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1 Introduction
In the opening plenary at SA4#86, it was discussed what specifications in 3GPP reference the “about to be deprecated” specifications TS26.235 and TS26.236.

This document summarizes a quick-automated search on Rel-12 specifications for the keys “26.235” and “26.236”.
Disclaimer: No guarantee for completeness is provided.
2 References to TS 26.235
2.1 TR 26.914 v12.0.0: 5 references

1
Scope

The present document:

*
identifies opportunities for optimization of service quality and efficiency of Multimedia telephony over IP in a qualitative sense;

*
provides the basis for developing a set of optional backward-compatible tools implementing such optimizations.

The optimized multimedia telephony targets many different system configurations and operating conditions, e.g. GERAN, UTRAN, inter-working between GERAN, UTRAN, GAN, and different PLMNs. Of the various use cases for multimedia telephony, the main focus of the present document is on voice calls, but the focus also includes other core media components, such as video. In particular, areas with optimization opportunities include handling of degraded channels, delay jitter, packet losses, efficiency, inter-working with other voice systems, etc.

The scope includes proposing solutions that maintain backward compatibility in order to ensure seamless inter-working with existing services available in the CS domain, such as CS voice telephony and 3G-324M, as well as with terminals of earlier 3GPP releases. Alignment with legacy media formats avoids transcoding and even allows realizing at least parts of the optimization gains. All optimizations are hence based on the default codecs specified in 3GPP TS 26.235 [3] and 3GPP TS 26.141 [6].

The optimizations identified in the present document address mainly. media transport and signalling. Most of the SIP signalling is out of scope and is handled by other 3GPP groups. Issues regarding registration to the network and/or to IMS at power-on or at other occurrences are not included either.

The optimization tools are not specified in the present document per se, but will be specified as amendments to existing (pre-Release 7) Technical Specifications (3GPP TS 26.235 [3] and 3GPP TS 26.236 [4]) and possibly new Technical Specifications. Furthermore, a characterization of the optimized multimedia telephony over IMS will be available in a separate Technical Report.
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6
Basic point-to-point call in Release 6

NOTE: 
This clause (6) only reviews technology already present in the Release-6 versions of 3GPP TS 26.235 [3] and 3GPP TS 26.236 [4].

7.3
Packet-loss handling

Clause 5 of the present document mentions that the multimedia telephony service must be capable of operating on several different system configurations and also at many different load levels. Even though significant development is still in progress, one can still draw some conclusions for the operating conditions that can be expected:

*
For UTRAN DCH channels, where the fast power control tries to keep the block error rate at a fairly constant level, one should expect that a few percent of packet loss may occur.

*
For UTRAN HSDPA/HSUPA the MAC-layer fast re-transmission scheme will usually try to keep the packet loss rate very close to zero. However, due to the scheduling, which is vendor specific, one cannot guarantee that the packet loss rate will be this low for all operating conditions. Depending on the load level, one can expect temporary packet loss rates that are at least as high as for the DCH channels, or even higher.

NOTE:
The performance will depend on the final specification of HSDPA/HSUPA RABs, e.g. whether RLC Acked or Un-acked mode is used.

*
For GERAN, where significant development is being made, it is very unsure what the performance one can expect. For current GERAN (Release 6) the RLC retransmission time will be far too slow to be useful for real‑time services with delay constraints that these services require. Therefore, RLC Un-acked Mode will have to be used, which means that the service must be capable of handing packet losses, at least up to a few percent.

Some of the media codecs specified in Release 6 of 3GPP TS 26.235 [3] do not address decoder reaction to non-compliant bitstreams resulting from, e.g. packet loss. Investigate and provide appropriate solutions to maintain acceptable media quality in typical 3GPP environments. A feedback mechanism to report error-events may be useful in order to mitigate the effects of packet loss and maintain the quality in error-prone 3GPP environments.

2.2 TR 26.943 v12.0.0: 3 references

2.
AMR and AMR-WB audio codec

The performance evaluations were conducted by two leading companies in the area of speech recognition, IBM and Scansoft. Results from these evaluations were presented at SA4#30 in February 2004 and are summarised here. The "recommendation criteria" have been applied and SA4 recommends the DSR codec for Speech Enabled Services. SES codecs are introduced in packet switched conversational services in Technical Specifications 26.235 & 26.236 [5,6].
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4
General

4.1
Project History

 Table 1 below shows the progress and timeline of the project. In particular the creation of permanent documents; identification of candidate codecs and test organisations; running of the performance evaluations by test organisations;  selection at SA4; verification; and the approval of CRs and TS at SA.  Key milestones are highlighted in bold.

Table 1: SES project timeline

Meeting
Status of progress in activities

SA4 #23 

(30 Sept - 4 Oct 2002)
Draft WID and work plan

SA4 #24 

(11-15 Nov 2002)
Permanent documents

Design Constraints V1.0

Test & Processing Plan V0.8

Recommendation Criteria V0.1

Intermediate deadline on SA4 reflector 31.12.2002
Submission of specification of additional databases as candidate for testing as part of test and processing plan. 

Intermediate deadline on SA4 reflector 31.12.2002
Any company which would possibly like to submit a candidate will indicate before 31.12.2002. Later indications will not be considered. 

