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1st modified Clause

7.2.3.1.8
Receipt of the Release Message

If the REL message is received and a final response (i.e. 200 OK (INVITE)) has already been sent, the I-MGCF shall send a BYE message. 

NOTE:
According to SIP procedures, in the case that the REL message is received and a final response (e.g. 200 OK (INVITE)) has already been sent (but no ACK request has been received) on the incoming side of the I- MGCF then the I- MGCF does not send a 487 Request terminated response and instead waits until the ACK request is received before sending a BYE message.

If the REL message is received and the final response (i.e. 200 OK (INVITE)) has not already been sent, the I- MGCF shall send a Status-Code 4xx (Client Error) or 5xx (Server Error) response. The Status code to be sent is determined by examining the Cause code value received in the REL message. Table 9 specifies the mapping of the cause code values, as defined in ITU-T Recommendation Q.850 [38], to SIP response status codes. Cause code values not appearing in the table shall have the same mapping as the appropriate class defaults according to ITU-T Recommendation Q.850 [38].

Table 9: Receipt of the Release message (REL)

	(SIP Message 
	( REL

	Status code
	Cause parameter

	404 Not Found
	Cause value No. 1 (unallocated (unassigned) number)

	500 Server Internal error
	Cause value No 2 (no route to network)

	500 Server Internal error
	Cause value No 3 (no route to destination)

	500 Server Internal error
	Cause value No. 4 (Send special information tone)

	404 Not Found
	Cause value No. 5 (Misdialled trunk prefix)

	486 Busy Here
	Cause value No. 17 (user busy)

	480 Temporarily unavailable
	Cause value No 18 (no user responding)

	480 Temporarily unavailable
	Cause value No 19 (no answer from the user)

	480 Temporarily unavailable
	Cause value No. 20 (subscriber absent)

	603 Decline
	Cause value No 21 (call rejected), Location = 000 / user (U)

	480Temporarily unavailable
	Cause value No 21 (call rejected) , Location <> 000 / user (U)

	410 Gone
	Cause value No 22 (number changed)

	433 Anonymity Disallowed.(NOTE 1)
	Cause value No. 24 (call rejected due to ACR supplementary service)

	480 Temporarily unavailable
	Cause value No 25 (Exchange routing error)

	502 Bad Gateway
	Cause value No 27 (destination out of order)

	484 Address Incomplete
	Cause value No. 28 invalid number format (address incomplete)

	500 Server Internal error
	Cause value No 29 (facility rejected)

	480 Temporarily unavailable
	Cause value No 31 (normal unspecified) (class default) (NOTE 2)

	486 Busy here if Diagnostics indicator includes the (CCBS indicator = CCBS possible)

else 480 Temporarily unavailable
	Cause value in the Class 010 (resource unavailable, Cause value No 34)

	500 Server Internal error
	Cause value in the Class 010
(resource unavailable, Cause value No’s. 38, 41, 42, 43, 44, & 47) (47 is class default)

	500 Server Internal error
	Cause value No 50 (requested facility no subscribed)

	500 Server Internal error
	Cause value No 57 (bearer capability not authorised)

	500 Server Internal error
	Cause value No 58 (bearer capability not presently)

	500 Server Internal error
	Cause value No 63 (service option not available, unspecified)
(class default)

	500 Server Internal error
	Cause value in the Class 100 (service or option not implemented, Cause value No’s. 65, 70 & 79) 79 is class default

	500 Server Internal error
	Cause value No 88 (incompatible destination)

	404 Not Found
	Cause value No 91 (invalid transit network selection)

	500 Server Internal error
	Cause value No 95 (invalid message)
(class default)

	500 Server Internal error
	Cause value No 97 (Message type non-existent or not implemented)

	500 Server Internal error
	Cause value No 99 (information element/parameter non-existent or not implemented))

	480 Temporarily unavailable
	Cause value No. 102 (recovery on timer expiry)

	500 Server Internal error
	Cause value No 110 (Message with unrecognised Parameter, discarded)

	500 Server Internal error
	Cause value No. 111 (protocol error, unspecified)
(class default)

	480 Temporarily unavailable
	Cause value No. 127 (interworking unspecified)
(class default)

	NOTE 1:
Anonymity Disallowed, draft-ietf-sip-acr-code-02 [77] refers

NOTE 2:
Class 1 and class 2 have the same default value.


