	
3GPP TSG-SA4 Meeting #101	S4-181358
Busan, Korea, 19 - 23 Nov 2018	revision of S4-181238

	CR-Form-v11.4

	CHANGE REQUEST

	

	
	26.114
	CR
	0438
	rev
	4
	Current version:
	15.4.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	



	Proposed change affects:
	UICC apps
	
	ME
	X
	Radio Access Network
	
	Core Network
	



	

	Title:	
	MTSI Client Profiles

	
	

	Source to WG:
	Intel, Ericsson LM, Sony Mobile Communications

	Source to TSG:
	S4

	
	

	Work item code:
	5G_MEDIA_MTSI_ext
	
	Date:
	2018-11-13

	
	
	
	
	

	Category:
	B
	
	Release:
	Rel-16

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)
Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	[bookmark: OLE_LINK1]Use one of the following releases:
Rel-8	(Release 8)
Rel-9	(Release 9)
Rel-10	(Release 10)
Rel-11	(Release 11)
Rel-12	(Release 12)
Rel-13	(Release 13)
Rel-14	(Release 14)
Rel-15	(Release 15)
Rel-16	(Release 16)

	
	

	Reason for change:
	One of the objectives of the 5G_MEDIA_MTSI_ext work item is to define MTSI client profiles with a corresponding set of mandatory codec and potentially other media handling capabilities to address the needs and constraints of different terminal categories (e.g. IoT, wearables) related to different 5G verticals, considering the potential solutions described in clause 5.6.6 of TR 26.919.

	
	

	Summary of change:
	Introduce the ‘constrained’ MTSI client profile that is based on speech and video codec capabilities relevant to serve the needs of low-end 5G verticals such as wearables and IoT and relies on a limited set of mandatory codec capabilities compared to those for the MTSI client. Various UE classes on speech communication capabilities are also defined and mapped to MTSI client capabilities.

	
	

	Consequences if not approved:
	

	
	

	Clauses affected:
	Annex X (new), X.1 (new), X.2 (new), Y (new), 5.2.1.1, 5.2.2, 3.1

	
	

	
	Y
	N
	
	

	Other specs
	
	X
	 Other core specifications	
	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	X
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	



Page 1


OPTION 1

	First Change (new)




[bookmark: _Toc524217957]Annex X (normative): 
MTSI Client Profiles
[bookmark: _Toc524217958]X.1	Introduction
MTSI client profiles are defined in this section. Each client profile is composed of a set of mandatory codec capabilities. Other media handling capabilities may also be included in the client profiles.
X.2	Constrained Profile
The constrained MTSI client profile is based on speech and video codec capabilities relevant to serve the needs of low-end 5G verticals such as wearables and IoT. Clauses 5.2.1.1 and 5.2.2 apply to MTSI Constrained Profile clients in terminals, with the following changes:
· MTSI Constrained Profile clients in terminals offering speech communication shall support narrowband and wideband, and should support super-wideband, and fullband communication.
· MTSI Constrained Profile clients in terminals offering video communication should support H.265 (HEVC) Main Profile, Main Tier, Level 3.1, i.e., this HEVC codec profile is recommended but not mandatory for the constrained MTSI client profile.