SA4 #25 

(20-24 Jan 2003)
List of testing organisations

Permanent documents

Design Constraints V1.1

Test Plan & Processing Plan V1.0

Recommendation Criteria V0.3

SA4 #25 bis

(24-28 Feb 2003)


List of testing organisations (IBM & SpeechWorks)

List of candidate codecs (DSR X-AFE & AMR-NB/AMR-WB)Permanent documentsDesign Constraints V2.0Test Plan & Processing Plan V1.3

Recommendation Criteria V0.3

SA4 SQ SES ad-hoc

1-2 April 2003 Basingstoke, UK
Permanent documents

Test & Processing Plan V1.4

Recommendation Criteria V0.3

SA4 #26

(5-9 May 2003)  
Permanent documentsTest & Processing Plan V2.0Recommendation Criteria V0.6

SA4 #27

(7-11 July 2003)
Approval of permanent docsTest & Processing Plan V2.2

Recommendation Criteria V2.0

ASR vendor evaluations start.

Aug 2003
ASR vendors start tests. 

Deliverables from candidates:

(31 October 2003)
Fixed point complexity assessment  

Drafts of new 3GPP TSs (for new codecs), or existing specifications for information (codecs already in standards) 

Justification document of having met the Design Constraints

SA4 #29

(24-28 Nov 2003)


Preparation for verification
Agree verification plan by correspondence (19 Dec)

Complete any legal agreements (NDAs) that are needed (15 Feb)

Verification labs to obtain any databases needed (15 Feb)

Informative speech quality listening tests
Nokia and Ericsson to supply listening test speech files to Motorola (5th Dec)

Motorola to process listening test speech files supplied by Nokia and Ericsson (15 Jan)

Nokia and Ericsson conduct listening tests

Completion of ASR vendor evaluations

(31 Jan 2004)
Results from ASR vendor evaluations to ETSI representative

SA4 #30

(23-27 Feb 2004)
SES Selection meetingResults from evaluator tests available

Make recommendation 

Prepare TSs for approval @ SA#23

Prepare CRs for approval @ SA#23

SES Verification (1 March)


Verification of selected codec (ST-Micro).

Discussion of results of verification conference call March.

SA #23

(15-17 March 2004)
TSs for information

CRs for information

SA4 #31

(17-21 May 2004)
Verification report

SA #24

(7-10 June 2004)
TSs approval (TS 26.243)CRs approval (TS 26.235 & TS 26.236)

2.3 TS 26.236 v12.0.0: 3 references

No need to check

2.4 TS 26.226 v12.0.0: 2 references
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5.1.0
GTT-IP

IP Multimedia, supported by the IPMM subsystem, is a suitable environment for real time text conversation. GTT-IP stands for the Text Telephony in IMS via the Real-Time Text protocol over RTP. It shall use IETF SIP [11] for the negotiation of the text media and IETF RFC 4103 [10] RTP-text for transport, with text coded according to ITU‑T Recommendation T.140 [5] as indicated in TS 26.235 [14]. This allows conversation in a selection of simultaneous media, such as voice, text and potentially also video.

Inclusion of the text conversation shall be done according to normal SIP and IPMM procedures, where the text media stream is handled as any other media. GTT-IP has no architecture influence on the 3G‑PS network, only that the components must allow handling of the standardised text media stream.

NOTE:
This way of using mainstream procedures opens possibilities to utilize the flexibility of the SIP protocol for enhanced services. The user can interact in the service offering to optimise the stream handling. This may be used for flexible ways of invoking relay services for media conversion according to the desire of the users.
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6.0
Reference Model

Figure 2 details the reference architecture required to support interworking between the IM CN subsystem and IP networks for IM services. Figure 3 details the reference architecture required to support interworking between the IMS and IP SIP networks supporting IP version 4.

​
​
NOTE:
Multimedia IP networks may be connected via the Mb interface to various network entities, such as an UE (via an GTP Tunnel reaching to the GGSN), an MRFP, or an application server.

Figure 2: IM CN Subsystem to IP network interworking reference Architecture without IP version interworking

​
​
Figure 3: Border Control Functions

Mm reference point: The call control protocol applied to the Mm interface between CSCF and external IP networks is SIP, IETF RFC 3261 [2], as detailed in 3GPP TS 24.229 [1]. SIP extension packages mandated by 3GPP are possibly not supported.

Mb reference point: This interface is defined in 3GPP TS 23.002 [5] and is IP based. Further information is provided in 3GPP TS 29.061 [4] and 3GPP TS 26.235 [6].

Mx reference point: The protocol applied at the Mx reference point is specified in 3GPP TS 24.229 [1].

Ix reference point: The protocol applied at the Ix reference point is specified in 3GPP TS 29.238 [25].

8.1
Overview

The present specification addresses user plane interworking between codec types used for either speech or video. Codecs used for conversational services in the PS domain are as defined in 3GPP TS 26.235 [6] and 3GPP TS 26.114 [36].
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5.15
Mandatory Support of SDP and Annex C Information Elements

The v=, o=, s=, m=, c=, t=, a= and b= lines of the SDP [20] syntax shall be supported. All other lines should be ignored if received.

Table 5.15.1: Supported Annex C and SDP information elements

Supported Annex C and SDP information elements:

Information Element
Annex C Support
SDP Support

Protocol version (v=)
"SDP_V "
The protocol version (v=) line contains a single field:v= <version>

and shall be used in accordance with IETF RFC 2327 [20] (i.e. v=0).

Origin (o=)
"SDP_O "
The origin line consists of 6 fields:o= <user name> <session ID> <version> <network type> <address type> <address>.

The MRFC is not required to supply this line but shall accept it.

The MRFP should populate this line as follows or use the value received from the MRFC:

- <user name> should contain an hyphen

- <session ID> and <version> should contain one or mode digits as described in IETF RFC 2327 [20]

- <network type> shall be set to IN

- <address type> shall be set to IP4 or IP6 The Address Type shall be set to "IP4" or "IP6" depending on the addressing scheme used by the network to which the MRFP is connected. 

