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PREFACE
The thesis are written on the basis of the research work done during the internship in Athlone Institute of Technology, Ireland, at the time of master studies in VGTU. I have participated in the project entitled “Seamless Use through Network Abstraction Technologies (SUNAT)”. The research question was focused on determining the possibility to implement the multi-homing in application-layer using Session Initiation Protocol and possibility to deploy such application on any mobile platform. The Java Micro Edition was chosen as basis for mobile platform and I have implemented the application that supports multi-homing through Session Initiation Protocol and Real-Time Transmission Protocol for Java2 Standard Edition. There are two papers published based on the thesis topic:

1. A. Sutkevicius, E. Fallon and Y. Qiao. “A SIP Based Application Layer Multi-homed Implementation”. 8th conference IT&T2008 Galway Mayo Institute of Technology, Ireland. Presentation date: 2008.10.23. URL: http://www.ittconference.ie/prevconf/2008/Conference%20Proceedings%20ITT08.pdf
2. K. Stannett, A. Sutkevicius, P. Jacob, E. Fallon, Y. Qiao, A. Hanley. “Path Failure Effects on Video Quality in Multi-homed Environments”. CISSE University of Bridgeport, UK. Presentation date: 2008.12.10. URL: http://conference.cisse2008.org/schedule.aspx.

INTRODUCTION
The relevance of research: With an increasing availability of various network technologies the number of devices that support hybrid network connections is growing too. Such technological possibilities brings need to define a scheme that would allow to distribute diverse types of data in heterogeneous networks. The device that supports multiple network interfaces is called multi-homed (e.g. the Nokia 9500 Communicator mobile phone supports mobile network access through GPRS and Wireless LAN access through 802.11b) and technique to increase the connection reliability by employing two or more network addresses is multi-homing. Researchers are trying to use multiple interfaces in different layers in the OSI stack to provide seamless handover or load balance, such as Site multi-homing by IPv6 Intermediation. SHIM6 [14] is designed for IP layer multi-homing, Stream Control Transmission Protocol (SCTP) [19] and Datagram Congestion Control Protocol (DCCP) [7] is designed for transport layer multi-homing. IEEE 802.21 [6] defines architecture for Media Independent Handover across heterogeneous networks. Apparently, multi-homing information could also be used by the Application Layer. However no Application Layer Protocol has been specifically designed for using multi-homing.
The subject of research: The connection reliability can be increased by utilizing multiple network interfaces of the device that supports more than one network interface. As the multi-homing in Application Layer does not require modification to network configuration and given the widespread availability of the SIP protocol, this work focuses on Application Layer multi-homing through SIP protocol.
Session Initiation Protocol (SIP) [16] is an application-layer control protocol that can establish, modify, and terminate multimedia sessions (conferences) such as Internet telephony calls. It has been accepted as a 3GPP signaling protocol and permanent element of the IP Multimedia Subsystem (IMS) architecture for IP based streaming multimedia services in cellular systems. SIP will be widely deployed on various mobile/fixed devices which may have different type of network interfaces for accessing the Internet. Therefore, it is necessary to study how to utilize multiple network interfaces of a device in SIP to achieve better quality of service while distributing data.
The goal of the work: The work investigates how to extend SIP for multi-homing environments to provide path backup and seamless handover for SIP signaling messages and multimedia data. The primary goal of the work is an application implementation that supports multi-homing using SIP over User Datagram Protocol (UDP) for control of the session and Real Time Transport Protocol (RTP) over UDP for unreliable media packet broadcast. The secondary goal is to evaluate the implementation by measuring the video and audio quality degradation during handover period.
The work tasks:

· Path exploration and creation algorithm;

· Path failure detection algorithm;

· Path selection algorithm;

· Handover algorithm for SIP signaling messages;

· Handover algorithm for multimedia data;
· Evaluate implementation audio quality during handover using Mean Opinion Score

· Evaluate implementation video quality during handover using PSNR and VQM metrics
Literature review: The recent work [2] on SIP mobility with Address List Extension (ALEX) has been done to add an effective support to systems with multiple addresses. This extension allows SIP user agent (UA) to exchange the information about their multiple network addresses and identify IPv4 or IPv6 versions by using special ALEX formatted Address header in INVITE message. In reference [17] the SIP mobility problems are addressed. In particular, the problem of triangular routing through home agent which adds delay to the traffic towards the mobile host. The SIP is suggested as the solution that can increase the hand-off performance in application layer. The paper [5] describes the SIP signaling issues and continuity maintenance in signaling and media flow in heterogeneous access environments. The authors propose the SIP user agent to facilitate the session hand-off and address the mobility when moving among heterogeneous access networks. The authors of the paper [13] investigate SIP based mobility in IPv6 environments with particular focus on the delay introduced when a mobile node moves to a new network and perform the Duplicate Address Detection (DAD) and router selection. 
The multi-homing in transport layer can be implemented by using SCTP protocol that creates association with multiple network endpoints. In [3] SCTP as a transport for SIP is evaluated by comparing it with UDP and TCP transport protocols. The effect of path delay on SCTP performance is evaluated in [14] by applying several strategies of fast retransmission algorithm. The Datagram Congestion Control Protocol (DCCP) [7] provides primitive support for multi-homing and mobility, via a mechanism for transferring a connection endpoint from one address to another.

In reference [4], an IEEE 802.21-based handover approach for SIP is proposed and evaluated. In the test, a mobile node with two Wi-Fi interfaces roams across the coverage areas of different Access Point. The test results show that handover time for Non-802.21 assisted SIP-based scheme is about 4 seconds whereas the 802.21 assisted SIP-based scheme can achieve seamless handover.

2. MULTI-HOMING FOR DIFFERENT OSI LAYERS
It is possible to implement multi-homing in different OSI (Open Systems Interconnection) model layers. As mentioned before, IPv6 allows implementing multi-homing by IPv6 intermediation in IP or Network Layer, SCTP and DCCP supports multi-homing in Transport Layer, whereas SIP protocol can be used to implement multi-homing in Application and Session Layers. Each architecture has its own pros and cons. This chapter will review the possible protocol architectures that could facilitate in supporting the multi-homing technology.
2.1 Open Systems Interconnection Reference Model
It is a standard ISO model for networking protocols and distributed applications that defines a networking framework for communication protocols in seven distinct layers. The communication and control is passed from the upper layers starting from application layer and going down till the last physical layer and back up the hierarchy again. The figure below illustrates the basic communication between transmitter and receiver using OSI stack.
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Figure 1: The 7 layers of OSI model. Source: The Abdus Salam International Centre for Theoretical Physics
Physical Layer: characterizes the wire or physical medium itself, e.g., thinnet, thicknet, unshielded twisted pairs (UTP). The media has same functionality and is different in price of maintenance and convenience for using specific media type. The converters from one type media to other type are included to this layer.
Data Link Layer: determines the format of data in network. A network data frame, aka packet, includes checksum, source and destination address, and data. Maximum Transmission Unit (MTU) defines the largest packet size that can be send in this layer. The data link layer handles the physical and logical links to the packet's target, using a network interface. A unique 48-bit address or Media Access Control (MAC) address is used to contact a host. The data link layer's protocol-specific header specifies the MAC address of the packet's source and destination.
Network Layer: uses Internetwork Protocol (IP) as its network layer interface. IP is routing and directing datagram packets from network to network and it may have to split big datagram packets, larger than MTU, into lesser packets. The host getting the packet must reassemble the disjointed datagram. The IP identifies each host with a 32-bit IPv4 address and 64-bit IPv6 address.
Transport Layer: subdivides user-buffer into network-buffer sized datagram and imposes preferred transmission control. Transmission Control Protocol (TCP) and User Datagram Protocol (UDP) reside at the transport layer. UDP is unreliable protocol mainly used for real-time data broadcast and TCP is reliable protocol use to send data. This layer can also include different transport protocols like SCTP.

Session Layer: controls the dialogues/connections (sessions) between computers. It establishes, manages and terminates the connections between the local and remote application. The Session Layer is commonly implemented explicitly in application environments that use remote procedure calls (RPC). Session Initiation Protocol is one example of session layer protocols.

Presentation Layer: establishes a context between Application Layer entities, in which the higher-layer entities can use different syntax and semantics, as long as the Presentation Service understands both and the mapping between them. The presentation service data units are then encapsulated into Session Protocol Data Units, and moved down the stack.

Application Layer: is the OSI layer closest to the end user, which means that both the OSI application layer and the user interact directly with the software application. This layer interacts with software applications that implement a communicating component. Application layer functions typically include identifying communication partners, determining resource availability, and synchronizing communication. 

2.2 Network Layer Multi-homing
The IP layer multi-homing can be achieved by utilizing shim6 protocol defined in [14]. Multi-homing can be provided for IPv6 with failover and load spreading properties, without assuming that a multi-homed site will have a provider independent IPv6 address prefix which is announced in the global IPv6 routing table. The hosts in a site which has multiple provider allocated IPv6 address prefixes will use the shim6 protocol to setup state with peer hosts, so that the state can later be used to failover to a different locator pair, in case the original one stop working. 

An application can initiate a session with a remote host by using an entirely conventional lookup of the host's domain name in the DNS, and open up a session with the remote endpoint using one of its addresses as the destination address. The application can continue to exchange packets with this remote host for the duration of the session by continuing to use this destination address. If the local host subsequently opens up a new session with the same remote host, the same destination address may be used, or if the local host passes a reference to a third party as a referral, the same destination address may be used. In terms of semantics and functionality this represented no change to the use of addresses endpoint identifiers in the IPv6 architecture. 

2.3 Transport Layer Multi-homing
The multi-homing for transport layer can be introduced by using Stream Control Transmission Protocol (SCTP) and Data Congestion Control Protocol (DCCP). The main advantage of transport layer multi-homing is that application is not responsible for creating, configuring and maintaining multiple connections. The implementation of multi-homing is not application dependent therefore many applications can use same implementation of protocol. However such approach does not allow deeper access to network control and optimization. The protocol is responsible for reliable and efficient packet transmission and retrieval.

2.3.1 Datagram Congestion Control Protocol

The Datagram Congestion Control Protocol is a transport protocol that provides bidirectional unicast connections of congestion-controlled unreliable datagram packets. DCCP is suitable for applications that transfer fairly large amounts of data and that can benefit from control over the tradeoff between timeliness and reliability. Specifically, DCCP provides the following:

· Unreliable flows of datagram packets.

· Reliable handshakes for connection setup and teardown.

· Reliable negotiation of options, including negotiation of a suitable congestion control mechanism.

· Mechanisms allowing servers to avoid holding state for unacknowledged connection attempts and already-finished connections.

· Congestion control incorporating Explicit Congestion Notification (ECN) [RFC3168] and the ECN Nonce [RFC3540].

· Acknowledgement mechanisms communicating packet loss and ECN information.  Acks are transmitted as reliably as the relevant congestion control mechanism requires, possibly completely reliably.

· Optional mechanisms that tell the sending application, with high reliability, which data packets reached the receiver, and whether those packets were ECN marked, corrupted, or dropped in the receive buffer.

· Path Maximum Transmission Unit (PMTU) discovery [RFC1191].

· A choice of modular congestion control mechanisms.  Two mechanisms are currently specified: TCP-like Congestion Control [RFC4341] and TCP-Friendly Rate Control (TFRC) [RFC4342].  
DCCP is easily extensible to further forms of unicast congestion control.

DCCP is intended for applications such as streaming media that can benefit from control over the tradeoffs between delay and reliable in-order delivery.  TCP is not well suited for these applications, since reliable in-order delivery and congestion control can cause arbitrarily long delays.  UDP avoids long delays, but UDP applications that implement congestion control must do so on their own.  DCCP provides built-in congestion control, including ECN support, for unreliable datagram flows, avoiding the arbitrary delays associated with TCP.  It also implements reliable connection setup, teardown, and feature negotiation [7].

A generalized connection groups one or more transport connections, called component connections, into a single application-level entity.  To move addresses, a host attaches a new component connection, and then detaches the old component connection.  To implement multi-homing, a host maintains multiple component connections with different endpoint addresses.

The multiple component connections that make up a generalized connection are treated independently at the transport level.  They maintain independent sequence number spaces and congestion control state, for example.  The application, however, sees only one socket, which corresponds to the generalized connection.  Data received on any component connection is sent to that socket, and data sent via the socket may be transmitted over any component connection.

2.3.2 Stream Control Transmission Protocol

SCTP is a reliable transport protocol operating on top of a connectionless packet network such as IP.  It offers the following services to its users:

· acknowledged error-free non-duplicated transfer of user data,

· data fragmentation to conform to discovered path MTU size,

· sequenced delivery of user messages within multiple streams, with an option for order-of-arrival delivery of individual user messages, 

· Optional bundling of multiple user messages into a single SCTP packet, and network-level fault tolerance through supporting of multi-homing at either or both ends of an association.

The design of SCTP includes appropriate congestion avoidance behavior and resistance to flooding and masquerade attacks.
The main design advantages of SCTP are inbuilt in multi-homing and multi-streaming support as well as security improvements. The following information is based on International Engineering Consortium [25]:
SCTP Multi-homing

The multi-homing feature enables SCTP endpoints to support multiple IP addresses. Multi-homing protects an association from potential network failures by steering traffic to alternate IP addresses. During the initiation of an association, SCTP endpoints exchange lists of IP addresses. Therefore, each endpoint can send and receive messages from any of the IP addresses listed at the remote endpoint. For example, one of the listed IP addresses will be designated as the primary address during the initiation. If the primary address repeatedly drops chunks, however, all chunks will be transmitted to an alternate address until a connection to the primary address can be reestablished. 
SCTP Packet Format
SCTP packet header consist of source and destination port, verification tag and checksum. The source port number is used by the receiving endpoint to identify the association to which the SCTP packet belongs. The destination port number is the SCTP receiver's address for which the packet is destined. Each endpoint assigns a verification tag (32-bit value) that identifies the association. The checksum acts as a data integrity tool for each SCTP packet.

The chunk fields within a chunk can be described as follows: 

· The chunk-type field: identifies the type of chunk being transmitted

· The chunk flag: specifies whether bits will be used in the association

· The chunk length: determines the size of the entire chunk in bytes

· The chunk data: includes the actual data payload of the chunk

There can be a total of N chunks in the SCTP packet, where N is determined by Minimum Transmission Unit (MTU) size. There are 14 different types of chunks including Data chunk and 13 types of control chunks. The SCTP packet format is shown in Figure 2.
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Figure 2 SCTP Packet Format. Source: International Engineering Consortium.
2.4 Session Layer Multi-homing 
Multi-homing can be implemented using SIP protocol, which facilitates in establishing multimedia session including audio and video between to communication peers.
The multi-homing can be achieved by exchanging information about multiple IP addresses with other SIP UAs usually through proxy server and creating multiple RTP connection paths. Application is responsible for monitoring and detecting the network connection failure and also performing the fast handover by switching to the next available connection path. 

Authors in [10] purpose that SIP can be used to facilitate for seamless mobility across heterogeneous network environments. They define proactive handover, where active connection is not broken when an MN decides to switch its connection interface. In such case mobile node (MN) must have several network interfaces available to perform seamless handover. The reactive handover is performed when the MN detects a lost connection before it finds another connection and executes the handover operation. When an MN decides to switch its connection, it first sends a SIP REGISTER message to the SIP server about the changes in care-of-address (CoA). After the update is finished, the MN sends a handover message (SIP INVITE) to its CN and passes the new CoA

to the CN using its currently active connection. The CN then verifies this change in CoA with the directory service. If the change is confirmed, the CN updates the MN’s CoA information in its table. Subsequently, the MN switches its active connection, and the communication is continued on the new interface. 
The rest of the thesis will concentrate on analyzing application layer multi-homing and comparing it with multi-homing provided by SCTP. An application prototype was designed and implemented using jain-sip libraries in JAVA that is described later in the thesis.
3. SESSION INITIATION PROTOCOL AND FUNCTIONALITY
SIP is a signaling protocol used to set up, configure and tear down media sessions including audio and video. SIP can also be used to establish file streaming, instant messaging and online game sessions. The sessions can be created between two users (unicast) or multiple users (multicast) with multiple streams. Session modification can involve changing the address and/or ports, adding/removing users and streams, changing the quality of the stream, etc. Protocol can run on any underlying protocol including UDP, TCP and even SCTP. It is text based protocol and shares many similarities with Hypertext Transfer Protocol (HTTP). An example below shows a typical SIP INVITE message:
Table 1. An example of SIP INVITE message
	INVITE sip:192.168.1.102:9000;transport=udp SIP/2.0

	Call-ID: dcccf08be7833c8114c797f8ffcca9a7@192.168.1.101

	CSeq: 1 INVITE

	From: <sip:adomas1@ait.ie>;tag=2437

	To: <sip:adomas@ait.ie>

	Via:SIP/2.0/UDP 192.168.1.101:9001;branch=z9hG4bK0a6867ab719d7c31a770e521ae40f38b

	Max-Forwards: 2

	Contact: <sip:192.168.1.101:9001;transport=udp>

	Accept: text/plain

	Content-Length: 0


The INVITE message in the table  is apparently sent to user on 192.168.1.102 in local domain that is listening on port 9000 using UDP transport protocol and SIP version 2.0 syntax. As defined in RFC 3261: “Call-ID contains a globally unique identifier for this call, generated by the combination of a random string and the softphone's host name or IP address.  The combination of the To tag, From tag, and Call-ID completely defines a peer-to-peer SIP relationship“. Command Sequence (CSeq) identifies the name of method and the incremented number for each new request in current SIP Dialog. RFC 3261 defines: “Contact contains a SIP or SIPS URI that represents a direct route to contact Alice, usually composed of a username at a fully qualified domain name (FQDN).  While an FQDN is preferred, many end systems do not have registered domain names, so IP addresses are permitted. While the Via header field tells other elements where to send the response, the Contact header field tells other elements where to send future requests.” In the given example contact field defines how the UAC can be reached directly by the UAS which is IP: 192.168.1.101 Port: 9001 and transport: UDP. The Via header tells the receiver how to send the response back. Each time the message reaches new proxy server, its address is added to the Via field and removed when response is sent back. The branch parameter identifies the current transaction. The Max-Forwards field is a constraint that tells how many proxies can be used to forward the SIP message and how many entries field Via can contain. Accept field is optional and if no Accept header field is present, the server SHOULD assume a default value of application/sdp. In given example UAC expects to receive text/plain contents in message body. The last field Content-Length shows the length of message body in decimal number of octets. In this case there is no message in body field, so content length is set to zero.
SIP is designed very similarly to HTTP and employs request/response transaction model. The client sends the SIP request message that invokes specific method on server and is followed by at least one response message. The SIP client usually connects to SIP server using UDP or TCP protocol on ports 5060 or 5061, but direct connections are also possible. SIP uses Session Description Protocol (SDP) for exchanging media information such as IP ports, audio and video codec to be used, etc. The Table 2 shows SIP messages and their behavior.

Table 2. Typical SIP messages and behavior
	
	SIP Message
	Behavior

	Request messages
	REGISTER
	Used by a UA to notify its current IP address and the URLs for which it would like to receive calls

	
	INVITE
	Used to establish a media session between user agents

	
	ACK
	Confirms reliable message exchanges

	
	CANCEL
	Terminates a pending request

	
	BYE
	Terminates a session between two users in a conference

	
	OPTIONS
	Requests information about the capabilities of a caller, without setting up a call

	Response messages
	Provisional 1xx
	Request received and being processed

	
	Success 2xx
	The action was successfully received, understood, and accepted

	
	Redirection 3xx
	Further action needs to be taken (typically by sender) to complete the request

	
	Client Error 4xx
	The request contains bad syntax or cannot be fulfilled at the server

	
	Server Error 5xx
	The server failed to fulfil an apparently valid request

	
	Global Error 6xx
	The request cannot be fulfilled at any server


3.1 SIP Network elements

SIP UA is a logical element in a communication process and is valid only for a current transaction. As mentioned before the logical endpoint that sends SIP request and receives response is called user agent client and opposite, the endpoint that is sending response to received request is called user agent server.
Each endpoint in SIP communication is identified by unified resource identifier (URI). The SIP URI usually has a format of sip:username:password@host:port. As shown in Table 1 the header Contact has URI that consists of protocol, IP and port and optional parameter, that identifies the connection has to be made using UDP transport protocol. If communication is to be made securely the sips can be used and messages must be transported using Transport Layer Security (TLS).
The other SIP communication elements defined in RFC 3261 are the SIP proxy server, registrar server and redirect server:
· A proxy server "is an intermediary entity that acts as both a server and a client for the purpose of making requests on behalf of other clients. A proxy server primarily plays the role of routing, which means its job is to ensure that a request is sent to another entity "closer" to the targeted user. Proxies are also useful for enforcing policy (for example, making sure a user is allowed to make a call). A proxy interprets, and, if necessary, rewrites specific parts of a request message before forwarding it."

· "A registrar is a server that accepts REGISTER requests and places the information it receives in those requests into the location service for the domain it handles."

· "A redirect server is a user agent server that generates 3xx responses to requests it receives, directing the client to contact an alternate set of URIs. The redirect server allows SIP Proxy Servers to direct SIP session invitations to external domains."
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Figure 3 SIP network elements. Source: http://en.wikipedia.org/wiki/File:SIP_signaling.png
In Figure 3 the INVITE message is issued from user1 (UAC) to user2 (UAS). The first INVITE message reaches redirect server through Stateful Proxy 1 (stateful proxy server keeps track of transaction state). The redirect server answers that user moved temporarily and identifies where it can be reached. So Proxy 1 sends second INVITE message to stateless proxy server that passes message to Stateful Proxy 2 and finally INVITE reaches user2. As soon as user2 picks up the phone the 200 OK is sent all the way back. When user1 receives 200 OK message it knows that user2 picked the phone and sends final ACK message to establish the RTP session. Finally there are  two communication paths created: first path is used for SIP messages and session control through user1-proxy1-proxy2-user2 and media path created directly from user1 to user2 for sending RTP packets.
3.2 Session Description Protocol

The latest specification of SDP is defined in RFC 4566 in July 2006 [8]. SDP is intended for describing multimedia communication sessions for the purposes of session announcement, session invitation, and parameter negotiation. SDP does not deliver media itself but is used for negotiation between end points of media type, format, and all associated properties. The set of properties and parameters are often called a session profile. SDP is designed to be extensible to support new media types and formats. SDP started off as a component of the Session Announcement Protocol (SAP), but found other uses in conjunction with RTP, Real-time Streaming Protocol (RTSP), SIP and even as a standalone format for describing multicast sessions. The table shows SDP fields that can be used when establishing media session. The star indicates that the field is optional.
Table 3. SDP fields and meaning
	(* -- optional field)
	SDP Message
	Meaning

	Session Description 
	o=  
	originator and session identifier

	
	s=  
	session name

	
	i=* 
	session information

	
	u=* 
	URI of description

	
	e=* 
	email address

	
	p=* 
	phone number

	
	c=* 
	connection information

	
	b=* 
	zero or more bandwidth information lines

	
	z=*
	time zone adjustments

	
	k=* 
	encryption key

	
	a=* 
	zero or more session attribute lines

	Time Description
	t=  
	time the session is active

	
	r=* 
	zero or more repeat times

	Media Description
	m=  
	media name and transport address

	
	i=*
	media title

	
	c=* 
	connection information

	
	b=* 
	zero or more bandwidth information lines

	
	k=* 
	encryption key

	
	a=* 
	zero or more media attribute lines


4. WIRELESS COMMUNICATION TECHNOLOGIES FOR MOBILE DEVICES
Currently there are many different wireless communication technology possibilities that can be used by mobile or stationary devices simultaneously or switched and changed in case the first connection fails. Those are Wireless LAN, HSDPA, GPRS, BLUETOOTH, WIMAX and others. The device that supports several communication technologies is called multi-homed device. The multi-homing is technique that allows utilizing some or all network interfaces of the given device. If the device is in the area of several different network technologies, such network is called heterogeneous environment, otherwise homogenous. 
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Figure 4 Wireless communication technologies and data rates. Source: http://www.freescale.com
Seamless handover

The communication mobility is the ability to change the connection on the same network interface. However it is almost impossible to achieve seamless handover, because previous connection has to be stopped and new connection initialized. The seamless handover is achieved when user experiences no disturbance or quality reduction of communication process (using video, audio or both) after the communication handover occurs. Seamless handover can be achieved only by using backup connection path, which is used in case the primary path fails. In such configuration there is no need to close the previous connection and open new one. The only thing system has to do is start sending data over the backup path, which takes just few milliseconds. 
Switchover performance

The performance of handover depends on implementation of application (in case of Application-Layer multi-homing), which is responsible for discovering all available communication paths in current network environment, monitoring the performance and connectivity for each discovered path, creating and maintaining session with multiple communication paths and performing the efficient handover in case the first fails to respond. 
Network parameters

The selection of primary path as well as handover policy can also depend on other factors like connection speed, cost, reliability, signal strength, support of Quality of Service (QoS) and other paramagnets. For example the 3G (third generation) might be a more expensive than GPRS, but it works on faster networks and supports video calls. There must be defined a uniform formula for the system that takes all parameters and returns the score for given connection technology. The system should also be user configurable by giving the weight for each parameter. For example if the cost is not as important and QoS is very important the weight for the QoS should be much higher the weight for the cost.

4.1 High-Speed Downlink Packet Access

HSDPA is a 3G  mobile telephony communications protocol in the High-Speed Packet Access (HSPA) family, which allows networks based on Universal Mobile Telecommunications System (UMTS) to have higher data transfer speeds and capacity. Currently there are versions that can support down-link speeds of 1.8, 3.6, 7.2 and 14.4 Mbit/s. Further speed increases are available with HSPA+, which provides speeds of up to 42 Mbit/s downlink. [24]
HSDPA supports Hybrid automatic repeat-request (HARQ), that uses incremental redundancy to recover corrupted packets as efficiently as possible by combining received erroneous packet with retransmitted error-free packet. The Fast Packet Scheduling technique allows the base station to decide how much data and to which users the data has to be sent in next 2ms time frame. This calculation is based on radio signal strength received from each user and updated at 500Hz. The adaptive modulation and coding is set per user-basis based on radio signal and usage of cell phone.
4.2 General Radio Packet Service
GPRS is a GSM based packet switched technology. The radio and network resources accessed on-demand basis, when data actually needs to be transmitted between the mobile user and the network. The data is divided into packets and is then transferred via the radio and core network.

GPRS allows instant connections and that allows information to be sent and received as soon as required, if user is in radio coverage area. In such way user is always connected. GPRS introduced several new applications such as web browsing and chat, location based services, file transfer and ability to remotely access and control/monitor house appliances and machines. 
GPRS is designed for speed up to ~172,2Kbps, subject to network availability, channel coding scheme and terminal capability. The main advantage compared to GSM is that GPRS uses several timeslots in Time Division Multiple Access (TDMA) frame. GPRS allows varying packets sizes from one instant to other by changing the timeslots as required.

In order to be able to access GPRS service, user requires mobile device that supports GPRS, subscription to a mobile telephone network that supports GPRS and correct configuration that allows to use the service. GPRS is intermediate step between 2G and 3G technologies, as it allows an implementations of IP-based core architecture that is widely used in 3G.

4.3 Worldwide Inter-operability for Microwave Access
WiMAX is a wireless digital communications system, also known as IEEE 802.16, that is intended for wireless "metropolitan area networks". The name "WiMAX" was created by the WiMAX Forum, which was formed in June 2001 to promote conformity and interoperability of the standard. The step change is that WiMAX allows many channels to be run close to each other enabling greater data throughput and reduces the need for re use, so the signals can be allowed to travel much further. WiMAX can provide broadband wireless access (BWA) up to 30 miles (50 km) for fixed stations, and 3 - 10 miles (5 - 15 km) for mobile stations. In contrast, the WiFi/802.11 wireless local area network standard is limited in most cases to only 100 - 300 feet (30 - 100m). With WiMAX, WiFi-like data rates are easily supported, but the issue of interference is lessened. WiMAX operates on both licensed and non-licensed frequencies, providing a regulated environment and viable economic model for wireless carriers.WiMAX can be used for wireless networking in much the same way as the more common WiFi protocol. WiMAX is a second-generation protocol that allows for more efficient bandwidth use, interference avoidance, and is intended to allow higher data rates over longer distances. The IEEE 802.16 standard defines the technical features of the communications protocol. The WiMAX Forum offers a means of testing manufacturer's equipment for compatibility, as well as an industry group dedicated to fostering the development and commercialization of the technology.WiMax.com provides a focal point for consumers, service providers, manufacturers, analysts, and researchers who are interested in WiMAX technology, services, and products. Soon, WiMAX will be a very well recognized term to describe wireless Internet access throughout the world [32]. 
5.  PLATFORMS FOR MOBILE DEVICES
There are several different approaches that could be used to implement multi-homing functionality on the mobile device. The first approach is to use Java 2 Mirco Edition (J2ME) and using SIP API for J2ME and Connected Limited Device Configuration (CLDC). Despite the simplicity of this approach it is very limited, because it was designed to run on most mobile devices and access to network devices using such API is not sufficient.

Another more flexible approach is to deploy an application on Symbian OS that is used by most NOKIA phones. This approach would allow far deeper access to device characteristic and network devices, but it would be limited to devices that support Symbian OS and has to be configured for specific version. Another problem is that development for Symbian requires expert knowledge in C language and special training to understand the specific programming concepts for Symbian (extra care for memory leaks, energy saving policies.).

Finally there is Windows CE operating system that could allow implementing some multi-homing functionality on mobile devices using mobile .NET platform.

Generally it is very difficult to find best solution, as the new technologies are emerging every year and currently existing technologies are not standardized. 
5.1 Java Micro Edition and SIP for J2ME
As stated by Java Sun Java Micro Edition is designed for various platforms in a flexible, robust and secure way [30]:

“Java Platform, Micro Edition (Java ME) provides a robust, flexible environment for applications running on mobile and other embedded devices—mobile phones, personal digital assistants (PDAs), TV set-top boxes, and printers. Java ME includes flexible user interfaces, robust security, built-in network protocols, and support for networked and offline applications that can be downloaded dynamically. Applications based on Java ME are portable across many devices, yet leverage each device's native capabilities.”
Java ME was created to deal with the constraints provided by small devices when building applications. For that purpose the limited Java version was created that makes it possible to create applications on small devices with limited memory, display and power capacity.
The Java ME technology is based on three elements:

· a configuration provides the most basic set of libraries and virtual machine capabilities for a broad range of devices,

· a profile is a set of APIs that support a narrower range of devices, and 

· an optional package is a set of technology-specific APIs.

Figure 5 illustrates the Java ME technology and shows how it is related to other Java technologies.
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Figure 5 Java ME components and relation to other Java technologies. Source: http://java.sun.com/javame/technology
Mobile phones is called the Connected Limited Device Configuration (CLDC). It is designed to meet the requirements for device that has limited memory, processing power and graphical capabilities and still has to fulfill the minimum Java platform prerequisites. On top of the different configurations Java ME platform also specifies a number of profiles defining a set of higher-level APIs that further define the application. A widely adopted example is to combine the CLDC with the Mobile Information Device Profile (MIDP) to provide a complete Java application environment for mobile phones and other devices with similar capabilities. 

[image: image7.png]CLDC Wireless Platform

MiDlets Application
and
LCDUI s
Other
MIDP  * ysr248
libraries optional
packages System

libraries.





Figure 6 CLDC framework for mobile device in Java ME. Source: http://java.sun.com/javame/technology

The configuration and profiles allow the actual application to reside using different API’s in the profile. For given CLDC and MIDP in the mobile device the MIDlet is created by the developer. Below is given a MIDlet that I have developed as an example:
public class Game2 extends MIDlet implements CommandListener {


private GameEngine ge;


public Game2() {



// TODO Auto-generated constructor stub


}


protected void destroyApp(boolean arg0) throws MIDletStateChangeException {



// TODO Auto-generated method stub


}


protected void pauseApp() {



// TODO Auto-generated method stub


}


protected void startApp() {



Display display = Display.getDisplay(this);



ge=new GameEngine(false);



display.setCurrent(ge);



Command exitCommand = new Command("Exit", Command.EXIT, 0);



Command clearCommand = new Command("Clear", Command.SCREEN, 0);



ge.addCommand(exitCommand);



ge.addCommand(clearCommand);



ge.setCommandListener(this);


}


public void commandAction(Command c, Displayable s) {



if(c.getCommandType()==Command.EXIT)




notifyDestroyed();



else if(c.getCommandType()==Command.SCREEN)




ge.clearScreen();


}

}

Midlet is the application that extends MIDlet class. This class has three methods: startApp, pauseApp and stopApp. CommandListener interface allow control of the phone adding functional buttons on the screen. The sample application is shown in Figure 7 using Java mobile phone emulator.
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Figure 7 Sample MIDlet on Java Wireless toolkit simulator
SIP for J2ME is defined in optional package JSR 180 in the way, that applications could operate in devices with limited resources. SIP API interface enables mobile device to send and receive SIP messages. SIP API for J2ME is designed for applications that need to implement SIP user-agent functionality. They can use SipClientConnection interface for UAC functionality, and use SipConnectionNotifier and SipServerConnection for UAS functionality. A mobile device may act as a SIP client sending requests to SIP servers, and also as a SIP server accepting requests from SIP clients, as Figure 8 illustrates [28]:
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Figure 8 Mobile Devices Acting as Both Clients and Servers. Source: http://developers.sun.com/mobility/apis/articles/sip/ 
The SIP API for J2ME contains eight interfaces and four classes defined in javax.microedition.sip package as shown in Table 4 and Table 5:

Table 4. Interfaces for SIP API in J2ME

	Interfaces
	Description

	SipConnection
	The base interface for SIP connections; holds the common properties and methods for subinterfaces SipClientConnection and SipServerConnection.

	SipClientConnection
	Represents a SIP client transaction. An application can create a new SipClientConnection using javax.microedition.io.Connector or SipDialog.

	SipServerConnection
	Represents a SIP server transaction; created by the SipConnectionNotifier when a new request is received.

	SipConnectionNotifier
	Defines a SIP server connection notifier, which queues incoming messages. To receive incoming requests, applications use this interface's acceptAndOpen() method, which accepts and opens a new SipServerConnection. If there are no messages in the queue, the method blocks until a new request is received.

	SipServerConnectionListener
	A listener interface for incoming SIP requests.

	SipClientConnectionListener
	A listener interface for incoming SIP responses.

	SipDialog
	Represents one SIP dialog. The SipDialog can be retrieved from a SipConnection object when it's available, which happens after an INVITE or SUBSCRIBE request.

	SipRefreshListener
	A listener interface for the RefreshHelper class; declares a refreshEvent() method that takes a refreshID to identify the corresponding refresh task, and a statusCOde representing the result of the refresh: 0 for cancellation, 200 for success, and anything else for failure.




Table 5. Classes for SIP APIE in J2ME
	Classes
	Description

	SipAddress
	Provides a generic SIP address parser. It can be used to parse a SIP address, or to construct one.

	SipHeader
	Provides a generic SIP header parser helper. It can be used to parse string header values read from SIP messages, or to construct SIP headers.

	SipRefreshHelper
	Implements the functionality that facilitates the handling of refreshing requests on behalf of the application.

	SipException
	An exception class for SIP-specific errors.


The SIP API for J2ME is very convenient way for implementing communication applications that are easily deployed on mobile device, however it also has its own drawbacks. There are limitation provided by J2ME itself that does not allow to implement multi-homing solution:

· Cannot specify which NI is used to send the request from UA. J2ME limitation for client connection: “Connector.open(‘destination’)”

· Workaround: use static IP routing with several proxy servers or use only one currently active NI. 
· Cannot get list of local network interfaces.

· Workaround: use hard coded static list of local IP addresses

· J2ME can not stream data

· The only apparent solution is to write an RTP protocol and associated media player application. This is a non-trivial undertaking
5.2 Symbian Operating System

The Symbian OS is one of the most popular operating systems for mobile devices. It allows developer to access the most of hardware resources that device can support. The only disadvantage for choosing Symbian approach is the need for expert knowledge for developing applications in C language adapted for Symbian. The following is a quote from www.symbian.com [31]: 

“Symbian is a software licensing company that develops and licenses Symbian OS™, the market-leading open operating system for mobile phones.

Symbian has built close co-operative business relationships with leading companies across the mobile industry. More than 250 million Symbian OS-based units by 14 device manufacturers have shipped since the formation of Symbian 10 years ago.

On December 2nd, 2008, Nokia completed its acquisition of Symbian Software Ltd as part of its plan to enable the creation of the non-profit organization Symbian Foundation.”
The main differences from standard C++ in Symbian OS will be described below.

Symbian OS Types & Declarations
Symbian use the following naming convention to indicate the basic property of a class:

	T 
	Simple class (like a typedef). T classes have no constructor and no destructor. They can be allocated on the stack 

	C 
	C classes have a constructor and a destructor and all derivate from CBase. Instances are always allocated on the heap 

	R 
	R Classes are proxies for object owned elsewhere (typically a server running in another thread). R classes objects generally have an initialization and a termination function 

	M 
	A Mixin class. This is pure interface class. In other words an abstract class with only pure virtual methods (no implementation) 

	E
	The E prefix is also used for enum values (ETrue, EFalse) and K for constants (KErrNone).


Cleanup Stack
Symbian handles Exceptions very differently compared to standard C++'s try and catch mechanism. Symbian has provided some cleanup mechanism. Symbian has TRAP/TRAPD along with CleanupStack and some conventions like Leaving methods which we should know for understanding Cleanup mechanism in Symbian. till Symbian 9.1, Symbian C++ was not supporting try and catch mechanism of standard C++. But, from Symbian 9.1 onwards, it has support for try and catch as well. But Symbian recommends the use of its own cleanup mechanism over try and catch.
· If a function name ends with L, then that means that, this function may leave (can throw an exception). 
· If a function name ends with LC, then that means that, this function may leave and it will also push one item on cleanup stack. 
· If a function name ends with LD, then that means that, this function may leave and it destroys (deletes/releases) the item which is been pushed on to stack.

