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Start of Change
6
Media configuration 

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 is not specified for NR. 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.
End of Change

Start of Change
7.4
RTP payload formats for MTSI clients

7.4.1
General

This clause specifies RTP payload formats for MTSI clients, except for MTSI media gateways that is specified in clause 12.3.2, for all codecs supported by MTSI in clause 5.2. Note that each RTP payload format also specifies media type signalling for usage in SDP.

7.4.2
Speech

When the AMR codec is selected in the SDP offer-answer negotiation the AMR payload format [28] shall be used between RTP termination points.

When the AMR-WB is selected in the SDP offer-answer negotiation the AMR-WB payload format [28] shall be used between RTP termination points.
NOTE 1:
It may happen that EVS AMR-WB IO encoded speech is transported using the AMR-WB payload format between an EVS-capable MTSI client and a legacy (not EVS capable) MTSI client. This may also happen after SRVCC (see Clause 12.3.4) when an EVS-capable MTSI client sends EVS AMR-WB IO encoded speech in EVS payload format to the ATGW and the ATGW then re-packetizes the EVS AMR-WB IO packet into AMR-WB payload format without performing transcoding of the media.
When the EVS codec is selected in the SDP offer-answer negotiation the EVS payload format [125] shall be used between RTP termination points.

NOTE 2:
After SRVCC when a CS UE (not EVS capable) sends AMR-WB encoded speech to the ATGW, it may happen that the ATGW then re-packetizes this AMR-WB packet into the EVS payload format without performing transcoding of the media, see clause 12.3.4.
In case of ambiguity the present specification shall take precedence over RFC 4867 [28].
MTSI clients (except MTSI MGW) shall support both the bandwidth-efficient and the octet-aligned payload format of the AMR/AMR-WB payload format [28]. The bandwidth‑efficient payload format shall be preferred over the octet-aligned payload format.

When sending AMR or AMR-WB encoded media, the RTP Marker Bit shall be set according to Section 4.1 of the AMR/AMR-WB payload format [28]. When sending EVS encoded media, the RTP Marker Bit shall be set as described in the EVS payload format [125].

The MTSI clients (except MTSI MGW) should use the SDP parameters defined in table 7.1 for the session. For all access technologies, and for normal operating conditions, the MTSI client should encapsulate the number of non-redundant (a.k.a. primary) speech frames in the RTP packets that corresponds to the ptime value received in SDP from the other MTSI client, or if no ptime value has been received then according to "Recommended encapsulation" defined in table 7.1. The MTSI client may encapsulate more non-redundant speech frames in the RTP packet but shall not encapsulate more than 4 non-redundant speech frames in the RTP packets. The MTSI client may encapsulate any number of redundant speech frames in an RTP packet but the length of an RTP packet, measured in ms, shall never exceed the maxptime value.

NOTE:
The terminology "non-redundant speech frames" refers to speech frames that have not been transmitted in any preceding packet.
Table 7.1: Encapsulation parameters (to be used as defined above)

	Radio access bearer technology
	Recommended encapsulation (if no ptime and no RTCP_APP_REQ_AGG has been received)
	ptime 
	maxptime

	Default
	1 non-redundant speech frame per RTP packet

Max 12 speech frames in total but not more than a received maxptime value requires
	20
	240

	HSPA
E-UTRAN
NR
	1 non-redundant speech frame per RTP packet

Max 12 speech frames in total but not more than a received maxptime value requires
	20
	240

	EGPRS
	2 non-redundant speech frames per RTP packet, but not more than a received maxptime value requires

Max 12 speech frames in total but not more than a received maxptime value requires
	40
	240

	GIP
	1 to 4 non-redundant speech frames per RTP packet but not more than a received maxptime value requires.

Max 12 speech frames in total but not more than a received maxptime
	20, 40, 60 or 80
	240


NOTE:
It is possible to send only redundant speech frames in one RTP packet.

When the radio access bearer technology is not known to the MTSI client, the default encapsulation parameters defined in Table 7.1 shall be used.