- <address> should contain the fully qualified domain name of the gateway.

Session Name (s=)
"SDP_S"
The session name (s=) line contains a single field:s= <session-name>.

The MRFC is not required to supply a session name but shall accept one. This line may be used to convey correlation information for use in CDRs.

The MRFP shall use an hyphen "-" as a session name or the value received from the MRFC.

Connection data (c=) 
"SDP_C "
The connection data line consists of 3 fields:c= <network-type> <address-type> <connection-address>

- The <network-type> shall be set to "IN".

- The <address-type> shall be set to "IP4" or "IP6" depending on the addressing scheme used by the network to which the MRFP is connected.

- The <connection-address> sent by the MRFC in the remote descriptor is the address to which the MRFP shall send the media flows. 

- The <connection-address> sent by the MRFC in local descriptors may be a unicast IPv4 or IPv6 address or it may be wildcarded to allow the MRFP to choose an address.  In the second case, MGs shall fill this field with a unicast IP address at which they will receive the media stream. Thus a TTL value shall not be present and a "number of addresses" value shall not be present. The field shall not be filled with a fully-qualified domain name instead of an IP address. 

When the <connection address> is wildcarded (i.e. choose wildcard) by the MRFC, the MRFP allocates an IP address based on the address type. The addressing space for which this address is taken may depend on the termination ID supplied by the MRFC.

Media announcements (m=)
"SDP_M "
Media Announcements (m=) lines consist of 3 fields:m= <media> <port> <transport> <format>

- The <media> field shall be set to "audio"or "video" or "message" or "application" (NOTE 1).- The <port> field in remote descriptors is provided by the MRFC and represents the port to which the MRFP shall send the media flows.

- The <port> field in local descriptors may be provided by the MRFC or wildcarded (i.e. choose wildcard) to allow the MRFP to choose a value for the port on which it wishes to receive the media stream

- The <transport> field shall be  according to table 5.15.2

- The <format> field may be explicitly supplied by the MRFC, wildcarded or overspecified. If the MRFC wishes to request the MRFP to choose which media formats it wishes to use for the call then the MRFC shall provide a "$" wildcard.  If the MRFC wishes to suggest that the MRFP selects a media format from a list of possible media formats then it shall provide a list of appropriate media types in accordance with SDP.  All conforming gateways shall support at least the default narrowband AMR codec as defined in 3GPP TS 26.235 [31]. Optionally, other codecs defined in 3GPP TS 26.235 [31] and  format "8" for RTP/AVP (i.e. G.711 A-Law).

2.9 3GPP TS29.292: 2 references
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3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

5.4.4
Receipt of CALL CONFIRMED

Upon receipt of a CALL CONFIRMED message:

-
if a bearer capabilities 1 information element is present and indicates a teleservice other than 11 as described in TS 22.003 [9], the MSC Server shall initiate call clearing procedures using a cause value of 58 (bearer capability not presently available);

-
if a bearer capabilities 1 information element is present and includes a CTM text telephony indication set to "CTM text telephony is supported", the default behaviour of the MSC Server shall be to continue with call setup but not to provide user plane interworking between CTM and RTP-text at the CS-MGW.

NOTE:
Conversion between CTM as described in TS 26.226 [22] and RTP-text as described in TS 26.235 [21] may be provided as an implementation option if the SDP offer included the payload type for RTP-text. Such conversion is outside the scope of the present document.

2.10 3GPP TS34.229-2: 1 reference
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3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

2.11 3GPP TS29.235: 2 references

[50]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

B.2
Global Text Telephony

Global Text Telephony (GTT) offers real time conversation in text, optionally combinable with voice. GTT is mainly used for distant conversation with hearing or speech impaired users.

GTT is supported in IMS via the Real-Time Text protocol over RTP, using IETF SIP/SDP for the negotiation of the text media and IETF RFC 4103 [47] RTP-text for transport, with text coded according to ITU‑T Recommendation T.140 [46]. See TS 23.226 [45], TS 26.114 [52], TS 26.235 [50] and TS 26.236 [51].
2.12 3GPP TS23.333: 3 references

[8]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

5.12.1
General

The MRFP shall support audio transcoding between streams of two Terminations within the same context where the streams are encoded differently, in accordance with standard H.248.1 principles, see ITU-T H.248.1 [3]. As minimum 

requirement the MRFP shall support the default 3GPP audio codec AMR (narrowband), and optionally any other audio codecs as specified in 3GPP TS 26.235 [8].

5.13
Video Transcoding

The MRFP shall support video transcoding between streams of two Terminations within the same context where the streams are encoded differently, in accordance with standard H.248 principles, see ITU-T H.248.1 [3]. As minimum 

requirement the MRFP shall support the default 3GPP video codec H.263, and optionally any other video codecs as specified in 3GPP TS 26.235 [8].

2.13 3GPP TS29.163: 5 references

1
Scope

The present document specifies the principles of interworking between the 3GPP IM CN subsystem and BICC/ISUP based legacy CS networks, in order to support IM basic voice, data and multimedia calls.

The present document addresses the areas of control and user plane interworking between the IM CN subsystem and CS networks through the network functions, which include the MGCF and IM-MGW. For the specification of control plane interworking, areas such as the interworking between SIP and BICC or ISUP are detailed in terms of the processes and protocol mappings required for the support of both IM originated and terminated voice and multimedia calls.

Other areas addressed encompass the transport protocol and signalling issues for negotiation and mapping of bearer capabilities and QoS information.

