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Abstract

The development of conventional telephony systems is far behind the development of today’s Internet. Centralized architectures with dumb terminals make exchange software and hardware very complex, but provide very limited functions. It is very hard for one company to choose products from more than one vendor, due to the closed system architecture.

VoIP can promise cheaper communications and more services. Since IP networks are ubiquitous and voice can be transmitted over IP, it is not necessary to develop another network to transmit voice only. It is also easy for VoIP to integrate voice communication with other IP applications; a call can be made by just one mouse click. However, many current VoIP solutions have the same problems as traditional telephony systems. Its centralized architecture makes it hard for enterprise to deploy special services for their business need. 

This project aims to set up a distributed IP phone system using Java technology. Session Initiation Protocol (SIP) is used as the phone signalling protocol. It also investigates several telecommunication-related Java standards, especially JAIN API and Java Trouble Ticket API. IP phones in this project are intelligent; in other words, they can run programs and consume other services. Therefore, service discovery is very important in IP phone systems. Jini is a good middleware technology for service discovery. Finding solutions for putting IP phone devices and J2EE services on the Jini federation is another part of this project.
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1.Introduction

1.1 Advantages of Voice over IP?
In traditional telephony systems, there is a dedicated path established between each pair of caller and callee, which technology is called circuit switching. Circuit switching provides fixed bandwidth and short and controlled latency. However, the capacity is not shared by other users during the entire call time, even during silence period. Regardless of what type of conversation it is, as much as 50% percent of total call time actually is silence [51]. Therefore, traditional telephony systems are not efficient and are expensive. 

In contrast, traffic data in IP-based networks is split into packets, which contain source and destination addresses, and are sent and routed independently. Traffic links can be shared by packets from different sources. Up to 45% of the cost of a long distance call can be saved for an enterprise by using VoIP instead [11].  If a company with multi-international sites pays  $10,000 for their long distance month bill, it will save $54,000 every year. 

Benefits of VoIP are far more than bill saving on long distance calls. There is more and more need for integrating voice and IP applications, especially for a customer service call center. Currently, people need to make a call, and then a service operator answers the call and asks customers personal information over phone. They invent an interesting way for spelling words over the phone, something like “O for orange, A for apple”. It is much better if a customer just clicks a phone number of the customer service on a company Web page. Once the phone is connected, the screen on the customer side is changed to the information exchange’s page. Information exchange between customer and service professional can be aided by web browser showing, text chat, file transfer, etc. 

Furthermore, corporate intranets have already been built in today’s business company. The incredible cost saving can be achieved by reducing the operating costs of maintaining one network for both voice and data, and by avoiding access charges and settlement fees.

1.2 Why distributed architecture?
Like the traditional telephony model, first generation IP phone system is a centralized architecture. The architecture is similar to what mainframe did with VT100 terminals in old computer systems.

A telephone is like a dumb terminal, while PBXs
 contain all application functions. When the sequence buttons are pressed and corresponding signals are received by PBX, PBX must Figure out what meaning they have and manage everything for the phone. Such architecture made hardware and software of PBXs very complex. Even a small modification needs a specialized engineer and extensive integration testing. A PBX vendor might design and implement everything from operating system, memory cards, micro-processor board to the application software. The features of hardware specialized software and lack of standards between equipment from different vendors also hinders telephone systems to be open environment. A recent case study [53] shows that more than 50% of companies reported the use of a single voice vendor. Only a couple of features of PBX can be understood by both administrators and users. It is impossible for an enterprise itself to deploy a voice function to meet business needs.

Conversely, distributed architecture is a different story. Companies only provide solutions for a portion of the system. World Wide Web is one of most successful examples in the distributed world. The features of the WWW architecture can be applied to IP phone systems, which include intelligent end devices and distributed intelligent servers [2]. An open environment is a key, which leads to innovation, rapid application development and lower costs. Anyone, big company or an individual can build a voice service server that provide their feature services to satisfy personal or business needs.

1.3 Contributions 

Firstly, a WWW-like IP phone call system was set up, in which the new signalling protocol SIP was applied. In the system, intelligent phones instead of dump terminals used in the conventional telephone network. The system architecture also supports personal mobility. Open Java API standard for the network integration is applied in the system as well. 

Secondly, since the architecture designed in the first part was based on intelligent terminal, Java-based IP phone, service discovery for phones was a challenge. The Jini federation, which promises network plug-and-play, can be a good choice as a middleware technology for the phone service system. A possible Jini solution for PersonalJava IP phone device was designed and  implemented.

Finally, a JINI/J2EE bridge architecture is contributed in the thesis. This kind of bridge can be used along with a J2EE server, and make a J2EE application providing Jini service. This contribution can be expected to put large-scale service application of phone systems on the Jini federation. 

1.4 Organization

A survey of major technologies driven this system is presented in chapter2.

Our work is divided into three parts in the thesis. 

Part one is for phone call service and presented in chapter 3. 

Part two is for Jini phone service and presented in chapter 4.

Part three is for large-scale service supporting and presented in last chapter, chapter 5.  

2. Enabling technologies for IP phone systems

In this chapter, a survey of major technologies driving the system is presented. 

2.1 Voice Coders
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Human voice is analog signals. In order to packetize voice over IP, it is necessary to digitize the human voice. As Figure 1 shows, an analog signal is sampled at the sampling frequency, and then amplitude of the sampled signal is divided into discrete numerical levels by A/D converter. Levels are represented by bits, and how many bits are used, depends on the code schema. Normally, the more bits we use, more accurate the signal can be recovered at voice receiver side, more bandwidth is consumed. Balancing quality with bandwidth consumption must be considered, when choosing a best coder for a given network. 

PCM is a common coder and is widely used in conventional telephony networks. Even though PCM can provide high quality voice transmission, 64 kbps bandwidth consumption is not encouraged in many networks. More efficient coders are emerging year by year. In order to produce high quality at lower data rate, some coding schemas use silence suppression. CDMA QCELP [57], for example, does not transmit any packets during the silence period of the conversation. Compression before transmission is another good idea for a network with high performance end stations. In addition, other mechanisms can be considered in certain circumstances. For instance, G.729[16] does have the capability to accommodate a lost frame by inserting previous frame. 

Table 1 is a summary of International Telecommunication Union (ITU) vocodec. Besides data rate, coder processing delay and mean opinion score (MOS), an open test where a variety of listeners judge the quality of the voice sample on a scale of 1(low) to 5(high), are listed. More detail about voice coders can be found in [14].

	Voice Coder
	Bit rate (kbps)
	Compression Delay
	MOS

	G.711(PCM)
	64
	0.75ms
	4.1

	G.723.1
	5.3 or 6.3 
	30ms
	3.65

	G.726
	32
	1ms
	3.85

	G.728
	16
	3 to 5ms
	3.61

	G.729a
	8
	10ms
	3.27






Table 1 Summary of ITU vocodec[47]

2.2 Transport and protocols
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The primary feature of voice application is extremely delay-sensitive rather than error-sensitive. “ITU specifies an acceptable delay of not more than 300ms round trip or 150 ms one way. Delays over 250ms are noticeable and unacceptable”[47]. As to this aspect, UDP is more suitable as a transport protocol for voice packets due to the retransmission and three-handshake mechanism in TCP, even though TCP may be used as the transport protocol for control signals; reducing packet transmission delay can be achieved by simply sending packets to the destination in UDP. However, UDP was not originally designed for real-time traffic, such as voice and video transmission, and thereby it results in other problems besides excessive delay compared to circuit switching networks. One problem is delay variation. In UDP, different packets may take different routes from the sender to the receiver. Consequently, packets can arrive at the destination in different delay and out of order. Even if packets take the same route, some of them may experience longer queuing times than the others. Another problem is packet loss. Unlike TCP, there is no guarantee in UDP that packets are sent to the desired destination. Packets may be rejected by a router due to network congestion. 

Obviously, people do not want a cheap communication at the sacrifice of low performance. There are several ways to help improve the quality of VoIP. Voice packets can be prioritized, so that the transmission of voice traffic is ahead of other types of non-real-time information. In order to do so, Type of Service (ToS) field in the Internet Protocol version 4 [1] can be marked for voice packets. In the intranet, speeds have improved from 10M bps to 1000M bps (1G bps), so enough bandwidth and managed corporation network are expected to avoid problems described above. QoS of VoIP on the Internet certainly continues to be improved, as the infrastructure is upgraded with faster backbones and higher access network to the end user such as xDSL[7] and cable modem[39]. 

The Real-Time transport protocol (RTP)[46] is a compensative protocol for real-time deficiency on packet networks. It operates on UDP and supports network to deliver real-time applications. Rather than being implemented as a separate layer, RTP is often integrated into application processing. The major fields in RTP header include Payload Type, Sequence Number and Timestamp. Payload Type is used to indicate the format of RTP payload, such as G.711 codec. This field can help the receiver to decode data contained in payload. The receiver also can reorder RTP frame through Sequence Number, when UDP packets arrive out of order. Although, UDP packets do not have a mechanism guaranteeing that UDP packets are delivered within a certain time, the receiver can play out RTP payloads to synchronize with the sender according to the content of time in their Timestamp field.

The Real-Time Control Protocol (RTCP)[46] provides quality feedback of the session, including lost RTP packets, delays and interarrival jitter
. Such feedback is very helpful for the quality improvement and management of the real-time network. 

2.3 Signalling

2.3.1 Overview of signaling protocols for IP phone applications
Signalling is a means for call setup, teardown and maintenance. Several IP telephony signalling standards are available in Table 2 below.
	
	SIP
	H.323
	MGCP
	MEGACO

	Architectural Model
	Peer-to-peer
	Peer-to-peer
	Master/slave
	Master/slave

	Media types
	Voice,video,data
	Voice,video, limited data
	Voice
	Voice,video

	Network
scope
	Intra,Extra,
and Internet
	Intra,Extra,and Internet
	Intranet only
	Intranet only

	Extensibility
	High
	Low
	Medium
	Medium

	Scalability
	High
	Medium
	Low
	Low

	Ease of 
deployment
	High
	Low
	Medium
	Medium

	Standardization
	IETF
	ITU-T
	IETF
	IETF and 
ITU-T


Table 2  Summary of IP telephony signalling standards[3]

MGCP[3] and MEGAC[6] are old centralized models, which are used in first generation IP phone systems and only support the Intranet. Among protocols listed in Table 2, H.323[17] and SIP[45] are peer-to-peer protocols. H.323 is published earlier by ITU. Today, more products support H.323 than SIP. However, H.323 was originally designed for video conferencing over the LAN, while SIP was targeted at multimedia sessions and conferences over the WAN. Consequently, SIP is believed to offer numerous significant advantages over H.323 in terms of extensibility and scalability. Ease of deployment for call control and media exchange is another gain that can be obtained by SIP.  Being simple and similar to HTTP, SIP will bring the benefits of WWW architecture into IP telephony [2] and readily run wherever HTTP runs. 

It is a gradual evolution from existing circuit-switched networks to IP packet-switched network.  Several gateways that convert VoIP signalling and circuit-switched network signalling are required. Potentially, MGCP and MEGAC are believed to work along with SIP. MGCP or MEGAC acts as a protocol for gateway control; whereas SIP is used as call-signalling protocol. [5]

2.3.2 SIP 

SIP stands for Session Initiation Protocol and SIP is a client-server protocol. An application program sending a SIP request is called a user agent client (UAC), while a user agent server (UAS) is an entity that generates responses to those requests. A client and server might be found in a SIP phone device, PC or in a server. 
As shown in Figure 3 and Figure 4, the SIP request and response message consist of three parts, namely start-line, message header and message body. 

For a SIP request message, the method field in the start-line indicates the operation that is requested to be taken by the SIP user agent server. Through the response code field in the start-line of response messages, user agent client can be informed the result of the operation execution. The meaning of SIP methods and response codes are given in Table 3 and Table 4. 
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	SIP METHODS
	

	INVITE
	User or service is being invited to participate in a session.

	ACK
	Client has received a final response to an INVITE request.

	OPTIONS
	Server is being queried about capabilities.

	BYE
	User agent client indicates to server to release the call.

