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Figure 1: Use case “IMS-PSTN NNI call” 
(=> SIP Mg profile 24.229 and H.248 Mn profile 29.332)

The use case relates to an IMS to PSTN NNI call from 29.163 perspective due to “interworking between CS networks supporting ISUP and the IM CN subsystem” (clause 7.2/29.163).
Such an emulation service implies a “codec negotiation” (= indication and negotiation of media and transport capabilities) between GWs x1 and t1. There are (at least) following signalling protocols from the IMS control plane involved:
1. “SIP Gm Profile” (24.229) for reference points Gm, Mg (and others) and

2. “H.248 Mn Profile” (29.332) for reference point Mn.

SDP Offer/Answer shall be used at the SIP interfaces according 24.229. IMS emulation services for PSTN modem calls would benefit from following SDP extensions (see pending LS C1-094882):
· Draft IETF RFC SDPCapNeg (201X), "SDP Capabiliy Negotiation", 
{draft-ietf-mmusic-sdp-capability-negotiation} and
· Draft IETF RFC MediaCapNeg (201X), "SDP media capabilities Negotiation", {draft-ietf-mmusic-sdp-media-capabilities}.

SDPCapNeg is already supported by 24.229. Support of MediaCapNeg is requested by a CR in CT1.


	
	

	Summary of change:
(

	Support of emulation services for PSTN modem calls inclused Revised SDP Offer/Answer syntax

	
	

	Consequences if 
(

not approved:
	Incomplete specification in terms of deficient support for PSTN modem calls.

	
	

	Clauses affected:
(

	2, 3.1, 3.2, new 3.3, 7.2.3.1.1, 7.2.3.2.2.0, 7.2.3.2.2.2, 8.3, new 8.6, 9.2.2.3.2, 9.2.2.3.3, 9.2.3.3.2, 9.2.3.3.3, 9.2.8

	
	

	
	Y
	N
	
	

	Other specs
(

	X
	
	 Other core specifications
(

	24.229

	affected:
	
	X
	 Test specifications
	

	
	
	X
	 O&M Specifications
	

	
	

	Other comments:
(

	


* * * 1st Change * * * *

2
References

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

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

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

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

[1]
ITU-T Recommendation G.711: "Pulse Code Modulation (PCM) of voice frequencies".

[2]
ITU-T Recommendation H.248.1 (2002): "Gateway control protocol: Version 2".

Contributor's note: The above document has in the meanwhile status “Superseded” and should be updated. e.g. by reference to the latest release “H.248.1 (2005) Amendment 2 (12/09)”.

[…]

[72]
ITU-T Recommendation T.38: "Procedures for real-time Group 3 facsimile communication over IP networks".
Inclusive Draft Revision 1.
Editor’s Note:
Revision 1 is still in work. This should be checked when it is published. If T.38 Revision 1 wouldn’t be yet available, then the last T.38 Version 3 (04/2007) should be refered.

[73]
IETF RFC 3362: "Real-time Facsimile (T.38) - image/t38 MIME Sub-type Registration".
[…]

[122]
draft-ietf-mmusic-sdp-capability-negotiation-10 (May 2009): "SDP Capability Negotiation".

NOTE:
SDPCapNeg is a draft version of  IETF RFC, the reference will be updated when it is published formally.
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[123]
draft-ietf-mmusic-sdp-media-capabilities-08 (July 2009): "SDP media capabilities Negotiation".
NOTE:
MediaCapNeg is a draft version of  IETF RFC, the reference will be updated when it is published formally.
Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[124]
Draft ITU-T Recommendation V.152 Revision 1: "Procedures for supporting voice-band data over IP networks".

Editor’s Note:
Revision 1 is still in work. This should be checked when it is published. If V.152 Revision 1 wouldn’t be yet available, then V.152 (2005) should be refered.
[125]
Draft ETSI TR 1xx xxx
 (2010): "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); Emulation Services for PSTN Modem Calls".