A Reason header field containing the received (Q.850) Cause Value of the REL shall be added to the SIP final response or BYE request sent as a result of this clause. The mapping of the Cause Indicators parameter to the Reason header is shown in Table 9a.

Table 9a – Mapping of Cause Indicators parameter into SIP Reason header fields

	Cause indicators parameter field
	Value of parameter field
	component of SIP Reason header field
	component value

	–
	–
	protocol
	"Q.850"

	Cause Value
	"XX" (NOTE 1)
	protocol‑cause
	"cause = XX"
(NOTE 1)

	–
	–
	reason‑text    
	FFS

	NOTE 1: 
"XX" is the Cause Value as defined in ITU-T Rec. Q.850.


Editor's Note: Should be filled with the definition text as stated in ITU-T Rec. Q.850. Due to the fact that the Cause Indicators parameter does not include the definition text as defined in Table 1/Q.850, this is based on provisioning in the I‑MGCF.
As a network option, an I-MGCF may generate an Error-Info header field according to rules and procedures of IETF RFC 3261 [19]to provide media instead of the in-band media received from the PSTN.
If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of the formats in  Table 2a (G.711, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport Format received in the REL into PSTN XML elements as shown in Table 9aa and include this XML body in the 200 OK (INVITE).
Table 9aa : ISUP Parameters with Mapping of PSTN XML elements 

	(4xx,5xx,6xx 
	(REL

	PSTN XML 
	ISUP Parameter
	Content

	ProgressIndicator
	Access Transport Parameter
	Progress indicator

	HighLayerCompatibility
	
	High layer compatibility

	LowLayerCompatibility
	
	Low layer compatibility


2nd modified Clause

7.2.3.2.2.2
SDP Media Description

The SDP media description will contain precondition information as per RFC 3312 [37]. Depending on the coding of the continuity indicators different precondition information (RFC 3312 [37]) is included. If the continuity indicator indicates "continuity performed on a previous circuit" or "continuity required on this circuit", and the INVITE is sent before receiving a COT, then the O-MGCF shall indicate that the preconditions are not met. Otherwise the MGCF shall indicate whether the preconditions are met, dependent on the possibly applied resource reservation within the IMS.

If the O-MGCF determines that a speech call is incoming, the O-MGCF shall include the AMR codec transported according to RFC 3267 [23] with the options listed in clause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer, unless the Note below applies. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in Clause 7.4 of 3GPP TS 26.236 [32]. The O-MGCF may include other codecs according to operator policy.
NOTE:
If the O-MGCF is deployed in an IMS network that by local configuration serves no user equipment that implements the AMR codec, then the AMR codec may be excluded from the SDP offer.

To avoid transcoding or to support non-speech services, the O-MGCF may add media derived from the incoming ISUP information according to Table 10b. The support of the media listed in Table 10b is optional. If the O-MGCF supports the PSTN XML body as a network option and adds media derived from the incoming ISUP information according to Table 10b, the O-MGCF shall also map the media related ISUP information into the XML body as shown in Table 17aa.

Table 10b - Coding of SDP media description lines from TMR/USI: ISUP to SIP

	TMR parameter 
	USI parameter (Optional)
	HLC IE in ATP (Optional)
	m= line
	b= line
	a= line

	TMR codes
	Information Transport Capability
	User Information Layer 1 Protocol Indicator
	High Layer Characteristics Identification
	<media>
	<transport>
	<fmt-list>
	<modifier>:
<bandwidth-value>
	rtpmap:<dynamic-PT> <encoding name>/<clock rate>[/encoding parameters>

	"speech"
	"Speech"
	"G.711 μ-law"
	Ignore
	audio
	RTP/AVP
	0 (and possibly 8) (NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMU/8000

(and possibly rtpmap:8 PCMA/8000)

(NOTE 1)

	"speech"
	"Speech"
	"G.711 μ-law"
	Ignore
	audio
	RTP/AVP
	Dynamic PT (and possibly a second Dynamic PT)

(NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> PCMU/8000

(and possibly rtpmap:<dynamic-PT> PCMA/8000)

(NOTE 1)

