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[bookmark: _Toc10627032]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, and flexible data channel handling, 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 present document describes two client types:
-	An MTSI client in terminal which uses a 3GPP access (NR, LTE, HSPA, or EGPRS) to connect to the IMS. These clients are described in Clauses 5 – 17 and Annexes A – M.
-	An MTSI client in terminal which uses a fixed access (corded interface, fixed-wireless interface, e.g. Wi-Fi, Bluetooth or DECT/NG DECT) to connect to the IMS. These clients are described in Clause 18.
MTSI clients using 3GPP access and MTSI clients using fixed access have many common procedures for the media handling. This specification aligns the media handling by using cross references whenever possible. This does not mean that 3GPP terminals must support fixed access, nor does it mean that fixed terminals must support 3GPP access.
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 other IMS and non-IMS IP networks as well as traditional PSTN is covered.
The client may also support the IMS Messaging service and Group 3 facsimile transmission. The scope therefore also includes media handling for non-conversational media using MSRP and UDPTL-based Facsimile over IP (FoIP).
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]).
NOTE 4:	For ECN, the present specification assumes that an interface enables the MTSI client to read and write the ECN field. This interface is outside the scope of this specification.
[bookmark: _Toc10627033]2	References
The following documents contain provisions which, through reference in this text, constitute provisions of the present document.
[bookmark: OLE_LINK2]-	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.
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[bookmark: REF_3GPPTS26235][3]	3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".
[bookmark: REF_3GPPTS26236][4]	3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
[bookmark: REF_3GPPTR26935][5]	3GPP TR 26.914: "Multimedia telephony over IP Multimedia Subsystem (IMS); Optimization opportunities".
[bookmark: REF_3GPPTS26141][6]	3GPP TR 22.973: "IMS Multimedia Telephony service; and supplementary services".
[bookmark: REF_3GPPTS43318][7]	3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[bookmark: REF_3GPPTR45912][8]	IETF RFC 4566 (2006): "SDP: Session Description Protocol", M. Handley, V. Jacobson and C. Perkins.
[bookmark: REF_RFC3550][9]	IETF RFC 3550 (2003): "RTP: A Transport Protocol for Real-Time Applications", H. Schulzrinne, S. Casner, R. Frederick and V. Jacobson.
[bookmark: REF_RFC3551][10]	IETF RFC 3551 (2003): "RTP Profile for Audio and Video Conferences with Minimal Control", H. Schulzrinne and S. Casner.
[bookmark: REF_3GPPTS26071][11]	3GPP TS 26.071: "Mandatory Speech Codec speech processing functions; AMR Speech CODEC; General description".
[bookmark: REF_3GPPTS26090][12]	3GPP TS 26.090: "Mandatory Speech Codec speech processing functions; Adaptive Multi-Rate (AMR) speech codec; Transcoding functions".
[bookmark: REF_3GPPTS26073][13]	3GPP TS 26.073: "ANSI C code for the Adaptive Multi Rate (AMR) speech codec".
[bookmark: REF_3GPPTS26104][14]	3GPP TS 26.104: "ANSI‑C code for the floating-point Adaptive Multi Rate (AMR) speech codec".
[15]	3GPP TS 26.093: "Mandatory speech codec speech processing functions; Adaptive Multi-Rate (AMR) speech codec; Source controlled rate operation".
[16]	3GPP TS 26.103: "Speech codec list for GSM and UMTS".
[bookmark: REF_3GPPTS26171][17]	3GPP TS 26.171: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; General description".
[bookmark: REF_3GPPTS26190][18]	3GPP TS 26.190: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Transcoding functions".
[bookmark: REF_3GPPTS26173][19]	3GPP TS 26.173: "ANCI-C code for the Adaptive Multi Rate - Wideband (AMR-WB) speech codec".
[bookmark: REF_3GPPTS26204][20]	3GPP TS 26.204: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; ANSI-C code".
[21]	3GPP TS 26.193: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Source controlled rate operation".
[bookmark: REF_ITU_TH263][22]	ITU-T Recommendation H.263 (01/2005): "Video coding for low bit rate communication".
[bookmark: REF_ISOIEC_14496_2][23]	ISO/IEC 14496-2:2004: "Information technology - Coding of audio-visual objects - Part 2: Visual".
[bookmark: REF_ITU_TH264][24]	ITU-T Recommendation H.264 (04/2013): "Advanced video coding for generic audiovisual services".
[bookmark: REF_RFC3984][25]	IETF RFC 6184 (2011): "RTP Payload Format for H.264 Video", Y.-K. Wang, R. Even, T. Kristensen, R. Jesup.
[bookmark: REF_3GPPTS26103][bookmark: OLE_LINK6][bookmark: OLE_LINK5][26]	ITU-T Recommendation T.140 (02/1998): "Protocol for multimedia application text conversation".
[bookmark: REF_RFC3095][27]	ITU-T Recommendation T.140 (02/2000): "Protocol for multimedia application text conversation - Addendum 1".
[bookmark: REF_3GPPTS26234][28]	IETF RFC 4867 (2007): "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs", J. Sjoberg, M. Westerlund, A. Lakaniemi and Q. Xie.
[29]	IETF RFC 4629 (2007): "RTP Payload Format for ITU-T Rec. H.263 Video", J. Ott, C. Bormann, G. Sullivan, S. Wenger and R. Even.
[30]	Void.
[31]	IETF RFC 4103 (2005): "RTP Payload for Text Conversation", G. Hellstrom and P. Jones.
