USER MANUAL

Introduction

This program has been designed to be used as a multiplatform videoconference
aplication. It uses a session establishment protocol called SIP, and has been programmed
for the Java Platform. Therefore it can be run under any operational system which has Java
Virtual Machine installed, available at the following web site http://www.java.com. For
audio and video to work correctly, Java Media Framework JMF neededs to be installed, it

can be found at the web site http://java.sun.com/products/java-media/jmf.

To run the program just run the script umasip.bat, for Windows systems, or umasip.sh

for Linux systems, running the graphical user interface in the Figure 1:
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Figure 1. User Interface

Program Requirements

For the program to work properly some hardware and software requirements are needed.

The software requirements are:



- Java Virtual Machine 1.4 or higher

- Java Media Framework 2.1.1e or higher

The minimun hardware requirements are:

- Processor, at lest, Pentium 166 MHz, PowerPC 160 MHz, or UltraSparc 166 MHz
- At lest 32 MB of RAM memory

- Sound Board

- Speakers

- Microphone (optional, just in case audio transmission is desired)

- Webcam (optional, just in case video transmission is desired)

Option Menu

The graphical interface shows to the user an option menu, as shown in the Figure 2:
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Figure 2. umasip option menu

These options are available through the menu and its funtions are the followings in the
Table 1:



Opcion Menu Funcionalidad
It lets make a new call. A window
New Call Call asking for the remote address is
shown.
It finish the current call. It is
Hang Call ) )
available only when there is a call.
Quit Call Quit the program.
See SIP ~ You can see the SIP protocol
) Configuration o o
Information information in the main window.
o It opens a window with the
Transmission ) ) ) )
) Configuration configuration about de multimedia
Information
preferences.
It lets answer afirmatively and
Autoresponse  Configuration ) ) ]
automatically to incoming calls.
~ Itopens a window that lets configure
Preferences Configuration
the preferences.
“Language” Language It lets choose the language to use.
It shows the available themes of
Help Themes Help help. When choosing one, a window
with the help is opened.
] It opens a window with the license
License Help ) )
information.
It opens a window with the
About... Help

information about umasip.

Table 1. Option Menu

The options in the Language menu are the name of the diferent languages, available by
the interface, written in their own languages. In the option Help Themes there is another

submenu from where to choose each available help theme.

New Call

This option from the Call menu will be used to make a new call. The name of the user to

be called and its host will be asked. If the user to be called has not specified a user name, it



will take anonymous by default. To refer the host, apart from its name, it can also be used

its IP address.

As an example, to call a user that has not change the default name, with the following IP
address 192.168.1.7, the following locator will be used: anonymous@]192.168.1.7, as

shown in Figure 3.

sip:usuarioZhost
lanomymous@192.168.1.7
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Figure 3. New Call window

A called user will received a notice in which he will be asked if the comunication with

the calling user is desired.

Incoming Call

If while the program is in a waiting state a new call is received, a new window shows up
noticing this call, and giving you the option of accepting or rejecting it, as shown in Figure
4. If the call is accepted the comunication is established, and if it is rejected a busy tone is

sent to the user who is trying to establish the call.

Figure 4. Call Notice

If a new call arrives while there is already a call in course, the program answer

automatically sending a busy tone to the user who is trying to establish the new call.



Hang a Call

While an active call exists, there is a window in which the communication is shown,
and in which there is a button where hanging and finishing the communication is available,
see Figure 5. There is a possibility in the Call menu to hang with an option that is enabled

in the moment a call is established.

@ 192.168.0.1
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Figure 5. Active call window

Anyone of the participants can finish a call, the caller or the receiver.

SIP Protocol Information

With the option See SIP Information in the Configuration menu, it is possible to see at
the main window the debugging information about the SIP Protocol. Like this, an expert
user who would like to see how this protocol for establishing sessions works, can see how

all sessions in each call has been established, negotiated and finished.