Two-phase construction
The process used to create and define is called "two-phased construction". This process is described as a effort to prevent that a object creation throw an exception. The object construction process is divided in two-phases: 
· On the first phase, the object is instantiated (using new (ELeave), for example) and a memory chunk is reserved for that object; 
· The second phase is where the object data and member variables are initiated (ConstructL phase).

The two-phased construction is an interesting solution, because we can separately threat 2 critical phases in the object initialization. Between these two phases, we will use the CleanupStack::PushL, to guarantee that this temporary class instance would eventually be disposed and cleaned from memory.
Other differences

There are other differences in Symbian OS programming including special descriptors, dynamic arrays, active objects, specific system structure (threads, DLLs, etc),  sockets, platform security, etc. 
6. SIP BASED MULTI-HOMED MULTIMEDIA MESSENGER IMPLEMENTATION
An application is a SIP based User Agent (UA) that supports multiple Internet Protocol (IP) addresses to increase the reliability of the network connection. The application design is based on sip-applet-phone from National Institute of Science and Technology (NIST). It uses the libraries of jain-sip and requires SIP proxy server for registrations. JAIN-SIP projects are open-source and can be downloaded from dev.java.net CVS (Control Version System) server. Logically an application could be divided into two parts: 
· It’s the SIP user agent package that supports multi-homing by the means of multiple dialogs 
· And the media package that uses JMF RTP/RTCP protocols and supports multi-homing by utilizing its capabilities. The application UML diagram is attached at the end of this document. 

6.1 Architecture of jain-sip

SipStack interface 

The core of the jain-sip implementation is SipStack interface. This interface represents the management interface of a SIP stack implementing this specification and as such is the interface that defines the management/architectural view of the SIP stack. It defines the methods required to represent and provision a proprietary SIP protocol stack. This SipStack interface defines the methods that are used by an application implementing the javax.sip.SipListener interface to control the architecture and setup of the SIP stack. An application must create a SipStack by invoking the SipFactory.createSipStack(Properties) method, ensuring the SipFactory.setPathName(String) is set.
SipListener interface 

Another important interface is SipListener. This interface represents the application view to a SIP stack therefore defines the application's communication channel to the SIP stack. This interface defines the methods required by applications to receive and process Events that are emitted by an object implementing the javax.sip.SipProvider interface. The Events accepted by a SipListener may be one of these types: 

1. RequestEvent. These are request messages emitted as events by the SipProvider. Request events represent request messages i.e. INVITE, that are received from the network to the application via the underlying stack implementation. 

2. ResponseEvent.  These are response messages emitted as events by the SipProvider. Response events represent Response messages i.e. 2xx’s that are received from the network to the application via the underlying stack implementation. 

3. TimeoutEvent. These are timeout notifications emitted as events by the SipProvider. Timeout events represent timers expiring in the underlying SipProvider transaction state machine. These timeout's events notify the application that a retransmission is required or a transaction has timed out. 

4. IOExceptionEvent. These are IO Exception notifications emitted as events by the SipProvider. IOException events represent failure in the underlying SipProvider IO Layer. These IO Exception events notify the application that a failure has occurred while accessing a socket. 

5. TransactionTerminatedEvent. These are Transaction Terminated notifications emitted as events by the SipProvider. TransactionTerminated events represent a transaction termination and notify the application of the termination. 

6. DialogTerminatedEvent. These are Dialog Terminated notifications emitted as events by the SipProvider. DialogTerminated events represent a Dialog termination and notify the application of the termination. 

An application will only receive Request, Response, Timeout, TransactionTerminated, DialogTerminated and IOException events once it has registered as an EventListener of a SipProvider. The application registers with the SipProvider by invoking the SipProvider.addSipListener(SipListener) passing itself as an argument. 
SipProvider interface

SipProvider interface represents the messaging entity of a SIP stack and as such is the interface that defines the messaging and transactional component view of the SIP stack. It must be implemented by any object representing a SIP stack compliant to this specification that interacts directly with a proprietary implementation of a SIP stack. This interface defines the methods that enable any registered application implementing the javax.sip.SipListener interface to: 

· Register a javax.sip.SipListener to the SipProvider. Once the SipListener is registered with the SipProvider it will get notified of Events representing either Request, Response, Timeout messages, Network errors and Transaction termination. 

· De-register a javax.sip.SipListener from the SipProvider. Once a SipListener is de-registered, it will no longer receive any Events from that SipProvider. 

· Send javax.sip.message.Request's statelessly. 

· Send javax.sip.message.Response's statelessly. 

· Client and Server Transaction creation methods. 

· Listening Point manipulation methods. 

· New CallIdHeader accessor method. 

· SipStack object accessor method. 
Architecture:
This specification defines a many-to-one relationship between a SipProvider and a SipStack, a one-to-many relationship between a SipProvider and a ListeningPoint and a many-to-one relationship between a SipProvider and a SipListener. 

Each SipProvider can be related to zero or more ListeningPoints. However, the SipProvider can have only one ListeningPoint for each transport type. For example, a single SipProvider can have one TCP ListeningPoint and one UDP ListeningPoint but cannot have two UDP ListeningPoints. Applications that wish to have multiple ListeningPoints with the same transport must use a separate SipProvider for each such ListeningPoint. 

The ListeningPoints of the SipProvider specify the local address from where request messages will be sent. When the application sends a request directly from a SipProvider or from an object that the SipProvider created (Dialog or Transaction) the application might not know in advance the transport that this request will use. The transport is often resolved using a DNS server. In the process of sending the request, the remote transport will be resolved. The provider will then be able to send the request from a suitable ListeningPoint according to the resolved transport. If the resolved transport is UDP, the Provider's UDP ListeningPoint will be used. If the resolved address is TCP, the Providers's TCP ListeningPoint will be used. 

If the application creates a SipProvider with a single ListeningPoint, let's say UDP, it means that UDP requests will be sent from the specific UDP ListeningPoint, and that the application does not care from where TCP requests will be sent. This is left for the SipStack decision. 

If the application created a provider with zero ListeningPoint, it must have only a single SipProvider per SipStack. 

A SipProvider has the capability to behave transaction statefully, dialog statefully and statelessly. The transaction stateful methods are defined on the ClientTransaction and ServerTransaction respectfully. The transaction stateful method defined specifically for UAC and stateful proxy applications is:  ClientTransaction.sendRequest() 
The stateful (transactional) convenience method defined specifically for UAS and stateful proxy applications is: ServerTransaction.sendResponse(Response) 
The dialog stateful methods defined specifically for UAC and stateful proxy applications are: Dialog.sendRequest(ClientTransaction)  and Dialog.sendAck(Request). The stateless methods (non-transactional) defined on the SipProvider are: SipProvider.sendResponse(Response) and SipProvider.sendRequest(Request).

6.1.1 Dialog interface

A dialog represents a peer-to-peer SIP relationship between two user agents that persists for some time. Dialogs are typically used by user agents to facilitate management of state. Dialogs are typically not relevant to proxy servers. The dialog facilitates sequencing of messages between the user agents and proper routing of requests between both of them. The dialog represents a context in which to interpret SIP Transactions and Messages. However, a Dialog is not necessary for message processing. 
A dialog is identified at each User Agent with a dialog Id, which consists of a Call-Id value, a local tag and a remote tag. The dialog Id at each User Agent involved in the dialog is not the same. Specifically, the local tag at one User Agent is identical to the remote tag at the peer User Agent. The tags are opaque tokens that facilitate the generation of unique dialog Ids.
A dialog contains certain pieces of data needed for further message transmissions within the dialog. This data consists of: 

· Dialog Id – used to identify the dialog. 

· Local sequence number – used to order requests from the User Agent to its peer. 

· Remote sequence number – used to order requests from its peer to the User Agent. 

· Local URI – the address of the local party. 

· Remote URI – the address of the remote party. 

· Remote target – the address from the Contact header field of the request or response or refresh request or response. 

· "secure" Boolean – determines if the dialog is secure i.e. use the sips: scheme. 

· Route set – an ordered list of URIs. The route set is the list of servers that need to be traversed to send a request to the peer. 

A dialog also has its own state machine, the current DialogState is determined by the sequence of messages that occur on the initial dialog. 
Invite Dialog States:
Null ( Early ( Confirmed ( Terminated 
Other Dialog-creating Requests Dialog States (ie. SUBSCRIBE):
Null --> Confirmed --> Terminated. 

6.2 SIP User Agent implementation
An application entry point and main Graphical User Interface (GUI) class is called SipLauncher. This class has an instance of MessengerManager that contains methods to send SIP requests on specific events (ex. (Un)Register, (End|Answer)Call, Send Instant Message). It also uses JDialogSettings to alter application configuration. When application is exiting/opening all Settings are stored in/loaded from configuration.xml file using ConfigurationHandler class. The log in window allows user to enter his/her SIP Unified Resource Identifier (URI) usually same as email address and then sign in to selected proxy server. The window menu consist of file: settings, sign in, close and exit menu items. View item consists of traces, status and analysis. The figure below shows the login window:
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Figure 9: Multimedia Messenger Login Dialog
The Settings menu item opens the dialog for connection configuration that consists of Network, Proxy server, SIP UA and media configuration tabs as shown in Figure 10. The list on the left shows all available network interfaces that can be added to the list on the right to selected interface list. This list of interfaces is used in application to establish the session when sending the SIP INVITE message to another UA as well as on REGISTER to SIP REGISTRAR SERVER. The other three parameters: Timeout, Timeout increment and Retry times define how and when the remote address is considered unreachable and handover has to be performed. Timeout parameter defines the initial time used to wait for the hearbeat response in milliseconds. Timeout increment parameter is used to add the given value to current timeout value after the previous unsuccessful attempt to receive hearbeat response. The Retry times identify how many times the application will try to resend the hearbeat before considering that remote peer is not reachable.
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Figure 10: Network configuration for multi-homed User Agent
Proxy configuration tab has options for selecting Proxy address and port (default 5060). Application can connect to any SIP Proxy/Registrar server, but for the experiments in the thesis the National Institue of Science and Technology (NIST) Proxy was used, because it uses the same implementation of Java Sip Stack from open-source project called jain-sip [26] as shown in Figure 11. 
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Figure 11: SIP Proxy/Registrar server from NIST
The NIST SIP Proxy server functionally, but not logically, consists of three different services: SIP Proxy, SIP Registrar and SIP Presence servers. SIP Proxy server is used as the mediator (according to SIP RFC) to help route requests to the user's current location, authenticate and authorize users for services, implement provider call-routing policies. SIP Registrar service maintains the current location of the users that can also be stored in location databases and used by proxy servers. Presence service is used to inform other users about current availability of the user (online, offline, away, etc.)
The User configuration tab in Settings dialog allows the user to change his/her SIP URI, SIP listening port number (default 9000), registration expiration time in seconds and transport protocol (udp or tcp). The SIP URI is used to identify the unique user in the SIP messages and proxy servers. This URI is included in message headers such as FROM, TO, CONTACT and in other combinations. SIP listening port is used in conjunction with local IP address and protocol to create the SipProvider which is defined in jain-sip API.

And finally Media tab in Settings dialog allows to select media transport protocol, the voice buffer size controlled by Latence for Voice parameter that defines buffer size in milliseconds if push and talk function is used. In that case audio message is incapsulated in SIP message BODY. The normal audio conversation is started using RTP protocol. The functionality of media can be extended by adding the support for real time video communication.
MessengerManager is also responsible for starting and stopping SipListener which is implemented in MessageListener. MessageListener initializes SipStack with the values defined in Settings. The most important property is path to Router class. By using custom Router class it is possible to route SIP messages manually, based on message type, content or other features. To reduce the usage of SIP proxy server it is possible to route specific messages (ex.: voice message in a SIP MESSAGE body) directly to the UA. MessageListener receives all SIP server responses and client requests via SipProviders that have registered it to signal events. SipProviders are created for each NI in SipSwitcher class. SipSwitcher scans for local network interface failure by retrieving NI mapped to IP address. This method returns null when no NI is associated with given IP address (ex.: cable is disconnected). When SIP message has to be sent, current SipProvider is retrieved from SipSwitcher or HostUnavailableException is thrown if there is no active SipProvider. All received SIP server responses and client requests in MessageListener are processed and appropriate actions are taken in the MessageProcessor class.

PresentityManager class is responsible for managing Contacts and Calls associated with them. Contact class contains all information about the user including the calls associated with it. 
Call is a super class that manages the call its status and dialogs. This class is used to repair the existing dialogs or add new dialogs as well as clear the resource when call is finished. Additional dialogs are created and added if new NI is introduced during the call. The subclasses IMCall and AudioCall represent a specific type of call. Audio call has an instance of MediaManager and is created when Real Time Transmission Protocol (RTP) session is established using INVITE message containing Session Description Protocol (SDP) body. AudioCall class is also used in other cases when MediaManager is required (ex.: sending a media file over RTP). When two UA are online they can start communication using ChatFrame shown in Figure 12. This window allows send instance messages, start audio/video call, send audio message and send media file. On the left there is an information about local and remote listening points and created dialogs. If remote or local address becomes unreachable it is highlighted in red colour.
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Figure 12: The ChatFrame used to send IM, media file, audio message and start audio/video call
6.2.1 Multiple path creation algorithm
When UA registers to the proxy server it also sends SUBSCRIBE message containing all its selected IP addresses in Settings/Network dialog to the contacts in the saved contact list via proxy and sends NOTIFY message that his/her status is online:

if (regStatus.getStatus().equalsIgnoreCase(RegisterStatus.REGISTERED)) {
 jMenuItemSignInOut.setText("Sign Out");
 menuItemSignInOut.setLabel("Sign Out");
 getContentPane().remove(getJPanelSignIn());
 getContentPane().add(getTabedPane(), BorderLayout.CENTER);
 getContentPane().doLayout();
 Utils.startRegisterExpiresTask(Settings.REGISTRATION_EXPIRES, messengerManager);
messengerManager.getPresentityManager().subscribeAllContacts(Settings.REGISTRATION_EXPIRES);
 messengerManager.getPresentityManager().sendNotifyToAllSubscribers("open", "online");

}

 When the other contact logs in, it receives the SUBSCRIBE message and creates Contact with provided IP addresses in the message:

public void processSubscribe(ServerTransaction serverTransaction, Request subscribe, SIPDialog dialog) {
ExpiresHeader expiresHead = (ExpiresHeader) subscribe.getHeader(ExpiresHeader.NAME);
if (expiresHead != null && expiresHead.getExpires() == 0) {return;}
SipURI calleeURI = (SipURI) ((FromHeader) subscribe.getHeader(FromHeader.NAME)).getAddress().getURI();
String callee = calleeURI.getUser() + "@" + calleeURI.getHost();
Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);
if (remoteUser == null) {
 remoteUser = new Contact(callee, messengerManager);
}
LinkedList<SipURI> oldAddressList = remoteUser.getContactAddresses();
LinkedList oldAddressListClone = (LinkedList) oldAddressList.clone();
ListIterator<gov.nist.javax.sip.header.Contact> contactList = subscribe.getHeaders(ContactHeader.NAME);
while (contactList.hasNext()) {
 SipURI contact = (SipURI) contactList.next().getAddress().getURI();
 if (contact.isSipURI()) {
  if (!remoteUser.containsAddress(contact)) {
   remoteUser.addContactAddress(contact); 

 } else {
  oldAddressListClone.remove(contact);
 }
  }
 }
 for (int i = 0; i < oldAddressListClone.size(); i++) {
  remoteUser.removeContactAddress((SipURI) oldAddressListClone.get(i));
 }
 remoteUser.pushDialog(dialog);
 remoteUser.repairActiveCalls();
 if (expiresHead != null && expiresHead.getExpires() > 0) {
  messengerManager.notifySubscribe(remoteUser);
  if (remoteUser.getStatus().equalsIgnoreCase("offline")) {
   messengerManager.sendSubscribe(remoteUser, 1000);
  }
 }
}

 The connection between UAs is established using SIP dialog that connects local and remote network nodes. In order for the SIP UA to support multi-homing, multiple SIP dialogs are created for each possible connection. The possible path combinations are: one-to-many, many-to-one, many-to-many. The peer that has many interfaces selected is multi-homed party. In case of one-to-one relation both parts are not multi-homed and in case of failure the connection is completely lost.
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Figure 13:  Multiple SIP Dialog creation: two UA’s that both have two NI’s have to create four SIP dialogs for each possible connection to support multi-homing.
The UA initiates session and sends INVITE for each dialog to be created and is flagged as UA server (UAS). The dialogs are stored in a hash table indicated by the key of format: localLP|remoteLP where listening point (LP) has format IP:port/protocol (ex.: 192.168.1.1:5060/udp):

private Hashtable<String, Dialog> dialogMap = new Hashtable<String, Dialog>();

Path failure detection algorithm
The path failure detection can be divided in local and remote path failure detection. All communicating user agents must know which addresses are reachable: local and remote. This is required in order to select and use the appropriate SIP Dialog for communication. For remote address failure detection  Contact class has a RemoteAddressProbeThread that is started for each remote IP received. It sends heartbeat messages via DatagramSocket and waits for a response:
[image: image15]
 The responses are generated from ReceiveEcho thread in the Contact class that waits for incoming requests and immediately responds:
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There are three parameters that are used to configure the remote IP failure detection. The initial timeout Tinit, timeout increment Tinc and number of retries N as explained before in Settings/Network dialog. The remote IP address is considered unreachable only when it is not reachable through all selected local NI’s. 

The local network interface failure is detected by periodically executing the “ipconfig” command on Windows OS. If the executed command buffer contains the IP address or host name that was checked for failure, then it is still available, else it is not available and application must do appropriate actions to switch the path and/or inform user about failure:



































6.2.2 Local and remote path handover

The SIP communication relies on SipProvider class that is used to send and receive SIP messages. Each SipProvider is associated with one network interface. If local interface loses connection the SipProvider associated is marked as unreachable and if there is any audio call active the handover is imitated:

The method switchToProvider() searches for any active audio call and invokes appropriate method to change current transmitter and receiver for that call in MediaManager class:
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Almost the same procedure is executed when the remote failure is detected in Contact class. The method contactSwitchTo() is invoked that searches for active audio calls and invokes appropriate method to change current transmitter and receiver for that call in MediaManager class. The only difference this time is that we need to prepare new receiver and transmitter, because remote interface failed:

6.3 Multimedia transmission using JMF
Media part is built on Java Media Framework (JMF) and uses RTP API. MediaManager class initializes media transmitter and receiver for RTP communication. Transmitter is a base interface for RTPTransmitter that is used for sending captured voice over RTP and FileTransmitter used to send media file over RTP. Receiver is a base interface for RTPReceiver used to receive media as negotiated using SDP and FileReceiver used to receive media file. Code below illustrated how the media session is initialized:
The multi-homing is accomplished by initializing separate Transmitter and Receiver for each local network interface. At the beginning the initial transmitter is selected and started. When the network failure for current transmitter is detected, next available transmitter is started. The selection of receiver and transmitter after the failure is detected is controlled through MediaManager class using methods localSwitchTo and remoteSwitchTo as shown below:

If remote peers have two distinct connection paths, two Transmitters are initialized for each network connection on server machine and two Receivers on client machine. Each transmitter has a Processor
 that reads source from the given media locator to send it over RTP. The source can be a media file, microphone, web cam, etc. Both transmitter and their processors are started at relatively the same moment. In case the live audio sent, received stream is played at receiving side. The DataSink
 is created when the stream is received, but only one DataSink is started to write the output file. The primary stream is selected according to the first active network address in the list of addresses of the Contact from which the media invitation was received. When the remote address failure is detected for the current active address, the next DataSink is started to continue writing the output file.

7. EVALUATION OF IMPLEMENTATION 
This section describes the experiments that were performed to evaluate the video and audio quality during the handover period using described implementation. An audio quality is evaluated by connecting two multi-homed peers and sending audio file. The packets are captured using WireShark
 application and network parameters are collected and analyzed. The final score is calculated using special formula that allows to convert network parameters into user subjective Mean Opinion Score (MOS). The score is compared for the results without network failure and with failure when handover occurs.

Video quality is evaluated using same connection setup and sending video file. The received video output is saved to file and file is analyzed by special video quality evaluation tool called MSU (Moscow State University). The results are compared by PSNR and VQM metrics for video files that experienced network failure and without network failure.  
7.1 Audio quality evaluation using Mean Opinion Score
The audio quality was evaluated using the MOS score that can be calculated based on E-Model that is defined in ITU-T recommendation G.107 [9]. 
7.1.1 The E-Model

E-Model is a computational model that allows measuring and ensuring that the end users are satisfied with the transmission quality. The model is based on transmission impairment factors that are created by modern transmission devices. The resulting score is R-factor that ranges from 0 (poor) to 100 (excellent). The R-factor is objective value that is related to subjective MOS score according to these formulae:
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The R-factor can be calculated according to the following formula:
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R0 is signal-to-noise ratio (SNR) with the default value 94.77. Is defines the combination of all impairments that occur simultaneously with the voice transmission and has the default value 1.43. The Id is an impairment factor caused by delay and Ie-eff is effective equipment impairment factor caused by low bit rate codecs. An advantage factor A is given by the user for using the specific technology. Advantage factor is not known for VoIP applications and has to be set to default value 0. According to [13] the formula (2) can be simplified to the following expression:
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R-factor depends on three main network parameters (jitter, delay, packet loss rate) and also on the codec type used for transmission. shows the mappings of R-factor, voice quality rating and the MOS value [20].
Table 6: R-factor, voice quality and MOS rating mappings
	R-factor
	Voice quality rating
	MOS

	90<R<100
	Best
	4.34-4.5

	80<R<90
	High
	4.03-4.34

	70<R<80
	Medium
	3.6-4.03

	60<R<70
	Low
	3.1-3.6

	50<R<60
	Poor
	2.58-3.1


	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	



7.1.2 The Experiment and Results
Two distinct paths using two different networks were used to transmit an audio file. The desktop machine was connected using two Ethernet network cards to separate Linksys wireless 802.11g routers. The notebook PC was connected to the same routers using two external wireless cards. The primary path was selected from network interface 1 of desktop machine to network interface 1 of notebook PC. All network addresses were negotiated using the SIP and the session started using JMF RTP protocol.  Both transmitters on the sender side were started at the same moment in order to keep the file transmission synchronized. For the evaluation of the voice transmission quality, the wav format file encoded in PCM 44 kHz sampling frequency with 16bit per sample was used. The duration of the file was 248 seconds. The Wireshark application was used to capture incoming RTP packets on both network interfaces to the port 8000. On the receiver side the output file was created from the stream coming from the primary path. After approximately 80 seconds from the beginning of the file transmission the Ethernet cable connected to network interface 1 on the sender side was unplugged. This resulted in session handover to the backup path connecting network interface 2 on desktop machine to network interface 2 on notebook PC. The timestamp of handover was printed out to indicate the moment when the captured RTP packets on backup path have to be joined with RTP packets captured on primary path. The Figure 14 shows the schematic setup of the experiment.
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Figure 14: Experiment setup to transmit the audio file using two distinct paths
The captured RTP packets from both streams were joined and analyzed. Jitter was calculated according to formula given in RFC3550. The timestamp of RTP packet arrival and RTP timestamp were included in the output of Wireshark captured file. The packet delay was set to 5ms constant as it doesn’t have a significant influence in a local network environment. The R-factor and MOS were calculated according to the formulas provided by E-model.
Ten samples were collected with and without network failure. Network failure was initiated by unplugging the network cable after approximately 80 to 85 seconds from transmission start. The calculated MOS during handover decreases dramatically due to high packet loss probability and reaches MOS=1.0. The average MOS was compared for the samples without handover and with handover in the time interval of ten seconds from 75 to 85 seconds from the transmission start. The Figure 15 summarizes the results.
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Figure 15: The comparison of different network parameters with and without handover
From Figure 15 it can be seen that the average MOS during handover period is approximately equal to 3.4 which gives a low quality rating according to Table 6. However, the MOS for overall transmission is not affected significantly by handover, where approximately 39 packets were lost, and is ~4.3. The average MOS during handover period depends on number of lost packets and the time slot used for calculating the MOS. The average duration of handover was 2.43 seconds. This value was influenced by application configurations for heartbeat responses from the two network interfaces as well as the additional delays caused by java API and synchronization of streams. 

The results collected for the samples without handover indicated that there were no packets lost during transmission. The average MOS during handover period had no significant difference from the average MOS for overall transmission and could be rated as best quality. Figure 16 details the values for samples with and without handover during the network failure interval. From Figure 16 it can be seen that MOS for the sample without handover is approximately constant at 4.36. For the sample with handover the gap (MOS=1.0) represents the period when packets are lost due to failure of the primary path. The handover in the given figure starts at approximately 81.1sec and ends at 83.5sec when transmission is transferred to backup path.
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Figure 16: Sample with and without handover during network failure period
7.2 Video quality evaluation and comparison with SCTP

This experiment was performed to evaluate the quality of video file transmitted with and without initiating network failure. The results were compared with implementation that was using SCTP as a transport protocol. The design of this application is shown in Figure 17. The SCTP components include elements to monitor the status of the networks being used and to instigate path handover where required. The receiver displays the video in a media player and saves it to a file in avi format. The SCTP Configuration interface can be used to adjust configurable SCTP parameters.
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Figure 17 Multi-homed  multimedia streaming platform using SCTP
7.2.1 The Experiment Setup

A desktop PC with two Ethernet network interfaces was designated to act as a server. Each network interface was connected by an Ethernet cable to two separate LAN’s and hence to two separate Linksys wireless 802.11g routers. A laptop with dual wireless interface cards acted as the client. Each wireless interface was configured to connect to one of the Linksys wireless routers. This configuration, shown in Figure 18, was implemented for both the SCTP and SIP evaluations. [18]
Figure 18: Network configuration for video file transmission

The SCTP implementation was configured to achieve the best handover performance. In order to prevent the RTO value from growing too large and delaying handover Path.Max.Retrans was reduced to a single retransmission. Based on previous research [11] RTO.min was shortened to 400 milliseconds to avoid unnecessary retransmission as it remains shorter than most round trip times but also low enough to reduce retransmission delays.

Configurable SIP user agent parameters were adjusted during the course of the test as per Table 7. This was to evaluate handover performance according to 3 different levels of aggression in respect of handover strategies, with less aggressive handover implying a longer handover delay.

Table 7 Configuration of three levels SIP user-agent parameters for video file transmission
	Handover sample (sets of 10 files)
	Timeout (ms)
	Timeout Increase (ms)
	Path Retries

	Least Aggressive
	2000
	400
	3

	Aggressive
	1000
	200
	2

	Most Aggressive
	500
	0
	1



The SCTP and SIP user agent multi-homed implementations both transmitted the same 150 second video file from the server application to the client application. To initiate permanent path failure during selected transmissions an Ethernet cable was explicitly removed from the server machine.

For the SCTP implementation the file was transmitted a total of 50 times. For the first 25 transmissions the full transmission occurred over primary path 1 and no path failure was initiated. The following 25 transmissions each experienced an initiated primary path failure at approximately t=60 seconds.  Transmission of the remainder of the file continued over path 2.

For the SIP user agent implementation the file was transmitted a total of 40 times. The first 10 transmissions occurred over path 1 with no path failures initiated.  The remaining 30 transmissions experienced an initiated path failure on path 1 at approximately t=60 seconds followed by a handover and transmission completion on path 2.  These 30 transmissions were grouped into three sets of 10 transmissions each, with switchover related parameters adjusted for each set of ten as detailed in Table 1.
7.2.2 The Results

Using a video quality measurement tool developed by Moscow State University [11], each video file received by the client was compared to the original file sent by the server. Two sets of metric values, peak signal to noise ratio (PSNR) and video quality metric (VQM) were obtained in respect of each comparison. These are both objective evaluation methods.  PSNR is a mathematically based model that calculates the ratio between the maximum possible energy of a signal and the energy of noise related to it. VQM is modeled on human visual perception and has a discrete cosine transform basis with filters to detect differences and distortion.  Better quality is indicated by a higher result for the PSNR metric and a lower value for the VQM metric.

These values were firstly collated by metric type and handover status and the results for the SIP based experiment were further grouped by handover aggression parameters. Average metric values across commonly collated files were calculated and graphed.
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Figure 19: SCTP – Averaged Complete File PSNR
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Figure 20: SIP – Averaged Complete File PSNR
Transmissions that experienced no path failure are grouped under the label “No Handover” and those that had path handover are grouped as “Handover”. The bar towards the centre of the graphs represents the approximate portion of the results that would have been impacted by the path failure and subsequent handover for all “Handover” files. In Figure 20 the averages across all 30 SIP based “Handover” files have been grouped together irrespective of handover aggression. It can be seen that both figures have almost the same pattern, however the SIP has more correlated values for results with and without handover compared to SCTP results.
Further examination of the metric data supports this finding. In the Table 8 and Table 9 the overall PSNR average metrics for the SCTP and SIP implementations respectively are given in respect of complete received files and the handover periods of those files. Each table gives the percentage and metric difference between the “Handover” and “No Handover” files.
Table 8: SCTP overall PSNR metrics
	SCTP
	PSNR results (complete file)
	PSNR results (handover period)

	No handover
	14.40
	14.34

	Handover
	14.45
	14.24

	Difference
	(0.37%)          0.05
	(0.67%)            0.10


Table 9: SIP overall PSNR metrics
	SIP
	PSNR results (complete file)
	PSNR results (handover period)

	No handover
	14.83
	15.82

	Least Aggressive
	14.81
	13.74

	Difference
	(0.16%)       0.02
	(15.14%)            2.08

	Aggressive
	14.52
	12.91

	Difference
	(2.14%)       0.31
	(22.54%)            2.91

	Most Aggressive
	14.42
	13.51

	Difference
	(2.84%)       0.41
	(17.10%)            2.31



From the tables it can be seen that the difference for PSNR value is higher for all three SIP configuration sets. The closest match for the SCTP implementation is the least aggressive setting in SIP implementation that initiated handover after the most retransmissions of heartbeat. The Table 10 and Table 11 show the results for VQM in the same format as previous two tables. 
Table 10: SCTP overall VQM metrics
	SCTP
	VQM results (complete file)
	VQM results (handover period)

	No handover
	13.49
	13.57

	Handover
	13.48
	13.83

	Difference
	(0.12%)       0.02
	(1.90%)            0.26


Table 11: SIP overall VQM metrics
	SIP
	VQM results (complete file)
	VQM results (handover period)

	No handover
	13.31
	12.3

	Least Aggressive
	13.41
	14.15

	Difference
	(0.75%)       0.10
	(15.04%)           1.85

	Aggressive
	13.49
	14.98

	Difference
	(1.35%)       0.18
	(21.79%)           2.68

	Most Aggressive
	13.54
	14.09

	Difference
	(1.72%)       0.23
	(14.55%)           1.79



As with the PSNR results the VQM shows more difference between handover and no handover for SIP implementation than results for SCTP implementation. It could be expected that increasingly aggressive handover SIP strategies which produce incrementally faster path handovers would lead to improving performance from least to most aggressive handover policy. The results do not show this to be the case. 

However, the results collected in these experiments can be influenced by the fact that missing video frames were not replaced and when comparing the original video file with received one the comparison could be out of synchronization. The two parts of video file before handover and after handover were simply joined, without introducing an empty blank frames that were lost. This could be done in future work to improve the reliability of the results. 
8. CONCLUSIONS AND SUGGESTIONS

The solutions that allow device to maintain multiple connection in heterogeneous and homogenous network environments is a necessity today.  The research showed that many different communication protocols such as GPRS, HSDPA, WiFi, WiMAX can increase the network reliability if appropriate communication protocols are used. 

Despite the possibility to support multi-homing in different OSI layer using SCTP, DCCP or SHIM6 protocols, this work focused on Session Layer multi-homing using SIP with particular emphasis to soft-handover implementation, when multiple connections are ready before the failure in network occurs. The new approach was suggested to improve the connection reliability by introducing multiple SIP dialogs and creating multiple RTP communication paths.

The evaluation of application by transmitting audio file from one network endpoint to another, introducing network failure and measuring E-Model based MOS score was performed. The experiment showed that user perceived quality degrades not significantly if the duration of handover is short compared to the duration of overall transmission. If there was no multi-homing support in given scenario the communication would be lost resulting in MOS score close to minimum. 
The second experiment was performed to compare the reliable transport protocol SCTP performance with SIP implementation. The results revealed slightly better performance using SCTP with manually configured network parameters for the best performance. However SIP implementation has advantage of user friendly approach and doesn’t require knowledge in protocol to configure network parameters.

The future work could investigate how to improve the basic algorithms for multiple path creation, failure detection and fast handover and possibly achieve seamless handover. Current implementation is also limited by Java API, especially the JMF API. It might be possible to solve some problems with new versions of the API in future. Another alternative would be to rewrite media part by using Java VLC libraries from org.videolan.jvlc package.
It is possible to introduce further functionality by introducing algorithms that would scan network parameters such as signal strength (for Wi-Fi), packet loss rate and would select communication path according to the best calculated results.

The main goal is to deploy and test such application on mobile device, but due to limitation in Java Micro Edition it was not possible to do so. The future changes in API might allow deeper access to the device network configuration and thus allow the deployment of application. Another solution is to rewrite an application for Symbian OS in future.
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Abstract

The increasing availability of diverse mobile, wireless and Ethernet based IP networks provide the opportunity for nodes to transparently migrate from network to network. Network migration strategies can be based on parameters such as available bandwidth, financial cost or QoS. Such requirements bring supplementary technical issues such as multiple path discovery, path selection and session handover. With multi-homing technologies the connection reliability can be increased and faster handover achieved compared to implementations that uses only one connection at a time. Multi-homing implementation described in this paper is accomplished in an Application Layer by means of broadly used SIP protocol. Unlike the multi-homing in a transport or network layer, the proposed end-to-end solution is independent from different network configurations and alterations. Implementations that utilize hard handover (break-before-make) approach require additional time and system resources to reestablish VoIP session after previous connections is lost. The presented solution uses multi-homing technique to achieve soft handover (make-before-break) by maintaining pre-established multiple network paths ready for transmission. The proposed implementation uses methods for multiple SIP path exploration and backup of SIP sessions as well as backup of multiple RTP sessions using discovered paths, algorithms for path failure detection and mechanism to transfer the SIP and RTP sessions to a backup path when network failure is detected. The performance of the implementation is evaluated for VoIP session quality utilizing the user subjective Mean Opinion Score based on the E-Model defined by ITU-T recommendation G.107.

Keywords: SIP, RTP, Multi-homing, MOS

1 Introduction

With the increasing number of diverse network technologies such as 3G, WLAN, WiMax and Ethernet it is possible for a node to connect to multiple underlying networks concurrently. By utilising such a host, multi-homed technologies can abstract multiple end-to-end network connections into a single end-to-end association. Multi-homing technologies can be implemented in different network layers; Site Multi-homing by IPv6 Intermediation (SHIM6) [1] can implement multi-homing at network layer, the Stream Control Transmission Protocol (SCTP) [2] implements multi-homing at the transport layer, while Session Initiation Protocol (SIP) [3] can be used to implement multi-homing at the Application Layer. Since an Application Layer solution for multi-homing does not require modifications in network configuration, this paper concentrates on multi-homing implementation supported by widespread SIP protocol.

One of the major challenges to be addressed by any multi-homed solution is the efficient implementation of network handover, particularly for time critical data such as real-time video and audio. In previous multi-homing solutions, SIP was mainly used to support network handover by transferring the session from one network address to other using hard handover (break-before-make) strategies. The design of the implementation presented in this paper enables soft handover (make-before-break) by establishing multiple backup connections for SIP signaling by negotiating multiple SIP dialogs and creating multiple Real-time Transport Protocol (RTP) sessions for media transmission. The implementation includes a module to detect the availability of local and remote network addresses. Handover is performed by selecting the next available dialog for SIP and switching to the next available RTP session as soon as path failure is detected. The ability of this implementation to support the distribution of -RTP voice data, particularly during session handover is evaluated using the Mean Opinion Score (MOS) which is based on E-Model defined by ITU-T recommendation G.107 [12].

The paper is organized in the following way; section 2 describes related work in the area, section 3 describes the SIP protocol and E-model used for handover quality evaluation. Section 4 concentrates on the prototype application design; section 5 explains the experiment setup and analysis of results. Finally conclusions are discussed in section 6.

2 Related Work

Related work in the area can generally be categorized into two categories: solutions that provide a mechanism to handover the session, but do not consider how to implement the path failure detection and implementations that consider hard handover strategy by transferring the session from one network address to another after connection is lost.

Recent work [1] on SIP mobility with Address List Extension (ALEX) allows a SIP user agent (UA) to exchange information about multiple network addresses and identify IPv4 or IPv6 versions by using special ALEX formatted Address header in INVITE message. However, there is no path failure detection mechanism proposed in the latter work. In [5] the scheme that allows IP mobility for vertical and horizontal handovers is proposed, but authors only suggest that 802.21 standard could facilitate path failure detection without giving any advice about implementation.

In [6] and [7] hard handover strategies are implemented by utilizing various SIP mobility techniques. In [6] the issues of triangular routing through home agent which adds delay to the traffic towards the mobile host are discussed. The authors of [7] investigate SIP based mobility in IPv6 environments. In [8] SIP signaling issues and continuity maintenance in signaling and media flow for heterogeneous access environments is discussed. The solutions described concentrate on hard handover strategies by selecting one interface for communication even if more are available.

Multi-homing technologies are available in transport layer through the SCTP protocol [9] [10]. The Datagram Congestion Control Protocol (DCCP) [11]  provides primitive support for multi-homing and mobility, via a mechanism for transferring a connection endpoint from one address to another.

The implementation described in this paper supports a soft handover by maintaining multiple paths for SIP and RTP sessions and integrates the path failure detection algorithm. The solution does not require any modifications to network configuration as opposed to the multi-homing solutions in transport layer.

