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Start change 1

1
Scope

The present document specifies a client for the Multimedia Telephony Service for IMS (MTSI) supporting conversational speech (including DTMF), video and text transported over RTP with the scope to deliver a user experience equivalent to or better than that of Circuit Switched (CS) conversational services using the same amount of network resources. It defines media handling (e.g. signalling, transport, jitter buffer management, packet-loss handling, adaptation), as well as interactivity (e.g. adding or dropping media during a call). The focus is to ensure a reliable and interoperable service with a predictable media quality, while allowing for flexibility in the service offerings.

The scope includes maintaining backward compatibility in order to ensure seamless inter-working with existing services available in the CS domain, such as CS speech and video telephony, as well as with terminals of earlier 3GPP releases. In addition, inter-working with traditional PSTN and emerging TISPAN network is covered.

The client may also support the IMS Messaging service. The scope therefore also includes media handling for non-conversational media using MSRP.

The specification is written in a forward-compatible way in order to allow additions of media components and functionality in releases after Release 7.

NOTE 1:
MTSI clients can support more than conversational speech, video and text, which is the scope of the present document. See 3GPP TS 22.173 [2] for the definition of the Multimedia Telephony Service for IMS.

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.

NOTE 3:
The present document was started as a conclusion from the study in 3GPP TR 26.914 [5] on optimization opportunities in Multimedia Telephony for IMS (3GPP TR 22.973 [6]).
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4.2
Client

The functional components of a terminal including an MTSI client are shown in figure 4.2.
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NOTE:
The grey box marks the scope of the present document.

Figure 4.2: Functional components of a terminal including an MTSI client

The scope of the present document is to specify media handling and interaction, which includes media control, media codecs, as well as transport of media and control data. General control-related elements of an MTSI client, such as SIP signalling (3GPP TS 24.229 [7]), fall outside this scope, albeit parts of the session setup handling and session control for conversational media are defined here:

-
usage of SDP (RFC 4566 [8]) and SDP capability negotiation (SDPCapNeg [69]) in SIP invitations for capability negotiation and media stream setup.

-
set-up and control of the individual media streams between clients. It also includes interactivity, such as adding and dropping of media components.

Transport of media consists of the encapsulation of the coded media in a transport protocol as well as handling of coded media received from the network. This is shown in figure 4.2 as the "packet based network interface" and is displayed, for conversational media, in more detail in the user-plane protocol stack in figure 4.3. The basic MTSI client defined here specifies media codecs for speech, video and text (see clause 5). All conversational media components are transported over RTP with each respective payload format mapped onto the RTP (RFC 3550 [9]) streams.
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Figure 4.3: User plane protocol stack for a basic MTSI client

An MTSI client may also support non-conversational media, for example IMS messaging. The functional entities and the protocols used for IMS messaging are described in 3GPP TS 24.247 [x1].

End change 2
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13a.1
General

The IMS messaging service is described in TS 26.141 [59]. The description of IMS messaging in clauses 1-6 of 3GPP TS 26.141 [59] is applicable for MSRP-transported media in MTSI. The MSRP transport itself is described in 3GPP TS 24.247 [x1].

All statements in TS 26.141 regarding IMS messaging are valid for MSRP transported media in MTSI including the status of the statement (shall, should, may).

Any differences between IMS messaging in 3GPP TS 26.141 [59] and MSRP transported media in MTSI are described in clause 13a.2.
End change 3
Start change 4

A.6
SDP example with bandwidth information

This clause gives an example where the bandwidth modifiers have been included in the SDP offer.

Table A.6.1: SDP example with bandwidth information

	SDP offer

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of AS, TIAS and maxprate in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0

b=AS:78

a=tcap:1 RTP/AVPF

m=audio 49152 RTP/AVP 97 98

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=160

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=160; octet-align=1

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVP 99

a=pcfg:1 t=1

b=AS:48

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F


The b=AS value indicates the media bandwidth, excluding RTCP, see RFC 3550, section 6.2. On session level, the b=AS value indicates the sum of the media bandwidths, excluding RTCP.

In this example, the bandwidth for RTCP is allocated such that it allows for sending at least 2 compound RTCP packets per second. The size of a RTCP Sender Report is estimated to 110 bytes, given IPv4 and point-to-point sessions. The corresponding bandwidth then becomes 1760 bps which means that compound RTCP packets can be sent a little more frequently than twice per second.

For speech sessions, the RTCP bandwidth is set to 2000 bps to give room for adaptation requests with APP packets according to clause 10.2 in at least some of the RTCP messages. This adds 16 bytes to the RTCP packet.

For video, the RTCP bandwidth is set to 2500 bps to give room for slightly more frequent reporting and also to give room for codec-control messages (CCM) [43].

Setting the RS value to 0 does not mean that senders are not allowed to send RTCP packets. It instead means that sending clients are treated in the same way as receive-only clients, see also RFC 3556 [42].

The tcap attribute is in this example given on the session level to avoid repeating it for each media type.
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