[32]	IETF RFC 3555 (2003): "MIME Type Registration of RTP Payload Formats", S. Casner and P. Hoschka.
[33]	3GPP TR 25.993: "Typical examples of Radio Access Bearers (RABs) and Radio Bearers (RBs) supported by Universal Terrestrial Radio Access (UTRA)".
[34]	3GPP TS 22.105: "Services and service capabilities".
[35]	3GPP TS 26.131: "Terminal acoustic characteristics for telephony; Requirements".
[36]	3GPP TS 26.132: "Speech and video telephony terminal acoustic test specification".
[37]	3GPP TS 28.062: "Inband Tandem Free Operation (TFO) of speech codecs; Service description; Stage 3".
[38]	3GPP TS 23.153: "Out of band transcoder control; Stage 2".
[39]	IETF RFC 0768 (1980): "User Datagram Protocol", J. Postel.
[40]	IETF RFC 4585 (2006): "Extended RTP Profile for Real-time Transport Control Protocol (RTCP) - Based Feedback (RTP/AVPF)", J. Ott, S. Wenger, N. Sato, C. Burmeister and J. Rey.
[41]	RTP Tools: http://www.cs.columbia.edu/IRT/software/rtptools/.
[42]	IETF RFC 3556 (2003): "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth", S. Casner.
[43]	IETF RFC 5104 (2008): "Codec Control Messages in the RTP Audio-Visual Profile with Feedback (AVPF)", S. Wenger, U. Chandra, M. Westerlund and B. Burman.
[44]	Void.
[45]	3GPP TS 26.111: "Codec for circuit switched multimedia telephony service; Modifications to H.324".
[46]	3GPP TS 23.172: "Technical realization of Circuit Switched (CS) multimedia service; UDI/RDI fallback and service modification; Stage 2".
[47]	3GPP TS 23.002: "Network Architecture".
[48]	IETF RFC 3388 (2002): "Grouping of Media Lines in the Session Description Protocol (SDP)", G. Camarillo, G. Eriksson, J. Holler and H. Schulzrinne.
[49]	IETF RFC 4102 (2005): "Registration of the text/red MIME Sub-Type", P. Jones.
[50]	ITU-T H.248 (06/2000): "Packages for text conversation, fax and call discrimination".
[51]	ETSI EG 202 320, v1.2.1 (2005-10): "Human Factors (HF); Duplex Universal Speech and Text (DUST) communications".
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[64]	3GPP TS 23.107: "Quality of Service (QoS) concept and architecture".
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[72]	IETF RFC 2326 (1998): "Real Time Streaming Protocol (RTSP)".
[73]	IETF RFC 2616 (June 1999): "Hypertext Transfer Protocol -- HTTP/1.1".
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[bookmark: _Toc10627034]3	Definitions and abbreviations
[bookmark: _Toc10627035]3.1	Definitions
For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply:
NOTE:	A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].
example: text used to clarify abstract rules by applying them literally.
AMR, AMR-NB: Both names refer to the AMR codec (3GPP TS 26.071 [11]) and are used interchangeably in this specification.
Codec mode: Used for the AMR and AMR-WB codecs to identify one specific bitrate. For example AMR includes 8 codec modes (excluding SID), each of different bitrate.
Constrained terminal: UE that is (i) operating in radio access capability category series “M ” [162] capable of supporting conversational services, and/or (ii) a wearable device which is constrained in size, weight or power consumption (e.g. connected watches), excluding smartphones and feature phones.
DCMTSI client: A data channel capable MTSI client supporting data channel media as defined in clause 6.2.10.
DCMTSI client in terminal: A DCMTSI client that is implemented in a terminal or UE. The term "DCMTSI client in terminal" is used in this document when entities such as MRFP, MRFC or media gateways are excluded.
Dual-mono: A variant of 2-channel stereo encoding where two instances of a mono codec are used to encode a 2-channel stereo signal.
Evolved UTRAN: Evolved UTRAN is an evolution of the 3G UMTS radio-access network towards a high-data-rate, low-latency and packet-optimized radio-access network.
EVS codec: The EVS codec includes two operational modes: EVS Primary operational mode (‘EVS Primary mode’) and EVS AMR-WB Inter-Operable (‘EVS AMR-WB IO mode’). When using EVS AMR-WB IO mode the speech frames are bitstream interoperable with the AMR-WB codec [18]. Frames generated by an EVS AMR-WB IO mode encoder can be decoded by an AMR-WB decoder, without the need for transcoding. Likewise, frames generated by an AMR-WB encoder can be decoded by an EVS AMR-WB IO mode decoder, without the need for transcoding.
EVS Primary mode: Includes 11 bit-rates for fixed-rate or multi-rate operation; 1 average bit-rate for variable bit-rate operation; and 1 bit-rate for SID (3GPP TS 26.441 [121]). The EVS Primary can encode narrowband, wideband, super-wideband and fullband signals. None of these bit-rates are interoperable with the AMR-WB codec.
EVS AMR-WB IO mode: Includes 9 codec modes and SID. All are bitstream interoperable with the AMR-WB codec (3GPP TS 26.171 ‎‎[17]).
Frame Loss Rate (FLR): The percentage of speech frames not delivered to the decoder. FLR includes speech frames that are not received in time to be used for decoding.
Mode-set: Used for the AMR and AMR-WB codecs to identify the codec modes that can be used in a session. A mode-set can include one or more codec modes.