Unless otherwise stated, MTSI clients conforming to this profile are expected to fulfil all other mandatory media handling capabilities described in TS 26.114.
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[bookmark: _Toc524217388]5.2.1.1	General codec requirements
MTSI clients in terminals offering speech communication shall support narrowband, wideband and super-wideband communication.
In addition, MTSI clients in terminals offering speech communication shall support:
-	.AMR speech codec (3GPP TS 26.071 [11], 3GPP TS 26.090 [12], 3GPP TS 26.073 [13] and 3GPP TS 26.104 [14]) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093 [15]. The MTSI client in terminal shall be capable of operating with any subset of these 8 codec modes. More detailed codec requirements for the AMR codec are defined in clause 5.2.1.2.
MTSI clients in terminals offering wideband speech communication at 16 kHz sampling frequency shall support:
-	AMR-WB codec (3GPP TS 26.171 ‎‎[17], 3GPP TS 26.190 ‎[18], 3GPP TS 26.173 ‎[19] and 3GPP TS 26.204 [20]) including all 9 modes and source controlled rate operation ‎3GPP TS 26.193 [21]. The MTSI client in terminal shall be capable of operating with any subset of these 9 codec modes. More detailed codec requirements for the AMR-WB codec are defined in clause 5.2.1.3. When the EVS codec is supported, the EVS AMR-WB IO mode may serve as an alternative implementation of AMR-WB as defined in clause 5.2.1.4.
MTSI clients in terminals offering super-wideband or fullband speech communication shall support:
-	EVS codec (3GPP TS 26.441 [121], 3GPP TS 26.445 [125], 3GPP TS 26.442 [122] and 3GPP TS 26.443 [123] as described below including functions for backwards compatibility with AMR-WB (3GPP TS 26.446 [126]) and discontinuous transmission (3GPP TS 26.450 [130]). More detailed codec requirements for the EVS codec are defined in in cluause 5.2.1.4.
Encoding of DTMF is described in Annex G.
Annex X describes speech codec requirements for MTSI clients conforming to the ‘Constrained Profile’.
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[bookmark: _Toc524217394]5.2.2	Video
MTSI clients in terminals offering video communication shall support:
-	H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 1.2;
-	H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1.
In addition they should support:
-	H.264 (AVC) [24] Constrained High Profile (CHP) Level 3.1.
Annex X describes video codec requirements for MTSI clients conforming to the ‘Constrained Profile’.
For backwards compatibility to previous releases, if H.264 (AVC) [24] Constrained High Profile Level 3.1 is supported, then H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 3.1 should also be offered.
H.264 (AVC) shall be used without requirements on output timing conformance (annex C of [24]). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.
H.265 (HEVC) Main Profile shall be used with general_progressive_source_flag equal to 1, general_interlaced_source_flag equal to 0, general_non_packed_constraint_flag equal to 1, general_frame_only_constraint_flag equal to 1, and sps_max_num_reorder_pics[ i ] equal to 0 for all i in the range of 0 to sps_max_sub_layers_minus1, inclusive, without requirements on output timing conformance (annex C of [119]).
For both H.264 (AVC) and H.265 (HEVC), the decoder needs to know the Sequence Parameter Set (SPS) and the Picture Parameter Set (PPS) to be able to decode the received video packets. A compliant H.265 (HEVC) bitstream must include a Video Parameter Set (VPS), although the VPS may be ignored by the decoder in the context of the present specification. When H.264 (AVC) or H.265 (HEVC) is used it is recommended to transmit the parameter sets within the SDP description of a stream, using the relevant MIME/SDP parameters as defined in RFC6184 [25] for H.264 (AVC) and in [120] for H.265 (HEVC), respectively. Each media source (SSRC) shall transmit the currently used parameter sets at least once in the beginning of the RTP stream before being referenced by the encoded video data to ensure that the parameter sets are available when needed by the receiver. If the video encoding is changed during an ongoing session such that the previously used parameter set(s) are no longer sufficient then the new parameter sets shall be transmitted at least once in the RTP stream prior to being referenced by the encoded video data to ensure that the parameter sets are available when needed by the receiver.  When a specific version of a parameter set is sent in the RTP stream for the first time, it should be repeated at least 3 times in separate RTP packets with a single copy per RTP packet and with an interval not exceeding 0.5 seconds to reduce the impact of packet loss. A single copy of the currently active parameter sets shall also be part of the data sent in the RTP stream as a response to FIR. Moreover, it is recommended to avoid using a sequence or picture parameter set identifier value during the same session to signal two or more parameter sets of the same type having different values, such that if a parameter set identifier for a certain type is used more than once in either SDP description or RTP stream, or both, the identifier always indicates the same set of parameter values of that type.
