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Foreword

This Technical Specification has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

The present document describes the mapping procedures between ISUP/BICC and SIP signalling. These procedures will enable the interworking between a CS/PSTN and an IM CN subsystem.

Editor’s note: To be completed

1
Scope

The present document details the mapping procedures between ISUP/BICC and SIP.

Editor’s note: To be completed

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

 [1]
draft-ietf-sip-rfc2543bis-04 (July 2001): “SIP: Session Initiation Protocol”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC.

[2]
RFC 2976 (October 2000): “The SIP INFO method”.

[3]
draft-ietf-sip-100rel-03 (March 2001): “Reliability of provisional responses in SIP”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[4]
draft-ietf-sip-callerprefs-04 (June 2001): “SIP caller preferences and callee capabilities”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[5]
draft-ietf-sip-refer-00 (July 2001): “The REFER method”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[6]
draft-ietf-sip-serverfeatures-05 (July 2001): “The SIP supported header”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[7]
draft-ietf-sip-session-timer-05 (July 2001): “The SIP session timer”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[8]
draft-sip-manyfolks- resource-01 (February 2001): “Integration of resource management and SIP”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[9]
draft- sip-privacy-02 (May 2001): “SIP extensions for caller identity and privacy”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[10]
draft- sip-state-01 (March 2001): “SIP extensions for supporting distributed call state”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[11]
draft- sip-call-auth-01 (February 2001): “SIP extensions for media authorization”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[12]
draft-ietf-mmusic-sdp-new-03 (January 2002): “SDP: Session Description Protocol”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC.

[13]
RFC 1890 (January 1996): “RTP Profile for Audio and Video Conferences with Minimal Control”.

[14]

ITU-T Recommendation Q.763 (06/2000) – Specifications of Signalling System No.7 ISDN User Part (ISUP).

3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the following terms and definitions apply.

Basic Voice Call: A Basic Voice Call (BVC) is a call that conveys only a speech component. The definition of the BVC pertains only to the boundary between the IMS and the CS/PSTN. If more than one IMS party is involved in a communication with a PSTN party/parties, the communication between the IMS parties shall not be adversely impacted by the presence of a PSTN party. Please note that this boundary may still be subject to regulatory requirements associated with communications with the PSTN including, but not limited to, lawful interception of voice calls and number portability.

IM CN subsystem: (IP Multimedia CN subsystem) comprises of all CN elements for the provision of IP multimedia applications over IP multimedia sessions. 

3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

BVC
Basic Voice Call

CN
Core Network

CS
Circuit Switched

CSCF
Call State Control Function

FQDN
Fully Qualified Domain Name

IM
IP Multimedia

IP
Internet Protocol

ISUP
ISDN User Part

MGCF
Media Gateway Control Function

MT
Mobile Terminated

QoS
Quality of Service

SDP
Session Description Protocol

SIP
Session Initiation Protocol

SS7
Signalling System No.7

UE
User Equipment

4
CS/PSTN originated, IM CN subsystem terminated

The following subclause describes the mapping procedures between ISUP and SIP for an en-bloc CS/PSTN originated, IM CN subsystem terminated call type. 

4.1
Basic voice call

4.1.1
Mapping of ISUP parameters to SIP messages

4.1.1.1
ISUP IAM to SIP INVITE mapping

For a basic voice call, the MGCF shall map the parameters of an IAM to the components of an INVITE request message. Table 1.1 provides an overview of the mapping requirements.

Table 1.1 details the full list of IAM parameters according to [14]. If mapping between an ISUP parameter and a SIP message is possible then this, along with a description to where in the SIP component mapping is applicable, indicated in the relevant table fields. 

NOTE 1:
The abbreviation "N/A" indicates that no mapping is applicable between an ISUP parameter and a SIP message 

NOTE 2:
The abbreviation "FFS" indicates the mapping between an ISUP parameter and a SIP message is for further study 

NOTE 3:
All ISUP message parameters and SIP message headers have been associated with an item number, which is unique to each table. This item number is to be used as a reference point for subsequent subclauses.

NOTE 4:
In the present document only the mandatory parameters have been considered. 

Table 1.1: IAM to INVITE mapping summary

	
	IAM
	INVITE Request message 
	

	Item 
	Parameter name
	Type
	Mapping applicable
	Location
	Description

(Ref. to subclause)

	1
	Message type
	F
	Yes
	INVITE Request Line
	(subclause 4.1.1.1.1) 

	2
	Nature of connection indicators
	F
	N/A
	N/A
	(subclause 4.1.2.1.2)

	3
	Forward call indicators
	F
	N/A
	N/A
	(subclause 4.1.2.1.2)

	4
	Calling party’s category
	F
	Yes
	INVITE headers
	(subclause 4.1.1.1.2)

	5
	Transmission medium requirement
	F
	Yes
	INVITE message body
	(subclause 4.1.1.1.3.3)

	6
	Called party number
	V
	Yes
	INVITE Request Line and INVITE headers
	( subclause 4.1.1.1.1), (subclause 4.1.1.1.2)

	7
	Transit network selection (national use)
	O
	FFS
	
	

	8
	Call reference (national use)
	O
	FFS
	
	

	9
	Calling party number
	O
	Yes
	INVITE headers
	(subclause 4.1.1.1.2)

	10
	Optional forward call indicators
	O
	FFS
	
	

	11
	Redirecting number
	O
	
	
	

	12
	Redirection information
	O
	
	
	

	13
	Closed user group interlock code
	O
	
	
	

	14
	Connection request
	O
	
	
	

	15
	Original called number
	O
	
	
	

	16
	User-to-user information
	O
	
	
	

	17
	Access transport
	O
	
	
	

	18
	User service information
	O
	
	
	