	CANCEL
	Cancels a pending request.

	REGISTER
	Client registers address with a SIP server.





Table 3 Summary of SIP methods 
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	SIP RESPONSE CODES
	

	1((
	Informational: Request received, continuing to process request

	2((
	Success: Action successfully received, understood and accepted.

	3((
	Redirection: Further action required to complete request.

	4((
	Client Error: Request contains bad syntax or cannot be executed at server

	5((
	Server Error: Server failed to execute an apparently valid request

	6((
	Global Failure: Request cannot be executed at any server




Table 4 Summary of SIP response codes

The purpose of message headers is to provide further information of request or response, such as the destination and source of a call. A lot of headers are defined in RFC 2543 from which SIP not only provides functions found in traditional telephony but also numerous innovation services. For instance, people can attach a text “ It is very urgent please pick up the phone” to the subject header with the INVITE message. 

Usually, SIP message body, in combination with the Session Description Protocol (SDP)[12], describes session characters to session participants. For example, in a media negotiation before a conversation or in the conversation, what RTP payload type and what address and port number are used to exchange media, are described by SDP in SIP message body.  

A SIP address or SIP URI (Uniform Resource Indicators) is similar to mailto URL. Normal SIP URI is in the format of sip:user@host or with more details including password, port and parameters such as sip:user:password@host:port;uri-parameters?headers. Because a SIP address is a URL, it is easy to put it in a Web page for click-to-call applications.

A simple SIP call establishment scenario is illustrated in Figure 5 below. If Alice wants to make a call to Peter, this call session starts from sending INVITE message to Peter’s terminal, and then Peter’s terminal sends Ringing. If Peter picks up his phone, OK is sent to Alice. After ACK is sent by Alice’s phone, a conversation begins. The conversation can be terminated by message BYE.
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In general, SIP supports five facets of establishing and terminating multimedia communications [34]:

· User location: determination of the end system to be used for communication

· User capabilities: determination of the media and media parameters to be used

· User availability: determination of the willingness of the called party to engage in communications.

· Call setup: establishment of call parameters at both called and calling party.

· Call handling: including transfer and termination of calls.

2.4 IP phone devices

In order to totally replace traditional circuit-switch telephony systems with packet-switch networks, which enable to combine voice and data, low-cost IP phone devices are required. Standalone IP telephone devices have four major advantages over softphone on PCs[61]. 

· Lower latency due to an embedded real-time design

· Easier to use due to similar user interface to conventional phones

· Greater reliability

· Lower station cost where a PC is not required

Common units of IP phone devices, as illustrated in Figure 6, include User Interface, Voice Codec, Microcontroller Unit, Digital Signal Processor and Network Interface. 
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Figure 6 IP telephone design [61]

The low-cost, low-power and high performance digital signal processor (DSP) and Microcontroller are the core unit of IP phone devices, which performs the voice processing, call processing, protocol processing and network management functions of the phone. DSP, which are optimized for operations frequently encountered in signal processing algorithms, deals with the voice-related functions and MCU is for the remaining functions.

In traditional telephony, power is transmitted along telephony wiring to phones. For IP phone devices, in-line power [51] is available. Power can be distributed over unused Ethernet wire pairs from power supply equipment with UPS for emergency power supporting.

Decision of which operating system should be used is critical to IP phone devices due to its real-time requirements. A chunk of voice samples from the microphone is sent to OS by an interrupt. However, many OS, like Windows, cannot accommodate too many interrupts per second and thereby introduce higher delay. Real-Time Operating Systems (RTOSs) are preferred, such as VxWork[60]. 

In addition to basic voice transfer function, with a small LCD screen, many applications are expected to be deployed in the IP phone device and the IP phone can be an intelligent endpoint. For example, the IP phone can access servers provided in the Internet or an intranet. In a hotel room, a guest can use an IP phone to browse his or her phone book on a public phone book server or search a particular phone number by accessing a yellow page server. Text or voice email is also a good application for the IP phone. However, it does not mean IP phones will totally replace PCs or workstations, but IP phone can be a good station for a non-data processing application. 

The features of built-in web server for the device configuration and simple network management protocol (SNMP) support, which are popularly implemented in contemporary network devices, are also suitable for IP phone devices.

2.5 Java in IP phone devices
2.5.1 Drawback of Java in embedded IP phone devices
The success of Java platform is on the desktop. There are four primary shortcomings in Java for embedded devices.

· Memory requirements

J2SE for windows can eat up as much as 26MB besides space occupied by JVM and some memory overhead at runtime. Embedded systems cannot afford large size platform due to their storage-limited features.
· Speed of execution

Java is an interpreted language and code is compiled as it runs. Therefore, execution of  Java code is slower than C/C++. In addition, other factors [13] in Java including using a reference table instead of pointers, garbage collector, runtime checks, etc, make Java slow down. 
· Automatic garbage-collection

Garbage-collection is Java’s biggest problem with real-time execution. Traditional simple garbage collectors run a complete batch cycle and cannot be preempted by a more urgent Java thread.
· No real-time support 

There is no interrupt handling and memory direct access method in Java, which are required in real-time programming.

2.5.2 PersonalJava solution for IP phone devices
PersonalJava[43] and embedded Java[9] are similar and contain a subset of the standard Java API. PersonalJava is designed for network-enabled devices, while embedded Java is for work along devices. PersonalJava is very suitable for IP phone devices. Figure 7 shows system layers of PersonalJava based IP phone devices.
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PersonalJava is derived from Java 1.1.8 and combined security classes in J2SE.  PersonalJava also requires that the Java native interface (JNI)[33] must be implemented in PersonalJava implementations. Although Java does not provide a real-time method, a PersonalJava application can be integrated into a C/C++ application on a real-time operating system through JNI as shown in Figure 8. 

In some PersonalJava implementations, like Jwork[59], a garbage collector runs as a preemptive thread, whose priority can be set by the application. As a result, the garbage collector thread can be preempted by any high-priority threads in the system, such as voice packets send, receive and playback threads. 

Unlike a desktop, it is impractical for IP phone devices to load Java classes into RAM and execute them, due to limited capacity and expensive RAM in the embedded system. JavaCodeCompact [42] for PersonalJava can create a run-time format of Java class files and then can be run directly out of ROM or flash memory by the JVM.

The benefits of Java based IP phone devices are that Java transforms an embedded device conforming to the specification into an application platform. Therefore, third-party Java applications can be downloaded and they can be safely executed on the Java based IP phone. For example, the Pingtel[44] IP phone is a PersonalJava based IP phone.  There are some applications available on the Pingtel website, which were developed by individual contributors, such as personalized Call ID ring and phonebook. It also makes web-based services and remote software upgrades possible.

2.6 Java APIs for audio applications 

· Java Telephony API (JTAPI)


JTAPI[26] is a set of interfaces between Java computer telephony applications and telephony services including call control, telephony physical device control, media services for telephony and administrative services for telephony. JTAPI implementations can be used with both wired and wireless phones and its core functions can be extended to build applications such as call logging and tracking, auto-dialing software, screen-based telephone applications, screen-pop software, call routing applications, automated attendants, interactive voice response systems, agent software, call center management software, fax send and receive, voicemail, etc.
· Java Speech API (JSAPI)

Java Speech API [25] is part of J2SE version 1.3.0 and higher, which provides low-level support for audio operations such as audio playback and capture.

· Java Media Framework API (JMF)
JMF[32], which extends multimedia capabilities on the J2SE platform and provides RTP usage, enables audio and other time-based media to be added to Java applications and applets.

2.7 JAIN

As mentioned earlier, software systems in the traditional telephone system and most current IP telephone systems are subject to hardware proprietary. An application development should start from handling network communication and signalling protocol on hardware. Such software design not only hinders third-party applications developments, but also significantly slows down the speed of service creation and deployment to market; the cost of maintenance requirements is increased as well. Therefore, a technology is needed to respond to this problem. In addition to open environments for different components via communication protocol, such as SIP and IP, it is necessary to divide a network-related software system into several layers and put forward open APIs between two adjoined layers. 

2.7.1 Overview of JAIN

JAIN[54] is a set of integrated network APIs for the Java platform. The architecture of JAIN APIs is illustrated in Figure 9. The JAIN architecture is targeted toward networks, signalling and services layers of wired, wireless and packet networks.
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Signalling protocol APIs support vendor independence.  Same program on signalling layer can be used on any network layer software, which provides JAIN protocol interface, from different vendors on different networks. Call control APIs serve protocol independence for upper layer programs; in other words, same upper layer program can be applied on different signalling protocol software without changes. For example, an upper layer program can use the createCall( ) method provided by a call control implementation to make a call; for the SIP network, the call control program implements createCall( ) on the SIP protocol, while for H.323 it is implemented on the H.323 protocol; however, the upper layer program simply invokes the createCall() method regardless of what signalling protocol is below. For enterprise services, services can be developed into JAIN Service Logic Execution Environment (SLEE) components implemented by EJB. 

In addition to service portability and network convergence promises, secure network access is defined in JAIN as well, which enable different categorized applications residing outside the network to access network to carry out certain functions. 

Currently, even though JAIN, developed by a community of companies led by Sun Microsystems, is still in progress under Java community process, the benefits of JAIN are obvious. Customers will be free to choose any best-in-class products from multiple vendors at different levels. Open standard APIs will hide the complexity of networks and signalling protocol, and a huge opportunity for new services on IP phone systems will be achieved by using standard signalling and call control protocols. 

2.7.2 SIP in JAIN
SIP-related APIs are contained in JAIN protocol APIs. The JAIN SIP API [19] embraces a complete definition of the SIP standard, in which classes for all mandatory SIP headers and messages are defined. However, JAIN SIP API cannot fit all environments, because different types of SIP applications require different abstractions of SIP API. Therefore, another three types of SIP APIs are defined in JAIN. JAIN SIP Lite API [20] is aimed at user agents or clients with a small footprint where the full suite of JAIN SIP API classes is not required. Only a subset of JAIN SIP API is taken into JAIN SIP Lite API to the network stack. The SIP Sevlets API [49] enables SIP applications to work in the servlet model, in which the way of processing a SIP message is similar to the way of an HTTP servlet processing an HTTP message. The J2ME SIP API [48] is targeted on small, limited memory devices especially for mobile handsets. 

2.7.3 JAIN SIP API

In JAIN SIP API, class interfaces for messages, headers and addresses in the SIP standard are defined. In addition, SIP messages are processed as JavaBeans events through a provider and listener interfaces. The architecture of JAIN SIP API is illustrated in Figure 10. 
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Firstly, the application gets the instance of SIP factory class provided by JAIN SIP API, when an application wants to access a network through JAIN SIP API. Different vendors’ implementations can be distinguished by different path names of Java implementation packages. After setting vendor’s package name, an object of the vendor’s network stack is created by invoking createSipStack( ) on the instance of SIP factory class . Third step is to create a SIP provider implementation object attached to the network stack and this provider should listen on a certain TCP or UDP point for incoming SIP messages. After that, an application can register as a listener to the provider for SIP events. The SIP event class is also defined in JAIN SIP API. The application can send SIP response or request information by invoking methods on the SIP provider implementation. As soon as a SIP message comes, the provider fires a SIP event object so that the application can be informed and acquires the SIP message object by invoking the method on the event object. Object’s interfaces defined in JAIN SIP API regarding SIP headers, message and address all contain rich methods for SIP information processing and interpreting. Through a SIP API implementation, it is very easy for application developers to create and parse SIP headers, messages and addresses. 

2.8 Jini technology

2.8.1 Overview of Jini

One of the keys to the success of Jini is type-safty. Each Jini service provider provides a Jini service and the service is defined by a well-known service Java interface. The service proxy object implementing the service interface is allowed to be downloaded from the service provider to others on the Jini federation. Once a Jini client obtains the service proxy object, the client can interact with the service provider directly through that proxy object. Discovery, join and lookup are three central mechanisms in the Jini specification. 
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On the discovery phase, as shown in Figure 11, the service provider looks for a separate lookup service. It can be done by multicast or unicast, and then the lookup service replies by using TCP.
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Once the service provider finds the lookup service, as shown in Figure 12, it registers a service proxy object and its service attributes with the lookup service. Therefore, the service provider publishes its existence on the Jini federation.
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After that, as illustrated in Figure 13 a client requests a specified service by Java type and, perhaps, other service attributes. A copy of the service proxy object is moved to the client and the client interacts directly with the service provider via the proxy object. The proxy object communicates with the service provider by RMI or other protocols, such as TCP/IP. Once the service provider is switched off and the lookup service cannot contact it, the lookup service will remove this service from the Jini federation.

