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2nd Change

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 the 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 I-MGCF should only apply the mapping in Table 2b if the TMR and USI values derived from the selected codec according to Table 2a are equivalent with the values within the first Bearer Capability element in the PSTN XML, and otherwise the I-MGCF should apply the mapping according to Table 2a.
The support of any of the media listed in Table 2a is optional.

If no SDP is received from the remote peer (as described in clause 7.2.3.1.1), then the TMR parameter should be set to "3.1 kHz audio". Transcoding shall be applied as required.

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 IE in the ATP parameter (optional)

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


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

	audio
	RTP/AVP
	0
	N/A or AS: up to (64 kbit/s + RTP/UDP/IP overhead)
	N/A
	"3.1KHz audio"
	
	
	(NOTE 3)

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

	audio
	RTP/AVP
	8
	N/A or AS: up to (64 kbit/s+ RTP/UDP/IP overhead)
	N/A
	"3.1KHz audio"
	
	
	(NOTE 3)

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

	audio
	RTP/AVP
	Dynamic PT
	AS: (64 kbit/s+ RTP/UDP/IP overhead)


	rtpmap:<dynamic-PT> CLEARMODE/8000

(NOTE 2)
	"64 kbit/s unrestricted"
 or

"64 kbit/s preferred"

(NOTE 7)
	"Unrestricted digital information" 

(NOTE 6)
	
	

	image
	Udptl [73]
	t38 [73]
	N/A or AS: up to (64 kbit/s + UDP/IP overhead)
	Based on ITU-T T.38 [72] (NOTE 8)
	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsímile
Group 2/3"

	image
	tcp
	t38 [73]
	N/A or AS: up to (64 kbit/s + TCP/IP overhead)
	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: 
The MGCF should return an b:AS bandwidth modifier with a bandwidth of 64kbit/s + RTP/UDP/IP overhead in the SDP answer to request that the peer does not send with a higher bandwidth. If the received b=line indicates a bandwidth greater than 64kbit/s + RTP/UDP/IP overhead, the MGCF should also accept the incoming call.

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

NOTE 6:
In the case where the Clearmode codec appears together with speech codecs in the same m-line, the value "Unrestricted digital inf. w/tones/ann" is applicable but is mapped into the USI prime parameter (see sub-clause 7.2.3.1.2.5a).

NOTE 7:
The value "64 k/bits preferred" should only be used if the Clearmode codec appears together with speech codecs in the same m-line and two PSTN XML Bearer Capability elements appear in the initial INVITE request as described in the sub-clause 7.2.3.1.2.5a.
NOTE 8: 
Annex X describes recommended values.


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

	INVITE ( 
	IAM (

	PSTN XML 
	Value
	ISUP Parameter
	Content

	HighLayerCompatibility
	
	Access Transport Parameter
	High layer compatibility (NOTE 1)

	LowLayerCompatibility
	
	
	Low layer compatibility

	BearerCapability (NOTE 2)
	
	User Service Information
	

	HighLayerCompatibility
	
	User Tele Service
	High layer compatibility

	BearerCapability (InformationTransferCapability) (NOTE 2)
	Speech
	TMR
	Speech

	
	3.1 kHz audio
	
	3.1 kHz audio

	
	Unrestricted digital information
	
	64 kbit/s unrestricted

	
	Unrestricted digital information with tones/announcements
	
	64 kbit/s unrestricted

	NOTE 1:
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.

NOTE 2:
If there are two BCs present, see subclause 7.2.3.1.2.5a.

NOTE 3:
The above mapping assumes that there is only a single BearerCapability present.