	19
	User-to-user indicators
	O
	
	
	

	19
	User-to-user indicators
	O
	
	
	

	20
	Generic number
	O
	
	
	

	21
	Propagation delay counter
	O
	
	
	

	22
	User service information prime
	O
	
	
	

	23
	Network specific facility (national use)
	O
	
	
	

	24
	Generic digit (national use) 
	O
	
	
	

	25
	Origination ISC point code
	O
	
	
	

	26
	User teleservice information
	O
	
	
	

	27
	Remote operations (national use)
	O
	
	
	

	28
	Parameter compatibility information
	O
	
	
	

	29
	Generic notification indicator
	O
	
	
	

	30
	Service activation
	O
	
	
	

	31
	Generic reference (reserved )
	O
	
	
	

	32
	MLPP precedence
	O
	
	
	

	33
	Transmission medium requirement prime
	O
	
	
	

	34
	Location number
	O
	
	
	

	35
	Forward GVNS
	O
	
	
	

	36
	CCSS
	O
	
	
	

	37
	Network management controls
	O
	
	
	

	38
	Circuit assignment map
	O
	
	
	

	39
	Correlation id
	O
	
	
	

	40
	Call diversion treatment indicators
	O
	
	
	

	41
	Called IN number
	O
	
	
	

	42
	Call offering treatment indicators
	O
	
	
	

	43
	Conference treatment indicators
	O
	
	
	

	44
	SCF id
	O
	
	
	

	45
	UID capability indicators
	O
	
	
	

	46
	Echo control information
	O
	
	
	

	47
	Hop counter
	O
	
	
	

	48
	Collect call request
	O
	
	
	

	49
	End of optional parameters
	O
	
	
	


4.1.1.1.1
Mapping of IAM parameters to INVITE Request Line

Table 1.2 describes which parameters of the IAM can be directly mapped to the INVITE request line fields. In table 1.2, and for all subsequent tables, the column labelled Description (Ref. To subclause) will, if applicable, reference a subclause which will describe format of the SIP message component according to different variations in the coding of the ISUP parameter fields. The  column labelled Ref. to RFC and RFC status provides a reference to the IETF RFC for each SIP field and notes whether the field is mandatory or optional. 

Table 1.2: IAM to INVITE Request Line mapping

	INVITE Request Line
	IAM
	

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

(Ref. To subclause)

	Method
	
	
	[1] 4.2
	M
	INVITE
	Message Type 
	(subclause 4.1.2.1.1)

	Request-URI

(Note 6)
	SIP-URL
	User
	[1] 2
	O
	Phone
	N/A
	The "user" component contains the name of the user addressed [1].



	
	
	telephone-subscriber
	[1] 2, [10] 2.2
	O
	local-phone-number or 

global-phone-number
	Called party number
	(subclause 4.1.2.1.6.1)

	
	
	Password
	[1] 2
	O
	N/A
	N/A
	Password not required

	
	
	Host
	[1] 2
	M
	m (Note 2&4)
	N/A
	This is the default value

	
	
	Port
	[1] 2
	O
	5060 (Note 4)
	N/A
	This is the default value

	
	
	user-parameters
	[1] 2
	O
	Phone (Note 3&4)
	N/A
	

	
	
	maddr-param
	[1] 2
	O
	N/A
	N/A
	

	
	
	ttl-param
	[1] 2
	O
	N/A
	N/A
	

	
	
	transp.-param
	[1] 2
	O
	UDP (Note 4)
	
	This is the default value

	
	
	other-param
	[1] 2
	O
	N/A
	N/A
	

	
	Absolute-URI
	
	
	
	
	
	The use of an AbsoluteURI is FFS

	SIP version
	
	
	[1] 4.2
	M
	SIP/2.0 (Note 4)
	
	To be specified in upper case [1].

	NOTE 2: The host is either the FQDN or the numeric IP address of the MGCF [1].

NOTE 3: The MGCF appends “phone” to indicate that the user part contains a telephone number [1].

NOTE 4: The MGCF shall populate the field without mapping parameters from the IAM.
NOTE 6: A Request-URI is a SIP URL. It indicates the user or service to which this request is being addressed and It may be re-written by proxeys [1].


Editor’s note:
RFC 2806: “URLs for Telephone Calls [10].

4.1.1.1.2
Mapping of IAM parameters to INVITE headers

IAM parameters shall be mapped to the INVITE headers as described in table 1.3. Only mandatory IAM parameters have been included in table 1.2. These IAM mandatory parameters may also appear in other tables in the document.

Table 1.3: IAM to INVITE header mapping

	
	INVITE header
	IAM
	

	Item
	Header name
	Ref. To RFC
	Type
	Parameter name
	Description 

(Ref. to subclause)

	1
	Accept
	[1] 10.6
	O
	N/A
	

	2
	Accept-Contact
	[4] 5.2
	O
	N/A
	

	3
	Accept-Encoding
	[1] 10.7
	O
	N/A 
	

	4
	Accept-Language
	[1] 10.8
	O
	N/A
	

	5
	Alert-Info
	[1] 10.9
	O
	N/A
	

	6
	Allow
	[1] 10.10, [1] 5.1
	O
	N/A
	

	7
	Anonymity
	[9] 5.2
	O
	N/A
	

	8
	Authorization
	[1] 10.11
	O
	N/A
	

	9
	Call-ID
	[1] 10.12
	M
	N/A
	

	10
	Call-Info
	[1] 10.13
	O
	N/A
	

	11
	Contact
	[1] 10.14
	M
	N/A
	This shall indicate the line identification and IP address or the FQDN of the originating MGCF

	12
	Content-Disposition
	[1] 10.15
	O
	N/A
	

	13
	Content-Encoding
	[1] 10.16
	O
	N/A
	

	14
	Content-Language
	[1] 10.17 [11 RFC 2616] 14.12
	O
	Calling party’s category
	(subclause 4.1.2.1.4.1)

	15
	Content-Length
	[1] 10.18
	M
	N/A
	Content-Length header is present when there is an INVITE message body containing SDP.  