The video decoder in a multimedia MTSI client in terminal shall either start decoding immediately when it receives data, even if the stream does not start with an IDR/IRAP access unit (IDR access unit for H.264, IRAP access unit for H.265) or alternatively no later than it receives the next IDR/IRAP access unit or the next recovery point SEI message, whichever is earlier in decoding order. The decoding process for a stream not starting with an IDR/IRAP access unit shall be the same as for a valid video bit stream. However, the MTSI client in terminal shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the MTSI client in terminal is out of scope of the present document.
An MTSI client in terminal offering H.264 (AVC) CBP support at a level higher than Level 1.2 shall support negotiation to use a lower Level as described in [25] and [58].
An MTSI client in terminal offering H.264 (AVC) CHP support at a level higher than Level 3.1 shall support negotiation to use a lower Level as described in [25] and [58].
An MTSI client in terminal offering video support other than H.264 CBP Level 1.2 shall also offer H.264 CBP Level 1.2.
An MTSI client in terminal offering video support for H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1, should normally set it to be preferred.
An MTSI client in terminal offering H.265 (HEVC) shall support negotiation to use a lower Level than the one in the offer, as described in [120] and [58].
If a codec is supported at a certain level, then all (hierarchically) lower levels shall be supported as well.
NOTE 1:	An example of a lower level than Level 1.2 is Level 1 for H.264 (AVC) Constrained Baseline Profile.
NOTE 2:	All levels are minimum requirements. Higher levels may be supported and used for negotiation.
NOTE 3:	MTSI clients in terminals may use full-frame freeze and full-frame freeze release SEI messages of H.264 (AVC) to control the display process. For H.265 (HEVC), MTSI clients may set the value of pic_output_flag in the slice segment headers to either 0 or 1 to control the display process.
NOTE 4:	An H.264 (AVC) encoder should code redundant slices only if it knows that the far-end decoder makes use of this feature (which is signalled with the redundant-pic-cap MIME/SDP parameter as specified in RFC 6184 [25]). H.264 (AVC) encoders should also pay attention to the potential implications on end‑to‑end delay. The redundant slice header is not supported in H.265 (HEVC).
NOTE 5:	If a codec is supported at a certain level, it implies that on the receiving side, the decoder is required to support the decoding of bitstreams up to the maximum capability of this level. On the sending side, the support of a particular level does not imply that the encoder will produce a bitstream up to the maximum capability of the level. This method can be used to set up an asymmetric video stream. For H.264 (AVC), another method is to use the SDP parameters ‘level-asymmetry-allowed’ and ‘max-recv-level’ that are defined in the H.264 payload format specification, [25]. For H.265 (HEVC) it is possible to use the SDP parameter ‘max-recv-level-id’ defined in the H.265 payload format specification, [120], to indicate a higher level in the receiving direction than in the sending direction. See also clause 6.2.3.2, Annex A.4.5 for SDP examples with asymmetric video using H.264 (AVC) and Annex A.4.8 for SDP examples with asymmetric video using both H.264 (AVC) and H.265 (HEVC). Other methods for asymmetric video transmission are also possible.
NOTE 6:	If video is used in a session, an MTSI client in terminal should offer at least one video stream with a picture aspect ratio in the range from 0.7 to 1.4. For all offered video streams, the width and height of the picture should be integer multiples of 16 pixels. For example, 224x176, 272x224, and 320x240 are image sizes that satisfy these conditions.
NOTE 7:	For H.264 (AVC) and H.265 (HEVC), respectively, multiple sequence and picture parameter sets can be defined, as long as they have unique parameter set identifiers, but only one sequence and picture parameter set can be active between two consecutive IDRs and IRAPs, respectively.
NOTE 8:	For H.264 (AVC), Constrained High Profile (CHP) Level 3.1 is not required to be supported as it is less bit rate efficient than H.265 (HEVC) Main Profile, Main Tier, Level 3.1.  However, it is recommended for interoperability.
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Annex Y (informative): 
UE Classes on Speech Communication Capabilities
Table Y.1 presents several UE classes on Speech Communication Capabilities (SCC). 