2.8.2 Problems with current Jini implementation for small devices

Currently, the Jini implementation most people use is a reference implementation from Sun Microsystems. The Sun’s implementation is based on full J2SE. J2SE is a heavyweight platform. It is impossible for memory limited embedded devices to deploy J2SE, such as some IP phone devices. Such devices are mostly implemented by PersonalJava or J2ME platform. In the Sun’s Jini implementation, the marshalling mechanism and RMI dynamic classloading are used to move an object from one JVM to another. The object’s state is serialized into a sequence of bytes and serialized state is annotated with the objects codebase URL. Usually, object’s codebase is stored in a JAR file saved in a HTTP server access directory. When a marshalled object is sent to a remote JVM, the object’s state is deserialized and reconstituted from the byte sequence. The codebase URL is then passed to a RMI classloader. If corresponding object’s classes cannot be found locally, the RMI classloader downloads the necessary class files from that URL. If class files are stored in a JAR file, entire JAR file is downloaded. However, neither PersonalJava nor J2ME support dynamic RMI classloading, because dynamic RMI classloading is a huge memory consumer. Project JMatos [31] implemented a Jini lookup service but not using dynamic classloading, while project jiniMe [30] focuses implementation of Jini on J2ME platform. 

2.8.3 Jini surrogate architecture
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As described above, current Jini implementation cannot be deployed in a small device. In Jini surrogate architecture aims to solve this problem. A surrogate is a proxy that works on behalf of a non-Jini enabled device on the Jini federation. Other Jini entities can interact with a non-Jini device through its surrogate. A surrogate and its represented device can communicate with each other by their own protocol; it could be IP, bluetooth, serial link, etc. As Figure 14 illustrates, in the surrogate architecture a powerful machine connecting to both the Jini network and devices is required, in which a framework called a surrogate host resides. The surrogate host provides executive environment for surrogates and holds necessary resources for surrogates. Surrogates are downloaded by the surrogate host from represented devices or other places at the run time. Once a surrogate is retrieved, the surrogate host activates it and then the surrogate joins the Jini federation. Several surrogates for different devices may be allowed to run on the same surrogate host at the time.  

The Jini surrogate architecture specification consists of two parts, namely Jini Technology Surrogate Architecture specification [29] and Jini Technology Surrogate Interconnect specification. The former specifies requirements and interfaces for the surrogate host, while the interconnect specification defines discovery, surrogate retrieval and liveness protocols between the surrogate host and devices for the different interconnection. The Jini Technology IP interconnect specification [56] is the first interconnect specification for the surrogate architecture and can be used for TCP/IP network devices.  
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As Figure 15 shows, there are two ways that a device can find a surrogate host according to the IP interconnect specification. One method is initiated from the surrogate host. The surrogate host periodically sends announcement multicast packets indicating its IP address and registration port number. Devices can be aware of the surrogate host by catching an announcement packet on a certain multicast group. The other way is originated from a device. Since the device does not know the location of the surrogate host at the beginning, the device sends a multicast request with its detail address and port number listening to a host response. The surrogate host should be able to monitor the request multicast group. Once a request is caught, the surrogate host sends a response packet to the device. After discovering the surrogate host, the device sends a registration packet to the host announcing its surrogate URL and other information. At last, its surrogate is retrieved and activated by the host.  
Liveness is another part of the surrogate architecture. Liveness means, in the surrogate context, both surrogate and representing device are active. If the device is not reachable, its representing the surrogate must be deactivated and the resources allocated to it should be released by the surrogate host, such as lookup service registrations.

Security is also required in the surrogate implementation. Even though several surrogates could execute at one time, each surrogate should be isolated from other surrogates and from the host as well. The surrogate has limited access to its run time environment. For example, the surrogate only has permission to create new threads in the same thread group as the thread in which the surrogate is activated. The surrogate cannot be permitted to save any information in the persistence storage of the machine in which the surrogate host resides. In addition, the installation of Java security manager on the surrogate host is necessary as well.

2.9 J2EE

Today, many global applications with complex business logic and potentially thousands of concurrent users are developed on J2EE [21] compliant platform. J2EE compliant platform provides scalability, security and reliability enabling the world’s most sophisticated Intranet and Internet applications. J2EE is a standard architecture specifically oriented to the development and deployment of enterprise applications using the Java program language. As shown in Figure 16, the backbone of J2EE platform is enterprise JavaBeans. J2EE clients may interact with session beans via RMI or communicate with message-driven beans through JMS[22].
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2.10 OSS/J

OSS stands for Operation Support Systems. OSS covers the software used by a service provider to create, administer and bill for services on its network. OSS software is a complex and large-scale application. OSS/J [36], a set of standard Java APIs, is expected to promote multi-vendor interoperability for business support system. As shown in Figure 17 OSS/J is built on the Java 2 platform, Enterprise Edition (J2EE). 
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OSS/J entities can be accessed by OSS/J APIs through XML messaging or Java Value Type interfaces. The Figure 18 is the interaction patterns of OSS/J design[37]. Instances of a well-defined set of entity types are accessed via a single interface, a stateless session bean. Bulk operations are defined in the application-specific session interface, in which Java Value Type objects are used as operation parameters. XML/JMS messaging is another way of allowing the client to interact with the entity types. Messages are received by a message-driven bean and the XML message is translated to a corresponding operation and with the Java objects as the parameters.
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Current OSS/J APIs are shown in Table 5 below. 

	API
	Application

	Service Activation API
	Provisioning a service

	Quality of Service API
	Monitoring service life-cycle

	Trouble Ticketing API
	Detecting and fixing faults 

	IP Billing API
	Billing and discounting
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3. Distributed IP phone call service

3.1 Overview

As mentioned in Section 1.2, first generation IP phone architecture is similar with the traditional telephone networks, which are centralized architecture. A telephone is like a dumb terminal, while exchanges contain all application functions. Such systems hinder telephone system developing.  In this chapter, a www-like distributed IP phone architecture for a corporation network was designed. The system not only provide basic phone services that exist in today’s regular phone system, such phone call transferring, but also supports personal mobility. The signalling of this system is SIP and strictly complies with the SIP specification, namely RFC2543[45] published by the Multiparty Multimedia Session Control (MMUSIC) working group of the Internet Engineering Task Force (IETF). In this chapter, the system analysis and design are described first. Following, the detail of the deployment and further work for the system are presented. 

3.2 System Analysis and Design

3.2.1 Architecture
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As shown in Figure 19, the system is a domain-based system. One domain can be a subnet having the same subnet IP address in an enterprise local network or a whole enterprise network.  

The entities of the system are:

· SIP IP phone

It can be a SIP phone device, a softphone running on a desktop, notebook or PDA. Through SIP message exchange as shown in Figure 11, a call is set up between two phones. In the system, every phone can be reached by an address, which consists of user name and domain name. The format is sip:user@domain_name. 

· Proxy server

The SIP proxy server in the system acts similarly to a proxy server in many enterprise networks, which is used for external network access from a local network. Every domain has its responsible proxy server. The proxy handles SIP requests from SIP phones and forwards these requests to other components after performing some translations. 

· Location server

Since IP phone systems are built on TCP/IP network, the IP address of a phone is the network layer identity. Even though IP phones can communicate with each other by their IP addresses, remembering numerous digits is a nightmare. In order to letting people to be reached by a friendly SIP URI, location servers in the system are used for associating the IP address of a IP phone and its SIP address. The association of SIP URI of a phone and its exact IP address is recorded in the database attached to the location server. The location server is allowed to receive requests from other servers and send responses to these servers. The main purposes of the location server are to execute a query for other components and to maintain the database for SIP phones according to the record management logic or the request received from other components.  

· Registrar server

The registrar server is used to receive a registration request from the phone and communicate with the location server to lodge the information of the phone in the database.

Every domain has its own responsible proxy server. Each IP phone has one home domain and is associated with a registrar server in its home domain. A location server can be set for one domain or many domains. The domain name in the system can be a DNS name of a proxy server, which is responsible for that domain.

The IP address of a SIP phone can be set by a network administrator directly or using dynamic IP address assignment solution such as DHCP. However, the server addresses are need to be fixed, due to ease of service discovery. 

In order to setup call establishment in the system, UDP is chosen as the transport layer protocol for SIP signaling between user agent, registrar server and proxy server. However, since the location server provide user information, TCP is more suitable as the transport protocol due to its reliable transmission feature. 

3.2.2 Registration


The system is not only to provide a method for call setup, but also to simplify network management and support network plug-and-play. 

Instead of using an administrator, every phone can register to the system automatically. The registration procedure is shown in Figure 20. Once a phone is plugged into the network, the phone sends registration SIP messages to its registrar server. Through a SIP registration message, the registrar server knows the SIP URI of the phone and its contact IP address. After receiving a registration message, the registrar server sends the information of the phone to its responsible location server.  If the database does not contain the information about this IP phone, the location server will add a new record for it in the database; otherwise, the location server will update its record.

In many circumstances, an IP phone may be switched off or changed to other user. The phone cannot be reached according to previous registration information. In order to solve such problems, the system uses a time-based solution. Registration message is not only sent once when it is turned on, but also sent every interval time. In the every SIP registration message, the expiry time of the phone is indicated. The location server will renew a record with a new expiry time, as soon as it receives a registration message from a registrar server. If a phone is switched off and stops sending registration messages, its record in the database will be deleted by the location server on expiry. Therefore, the location server can determine a record is no longer used and thereby delete it according to the expiry time of the record.  

The benefit of automatic user registration is making phone management simple. The phone’s IP address can be changed as many times as network administrators want without having to reconfigure associated SIP address. In particular, it is useful for a network in which dynamic IP address assignments are used. 

3.2.3 Phone call processing 

There are two types of phone call processing, one is for a call within one domain, and the other is for a call across two or more domains. Proxy servers handle SIP messages for call request, transferring and response. There are different behaviours for the SIP proxy to deal with a call within the same domain and to forward call signals to a component in a remote domain. All call setup signalling messages are routed by proxy servers. However, after call setup, voice streams are transferred between the phones of caller and callee directly, otherwise, intolerable delay would be caused, if a voice stream were forwarded by proxy servers.

· A call within one domain


An example of call setup procedure in one domain is illustrated in Figure 21. The steps are explained below.

1. Jia’s phone sends INVITE sip:jan@netschool.edu.au SIP/2.0 SIP message to the proxy server.

2. The proxy server checks that the receiver address, sip:jan@netschool.edu.au , is within the same domain, and then the proxy server sends a query message to the location server.

3. The location server searches the database and retrieves the associated IP address of sip:jan@netschool.edu.au . After that, the location server sends the IP address back to the proxy server. 

4. The proxy server sends INVITE sip:jan@netschool.edu.au SIP/2.0 SIP message to the IP address acquired from the location server. 

5. Once the Jan’s phone receives the INVITE message, Jan answers the call and the phone returns the status message to the proxy. 

6. Then the proxy forwards the status messages to Jia’s phone. 

7. Because the INVITE SIP message from Jia’s phone and the response messages from Jan’s phone contain SDP messages in which the phone’s IP address, RTP UDP port and RTP media are indicated, a RTP stream can be established between two phones. 

· A call for a phone in a remote domain


An example of call setup procedure across domains is illustrated in Figure 22. The steps are explained below.

1. Jia’s phone sends INVITE sip:daniel@it.org message to the proxy netschool.edu.au.

2. The proxy checks its domain name and finds it.org is not the same domain, and then proxy server consults its routing map and gets the IP address of it.org server.

3. The proxy server forwards the INVITE message to the proxy it.org.

4. it.org sends query message to its location server.