MSMTSI client: A multi-stream capable MTSI client supporting multiple streams as defined in Annex S. An MTSI client may support multiple streams, even of the same media type, without being an MSMTSI client. Such an MTSI client may, for example, add a second video to an ongoing video telephony session as shown in Annex A.11. In that case, the MTSI client is an MSMTSI client only if it is fully compliant with Annex S.
MSMTSI MRF: An MSMTSI client implemented by functionality included in the MRFC and the MRFP.
MSMTSI client in terminal: An MSMTSI client that is implemented in a terminal or UE. The term "MSMTSI client in terminal" is used in this document when entities such as MRFP, MRFC or media gateways are excluded.
MTSI client: A function in a terminal or in a network entity (e.g. a MRFP) that supports MTSI.
MTSI client in terminal: An MTSI client that is implemented in a terminal or UE. The term "MTSI client in terminal" is used in this document when entities such as MRFP, MRFC or media gateways are excluded.
MTSI media gateway (or MTSI MGW): A media gateway that provides interworking between an MTSI client and a non MTSI client, e.g. a CS UE. The term MTSI media gateway is used in a broad sense, as it is outside the scope of the current specification to make the distinction whether certain functionality should be implemented in the MGW or in the MGCF.
Operational mode: Used for the EVS codec to distinguish between EVS Primary mode and EVS AMR-WB IO mode.
Simulcast: Simultaneously sending different encoded representations (simulcast formats) of a single media source (e.g. originating from a single microphone or camera) in different simulcast streams.
Simulcast format: The encoded format used by a single simulcast stream, typically represented by an SDP format and all SDP attributes that apply to that particular SDP format, indicated in RTP by the RTP header payload type field.
Simulcast stream: The RTP stream carrying a single simulcast format in a simulcast.
[bookmark: _Toc10627036]3.2	Abbreviations
For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:
NOTE:	An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].
AC	Alternating Current
AL-SDU	Application Layer - Service Data Unit
AMR	Adaptive Multi-Rate
AMR-NB	Adaptive Multi-Rate - NarrowBand
AMR-WB	Adaptive Multi-Rate - WideBand
AMR-WB IO	Adaptive Multi-Rate - WideBand Inter-operable Mode, included in the EVS codec
ANBR	Access Network Bitrate Recommendation
ANBRQ	Access Network Bitrate Recommendation Query
APP	APPlication-defined RTCP packet
ARQ	Automatic repeat ReQuest
AS	Application Server
ATCF	Access Transfer Control Function
ATGW	Access Transfer GateWay
AVC	Advanced Video Coding
BFCP	Binary Floor Control Protocol
CCM	Codec Control Messages
CDF	Cumulative Distribution Function
cDRX	Connected Mode DRX
CMR	Codec Mode Request
cps	characters per second
CS	Circuit Switched
CSCF	Call Session Control Function
CTM	Cellular Text telephone Modem
CVO	Coordination of Video Orientation
DBI	Delay Budget Information
DRX	Discontinuous Reception
DTLS	Datagram Transport Layer Security
DTMF	Dual Tone Multi-Frequency
DTX	Discontinuous Transmission
ECN	Explicit Congestion Notification
ECN-CE	ECN Congestion Experienced
ECT	ECN Capable Transport
eNodeB	E-UTRAN Node B
E-UTRAN	Evolved UTRAN
EVS	Enhanced Voice Services
FECC	Far End Camera Control
FIR	Full Intra Request
FLR	Frame Loss Rate
FoIP	Facsimile over IP
GIP	Generic IP access
GOB	Group Of Blocks
H-ARQ	Hybrid - ARQ
HEVC	High Efficiency Video Coding
HSPA	High Speed Packet Access
ICM	Initial Codec Mode
IDR	Instantaneous Decoding Refresh
IFP	Internet Facsimile Protocol
IFT	Internet Facsimile Transfer
IMS	IP Multimedia Subsystem
IP	Internet Protocol
IPv4	Internet Protocol version 4
IRAP	Intra Random Access Point
ITU-T	International Telecommunications Union - Telecommunications
JBM	Jitter Buffer Management
MGCF	Media Gateway Control Function
MGW	Media GateWay
MIME	Multipurpose Internet Mail Extensions
MO	Management Object
MPEG	Moving Picture Experts Group
MRFC	Media Resource Function Controller
MRFP	Media Resource Function Processor
MSMTSI	Multi-Stream Multimedia Telephony Service for IMS
MSRP	Message Session Relay Protocol
MTSI	Multimedia Telephony Service for IMS
MTU	Maximum Transfer Unit
NACK	Negative ACKnowledgment
NNI	Network-to-Network Interface
NTP	Network Time Protocol
PCM	Pulse Code Modulation
PDP	Packet Data Protocol
PLI	Picture Loss Indication
PLR	Packet Loss Ratio
POI	Point Of Interconnect
PSTN	Public Switched Telephone Network
PTZF	Pan, Tilt, Zoom and Focus
QCI	QoS Class Identifier
QMC	QoE Measurement Collection
QoE	Quality of Experience
QoS	Quality of Service
QP	Quantization Parameter
RoHC	Robust HeaderCompression
ROI	Region of Interest
RR	Receiver Report
RTCP	RTP Control Protocol
RTP	Real-time Transport Protocol
SB-ADPCM	Sub-Band Adaptive Differential PCM
SC-VBR	Source Controlled VBR
SCTP	Stream Control Transmission Protocol
SDP	Session Description Protocol
SDPCapNeg	SDP Capability Negotiation
SID	SIlence Descriptor
SIP	Session Initiation Protocol
SR	Sender Report
SRVCC	Single Radio Voice Call Continuity
TFO	Tandem-Free Operation
TISPAN	Telecoms and Internet converged Services and Protocols for Advanced Network
TMMBN	Temporary Maximum Media Bit-rate Notification
TMMBR	Temporary Maximum Media Bit-rate Request
TrFO	Transcoder-Free Operation
UDP	User Datagram Protocol
UDPTL	Facsimile UDP Transport Layer (protocol)
UE	User Equipment
VoIP	Voice over IP
VOP	Video Object Plane
WebRTC	Web Real-Time Communication

