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******* 1st modification Clause 7.2.3.1.2.5*******

7.2.3.1.2.5
Transmission medium requirement

The I-MGCF may either transcode the selected codec(s) to the codec on the PSTN side or it may attempt to interwork the media without transcoding. If the I-MGCF transcodes, it shall select the TMR parameter to "3.1 kHz audio". 
If the I-MGCF does not transcode, it should map the TMR, USI and Access Transport parameters from the selected codec according to Table 2a. However, if the I-MGCF supports this PSTN XML body as a network option, and if a PSTN XML body is received in the INVITE request and the I-MGCF selects media encoded in any of the formats in  Table 2a (G.711, Clearmode or t38) among the offered media, the I-MGCF shall derive these parameters from the XML body instead, as detailed in Table 2b. The support of any of the media listed in Table 2a is optional. The SDP for the data transfer with 64 kbit/s clearmode shall be mapped to the TMR "64 kbit/s unrestricted".
Table 2a- Coding of TMR/USI/HLC from SDP: SIP to ISUP

	
	m= line
	
	b= line (NOTE 4)
	a= line
	TMR parameter
	USI parameter (optional) (NOTE 1)
	HLC parameter (optional)

	<media>
	<transport>
	<fmt-list>
	<modifier>:<bandwidth-value>


(NOTE 5)
	rtpmap:<dynamic-PT> <encoding name> <clock rate>[<encoding parameters>]
	TMR codes
	Information Transport Capability
	User Information Layer 1 Protocol Indicator
	High Layer Characteristics Identification

	audio
	RTP/AVP
	0
	N/A or up to 64 kbit/s
	N/A
	"3.1KHz audio"
	
	
	 (NOTE 3)

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to 64 kbit/s
	rtpmap:<dynamic-PT> PCMU/8000
	"3.1KHz audio"
	
	
	 (NOTE 3)

	audio
	RTP/AVP
	8
	N/A or up to 64 kbit/s
	N/A
	"3.1KHz audio"
	
	
	(NOTE 3)

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to 64 kbit/s
	rtpmap:<dynamic-PT> PCMA/8000
	"3.1KHz audio"
	
	
	(NOTE 3)

	audio
	RTP/AVP
	Dynamic PT
	AS: 64 kbit/s
	rtpmap:<dynamic-PT> CLEARMODE/8000

(NOTE 2)
	"64 kbit/s unrestricted"
	"Unrestricted digital information" or "Unrestricted digital inf. w/tones/ann"

(Note 6)
	
	

	image
	udptl
	t38 [73]
	N/A or up to 64 kbit/s
	Based on ITU-T T.38 [72]
	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsímile
Group 2/3"

	image
	tcptl
	t38 [73]
	N/A or up to 64 kbit/s
	Based on ITU-T T.38 [72]
	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsímile
Group 2/3"

	NOTE 1 
In this table the codec G.711 is used only as an example. Other codecs are possible.

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 
If the b=line indicates a bandwidth greater than 64kbit/s then the call may use compression techniques or reject the call with a 415 response indicating that only one media stream of 64kbit/s is supported.

NOTE 5
<bandwidth value> for <modifier> of AS is in units of kbit/s.

NOTE 6
The value "Unrestricted digital inf. w/tones/ann" should only be used if the Clearmode codec appears together with speech codecs in the same m-line.


Table 2b : Mapping of PSTN XML elements with ISUP Parameters

	INVITE ( 
	IAM (

	PSTN XML 
	ISUP Parameter
	Content

	HighLayerCompatibility
	Access Transport Parameter
	High layer compatibility (Note)

	LowLayerCompatibility
	
	Low layer compatibility

	BearerCapability
	User Service Information
	

	HighLayerCompatibility
	User Tele Service
	High layer compatibility

	NOTE:
If two high layer compatibility information elements are received, they shall be transferred in the same order as received in the PSTN XML body in the INVITE message.


******* 2nd Change  Modify Section 7.2.3.1.4*******

7.2.3.1.4
Sending of 180 ringing

The I-MGCF shall send the SIP 180 Ringing when receiving any of the following messages:

-
ACM with Called party's status indicator set to subscriber free.
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NOTE 1:
Including the P-Early-Media Header is a network option for a speech call.
Figure 6: The receipt of ACM

-
CPG with Event indicator set to alerting
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NOTE 1:
Including the P-Early-Media Header is a network option for a speech call.
Figure 7: Receipt of CPG (Alerting)

For a speech call, if the I-MGCF supports the P-Early-Media header as a network option, and if the INVITE request includes the P-Early-Media header, the I-MGCF shall include in the SIP 180 Ringing response a P-Early-Media header authorizing early media, except when

-
the I-MGCF has already sent a reliable provisional response including a P-Early-Media header, as defined in IETF draft-ejzak-sipping-p-em-auth-04.txt [89], and

-
the most recently sent P-Early-Media header authorized early media.