3 Technology Overview

3.1 Session Initiation Protocol

Session Initiation Protocol (SIP) [3] is an Application Layer signaling protocol designed for establishing, maintaining and terminating the communication between two or more participants. SIP uses different entities to establish a session between participants such as SIP Proxy servers, Registrar servers and Location Service. Proxy server is mainly used to forward incoming messages to the next hop that can be other proxy server or UA. Registrar server is responsible for maintaining the UA registration information, its current addresses and keeps the track of all UAs in its domain. Location Service is a database, usually integrated with Registrar server, which contains information that can help to determine the exact current address of the SIP UA according to given unique address of record (AOR).

The SIP UA that is sending the request message is called UA Client (UAC) and the UA that is receiving request and sending response message is called UA Server (UAS). Communication between SIP UAs is performed by exchanging SIP messages that contain SIP header with specific fields and message body. One of the most important fields is Contact that consists of user name and fully qualified domain name (FQDN) or network address. Another important field is Via that contains the path how the SIP message was received and can be used to return the response. 

The most important SIP messages are INVITE, REGISTER, SUBSCRIBE, BYE. There are only two dialog creating SIP messages: INVITE and SUBSCRIBE. The SIP Dialog represents peer-to-peer SIP communication that is valid for some time. 

3.2 The E-Model 

E-Model [12] is a computational model that allows measuring and ensuring that the end users are satisfied with the transmission quality. The model is based on transmission impairment factors that are created by modern transmission devices. The resulting score is R-factor that ranges from 0 (poor) to 100 (excellent). The R-factor is objective value that is related to subjective MOS score according to these formulae:
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The R-factor can be calculated according to the following formula:
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R0 is signal-to-noise ratio (SNR) with the default value 94.77. Is defines the combination of all impairments that occur simultaneously with the voice transmission and has the default value 1.43. The Id is an impairment factor caused by delay and Ie-eff is effective equipment impairment factor caused by low bit rate codecs. An advantage factor A is given by the user for using the specific technology. Advantage factor is not known for VoIP applications and has to be set to default value 0. According to [13] the formula (2) can be simplified to the following expression:
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R-factor depends on three main network parameters (jitter, delay, packet loss rate) and also on the codec type used for transmission. Table 1 shows the mappings of R-factor, voice quality rating and the MOS value.

	R-factor
	Voice quality rating
	MOS

	90<R<100
	Best
	4.34-4.5

	80<R<90
	High
	4.03-4.34

	70<R<80
	Medium
	3.6-4.03

	60<R<70
	Low
	3.1-3.6

	50<R<60
	Poor
	2.58-3.1


Table 1: R-factor, voice quality and MOS rating associations

3.2.1 Effective Equipment Impairment Factor
Equipment impairment factor depends upon the audio codecs used for transmission and the random packet loss probability and it can be expressed using this formula:
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Ie is the equipment impairment factor with a default value of 0. Ppl is the random packet loss probability and Bpl is a packet loss robustness factor that depends on the codec type and reflects the codec ability to hide the lost packets using packet loss concealment method.

However most of the lost packets are not uniformly distributed during the transmission period and can be separated into a “gap” and “burst” states. According to ITU recommendation G.1020 the burst is the longest sequence of lost packets in which the number of consecutive received packets is not higher than some value Gmin. The recommended value for VoIP services is Gmin=16. Using such definition effective equipment impairment factor can be calculated in two states. The Ie-eff in gap conditions can be calculated using random packet loss probability and in a burst condition during handover period, when packet loss probability is close to 100%. In such conditions the effective equipment impairment factor increases resulting in very low R-factor with poor voice quality.

4 Application Design

The prototype application is a SIP based UA that supports multiple IP addresses and creates multiple connections to increase the reliability of the network connection. The application design is based on previous work from National Institute of Standards and Technology (NIST) [14]. It uses the libraries of jain-sip and requires SIP proxy/registrar server for registrations. Logically an application can be divided into two parts: 1) The SIP user agent package that supports multi-homing by creating multiple SIP dialogs; 2) The media package that uses Java Media Framework (JMF) Application Programming Interface (API) and RTP protocol for media data transmission. It supports multi-homing by utilizing the JMF capabilities to create multiple media sessions with multiple destinations. The figure 1 below illustrates the basic structure of prototype application.
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Figure 1: Basic design of Multi-homed SIP UA prototype application

4.1 The Multi-homed SIP User Agent

The application utilizes a standard client-server based SIP approach. All SIP requests/responses are received through listener interface and messages send back via SIP provider interface that has one or more listening points with specific IP address, port number and transport protocol. To support multiple connections seamlessly SIP UA implements these functions: exchange of the information about available IP addresses, creation of multiple SIP dialogs to enhance the handover performance after network failure, detection of network connection failure and event notification to perform necessary actions to handover the session.

To exchange the information about available IP addresses, SIP UAs first send a REGISTER message to SIP proxy/registrar server. Then UA sends a SUBSCRIBE and NOTIFY message containing the list of IP addresses in the Contact field with current presence status to the SIP presence server. When another UA registers to SIP proxy/registrar it receives a SUBSCRIBE and NOTIFY messages and creates a new contact with the provided IP addresses and status defined in NOTIFY message.
The connection between user agents is established using SIP dialogs that connect local and remote network nodes. In order for a SIP UA to support faster handover, multiple SIP dialogs are created for each possible connection. Figure 2 illustrates two UAs that both have two network interfaces, have to create four SIP dialogs to fully support handover to any available end-to-end node. 

[image: image32.emf]
Figure 2: Creating multiple dialogs for multi-homed SIP UA

The UA initiates a session and sends an INVITE for each dialog to be created and is flagged as UAS. Additional dialogs are created and added if a new network interface is introduced during the call. The dialogs are stored in a hash table indicated by the key of format “localLP|remoteLP” where the listening point has the format IP:port/protocol (ex.: 192.168.1.1:5060/udp). In the case of network failure on any side the next working dialog is selected to send SIP messages. 

Each UA scans for local and remote network failure. The local failure detection is initiated when the new listening point is created for UA. User agent has an internal thread that is started for each remote IP address received. The thread sends a heartbeat messages via UDP and waits for a response. The responses are generated from another thread that waits for incoming requests and immediately responds. There are three parameters that are used to configure the remote IP failure detection. The initial timeout Tinit, timeout increment Tinc and number of retries N. Tinit determines how long the thread blocks and waits for response, Tinc is the value used to change the next timeout by increasing it by given value and N determines how many times the heartbeat is resend before considering that this IP is unreachable via given network interface. The remote IP address is considered unreachable only when it is not reachable through all selected local network interfaces.

When a local or remote network failure is detected the application is notified about this event in order that it may take the necessary actions. The SIP UA searches for next available dialog in order to continue the signaling session. If there is any media session active, the appropriate transmitter and receiver are started to continue the media flow as seamlessly as possible.  

4.2 Multi-homed Media Distribution Over RTP

The media element of the implementation is developed on JMF and uses RTP and Real-time Transmission Control Protocol (RTCP). It consists of two main parts: the Transmitter used to send the media data and Receiver that is configured to receive and process media data. The multi-homing is accomplished by initializing separate Transmitter and Receiver for each local network interface. The initial transmitter is selected and started at the beginning as the primary path. When the network failure for the current transmitter is detected, the next available transmitter is started. The Receiver can be configured to receive data from one or more remote addresses. The received media data is processed only for the currently active network path.
5 Experiment Setup and Result Analysis

5.1 The Experiment Test Bed Setup

Two distinct paths using two different networks were used to transmit an audio file. The desktop machine was connected using two Ethernet network cards to separate Linksys wireless 802.11g routers. The notebook PC was connected to the same routers using two external wireless cards. The primary path was selected from network interface 1 of desktop machine to network interface 1 of notebook PC. All network addresses were negotiated using the SIP and the session started using JMF RTP protocol.  Both transmitters on the sender side were started at the same moment in order to keep the file transmission synchronized. For the evaluation of the voice transmission quality, the wav format file encoded in PCM 44 kHz sampling frequency with 16bit per sample was used. The duration of the file was 248 seconds. The Wireshark application was used to capture incoming RTP packets on both network interfaces to the port 8000. On the receiver side the output file was created from the stream coming from the primary path. After approximately 80 seconds from the beginning of the file transmission the Ethernet cable connected to network interface 1 on the sender side was unplugged. This resulted in session handover to the backup path connecting network interface 2 on desktop machine to network interface 2 on notebook PC. The timestamp of handover was printed out to indicate the moment when the captured RTP packets on backup path have to be joined with RTP packets captured on primary path. The figure 3 shows the schematic setup of the experiment.
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Figure 3: Experiment setup to transmit the audio file using two distinct paths
The captured RTP packets from both streams were joined and analyzed. Jitter was calculated according to formula given in RFC3550. The timestamp of RTP packet arrival and RTP timestamp were included in the output of Wireshark captured file. The packet delay was set to 5ms constant as it doesn’t have a significant influence in a local network environment. The R-factor and MOS were calculated according to the formulas provided by E-model described in section 3.2.

5.2 Results

Ten samples were collected with and without network failure. Network failure was initiated by unplugging the network cable after approximately 80 to 85 seconds from transmission start. As explained in section 3.2.1 the calculated MOS during handover decreases dramatically due to high packet loss probability and reaches MOS=1.0. The average MOS was compared for the samples without handover and with handover in the time interval of ten seconds from 75 to 85 seconds from the transmission start. The figure 4 below summarizes the results.
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Figure 4: The comparison of different parameters for samples with and without handover

From figure 4 it can be seen that the average MOS during handover period is approximately equal to 3.4 which gives a low quality rating according to table 1. However, the MOS for overall transmission is not affected significantly by handover, where approximately 39 packets were lost, and is approximately 4.3 (high quality according to table 1). The average MOS during handover period depends on number of lost packets and the time slot used for calculating the MOS. The average duration of handover was 2.43 seconds. This value was influenced by application configurations such as Tinit =1sec for heartbeat responses from the two network interfaces as well as the additional delays caused by java API and synchronization of streams. 

The results collected for the samples without handover indicated that there were no packets lost during transmission. The average MOS during handover period had no significant differential from the average MOS for overall transmission and could be rated as best quality according to the table 1. Figure 5 details the values for samples with and without handover during the handover interval. From Figure 5 it can be seen that MOS for the sample without handover is approximately constant at 4.36. For the sample with handover the gap (MOS=1.0) represents the period when packets are lost due to failure of the primary path. The handover in the given figure starts at approximately 81.1sec and ends at 83.5sec when transmission is transferred to backup path.
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Figure 5: Sample with and without handover during switchover period

6 Conclusion

This paper presents a SIP based solution for multi-homed mobile devices to achieve soft handover across heterogeneous networks. The system maintains multiple SIP and RTP sessions between SIP User Agents. SIP session backup is implemented by creating multiple SIP dialogs. RTP multi-homing is achieved by initializing receivers and transmitters on all network interfaces. As both SIP and RTP sessions are redundant, session handover could be accomplished without degrading transmission quality.

SIP and RTP session handover can be triggered by different events. In this paper, an end-to-end path failure detection algorithm is implemented. The SIP User Agent periodically sends heartbeat packets to its peer to monitor the path availability. When a path failure is detected, the SIP User Agent selects another pre-established SIP and RTP session to transmit SIP messages and RTP data respectively.

The system is evaluated through experiments in which audio files are transmitted between two multi-homed SIP User Agents. The effect of handover on the quality of the streamed audio is studied by calculating the Mean Opinion Score through E-model. The results showed that the average MOS decreased significantly during the handover period (From MOS>4.3 to MOS<3.4). Through analysis the test results and system design, it was found that the reason for this quality degradation is mainly caused by JMF API limitations. There is a significant delay inside JMF during RTP session handover. We plan to improve the system implementation and handover algorithm through considering more local and network status such as signal strength in future work.
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Abstract—The networking capabilities of mobile devices have increased dramatically in recent years. A wide range of mobile devices now provide the capability to simultaneously connect to multiple underlying networks. The increasingly ubiquitous deployment of WLAN technologies, particularly in urban and campus scenarios, has allowed mobile developers to enhance their application functionality based on the characteristics of wireless rather than mobile networks.  This increase in capability comes at a cost however as the provision of seamless mobility for wireless networks remains an open research area. Multi-homing technologies which exploit multiple underlying networks in an application transparent manner, have the potential to overcome many of the issues relating to wireless network mobility. There are a number of mechanisms through which a multi-homed session can be achieved.  This paper compares two approaches to multi-homing support; transport layer multi-homing utilising the Stream Control Transmission Protocol (SCTP) and application layer multi-homing utilising the Session Initiation Protocol (SIP). Multimedia streaming experimental evaluations are undertaken which compare the performance of SCTP against a number of increasingly aggressive SIP based handover strategies in response to a path failure. Results indicate that the transport layer SCTP based strategy has significantly better performance within the handover period than the application layer SIP based strategies achieving up to 22.5% better performance than the SIP based strategies.
I. Introduction

Modern network technologies allow hosts to connect to multiple, diverse underlying physical networks concurrently.  For example most laptops can now be equipped with both integrated and USB wireless local area network capabilities and recent growth in the availability of heterogeneous wireless networks has lead to overlapping coverage zones. A host with multiple IP addresses is known as a multi-homed node.

These developments provide an opportunity for developers to integrate multi-homing support into applications as the path redundancy offered with multi-homing can improve the quality of an end user’s experience. Wireless networks are commonly subject to significant fluctuations and performance degradation can often result in disconnection from a network.  Where multi-homing is supported a path handover to an alternate path can be performed and transmission continued rather than irretrievably terminated.

This paper outlines two different methods of achieving a multi-homing supportive multimedia application. Both methods employ prototype applications. One application employs the multi-homed transport layer Stream Control Transmission Protocol (SCTP) whilst the other is a Session Initiation Protocol (SIP) user agent that implements multi-homing at the application layer. In particular this paper compares the quality of the data received by the user in a multi-homed environment under permanent network failure and path handover conditions.

Section 2 of this paper gives an overview of related work in this.  Section 3 outlines the relevant technologies and prototype applications. Test conditions are explained in section 4 with section 5 detailing the results of the tests. Conclusions drawn from the results are given in section 6.

II. Related Work

Recent research on use of SCTP for the transmission of multimedia content includes [1] which investigates the impact of path handover subsequent to a permanent network failure on the quality of a video file using SCTP. In [2] a mechanism for transmission of MPEG-4 video traffic over mobile networks is described with a comparison of the performance of SCTP, TCP and User Datagram Protocol (UDP) transport protocols. Enhancements to SCTP loss event detection are outlined in [3]. These aim to improve SCTP performance over wireless networks where mobility and higher bit rate errors are experienced. Throughput and robustness advantages of using SCTP within multi-access wireless scenarios are explored in [4].

Triangulation issues of using Mobile IP to support mobility in IP networks are discussed in [5] which proposes the use of SIP at the application layer to improve efficiency of support to real time communications. The authors of [6] propose a SIP mobility agent to facilitate network handover when TCP or UDP connections are employed. Possible handover scenarios, including multi-homing, are outlined in [7] with discussion about the arising issues for connection continuity of a SIP multimedia session. Work in progress under IETF documentation includes [8] which opens discussion on strategies to support multiple path routing in SIP based architectures.

III. Technology

A. SCTP
SCTP [9] is a connection-oriented, reliable transport protocol with message boundary preservation and TCP- friendly congestion control.  The inbuilt multi-homing feature of SCTP enables multi-homed SCTP aware endpoints to communicate via multiple IP addresses within a single connection which is known as an association.  During association initiation one path between the endpoints is selected as the primary path and transmission occurs across this path. During the lifetime of the association all other paths are monitored for reachability and in the event of a primary path failure, a new primary path is selected from those available.  

Path failure is detected when the number of consecutive retransmission attempts on a path exceeds the SCTP control parameter Path.Max.Retrans. Transmission timeout detection occurs when an acknowledgement for a transmitted SCTP chunk fails to arrive at the sender before the protocol parameter Retransmission Time-out (RTO) expires. RTO calculations are maintained in respect of each path in the association; being updated in respect of round trip time and doubled in the event of a transmission timeout. Therefore the speed of path failure detection and initiation of path handover is significantly dependent on the value of RTO.

Other protocol parameters that are instrumental in the handover process include; RTO.Initial – initial RTO value, RTO.Min – minimum RTO value allowed, RTO.Max – maximum RTO value allowed and Ack.Delay – time receiver can delay before sending acknowledgement.  The IETF protocol specification [9] gives default values for these parameters.
B. SIP

SIP [10] is a signalling protocol used widely for the set up and tear down of communications involving multimedia content.  It can be used to create, modify and terminate unicast or multicast sessions of one or more media streams.  SIP operates at the session layer in the OSI model. It is designed to be transport layer independent and could use SCTP [11] as its transport mechanism.

C. Prototype Application Implementing SCTP

Figure 1 illustrates the architecture of the prototype application which implemented SCTP at the transport layer.
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Fig. 1. SCTP based prototype application
The server consisted of an SCTP aware media stream sender which transmitted a short avi format video stream to an SCTP aware media stream receiver on the client side. The SCTP components include elements to monitor the status of the networks being used and to instigate path handover where required. The receiver displays the video in a media player and saves it to a file in avi format. The SCTP Configuration interface can be used to adjust configurable SCTP parameters.

D. Prototype Application Implementing SIP User Agent

The SIP user agent architecture is shown in figure 2. 
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Fig. 2. SIP based prototype application

The application consists of two logical parts. The SIP user agent which supports  multi-homing by creating multiple SIP dialogs for each possible end-to-end connection and a media part that makes multi-homing possible by utilizing the Java Media Framework (JMF) Real-time Transport Protocol (RTP) capabilities to create multiple media sessions with multiple destinations. 

SIP user agents exchange information about their multiple IP addresses, by sending a SUBSCRIBE message to a SIP presence server containing list of addresses in the Contact field. The message is addressed to all SIP UAs from which it expects to get notifications about IP changes. When another SIP UA registers to SIP proxy/registrar server, the presence server sends SUBSCRIBE message containing IP addresses and UA responds with NOTIFY message that includes its IP addresses in the Contact field. 

Each SIP UA scans for local and remote IP failure. The remote addresses are constantly monitored by sending UDP heartbeats with three user adjustable parameters. Initial timeout is used to block and wait for heartbeat response, timeout increment value indicates how the next timeout value will be modified and number of heartbeat retries determine how many times a heartbeat is resent before the remote node is considered unreachable. When a local or remote network failure is detected the application is notified about this event in order that it may take the necessary actions. The SIP UA searches for next available SIP Dialog in order to continue the signalling session. If there is any media session active, the appropriate transmitter and receiver are started to continue the media flow as seamlessly as possible.
IV. Test Environment

E. Network Apparatus

A desktop PC with two Ethernet network interfaces was designated to act as a server. Each network interface was connected by an Ethernet cable to two separate LAN’s and hence to two separate Linksys wireless 802.11g routers. A laptop with dual wireless interface cards acted as the client. Each wireless interface was configured to connect to one of the Linksys wireless routers. This configuration, figure 3, was implemented for both the SCTP and SIP evaluations.
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Fig. 3. Network Configuration

This created two separate server-to-client paths and avoided a single point of path failure between the nodes.

F. SCTP Configuration
Previous research [12] has demonstrated that implementation of configurable SCTP parameters at their recommended values results in a minimum handover delay of 63 seconds following a primary path failure. This is unacceptably large for many applications, especially multimedia content. The following adjustments to SCTP parameters were made based on research such as that undertaken in [13] and [14] that has optimised these parameters and pre-test trials.  These values lead to more aggressive handover responses.

 In order to prevent the RTO value from growing too large and delaying handover Path.Max.Retrans was reduced to a single retransmission. Based on previous research [15] RTO.min was shortened to 400 milliseconds to avoid unnecessary retransmission as it remains shorter than most round trip times but also low enough to reduce retransmission delays. 
G. SIP User Agent Configuration
Configurable SIP user agent parameters were adjusted during the course of the test as per table 1 and as discussed in H. This was to evaluate handover performance according to 3 different levels of aggression in respect of handover strategies, with less aggressive handover implying a longer handover delay.

SIP does not generically support multi-homing therefore these parameters are part of the prototype application development and have not been optimised by previous research. The most aggressive setting gives the total of 500ms delay for handover, whereas least aggressive setting gives 7200ms delay for handover. The given parameters were selected in order to compare the changes in quality during transmission as more and more packets are lost and due to RTP running over unreliable UDP protocol, all the packets during handover period are lost.
TABLE 1
Sip path handover control values

	Handover sample (sets of 10 files)
	Timeout (ms)
	Timeout Increase (ms)
	Path Retries

	Least Aggressive
	2000
	400
	3

	Aggressive
	1000
	200
	2

	Most Aggressive
	500
	0
	1


H. Video Transmission

The SCTP and SIP user agent multi-homed implementations both transmitted the same 150 second video file from the server application to the client application. To initiate permanent path failure during selected transmissions an Ethernet cable was explicitly removed from the server machine.

For the SCTP implementation the file was transmitted a total of 50 times. For the first 25 transmissions the full transmission occurred over primary path 1 and no path failure was initiated. The following 25 transmissions each experienced an initiated primary path failure at approximately t=60 seconds.  Transmission of the remainder of the file continued over path 2.

For the SIP user agent implementation the file was transmitted a total of 40 times. The first 10 transmissions occurred over path 1 with no path failures initiated.  The remaining 30 transmissions experienced an initiated path failure on path 1 at approximately t=60 seconds followed by a handover and transmission completion on path 2.  These 30 transmissions were grouped into three sets of 10 transmissions each, with switchover related parameters adjusted for each set of ten as detailed in table 1.

V. Results
Using a video quality measurement tool developed by Moscow State University [16], each video file received by the client was compared to the original file sent by the server. Two sets of metric values, peak signal to noise ratio (PSNR) and video quality metric (VQM) were obtained in respect of each comparison. These are both objective evaluation methods.  PSNR is a mathematically based model that calculates the ratio between the maximum possible energy of a signal and the energy of noise related to it. VQM is modelled on human visual perception and has a discrete cosine transform basis with filters to detect differences and distortion.  Better quality is indicated by a higher result for the PSNR metric and a lower value for the VQM metric.

These values were firstly collated by metric type and handover status and the results for the SIP based experiment were further grouped by handover aggression parameters. Average metric values across commonly collated files were calculated and graphed.

Averaged PSNR metric results for complete file transmissions are illustrated by Figures 4 in respect of the SCTP implementation and figure 5 in respect of the SIP implementation. 
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Fig. 4.  SCTP – Averaged Complete File PSNR
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 Fig. 5. SIP - Averaged Complete File PSNR 

Transmissions that experienced no path failure are grouped under the label “No Handover” and those that had path handover are grouped as “Handover”. The bar towards the centre of the graphs represents the approximate portion of the results that would have been impacted by the path failure and subsequent handover for all “Handover” files. In figure 5 the averages across all 30 SIP based “Handover” files have been grouped together irrespective of handover aggression.
While both figures 4 and 5 show that the averaged metric outputs for “Handover” files are similar to the averaged metric outputs for “No Handover”, it is clear that the SIP implementation suffers a greater divergence. In particular, for the SCTP implementation, the differences between the two series of values appear to be no greater during the approximate handover period than during any other part of the transmission. The differences between the two series of metrics during the handover period are more pronounced within the SIP implementation.

Figures 6 and 7 show PSNR metrics for the handover period, as shown by the shaded sections of figures 4 and 5, for the SCTP and SIP based implementations respectively. 
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 Fig. 6. SCTP - Averaged Handover Period PSNR 
The PSNR metrics for the SCTP “Handover” files are similar in value to the metrics for the “No Handover” files as shown in figure 6. In figure 7 the averaged “Handover” file results of figure 5 are replaced with three series giving metrics for the three sub-groups of “Handover” files as detailed in H and G.
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Fig. 7. SIP - Averaged Handover Period PSNR

However figure 7 clearly shows the larger deviation between “Handover” and “No Handover” metrics for the SIP implementation.  The SIP “Handover” files achieve lower metrics across almost the entire handover period. These graphs indicate that the SCTP implementation gives a better quality performance during the handover period.
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Fig. 8. SCTP - Averaged Handover Period VQM 
[image: image44.emf]0

2

4

6

8

10

12

14

16

18

20

900 904 908 912 916 920 924 928 932 936 940 944 948 952 956 960 964 968 972 976 980 984 988 992 996 1000 1004 1008 1012 1016 1020 1024 1028 1032 1036 1040

Frame #

VQM metric

No Handover

Least Aggressive Handover

Aggressive Handover

Most Aggressive Handover


Fig. 9. SIP - Averaged Handover Period VQM

Similar inferences can be drawn from the graphical representation of the VQM metrics in figure 8 and 9 as have been stated in respect of the PSNR metrics. The key inference with both metrics is that the SCTP implementation maintains a better quality during the handover period.

Further examination of the metric data supports this finding. Tables 2 and 3 give the overall PSNR average metrics for the SCTP and SIP implementations respectively in respect of complete received files and the handover periods of those files. Each table gives the percentage and metric difference between the “Handover” and “No Handover” files and table 3 gives the differences for each set of “Handover” files. 

Table 2
SCTP Overall PSNR Metrics

	SCTP
	PSNR results (complete file)
	PSNR results (handover period)

	No handover
	14.40
	14.34

	Handover
	14.45
	14.24

	Difference
	(0.37%)          0.05
	(0.67%)            0.10


Table 3
 SIP Overall PSNR Metrics

	SIP
	PSNR results (complete file)
	PSNR results (handover period)

	No handover
	14.83
	15.82

	Least Aggressive
	14.81
	13.74

	Difference
	(0.16%)       0.02
	(15.14%)            2.08

	Aggressive
	14.52
	12.91

	Difference
	(2.14%)       0.31
	(22.54%)            2.91

	Most Aggressive
	14.42
	13.51

	Difference
	(2.84%)       0.41
	(17.10%)            2.31


From the tables it can be seen that the SIP implementations mid-level aggression setting achieved the closest metric results to the SCTP implementation in respect of the “No Handover” files yet suffered the biggest difference in quality between “Handover” and “No Handover” files.

Similarly tables 4 and 5 give the overall VQM metrics for the same files and both implementations.

Table 4
SCTP Overall VQM Metrics

	SCTP
	VQM results (complete file)
	VQM results (handover period)

	No handover
	13.49
	13.57

	Handover
	13.48
	13.83

	Difference
	(0.12%)       0.02
	(1.90%)            0.26


Table 5
SIP Overall VQM Metrics

	SIP
	VQM results (complete file)
	VQM results (handover period)

	No handover
	13.31
	12.3

	Least Aggressive
	13.41
	14.15

	Difference
	(0.75%)       0.10
	(15.04%)           1.85

	Aggressive
	13.49
	14.98

	Difference
	(1.35%)       0.18
	(21.79%)           2.68

	Most Aggressive
	13.54
	14.09

	Difference
	(1.72%)       0.23
	(14.55%)           1.79


The magnitude of the complete file metric difference between the “Handover” and “No Handover” files is relatively small for both the SCTP and SIP based implementations over both metrics. Furthermore the SCTP metrics have a difference of less than 2% between “Handover” and “No Handover” files over the handover period.  In contrast the SIP implementation metrics for the “Handover” and “No Handover” files for the same period differ significantly by between 14.5% and 22.5% over the two metrics. 

It could be expected that increasingly aggressive handover SIP strategies which produce incrementally faster path handovers would lead to improving performance from least to most aggressive handover policy. The results do not show this to be the case, as can be seen across tables 3 and 5.

VI. Conclusions

This paper compared transport layer SCTP based and application layer SIP based approaches to providing multi-homing support. The simulation included transmissions of multimedia data between two multi-homed endpoints, during which selected transmissions suffered a permanent path failure and subsequent path handover. Objective quality metrics were used to evaluate the performance of the SCTP based approach against a number of increasingly aggressive handover strategies in the SIP based approach. 

The results show that the SCTP based implementation’s performance is generally more consistent irrespective of whether a handover occurs than the SIP based implementation. Most significantly the SCTP based implementation has notably better performance over the handover period than the SIP based implementation. Whilst the SCTP based approach experienced no greater than a 2% difference between the “Handover” and “No Handover” files over the handover period, the SIP based implementation suffered differences as high as 22.5%.

Interestingly the metrics obtained for the SIP based implementation “Handover” files have not displayed the correlation between performance and level of handover aggressiveness that might have been expected and this will be subject to further analysis as part of future work.

SCTP has been designed to support multi-homing on an end-to-end basis between two endpoints. Implementation of multi-homing at the application layer would be on a per application basis and would hence raise interoperability issues.

SCTP aware applications could give better performance in multi-homed wireless environments where networks fluctuations and path failures may disrupt connections and degrade the end users experience.
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APPENDIX C: An Application UML Diagram
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APPENDIX D: An Application Most Important Program Code

core.ua.gui

SipLauncher

package core.ua.gui;
import java.awt.AWTException;
import java.awt.BorderLayout;
import java.awt.Container;
import java.awt.FlowLayout;
import java.awt.Image;
import java.awt.MenuItem;
import java.awt.PopupMenu;
import java.awt.SystemTray;
import java.awt.TrayIcon;
import java.awt.event.ActionEvent;
import java.awt.event.ActionListener;
import java.awt.event.MouseAdapter;
import java.awt.event.MouseEvent;
import java.awt.event.MouseListener;
import java.awt.image.BufferedImage;
import java.io.File;
import java.io.IOException;
import java.net.URL;
import java.util.Hashtable;
import java.util.Observable;
import java.util.Observer;
import java.util.Vector;
import javax.swing.DefaultComboBoxModel;
import javax.swing.ImageIcon;
import javax.swing.JButton;
import javax.swing.JLabel;
import javax.swing.JList;
import javax.swing.JMenu;
import javax.swing.JMenuBar;
import javax.swing.JMenuItem;
import javax.swing.JOptionPane;
import javax.swing.JPanel;
import javax.swing.JPopupMenu;
import javax.swing.JScrollPane;
import javax.swing.JSeparator;
import javax.swing.JTabbedPane;
import javax.swing.JTextField;
import javax.swing.ListModel;
import javax.swing.SwingConstants;
import javax.swing.SwingUtilities;
import javax.swing.WindowConstants;
import tools.tracesviewer.LogFileParser;
import tools.tracesviewer.TracesViewer;
import core.logging.DebugIM;
import core.ua.InstantMessage;
import core.ua.MessengerManager;
import core.ua.RegisterStatus;
import core.ua.call.AudioCall;
import core.ua.call.Call;
import core.ua.gui.settings.ConfigurationHandler;
import core.ua.gui.settings.Settings;
import core.ua.presence.Contact;
import core.ua.presence.PresentityManager;
import core.ua.presence.pidf.parser.AddressTag;
import core.ua.presence.pidf.parser.AtomTag;
import core.ua.presence.pidf.parser.MSNSubStatusTag;
import core.ua.presence.pidf.parser.PresenceTag;
import core.utils.Utils;
/**
 * This code was edited or generated using CloudGarden's Jigloo SWT/Swing GUI
 * Builder, which is free for non-commercial use. If Jigloo is being used
 * commercially (ie, by a corporation, company or business for any purpose
 * whatever) then you should purchase a license for each developer using Jigloo.
 * Please visit www.cloudgarden.com for details. Use of Jigloo implies
 * acceptance of these licensing terms. A COMMERCIAL LICENSE HAS NOT BEEN
 * PURCHASED FOR THIS MACHINE, SO JIGLOO OR THIS CODE CANNOT BE USED LEGALLY FOR
 * ANY CORPORATE OR COMMERCIAL PURPOSE.
 */
public class SipLauncher extends javax.swing.JFrame implements Observer {

private static final long serialVersionUID = 963759051529478039L;

private static SipLauncher instance = null;

private static boolean EXITING = false;

public static boolean isEXITING() {


return EXITING;

}

public static SipLauncher getInstance() {


if (instance == null) {



instance = new SipLauncher();


}


return instance;

}

/**

 * Auto-generated main method to display this JFrame

 */

public static void main(String[] args) {


SwingUtilities.invokeLater(new Runnable() {



public void run() {




SipLauncher instance = SipLauncher.getInstance();




instance.setLocationRelativeTo(null);




instance.setVisible(true);



}


});

}

private JMenuBar jMainMenuBar;

private JButton jButtonEditContact;

private JPanel jPanelMainButton;

private JList jListContacts;

private JTabbedPane jTabbedPaneMain;

private JPanel jPanelSignIn;

private JMenuItem jMenuItemAnalysis;

private JMenuItem jMenuItemViewStatus;

private JMenuItem jMenuItemEditContact;

private JMenuItem jMenuItemRemoveContact;

private JMenuItem jMenuItemAddContact;

private JPopupMenu jPopupMenuContacts;

private JLabel jLabelImage;

private JTextField jTextFieldUserURI;

private JButton jButton1;

private JMenuItem jMenuItemClose;

private JSeparator jSeparatorFileMenu;

private JPanel jPanelWestContacts;

private JPanel jPanelContacts;

private JScrollPane jScrollPane1;

private JButton jButtonRemoveContact;

private JButton jButtonAddContact;

private JPanel jPaneEast;

private JMenuItem jMenuItemSignInOut;

private MenuItem menuItemSignInOut;

private JMenuItem jMenuItemCleanTraces;

private JMenuItem jMenuItemViewTraces;

private JMenu jMenuView;

private JMenuItem jMenuItemSettings;

private JMenuItem jMenuItemExit;

private JMenu jMenu1;

private StatusDialog statusDlg = null;

private TracesViewer tracesViewer;

private MessengerManager messengerManager;

private AnalysisFrame analysisFrame;

private TrayIcon trayIcon = null;

private ConfigurationHandler configurationHandler = new ConfigurationHandler(Settings.CONFIGURATION_FILE);

private ImageIcon icon = null;

public SipLauncher() {


super("Multi-homed SIP User Agent " + Settings.USER_URI);


initGUI();


initTray(); // initialize System tray


statusDlg = new StatusDialog(this);


messengerManager = new MessengerManager(this);


messengerManager.addObserver(this);


analysisFrame=new AnalysisFrame();

}

private void displayAllContact() {


Vector<String> contactList = Settings.CONTACTS;


PresentityManager presentityManager = messengerManager.getPresentityManager();


DefaultComboBoxModel listModel = (DefaultComboBoxModel) this.jListContacts.getModel();


listModel.removeAllElements();


for (int i = 0; i < contactList.size(); i++) {



String contactAddress = contactList.get(i);



Contact subscriber = presentityManager.getSubscriber(contactAddress);



if (messengerManager.presenceAllowed && subscriber != null)




listModel.addElement(contactAddress + " (" + subscriber.getStatus() + ")");



else




listModel.addElement(contactAddress);


}

}

/**

 * LOCAL ACCESSORS

 */

public ConfigurationHandler getConfigurationHandler() {


return configurationHandler;

}

private JMenuItem getJMenuItemAddContact() {


if (jMenuItemAddContact == null) {



jMenuItemAddContact = new JMenuItem();



jMenuItemAddContact.setText("Add contact");



jMenuItemAddContact.addActionListener(new ActionListener() {




public void actionPerformed(ActionEvent evt) {





jButtonAddContactActionPerformed(evt);




}



});


}


return jMenuItemAddContact;

}

private JMenuItem getJMenuItemEditContact() {


if (jMenuItemEditContact == null) {



jMenuItemEditContact = new JMenuItem();



jMenuItemEditContact.setText("Edit contact");



jMenuItemEditContact.addActionListener(new ActionListener() {




public void actionPerformed(ActionEvent evt) {





jButtonEditContactActionPerformed(evt);




}



});


}


return jMenuItemEditContact;

}

private JMenuItem getJMenuItemRemoveContact() {


if (jMenuItemRemoveContact == null) {



jMenuItemRemoveContact = new JMenuItem();



jMenuItemRemoveContact.setText("Remove contact");



jMenuItemRemoveContact.addActionListener(new ActionListener() {




public void actionPerformed(ActionEvent evt) {





jButtonRemoveContactActionPerformed(evt);




}



});


}


return jMenuItemRemoveContact;

}

private JMenuItem getJMenuItemViewStatus() {


if (jMenuItemViewStatus == null) {



jMenuItemViewStatus = new JMenuItem();



jMenuItemViewStatus.setText("Status");



jMenuItemViewStatus.addActionListener(new ActionListener() {




public void actionPerformed(ActionEvent evt) {





messengerManager.getPresentityManager().printStatus();




}



});


}


return jMenuItemViewStatus;

}

/**

 * EXTERNAL GUI COMPONENTS

 */

public JPanel getJPanelSignIn() {


if (jPanelSignIn == null) {



jPanelSignIn = new JPanel();



jPanelSignIn.setPreferredSize(new java.awt.Dimension(370, 189));



jPanelSignIn.setLayout(null);



jLabelImage = new JLabel();



jLabelImage.setIcon(new ImageIcon(Settings.LOGO_URL));



jLabelImage.setPreferredSize(new java.awt.Dimension(249, 119));



jPanelSignIn.add(jLabelImage);



jLabelImage.setBounds(40, 5, 249, 119);



jTextFieldUserURI = new JTextField(Settings.USER_URI);



jTextFieldUserURI.setPreferredSize(new java.awt.Dimension(163, 21));



jTextFieldUserURI.setHorizontalAlignment(SwingConstants.CENTER);



jPanelSignIn.add(jTextFieldUserURI);



jTextFieldUserURI.setBounds(36, 129, 163, 21);



jButton1 = new JButton();



jButton1.setText("Sign In");



jButton1.setPreferredSize(new java.awt.Dimension(83, 21));



jButton1.setToolTipText("Sign in to proxy");



jButton1.addActionListener(new ActionListener() {




public void actionPerformed(ActionEvent evt) {





Settings.USER_URI = SipLauncher.this.jTextFieldUserURI.getText();





SipLauncher.this.messengerManager.setUser(Settings.USER_URI);





SipLauncher.this.jMenuItemRegisterActionPerformed(evt);




}



});



jPanelSignIn.add(jButton1);



jButton1.setBounds(209, 129, 83, 21);


}


return jPanelSignIn;