	"speech"
	"Speech"
	"G.711 A-law"
	Ignore
	audio
	RTP/AVP
	8
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	"speech"
	"Speech"
	"G.711 A-law"
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:(64 + RTP/UDP/IP overhead)


	rtpmap:<dynamic-PT> PCMA/8000

	"3.1 KHz audio"
	USI Absent
	
	Ignore
	audio
	RTP/AVP
	8
	AS:(64 + RTP/UDP/IP overhead)


	rtpmap:8 PCMA/8000

	"3.1 KHz audio"
	"3.1 KHz audio"
	"G.711 μ-law"
	(NOTE 3)
	audio
	RTP/AVP
	0 (and possibly 8)

(NOTE 1)
	AS:(64 + RTP/UDP/IP overhead)


	rtpmap:0 PCMU/8000

(and possibly rtpmap:8 PCMA/8000)

(NOTE 1)

	"3.1 KHz audio"
	"3.1 KHz audio"
	"G.711 A-law"
	(NOTE 3)
	audio
	RTP/AVP
	8
	AS:(64 + RTP/UDP/IP overhead)


	rtpmap:8 PCMA/8000

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	Udptl [73]
	t38[73]
	AS:(64 + UDP/IP overhead)


	Based on ITU-T T.38 [72].

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	tcp
	t38[73]
	AS:(64 + TCP/IP overhead)


	Based on ITU-T T.38 [72].

	"64 kbit/s unrestricted"
	"Unrestricted digital inf. W/tone/ann."
	N/A
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:(64 + RTP/UDP/IP overhead)


	rtpmap:<dynamic-PT> CLEARMODE/8000 

(NOTE 2)(NOTE 4)

	"64 kbit/s unrestricted"
	"Unrestricted digital information"
	N/A 
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:(64 + RTP/UDP/IP overhead)


	rtpmap:<dynamic-PT> CLEARMODE/8000 

(NOTE 2)(NOTE 5)

	NOTE 1:
Both PCMA and PCMU could be required.
NOTE 2:
CLEARMODE is specified in RFC4040 [69].

NOTE 3:
HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/Q.939 indicates that this would normally be accompanied by a value of "Speech" for the Information Transfer Capability element.
NOTE 4:
After the CLEARMODE codec, additional speech codecs such as AMR and/or G.722 and/or G.711 available via transcoding or reframing should be offered in the same m-line.

NOTE 5:
As alternative or in addition to the m-line containing the CLEARMODE codec, an MGCF supporting the multimedia interworking detailed in Annex E may add an m-line for speech codecs and an m-line for video codecs as detailed in this Annex.


3rd modified Clause

7.2.3.2.5.3
Access Transport Parameter, User Tele Service, Transmission medium used parameter
If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 180 ringing or 183 session progress, the O-MGCF shall also map the contained information into the ACM as shown in Table 17c.
Table 17c : Mapping of PSTN XML elements with ISUP Parameters
	( ACM 
	( 180 , ( 183

	ISUP Parameter
	Content
	PSTN XML 

	Access Transport Parameter
	Progress indicator
	ProgressIndicator

	
	High layer compatibility (NOTE 1)
	HighLayerCompatibility

	
	Low layer compatibility
	LowLayerCompatibility

	
	Bearer Capability ("speech or 3.1 kHz audio")
	BearerCapability  (NOTE 2)

	User Tele Service
	High layer compatibility
	HighLayerCompatibility

	Transmission medium used parameter ("speech or 3.1 kHz audio") (NOTE 3)
	Bearer Capability
	BearerCapability 

("speech or 3.1 kHz audio")

(NOTE 2)

	NOTE 1:
This information element shall only be mapped if the O-MGCF transfers media types listed Table 10b without transcoding
NOTE 2: Applicable if PSTN XML body with Progress indicator No.5 and No. 7 and no PSTN No. 1 or No. 2 has
 

been received

NOTE 3: The sending of the Transmission medium used is only applicable if two PSTN XML Bearer Capability elements for the fallback connection type in the INVITE was received




5th modified Clause

7.5.12
CW simulation service

7.5.12.1
Interworking at the I-MGCF
With regard to the backward messages of the Communication Waiting PSTN/ISDN supplementary service, the following mapping is valid:

Table 7.5.12.1: Mapping of ISUP messages to SIP Massages
	(Message Received from BICC/ISUP
	(Message sent to SIP

	ACM or CPG with generic notification indicator "Call is a waiting call" (NOTE 1).
	180 Ringing with an Alert-Info header field set to "sip:urn:alert:service:call-waiting" (NOTE 2).