NOTE:
If the I-MGCF signals the P-Early-Media header authorizing early media, then the IMS can expect tones or announcements to the calling party to flow from the CS network via an MGW controlled by the I-MGCF. In particular, once the I-MGCF sends the 180 Ringing response, ringback is expected in media from the CS network.

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 CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in the 180 Ringing.
Table 7a.0f: ISUP Parameters with Mapping of PSTN XML elements 
	(18x 
	(CPG or ACM 

	PSTN XML 
	ISUP Parameter
	Content

	HighLayerCompatibility
	Access Transport Parameter
	High layer compatibility 

	LowLayerCompatibility
	
	Low layer compatibility


******* 3rd Change Modify Section 7.2.3.1.4A*******

7.2.3.1.4A
Sending of 183 Session Progress for early media scenarios

If SIP preconditions are used, the first 183 Session Progress will be sent after the reception of the INVITE request, before any ISUP message has been received from the CS network. The I-MGCF shall not include the P-Early-Media header in any SIP messge before it receives an ISUP ACM.

For a speech call upon receipt of one of the following messages, if the I-MGCF supports the P-Early-Media header as a network option, and if the I-MGCF  has received the P-Early-Media header in the INVITE request, and has not already sent a provisional response including a P-Early-Media header with parameters indicating authorization of early media, then the I-MGCF shall send the 183 Session Progress response with a P-Early-Media header authorizing early media:  
-
ACM  with the value of the called party’s status indicator “no indication” and one of the options described in table 7a1. Based on local configuration, the I-MGCF may also send a 183 Session Progress response with a P-Early-Media header authorizing early media if it receieves an ACM with other parameters than described in table 7a1.
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Figure 7c: Receipt of ACM "No indication"

Table 7a.1: ACM Parameters that trigger the 183 Session Progress response

	(183 Session Progress
	(ACM

	183 Session Progress response including a P-Early-Media header authorizing early media, if not already sent
	1）Optional backward call indicators parameter


In-band information indicator



1  In-band info...

2）Backward call indicators parameter


ISDN User Part indicator

0
ISDN User Part not used all the way


NOTE:
As a network option the I-MGCF can also map ACM into 183 in other cases than those described in table 7a1.
-
CPG message, when:

1.
Event indicator is set to “in-band information or an appropriate pattern is now available”, or

2.
Event indicator is set to ”Progress” and one of the options described in table 7b1.
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Figure 7d: Receipt of CPG  (in-band information available)
Table 7b.1: CPG Parameters that trigger the 183 Session Progress response
	(183 Session Progress
	(CPG

	183 Session Progress response including a P-Early-Media header authorizing early media, if not already sent
	Event indicator

000 0010

(progress)
1）Optional backward call indicators parameter


In-band information indicator


0
In-band info ...

2）Backward call indicators parameter


ISDN User Part indicator


0
ISDN User Part not used all the way

	NOTE 1:
The mapping of the contents in the CPG message is only relevant if the information received in the message is different compared to earlier received information, e.g., in the ACM message or a CPG message received prior to this message.

NOTE 2:
183 Session Progress message including a P-Early-Media header authorizing early media may only be sent for a speech call.


NOTE:
As a network option the I-MGCF can also map CPG into 183 in other cases than those described in table 7a1.
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 CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in the 183 Session Progress.

******* 4th Change Modify Section 7.2.3.1.5*******

7.2.3.1.5
Sending of the 200 OK (INVITE)

The following cases are possible trigger conditions for sending the 200 OK (INVITE):

-
The reception of the ANM.


[image: image5.wmf] 

ANM

 

200 OK  (INVITE)

 

I

-

MGCF

 


Figure 8: Receipt of ANM

-
The reception of the CON message.
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Figure 9: Receipt of CON
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 CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in the 200 OK (INVITE).