* * * 2nd Change * * * *

3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [6], ITU-T Recommendation E.164 [48] and the following apply:
[…]
PSTN modem call: see ETSI TR xyz [125].
[…]

* * * 3rd Change * * * *

3.2
Abbreviations

For the purposes of the present document, the abbreviations as defined in 3GPP TR 21.905 [6] and the following apply:

3PTY
Three Party

AAL1
ATM Adaptation Layer type 1

ACR
Anonymous Call Rejection

ANM
ANswer Message

APM
Application Transport Message
APRI
Address Presentation Restriction Indicator
ATP
Access Transport Parameter

BC
Bearer Capability

BCI
Backward Call Indicators

BGCF
Breakout Gateway Control Function

BICC
Bearer Independent Call Control

CB
Communication Barring
CCNR
Call Completion on No Reply

CDa
Call Deflection Alerting

CDi
Call Deflection Immediate

CDIV
Communication Diversion

CdPN
Called Party Number

CFB
Call Forwarding Busy

CFNR
Call Forwarding No Reply

CGB
Circuit Group Blocking

CgPN
Calling Party Number

CIC
Carrier Identification Code

CMR
Codec Mode Request

CON
Connect

CONF
Conference

COT
Continuity

CPC
Calling Party's Category
CPG
Call ProGress message

CSI
Carrier Selection Information

DAI
Dial Around Indication
DSCP
DiffServ Code Point

FAC
Facility

FoIP
Facsimile-over-IP (according T.38)

FQC
Frame Quality Classification

GN
Generic Number

GRS
Group Reset
GVNS
Global Virtual Network Service

H/W
Hardware

IDR
Identification Request

IEPS
International Emergency Preference Scheme

I-MGCF
Incoming MGCF
IM-MGW
IP Multimedia Media Gateway Function

INF
Information

INR
Information Request

IRS
Identification Response

ITCC
International Telecommunication Charge Card

ITU-T
International Telecommunication Union – Telecommunication Standardization Sector

MCID
Malicious Communication Identification

M3UA
MTP-L3 User Adaptation layer

MLPP
Multi-Level Precedence and Pre-emption

MONA
Media Orientation Negotiation Acceleration

MPC
Media Preconfigured Channel

MRFP
Media Resource Function Processor

MSN
Multiple Subscriber Number

MSU
Message Signalling Unit

MWI
Message Waiting Indication

NOA
Nature Of Address 

NPDI
Number Portability Database Dip Indicator

OIP
Originating Identification Presentation

OIR
Originating Identification Restriction

OLI
Originating Line Information

O-MGCF
Outgoing MGCF

PI
Progress Indicator

PIDF
Presence Information Data Format

REV
Reverse Charging

RLC
Release Complete

RSC
Reset Circuit

RTCP
RTP Control Protocol

SAM
Subsequent Address Message
SCTP
Stream Control Transmission Protocol

SGW
Signalling Gateway

SPC
Signalling Preconfigured Channel
ST
Sending Terminated

TCAP
Transaction Capabilities Application Part

TDM
Time Division Multiplex

TIP
Terminating Identification Presentation

TIR
Terminating Identification Restriction

TMR
Transmission Medium Requirement

TMU
Transmission Medium Used

TNL
Transport Network Layer

TNS
Transit Network Selection

TP
Terminal Portability

UA
User Agent

UAC
User Agent Client

UDPTL
Facsimile UDP Transport Layer (protocol) (T.38)
URI
Uniform Resource Identifier

USI
User Service Information

UUS
User-to-User Signalling

VBD
Voiceband data

VBDoIP
Voiceband data-over-IP (according V.152)

XML
eXtensible Markup Language

* * * 4th Change * * * *

3.3
Conventions
SDP Offer/Answer protocol variants: there are two models for the Session Description Protocol (SDP) concerning the indication and negotiation of media and transport capabilities:

· the name “legacy SDP Offer/Answer” indicates SDP Offer/Answer according IETF RFC 3264 [36];

· the name “revised SDP Offer/Answer” indicates SDP Offer/Answer according IETF RFC SDPCapNeg [122] and IETF RFC MediaCapNeg [123]. 
* * * 5th Change * * * *

7.2.3.1.1
Sending of IAM 

On reception of a SIP INVITE requesting a session, the I‑MGCF shall send an IAM message. The allowed sessions are given in subclause 7.2.3.1.2.5.
The SIP INVITE may contain an embedded SDP Offer, which may use SDP encoding according legacy SDP Offer/Answer syntax [36] or of revised  SDP Offer/Answer syntax [122, 123].
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.