When the AMR/AMR-WB payload formats are used, the bandwidth-efficient payload format should be used unless the session setup concludes that the octet-aligned payload format is the only payload format that all parties support. The SDP offer shall include an RTP payload type where octet-align=0 is defined or where octet-align is not specified and should include another RTP payload type with octet-align=1. MTSI client offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech.

For examples of SDP offers and answers, see annex A.

The RTP payload format for DTMF events ís described in Annex G.

End of Change

Start of Change
7.5.2
Media specific

7.5.2.1
Speech

7.5.2.1.1
General

This clause describes how the speech media should be packetized during a session. It includes definitions both for the cases where the access type is known and one default operation for the case when the access type is not known.

Requirements for transmission of DTMF events are described in Annex G.

7.5.2.1.2
Default operation

7.5.2.1.2.1
General

When the radio access bearer technology is not known to the MTSI client, the default encapsulation parameters defined in Table 7.1 shall be used.

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.
When transmitting AMR or AMR-WB encoded media, codec mode changes should be aligned to every other frame border and should be performed to one of the neighbouring codec modes in the negotiated mode set, except for a MTSI media gateway, see clause 12.3.1.1. In the transmitted media, the highest codec mode of the negotiated mode-set (or of all modes, if no mode-set was included in the SDP answer) should be used, unless it is restricted by the most recently received CMR. In the received media, codec mode changes shall be accepted at any frame border and to any codec mode within the negotiated mode set.
The bandwidth-efficient payload format should be used for AMR and AMR-WB encoded media unless the session setup determines that the octet-aligned payload format must be used.

The adaptation of codec mode, aggregation and redundancy is defined in clause 10.2.
7.5.2.1.2.2
Codec Mode Requests

For AMR and AMR-WB, if the highest mode within the negotiated mode-set is acceptable for media reception, then the MTSI client in terminal shall either indicate that no codec mode request is present (i.e. value 15) or shall indicate the CMR value corresponding to the highest mode within the negotiated mode-set in the CMR bits in the AMR and/or AMR-WB payload format [28] in every outgoing RTP packet. Otherwise the highest acceptable mode within the negotiated mode-set shall be sent in CMR in each outgoing RTP packet.
NOTE 1:
The MTSI client sending CMR values relies on that the remote media-sender will not send media with higher codec modes than requested by CMR, after some reaction time (round trip delay). However the remote party can send with lower modes within the negotiated mode-set, because there could be other mode limiting effects in the voice path.

For AMR and AMR-WB, the MTSI client shall accept that the remote party sends with lower modes within the negotiated mode-set than requested by the CMR. The MTSI client shall follow each received CMR and shall not use higher modes in media-encoding than indicated by the most recently received CMR, while lower modes within the negotiated mode-set are allowed any time.

NOTE 2:
The codec modes in media-sending and media-receiving direction may differ in general. Received CMR values have no influence on or relation to received media-frames.
The MTSI client shall accept Codec Mode Requests signalled with the CMR bits in the AMR and/or AMR-WB payload format in every incoming RTP packet.
For EVS, the CMR related procedures in subclause A.2.2.1.1 of 3GPP TS 26.445 [125] apply.

If the MTSI client supports RTCP-APP packets, it shall also accept CMR in every incoming RTCP-APP packet.
The MTSI client shall follow each received CMR as soon as possible.
NOTE 3:
There is no upper limit defined for the reaction time; it is expected that typically the media-sender reacts within less than 40ms after the reception of a new CMR value.
7.5.2.1.2.3
Frame aggregation and redundancy

The MTSI client should send one speech frame encapsulated in each RTP packet unless the session setup or adaptation request defines that the other MTSI client wants to receive another encapsulation variant.

The MTSI client should request to receive one speech frame encapsulated in each RTP packet but shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet.

For application-layer redundancy, see clause 9.2.

7.5.2.1.3
HSPA

Use default operation as defined in clause 7.5.2.1.2.