The program functioning with this option active can be seen in Figure 6.
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SIP Protocol Information:
TIME | Local User = =MESSAGE (RequestfResponse)== Femaote User

Client Sip ready with user: anonymous@1a2 168.1.200

Client Sip ready with user: anonymous@ 192 165.1.200

12:55: 16 | sipanomymous@192 168.1.200 < <==== Reqguest INVITE << ==== sipanonymous@132 168.1.7
Feceiving AUDID: Padoad Type 5 by port 22322
Eeceiving VIDEQ: Pavioad Typoe 26 by port 23326
12:55:16 | sipranomnymous@192 168.1.200 ====>> Respanse TRYING (100) = === > sip anomanous@laz 165.1.7
12:55:16 | sipanonymous@192 168.1.200 = = Responze RINGING (180) = = sipranomymous@lsz2 168 1.7

12:55:24 | sipranomymous@]192 168.1.200 ====>> Respaonse DECLINE (6032} ====> > sipranonymous@192 165.1.7
12:55:24 | sipranonymous@192 168.1.200 < <==== Request ACK «<==== sipranonymous@l92 168 1. 7;1ag=2960
12:57:04 | sipranomymous@ls2 1681200 ====3+ > Request INYITE ====>»> anomamous@la2 168 1.7

Transmitting AJDIO: Paioad Type O by port 22322
Transmitting YWIDED: Pavioad Tyie 24 by port 233226
12:57:04 | sipranonymous@ls2 1681200 <« == Response TRYING (100) < <==== ananymous@laZ 168 1.7

12:57:04 | sipianommous@192.168.1, 200 < <==== Response RINGING (180} < <==== anommous@192 168.1.7
12:27:05 | sipianonymous@182 . 168.1.200 < <==== Fesponse OK (Z200) €« ¢==== anonymous@152 168 1.7
Feceiving AUDID: Padoad Twpe 5 by port 23232
Feceiving ¥IDEC: Payioad Tywpe 26 by port 23336
12:57:05 | sipianomymous@192 168.1.200 ====>> Request ACK ====>> anonymous@152 168.1.7
12:01:11 | sipranonymous@E@ls2 168 .1 200 < c==== FKeguest BYE << ==== anommous@ls2 168 1.7
12:01:11 | sip:anomymous@192 . 168.1.200 ====>> FEespanze QK (Z00) ====>> anonymous@192 168.1.7

Figure 6. SIP Protocol Information

Transmission Information

With the option Transmission Information in the Configuration menu, information

about the audio and video formats, that are going to be used or that are being used during a

call, can be known. Using this method, you can also know if during a call the information

corresponding to audio is been transmitted or not, the format in which it is been transmitted

and its characteristics. The same applies with the information about video.

An example of the information that can be shown would be the one in Figure 7:



Informacion de Transmision;

Formato de Audio: ULAW/ rtp
hMuestras por segundo: 8000.0 Hz
Tamafo de la Muestra: 8 bits
Tasa de Transmision: 64000.0 bps

Formato de Yideo: h263/rtp

Frames por segundo: -1.0 Hz

Alto del Frame: 144 pixeles

Ancho del Frame: 176 pixeles

Tamano del Frame: 25344 pixeles

Tasa de Transmision: 25344 pixeles por segundo

Ateptar

Figure 7. Transmission Information

Autoresponse of calls

There is an option in the Configuration menu that makes autoanswering calls available.
If this options is activated, while the program is in standby mode, all incoming calls will be
answered automatically. Therefore, if accepting any arriving call is desired, this option can
be activated and no warning window will be shown asking about accepting or rejecting the
call. In this case, the window with the call image will appear directly, and the multimedia

information specified at the Preferences will start to be transmited automatically.

Configuration

For the configuration of the program functioning characteristics will be used the option
Preferences in the Configuraton menu. With this option it will be shown a window, like the
one in Figure 8, where can be configured the user name, the host in which it is, the audio

and video devices to be used, and the corresponding formats to transmit.



In the field User Name can be specified the desired name to use. By default, in case that

no name has been specified, the program uses the name anonymous.

In the field Host/IP can be specified the host in which the user can be found, that in this

version of the program will have to be local host from which it s been running.

In the field Audio Device there are all the available audio devices in the computer, and

is possible to choose the desired device for the audio information capture.

In the field Audio Format can be selected the transmission format in which it is desired

to code the information.

In the field Video Device can be chosen among the different existing devices for the

video information input.

In the field Video Format can be chosen the video format in which to code to transmit.