If the SIP precondition extension is not included in the Supported or Require header, the I-MGCF shall send an IAM immediately after the reception of the INVITE, as shown in figure 3. The I-MGCF shall set the continuity indicators to "Continuity check not required".

If a Continuity Check procedure is supported in the ISUP network and SIP precondition extension are included in the SIP Supported or Require header, the I-MGCF shall send the IAM immediately after the reception of the INVITE, as shown in figure 3. If the received SDP indicates that precondition is fulfilled the I-MGCF shall set the continuity indicators to "continuity check is not required". If the received SDP indicates that precondition is not fulfilled the I-MGCF shall set the continuity indicators to "continuity check performed on a previous circuit". The procedure in figure 3 applies when the value of the continuity indicator is either set to "continuity check required", "continuity check performed on a previous circuit" or "continuity check not required". If the continuity indicator is set to "continuity check required" the corresponding procedures at the Mn interface described in clause 9.2.2.3 also apply.
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Figure 3: Receipt of an Invite request (continuity procedure supported in the ISUP network)

If Continuity Check procedure is not supported in the ISUP network, and the SDP in the received INVITE request contains preconditions not met, the I-MGCF shall delay sending the IAM until the SIP preconditions are met and set the continuity indicators in the resulting IAM to "Continuity check not required".
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Figure 4: Receipt of an Invite request (continuity procedure not supported in the ISUP network)

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 several media streams are contained in a single INVITE request, the I-MGCF shall select one (NOTE 1) of the supported media streams, reserve the codec(s) for that media stream, and reject the other media streams and unselected codecs in the SDP answer, as detailed in RFC 3264 [36] in case of legacy SDP Offer/Answer syntax or in [122, 123] in case of revised  SDP Offer/Answer syntax . If supported audio media stream(s) and supported non-audio media stream(s) are contained in a single INVITE request, an audio stream should be selected.
NOTE 1:
With exception of SDP Offers with multiple media configurations, including ‘audio’ and ‘image/t38’, which relates to a SIP INVITE for a “voice and facsimile call type” indication, see clause D.2.4.2 in ITU-T T.38 [72].

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].

If an MGCF discovers an emergency call it shall, depending on national requirements, map that to appropriate indication in ISUP/BICC.
According to IETF RFC 3261 [19] and IETF RFC 3264 [36], if an INVITE message is received without an SDP offer, then the I-MGCF sends an SDP offer in the first reliable non-failure message.
* * * 6th 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 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, V.152 VBD codec 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".
If no SDP is received from the remote peer (as described in clause 7.2.3.1.1), then the TMR parameter should be defaulted 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 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 + RTP/UDP/IP overhead)
	N/A
	"3.1KHz audio"
	
	
	(NOTE 3)

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

	audio
	RTP/AVP
	Dynamic PT
	N/A or 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"
	"Unrestricted digital information" or "Unrestricted digital inf. w/tones/ann"

(NOTE 6)
	
	

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to (64 kbit/s + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMA/8000
gpmd:<dynamic-PT> vbd=yes 
(NOTE 7)
	"3.1KHz audio"
	"3.1 KHz audio"
	
	

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

	image
	tcp
	t38 [73]
	N/A or 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: 
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.
NOTE 7: 
In this table the codec PCMA/8000 is used only as an example for a VBD codec according ITU-T V.152 [124]. Other VBD codecs are possible.




