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       Abstract

The 3G wireless network architecture has been undergoing numerous changes to introduce data and multimedia services support. We present an overview of the 3GPP (3rd Generation Partnership Program) purposed core packet network architecture to support data services (GPRS) as well as the multimedia services. One of the most important protocols being used to introduce the multimedia services is the Session Initiation Protocol (SIP). This report discusses the use of SIP to handle signalling flow to set up multimedia calls.  We have simulated the signalling flow path at the application layer to show the feasibility of the end-to-end to call set up. Based on these simulations, we propose a change in the signalling flow path, which can decrease the call-set up delay.
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       Architecture of 3G Wireless Network

Introduction
The architecture of 3G wireless network is undergoing many changes to incorporate the multimedia services over an IP core network.  In this chapter we discuss the network architecture of UMTS, with a focus on the packet switched network.

1.1 3GPP: GSM to UMTS
Universal Mobile Telecommunications System (UMTS) is a part of the International Telecommunication Union’s vision of a global family of ‘third-generation’ (3G) mobile communications systems. The ultimate goal of UMTS is to deliver data, voice, video and other wide-band information directly to people who can be on the move. UMTS builds on and extends the capability of today’s mobile technologies (GSM, GPRS) by providing increased capacity and a far greater range of services using innovative radio access schemes and an enhanced, evolving core network. 

The 3GPP group was formed in 1998 to produce technical specifications for third generation network based on the evolved GSM network.  The UMTS first phase release called “Release 1999” specified a core network architecture based on circuit switched domain (GSM evolved) for voice services and packet switched domain (GPRS evolved) for data services. The group is now working on specifying core network architecture of UMTS second phase, called “Release 2000”. (Release 2000 has now been split in to Release 4 and Release 5.) This release focusses on introducing voice (and multimedia) services over the packet switched domain. In this context, this core network architecture has come to be known as “All-IP” core network because the data as well as voice services will be provided over a packet switched core network using the IP protocol.

1.2
UMTS Network Architecture
The UMTS architecture can be broadly divided in to three domains:

· User Equipment

· Radio Access Network

· Core Network





       Uu



          Iu

Figure 1: Block diagram for UMTS network architecture 

Figure 1 shows these three domains and the standardized interface names. User equipment is the equipment used by the user to access UMTS services (voice, data, video etc.). User equipment has a radio interface to the Radio Access Network; this interface is termed Uu reference point. 

The Radio Access Network can be based on different access technology including TDMA, CDMA.  The standardized radio access technology for UMTS is UTRA (Universal Terrestrial Radio Access), though different networks may use the enhanced versions of the GSM access technology (e.g. GPRS, EDGE etc.). The Radio Access Network is connected to the Core Network through the Iu reference point.

The Core Network (CN) consists of the physical entities, which provide support for the network features and telecommunication services. The support provided includes functionality such as user location management; call management (call setup, switching and transmission); user profile and billing management. A lot of research and standardization effort is going on all of the three domains; this work focusses on the Core Network and the related issues.

The Core Network is evolving from a circuit-switched network to a packet-switched network; the popularity of the Internet enabling technologies (Internet Protocol, IP) being the main driving force behind this. As mentioned earlier, efforts are being made to develop “All-IP” Core Network architecture to provide the basic voice services as well as the multimedia services.

1.3
 Packet Switched Core Network

The General Radio Packet Service (GPRS) first introduced the packet switched network entities in the wireless network. It offers higher data rates compared to the circuit switched data services and the short messaging service (SMS) provided by GSM. It facilitates instant connections, as no dial-up modem connection is necessary for sending or receiving the information. This is why GPRS users are sometimes referred to be as being "always connected". 

The most important entities of the packet switched Core Network introduced by GPRS are Serving GPRS support node (SGSN) and the Gateway GPRS support node (GGSN). (Refer figure 2). The SGSN keeps the track of the location of mobile station and performs the access control functions. The GGSN provides inter-working with the external packet switched network. The technical specification for SGSN has evolved from GSM to UMTS, but it has remained the same for GGSN.


Figure 2:  A simple block diagram of a packet switched network.

                           (Solid lines: Data transfer and Signaling interface. Dotted lines: Signaling Interface)
In order to access the packet switched services, a mobile station first makes its presence known to the network by performing a GPRS “attach”. This operation makes the mobile station accessible to SGSN. In order to send and receive packet switched data, the mobile station activates a Packet Data Protocol (PDP) context that it wants to use. This operation makes the MS known in the corresponding GGSN, and inter-working with external data networks can commence.

When a mobile station registers with a SGSN using the “attach” procedure, the SGSN checks if the user is authorized, copies the user profile from the location database called the Home Subscriber Server (HSS) in UMTS. The SGSN then assigns a packet temporary mobile subscriber identity (P-TMSI) to the user. The disconnection from the GPRS network is called the “detach” procedure.

For each session of sending or receiving data, a PDP context is created which describes the characteristics of the session. It contains the PDP type (e.g. IP), the PDP address assigned to the mobile station (e.g. 129.180.10.10), the requested QoS, and the address of the GGSN that serves as the access point to the Packet Data Network. This context is stored in the mobile station, the SGSN and the GGSN. With an active PDP context, the mobile station is accessible to the external packet data networks and is thus able to send and receive data. A mobile station can have multiple PDP contexts active at a given time. The allocation of PDP address can be static or dynamic. In the first case, the network operator of the user's home-PLMN permanently assigns a PDP address to the user. In the second case, a PDP address is assigned to the user upon activation of a PDP context.