The present document specifies the interworking between 3GPP profile of SIP (as detailed according to3GPP TS 24.229 [9]) and BICC or ISUP, as specified in ITU-T Recommendations Q.1902.1 to Q.1902.6 [30] and ITU-T Q761 to Q764 [4] respectively.

The present document also specifies the interworking between circuit switched multimedia telephony service, as described in3GPP TS 26.110 [78]3GPP TS 26.111 [79], and ITU-T Recommendation H.324 [81] and packet switched multimedia services, as described in3GPP TS 26.235 [80] and3GPP TS 26.236 [32], in particular and the interworking between the 3GPP profile of SIP and the inband control protocols for multimedia communication as specified in ITU-T Recommendations H.245 [82] and H.324 Annex K [81].

The present document addresses two interworking scenarios with respect to the properties of the CS network:

-
The CS network does not use any 3GPP specific additions.

-
The CS network uses 3GPP specific additions.

[80]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

E.1
Basic Multimedia calls interworking between the IMS and CS Networks scenarios

The Interworking between Circuit switched multimedia telephony service, as described in3GPP TS 26.110 [78] and3GPP TS 26.111 [79], and packet switched multimedia services, as described in3GPP TS 26.235 [80] and3GPP TS 26.236 [32] is addressed.

I.1
Overview of GTT interworking between the IMS and Circuit Switched (CS) networks

The support of Global Text Telephony (GTT) is optional, but may be required by national regulatory requirements. If GTT is supported, the procedures described within this Annex shall be applied.

Global Text Telephony (GTT) offers real time conversation in text, optionally combined with voice. GTT is mainly used for distant conversation with hearing or speech impaired users.

GTT is supported in IMS via the Real-Time Text protocol over RTP, using IETF SIP/SDP for the negotiation of the text media and IETF RFC 4103 [124] RTP-text for transport, with text coded according to ITU‑T Recommendation T.140 [123]. See3GPP TS 23.226 [122],3GPP TS 26.114 [104],3GPP TS 26.235 [80] and3GPP TS 26.236 [32].

In PSTN, different specified systems for text telephony exist and are used in different regions, e.g. Baudot (in US), EDT, V.21, Bell103, Minitel and V.18. They all use different modem technologies within PCM and different character coding for the transmission of text. They are described in the annexes of ITU-T Recommendation V.18 [125]. ITU-T Recommendation V.18 [125] is an international text telephone modem standard with an automoding mechanism that enables communication with all the different kinds of PSTN text telephone systems. Any party of a GTT call may at any time initiate text or send voice. Speech and text may be used in an alternating manner during a conversation on the PSTN. It is also possible that speech is transferred in one direction and text in the opposite direction. However, speech and text can not be used in the same direction at the same time in most sub-modes of V.18.

In the 3GPP CS radio interface, a dedicated CTM modem is used (see3GPP TS 26.226 [126]), which is terminated within the CS domain and interworked to PTSN inband text telephony format.

Interworking between Real-Time Text over RTP within IMS and PSTN text telephony is provided at the MGCF / IM-MGW by the MGCF triggering the insertion of an Interworking (conversion) function within the IM-MGW which then behaves in accordance with ITU‑T Recommendation V.18 [125] or any of its specific sub-modes.

The support of this Interworking function between IP-based Real-Time Text over RTP and modem based transmission of real-time text is optional both at the MGCF and IM-MGW, but can be required by national regulatory bodies. If this Interworking function is supported, the procedures described within this Annex shall be applied.

The Interworking function in the IM-MGW shall support the detection of text modem signals on the CS side and the conversion between text/modem signals and Real-Time Text over RTP.

The IM_MGW shall support at least one of the sub-modes listed in ITU-T Recommendation V.18 [125] (e.g. Baudot). The support of any of the sub-modes is optional.

The procedures to detect and convert text/modem involve expensive MGW resources. The present GTT interworking procedures intend to allow cost effective implementations by avoiding additional load or resources in MGW for calls not using text telephony (which represent most of the calls).

It is assumed that IMS terminals supporting text media will not automatically offer text media, but that this will be instead governed by terminal configuration options and user interactions to suit the communication preferences and abilities of the user. However, an IMS terminal desiring to set up a GTT call will offer Real-Time Text media, possibly in parallel to voice media. The IMS-MGW shall then provide the conversion between Real-Time Text over RTP and text/modem signals. On the contrary, if the mobile does not request Real-Time Text support, no Interworking function is necessary. An IMS Multimedia terminal configured to use Real-Time Text Telephony but receiving an SDP offer for voice-only media will accept this offer and then send an own subsequent SDP offer adding text media. When receiving such a subsequent offer for text media, the IMS-MGW shall provide the conversion between Real-Time Text over RTP and text/modem signals at the CS interface. On the contrary, if the mobile does not offer Real-Time Text, no Interworking function is necessary.

I.3.1
Functionalities required in the IM-MGW for GTT support

An IM-MGW supporting GTT interworking between IMS and CS network shall support:

-
Real-Time Text as specified in3GPP TS 26.235 [80],3GPP TS 26.236 [32] and3GPP TS 26.114 [104] for a Multimedia Telephony Service Indicator (MTSI) compliant IM-MGW; this includes:

-
requirement to support ITU-T Recommendation T.140 [123] Text Conversation MIME media type and RTP-text transport as specified by IETF RFC 4103 [124] and ITU-T Recommendation T.140 [123] Text Conversation presentation coding;

-
recommended support of redundancy coding variant specified in IETF RFC 4103 [124] for error resilience;

-
PSTN based text telephony using ITU‑T Recommendation V.18 [4] or any of its specific sub-modes.