3rd Change

7.2.3.2.2.2
SDP Media Description

If the O-MGCF indicates support of the SIP preconditions in the initial INVITE request and local preconditions have not been met, the SDP media description shall contain precondition information as per 3GPP TS 24.229 [9]. Depending on the coding of the continuity indicators different precondition information (IETF 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, message (which is not recommended according to subclause 7.2.3.2.1.1), then the O-MGCF shall indicate that the preconditions are not met. Otherwise the O-MGCF shall indicate whether the preconditions are met, dependent on thestatus of the local resource reservation. If the local preconditions are not met the O-MGCF should set the media stream to inactive mode (by including an attribute "a=inactive"). If the local configuration indicates that O-MGCF is deployed in the IMS network that serves users supporting SIP precondition mechanism, the attribute "a=inactive" may be omitted when the initial SDP offer indicates local preconditions are not met. If the initial SDP offer indicates local preconditions are fulfilled, the O-MGCF shall not set the media stream to inactive mode.
If the O-MGCF determines that a speech call is incoming, the O-MGCF shall include the AMR codec transported according to IETF 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 7.2.3.2.2.7.1.

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 Transfer-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
(NOTE 9)
	Udptl [73]
	t38[73]
	AS:(64 + UDP/IP overhead)
	Based on ITU-T T.38 [72]. (NOTE 8)

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	Image
(NOTE 9)
	Tcp
(NOTE 7)
	t38[73]
	AS:(64 + TCP/IP overhead)
	Based on ITU-T T.38 [72]. (NOTE 8)

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	Audio
(NOTE 9)
	RTP/AVP
	0, 8, or <dynamic-PT>
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMA/8000 or 

rtpmap:8 PCMU/8000 or 

rtpmap:<dynamic-PT> PCMA/8000 or 

rtpmap:<dynamic-PT> PCMU/8000

	"64 kbit/s preferred"
	"Speech/ 3.1KHz audio" (NOTE 6)
	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 IETF RFC 4040 [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/ITU-T 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.

NOTE 6:
In this case, the USI prime parameter will also be present and will indicate "Unrestricted Digital Information with tones/announcements".
NOTE 7:
This value is not recommended in a network supporting MTSI clients as it is not supported by an MTSI client (see 3GPP TS 24.173 [88]).
NOTE 8: 
Annex X describes recommended values.
NOTE 9: 
FAX can either be transported according to ITU-T recommendation T.38 [72] using the "image" media type or as inband Voice band data over IP using the "audio" media type.


4th Change

Annex X (normative):
T.38 interworking between the IP Multimedia Core Network (CN) Subsystem (IMS) and Circuit Switched (CS) networks

X.1
General

This annex provides optional interworking procedures to support facsimile transported according to ITU-T Recommendation T.38 [72] transported according to IETF RFC 3362 [73] in the "UDPTL" transport format. Related Mn Signalling Procedures are also described.
To enhance interoperability, recommendations for an MGCF T.38 configuration are also provided.
NOTE: 
Alternatively, facsimile can also be transported as inband voice band data over IP. 
 X.2
Recommend T.38 configuration 

UDPTL is recommended as T.38 transport. 
NOTE:
MTSI client use UDPTL as transport (see TS 24.173 [88]).

Table X.2.1 lists values for the T.38 SDP attributers that are recommended to be supported.

Table X.2.1: Recommended configuration for T.38 SDP attribute values.

	T38FaxVersion
	Version 2 or higher. (NOTE 1)

	T38MaxBitRate
	14 400

	T38FaxFillBitRemoval
	FALSE

	T38FaxTranscodingMMR
	FALSE

	T38FaxTranscodingJBIG
	FALSE

	T38FaxRateManagement
	'transferredTCF'

	T38FaxMaxBuffer
	1800

	T38FaxMaxDatagram
	At least 150

	T38FaxMaxIFP
	40 (NOTE 3)

	T38FaxUdpEC
	't38UDPRedundancy'

	T38FaxUdpECDepth
	Minred: 1; Maxred: 2 (NOTE 2)

	T38FaxUdpFECMaxSpan
	3 (NOTE 3)

	T38ModemType
	't38G3FaxOnly' (NOTE 2)

	NOTE 1:
Version 1 is the default value that applies if the T38FaxVersion SDP attribute is not signalled. No SDP attributes are defined in this T.38 version 1. With version 4, default values for the SDP attributes apply if the attributes are omitted.

NOTE 2: 
Only applicable for T.38 version 4.


X.3
Handling T.38 SDP attributes at the I-MGCF
Table X.3.1: Action at I-MGCF depending on SDP T.38 attribute values in SDP offer.