******* 6th Change Modify Section 7.2.3.1.7*******

7.2.3.1.7
Coding of the REL

If the Reason header field with Q.850 Cause Value is included in the BYE or CANCEL request, then the Cause Value shall be mapped to the ISUP Cause Value field in the ISUP REL . The mapping of the Cause Indicators parameter to the Reason header is shown in Table 8a. Table 8 shows the coding of the Cause Value in the REL if it is not available from the Reason header field. In both cases, the Location Field shall be set to "network beyond interworking point". 
Table 8: Coding of REL

	SIP Message (
	REL (

	Request
	cause parameter

	BYE
	Cause value No. 16 (normal clearing)

	CANCEL
	Cause value No. 31 (normal unspecified)


Table 8a – Mapping of SIP Reason header fields 
into Cause Indicators parameter 

	Component of SIP Reason header field
	Component value
	BICC/ISUP Parameter field
	Value 

	Protocol
	"Q.850"
	Cause Indicators parameter
	–

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

	–
	–
	Location
	"network beyond interworking point"

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


Editor’s Note: The mapping of reason headers towards the ISDN may be misused due to possible user creation of the reason header since there is no screening in IMS.
If the I-MGCF supports this 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, and if a PSTN XML body is received in the BYE or CANCELrequest, the I-MGCF shall derive the Access Transport Parameter and User Tele Service Information elements in the REL message from the PSTN XML body as shown in Table 8b.
Table 8b : Mapping of PSTN XML elements with ISUP Parameters
	BYE or CANCLE ( 
	REL (

	PSTN XML 
	ISUP Parameter
	Content

	HighLayerCompatibility
	Access Transport Parameter
	High layer compatibility 

	LowLayerCompatibility
	
	Low layer compatibility

	HighLayerCompatibility
	User Tele Service
	High layer compatibility


******* 7th Change Modify Section 7.2.3.1.8*******

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)

	480Temporarily unavailable
	Cause value No 21 (call rejected)

	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.

Editor's Note: The usage of the Reason header in responses is FFS.
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.

7.2.3.1.2.10 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 (Note)

	LowLayerCompatibility
	
	Low layer compatibility


******* 8th modification Clause 7.2.3.2.2.2 *******
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
	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
	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
	rtpmap:8 PCMA/8000

	"speech"
	"Speech"
	"G.711 A-law"
	Ignore
	Audio
	RTP/AVP
	Dynamic PT
	AS:64
	rtpmap:<dynamic-PT> PCMA/8000

	"3.1 KHz audio"
	USI Absent
	
	Ignore
	Audio
	RTP/AVP
	8
	AS:64
	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
	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
	rtpmap:8 PCMA/8000

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	Udptl
	t38[73]
	AS:64
	Based on ITU-T T.38 [72].

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	Tcptl
	t38[73]
	AS:64
	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
	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
	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.


******* 9th Change  Add new Section 7.2.3.2.2.7*******

7.2.3.2.2.7 PSTN XML elements
If the O-MGCF supports the PSTN XML body as a network option, the O-MGCF shall map ISUP information into the XML body as shown in Table 17aa.  
Table 17aa: Mapping of ISUP Parameters with PSTN XML elements 
	IAM (
	INVITE ( 

	ISUP Parameter
	Content
	PSTN XML 

	Access Transport Parameter

	Progress indicator
	ProgressIndicator

	
	High layer compatibility (Note 1, Note 2, Note 3)
	HighLayerCompatibility

	
	Low layer compatibility (Note 3)
	LowLayerCompatibility

	User Service Information (Note 3)
	
	Bearer Capability

	User Tele Service
	High layer compatibility (Note 2, Note 3)
	HighLayerCompatibility

	NOTE 1:
If two high layer compatibility information elements are received in the ATP of the IAM, they shall be transferred in the same order as received into the PSTN XML body within the INVITE.
NOTE 2:
In the normal case, the High layer compatibility information in the ATP is equal to the High layer compatibility in the User Tele Service parameter. It is network dependent which information is mapped into the XML body in the INVITE. In the XML body, no two identical High layer compatibility information are present.
NOTE 3:
The O-MGCF shall only map this information element if the O-MGCF offers media formats which can be transferred by the IM-MGW without transcoding and are derived from the incoming ISUP information according to Table 10b, 




******* 10th Change  Add new Section 7.2.3.2.5.3*******

7.2.3.2.5.3 Access Transport 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)
	HighLayerCompatibility

	
	Low layer compatibility (Note)
	LowLayerCompatibility

	User Tele Service
	High layer compatibility (Note)
	HighLayerCompatibility

	NOTE:
This information element shall only be mapped if the O-MGCF transfers media types listed Table 10b without transcoding


******* 11th Change  Add new Section 7.2.3.2.7.2*******

7.2.3.2.7.2

Access Transport 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 map the contained information into the CPG as shown in Table 17c. 