[bookmark: _Toc10627037]4	System description
[bookmark: _Toc10627038]4.1	System
A Multimedia Telephony Service for IMS call uses the Call Session Control Function (CSCF) mechanisms to route control‑plane signalling between the UEs involved in the call (see figure 4.1). In the control plane, Application Servers (AS) should be present and may provide supplementary services such as call hold/resume, call forwarding and multi‑party calls, etc.
The scope of the present document is to specify the media path.  In the example in figure 4.1, it is routed directly between the PS Domains outside the IMS.


Figure 4.1: High-level architecture figure showing two MTSI clients in terminals using 3GPP access involved in an MTSI call set-up. The terminals connect to the IMS network over a 3GPP radio access network.
The call setup for an MTSI client in terminal using fixed access is the same as shown in Figure 4.1 for 3GPP terminals except that a fixed access is used instead of the 3GPP access and that the PS Domain is not necessarily used.
[bookmark: _Toc10627039]4.2	Client
The functional components of a terminal including an MTSI client in terminal using 3GPP access are shown in figure 4.2. An MTSI client in terminal using fixed access can have the same functional components except that it does not have any 3GPP Layer 2 protocol.




[bookmark: fig_terminal_overview]NOTE:	The grey box marks the scope of the present document.

Figure 4.2: Functional components of a terminal including an MTSI client in terminal using 3GPP access
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). Data channels do not require use of any codec but allows for real-time interaction in parallel to the conversational media (see clause 6.2.10). The User interface in Figure 4.2 interacts with a web page and a related script received through a downlink data channel to handle the data channel I/O and data formatting. All conversational media components are transported over RTP with each respective payload format mapped onto the RTP (RFC 3550 [9]) streams. The data channels are using SCTP (RFC 4960 [xx2]) over DTLS (IETF RFC 8261 [xx3]), used as specified for WebRTC data channels ([xx4]).




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 [82].
[bookmark: _Toc10627040]4.3	MRFP and MGW
A Media Resource Function Processor (MRFP), see 3GPP TS.23.002 [47], may be inserted in the media path for certain supplementary services (e.g. conference) and/or to provide transcoding and may therefore act as a MTSI client together with other network functions, such as a MRFC.
A Media Gateway (MGW), see 3GPP TS 23.002 [47], may be used to provide inter-working between different networks and services. For example, a MTSI MGW may provide inter-working between MTSI and 3G-324M services. The MTSI MGW may have more limited functionality than other MTSI clients, e.g. when it comes to the supported bitrates of media. The inter-working aspects are described in more detail in clause 12.
[bookmark: _Toc10627041]5	Media codecs
[bookmark: _Toc10627042]5.1	Media components
The Multimedia Telephony Service for IMS supports simultaneous transfer of multiple media components with real-time characteristics. Media components denote the actual components that the end-user experiences.
The following media components are considered as core components. Multiple media components (including media components of the same media type) may be present in a session. At least one of the first three of these components is present in all conversational multimedia telephony sessions.
-	Speech: The sound that is picked up by a microphone and transferred from terminal A to terminal B and played out in an earphone/loudspeaker. Speech includes detection, transport and generation of DTMF events.
-	Video: The moving image that is, for example, captured by a camera of terminal A, transmitted to terminal B and, for example, rendered on the display of terminal B.
-	Text: The characters typed on a keyboard or drawn on a screen on terminal A and rendered in real time on the display of terminal B. The flow is time-sampled so that no specific action is needed from the user to request transmission.
-	Data: Any other data for real-time interaction, closely related to the multimedia telephony session that may be generated or consumed by either one of terminal A or terminal B, possibly via terminal external connections and/or physical connectors, optionally processed by application-specific logic at one or both terminals, and optionally presented on and controlled by the user interface at one or both terminals.
The first three of the above core media components are transported in real time from one MTSI client to the other using RTP (IETF RFC 3550 [9]). The "data" media component for real-time interaction is transported using SCTP (IETF RFC 4960 [xx2]) over DTLS (IETF RFC 8261 [xx3]), as described by WebRTC data channels [xx4]. All media components can be added or dropped during an ongoing session as required either by the end-user or by controlling nodes in the network, assuming that when adding components, the capabilities of the MTSI client support the additional component.
NOTE:	The terms voice and speech are synonyms. The present document uses the term speech. The media type is called "audio" in SDP and therefore also the term "audio" is used as synonym.
MTSI specifications also support other media types than the core components described above, for example facsimile (fax) transmission.
Facsimile transmission is described in Annex L.
	[bookmark: _Hlk12284912]Next Change