Mombre del Usuario; |Enonymous Por Defacto

MaguinaflP |192.168.1.200 Autodeatactar

Dispositivo de Audic; JavaSound audio capture

Formato de Audie: ULAW /rtp, 8000.0 Hz, 8-hit, Mong, FrameSize=8 hits

Dispositive de Yideo: wdlilabtec Webcamihio

Formato de Widao: |H2E3/RTP

Aceptar Cancelar

Figure 8. Preferences

At the bottom of the window, there are two buttons to accept or cancel the changes
done. If accepted the program do the pertinent changes, and if rejected the previous

preferences are restored.



Change of Language

You do not need to restart the program to change the language, just select one among
the available languages in the Language menu. Automatically, and while still running, the
program will take the selected language, being able to change the language as many times

as desired. In Figure 9 you can see the program functioning in several languages.

—OX AT =P

CaII Configuration Language Help Appel  Configuration Langue Aide
“ : ’ L]

Umasip! —_MAax E Tmasip! —Oax

Ch|amata ConflguraZ|one Lingua Ajuto Apalo Pricritate Lingwe Helpo

umasip

@umaszp

Figure 9. umasip in several languages

Help Themes

In the Help menu you can find this manual, in case of help needed. There is a submenu
Help Themes where there are diferent themes from wich to obtain help. When an option is
clicked, a window with the information required is shown. For example, if Introduction is

chosen, the wiondow in Figure 10 is opened:



Introduccion

Este programa se ha disefiado para su uso como aplicacidn de videoconferencia
multiplataforma.

Emplea un protocolo de estakblecimiento de sesidn llamado SIP, v se ha programacdo
para la plataforma Java. Por tanto, puede ejecutarse en cualquier sistema
nperativo gue tenga instalada la Maguina Yirtual Java, disponible en la

direccidn wek http: f feeweee. java, com o http: [/ feeesw. java comjes en espariol.

Para gue funcionen correctamente audio v wideo también serd necesario tener
instalado el marco de trabajo multimedia de Jawa [MF, gue se puede encantrar en
la direccion web hittp: ffjava sun.com/fproducts f java-media/ jmf.

Fara lanzar el programa, basta ejecutar el archivo de proceso por lotes
umasip.bat, para sistemas tipo Windows, 0 umasip.sh para sistemas tipo Linux.

Figure 10. Help Themes

License

This program has been created from Free Software, and it is Free Software, and it is

ruled by the GPL license (General Public License) by the FSF (Free Software Foundation).

The GPL license is a free license, also known as copyleft, and allows to use the software
freely, to distribute copies, to change the software and to redistribute the software with
changes. Anyone who distributes copies of the software, modified or not, must give the
receivers all the same rights, so the GPL license will have to be present and without
modifications. For further details, there is a copy of the license that can be seen with the

option License from the Help menu as seen in Figure 11.



Licencia Piblica General de GNU Yersidn 2, (GNI GPL

CHU GEMERAL PUBLIC LICEMSE
Wersion 2, June 1991

Copyright (2) 1989, 1991 Free Software Foundation, Inc.

59 Temple Place, Suite 230, Bostan, MA 02111-1207 USA
Everyone is permitted to copy and distribute werbatim copies
of this license document, but changing it is not allowed.

Freamhble

The licenses for most software are designed to take away ywour

freedaom to share and change it. Bw contrast, the GANU General Public
License is intended to guarantee wour freedarm 1o share and change free
software--1o make sure the software is free for all its users. This
Leneral Public License applies to most of the Free Software

Foundation's software and to any other program whase authars commit to
using it. {Some other Free Software Foundation software is covered by
the GMU Library General Public License instead.) You can apply it to

WOUE programs, too.

Figure 11. License Agreement

About umasip

The information about umasip is shown in Figure 12:

umasip version 1.00, Copyright {C) 2004;

umasip es un programa realizado como Proyecto Fin de Carrera
Realizado por D. Pablo Montoro Escafio

Dirigido por Dr. Eduardo Casilari Pérez

UMA, Universidad de Midlaga

umasip no tiene NINGUNA GARANTIA; para mads detalles vea Avuda/Licencia
Este es Software Libre, y se le permite redistribuirio
bajo ciertas condiciones; vea Ayuda/Licencia para mds detalles.

Aceptar

Figure 12. About umasip

This information can be seen through the option About... in the Help menu.



Quit the program

To quit the program, just close the main window or select the Quit option from the Call

menu.