******* 12th Change  Add new Section 7.2.3.2.9.2*******

7.2.3.2.9.2
Access Transport Parameter
If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 200 OK(INVITE), the O-MGCF shall map the contained information into the ANM as shown in Table 17c. 

******* 13th Change  Add new Section 7.2.3.2.11.2*******

7.2.3.2.11.2
 Access Transport Parameter
If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 200 OK(INVITE), the O-MGCF shall map the contained information into the CON as shown in Table 17c. 

*******14th Change Modify Section 7.2.3.2.12*******

7.2.3.2.12
Receipt of Status Codes 4xx, 5xx or 6xx 
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Figure 21: Receipt of Status codes 4xx, 5xx or 6xx

If a Reason header is included in a 4XX, 5XX, 6XX response, then the Cause Value of the Reason header shall be mapped to the ISUP Cause Value field in the ISUP REL message. The mapping of the Reason header to the Cause Indicators parameter is shown in Table 8a (see 7.2.3.1.7). Otherwise coding of the Cause parameter value in the REL message is derived from the SIP Status code received according to table 18. The Cause Parameter Values are defined in ITU-T Recommendation Q.850 [38]. 
Editor's Note: The usage of the Reason header in responses is FFS.
In all cases where SIP itself specify additional SIP side behaviour related to the receipt of a particular INVITE response these procedures should be followed in preference to the immediate sending of a REL message to BICC/ISUP. 

If there are no SIP side procedures associated with this response, the REL shall be sent immediately.

NOTE:
 If an optional Reason header is included in a 4XX, 5XX, 6XX, then the Cause Value of the Reason header can be mapped to the ISUP Cause Value field in the ISUP REL message. The mapping of the optional Reason header to the Cause Indicators parameter is out of the scope of the present specification.
NOTE
Depending upon the SIP side procedures applied at the O-MGCF it is possible that receipt of certain 4xx/5xx/6xx responses to an INVITE may in some cases not result in any REL message being sent to the BICC/ISUP network. For example, if a 401 Unauthorized response is received and the O-MGCF successfully initiates a new INVITE containing the correct credentials, the call will proceed.
Table 18: 4xx/5xx/6xx Received on SIP side of O-MGCF

	(REL (cause code)
	(4xx/5xx/6xx SIP Message

	127 (interworking unspecified)
	400 Bad Request

	127 (interworking unspecified)
	401 Unauthorized

	127 (interworking unspecified)
	402 Payment Required

	127 (interworking unspecified)
	403 Forbidden

	1 (Unallocated number)
	404 Not Found

	127 (interworking unspecified)
	405 Method Not Allowed

	127 (interworking unspecified)
	406 Not Acceptable

	127 (interworking unspecified)
	407 Proxy authentication required

	127 (interworking unspecified)
	408 Request Timeout

	22 (Number changed)
	410 Gone

	127 (interworking unspecified)
	413 Request Entity too long

	127 (interworking unspecified)
	414 Request-URI too long

	127 (interworking unspecified)
	415 Unsupported Media type

	127 (interworking unspecified)
	416 Unsupported URI scheme

	127 (interworking unspecified)
	420 Bad Extension

	127 (interworking unspecified)
	421 Extension required

	127 (interworking unspecified)
	423 Interval Too Brief

	24 (call rejected due to ACR supplementary service)
	433 Anonymity Disallowed.(NOTE 1)

	20 Subscriber absent
	480 Temporarily Unavailable

	127 (interworking unspecified)
	481 Call/Transaction does not exist

	127 (interworking unspecified)
	482 Loop detected

	127 (interworking unspecified)
	483 Too many hops

	28 (Invalid Number format)
	484 Address Incomplete

	127 (interworking unspecified)
	485 Ambiguous

	17 (User busy)
	486 Busy Here

	127 (Interworking unspecified) or not interworked. (NOTE 2)
	487 Request terminated

	127 (interworking unspecified)
	488 Not acceptable here

	127 (interworking unspecified)
	493 Undecipherable

	127 (interworking unspecified)
	500 Server Internal error

	127 (interworking unspecified)
	501 Not implemented

	127 (interworking unspecified)
	502 Bad Gateway

	127 (interworking unspecified)
	503 Service Unavailable

	127 (interworking unspecified)
	504 Server timeout

	127 (interworking unspecified)
	505 Version not supported

	127 (interworking unspecified)
	513 Message too large

	127 (interworking unspecified)
	580 Precondition failure

	17 (User busy)
	600 Busy Everywhere

	21 (Call rejected)
	603 Decline

	1 (unallocated number)
	604 Does not exist anywhere

	127 (interworking unspecified)
	606 Not acceptable

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

NOTE 2:
No interworking if the O-MGCF previously issued a CANCEL request for the INVITE.