NOTE:
The RLC PDU sizes defined in 3GPP TR 25.993 [33] have been optimized for the codec modes, payload formats and frame encapsulations defined in the default operation in clause 7.5.2.1.2.

7.5.2.1.4
EGPRS

Use default operation as defined in clause 7.5.2.1.2, except that the MTSI client in terminal

-
should send two speech frames encapsulated in each RTP packet unless the session setup or adaptation request defines that the other PS end-point want to receive another encapsulation variant;

-
should request receiving two speech frames encapsulated in each RTP packet but shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet.

7.5.2.1.5
GIP

Use default operation as defined in clause 7.5.2.1.2, except that the MTSI client in terminal:

-
should send 0, 1, 2, 3 or 4 non-redundant speech frames encapsulated in each RTP packet unless the session setup or adaptation request defines that other PS end-point want to receive another encapsulation variant;

-
should request receiving 1 to 4 speech frames in each RTP packet but shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet;

-
may use application layer redundancy, in which case the MTSI client in terminal may encapsulate up to 12 speech frames in each RTP packet, with a maximum of four non-redundant speech frames.

7.5.2.1.6
Initial codec mode for AMR and AMR-WB
To avoid congestion on the link and to improve inter-working with CS GERAN when AMR or AMR-WB is used and when more than one codec mode is allowed in the session, the MTSI client in terminal should limit the initial codec mode (ICM) to one of the lowest codec modes for an Initial Waiting Time from the beginning of the RTP stream, or until it receives one of the following:

-
a frame-block with rate control information; or:

-
an RTCP message with rate control information; or:

-
reception quality feedback information, e.g. PLR or jitter in RTCP Sender Reports or Receiver Reports, indicating that the currently used codec mode is too high for the current operating condition.

The value for the Initial Waiting Time is 600 ms when ECN is not used and 500 ms when ECN is used, unless configured differently by the MTSI Media Adaptation Management as described in Clause 17.
The rate control information can either be: a CMR with a value other than ‘15’ in the RTP payload; or a CMR with a value other than ‘15’ in an RTCP_APP message (see Clause 10.2.1).

NOTE:
A CMR with a value of ‘15’ means that no mode request is present [28].

If no rate control information is received within the Initial Waiting Time, then the sending MTSI client in terminal should gradually increase the codec mode from the ICM towards the highest codec mode allowed in the session. While not detecting poor transmission performance or not receiving rate control information, the sending MTSI client in terminal should use step-wise up-switch to avoid introducing congestion during the upwards adaptation. The step-wise up-switch should be performed by switching to the next higher codec mode in the allowed mode set and then waiting for an Initial Up-switch Waiting Time before each subsequent up-switch until the first down-switch occurs.

The value for the Initial Up-switch Waiting Time is 600 ms when ECN is not used and 500 ms when ECN is used, unless configured differently by the MTSI Media Adaptation Management as described in Clause 17.

The following rules can be used for determining the ICM:

· If 1 codec mode is included in the mode-set then this should be the ICM.

· If 2 or 3 codec modes are included in the mode-set then the ICM should be the codec mode with the lowest rate.

· If 4 or more codec modes are included in the mode-set then the ICM should be the codec mode with the 2nd lowest rate.

NOTE:
Without ECN, the Initial Waiting Time needs to be long enough to allow the receiver to collect relilable statistics for the adaptation, e.g. for PLR-triggered or jitter-triggered adaptation. With ECN, a congested network can immediately mark IP packets with ECN-CE, which allows the ECN-triggered adaptation react sooner. The Initial Waiting Time can therefore be shorter when ECN is used. The same applies for the Initial Up-switch Waiting Time.

7.5.2.1.7
E-UTRAN and NR
Use the default operation as defined in Clause 7.5.2.1.2.

End of Change

Start of Change
10.7
Access network bitrate recommendation

10.7.1
General

Support and use of access network bitrate recommendations (ANBR) as described in this clause are optional for MTSI clients in terminal. Clause 10.7 does not apply to an MTSI client in terminal that does not support the ANBR message.