SCC classes A, B and C meet all of the MTSI client speech communication capabilities, including those in clause 5.2.1.1. 

In comparison, SCC classes D and E satisfy a limited range of speech communication capabilities and conform to the Constrained MTSI Client Profile defined in Annex X.2.


Table Y.1 – UE Classes on Speech Communication Capabilities (SCC)

	Speech communication capability class
	Definition

	SCC class A
	[bookmark: _Hlk526856144]UE that has the primary purpose of speech communication

	SCC class B
	UE characterized by:
-The handset mode is supported, as defined in clause 3.1

	SCC class C
	UE characterized by:
- Less constrained in size, weight or power consumption than class D

	SCC class D
	UE characterized by:
-Adapted to be worn on a user’s wrist

	SCC class E
	[bookmark: _Hlk526856175]UE that does not qualify for any of the other SCC classes

	NOTE 1: Classification is performed from top to bottom, starting at A. If a UE qualifies for more than one class, the earlier class takes precedence.
NOTE 2: A certain UE device always belongs to the same SCC class, it does not dynamically change from one class to another.



NOTE 1:	Mobile phones (“smartphones”, “feature phones” etc) are typically of SCC class B
NOTE 2:	Laptop computers are typically of SCC class C
NOTE 3:	“IoT devices” where speech communication is not the primary purpose are typically of SCC class E
NOTE 4: Speech conferencing and telepresence equipment are typically SCC class A, e.g., smart home and enterprise devices.
NOTE 5: Smartwatches are typically SCC class D.
	Fifth Change



[bookmark: _Toc524217378]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.
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.
Handset Mode: A mode of operation where the UE is held at a users’ ear while communicating with speech. The acoustic test setups and procedures for the handset mode are defined in TS 26.132 [36]. The term handset originates from combining the mouthpiece and earpiece acoustic interfaces into a single “set”, to be held by one hand.
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.

OPTION 2


	Change #1


[bookmark: _Toc524217376]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.
[bookmark: REF_3GPPTR21905][1]	3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[bookmark: REF_3GPPTS22973][2]	3GPP TS 22.173: "IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services; Stage 1".

[…]