	16
	Content-Type
	[1] 10.19
	M
	N/A
	Indicates the media type of the message body, e.g. SDP, and shall be present if the message body is not empty.

	17
	Cseq
	[1] 10.20
	M
	N/A
	This is a random starting number as defined by the MGCF

	18
	Date
	[1] 10.21
	O
	N/A
	

	19
	Encryption
	[1] 10.22
	O
	N/A
	

	20
	Expires
	[1] 10.24
	O
	N/A
	

	21
	From
	[1] 10.25
	M
	Calling party number
	(subclause 4.1.2.1.6.2)

	22
	In-Reply-To
	[1] 10.26
	O
	N/A
	

	23
	Max-Forwards
	[1] 10.27
	O
	N/A
	

	24
	MIME-Version
	[1] 10.28
	O
	N/A
	

	25
	Organization
	[1] 10.29
	O
	N/A
	

	26
	Priority
	[1] 10.30
	O
	Calling party’s category
	(subclause 4.1.2.1.4.2)

	27
	Proxy-Authorization
	[1] 10.32
	O
	N/A
	

	28
	Proxy-Require
	[1] 10.33, [7] 4, [9] 4
	O
	N/A
	

	29
	Record-Route
	[1] 10.34
	O
	N/A
	

	30
	Reject-Contact
	[4] 5.3
	O
	N/A
	

	31
	Remote-Party-ID
	[9] 5.1
	O
	N/A
	

	32
	Request-Disposition
	[4] 5.5
	O
	N/A
	

	33
	Require
	[1] 10.35, [6] 2.2, [7] 4, [10] 3
	O
	N/A
	

	34
	Response-Key
	[1] 10.36
	O
	N/A
	

	35
	Route
	[1] 10.38
	M
	N/A
	

	36
	Session expires
	[7] 3
	O
	N/A
	

	37
	State
	[10] 5.1
	O
	N/A
	

	38
	Subject
	[1] 10.40
	O
	N/A
	

	39
	Supported

(note 1)
	[1] 10.41, [1] 5.1, [6] 2.1, [7] 5, [10] 3
	O
	N/A
	This header shall include the tag "100rel". This ensures that all provisional responses are delivered reliably.

	40
	Timestamp
	[1] 10.42
	O
	N/A
	

	41
	To 
	[1] 10.43
	M
	Called party number
	(subclause 4.1.2.1.6.2)

	42
	User-Agent
	[1] 10.45
	O
	N/A
	

	43
	Via
	[1] 10.46
	M
	N/A
	The Via header shall contain the IP address or FQDN of the originating MGCF


4.1.1.1.3
Mapping of IAM parameters to INVITE message body

4.1.1.1.3.1
Mapping of IAM parameters to INVITE session description type

Table 1.3 describes which parameters of the IAM can be directly mapped to the INVITE session message body. 

Table 1.4: IAM 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 subclause)

	1
	v=
	protocol version
	[12] 6
	m
	0 (zero)
	n/a
	

	2
	o=
	owner/creator and session identifier
	[12] 6
	m
	(Note 1)
	n/a
	

	3
	s=
	session name
	[12] 6
	m
	(Note 1)
	n/a
	

	4
	i=
	session information
	[12] 6
	o
	(Note 1)
	n/a
	

	5
	u=
	uri of description
	[12] 6
	o
	N/a
	n/a
	

	6
	e=
	email address
	[12] 6
	o
	N/a
	n/a
	

	7
	p=
	phone number
	[12] 6
	o
	
	Called party number
	INVITE.SDPs.1

	8
	c=
	connection information – not required if included in all media
	[12] 6
	o
	(Note 2)
	n/a
	

	9
	b=
	bandwidth information
	[12] 6
	o
	FFS
	
	This field contains information about the bandwidth required. The bandwidth modifier is either CT (conference total) or AS (application specific). The MGCF shall specify AS for single site bandwidth

	One or more time descriptions (see table 1.4.2)

	10
	z=
	time zone adjustments
	[12] 6
	o
	N/a
	n/a
	

	11
	k=
	encryption key
	[12] 6
	o
	N/a
	n/a
	

	12
	a=
	Zero or more session attribute lines
	[12] 6
	o
	FFS
	n/a
	

	Zero or more media descriptions (see table 1.4.3)

	NOTE 1: The MGCF shall populate the SDP field without mapping parameters from the IAM.

NOTE 2: The MGCF shall populate the SDP field without mapping parameters from the IAM. The sub-field <address> will be that of the MGCF.


4.1.1.1.3.2
Mapping of IAM parameters to time description type

Table 1.4 describes which parameters of the IAM can be directly mapped in the INVITE time description message body. 

Table 1.5: IAM to Time description type mapping

	
	INVITE Time description type
	IAM
	

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

(Ref. to subclause)

	1
	t=
	time the session is active
	[12] 6
	m
	(note 1)
	n/a
	

	2
	r=
	Zero or more repeat times
	[12] 6
	o
	(note 2)
	n/a
	

	NOTE 1: The timestamp will be controlled by the MGCF. The MGCF will also set the boundaries of the call if required. 

NOTE 2: The MGCF will specify a repeat period for the time boundary if required.


4.1.1.1.3.3
Mapping of IAM parameters to INVITE media description type

Table 1.4 describes which parameters of the IAM can be directly mapped in the INVITE media description message body. 