Some access networks may provide the MTSI client in terminal with ANBR messages, separately per local access bearer and separately for the local uplink and downlink. It is expected that an ANBR message is sent to the MTSI client in terminal whenever the access network finds it reasonable to inform about a change in the recommended bitrate, such that the MTSI client in terminal is generally provided with up-to-date recommended bitrate information.

In general, a single access bearer can carry multiple RTP streams, in which case ANBR applies to the sum of the individual RTP stream bitrates on that bearer.

Access networks supporting ANBR may also support a corresponding ANBR Query (ANBRQ) message, which allows the MTSI client in terminal to query the network for updated ANBR information. ANBRQ shall only be used to query for an ANBR update when media bitrate is to be increased, not for media bitrate decrease.

The ANBR and ANBRQ messages, as used in this clause, are conceptual messages that allows generalization of the description between different accesses, e.g. LTE (see 10.7.4) and NR (see 10.7.5) and wireless LAN. There shall be a defined mapping between the conceptual ANBR/ANBRQ and actual messages for each access where ANBR/ANBRQ signaling is to be used. The format of such access-specific ANBR/ANBRQ messages may differ between different types of access networks, and there may not even exist a one-to-one mapping of messages. The recommended bitrate value in ANBR/ANBRQ is here defined to include IP and higher layer overhead, including bitrate used for RTCP signaling (as opposed to e.g. b=AS line in SDP, which does not include RTCP). Other definitions can be used by the individual access network mappings (for LTE, see 10.7.4, and for NR, see 10.7.5), e.g., including overhead below IP layer that is added by the access network, and the UE shall then perform appropriate value translation, e.g. adjusting for use of ROHC and removing the lower layer overhead.
End of Change

Start of Change
10.7.5
Message mapping for NR access

When using NR access, ANBR is mapped to a MAC level message named "Recommended bit rate MAC Control Element" sent by the gNB and applicable to a specific logical channel which is mapped to the single media flow (e.g., audio or video) to which the recommended bit rate applies.  Similarly, when using NR access, ANBRQ is mapped to a MAC level message named "Recommended bit rate query MAC Control Element" sent to the gNB and applicable to a specific, existing logical channel which is mapped to the single media flow to which the recommended bit rate applies.  An MTSI client in terminal using NR access may support ANBR and ANBRQ signaling.

End of Change

Start of Change
12.3.2
RTP payload formats for MTSI media gateways

12.3.2.1
Speech

For RTP payload formats, see clause 18.4.3.

MTSI media gateways supporting AMR or AMR-WB shall support the bandwidth-efficient payload format and should support the octet-aligned payload format. When offering both payload formats, the bandwidth-efficient payload format shall be listed before the octet-aligned payload format in the preference order defined in the SDP.

The MTSI media gateway should use the SDP parameters defined in table 12.1 for the session.

For all access technologies and for normal operating conditions, the MTSI media gateway should encapsulate the number of non-redundant speech frames in the RTP packets that corresponds to the ptime value received in SDP from the other MTSI client, or if no ptime value has been received then according to "Recommended encapsulation" defined in table 12.1. The MTSI media gateway may encapsulate more non-redundant speech frames in the RTP packet but shall not encapsulate more than 4 non-redundant speech frames in the RTP packets. The MTSI media gateway may encapsulate any number of redundant speech frames in an RTP packet but the length of an RTP packet, measured in ms, shall never exceed the maxptime value.

