that flash phone traffic flow is smaller than SIP phones on mobile
devices. For users with limited mobile internet traffic, this is a useful feature
for voice communication. Communication time can be extended without
extra costs. Users are also able to adjust the quality of microphone sound
quality without dropping communications.
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Table 1. Internet traffic experimental result for SIP phone and flash phone

Upload Download

Experimental Tests Kbytes/sec  Kbytes/sec

SIP phone to SIP phone 10.78-11.13 9.97-10.47
Flash phone to SIP phone 4.58-5.15 4.03-4.41
Flash phone to Flash phone (8KHz vs. 4.73-5.06 403-43
8KHz)

Flash phone to Flash phone (8KHz vs.
22KHz)

Flash phone to Flash phone (22KHz vs.
22KHz)

4.3-4.78 7.38-8.01

7.2-8.35 6.75-7.55
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