[bookmark: _Toc10627053]6	Media configuration 
[bookmark: _Toc10627054]6.1	General
MTSI uses SIP, SDP and SDPCapNeg for media negotiation and configuration. General SIP signalling and session setup for IMS are defined in 3GPP TS 24.229 [7], whereas this clause specifies SDP and SDPCapNeg usage and media handling specifically for MTSI, including offer/answer considerations in the capability negotiation. The MTSI client in the terminal may use the OMA-DM solution specified in Clause 15 for enhancing SDP negotiation and resource reservation process.
The support for ECN [83] in E-UTRAN is specified in [85]. The support for ECN in UTRA/HSPA is specified in [89].  The support of ECN in NR is specified in [164]. MTSI may use Explicit Congestion Notification (ECN) to perform rate adaptation for speech and video. When the MTSI client in terminal supports, and the session allows, adapting the media encoding at multiple bit rates and the radio access bearer technology is known to the MTSI client to be E-UTRAN or UTRA/HSPA, the MTSI client may negotiate the use of ECN [83] to perform ECN triggered media bit-rate adaptation. An MTSI MGW supporting ECN supports ECN in the same way as the MTSI client in terminal as described in clauses 12.3.3 and 12.7.3.
The support of ECN is optional for both MTSI client in terminal and MTSI MGW.
It is assumed that the network properly handles ECN-marked packets as described in [84] end-to-end between the MTSI clients in terminals. 
An MTSI MGW can be used for inter-working with:
-	a client that does not use ECN;
-	a client that supports ECN in different way than what is specified for MTSI clients;
-	a CS network;
-	a network which does not handle ECN-marked packets properly.
In such cases, the ECN protocol, as specified for MTSI clients, is terminated in the MTSI MGW.
[bookmark: _Toc10627055]6.2	Session setup procedures
[bookmark: _Toc10627056]6.2.1	General
The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s). The session setup may also determine: ECN usage and any additional session parameters.
The session setup for data channel (SCTP over DTLS over UDP transported) media shall determine for each media: IP address(es), UDP port number(s), SCTP port number(s), SCTP server/client role(s), DTLS ID(s), DTLS certificate fingerprint(s), and may determine additional session parameters.
The session setup for UDP transported media without RTP shall determine: IP address(es), UDP port number(s) and additional session parameters.
The session setup for data channel (SCTP over DTLS over UDP transported) media shall determine for each media: IP address(es), UDP port number(s), SCTP port number(s), SCTP server/client role(s), DTLS ID(s), DTLS certificate fingerprint(s), and may determine additional session parameters.
The session setup for RTP and data channel transported media shall, when the port number is not set to zero, determine the maximum bandwidth that is allowed in the session, see also clause 6.2.5. The maximum bandwidth for the receiving direction is specified with the "b=AS" bandwidth modifier. Additional requirements and/or recommendations on the bandwidth negotiation are found in clause 6.2.2.1 for speech, and in clause 6.2.3.2 for video, and in clause 6.2.10 for data channel.
An MTSI client shall offer at least one RTP profile for each RTP media stream. Multiple RTP profiles may be offered using SDPCapNeg as described in Clause 6.2.1a. For voice and real-time text, the first SDP offer shall include at least the AVP profile. For video, the first SDP offer for a media type shall include at least the AVPF profile. Subsequent SDP offers may include only other RTP profiles if it is known from a preceding offer that this RTP profile is supported by the answerer. The MTSI client shall be capable of receiving an SDP offer containing both AVP and AVPF offers in order to support interworking.
The configuration of ECN for media transported with RTP is described in clause 6.2.2 for speech and in clause 6.2.3.2 for video. The negotiation of ECN at session setup is described in [84]. The adaptation response to congestion events is described in clause 10.
	[bookmark: _Hlk12285416]Next Change