Table 12.1: Recommended encapsulation parameters

	Access technology
	Recommended encapsulation (if no ptime and no RTCP_APP_REQ_AGG has been received)
	ptime
	maxptime when redundancy is not supported
	maxptime when redundancy is supported

	Default
	1 non-redundant speech frame per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported but not more than a received maxptime value requires
	20
	80
	240

	HSPA
E-UTRAN
NR
	1 non-redundant speech frame per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported but not more than a received maxptime value requires
	20
	80
	240

	EGPRS
	2 non-redundant speech frames per RTP packet but not more than a received maxptime value requires

Max 4 or 12 speech frames in total depending on whether redundancy is supported but not more than a received maxptime value requires
	40
	80
	240

	GIP
	1 to 4 non-redundant speech frames per RTP packet but not more than a received maxptime value requires

Max 12 speech frames in total but not more than a received maxptime value requires
	20, 40, 60 or 80
	N/A
	240


When the access technology is not known to the MTSI media gateway, the default encapsulation parameters defined in Table 12.1 shall be used.

The SDP offer shall include an RTP payload type where octet-align=0 is defined or where the octet-align parameter is not specified and should include another RTP payload type with octet-align=1. MTSI media gateways offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech.

MTSI media gateways should support the RTCP-APP signalling defined in clause 10.2.1. The Codec Mode Request (RTCP_APP_CMR) is only relevant when AMR or AMR-WB is used but the Redundancy Request and the Frame Aggregation Request can be used for all codecs. When RTCP-APP is not supported or cannot be used in the session then adaptation can also be based on RTCP Receiver Reports/Sender Reports.

MTSI media gateways should support redundancy according to clause 9.

NOTE:
Support of transmitting redundancy may be especially useful in the case an MTSI media gateway is aware of the used access technology and knows that the Generic Access technology is used.

End of Change

Start of Change
16.3.1
QoE metrics reporting management object

The following nodes and leaf objects in figure 16.1 shall be contained under the 3GPP_MTSIQOE node if an MTSI client supports the feature described in this clause (information of DDF for this MO is given in Annex I):
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Figure 16.1: MTSI QoE metrics management object tree

Node: /<X>
This interior node specifies the unique object id of a MTSI QoE metrics management object. The purpose of this interior node is to group together the parameters of a single object. 

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get

The following interior nodes shall be contained if the MTSI client supports the “MTSI QoE metrics Management Object”. 

/<X>/Enabled

This leaf indicates if QoE reporting is requested by the provider.

-
Occurrence: One

-
Format: bool

-
Minimum Access Types: Get

/<X>/Servers

This leaf contains a space-separated list of URL of servers to which the QoE reports can be transmitted. It is URI addresses, e.g. http://qoeserver.operator.com. In case of multiple servers, the MTSI client randomly selects one of the servers from the list, with uniform distribution.

-
Occurrence: One
-
Format: chr

-
Minimum Access Types: Get

-
Values: URI of the servers to receive the QoE report.
/<X>/APN

This leaf contains the Access Point Name that should be used for establishing the PDP context or EPS bearer on which the QoE metric reports will be transmitted. This may be used to ensure that no costs are charged for QoE metrics reporting.

-
Occurrence: ZeroOrOne

-
Format: chr

-
Minimum Access Types: Get 

-
Values: the Access Point Name

/<X>/Format

This leaf specifies the format of the report and if compression (Gzip XML) [71] is used.

-
Occurrence: ZeroOrOne

-
Format: chr

-
Minimum Access Types: Get

-
Values: “XML”, “GZIPXML”.

/<X>/Rules

This leaf provides in textual format the rules used to decide whether metrics are to be reported to the QoE metrics report server. The syntax and semantics of this leaf are defined in clause 16.3.3.

-
Occurrence: ZeroOrOne
-
Format: chr

-
Minimum Access Types: Get 

-
Values: See clause 16.3.3.

/<X>/Ext

The Ext node is an interior node where the vendor specific information can be placed (vendor includes application vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the ext node. The tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-trees.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
/<X>/Speech

The Speech node is the starting point of the speech media level QoE metrics definitions.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
/<X>/Speech/Metrics

This leaf provides in textual format the QoE metrics that need to be reported, the measurement frequency, the reporting interval and the reporting range. The syntax and semantics of this leaf are defined in clause 16.3.2.

-
Occurrence: ZeroOrOne
-
Format: chr

-
Minimum Access Types: Get 

-
Values: see clause 16.3.2.