[161]	3GPP TS 27.007: " Technical Specification Group Core Network and Terminals; AT command set for User Equipment (UE)".
[162]	3GPP TS 36.306: "Evolved Universal Terrestrial Radio Access (E-UTRA); User Equipment (UE) radio access capabilities".
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[bookmark: _Toc524217377]3	Definitions and abbreviations
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.
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.
IoT terminal: UE operating in radio access capability category series “NB” or “M” [162] or terminal characterized by the fact that is is constrained in size, weight or power consumption (e.g. a connected watch) compared to a regular UE (e.g. a smartphone or a feature phone).
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.
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[bookmark: _Toc524217386]5.2	Codecs for MTSI clients in terminals
[bookmark: _Toc524217387]5.2.1	Speech
5.2.1.1	General codec requirements
MTSI clients in terminals offering speech communication shall support narrowband, wideband and super-wideband communication. The only exception to this requirement is when the terminal is an IoT terminal offering speech communication, in which case the MTSI Client in terminal shall support narrowband and wideband, and should support super-wideband, and fullband communication.
In addition, MTSI clients in terminals offering speech communication shall support:
-	.AMR speech codec (3GPP TS 26.071 [11], 3GPP TS 26.090 [12], 3GPP TS 26.073 [13] and 3GPP TS 26.104 [14]) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093 [15]. The MTSI client in terminal shall be capable of operating with any subset of these 8 codec modes. More detailed codec requirements for the AMR codec are defined in clause 5.2.1.2.
MTSI clients in terminals offering wideband speech communication at 16 kHz sampling frequency shall support:
-	AMR-WB codec (3GPP TS 26.171 ‎‎[17], 3GPP TS 26.190 ‎[18], 3GPP TS 26.173 ‎[19] and 3GPP TS 26.204 [20]) including all 9 modes and source controlled rate operation ‎3GPP TS 26.193 [21]. The MTSI client in terminal shall be capable of operating with any subset of these 9 codec modes. More detailed codec requirements for the AMR-WB codec are defined in clause 5.2.1.3. When the EVS codec is supported, the EVS AMR-WB IO mode may serve as an alternative implementation of AMR-WB as defined in clause 5.2.1.4.
MTSI clients in terminals offering super-wideband or fullband speech communication shall support:
-	EVS codec (3GPP TS 26.441 [121], 3GPP TS 26.445 [125], 3GPP TS 26.442 [122] and 3GPP TS 26.443 [123] as described below including functions for backwards compatibility with AMR-WB (3GPP TS 26.446 [126]) and discontinuous transmission (3GPP TS 26.450 [130]). More detailed codec requirements for the EVS codec are defined in in cluause 5.2.1.4.
Encoding of DTMF is described in Annex G.
[bookmark: _Toc524217389]5.2.1.2	Detailed codec requirements, AMR
When transmitting, the MTSI client in terminal shall be capable of aligning codec mode changes to every frame border, and shall also be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_2 (3GPP TS 26.103 [16]). The MTSI client in terminal shall also be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. When receiving, the MTSI client in terminal shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.
The codec modes and the other codec parameters (mode-change-capability, mode-change-period, mode-change-neighbor, etc), applicable for each session, are negotiated as described in clauses 6.2.2.2 and 6.2.2.3.
[bookmark: _Toc524217390]5.2.1.3	Detailed codec requirements, AMR-WB
When transmitting, the MTSI client in terminal shall be capable of aligning codec mode changes to every frame border, and shall also be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_WB‎ (3GPP TS 26.103 [16]). The MTSI client in terminal shall also be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. When receiving, the MTSI client in terminal shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.
The codec modes and the other codec parameters (mode-change-capability, mode-change-period, mode-change-neighbor, etc), applicable for each session, are negotiated as described in clauses 6.2.2.2 and 6.2.2.3.
[bookmark: _Toc524217391]5.2.1.4	Detailed codec requirements, EVS
When the EVS codec is supported, the MTSI client in terminal may support dual-mono encoding and decoding.
When the EVS codec is supported, EVS AMR-WB IO may serve as an alternative implementation of the AMR-WB codec, [125]. In this case, the requirements and recommendations defined in this specification for the AMR-WB codec also apply to EVS AMR-WB IO.
[bookmark: _Toc524217392]5.2.1.5	Offering multiple audio bandwidths and multiple channels
MTSI clients in terminals offering wideband speech communication shall also offer narrowband speech communications. 
When offering super-wideband speech, both wideband speech and narrowband speech shall also be offered. When offering fullband speech, super-wideband speech, wideband speech and narrowband speech shall also be offered.