[bookmark: _Toc10627078]6.2.7	Negotiated QoS parameters
[bookmark: _Toc10627079]6.2.7.1	General
The MTSI client in the terminal may support the negotriation of the QoS. The term "negotiated" in the present document describes the end result of a QoS negotiation between an MTSI client in terminal and the network (or the end result of what the network grants to the MTSI client in terminal even if no negotiation takes place).
An MTSI client in terminal supporting the transport level QoS negotiation should verify that the QoS parameters, e.g. MBR and GBR, are aligned with the media configurations negotiated in SDP. The check whether the different bandwidth parameters are aligned or not, the MTSI client in terminal should take into account the following areas where differences are likely to occur: parameter encoding; units used; packetization schemes related to the IP/UDP/RTP overhead; the amount of RTCP bandwidth. The MTSI client in terminal needs to compensate for the differences if found.
NOTE: The transport level QoS negotiation applies only to 3GPP accesses.
In the following sections it is assumed that the MTSI client in terminal supports the QoS negotiation and is made aware of the negotiated bandwidth properties.
[bookmark: _Toc10627080]6.2.7.2	Alignment of negotiated QoS parameters and b=AS bandwidth modifier
In SDP offer-answer, the b=AS bandwidth modifier is used to describe the maximum bandwidth for the receiving direction. The IP/UDP/RTP overhead is included in the bandwidth value for RTP-based media but the RTCP bandwidth is not included. The IP/UDP/DTLS/SCTP overhead is included in the bandwidth value for SCTP-based media such as the data channel (see clause 6.2.10). The bandwidth value is an integer and the unit is kbps.
If, at session setup or at session re-negotiation, the MTSI client in terminal detects that the negotiated downlink QoS Maximum Bit Rate (MBR) is not aligned with the b=AS bandwidth modifier in the sent SDP then it should try to align the bandwidth properties in a subsequent SDP offer-answer.
If, during the session, the negotiated downlink Maximum Bit Rate(s) (MBR) for the bearer(s) has been updated from the network then the MTSI client in terminal should check if the bandwidth(s) it sent within b=AS bandwidth modifiers in previous SDP (e.g. during the initial session setup or earlier session re-negotiation, if any) are aligned with the downlink MBR(s) allocated for the bearer(s) and its receiving capabilities.
The rules for alignment are different depending on how many media streams that are handled by the bearer, as follows:
-	When a bearer carries a single media stream, then it is the media-level b=AS bandwidth for that media stream that should be aligned with the MBR of the bearer.
-	When a bearer carries several media streams, then it is the sum of the media-level b=AS bandwidths for those media streams that should be aligned with the MBR of the bearer.
The rules for alignment are also different depending on whether the media stream(s) are bi-directional (sendrecv) or uni-direction (sendonly or recvonly), as follows:
-	If the MTSI terminal receives (and possibly sends) a media stream, it should consider the sent b=AS bandwidth(s) in SDP for that media stream in comparison with the downlink MBR.
-	If the MTSI terminal only sends a media stream, it should not consider the sent b=AS bandwidth(s) in SDP for that media stream in comparison with the downlink MBR.
NOTE 1:	The b=AS bandwidth and the MBR bandwidth are not directly comparable since the b=AS bandwidth does not include the RTCP bandwidth while the MBR bandwidth allocation for RTP media must include some headroom for RTCP. The bandwidths will therefore almost always be different. The MBR bandwidth may also differ from the b=AS bandwidth because of other reasons, for example: bearer allocation and header compression. It is an implementation consideration to handle such impacts and how to judge whether the bandwidth values differ and what bandwidth value to send in the UPDATE message.
If the MTSI client in terminal determines that the b=AS bandwidth(s) are not aligned with the MBR and the receiving capabilities of the MTSI client, then it should align the media-level b=AS bandwidth(s) to the MBR and its receiving capabilities by sending to the other party an SDP offer with the new b=AS bandwidth value(s). In the process of this alignment it is also likely that the session-level b=AS bandwidth needs to be updated. In addition, the MTSI client in terminal may modify other parts of the SDP, e.g., to replace the codecs or adjust codec parameters (such as the AMR or AMR-WB mode-set).
NOTE 2:	It could be necessary to reconfigure the codec(s), or even to drop some media streams, to be able to operate within the bandwidth constraints defined with the MBR of the bearer.
NOTE 3:	A situation when the MTSI client in terminal could not align the b=AS bandwidth(s) with the MBR, due to its receiving capabilities, is when it does not support rate adaptation.
This alignment may require re-negotiation, which should preferably be performed when there is session re-negotiation for other reasons. When additional re-negotiation is required, which adds load to the SIP bearer and the SIP servers, it is not desirable to repeat the re-negotiation multiple times. Therefore, if re-negotiation fails to align the b=AS bandwidth modifier and the QoS parameters then it should not be repeated unless new re-negotiation is needed for other reasons, e.g. to add or remove media components.
If an MTSI client in a terminal receives a new SDP offer with new b=AS bandwidth value(s) (e.g., in a SIP UPDATE or in a SIP re-INVITE) and it accepts the session update then it shall generate an SDP answer as described in clause 6.2.
Any subsequent QoS changes indicated to the MTSI client in terminal during an MTSI session (including the cases described in Clause 10.3) shall be signalled by the MTSI client in terminal (subject to the QoS update procedure) to the other party using the same signalling described above.
Examples of SDP using negotiated QoS are given in clause A.8.
When the MTSI client in terminal receives an indication that the negotiated uplink Maximum Bit Rate (MBR) is less than the current maximum sending rate of its sender, the MTSI client in terminal should configure the maximum sending rate of its sender to align with the negotiated uplink Maximum Bit Rate (MBR). 
When the MTSI client in terminal receives an indication that the negotiated uplink Maximum Bit Rate (MBR) is greater than the current maximum sending rate of its sender and rate adaptation is possible for the session, the MTSI client in terminal should configure the maximum sending rate of its sender to align with the smallest of the following:
-	the negotiated uplink Maximum Bit Rate (MBR) 
-	the bandwidth value, if the b=AS parameter was included in the last SDP offer or answer received by the client
-	the preconfigured data rate for the selected codec, if the MTSI client has been preconfigured by the operator to use a particular data rate for the selected codec