	NOTE 1:
The coding shall be in accordance with ITU-T recommendation Q.733.3 [42].

NOTE 2:
The coding shall be in accordance with draft-alexeitsev-bliss-alert-info-urns [107].




7.5.12.2
Interworking at the O-MGCF
With regard to the backward messages of the Communication Waiting service, the following mapping is valid:

Table 7.5.12.2: Mapping of SIP messages to ISUP messages

	(Message sent to ISUP
	(Message Received from SIP

	ACM or CPG with generic notification indicator "Call is a waiting call" (NOTE 1).
	180 Ringing with an Alert-Info header field set to "sip:urn:alert:service:call-waiting" (NOTE 2).

	NOTE 1:
The coding shall be in accordance with ITU-T recommendation Q733.3 [42].

NOTE 2:
The coding shall be in accordance with draft-alexeitsev-bliss-alert-info-urns [107].




6th modified Clause

7.3.3
SIP-BICC protocol interworking 

7.3.3.1
Incoming call interworking from SIP to BICC at I-MGCF

7.3.3.1.1
Sending of IAM 

On reception of a SIP INVITE requesting an audio session, the I‑MGCF shall send an IAM message. 

An I-MGCF shall support both incoming INVITE requests containing SIP preconditions and 100rel extensions in the SIP Supported or Require headers, and INVITE requests not containing these extensions, unless the Note below applies.

NOTE:
If the I-MGCF is deployed in an IMS network that by local configuration serves no user requiring preconditions, the MGCF may not support incoming requests requiring preconditions. 

The I-MGCF shall interwork forked INVITE requests with different request URIs. 
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Figure 28: receipt of Invite 

The I-MGCF shall reject an INVITE request for a session only containing unsupported media types by sending a status code 488 "Not Acceptable Here". If audio media streams and non-audio media streams are contained in a single INVITE request, the non-audio media streams shall be rejected in the SDP answer, as detailed in RFC 3264 [36].
The I-MGCF shall include a To tag in the first backward non-100 provisional response, in order to establish an early dialog as described in RFC 3261 [19].

7.3.3.1.2
Coding of IAM

The description of the following ISDN user part parameters can be found in ITU-T Recommendation Q.763 [4].

7.3.3.1.2.1
Called party number

See clause 7.2.3.1.2.1.

7.3.3.1.2.2
Nature of connection indicators

bits
DC



Continuity indicator (BICC)

1 0


COT to be expected 

bit

E



Echo control device indicator 

1


outgoing echo control device included

7.3.3.1.2.3
Forward call indicators

See clause 7.2.3.1.2.3.

7.3.3.1.2.4
Calling party's category

See clause 7.2.3.1.2.4.

7.3.3.1.2.5
Transmission medium requirement

See clause 7.2.3.1.2.5.

7.3.3.1.2.6
Calling party number

See clause 7.2.3.1.2.6.

7.3.3.1.2.7
Generic number

See clause 7.2.3.1.2.7.
7.3.3.1.2.8
User service information

See clause 7.2.3.1.2.8.

7.3.3.1.2.9
Hop counter (National option)

See clause 7.2.3.1.2.9.

7.3.3.1.2A
Coding of the IAM when Number Portability is supported

See clause 7.2.3.1.2A.
7.3.3.1.2B
Coding of the IAM for Carrier Routeing

See clause 7.2.3.1.2B.
7.3.3.1.3
Sending of COT
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Figure 29: Sending of COT

When the requested preconditions in the IMS (if any) have been met, any SDP “inactive” attribute applied to media in the initial INVITE request has been cleared with a subsequent SDP offer, and the IAM has already been sent, then the Continuity message shall be sent indicating "continuity check successful".