5. The location server returns the IP address of the phone sip:daniel@it.org.

6. The proxy it.org sends the INVITE message to the phone of sip:daniel@it.org.
7.  After the call setup between Daniel and Jia, they can talk directly.

Between a caller and a callee, there might be more than one proxy server. In the system, by using Via header of the SIP messages, the callee can be aware of the proxy and send a response along the same path as the caller used. When a proxy receives a request, it inserts its address into the Via header in front of any existing Via header.  On the callee side, it simply sends a response to the first proxy address in the Via header. For dealing with response messages, proxy servers use the reverse procedure. Each proxy server changes Via header by deleting the first address in the Via header and sending response to that address until the response reaches the caller. Therefore, the response is sent to the last proxy from which the callee received the request.

3.2.4 Personal mobility


Given that today many companies and universities have already implemented wireless LANs, personal mobility support for IP phone systems must be very necessary. People can bring their notebooks or PDAs, on which an IP softphone is running, everywhere in the office building and can always be in touch. 

Personal mobility in the IP phone system means the call can follow a person, even when the phone is moved to another domain. As Figure 23 illustrates, the phone is moved from netschool.edu.au to it.org. Once Jia is authorized to access it.org network, Jia’s phone gets a new IP through DHCP or a network administrator. After the phone is on the network, the phone sends registration messages to the registrar in Jia’s home domain netschool.edu.au and thereby the new association of the SIP address and the IP address obtained in domain it.org is recorded in the database. Therefore, Jia still can be contacted at sip:jia@netschool.edu.au. 

3.2.5 Dialing principle in the system

Today, in many enterprises have two different type telephone number systems, namely internal number and external number.  If a person in an education institution wants to call one who is in the same institution, he only needs to dial 4-digit internal telephone number rather than 8-digit one. Since the system is divided into domains, number dialing can be simplified.

In the system, the principle of calling a person is:

· If the receiver is within the same domain, people only dial his or her user name.

· If the receiver is outside, people need to dial entire SIP address.

For example, if Alice wants to use her office phone, sip:alice@netschool.edu.au, to call Peter whose phone is registered in the same domain, peter@netschool.edu.au, Alice only needs to dial p-e-t-e-r. However, if Alice wants to call Eve, eve@party.org, Alice should dial entire SIP address. 

3.3 Deployment detail

In order to prove the practical of the architecture design described in the previous sections. A demo system is set up. Due to the limited project time, we used existent products for the SIP phone and open source project for the servers to construct the demo system. Since the designs of these products are not based on our system architecture, appropriated configuration and code change have been done for making system working. The source of components in the demo system is listed below:

SIP phone:

There are two SIP phones, one is Pingtel Java-based phone device and the other is a softphone. 

Server: 

In order to make further work easier, a JAIN SIP API implementation has been considered as SIP stack for the proxy server and registrar server. Siptrex project [50], which is done by four Master students, provides code for a simple JAIN SIP API implementation and example code for the proxy server, registrar server and location server. The code of Siptrex project was used in the demo system.     

Currently, there is no DNS in the demo system, so the combination of the host IP address and SIP signal listening port number of the proxy server is temporarily used as the domain name.

In order to achieve internal domain dialing, a dialing application is needed on the IP phone, if a user dial a sip number without a domain name, the application should attached the domain name of the phone. The speed dial application of the Pingtel phone can simulate this function, but it only supports digit numbers rather than English characters.

The configuration detail is described in Appendix A. The result of Phone call signaling testing is presented in Appendix B and the description of problems with the products that are deployed in the demo is reported in the Appendix C. 

3.4 JAIN SIP API implementation discussion

Source code from Siptrex is very helpful for understanding the JAIN SIP API specification. Through applying this implementation in our system, fast application software development and deployment can be experienced. For instance, the same implementation can be used for both proxy server and registrar as their network stack. It also can be used as network stack for a SIP softphone on notebook as shown in Figure 24.


One of advantages that implementation products of JAIN SIP API have is portability. In other words, application programs need be only written once and can be run on any JAIN SIP API compliant products. So many students can create thousands of innovative SIP service applications on a free evaluation JAIN SIP API implementation, and then may move to a more reliable commercial one in the real world later. Therefore, the functions achieved by a JAIN SIP implementation should be accessed through standard APIs and only standard APIs. However, in Siptrex, there are several configuration methods in classes implementing SipProvider and SipStack, namely SipProviderImpl and SipStackImpl, which are not contained in the API specification. Such configuration methods are expected to be configured by the application and to affect the work of the stack. In fact, developers of the application layers do only know standard interfaces, for example, interface SipProvider. It is not correct to put more methods in SipProviderImpl class implementing SipProvider expecting developers to import SipProviderImpl in their application source code.  So far, JAIN SIP API is in final draft stage and many functions have not been put in, such as secure sips headers. It needs software engineers to contribute their ideas and problems during the implementation of JAIN SIP. To create several functions out of standard APIs in research basis, it is absolutely helpful for the API development.  Nevertheless, conflicts could arise with some innovative functions, which really cannot be implemented by current JAIN SIP API. If the principle of strictly complying with the standard is broken, then JAIN SIP implementation may provide nothing but overhead.  

3.5 Further work

Due to the limited time of this project, only basic IP phone environment is covered according to the system architecture design.  IP phones can register to the registrar and announce necessary information. Through the proxy server, phones can contact each other by their SIP addresses. In addition, the speed dial function is achieved when the call is within the same domain. However, according to the needs of today’s enterprise and features of SIP, some functions are expected to be implemented in this system later. 

3.5.1 Character supporting dialing application 

We hope to use a personalized phone number in the SIP phone system rather than a digit number. As mentioned, I used the speed dial application on the Pingtel phone to achieve internal domain dialing function. But this dial program only supports digit number dialing. Therefore, a character supporting dialing application is needed to implement internal and external dialing on the Pingtel phone. By using this program, a person can dial an English character-like internal number, such as jia, and default domain name can be attached by the program automatically before the phone sends a SIP INVITE message to the proxy server. The Pingtel phone is Personal Java based SIP phone, it provides application API and thereby user’s program can be deployed into the phone.

3.5.2 Multi-phone supporting 

The location server code from Siptrex only supports one entry for one SIP address. However, in some cases, it is possible for one person to have more than one phone. Furthermore, today many people often work outside their offices and some people may have more than one office in different locations. Different phones from one person should be allowed to associate with the same SIP address in the database attached to the location server. So in the database, only user‘s SIP URI cannot be an identity for every record. So the user’s SIP URI cannot be only one primary key and also the location server cannot renew a record just because it has the same SIP URI as that of registration. In addition, the location server should be able to respond to the query request of the proxy server with all records bound to the SIP address required by the proxy server rather than the first one in the database.

3.5.3 Multi-call forwarding

Multi-call forwarding is another essential function for an enterprise. In the proxy server, the proxy can fork INVITE messages to all locations bound to the same SIP address. Example of this function is: in Melbourne Hope hospital, Doctor Tom has twin phones; one is a phone on the desk in his office and the other is a mobile IP phone. Both phones can use the same SIP address such as sip:tom@hospital.org.  How the multi-call forwarding function for this example works is described in Figure 25. If Tom’s wife wants to call Tom for a very urgent matter, the proxy server gets two locations from the location server and then sends INVITE message to Tom’s mobile IP phone and office phone simultaneously. If Tom accepts the call on his mobile IP phone, his mobile IP phone sends OK plus the information of further media transmission, such as RTP media type and port number. Once the proxy server receives OK from one phone, the proxy will send a CANCEL message to the other, and then forwards the OK message sent from Tom’s mobile IP phone to the caller. Finally, the call is successfully established between Tom and his wife. This function can be implemented easily if we change some code in the proxy server.

3.5.4 Security issue 

Besides call functions, security issues also should be considered in the system. The most important one is registration message authenticating. If there is no a mechanism that assures the registration message is sent from a right source rather than a malicious subject, any one can stop the system by sending a registration message using other’s SIP URI with wrong IP address. 

3.6 Conclusion

A new service is hard to be deployed into traditional telephone systems and first generation IP phone systems, due to its centralized and closed architecture.  The central exchange has to take care of all functions processing. The WWW-like IP phone system architecture, designed and set up in our project, facilitates new service deployment and also supports personal mobility. Using SIP as the signaling protocol, the system is expected to provide many innovation services, such as multi-call forwarding.  

However, the system is based on program enabled IP phones.  Such type of terminal will cost much more than a dumb terminal in today’s market. This may stunt deployment of the system due to expensive setup cost for terminal users. With more and more telephone device manufactures and phone service consumers joining, cheaper terminals can be expected in future market.

4. Jini based phone service

4.1 Overview

In the chapter 3, a phone call service system was described. In the system architecture, an IP phone deployed in the system is similar to a small computer, on which Java programs can be developed, rather than a dumb terminal. The big advantage of distributed IP phone systems is thousands of innovative services can be deployed on IP networks and the intelligent phone can be a client to consume those services. For example, we can deploy an internal phone book service in an enterprise network. People can search the phone book by using their IP phones, and the phone will dial a telephone number automatically, when the number is clicked. Therefore, how to manage those services and how to find those services could be a challenge. 

So far, there is no a standard for those phone service management and discovery. Jini is a good technology for device interoperability and network plug-and-play. However, benefits of Jini are far more than for network devices; it also can contribute to network service discovery, especially for a dynamic network. So using Jini to achieve phone service discovery and management is a good choice. In our system, IP phones not only are able to make and receive a phone call, but also can access Jini services or provide a Jini service.  For example, the IP phone can find a Jini printer and print people’s business card, which is transferred during a phone call.  

However, current Jini implementation is built on J2SE, a heavyweight platform. It is impossible to be deployed in many embedded devices, such as PersonalJava based IP phones. In our project, we focus on a PersonalJava based Jini solution. The detail of software design and deployment are described in this chapter. Finally, the testing of the demo system and potential benefit of this solution are discussed. 

4.2 Analysis

4.2.1 Architecture


As Figure 26 shown, the main purpose on this part of our project is to let a user to access Jini services through a PersoanlJava based IP phone. As mentioned earlier, PersonalJava is based on Java 1.18 and does not support current Sun’s Jini reference implementation. So in order to make PersonalJava phone communicate with Jini federation, Jini surrogate architecture can be used to make IP phone accessing a Jini service or be found by a Jini client. Instead of joining Jini federation directly, IP phone talks to its surrogate running on a J2SE supporting machine and the surrogate represents the phone on the Jini federation. Figure 27 shows a procedure for using phone to search a telephone number from a Jini yellow page. The surrogate gets a person’s name from the phone and invokes a query method of the Jini yellow page service, and then sends result back to the phone. Communication protocol between the phone and surrogate can be any communication protocol supported by PersonalJava, such as TCP, whilst the surrogate talks to Jini service in RMI. 


[image: image2]
4.2.2 Life time of surrogates of IP phones

One phone can have many different type surrogates, for example, yellow page surrogate, printer surrogate or phone call surrogate. However, one surrogate only represents one phone on the Jini federation. Since surrogates should be run on outside IP phones. We cannot imagine that all surrogates for many phones on a corporate network can be run all time, because it will waste a lot of resources if some phones are turned off or out of work. Then, when we want to use an IP phone to access a Jini service, should we ring an administrator first to ask him to execute phone’s surrogate or we do it by ourselves? Obviously, no one wants such system. The surrogate should be automatically run when the phone is powered on and disappeared if the phone is switched off. The detail liveness method for IP devices and its surrogate is not defined in the IP interconnect protocol, and depends on the implementation of the surrogate and represented device.  How we can achieve the dynamic running of the surrogates of IP phones is discussed below. 

· Surrogate activating

In the surrogate architecture, the procedure of letting surrogate automatically run up is shown in Figure 28. 


[image: image3]Surrogate host periodically announce its location by multicast, so that IP phones know where surrogate hosts are by catching these announcement packets. After that the IP phone will register to the surrogate host informing where the jar file of its surrogate is. The jar file of a surrogate can be put in a HTTP server, ftp server or sent with the registration message, once the surrogate host get the URL of the jar file of the phone’s surrogate, it retrieves jar file and activate it. Therefore, the surrogate of the phone is running in the surrogate host environment and represent IP phone on the Jini federation. 