NOTE 3:
The 4xx/5xx/6xx SIP responses that are not covered in this table are not interworked.


If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 4xx/5xx/6xx, the O-MGCF shall map the contained information into the REL as shown in Table 17c. 

7.2.3.2.12.1
Special handling of 404 Not Found and 484 Adderess Incomplete responses after sending of INVITE without determining the end of address signalling

This Clause is only applicaple when the network option of Sending of INVITE without determining the end of address signalling is being used (see Clause 7.2.3.2.1.a). 

On receipt of a 404 Not Found or 484 Address Incomplete response while Ti/w2 is running, the O-MGCF shall start timer Ti/w3, if there are no other pending INVITE transactions for the corresponding call.

At the receipt of a SAM, or a SIP 1xx provisional responses, or a SIP 200 OK (INVITE), the O-MGCF shall stop Ti/w2 and Ti/w3.

The O-MGCF shall send a REL message with Cause Value 28 towards the BICC/ISUP network if Ti/w3 expires.

*******15th Change Modify Section 7.2.3.2.13*******

7.2.3 2.13
Receipt of a BYE
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Figure 22: Receipt of BYE method

If a Reason header field with Q.850 Cause Value is included in the BYE request, then the Cause Value shall be mapped to the ISUP Cause Value field in the ISUP REL. The mapping of the Reason header to the Cause Indicators parameter is shown in Table 8a (see 7.2.3.1.7).On receipt of a BYE request, the O-MGCF sends a REL message with Cause Code value 16 (Normal Call Clearing).
If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the BYE, the O-MGCF shall map the contained information into the REL as shown in Table 17c. 

*******16th Change Modify Section 7.2.3.2.14*******

7.2.3.2.14
Receipt of the Release Message

In the case that the REL message is received and a final response (i.e. 200 OK (INVITE)) has already been received the O-MGCF shall send a BYE request. If the final response (i.e. 200 OK (INVITE)) has not already been received the O-MGCF shall send a CANCEL method.
A Reason header field containing the received (Q.850) Cause Value of the REL message shall be added to the CANCEL or BYE request. The mapping of the Cause Indicators parameter to the Reason header is shown in Table 9a (see 7.2.3.1.8).
If the O-MGCF supports the PSTN XML body as a network option, the O-MGCF shall map the contained information into an PST XML body within the BYE or CANCEL as shown in Table 17aa. 

*******17th Change New Annex*******

ANNEX ZB XML schema for PSTN (normative)

ZB.1
Scope

This section defines the XML Schema to be used for providing the BearerCapability, Low Layer Compatibility, High Layer Compatibility and Progress indicator.

The application/vnd.etsi.pstn+xml MIME type used to provide the BearerCapability, Low Layer Compatibility, High Layer Compatibility and Progress indicator the XML used shall be coded as following described: 

ZB.2
MIME type

The application/vnd.etsi.pstn+xml MIME type used to provide the BearerCapability, Low Layer Compatibility, High Layer Compatibility and Progress indicator the XML used shall be coded as described in section ZB.3 

The Content-Type header to "application/vnd.etsi.pstn+xml" and set the Content-Disposition to "signal" with the "handling" parameter set to "optional".
ZB.3
XML Schema definition

<?xml version="1.0" encoding="UTF-8"?>
<xs:schema xmlns:xs="http://www.w3.org/2001/XMLSchema" xmlns="http://uri.etsi.org/ngn/params/xml/simservs/pstn" xmlns:ns1="http://uri.etsi.org/ngn/params/xml/simservs/pstn" targetNamespace="http://uri.etsi.org/ngn/params/xml/simservs/pstn" elementFormDefault="qualified">

<xs:annotation>


<xs:documentation>XML Schema definition for mapping of some PSTN into SIP MIME Bodies</xs:documentation>