 The backbone network for the packet switched core network is two kinds:

· Intra-PLMN backbone (PLMN: Public Land Mobile Network)

· Inter-PLMN backbone.
We consider a simple case to understand the basic flow of information. Suppose, a mobile station located in a PLMN sends some data to a node connected to the Internet. First, the mobile station has to perform “attach” with a SGSN (for location purpose) and then establish a PDP context with a GGSN (for routing purpose). The SGSN encapsulates the IP packets coming from the mobile station and routes them through the intra-PLMN backbone to the appropriate GGSN. This process is called tunneling. The GGSN decapsulates the packets and sends them out on the IP network, where the standard IP routing mechanisms are used to transfer the packets to the access router of the destination network. The latter delivers the IP packets to the host.

When a node connected to the Internet sends some data to a mobile station, the data is first routed to the GGSN with the same network prefix as the mobile station’s IP address. The GGSN queries the HSS and determines the appropriate SGSN. The GGSN thus uses the IP address of mobile station in the incoming packets to identify the SGSN it needs to tunnel the data to.  It encapsulates the IP packets to the SGSN, which decapsulates the packets and delivers to the mobile station using the P-TMSI assigned during the “attach” procedure.

The location and mobility management is an important aspect of the packet switched network. For this purpose, mobile station can send regular updates to the current SGSN, but this requires a lot of uplink radio capacity and radio power. On the other hand, SGSN can locate the mobile station using paging for each downlink packet, resulting in a significant delivery delay. So, a good strategy must be a compromise between these two methods.  The GPRS specifications suggest a state model (idle, ready, standby) for mobile station to control the update frequency.  In an idle state, the mobile station does not send location updates and it needs to perform “attach” procedure to make itself known to the SGSN. A mobile station in ready state, informs its SGSN of every movement to a new cell. For location management in standby state, the multiple cells are grouped in to routing areas. The SGSN is informed only when a mobile station moves to a new routing area.
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       Packet Network: Multimedia Services         

An important issue in implementing the voice services over a packet switched core network is the signaling for multimedia call control. In this regard, 3GPP has selected Session Initiation Protocol (SIP) to create, modify and terminate multimedia call sessions. In this chapter, we present the basic concepts of SIP.

2.1 Session Initiation Protocol (SIP)

SIP is an application layer control (signaling) protocol for controlling sessions, which may include Internet telephone calls, multimedia conferences or multimedia distribution. SIP invitations used to create sessions, carry session descriptions, which allow participants of the session, to agree on a set of compatible media types.

One of the most significant aspects of SIP is that it supports user mobility by proxying and redirecting requests to the user's current location. This feature makes it very suitable for use in the wireless network, where the users are mobile.  SIP supports five facets of establishing and terminating multimedia communications:

1. User location: determination of the end system to be used for communication;

2. User capabilities: determination of the media and media parameters to be used;
3. User availability: determination of the willingness of the called party to engage in communications;

4. Call setup: "ringing", establishment of call parameters at both ends;

5. Call handling: including transfer and termination of calls.

SIP is a text based client/server protocol. A SIP message is either a request from a client to a server, or a response from a server to a client. It is very similar to the HTTP protocol. Each SIP request invokes a method in a server, which include: INVITE, ACK, OPTIONS, BYE, CANCEL and REGISTER


A SIP system has two components: user agents and network servers. The user agent is software in an end system that acts on the behalf of human user. The user agent has two parts:

1. User Agent Client (UAC): initiates a call.

2. User Agent Server (UAS): answers a call.

Together the UAC and UAS allow for peer-to-peer operation using a client-server protocol.

The function of the network servers is to do the call routing to establish a call. The network servers can be of two types: proxy and redirect. A proxy server receives a request, determines which server to send it to, and then forwards the request. Several servers may be traversed as a request flows from UAC to UAS. The eventual response traverses the same set of servers but in the reverse direction. SIP allows a proxy server to fork a request and forward it simultaneously to several next hop servers. Each of these branches can issue a response, so SIP provides rules for merging the returning responses. A redirect server does not forward a request and instead returns a message to the client with the address of the appropriate next-hop server.

Another entity that comprises SIP is called Registrar, a network server that receives the REGISTER message from an end system and stores the registration information in a location database using a non-SIP protocol. This enables a user to register one address, by which it is known to other users and a corresponding contact address, at which it wants its calls to be actually forwarded to.

To establish a call, an INVITE request is sent by the UAC of the caller to the UAS of the destination end system. The request is first sent to an appropriate network server, which may forward it to other servers based on the address identifier of the destination end system. The response to an INVITE request contains a reach address (IP number, port number) that the UAC of the caller can use to send further transactions directly. Consequently, the network servers do not need to maintain call states.

The INVITE request contains the addresses of the caller and destination, subject of the call, call priority, call routing requests, caller preference for user location and desired features of the response. The body of the request contains a description of the medial content of the session. The Session Description Protocol (SDP) format can be used to provide this description. SDP provides the information about the number and types of media streams in a session, destination address of each stream, the sending and receiving port numbers and the payload type. The response of the INVITE provides the information about the media content of the destination end system.

BYE terminates a connection between two users. OPTIONS request information about the capability of a destination user without setting up a call. ACK ensures reliability in the message exchanges and CANCEL terminates a pending request.

The SIP responses (final and intermediate) are numbered as follows:

· 1xx = searching, ringing, queuing etc.

