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1 Introduction

This is the design specification for Mobile Call Services in CSN R3.3. The term Mobile Call Services is the collective name for CSN R3.x’s Mobile Call Handoff and Mobile Call Pickup, which are two solution enablers for fixed mobile convergence environments.
This document addresses the design requirements specified in the Mobile Call Services Solution Description.
The intended audience is technical staff. Developers of specific components can use it as a basis to create component design documents. Testers can use it to inform themselves of the white-box functionality of CSN, possibly to create test plans, and as the basis for bug analysis. Project managers can use it to understand the scope of the development work and create detailed task plans.
The main body of this document is in three sections. The first section describes changes in the design of the CSE infrastructure for R3.3. The next section discusses CSN configuration parameters and the implications on the new ones for the Console, Self-provisioning subsystem, and CSE component. The third and final section tackles the changes in the Mobile Call Services session logic.
May the force be with you.

1.1 References

[1] Mobile Call Services R3.3 Feature Specification, Draft D.
[2] Mobile Call Services R3.3 Solution Description, Draft B.

2 CSE
This section addresses the CSE infrastructure design requirements defined in [2].
2.1 Add call to existing session
There follows the text of an e-mail written by Alexander Markman which describes how dispatching should be changed to add a call to an existing session.

As we discussed on Monday, we will introduce a workaround in 3.3. to address issues requiring accessing the context of another service session. There are currently 2 issues of that kind: 1) The need to direct 2nd MCH call for a subscriber onto the same network where the first call is and 2) the BZ654 requiring coordinated “HOcallID” reassignment for 2 sessions.

The technical requirements for this workaround are as the following:

bring all valid sessions for a subscriber onto a single CSE server. This should use the “Target Session” mechanism at the first entry of the call into the system (i.e, either though TCAP, SIP, or JTAPI), based on the SR info about the location of an existing session. The recommended approach here is to use a special target session ID format in the xICC_TargetSession request: “<CSE ID>AAAAAAA” This format will be filtered by the dispatcher of the receiving CSE and will cause spanning of the new session.

CSE session will be able to access the context of another session for getting/setting an attribute.

With this infrastructural capability in place, the design requirements for the aforementioned problems look like the following:

1. The network selection for a new terminating MCH call should first consider the network used for an existing call of the subscriber, if the call is in a stable state.

If there is no existing call, or the call is not stable, select the network based on the SR info, as we do it today.

2. Introduce a new attribute “HOLineID” into the Subsession (or, better, into the Party) which will be set to 1 WHEN THE CALL FIRST TIME GETS INTO THE ESTABLISHED state. At the same time the HOLineID of the other session, IF THAT SESSION EXISTS, will be set to 2.

The Handoff/Handback requests will be re-targeted to the first session in the SR response, and, potentially, re-targeted again if the Handoff/Handback number is pointing to the other call and the other call exists. If there is no call with HOLineID corresponding to the Handoff/Handback number received, the request is rejected.

The HOCallID assignment logic in the Handset Client should be modified, as well. I’ll make necessary changes in the Client functional spec and provide it to the Client developers. 
2.2 E.164 Normalisation

This section was copied from a document by Alexander Markman on this topic. 
2.2.1 Subscriber ID, Device ID modifications

Each ID in the profile will have additional attributes: 

CountryCode = {NumericString | NULL} 

UriFormat = {SIP | TEL}

2.2.2 Other provisionable numbers

Other numbers (like PBX routing number in profile or DN Pool numbers) will be used as provisioned, i.e., Plus or Country Code will be included in the number during the provisioning, if needed. 
2.2.3 Additional Configuration Parameters

There is an additional system-wide parameter OutboundPlus = {YES | NO} 

There is an additional system-wide parameter MinimumNationalNumberLength.

2.2.4 Profile Mapping

Mapping of the profile by each ID is done by the ID itself and 

by the CountryCode + ID (optionally, if CountryCode ^= NULL)

For an ID shorter than the MinimumNationalNumberLength the respective domain ID (if defined) is added (prefixed) for the mapping purposes (the abbrev. Dialing case)  

2.2.5 Outbound parameter processing for SICC

When using a provisioned ID in an outbound message, it is formatted according the following: 

<CountryCode ^= NULL? (OutboundPlus = = YES? “+”: OutboundPrefix): OutboundPrefix> <CountryCode><ID> 

Example 1: OutboundPlus = YES, CountryCode = 44, ID = 86662233; 


OutboundPrefix = 1102

The outbound parameter will be +4486662233

Example 2: OutboundPlus = YES, CountryCode = NULL, 


OutboundPrefix = 1102, ID = 86662233;

The outbound parameter will be 110286662233

Example 3: OutboundPlus = NO, CountryCode = 44, ID = 86662233, 


OutboundPrefix = 1102

The outbound parameter will be 11024486662233

The resulting number will then be put in either sipURI or telURL format dependent on UriFormat setting.