Table 1.6: IAM to Media description type mapping

	
	INVITE Media description type
	IAM
	

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

 (Ref. to subclause)

	1
	m=
	media name and transport address
	[12] 6
	m
	
	Transmission medium requirement
	INVITE.SDPm.1

	2
	i=
	media title
	[12] 6
	o
	
	n/a
	

	3
	c=
	Connection information – optional if included at session-level
	[12] 6
	o
	
	n/a
	

	4
	b=
	bandwidth information
	[12] 6
	o
	
	n/a
	

	5
	k=
	encryption key
	[12] 6
	o
	
	n/a
	

	6
	a=
	zero or more media attribute lines
	[12] 6
	o
	
	Transmission medium requirement
	INVITE.SDPm.1


4.1.1.1.3.4
Mapping of IAM parameters to 3GPP-INVITE media description type

Editor’s note:
FFS [There may be a requirement to specify a new 3GPP specific SIP extension container for the purpose of “remembering” the indicator settings in the Nature of connection indicator. This extension container may be an addition to the SIP message body]

4.1.1.2
ISUP ACM to SIP Informational 1xx status code mapping

For a basic voice call, the MGCF shall map the components of a SIP Informational response to the parameters of an ACM. The type of ACM sent from the MGCF (i.e. either ACM or Early ACM) shall depend on the Informational response received.

4.1.1.2.1
ISUP ACM to SIP Informational 100 Trying

A SIP Informational 100 response shall not trigger any PSTN interworking messages 

4.1.1.2.2
ISUP ACM to SIP Informational 180 Ringing

Table 1.7 details the full list of ACM parameters according to [14].

Table 1.7: ACM to 180 Ringing mapping summary

	
	ACM
	Informational Status code: 

180 Ringing
	

	Item
	Parameter name
	Type
	Mapping applicable
	Location
	Description

(Ref. to subclause)

	1
	Message type
	F
	Yes
	180 Ringing Status Line
	(subclause 4.1.1.2.2.1)

	2
	Backward call indicators
	F
	No
	N/A
	(subclause 4.1.2.2.2.2)

	3
	Optional backward call indicators
	O
	
	
	

	4
	Call reference (national use)
	O
	
	
	

	5
	Cause indicators
	O
	
	
	

	6
	User-to-user indicators
	O
	
	
	

	7
	User-to-user information
	O
	
	
	

	8
	Access transport
	O
	
	
	

	9
	Generic notification indicator 

(Note 1)
	O
	
	
	

	10
	Transmission medium used
	O
	
	
	

	11
	Echo control information
	O
	
	
	

	12
	Access delivery information
	O
	
	
	

	13
	Redirection number (Note 2)
	O
	
	
	

	14
	Parameter compatibility information
	O
	
	
	

	15
	Call diversion information
	O
	
	
	

	16
	Network specific facility 

(national use)
	O
	
	
	

	17
	Remote operations (national use)
	O
	
	
	

	18
	Service activation
	O
	
	
	

	19
	Redirection number restriction indicator
	O
	
	
	

	20
	Conference treatment indicators
	O
	
	
	

	21
	UID action indicators
	O
	
	
	

	22
	End of optional parameters
	O
	
	
	


4.1.1.2.2.1
Mapping of ACM parameters to Informational 180 Ringing Status Line 

NOTE:
The Informational 180 Ringing response does not contain an SDP message body.

Table 1.8: ACM to 180 Ringing Status Line

	180 Ringing Status Line
	ACM
	

	Status line field
	Status-Code type
	Reason-Phrase Type
	Ref. to RFC
	Type
	Token / Value
	Parameter name
	Description

(Ref. to subclause)

	SIP version
	N/A
	N/A
	[1] 9.1
	M
	SIP/2.0
	N/A
	The MGCF shall populate the field without mapping parameters from the IAM

	Status-Code
	Informational
	N/A
	[1] 9.1
	M
	180
	Message Type
	(subclause 4.1.2.2.2.1)

	Reason-Phrase
	N/A
	Ringing
	[1] 9.1
	M
	Ringing
	N/A
	N/A


4.1.1.2.2.2
Mapping of ACM parameters to Informational 180 Ringing headers

Table 1.9 describes which parameters of the ACM can be directly mapped in the Informational Status Code 180 Ringing. All response headers have been listed, and each header has been associated with an item number. This item number is to be used for reference purposes only. All ACM parameters have been included in table 1.x. These ACM may appear several times in the table, this depends on whether the parameter can be mapped to more than one ACM header. The list of ACM parameters in tables 1.3 and 1.4 constitute the full set of parameters of the ACM as described in [14]

Table 1.9: ACM to 180 Ringing header mapping

	
	180 Ringing headers
	ACM
	

	Item
	Header name
	Ref. To RFC
	Type
	Parameter name
	Description 

(Ref. to subclause)

	1
	Call-ID
	[1] 10.12
	m
	
	The MGCF shall copy the content of the INVITE Cseq header to the 180 Ringing Cseq header.

	2
	Contact
	[1] 10.14
	o
	
	

	3
	Content-Disposition
	[1] 10.15
	o
	
	

	4
	Content-Encoding
	[1] 10.16
	o
	
	

	5
	Content-Language
	[1] 10.17
	o
	
	

	6
	Content-Length
	[1] 10.18
	m
	
	No message body shall be included in the 180 Ringing response therefore the Content-Length=0. 

	7
	Content-Type
	[1] 10.19
	o
	
	

	8
	Cseq
	[1] 10.20
	m
	
	The MGCF shall increment the value of the Cseq as defined by the 

	9
	Date
	[1] 10.21
	o
	
	

	10
	Encryption
	[1] 10.22
	o
	
	

	11
	From (Note 1&2)
	[1] 10.25
	m
	
	This header defines the direction of the request and not the message therefore the header is not reversed in the response message.