· 2xx = success (e.g. 200 – success)

· 3xx = forwarding (e.g. 301 – moved permanently, 302 – moved temporarily)

· 4xx = client mistakes

· 5xx = server failures

· 6xx = busy, refuse, not available anywhere.
2.2 Evolved PS Core network
The packet switched core network has been modified to include few architectural entities that support the signaling mechanism for setting up the multimedia communication. The most important entity introduced in the network is Call State Control Function (CSCF) node. This performs the functionality of a SIP network servers. There are other entities introduced in the architecture to implement the functionality of multimedia communication with circuit switched domain of existing mobile networks or the Public Services Telephone network (PSTN). (As we are focussing only on the packet switched network in this report, we will not discuss these entities here.)


Figure 3:  A simple block diagram of a evolved packet switched network.

                 (Solid lines: Data transfer and Signaling interface. Dotted lines: Signaling Interface)

The CSCF node performs the call control functions, service control functions, address translation and media negotiation functions.  The mobile station can exchange signaling messages with the CSCF once a proper context is established with a GGSN. As the message exchange takes place in the application layer, the GPRS service nodes are not aware of these signaling messages.

The mobile station needs to have the SIP client software  (UAC and UAS) to be able to communicate with the CSCF node.  To enable the user mobility, the mobile station needs to register with the CSCF, which stores the registration information in the location database using a non-SIP protocol. The mobile station specifies the temporary contact address, if it roams in to a new network. To implement this functionality, the 3GPP specifications suggest the use of CSCF in two forms: Serving CSCF (S-CSCF) and Proxy CSCF (P-CSCF).

The Serving-CSCF (S-CSCF) performs the session control services for the mobile station. Within an operator’s PLMN, there may be multiple S-CSCF and the different S-CSCF may have different functionality. It acts as a SIP registrar and hence receives the registration message from the mobile station. It can acts as a proxy server and hence it can accept and forward SIP requests. On behalf of the mobile station it is serving, it maps the destination address to an appropriate network server and routes the request. For incoming messages for the mobile station, it routes the message to appropriate contact address  (the P-CSCF) of the mobile station. It also keeps a track of the resource utilization to enable proper billing.

The Proxy-CSCF is the immediate contact point of the mobile station in any PLMN. The Serving CSCF of the mobile station is located only in the home PLMN of the mobile station. When the mobile station moves in to a PLMN different from its home network, only the Proxy-CSCF changes and not the Serving-CSCF.  For similarity, the mobile station communicates to Serving CSCF only through the Proxy CSCF in both the home or visited PLMN.  The mobile station discovers the address of the Proxy CSCF following the PDP context activation. 

Another type of CSCF recommended by 3GPP is called Interrogating CSCF (I-CSCF), though it is optional. This CSCF may be used to shield the internal structure of an operator’s network from other networks. All connections destined to a subscriber of that network operator, or a roaming subscriber currently located within that network operator’s service area, are directed to this I-CSCF. It routes the request-response to the Serving CSCF of the mobile station. This entity can be used in the selection of an appropriate CSCF for a mobile station
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Call Flow

The previous chapters covered the overview of UMTS network architecture and the evolved Core Network architectures (Packet Switched) suitable to support the multimedia call flow. In this chapter, we will discuss the signaling call flow in the evolved architecture.

3.1 Network Architecture

The network architecture can be divided in two parts to better understand the call flow:

· Call Origination

· Call Termination

Call Origination:  The user (mobile station) that initiates a call is on the call origination part. The network entities associated with this mobile station are also included in the call origination part.

Call Termination: The destination (mobile station) of a call is on the call termination part. The network entities associated with this mobile station are also included in the call termination part.

The user in the origination or termination part can be a mobile station, a POTS phone or a computer in a packet network (e.g. Internet).  In this project, we consider only the mobile stations to be the end points of the call flow.

There are different possible scenarios possible, based on the location of the mobile station.  We can consider the following cases:

· Originating mobile station is roaming or is in its home network.

· Terminating mobile station is roaming or is in its home network.

The Proxy CSCF is always in the network where mobile station is located currently and Serving CSCF is always in the home network of the mobile station.  As discussed earlier, Interrogating CSCF is used to hide the internal network configuration and is optional. When it is used, the signalling flow between Proxy and Serving CSCF has to go through the Interrogating CSCF; otherwise the flow remains the same.

3.2 Signalling Call Flow using SIP

In this section we will discuss the steps involved in setting up multimedia communication between two mobile stations. First, both the mobile stations need to be properly registered to start the SIP signaling for setting up the call. Once the mobile stations are properly registered with the Serving CSCF, they can commence on setting up a call.

3.1.1 Registration

The signaling flow for registration is shown the in the figure 4. The mobile station is termed as UE (User Equipment). For Registration, the mobile station is assumed to be roaming.

1. GPRS Attach / PDP Context Establishment (UE to GPRS):
The mobile station first needs to attach itself with a SGSN, to make itself known to the PLMN. As it will need to send and receive data, it has to perform the procedure of PDP context activation. Once, the mobile station has an active PDP context active, it has an IP number assigned to it and a GGSN associated with it, using which can talk to the other packet networks and hence the SIP network servers, CSSF.

2. GPRS: P-CSCF Discovery (UE to GPRS/ DHCP):
This signalling flow is the procedure to discover the Proxy CSCF in the visited network, which can be performed using one of the following mechanisms: 

· Transfer Proxy-CSCF address within the PDP Context Activation signalling.

