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*** Start change 1 ***

1
Scope

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

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

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

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

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

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

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

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.
*** End change 1 ***
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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

APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

AVC
Advanced Video Coding

CCM
Codec Control Messages

CDF
Cumulative Distribution Function

CMR
Codec Mode Request

cps
characters per second

CS
Circuit Switched

CSCF
Call Session Control Function

CTM
Cellular Text telephone Modem

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

GIP
Generic IP access

GOB
Group Of Blocks

H-ARQ
Hybrid - ARQ

HSPA
High Speed Packet Access

IDR
Instantaneous Decoding Refresh

IMS
IP Multimedia Subsystem

IP
Internet Protocol

IPv4
Internet Protocol version 4

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

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

POI
Point Of Interconnect

PSTN
Public Switched Telephone Network

QoE
Quality of Experience

QoS
Quality of Service

QP
Quantization Parameter
RoHC
Robust HeaderCompression

RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SB-ADPCM
Sub-Band Adaptive Differential PCM

SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

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

UE 
User Equipment

VoIP
Voice over IP

VOP
Video Object Plane

*** End change 3 ***

*** Start change 4 ***

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 PDP context activation process.
MTSI may use Explicit Congestion Notification (ECN) to perform rate adaptation. When the MTSI client in terminal supports media encoding at multiple bit rates it may negotiate the use of ECN [x1] to perform ECN triggered media bit-rate adaptation. An MTSI MGW using ECN may perform the same ECN functions as defined for the MTSI client in terminal.
The support of ECN is optional for both MTSI client in terminal and MTSI MGW.


The support for ECN is limited to speech, as defined in [x4], and to be used over E-UTRAN, [x3].
It is assumed that the network is ECN-transparent end-to-end between the clients as described in [x2]. However, it may be identified that the complete path between the clients is not ECN-transparent, for example when inter-working with non-3GPP networks and clients. It may also be identified that the non-3GPP client does not support the ECN functionality in the same way as the MTSI client in terminal, for example related to ECN feedback. In such cases, the MTSI Media Gateway can be used to allow the MTSI client to operate in the way described in this specification while allowing the non-3GPP client to operate in the way needed for the non-3GPP network. Annex K (informative) describes guidelines and procedures for how an MTSI Media Gateway can be used in such scenarios.
6.2
Session setup procedures

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), use (or no use) of ECN and any additional session parameters.

An MTSI client shall only offer a single RTP profile per media stream. This profile shall be the most suitable for the media, see below for further recommendations for each media type. The MTSI client shall accept both AVP and AVPF offers in order to support interworking. If an MTSI client gets a media or the complete session rejected when using AVPF, it should re-invite replacing all AVPF with AVP on all media lines where it did not receive explicit indication that AVPF was accepted.

If an MTSI client in terminal uses ECN for media transported with RTP then the MTSI client in terminal shall support ECN according to [x1] and a subset of the procedures defined in [x2], as described in clause 6.2.2. The negotiation of ECN at session setup is described in clause 6.2.8. The adaptation response to congestion events, i.e. when ECN Congestion Experienced (ECN-CE) marked IP packets are received, is described in clause 10.


*** End change 4 ***

*** Start change 5 ***

6.2.2.1
General

For AMR or AMR-WB encoded media, the session setup shall determine what RTP profile to use; if all codec modes can be used or if the operation needs to be restricted to a subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if codec mode changes shall be restricted to be aligned to only every other frame border or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes within the negotiated codec mode set or if codec mode changes can be performed to any mode within the codec mode set; the number of speech frames that should be encapsulated in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.

If the session setup negotiation concludes that multiple configuration variants are possible in the session then the default operation should be used as far as the agreed parameters allow, see clause 7.5.2.1. It should be noted that the default configurations are slightly different for different access types.

An MTSI client offering a speech media session for narrow-band speech and/or wide-band speech should offer SDP according to the examples in clauses A.1 to A.3.

An MTSI client shall offer AVPF for speech media streams. An MTSI client may offer AVP if RTCP is not used or if RTCP-APP based adaptation is not used. RTP profile negotiation shall be done as described in clause 6.2.1a.

If an MTSI client in terminal offers to use ECN for speech, and if multiple bit rates can be used in the session, then the MTSI client in terminal shall offer ECN Capable Transport for speech media in RTP streams. If an MTSI client in terminal acceps an offer for ECN for speech, and if multiple bit rates are supported in the session, then the MTSI client in terminal shall declare ECN Capable Transport in the SDP answer. The SDP negotiation of ECN Capable Transport is described in clause 6.2.8.