}

private JPopupMenu getJPopupMenuContacts() {


if (jPopupMenuContacts == null) {



jPopupMenuContacts = new JPopupMenu();



jPopupMenuContacts.add(getJMenuItemAddContact());



jPopupMenuContacts.add(getJMenuItemRemoveContact());



jPopupMenuContacts.add(getJMenuItemEditContact());


}


return jPopupMenuContacts;

}

public MessengerManager getMessengerManager() {


return messengerManager;

}

public StatusDialog getStatusDialog() {


return statusDlg;

}

public TrayIcon getSystemTray() {


return this.trayIcon;

}

public AnalysisFrame getAnalysisFrame() {


return analysisFrame;

}

public JTabbedPane getTabedPane() {


if (jTabbedPaneMain == null) {



jTabbedPaneMain = new JTabbedPane();



getContentPane().add(this.getJPanelSignIn(), BorderLayout.CENTER);



{




jPanelContacts = new JPanel();




BorderLayout jPanelContactsLayout = new BorderLayout();




jPanelContacts.setLayout(jPanelContactsLayout);




jTabbedPaneMain.addTab("Contacts", null, jPanelContacts, null);




{





jScrollPane1 = new JScrollPane();





jPanelContacts.add(jScrollPane1, BorderLayout.CENTER);





{






String contacts[] = new String[Settings.CONTACTS.size()];






ListModel jListContactsModel = new DefaultComboBoxModel(Settings.CONTACTS.toArray(contacts));






jListContacts = new JList();






jScrollPane1.setViewportView(jListContacts);






jListContacts.setModel(jListContactsModel);






setComponentPopupMenu(jListContacts, getJPopupMenuContacts());






jListContacts.addMouseListener(new MouseAdapter() {







public void mouseClicked(MouseEvent evt) {








if (evt.getClickCount() == 2) {









String contact = (String) jListContacts.getSelectedValue();









Contact callee = null;









for (int i = 0; i < Settings.CONTACTS.size(); i++) {










String contactAddress = Settings.CONTACTS.get(i);










if (contact.indexOf(contactAddress) != -1) {











callee = messengerManager.getPresentityManager().getSubscriber(contactAddress);











break;










}









}









if (callee != null) {










callee.getNewChatFrame(true);









}








}







}







public void mousePressed(MouseEvent evt) {








boolean notSelected = SipLauncher.this.jListContacts.isSelectionEmpty();








SipLauncher.this.jButtonEditContact.setEnabled(!notSelected);








SipLauncher.this.jButtonRemoveContact.setEnabled(!notSelected);








SipLauncher.this.jMenuItemRemoveContact.setEnabled(!notSelected);








SipLauncher.this.jMenuItemEditContact.setEnabled(!notSelected);







}






});





}




}




{





jPaneEast = new JPanel();





jPanelContacts.add(jPaneEast, BorderLayout.EAST);





FlowLayout jPaneContactsButtonLayout = new FlowLayout();





jPaneContactsButtonLayout.setVgap(20);





jPaneEast.setPreferredSize(new java.awt.Dimension(85, 172));





jPaneEast.setLayout(jPaneContactsButtonLayout);





{






jButtonAddContact = new JButton();






jPaneEast.add(jButtonAddContact);






jButtonAddContact.setText("Add");






jButtonAddContact.setPreferredSize(new java.awt.Dimension(74, 25));






jButtonAddContact.setMargin(new java.awt.Insets(1, 2, 1, 2));






jButtonAddContact.setToolTipText("Add new contact");






jButtonAddContact.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jButtonAddContactActionPerformed(evt);







}






});





}





{






jButtonRemoveContact = new JButton();






jPaneEast.add(jButtonRemoveContact);






jButtonRemoveContact.setText("Remove");






jButtonRemoveContact.setPreferredSize(new java.awt.Dimension(74, 25));






jButtonRemoveContact.setMargin(new java.awt.Insets(1, 2, 1, 2));






jButtonRemoveContact.setToolTipText("Remove selected contact");






jButtonRemoveContact.setEnabled(false);






jButtonRemoveContact.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jButtonRemoveContactActionPerformed(evt);







}






});





}





{






jButtonEditContact = new JButton();






jPaneEast.add(jButtonEditContact);






jButtonEditContact.setText("Edit");






jButtonEditContact.setToolTipText("Edit selected contact");






jButtonEditContact.setMargin(new java.awt.Insets(1, 2, 1, 4));






jButtonEditContact.setPreferredSize(new java.awt.Dimension(74, 25));






jButtonEditContact.setEnabled(false);






jButtonEditContact.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jButtonEditContactActionPerformed(evt);







}






});





}




}




{





jPanelWestContacts = new JPanel();





jPanelContacts.add(jPanelWestContacts, BorderLayout.WEST);





jPanelWestContacts.setPreferredSize(new java.awt.Dimension(51, 156));




}



}


}


return this.jTabbedPaneMain;

}

private void initGUI() {


try {



getJPanelSignIn();



getTabedPane();



setDefaultCloseOperation(WindowConstants.DISPOSE_ON_CLOSE);



this.setPreferredSize(new java.awt.Dimension(340, 366));



this.setMinimumSize(new java.awt.Dimension(350, 250));



{




jPanelMainButton = new JPanel();




getContentPane().add(jPanelMainButton, BorderLayout.SOUTH);




FlowLayout jPanelMainButtonLayout = new FlowLayout();




jPanelMainButtonLayout.setHgap(50);




jPanelMainButton.setLayout(jPanelMainButtonLayout);



}



getContentPane().add(this.getJPanelSignIn(), BorderLayout.CENTER);



{




jMainMenuBar = new JMenuBar();




setJMenuBar(jMainMenuBar);




{





jMenu1 = new JMenu();





jMainMenuBar.add(jMenu1);





jMenu1.setText("File");





{






jMenuItemSettings = new JMenuItem();






jMenu1.add(jMenuItemSettings);






jMenuItemSettings.setText("Settings");






jMenuItemSettings.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jMenuItemSettingsActionPerformed(evt);







}






});





}





{






jSeparatorFileMenu = new JSeparator();






jMenu1.add(jSeparatorFileMenu);





}





{






jMenuItemSignInOut = new JMenuItem();






jMenu1.add(jMenuItemSignInOut);






jMenuItemSignInOut.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jMenuItemRegisterActionPerformed(evt);







}






});






jMenuItemSignInOut.setText("Sign In");





}





{






jMenuItemClose = new JMenuItem();






jMenu1.add(jMenuItemClose);






jMenuItemClose.setText("Close");






jMenuItemClose.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








SipLauncher.this.setVisible(false);








if (trayIcon != null) {









trayIcon.displayMessage("Minimized", "An application has been minimized to System tray!", TrayIcon.MessageType.INFO);








}







}






});





}





{






jMenuItemExit = new JMenuItem();






jMenu1.add(jMenuItemExit);






jMenuItemExit.setText("Exit");






jMenuItemExit.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jMenuItemExitActionPerformed(evt);







}






});





}




}




{





jMenuView = new JMenu();





jMainMenuBar.add(jMenuView);





jMenuView.setText("View");





{






jMenuItemViewTraces = new JMenuItem();






jMenuView.add(jMenuItemViewTraces);






jMenuItemViewTraces.setText("Traces");






jMenuItemViewTraces.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jMenuItemViewTracesActionPerformed(evt);







}






});





}





{






jMenuItemCleanTraces = new JMenuItem();






jMenuView.add(jMenuItemCleanTraces);






jMenuView.add(getJMenuItemViewStatus());






jMenuView.add(getJMenuItemAnalysis());






jMenuItemCleanTraces.setText("Clean");






jMenuItemCleanTraces.addActionListener(new ActionListener() {







public void actionPerformed(ActionEvent evt) {








jMenuItemCleanTracesActionPerformed(evt);







}






});





}




}



}



pack();



this.setSize(340, 366);


} catch (Exception e) {



e.printStackTrace();


}

}

/**

 * Initialize the tray icon if system supports it

 */

private void initTray() {



icon = new ImageIcon(Settings.ICON_URL);



this.setIconImage(icon.getImage());


if (SystemTray.isSupported()) {



SystemTray tray = SystemTray.getSystemTray();



MouseListener mouseListener = new MouseListener() {




public void mouseClicked(MouseEvent e) {




}




public void mouseEntered(MouseEvent e) {




}




public void mouseExited(MouseEvent e) {




}




public void mousePressed(MouseEvent e) {




}




public void mouseReleased(MouseEvent e) {




}



};



ActionListener exitListener = new ActionListener() {




public void actionPerformed(ActionEvent e) {





SipLauncher.this.jMenuItemExitActionPerformed(e);




}



};



ActionListener signInOut = new ActionListener() {




public void actionPerformed(ActionEvent e) {





SipLauncher.this.jMenuItemRegisterActionPerformed(e);




}



};



PopupMenu popup = new PopupMenu();



MenuItem defaultItem = new MenuItem("Exit");



menuItemSignInOut = new MenuItem("Sign In");



defaultItem.addActionListener(exitListener);



menuItemSignInOut.addActionListener(signInOut);



popup.add(menuItemSignInOut);



popup.add(defaultItem);



Image image=icon!=null?icon.getImage():new BufferedImage(10,10,BufferedImage.TYPE_3BYTE_BGR);



trayIcon = new TrayIcon(image, "SIP messenger", popup);



ActionListener actionListener = new ActionListener() {




public void actionPerformed(ActionEvent e) {





SipLauncher.this.setVisible(true);




}



};



trayIcon.setImageAutoSize(true);



trayIcon.addActionListener(actionListener);



trayIcon.addMouseListener(mouseListener);



try {




tray.add(trayIcon);



} catch (AWTException e) {




System.err.println("TrayIcon could not be added.");



}


} else {



DebugIM.println("System Tray is not supported");


}

}

private void jButtonAddContactActionPerformed(ActionEvent evt) {


String uri = JOptionPane.showInputDialog(this, "Enter new contact URI");


if (uri != null) {



uri.toLowerCase().trim();



if (!Utils.isValidURI(uri)) {




JOptionPane.showMessageDialog(this, "This contact URI is not valid");



} else if (Settings.CONTACTS.contains(uri)) {




JOptionPane.showMessageDialog(this, "This contact is allready in the list!");



} else if (uri.equalsIgnoreCase(Settings.USER_URI)) {




JOptionPane.showMessageDialog(this, "You cannot add yourself to the contact list!");



} else {




if (uri.indexOf(";") != -1)





uri = uri.substring(0, uri.indexOf(";"));




if (uri.indexOf("sip:") != -1)





uri = uri.substring("sip:".length(), uri.length());




Settings.CONTACTS.add(uri);




displayAllContact();




Contact subscriber = messengerManager.getPresentityManager().getSubscriber(uri);




if (subscriber == null) {





subscriber = new Contact(uri, messengerManager);





messengerManager.getPresentityManager().addSubscriber(subscriber);




} else {





subscriber.setRecordAddress(uri);




}




messengerManager.sendSubscribe(subscriber, Settings.REGISTRATION_EXPIRES);



}


}

}

private void jButtonEditContactActionPerformed(ActionEvent evt) {


DefaultComboBoxModel jListContactsModel = (DefaultComboBoxModel) this.jListContacts.getModel();


int index = this.jListContacts.getSelectedIndex();


String userOldURI = ((String) jListContactsModel.getElementAt(index)).trim();


int spaceIndex = userOldURI.indexOf(' ');


if (spaceIndex > 0) {



userOldURI = userOldURI.substring(0, spaceIndex);


}


String uri = JOptionPane.showInputDialog(this, "Edit contact URI", userOldURI);


if (uri != null) {



uri.toLowerCase().trim();



if (!Utils.isValidURI(uri)) {




JOptionPane.showMessageDialog(this, "This contact URI is not valid");



} else if (Settings.CONTACTS.contains(uri)) {




JOptionPane.showMessageDialog(this, "This contact is allready in the list!");



} else if (uri.equalsIgnoreCase(Settings.USER_URI)) {




JOptionPane.showMessageDialog(this, "You cannot add yourself to the contact list!");



} else {




if (uri.indexOf(";") != -1)





uri = uri.substring(0, uri.indexOf(";"));




if (uri.indexOf("sip:") != -1)





uri = uri.substring("sip:".length(), uri.length());




Settings.CONTACTS.set(index, uri);




displayAllContact();




Contact subscriber = messengerManager.getPresentityManager().getSubscriber(uri);




if (subscriber == null) {





subscriber = new Contact(uri, messengerManager);





messengerManager.getPresentityManager().addSubscriber(subscriber);




} else {





subscriber.setRecordAddress(uri);




}




messengerManager.sendSubscribe(subscriber, Settings.REGISTRATION_EXPIRES);



}


}

}

private void jButtonRemoveContactActionPerformed(ActionEvent evt) {


int indices[] = this.jListContacts.getSelectedIndices();


DefaultComboBoxModel jListContactsModel = (DefaultComboBoxModel) this.jListContacts.getModel();


for (int i = indices.length - 1; i >= 0; i--) {



jListContactsModel.removeElementAt(indices[i]);



String subscriber = Settings.CONTACTS.remove(indices[i]);



messengerManager.getPresentityManager().removeSubscriber(subscriber);


}

}

private void jMenuItemCleanTracesActionPerformed(ActionEvent evt) {


File file = new File(Settings.SERVER_LOG);


if (file.exists()) {



file.delete();


}

}

private void jMenuItemExitActionPerformed(ActionEvent evt) {


System.out.println("Program is closing...");


EXITING = true;


messengerManager.stop();


writeXMLConfiguration(Settings.CONFIGURATION_FILE);


this.dispose();


System.exit(0);

}

private void jMenuItemRegisterActionPerformed(ActionEvent evt) {


if (messengerManager.getRegisterStatus().getStatus().equals(RegisterStatus.NOT_REGISTERED)) {



messengerManager.register(Settings.REGISTRATION_EXPIRES);


} else {



messengerManager.stop();


}

}

private void jMenuItemSettingsActionPerformed(ActionEvent evt) {


System.out.println("Opening Settings Dialog");


new JDialogSettings(this).setVisible(true);

}

private void jMenuItemViewTracesActionPerformed(ActionEvent evt) {


File file = new File(Settings.SERVER_LOG);


if (!file.exists()) {



try {




file.createNewFile();



} catch (IOException e) {




e.printStackTrace();



}


}


if (tracesViewer != null) {



tracesViewer.setVisible(true);



return;


}


String back = "images/back.gif";


String faces = "images/faces.jpg";


String actors = "images/comp.gif";


String logoNist = "images/nistBanner.jpg";


if (Settings.SERVER_LOG != null) {



String fileName = Settings.SERVER_LOG;



LogFileParser parser = new LogFileParser();



Hashtable traces = parser.parseLogsFromFile(fileName);



tracesViewer = new TracesViewer(Settings.SERVER_LOG, traces, parser.logName, parser.logDescription, parser.auxInfo, "SIP Traces Viewer", back, faces, actors, logoNist);



tracesViewer.setVisible(true);


} else {



JOptionPane.showMessageDialog(this, "ERROR: Specify a server log file before viewing the traces!", "Specify Log File", JOptionPane.ERROR_MESSAGE);



return;


}

}

/**

 * Auto-generated method for setting the popup menu for a component

 */

private void setComponentPopupMenu(final java.awt.Component parent, final javax.swing.JPopupMenu menu) {


parent.addMouseListener(new java.awt.event.MouseAdapter() {



public void mousePressed(java.awt.event.MouseEvent e) {




if (e.isPopupTrigger())





menu.show(parent, e.getX(), e.getY());



}



public void mouseReleased(java.awt.event.MouseEvent e) {




if (e.isPopupTrigger())





menu.show(parent, e.getX(), e.getY());



}


});

}

/**

 * OBSERVER UPDATE

 */

public void update(Observable o, Object arg) {


statusDlg.setVisible(false);


if (arg instanceof RegisterStatus) {



RegisterStatus registerStatus = (RegisterStatus) arg;



if (messengerManager.getRegisterStatus().getStatus().equalsIgnoreCase(RegisterStatus.NOT_REGISTERED)) {




Utils.stopRegisterExpiresTask();




if (messengerManager.autoReregister && registerStatus.getMessage().equals(RegisterStatus.REASON_EXPIRED)) {





messengerManager.register(Settings.REGISTRATION_EXPIRES);




} else {





Container container = getContentPane();





container.remove(getTabedPane());





container.add(getJPanelSignIn(), BorderLayout.CENTER);





container.doLayout();





jMenuItemSignInOut.setText("Sign In");





menuItemSignInOut.setLabel("Sign In");





messengerManager.getPresentityManager().cleanResources(EXITING);





messengerManager.getMessageListener().stop();





if (trayIcon != null) {






trayIcon.displayMessage("You are logged off!", registerStatus.getMessage(), TrayIcon.MessageType.WARNING);





} else {






statusDlg.setAction(StatusDialog.CLOSE);






statusDlg.setMessage(registerStatus.getMessage());






statusDlg.setVisible(true);





}




}



}



if (messengerManager.getRegisterStatus().getStatus().equalsIgnoreCase(RegisterStatus.REGISTRATION_IN_PROGRESS)) {




statusDlg.setAction(StatusDialog.CANCEL_TRANSACTION);




statusDlg.setMessage(registerStatus.getMessage());




statusDlg.setVisible(true);



}



RegisterStatus regStatus = messengerManager.getRegisterStatus();



if (regStatus.getStatus().equalsIgnoreCase(RegisterStatus.PROXY_AUTHENTICATION_REQUIRED)) {




String user = null, password = null;




if (regStatus.password != null && regStatus.user != null) {





user = regStatus.user;





password = regStatus.password;




} else {





AuthenticationDialog authenticationDialog = new AuthenticationDialog(messengerManager.getGuiHandle(), "localhost");





user = authenticationDialog.getUserName();





password = authenticationDialog.getPassword();




}




messengerManager.registerWithAuthentication(user, password, "localhost");



}



if (regStatus.getStatus().equalsIgnoreCase(RegisterStatus.REGISTERED)) {




jMenuItemSignInOut.setText("Sign Out");




menuItemSignInOut.setLabel("Sign Out");




getContentPane().remove(getJPanelSignIn());




getContentPane().add(getTabedPane(), BorderLayout.CENTER);




getContentPane().doLayout();




Utils.startRegisterExpiresTask(Settings.REGISTRATION_EXPIRES, messengerManager);




messengerManager.getPresentityManager().subscribeAllContacts(Settings.REGISTRATION_EXPIRES);




messengerManager.getPresentityManager().sendNotifyToAllSubscribers("open", "online");




if (trayIcon != null) {





trayIcon.displayMessage("Signed in!", registerStatus.getMessage(), TrayIcon.MessageType.INFO);




} else {





statusDlg.setAction(StatusDialog.CLOSE);





statusDlg.setMessage(registerStatus.getMessage());





statusDlg.setVisible(true);




}



}


} else if (arg instanceof Call) {



Call call = (Call) arg;



Contact callee = call.getCallee();



ChatFrame chatFrame = callee.getChatFrame();



String callStatus = call.getStatus();



if (callStatus.equalsIgnoreCase(Call.NOT_IN_A_CALL)) {




if (trayIcon != null) {





trayIcon.displayMessage("Call ended!", call.getMessage(), TrayIcon.MessageType.INFO);




}




if (chatFrame != null)





if (call instanceof AudioCall)






chatFrame.disableAudioConversation();



} else if (callStatus.equalsIgnoreCase(Call.CONNECTING)) {




statusDlg.setAction(StatusDialog.CANCEL_TRANSACTION);




statusDlg.setMessage(call.getMessage());




statusDlg.setVisible(true);



}



else if (callStatus.equalsIgnoreCase(Call.CANCEL)) {




if (call instanceof AudioCall)





if (chatFrame != null)






chatFrame.cancelAudioConversation();



} else if (callStatus.equalsIgnoreCase(Call.IN_A_CALL)) {




if (call instanceof AudioCall) {





Utils.stopSound();





if (chatFrame != null)






chatFrame.enableAudioConversation();




}



} else if (callStatus.equalsIgnoreCase(Call.RINGING) || callStatus.equalsIgnoreCase(Call.TRYING)) {




if (call instanceof AudioCall)





Utils.playSound(Settings.SOUND_RING_URL);




statusDlg.setAction(StatusDialog.CANCEL_TRANSACTION);




statusDlg.setMessage(call.getMessage());




statusDlg.setVisible(true);



} else if (callStatus.equals(Call.BUSY)) {




Utils.stopSound();




statusDlg.setAction(StatusDialog.CLOSE);




statusDlg.setMessage(call.getMessage());




statusDlg.setVisible(true);



} else if (callStatus.equals(Call.TEMPORARY_UNAVAILABLE)) {




statusDlg.setAction(StatusDialog.CLOSE);




statusDlg.setMessage(call.getMessage());




statusDlg.setVisible(true);




if (chatFrame != null)





chatFrame.updateAudioStatus(callStatus, call.getMessage());



} else if (callStatus.equalsIgnoreCase(Call.INCOMING_CALL)) {




if (trayIcon != null) {





trayIcon.displayMessage("Incoming Call!", call.getMessage(), TrayIcon.MessageType.INFO);




}




if (call instanceof AudioCall)





Utils.playSound(Settings.SOUND_RING_URL);




if (chatFrame == null) {





chatFrame = callee.getNewChatFrame(false);




}




if (call.isInitialInvite()) {





if (call instanceof AudioCall) {






int answer = JOptionPane.showConfirmDialog(chatFrame, callee.getRecordAddress() + " is calling to you. Answer?", "Calling " + callee.getRecordAddress(), JOptionPane.YES_NO_OPTION, JOptionPane.QUESTION_MESSAGE);






Utils.stopSound();






if (answer == JOptionPane.NO_OPTION)







chatFrame.answerBusy(call);






else







chatFrame.answerOK(call);





}




}



}


}


if (arg instanceof InstantMessage) {



InstantMessage im = (InstantMessage) arg;



Contact sender = im.getSender();



String message = im.getMessage();



ChatFrame chatFrame = sender.getNewChatFrame(false);



chatFrame.newMessage(message);


}


if (arg instanceof Contact) {



Contact subscriber = (Contact) arg;



String subscriberAddress = subscriber.getRecordAddress();



if (!Settings.CONTACTS.contains(subscriberAddress) && subscriber.getAccepted() == Contact.ACCEPT_UNKNOWN) {




int response = javax.swing.JOptionPane.showConfirmDialog(null, subscriberAddress + " wants to be added to your contacts, do you agree ?", "New Contact", javax.swing.JOptionPane.YES_NO_OPTION, javax.swing.JOptionPane.QUESTION_MESSAGE);




if (response == javax.swing.JOptionPane.NO_OPTION) {





subscriber.setAccepted(Contact.ACCEPT_NO);





messengerManager.getPresentityManager().declineSubscribe(subscriber);





messengerManager.getPresentityManager().removeSubscriber(subscriber.getRecordAddress());




} else if (response == javax.swing.JOptionPane.YES_OPTION) {





Settings.CONTACTS.add(subscriberAddress);





displayAllContact();





subscriber.setAccepted(Contact.ACCEPT_YES);





messengerManager.getPresentityManager().acceptSubscribe(subscriber);





messengerManager.sendSubscribe(subscriber, Settings.REGISTRATION_EXPIRES);




}



} else {




messengerManager.getPresentityManager().acceptSubscribe(subscriber);



}


}


if (arg instanceof PresenceTag) {



PresenceTag presenceTag = (PresenceTag) arg;



Vector atomTagList = presenceTag.getAtomTagList();



AtomTag atomTag = (AtomTag) atomTagList.firstElement();



AddressTag addressTag = atomTag.getAddressTag();



MSNSubStatusTag msnSubStatusTag = addressTag.getMSNSubStatusTag();



String userURI = presenceTag.getPresentityTag().getURI();



this.updateStatusContact(userURI, msnSubStatusTag.getMSNSubStatus());


}


this.repaint();

}

public void updateStatusContact(String contactAddress, String status) {


Contact subscriber = messengerManager.getPresentityManager().getSubscriber(contactAddress);


if (subscriber != null) {



subscriber.setStatus(status);


}


DefaultComboBoxModel listModel = (DefaultComboBoxModel) this.jListContacts.getModel();


for (int i = 0; i < listModel.getSize(); i++) {



String contact = (String) listModel.getElementAt(i);



if (contact.indexOf(contactAddress) != -1) {




listModel.removeElementAt(i);




listModel.insertElementAt(contactAddress + " (" + status + ")", i);




this.jListContacts.ensureIndexIsVisible(i);




break;



}


}

}

private void writeXMLConfiguration(String confFile) {


try {



String text = ConfigurationHandler.createTags();



ConfigurationHandler.writeFile(confFile, text);



DebugIM.println("DEBUG, the changes have been written to the XML file.");


} catch (Exception e) {



DebugIM.println("ERROR, unable to save the properties!");


}

}

private JMenuItem getJMenuItemAnalysis() {


if(jMenuItemAnalysis == null) {



jMenuItemAnalysis = new JMenuItem();



jMenuItemAnalysis.setText("Analysis");



jMenuItemAnalysis.addActionListener(new ActionListener() {




public void actionPerformed(ActionEvent evt) {





analysisFrame.setVisible(true);




}



});


}


return jMenuItemAnalysis;

}
}
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/**
 * Manager of all incoming messages This is the sip listener
 */
public class MessageListener implements javax.sip.SipListener {

/**

 * The SipFactory instance used to create the SipStack and the Address Message and Header Factories.

 */

public static SipFactory sipFactory;

/**

 * The AddressFactory used to create URLs ans Address objects.

 */

public static AddressFactory addressFactory;

/**

 * The HeaderFactory used to create SIP message headers.

 */

public static HeaderFactory headerFactory;

/**

 * The Message Factory used to create SIP messages.

 */

public static MessageFactory messageFactory;

static {


try {



sipFactory = SipFactory.getInstance();



sipFactory.setPathName("gov.nist");



headerFactory = sipFactory.createHeaderFactory();



addressFactory = sipFactory.createAddressFactory();



messageFactory = sipFactory.createMessageFactory();



StringMsgParser.setComputeContentLengthFromMessage(true);


} catch (PeerUnavailableException pue) {



pue.printStackTrace();


}

}

/**

 * The sipStack instance that handles SIP communications.

 */

private SipStack sipStack;

/**

 * The sipProvider chooser, that decides what SipProvider to use.

 */

private SipSwitcher sipSwitcher;

/**

 * The sipProvider instance that handles sending messages statelessly.

 */

private MessageProcessor messageProcessor;

/**

 * manager for the status of the user agent and its calls.

 */

private MessengerManager messengerManager;

private boolean STARTED = false;

public MessageListener(MessengerManager sipMeetingManager) {


this.messengerManager = sipMeetingManager;

}

public SipStack getSipStack() {


return sipStack;

}

public SipSwitcher getSipSwitcher() {


return sipSwitcher;

}

public MessageProcessor getMessageProcessor() {


return messageProcessor;

}

public MessengerManager getMessengerManager() {


return messengerManager;

}

/** ***************************************************************************** */

/** ************************ ************************* */

/** ************************ SIP LISTENER METHODS ************************* */

/** ************************ ************************* */

/** ***************************************************************************** */

public void processDialogTerminated(DialogTerminatedEvent arg0) {


// TODO Auto-generated method stub

}

public void processIOException(IOExceptionEvent ioEx) {


DebugIM.println("IOException received: " + ioEx);

}

public void processRequest(RequestEvent requestEvent) {


// Retrieve the ListeningPoint that the request was received through


SipProvider provider = (SipProviderImpl) requestEvent.getSource();


ServerTransaction serverTransaction = requestEvent.getServerTransaction();


Request request = requestEvent.getRequest();


if (!request.getMethod().equals(Request.MESSAGE))



DebugIM.println("\nreceived request : " + request);


else



DebugIM.println("\nreceived request : " + request.getMethod());


if (serverTransaction == null) {



try {




serverTransaction = provider.getNewServerTransaction(request);



} catch (TransactionAlreadyExistsException ex) {




ex.printStackTrace();




return;



} catch (TransactionUnavailableException ex) {




ex.printStackTrace();




return;



}


}


try {



Dialog dialog = null;



String method = request.getMethod();



if (method.equals(Request.INVITE) || method.equals(Request.SUBSCRIBE)) {




dialog = requestEvent.getDialog();




if (dialog == null) {





dialog = provider.getNewDialog(serverTransaction);




}



}



// INVITE



if (method.equals(Request.INVITE)) {




if (dialog.getState() == null) {





messageProcessor.processInvite(serverTransaction, request, (SIPDialog) dialog);




} else {





System.out.println("This INVITE is a retransmission we dropped it : " + request.toString());




}



}



// ACK



else if (method.equals(Request.ACK)) {




if (serverTransaction != null) {





messageProcessor.processAck(serverTransaction, request);




} else {





// just ignore





System.out.println("ignoring ack");




}



}



// BYE



else if (method.equals(Request.BYE)) {




messageProcessor.processBye(serverTransaction, request);



}



// CANCEL



else if (method.equals(Request.CANCEL)) {




messageProcessor.processCancel(serverTransaction, request);



}



// MESSAGE



else if (method.equals(Request.MESSAGE)) {




messageProcessor.processMessage(serverTransaction, request);



}



// SUBSCRIBE



else if (method.equals(Request.SUBSCRIBE)) {




messageProcessor.processSubscribe(serverTransaction, request, (SIPDialog) dialog);



}



// NOTIFY



else if (method.equals(Request.NOTIFY)) {




messageProcessor.processNotify(serverTransaction, request);



}



// REFER



else if (method.equals(Request.REFER)) {




messageProcessor.processRefer(serverTransaction, request);



}


} catch (Exception ex) {



ex.printStackTrace();


}

}

public void processResponse(ResponseEvent responseEvent) {


SipProvider provider = (SipProviderImpl) responseEvent.getSource();


ClientTransaction clientTransaction = responseEvent.getClientTransaction();


Response response = responseEvent.getResponse();


String method = ((CSeqHeader) response.getHeader(CSeqHeader.NAME)).getMethod();


if (method.equals(Request.MESSAGE))



DebugIM.println("\nreceived MESSEGE response : " + response.getStatusCode() + " " + response.getReasonPhrase());


else



DebugIM.println("\nreceived response : " + response);


if (clientTransaction == null) {



DebugIM.println("ignoring a transactionless response");



return;


}


try {



// OK



if (response.getStatusCode() == Response.OK) {




// REGISTER




if (method.equals(Request.REGISTER)) {





messageProcessor.processRegisterOK(clientTransaction, response);




}




// INVITE




else if (method.equals(Request.INVITE)) {





messageProcessor.processInviteOK(clientTransaction, response);




} // BYE




else if (method.equals(Request.BYE)) {





messageProcessor.processByeOK(clientTransaction, response);




} // CANCEL




else if (method.equals(Request.CANCEL)) {





messageProcessor.processCancelOK(clientTransaction, response);




} // MESSAGE




else if (method.equals(Request.MESSAGE)) {





messageProcessor.processMessageOK(clientTransaction, response);




}




// SUBSCRIBE




else if (method.equals(Request.SUBSCRIBE)) {





messageProcessor.processSubscribeOK(clientTransaction, response);




}



}



// TRYING



else if (response.getStatusCode() == Response.TRYING) {




if (method.equals(Request.INVITE)) {





messageProcessor.processTrying(clientTransaction, response);




}




// We could also receive a TRYING response to a REGISTER req




else if (method.equals(Request.REGISTER)) {





// do nothing




}



}



// RINGING



else if (response.getStatusCode() == Response.RINGING) {




if (method.equals(Request.INVITE)) {





messageProcessor.processRinging(clientTransaction, response);




}



}



// SUBSCRIBE ACCEPTED



else if (response.getStatusCode() == Response.ACCEPTED) {




if (method.equals(Request.SUBSCRIBE)) {





messageProcessor.processSubscribeAccepted(clientTransaction, response);




}



}



// NOT_FOUND



else if (response.getStatusCode() == Response.NOT_FOUND) {




if (method.equals(Request.INVITE)) {





messageProcessor.processNotFound(clientTransaction, response);




}



}



// NOT_IMPLEMENTED



else if (response.getStatusCode() == Response.NOT_IMPLEMENTED) {




if (method.equals(Request.INVITE)) {





messageProcessor.processNotImplemented(clientTransaction, response);




} else if (method.equals(Request.REGISTER)) {





messageProcessor.processNotImplemented(clientTransaction, response);




} else {





DebugIM.println("Unknow message received : " + response);




}



}



// REQUEST_TERMINATED



else if (response.getStatusCode() == Response.REQUEST_TERMINATED) {




messageProcessor.processRequestTerminated(clientTransaction, response);



}



// BUSY_HERE



else if (response.getStatusCode() == Response.BUSY_HERE) {




if (method.equals(Request.INVITE)) {





messageProcessor.processBusyHere(clientTransaction, response);




}



}



// 407 PROXY_AUTHENTICATION_REQUIRED & 401 UNAUTHORIZED



else if (response.getStatusCode() == Response.PROXY_AUTHENTICATION_REQUIRED || response.getStatusCode() == Response.UNAUTHORIZED) {




if (method.equals(Request.REGISTER) || method.equals(Request.BYE) || method.equals(Request.INVITE) || method.equals(Request.OPTIONS)) {





messengerManager.registerStatus.setRegisterTransaction(clientTransaction);





messengerManager.registerStatus.setRegisterResponse(response);





messageProcessor.processProxyAuthenticationRequired(clientTransaction, response);




}



}



// 405 METHOD NOT ALLOWED



else if (response.getStatusCode() == Response.METHOD_NOT_ALLOWED) {




messageProcessor.processMethodNotAllowed(clientTransaction, response);



}



// TEMPORARY_UNAVAILABLE



else if (response.getStatusCode() == Response.TEMPORARILY_UNAVAILABLE) {




if (method.equals(Request.INVITE) || method.equals(Request.MESSAGE)) {





messageProcessor.processUnavailable(clientTransaction, response);




}



}



// 503 service unavailable.



else if (response.getStatusCode() == Response.SERVICE_UNAVAILABLE) {




messageProcessor.processUnavailable(clientTransaction, response);



}



// remaining responses



else {




// messageProcessor.processUnavailable(clientTransaction,




// response);



}


} catch (Exception ex) {



ex.printStackTrace();


}

}

public void processTimeout(TimeoutEvent timeoutEvent) {


Transaction transaction;


if (timeoutEvent.isServerTransaction()) {



transaction = timeoutEvent.getServerTransaction();



Request request = ((ServerTransaction) transaction).getRequest();



DebugIM.println("Timeout event received on this request : " + request);



// if ((request.getMethod().equals(Request.MESSAGE))) {



// messageProcessor.processTimedOutMessage(request);



// } else if (request.getMethod().equals(Request.REGISTER)) {



// messageProcessor.processTimedOutRegister(request);



// } else



if (request.getMethod().equals(Request.INVITE)) {




messageProcessor.processTimedOutInviteOK(request);



}



// else {



// System.out.println("TimeOut received," + request);



// }


} else {



transaction = timeoutEvent.getClientTransaction();



Request request = ((ClientTransaction) transaction).getRequest();



DebugIM.println("Timeout event received on this request : " + request);



if ((request.getMethod().equals(Request.MESSAGE))) {




messageProcessor.processTimedOutMessage(request);



} else if (request.getMethod().equals(Request.REGISTER)) {




messageProcessor.processTimedOutRegister(request);



} else if (request.getMethod().equals(Request.INVITE)) {




messageProcessor.processTimedOutInvite(request);



} else if (request.getMethod().equals(Request.BYE)) {




messageProcessor.processTimedOutBye(request);



} else {




System.out.println("TimeOut received," + request);



}


}


// request.removeContent();


// Request newRequest = (Request) request.clone();


// newRequest.removeContent();

}

public void processTransactionTerminated(TransactionTerminatedEvent tranactionEvt) {

}

/** ***************************************************************************** */

/** ************************ ************************* */

/**

 * ************************ NETWORK HANDLER METHODS *************************

 */

/** ************************ ************************* */

/** ***************************************************************************** */

public void providersModified(LinkedList<SipProvider> provider) {


Contact localUser = messengerManager.getLocalUser();


LinkedList addressList = (LinkedList) localUser.getContactAddresses().clone();


for (int i = 0; i < provider.size(); i++) {



SipProvider currentProvider = provider.get(i);



ListeningPoint[] lps = currentProvider.getListeningPoints();



for (int j = 0; j < lps.length; j++) {




ListeningPoint lp = lps[j];




try {





SipURI contact = MessageListener.addressFactory.createSipURI(null, lp.getIPAddress());





contact.setPort(lp.getPort());





contact.setTransportParam(lp.getTransport());





if (!localUser.containsAddress(contact)) {






// New Contact Added






localUser.addContactAddress(contact);





} else {






addressList.remove(contact);





}




} catch (ParseException e) {





e.printStackTrace();




}



}


}


if (STARTED){



messengerManager.getPresentityManager().subscribeAllContacts(Settings.REGISTRATION_EXPIRES);



messengerManager.getPresentityManager().repairActiveCalls();


}


// remove remaining


for (int i = 0; i < addressList.size(); i++) {



localUser.removeContactAddress((SipURI) addressList.get(i));


}


messengerManager.getPresentityManager().updateAllContactStatus();

}

/**

 * Send REFER to given provider to all subscribers in the list and they have to make sure this provider is used to send data to us

 */

public void providerBecameUnavailabe(SipProvider provider) {


messengerManager.getPresentityManager().updateAllContactStatus();

}

public void providerBecameAvailable(SipProvider provider) {


messengerManager.getPresentityManager().repairActiveCalls();


messengerManager.getPresentityManager().updateAllContactStatus();

}

public void allProvidersUnavailable() {


messengerManager.getPresentityManager().updateAllContactStatus();


TrayIcon tray = messengerManager.getGuiHandle().getSystemTray();


tray.displayMessage("All network interfaces unavailable!", "There are no reachable selected network interfaces!", TrayIcon.MessageType.ERROR);

}

public void switchToProvider(ListeningPoint newPoint){


Vector<Call> calls = messengerManager.getPresentityManager().getActiveCalls();


for(int i=0;i<calls.size();i++){



Call call=calls.get(i);



if(call instanceof AudioCall){




((AudioCall)call).getMediaManager().localSwitchTo(newPoint.getIPAddress());