· Employ DHCP and DNS to obtain the P-CSCF address.

3. REGISTER request (UE to P-CSCF)

The purpose of this request is to register the user’s SIP URI with a S-CSCF in the home network. This request is routed to the P-CSCF because it is the only SIP server known to the UE.  The Request-URI in the SIP request indicates the destination domain (the home network of the UE) of this REGISTER request.
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Figure 4:  Registration Signalling

4. DNS: DNS-Q

Based on the user’s URI, the P-CSCF determines that UE is registering from a visiting domain and performs a DNS query to locate the I-CSCF in the home network. The look up in the DNS is based on the address specified in the Request URI.  The DNS replies with the protocol, port number and IP address of the I-CSCF server in the home network.

5. REGISTER request (P-CSCF to I-CSCF)

The P-CSCF forwards the Registration request to the I-CSCF, using the address received from DNS.

6. Cx: User registration status query procedure
The I-CSCF requests information related to the Subscriber registration status from HSS. The HSS returns the S-CSCF required capabilities and the I-CSCF uses this information to select a suitable S-CSCF.

7. REGISTER request (I-CSCF to S-CSCF)

 This signalling flow forwards the REGISTER from the I-CSCF to the S-CSCF selected.

8. Cx: S-CSCF registration notification procedure

On registering a user the S-CSCF shall inform the HSS that the user has been registered at this instance. The HSS stores the S-CSCF name for that subscriber.

9. Cx: User profile download procedure

S-CSCF downloads subscriber data and service related information from the HSS.

10.  200 OK response (S-CSCF to I-CSCF)

The S-CSCF sends acknowledgment to the I-CSCF indicating that Registration was successful

11.  200 OK response (I-CSCF to P-CSCF)

The I-CSCF forwards acknowledgment from the S-CSCF to the P-CSCF indicating that Registration was successful.

12.  200 OK response (P-CSCF to UE)
The P-CSCF then forwards acknowledgment from the I-CSCF to the UE indicating that Registration was successful.

3.1.2 Session Initiation: Origination

The session origination procedures specify the signalling path between the UE initiating a session attempt and the S-CSCF that is assigned to perform the session origination service. This signalling path is determined at the time of UE registration, and remains fixed for the life of the registration.

The originating UE can be in the visited network or in the home network. In both cases, the signalling flow remains the same, except the location of the CSCF entities. We will consider the case, when the mobile station is in the visited network and the I-CSCF is not used.

Figure 5 shows the signalling flow for origination.

1. INVITE (UE to P-CSCF)

The UE may be capable of handling different type of multimedia flow; e.g. it may be able to handle two video streams and two audio streams. It determines the complete set of codecs that it is capable of supporting for these types of media flows. It includes its capabilities in the INVITE request using the SDP (Session Description Protocol) notation. The message may include bandwidth requirements and characteristics of each media flow and the local port numbers for each possible media flow. 

UE sends the INVITE request, containing an initial SDP, to the P-CSCF.

2. 100 Trying (P-CSCF to UE)

P-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

3. INVITE (P-CSCF to S-CSCF)

P-CSCF forwards the request to S-CSCF. It examines the media parameters and may remove some type of media flow, if the type of media is not allowed in the network.

4. 100 Trying (S-CSCF to P-CSCF)
S-CSCF responds to the INVITE request (3) with a 100 Trying provisional response.
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Figure 5:  Call Origination.

5. Service Control
S-CSCF validates the service profile, and performs any origination service control required for this subscriber. S-CSCF examines the media parameters, and removes the media types that the subscriber does not have authority to request.
6. INVITE
S-CSCF examines the destination of the INVITE request and forwards the INVITE request to the S-CSCF of the destination (termination) UE.   

7. 100 Trying
S-CSCF receives a 100 Trying provisional response from destination S-CSCF.
8. 183 Session Progress
The media stream capabilities of the destination are returned along the signalling path, in a 183 Session Progress provisional response
9. 183 Session Progress (S-CSCF to P-CSCF)
S-CSCF forwards the 183 Session Progress response to P-CSCF.
10. Authorize QoS Resources
P-CSCF authorizes the resources necessary for this session.
11. 183 Session Progress (P-CSCF to UE)
P-CSCF forwards the 183 Session Progress response to the originating UE.
12. PRACK (UE to P-CSCF)
UE determines which media flows should be used for this session, and which codecs should be used for each of those media flows. UE includes this information in the PRACK request to P-CSCF.

13. PRACK (P-CSCF to S-CSCF)
P-CSCF forwards the PRACK request to S-CSCF.

14. PRACK
S-CSCF forwards the PRACK request to the terminating S-CSCF.
15. 200 OK
The terminating S-CSCF responds to the PRACK request (14) with a 200 OK response
16. 200 OK (S-CSCF to P-CSCF)
S-CSCF forwards the 200 OK response to P-CSCF.
17. 200 OK (P-CSCF to UE)
P-CSCF forwards the 200 OK response to UE.
18. Resource Reservation
After determining the final media streams in step #11, UE initiates the reservation procedures for the resources needed for this session.
19– 21. COMET 
When the resource reservation is completed, UE sends the COMET request to the terminating endpoint, via the signalling path established by the INVITE request.
22-24.   200 OK
The destination endpoint responds to the COMET request (21) with a 200 OK.

25. 180 Ringing
The called UE may optionally perform alerting. If so, it signals this to the calling party by a 180 Ringing provisional response to (6). This is first received at the S-CSCF.