The MGCF shall copy the content of the INVITE From header to the 180 Ringing From header.

	12
	MIME-Version
	[1] 10.28
	o
	
	

	13
	Require
	[6] 2.2
	o
	
	

	14
	Rseq
	[3] 5.1
	o
	
	

	15
	Server
	[1] 10.39
	o
	
	

	16
	State
	[10] 5.1
	o
	
	

	17
	Supported
	[1] 10.41, [6] 2.1, [10] 3
	o
	
	This header shall include the tag "100rel". This ensures that all provisional responses are delivered reliably.

	18
	Timestamp
	[1] 10.42
	o
	
	

	19
	To
	[1] 10.43
	m
	
	This header defines the direction of the request and not the message therefore the header is not reversed in the response message.

The MGCF shall copy the content of the INVITE To header to the 180 Ringing To header.

	20
	User-Agent
	[1] 10.45
	o
	
	

	21
	Via
	[1] 10.46
	m
	
	The MGCF shall copy the content of the INVITE Via header to the 180 Ringing Via header

	22
	Warning
	[1] 10.47
	o
	
	


Editor’s Note: The Informational 1xx response headers are FFS

4.1.1.2.2.3
Mapping of ACM parameters to Informational 180 Ringing message body

The mapping between the ACM and the Informational 180 Ringing message body is not applicable. This is indicated by the value of the Content-Length field.

4.1.1.2.3
ISUP ACM to SIP Informational 181 Call Is Being Forwarded

Editor's Note: To be completed

4.1.1.2.4
ISUP ACM to SIP Informational 182 Queued

Editor's Note: To be completed

4.1.1.2.5
ISUP ACM to SIP Informational 183 Session Progress

Editor's Note: To be completed

4.1.1.3
ISUP ANM to SIP Successful 2xx status code mapping

For a basic voice call, the MGCF shall map the components of a SIP successful response to the parameters of an ANM. At present the 200 OK message is the only type of a Successful 2xx status code.

4.1.1.3.1
ISUP ANM to SIP Successful 200 OK

The MGCF shall receive a 200 OK when the called party answers the call. When it receives the 200 OK the MGCF shall examine the Cseq header field and compares it with the Cseq header field of the INVITE message. If the value of the Cseq in each message match then it shall send an ANM towards the called party and an ACK towards the CSCF. 

NOTE: If the MGCF receives the 200 OK response before it has sent the ACM, a ISUP CON shall be sent instead of the ANM. 

Table 1.10 describes which parameters of the ANM can be directly mapped to the Successful 200 OK response message All ANM message parameters have been listed, and each header has been associated with an item number. This item number is to be used for reference purposes only. Only mandatory IAM parameters have been included in the table.  

Table 1.10: ANM to 200 OK mapping summary

	
	ANM
	Status code: 200 OK
	

	Item
	Parameter name
	Type
	Mapping applicable
	Location
	Description

(Ref. to subclause)

	1
	Message type
	F
	Yes
	180 Ringing Status Line
	(subclause 4.1.1.3.1.1)

	2
	Backward call indicators
	F
	
	
	

	3
	Optional backward call indicators
	O
	
	
	

	4
	Call reference (national use)
	O
	
	
	

	5
	Cause indicators
	O
	
	
	

	6
	User-to-user indicators
	O
	
	
	

	7
	User-to-user information
	O
	
	
	

	8
	Access transport
	O
	
	
	

	9
	Generic notification indicator 

(Note 1)
	O
	
	
	

	10
	Transmission medium used
	O
	
	
	

	11
	Echo control information
	O
	
	
	

	12
	Access delivery information
	O
	
	
	

	13
	Redirection number
	O
	
	
	

	14
	Parameter compatibility information
	O
	
	
	

	15
	Call diversion information
	O
	
	
	

	16
	Network specific facility 

(national use)
	O
	
	
	

	17
	Remote operations (national use)
	O
	
	
	

	18
	Service activation
	O
	
	
	

	19
	Redirection number restriction indicator
	O
	
	
	

	20
	Conference treatment indicators
	O
	
	
	

	21
	UID action indicators
	O
	
	
	

	22
	End of optional parameters
	O
	
	
	


Editor’s Note: The header types in the ANM are for FFS 

4.1.1.3.1.1

Mapping of ANM parameters to Success 200 OK Status Line

Table 1.11 describes which parameters of the ANM can be directly mapped to the Successful 200 OK response message All INVITE headers have been listed, and each header has been associated with an item number. This item number is to be used for reference purposes only. Only mandatory IAM parameters have been included in table 1.2. These IAM mandatory parameters may also appear in other tables in the document.

Editor’s note: The format of this table and subsequent tables is based on the tables as presented in TS 24.229

Table 1.11: ANM to 200 OK Status Line

	200 OK Status Line
	ANM
	

	Status line field
	Status-Code type 
	Reason-Phrase Type
	Ref. to RFC
	Type
	Token / Value
	Parameter name
	Description

(Ref. to subclause)

	SIP version
	N/A
	N/A
	[1] 9.1
	m
	SIP/2.0
	N/A
	The MGCF shall populate the field without mapping parameters from the IAM

	Status-Code
	Success
	N/A
	[1] 9.1
	m
	200
	Message Type
	(subclause 4.1.2.3.2.1)

	Reason-Phrase
	N/A
	OK
	[1] 9.1
	m
	OK
	N/A
	


4.1.1.3.2
Mapping of ANM parameters to Success 200 OK headers

Table 1.2 describes which parameters of the ACM can be directly mapped in the Informational Status Code 180 Ringing. All response headers have been listed, and each header has been associated with an item number. This item number is to be used for reference purposes only. All ACM parameters have been included in table 1.x. These ACM may appear several times in the table, this depends on whether the parameter can be mapped to more than one ACM header. The list of ACM parameters in tables 1.3 and 1.4 constitute the full set of parameters of the ACM as described in [14]

Table 1.12: ANM to 200 OK header mapping

	
	200 OK headers
	ANM
	

	Item
	Header name
	Ref. To RFC
	Type
	Parameter name
	Description 

(Ref. to subclause)

	1
	Call-ID
	[1] 10.12
	m
	
	The MGCF shall copy the content of the INVITE Cseq header to the 180 Ringing Cseq header.