Note: The “+” takes precedence over the Outbound Prefix. If a parameter is formatted with “+” (like in the Example 1 above) the respective Outbound Prefix is ignored. Otherwise (like in the Examples 2 and 3), the prefix is added. 

(The Outbound Prefix is one of the PSTN Outbound Routing Code, OnNet Outbound Routing Code or Non-subscriber Outbound Routing Code)  

2.2.6 Outbound parameter processing for TICC

It follows the same rules as for SICC but there is no “+” in front of the number irrespective of OutboundPlus and CountryCode settings. 

2.2.7 Inbound Parameter Processing

The “+” in an incoming parameter is not considered when the parameter is used as

 a key for the profile look up.

If there is no “+”, the parameter is checked against the inbound prefixes, as usual, before looking up a profile. 

If the length of the parameter (after stripping the inbound prefix, if any) is less than MinimumNationalNumberLength, the numeric domain ID is prefixed to it for the profile look up purposes. The domain ID is provided by the SCL (this is abbrev. dialing case, the domain ID for abbrev dialing is provisioned in the originator’s profile).

2.2.8 Non-subscriber IDs Processing

The non-subscriber IDs are propagated from the inbound to the outbound leg as is if they are starting with the “+”.

If there is no “+”, the non-subscriber IDs undergo transformation accordingly to the inbound and outbound prefixes definition and matching.  

2.3 Active Standby Co-ordination

Hot standby is being introduced in R3.3 for the SIP Connector. The Subscriber Registry component already had some hot standby capabilities in R3.2 but there are holes in the coordination of it. Changes are necessary in CSE to realise the R3.3 SIP Connector and Subscriber Registry hot standby features. These coordination mechanisms are the subject of a self-contained feature in R3.3, but the CSE aspects are being considered here.
Cold standby remains supported in R3.3. The premise behind cold standby is that exactly the same component runs at only one location, identified by an IP pair. If the component fails on one node, it is started on another. The RTT host ID of the component is the same regardless of where the component is running.

The RTT API has mechanisms to support cold standby. It allows different pairs of IP addresses to be defined for a single host ID. When one pair is unreachable, the RTT API will try to connect to the same host ID at another location indicated by another IP pair. The component is deemed to be active at whichever location a connection can be established.
For cold standby, because failover pairs are keyed on RTT host ID, CSE knows with which logical SIP Connector it has connectivity. For example, if two logical SIP Connectors are defined with host IDs 3 and 4, even though both 3 and 4 each have failover locations, CSE can still distinguish between SIP Connector 3 and SIP Connector 4; it will have an RTT session with each one.
In the hot standby scenario, two separate components of the same type are defined, each with their own RTT host ID. The CSN task manager will mediate which of the two component instances is considered active. At any time, though, the CSE is actively connected to both components. The active/standby coordination mechanism involves the use of management messages which are communicated between servers and their clients. These management messages will indicate to the client which component is active and which standby.

It is a design requirement that the CSE should select the RTT session for the component from which it has received an “I am active” management message.

At some point in the service logic the CSE will need to initiate one or more SR queries, so it should select the correct one according to the design requirement above.

CSE receives incoming messages from a SIP Connector. In the current design the CSE stores which RTT session that it received a session creation event from, and will use exactly that session to send SICC messages out. This must be changed so that it sends SICC messages out on the SIP Connector RTT session from which it last received an “I am active” management message.
CSE currently clears down a call session when the SIP Connector RTT session is lost. Presumably it should no longer do this because the other SIP Connector is expected to become active sometime in the “near future”. CSE can’t really predict whether another SIP Connector will become active, not can it determine if the call clear events of a SIP network call have been missed. These are wider questions for the coordinated failover system design.

The hot standby mechanism doesn’t support multiple logical SIP Connector deployments because there is no “key” to identify standby pairs. For example, if SIP Connector 3 and SIP Connector 4 are defined and happen to be mated with each other, and SIP Connector 7 and SIP Connector 8 are defined and also happen to be mated with each other, then SIP Connectors number 3 and 8 may both be active. In order to support multiple active SIP Connectors, it may be necessary to define which are paired in the configuration and perhaps also in the management messages.