NOTE:
One specific text telephone protocol of the ITU-T Recommendation V.18 standard, called "Baudot Code" (Baudot modulation at 45.45 baud), is particularly important for support of emergency calls in US.

2.14 TS26.114 v12.11.0: 2 references

NOTE 2:
3GPP TS 26.235 [3] and 3GPP TS 26.236 [4] do not include the specification of an MTSI client, although they include conversational multimedia applications. Only those parts of 3GPP TS 26.235 [3] and 3GPP TS 26.236 [4] that are specifically referenced by the present document apply to Multimedia Telephony Service for IMS.

2.15 TR26.935 v12.0.0: 1 reference

[12]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

2.16 TR25.993: 1 reference

[15]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs"
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3.1 TR26.914v12.0.0: 5 references

1
Scope

The present document:

*
identifies opportunities for optimization of service quality and efficiency of Multimedia telephony over IP in a qualitative sense;

*
provides the basis for developing a set of optional backward-compatible tools implementing such optimizations.

The optimized multimedia telephony targets many different system configurations and operating conditions, e.g. GERAN, UTRAN, inter-working between GERAN, UTRAN, GAN, and different PLMNs. Of the various use cases for multimedia telephony, the main focus of the present document is on voice calls, but the focus also includes other core media components, such as video. In particular, areas with optimization opportunities include handling of degraded channels, delay jitter, packet losses, efficiency, inter-working with other voice systems, etc.

The scope includes proposing solutions that maintain backward compatibility in order to ensure seamless inter-working with existing services available in the CS domain, such as CS voice telephony and 3G-324M, as well as with terminals of earlier 3GPP releases. Alignment with legacy media formats avoids transcoding and even allows realizing at least parts of the optimization gains. All optimizations are hence based on the default codecs specified in 3GPP TS 26.235 [3] and 3GPP TS 26.141 [6].

The optimizations identified in the present document address mainly. media transport and signalling. Most of the SIP signalling is out of scope and is handled by other 3GPP groups. Issues regarding registration to the network and/or to IMS at power-on or at other occurrences are not included either.

The optimization tools are not specified in the present document per se, but will be specified as amendments to existing (pre-Release 7) Technical Specifications (3GPP TS 26.235 [3] and 3GPP TS 26.236 [4]) and possibly new Technical Specifications. Furthermore, a characterization of the optimized multimedia telephony over IMS will be available in a separate Technical Report.

[4]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

6
Basic point-to-point call in Release 6

NOTE: 
This clause (6) only reviews technology already present in the Release-6 versions of 3GPP TS 26.235 [3] and 3GPP TS 26.236 [4].

6.3.2
Voice

For a point-to-point voice call, the default speech codec is AMR (3GPP TS 26.071 [12], 3GPP TS 26.090 [13], 3GPP TS 26.073 [14] and 3GPP TS 26.104 [15]), or in case of wideband speech, AMR-WB (3GPP TS 26.171 [16], 3GPP TS 26.190 [17], 3GPP TS 26.173 [18] and 3GPP TS 26.204 [19]). Both codecs use the payload formats specified in RFC 3267 [20]. There are a number of configurable details available in the payload format settings. The PSC specification for transport protocols (3GPP TS 26.236 [4]) states the following settings for AMR, AMR-WB encoded speech packetized according to RFC 3267 [20] for use in a Release 6 point-to-point packet switched multimedia voice call.

7.8
Rate Adaptation

The Packet-switched Streaming Service (PSS) (3GPP TS 26.234 [28]) specifies rate adaptation mechanisms that enable streaming servers to make appropriate use of downlink resources given feedback signalled from a UE. Similar signalling capabilities may also be considered for conversational multimedia calls. When a particular UE is in a bad geometry, it may not only have poor media quality for itself, but also have an adverse effect on the latency of other users in the cell as well. Release-6 specifications of 3GPP TS 26.236 [4] specify RTCP for video calls but not for VoIP. Furthermore, default settings of RTCP may not be adequate for timely feedback of rate adaptation messages. It is proposed to investigate and provide appropriate rate adaptation signalling capabilities for multimedia telephony over IMS.

3.2 TR26.943 v12.0.0: 3 references

Introduction

SA4 has been working on the selection of a codec to recommend for Speech Enabled Services since October 2002 under the WID for SES [9]. The usual process of agreeing "design constrains" [10], "test and processing plan" [7] and "recommendation criteria" [8] was followed and completed before evaluating the candidates. 

Two candidate codecs were proposed and evaluated:

1.
ETSI Standard for the DSR Extended Advanced Front-end (ES 202 212) 

2.
AMR and AMR-WB audio codec

The performance evaluations were conducted by two leading companies in the area of speech recognition, IBM and Scansoft. Results from these evaluations were presented at SA4#30 in February 2004 and are summarised here. The "recommendation criteria" have been applied and SA4 recommends the DSR codec for Speech Enabled Services. SES codecs are introduced in packet switched conversational services in Technical Specifications 26.235 & 26.236 [5,6].

[6]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport Protocols".

Project History – see above

3.3 TR26.902: 1 reference

[14] 
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

3.4 TS29.163: 13 references

1
Scope

The present document specifies the principles of interworking between the 3GPP IM CN subsystem and BICC/ISUP based legacy CS networks, in order to support IM basic voice, data and multimedia calls.