7.3.3.1.4
Sending of 180 Ringing

See clause 7.2.3.1.4

7.3.3.1.4A
Sending of 180 Session Progress for early media scenarios
See clause 7.2.3.1.4A
7.3.3.1.4B
Sending of 181 Call is being forwarded
See clause 7.2.3.1.4B
7.3.3.1.5
Sending of the 200 OK (INVITE)

See clause 7.2.3.1.5.

7.3.3.1.6
Sending of the Release message (REL)

See clause 7.2.3.1.6.

7.3.3.1.7
Coding of the REL

See clause 7.2.3.1.7.

7.3.3.1.8
Receipt of the Release Message

See clause 7.2.3.1.8.

7.3.3.1.9
Receipt of RSC, GRS or CGB (H/W oriented)

See clause 7.2.3.1.9.

7.3.3.1.9a
Receipt of REFER
See clause 7.2.3.1.9a.

7.3.3.1.9b
Autonomous Release at I-MGCF
See clause 7.2.3.1.10.

7.3.3.1.10
Internal through connection of the bearer path 

The through connection procedure is described in subclauses 9.2.3.1.7 and 9.2.3.2.7.

7.3.3.1.11
Out of Band DTMF

If a SIP UA sends DTMF tones to the IM-MGW , the IM-MGW may report this information via the Mn interface to the MGCF. The MGCF shall send to the BICC network the APM message with the following values for the different parameters:

-
Action indicator in accordance with the requested DTMF transport function

-
Signal in accordance with which DTMF digit to send

-
Duration in accordance with the required duration of the DTMF digit.

If the BICC network sends an APM message with DTMF signal, duration and action indicator to the MGCF, the MGCF may send this information to the IM-MGW via the Mn interface.  The IM-MGW shall send the corresponding DTMF signal and duration information on the user plane of the IM CN subsystem according to RFC 4733 [105].

The interactions with the IM-MGW are shown in clause 9.2.8.

7.3.3.2
Outgoing Call Interworking from BICC to SIP at O-MGCF

7.3.3.2.1
Sending of INVITE 

The following particularities apply for a BICC IAM received case, with regard to the already specified in clause 7.2.3.2.1.
The O-MGCF should defer sending the INVITE request until the BICC bearer setup and any local resource reservation is completed.

NOTE:
If the O-MGCF sends the INVITE request before the BICC bearer setup and any local resource reservation is completed, the following considerations apply: If the receiving terminal is not supporting the SIP precondition, clipping may occur. Furthermore, if the MGCF sets the SDP "inactive" attribute in the initial INVITE request and the receiving terminal is not supporting the SIP precondition and the SIP UPDATE method, the interworking procedures within the present specification do not describe all necessary signalling interactions required to set up a call, in particular with respect to the sending of the re-INVITE that may also cause additional delay in the call setup. In addition, the interworking of the ringing indication might not be possible if the peer sends the ringing indication only as response to a re-INVITE.
The BICC bearer setup is completed when one of the following conditions is met

-
The event Bearer Set-up indication – for the forward bearer set-up case where the incoming Connect Type is "notification not required", which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] clause 7.5)

-
Bearer Set-up Connect indication for the backward call set-up case, which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] clause 7.5)

-
BNC set-up success indication for cases using bearer control tunnelling which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] clause 7.5)

7.3.3.2.1a
Sending of INVITE without determining the end of address signalling
See Clause 7.2.3.2.1a.
7.3.3.2.2
Coding of the INVITE

7.3.3.2.2.1
REQUEST URI Header

See clause 7.2.3.2.2.1

7.3.3.2.2.2
SDP Media Description

If the O-MGCF sends the INVITE request without waiting for the BICC bearer setup and any local resource reservation to complete, it shall indicate that SDP preconditions are not met.

The SDP media description will contain precondition information as per RFC 3312 [37].

The O-MGCF shall include the AMR codec transported according to RFC 3267 [23] with the options listed in clause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in Clause 7.4 of 3GPP TS 26.236 [32].
7.3.3.2.2.3
P-Asserted-Identity and privacy header fields

See clause 7.2.3.2.2.3

7.3.3.2.2.4
Max Forwards header

See clause 7.2.3.2.2.4

7.3.3.2.2.5
IMS Communication Service Identifier

For speech and video calls, the O-MGCF shall insert an IMS Communication Service Identifier, indicating the IMS Multimedia Telephony Communication Service.
The IMS Communication Service Identifier for the IMS Multimedia Telephony Communication Service is defined in 3GPP TS 24.173 [88].