[bookmark: _Toc10627081]6.2.7.3	Alignment of negotiated QoS parameters and a=bw-info attribute
The Maximum Supported Bandwidth for the sending direction should be aligned with the uplink MBR.
The Minimum Desired Bandwidth for the sending direction should be aligned with the uplink GBR.
The Maximum Supported Bandwidth for the receiving direction should be aligned with the downlink MBR. 
The Minimum Desired Bandwidth for the receiving direction should be aligned with the downlink GBR.
The procedures for aliging the above listed bandwidth properties with the above listed QoS parameters are the same as given above in clauses 6.2.7.1 and 6.2.7.2 for other bandwidth-related information.
	Next Change



[Editor’s note: The a=3gpp-qos-hint described in a parallel dCR as a new clause 6.2.7.4 under 6.2.7 "Negotiated QoS parameters" could be applicable for use with data channel and may be recommended when specific loss or latency are desired.]
[bookmark: _Toc10627084]6.2.10	Data channel
6.2.10.1	General
Support of data channel media is optional for an MTSI client and an MTSI client in terminal. For brevity, an MTSI client supporting data channel is henceforth denoted as an DCMTSI client or DCMTSI client in terminal, respectively. 
One or more data channel SDP media descriptions formatted according to [xx1] may be added to the SDP, alongside other SDP media descriptions such as e.g. speech, video, and text. A data channel SDP media description must not be placed before the first SDP speech media description.
If data channels are used in a session, the session setup shall determine the applicable bandwidth limit(s) as defined in clause 6.2.5.
Multiple data channels may be mapped to a single data channel SDP media description, each with a corresponding "a=dcmap" SDP attribute and stream IDs that are unique within that media description. There is no limit to the number of data channels in an SDP media description, but the aggregate of all defined data channels must keep within the set bandwidth limit and care should be taken to avoid excessive SDP size.
If there is a need to use data channels with either different transport IP addresses, different UDP ports, or different SCTP ports, separate data channel SDP media descriptions must be used, as IP address, UDP port and SCTP port are all constant per SDP media description. Multiple SCTP associations for a single channel, commonly denoted as "multi-homing", defined in IETF RFC 4960 [xx2] for reasons of redundancy and basically using one destination transport address at a time, is not described for use with WebRTC data channel and must therefore not be used. 
NOTE:	The main reasons to not specify multi-homing are because it cannot use the needed separation of signalling paths for redundancy purposes in the applicable usage scenarios, and it is also not considered feasible when using SCTP on top of DTLS.
Data channel stream ID 0 must be reserved as a [TBD: define format encoding] representation of an HTML web page including JavaScript(s), and optionally image(s) and style sheet(s), henceforth called the "bootstrap data channel".
The web page may be updated at any time through renewed transmission of [TBD: the above representation], completely replacing the previous one.
The bootstrap data channel must be configured as ordered, reliable, and with normal SCTP multiplexing priority, represented by the following SDP "dcmap" line, which therefore must be present in each data channel media description:
	a=dcmap:0 subprotocol="TBD"
Any other data channels used by the JavaScript(s) sent in the bootstrap data channel must be represented in an updated SDP as additional "dcmap" lines with non-zero stream IDs, using stream ID numbers from the JavaScript(s).
Each HTML web page in the bootstrap data channel represents a different context of user interaction and should open in a separate tab, or some corresponding user interface construct, but the details are out of scope for this specification and left open for individual implementations. It must be possible to use and navigate between different data channel web pages that are open simultaneously.
 [Editor’s note: More general details on IDs and formats here].
6.2.10.2	Generating SDP offer
An DCMTSI client in terminal may include a data channel media description for the "bootstrap" data channel in the initial SDP offer, as described above and according to [xx1]. An DCMTSI client in terminal may add or disable (by setting port 0, as for RTP media) additional data channel media descriptions as needed in subsequent SDP offers.
6.2.10.3	Generating SDP answer
An answering DCMTSI client in terminal may accept an SDP offer with data channel as described by [xx1].
An answering DCMTSI client in terminal that desires to reject the entire SCTP association for all offered data channels shall set the port to 0 (zero), as described in [xx1]. An answering DCMTSI client in terminal that desires to accept some offered data channels and reject others shall indicate this by removing the non-desired data channel a=dcmap and a=dcsa lines from the SDP answer, as described in [xx1]. The DCMTSI client in terminal accepting a data channel must also accept the "bootstrap" data channel with stream ID 0 (a=dcmap:0 …).
6.2.10.4	Receiving SDP answer
An offering DCMTSI client in terminal receiving an SDP answer where the data channel SCTP association is accepted (port is not 0) may use any offered stream ID that has a corresponding a=dcmap in the SDP answer, as described by section 6.5 in [xx1]. Data channels with a=dcmap lines in the SDP offer that are not included in the SDP answer must be considered as rejected and shall not be used, as described by section 6.5 in [xx1]. 
	[bookmark: _Hlk19024100]Next Change