26. Service Control
The S-CSCF validates the service profile and performs any service control required for this subscriber

27-28.    180 Ringing 
The S-CSCF forward the message to P-CSCF, which forward it to UE.

29-31.   PRACK
The UE responds to the 180 Ringing by sending the PRACK message to the destination end point.

32-34.   200 OK
The destination endpoint responds to the PRACK request (31) with a 200 OK response.
35. 200 OK

When the called party answers, the terminating endpoint sends a 200 OK final response to the INVITE request (6). The message is received at the S-CSCF.

36. Service Control
S-CSCF performs whatever service control is appropriate for the completed session.
37. 200 OK (S-CSCF to P-CSCF)
S-CSCF sends a 200 OK final response along the signalling path back to P-CSCF.
38. Approval of QoS Commit
The P-CSCF approves the commitment of the QoS resources.
39. 200 OK (P-CSCF to UE)
P-CSCF forwards the 200 OK final response to the session originator. UE can start the media flow(s) for this session.

40-42.  ACK 
UE starts the media flow for this session, and responds to the 200 OK (37) with an ACK message.

3.1.3 Session Initiation: Termination
The session termination procedures specify the signalling path between the S-CSCF assigned to perform the session termination service and the UE. The signalling path is the reverse of the session initiation-signalling path for the origination, discussed in last section.


The terminating UE can be in the visited network or in the home network. In both cases, the signalling flow remains the same, except the location of the CSCF entities. We will consider the case, when the mobile station is in the visited network and the I-CSCF is not used.

Figure 6 shows the signalling flow for origination.

1. INVITE
The S-CSCF receives the INVITE request from the originating S-CSCF. 


2. 100 Trying
S-CSCF responds to the INVITE request (1) with a 100 Trying provisional response.

3. Service Control
S-CSCF validates the service profile, and performs any termination service control required for this subscriber.  S-CSCF examines the media parameters, and removes the media that the destination subscriber does not have authority to request.

4. INVITE (S-CSCF to P-CSCF)
S-CSCF forwards the INVITE to the P-CSCF.

5. 100 Trying (P-CSCF to S-CSCF)
P-CSCF responds to the INVITE request (4) with a 100 Trying provisional response.
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Figure 6:  Call Termination

6. INVITE (P-CSCF to UE)
P-CSCF examines the media parameters, and removes any that the network operator decides, based on local policy, not to allow on the network. P-CSCF determines the UE address from the value of the Request-URI and forwards the INVITE request to the destination UE.

7. 100 Trying (UE to P-CSCF)
UE may optionally send a 100 Trying provisional response to P-CSCF

8. 183 Session Progress (UE to P-CSCF)
UE#2 determines the complete set of codecs that it is capable of supporting for this session. It determines the intersection with those appearing in the SDP in the INVITE request. For each media flow that is not supported, UE#2 inserts a SDP entry for media with port=0. For each media flow that is supported, UE#2 inserts a SDP entry with an assigned port and with the codecs in common with those in the SDP from UE#1. The 183 Session Progress response containing SDP is sent back to the originator UE.

9. Authorize QoS Resources
P-CSCF authorizes the resources necessary for this session.

10.  183 Session Progress (P-CSCF to S-CSCF)
P-CSCF forwards the 183 Session Progress response to S-CSCF.

11. 183 Session Progress
S-CSCF forwards the 183 Session Progress response to the S-CSCF of the caller UE.

12-14. PRACK
The originating UE sends a PRACK request containing the final SDP to be used in this session. The message is received at the S-CSCF and is forwarded to P-CSCF and then the destination UE.

15-17. 200 OK

UE acknowledges the PRACK request (14) with a 200 OK response.  The response is forwarded to the originating UE through the signalling path.
18. Resource Reservation

UE initiates the reservation procedures for the resources needed for this session.
19-21. COMET
When the originating endpoint has completed its resource reservation, it sends the COMET request to S-CSCF. This is forwarded to P-CSCF and then UE.
22-24. 200 OK

UE acknowledges the COMET request (21) with a 200 OK response.
25. 180 Ringing (UE to P-CSCF)

Before proceeding with session establishment, the UE waits for two events. First, the resource reservation initiated in step #18 must complete successfully. Second, the resource reservation initiated by the originating endpoint must complete successfully (which is indicated by message #21 received by UE). The UE may now immediately accept the session (and proceed with step #35), or alert the destination subscriber of an incoming session attempt; if the latter it indicates this to the calling party by a 180 Ringing provisional response sent to P-CSCF.
26.   180 Ringing (P-CSCF to S-CSCF)

P-CSCF forwards the 180 Ringing response to S-CSCF. 

27.  Service Control
The S-CSCF validates the service profile and performs any service control required for this subscriber.
28.  180 Ringing
S-CSCF forwards the 180 Ringing response to the originating UE , through the established siganlling path.
29-31.    PRACK
The originator acknowledges the 180 Ringing response (28) with a PRACK request.
32-34. 200 OK

UE acknowledges the PRACK request (31) with a 200 OK response.

35. 200 OK (UE to P-CSCF)

When the called party answers the UE sends a 200 OK final response to the INVITE request (6) to P-CSCF, and starts the media flow(s) for this session.
36. Approval of QoS Commit
The P-CSCF approves the commitment of the QoS resources.
37. 200 OK (P-CSCF to S-CSCF)
P-CSCF forwards the final 200 OK response to S-CSCF.