</xs:annotation>

<!--Definition of simple types-->

<xs:simpleType name="OneBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1]"/>


</xs:restriction>

</xs:simpleType>

<xs:simpleType name="TwoBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1][0-1]"/>


</xs:restriction>

</xs:simpleType>

<xs:simpleType name="ThreeBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1][0-1][0-1]"/>


</xs:restriction>

</xs:simpleType>

<xs:simpleType name="FourBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1][0-1][0-1][0-1]"/>


</xs:restriction>

</xs:simpleType>

<xs:simpleType name="FiveBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1][0-1][0-1][0-1][0-1]"/>


</xs:restriction>

</xs:simpleType>

<xs:simpleType name="SixBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1][0-1][0-1][0-1][0-1][0-1]"/>


</xs:restriction>

</xs:simpleType>

<xs:simpleType name="SevenBitType">


<xs:restriction base="xs:string">



<xs:pattern value="[0-1][0-1][0-1][0-1][0-1][0-1][0-1]"/>


</xs:restriction>

</xs:simpleType>

<!--Definition of complex types-->

<!--Definition of BearerCapability Octets-->

<xs:complexType name="BCOctet3Type">


<xs:sequence>



<xs:element name="CodingStandard" type="TwoBitType"/>



<xs:element name="InformationTransferCabability" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet4Type">


<xs:sequence>



<xs:element name="TransferMode" type="TwoBitType"/>



<xs:element name="InformationTransferRate" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet4-1Type">


<xs:sequence>



<xs:element name="RateMultiplier" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet5Type">


<xs:sequence>



<xs:element name="Layer1Identification" type="TwoBitType"/>



<xs:element name="UserInfoLayer1Protocol" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet5aType">


<xs:sequence>



<xs:element name="SynchronousAsynchronous" type="OneBitType"/>



<xs:element name="Negotiation" type="OneBitType"/>



<xs:element name="UserRate" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet5bV110Type">


<xs:sequence>



<xs:element name="IntermediateRate" type="TwoBitType"/>



<xs:element name="NIConTX" type="OneBitType"/>



<xs:element name="NIConRX" type="OneBitType"/>



<xs:element name="FlowControlOnTX" type="OneBitType"/>



<xs:element name="FlowControlOnRX" type="OneBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet5bV120Type">


<xs:sequence>



<xs:element name="RateAdaptionHeader" type="OneBitType"/>



<xs:element name="MultipleFrameEstablishmentSupport" type="OneBitType"/>



<xs:element name="ModeOfOperation" type="OneBitType"/>



<xs:element name="LogicalLinkIdentifier" type="OneBitType"/>



<xs:element name="Assignor" type="OneBitType"/>



<xs:element name="InbandOutbandNegotiation" type="OneBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet5cType">


<xs:sequence>



<xs:element name="NumberOfStopBits" type="TwoBitType"/>



<xs:element name="NumberOfDataBits" type="TwoBitType"/>



<xs:element name="Parity" type="ThreeBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet5dType">


<xs:sequence>



<xs:element name="DuplexMode" type="OneBitType"/>



<xs:element name="ModemType" type="SixBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet6Type">


<xs:sequence>



<xs:element name="Layer2Identification" type="TwoBitType"/>



<xs:element name="UserInfoLayer2Protocol" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet7Type">


<xs:sequence>



<xs:element name="Layer3Identification" type="TwoBitType"/>



<xs:element name="UserInfoLayer3Protocol" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet7aType">


<xs:sequence>



<xs:element name="AdditionalLayer3Info" type="FourBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="BCOctet7bType">


<xs:sequence>



<xs:element name="AdditionalLayer3Info" type="FourBitType"/>


</xs:sequence>

</xs:complexType>

<!--Definition of High Layer Compatibility Octets-->

<xs:complexType name="HLOctet3Type">


<xs:sequence>



<xs:element name="CodingStandard" type="TwoBitType"/>



<xs:element name="Interpretation" type="ThreeBitType"/>



<xs:element name="PresentationMethod" type="TwoBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="HLOctet4Type">


<xs:sequence>



<xs:element name="HighLayerCharacteristics" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="HLOctet4aMaintenanceType">


<xs:sequence>



<xs:element name="HighLayerCharacteristics" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="HLOctet4aAudioType">


<xs:sequence>



<xs:element name="VideoTelephonyCharacteristics" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<!--Definition of Low Layer Compatibility Octets-->