}


}

}

/**

 * Reset the outbound proxy with the new values

 */

public void resetOutBoundProxy() {


if (sipStack != null && sipStack.getRouter() != null && sipStack.getRouter().getOutboundProxy() != null) {



MyHop messengerHop = (MyHop) sipStack.getRouter().getOutboundProxy();



messengerHop.setHost(Settings.OUTBOUND_PROXY);



messengerHop.setPort(Settings.OUTBOUND_PROXY_PORT);



messengerHop.setTransport(Settings.SIP_SIGNALING_TRANSPORT);


}

}

/**

 * LISTENER MANAGEMENT

 */

public void start() throws Exception {


// Create SipStack object


Properties properties = new Properties();


properties.setProperty("gov.nist.javax.sip.ACCESS_LOG_VIA_RMI", "" + Settings.ACCESS_LOG_VIA_RMI);


properties.setProperty("gov.nist.javax.sip.RMI_PORT", Settings.LOG_RMI_PORT);


properties.setProperty("gov.nist.javax.sip.LOG_LIFETIME", Settings.LOG_LIFE_TIME);


properties.setProperty("gov.nist.javax.sip.BAD_MESSAGE_LOG", Settings.BAD_MESSAGE_LOG);


properties.setProperty("gov.nist.javax.sip.DEBUG_LOG", Settings.DEBUG_LOG);


properties.setProperty("gov.nist.javax.sip.SERVER_LOG", Settings.SERVER_LOG);


properties.setProperty("gov.nist.javax.sip.THREAD_POOL_SIZE", Settings.THREAD_POOL_SIZE);


properties.setProperty("gov.nist.javax.sip.MAX_CONNECTIONS", Settings.MAX_CONNECTIONS);


properties.setProperty("javax.sip.RETRANSMISSON_FILTER", Settings.RETRANSMISSION_FILTER);


properties.setProperty("gov.nist.javax.sip.TRACE_LEVEL", "0");


properties.setProperty("javax.sip.STACK_NAME", Settings.STACK_NAME);


properties.setProperty("javax.sip.AUTOMATIC_DIALOG_SUPPORT", "OFF"); // TODO:WARNING:


properties.setProperty("gov.nist.javax.sip.DELIVER_UNSOLICITED_NOTIFY", "true");


properties.setProperty("gov.nist.javax.sip.NETWORK_LAYER", Settings.NETWORK_LAYER); // TODO:WARNING:


if (Settings.OUTBOUND_PROXY != null && Settings.OUTBOUND_PROXY_PORT > 0 && Settings.SIP_SIGNALING_TRANSPORT != null) {



properties.setProperty("javax.sip.OUTBOUND_PROXY", Settings.OUTBOUND_PROXY + ":" + Settings.OUTBOUND_PROXY_PORT + "/" + Settings.SIP_SIGNALING_TRANSPORT);



DebugIM.println("DebugIM, the outbound proxy is set to: " + Settings.OUTBOUND_PROXY + ":" + Settings.OUTBOUND_PROXY_PORT + "/" + Settings.SIP_SIGNALING_TRANSPORT);


} else



DebugIM.println("WARNING, the outbound proxy is not set!");


if (Settings.ROUTER_PATH != null)



properties.setProperty("javax.sip.ROUTER_PATH", Settings.ROUTER_PATH);


else



DebugIM.println("WARNING, the router class is not set!");


// ResetFactory takes more time but ensures all properties updated


sipFactory.resetFactory();


sipStack = sipFactory.createSipStack(properties);


sipSwitcher = new SipSwitcher(sipStack, this);


messageProcessor = new MessageProcessor(messengerManager);


// We create the Listening points:


if (Settings.SIP_LISTENER_PORT == -1)



throw new Exception("ERROR, the stack port is not set");


if (Settings.SIP_SIGNALING_TRANSPORT == null)



throw new Exception("ERROR, the stack transport is not set");


// Create Listening Point for each selected network interface


for (int i = 0; i < Settings.netInterfaceInfo.getSelectedNetInterfaces().size(); i++) {



sipSwitcher.createSipProvider(Settings.netInterfaceInfo.getSelectedNetInterfaces().get(i));


}


sipStack.start();


// sipSwitcher.start();


STARTED = true;


messengerManager.setListenerStarted(STARTED);


DebugIM.println("DebugIM, Instant Messaging user agent ready to work");

}

public void stop() {


try {



STARTED = false;



messengerManager.setListenerStarted(STARTED);



sipSwitcher.stop();



sipStack.stop();


} catch (Exception e) {



e.printStackTrace();


}

}
}
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public class MessageProcessor {

/**

 * The MessageListener used to handle incoming messages

 */

private MessageListener messageListener;

private MessengerManager messengerManager;

private VoiceMessagingTask voiceMessagingTask;

private VoicePlayer voicePlayer = null;

// private CallManager callManager;

class VoiceMessagingTask implements Runnable {


Thread voiceMessagingThread = null;


Contact contactAddress = null;


protected static final String STARTED = "Started";


protected static final String STOPPED = "Stopped";


String state = STOPPED;


public VoiceMessagingTask(Contact contactAddress) {



this.contactAddress = contactAddress;


}


public synchronized void start() {



{




voiceMessagingThread = new Thread(this);



}



if (state == STOPPED) {




state = STARTED;




voiceMessagingThread.start();



}


}


public synchronized void stop() {



state = STOPPED;



voiceMessagingThread = null;


}


public String getState() {



return state;


}


public void run() {



while (state.equals(STARTED)) {




try {





byte[] buffer = VoiceRecorder.getInstance().getRecord();





if (buffer != null && buffer.length > 0)






messengerManager.sendVoiceMessage(contactAddress, buffer);





Thread.sleep(Settings.LATENCY4VOICE);




} catch (Exception ex) {





ex.printStackTrace();




}



}


}

}

/**

 * 

 */

public void startVoiceMessagingSchedule(Contact callee) {


// schedule to send the voice messages every 2 sec.


VoiceRecorder vr = VoiceRecorder.getInstance();


vr.initialize();


vr.start();


if (voiceMessagingTask == null) {



voiceMessagingTask = new VoiceMessagingTask(callee);


}


if (voiceMessagingTask.getState().equals(VoiceMessagingTask.STOPPED))



voiceMessagingTask.start();

}

/**

 * 

 */

public void stopVoiceMessagingSchedule() {


// Stop the voice messages schedule and the voiceRecorder


if (voiceMessagingTask != null) {



voiceMessagingTask.stop();


}


VoiceRecorder.getInstance().stop();


if (!VoiceRecorder.isClosed())



VoiceRecorder.getInstance().close();

}

/**

 * Creates a new instance of MessageProcessor

 * 

 * @param callListener -

 *            the sip Listener used to handle incoming messages

 */

public MessageProcessor(MessengerManager messengerManager) {


voicePlayer = new VoicePlayer();


this.messageListener = messengerManager.getMessageListener();


this.messengerManager = messengerManager;

}

/** ******************************************************************* */

/*                                                                    */

/* Handling request messages */

/*                                                                    */

/** ******************************************************************* */

/**

 * Process the INVITE received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param invite -

 *            the request

 */

public void processInvite(ServerTransaction serverTransaction, Request invite, SIPDialog dialog) {


// Strip out the callee


TrayIcon tray = messengerManager.getGuiHandle().getSystemTray();


SipURI callerURI = (SipURI) ((FromHeader) invite.getHeader(FromHeader.NAME)).getAddress().getURI();


String caller = callerURI.getUser() + "@" + callerURI.getHost();


Contact localUser = messengerManager.getLocalUser();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(caller);


if (localUser.getRecordAddress().equals(caller)) {



String message = "You received a call from user with same URI as your";



if (tray != null) {




tray.displayMessage("Wrong contact!", message, TrayIcon.MessageType.ERROR);



}



DebugIM.println(message);



return;


}


Call call = null;


boolean sipVoiceMessaging = false;


boolean sdpVoiceMessaging = false;


boolean fileMessaging = false;


boolean textMessaging = false;


ContentTypeHeader contentTypeHeader = (ContentTypeHeader) invite.getHeader(ContentTypeHeader.NAME);


if (contentTypeHeader == null) {



ListIterator acceptHeaderList = invite.getHeaders(AcceptHeader.NAME);



while (acceptHeaderList.hasNext() && !sipVoiceMessaging) {




AcceptHeader acceptHeader = (AcceptHeader) acceptHeaderList.next();




if (acceptHeader.getContentType().equalsIgnoreCase("audio"))





sipVoiceMessaging = true;




else if (acceptHeader.getContentType().equalsIgnoreCase("text"))





textMessaging = true;



}


} else {



String type = contentTypeHeader.getContentType();



String subType = contentTypeHeader.getContentSubType();



if (type.equalsIgnoreCase("application") && subType.equalsIgnoreCase("sdp")) {




sdpVoiceMessaging = true;



}



else if (type.equalsIgnoreCase("file") && subType.equalsIgnoreCase("audio")) {




fileMessaging = true;



}


}


try {



Response ringing = MessageListener.messageFactory.createResponse(Response.RINGING, invite);



DebugIM.println("send response : " + ringing);



serverTransaction.sendResponse(ringing);



if (sipVoiceMessaging || sdpVoiceMessaging||fileMessaging) {




call = remoteUser.getAudioCall();




if (call != null && call.isServer()) {





remoteUser.removeCall(call, false);




}




if (messengerManager.getPresentityManager().isAlreadyInAudioCall(caller)) {





Response busyHere = MessageListener.messageFactory.createResponse(Response.BUSY_HERE, invite);





// If the user has put an URL for the BUSY we add it in the





// CALL-Info





if (Settings.HTTP_BUSY != null) {






CallInfoHeader callInfoHeader = MessageListener.headerFactory.createCallInfoHeader(MessageListener.addressFactory.createURI(Settings.HTTP_BUSY));






busyHere.addHeader(callInfoHeader);





}





if (tray != null) {






tray.displayMessage("Another call icoming", "The user " + caller + " calls you, but call is rejected. You are busy.", TrayIcon.MessageType.INFO);





}





DebugIM.println("send response : " + busyHere.toString());





serverTransaction.sendResponse(busyHere);





return;




}




if (call == null) {





call = new AudioCall(remoteUser, messengerManager);




}




((AudioCall) call).setSipVoiceMesaging(sipVoiceMessaging);



} else if (textMessaging) {




call = remoteUser.getIMCall();




if (call != null && call.isServer()) {





remoteUser.removeCall(call, true);




}




if (call == null) {





call = new IMCall(remoteUser);




}



}



ListeningPoint lp = dialog.getSipProvider().getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);



SipURI remoteTarget = (SipURI) dialog.getRemoteTarget().getURI();



String key = Utils.getDialogKey(remoteTarget, lp);



call.addDialog(key, dialog);



call.pushTansaction(serverTransaction);



call.setStatus(Call.INCOMING_CALL);



call.setMessage("The user " + caller + " is calling to you");



ChatFrame frame = remoteUser.getNewChatFrame(false);



if (call.isInitialInvite() && (call instanceof AudioCall)) {




messengerManager.notifyObserversNewCallStatus(call);



} else {




boolean answer = false;




answer = frame.isAnswerTocall();




if (answer || textMessaging)





messengerManager.answerCall(call);




else {





messengerManager.sendBusy(call);




}



}


} catch (SipException se) {



se.printStackTrace();


} catch (ParseException pe) {



pe.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Process the BYE received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param bye -

 *            the bye request

 */

public void processBye(ServerTransaction serverTransaction, Request bye) {


// Strip out the callee


String callId = ((CallID) bye.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((FromHeader) bye.getHeader(FromHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processBye() - cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processBye() -  cannot find call by CallID " + callId);



return;


}


// Send OK


try {



Response ok = MessageListener.messageFactory.createResponse(Response.OK, bye);



serverTransaction.sendResponse(ok);



call.setReceivedBye(true);



if (call instanceof AudioCall) {




AudioCall audioCall = (AudioCall) call;




audioCall.setStatus(Call.NOT_IN_A_CALL);




audioCall.setMessage("Call ended");




messengerManager.notifyObserversNewCallStatus(audioCall);




// Remove the call




remoteUser.removeCall(audioCall, false);



} else if (call instanceof IMCall) {




IMCall imCall = (IMCall) call;




// Remove the call




remoteUser.removeCall(imCall, true);



}


} catch (SipException se) {



se.printStackTrace();


} catch (ParseException pe) {



pe.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Process the CANCEL received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param cancel -

 *            the cancel request

 */

public void processCancel(ServerTransaction serverTransaction, Request cancel) {


// Strip out the callee


String callId = ((CallID) cancel.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((FromHeader) cancel.getHeader(FromHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processCancel() - cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processCancel() -  cannot find call by CallID " + callId);



return;


}


// Send OK


try {



Response ok = MessageListener.messageFactory.createResponse(Response.OK, cancel);



serverTransaction.sendResponse(ok);



call.setStatus(Call.CANCEL);



messengerManager.notifyObserversNewCallStatus(call);



remoteUser.removeCall(call, true);


} catch (SipException se) {



se.printStackTrace();


} catch (ParseException pe) {



pe.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Process the ACK received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param ack -

 *            the ack request

 */

public void processAck(ServerTransaction serverTransaction, Request ack) {


// Strip out the callee


String callId = ((CallID) ack.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((FromHeader) ack.getHeader(FromHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processAck() - cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processAck() - cannot find call by CallID " + callId);



return;


}


call.setStatus(Call.IN_A_CALL);


messengerManager.notifyObserversNewCallStatus(call);


if (call instanceof AudioCall) {



if (!((AudioCall) call).isSIPVoiceMessaging())




((AudioCall) call).getMediaManager().startMediaSession(false);



else




startVoiceMessagingSchedule(remoteUser);


}

}

/**

 * Process the MESSAGE received request. MESSAGE may be handled statefully

 * or statelessly.

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param message -

 *            the request

 */

public void processMessage(ServerTransaction serverTrans, Request message) {


try {



SipProvider provider = messageListener.getSipSwitcher().getSipProvider();



serverTrans = serverTrans == null ? provider.getNewServerTransaction(message) : serverTrans;


} catch (TransactionAlreadyExistsException ex) {



ex.printStackTrace();



return;


} catch (TransactionUnavailableException ex) {



ex.printStackTrace();



return;


} catch (HostUnavailableException ex) {



DebugIM.println(ex.getMessage());



return;


}


// Send OK


try {



// Strip out the callee



SipURI calleeURI = (SipURI) ((FromHeader) message.getHeader(FromHeader.NAME)).getAddress().getURI();



String callee = calleeURI.getUser() + "@" + calleeURI.getHost();



Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);



// Getting the sdp body for creating the response



// This sdp body will present what codec has been chosen



// and on which port every media will be received



ContentTypeHeader contentTypeHeader = (ContentTypeHeader) message.getHeader(ContentTypeHeader.NAME);



if (contentTypeHeader == null || contentTypeHeader.getContentType() == null || contentTypeHeader.getContentSubType() == null)




return;



String type = contentTypeHeader.getContentType();



String subType = contentTypeHeader.getContentSubType();



// If we have a voice messaging plays it



if (type.equals("audio")) {




if (subType.equals("x-gsm") || subType.equals("gsm")) {





ToHeader toHeader = (ToHeader) message.getHeader(ToHeader.NAME);





if (toHeader.getTag() == null)






toHeader.setTag(new Integer((int) (Math.random() * 10000)).toString());





byte[] voiceMessage = message.getRawContent();





voicePlayer.initialize(voiceMessage);





voicePlayer.play();





message.removeContent();





Response ok = MessageListener.messageFactory.createResponse(Response.OK, message);





serverTrans.sendResponse(ok);




} else {





DebugIM.println("Cannot handle this codec " + contentTypeHeader.getContentSubType());




}



} else if (type.equals("text") && subType.equals("plain")) {




ToHeader toHeader = (ToHeader) message.getHeader(ToHeader.NAME);




if (toHeader.getTag() == null) {





toHeader.setTag(new Integer((int) (Math.random() * 10000)).toString());





IMCall imcall = remoteUser.getIMCall();





if (imcall == null) {






DebugIM.println("MessegeProcessor.processMessage() cannot find IMCall for " + callee);





}




}




String content = new String(message.getRawContent());




message.removeContent();




Response ok = MessageListener.messageFactory.createResponse(Response.OK, message);




serverTrans.sendResponse(ok);




messengerManager.notifyObserversIMReceived(content, remoteUser);



} else {




// send a Not Acceptable here message.




message.removeContent();




Response notok = MessageListener.messageFactory.createResponse(Response.NOT_ACCEPTABLE, message);




serverTrans.sendResponse(notok);




DebugIM.println("Cannot handle this content Type " + contentTypeHeader);



}


} catch (SipException se) {



se.printStackTrace();


} catch (ParseException pe) {



pe.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Process the SUBSCRIBE received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param subscribe -

 *            the request

 */

public void processSubscribe(ServerTransaction serverTransaction, Request subscribe, SIPDialog dialog) {


ExpiresHeader expiresHead = (ExpiresHeader) subscribe.getHeader(ExpiresHeader.NAME);


// Check if user unsubscribed


if (expiresHead != null && expiresHead.getExpires() == 0) {



// DebugIM.println("processSubscribe() Expires=0 returning");



return;


}


// Strip out the callee


SipURI calleeURI = (SipURI) ((FromHeader) subscribe.getHeader(FromHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


// Subscriber localUser=messengerManager.getLocalUser();


if (remoteUser == null) {



remoteUser = new Contact(callee, messengerManager);


}


LinkedList<SipURI> oldAddressList = remoteUser.getContactAddresses();


LinkedList oldAddressListClone = (LinkedList) oldAddressList.clone();


// Get remote contacts from contact header


ListIterator<gov.nist.javax.sip.header.Contact> contactList = subscribe.getHeaders(ContactHeader.NAME);


while (contactList.hasNext()) {



SipURI contact = (SipURI) contactList.next().getAddress().getURI();



if (contact.isSipURI()) {




if (!remoteUser.containsAddress(contact)) {





// New Contact Added





remoteUser.addContactAddress(contact);




} else {





// Allready in the list do nothing





oldAddressListClone.remove(contact);




}



}


}


// remove remaining


for (int i = 0; i < oldAddressListClone.size(); i++) {



remoteUser.removeContactAddress((SipURI) oldAddressListClone.get(i));


}


// Push the Dialog


remoteUser.pushDialog(dialog);


remoteUser.repairActiveCalls();


if (expiresHead != null && expiresHead.getExpires() > 0) {



messengerManager.notifySubscribe(remoteUser);



// make sure that remote user has our contacts



if (remoteUser.getStatus().equalsIgnoreCase("offline")) {




messengerManager.sendSubscribe(remoteUser, 1000);



}


}

}

/**

 * Process the NOTIFY received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param notify -

 *            the request

 */

public void processNotify(ServerTransaction serverTransaction, Request notify) {


// Send OK


try {



Response ok = MessageListener.messageFactory.createResponse(Response.OK, notify);



ToHeader toHeader = (ToHeader) notify.getHeader(ToHeader.NAME);



if (toHeader.getTag() == null)




toHeader.setTag(new Integer((int) (Math.random() * 10000)).toString());



serverTransaction.sendResponse(ok);



// Strip out the callee



SipURI calleeURI = (SipURI) ((FromHeader) notify.getHeader(FromHeader.NAME)).getAddress().getURI();



String callee = calleeURI.getUser() + "@" + calleeURI.getHost();



ContentTypeHeader contentTypeHeader = (ContentTypeHeader) notify.getHeader(ContentTypeHeader.NAME);



if (contentTypeHeader != null) {




String xmlType = contentTypeHeader.getContentSubType();




if (xmlType.equals("xpidf+xml")) {





String pidfContent = new String(notify.getRawContent());





int endDocIndex = pidfContent.indexOf("<presence>");





pidfContent = pidfContent.substring(endDocIndex);





XMLpidfParser pidfParser = new XMLpidfParser();





pidfParser.parsePidfString(pidfContent);





PresenceTag presenceTag = pidfParser.getPresenceTag();





// presenceTag.setAddress(presenceTag.getPresentityTag().getURI());





messengerManager.notifyPresence(presenceTag);




}



}


} catch (SipException se) {



se.printStackTrace();


} catch (ParseException pe) {



pe.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Process the REFER received request

 * 

 * @param serverTransaction -

 *            the server transaction associated with the request

 * @param notify -

 *            the request

 */

public void processRefer(ServerTransaction serverTransaction, Request refer) {

}

/**

 * After a

 * 

 * @param clientTransaction

 * @param response

 */

public void processRequestTerminated(ClientTransaction clientTransaction, Response response) {

}

/** ******************************************************************* */

/*                                                                    */

/* Handling response messages */

/*                                                                    */

/** ******************************************************************* */

/**

 * Process the Not found received response

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param notFound -

 *            the not found response

 */

public void processNotFound(ClientTransaction clientTransaction, Response notFound) {

}

/**

 * Process the Not Implemented received response

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param notImplemented -

 *            the not found response

 */

public void processNotImplemented(ClientTransaction clientTransaction, Response notImplemented) {

}

/**

 * Process the OK received response for a MESSAGE

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param cancelOK -

 *            the OK received response for a MESSAGE

 */

public void processMessageOK(ClientTransaction clientTransaction, Response messageOK) {


SipURI calleeURI = (SipURI) ((ToHeader) messageOK.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if(remoteUser==null){



DebugIM.println("processMessageOK() - cannot find remoteUser for "+callee);


}


// Getting the sdp body for creating the response


// This sdp body will present what codec has been chosen


// and on which port every media will be received


ContentTypeHeader contentTypeHeader = (ContentTypeHeader) messageOK.getHeader(ContentTypeHeader.NAME);


if (contentTypeHeader == null || contentTypeHeader.getContentType() == null || contentTypeHeader.getContentSubType() == null)



return;


String type = contentTypeHeader.getContentType();


String subType = contentTypeHeader.getContentSubType();

}

/**

 * Process the OK received response for a REGISTER

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param registerOK -

 *            the OK received response for a REGISTER

 */

public void processRegisterOK(ClientTransaction clientTransaction, Response registerOK) {


// FromHeader fromHeader = ((FromHeader)


// registerOK.getHeader(FromHeader.NAME));


// Address address = fromHeader.getAddress();


ExpiresHeader expires = clientTransaction.getRequest().getExpires();


if (expires != null && expires.getExpires() == 0) {



messageListener.getMessengerManager().setRegisterStatus(RegisterStatus.NOT_REGISTERED, "Unregistered succesfully!");


} else {



messageListener.getMessengerManager().setRegisterStatus(RegisterStatus.REGISTERED, "Registered succesfully!");


}

}

/**

 * Process the OK received response for a BYE

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param byeOK -

 *            the OK received response for a BYE

 */

public void processByeOK(ClientTransaction clientTransaction, Response byeOK) {


String callId = ((CallID) byeOK.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) byeOK.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processByeOK()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processByeOK()  cannot find call by CallID " + callId);



return;


}


call.setStatus(Call.NOT_IN_A_CALL);


call.setMessage("Call ended");


remoteUser.removeCall(call, true);


messengerManager.notifyObserversNewCallStatus(call);

}

/**

 * Process the OK received response for a CANCEL

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param cancelOK -

 *            the OK received response for a CANCEL

 */

public void processCancelOK(ClientTransaction clientTransaction, Response cancelOK) {


String callId = ((CallID) cancelOK.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) cancelOK.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processCancelOK()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processCancelOK()  cannot find call by CallID " + callId);



return;


}


call.setStatus(Call.NOT_IN_A_CALL);


messengerManager.notifyObserversNewCallStatus(call);


remoteUser.removeCall(call, true);

}

/**

 * Process the OK received response for a INVITE

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param inviteOK -

 *            the OK received response for a INVITE

 */

public void processInviteOK(ClientTransaction clientTransaction, final Response inviteOK) {


String callId = ((CallID) inviteOK.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) inviteOK.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processInviteOK()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processInviteOK()  cannot find call by CallID " + callId);



return;


}


Dialog dialog = clientTransaction.getDialog();


if (dialog == null) {



DebugIM.println("processInviteOK(): cannot get dialog - clientTransaction.getDialog()");



return;


}


Request ack = null;


try {



ack = dialog.createAck(((CSeq) inviteOK.getHeader(CSeqHeader.NAME)).getSeqNumber());



DebugIM.println("Sending ACK : \n" + ack.toString());



try {




// Send ACK




dialog.sendAck(ack);



} catch (SipException ex) {




DebugIM.println("Could not send out the ACK request! ");




ex.printStackTrace();




return;



}


} catch (SipException ex) {



ex.printStackTrace();



return;


} catch (InvalidArgumentException ex) {



// TODO Auto-generated catch block



ex.printStackTrace();



return;


}


call.setStatus(Call.IN_A_CALL);


messengerManager.notifyObserversNewCallStatus(call);


if (call instanceof AudioCall) {



ContentTypeHeader contentTypeHeader = (ContentTypeHeader) inviteOK.getHeader(ContentTypeHeader.NAME);



// no content type header means other end does not support sdp.



if (contentTypeHeader != null) {




String type = contentTypeHeader.getContentType();




String subType = contentTypeHeader.getContentSubType();




// DebugIM.println("the other end answer us with "+subType);




if (type.equals("application") && subType.equals("sdp")) {





// Start the media session





final MediaManager mediaManager = ((AudioCall) call).getMediaManager();





if (!mediaManager.isCreated()) {






((AudioCall) call).setSipVoiceMesaging(false);






final AudioCall audioCall = (AudioCall) call;






new Thread() {







public void run() {








mediaManager.createMediaSession(new String(inviteOK.getRawContent()),messengerManager.getLocalUser(),true);








audioCall.getMediaManager().startMediaSession(true);







}






}.start();





}




}




else if (type.equals("file") && subType.equals("audio")) {





((AudioCall) call).setSipVoiceMesaging(false);





((AudioCall) call).getMediaManager().startMediaSession(true);




}



} else {




// else start the media messaging session.




boolean acceptVoice = false;




ListIterator it = inviteOK.getHeaders(AcceptHeader.NAME);




synchronized (it) {





while (it.hasNext()) {






AcceptHeader next = (AcceptHeader) it.next();






if (next.getContentType().equals("audio")) {







acceptVoice = true;







break;






}






ack.addHeader(next);





}




}




if (acceptVoice) {





((AudioCall) call).setSipVoiceMesaging(true);





// schedule to send the voice messages every 2 sec.





startVoiceMessagingSchedule(remoteUser);




}



}


}

}

/**

 * Process the OK received response for a SUBSCRIBE

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param cancelOK -

 *            the OK received response for a MESSAGE

 */

public void processSubscribeOK(ClientTransaction clientTransaction, Response subscribeOK) {


messengerManager.presenceAllowed = true;

}

/**

 * Process the OK received response for a SUBSCRIBE

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param cancelOK -

 *            the OK received response for a MESSAGE

 */

public void processSubscribeAccepted(ClientTransaction clientTransaction, Response subscribeAccepted) {


messengerManager.presenceAllowed = true;

}

/**

 * Process the Trying received response

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param trying -

 *            the trying response

 */

public void processTrying(ClientTransaction clientTransaction, Response trying) {


String callId = ((CallID) trying.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) trying.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processTrying()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processTrying()  cannot find call by CallID " + callId);



return;


}


if (call.isInitialInvite()) {



call.setStatus(Call.TRYING);



call.setMessage("Connecting...");



messengerManager.notifyObserversNewCallStatus(call);


}

}

/**

 * Process the temporary Unavailable response

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param unavailable -

 *            the temporary Unavailable response

 */

public void processUnavailable(ClientTransaction clientTransaction, Response unavailable) {


String callId = ((CallID) unavailable.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) unavailable.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processRinging()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processUnavailable()  cannot find call by CallID " + callId);



return;


}


String method = ((CSeqHeader) unavailable.getHeader(CSeqHeader.NAME)).getMethod();


// if failed to send bye remove call


if (method.equalsIgnoreCase(Request.BYE) || call.isDead()) {



call.setStatus(Call.NOT_IN_A_CALL);



call.setMessage("Call ended");



messengerManager.notifyObserversNewCallStatus(call);


}

}

/**

 * Process the Ringing received response

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param ringing -

 *            the ringing response

 */

public void processRinging(ClientTransaction clientTransaction, Response ringing) {


String callId = ((CallID) ringing.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) ringing.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processRinging()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processRinging()  cannot find call by CallID " + callId);



return;


}


if (call != null && call.isInitialInvite()) {



call.setStatus(Call.RINGING);



call.setMessage("Ringing the phone");



messengerManager.notifyObserversNewCallStatus(call);


}

}

/**

 * Process the Busy here response

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param busyhere -

 *            the Busy here response

 */

public void processBusyHere(ClientTransaction clientTransaction, Response busyHere) {


String callId = ((CallID) busyHere.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) busyHere.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processBusyHere()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processBusyHere()  cannot find call " + callId);



return;


}


if (call instanceof AudioCall) {



// Strip out the Call info Header



CallInfoHeader callInfoHeader = (CallInfoHeader) busyHere.getHeader(CallInfoHeader.NAME);



URI uri = callInfoHeader.getInfo();



((AudioCall) call).setURL(uri);


}


call.setStatus(Call.BUSY);


call.setMessage("User is currently busy");


messengerManager.notifyObserversNewCallStatus(call);


remoteUser.removeCall(call, false);

}

/**

 * Process the 407 - Proxy Authentication Required

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param proxyAuthenticationRequired -

 *            the temporary Unavailable response

 */

public void processProxyAuthenticationRequired(ClientTransaction clientTransaction, Response proxyAuthenticationRequired) {


messengerManager.setRegisterStatus(RegisterStatus.PROXY_AUTHENTICATION_REQUIRED, "Proxy requires authentication!");

}

/**

 * Process the 405 - Method Not Allowed

 * 

 * @param clientTransaction -

 *            the client transaction associated with the response

 * @param proxyAuthenticationRequired -

 *            the temporary Unavailable response

 */

public void processMethodNotAllowed(ClientTransaction clientTransaction, Response methodNotAllowed) {


messengerManager.presenceAllowed = false;

}

/** ******************************************************************* */

/*                                                                    */

/* Handling timeout messages */

/*                                                                    */

/** ******************************************************************* */

/**

 * Process the timed out REGISTER

 * 

 * @param message -

 *            the timedout request

 */

public void processTimedOutRegister(Request register) {


String proxy = register.getRequestURI().toString();


TrayIcon tray = messengerManager.getGuiHandle().getSystemTray();


if (messageListener.getMessengerManager().getRegisterStatus().getStatus().equals(RegisterStatus.REGISTERED)) {



String message = "Registration to proxy " + proxy + " timed out but user allready registered!";



if (tray != null) {




tray.displayMessage("Regiser timeout!", message, TrayIcon.MessageType.WARNING);



} else {




StatusDialog dlg = messengerManager.getGuiHandle().getStatusDialog();




dlg.setAction(StatusDialog.CLOSE);




dlg.setMessage(message);




dlg.setVisible(true);



}


}


messengerManager.setRegisterStatus(RegisterStatus.NOT_REGISTERED, "Registration to proxy " + proxy + "  has been timed out!");

}

/**

 * Process the timed out MESSAGE

 * 

 * @param message -

 *            the timedout request

 */

public void processTimedOutMessage(Request message) {


String callId = ((CallID) message.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) message.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processTimedOutMessage()  cannot find remoteUser");


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processTimedOutMessage() cannot find call by CallID " + callId);



return;


}


if (call instanceof AudioCall) {



messengerManager.notifyObserversIMReceived("Audio message has not been delivered successfully", remoteUser);


}


if (call instanceof IMCall) {



ChatFrame frame = remoteUser.getChatFrame();



if (frame != null) {




frame.setInfoMessage(frame.getErrorText(new String(message.getRawContent()) + " has not been delivered successfully"));



}


}

}

/**

 * Process the timed out INVITE

 * 

 * @param message -

 *            the timed out request

 */

public void processTimedOutInvite(Request invite) {


String callId = ((CallID) invite.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) invite.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processTimedOutInvite()  cannot find remoteUser");


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processTimedOutInvite() cannot find call by CallID " + callId);



return;


}


Transaction transaction = call.popTransaction();


if (transaction != null && transaction.getDialog() != null) {



Dialog dialog = transaction.getDialog();



call.removeDialog(dialog);


}


if (call.isDead()) {



call.setStatus(Call.NOT_IN_A_CALL);



call.setMessage("Invite has been timed out");



if(call instanceof AudioCall){




((AudioCall)call).getMediaManager().stopMediaSession();



}



messengerManager.notifyObserversNewCallStatus(call);


}

}

/**

 * Process the timed out INVITE

 * 

 * @param message -

 *            the timed out request

 */

public void processTimedOutInviteOK(Request invite) {


String callId = ((CallID) invite.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((FromHeader) invite.getHeader(FromHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processTimedOutInvite()  cannot find remoteUser");


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processTimedOutInvite() cannot find call by CallID " + callId);



return;


}


Transaction transaction = call.popTransaction();


if (transaction != null && transaction.getDialog() != null) {



Dialog dialog = transaction.getDialog();



call.removeDialog(dialog);


}


if (call.isDead()) {



call.setStatus(Call.NOT_IN_A_CALL);



call.setMessage("Invite has been timed out");



messengerManager.notifyObserversNewCallStatus(call);


}

}

/**

 * Process the timed out BYE

 * 

 * @param message -

 *            the timed out request

 */

public void processTimedOutBye(Request bye) {


String callId = ((CallID) bye.getHeader(CallIdHeader.NAME)).getCallId();


SipURI calleeURI = (SipURI) ((ToHeader) bye.getHeader(ToHeader.NAME)).getAddress().getURI();


String callee = calleeURI.getUser() + "@" + calleeURI.getHost();


Contact remoteUser = messengerManager.getPresentityManager().getSubscriber(callee);


if (remoteUser == null) {



DebugIM.println("processTimedOutBye()  cannot find remoteUser");



return;


}


Call call = remoteUser.findCall(callId);


if (call == null) {



DebugIM.println("processTimedOutBye()  cannot find call by CallID " + callId);



return;


}


call.setStatus(Call.NOT_IN_A_CALL);


call.setMessage("Call ended");


remoteUser.removeCall(call, true);


messengerManager.notifyObserversNewCallStatus(call);

}
}
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/**
 * This class will manage all the calls and their status, and the subscriptions to the presence.
 */
public class MessengerManager extends java.util.Observable {

public static int VOICE_MESSAGE = 0;

public static int TEXT_MESSAGE = 1;

public static int STREAM_FILE = 2;

/**

 * Generate a Tag

 * 

 * @return the tag generated

 */

public static String generateTag() {


return new Integer((int) (Math.random() * 10000)).toString();

}

protected MessageListener messageListener = null;

protected SipLauncher guiHandle = null;

protected PresentityManager presentityManager = null;

protected ClientTransaction currentTransaction = null;

protected Contact localUser = null;

protected RegisterStatus registerStatus = null;

private boolean listenerStarted = false;

public boolean presenceAllowed = false;

public boolean autoReregister = true;

public MessengerManager(SipLauncher guiHandle) {


MediaManager.detectSupportedCodecs();


this.guiHandle = guiHandle;


messageListener = new MessageListener(this);


presentityManager = new PresentityManager(this);


// Set the registration status to Not registered


registerStatus = new RegisterStatus();


setUser(Settings.USER_URI);

}

/**

 * Answer the call, i.e. answer ok to an incoming invite after have found the good media session

 */

public void answerCall(Call call) {


// Find the Audio call


// Call call = callManager.findCallsByContact(caller.getAddress());


// Get the request


Transaction transaction = call.popTransaction();


ListeningPoint lp = ((SIPDialog) transaction.getDialog()).getSipProvider().getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);


Request request = transaction.getRequest();


Object responseSdpBody = null;


// Getting the media Manager for this call


if (call instanceof AudioCall) {



MediaManager mediaManager = ((AudioCall) call).getMediaManager();



// Getting the sdp body for creating the response



// This sdp body will present what codec has been chosen



// and on which port every media will be received



if (!((AudioCall) call).isSIPVoiceMessaging()) {




ContentTypeHeader contentTypeHeader = (ContentTypeHeader) request.getHeader(ContentTypeHeader.NAME);




String contentType = contentTypeHeader.getContentType();




String subType = contentTypeHeader.getContentSubType();




DebugIM.println("the other end invite us to " + subType);




if (contentType.equals("application") && subType.equals("sdp")) {





// Get the Sdp Body





String content = new String(request.getRawContent());





responseSdpBody = mediaManager.getResponseSdpBody(lp.getIPAddress(), localUser, content);





sendOK(responseSdpBody, transaction, call.getCallee());




} else if (contentType.equals("file") && subType.equals("audio")) {





String content = new String(request.getRawContent());





String[] data = content.split("[:]");





mediaManager.createFileReceiveSession(call.getCallee(), getLocalUser(), data);





mediaManager.startMediaSession(false);





while(!mediaManager.isStarted());





sendOK(responseSdpBody, transaction, call.getCallee());




}



}


} else {



sendOK(responseSdpBody, transaction, call.getCallee());


}

}

/**

 * Call the user specified in parameter

 * 

 * @param contactURI -

 *            the user to call

 */

public void audioCall(Contact contact) {


if (!start()) {



DebugIM.println("MessegeListener failed to start");



return;


}


LinkedList<SipURI> contacts = contact.getContactAddresses();


LinkedList<SipProvider> providers = messageListener.getSipSwitcher().getReachableSipProviders();


String contactURI = contact.getRecordAddress().trim();


TrayIcon tray = guiHandle.getSystemTray();


if (presentityManager.isAlreadyInAudioCall(contactURI)) {



// check if we are not in a call with other user



Call call = presentityManager.getAlreadyInAudioCall();



String message = "You are allready " + call.getStatus() + " user " + call.getCallee();



if (tray != null) {




tray.displayMessage("Allready in a call!", message, TrayIcon.MessageType.WARNING);