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

	INVITE ( 
	IAM (

	PSTN XML 
	Value
	ISUP Parameter
	Content

	ProgressIndicator
	
	Access Transport Parameter
	Progress indicator

	HighLayerCompatibility
	
	
	High layer compatibility (NOTE)

	LowLayerCompatibility
	
	
	Low layer compatibility

	BearerCapability
	
	User Service Information
	

	HighLayerCompatibility
	
	User Tele Service
	High layer compatibility

	BearerInfomationElement (InformationTransferCabability)
	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:
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.


* * * 6th Change * * * *

7.2.3.2.2.0
Overview
Table 10aa provides a summary of how the header fields within the outgoing INVITE message are populated.

Table 10aa – Interworked contents of the INVITE message
	IAM(
	INVITE(

	Called Party Number 
	Request-URI
To

	Calling Party Number
	P-Asserted-Identity 

	
	Privacy

	
	From

	Generic Number ("additional calling party number")
	From

	Hop Counter
	Max-Forwards

	TMR/USI 
	Message Body (application/SDP NOTE)

	NOTE: the SIP message body may providean SDP Offer, which may use SDP encoding according legacy SDP Offer/Answer syntax [36] or of revised  SDP Offer/Answer syntax [122, 123].


* * * 7th Change * * * *

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 1 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 2).
NOTE 1:
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.

NOTE 2:
For instance, other mediac configurations (codecs) like V.152 VBD codec [124] or T.38 fax packet relay codec [72] in case of emulation services for PSTN modem calls [125].
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)

	
	
	
	
	audio
	RTP/AVP
	Dynamic PT 
	AS: (64 + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMx/8000

gpmd:<dynamic-PT> vbd=yes 

(NOTE 6)

	"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)

	
	
	
	
	audio
	RTP/AVP
	Dynamic PT 
	AS: (64 + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMx/8000

gpmd:<dynamic-PT> vbd=yes 

(NOTE 6)

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

	
	
	
	
	audio
	RTP/AVP
	Dynamic PT 
	AS: (64 + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMx/8000

gpmd:<dynamic-PT> vbd=yes 

(NOTE 6)

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


	rtpmap:<dynamic-PT> PCMA/8000

	
	
	
	
	audio
	RTP/AVP
	Dynamic PT 
	AS: (64 + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMx/8000

gpmd:<dynamic-PT> vbd=yes 

(NOTE 6)

	"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)

	
	
	
	
	audio
	RTP/AVP
	Dynamic PT 
	AS: (64 + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMx/8000

gpmd:<dynamic-PT> vbd=yes 

(NOTE 7)

	"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

	
	
	
	
	audio
	RTP/AVP
	Dynamic PT 
	AS: (64 + RTP/UDP/IP overhead)
	Based on ITU-T V.152 [124]:

rtpmap:<dynamic-PT> PCMx/8000

gpmd:<dynamic-PT> vbd=yes 

(NOTE 7)

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	audio
	RTP/AVP
	Dynamic PT
(see ITU-T V.152)
	AS:(64 + UDP/IP overhead)


	Based on ITU-T V.152 [124] (NOTE 8).

	"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.
NOTE 6:
An incoming ISUP speech call is mapped on a SDP offer with two offered media formats, one for ‘audio’ mode and one for ‘V.152 VBD’ mode.
NOTE 7:
An incoming ISUP 3.1 KHz audio call is mapped on a SDP offer with two offered media formats, one for ‘audio’ mode and one for ‘V.152 VBD’ mode.
NOTE 8:
An incoming ISUP 3.1 KHz audio call with Facsimile Group 2/3 indication is mapped on a SDP offer with two offered media formats, one for ‘audio’ mode and one for ‘V.152 VBD’ mode.