<xs:complexType name="LLOctet3Type">


<xs:sequence>



<xs:element name="CodingStandard" type="TwoBitType"/>



<xs:element name="InformationTransferCapability" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet3aType">


<xs:sequence>



<xs:element name="NegotiationIndicator" type="OneBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet4Type">


<xs:sequence>



<xs:element name="TransferMode" type="TwoBitType"/>



<xs:element name="InformationTransferRate" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet4-1Type">


<xs:sequence>



<xs:element name="RateMultiplier" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet5Type">


<xs:sequence>



<xs:element name="Layer1Identification" type="TwoBitType"/>



<xs:element name="UserInfoLayer1Protocol" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet5aType">


<xs:sequence>



<xs:element name="SynchronousAsynchronous" type="OneBitType"/>



<xs:element name="Negotiation" type="OneBitType"/>



<xs:element name="UserRate" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet5bV110Type">


<xs:sequence>



<xs:element name="IntermediateRate" type="TwoBitType"/>



<xs:element name="NIConTX" type="OneBitType"/>



<xs:element name="NIConRX" type="OneBitType"/>



<xs:element name="FlowControlOnTX" type="OneBitType"/>



<xs:element name="FlowControlOnRX" type="OneBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet5bV120Type">


<xs:sequence>



<xs:element name="RateAdaptionHeader" type="OneBitType"/>



<xs:element name="MultipleFrameEstablishmentSupport" type="OneBitType"/>



<xs:element name="ModeOfOperation" type="OneBitType"/>



<xs:element name="LogicalLinkIdentifier" type="OneBitType"/>



<xs:element name="Assignor" type="OneBitType"/>



<xs:element name="InbandOutbandNegotiation" type="OneBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet5cType">


<xs:sequence>



<xs:element name="NumberOfStopBits" type="TwoBitType"/>



<xs:element name="NumberOfDataBits" type="TwoBitType"/>



<xs:element name="Parity" type="ThreeBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet5dType">


<xs:sequence>



<xs:element name="DuplexMode" type="OneBitType"/>



<xs:element name="ModemType" type="SixBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet6Type">


<xs:sequence>



<xs:element name="Layer2Identification" type="TwoBitType"/>



<xs:element name="UserInfoLayer2Protocol" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet6aHDLCType">


<xs:sequence>



<xs:element name="Mode" type="TwoBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet6aUserSpecificType">


<xs:sequence>



<xs:element name="UserSpecificLayer2Information" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet6bType">


<xs:sequence>



<xs:element name="WindowSize" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7Type">


<xs:sequence>



<xs:element name="Layer3Identification" type="TwoBitType"/>



<xs:element name="UserInfoLayer3Protocol" type="FiveBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7aUserSpecificType">


<xs:sequence>



<xs:element name="OptionalLayer3Information" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7aX25Type">


<xs:sequence>



<xs:element name="Mode" type="TwoBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7bX25Type">


<xs:sequence>



<xs:element name="DefaultPacketSize" type="FourBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7cType">


<xs:sequence>



<xs:element name="PacketWindowSize" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7aTR9577Type">


<xs:sequence>



<xs:element name="AdditionalLayer3Info" type="FourBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LLOctet7bTR9577Type">


<xs:sequence>



<xs:element name="AdditionalLayer3Info" type="FourBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="DispOctet3Type">


<xs:sequence>



<xs:element name="DisplayInformation" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<!--Definition of the information elements-->

<xs:complexType name="BearerCapabilityType">


<xs:sequence>



<xs:element name="BCoctet3" type="BCOctet3Type"/>



<xs:element name="BCoctet4" type="BCOctet4Type"/>



<xs:element name="BCoctet4-1" type="BCOctet4-1Type" minOccurs="0"/>



<xs:element name="BCoctet5" type="BCOctet5Type" minOccurs="0"/>



<xs:element name="BCoctet5a" type="BCOctet5aType" minOccurs="0"/>



<xs:element name="BCoctet5bV110" type="BCOctet5bV110Type" minOccurs="0"/>



<xs:element name="BCoctet5bV120" type="BCOctet5bV120Type" minOccurs="0"/>



<xs:element name="BCoctet5c" type="BCOctet5cType" minOccurs="0"/>



<xs:element name="BCoctet5d" type="BCOctet5dType" minOccurs="0"/>



<xs:element name="BCoctet6" type="BCOctet6Type" minOccurs="0"/>



<xs:element name="BCoctet7" type="BCOctet7Type" minOccurs="0"/>



<xs:element name="BCoctet7a" type="BCOctet7aType" minOccurs="0"/>



<xs:element name="BCoctet7b" type="BCOctet7bType" minOccurs="0"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="HighLayerCompatibilityType">