38. Service Control
S-CSCF performs whatever service control is required for the session completion.
39. 
200 OK
S-CSCF forwards the 200 OK final response along the signalling path back to the session originator.
40-42. ACK

The calling party responds to the 200 OK message (39) with an ACK.
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Call Flow Simulations
The evolved packet switched network architecture supports multimedia calls using SIP. We have simulated this architecture with certain simplifying assumptions and have shown the end-to-end call set up procedure in a packet network. The simulation implements the mobile station (User Agent Client as well as the User Agent Server) and the network entities (Proxy and Server CSCF) involved in the signalling flow to set up a call. 

4.1 Scope

The call set up is done by direct signalling between the mobile station and the CSCF at the Application Layer; the radio access network and the GPRS service nodes are not involved in the signalling message exchange; since these operate at lower level protocol layers. Therefore, to simulate the call set up, we need to consider only the mobile station and the CSCF network entities.

Different procedures of the call set up, including Registration, Session Initiation (origination and termination) and Session termination; generally follow the same signalling path. The project simulates the complete signalling path for these procedures. The network architecture does not include an Interrogating CSCF, as this is an optional entity, which is used to hide the internal configuration of the network. The simulation is able to demonstrate the call flow for different location scenarios of the mobile station (visited/home network).

For session initiation, we saw that there are numbers of round trip message exchanges before the call is finally set up (Invite, PRACK, COMET, Ringing, 200 OK etc.). In this project, we consider only one round trip of message exchange, as our main concern is to show the signalling path, rather than the media negotiation and the resource reservation.

The project does not implement the actual media flow and shows only the call set up.

4.2 Design

The project has been implemented on the UNIX platform using C++ and uses the UDP socket system calls.  The design follows the object-oriented methodology and thus all the architectural entities have been abstracted as classes and the call flow is based on the interaction between the instances of these classes. Two most important classes are:

· User Agent

· Network.

The User Agent class is the abstraction for a mobile station, and incorporates the code for both User Agent Client (UAC, the call originator) and the User Agent Server (UAS, the call terminator).

The Network class is the abstraction for network entities, which includes the Proxy CSCF and the Serving CSCF.  Other classes include:

· RegMessage

· HSS

The instances of RegMessage class are sent over the network as the SIP request and responses. The HSS class serves as the location database, usable by the network entities.

The conceptual design is shown in the figure 7.  As shown in the diagram, one PLMN consists of one or more user agents and the network entities, Proxy CSCF and Serving CSCF.  

The user agent is always associated with the Proxy CSCF of the PLMN in which it is present currently.  The information about the home network of the user agent is stored within the SIM card of the mobile station. Based on the home network domain, the Serving CSCF is accordingly selected and the Registration is performed, as discussed in the last chapter.


                            Figure 7:  Conceptual Design of the Network Architecture

The call flow is simulated from the user interface of the User Agent Client. The user can make a call, by entering the destination address of the User Agent. If the destination User Agent is registered, it can respond to the INVITE message by accepting the call or by rejecting the call invitation. Also, it is possible that the destination user agent is busy in a call with another user. In this case, the response of destination being busy is sent back to the caller.  If the destination is not registered, a response of failure is sent back to the caller.

 Once the call is established, the caller can hang up the phone using the user interface of the User Agent Client. In this case, the BYE message is sent to the destination user agent and the session is terminated.

4.3 Implementation
The project has two executables:

· User

· Network.

The source code of these executables is in following files:

For User:

· user.cpp

· useragent.cpp

· useragent.h

· mysema.cpp

· proj.h

For Network:

· network.cpp

· network.h

· mysema.cpp

· proj.h

User:
The UserAgent class implements the User Agent Client and the User Agent Server.

The main process is forked as soon it starts and the:

· Parent Process:  Handles the call termination. (UAS)

· Child Process: Handles the call origination and user interface.(UAC)

The synchronization between these two processes maintained using a semaphore locking mechanism.  The synchronization is needed to implement the feature that the UAS does not accept a call, when a user is setting up a call using UAC.

The UAC sends the SIP messages using a UDP socket. The UAS keeps waiting for incoming messages on a different socket. During registration, the port number of UAS is stored in the Proxy CSCF, so that any incoming calls can be routed to this port.

As soon as the “user” executable is run (it is equivalent to switching on a mobile station), the current domain of the user agent is identified and hence the GPRS attach and Proxy CSCF discovery is done.  Then the user is queried for his User ID and the home network, which in real case would be stored in the SIM card.  Based on the home network domain, entered by the user, the registration is performed by sending the REGISTER message to the appropriate Serving CSCF.   Once the registration is done, the user receives an acknowledgment. Now the user agent is ready to initiate a session, as well as receive an incoming session invitation.

Network:
The Network class implements the abstraction of Proxy CSCF and the Serving CSCF.  As soon as the “network” executable is run, the main process is forked in to two processes:

Parent Process:  runs as the Serving CSCF.

Child Process:  runs as the Proxy CSCF.

Both the servers run at known ports and wait for the incoming requests. The model of handling the incoming request is similar for both the servers. As soon as an incoming request is received, a child process is forked to handle the request and the main process keeps looping in an infinite loop to retrieve the incoming messages. The child process forked to handle a request operates on a new port. This model of handling the incoming request at these network servers is not realistic, and can be better modeled using a Queuing model.