/<X>/Speech/Ext

The Ext node is an interior node where the vendor specific information can be placed (vendor meaning application vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the ext node. The tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-trees.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
/<X>/Video

The Video node is the starting point of the video media level QoE metrics definitions.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
/<X>/Video/Metrics

This leaf provides in textual format the QoE metrics that need to be reported, the measurement frequency, the reporting interval and the reporting range. The syntax and semantics of this leaf are defined in clause 16.3.2.

-
Occurrence: ZeroOrOne
-
Format: chr

-
Access Types: Get

-
Values: see clause 16.3.2.

/<X>/Video/Ext

The Ext is an interior node where the vendor specific information can be placed (vendor meaning application vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the Ext node. The tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-trees.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
/<X>/Text

The Text node is the starting point of the real-time text media level QoE metrics definitions.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
-
Values: see clause 16.3.2.
/<X>/Text/Metrics

This leaf provides in textual format the QoE metrics that need to be reported, the measurement frequency, the reporting interval and the reporting range. The syntax and semantics of this leaf are defined in clause 16.3.2.

-
Occurrence: ZeroOrOne
-
Format: chr

-
Minimum Access Types: Get

-
Values: see clause 16.3.2.

/<X>/Text/Ext

The Ext is an interior node where the vendor specific information can be placed (vendor meaning application vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the ext node. The tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-trees.

-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get

/<X>/<LocationFilter>

When present, this element indicates the geographic area(s) or location(s) where quality metric collection is requested. When not present, quality metric collection is requested regardless of the device’s location. The LocationFilter element comprises one or more instances of any combination of targeted cell-IDs, polygons and circular areas.Each cell-ID entry in LocationFilter is announced in cellList, and each polygon and circular area entry is announced in the polygonList or and circularAreaList elements, respectively.
-
Occurrence: ZeroOrOne

-
Format: node

-
Minimum Access Types: Get
/<X>/<LocationFilter>/CellList

This element specifies a list of cell identified by the CGI (i.e., NCGI, ECGI, CGI).
-
Occurrence: ZeroOrOne

-
Format: chr

-
Minimum Access Types: Get 

-
Values: a list of CGI.

End of Change

Start of Change
Annex A (informative):
Examples of SDP offers and answers

A.1
SDP offers for speech sessions initiated by MTSI client in terminal

This Annex includes several SDP examples for session setup for speech. SDP examples for sessions with speech and DTMF are shown in Annex G. These SDP offer and answer examples are designed to highlight the respective area that is being described and should therefore not be considered as complete SDP offers and answers. See TS 24.229 [7] for a complete description of the SDPs. Therefore mandated session parameters such as b=AS should be assumed as present in the media and session level, even if they are not included in the SDP examples.
Some of the SDP examples contain a=fmtp lines that are too long to meet the column width constraints of this document and are therefore folded into several lines using the backslash (“\”) character. In a real SDP, long lines would appear as one single line and not as such folded lines.

Some of the examples included in this Annex outline configurations that have been optimized for HSPA. These configurations are equally applicable to E-UTRAN and NR access since the packetization recommendations for HSPA and E-UTRAN and NR in Clauses 7.4.2 and 7.5.2.1 for MTSI clients and Clause 12.3.2 for MTSI media gateways are identical.

A.1.1
HSPA or unknown access technology

When the access technology is unknown to the MTSI client in terminal, the client uses the encapsulation parameters of default operation as defined in clause 7.5.2.1.2. The SDP examples below apply to HSPA as well as the default operation since the encapsulation parameters are the same.
End of Change