2.4 Incremental Provisioning

This is a placeholder for an item of CSE development in R3.3. The design is driven from a feature outside the scope of Mobile Call Services.
2.5 DN Pool Selection

Details on the DN Pool Selection criteria haven’t yet been defined. When they have been, the algorithm for determining the “closest” DN pool number will be specified in this section.
3 Configuration

This section address the configuration design requirements identified in [2].
3.1 Forwarding

The console must manage the three information fields in both the MCH and MCP profiles. The CSN Forwarding flag can be yes or no, and may not be NULL. The other two fields are Forwarding Number and Forward Unconditional. If CSN Forwarding contains no, the other two fields may be NULL. If it contains yes, then the Forwarding Number and Forward Unconditional flag must be defined.

The self-provisioning interface can update the Forwarding Number and Forwarding Unconditional flag if the CSN Forwarding flag is yes. If it is not, then technically the self-provisioning interface can set these two fields but they will have no effect. The self-provisioning interface should not be able to set the CSN Forwarding flag itself; it is only to be set by the service-provider as a feature.

CSE must have these three forwarding information fields in the profile and populate them appropriately.

3.2 MCP

The MCP profile has a new field called mode, or multi-device mode. Its value is on, sequential, or simultaneous. It must not be NULL. Both the console and self-provisioning interface should set this mode.
The MCP profile has another new field called change-device security. Its value is yes or no. It must not be NULL. Both the console and self-provisioning interface should set this security field.
The MCP Profile device information has three new fields: primary device, device sequence, and simring-enabled. The primary device field has a value of yes or no and identifies the primary device in the group; only one device in the group may have this designation. The device sequence is an integer from 0 to the maximum number of devices and indicates the order of sequential ringing. It may contain 0 if the device is not to be simultaneously or sequentially rung. The simring-enabled flag has a value of yes or no. It indicates if the device is part of the simring group.

It is possible to use the device sequence field to determine membership in the simring group and not have the simring-enabled device. A value of 0 would exclude it. For UI purposes, it may be slightly less clear, though.

Both the console and self-provisioning interface should permit the setting of these three MCP profile device fields.

CSE must include these three MCP device information fields in the profile.
3.3 Announcements

The Call Reconnect and MCP Ring-back DN Announcement fields are defined for the CSE plane and should be settable by the console. Both are optional.
CSE must load these fields at startup. They aren’t subject to reconfiguration at runtime.

3.4 DN Pool

Details on the DN Pool Selection criteria haven’t yet been defined. When they have been, the configuration data for determining the “closest” DN pool number will be specified in this section.

4 Session Logic

This section address the session logic design requirements identified in [2].
4.1 MCH JTAPI Call Control

JTAPI Call Control for extensions behind a Call Manager IP PBX is already provided in MCP. These same call flows should also be supported for the MCH service. It is primarily a coding issue to add these capabilities for MCH.
4.2 MCP

4.2.1 Reconnect Announcement

The following sequence illustrates the call flows for Mobile Call Reconnect when the Announcement DN is specified. In this diagram, the SIP Network abstractly includes gateways necessary to reach other networks.
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The changes to existing logic are fairly simple. When present, the disconnected call should be transferred to the announcement DN. After the subscriber is reacquired with a call, he should be joined to the caller leg of the call that is connected to the announcement device.

4.2.2 Unified Ring-back

The following sequence illustrates the call flows for optional unified ring-back when the multi-device mode is specified as sequential.
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In simultaneous mode, the initial call is directly connected to the announcement. All simring devices are then alerted. When the subscriber answers one, it is joined to the original call that has the caller listening to the ring-back announcement.

4.2.3 Sequential Mode

It is possible that this feature has been swapped out as a quid pro quo for MCP single SDN interworking in 3.2.1. If not, it will be revisited later.
4.2.4 Change Device Security

The following sequence illustrates what happens for a change device operation with the security flag set. It shows what happens from the point that the subscriber issues the change device call for a session already in progress.
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Because the subscriber’s change device security flag is set, the change device call is “answered” and parked on hold until the subscriber hangs up his first call.

There may be a usability issue here: how does the subscriber know when CSN has received the change device call and is now ready to complete the change device operation? One option is for the incoming call to be connected to an announcement that says “CSN is now ready to change your device; please hang up your original call”. This is an option for future study.

4.3 CSN Forwarding

The forwarding functionality is applicable when the CSN forwarding flag is set to “yes” for a subscriber. Forwarding is applicable to both Mobile Call Pickup and Mobile Call Handoff.
4.3.1 Unconditional

No sequence is required for this trivial operation. If both CSN forwarding and Forward Unconditional flags are set for the subscriber, then any RouteRequest for a subscriber should be responded to a RouteSelect with the forwarding number. All services are subsequently available from this forwarded number, because CSN will have this session.
4.3.2 Conditional

Instead of sending the call to voice mail as we currently do, if the aggregate response to an SDN call is unanswered or not reachable, the call should be routed to the forwarding number.
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