[bookmark: _Toc10627085]7	Data transport
[bookmark: _Toc10627086]7.1	General
MTSI clients shall support an IP-based network interface for the transport of session control and media data. Control-plane signalling is sent using SIP; see 3GPP TS 24.229 [7] for further details. Real-time user plane media data is sent over RTP/UDP/IP. Real-time interaction is using data channels over SCTP/DTLS/UDP/IP. Non-real-time media may use other transport protocols, for example UDP/IP or TCP/IP. An overview of the user plane protocol stack can be found in figure 4.3 of the present document.
	Next Change


[bookmark: _Toc10627453]A.16	SDP offers and answers with data channel capability signaling
Table A.16.1 demonstrates an example SDP offer with data channel capability signalling for the "bootstrap" data channel defined in clause 6.2.10.
Table A.16.1: Example SDP offer with data channel capability signalling
	SDP offer

	m=application 52718 UDP/DTLS/SCTP webrtc-datachannel
b=AS:500
a=max-message-size:1024
a=sctp-port:5000
a=setup:actpass
a=fingerprint:SHA-1 4A:AD:B9:B1:3F:82:18:3B:54:02:12:DF:3E:5D:49:6B:19:E5:7C:AB
a=tls-id: abc3de65cddef001be82
a=dcmap:0 subprotocol="TBD"



An example SDP answer is shown in Table A.16.2, where the data channel capability signalling is also supported and accepted by the answerer, as indicated by the non-zero port on the m= line.
Table A.16.2: Example SDP answer with data channel capability
	SDP answer

	m=application 52718 UDP/DTLS/SCTP webrtc-datachannel
b=AS:500
a=max-message-size:1024
a=sctp-port:5002
a=setup:passive
a=fingerprint:SHA-1 5B:AD:67:B1:3E:82:AC:3B:90:02:B1:DF:12:5D:CA:6B:3F:E5:54:FA
a=tls-id: dcb3ae65cddef0532d42
a=dcmap:0 subprotocol="TBD"




	Next Change



[bookmark: _Toc10627474]Annex E (informative):
QoS profiles
[bookmark: _Toc10627475]E.1	General
This annex contains examples with mappings of SDP parameters to QoS parameters [64] for MTSI.
The bitrates used in these QoS examples for MBR and GBR for MBR=GBR bearers and for MBR for MBR>GBR bearers are based on the highest bitrates possible with the codecs, profiles and levels defined in Clause 5.2. The bitrates used for GBR for MBR>GBR bearers are chosen to still give usable quality levels.
The ‘a=bw-info’ attributed defined in Clause 19 can be used to provide additional bandwidth information for the setting of MBR and GBR and also to align the resource allocation end-to-end, see also Clauses 6.2.5 and 6.2.7.
The bearer setup also depends on the outcome of the SDP offer-answer negotiation. The QoS profiles shown below assume that both end-points agree on using the codecs and bitrates as described in each respective example.
The QoS Class Identifier (QCI) [90] and 5G QoS Indentifier (5QI) [xx5] is are used to describe the packet forwarding treatment for different media types. The table below gives a few examples for how the QCI / 5QI can be set for different media types.
Table E.0: Example mapping between media type and QCI / 5QI.
	Media
	Bearer type
	QCI / 5QI

	Speech
	Dedicated GBR bearer
	1

	Video (conversational)
	Dedicated GBR bearer
	2

	Video (non-conversational)
	Dedicated GBR bearer
	4

	
	Dedicated non-GBR bearer or default non-GBR bearer
	6, 8 or 9

	Real-time text
	Dedicated non-GBR bearer or default non-GBR bearer
	6, 8 or 9

	Data channel
	Dedicated GBR or non-GBR, or default non-GBR bearer
	71, 72, 73, 74, 76, or 9



This mapping assumes that the QCIs are used as described in TS 23.203, Table 6.1.7, [90] for LTE access, and 5QIs as described in TS 23.501, Table 5.7.4-1 [xx5] for NR access.

	End of document
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