Both the servers use an instance of HSS class, to store the registration information of the user agents.  A synchronized access is required to access the database and this is implemented using a semaphore locking mechanism.
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Results and Discussion
The simulations were carried out for different location scenarios of the mobile station. The network architecture worked well for all the scenarios, and was able to establish an end-to-end call.

4.1 Results
The simulations were performed on two UNIX servers. Each server was treated as a PLMN domain in itself. To illustrate the complete simulation, we will consider one scenario here; in which the originating mobile station is in its home network and the destination mobile station is roaming.

 The “network” (Proxy CSCF and Serving CSCF) was initiated on following two servers:

· bert.ece.uic.edu

· ernie.ece.uic.edu

We consider two users, User1 and User2:

User1:   home network:  bert.ece.uic.edu


  Current Location:  bert.ece.uic.edu

              Public Identity (SIP Address): User1@bert.ece.uic.edu 

User2:   home network:  bert.ece.uic.edu


  Current Location:  ernie.ece.uic.edu


  Public Identity (SIP Address): User2@bert.ece.uic.edu
Registration:
 The location of Proxy CSCF and Serving CSCF with which users register is as follows:

User1:   Proxy CSCF:  bert.ece.uic.edu


  Serving CSCF:  bert.ece.uic.edu

User2:   Proxy CSCF:  ernie.ece.uic.edu

              Serving CSCF: bert.ece.uic.edu

When the mobile station is switched on, registration for User1 is performed with the Proxy CSCF and Serving CSCF running on “bert.ece.uic.edu”. Registration for User2 is performed with the Proxy CSCF running on “ernie.ece.uic.edu” and the Serving CSCF running on the “bert.ece.uic.edu”.

The CSCF servers save some information about user as follows:

Proxy CSCF: stores the Public Identity of the user and the port number of the user.

Serving CSCF:  stores the Public Identity of the user and the Proxy CSCF, to which the user is attached currently.

Call Set up:

Suppose, the User1 needs to make a call. When the user enters this choice, the user is prompted to enter the destination address using the user interface.  The destination address in this case could be:

User2@bert.ece.uic.edu
The User1 sends an INVITE request to the Proxy CSCF, which forwards it to the Serving CSCF with which User1 is registered. The Serving CSCF reads the destination domain, and forwards this to the Serving CSCF in the destination domain. In this case, the destination domain is “bert.ece.uic.edu” only. Thus the Serving CSCF searches for the profile of the User2 and looks for the present Proxy CSCF address, to which User2 is attached. It finds from the HSS database, that the current Proxy CSCF is running on the 

“ernie.ece.uic.edu”. Thus it forwards the INVITE request to the Proxy CSCF.  The Proxy CSCF, searches its own database and looks for the port number at which the User2 is receiving the incoming calls. It then forwards the request to that port.  

The User2 receives a ringing message on its user interface and it has the option of accepting or rejecting the call. In either case the response is sent back to the User1 using the signalling path through which the INVITE request came.

The User1 receives the response message and the appropriate message is displayed on the user interface.  The User1 has now the option of hanging up the call. When the user decides to hang, a BYE message is sent to the User2 using the same signalling path established earlier.

In case, the User2 is busy with setting up a call, a busy response is sent by the UAS of the User2 toward the originating user.

Message Log:
The message log for different entities is given below:

Registration of User 2:
User2:  ernie.ece.uic.edu

ernie:~/sip >  ./user  

Mobile Station Switched on

You are currently in the PLMN domain: ernie.ece.uic.edu

GPRS Attach Procedure: IP number for this station obtained.

Proxy CSCF Discovery : IP number of Proxy-CSCF obtained

IP: 131.193.50.35

Port: 12284

        Registration Procedure

Enter your Home Domain :: SIM Information:

bert.ece.uic.edu

Enter your Login ID :: SIM Information: :

user2

Message : REGISTER  :: Sent from UA to ProxyCSCF

Message : 200 OK  :: Received at UA from ProxyCSCF

 Mobile Station :: Menu : Enter the number to choose a command

Make a call: 1

Switch off: 2    

Network: ernie.ece.uic.edu

ernie:~/sip >  ./network

Proxy CSCF :: waiting

ServCSCF :: waiting

Proxy CSCF :: waiting

Message : REGISTER  :: Received at ProxyCSCF from UA

Save the Registration in ProxyCSCF data cache

Message : REGISTER :: Sent from Proxy CSCF to ServingCSCF

Message : 200 OK :: Received at ProxyCSCF from ServCSCF

Message : Response of Registratoin :: Sent from ProxyCSCF to UA  

Network:  bert.ece.uic.edu

bert:~/sip/bert >  ./network

Proxy CSCF :: waiting

ServCSCF :: waiting

Message : REGISTER  :: Received at ServCSCF

Save the Registration in HSS

ServCSCF :: waiting

Message : Response of Registration :: Sent from ServCSCF to ProxyCSCF

Registration of User1:

User1: bert.ece.uic.edu

bert:~/sip/bert >  ./user

Mobile Station Switched on

You are currently in the PLMN domain: bert.ece.uic.edu

GPRS Attach Procedure: IP number for this station obtained.