· Surrogate Deactivating

If an IP phone is turned off or out of work, its surrogate should be removed from Jini federation. In order to monitor the status of an IP phone, an easy way is to use message confirming. As shown in Figure 29, the surrogate sends a keep-alive message periodically, and then the IP phone sends a confirming message on receiving a keep-alive message from its surrogate. If the surrogate has not received a confirm message for a certain time, it supposes that the IP phone is not on and ask the surrogate host on which this surrogate residents to deactivate it.  


· Surrogate re-registration
In addition to the absence of IP phones, there are many reasons that phone’s surrogates cannot be reached, such as network connection failure, surrogate host crash, etc. In such situations, IP phones should be aware of the disappearance of its surrogate and re-register its surrogate to an active surrogate host in the network. As we know, there are many reasons that cause an IP phone lost connection with its surrogate. We cannot assume that the IP phone can be informed by a specific message indicating its surrogate is going to crash. Therefore, a time-base solution is a good way to address these situations. As shown in Figure 26, it is the responsibility of phone’s surrogate to send a keep-alive message periodically, so the IP phone can determine whether the surrogate is working according to the period time of keep-alive message sending. The period time can also be indicated in the keep-alive message. If a phone has not received a keep-alive message from its surrogate for more than period time of keep-alive message sending, it assumes that its surrogate is off and do re-register. 

4.2.3 Announcement packet and registration message

As mentioned earlier, surrogate hosts periodically send announcement packet by multicast, so that IP phone can be informed there is a surrogate host in the network. The format of the packet is described below, which is defined in the Jini surrogate IP interconnect.



int 
protocol version



short 
length of host address



byte[]
host address



short 
TCP registration port



short 
UDP registration port

In the announcement package, the version of the IP interconnect protocol used by the surrogate host and location of the host are given. An IP phone can catch announcement packages through listening to multicast group 224.0.1.174.   

In surrogate registration, IP phones send registration message to known surrogate host, indicating where phone’s surrogate is. The registration message mandated in the specification is given below.   



int 
protocol version



short 
length of surrogate URL



byte[]
surrogate URL



int 
length of initialization data



int 
length of surrogate



byte[]
surrogate

In the registration message, in addition to the information of the interconnect protocol version and surrogate location, other information about the phone can be given in the initialization data field. As mentioned earlier, IP phones should monitor its surrogate, so its surrogate should know which port number that phone is listening to the keep-alive message. However, in some cases, phone’s monitor port number might be generated dynamically at runtime so that it could be any port number, which is available at IP phones. Such type information can be sent in the initialization data field. 

4.2.4 Interaction between the IP phone surrogate and the surrogate host


As shown in Figure 30, there are two interfaces, IPInterconnectContext and HostContext, defined in the surrogate architecture specification, which implemented objects, are used by an IP phone surrogate to access the resources of a surrogate host. These two objects are passed as parameters when a surrogate host instantiates a IP phone surrogate and invokes activate( ) on the surrogate, after the Jar file of this surrogate is retrieved. Through HostContext the phone surrogate can get an object that implements Jini DiscoveryManagement, inform host to deactivate it and register sub-surrogate to the host. IPInterconnectContext lets the phone surrogate know the foundation information of its represented IP phone, such as its address and initialization data. So the surrogate can be informed where the IP phone is, what its monitor port is, and then the surrogate can communicate with the IP phone. 

4.3 Design

4.3.1 Package diagram of Jini solution for PersonalJava IP phones 


Figure 31 shows the packages of Jini solution for a PersonalJava IP phone. The phone Surrogate Handler package includes classes for surrogate discovery, register and monitor. IP phone function package is for normal IP phone functions, which should start a surrogate handler after phone is powered on.  The phone surrogate package contains phone’s surrogate class, which should implement the surrogate interface defined in the surrogate architecture specification. The other package is for the implementation of a surrogate host. Madison framework is Sun’s contribution implementation for the surrogate host defined in the surrogate architecture specification.  In our project, we focus on the design and implementation for the phone surrogate handler and phone‘s surrogate.

4.3.2 Class diagram of the surrogate handler package 



Figure 32 is the class diagram of our surrogate handler program for a PersonalJava Phone. The detail description of each class is list below:

· IPPhoneSurrogateHandler: this is the primary class for the phone surrogate handler; it schedules the execution of other classes to deal with surrogate host discovery, surrogate registration and surrogate monitoring.

· IncommingHostResponse:  this is responsible for parsing surrogate host announcement packet. Surrogate hosts multicast its existence and location periodically, IncommingHostResponse parses the announcement packet and put into separated variables, such as hostAddress and port number.

· HostRec: this class holds the information of an active surrogate host.

· SurrogateRec: this class holds the information of phone’s surrogate. 

· IPPhoneSurrogateRegister: this is responsible for phone’s surrogate registration. It deals with registration message sending to the surrogate host. 

· IPPhoneSurrogateMonitor: this class handles surrogate monitoring. As mentioned above, in order to re-register surrogate when phone’s surrogate is not reachable, a lease solution is used. There are three threads are used to support this function. SurrogateKeepAliveMsgListener is used to receive a keep-alive message from phone’s surrogate. KeepAliveMsgProcess handles surrogate status setting and confirm message sending. SurrogateKeepAliveExpirationThread is responsible for handling surrogate expiration.

4.3.3 Sequence diagram of surrogate registration

As Figure 33 illustrates, the procedure of surrogate registration consists in five steps.  

1. Once the phone is turned on, the main program runs and starts a thread of HostPacketListener to listen to surrogate host announcements. If an announcement packet is received, the packet is passed to an object of IncommingHostResponse for parsing. 

2. After parsing the announcement packet, an object of HostRec is constructed, recording the host address, and port of TCP or UDP where the surrogate host is listening to the surrogate registration.

3. Before registration, surrogate status is set to be true

4. A registration message indicating the URL of the surrogate Jar file and the initialization data of the IP phone is sent to the surrogate host by invoking the method on the object of IPPhoneSurrogateRegister.

5. Then the surrogate monitor for this surrogate is started.



4.3.4 Sequence diagram of surrogate monitoring

After registration message is sent to the surrogate host, the IP phone sets expiry time for this surrogate. Once the time is due, the IP phone supposes this surrogate is crashed and then re-registers a new surrogate as soon as it receives an announcement packet from a surrogate host again.  On the other hand, as shown in Figure 34, if a keep-alive message is caught from the surrogate, the IP phone renews the lease and extends expiry time for this surrogate. Thereby, as long as the IP phone receives a keep-alive message before expiry time, there is no need to make another registration.



4.3.5 Class diagram of the IP phone surrogate package


Figure 35 is the class diagram for the IP phone surrogate. The primary class for an IP phone surrogate must implement the surrogate interface defined in the Jini Surrogate Architecture Specification. KeepAliveHandler is responsible for keep-alive message sending, while KeepAliveMsgMonitor handles the confirm message receiving. 
4.3.6 Sequence diagram of liveness of processing for a phone surrogate

In addition to act as a proxy between the IP phone and Jini federation, the other important part of surrogate software is keep-alive message sending and device presence monitoring.  The entire sequence is shown in Figure 36. The object of KeepAliveHandler can be executed periodically. KeepAliveHandler performs keep-alive message sending to the IP phone and informs the surrogate host of surrogate deactivation. If flag deviceAlive is true, the handler sends a keep-alive message to the IP phone and set deviceAlive to be false. Once ACK received from the IP phone, the monitor thread sets deviceAlive to be true. Therefore, if the keep-alive message is not received by the IP phone, or the IP phone fails to send ACK or monitor does not catch ACK, the monitor does not set deviceAlive. Thereby, next time when the handler starts, it checks that deviceAlive is false, and then invokes the abortAction( ) method on the surrogate object. Afterwards, the surrogate asks the host to deactivate itself via the cancelActivation() method on the object that implements HostContext; hence the surrogate is destroyed and all resources allocated to it are released in the host. Consequently, the IP phone disappears on the Jini federation until its surrogate is retrieved and activated by the surrogate host again.  



4.4 Deployment


The deployment diagram of our demo system is shown in Figure 37. Since PersonalJava is based on Java 1.1.8, I run a phone surrogate handler and a softphone on a PC with java 1.1.8 to simulate a PersonalJava environment.  An IP phone surrogate Jar file was put into a HTTP access directory. A Madison surrogate host was run on a UNIX workstation, which support Java 1.4 and network connection. 

4.5 Testing 

In order to know whether a phone surrogate is joining Jini federation, code used to register to Jini lookup service with a type is put into its surrogate. If the surrogate is up, it registers this type to Jini lookup service, and then I can use a Jini client to search that type Jini service and then know the status of the phone surrogate. The testing includes:

· Phone surrogate activating

· Phone surrogate re-registration

· Phone surrogate deactivating

The method, result and result analysis are shown in Table 6

	Surrogate

Activating
	Method
	Start surrogate host in a local network and place surrogate Jar file into the directory on a Web Server, and then execute the surrogate handler on PC.

	
	Result
	Jini client displayed one surrogate was found

	
	The result revealed that surrogate handler could successfully discover the surrogate host and send the registration message to the surrogate host. The Jar file of the surrogate can be retrieved from the Web server and the surrogate host can activate the phone surrogate.

	Surrogate

Registration
	Method
	After the surrogate runs, shut down the surrogate host and restart it again

	
	Result
	Before shutting down: one surrogate had been found

After shutting down: no surrogate was found

After restarting: one surrogate was found

	
	The result revealed that surrogate handler was able to inform that the surrogate was unreachable and re-register phone surrogate to the surrogate host again once a new surrogate host was found in the network.
	

	Surrogate 

Deactivating
	Method
	When the surrogate host is running, stop the surrogate handler on PC.

	
	Result
	Before stopping the surrogate handler, one surrogate was found

A while after stopping the surrogate handler, no surrogate could found by the Jini client

	
	The result revealed that phone surrogates could be deactivated if the phone was not reachable.
	


Table 6 Testing Results of  the Jini solution for PersonalJava IP phone 

These testing were repeated several times, and the same results gotten prove the demo system is reliable. 

4.6 Benefits from the solution of Personal Java phones on Jini

In the case of the IP phone system, the surrogate architecture can be used in three possible situations. 


In the first part of our project, we put a location server and proxy server in the system for phone’s discovery.  Given current existence technologies, the advantage of such architecture is easy to control and easy to deploy. Here we imagine another way to achieve phone discovery for a dynamic phone network. A Jini phone can announce its existence by registering its service with the attribute of its SIP address to the Jini lookup service. Instead of utilizing a location server, phones look up the Jini lookup service to find each other and then talk to each other. As a result, more innovative applications can be developed quickly. For example, a news broadcast application can browse active phones at the lookup service and send important news to each phone. Obviously, Jini phone networks are more flexible and effective. A non-Jini phone can participate in this network through the surrogate architecture, contributing to the Jini network deployment. 


The other benefit of putting IP phones on the Jini federation is to consume Jini services other than phone services. For example, a surrogate can work as a specified Jini client for the phone. A print surrogate can receive data from the phone, then find the nearest Jini printer and print out for the phone. A yellow book searching surrogate can search a particular person’s telephone number required by the phone in a Jini yellow book service and send the result back through their private protocol rather than RMI.  

Third situation is that a surrogate works as both Jini service provider and Jini client. As described later in this thesis, the representing surrogate of the phone provides service and at the same time can generate a trouble report to a Jini trouble ticket system when the phone is disconnected. 

4.7 Conclusion

Being used Jini, a phone service can be discovered at runtime. For example, if a Jini corporation phone book is deployed in many corporation networks, it is easy to get a telephone number of a staff when a person bring his Jini IP phone to a corporation without concerning the location of the service and reconfiguration every time. 