}



DebugIM.println("MessengerManager.call: " + message);



return;


}


if (contactURI.equals(Settings.USER_URI)) {



String message = "You are trying to call to user with same URI as yours";



if (tray != null) {




tray.displayMessage("Wrong contact!", message, TrayIcon.MessageType.ERROR);



}



DebugIM.println("MessengerManager.call: " + message);



return;


}


if (contacts.isEmpty()) {



try {




SipURI sipURI = MessageListener.addressFactory.createSipURI(contact.getUserName(), contact.getHostName());




contacts.add(sipURI);



} catch (ParseException e) {




e.printStackTrace();



}


}


// Create a new Call Store the callee in the call


AudioCall call = contact.getAudioCall();


if (call != null) {



DebugIM.println("You are already " + call.getStatus() + " to user " + contactURI);



contact.removeCall(call, false);


}


call = new AudioCall(contact, this);


call.setSipVoiceMesaging(Settings.VOICE_OVER_SIP);


sendAudioInvite(call, providers, contacts);


call.setStatus(Call.CONNECTING);


call.setMessage("Trying to connect...");


call.setServer(true);


notifyObserversNewCallStatus(call);

}

/**

 * Cancel the current call

 */

public void cancelCall(Call call) {


// Find the Audio call


// Call call = callManager.findCallByContact(callee.getAddress());


ClientTransaction clientTransaction = (ClientTransaction) call.popTransaction();


if (clientTransaction == null) {



clientTransaction = currentTransaction;


}


Dialog lastDialog = clientTransaction.getDialog();


if (lastDialog.isServer()) {



DebugIM.println("Cannot cancel a server transaction");


}


try {



if (lastDialog.getState() == javax.sip.DialogState.EARLY || lastDialog.getState() == null) {




Request cancel = clientTransaction.createCancel();




ClientTransaction cancelTransaction = messageListener.getSipSwitcher().getSipProvider().getNewClientTransaction(cancel);




cancelTransaction.sendRequest();



} else




DebugIM.println("Too late to cancel -- send BYE instead!");



endCall(call);


} catch (SipException ex) {



DebugIM.println("Failed to send the CANCEL request " + ex);


}

}

public void cancelTransaction() {


if (currentTransaction != null) {



String method = currentTransaction.getRequest().getMethod();



if (method.equals(Request.INVITE)) {




Utils.stopSound();




SipURI callee = (SipURI) ((ToHeader) currentTransaction.getRequest().getHeader(ToHeader.NAME)).getAddress().getURI();




Contact remoteUser = presentityManager.getSubscriber(callee.getUser() + "@" + callee.getHost());




AudioCall call = remoteUser.getAudioCall();




if (call != null) {





remoteUser.removeCall(call, false);





if (call.getStatus().equals(Call.RINGING) || call.getStatus().equals(Call.TRYING)) {






cancelCall(call);





}




}



} else {




if (method.equals(Request.REGISTER)) {





setRegisterStatus(RegisterStatus.NOT_REGISTERED, "canceled");




}




try {





currentTransaction.terminate();





DebugIM.println("Transaction terminated: " + currentTransaction.getRequest());




} catch (ObjectInUseException ex) {





// TODO Auto-generated catch block





ex.printStackTrace();




}



}


}

}

public Request createRequest(String requestName, Contact callee, long cSeq) throws HostUnavailableException {


return createRequest(requestName, callee, localUser, cSeq);

}

private Request createRequest(String requestName, Contact callee, Contact caller, long cSeq) throws HostUnavailableException {


String transport = Settings.SIP_SIGNALING_TRANSPORT; // default


// transport


try {



transport = callee.getContactAddress().getTransportParam();


} catch (HostUnavailableException ex) {



// DebugIM.println("createRequest() " + ex);


}


return createRequest(requestName, callee, caller, transport, cSeq);

}

private Request createRequest(String requestName, Contact callee, Contact caller, String transport, long cSeq) throws HostUnavailableException {


// Current Sip Provider


LinkedList<SipURI> contacts = caller.getContactAddresses();


SipProvider sipProvider = messageListener.getSipSwitcher().getSipProvider();


return createRequest(requestName, callee, caller, transport, sipProvider, contacts, cSeq);

}

private Request createRequest(String requestName, Contact callee, Contact caller, String transport, SipProvider sipProvider, long cSeq) {


LinkedList<SipURI> contacts = caller.getContactAddresses();


return createRequest(requestName, callee, caller, transport, sipProvider, contacts, cSeq);

}

private Request createRequest(String requestName, Contact callee, Contact caller, String transport, SipProvider sipProvider, LinkedList<SipURI> contacts, long cSeq) {


SipURI requestURI = null;


try {



requestURI = callee.getContactAddress();


} catch (HostUnavailableException ex) {



// DebugIM.println("createRequest() " + ex);


}


if (requestURI == null || Settings.FORCE_VIA_PROXY) {



try {




requestURI = MessageListener.addressFactory.createSipURI(callee.getUserName(), callee.getHostName());




requestURI.setTransportParam(transport);



} catch (ParseException e) {




// TODO Auto-generated catch block




e.printStackTrace();



}


}


return createRequest(requestName, callee, caller, transport, sipProvider, contacts, requestURI, cSeq);

}

private Request createRequest(String requestName, Contact callee, Contact caller, String transport, SipProvider sipProvider, SipURI contact, SipURI requestURI, long cSeq) {


LinkedList<SipURI> contacts = new LinkedList<SipURI>();


contacts.add(contact);


return createRequest(requestName, callee, caller, transport, sipProvider, contacts, requestURI, cSeq);

}

/**

 * @param requestName

 *            Request METHOD

 * @param callee

 *            the user to whom this request is addressed to. ToHeader

 * @param caller

 *            the user that sends the request. FromHeader

 * @param transport

 *            deterimines VIA what Listening point request is sent

 * @param sipProvider

 *            Used to send request. Determines the network interface that is used to send request from

 * @param contacts

 *            Contact header values

 * @param requestURI

 *            This is used in MyRouter classs to determine exact address where request is delivered to

 * @return

 */

private Request createRequest(String requestName, Contact callee, Contact caller, String transport, SipProvider sipProvider, LinkedList<SipURI> contacts, SipURI requestURI, long cSeq) {


String uriRemote = callee.getRecordAddress();


String userRemote = uriRemote.substring(0, uriRemote.indexOf("@"));


String hostRemote = uriRemote.substring(uriRemote.indexOf("@") + 1, uriRemote.length());


String uriLocal = caller.getRecordAddress();


String userLocal = uriLocal.substring(0, uriLocal.indexOf("@"));


String hostLocal = uriLocal.substring(uriLocal.indexOf("@") + 1, uriLocal.length());


// Listening Point


ListeningPoint listeningPoint = sipProvider.getListeningPoint(transport);


// Request URI


try {



if (listeningPoint == null) {




listeningPoint = messageListener.getSipSwitcher().addListeningPoint(transport);



}



// Call ID



CallIdHeader callIdHeader = sipProvider.getNewCallId();



// CSeq



CSeqHeader cSeqHeader = MessageListener.headerFactory.createCSeqHeader(cSeq, requestName);



// From Header



Address fromAddress = MessageListener.addressFactory.createAddress(MessageListener.addressFactory.createSipURI(userLocal, hostLocal));



FromHeader fromHeader = MessageListener.headerFactory.createFromHeader(fromAddress, generateTag());



// ToHeader



Address toAddress = MessageListener.addressFactory.createAddress(MessageListener.addressFactory.createSipURI(userRemote, hostRemote));



// From and To are logical identifiers (should have no parameters)



ToHeader toHeader = MessageListener.headerFactory.createToHeader(toAddress, null);



// ViaHeader



ArrayList<ViaHeader> viaHeaders = new ArrayList<ViaHeader>();



ViaHeader viaHeader = MessageListener.headerFactory.createViaHeader(listeningPoint.getIPAddress(), listeningPoint.getPort(), listeningPoint.getTransport(), null);



viaHeaders.add(viaHeader);



// Max Forward Header - just forward by one hop.



MaxForwardsHeader maxForwardsHeader = MessageListener.headerFactory.createMaxForwardsHeader(2);



Request request = MessageListener.messageFactory.createRequest(requestURI, requestName, callIdHeader, cSeqHeader, fromHeader, toHeader, viaHeaders, maxForwardsHeader);



// Contact Headers



// LinkedList<SipProvider> sipProviders =



// messageListener.sipSwitcher.getSipProviders();



for (int i = 0; i < contacts.size(); i++) {




ContactHeader contactHeader = MessageListener.headerFactory.createContactHeader(MessageListener.addressFactory.createAddress(contacts.get(i)));




request.addHeader(contactHeader);



}



return request;


} catch (Exception ex) {



ex.printStackTrace();



DebugIM.println("Something bad happened when creating request!!");



DebugIM.println("method = " + requestName);



DebugIM.println("caller = " + caller);



DebugIM.println("callee = " + callee);



return null;


}

}

/**

 * Create the SDP body of the INVITE message for the initiation of the media session

 */

private String createSDPBody(int audioPort, String transport, String localHost) {


try {



SdpFactory sdpFactory = SdpFactory.getInstance();



SessionDescription sessionDescription = sdpFactory.createSessionDescription();



// Protocol version



Version version = sdpFactory.createVersion(0);



sessionDescription.setVersion(version);



// Owner



long sdpSessionId = (long) (Math.random() * 1000000);



Origin origin = sdpFactory.createOrigin(localUser.getRecordAddress(), sdpSessionId, sdpSessionId + 1369, "IN", "IP4", localHost);



sessionDescription.setOrigin(origin);



// Session Name



SessionName sessionName = sdpFactory.createSessionName("-");



sessionDescription.setSessionName(sessionName);



// Connection



Connection connection = sdpFactory.createConnection(localHost);



sessionDescription.setConnection(connection);



// Time



Time time = sdpFactory.createTime();



Vector<Time> timeDescriptions = new Vector<Time>();



timeDescriptions.add(time);



sessionDescription.setTimeDescriptions(timeDescriptions);



// Media Description



MediaDescription mediaDescription = sdpFactory.createMediaDescription("audio", audioPort, 1, "RTP/AVP", MediaManager.getSdpAudioSupportedCodecs());



Vector<MediaDescription> mediaDescriptions = new Vector<MediaDescription>();



mediaDescriptions.add(mediaDescription);



sessionDescription.setMediaDescriptions(mediaDescriptions);



return sessionDescription.toString();


} catch (Exception e) {



e.printStackTrace();


}


return null;

}

/**

 * End the current call

 */

public void endCall(Call call) {


if (call == null)



return;


if (call.receivedBye()) {



DebugIM.println("endCall() allready received BYE");



return;


}


if (call == null) {



DebugIM.println("endCall() Call not found");



return;


}


// Request


Request request = null;


Dialog currentDialog = call.getCurrentDialog();


if (currentDialog == null) {



DebugIM.println("endCall() currentDialog null" + call);



return;


}


try {



request = currentDialog.createRequest("BYE");


} catch (SipException ex) {



DebugIM.println("Could not create the bye request! " + ex);



call.getCallee().removeCall(call, true);



return;


}


// Transaction


ClientTransaction clientTransaction = null;


try {



clientTransaction = messageListener.getSipSwitcher().getSipProvider().getNewClientTransaction(request);



DebugIM.println("send request: " + request.toString());



currentDialog.sendRequest(clientTransaction);


} catch (TransactionUnavailableException ex) {



DebugIM.println("Could not create a register transaction!\n" + "Check that the Registrar address is correct!" + " " + ex);


} catch (SipException ex) {



DebugIM.println("Could not send out the register request! " + ex);


}


if (call instanceof AudioCall) {



if (((AudioCall) call).isSIPVoiceMessaging()) {




// Stop the voice messages schedule and the voiceRecorder




messageListener.getMessageProcessor().stopVoiceMessagingSchedule();



} else {




((AudioCall) call).getMediaManager().stopMediaSession();



}


}

}

public SipLauncher getGuiHandle() {


return guiHandle;

}

/**

 * Get the current sip user URI

 * 

 * @return the current sip user URI

 */

public Contact getLocalUser() {


return localUser;

}

public MessageListener getMessageListener() {


return messageListener;

}

/**

 * Retrieve the presentity manager

 * 

 * @return the presentity manager

 */

public PresentityManager getPresentityManager() {


return presentityManager;

}

/**

 * Retrieve the current status of the registration

 * 

 * @return the current status of the registration

 */

public RegisterStatus getRegisterStatus() {


return this.registerStatus;

}

/**

 * Call the user specified in parameter

 * 

 * @param contactURI -

 *            the user to call

 */

public void imCall(Contact contact) {


if (!start()) {



DebugIM.println("MessegeListener failed to start");



return;


}


LinkedList<SipURI> contacts = contact.getContactAddresses();


LinkedList<SipProvider> providers = messageListener.getSipSwitcher().getReachableSipProviders();


String contactURI = contact.getRecordAddress().trim();


TrayIcon tray = guiHandle.getSystemTray();


if (contactURI.equals(Settings.USER_URI)) {



String message = "You are trying to call to user with same URI as yours";



if (tray != null) {




tray.displayMessage("Wrong contact!", message, TrayIcon.MessageType.ERROR);



}



DebugIM.println("MessengerManager.call: " + message);



return;


}


if (contacts.isEmpty()) {



try {




contacts = new LinkedList<SipURI>();




SipURI sipURI = MessageListener.addressFactory.createSipURI(contact.getUserName(), contact.getHostName());




sipURI.setTransportParam(Settings.SIP_SIGNALING_TRANSPORT);




contacts.add(sipURI);



} catch (ParseException e) {




e.printStackTrace();



}


}


// Create a new Call Store the callee in the call


IMCall call = contact.getIMCall();


if (call != null) {



DebugIM.println("You are already " + call.getStatus() + " to user " + contactURI);


}


call = new IMCall(contact);


call.setStatus(Call.CONNECTING);


call.setMessage("Trying to connect...");


call.setServer(true);


sendTextInvite(call, providers, contacts);


notifyObserversNewCallStatus(call);

}

/**

 * @return true if messageListener is started

 */

public boolean isStarted() {


return listenerStarted;

}

public void setListenerStarted(boolean listenerStarted) {


this.listenerStarted = listenerStarted;

}

/**

 * Notify Observers an Instant Message has been received

 * 

 * @param message -

 *            the message received

 */

public void notifyObserversIMReceived(String message, Contact sender) {


InstantMessage im = new InstantMessage(message, sender);


setChanged();


notifyObservers(im);

}

/**

 * Set the current status of the call

 * 

 * @param callStatus -

 *            the current status of the call

 */

public void notifyObserversNewCallStatus(Call call) {


// Notify the GUI and the controller that the status has changed


setChanged();


notifyObservers(call);

}

/**

 * Notify the GUI and the controller that the status has changed

 * 

 * @param presenceTag -

 *            presence tag containing all the presence information

 */

public void notifyPresence(PresenceTag presenceTag) {


setChanged();


notifyObservers(presenceTag);

}

/**

 * MUTATOR METHODS

 */

/**

 * The subscriber is added now and the user is notified that a new person wants to be added to the contact list, if he doesn't want this person to be added, the subscriber is gonna be removed from the GUI

 * 

 * @param subscriber -

 *            the subscirber to add

 */

public void notifySubscribe(Contact subscriber) {


// the subscriber is added now and the user is notified that a new


// person


// wants to be added to the contact list, if he doesn't want this person


// to be added, the subscriber is gonna be removed from the GUI


presentityManager.addSubscriber(subscriber);


// Notify the GUI and the controller that the status has changed


setChanged();


notifyObservers(subscriber);

}

public void register(int expires) {


if (!start()) {



DebugIM.println("MessegeListener failed to start");



return;


}


SipURI proxyURI = null;


SipProvider provider = null;


Request request = null;


try {



provider = messageListener.getSipSwitcher().getSipProvider();



request = createRequest(Request.REGISTER, localUser, localUser, Settings.SIP_SIGNALING_TRANSPORT, provider, 1l);



proxyURI = MessageListener.addressFactory.createSipURI(null, Settings.OUTBOUND_PROXY);



proxyURI.setPort(Settings.OUTBOUND_PROXY_PORT);


} catch (ParseException pe) {



pe.printStackTrace();


} catch (HostUnavailableException ex) {



DebugIM.println(ex.getMessage());



return;


}


// Resource to which this is directed is the proxy.


request.setRequestURI(proxyURI);


// Expires Header


try {



ExpiresHeader expireshead = MessageListener.headerFactory.createExpiresHeader(expires);



request.setHeader(expireshead);



// }


} catch (InvalidArgumentException ex) {



ex.printStackTrace();


}


// Transaction


ClientTransaction regTrans = null;


try {



currentTransaction = regTrans = provider.getNewClientTransaction(request);



DebugIM.println(request.toString());



regTrans.sendRequest();



String message = "Unregistering from " + proxyURI + "...";



if (expires > 0) {




message = "Registering to  " + proxyURI + "...";



}



this.setRegisterStatus(RegisterStatus.REGISTRATION_IN_PROGRESS, message);


} catch (TransactionUnavailableException ex) {



ex.printStackTrace();



JOptionPane.showMessageDialog(null, "Could not create a register transaction!\n" + "Check that the Registrar address is correct!");


} catch (SipException ex) {



ex.printStackTrace();



JOptionPane.showMessageDialog(null, "Could not send out the register request! " + ex);


}

}

/**

 * Send A Register to the proxy with the authentication acquired from the user.

 * 

 * @param userName -

 *            the user name

 * @param password -

 *            the password's user

 * @param realm -

 *            the realm's user TODO : Keep a trace of the expires and schedule a new registration

 */

public void registerWithAuthentication(String userName, String password, String realm) {


// WE start the authentication process!!!


// Let's get the Request related to this response:


Request request = registerStatus.getRegisterTransaction().getRequest();


if (request == null) {



DebugIM.println("IMUserAgent, processResponse(), the request " + " that caused the 407 has not been retrieved!!! Return cancelled!");


} else {



Request clonedRequest = (Request) request.clone();



// Let's increase the Cseq:



CSeqHeader cseqHeader = (CSeqHeader) clonedRequest.getHeader(CSeqHeader.NAME);



try {




cseqHeader.setSeqNumber(cseqHeader.getSeqNumber() + 1);



} catch (InvalidArgumentException iae) {




iae.printStackTrace();



}



// Let's add a Proxy-Authorization header:



// We send the informations stored:



Header header = registerStatus.getHeader(registerStatus.getRegisterResponse(), userName, password, Settings.OUTBOUND_PROXY, Settings.OUTBOUND_PROXY_PORT);



if (header == null) {




DebugIM.println("IMUserAgent, processResponse(), Proxy-Authorization " + " header is null, the request is not resent");



} else {




clonedRequest.setHeader(header);




ClientTransaction newClientTransaction = null;




try {





newClientTransaction = messageListener.getSipSwitcher().getSipProvider().getNewClientTransaction(clonedRequest);




} catch (TransactionUnavailableException tue) {





tue.printStackTrace();




} catch (HostUnavailableException ex) {





DebugIM.println(ex.getMessage());





return;




}




try {





newClientTransaction.sendRequest();




} catch (SipException se) {





se.printStackTrace();




}




DebugIM.println("IMUserAgent, processResponse(), REGISTER " + "with credentials sent:\n" + clonedRequest);



}


}

}

public void sendAudioInvite(Call call) {


LinkedList<SipProvider> providers = messageListener.getSipSwitcher().getReachableSipProviders();


sendAudioInvite(call, providers);

}

public void sendAudioInvite(Call call, LinkedList<SipProvider> providers) {


Contact remoteUser = call.getCallee();


LinkedList<SipURI> requestURIs = remoteUser.getReachableContactAddressList();


sendAudioInvite(call, providers, requestURIs);

}

public void sendAudioInvite(Call call, LinkedList<SipProvider> providers, LinkedList<SipURI> requestURIs) {


LinkedList<AcceptHeader> acceptHeaders = new LinkedList<AcceptHeader>();


AcceptHeader acceptHeader;


try {



if (((AudioCall) call).isSIPVoiceMessaging()) {




acceptHeader = MessageListener.headerFactory.createAcceptHeader("audio", "gsm");




acceptHeaders.add(acceptHeader);




acceptHeader = MessageListener.headerFactory.createAcceptHeader("audio", "x-gsm");




acceptHeaders.add(acceptHeader);



}


} catch (ParseException e) {



// TODO Auto-generated catch block



e.printStackTrace();


}


sendInvite(call, acceptHeaders, providers, requestURIs);

}

/**

 * Send a BUSY in response to an incoming invite

 */

public void sendBusy(Call call) {


// Find the Audio call


// Get the request


Transaction transaction = call.popTransaction();


Dialog dialog = transaction.getDialog();


if (dialog == null) {



DebugIM.println("sendBusy() Cannot retrieve dialog in queu for " + call.getCallee());



return;


}


Request request = transaction.getRequest();


if (!dialog.isServer()) {



DebugIM.println("Problem, this is a client transaction");



return;


}


// Get the server Transaction


ServerTransaction serverTransaction = (ServerTransaction) transaction;


try {



Response busy = (Response) MessageListener.messageFactory.createResponse(Response.BUSY_HERE, request);



// If the user has put an URL for the BUSY we add i in the CALL-Info



if (Settings.HTTP_BUSY != null) {




CallInfoHeader callInfoHeader = MessageListener.headerFactory.createCallInfoHeader(MessageListener.addressFactory.createURI(Settings.HTTP_BUSY));




busy.addHeader(callInfoHeader);



}



serverTransaction.sendResponse(busy);



DebugIM.println("send response: " + busy);



call.getCallee().removeCall(call, false);


} catch (SipException ex) {



DebugIM.println("Failed to send the BUSY response " + ex);


} catch (ParseException ex) {



ex.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Send a MESSAGE to the contact we want to chat with

 * 

 * @param contactAddress -

 *            the contact to send the message to

 * @parma message - message to be sent

 */

public void sendInstantMessage(Contact remoteUser, String message) {


if (!start()) {



DebugIM.println("MessegeListener failed to start");



return;


}


IMCall call = remoteUser.getIMCall();


sendMessage(call, message.getBytes(), TEXT_MESSAGE);

}

public void sendFileMessage(Contact remoteUser, File file) {


if (!start()) {



DebugIM.println("MessegeListener failed to start");



return;


}


AudioCall audioCall = remoteUser.getAudioCall();


if (audioCall == null) {



audioCall = new AudioCall(remoteUser, this);


} else if (audioCall.getStatus().equals(Call.IN_A_CALL)) {



DebugIM.println("Cannot stream file while in audio call");



return;


}


audioCall.setFile(file);


audioCall.setFileStreaming(true);


sendAudioInvite(audioCall);

}

/**

 * Send an Invite to the given subscriber

 * 

 * @param calleeURI -

 *            the URI of the user to call

 * @param sdpBody -

 *            the sdp content describing the media session to include to the message

 */

private void sendInvite(Call call, LinkedList<AcceptHeader> acceptHeaders, LinkedList<SipProvider> providers, LinkedList<SipURI> requestURIs) {


if (providers == null || requestURIs == null)



return;


Contact remoteUser = call.getCallee();


for (int i = 0; i < providers.size(); i++) {



SipProvider provider = providers.get(i);



for (int j = 0; j < requestURIs.size(); j++) {




ListeningPoint lp = provider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);




try {





SipURI requestURI = (Settings.FORCE_VIA_PROXY) ? MessageListener.addressFactory.createSipURI(remoteUser.getUserName(), remoteUser.getHostName()) : requestURIs.get(j);





SipURI contactAddress = MessageListener.addressFactory.createSipURI(null, lp.getIPAddress());





contactAddress.setTransportParam(lp.getTransport());





contactAddress.setPort(lp.getPort());





Request invite = createRequest(Request.INVITE, remoteUser, localUser, Settings.SIP_SIGNALING_TRANSPORT, provider, contactAddress, requestURI, call.getCSeq());





// Accept headers





for (int k = 0; k < acceptHeaders.size(); k++) {






AcceptHeader acceptHeader = acceptHeaders.get(k);






invite.addHeader(acceptHeader);





}





// Content





ContentTypeHeader contentTypeHeader = null;





if (call instanceof AudioCall) {






if (!((AudioCall) call).isSIPVoiceMessaging() && !((AudioCall) call).isFileStreaming()) {







String sdpBody = createSDPBody(((AudioCall) call).getMediaManager().getAudioPort(), Settings.MEDIA_TRANSPORT, lp.getIPAddress());







contentTypeHeader = MessageListener.headerFactory.createContentTypeHeader("application", "sdp");







invite.setContent(sdpBody, contentTypeHeader);






} else if (((AudioCall) call).isFileStreaming()) {







MediaManager mediaMgr = ((AudioCall) call).getMediaManager();







File file = ((AudioCall) call).getFile();







contentTypeHeader = MessageListener.headerFactory.createContentTypeHeader("file", "audio");







String message = file.getName() + ":" + mediaMgr.getAudioPort() + ":" + mediaMgr.getRemoteAudioPort()+":"+remoteUser.getConnectionPairsString();







invite.setContent(message, contentTypeHeader);







mediaMgr.createFileTransmitSession(remoteUser, localUser, file);






}





}





// Transaction





ClientTransaction inviteTransaction = null;





try {






currentTransaction = inviteTransaction = provider.getNewClientTransaction(invite);





} catch (TransactionUnavailableException ex) {






ex.printStackTrace();






return;





}





Dialog dialog = provider.getNewDialog(inviteTransaction);





String key = Utils.getDialogKey(requestURI, lp);





call.addDialog(key, dialog);





call.pushTansaction(inviteTransaction);





inviteTransaction.sendRequest();





DebugIM.println("send request:\n" + invite);




} catch (SipException ex) {





ex.printStackTrace();





JOptionPane.showMessageDialog(null, "An error occurred while sending INVITE request " + ex.getMessage());




} catch (ParseException e) {





// TODO Auto-generated catch block





e.printStackTrace();




}



}// end for j


}// end for i

}

/**

 * @param call

 * @param message

 * @param type

 */

public void sendMessage(Call call, byte[] message, int type) {


if (!start()) {



DebugIM.println("MessegeListener failed to start");



return;


}


if (call == null) {



DebugIM.println("sendInstantMessage() ERROR cannot find call");



return;


}


Request messageRequest = null;


Dialog dialog = null;


Contact remoteUser = call.getCallee();


if (call != null) {



String key = Utils.getDialogKey(remoteUser);



dialog = call.getDialog(key);



if (dialog == null || dialog.getState() == null || dialog.getState() == javax.sip.DialogState.TERMINATED) {




DebugIM.println("Cannot send message on terminated or un-established dialog! " + dialog);




// stop the audio stuff




if (type == VOICE_MESSAGE) {




}




// remoteUser.removeCall(call);




return;



}



try {




messageRequest = dialog.createRequest(Request.MESSAGE);




messageRequest.setContentLength(MessageListener.headerFactory.createContentLengthHeader(message.length));



} catch (SipException se) {




se.printStackTrace();




return;



} catch (InvalidArgumentException e) {




// TODO Auto-generated catch block




e.printStackTrace();




return;



}


} else {



return;


}


DebugIM.println("Messaging session found!!");


// Content


ContentTypeHeader contentTypeHeader = null;


try {



if (type == VOICE_MESSAGE)




contentTypeHeader = MessageListener.headerFactory.createContentTypeHeader("audio", "x-gsm");



else if (type == TEXT_MESSAGE)




contentTypeHeader = MessageListener.headerFactory.createContentTypeHeader("text", "plain");



else if (type == STREAM_FILE) {




contentTypeHeader = MessageListener.headerFactory.createContentTypeHeader("file", "audio");



}


} catch (ParseException ex) {



ex.printStackTrace();


}


try {



messageRequest.setContent(message, contentTypeHeader);


} catch (ParseException ex) {



ex.printStackTrace();



return;


}


// Transaction


ClientTransaction messageTransaction = null;


try {



SipProvider sipProvider = messageListener.getSipSwitcher().getSipProvider();



currentTransaction = messageTransaction = sipProvider.getNewClientTransaction(messageRequest);



dialog.sendRequest(messageTransaction);



DebugIM.println("SEND MESSAGE: length " + message.length);


} catch (Exception ex) {



DebugIM.println("Failed to create Message Transaction.\n" + "This is most probably a network connection error. ");



ex.printStackTrace();



return;


}

}

/**

 * Send an OK in repsonse to an incoming invite

 * 

 * @param sdpBody -

 *            the sdpBody to include in the response

 */

public void sendOK(Object sdpBody, Transaction transaction, Contact remoteUser) {


// Find the Audio call


Dialog dialog = transaction.getDialog();


Call call = remoteUser.findCall(dialog.getCallId().getCallId());


// Get the request


Request request = transaction.getRequest();


if (!dialog.isServer()) {



DebugIM.println("sendOK() Problem, this is a client transaction");



return;


}


// Get the server Transaction


ServerTransaction serverTransaction = (ServerTransaction) transaction;


try {



Response ok = (Response) MessageListener.messageFactory.createResponse(Response.OK, request);



// Put a tag on the To Header



((ToHeader) ok.getHeader(ToHeader.NAME)).setTag(generateTag());



// Create Contacts header



ListeningPoint listenPoint = ((SIPDialog) dialog).getSipProvider().getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);



SipURI contactURI = MessageListener.addressFactory.createSipURI(null, listenPoint.getIPAddress());



contactURI.setPort(listenPoint.getPort());



contactURI.setTransportParam(listenPoint.getTransport());



ContactHeader contactHeader = MessageListener.headerFactory.createContactHeader(MessageListener.addressFactory.createAddress(contactURI));



ok.addHeader(contactHeader);



// IF the call is voice messaging we add the Accept Headers



if (call instanceof AudioCall) {




if (((AudioCall) call).isSIPVoiceMessaging()) {





AcceptHeader acceptHeader = MessageListener.headerFactory.createAcceptHeader("audio", "gsm");





ok.addHeader(acceptHeader);





acceptHeader = MessageListener.headerFactory.createAcceptHeader("audio", "x-gsm");





ok.addHeader(acceptHeader);




} else {





// Adding the sdp Body describing the media session





ContentTypeHeader contentTypeHeader = (ContentTypeHeader) request.getHeader(ContentTypeHeader.NAME);





if (contentTypeHeader != null) {






if (sdpBody != null) {







ok.setContent(sdpBody, contentTypeHeader);






} else







ok.setHeader(contentTypeHeader);





}




}




// initialize the voiceRecorder




VoiceRecorder.getInstance();



} else if (call instanceof IMCall) {




AcceptHeader acceptHeader = MessageListener.headerFactory.createAcceptHeader("text", "plain");




ok.addHeader(acceptHeader);



}



// Send the ok



DebugIM.println("Send response: " + ok);



serverTransaction.sendResponse(ok);


} catch (SipException ex) {



DebugIM.println("Failed to send the OK response " + ex);


} catch (ParseException ex) {



ex.printStackTrace();


} catch (InvalidArgumentException iae) {



iae.printStackTrace();


}

}

/**

 * Send a request for subscription Initial call

 * 

 * @param subscriberAddress -

 *            the address of the contact we want to subscribe to

 */

public void sendSubscribe(Contact subscriber, int expires) {


try {



SipProvider provider = messageListener.getSipSwitcher().getSipProvider();



Request request = createRequest(Request.SUBSCRIBE, subscriber, 1l);



ExpiresHeader expireHeader = (ExpiresHeader) MessageListener.headerFactory.createExpiresHeader(expires);



request.addHeader(expireHeader);



ClientTransaction subscribeTransaction = null;



subscribeTransaction = provider.getNewClientTransaction(request);



DebugIM.println("send request:\n" + request);



subscribeTransaction.sendRequest();



// }


} catch (InvalidArgumentException ex) {



ex.printStackTrace();


} catch (TransactionUnavailableException ex) {



DebugIM.println("Failed to create subscribeTransaction.\n" + "This is most probably a network connection error. ");



ex.printStackTrace();


} catch (SipException ex) {



DebugIM.println("An error occurred while sending subscribe request " + ex);


}

}

public void sendTextInvite(Call call) {


LinkedList<SipProvider> providers = messageListener.getSipSwitcher().getReachableSipProviders();


sendTextInvite(call, providers);

}

public void sendTextInvite(Call call, LinkedList<SipProvider> providers) {


Contact remoteUser = call.getCallee();


LinkedList<SipURI> requestURIs = remoteUser.getReachableContactAddressList();


sendTextInvite(call, providers, requestURIs);

}

public void sendTextInvite(Call call, LinkedList<SipProvider> providers, LinkedList<SipURI> requestURIs) {


LinkedList<AcceptHeader> acceptHeaders = new LinkedList<AcceptHeader>();


AcceptHeader acceptHeader;


try {



acceptHeader = MessageListener.headerFactory.createAcceptHeader("text", "plain");



acceptHeaders.add(acceptHeader);


} catch (ParseException e) {



// TODO Auto-generated catch block



e.printStackTrace();


}


sendInvite(call, acceptHeaders, providers, requestURIs);

}

/**

 * @param contactAddress

 * @param voiceMessage

 */

public void sendVoiceMessage(Contact remoteUser, byte[] voiceMessage) {


AudioCall call = remoteUser.getAudioCall();


sendMessage(call, voiceMessage, VOICE_MESSAGE);

}

/**

 * Set the current status of the registration

 * 

 * @param registerStatus -

 *            the current status of the registration

 */

public void setRegisterStatus(String registerStatus, String reason) {


this.registerStatus.setStatus(registerStatus);


this.registerStatus.setReason(reason);


setChanged();


notifyObservers(this.registerStatus);

}

public void setUser(String userURI) {


if (localUser == null) {



localUser = new Contact(userURI, this);


}


localUser.setRecordAddress(userURI);


guiHandle.setTitle("Multi-homed SIP user agent " + userURI);

}

/**

 * Start the SipStack

 */

public boolean start() {


// check if SipListener was started


if (!listenerStarted) {



if (Settings.netInterfaceInfo.getSelectedNetInterfaces().isEmpty()) {




JOptionPane.showMessageDialog(null, "You must select at least one network inteface first!");



} else {




try {





messageListener.start();





// listenerStarted = true;




} catch (Exception e) {





JOptionPane.showMessageDialog(null, e.getMessage(), "Error", JOptionPane.ERROR_MESSAGE);





e.printStackTrace();




}



}


}


return listenerStarted;

}

/**

 * Stop MessageListener cleanup resources

 */

public void stop() {


if (listenerStarted) {



if (!registerStatus.getStatus().equals(RegisterStatus.NOT_REGISTERED)) {




try {





// Utils.stopRegisterExpiresTask();





presentityManager.cleanResources(SipLauncher.isEXITING());





register(0);




} catch (Exception e) {





// TODO Auto-generated catch block





e.printStackTrace();




}



} else {




// listenerStarted = false;




messageListener.stop();



}


}

}
}
core.net

NetInterfaceInfo

package core.net;
import java.net.InetAddress;
import java.net.NetworkInterface;
import java.net.SocketException;
import java.util.Date;
import java.util.Enumeration;
import java.util.LinkedList;
/**
 * Class provides information about available network interfaces and the IP
 * addresses
 * 
 * @author adomas
 * 
 */
public class NetInterfaceInfo {

private LinkedList<NetworkInterface> netSelectedInterfaceList = new LinkedList<NetworkInterface>();

public NetInterfaceInfo() {

}

public LinkedList<NetworkInterface> getAllNetInterfaces() {


LinkedList<NetworkInterface> netInterfaceList = new LinkedList<NetworkInterface>();


try {



Enumeration<NetworkInterface> enumInterface = NetworkInterface.getNetworkInterfaces();



while (enumInterface.hasMoreElements()) {




NetworkInterface interF = enumInterface.nextElement();




if (interF.getInetAddresses().hasMoreElements() && !interF.getInetAddresses().nextElement().isLoopbackAddress())





netInterfaceList.add(interF);



}


} catch (SocketException e) {



e.printStackTrace();


}


return netInterfaceList;

}

public LinkedList<NetworkInterface> getSelectedNetInterfaces() {


return this.netSelectedInterfaceList;

}

public void setSelectedNetInterfaces(LinkedList<NetworkInterface> netSelectedInterfaceList) {


this.netSelectedInterfaceList = netSelectedInterfaceList;

}

public void addSelectedNetInterfaces(String IP) {


NetworkInterface netInterface = getNetInterface(IP);


if (netInterface != null) {



this.netSelectedInterfaceList.add(netInterface);


}

}

public NetworkInterface getNetInterface(int index) {


return this.getAllNetInterfaces().get(index);

}

public NetworkInterface getNetInterface(String IP) {


LinkedList<NetworkInterface> netAllInterfaceList = getAllNetInterfaces();


for (int i = 0; i < netAllInterfaceList.size(); i++) {



if (netAllInterfaceList.get(i).getInetAddresses().hasMoreElements() && netAllInterfaceList.get(i).getInetAddresses().nextElement().getHostAddress().equals(IP))




return netAllInterfaceList.get(i);


}


return null;

}

/**

 * 

 * @param IP

 * @return NetworkInterface coresponding to InetAddress with provided IP

 *         address from SelectedNetInterfaceList. If no such

 *         NetworkInterface could be found returns null.