The present document addresses the areas of control and user plane interworking between the IM CN subsystem and CS networks through the network functions, which include the MGCF and IM-MGW. For the specification of control plane interworking, areas such as the interworking between SIP and BICC or ISUP are detailed in terms of the processes and protocol mappings required for the support of both IM originated and terminated voice and multimedia calls.

Other areas addressed encompass the transport protocol and signalling issues for negotiation and mapping of bearer capabilities and QoS information.

The present document specifies the interworking between 3GPP profile of SIP (as detailed according to3GPP TS 24.229 [9]) and BICC or ISUP, as specified in ITU-T Recommendations Q.1902.1 to Q.1902.6 [30] and ITU-T Q761 to Q764 [4] respectively.

The present document also specifies the interworking between circuit switched multimedia telephony service, as described in3GPP TS 26.110 [78]3GPP TS 26.111 [79], and ITU-T Recommendation H.324 [81] and packet switched multimedia services, as described in3GPP TS 26.235 [80] and3GPP TS 26.236 [32], in particular and the interworking between the 3GPP profile of SIP and the inband control protocols for multimedia communication as specified in ITU-T Recommendations H.245 [82] and H.324 Annex K [81].

The present document addresses two interworking scenarios with respect to the properties of the CS network:

-
The CS network does not use any 3GPP specific additions.

-
The CS network uses 3GPP specific additions.
[32]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
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 per3GPP 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 clause 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 O-MGCF determines that a speech call is incoming, the O-MGCF shall include the AMR codec transported according to IETF RFC 4867 [23] with the options listed in clause 5.1.1 of3GPP 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 of3GPP 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.

7.3.3.2.2.2
SDP Media Description

If the O-MGCF sends the INVITE request without waiting for the BICC bearer setup and any local resource reservation to complete, (which is not recommended according to clause 7.3.3.2.1) it shall indicate that SIP preconditions are not met when the initial INVITE request indicates support of the SIP preconditions.

The O-MGCF shall include the AMR codec transported according to IETF RFC 4867 [23] with the options listed in clause 5.1.1 of3GPP TS 26.236 [32] in the SDP offer. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in clause 7.4 of3GPP TS 26.236 [32].

7.4.10.2
Session hold initiated from the CS network side

If an MGCF receives a CPG message with "remote hold" and there is no dialog established towards the UE the MGCF shall send an UPDATE or re-INVITE request containing an SDP offer with "sendonly" or "inactive" media, as described in IETF RFC 3264 [36], when the first dialog is established. For an early dialog only UPDATE shall be used.

When an MGCF receives a CPG message with a "remote hold" Generic notification indicator and the media on the IMS side are "sendrecv" or "recvonly", the MGCF shall forward the hold request by sending an UPDATE request on the early dialog which was last established containing an SDP offer with "sendonly" if the stream was previously "sendrecv" or "inactive" if the stream was previously "recvonly" media, as described in IETF RFC 3264 [36].

If an additional early dialog is established during the "remote hold" condition the MGCF shall send an UPDATE request containing an SDP offer with "sendonly" or "inactive" media on the new early dialog, as described in IETF RFC 3264 [36].

If an UPDATE request with an SDP offer is received on one of the early dialogs for a call in the "remote hold" condition the MGCF shall send an appropriate SDP answer followed by a new UPDATE request including SDP with "sendonly" or "inactive" media on the dialog , as described in IETF RFC 3264 [36].

If an MGCF receives a 200 OK (INVITE) response on an early dialog for which the call is in a "remote hold" condition the MGCF shall send an UPDATE or re-INVITE request containing an SDP offer with "sendonly" or "inactive" media on the dialog where 200 OK (INVITE) was received, as described in IETF RFC 3264 [36]. If received SDP is indicating "sendonly" and the Contact header field of the remote party contained an "isfocus" header field parameter, defined in IETF RFC 3840 [135], the MGCF shall order the MGW to disconnect the media towards the IMS.

If the MGCF receives a CPG with Generic Notification Indicator "remote retrieval" and there is an early dialog on IMS side then a SIP UPDATE request (indicating call retrieval) shall be sent if the call hold service had been invoked on the early dialog before. For each subsequent early dialog for which the MGCF receives an 18x response or an UPDATE request with an SDP offer, the MGCF shall send SIP UPDATE indicating call retrieval after a possible SDP answer to the SDP offer, if that dialog had received a call hold indication before.

If the MGCF receives a CPG with Generic Notification Indicator "remote retrieval" and there is a confirmed dialog on IMS side then a SIP re-INVITE or UPDATE request (according to implementation option) shall be sent for this dialog only if the call hold service had been invoked for this dialog before. If the media path towards the IMS was disconnected due to an "isfocus" header field parameter, defined in IETF RFC 3840 [135], in the remote party Contact header field, media shall be resumed.

When an MGCF receives a CPG message with a "remote retrieval" Generic notification indicator and the media on the IMS side are "sendonly" or "inactive", the MGCF shall forward the resume request by sending an UPDATE or re-INVITE message containing an SDP offer with "sendrecv" if the stream was previously "sendonly" or "recvonly" if the stream was previously "inactive" media, as described in IETF RFC 3264 [36]. If the media path towards the IMS was disconnected due to an "isfocus" header field parameter, defined in IETF RFC 3840 [135], in the remote party Contact header field, media shall be resumed.

If the MGCF receives a CPG with "remote hold" or "remote retrieval" before answer, it shall forward the request using an UPDATE message. If the MGCF receives a CPG with "remote hold" or "remote retrieval" after answer, it should forward the request using re-INVITE but may use UPDATE.