7.3.3.2.2A
Coding of the INVITE when number portability is supported
See clause 7.2.3.2.2A.
7.3.3.2.2B
Coding of the INVITE for Carrier Routeing
See clause 7.2.3.2.2B.
7.3.3.2.3
Sending of UPDATE
This clause only applies if the O-MGCF sends the INVITE request before preconditions are met (see Clause 7.3.3.2.1)
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Figure 30: Receipt of COT (success).

The UPDATE shall be sent for each early SIP dialogue confirming that all the required preconditions have been met when all the following conditions are met.

1.
A Continuity message, with the Continuity Indicators parameter set to "continuity" shall be received.

2.
The requested preconditions in the IMS (if any) are met.

In addition, depending on which bearer set-up procedure used for the call one of the following condition shall be met

-
The event Bearer Set-up indication – for the forward bearer set-up case where the incoming Connect Type is "notification not required", which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] clause 7.5)

-
Bearer Set-up Connect indication for the backward call set-up case, which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] clause 7.5)

-
BNC set-up success indication for cases using bearer control tunnelling which indicate successful completion of bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q.1902.4 [30] clause 7.5)

7.3.3.2.4
Sending of ACM and Awaiting Answer indication

See clause 7.2.3.2.4

The sending of an awaiting answer indication is described in clause 9.2.3.1. and clause 9.2.3.2.

7.3.3.2.5
Coding of the ACM

7.3.3.2.5.1
Backward call indicators

See clause 7.2.3.2.5.1

7.3.3.2.6
Sending of the Call Progress message (CPG)

See clause 7.2.3.2.6.

7.3.3.2.7
Coding of the CPG

7.3.3.2.7.1
Event information

See clause 7.2.3.2.7.1.

7.3.3.2.7a
Receipt of 200 OK (INVITE)

See clause 7.2.3.2.7a.

7.3.3.2.8
Sending of the Answer Message (ANM)

See clause 7.2.3.2.8.

7.3.3.2.9
Coding of the ANM

See clause 7.2.3.2.9.

7.3.3.2.10
Sending of the Connect message (CON)

See clause 7.2.3.2.10.

7.3.3.2.11
Coding of the CON

See clause 7.2.3.2.11.

7.3.3.2.11.1
Backward call indicators

See clause 7.2.3.2.11.1.

7.3.3.2.11A
Receipt of re-INVITE requests
See clause 7.2.3.2.11A.

7.3.3.2.12
Receipt of Status Codes 4xx, 5xx or 6xx

See clause 7.2.3.2.12.

7.3 3.2.13
Receipt of a BYE

See clause 7.2.3.2.13.

7.3.3.2.14
Receipt of the Release Message

See clause 7.2.3.2.14.

7.3.3.2.15
Receipt of RSC, GRS or CGB (H/W oriented)

See clause 7.2.3.2.15.

7.3.3.2.16
Out of Band DTMF

If a SIP UA sends DTMF tones to the IM-MGW, the IM-MGW may report this information via the Mn interface to the MGCF. The MGCF shall send to the BICC network the APM message with the following values for the different parameters:
-
Action indicator in accordance with the requested DTMF transport function

-
Signal in accordance with which DTMF digit to send

-
Duration in accordance with the required duration of the DTMF digit.

If the BICC network sends an APM message with DTMF signal, duration and action indicator to the MGCF, the MGCF may send this information to the IM-MGW via the Mn interface.  The IM-MGW shall send the corresponding DTMF signal and duration information on the user plane of the IM CN subsystem according to 4733 [105].

The interaction with the IM-MGW is shown in clause 9.2.8.

7.3.3.2.17
Sending of CANCEL

See clause 7.2.3.2.18.

7.3.3.2.18
Autonomous Release at O-MGCF

See clause 7.2.3.2.16.

7.3.3.2.19
Special handling of 580 precondition failure received in response to either an INVITE or UPDATE

See clause 7.2.3.2.17.

7.3.3.2.20
Receipt of SIP redirect (3xx) response

See clause 7.2.3.2.19.

7.3.3.3
Timers

See clause 7.2.3.3.
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