[…]

* * * 8th Change * * * *

8.2
Interworking between IM CN subsystem and TDM-based CS network

It shall be possible for the IM CN subsystem to interwork with the TDM based CS networks (e.g. PSTN, ISDN or CS domain of a PLMN). Figure 32 describes the user plane protocol stack to provide the particular interworking.
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Figure 32: IM CN subsystem to TDM-based CS network user plane protocol stack 

8.3
Transcoding requirements

The IM CN subsystem supports the AMR codec as the native codec for basic voice services. For IM CN subsystem terminations, the IM MGW shall support the transport of AMR over RTP according to RFC 3267 [23]. The MGCF shall support the options of RFC 3267 listed within clause 5.1.1 of 3GPP TS 26.236 [32].

It shall be possible for the IM CN subsystem to interwork with the CS networks (e.g. PSTN, ISDN or a CS domain of a PLMN) by supporting AMR to G.711 transcoding (see ITU-T Recommendation G.711 [1]) in the IM-MGW. The IM-MGW may also perform transcoding between AMR and other codec types supported by CS networks. 
The IM-MGW may also support emulation services for PSTN modem calls (see also clause 8.6), which may imply transcoding between V.152 [124] and/or T.38 [72] to G.711 [1] based PSTN VBD in CS networks.
8.4
Diffserv code point requirements

The IM-MGW shall perform DiffServ Code Point (DSCP) markings (see RFC 2474 [21]) on the IP packets sent towards the IM CN subsystem entity like UE or MRFP across the Mb interface to allow DiffServ compliant routers and GGSNs to schedule the traffic accordingly.

The IETF Differentiated Services architecture (see RFC 2475 [22]) shall be used to provide QoS for the external bearer service.

The DSCP shall be operator configurable.
8.5
DTMF handling
When sending DTMF inband towards the CS network, the MGW shall comply with the encoding requirements in 3GPP TS 23.014 [103]; in particular the requirements for the minimum length of a tone and for the minimum gap between two subsequent tones shall be ensured.
When detecting DTMF digits arriving from the CS side, the MGW shall comply with TS 23.014 [103] (by  checking that a valid digit with minimum duration and minimum gap has been received) before initiating an RTP Telephony Event to the IMS interface.
When sending DTMF towards the IMS side according to the IETF RFC 4733 [105] RTP Payload format, the MGW shall comply with the DTMF encoding requirements of Annex G.2 of 3GPP TS 26.114 [104], in particular the minimum duration of 65ms shall be ensured. It is optional if the RTP Telephony Event is sent as a number of "RTP Events" with interim durations (e.g. every 20ms or 40ms in line with the speech packetisation time) or as a single "RTP Event" with the at least 65ms duration.
8.6
PSTN modem call handling
Possible media-type configurations for PSTN modem calls are e.g. outlined in clause 7 of ETSI TR xyz [125]. The preferred configuration/codec list may be subject of operator policy. 
When establishing a PSTN modem call towards the IMS side, the MGCF should follow the recommendations according clause 8 of ETSI TR xyz [125]. 
* * * 9th Change * * * *

9.2.2.3
ISUP

[…]

9.2.2.3.2
IM CN subsystem side termination reservation

On receipt of an initial INVITE (signal 1 in figure 36) the MGCF shall initiate the Reserve IMS Connection Point and Configure Remote Resources procedure (signal 3 and 4 in figure 36). The MGCF shall support the SDP revised offer/answer model in accordance with draft-ietf-mmusic-sdp-capability-negotiation [122] and draft-ietf-mmusic-sdp-media-capabilities [123].
 From the received SDP and local configuration data the MGCF:
-
shall send the appropriate remote codec(s), the remote UDP port and the remote IP address to the IM-MGW. The remote UDP port and IP address refer to the destination of user plane data sent towards the IM CN subsystem. The remote codec(s) are the codec(s) the IM-MGW may select for user plane data sent towards the IM CN subsystem.

-
shall indicate to the IM-MGW the appropriate local codec(s) and request a local IP address and UDP port. The local IP address and UDP port are used by the IM-MGW to receive user plane data from the IM CN subsystem. The local codec(s) are the codec(s) the IM-MGW may select to receive user plane data from the IM CN subsystem. 