The PersonalJava based Jini surrogate solution, which designed and implemented in Part two of our project, solve the problem to putting PersonalJava IP phone on the Jini ferderation. The solution is based on the Jini surrogate architecture and strictly complies with Jini IP Interconnect specification. Using this solution, phone users can access a Jini service through their IP phones. Phone’s represented surrogate works on half of IP phone on the Jini federation. A surrogate can be activated and deactivated automatically according to the status of its IP phone. 
Even though Jini is a good technology for service discovery for IP devices, it is also has disadvantages. Firstly Jini is only run in pure Java environment. So phone services have to be written in Java and only Java based IP phones access service in our system.  Secondly, current Jini implementation is built on J2SE, and using RMI and dynamic class loader. Such implementation needs more memory, so it is hard to deploy in many embedded devices. Although, surrogate architecture based solution can successful put small devices on Jini federation, it still needs one more extra machine in the network, which is capable of running Jini and network connection.

Though our PersonalJava based Jini IP phone solution is built on surrogate architecture and need a surrogate host support, it can be a temporary solution to exploit more innovation Jini phone services on the IP phone system. Those services may draw more enterprise attention and thereby boost the development of IP phone systems. Jini may not be only technology for IP phones services because of its language limitation, but it may become one of major technologies.  

5. JINI/J2EE Bridge for large-scale phone service 

5.1 Overview 

J2EE is suitable for large-scale applications, integrating clients, web components, EJB components and database, while Jini is for small to medium-scale applications. On the other hand, J2EE provides a centralized service whereas Jini offers loosely-coupled federations with dynamics of administration. Obviously, the IP phone service architecture needs both.  We need to access J2EE large scale application such as billing or trouble ticket, not only by Web and a certain Java client, but also by Jini, so that a device can discovery and access a J2EE application at runtime. However, so far there is no Jini supporting J2EE server. In the third part of our project, we focused on the marriage of Jini and J2EE technologies. Since there is not a JINI/J2EE bridge standard API in the public domain, JINI/J2EE bridge architecture is proposed in this chapter. 

Our goal is to facilitate the discovery of J2EE service on the Jini federation. Through an independent program running outside J2EE application server, a Jini/J2EE proxy for a J2EE application, the J2EE application can be accessed by a Jini client. However, how to manage such proxy, if there are a lot of JINI/J2EE proxies for many J2EE applications. It is not a good idea that people have to run the proxy separately after deploying their J2EE application on a J2EE server. It is better that JINI/J2EE proxies can be run automatically. For example, when a J2EE application containing several EJBs is deployed on a J2EE application server, the corresponding Jini/J2EE proxy runs and registers this J2EE service to the Jini lookup service. Once this application is undeployed from the J2EE application server or disconnection occurs between the proxy and the application server, that proxy should disappear from the Jini network until the application appears on the J2EE server again.  

Detail of JINI/J2EE bridge design is presented in this chapter. OSS/J is a Java APIs for large-scale operation support systems. A design and implementation for accessing OSS/J trouble ticket through proposed JINI/J2EE Bridge is also discussed in this chapter. 

5.2 JINI/J2EE Bridge Solution

5.2.1 Architecture 


The Figure 40 shows the architecture of our JINI/J2EE Bridge. There are two major entities of the JINI/J2EE Bridge, JINI/J2EE proxy manager and proxy container. 

· The JINI/J2EE proxy container holds resources and provides runtime environment for JINI/J2EE proxies, and organizes JINI/J2EE proxies. The container can allocate and release resources for a JINI/J2EE proxy.

· The proxy manager is responsible for the proxy management. The manager is cable of communicating with J2EE applications running on a J2EE server; it manages proxy creation and destroying, according to the status of the J2EE application. 

5.2.2 Discovery mechanism

How can the bridge know there is a proxy needed to run? And how an application can be aware that there is a JINI/J2EE bridge is available and send its proxy to the bridge?  In order to let bridge and application can discovery each other, there are two type messages needed, query message and response message. As shown in Figure 41, since JINI/J2EE Bridge should be run all time, the initiation of the discovery procedure starts from the bridge. The bridge sends a query message, asking “do you want to provide a Jini service?”  When query message is received by an application, if it wants to provide a Jini service, it will send a response message, saying “yes, my Jini proxy is there, please run it for me.” 


In order to let the bridge talk to a J2EE application, query and response information are wrapped into JMS messages. As mentioned earlier, the manager is responsible to handle query message sending and response receiving. Consequently, the J2EE application is able to deal with a query message and send a response message.  The response message must indicate the URL of the Jar file containing main class of representing proxy for the J2EE application and other supporting classes, so that the manager can know where to download the proxy’s Jar file.

It is better to have a separated message-driven bean called JINI/J2EE message-driven bean to process communication with the manager, because this separated bean can be reused in many J2EE applications.  In the deployment stage, this type of message-driven bean can be added along with other business logic beans into one .ear file.
5.2.3 Message model design

As discussed above, a JINI/J2EE message-driven bean is able to receive JMS messages from the manager and send response messages back. The detail design of these two types message goes as follow: 

·  Jini service query message


As shown in Figure 42, the JINI/J2EE manager sends a query message periodically to a certain topic; the JNDI name of the topic is JINIServiceQueryTopic. The publish/subscribe messaging model is used here, because these query messages should be simultaneously passed to many applications, which want to provide Jini services. A JINI/J2EE message-driven bean within a J2EE application just subscribes to that topic, and then the query message can be received by this message-driven bean. Therefore, any application going to offer a Jini service can be informed that the proxy bridge is active via query messages from the manager. 

· Jini service response message


Besides being a subscriber to the query topic, the JINI/J2EE message-driven bean is capable of sending a response to the manager. As shown in Figure 43, given only one receiver, JINI/J2EE proxy manager, the point-to-point messaging model is considered. Once a JINI/J2EE message-driven bean receives a query message, it sends a response message to a specified queue, JINIServiceRequestQueue. The JINI/J2EE manager is a listener to that queue and hence it can receive the response message.

5.2.4 JINI/J2EE proxy retrieval 

We suppose that the JINI/J2EE bridge does not know anything about a proxy before the proxy runs, otherwise, a administrator would be assigned to collect proxy class files from application providers and deploy them into the bridge. The jar file of a proxy code should be downloaded automatically by the bridge. Jar file retrieval for JINI/J2EE Bridge can be done with aid of a HTTP server. When J2EE application providers deploy J2EE applications on the J2EE application server, corresponding proxy jar file is put into a web server. The URL of the proxy jar file is indicated in the Jini service response message to the bridge. If a proxy is not running in the container, the bridge will download its Jar file from that URL as soon as a response message is received from its J2EE application. 

5.2.5 Liveness 

It is JINI/J2EE proxy manager’s responsibility to maintain the lifetime of every proxy created by the factory and running on the container. The factory should keep in touch with the J2EE application; if connection is lost, the manager must destroy representing proxy and then ask the container to releases all resources allocated for that proxy. 

5.3 JINI/J2EE proxy manager

5.3.1 Class diagram of the JINI/J2EE proxy manager


Figure 44 shows the class diagram of the JINI/J2EE proxy manager. Every class is explained below:

· JINIJ2EEProxyManager

It is responsible for proxy creation and interaction with the container. 

· QueryTask

The purpose of QueryTask is to establish a connection to a certain topic on a J2EE application server and publish query messages to the topic on a J2EE application server.

· ResponseListenerThread

It is an asynchronous message listener, an object of RequestListener, to the queue on a J2EE application server, which is used to pass through Jini service response messages sent by a Jini/J2EE message-driven bean in the J2EE application. RequestListener realizes the interface MessageListener defined in JMS. 

· IncomingResponse
This is used to parse response messages from a J2EE application and take action according to the content of the message and the status of its representing proxy. 

· ProxyRec

This class holds the information of a proxy, which is running in the container. 

· ProxyExpirationThread

This thread is used to maintain a proxy table in the manager. This proxy table records the information of all active proxies in the container.

5.3.2 Proxy management in the proxy manager

The method for maintaining the lifetime of the proxy is based on a time-based solution. Every proxy is set an expiry time when it is created in the container. The manager publishes query messages periodically and these messages trigger JINI/J2EE message-driven beans to send a response. For an active proxy, its expiry time is extended on receiving its response message.  When the proxy is expired, the manger contact container and ask container to deactivate the proxy and release all resources allocated for that proxy. During the communication between the container and manager, the proxy can be identified by its proxy ID assigned by the container when the proxy is activated in the container. The procedure of the proxy creation and expiry time extending is illustrated in Figure 46.

A proxy table and a proxy queue are used to support the proxy management. The proxy table is aimed to organize all ProxyRec objects of every active proxy in the container, so that proxy information can be retrieved easily. It is better to use the URL of every proxy to get the ProxyRec object of corresponding proxy, because the record of a proxy is renewed depending on Jini service response message and the URL is indicated in the message. Therefore, using hashtable in the Java language can be a good way to implement a proxy table. The URL of the Jar file of a proxy is the key to its ProxyRec object in the hashtable. The proxy queue is a set of ProxyRec objects, which is arranged by proxy’s expiry time.  The first element of the queue will expire earlier. The queue facilitates the removal of an expired proxy. The procedure of processing proxy expiration is shown in Figure 45. The proxy queue can be implemented by TreeMap in the Java language.



5.4 OSS/J API JINI/J2EE proxy

 In order to work as an OSS/J JINI/J2EE proxy, as shown in Figure 18 the JINI/J2EE proxy can be a Java client to interact with a OSS/J API implementation. OSS/J API implementation is a J2EE application. A proxy can access OSS/J application function by invoking methods on the objects implementing the remote interface of JVT session bean.  In addition, a suitable OSS/J Jini service interface should be defined, so that the proxy can be found by matching that service interface on Jini.  Figure 47 is an illustrated class diagram of a proxy program that I implemented for the reference implementation of OSS/J Trouble Ticket API. 


After an instance of TTProxyImpl runs in the proxy host, it creates a JVT session bean on the J2EE server via the home interface of the JVT session bean. At the same time, it registers TTService to the look up service. An object of TTServiceImpl is exported to a Jini client as soon as the client asks for TTService and then client can create a trouble ticket by invoking createTroubleTicket(). In our project, as illustrated in Figure 48 a trouble ticket is generated when the IP phone surrogate loses the connection with the IP phone. The trouble ticket reports the location and reason of the trouble. The ticket is finally lodged into the database and a JMS message-based notification is sent by OSS/J Trouble Ticket API implementation. The notification messages can be used to send email to the service expert or page administrators. 

5.5 Benefits of JINI/J2EE Bridge architecture

This architecture, a container with a proxy manager, can be deployed with a J2EE-compliant application server such as Weblogic server. Developers of J2EE applications simply write a proxy program and put a JINI/J2EE message-driven bean receiving query message and sending request message into the same .ear file as other EJBs. As soon as the proxy Jar file is put in an HTTP directory and corresponding application is deployed on the J2EE application server, the J2EE application starts to provide a Jini access other than RMI and JMS typed communication. In the case of Trouble Ticket API, on one hand, managers or customer care center can create Trouble Ticket through Web or a J2EE client; on the other hand, network components such as many small network devices can generate trouble tickets automatically by Jini. The advantages of Jini are that it enables developers of equipment to put trouble report for every possible error condition in their code, without need for reference to the location of the trouble ticket system, because it can be found at the run time.

5.6 Result

Due to the time of the project, even though, we could not implement the container, I used surrogate host implementation form Madion project to simulate the container and put it work with the JINI/J2EE proxy manager I implemented. The Madison surrogate host provides Jini service running environment and HTTP server from which other Jini clients can download the Jini service resources.  A JINI/J2EE message-driven bean was also implemented and deployed along with OSS/J trouble ticket implementation on a J2EE application server, Weblogic server [4]. The message-driven bean can successful discover the JINI/J2EE manager, and sent response message indicating the URL of the trouble ticket proxy Jar file. Through the proxy manager, the Jar file can be downloaded and then trouble ticket proxy can be activated by the surrogate host.  After putting trouble ticket proxy access code into the phone’s surrogate we described in the part two, the trouble ticket can be successfully generated when the phone’s surrogate handler is stopped. In addition, the trouble ticket proxy can be deactivated when the message-bean is undeployed from J2EE server.