<xs:sequence>



<xs:element name="HLOctet3" type="HLOctet3Type"/>



<xs:element name="HLOctet4" type="HLOctet4Type"/>



<xs:element name="HLOctet4aMaintenance" type="HLOctet4aMaintenanceType" minOccurs="0"/>



<xs:element name="HLOctet4Audio" type="HLOctet4aAudioType" minOccurs="0"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="LowLayerCompatibilityType">


<xs:sequence>



<xs:element name="LLOctet3" type="LLOctet3Type"/>



<xs:element name="LLOctet3a" type="LLOctet3aType" minOccurs="0"/>



<xs:element name="LLOctet4" type="LLOctet4Type"/>



<xs:element name="LLOctet4-1" type="LLOctet4-1Type" minOccurs="0"/>



<xs:element name="LLOctet5" type="LLOctet5Type" minOccurs="0"/>



<xs:element name="LLOctet5a" type="LLOctet5aType" minOccurs="0"/>



<xs:element name="LLOctet5bV110" type="LLOctet5bV110Type" minOccurs="0"/>



<xs:element name="LLOctet5bV120" type="LLOctet5bV120Type" minOccurs="0"/>



<xs:element name="LLOctet5c" type="LLOctet5cType" minOccurs="0"/>



<xs:element name="LLOctet5d" type="LLOctet5dType" minOccurs="0"/>



<xs:element name="LLOctet6" type="LLOctet6Type" minOccurs="0"/>



<xs:element name="LLOctet6aHDLC" type="LLOctet6aHDLCType" minOccurs="0"/>



<xs:element name="LLOctet6aUserSpecific" type="LLOctet6aUserSpecificType" minOccurs="0"/>



<xs:element name="LLOctet6b" type="LLOctet6bType" minOccurs="0"/>



<xs:element name="LLOctet7" type="LLOctet7Type"/>



<xs:element name="LLOctet7aUserSpecific" type="LLOctet7aUserSpecificType" minOccurs="0"/>



<xs:element name="LLOctet7aX25" type="LLOctet7aX25Type" minOccurs="0"/>



<xs:element name="LLOctet7bX25" type="LLOctet7bX25Type" minOccurs="0"/>



<xs:element name="LLOctet7c" type="LLOctet7cType" minOccurs="0"/>



<xs:element name="LLOctet7aTR9577" type="LLOctet7aTR9577Type" minOccurs="0"/>



<xs:element name="LLOctet7bTR9577" type="LLOctet7bTR9577Type" minOccurs="0"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="DisplayType">


<xs:sequence>



<xs:element name="DispOctet3" type="DispOctet3Type"/>


</xs:sequence>

</xs:complexType>

<!--Definition of progress indicator-->

<xs:complexType name="ProgressOctet3Type">


<xs:sequence>



<xs:element name="CodingStandard" type="TwoBitType"/>



<xs:element name="Location" type="FourBitType "/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="ProgressOctet4Type">


<xs:sequence>



<xs:element name="ProgressDescription" type="SevenBitType"/>


</xs:sequence>

</xs:complexType>

<xs:complexType name="ProgressIndicatorType">


<xs:sequence>



<xs:element name="ProgressOctet3" type="ProgressOctet3Type"/>



<xs:element name="ProgressOctet4" type="ProgressOctet4Type"/>


</xs:sequence>

</xs:complexType>

<!--Definition of document structure-->

<xs:element name="PSTN-transit">


<xs:complexType>



<xs:sequence>




<xs:element name="BearerInfomationElement" type="BearerCapabilityType" maxOccurs="2"/>




<xs:element name="HighLayerCompatibility" type="HighLayerCompatibilityType" minOccurs="0" maxOccurs="2"/>




<xs:element name="LowLayerCompatibility" type="LowLayerCompatibilityType" minOccurs="0"/>




<xs:element name="ProgressIndicator" type="ProgressIndicatorType" minOccurs="0" maxOccurs="unbounded"/>




<xs:element name="Display" type="DisplayType" minOccurs="0" maxOccurs="unbounded"/>



</xs:sequence>


</xs:complexType>

</xs:element>
</xs:schema>
******* End of CR *******
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