	2
	Contact
	[1] 10.14
	o
	
	

	3
	Content-Disposition
	[1] 10.15
	o
	
	

	4
	Content-Encoding
	[1] 10.16
	o
	
	

	5
	Content-Language
	[1] 10.17
	o
	
	

	6
	Content-Length
	[1] 10.18
	m
	
	No message body shall be included in the 180 Ringing response therefore the Content-Length=0. 

	7
	Content-Type
	[1] 10.19
	o
	
	

	8
	Cseq
	[1] 10.20
	m
	
	The MGCF shall increment the value of the Cseq as defined by the 

	9
	Date
	[1] 10.21
	o
	
	

	10
	Encryption
	[1] 10.22
	o
	
	

	11
	From (Note 1&2)
	[1] 10.25
	m
	
	This header defines the direction of the request and not the message therefore the header is not reversed in the response message.

The MGCF shall copy the content of the INVITE From header to the 180 Ringing From header.

	12
	MIME-Version
	[1] 10.28
	o
	
	

	13
	Require
	[6] 2.2
	o
	
	

	14
	Rseq
	[3] 5.1
	o
	
	

	15
	Server
	[1] 10.39
	o
	
	

	16
	State
	[10] 5.1
	o
	
	

	17
	Supported
	[1] 10.41, [6] 2.1, [10] 3
	o
	
	This header shall include the tag "100rel". This ensures that all provisional responses are delivered reliably.

	18
	Timestamp
	[1] 10.42
	o
	
	

	19
	To
	[1] 10.43
	m
	
	This header defines the direction of the request and not the message therefore the header is not reversed in the response message.

The MGCF shall copy the content of the INVITE To header to the 180 Ringing To header.

	20
	User-Agent
	[1] 10.45
	o
	
	

	21
	Via
	[1] 10.46
	m
	
	The MGCF shall copy the content of the INVITE Via header to the 180 Ringing Via header

	22
	Warning
	[1] 10.47
	o
	
	


Editor’s Note: The header types in the ANM are for FFS 

4.1.1.3.3
Mapping of ANM parameters to Successful 200 OK message body

The mapping between the ANM and the Successful 200 OK message body is not applicable. This is indicated by the value of the Content-Length field. 

4.1.2
Coding requirements between ISUP parameter components and SIP message fields and headers

4.1.2.1
Coding between IAM parameter components and INVITE message components

4.1.2.1.1
IAM Message type parameter to INVITE Request Line method field

The MGCF shall map the ISUP Message type code indicating Initial Address Message to the Request-Line Method token with the token value indicating INVITE. The MGCF shall add a “tag” to the INVITE message to indicate the IAM.

4.1.2.1.2
IAM Nature of connection indicators parameter to INVITE message components

The Nature of connection indicators provides information relating to the transmission path used on a connection. This parameter contains the Satellite indicator, Continuity check indicator and Echo control device indicator.

There is no direct mapping between the Nature of connection indicators and the INVITE message fields and headers

Editor’s note:
This section if FFS. [There may be a requirement to specify a new 3GPP specific SIP extension container for the purpose of “remembering” the indicator settings in the Nature of connection indicator, e.g. EC device indicator. This extension container may be an addition to the SIP message body. Alternatively, use of a MIME media type, as described in draft-ietf-sip-isup-mime-10, may be used]. 

4.1.2.1.3
IAM Forward call indicators parameter to INVITE message components

The Forward call indicators provide Information relating to the characteristics of the connection, signalling path and calling party sent in the forward direction [14]. The Forward call indicator serves as a status indicator at a specific point in time in a particular part in the network path.

Editor’s note:
This subclause if FFS. [There may be a requirement to specify a new 3GPP specific SIP extension container for the purpose of “remembering” the indicator settings in the Forward call indicators parameter, e.g. the ISDN user preference indicator (used for services such as call drop back). This extension container may be an addition to the SIP message body. Alternatively, use of a MIME media type, as described in draft-ietf-sip-isup-mime-10, may be used]. 

4.1.2.1.4
IAM Calling party’s category parameter to INVITE message components

The Calling party's category parameter indicates, in the forward direction, the category of the calling party and, in case of semi‑automatic calls, the service language to be spoken by the incoming, delay and assistance operators [ITU-T Q.763].

Editor’s note:
This subclause if FFS. [There may be a requirement to specify a new 3GPP specific SIP extension container for the purpose of “remembering” the indicator settings in the Calling party’s category parameter, e.g. payphone. This extension container may be an addition to the SIP message body. Alternatively, use of a MIME media type, as described in draft-ietf-sip-isup-mime-10, may be used]. 

4.1.2.1.4.1
IAM Calling party’s category parameter to INVITE Content-Language header

The Content-Language entity-header field describes the natural language(s) of the intended audience for the entity [RFC 2616]. Language tags are defined in section 3.10. The primary purpose of Content-Language is to allow a user to identify and differentiate entities according to the user's own preferred language. [11]

NOTE:
The Content-Language may not be equivalent to all the languages used within the entity-body.