5.7 Conclusion


Large-scale phone support applications are required in the phone system too, for example OSS/J trouble ticket application. However, most large-scale applications are built on J2EE, due to J2EE features. However, J2EE is an centralized architecture and not support dynamic discovery, in the other word, the location of a J2EE is required to set into source code of a program which is used to access J2EE application. Jini can achieve service discovery at runtime. Programmers only need to put a service type into their code without concerning the location of that service. If a service moves, there is no need to do reconfiguration. 

However, there is no a J2EE server supporting Jini accessing. In this chapter, we proposed JINI/J2EE bridge architecture. This bridge can be deployed with any J2EE application server. It is able to hold all JINI/J2EE proxies for the applications on a J2EE server. A proxy can be activated and deactivated automatically.

So far the JINI/J2EE proxy manager only implemented to query one J2EE server, and accepted response messages from the J2EE applications on that J2EE server. So it is better to let bridge to support multi-J2EE servers. It can be achieved by making a property file for the bridge, in which the URLs of multi-J2EE servers are pre-configured, and then when the bridge starts, it reads all URLs from the property file and sends query messages to all URLs



6. Conclusion

The development of conventional telephony systems is far behind the development of today’s Internet, due to closed system architecture. VoIP certainly brings significant benefits for enterprise and individual in terms of cost, system management, new services deployment, etc. 

In the Session 1.2, we discussed that most existence phone system architectures are centralized model. The central local exchange takes care of all processing for a lot of dumb terminals. A new service is very hard to developed and deployed in such type architecture.  In our project, we designed and set up a WWW-like distributed phone system. The system not only provides call management that traditional home telephony systems offer, but also supports personal mobility and phone plug-and-play; in addition, it is possible to replace meaningless digits with personalized phone numbers. The system is built on Java-based intelligent terminals and effective and flexible signalling protocol SIP, instead of dumb terminals and centralized signalling protocol. With intelligent terminals and peer-to-peer signalling, the system is expected to enable the creation of many of innovative applications, such as delivering business cards during telephone conversations. 

In Part one of our project, a demo call system is set up, in which a proxy server, location server, registrar, a Pingtel IP phone device and a softphone were deployed. 

In Part two of our project, we focused on phone service solution. In our system, programmed IP phones are used. Since many services for intelligent IP phones could be deployed on the network other than a call service, service discovery for the phone is another part of our project. So far there are no existence standard for IP phone services. We are applying Jini as a phone service standard. Jini as a federation technology enables network devices to think and talk to each other and promises dynamic service discovery. However, the heavyweight character of the current implementation prevents many small devices from participating on the Jini federation. A solution for PersonalJava IP phones on Jini was presented in the thesis. The solution is based on the Jini architecture specification and could be applied to all PersonalJava based devices. By using our solution, a Jini service can be accessed by a PersonalJava IP phone. 

In Part two, we designed and implemented the surrogate handler and surrogate for the IP phone. The surrogate handler is used to deployed on the PersonalJava based IP phone to discover a surrogate host and register surrogate to the surrogate host. A surrogate works as a proxy for an IP phone on Jini.  In our demo system, a phone surrogate can appear automatically on Jini after the surrogate handler is started. If the surrogate handler is stopped, phone’s surrogate disappeared automatically on Jini. The surrogate handler also can do re-registration, if its surrogate is not reachable.

In Part three of our project, we focused on large-scale phone service solution. IP phones need dynamic service discovery, but also require large-scale business support applications such as OSS/J applications. Since there is no Jini surpport J2EE application server and no a standard solution to marriage Jini and J2EE either, we proposed a JINI/J2EE bridge in this thesis. Our  bridge architecture can accommodate many proxies and can also be used apart from this phone system. This general bridge architecture can work along with a J2EE compliant server and allow applications deployed in the J2EE server to be found and accessed by Jini clients at runtime.  

The proxy manager of the bridge, JINI/J2EE message-driven bean and a JINI/J2EE proxy of the OSS/J Trouble Ticket application are implemented. The proxy manager is responsible for communication with J2EE applications, while a message-driven bean is used to be deployed with a J2EE application and handle communication messages sent from and to the bridge. With working with Madison surrogate host as the proxy container of the bridge, phone‘s surrogate can generate a trouble ticket with trouble description. The success of the implementation of the JINI/J2EE proxy of the OSS/J Trouble Ticket application in the system certainly proves that this bridge architecture is practical. 

There are also several drawbacks of our current system; those are expensive programmed phone terminal, Jini service limitation and non-multi-J2EE server support for the bridge.

By using a distributed phone system, it is easy for a corporation to maintain their system and deploy many services. However, so far a programmed terminal is much more expensive than a simple dumb terminal. Many companies and customers may not afford it. Moreover, in many cases, people only want to use telephone to make a call. It can be expected that the price will be down, when more and more manufactures produce IP phones. 

Using Jini to be a middleware technology for phone services, it is no doubt that it contributes to service discovery. However, Jini only works in pure Java environment.  So phone devices and services in our systems have to be written in Java. Another disadvantage of Jini is current implementation is based on heavyweight J2SE. Even though we used a surrogate solution to let a PersonalJava IP phone to access a Jini service, it still need to run a extra machine capable of running Jini and network connection. However, this solution can be a temporary solution to create a basic environment. So people can develop many innovation phone services, and hence advances the development and deployment of Jini. 

So far, we only implemented one bridge for one J2EE server; multi-J2EE server supporting is expected to be done later. The detail of how to achieve this goal was discussed in Section 5.7. 

This project is in cooperation with Sun Microsystems, Melbourne and benefits of this demo system are expected to draw more industry attention.
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DHCP

Dynamic Host Configuration Protocol
DNS

Domain Name Service

DSL

Digital Subscriber Line

DSP

Digital signal processor 

EJB

Enterprise JavaBeans
HTTP 

Hypertext Transfer Protocol
IP

Internet Protocol

J2EE    
Java 2 Platform, Enterprise Edition
J2ME

Java 2 MicroEdition
J2SE

Java 2 Standard Edition
JAIN       
Integrated Network APIs for the Java Platform 

JAR

Java ARchive
JMF   

Java Media Framework API

JMS

Java Message Service     

JNDI

Java Naming and Directory Interface

JNI 

Java native interface

JSAPI 

Java Speech API

JTAPI

Java Telephony API 

JVM

Java Virtual Machine
LCD

Liquid Crystal Display
MCU

Micro Controller Unit


MEGAC 
Media Gateway Control
MGCP

Multimedia Gateway Control Protocol Description
OSS 

Operation Support Systems

OSS/J  
OSS through Java

PCM   

Pulse Code Modulation
PDA

Personal Digital Assistant


QoS               
Quality of Service
RAM

Random Access Memory
RMI

Remote Method Invocation
RTCP  
Real-Time Control Protocol 

RTOSs

Real-Time Operating Systems 

RTP 

Real-Time transport protocol

SDP

Session Description Protocol 

SIP      

Session Initiation Protocol
SNMP

Simple network management protocol 

TCP 

Transmission Control Protocol

UAC

User Agent Client

UAS

User Agent Server

UDP

User Datagram Protocol

UPS

uninterruptible power supply
URI 

Uniform Resource Indicators

URL

Uniform Resource Locator

VoIP

Voice over IP

XML

Extensible Markup Language
Appendix A

Configuration detail for Phone Call Services

· Pingtel Phone

IP address: 129.158.88.217

Name: PHONESET_EXTENSION: 1111

SIP Server: 

SIP_DIRECTORY_SERVERS: 129.158.88.225:6000         (Proxy server)

SIP_REGISTRY_SERVERS: 129.158.88.225:8000            (Registrar)

Note: 

The reason why  SIP_DIRECTORY_SERVER is configured rather than SIP_PROXY_SERVERS: 

Parameter SIP_PROXY_SERVER in pingtel phones forces all SIP signals including register messages to go through the proxy server. However, the Pingtel phone used now is based on version 1.0 which does not attach tag to outgoing register messages.  Such register message does not comply with the SIP specification and cannot be handled by the Siptrex proxy correctly.  

As configured above, the Pingtel phone sends register messages to the registrar (129.158.88.225:8000) directly, other SIP signals go through the proxy (129.158.88.225:6000) .

· Softphone

       IP address:129.158.88.213 

       Name: PHONESET_EXTENSION: 4444

SIP Server: 

SIP_DIRECTORY_SERVERS: 129.158.88.225:6000         (Proxy server)

SIP_REGISTRY_SERVERS: 129.158.88.225:8000            (Registrar)

· Registrar   

IP address 129.158.88.225:8000

Configuration file Siptrex_HOME\inifiles\registrar\listeningpoints.ini


   129.158.88.225  8000              // to configure the listening point defined in the JAIN SIP

· Proxy

      Configuration file Siptrex_HOME\inifiles\proxy\listeningpoints.ini


         129.158.88.225  6000              // to configure the listening point defined in the JAIN SIP

      proxy.ini


       [local_domain]


           129.158.88.225

       [local_listening_point_ini_file]
   
inifiles/proxy/listeningpoints.ini

       [non_local_domain_proxy_mappings]     inifiles/proxy/domainmap.ini

       [location_server_ip]


129.158.88.213

       [location_server_port]


7000

       [registrar_ip]



129.158.88.225

       [registrar_port]


            8000

       [loadbalance_inifile]


inifiles/proxy/loadbalance.ini

· Location 

      IP address 129.158.88.213:7000

     Database: Microsoft Access

     Data File is in SIPTREX_HOME\net\siptrex\location\location.mdb 

    ODBC name: siptrex

The SIP address of the Pingtel phone sent for the registration is PHONESET_EXTENSION@registrar_IP:registrar_port. However, it attaches directoryserver_IP:directoryserver_port to the number dialed by the dial number function of the Pingtel phone. In order to use the dial number program of the pingtel phone to perform the dial principle described in the thesis, the registrar and proxy server can be run on the same machine, At the same time, the code of the location server should be changed so it ignores the port number when it looks up a specific SIP address, or sip:PHONESET_EXTENSION@directoryserver_IP:directoryserver_port can be temporarily added to the database. 

Appendix B

Testing result 

The response of the registrar when a register message is received

Registrar up and running on 129.158.88.225:8000 udp

About to send: sip:1111@129.158.88.225:8000

Contacts: 1 Contact: sip:1111@129.158.88.217

Expires: 1 600000

Expires Header: 600

SENDING RESPONSE:

SIP/2.0 200 OK

To: sip:1111@129.158.88.225:8000

CSeq: 1 REGISTER

From: sip:1111@129.158.88.225:8000

Call-ID: 1-reg@129.158.88.217

Expires: 0

Via: SIP/2.0/UDP 129.158.88.217
All sip messages sent and received by the Pingtel phone, softphone and proxy during one call are listed below.