If link aliveness information is required at the IM-MGW while the media are on hold, the MGCF should provide modified SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] within the UPDATE or re-INVITE messages holding and retrieving the media to temporarily enable RTCP while the media are on hold, as detailed in clause 7.4 of3GPP TS 26.236 [32]. If no link aliveness information is required at the IM-MGW, the MGCF should provide the SDP RR and RS bandwidth modifiers previously used.

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 IETF RFC 4867 [23]. The MGCF shall support the options of IETF RFC 4867 [23] listed within clause 5.1.1 of3GPP 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.

9.2.10
Session hold initiated from CS network

When an MGCF receives a CPG message with a "remote hold" Generic notification indicator (signal 1 of figure 51), the MGCF forwards the hold request by sending an UPDATE or re-INVITE message containing SDP with "sendonly" or "inactive" media (signal 4 of figure 51).

When an MGCF receives a CPG message with a "remote retrieval" Generic notification indicator (signal 6 of figure 51), the MGCF forwards the resume request by sending an UPDATE or re-INVITE message containing SDP with "sendrecv" or "recvonly" media (signal 9 of figure 51).

If the MGCF receives a CPG with "remote hold" or "remote retrieval" before answer, it shall forward the request using an UPDATE message. If the MGCF receives a CPG with "remote hold" or "remote retrieval" after answer, it should forward the request using re-INVITE but may use UPDATE.

If link aliveness information is required at the IM-MGW while the media are on hold, the MGCF should provide to the modified SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] within the SDP offers in the UPDATE or re-INVITE messages holding and retrieving the media to temporarily enable RTCP while the media are on hold, as detailed in clause 7.4 of3GPP TS 26.236 [32]. If no link aliveness information is required at the IM-MGW, the MGCF should provide the SDP RR and RS bandwidth modifiers previously used.

The interworking does not impact the user plane, unless the MGCF:

B.2.5
Codec parameter translation between BICC CS network and the IM CN subsystem

The IM CN subsystem uses the Session Description Protocol (SDP, defined in IETF RFC 4566 [56]) to select and potentially re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. IETF RFC 3550 [51] defines the Real Time Protocol (RTP) for framing of all codecs in the user plane, IETF RFC 3551 [52] and IETF RFC 3555 [53] define the framing details for many of the ITU-T codecs, and IETF RFC 4867 [23] defines framing details for the AMR family of codecs. This clause will focus only on codec-specific SDP parameters not already constrained by clause 5.1.1 of3GPP TS 26.236 [32]. The signalling plane of the IM CN subsystem uses SDP offer/answer procedures defined in IETF RFC 3264 [36] to select the desired codec type and configuration for the user plane from a prioritized list of codec types and configurations and to re-negotiate the user plane attributes as necessary.

E.1
Basic Multimedia calls interworking between the IMS and CS Networks scenarios

The Interworking between Circuit switched multimedia telephony service, as described in3GPP TS 26.110 [78] and3GPP TS 26.111 [79], and packet switched multimedia services, as described in3GPP TS 26.235 [80] and3GPP TS 26.236 [32] is addressed.

I.1
Overview of GTT interworking between the IMS and Circuit Switched (CS) networks

The support of Global Text Telephony (GTT) is optional, but may be required by national regulatory requirements. If GTT is supported, the procedures described within this Annex shall be applied.

Global Text Telephony (GTT) offers real time conversation in text, optionally combined with voice. GTT is mainly used for distant conversation with hearing or speech impaired users.

GTT is supported in IMS via the Real-Time Text protocol over RTP, using IETF SIP/SDP for the negotiation of the text media and IETF RFC 4103 [124] RTP-text for transport, with text coded according to ITU‑T Recommendation T.140 [123]. See3GPP TS 23.226 [122],3GPP TS 26.114 [104],3GPP TS 26.235 [80] and3GPP TS 26.236 [32].

I.3.1
Functionalities required in the IM-MGW for GTT support

An IM-MGW supporting GTT interworking between IMS and CS network shall support:

-
Real-Time Text as specified in3GPP TS 26.235 [80],3GPP TS 26.236 [32] and3GPP TS 26.114 [104] for a Multimedia Telephony Service Indicator (MTSI) compliant IM-MGW; this includes:

-
requirement to support ITU-T Recommendation T.140 [123] Text Conversation MIME media type and RTP-text transport as specified by IETF RFC 4103 [124] and ITU-T Recommendation T.140 [123] Text Conversation presentation coding;

3.5 TS29.332: 2 references

[20]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

10.2
Codec Parameters

10.2.1
AMR and AMR-WB Codecs

On IMS terminations, the AMR and AMR-WB codecs are transported according to the IETF AMR RTP profile, IETF RFC 4867 [16], 3GPP TS 26.236 [20] selects options applicable within 3GPP.

IETF RFC 4867 [16] contains the MIME registration of the IETF AMR RTP profile with media type "audio" and media subtype of "AMR" and "AMR-WB". The AMR and AMR-WB codecs shall be signaled accordingly in the SDP "a=rtpmap"-line and a dynamic RTP payload type shall be used.

3.6 TS29.232: 2 references

[63]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

10.2
SDP Media Parameters for RTP Terminations

10.2.1
Speech Codecs

The speech codecs and their configuration permitted for use over SIP-I and AoIP are defined in 3GPP TS 26.102 [26], Clauses 9 and 10. The SDP parameters for those codecs are defined in 3GPP TS 26.103 [16], Clause 7. 

The speech codecs permitted for use for Enhanced MSC are defined in 3GPP TS 26.236 [63].

Codec types may have static or dynamic RTP payload types as defined by the above references.