	
	Handling of received SDP offer
	Value provided in sent SDP answer

	T38FaxVersion
	Accept any value. Provide to the IM-MGW the received value or the maximum supported value at the IM-MGW (whatever is lower).

	If I-MGCF supports received version, reply with that version. Otherwise reply with highest supported version. Provide value sent in the answer also to the IM-MGW.

	T38MaxBitRate
	Accept any value in the offer. Provide to the IM-MGW the received value or the maximum supported value at the IM-MGW (whatever is lower).
	Supply value according to IM-MGW capabilities in the answer.

	T38FaxFillBitRemoval
	Accept offer with or without this attribute. 
	Do not include parameter in the answer. (NOTE 2).

	T38FaxTranscodingMMR
	Accept offer with or without this attribute.
	Do not include parameter in the answer. (NOTE 2)

	T38FaxTranscodingJBIG
	Accept offer with or without this attribute.
	Do not include parameter in the answer. (NOTE 2)

	T38FaxRateManagement
	Only accept calls with "transferredTCF" in the offer for T38FaxVersion 2 or higher. Otherwise reject offer (NOTE 3).
	Supply "transferredTCF" value in the answer

	T38FaxMaxBuffer
	Accept any value in the offer. Provide to the IM-MGW the received value or the maximum supported value at the IM-MGW (whatever is lower).
	Supply value according to IM-MGW capabilities in the answer.

	T38FaxMaxDatagram
	Accept any value in the offer. Provide to the IM-MGW the received value or the maximum supported value at the IM-MGW (whatever is lower).
	Supply value according to IM-MGW capabilities in the answer.

	T38FaxMaxIFP
	Accept any value in the offer. If T.38 version 4 is supported by the MGW, provide to the IM-MGW the received value or the maximum supported value at the IM-MGW (whatever is lower).
	If T.38 version 4 is indicated in the answer, supply value according to IM-MGW capabilities in the answer. Otherwise omit the SDP attribute from the answer.

	T38FaxUdpEC
	Accept value in the offer according to IM-MGW capabilities and provide it to the IM-MGW. Otherwise reject offer (NOTE 3). 
	Supply value according to IM-MGW capabilities in the answer.

	T38FaxUdpECDepth
	Accept any value in the offer. If T.38 version 4 is supported by the IM-MGW, provide to the IM-MGW the received value.
	If T.38 version 4 is indicated in the answer, supply value according to IM-MGW capabilities in the answer. Otherwise omit the SDP attribute.

	T38FaxUdpFECMaxSpan
	Accept any value in the offer. If T.38 version 4 is supported by the IM-MGW, provide to the IM-MGW the received value.
	If T.38 version 4 is indicated in the answer, supply value according to IM-MGW capabilities in the answer. Otherwise omit the SDP attribute.

	T38ModemType
	Accept any value in the offer. If T.38 version 4 is supported by the IM-MGW, provide to the IM-MGW the received value.
	Do not include parameter in the answer. (NOTE 2)

	T38VendorInfo
	Accept any value in the offer.
	Do not include parameter in the answer.

	NOTE 1:
With Version 4, default values for the SDP attributes apply if the attributes are omitted.

NOTE 2:
In the Mn H.248 profile the IM-MGW does not modify the T.30 bit stream encapsulated within T.38 when passing it to or from the CS network.
NOTE 3: 
If other offered media lines are acceptable, set port in media line to zero. Otherwise reject offer in INVITE request by sending the SIP status code 488 "Not Acceptable Here".
NOTE 4: 
"Any value" means any valid value that conforms to ITU-T Recommendation T.38 [72].


X.4
Handling T.38 SDP attributes at the O-MGCF
Table X.4.1: T.38 SDP attributes values supplied by the O-MGCF and actions at O-MGCF depending on SDP attribute values in SDP answer.

	
	Value provided in sent SDP offer
	Handling of received SDP answer

	T38FaxVersion
	Supply highest version supported at MGCF and IM-MGW, maximum 3 (NOTE 1).
	Accept any value. Provide to the IM-MGW the received value or the maximum supported value at the IM-MGW (whatever is lower).