MTSI clients in terminals offering dual-mono, shall also offer mono.
[bookmark: _Toc524217393]5.2.1.6	Codec preference order
When offering both wideband speech and narrowband speech communication, payload types offering wideband shall be listed before payload types offering only narrowband speech in the ‘m=’ line of the SDP offer (RFC 4566 [8]).
When offering super-wideband speech, wideband and narrowband speech communication, payload types offering super-wideband shall be listed before payload types offering lower bandwidths than super-wideband speech in the ‘m=’ line of the SDP offer (RFC 4566 [8]).
For an MTSI client in terminal supporting EVS the following rules apply when creating the list of payload types on the m= line:
-	When the EVS codec is offered for NB by an MTSI client in terminal supporting NB only, it shall be listed before other NB codecs.
-	When the EVS codec is offered for up to WB, it shall be listed before other WB codecs.
When dual-mono is offered then this may be preferable over mono depending on the call scenario.
5.2.2	Video
MTSI clients in terminals offering video communication shall support:
-	H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 1.2;
-	H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1. The only exception to this requirement is when the terminal is an IoT terminal offering video communication, in which case the MTSI Client in terminal should support H.265 (HEVC) Main Profile, Main Tier, Level 3.1.
In addition they should support:
-	H.264 (AVC) [24] Constrained High Profile (CHP) Level 3.1.
For backwards compatibility to previous releases, if H.264 (AVC) [24] Constrained High Profile Level 3.1 is supported, then H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 3.1 should also be offered.
H.264 (AVC) shall be used without requirements on output timing conformance (annex C of [24]). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.
H.265 (HEVC) Main Profile shall be used with general_progressive_source_flag equal to 1, general_interlaced_source_flag equal to 0, general_non_packed_constraint_flag equal to 1, general_frame_only_constraint_flag equal to 1, and sps_max_num_reorder_pics[ i ] equal to 0 for all i in the range of 0 to sps_max_sub_layers_minus1, inclusive, without requirements on output timing conformance (annex C of [119]).
For both H.264 (AVC) and H.265 (HEVC), the decoder needs to know the Sequence Parameter Set (SPS) and the Picture Parameter Set (PPS) to be able to decode the received video packets. A compliant H.265 (HEVC) bitstream must include a Video Parameter Set (VPS), although the VPS may be ignored by the decoder in the context of the present specification. When H.264 (AVC) or H.265 (HEVC) is used it is recommended to transmit the parameter sets within the SDP description of a stream, using the relevant MIME/SDP parameters as defined in RFC6184 [25] for H.264 (AVC) and in [120] for H.265 (HEVC), respectively. Each media source (SSRC) shall transmit the currently used parameter sets at least once in the beginning of the RTP stream before being referenced by the encoded video data to ensure that the parameter sets are available when needed by the receiver. If the video encoding is changed during an ongoing session such that the previously used parameter set(s) are no longer sufficient then the new parameter sets shall be transmitted at least once in the RTP stream prior to being referenced by the encoded video data to ensure that the parameter sets are available when needed by the receiver.  When a specific version of a parameter set is sent in the RTP stream for the first time, it should be repeated at least 3 times in separate RTP packets with a single copy per RTP packet and with an interval not exceeding 0.5 seconds to reduce the impact of packet loss. A single copy of the currently active parameter sets shall also be part of the data sent in the RTP stream as a response to FIR. Moreover, it is recommended to avoid using a sequence or picture parameter set identifier value during the same session to signal two or more parameter sets of the same type having different values, such that if a parameter set identifier for a certain type is used more than once in either SDP description or RTP stream, or both, the identifier always indicates the same set of parameter values of that type.
The video decoder in a multimedia MTSI client in terminal shall either start decoding immediately when it receives data, even if the stream does not start with an IDR/IRAP access unit (IDR access unit for H.264, IRAP access unit for H.265) or alternatively no later than it receives the next IDR/IRAP access unit or the next recovery point SEI message, whichever is earlier in decoding order. The decoding process for a stream not starting with an IDR/IRAP access unit shall be the same as for a valid video bit stream. However, the MTSI client in terminal shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the MTSI client in terminal is out of scope of the present document.