 */

public NetworkInterface getSelectedNetInterface(String IP) {


LinkedList<NetworkInterface> selectedNetInterfaces = getSelectedNetInterfaces();


for (int i = 0; i < selectedNetInterfaces.size(); i++) {



InetAddress inetAddress = selectedNetInterfaces.get(i).getInetAddresses().nextElement();



if (inetAddress != null && inetAddress.getHostAddress().equals(IP))




try {





return NetworkInterface.getByInetAddress(inetAddress);




} catch (SocketException e) {





// TODO Auto-generated catch block





e.printStackTrace();




}


}


return null;

}

public String getDescription(int index) throws IllegalArgumentException {


try {



return getDescription(getAllNetInterfaces().get(index));


} catch (IndexOutOfBoundsException e) {



throw new IllegalArgumentException("No such interface exist");


}

}

public String getDescription(NetworkInterface netInterface) throws IllegalArgumentException {


if (!getAllNetInterfaces().contains(netInterface))



throw new IllegalArgumentException("No such interface exist");


String description = "Display Name: " + netInterface.getDisplayName() + "\nName: " + netInterface.getName() + "\nAddress List:";


LinkedList<InetAddress> addresses = this.getAddresses(netInterface);


for (int i = 0; i < addresses.size(); i++) {



description += "\nIP: " + addresses.get(i).getHostAddress();



description += "\nHost name: " + addresses.get(i).getCanonicalHostName();



if (addresses.get(i).isAnyLocalAddress()) {




description += "\nIs Local address";



}



if (addresses.get(i).isLinkLocalAddress()) {




description += "\nIs Link Local address";



}



if (addresses.get(i).isLoopbackAddress()) {




description += "\nIs Loopback address";



}



if (addresses.get(i).isSiteLocalAddress()) {




description += "\nIs Site Local address";



}



if (addresses.get(i).isMulticastAddress()) {




description += "\nIs Multicast Address";



}


}


return description;

}

public LinkedList<InetAddress> getAddresses(NetworkInterface netInterface) throws IllegalArgumentException {


if (!getAllNetInterfaces().contains(netInterface))



throw new IllegalArgumentException("No such interface exist");


Enumeration<InetAddress> enumAddresses = netInterface.getInetAddresses();


LinkedList<InetAddress> addressList = new LinkedList<InetAddress>();


while (enumAddresses.hasMoreElements()) {



addressList.add(enumAddresses.nextElement());


}


return addressList;

}

/**

 * @return First IP address of each network interface

 */

public String[] getSelectedFirstAddresses() {


String[] addresses = new String[this.netSelectedInterfaceList.size()];


for (int i = 0; i < addresses.length; i++) {



addresses[i] = this.netSelectedInterfaceList.get(i).getInetAddresses().nextElement().getHostAddress();


}


return addresses;

}

public String[] getAllFirstAddresses() {


LinkedList<NetworkInterface> netAllInterfaceList = getAllNetInterfaces();


String[] addresses = new String[netAllInterfaceList.size()];


for (int i = 0; i < addresses.length; i++) {



addresses[i] = netAllInterfaceList.get(i).getInetAddresses().nextElement().getHostAddress();


}


return addresses;

}

public static void main(String args[]) {


NetInterfaceInfo netInfo = new NetInterfaceInfo();


final LinkedList<NetworkInterface> interfaces = netInfo.getAllNetInterfaces();


final String IP = "192.168.101.144";


new Thread() {



InetAddress inetAddress = null;



boolean available = true;



{




for (NetworkInterface nic : interfaces) {





inetAddress = nic.getInetAddresses().nextElement();





if (inetAddress.getHostAddress().equals(IP))






break;




}



}



public void run() {




if(inetAddress==null)return;




while (true) {





try {






NetworkInterface myInt = NetworkInterface.getByInetAddress(inetAddress);






if (myInt == null && available) {







System.out.println(IP + " not available " + System.currentTimeMillis());







available = false;






} else if (myInt != null && !available) {







System.out.println(IP + " available " + System.currentTimeMillis());







available = true;






}





} catch (SocketException e) {






e.printStackTrace();





}





try {






Thread.sleep(100);





} catch (InterruptedException e) {






e.printStackTrace();





}




}



}


}.start();

}
}
SipSwitcher

package core.net;
import java.net.InetAddress;
import java.net.NetworkInterface;
import java.util.Date;
import java.util.Enumeration;
import java.util.Hashtable;
import java.util.Iterator;
import java.util.LinkedList;
import javax.sip.ListeningPoint;
import javax.sip.ObjectInUseException;
import javax.sip.SipProvider;
import javax.sip.SipStack;
import core.logging.DebugIM;
import core.ua.MessageListener;
import core.ua.gui.settings.Settings;
import core.utils.IPConfig;
/**
 * This Class contains a Logic to select the SipProvider to be used that is bound to specific network Interface
 * 
 * @author adomas
 */
public class SipSwitcher {

private SipStack sipStack;

private MessageListener sipListener;

private LinkedList<SipProvider> sipProviders = new LinkedList<SipProvider>();

private Hashtable<SipProvider, Boolean> reachTable = new Hashtable<SipProvider, Boolean>();

//private Hashtable <SipProvider,ServerSocket> echoSocket=new Hashtable <SipProvider,ServerSocket>();

public SipSwitcher(SipStack sipStack, MessageListener listener) {


this.sipStack = sipStack;


this.sipListener = listener;

}

/**

 * Creates new <code>SipProvider</code> for given NetworkInterface. LISTENER_PORT and LISTENER_PROTOCOL is taken according to Settings.

 * 

 * @param netInterface

 * @throws Exception

 */

public SipProvider createSipProvider(NetworkInterface netInterface) throws Exception {


SipProvider sipProvider = getSipProvider(netInterface);


if (sipProvider != null)



return sipProvider;


InetAddress inetAddr=netInterface.getInetAddresses().nextElement();


String ipAddress = inetAddr.getHostAddress();


Iterator<SipProvider> sipProvidersIter = sipStack.getSipProviders();


while (sipProvidersIter.hasNext()) {



sipProvider = sipProvidersIter.next();



ListeningPoint lp = sipProvider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);



if (lp != null && lp.getIPAddress().equals(ipAddress) && lp.getPort() == Settings.SIP_LISTENER_PORT) {




sipProvider.addSipListener(sipListener);




boolean listContains = false;




for (int i = 0; i < sipProviders.size(); i++) {





SipProvider providerOfList = sipProviders.get(i);





if(providerOfList==null){






sipProviders.remove(i);





}





lp = providerOfList.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);





if (lp != null && lp.getIPAddress().equals(ipAddress) && lp.getPort() == Settings.SIP_LISTENER_PORT) {






listContains=true;






break;





}




}




if (!listContains) {





setReachable(sipProvider, true);





sipProviders.add(sipProvider);





sipListener.providersModified(sipProviders);





new NetworkProbeThread(sipProvider).start();




}




return sipProvider;



}


}


ListeningPoint lp = sipStack.createListeningPoint(ipAddress, Settings.SIP_LISTENER_PORT, Settings.SIP_SIGNALING_TRANSPORT);


DebugIM.println("DebugIM, one listening point created: " + lp.getIPAddress() + " " + lp.getPort() + ", " + " transport:" + lp.getTransport());


sipProvider = sipStack.createSipProvider(lp);


setReachable(sipProvider, true);


sipProvider.addSipListener(sipListener);


sipProviders.add(sipProvider);


sipListener.providersModified(sipProviders);
//

echoSocket.put(sipProvider,new ServerSocket(7,0,inetAddr));


new NetworkProbeThread(sipProvider).start();


return sipProvider;

}

/**

 * Adds additional listening point to current SipProvider

 * 

 * @param transport

 * @return Created ListeningPoint

 */

public ListeningPoint addListeningPoint(String transport) throws Exception {


SipProvider sipProvider = getSipProvider();


ListeningPoint lp = sipProvider.getListeningPoint(transport);


if (lp == null) {



lp = sipProvider.getListeningPoints()[0];



ListeningPoint newLp;



newLp = sipStack.createListeningPoint(lp.getIPAddress(), lp.getPort(), transport);



sipProvider.addListeningPoint(newLp);



sipListener.providersModified(sipProviders);



DebugIM.println("DebugIM, one listening point created: " + newLp.getIPAddress() + " " + newLp.getPort() + ", " + " transport:" + newLp.getTransport());



return newLp;


}


return lp;

}

public void removeSipProvider(SipProvider sipProvider) {


if (sipProvider == null){



sipProviders.remove(sipProvider);



return;


}


ListeningPoint[] points = sipProvider.getListeningPoints();


try {



sipProviders.remove(sipProvider);



for (int i = 0; i < points.length; i++) {




sipStack.deleteListeningPoint(points[i]);




DebugIM.println("The listening point " + points[i].getIPAddress() + ":" + points[i].getPort() + "/" + points[i].getTransport() + " was removed");



}



sipProvider.removeSipListener(sipListener);



sipStack.deleteSipProvider(sipProvider);



reachTable.remove(sipProvider);



sipListener.providersModified(sipProviders);


} catch (ObjectInUseException e) {



// TODO Auto-generated catch block



e.printStackTrace();


} 

}

/**

 * @param netInterface

 * @return SipProvider corresponding to given NetworkInterface (IP address). Returns null if SipProviders list is empty or there is no SipProvider with listinening point IP address equal to this NetworkInterface IP address.

 */

public SipProvider getSipProvider(NetworkInterface netInterface) {


if (sipProviders.isEmpty())



return null;


String ipAddress = netInterface.getInetAddresses().nextElement().getHostAddress();


for (int i = 0; i < sipProviders.size(); i++) {



SipProvider sipProvider = sipProviders.get(i);



if(sipProvider==null){




sipProviders.remove(i);




continue;



}



ListeningPoint listenPoint = sipProvider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);



if (listenPoint.getIPAddress().equals(ipAddress)) {




return sipProvider;



}


}


return null;

}

public LinkedList<SipProvider> getSipProviders() {


return this.sipProviders;

}

public LinkedList<SipProvider> getReachableSipProviders() {


LinkedList<SipProvider> reachableProviders = new LinkedList<SipProvider>();


Enumeration<SipProvider> providers = reachTable.keys();


while (providers.hasMoreElements()) {



SipProvider provider = providers.nextElement();



if (isReachable(provider))




reachableProviders.add(provider);


}


return reachableProviders;

}

/**

 * This method must be called after modifications in netSelectedInterfaceList is made. It makes sure that interfaces contained in that list have assocaited sipProvider and others are removed

 */

public void synchronizeProviders() throws Exception {


LinkedList sipProvidersClone = (LinkedList) sipProviders.clone();


LinkedList<NetworkInterface> selectedInterfaces = Settings.netInterfaceInfo.getSelectedNetInterfaces();


for (int i = 0; i < selectedInterfaces.size(); i++) {



NetworkInterface netInterface = selectedInterfaces.get(i);



SipProvider sipProvider = getSipProvider(netInterface);



// if there is no such sipProvider add it!



if (sipProvider == null) {




createSipProvider(netInterface);



}



// if this sip provider allready exist remember that



else {




sipProvidersClone.remove(sipProvider);



}


}


// remove other sipProvider that were not found in


// selectedInterfacesList


for (int i = 0; i < sipProvidersClone.size(); i++) {



removeSipProvider((SipProvider) sipProvidersClone.get(i));


}

}

private void setReachable(SipProvider provider, boolean isReachable) {


reachTable.put(provider, isReachable);

}

public boolean isReachable(SipProvider provider) {


if (!reachTable.containsKey(provider))



return false;


return reachTable.get(provider);

}

/**

 * @return currently active SipProvider

 */

public SipProvider getSipProvider() throws HostUnavailableException {


for (int i = 0; i < sipProviders.size(); i++) {



SipProvider provider = sipProviders.get(i);



if (reachTable.get(provider)){




if(i!=0){





SipProvider first=sipProviders.getFirst();





sipProviders.set(0, provider);





sipProviders.set(i, first);




}




return provider;



}


}


throw new HostUnavailableException("The reachable provider list is empty!");

}

public void stop() {


DebugIM.println("Stopping Sip Switcher...");


for (int i = sipProviders.size()-1; i >=0; i--) {



removeSipProvider(sipProviders.get(i));


}

}

private class NetworkProbeThread extends Thread {


private SipProvider provider;


private boolean providerChanged = true;


public NetworkProbeThread(SipProvider provider) {



DebugIM.println("Starting network probe task for " + provider.getListeningPoints()[0].getIPAddress());



this.provider = provider;


}


public void run() {



ListeningPoint point = provider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);



IPConfig ipconf=new IPConfig();



while (sipProviders.contains(provider)) {




if (!ipconf.containsHost(point.getIPAddress())) {





if (isReachable(provider)) {






setReachable(provider, false);






try {







DebugIM.println("Network Interface coresponding to " + point.getIPAddress() + " can not be found at " + new Date().toString());







providerChanged = true;







SipProvider newProvider = getSipProvider();







sipListener.providerBecameUnavailabe(provider);







ListeningPoint newPoint = newProvider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);







if (newPoint != null){








DebugIM.println("Switching to " + newPoint.getIPAddress() + ":" + newPoint.getPort() + "/" + newPoint.getTransport());








sipListener.switchToProvider(newPoint);







}






} catch (HostUnavailableException ex) {







DebugIM.println(ex.getMessage());







sipListener.allProvidersUnavailable();






}





}




} else if (!isReachable(provider)) {





SipProvider oldProvider = null;





try {






oldProvider = getSipProvider();





} catch (HostUnavailableException ex) {






DebugIM.println("getSipProvider()" + ex);





}





setReachable(provider, true);





DebugIM.println("Network Interface coresponding to " + point.getIPAddress() + " became available at " + new Date().toString());





sipListener.providerBecameAvailable(provider);





try {






SipProvider newProvider = getSipProvider();






if (oldProvider == null && newProvider != null || newProvider != null && !oldProvider.equals(newProvider)) {







providerChanged = true;







ListeningPoint newPoint = newProvider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);







if (newPoint != null){








DebugIM.println("Switching to " + newPoint.getIPAddress() + ":" + newPoint.getPort() + "/" + newPoint.getTransport());








sipListener.switchToProvider(newPoint);







}






}





} catch (HostUnavailableException ex) {






DebugIM.println("getSipProvider()" + ex);





}




}




if (providerChanged) {





try {






ListeningPoint newPoint = getSipProvider().getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);






if (newPoint != null)







DebugIM.println("Using: " + newPoint.getIPAddress() + ":" + newPoint.getPort() + "/" + newPoint.getTransport());





} catch (HostUnavailableException ex) {






sipListener.allProvidersUnavailable();





}





providerChanged = false;




}




try {





Thread.sleep(500);




} catch (InterruptedException ex) {





// TODO Auto-generated catch block





ex.printStackTrace();




}



}



DebugIM.println("Stopping network probe task for " + point.getIPAddress());


}

}
}
Core.media

RTPReceiver

package core.media.receiver;
import java.awt.Component;
import java.net.InetAddress;
import java.net.Socket;
import java.util.Date;
import java.util.LinkedList;
import java.util.Vector;
import javax.media.Control;
import javax.media.ControllerErrorEvent;
import javax.media.ControllerEvent;
import javax.media.ControllerListener;
import javax.media.Format;
import javax.media.GainControl;
import javax.media.Player;
import javax.media.RealizeCompleteEvent;
import javax.media.StartEvent;
import javax.media.control.BufferControl;
import javax.media.control.FrameRateControl;
import javax.media.control.MpegAudioControl;
import javax.media.format.AudioFormat;
import javax.media.format.VideoFormat;
import javax.media.protocol.DataSource;
import javax.media.rtp.Participant;
import javax.media.rtp.RTPControl;
import javax.media.rtp.RTPManager;
import javax.media.rtp.ReceiveStream;
import javax.media.rtp.ReceiveStreamListener;
import javax.media.rtp.RemoteListener;
import javax.media.rtp.SessionAddress;
import javax.media.rtp.SessionListener;
import javax.media.rtp.event.ApplicationEvent;
import javax.media.rtp.event.ByeEvent;
import javax.media.rtp.event.NewParticipantEvent;
import javax.media.rtp.event.NewReceiveStreamEvent;
import javax.media.rtp.event.ReceiveStreamEvent;
import javax.media.rtp.event.ReceiverReportEvent;
import javax.media.rtp.event.RemoteEvent;
import javax.media.rtp.event.RemotePayloadChangeEvent;
import javax.media.rtp.event.SenderReportEvent;
import javax.media.rtp.event.SessionEvent;
import javax.media.rtp.event.StreamMappedEvent;
import javax.media.rtp.rtcp.Feedback;
import javax.media.rtp.rtcp.ReceiverReport;
import javax.media.rtp.rtcp.SenderReport;
import core.logging.DebugIM;
import core.media.util.SessionDescription;
import core.ua.gui.SipLauncher;
public class RTPReceiver implements ReceiveStreamListener, SessionListener, ControllerListener,RemoteListener,Receiver {

RTPManager mgrs[] = null;

Vector playerWindows = null;

private static boolean bye = false;

private boolean receiving=false;

boolean dataReceived = false;

SessionDescription sessionDescription = null;

Socket socketRTPReceiver = null;

Socket socketRTCPReceiver = null;

/**

 * Constructor for Receiver

 * 

 * @param session -

 *            the session Description containing the address, the port, the

 *            Time To Live the video format, the audio format and the

 *            transport protocol

 */

public RTPReceiver(SessionDescription session) throws IllegalArgumentException {


this.sessionDescription = session;


if (sessionDescription.getVideoFormat() != null && sessionDescription.getAudioFormat() != null)



mgrs = new RTPManager[2];


else if (sessionDescription.getVideoFormat() != null || sessionDescription.getAudioFormat() != null)



mgrs = new RTPManager[1];


playerWindows = new Vector();

}

public void receive() {


if(receiving)return;


if (!this.initialize()) {



System.err.println("Failed to initialize the sessions.");


}

}

public SessionDescription getSessionDescription() {


return sessionDescription;

}

/**

 * Initialize the RTP Mamagers an wait for the data There is one by stream

 * 

 * @return false if the rtpmanagers can't be initialized or if no data was

 *         received

 */

protected boolean initialize() {


if (mgrs == null)



return false;


try {



for (int i = 0; i < mgrs.length; i++) {




if (i == 0) {





// Creates a new instance of RTPManager





// which will allow us to create, maintain and close an RTP





// session.





mgrs[i] = (RTPManager) RTPManager.newInstance();





// create the local endpoint for the local interface on the





// port given in parameter





int localPort = sessionDescription.getLocalPort() + 2 * i;





// specify the remote endpoint of this unicast session on





// the port given in parameter





int destPort = sessionDescription.getDestinationPort() + 2 * i;





mgrs[i].addSessionListener(this);





// add the ReceiveStreamListener to receive data





mgrs[i].addReceiveStreamListener(this);





mgrs[i].addRemoteListener(this);





// initialize the RTPManager, so the session





if (sessionDescription.getTransportProtocol().toLowerCase().equals("tcp")) {





} else{






System.out.println("Init UDP Receiver");






SessionAddress localAddr = new SessionAddress(InetAddress.getByName(sessionDescription.getLocalAddress()), localPort);






mgrs[i].initialize(localAddr);






LinkedList<String> targets=sessionDescription.getRemoteAddress();






for(int x=0;x<targets.size();x++){







SessionAddress destAddr = new SessionAddress(InetAddress.getByName(targets.get(x)), destPort);







System.err.println("Open RTP Receiver session for: " +sessionDescription.getLocalAddress()+ " localPort: " + localPort +" - "+ targets.get(x)  + " destPort : " + destPort + " Time To Live: " + sessionDescription.getTimeToLive());







mgrs[i].addTarget(destAddr);






}






receiving=true;





}





BufferControl bc = (BufferControl) mgrs[i].getControl("javax.media.control.BufferControl");





if (bc != null) {






if (i == 0) {







bc.setBufferLength(0);







// bc.setMinimumThreshold(0);







System.out.println("Threshold enabled : " + bc.getEnabledThreshold());







System.out.println("buf length : " + bc.getBufferLength());







System.out.println("minimum Threshold : " + bc.getMinimumThreshold());






} else {







bc.setBufferLength(BufferControl.MAX_VALUE);







// bc.setMinimumThreshold(BufferControl.MAX_VALUE);







System.out.println("buf length : " + bc.getBufferLength());







System.out.println("minimum Threshold : " + bc.getMinimumThreshold());






}





}




}



}


} catch (Exception e) {



System.err.println("Cannot create the RTP Session: ");



e.printStackTrace();



return false;


}


System.err.println("  - Waiting for RTP data to arrive...");


return true;

}

public boolean isReceiving() {


return receiving;

}

/**

 * Close the players and the session managers.

 */

protected void close() {


for (int i = 0; i < playerWindows.size(); i++) {



try {




((PlayerWindow) playerWindows.elementAt(i)).close();



} catch (Exception e) {



}


}


playerWindows.removeAllElements();


// close the RTP session.


for (int i = 0; i < mgrs.length; i++) {



if (mgrs[i] != null) {




mgrs[i].removeTargets("Closing session from Receiver");




mgrs[i].dispose();




mgrs[i] = null;



}


}

}

PlayerWindow find(Player p) {


for (int i = 0; i < playerWindows.size(); i++) {



PlayerWindow pw = (PlayerWindow) playerWindows.elementAt(i);



if (pw.player == p)




return pw;


}


return null;

}

PlayerWindow find(ReceiveStream strm) {


for (int i = 0; i < playerWindows.size(); i++) {



PlayerWindow pw = (PlayerWindow) playerWindows.elementAt(i);



if (pw.stream == strm)




return pw;


}


return null;

}

/**

 * SessionListener.

 */

public synchronized void update(SessionEvent evt) {


if (evt instanceof NewParticipantEvent) {



Participant p = ((NewParticipantEvent) evt).getParticipant();



System.err.println("  - A new participant had just joined: " + p.getCNAME());


}

}

/**

 * ReceiveStreamListener

 */

public synchronized void update(ReceiveStreamEvent evt) {


RTPManager mgr = (RTPManager) evt.getSource();


Participant participant = evt.getParticipant(); // could be null.


ReceiveStream stream = evt.getReceiveStream(); // could be null.


if (evt instanceof RemotePayloadChangeEvent) {



System.err.println("  - Received an RTP PayloadChangeEvent.");



System.err.println("Sorry, cannot handle payload change.");



// System.exit(0);


}


if (evt instanceof ApplicationEvent) {



System.out.println("applciation event New stream received!!!!!!!!!");


} else if (evt instanceof NewReceiveStreamEvent) {



try {




// Pull out the stream




stream = ((NewReceiveStreamEvent) evt).getReceiveStream();




DataSource ds = stream.getDataSource();




// Find out the formats.




Object[] format = mgr.getControls();




System.out.println(format.length);




RTPControl ctl = (RTPControl) ds.getControl("javax.media.rtp.RTPControl");




if (ctl != null) {





System.err.println("  - Received new RTP stream: " + ctl.getFormat());





// ctl.addFormat(new





// AudioFormat(AudioFormat.MPEG_RTP,48000,16,1),22);





ctl.addFormat(new AudioFormat(AudioFormat.MPEG_RTP, 48000, 16, 1), 14);





Format[] formats = ctl.getFormatList();





System.out.println("format list : " + formats.length);




} else





System.err.println("  - Received new RTP stream");




if (participant == null)





System.err.println("      The sender of this stream had yet to be identified.");




else {





System.err.println("      The stream comes from: " + participant.getCNAME());




}




// create a player by passing datasource to the Media Manager




Player p = javax.media.Manager.createPlayer(ds);




if (p == null)





return;




p.addControllerListener(this);




p.realize();




Control[] cs = p.getControls();




for (int i = 0; i < cs.length; i++)





if (cs[i] instanceof FrameRateControl)




if (ctl.getFormat() instanceof VideoFormat) {





PlayerWindow pw = new PlayerWindow(p, stream);





playerWindows.addElement(pw);




}




// Notify intialize() that a new stream had arrived.




/*




 * synchronized (dataSync) { dataReceived = true;




 * dataSync.notifyAll(); }




 */



} catch (Exception e) {




System.err.println("NewReceiveStreamEvent exception " + e.getMessage());




return;



}


}


else if (evt instanceof StreamMappedEvent) {



if (stream != null && stream.getDataSource() != null) {




DataSource ds = stream.getDataSource();




// Find out the formats.




RTPControl ctl = (RTPControl) ds.getControl("javax.media.rtp.RTPControl");




System.err.println("  - The previously unidentified stream ");




if (ctl != null) {





Format format = ctl.getFormat();





System.err.println("      " + format);




}




System.err.println("      had now been identified as sent by: " + participant.getCNAME());



}


}


else if (evt instanceof ByeEvent) {



System.err.println("  - Got \"bye\" from: " + participant.getCNAME());



PlayerWindow pw = find(stream);



if (pw != null) {




pw.close();




playerWindows.removeElement(pw);




bye = true;



}


}

}

public void stop() {


if (mgrs == null)



return;


// close the RTP session.


for (int i = 0; i < mgrs.length; i++) {



if (mgrs[i] != null) {




mgrs[i].removeTargets("Closing session");




mgrs[i].dispose();




mgrs[i] = null;



}


}


DebugIM.println("Media Receiver "+  sessionDescription.getLocalAddress()+"|"+sessionDescription.getRemoteAddress()+" stopped!!!");

}

/**

 * ControllerListener for the Players.

 */

public synchronized void controllerUpdate(ControllerEvent ce) {


Player p = (Player) ce.getSourceController();


MpegAudioControl mpegControl = (MpegAudioControl) p.getControl("javax.media.control.MpegAudioControl");


System.out.println("mpegControl::::" + mpegControl);


if (p == null)



return;


// Get this when the internal players are realized.


if (ce instanceof RealizeCompleteEvent) {



PlayerWindow pw = find(p);



if (pw != null) {




pw.initialize();




pw.setVisible(true);



}



p.start();


}


if (ce instanceof ControllerErrorEvent) {



p.removeControllerListener(this);



PlayerWindow pw = find(p);



if (pw != null) {




pw.close();




playerWindows.removeElement(pw);



}



System.err.println("Receiver internal error: " + ce);


}


if (ce instanceof StartEvent) {



GainControl gc = p.getGainControl();



System.out.println("Class for gain contol" + gc);



if (gc != null) {




Component c = gc.getControlComponent();




System.out.println("Class for component" + c);



}


}

}

public Socket getSocketRTPReceiver() {


return socketRTPReceiver;

}

public Socket getSocketRTCPReceiver() {


return socketRTCPReceiver;

}
}// end of Receiver
MediaManager

/*
 * MediaManager.java Created on December 2, 2003, 8:56 AM
 */
package core.media;
import java.awt.Dimension;
import java.io.File;
import java.io.IOException;
import java.net.MalformedURLException;
import java.net.URL;
import java.util.Collection;
import java.util.Enumeration;
import java.util.Hashtable;
import java.util.Iterator;
import java.util.LinkedList;
import java.util.List;
import java.util.Random;
import java.util.Vector;
import javax.media.CaptureDeviceInfo;
import javax.media.CaptureDeviceManager;
import javax.media.Codec;
import javax.media.Control;
import javax.media.Controller;
import javax.media.Format;
import javax.media.Manager;
import javax.media.MediaLocator;
import javax.media.NoDataSourceException;
import javax.media.NoProcessorException;
import javax.media.Owned;
import javax.media.Player;
import javax.media.Processor;
import javax.media.control.QualityControl;
import javax.media.control.TrackControl;
import javax.media.format.AudioFormat;
import javax.media.format.VideoFormat;
import javax.media.protocol.ContentDescriptor;
import javax.media.protocol.DataSource;
import javax.sdp.Connection;
import javax.sdp.Media;
import javax.sdp.MediaDescription;
import javax.sdp.Origin;
import javax.sdp.SdpConstants;
import javax.sdp.SdpException;
import javax.sdp.SdpFactory;
import javax.sdp.SdpParseException;
import javax.sdp.SessionDescription;
import javax.sip.address.SipURI;
import javax.swing.JFileChooser;
import javax.swing.JOptionPane;
import core.logging.DebugIM;
import core.media.receiver.FileReceiver;
import core.media.receiver.RTPReceiver;
import core.media.receiver.Receiver;
import core.media.transmitter.FileTransmit;
import core.media.transmitter.RTPTransmit;
import core.media.transmitter.StateListener;
import core.media.transmitter.Transmit;
import core.net.HostUnavailableException;
import core.ua.gui.SipLauncher;
import core.ua.gui.settings.Settings;
import core.ua.presence.Contact;
/**
 * This class will handle the media part of a call Opening the receiver and
 * transmitter, close them,...
*/
public class MediaManager {

// Media transmitter

private Transmit transmit;

// Media receiver

private Receiver receiver;

// Codec supported by the user agent

public static List<Format> audioCodecSupportedList = null;

public static List<Format> videoCodecSupportedList = null;

private int localAudioPort = -1;

private int remoteAudioPort = -1;

private int localVideoPort = -1;

// SdpFactory to create or parse Sdp Content

private SdpFactory sdpFactory;

// messengerManager

// private MessengerManager messengerManager;

// callListener

// private MessageListener callListener;

private boolean created = false;

private boolean initialized = false;

// flag to know if the media session is going through the proxy

private boolean proxyEnabled = false;

private Hashtable<String, Receiver> receiverMap = new Hashtable<String, Receiver>();

private Hashtable<String, Transmit> transmitterMap = new Hashtable<String, Transmit>();

private String currentKey;

private StartThread startedThread = null;

private LinkedList<Processor> fileProcessors = new LinkedList<Processor>();

private DataSource cloneableDataSource;

private File outputFile;

/**

 * Creates a new instance of MediaManager

 * 

 * @param callListener -

 *            the sipListener of the application

 */

public MediaManager() {


sdpFactory = SdpFactory.getInstance();


// this.messengerManager = messengerManager;


// this.callListener = messengerManager.getMessageListener();

}

/**

 * get the supported audio codecs in the sdp format

 * 

 * @return array of the audio supported codecs

 */

public static String[] getSdpAudioSupportedCodecs() {


Vector<String> sdpSupportedCodecsList = new Vector<String>();


for (int i = 0; i < audioCodecSupportedList.size(); i++) {



String sdpFormat = findCorrespondingSdpFormat(((Format) audioCodecSupportedList.get(i)).getEncoding());



boolean redundant = false;



for (int j = 0; j < sdpSupportedCodecsList.size(); j++) {




if (sdpFormat == null) {





redundant = true;





break;




} else if (sdpFormat.equalsIgnoreCase((String) sdpSupportedCodecsList.get(j))) {





redundant = true;





break;




}



}



if (!redundant)




sdpSupportedCodecsList.addElement(sdpFormat);


}


for (int i = 0; i < sdpSupportedCodecsList.size(); i++)



DebugIM.println("" + sdpSupportedCodecsList.get(i));


return (String[]) sdpSupportedCodecsList.toArray(new String[sdpSupportedCodecsList.size()]);

}

/**

 * get the supported video codecs in the sdp format

 * 

 * @return array of the video supported codecs

 */

public static String[] getSdpVideoSupportedCodecs() {


Vector<String> sdpSupportedCodecsList = new Vector<String>();


for (int i = 0; i < videoCodecSupportedList.size(); i++) {



String sdpFormat = findCorrespondingSdpFormat(((Format) videoCodecSupportedList.get(i)).getEncoding());



boolean redundant = false;



for (int j = 0; j < sdpSupportedCodecsList.size(); j++) {




if (sdpFormat == null) {





redundant = true;





break;




} else if (sdpFormat.equalsIgnoreCase((String) sdpSupportedCodecsList.get(j))) {





redundant = true;





break;




}



}



if (!redundant)




sdpSupportedCodecsList.addElement(sdpFormat);


}


return (String[]) sdpSupportedCodecsList.toArray(new String[sdpSupportedCodecsList.size()]);

}

/**

 * Detects the supported codecs of the user agent depending of the devices

 * connected to the computer

 */

public static void detectSupportedCodecs() {


audioCodecSupportedList = new Vector<Format>();


videoCodecSupportedList = new Vector<Format>();


MediaLocator audioLocator = null;


MediaLocator videoLocator = null;


CaptureDeviceInfo videoCDI = null;


CaptureDeviceInfo audioCDI = null;


Vector captureDevices = null;


captureDevices = CaptureDeviceManager.getDeviceList(null);


DebugIM.println("- number of capture devices: " + captureDevices.size());


CaptureDeviceInfo cdi = null;


for (int i = 0; i < captureDevices.size(); i++) {



cdi = (CaptureDeviceInfo) captureDevices.elementAt(i);



DebugIM.println("    - name of the capture device: " + cdi.getName());



Format[] formatArray = cdi.getFormats();



for (int j = 0; j < formatArray.length; j++) {




Format format = formatArray[j];




if (format instanceof VideoFormat) {





DebugIM.println("         - format accepted by this VIDEO device: " + format.toString().trim());





if (videoCDI == null) {






videoCDI = cdi;





}




} else if (format instanceof AudioFormat) {





DebugIM.println("         - format accepted by this AUDIO device: " + format.toString().trim());





if (audioCDI == null) {






audioCDI = cdi;





}




} else





DebugIM.println("         - format of type UNKNOWN");



}


}


if (videoCDI != null)



videoLocator = videoCDI.getLocator();


if (audioCDI != null)



audioLocator = audioCDI.getLocator();


DataSource audioDS = null;


DataSource videoDS = null;


DataSource mergeDS = null;


StateListener stateListener = new StateListener();


// create the DataSource


// it can be a 'video' DataSource, an 'audio' DataSource


// or a combination of audio and video by merging both


if (videoLocator == null && audioLocator == null)



return;


if (audioLocator != null) {



try {




// create the 'audio' DataSource




audioDS = javax.media.Manager.createDataSource(audioLocator);



} catch (Exception e) {




DebugIM.println("-> Couldn't connect to audio capture device");



}


}


if (videoLocator != null) {



try {




// create the 'video' DataSource




videoDS = javax.media.Manager.createDataSource(videoLocator);



} catch (Exception e) {




DebugIM.println("-> Couldn't connect to video capture device");



}


}


Processor processor = null;


if (videoDS != null && audioDS != null) {



try {




// create the 'audio' and 'video' DataSource




mergeDS = javax.media.Manager.createMergingDataSource(new DataSource[] { audioDS, videoDS });



} catch (Exception e) {




DebugIM.println("-> Couldn't connect to audio or video capture device");



}



try {




// Create the processor from the merging DataSource




processor = javax.media.Manager.createProcessor(mergeDS);



} catch (NoProcessorException npe) {




npe.printStackTrace();




return;



} catch (IOException ioe) {




ioe.printStackTrace();




return;



}


}


// if the processor has not been created from the merging DataSource


if (processor == null) {



try {




if (audioDS != null)





// Create the processor from the 'audio' DataSource





processor = javax.media.Manager.createProcessor(audioDS);




else





// Create the processor from the 'video' DataSource





processor = javax.media.Manager.createProcessor(videoDS);



} catch (NoProcessorException npe) {




npe.printStackTrace();




return;



} catch (IOException ioe) {




ioe.printStackTrace();




return;



}


}


// Wait for it to configure


boolean result = stateListener.waitForState(processor, Processor.Configured);


if (result == false) {



DebugIM.println("Couldn't configure processor");



return;


}


// Get the tracks from the processor


TrackControl[] tracks = processor.getTrackControls();


// Do we have atleast one track?


if (tracks == null || tracks.length < 1) {



DebugIM.println("Couldn't find tracks in processor");



return;


}


// Set the output content descriptor to RAW_RTP


// This will limit the supported formats reported from


// Track.getSupportedFormats to only valid RTP formats.


ContentDescriptor cd = new ContentDescriptor(ContentDescriptor.RAW_RTP);


processor.setContentDescriptor(cd);


Format supported[];


Format chosen = null;


boolean atLeastOneTrack = false;


// Program the tracks.


for (int i = 0; i < tracks.length; i++) {



Format format = tracks[i].getFormat();



if (tracks[i].isEnabled()) {




supported = tracks[i].getSupportedFormats();




// We've set the output content to the RAW_RTP.