	T38MaxBitRate
	Supply value according to IM-MGW capabilities.
	Accept any value and provide it to the IM-MGW. 

	T38FaxFillBitRemoval
	Do not include parameter
(NOTE 2).
	Accept offer with value "FALSE" or parameter omitted. (NOTE 3) 

	T38FaxTranscodingMMR
	Do not include parameter
(NOTE 2).
	Accept offer with value "FALSE" or parameter omitted. (NOTE 3) 

	T38FaxTranscodingJBIG
	Do not include parameter
(NOTE 2).
	Accept offer with value "FALSE" or parameter omitted. (NOTE 3) 

	T38FaxRateManagement
	Supply "transferredTCF" value.
	Only accept calls with "transferredTCF" in the answer for T38FaxVersion 2 or higher. (NOTE 3)

	T38FaxMaxBuffer
	Supply value according to IM-MGW capabilities.
	Accept any value and provide it to the IM-MGW. 

	T38FaxMaxDatagram
	Supply value according to IM-MGW capabilities 
	Accept any value and provide it to the IM-MGW.

	T38FaxMaxIFP
	If T.38 version 4 is indicated in the offer, supply value according to IM-MGW capabilities. Otherwise omit the parameter.
	Accept any value. If T.38 version 4 is supported by the IM-MGW, provide it to the IM-MGW.

	T38FaxUdpEC
	Supply value according to IM-MGW capabilities.
	Accept value according to MGW capabilities and provide it to the IM-MGW. (NOTE 3)

	T38FaxUdpECDepth
	If T.38 version 4 is indicated in the offer, supply value according to IM-MGW capabilities. Otherwise omit the parameter.
	Accept any value. If T.38 version 4 is supported by the IM-MGW, provide it to the IM-MGW.

	T38FaxUdpFECMaxSpan
	If T.38 version 4 is indicated in the offer, supply value according to IM-MGW capabilities. Otherwise omit the parameter.
	Accept any value. If T.38 version 4 is supported by the IM-MGW, provide it to the IM-MGW.

	T38ModemType
	Do not include parameter
(NOTE 2).
	Accept any value. If T.38 version 4 is supported by the IM-MGW, provide it to the IM-MGW.

	T38VendorInfo
	Do not include parameter.
	Accept any value.

	NOTE 1:
With Version 4, default values for the SDP attributes apply if the attributes are omitted.
NOTE 2:
In the Mn H.248 profile the IM-MGW does not modify the T.30 bit stream encapsulated within T.38 when passing it to or from the CS network.
NOTE 3: 
Due to SDP offer-answer procedures for this attribute, an unacceptable value in the SDP answer is due to a protocol error. The error handling at the O-MGCF is left unspecified.
NOTE 4: 
"Any value" means any valid value that conforms to ITU-T Recommendation T.38 [72].


X.5
Applicable T.38 SDP attributes at the Mn Interface
This subclause lists T.38 related SDP attributes that can be signalled towards the IM-MGW as part of the codec information within the "Local IMS Resources" and "Remote IMS Resources" parameters within the "Reserve IMS connection point", "Configure IMS resources" and "Reserve IMS Connection point and configure remote resources" procedures described in clause 9.
Table X.5.1: Applicable T.38 SDP attributes at the Mn Interface.

	Attribute
	Remarks

	T38FaxVersion
	T.38 SDP attributes shall only be provisioned for Version 2 or higher. Version 1 applies if attribute is omitted. 

	T38MaxBitRate
	

	T38FaxMaxBuffer
	

	T38FaxMaxDatagram
	

	T38FaxMaxIFP
	Only if T.38 version 4 is supported by the IM-MGW

	T38FaxUdpEC
	

	T38FaxUdpECDepth
	Only if T.38 version 4 is supported by the IM-MGW

	T38FaxUdpFECMaxSpan
	Only if T.38 version 4 is supported by the IM-MGW

	T38ModemType
	Only if T.38 version 4 is supported by the IM-MGW


End of Changes
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