Proxy CSCF Discovery : IP number of Proxy-CSCF obtained

IP: 131.193.50.34

Port: 12284

        Registration Procedure

Enter your Home Domain :: SIM Information:

bert.ece.uic.edu

Enter your Login ID :: SIM Information: :

user1

Message : REGISTER  :: Sent from UA to ProxyCSCF

Message : 200 OK  :: Received at UA from ProxyCSCF

 Mobile Station :: Menu : Enter the number to choose a command

Make a call: 1

Switch off: 2 

Network:  bert.ece.uic.edu   

Message : REGISTER  :: Received at ProxyCSCF from UA

Save the Registration in ProxyCSCF data cache

Proxy CSCF :: waiting

Message : REGISTER :: Sent from Proxy CSCF to ServingCSCF

Message : REGISTER  :: Received at ServCSCF

Save the Registration in HSS

ServCSCF :: waiting

Message : 200 OK :: Received at ProxyCSCF from ServCSCF

Message : Response of Registratoin :: Sent from ProxyCSCF to UA

Message : Response of Registration :: Sent from ServCSCF to ProxyCSCF 

 Call Set Up: User1  to User2
User1: bert.ece.uic.edu

Mobile Station :: Menu : Enter the number to choose a command

Make a call: 1

Switch off: 2

1

Please Enter the SIP address of the destination

user2@bert.ece.uic.edu

Trying to call

Message : INVITE  :: Sent from UA to ProxyCSCF

Message : Response to Invite received at UA from CSCF

Call Accepted : Call in progress

Call Set Up time : 24 seconds

................................

 ...............................

 To Hang up : Type 2           

Network:  bert.ece.uic.edu

Message : Origin : INVITE  :: Received at ProxyCSCF from UA

Message : Origin : INVITE :: Sent from ProxyCSCF to ServingCSCF

Message : Origin : INVITE  :: Received at ServingCSCF from ProxyCSCF

ServCSCF :: waiting

Message : Origin : INVITE :: Sent from ServingCSCF to ServingCSCF

Message : Term : INVITE  :: Received at ServingCSCF from  ServingCSCF

ServCSCF :: waiting

The destination is found registered with Serving CSCF

Message : Term :  INVITE :: Sent to ProxyCSCF from ServingCSCF

Message : Term :  Response to call Inviation received at ServingCSCF from ProxyC

SCF

Message : Term :  Response to call Invitation sent to ServingCSCF from ServingCS

CF

Message : Origin : Response to INVITE Received at ServingCSCF from  ServingCSCF

Message : Origin : Response of Invite :: Sent from ServCSCF to ProxyCSCF

Message : Origin : Response of Invite :: Sent from ProxyCSCF to UA

Network:  ernie.ece.uic.edu

Message : Term : INVITE  :: Received at ProxyCSCF from ServingCSCF

The destination is found registered with Proxy

Message : Term : INVITE :: Sent to Destination UA from ProxyCSCF

Message : Term : Response to call Inviation received at ProxyCSCF from UA

Message : Term : Response to call Invitation sent to ServingCSCF from ProxyCSCF

User2:  ernie.ece.uic.edu

<---Ringing----> Call Inivitation from : user1@bert.ece.uic.edu

 Type 4 : To Accept

 Type 5 : To Reject

4

 Interface : Please Enter Again

4

 You have accepted the call

Message : Response to call invitation sent from UA to P-CSCF

 CALL Established

 ......................

 ......................

Session Termination: User1 to User2:
User1: bert.ece.uic.edu

To Hang up : Type 2

2

Message : BYE  :: Sent from UA to ProxyCSCF

Network: bert.ece.uic.edu

Message : Origin : BYE  :: Received at ProxyCSCF from UA

Message : Origin : BYE :: Sent from ProxyCSCF to ServingCSCF

Message : Origin : BYE  :: Received at ServingCSCF from ProxyCSCF

Message : Origin : BYE :: Sent from ServingCSCF to ServingCSCF

Proxy CSCF :: waiting

ServCSCF :: waiting

Message : Term : BYE  :: Received at ServingCSCF from  ServingCSCF

ServCSCF :: waiting

Message : Term :  BYE :: Sent to ProxyCSCF from ServingCSCF  

Network: ernie.ece.uic.edu

Message : Term : BYE  :: Received at ProxyCSCF from ServCSCF

Message : Term : BYE :: Sent to Destination UA from ProxyCSCF

User2: ernie.ece.uic.edu

Other Party has hung up : Session Terminated

4.2 Discussion

The simulation results show that the network architecture is able to support the signalling flow to set up calls for the mobile station, even if the location of the mobile station varies.

The concept of Proxy CSCF and Serving CSCF is quite similar to the GPRS service nodes, SGSN and GGSN; as one server act as a temporary contact for the mobile station and other acts as a publicly known server of the mobile station, which keeps the track of present contact address of the station. Main difference is that GPRS service nodes are used for the actual media flow and the CSCF nodes are used for the signalling flow to set up the media flow.

Based on the simulation results, we found that we can improve the network architecture to reduce the call set up delay by changing the signalling path during the call set up. In the present design, whenever a user initiates a session, the SIP request and responses have to go through the Proxy CSCF and then Serving CSCF of the originating user. We can avoid one step of message flow by sending the message directly from Proxy CSCF of the originating station to the Serving CSCF of the destination user agent.  This change is possible because, the role of Proxy CSCF and Serving CSCF of the originating station overlaps. (As both the servers validate the user profile and perform some service control functionality). If the user profile along with the service logic is downloaded on to the Proxy CSCF during the registration, we can avoid sending the signalling messages to the Serving CSCF on the origination side.

We implemented a network architecture with the above change and found that it results in the decrease of call set up delay. The argument against this signalling path could be some policy issues of the network operators, in which case the service control logic has to be performed at the Serving CSCF in the home network of the mobile station. 
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