3.7 TS26.236: 2 references

Not necessary
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[7]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

6.1.1
UE-Initiated IP-CAN bearers

This clause covers the case where the UE is capable to initiate/modify the IP-CAN bearers sending requests to the PCEF/BBERF. When a UE desires to establish/modify an IP-CAN bearer the following steps are followed:

1.
The AF can map from SDI within the AF session signalling to service information passed to the PCRF over the Rx interface. (see clause 6.2 if SDP is used as SDI).

2.
The PCRF shall map from the service information received over the Rx interface to the Authorized IP QoS parameters that shall be passed to the PCEF/BBERF via the Gx/Gxx interface. The mapping is performed for each IP flow. Upon a request from the PCEF/BBERF, the PCRF combines per direction the individual Authorized IP QoS parameters per flow (see clause 6.3).

3.
The UE derives access specific QoS parameters, e.g. UMTS QoS parameters, and, if an IP BS manager is present, IP QoS parameters from the AF session signalling in an application specific manner. The IP and access specific QoS parameters should be generated according to application demands.

For GPRS, the recommendations for conversational (TS 26.236 [7]) or streaming applications (TS 26.234 [6]) should also be taken into account when the UE derives the IP and UMTS QoS parameters. If SDP is used as SDI, e.g. for IMS, the UE should apply clause 6.5.1.and should also apply mapping rules for the authorised QoS parameters in clause 6.5.2 to derive the maximum values for the different requested bit rates and traffic classes. In case the UE multiplexes several IP flows onto the same PDP Context, it has to combine their IP and UMTS QoS parameters. If an IP BS manager is present, the Translation/Mapping function maps the IP QoS parameters to the corresponding UMTS QoS parameters.

4.
The PCEF/BBERF shall map from the Authorized IP QoS parameters received from PCRF to the Authorized access specific QoS parameters.

NOTE 5:
TS 26.234 [6], TS 26.236 [7], TS 26.114 [29], 3GPP2 C.S0046 [18], and 3GPP2 C.S0055 [19] contain examples of QoS parameters for codecs of interest. The support of any codec specific algorithm in the PCRF is optional.

6.4.2.2
Comparing UMTS QoS Parameters against the Authorized UMTS QoS parameters in P-GW for UE initiated PDP context

Upon receiving a PDP context activation, the P-GW requests PCC rules from the PCRF (see TS 29.212 [9] for details). The PCRF may supply Authorized IP QoS Parameters applicable for the provided PCC rules. The P-GW calculates the Authorized IP QoS parameters per bearer and maps the Authorized IP QoS parameters per bearer to Authorized UMTS QoS parameters according to clause 6.4.2.1 and then compares the requested UMTS QoS parameters against the corresponding Authorized UMTS QoS parameters. The following criteria shall be fulfilled:

-
If the requested Guaranteed Bitrate DL/UL (if the requested Traffic Class is Conversational or Streaming) is equal to the Authorized Guaranteed data rate DL/UL; and

-
the requested Maximum Bitrate DL/UL (if the requested Traffic Class is Interactive or Background) is equal to Maximum Authorized data rate DL/UL; and

-
the requested Traffic Class is equal to Maximum Authorized Traffic Class; and

-
if received, the requested Evolved Allocation/Retention Priority is equal to Allocation-Retention-Priority.

Then, the P-GW shall accept the PDP context activation with the UE requested parameters. Otherwise, the P-GW shall accept the request and adjust (downgrade or upgrade) the requested UMTS QoS parameters to the values that were authorized.

6.5
QoS parameter mapping Functions at UE for a UE-initiated GPRS PDP Context

Figure 6.5.1 indicates the entities participating in the generation of the requested QoS parameters when the UE activates or modifies a PDP Context. The steps are:

1.
The Application provides the UMTS BS Manager, possibly via the IP BS Manager and the Translation/Mapping function, with relevant information to perform step 2 or step 4. (Not subject to standardization within 3GPP).

2.
If needed, information from step 1 is used to access a proper set of UMTS QoS Parameters. See TS 26.236 [7] for Conversational Codec Applications and TS 26.234 [6] for Streaming Codec Applications.

3.9 TR26.935: 2 references

L.5.6 
Core Network

The network introduces time delay for the transmission. Payload  exchanged at the interfaces are:


A31, B31: IP packets received in sequence


A32, B32: IP packets delivered out of sequence

The IP packets are uniquely identified with a RLC PDU,  when each AMR/AMR-WB speech frame is conveyed by a single RLC PDU. This assumption will simplify the implementation.

L.5.7
VoIP Client

The current section discusses the actions of PDCP/AMR or PDCP/AMR-WB. The PDCP entity is assumed to map to two RLC –UM entities, each used for one of the two directions of the conversation, as shown in Figure L.5.3. The payload  exchanged at the interfaces are:


A11, B11: speech frames received in order


A21, B21: PDCP packets  (RLC SDU) delivered in order


A22, B22: PDCP packets  (RLC SDU) received in order


A12, B12: speech frames delivered in order within the given time limit


For the conversational tests, AMR will encode the speech at  the designated rate in accordance with 26.101, to make the RTP/UDP/IP/PDCH payload. Following TS 26.236, the RTP payload format should follow the bandwidth efficient mode defined in RFC-3267, and one speech frame shall be encapsulated in each RTP packet. Header compression according to RFC 3095 and TS 25.323 will be simulated as part of  the PDCP  protocol.  For the VoIP test we are only interested in the normal operation of the PDCP, not the session set-up signalling .

Lossless RLC PDU size change.  This is equal to assume that the RAB remains the same during the call.  The assumption reduces the simulation complexity for the RN simulator.
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