********************Pingtel phone ********************

UDP SIP User Agent sent message:

INVITE sip:4444@129.158.88.225:6000 SIP/2.0

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 INVITE

Content-Type: application/sdp

Content-Length: 201

Accept-Language: en

Supported: sip-cc, sip-cc-01, timer

Contact: sip:1111@129.158.88.217

User-Agent: Pingtel/1.0.0 (VxWorks)

Via: SIP/2.0/UDP 129.158.88.217

v=0

o=Pingtel 5 5 IN IP4 129.158.88.217

s=phone-call

c=IN IP4 129.158.88.217

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

--------------------END--------------------

Read SIP message:

SIP/2.0 100 Trying

To: sip:4444@129.158.88.225:6000

Cseq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 180 Ringing

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Content-Type: application/sdp

Contact: sip:4444@129.158.88.213

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.217

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

UDP SIP User Agent sent message:

ACK sip:4444@129.158.88.225:6000 SIP/2.0

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 ACK

Accept-Language: en

User-Agent: Pingtel/1.0.0 (VxWorks)

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

UDP SIP User Agent sent message:

OPTIONS sip:4444@129.158.88.225:6000 SIP/2.0

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 2 OPTIONS

Accept-Language: en

Supported: sip-cc, sip-cc-01, timer

User-Agent: Pingtel/1.0.0 (VxWorks)

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 100 Trying

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Content-Type: application/sdp

Contact: sip:4444@129.158.88.213

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.217

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

Received duplicate message

Read SIP message:

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Content-Type: application/sdp

Contact: sip:4444@129.158.88.213

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.217

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

Received duplicate message

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Content-Type: application/sdp

Contact: sip:4444@129.158.88.213

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.217

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

Read SIP message:

OPTIONS sip:1111@129.158.88.217 SIP/2.0

From: sip:4444@129.158.88.225:6000;tag=29358

To: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 OPTIONS

Accept-Language: en

Supported: sip-cc, sip-cc-01, timer

User-Agent: Pingtel/1.2.3 (WinNT)

Via: SIP/2.0/UDP 129.158.88.213

Content-Length: 0

UDP SIP User Agent sent message:

SIP/2.0 200 OK

From: sip:4444@129.158.88.225:6000;tag=29358

To: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 OPTIONS

Via: SIP/2.0/UDP 129.158.88.213

Contact: sip:1111@129.158.88.217

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.0.0 (VxWorks)

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

UDP SIP User Agent sent message:

BYE sip:4444@129.158.88.225:6000 SIP/2.0

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 3 BYE

Accept-Language: en

Supported: sip-cc, sip-cc-01, timer

User-Agent: Pingtel/1.0.0 (VxWorks)

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 100 Trying

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217====================END====================

SIP/2.0 100 Trying

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

Read SIP message:

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217====================END====================

SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

CONTENT-LENGTH: 0

****************Proxy*******************

INVITE sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:1111@129.158.88.217

Content-Type: application/sdp

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 201

v=0

o=Pingtel 5 5 IN IP4 129.158.88.217

s=phone-call

c=IN IP4 129.158.88.217

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

[Proxy.processRequest.334] transactionId=-1538411363

[Proxy.processRequest.342] isLocal=true

[Proxy.processRequest.352] processing non local non register message

[Proxy.processRequest.358] No entry in cache found

[Proxy.proxyRequests.462] About to proxy request:

TransactionID: -1538411363

Request: 

INVITE sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:1111@129.158.88.217

Content-Type: application/sdp

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 201

v=0

o=Pingtel 5 5 IN IP4 129.158.88.217

s=phone-call

c=IN IP4 129.158.88.217

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

[SipProviderImpl.proxyRequest.733] Comparing incomingRequest:INVITE sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:1111@129.158.88.217

Content-Type: application/sdp

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 201

v=0

o=Pingtel 5 5 IN IP4 129.158.88.217

s=phone-call

c=IN IP4 129.158.88.217

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

[SipProviderImpl.proxyRequest.734] with request:INVITE sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:1111@129.158.88.217

Content-Type: application/sdp

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 201

v=0

o=Pingtel 5 5 IN IP4 129.158.88.217

s=phone-call

c=IN IP4 129.158.88.217

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

[Proxy.processResponse.396] entered processResponse

[Proxy.processResponse.405] Proxying Response:SIP/2.0 100 Trying

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processResponse.396] entered processResponse

[Proxy.processResponse.405] Proxying Response:SIP/2.0 180 Ringing

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processResponse.396] entered processResponse

[Proxy.processResponse.405] Proxying Response:SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:4444@129.158.88.213

Content-Type: application/sdp

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 201

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

Log ID: 12 [Informational]

   Received Request: 

ACK sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 ACK

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processRequest.334] transactionId=-1032636810

[Proxy.processRequest.342] isLocal=true

[Proxy.processRequest.352] processing non local non register message

[Proxy.processRequest.358] No entry in cache found

Log ID: 13 [Informational]

   Received Request: 

OPTIONS sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processRequest.334] transactionId=-1280333078

[Proxy.processRequest.342] isLocal=true

[Proxy.processRequest.352] processing non local non register message

[Proxy.processRequest.358] No entry in cache found

[SipProviderImpl.proxyRequest.733] Comparing incomingRequest:ACK sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 ACK

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

[SipProviderImpl.proxyRequest.734] with request:ACK sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 1 ACK

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

[SipProviderImpl.proxyRequest.733] Comparing incomingRequest:OPTIONS sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

[SipProviderImpl.proxyRequest.734] with request:OPTIONS sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processResponse.396] entered processResponse

[Proxy.processResponse.405] Proxying Response:SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

Log ID: 14 [Informational]

   Received Request: 

BYE sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processRequest.334] transactionId=-1032575591

[Proxy.processRequest.342] isLocal=true

[Proxy.processRequest.352] processing non local non register message

[Proxy.processRequest.358] No entry in cache found

[SipProviderImpl.proxyRequest.733] Comparing incomingRequest:BYE sip:4444@129.158.88.225:6000 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.217

[SipProviderImpl.proxyRequest.734] with request:BYE sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

[Proxy.processResponse.396] entered processResponse

[Proxy.processResponse.405] Proxying Response:SIP/2.0 200 OK

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c24088

Call-ID: call-973573357-2@129.158.88.217

Contact: sip:4444@129.158.88.213

Via: SIP/2.0/UDP 129.158.88.217

**********Softphone**************

Read SIP message:

----Remote Host:129.158.88.225---- Port: 32812----

INVITE sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000

CSeq: 1 INVITE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Content-Type: application/sdp

Contact: sip:1111@129.158.88.217

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

v=0

o=Pingtel 5 5 IN IP4 129.158.88.217

s=phone-call

c=IN IP4 129.158.88.217

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 100 Trying

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 INVITE

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

User-Agent: Pingtel/1.2.3 (WinNT)

Content-Length: 0

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 180 Ringing

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 INVITE

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

User-Agent: Pingtel/1.2.3 (WinNT)

Content-Length: 0

--------------------END--------------------

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 200 OK

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 INVITE

Content-Type: application/sdp

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.2.3 (WinNT)

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

--------------------END--------------------

resend 1 of UDP message

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 200 OK

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 INVITE

Content-Type: application/sdp

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.2.3 (WinNT)

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

--------------------END--------------------

resend 2 of UDP message

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 200 OK

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 INVITE

Content-Type: application/sdp

Content-Length: 201

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.2.3 (WinNT)

v=0

o=Pingtel 5 5 IN IP4 129.158.88.213

s=phone-call

c=IN IP4 129.158.88.213

t=0 0

m=audio 8766 RTP/AVP 0 96 8

a=rtpmap:0 pcmu/8000/1

a=rtpmap:96 telephone-event/8000/1

a=rtpmap:8 pcma/8000/1

--------------------END--------------------

Read SIP message:

----Remote Host:129.158.88.225---- Port: 32812----

ACK sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 1 ACK

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 0

++++++++++++++++++++END++++++++++++++++++++

UDP SIP User Agent sent message:

----Remote Host:129.158.88.217---- Port: 5060----

OPTIONS sip:1111@129.158.88.217 SIP/2.0

From: sip:4444@129.158.88.225:6000;tag=29358

To: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Cseq: 1 OPTIONS

Accept-Language: en

Supported: sip-cc, sip-cc-01, timer

User-Agent: Pingtel/1.2.3 (WinNT)

Via: SIP/2.0/UDP 129.158.88.213

Content-Length: 0

--------------------END--------------------

Read SIP message:

----Remote Host:129.158.88.217---- Port: 1030----

SIP/2.0 200 OK

From: sip:4444@129.158.88.225:6000;tag=29358

To: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

 Cseq: 1 OPTIONS

Via: SIP/2.0/UDP 129.158.88.213

Contact: sip:1111@129.158.88.217

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.0.0 (VxWorks)

CONTENT-LENGTH: 0

++++++++++++++++++++END++++++++++++++++++++

Read SIP message:

----Remote Host:129.158.88.225---- Port: 32812----

OPTIONS sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

CSeq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-ID: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

====================END====================

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 200 OK

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 2 OPTIONS

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.2.3 (WinNT)

Content-Length: 0

--------------------END--------------------

OPTIONS sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 2 OPTIONS

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 0

++++++++++++++++++++END++++++++++++++++++++

Read SIP message:

----Remote Host:129.158.88.225---- Port: 32812----

BYE sip:4444@129.158.88.213 SIP/2.0

To: sip:4444@129.158.88.225:6000;tag=29358

Cseq: 3 BYE

From: sip:1111@129.158.88.225:8000;tag=1c27891

Call-Id: call-973573700-4@129.158.88.217

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Content-Length: 0

++++++++++++++++++++END++++++++++++++++++++

UDP SIP User Agent sent message:

----Remote Host:129.158.88.225---- Port: 6000----

SIP/2.0 200 OK

From: sip:1111@129.158.88.225:8000;tag=1c27891

To: sip:4444@129.158.88.225:6000;tag=29358

Call-Id: call-973573700-4@129.158.88.217

Cseq: 3 BYE

Via: SIP/2.0/UDP 129.158.88.225:6000

Via: SIP/2.0/UDP 129.158.88.217

Contact: sip:4444@129.158.88.213

Allow: INVITE, ACK, CANCEL, BYE, REFER, OPTIONS, NOTIFY

User-Agent: Pingtel/1.2.3 (WinNT)

Content-Length: 0

--------------------END--------------------

Appendix C

Problems

There are several problems with the Pingtel phone and Siptrex:

· The version of the software of the Pingtel phone, as mentioned earlier, used now is very old, while the softphone is using the latest version and it solved several problems which are not compliant to SIP specification. 

· Old version Pingtel phones send Register requests, which do not include tag in From header. However, Siptrex proxy ProviderImpl.java checks tag in From header.

· When the Pingtel phone uses UDP 5060 (default port) as listening port for incoming SIP messages, it does not indicate port number in Via header. However, ResponseStrategy.java of Siptrex source codes relies on the port number in Via header. Corrected ResponseStrategy.java can be found in the source code disk.

· Siptrex JAIN SIP implementation does not check whether incoming messages are valid SIP message before parsing them. 

Figure 1  Procedure of Voice coding
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Figure 2  VoIP Protocol Stack
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Figure 8 A real-time solution for Java
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Figure  7  System layers of PersonalJava based IP phone
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Figure 4 SIP response message
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Figure 22    Call setup procedure for a call across domains





Figure 24  JAIN SIP Application
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Figure 21   Call setup procedure within netschool.edu.au domain
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                 Figure 23   Personal mobility
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       Figure 20   Registration 
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Figure 10 JAIN SIP API architecture 
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Figure 31 Packages of  Jini solution for  PersonalJava IP phones
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Figure 25 Multi-call forwarding
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Figure 15 IP interconnect specification [56]
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Figure 14 Jini surrogate architecture [28]
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Figure 13 Look up Phase
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Figure 34 Sequence Diagram of surrogate monitoring
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Figure 32 Class diagram of the surrogate handler for PersonalJava IP phones
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Table 5 Summary of OSS/J APIs [55]








Figure 18 OSS/J Interaction pattern [37]
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Figure 37 Deployment diagram of the IP phone surrogate solution











Figure 35 Class diagram for IPPhone surrogate
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Figure 36 Sequence diagram of the liveness processing on the surrogate
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Figure 38 Providing a Jini service for phone discovery
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Figure 39 Working as a Jini client for the phone
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Figure 30   Interaction model of the surrogate and the host 





Figure 28 the procedure of surrogate activating
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Figure 45 Proxy expiration processing 
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Figure 41 Discovery procedure 





         Figure 9 JAIN APIs[52]








   Networks





�





�





�





Figure 27 Flow of accessing a Jini yellow page service
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Figure 26 Use Case diagram for Jini Personal Java solution 
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Figure 47 Class diagram of proxy for OSS/J Trouble Ticket system
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Figure 40  JINI/J2EE Bridge Architecture
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Figure 42 Query message model





Figure 43 Request message 
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Figure 44 Class diagram of the JINI/J2EE Proxy Manager





Figure  46 Sequence diagram of proxy registration and time renew
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Figure 17 OSS/J architecture
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Figure 19     Phone Call System Architecture
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Figure 16  J2EE platform
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Figure 48 Sequence diagram of trouble ticket creation
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Figure 29 Message Confirming 
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Figure 33 sequence diagram of the surrogate registration 
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Figure 5 SIP Signalling sequence diagram for a call
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� Private Branch Exchange  (PBX) provides local connectivity and switching and connections to the wide area voice network.  


� Jitter means delay variation.
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