An MTSI client in terminal offering H.264 (AVC) CBP support at a level higher than Level 1.2 shall support negotiation to use a lower Level as described in [25] and [58].
An MTSI client in terminal offering H.264 (AVC) CHP support at a level higher than Level 3.1 shall support negotiation to use a lower Level as described in [25] and [58].
An MTSI client in terminal offering video support other than H.264 CBP Level 1.2 shall also offer H.264 CBP Level 1.2.
An MTSI client in terminal offering video support for H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1, should normally set it to be preferred.
An MTSI client in terminal offering H.265 (HEVC) shall support negotiation to use a lower Level than the one in the offer, as described in [120] and [58].
If a codec is supported at a certain level, then all (hierarchically) lower levels shall be supported as well.
NOTE 1:	An example of a lower level than Level 1.2 is Level 1 for H.264 (AVC) Constrained Baseline Profile.
NOTE 2:	All levels are minimum requirements. Higher levels may be supported and used for negotiation.
NOTE 3:	MTSI clients in terminals may use full-frame freeze and full-frame freeze release SEI messages of H.264 (AVC) to control the display process. For H.265 (HEVC), MTSI clients may set the value of pic_output_flag in the slice segment headers to either 0 or 1 to control the display process.
NOTE 4:	An H.264 (AVC) encoder should code redundant slices only if it knows that the far-end decoder makes use of this feature (which is signalled with the redundant-pic-cap MIME/SDP parameter as specified in RFC 6184 [25]). H.264 (AVC) encoders should also pay attention to the potential implications on end‑to‑end delay. The redundant slice header is not supported in H.265 (HEVC).
NOTE 5:	If a codec is supported at a certain level, it implies that on the receiving side, the decoder is required to support the decoding of bitstreams up to the maximum capability of this level. On the sending side, the support of a particular level does not imply that the encoder will produce a bitstream up to the maximum capability of the level. This method can be used to set up an asymmetric video stream. For H.264 (AVC), another method is to use the SDP parameters ‘level-asymmetry-allowed’ and ‘max-recv-level’ that are defined in the H.264 payload format specification, [25]. For H.265 (HEVC) it is possible to use the SDP parameter ‘max-recv-level-id’ defined in the H.265 payload format specification, [120], to indicate a higher level in the receiving direction than in the sending direction. See also clause 6.2.3.2, Annex A.4.5 for SDP examples with asymmetric video using H.264 (AVC) and Annex A.4.8 for SDP examples with asymmetric video using both H.264 (AVC) and H.265 (HEVC). Other methods for asymmetric video transmission are also possible.
NOTE 6:	If video is used in a session, an MTSI client in terminal should offer at least one video stream with a picture aspect ratio in the range from 0.7 to 1.4. For all offered video streams, the width and height of the picture should be integer multiples of 16 pixels. For example, 224x176, 272x224, and 320x240 are image sizes that satisfy these conditions.
NOTE 7:	For H.264 (AVC) and H.265 (HEVC), respectively, multiple sequence and picture parameter sets can be defined, as long as they have unique parameter set identifiers, but only one sequence and picture parameter set can be active between two consecutive IDRs and IRAPs, respectively.
NOTE 8:	For H.264 (AVC), Constrained High Profile (CHP) Level 3.1 is not required to be supported as it is less bit rate efficient than H.265 (HEVC) Main Profile, Main Tier, Level 3.1.  However, it is recommended for interoperability.
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MTSI clients in terminals offering real time text conversation shall support:
-	ITU-T Recommendation T.140 [26] and [27].
T.140 specifies coding and presentation features of real-time text usage. Text characters are coded according to the UTF-8 transform of ISO 10646-1 (Unicode).
A minimal subset of the Unicode character set, corresponding to the Latin-1 part shall be supported, while the languages in the regions where the MTSI client in terminal is intended to be used should be supported.
Presentation control functions from ISO 6429 are allowed in the T.140 media stream. A mechanism for extending control functions is included in ITU-T Recommendation T.140 [26] and [27]. Any received non-implemented control code must not influence presentation. 
A MTSI client in terminal shall store the conversation in a presentation buffer during a call for possible scrolling, saving, display re-arranging, erasure, etc. At least 800 characters shall be kept in the presentation buffer during a call.
Note that erasure (backspace) of characters is included in the T.140 editing control functions. It shall be possible to erase all characters in the presentation buffer. The display of the characters in the buffer shall also be impacted by the erasure.
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