-
If DTMF support together with speech support is required, the reserve value indicator shall be set to "true".
-
May indicate that IP interface type is for MboIP.

The IM-MGW shall

-
reply to the MGCF with the selected local codec(s) and the selected remote codec(s) and the selected local UDP port and IP address.

-
reserve resources for those codec(s).

The MCGF shall send selected local codec(s) and the selected remote codec and the selected local UDP port and IP address to the IMS in the Session Progress (signal 5 in figure 36)

9.2.2.3.3
IM CN subsystem side session establishment

Dependent on what the MGCF receives in the PRACK message (signal 9 in figure 35) the MGCF may initiate the Configure IMS Resources procedure. If no SDP is received, or if the received SDP does not contain relevant changes compared to the previous SDP, the procedure is not invoked. Otherwise the MGCF shall use the Configure IMS Resources procedure to provide to the IM-MGW:
-
the appropriate remote codec(s), the remote UDP port and the remote IP address.

-
optionally the appropriate local codec(s), UDP port and IP address. 

-
If DTMF support together with speech support is required, the reserve value indicator shall be set to "true".
-
May indicate that IP interface type is for MboIP.
The IM-MGW shall:

-
reply to the MGCF with the selected remote codec.

-
reply to the MGCF with the selected local codec(s), if the MGCF supplied local codec(s). 

-
update the codec reservation and remote IP address and UDP port in accordance with the received information.

The MGCF shall include the selected codec(s) UDP port and IP address in 200 OK (PRACK) (signal 12 in figure 36) sent back to the IMS.

The SDP answer shall be in accordance with draft-ietf-mmusic-sdp-capability-negotiation [122] and draft-ietf-mmusic-sdp-media-capabilities [123].
9.2.2.3.4
CS network side circuit reservation

The MGCF shall request the IM-MGW to reserve a circuit using the Reserve TDM Circuit procedure. The MGCF sends the IAM to the succeeding node including the reserved circuit identity.

9.2.2.3.5
Through-connection

During the Reserve TDM Circuit and Reserve IMS Connection Point procedures, the MGCF shall either use the Change TDM Through-Connection procedure to request the IM-MGW to backward through-connect the termination, or the MGCF shall use this procedure to both-way through-connect the TDM termination already on this stage (signal 6 in figure 36). During the Reserve IMS connection Point procedure, the MGCF shall use the Change IMS through-connection procedure to request the IM-MGW to backward through-connect the IMS termination (signal 3 in figure 36).

When the MGCF receives the ISUP:ANM answer indication, it shall request the IM-MGW to both-way through-connect the terminations using the Change IMS Through-Connection or Change TDM Through-Connection procedures (signal 21 in figure 36), unless those terminations are already both-way through-connected.

9.2.2.3.6
Continuity check

The MGCF may request a continuity check on the connection towards the CS network within the IAM message. In this case, the MGCF shall use the Continuity Check procedure towards the IM-MGW to request the generation of a continuity check tone on the TDM termination. The IM-MGW shall then use the Continuity Check Verify procedure to notify the MGCF of an incoming continuity check tone on the corresponding circuit. In addition to other conditions detailed in Section 7, the MGCF shall wait until receiving this notification before sending the COT. (Not depicted in figure 36)

9.2.2.3.7
Codec handling

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each termination. 

9.2.2.3.8
Voice processing function

A voice processing function located on the IM-MGW may be used to achieve desired acoustic quality on the terminations. If the voice processing function is used, the MGCF shall request the activation of it in the termination towards the CS network using the Activate TDM Voice Processing Function procedure (signal 23 in figure 36).

* * * 10th Change * * * *

9.2.3.3
ISUP

9.2.3.3.1
IM-MGW selection

The MGCF selects the IM-MGW based on the received circuit identity in the IAM. 

9.2.3.3.2
CS network side circuit reservation

The MGCF shall request the IM-MGW to reserve a circuit using the Reserve TDM Circuit procedure. 

