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Introduction

During the CN#18 meeting Tdoc N3-010285 was presented for the purpose of discussing a number of possible ways for presenting the mapping requirements between SIP and ISUP. From the discussions it was decided that a possible solution would be to present the information with a mixture of tables, text and signalling diagrams. It was also agreed that the ITU-T proposal (Tdoc N3-010314) for presenting the information should also be considered. It was further decided that it would be important to provide an example of how the information would appear when using this solution.

Before the commencement of this meeting (CN#19) several examples were distributed for discussion via the CN3 email list. From this it was noted that the first example would prove to be an unacceptable solution for presenting the information (e.g. it it did not present the information clearly and precisely and the document would eventually prove to be unmanageable and may tend to lead errors and inconsistencies. It was also found that the original structure made it difficult to add, if required, new mapping requirements to individual subclauses). The second example has attempted to resolve these issues and will form the basis of the following contributions as described in:

N3-010394

N3-010395

N3-010396

N3-010397

N3-010398

The intention of this discussion paper is to review the solution for presenting the information, to illustrate a signalling procedure used as a reference for the mapping requirements for a CS/PSTN, IM CN SS terminated BVC and to review the table formats used to illustrate the mapping details.

Following the discussion of this document and the related contributions it should be possible to reach an agreement within CN3 for the most suitable way in progressing the ISUP/BICC to SIP mapping and coding requirements. 

Mapping and coding informational representation

The approach to the specifying the mapping requirements to use specific call scenarios, e.g. basic originated call, basic call which is diverted etc, instead of using a generic approach. This approach would be beneficial in clearly stating the parameters mapping and coding requirements would be during a specific call scenario. Each call scenario would form the basis of a clause in the technical speciation.

Each clause and associated subclauses would then be constructed in the following way: 

1. A clause: to include the type of call scenario and the signalling flow diagram

2. Three or more subclauses to detail:

· The mapping between a SIP message and an ISUP parameter (this may include the mapping of an ISUP parameter to the SIP message request line, ISUP parameter to a SIP message header and an ISUP parameter to a SIP message body (SDP);

· The coding between a SIP message and an ISUP parameter (this may include the coding of a SIP message header according to a particular format of the bit field of an ISUP parameters);

· The coding between a SIP message body and an ISUP parameter (this may include the coding of the SDP portion of the SIP messages);

· Special cases, further considerations, e.g. network timers, network configuration and ISUP flavours.

This clause and associated subclasses are to be repeated per call scenario.

Signalling diagram

Each clause will have a signalling diagram to be used for reference purposes. Figure 1 shows the signalling diagram for an en-bloc PSTN originated call procedure. In the figure it is assumed that the PSTN network supports ISUP and not BICC therefore the mapping of ISUP to BICC has not been considered. Timers have not been considered.
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Figure 1 – CS/PSTN-O, IM CN SS terminated

Table Format

The following tables illustrate how the mapping and coding information is to be presented.

Table 1.1: ISUP parameter to SIP message mapping summary

	
	ISUP parameter
	SIP message Request message 
	

	Item 
	Parameter name
	Type
	Mapping applicable
	Location
	Description

(Ref. to sub-clause)

	
	
	
	
	
	


Table 1.2: ISUP parameter to SIP message Request Line mapping

	SIP message Request Line
	ISUP parameter
	

	Request line field
	Sub-fields
	Sub-field components
	Ref. to RFC
	Type
	Token / Value
	Parameter name
	Description

(Ref. To sub-clause)

	Method
	
	
	
	
	
	
	

	Request-URI

(Note 6)
	SIP-URL
	User
	
	
	
	
	

	
	
	telephone-subscriber
	
	
	
	
	

	
	
	Password
	
	
	
	
	

	
	
	Host
	
	
	
	
	

	
	
	Port
	
	
	
	
	

	
	
	user-parameters
	
	
	
	
	

	
	
	maddr-param
	
	
	
	
	

	
	
	ttl-param
	
	
	
	
	

	
	
	transp.-param
	
	
	
	
	

	
	
	other-param
	
	
	
	
	

	
	Absolute-URI
	
	
	
	
	
	

	SIP version
	
	
	
	
	
	
	


Table 1.3: ISUP parameter to SIP message header mapping

	
	INVITE header
	IAM
	

	Item
	Header name
	Ref. To RFC
	Type
	Parameter name
	Description 

(Ref. to sub-clause)

	
	
	
	
	
	


Table 1.4: ISUP parameter to Session description type mapping

	
	INVITE Session description type
	IAM
	

	ITEM
	Field
	Field description
	Ref. To RFC
	Type
	Token / value
	Parameter name
	Description

(Ref. to sub-clause)

	1
	v=
	protocol version
	
	
	
	
	

	2
	o=
	owner/creator and session identifier
	
	
	
	
	

	3
	s=
	session name
	
	
	
	
	

	4
	i=
	session information
	
	
	
	
	

	5
	u=
	uri of description
	
	
	
	
	

	6
	e=
	email address
	
	
	
	
	

	7
	p=
	phone number
	
	
	
	
	

	9
	b=
	bandwidth information
	
	
	
	
	


Table 1.5: ISUP parameters to SIP Media body

	
	Media names and transport address
	Media attribute line
	

	Item
	Media type
	Port
	Transport
	Fmt-List

(payload)
	Payload type
	Encoding name
	Clock rate
	Encoding parameters
	Ref. To RFC

	1
	Audio 
	
	RTP/AVP


	0
	0
	PCMU
	8000
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