Table 1.13: Calling party’s category parameter to Content-Language header

	Calling party’s category parameter 
	Content-Language header
	Description

	Value
	Language-tag
	

	Operator, language French
	French
	

	Operator, language English
	English
	

	Operator, language German
	German
	

	Operator, language Russian
	Russian
	

	Operator, language Spanish
	Spanish
	

	Other languages available due to mutual agreements
	-
	


Editor’s note: The mapping of the calling party language may be required for announcement pre-connection or network operator language selection purpose in the IM CN subsystem.

4.1.2.1.4.2
IAM Calling party’s category parameter to INVITE Priority header

The Priority request-header field indicates the urgency of the request as perceived by the client [1].
Table 1.14: Calling party’s category parameter to Priority header

	Calling party’s category parameter 
	Priority Header field
	Description

	Value
	Language-tag
	

	Ordinary calling subscriber
	Normal
	

	Calling subscriber with priority
	Emergency
	SIP specifies an additional priority value "urgent”.


4.1.2.1.5
IAM Transmission medium requirement parameter to INVITE message components

The IAM Transmission medium requirement parameter and its components shall determine the content of the INVITE message body. The content of the INVITE message body is as described in subclause 4.1.3.

4.1.2.1.6
IAM Called party number parameter to INVITE message fields 

4.1.2.1.6.1
IAM Called party number parameter to INVITE Request Line Request-URI field 

For calls incoming from international networks the calling party number can only be included in the IAM. If calls are incoming from national networks the calling party number can be either included in the IAM or it may be requested by the destination exchange, i.e. the MGCF [ITU-T Q.764]. 

Table 1.15: IAM Called party number parameter to SIP-URL telephone-subscriber coding

	Called party number parameter components
	Telephone-subscriber field 

	Nature of address indicator
	Numbering plan indicator
	Address presentation restricted indicator
	Screening indicator
	Additional Indicators
	Value/token

(name-addr)

	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	Local-phone-number

(note 1)



	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation restricted


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	International number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	global-phone-number

(note 1)

	International number
	ISDN numbering plan (E.164)
	Address not available


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	NOTE 1: Local-phone-number and global-phone-number will be national and international numbers respectively as defined by ITU-T Recommendation E.164. The number may be represented be either “tel:+number” or “sip:+number@domain.com” [draft-ietf-sip-isup-03]
NOTE 2: If the Calling party number is not present or it is restricted, then the gateway shall create a dummy From header containing a SIP URI without a user portion which communicates only the hostname of the gateway (e.g. 'sip:gw.localhost.net') [draft-ietf-sip-isup-03]. 


4.1.2.1.6.2
IAM Called party number parameter to INVITE To header field 

For calls incoming from international networks the calling party number can only be included in the IAM. If calls are incoming from national networks the calling party number can be either included in the IAM or it may be requested by the destination exchange, i.e. the MGCF [ITU-T Q.764]. 

The SS7 Calling party number parameter shall be mapped to the name-addr element of the From general header field. The format of the name-addr element shall be as described in table 1.12. 

Table 1.16: IAM Called party number parameter to INVITE To header field

	Called party number parameter components
	To header sub-field

	Nature of address indicator
	Numbering plan indicator
	Address presentation restricted indicator
	Screening indicator
	Additional Indicators
	Value/token

(name-addr)

	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	Local-phone-number

(note 1)



	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation restricted


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	International number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	global-phone-number

(note 1)

	International number
	ISDN numbering plan (E.164)
	Address not available


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	NOTE 1: Local-phone-number and global-phone-number will be national and international numbers respectively as defined by ITU-T Recommendation E.164. The number may be represented be either “tel:+number” or “sip:+number@domain.com” [draft-ietf-sip-isup-03]
NOTE 2: If the Calling party number is not present or it is restricted, then the gateway shall create a dummy From header containing a SIP URI without a user portion which communicates only the hostname of the gateway (e.g. 'sip:gw.localhost.net') [draft-ietf-sip-isup-03]. 


The To header may be either “To: tel:+17208881000” or “To: sip:+17208881000@domain.com” [draft-ietf-sip-isup-03]
4.1.2.1.6.3
IAM Calling party number parameter to INVITE From field 

For calls incoming from international networks the calling party number can only be included in the IAM. If calls are incoming from national networks the calling party number can be either included in the IAM or it may be requested by the destination exchange, i.e. the MGCF [ITU-T Q.764]. 

The SS7 Calling party number parameter shall be mapped to the name-addr element of the From general header field. The format of the name-addr element shall be as described in table INVITE.21 

Table 1.17: IAM Calling party number parameter to INVITE From header field

	Calling party number parameters
	FROM Header field

	Nature of address indicator
	Numbering plan indicator
	Address presentation restricted indicator
	Screening indicator
	Additional Indicators
	Value/token

(name-addr)

	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	Local-phone-number

(note 1)



	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation restricted


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	International number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	Global-phone-number

(note 1)

	International number
	ISDN numbering plan (E.164)
	Address not available


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	NOTE 1: Local-phone-number and global-phone-number will be national and international numbers respectively as defined by ITU-T Recommendation E.164. The number may be represented be either “tel:+number” or “sip:+number@domain.com” [draft-ietf-sip-isup-03]
NOTE 2: If the Calling party number is not present or it is restricted, then the gateway shall create a dummy From header containing a SIP URI without a user portion which communicates only the hostname of the gateway (e.g. 'sip:gw.localhost.net') [draft-ietf-sip-isup-03]. 


Editor’s note:
In SIP is there a requirement to define a telephone number in national format?

4.1.2.2
Coding between ACM parameter components and Informational 1xx response message components

4.1.2.2.1
ACM Message type parameter to Informational 100 Trying

A 100 response shall not trigger any PSTN interworking messages.