9.2.3.3.3
IM CN subsystem side termination reservation

The MGCF shall derive from configuration data one or several appropriate local codec(s) the IM-MGW may use to receive user plane data from the IM CN subsystem. The MGCF shall use the Reserve IMS Connection Point procedure (signals 2 and 3 in figure 39). Within this procedure, the MGCF shall indicate the local codec(s) and request a local IP address and UDP port from the IM-MGW. The local IP address and UDP port are used by the IM-MGW to receive user plane data from the IM CN subsystem. If DTMF support together with speech support is required, or if the resources for multiple speech codecs shall be reserved at this stage, the reserve value indicator shall be set to "true".

The MGCF may also indicate that the IP interface type is for MboIP.

The IM-MGW shall reply to the MGCF with the selected local codec(s) and the selected local IP address and UDP port.

The MGCF shall send this information in the INVITE (signal 6 in figure 39) to the IM CN subsystem. The SDP offer carried in the INVITE shall be in accordance with draft-ietf-mmusic-sdp-capability-negotiation [122] and draft-ietf-mmusic-sdp-media-capabilities [123].
9.2.3.3.4
IM CN subsystem side session establishment

The MGCF shall use the Configure IMS Resources procedure (signals 9 and 10 or 22a and 22b in figure 39) to provide configuration data (derived from SDP received in signal 8 in figure 39 and local configuration data) as detailed below:

-
The MGCF shall indicate the remote IP address and UDP port, i.e. the destination IP address and UDP port for data sent in the user plane towards the IM CN subsystem.

-
The MGCF shall indicate the remote codec(s), i.e. the speech codec(s) for data sent in the user plane towards the IM CN subsystem.

-
The MGCF may indicate the local codec(s) and the local IP address and UDP port. The MGCF shall indicate the local codec(s) if a change is required.

-
If DTMF support together with speech support is required, the reserve value indicator shall be set to "true".
-
The MGCF may indicate that IP interface type is for MboIP.
The IM-MGW shall reply with the selected remote codec(s) and reserve resources for these codec(s). If local codec(s) were received, the IM-MGW shall also reply with the selected local codec(s) and reserve the corresponding resources.

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 8 in figure 39 (if any), the MGCF shall send the reserved speech codec(s), and the local IP address and UDP port in the PRACK (signal 11 in figure 39) to the IMS. 
If the selected local codec(s) differ from the codec(s) received in the SDP of signal 22 in figure 39 (if any), the MGCF shall send the local reserved codec(s), and the local IP address and UDP port in an re-INVITE or UPDATE (not depicted in figure 39) to the IMS.
9.2.3.3.5
Called party alerting

The MGCF shall request the IM-MGW to provide an awaiting answer indication (ringing tone) to the calling party using the Send TDM Tone procedure (signals 19 and 20in figure 39), when the following condition is satisfied:

-
the MGCF receives the first 180 Ringing message, unless this message or some previous SIP provisional response contained a P-Early-Media header that authorizes early media and the MGCF supports the P-Early-Media header as a network option.

9.2.3.3.6
Called party answer

When the MGCF receives a 200 OK message (signal 22 in figure 39), it shall request the IM-MGW to stop providing the ringing tone to the calling party using the Stop TDM Tone procedure (signals 23 and 24 in figure 39).

9.2.3.3.7
Through-Connection

Within the Reserve TDM Circuit procedure, the MGCF shall either use the Change TDM Through-Connection procedure to request the IM-MGW to backward through-connect the TDM termination, or the MGCF shall use this procedure to both-way through-connect the TDM termination already on this stage (signals 2 and 3 in figure 39). During the Reserve IMS Connection Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to request the IM-MGW to backward through-connect the IMS termination (signals 4 and 5 in figure 39).

When the MGCF receives the SIP 200 OK(INVITE) message, it shall request the IM-MGW to both-way through-connect the terminations using the Change IMS Through-Connection or Change TDM Through-Connection procedure (signals 25 and 26 in figure 39), unless those terminations are already both-way through-connected.