// So all the supported formats should work with RTP.




if (supported.length > 0) {





for (int j = 0; j < supported.length; j++) {






DebugIM.println("Supported format : " + supported[j].toString().toLowerCase());






// Add to the list of video supported codec






if (supported[j] instanceof VideoFormat) {







videoCodecSupportedList.add(supported[j]);






}






// Add to the list of audio supported codec






else {







audioCodecSupportedList.add(supported[j]);






}





}




}



}


}


processor.stop();


processor.close();

}

public void createFileReceiveSession(Contact contact, Contact localUser, String[] data) {


if (created)



return;


else



created = true;


if (data.length < 3) {



DebugIM.println("createFileReceiveSession() not enough data!");


}


String fileName = data[0];


JFileChooser fileChooser = new JFileChooser();


int returnVal = fileChooser.showSaveDialog(null);


URL fileURL = null;


if (returnVal == JFileChooser.APPROVE_OPTION) {



File selectedFile = fileChooser.getSelectedFile();



try {




fileURL = new URL("file://" + selectedFile.getAbsolutePath());



} catch (MalformedURLException e) {




// TODO Auto-generated catch block




e.printStackTrace();



}


} else {



return;


}


int remoteAudioPort = Integer.parseInt(data[1]);


int localAudioPort = Integer.parseInt(data[2]);


String connections = data[3];// [remote-local,remote-local]


connections = connections.substring(1);


connections = connections.substring(0, connections.length() - 1);


String connectionsArray[] = connections.split("[,]");


DebugIM.println("Local file transmit audio port : " + localAudioPort);


DebugIM.println("Remote file receive audio port : " + remoteAudioPort);


LinkedList<SipURI> addressList = localUser.getReachableContactAddressList();


// for (int i = 0; i < addressList.size(); i++) {


for (int i = 0; i < connectionsArray.length; i++) {



String address[] = connectionsArray.clone()[i].split("[-]");



core.media.util.SessionDescription updatedDescription = new core.media.util.SessionDescription();



// String localAddress = addressList.get(i).getHost();



String localAddress = address[1];



updatedDescription.setLocalAddress(localAddress);



updatedDescription.addRemoteAddress(address[0]);



updatedDescription.setDestinationPort(remoteAudioPort);



updatedDescription.setLocalPort(localAudioPort);



updatedDescription.setTransportProtocol(Settings.MEDIA_TRANSPORT);



updatedDescription.setContact(contact);



// RECEIVER



receiver = new FileReceiver(updatedDescription, fileURL, fileName);



receiverMap.put(localAddress, receiver);


}


this.initialized = true;

}

public void createFileTransmitSession(Contact contact, Contact localUser, File file) {


if (created)



return;


else



created = true;


int localAudioPort = getAudioPort();


int remoteAudioPort = getRemoteAudioPort();


DebugIM.println("Local file transmit audio port : " + localAudioPort);


DebugIM.println("Remote file receive audio port : " + remoteAudioPort);


StateListener stateListener = new StateListener();


// cloneableDataSource =


// Manager.createCloneableDataSource(origDataSource);


LinkedList<String[]> connectionPairs = contact.getConnectionPairs();


// LinkedList<SipURI> addressList =


// localUser.getReachableContactAddressList();


for (int x = 0; x < connectionPairs.size(); x++) {



// create processor for each address



Processor fileProcessor = null;



try {




MediaLocator mediaLocator = new MediaLocator(file.toURI().toURL());




DataSource ds = Manager.createDataSource(mediaLocator);




fileProcessor = Manager.createProcessor(ds);



} catch (MalformedURLException e) {




e.printStackTrace();




return;



} catch (NoProcessorException e) {




e.printStackTrace();




return;



} catch (IOException e) {




e.printStackTrace();




return;



} catch (NoDataSourceException e) {




e.printStackTrace();



}



boolean result = stateListener.waitForState(fileProcessor, Processor.Configured);



if (result == false) {




DebugIM.println("Couldn't configure processor");




return;



}



// Get the tracks from the processor



TrackControl[] tracks = fileProcessor.getTrackControls();



// Do we have atleast one track?



if (tracks == null || tracks.length < 1)




return;



String type = file.getName().substring(file.getName().indexOf('.') + 1);



ContentDescriptor cd = new ContentDescriptor(ContentDescriptor.RAW_RTP);



fileProcessor.setContentDescriptor(cd);



result = stateListener.waitForState(fileProcessor, Controller.Realized);



if (!result) {




DebugIM.println("Couldn't realize processor");




return;



}



// Set the JPEG quality to .5.



setJPEGQuality(fileProcessor, 0.5f);



DataSource origDataSource = fileProcessor.getDataOutput();



fileProcessors.add(fileProcessor);



core.media.util.SessionDescription updatedDescription = new core.media.util.SessionDescription();



String pair[] = connectionPairs.get(x);



String localAddress = pair[0];



updatedDescription.setLocalAddress(localAddress);



LinkedList<SipURI> remoteList = contact.getContactAddresses();



updatedDescription.addRemoteAddress(pair[1]);



updatedDescription.setDestinationPort(remoteAudioPort);



updatedDescription.setLocalPort(localAudioPort);



updatedDescription.setTransportProtocol(Settings.MEDIA_TRANSPORT);



updatedDescription.setContact(contact);



if (x == 0) {




SipLauncher.getInstance().getAnalysisFrame().setCurrentSession(updatedDescription);



}



// TRANSMITTER



Transmit transmit = new FileTransmit(updatedDescription, origDataSource);



transmitterMap.put(localAddress, transmit);



try {




if (localAddress.equalsIgnoreCase(localUser.getContactAddress().getHost())) {





this.transmit = transmit;




}



} catch (HostUnavailableException e) {




e.printStackTrace();



}


}


this.initialized = true;

}

/**

 * Start the media Session i.e. transmitting and receiving RTP stream TODO :

 * handle the sendonly, recvonly, sendrcv attributes of the SDP session

 */

public void createMediaSession(String incomingSdpBody, Contact localUser, boolean isServer) {


if (created)



return;


else



created = true;


SessionDescription sessionDescription;


String userName;


try {



sessionDescription = sdpFactory.createSessionDescription(incomingSdpBody);



// Get the remote address where the user agent has to connect to



userName = sessionDescription.getOrigin().getUsername();


} catch (SdpParseException spe) {



spe.printStackTrace();



return;


}


Contact contact = SipLauncher.getInstance().getMessengerManager().getPresentityManager().getSubscriber(userName);


int localAudioPort = getAudioPort();


int localVideoPort = getVideoPort();


DebugIM.println("Local listening audio port : " + localAudioPort);


DebugIM.println("Local listening video port : " + localVideoPort);


int remoteAudioPort = getAudioPort(sessionDescription);


int remoteVideoPort = getVideoPort(sessionDescription);


DebugIM.println("Remote listening audio port : " + remoteAudioPort);


DebugIM.println("Remote listening video port : " + remoteVideoPort);


// Extract the codecs from the sdp session description


List audioCodecList = extractAudioCodecs(sessionDescription);


List videoCodecList = extractVideoCodecs(sessionDescription);


String negotiatedAudioCodec = negotiateAudioCodec(audioCodecList);


String negotiatedVideoCodec = negotiateVideoCodec(videoCodecList);


LinkedList<SipURI> addressList = localUser.getContactAddresses();


for (int i = 0; i < addressList.size(); i++) {



core.media.util.SessionDescription updatedDescription = new core.media.util.SessionDescription();



String localAddress = addressList.get(i).getHost();



updatedDescription.setLocalAddress(localAddress);



LinkedList<SipURI> remoteList = contact.getContactAddresses();



for (int x = 0; x < remoteList.size(); x++) {




updatedDescription.addRemoteAddress(remoteList.get(x).getHost());



}



updatedDescription.setDestinationPort(remoteAudioPort);



updatedDescription.setLocalPort(localAudioPort);



updatedDescription.setTransportProtocol(Settings.MEDIA_TRANSPORT);



updatedDescription.setAudioFormat(negotiatedAudioCodec);



updatedDescription.setVideoFormat(negotiatedVideoCodec);



// if (!isServer) {



// RECEIVER



receiver = new RTPReceiver(updatedDescription);



receiverMap.put(localAddress, receiver);



// } else {



// TRANSMITTER



transmit = new RTPTransmit(updatedDescription);



transmitterMap.put(localAddress, transmit);



transmit.pause();



// }


}


this.initialized = true;

}

public boolean isCreated() {


return created;

}

/**

 * Start the media Session i.e. transmitting and receiving RTP stream TODO :

 * handle the sendonly, recvonly, sendrcv attributes of the SDP session

 */

public synchronized void startMediaSession(boolean transmitFirst) {


if (startedThread != null)



return;


startedThread = new StartThread(transmitFirst);


startedThread.start();

}

public boolean isStarted() {


if (startedThread != null) {



return startedThread.isStarted();


}


return false;

}

public void localSwitchTo(String key) {


Transmit transmit = transmitterMap.get(key);


SipLauncher.getInstance().getAnalysisFrame().setCurrentSession(transmit.getSessionDescription());


if (this.transmit != null && !this.transmit.equals(transmit) && transmit != null) {



this.transmit.pause();



this.transmit = transmit;



this.transmit.start();



DebugIM.println("MediaManger Transmit switching to " + key);


}


Receiver receiver = receiverMap.get(key);


if (this.receiver != null && !this.receiver.equals(receiver)) {



this.receiver = receiver;



this.receiver.receive();



DebugIM.println("MediaManger receive switching to " + key);


}

}

public void remoteSwitchTo(String key) {


Collection<Receiver> receivers = receiverMap.values();


for (Receiver receiver : receivers) {



if (receiver instanceof FileReceiver) {




((FileReceiver) receiver).remoteSwitchTo(key);



}


}

}

/**

 * Stop the media Session i.e. transmitting and receiving RTP stream TODO :

 * handle the sendonly, recvonly, sendrcv attributes of the SDP session

 */

public void stopMediaSession() {


try {



stopReceiving();



stopTransmitting();


} catch (Exception e) {



System.out.println(e.getMessage());


}


created = false;


initialized = false;


startedThread = null;

}

/**

 * Stop transmitting RTP stream

 */

protected void stopTransmitting() {


Enumeration<String> keys = transmitterMap.keys();


while (keys.hasMoreElements()) {



String key = keys.nextElement();



Transmit transmit = transmitterMap.get(key);



transmitterMap.remove(key);



if (transmit != null) {




transmit.stop();




if (transmit instanceof FileTransmit) {





for (Processor fileProcessor : fileProcessors) {






fileProcessor.stop();






fileProcessor = null;





}




}



}


}

}

/**

 * Stop receiving RTP stream

 */

protected void stopReceiving() {


Enumeration<String> keys = receiverMap.keys();


while (keys.hasMoreElements()) {



String key = keys.nextElement();



Receiver receiver = receiverMap.get(key);



receiverMap.remove(key);



if (receiver != null) {




receiver.stop();



}


}

}

/**

 * Getting the sdp body for creating the response to an incoming call

 * 

 * @param incomingSdpBody -

 *            the sdp Body of the incoming call to negotiate the media

 *            session

 * @return The sdp body that will present what codec has been chosen and on

 *         which port every media will be received

 */

public Object getResponseSdpBody(String localAddress, final Contact localUser, final String incomingSdpBody) {


int localAudioPort = getAudioPort();


int localVideoPort = getVideoPort();


int remoteAudioPort;


int remoteVideoPort;


try {



remoteAudioPort = getAudioPort(sdpFactory.createSessionDescription(incomingSdpBody));



remoteVideoPort = getVideoPort(sdpFactory.createSessionDescription(incomingSdpBody));



if(localAudioPort==remoteAudioPort){




this.localAudioPort=remoteAudioPort+10;




localAudioPort=this.localAudioPort;



}



if(localVideoPort==remoteVideoPort){




this.localVideoPort=remoteAudioPort+10;




localVideoPort=this.localVideoPort;



}


} catch (SdpParseException ex1) {



ex1.printStackTrace();


}


new Thread() {



public void run() {




createMediaSession(incomingSdpBody, localUser, false);



}


}.start();


SessionDescription sessionDescription;


try {



sessionDescription = sdpFactory.createSessionDescription(incomingSdpBody);


} catch (SdpParseException ex) {



ex.printStackTrace();



return null;


}


// Extract the codecs from the sdp session description


List audioCodecList = extractAudioCodecs(sessionDescription);


List videoCodecList = extractVideoCodecs(sessionDescription);


String negotiatedAudioCodec = negotiateAudioCodec(audioCodecList);


String negotiatedVideoCodec = negotiateVideoCodec(videoCodecList);


// Constructing the sdp response body


SessionDescription responseSessionDescription = null;


try {



responseSessionDescription = (SessionDescription) sessionDescription.clone();


} catch (CloneNotSupportedException cnse) {



cnse.printStackTrace();


}


try {



// Connection



Connection connection = sdpFactory.createConnection(localAddress);



responseSessionDescription.setConnection(connection);



// Owner



long sdpSessionId = (long) (Math.random() * 1000000);



Origin origin = sdpFactory.createOrigin(localUser.getRecordAddress(), sdpSessionId, sdpSessionId + 1369, "IN", "IP4", localAddress);



responseSessionDescription.setOrigin(origin);


} catch (SdpException se) {



se.printStackTrace();


}


// Media Description


Vector<MediaDescription> mediaDescriptions = new Vector<MediaDescription>();


if (negotiatedAudioCodec != null) {



DebugIM.println("Negotiated audio codec " + negotiatedAudioCodec + " on Port " + getAudioPort());



MediaDescription mediaDescription = sdpFactory.createMediaDescription("audio", getAudioPort(), 1, "RTP/AVP", new String[] { negotiatedAudioCodec });



mediaDescriptions.add(mediaDescription);


} else {



DebugIM.println("No Negotiated audio codec," + "so no audio media descriptions will be added to the sdp body");


}


if (negotiatedVideoCodec != null) {



DebugIM.println("Negotiated video codec " + negotiatedVideoCodec + " on Port " + getVideoPort());



MediaDescription mediaDescription = sdpFactory.createMediaDescription("video", getVideoPort(), 1, "RTP/AVP", new String[] { negotiatedVideoCodec });



mediaDescriptions.add(mediaDescription);


} else {



DebugIM.println("No Negotiated video codec," + "so no video media descriptions will be added to the sdp body");


}


try {



responseSessionDescription.setMediaDescriptions(mediaDescriptions);


} catch (SdpException se) {



se.printStackTrace();


}


return responseSessionDescription;

}

/**

 * Extracts all the audio codecs from the description of the media session

 * of the incoming request

 * 

 * @param sessionDescription -

 *            the description of the media session of the incoming request

 * @return List of all the audio codecs from the description of the media

 *         session of the incoming request

 */

public List extractAudioCodecs(SessionDescription sessionDescription) {


List audioCodecList = new Vector();


Vector mediaDescriptionList = null;


try {



mediaDescriptionList = sessionDescription.getMediaDescriptions(true);


} catch (SdpException se) {



se.printStackTrace();


}


try {



for (int i = 0; i < mediaDescriptionList.size(); i++) {




MediaDescription mediaDescription = (MediaDescription) mediaDescriptionList.elementAt(i);




Media media = mediaDescription.getMedia();




if (media.getMediaType().equals("audio"))





audioCodecList = media.getMediaFormats(true);



}


} catch (SdpParseException spe) {



spe.printStackTrace();


}


return audioCodecList;

}

/**

 * Extracts all the video codecs from the description of the media session

 * of the incoming request

 * 

 * @param sessionDescription -

 *            the description of the media session of the incoming request

 * @return List of all the audio codecs from the description of the media

 *         session of the incoming request

 */

public List extractVideoCodecs(SessionDescription sessionDescription) {


List videoCodecList = new Vector();


Vector mediaDescriptionList = null;


try {



mediaDescriptionList = sessionDescription.getMediaDescriptions(true);


} catch (SdpException se) {



se.printStackTrace();


}


try {



for (int i = 0; i < mediaDescriptionList.size(); i++) {




MediaDescription mediaDescription = (MediaDescription) mediaDescriptionList.elementAt(i);




Media media = mediaDescription.getMedia();




if (mediaDescription.getMedia().getMediaType().equals("video"))





videoCodecList = media.getMediaFormats(true);



}


} catch (SdpParseException spe) {



spe.printStackTrace();


}


return videoCodecList;

}

/**

 * Extracts the audio port from the description of the media session of the

 * incoming request

 * 

 * @param sessionDescription -

 *            the description of the media session of the incoming request

 * @return the audio port on which is listening the remote user agent

 */

public int getAudioPort(SessionDescription sessionDescription) {


Vector mediaDescriptionList = null;


try {



mediaDescriptionList = sessionDescription.getMediaDescriptions(true);


} catch (SdpException se) {



se.printStackTrace();


}


try {



for (int i = 0; i < mediaDescriptionList.size(); i++) {




MediaDescription mediaDescription = (MediaDescription) mediaDescriptionList.elementAt(i);




if (mediaDescription.getMedia().getMediaType().equals("audio"))





return mediaDescription.getMedia().getMediaPort();



}


} catch (SdpParseException spe) {



spe.printStackTrace();


}


return -1;

}

/**

 * Extracts the video port from the description of the media session of the

 * incoming request

 * 

 * @param sessionDescription -

 *            the description of the media session of the incoming request

 * @return the video port on which is listening the remote user agent

 */

public int getVideoPort(SessionDescription sessionDescription) {


Vector mediaDescriptionList = null;


try {



mediaDescriptionList = sessionDescription.getMediaDescriptions(true);


} catch (SdpException se) {



se.printStackTrace();


}


try {



for (int i = 0; i < mediaDescriptionList.size(); i++) {




MediaDescription mediaDescription = (MediaDescription) mediaDescriptionList.elementAt(i);




if (mediaDescription.getMedia().getMediaType().equals("video"))





return mediaDescription.getMedia().getMediaPort();



}


} catch (SdpParseException spe) {



spe.printStackTrace();


}


return -1;

}

/**

 * Find the best codec between our own supported codecs and the remote

 * supported codecs to initiate the media session Currently, take the first

 * one to match

 * 

 * @param audioCodecList -

 *            the list of the remote audio supported codecs

 * @return the negotiated audio codec

 */

public String negotiateAudioCodec(List audioCodecList) {


// Find the mapping of the jmf format to the sdp format


List<String> audioCodecSupportedSdpFormat = new Vector<String>();


Iterator it = audioCodecSupportedList.iterator();


while (it.hasNext()) {



String sdpCodecValue = findCorrespondingSdpFormat(((Format) it.next()).getEncoding());



if (sdpCodecValue != null)




audioCodecSupportedSdpFormat.add(sdpCodecValue);


}


// find the best codec(currently the first one which is in both list)


Iterator iteratorSupportedCodec = audioCodecSupportedSdpFormat.iterator();


while (iteratorSupportedCodec.hasNext()) {



String supportedCodec = (String) iteratorSupportedCodec.next();



Iterator iteratorRemoteCodec = audioCodecList.iterator();



while (iteratorRemoteCodec.hasNext()) {




String remoteCodec = iteratorRemoteCodec.next().toString();




if (remoteCodec.equals(supportedCodec))





return remoteCodec;



}


}


return null;

}

/**

 * Find the best codec between our own supported codecs and the remote

 * supported codecs to initiate the media session Currently, take the first

 * one to match

 * 

 * @param videoCodecList -

 *            the list of the remote video supported codecs

 * @return the negotiated video codec

 */

public String negotiateVideoCodec(List videoCodecList) {


// Find the mapping of the jmf format to the sdp format


List<String> videoCodecSupportedSdpFormat = new Vector<String>();


Iterator it = videoCodecSupportedList.iterator();


while (it.hasNext()) {



String sdpCodecValue = findCorrespondingSdpFormat(((Format) it.next()).getEncoding());



if (sdpCodecValue != null)




videoCodecSupportedSdpFormat.add(sdpCodecValue);


}


// find the best codec(currently the first one which is in both list)


Iterator iteratorSupportedCodec = videoCodecSupportedSdpFormat.iterator();


while (iteratorSupportedCodec.hasNext()) {



String supportedCodec = (String) iteratorSupportedCodec.next();



Iterator iteratorRemoteCodec = videoCodecList.iterator();



while (iteratorRemoteCodec.hasNext()) {




String remoteCodec = iteratorRemoteCodec.next().toString();




if (remoteCodec.equals(supportedCodec))





return remoteCodec;



}


}


return null;

}

/**

 * Utility method to print the remote codecs

 */

public void printCodecs(List codecList) {


DebugIM.println("List of codecs: ");


Iterator it = codecList.iterator();


while (it.hasNext()) {



String att = it.next().toString();



DebugIM.println(att);


}

}

/**

 * Utility method to print the supported codecs

 */

public void printSupportedCodecs() {


DebugIM.println("List of supported audio codecs: ");


Iterator it = audioCodecSupportedList.iterator();


while (it.hasNext()) {



DebugIM.println(((Format) it.next()).toString());


}


DebugIM.println("List of supported video codecs: ");


it = videoCodecSupportedList.iterator();


while (it.hasNext()) {



DebugIM.println(((Format) it.next()).toString());


}

}

/**

 * Utility method to print the supported codecs in parameter

 * 

 * @param codecList -

 *            the list of codec to print out

 */

public void printSupportedCodecs(List codecList) {


DebugIM.println("List of codecs: ");


Iterator it = codecList.iterator();


while (it.hasNext()) {



DebugIM.println("" + it.next());


}

}

/**

 * Retrieve the audio port for this media session, if no audio port has been

 * allowed it will choose one and return it

 * 

 * @return the audio port for this media session

 */

public synchronized int getAudioPort() {


if (localAudioPort == -1) {



localAudioPort = new Random().nextInt(8885);



if (localAudioPort % 2 == 0)




localAudioPort += 1024;



else




localAudioPort += 1025;



localAudioPort = 7000;


}


return localAudioPort;

}

public int getRemoteAudioPort() {


if (remoteAudioPort == -1) {



do {




remoteAudioPort = new Random().nextInt(8885);




if (remoteAudioPort % 2 == 0)





remoteAudioPort += 1024;




else





remoteAudioPort += 1025;




remoteAudioPort = 8000;



} while (localAudioPort == remoteAudioPort);


}


return remoteAudioPort;

}

public void setRemoteAudioPort(int remoteAudioPort) {


this.remoteAudioPort = remoteAudioPort;

}

/**

 * Retrieve the video port for this media session, if no video port has been

 * allowed it will choose one and return it

 * 

 * @return the video port for this media session

 */

public synchronized int getVideoPort() {


if (localVideoPort == -1) {



localVideoPort = new Random().nextInt(8885);



if (localVideoPort % 2 == 0)




localVideoPort += 1024;



else




localVideoPort += 1025;


}


return localVideoPort;

}

/**

 * Map a jmf format to a sdp format

 * 

 * @param jmfFormat -

 *            the jmf Format

 * @return the corresponding sdp format

 */

public static String findCorrespondingSdpFormat(String jmfFormat) {


if (jmfFormat == null) {



return null;


} else if (jmfFormat.equals(AudioFormat.ULAW_RTP)) {



return Integer.toString(SdpConstants.PCMU);


} else if (jmfFormat.equals(AudioFormat.GSM_RTP)) {



return Integer.toString(SdpConstants.GSM);


} else if (jmfFormat.equals(AudioFormat.G723_RTP)) {



return Integer.toString(SdpConstants.G723);


} else if (jmfFormat.equals(AudioFormat.DVI_RTP)) {



return Integer.toString(SdpConstants.DVI4_8000);


} else if (jmfFormat.equals(AudioFormat.DVI_RTP)) {



return Integer.toString(SdpConstants.DVI4_16000);


} else if (jmfFormat.equals(AudioFormat.ALAW)) {



return Integer.toString(SdpConstants.PCMA);


} else if (jmfFormat.equals(AudioFormat.G728_RTP)) {



return Integer.toString(SdpConstants.G728);


} else if (jmfFormat.equals(AudioFormat.G729_RTP)) {



return Integer.toString(SdpConstants.G729);


} else if (jmfFormat.equals(VideoFormat.H263_RTP)) {



return Integer.toString(SdpConstants.H263);


} else if (jmfFormat.equals(VideoFormat.JPEG_RTP)) {



return Integer.toString(SdpConstants.JPEG);


} else if (jmfFormat.equals(VideoFormat.H261_RTP)) {



return Integer.toString(SdpConstants.H261);


} else {



return null;


}

}

/**

 * Map a sdp format to a jmf format

 * 

 * @param sdpFormatStr -

 *            the sdp Format

 * @return the corresponding jmf format

 */

public static String findCorrespondingJmfFormat(String sdpFormatStr) {


int sdpFormat = -1;


try {



sdpFormat = Integer.parseInt(sdpFormatStr);


} catch (NumberFormatException ex) {



return null;


}


switch (sdpFormat) {


case SdpConstants.PCMU:



return AudioFormat.ULAW_RTP;


case SdpConstants.GSM:



return AudioFormat.GSM_RTP;


case SdpConstants.G723:



return AudioFormat.G723_RTP;


case SdpConstants.DVI4_8000:



return AudioFormat.DVI_RTP;


case SdpConstants.DVI4_16000:



return AudioFormat.DVI_RTP;


case SdpConstants.PCMA:



return AudioFormat.ALAW;


case SdpConstants.G728:



return AudioFormat.G728_RTP;


case SdpConstants.G729:



return AudioFormat.G729_RTP;


case SdpConstants.H263:



return VideoFormat.H263_RTP;


case SdpConstants.JPEG:



return VideoFormat.JPEG_RTP;


case SdpConstants.H261:



return VideoFormat.H261_RTP;


case 99:



return "mpegaudio/rtp, 48000.0 hz, 16-bit, mono";


default:



return null;


}

}

/**

 * For JPEG and H263, we know that they only work for particular sizes. So

 * we'll perform extra checking here to make sure they are of the right

 * sizes.

 */

Format checkForVideoSizes(Format original, Format supported) {


int width, height;


Dimension size = ((VideoFormat) original).getSize();


Format jpegFmt = new Format(VideoFormat.JPEG_RTP);


Format h263Fmt = new Format(VideoFormat.H263_RTP);


if (supported.matches(jpegFmt)) {



// For JPEG, make sure width and height are divisible by 8.



width = (size.width % 8 == 0 ? size.width : (int) (size.width / 8) * 8);



height = (size.height % 8 == 0 ? size.height : (int) (size.height / 8) * 8);


} else if (supported.matches(h263Fmt)) {



// For H.263, we only support some specific sizes.



if (size.width < 128) {




width = 128;




height = 96;



} else if (size.width < 176) {




width = 176;




height = 144;



} else {




width = 352;




height = 288;



}


} else {



// We don't know this particular format. We'll just



// leave it alone then.



return supported;


}


return (new VideoFormat(null, new Dimension(width, height), Format.NOT_SPECIFIED, null, Format.NOT_SPECIFIED)).intersects(supported);

}

/**

 * Setting the encoding quality to the specified value on the JPEG encoder.

 * 0.5 is a good default.

 */

public static void setJPEGQuality(Player p, float val) {


Control cs[] = p.getControls();


QualityControl qc = null;


VideoFormat jpegFmt = new VideoFormat(VideoFormat.JPEG);


// Loop through the controls to find the Quality control for


// the JPEG encoder.


for (int i = 0; i < cs.length; i++) {



if (cs[i] instanceof QualityControl && cs[i] instanceof Owned) {




Object owner = ((Owned) cs[i]).getOwner();




// Check to see if the owner is a Codec.




// Then check for the output format.




if (owner instanceof Codec) {





Format fmts[] = ((Codec) owner).getSupportedOutputFormats(null);





for (int j = 0; j < fmts.length; j++) {






if (fmts[j].matches(jpegFmt)) {







qc = (QualityControl) cs[i];







qc.setQuality(val);







System.err.println("     Setting MJPEG quality to " + val);







break;






}





}




}




if (qc != null)





break;



}


}

}

private class StartThread extends Thread {


private boolean started = false;


private boolean transmitFirst = false;


public StartThread(boolean transmitFirst) {



this.transmitFirst = transmitFirst;


}


public boolean isStarted() {



return started;


}


public void run() {



// Wait until session is initialized



while (!initialized) {




try {





Thread.sleep(100);




} catch (InterruptedException ex) {





ex.printStackTrace();




}



}





final String key;





try {






key = SipLauncher.getInstance().getMessengerManager().getLocalUser().getContactAddress().getHost();





} catch (HostUnavailableException e) {






e.printStackTrace();






return;





}





new Thread(){{





if (transmitFirst) {






Transmit transmit = transmitterMap.get(key);






if (transmit != null) {







MediaManager.this.transmit = transmit;







if (transmit instanceof FileTransmit) {








for (Transmit transmiter : transmitterMap.values()) {









transmiter.start();









DebugIM.println("Starting transmitter " + transmiter.getSessionDescription().getLocalAddress() + " - " + transmiter.getSessionDescription().getRemoteAddress());








}








for (Processor fileProcessor : fileProcessors) {









fileProcessor.start();









DebugIM.println("Starting File Processor");








}







} else {








transmit.start();








DebugIM.println("Starting transmitter " + transmit.getSessionDescription().getLocalAddress() + " - " + transmit.getSessionDescription().getRemoteAddress());







}







started = true;






}





}





}}.start();





new Thread(){{





Receiver receiver = receiverMap.get(key);





if (receiver != null) {






MediaManager.this.receiver = receiver;






if (receiver instanceof FileReceiver) {







for (Receiver receive : receiverMap.values()) {








receive.receive();








DebugIM.println("Starting File receiver " + receive.getSessionDescription().getLocalAddress() + " - " + receive.getSessionDescription().getRemoteAddress());







}






} else {







for (Receiver receive : receiverMap.values()) {








receive.receive();








DebugIM.println("Starting RTP receiver " + receive.getSessionDescription().getLocalAddress() + " - " + receive.getSessionDescription().getRemoteAddress());







}






}






started = true;





}





}}.start();





new Thread(){{





if (!transmitFirst) {






Transmit transmit = transmitterMap.get(key);






if (transmit != null) {







MediaManager.this.transmit = transmit;







if (transmit instanceof FileTransmit) {








for (Transmit transmiter : transmitterMap.values()) {









transmiter.start();









DebugIM.println("Starting transmitter " + transmiter.getSessionDescription().getLocalAddress() + " - " + transmiter.getSessionDescription().getRemoteAddress());








}








for (Processor fileProcessor : fileProcessors) {









fileProcessor.start();









DebugIM.println("Starting File Processor");








}







} else {








transmit.start();








DebugIM.println("Starting transmitter " + transmit.getSessionDescription().getLocalAddress() + " - " + transmit.getSessionDescription().getRemoteAddress());







}







started = true;






}





}





}}.start();


}

}}
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This thesis investigates modern communication protocols and technologies that allow mobile device  to connect to the network using several communication paths in heterogeneous and homogenous network environments. The work also looks into network mobility where mobile node can migrate from one communication area to another and can be switched according to different network parameters such as network strength, packet loss rate, price, etc. 


Thesis describes an application prototype that was created to support multi-homing using Session Initiation Protocol for establishing media session between two or more participants and Java Media Framework for implementing the Real-Time Transport Protocol based communication. An implemented algorithms allow for multiple path creation, path failure detection and communication handover to the backup path. 


An evaluation of audio quality showed that during handover period quality degrades significantly, however the user perceived quality measured in five graded Mean Opinion Score is not as significant and depends on handover duration. An evaluation of video quality was compared with another implementation using Stream Control Transmission Protocol (SCTP). The results showed that during handover period better video quality is perceived using reliable SCTP protocol. The conclusions and future suggestions are discussed at the end of the thesis.
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Anotacija


Baigiamajame magistro darbe nagrinėjami šiuolaikiniai komunikacijos ryšio protokolai bei technologijos, leidžiančios įrenginiui jungtis prie daugiau nei vieno tinklo mazgo ir palaikančios tinklo mobilumą.


Darbe aprašoma sukurta taikomoji programa, kuri leidžia užmegzti dvipusį tekstinį/garsinį pokalbį naudojant Sesijos Iniciavimo Protokolą (SIP) ir sukurti keletą galimų ryšio kanalų. Java kalba įgyvendinti algoritmai įgalina sukurti daugelį komunikacijos kelių, aptikti ryšio nutrūkimą bei perjungti ryšį į veikiantį atsarginį komunikacijos kelią. 


Atlikti eksperimentai parodė, kad vartotojui suvokiama garso kokybė ryšio kanalo perjungimo metu tiesiogiai priklauso nuo perjungimo laiko. Palyginus šiame darbe sukurtą programą su šaltinio perdavimo protokolu (SCTP) paaiškėjo, kad vaizdo kokybė mažiau nukenčia naudojant SCTP protokolą. Darbo pabaigoje pateikiamos išvados ir siūlymai.


Darbą sudaro 9 dalys: įvadas, daugiatinkliškumas skirtinguose OSI sluoksniuose, sesijos iniciacijos protokolas ir jo veikimas, bevielės komunikacijos technologijos, mobiliųjų įrenginių platformos, SIP paremto daugiatinkliško multimedijos komunikatoriaus realizacija, realizacijos įvertinimas, išvados ir siūlymai, literatūros sąrašas. 
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	public void switchToProvider(ListeningPoint newPoint){


		Vector<Call> calls = messengerManager.getPresentityManager().getActiveCalls();


		for(int i=0;i<calls.size();i++){


			Call call=calls.get(i);


			if(call instanceof AudioCall){


				((AudioCall)call).getMediaManager().localSwitchTo(newPoint.getIPAddress());


			}


		}


	}





<…>


while (sipProviders.contains(provider)) {


 if (!ipconf.containsHost(point.getIPAddress())) {


  if (isReachable(provider)) {


   setReachable(provider, false);


   try {


    DebugIM.println("Network Interface coresponding to " + point.getIPAddress() + " can not be found at " + new Date().toString());


providerChanged = true;


    SipProvider newProvider = getSipProvider();


    sipListener.providerBecameUnavailabe(provider);


<…>


}


ipconfig = Runtime.getRuntime().exec(new String[] { "ipconfig" });


br = new BufferedReader(new InputStreamReader(ipconfig.getInputStream()));


StringBuffer sb = new StringBuffer();


try {


Thread.sleep(50);


} catch (Exception e) {


}


try {


String line;


containsHost = false;


while ((line = br.readLine()) != null) {


sb.append(line);


if (line.contains(hostName)) {


containsHost = true;


break;


}


}


} finally {


if (ipconfig != null)


ipconfig.destroy();			


}


}





private static class ReceiveEcho extends Thread {


 String msg = "echoreply";


 byte[] replyBuff = msg.getBytes();


 byte[] receiveBuff = new byte[4];


 DatagramPacket receiveDgp = new DatagramPacket(receiveBuff, receiveBuff.length);


 DatagramPacket responseDgp = new DatagramPacket(replyBuff, replyBuff.length);


 public void run() {


  while (true) {


   try {


    if (pingReceiveSocket != null) {


     pingReceiveSocket.receive(receiveDgp);


     responseDgp.setSocketAddress(receiveDgp.getSocketAddress());


     pingReceiveSocket.send(responseDgp);


    } else {


     try {


      Thread.sleep(1000);


     } catch (InterruptedException ex) {


      ex.printStackTrace();


     }


    }


   } catch (IOException e) { e.printStackTrace();}}}}





static {


try {


 if (pingReceiveSocket == null) {


  pingReceiveSocket = new DatagramSocket(7777);


  new ReceiveEcho().start();


 }


 pingSendSocket = new DatagramSocket(8888);


 if (pingSendSocket == null)


  pingSendSocket.setSoTimeout(Settings.TIMEOUT);


} catch (SocketException e) {


  e.printStackTrace();


}}


DatagramPacket dgp = new DatagramPacket("echo".getBytes(), "echo".length());


dgp.setAddress(inetAddress);


dgp.setPort(7777);


if (pingSendSocket != null) {


    pingSendSocet.setSoTimeout(current_timeout[index]);


    pingSendSocket.send(dgp);


    DatagramPacket receivedDgp = new DatagramPacket("echoreply".getBytes(), "echoreply".length());


    pingSendSocket.receive(receivedDgp);}





if (!ipconf.containsHost(point.getIPAddress())) {


  if (isReachable(provider)) {


    setReachable(provider, false);


    try {


      providerChanged = true;


      SipProvider newProvider = getSipProvider();


			sipListener.providerBecameUnavailabe(provider);


			ListeningPoint newPoint = newProvider.getListeningPoint(Settings.SIP_SIGNALING_TRANSPORT);


			if (newPoint != null){


				sipListener.switchToProvider(newPoint);


			}


		} catch (HostUnavailableException ex) {


				sipListener.allProvidersUnavailable();


			}


		}


	}





public void createMediaSession(String incomingSdpBody, Contact localUser, boolean isServer) {


  if (created)return;


  else created = true;


  SessionDescription sessionDescription;


  String userName;


  try {


    sessionDescription = sdpFactory.createSessionDescription(incomingSdpBody);


    // Get the remote address where the user agent has to connect to


    userName = sessionDescription.getOrigin().getUsername();


    } 


  catch (SdpParseException spe) {


    spe.printStackTrace();


    return;


  }


  Contact contact =          SipLauncher.getInstance().getMessengerManager().getPresentityManager().getSubscriber(userName);


  int localAudioPort = getAudioPort();


  int localVideoPort = getVideoPort();





DebugIM.println("Local listening audio port : " + localAudioPort);


DebugIM.println("Local listening video port : " + localVideoPort);





int remoteAudioPort = getAudioPort(sessionDescription);


int remoteVideoPort = getVideoPort(sessionDescription);





DebugIM.println("Remote listening audio port : " + remoteAudioPort);


DebugIM.println("Remote listening video port : " + remoteVideoPort);





// Extract the codecs from the sdp session description


List audioCodecList = extractAudioCodecs(sessionDescription);


List videoCodecList = extractVideoCodecs(sessionDescription);





String negotiatedAudioCodec = negotiateAudioCodec(audioCodecList);


String negotiatedVideoCodec = negotiateVideoCodec(videoCodecList);





LinkedList<SipURI> addressList = localUser.getContactAddresses();


for (int i = 0; i < addressList.size(); i++) {


  core.media.util.SessionDescription updatedDescription = new core.media.util.SessionDescription();


  String localAddress = addressList.get(i).getHost();


  updatedDescription.setLocalAddress(localAddress);


  LinkedList<SipURI> remoteList = contact.getContactAddresses();


  for (int x = 0; x < remoteList.size(); x++) {


    updatedDescription.addRemoteAddress(remoteList.get(x).getHost());


  }


  updatedDescription.setDestinationPort(remoteAudioPort);


  updatedDescription.setLocalPort(localAudioPort);


  updatedDescription.setTransportProtocol(Settings.MEDIA_TRANSPORT);


  updatedDescription.setAudioFormat(negotiatedAudioCodec);


  updatedDescription.setVideoFormat(negotiatedVideoCodec);


  receiver = new RTPReceiver(updatedDescription);


  receiverMap.put(localAddress, receiver);


  transmit = new RTPTransmit(updatedDescription);


  transmitterMap.put(localAddress, transmit);


  transmit.pause();


  }


 this.initialized = true;


}





	public void contactSwtichTo(SipURI sipURI) {


		Iterator<Call> iter = this.getActiveCalls().iterator();


		while (iter.hasNext()) {


			Call call = iter.next();


			if (call instanceof AudioCall) {


				((AudioCall) call).getMediaManager().remoteSwitchTo(sipURI.getHost());


			}


		}


	}





public void localSwitchTo(String key) {


  Transmit transmit = transmitterMap.get(key);


  SipLauncher.getInstance().getAnalysisFrame().setCurrentSession(transmit.getSessionDescription());


  if (this.transmit != null && !this.transmit.equals(transmit) && transmit != null) {


    this.transmit.pause();


    this.transmit = transmit;


    this.transmit.start();


  }


  Receiver receiver = receiverMap.get(key);


  if (this.receiver != null && !this.receiver.equals(receiver)) {


    this.receiver = receiver;


    this.receiver.receive();


  }}





public void remoteSwitchTo(String key) {


  Collection<Receiver> receivers = receiverMap.values();


  for (Receiver receiver : receivers) {


    if (receiver instanceof FileReceiver) {


      ((FileReceiver) receiver).remoteSwitchTo(key);


    }}}








� Defined in internet draft draft-ietf-shim6-proto-05


� Defined in internet draft draft-ietf-shim6-arch-00


� The Processor interface defines a module for processing and controlling time-based media data. (JMF API)


� DataSink is the base interface for objects that read media content delivered by a DataSource and render the media to some destination.(JMF API)


� Wireshark is the world's foremost network protocol analyzer, and is the de facto (and often de jure) standard across many industries and educational institutions.� REF _Ref227486576 \r \h ��[22]�
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