4.1.2.2.2
ACM parameter components to Informational 180 Ringing

4.1.2.2.2.1
ACM Message type parameter

The MGCF shall code the ISUP Message type with unique code indicating ACM according to the Informational Status line fields Status-code and Reason-Phrase values of Ringing and 180 respectively.

4.1.2.2.2.2
ACM Backward call indicators parameter

The MGCF shall code the Backward call indicators parameter according to table 1.18. 

Table 1.18: Coding of the ACM Backward call indicators parameter

	Backward call indicators field
	Token/code
	Description

	Charge indicator
	Charge
	

	Called party's status indicator
	Subscriber free
	

	Called party's category indicator
	N/A
	The Called party's category indicator shall indicate the Called party's category as indicated in the IAM.

	End-to-end method indicator
	No end-to-end method available
	

	Interworking indicator
	Interworking encountered
	

	End-to-end information indicator
	No end-to-end information available
	


Editor's Note: The required setting of the Called party's category indicator in the Backward call indicators parameter demonstrates the requirements for either specifying a new 3GPP specific SIP extension container or the use of of a MIME media type.

4.1.2.2.3 ACM Message type parameter to Informational 181 Call Is Being Forwarded

Editor's Note: To be completed

4.1.2.2.4
ACM Message type parameter to Informational 182 Queued

The MGCF shall code ISUP Message type with a code indicating ACM according to the Informational Status line fields Status-code and Reason-Phrase values of Ringing and 182 respectively.

4.1.2.2.5
ACM Message type parameter to Informational 183 Session Progress

The MGCF shall code ISUP Message type with a code indicating ACM according to the Informational Status line fields Status-code and Reason-Phrase values of Ringing and 183 respectively.

4.1.2.3
Coding between ANM parameter components and Successful 2xx response message components

4.1.2.3.1
ANM parameter components to Successful 200 OK

4.1.2.3.2.1
ANM Message type parameter

The MGCF shall code the ISUP Message type with unique code indicating ANM according to the Successful Status line fields Status-code and Reason-Phrase values of 200 and OK respectively.

4.1.2.3.2.2
ANM Backward call indicators parameter

The MGCF shall code the Backward call indicators parameter according to table 1.18. 

Table 1.19: Coding of the ANM Backward call indicators parameter

	Backward call indicators field
	Token/code
	Description

	Charge indicator
	Charge
	

	Called party's status indicator
	Subscriber free
	

	Called party's category indicator
	N/A
	The Called party's category indicator shall indicate the Called party's category as indicated in the IAM.

	End-to-end method indicator
	No end-to-end method available
	

	Interworking indicator
	Interworking encountered
	

	End-to-end information indicator
	No end-to-end information available
	


Editor's Note: The required setting of the Called party's category indicator in the Backward call indicators parameter demonstrates the requirements for either specifying a new 3GPP specific SIP extension container or the use of of a MIME media type.

4.1.3
Coding requirements between ISUP parameter components and SIP message body

4.1.3.1
Coding between IAM parameter components and INVITE message body session description

4.1.3.1.1
IAM Calling party number parameter to INVITE session description Phone number field

The IAM Calling party number parameter shall be mapped to the phone number (p=) field of the INVITE session description. The format of the session description phone number field is as described in table   

Table 1.20: IAM Calling party number parameter to INVITE session description Phone number field

	Called party number parameters
	Session description 

	Nature of address indicator
	Numbering plan indicator
	Address presentation restricted indicator
	Screening indicator
	Additional Indicators
	Value/token

(Phone number field)

	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	Local-phone-number

(note 1)



	Subscriber or national number
	ISDN numbering plan (E.164)
	Presentation restricted


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	International number
	ISDN numbering plan (E.164)
	Presentation allowed
	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	global-phone-number

(note 1)

	International number
	ISDN numbering plan (E.164)
	Address not available


	Network Provided
	Odd/even indicator = even

Number incomplete indicator = complete
	(note 2)

	NOTE 1: Local-phone-number and global-phone-number will be national and international numbers respectively as defined by ITU-T Recommendation E.164. The number may be represented be either “tel:+number” or “sip:+number@domain.com” [draft-ietf-sip-isup-03]
NOTE 2: If the Calling party number is not present or it is restricted, then the gateway shall create a dummy From header containing a SIP URI without a user portion which communicates only the hostname of the gateway (e.g. 'sip:gw.localhost.net') [draft-ietf-sip-isup-03]. 


Editor’s note: This section is FFS. [If the calling party number is not available should, if required, the MGCF insert a dummy value].

4.1.3.2
Coding between IAM parameter components and INVITE message body time description

4.1.3.3
Coding between IAM parameter components and INVITE message body media description

4.1.3.3.1
IAM Transmission medium requirement parameter to INVITE message body

4.1.3.3.1.1
IAM Transmission medium requirement indicating Speech

	
	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 
	(Note 1)
	RTP/AVP

(note 2)
	0
	0
	PCMU
	8000
	(Note 3)
	[13] 7

	2
	Audio 
	(Note 1)
	RTP/AVP

(note 2)
	3
	3
	GSM
	8000
	(Note 3)
	[13] 7

	3
	Audio 
	(Note 1)
	RTP/AVP

(note 2)
	8
	8
	PCMA
	8000
	(Note 3)
	[13] 7

	4
	Audio 
	(Note 1)
	RTP/AVP

(note 2)
	96-127
	96-127
	-
	-
	(Note 3)
	[13] 7

	NOTE 1: The transport port is network dependent

NOTE 2: UDP is another alternative to the use of RTP/AVP

NOTE 3: The Encoding parameter is used to specify the number of audio channels. This may be omitted if the number of channels is one.


Editor’s note:
Values for media types made to media types RFC 1890.

Editor’s Note: Only a number of payload types have been included in the table. There are many more types that can be included.
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