Start of Change
A.14
SDP offers and answers for speech sessions with EVS
These examples show SDP offers and answers for speech sessions where EVS is negotiated. These SDP offer and answer examples are designed to highlight the respective area that is being described and should therefore not be considered as complete SDP offers and answers.
A.14.1
SDP offers initiated by MTSI client in terminal
The SDP offers below can be used by MTSI client in terminal, depending on the access technology or the number of audio channels.
A.14.1.1
Unknown access technology
When the access technology is unknown to MTSI client in terminal, the SDP offer below can be used to initiate a speech session. In this example, RTP Payload Type 97 is defined for EVS, and two sets of RTP Payload Types, 98 and 99, and 100 and 101 are defined for AMR-WB and AMR respectively.
Table A.14.1: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100 101
a=tcap:1 RTP/AVPF

a=pcfg:1 t=1
b=AS:145
b=RS:0
b=RR:2000
a=rtpmap:97 EVS/16000/1
a=fmtp:97 max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220

a=rtpmap:99 AMR-WB/16000/1

a=fmtp:99 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220

a=rtpmap:101 AMR/8000/1

a=fmtp:101 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:

Since the MTSI client in terminal is not aware of the access technology it uses, all bit-rates of EVS are offered in the session.
The MTSI client in terminal supports all bandwidths, up to fullband.
Regardless of the bandwidth used in the session, clock rate of EVS shall be set to 16 kHz.
Media level b=AS is computed for the highest bit-rate of EVS, 128 kbps, with IPv4 and Header-full payload format, which is greater than the b=AS values of other RTP Payload Types.
A.14.1.2
EGPRS
When the access technology is EGPRS, the SDP offer below can be used to initiate a speech session. In this example, RTP Payload Type 97 is defined for EVS, and two sets of RTP Payload Types, 98 and 99, and 100 and 101 are defined for AMR-WB and AMR respectively.
Table A.14.2: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100 101
a=tcap:1 RTP/AVPF

a=pcfg:1 t=1
b=AS:33
b=RS:0
b=RR:2000
a=rtpmap:97 EVS/16000/1
a=fmtp:97 br=5.9-24.4; bw=nb-wb; max-red=200
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=200

a=rtpmap:99 AMR-WB/16000/1

a=fmtp:99 mode-change-capability=2; max-red=200; octet-align=1

a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=200

a=rtpmap:101 AMR/8000/1

a=fmtp:101 mode-change-capability=2; max-red=200; octet-align=1

a=ptime:40

a=maxptime:240


Comments:

It is assumed that the modulation and coding scheme (MCS) of EGPRS used in this session is MCS-7 [132] or higher, which supports at least 44.8 kbps. The bit-rate available for data will be reduced further from the overhead for RLC and MAC headers.
All bit-rates of EVS from 5.9 (SC-VBR) to 24.4 kbps are offered in the session.
The MTSI client in terminal supports narrowband and wideband.
Media level b=AS is computed for 24.4 kbps of EVS with Header-full payload format, or for 23.85 which results in a b=AS value of 33 kbps. MCS lower than MCS-7 would necessitate the use of mode-set parameter for AMR-WB as MCS-6 supports only 29.6 kbps. However, higher MCS values would leave lower overhead for channel coding.
A.14.1.3
NR/E-UTRAN/HSPA
When the access technology is E-UTRAN or HSPA, the SDP offer below can be used to initiate a speech session. In this example, RTP Payload Type 97 is defined for EVS, and two sets of RTP Payload Types, 98 and 99, and 100 and 101 are defined for AMR-WB and AMR respectively.
Table A.14.3: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100 101
a=tcap:1 RTP/AVPF

a=pcfg:1 t=1
b=AS:42
b=RS:0
b=RR:2000
a=rtpmap:97 EVS/16000/1
a=fmtp:97 br=5.9-24.4; bw=nb-swb; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220

a=rtpmap:99 AMR-WB/16000/1

a=fmtp:99 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220

a=rtpmap:101 AMR/8000/1

a=fmtp:101 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:

It is assumed that 42 kbps is reserved for speech by the radio access technology.
All bit-rates of EVS from 5.9 (SC-VBR) to 24.4 kbps are offered in the session.
The MTSI client in terminal supports all bandwidths, up to super-wideband.
Media level b=AS is computed for 24.4 kbps of EVS with Header-full payload format.
End of Change
