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This is a simple IPv6 SIP UA which only does calling and

sending RTP packets with PCMU (CCITT mu-law) payload type.

Callee can use other PCMU-supported SIP UA to receive SIP

INVITE and RTP packets sent by my program.

I've tested Linphone as callee SIP UA and it works.

File description:

rtpsend.cpp - RTP Sender and Windows Media I/O functions.

sipuac.cpp  - Main program with SIP initialization.

sipuac.h    - Main header file.

libs        - DLLs & Object Library for dependency.

README.txt  - This document.

COPYING.txt - GNU General Public License 2.0

Porting Notes (Application):

 * eXosip Initialization

     eXosip_enable_ipv6(1); // or it will use AF_INET.

 * Listen & Guess Local Address

     eXosip_listen_addr(IPPROTO_UDP, “::”, 0, AF_INET6, 0);

     eXosip_guess_localip (AF_INET6, local_ip, 128);

 * SIP URI representation

     e.g. <sip:alextwl@[2001:e10:6840:21::9]>

 * SDP payload, for example:

     v=0

     o=josua 0 0 IN IP6 2001:e10:6840:21::9

     s=conversation

     c=IN IP6 2001:e10:6840:21::9

     t=0 0

     m=audio 8000 RTP/AVP 0 101

     a=rtpmap:0 PCMU/8000

     a=rtpmap:101 telephone-event/8000

How to compile:

1. Use MSVC 2005 (Express) or later version to open the

solution file "sipuacv6.sln".

2. Build the solution directly and a executable file named

"sipuacv6.exe" will be generated under Debug directory.

How to run the program:

1. Execute "sipuac.exe" directly.

Instruction:

1. Before calling others, the program will ask for some

questions like local IP address, remote SIP URI, etc. and

start recording and sending RTP packets after that.

2. Press Ctrl-C to terminate streaming.

Example:

------------------------------------------------------

Z:\>sipuacv6.exe

A Simple One-Way SIP UA Client by 97321537 Wei-li Tang

eXtended oSIP library initialized.

Your IP Address is [2001:e10:6840:19:dd14:8ce:26ba:7843].

Is it correct? [Y/n] y

Please enter a remote SIP URI.

sip:alice@[2001:e10:6840:21::9]

From:   <sip:testing@[2001:e10:6840:19:dd14:8ce:26ba:7843]>

To:     <sip:alice@[2001:e10:6840:21::9]>

Is it correct? [Y/n] y

Proceeding!

Receive ringing

Ok! connected

Remote RTP Audio IP Addr=[2001:e10:6840:21::9] Port=9428

INFO: PRESS CTRL-C TO HANG UP

==> Timestamp increment will be 160

==> Packet size will be 160

==> Scheduler initialized

Waiting for exit : ....................Hung up.

------------------------------------------------------

TODO:

1. The implementation has serious jitter during

transmission, the handling method of Windows Media API

should be adjusted later.

2. RTP receiver implementation.

3. More user-friendly interface.

Reference:

recordingmakingwave.c by Ching-Chen Chang.

RTPSender.cpp Win32 port by Simon Morlat and Yann STEPHAN,

oRTP 0.13.1.

UAC.c by Wei-Li Lai.

End of file.