9.2.3.3.8
Continuity Check

If a continuity check on the connection towards the CS network is requested in the IAM message, the MGCF shall use the Continuity Check Response procedure towards the IM-MGW to request loop-back of a received continuity check tone on the TDM circuit. Upon reception of the COT message, the MGCF shall use the Continuity Check Response procedure towards the IM-MGW to request the removal of the loop-back. (Not depicted in figure 39)

9.2.3.3.9
Codec handling

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each termination. 

9.2.3.3.10
Voice Processing function

A voice processing function located on the IM-MGW may be used to achieve desired acoustic quality on the terminations. If the voice processing function is used, the MGCF shall request the activation of it in the termination towards the CS network using the Activate TDM Voice Processing Function procedure (signal 23 in figure 39).

9.2.3.3.11
Failure handling in MGCF

If any procedure between the MGCF and the IM-MGW is not completed successfully, the session shall be released as described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM-MGW the default action by the MGCF is to release the session as described in clause 9.2.7.
9.2.3.3.12
Message sequence chart

Figure 39 shows the message sequence chart for the CS network originating Session with ISUP. In the chart the MGCF requests seizure of the IM CN subsystem side termination and CS network side bearer termination. When the MGCF receives an answer indication, it requests the IM-MGW to both-way through-connect the terminations. The MGCF may request the possible activation of the voice processing functions for the terminations. Dashed lines represent optional or conditional messages.
* * * 11th Change * * * *

9.2.8
Handling of RTP telephone events
DTMF digits, telephony tones and signals (telephone events) can be transferred using different mechanisms. For the IM CN Subsystem, 3GPP TS 24.229 [9] defines the usage of the RTP payload format defined for DTMF Digits, Telephony Tones and Telephony Signals in RFC 4733 [105]. When BICC signalling is used in the CS network, telephony signals may be sent either inband or out-of-band as defined in ITU-T Recommendation Q.1902.4 [30] and in ITU-T Recommendation Q.765.5 [35]. If ISUP signalling is used the DTMF tones are sent inband. The following paragraphs describe the Mn interface procedures to transfer DTMF between RTP format defined in RFC 4733 [105] and the CS CN.

Before the actual usage of the telephony signals can occur the sending/receiving of telephone events need to be agreed with the SDP offer-answer mechanism defined in RFC 3264 [36] and complemented by draft-ietf-mmusic-sdp-capability-negotiation [122] and draft-ietf-mmusic-sdp-media-capabilities [123]. The outcome of the negotiation can be e.g. that no telephone events are sent in RTP payload, telephone events are sent only in one direction or in both directions. If the outcome of the negotiation is that RTP payload telephone-events are sent in both directions, the IM-MGW may nevertheless be configured to interwork only mobile originated telephone-events.

When the offer-answer mechanism based session parameters negotiation results in an agreement that telephone events are sent in the RTP payload and the needed preconditions are fulfilled, telephone events can be sent in RTP payload. This negotiation can be done at call control signalling phase or during an ongoing call.
* * * End of Changes * * * *

------------------------
Appendix – Use case for “SIP Gm only” scenario, as subject of accompanying CT1 CRs “C1-100215 & C1-100216”
[…]

3GPP CT1 has also received a liaison (C1-094882: LS to 3GPP CT1 - Consideration of IETF draft-ietf-mmusic-sdp-media-capabilities for 24.229 (use case: emulation of PSTN modem calls)) from ETSI TISPAN pointing out this omission as they require its usage in IMS based PSTN/ISDN emulation.

The referred use case is outlined below (Fig. A):
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Figure A: Use case - IMS-based PES scenario, intra-IMS call 
between two SIP voice gateways (VGW)
(=> SIP Gm profile 24.229 )
The involved SIP entities should also support draft-ietf-mmusic-sdp-media-capabilities (besides draft-ietf-mmusic-sdp-capability-negotiation) in order to allow unambiguous and efficient SIP/SDP Offer/Answer procedures for emulation services (like V.152, T.38) for PSTN modem calls.
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