ECN shall not be used when the codec negotiation concludes that only fixed-rate operation is used.
The use of ECN for a speech stream is negotiated with the ‘ecn-capable-rtp’ SDP attribute, [x2]. ECN is enabled when both clients agree to use ECN as configured below. The SDP attribute uses a set of parameters to further configure the usage of ECN within the RTP media stream, as described in Clause 7.5.4. An MTSI client in terminal using ECN shall therefore also include the following parameters and parameter values for the ECN attribute:

· ‘leap’, to indicate that the leap-of-faith initiation method shall be used;
· ‘nonce=0’, to indicate that ECN nonce shall not be used; and:
· ‘ect=0’, to indicate that ECT(0) shall be set for every packet.

· The use of ECN is disabled when a client sends an SDP without the ‘ecn-capable-rtp’ SDP attribute.

SDP examples for offering and accepting ECT are shown in Annex A.12.

Session setup for sessions including speech and DTMF events is described in Annex G.

6.2.2.2
Generating SDP offers for AMR-NB and AMR-WB

When speech is offered, an MTSI client in terminal sending a first SDP offer in the initial offer-answer negotiation shall include at least one RTP payload type for AMR-NB and the MTSI client in terminal shall support a configuration where the MTSI client in terminal includes the parameter settings as defined in Table 6.1 and in Table 6.2. If wideband speech is also offered then the SDP offer shall also include at least one RTP payload type for AMR-WB and the MTSI client in terminal shall support a configuration where the MTSI client in terminal includes the parameter settings as defined in Table 6.1 and in Table 6.2.

NOTE:
While it is required that the MTSI client in terminal supports the configurations of the SDP parameters as specified, other configurations may be used due to terminal resources, network resources or operator specified settings.

Table 6.1: SDP parameters for AMR-NB or AMR-WB when the MTSI client in terminal offers the bandwidth-efficient payload format

	Parameter
	Usage

	octet-align
	Shall not be included

	mode-set
	Shall not be included

	mode-change-period
	Shall not be included

	mode-change-capability
	Shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set to 1

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp: leap; nonce=0; ect=0
	Shall be included if offering to use ECN and if the session setup allows for bit-rate adaptation


Table 6.2: SDP parameters for AMR-NB or AMR-WB when the MTSI client in terminal offers the octet-aligned payload format

	Parameter
	Usage

	octet-align
	Shall be set to 1

	mode-set
	Shall not be included

	mode-change-period
	Shall not be included

	mode-change-capability
	Shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set to 1

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp: leap; nonce=0; ect=0
	Shall be included if offering to use ECN and if the session setup allows for bit-rate adaptation


An example of an SDP offer for AMR-NB is shown in Table A.1.1. An example of an SDP offer for both AMR-NB and AMR-WB is shown in Table A.1.2.

An MTSI client in terminal may divide the offer-answer negotiation into several phases and offer different configurations in different SDP offers. If this is done then the first SDP offer in the initial offer-answer negotiation shall include the most preferable configurations. For AMR, this means that the first SDP offer in the initial offer-answer negotiation shall include at least one RTP payload type for AMR-NB with the parameters as defined in Table 6.1. If wideband speech is offered then the first SDP offer in the initial offer-answer negotiation shall include also at least one RTP payload type for AMR-WB with the parameters as defined in Table 6.1. This also means that offers for octet-aligned payload format do not need to be included in the first SDP offer. One example of dividing the offer-answer negotiation into two phases, and the corresponding SDP offers, is shown in clause A.1.1.2.2.

NOTE:
Dividing the offer-answer negotiation into several phases may lead to never offering the less preferred configurations if the other end-points accepts to use at least one of the configurations offered in the initial SDP offer.

If the speech media is re-negotiated during the session then the knowledge from earlier offer-answer negotiations should be used in order to shorten the session re-negotiation time. I.e., failed offer-answer transactions shall not be repeated.

6.2.2.3
Generating the SDP answer

An MTSI client in terminal must understand all the payload format options that are defined in RFC 4867 [28]. It does not have to support operating according to all these options but must be capable to properly accepting or rejecting all options.

The SDP answer depends on many factors, for example:

-
what is included in the SDP offer and in what preference order that is defined. The SDP offer will probably be different if it is generated by another MTSI client in terminal, by an MTSI MGW, a TISPAN client or some other VoIP client that does not follow this specification;

-
if terminal and/or network resources are available; and:

-
if there are other configurations, for example defined with OMA-DM, that mandate, recommend or prevent some configurations.

Table 6.3 describes requirements and recommendations for handling of the AMR payload format parameters and for how to generate the SDP answer.

NOTE:
An MTSI client in terminal may support more features than what is required by this specification, e.g. crc, robust sorting and interleaving. Table 6.3 describes the handling of the AMR payload format parameters when the MTSI client implementation supports only those features that are required by this specification.

Table 6.3: Handling of the AMR-NB and AMR-WB SDP parameters in the received SDP offer and in the SDP answer

	Parameter in the received SDP offer
	Comments
	Handling

	Codec
	Wide-band speech is preferable over narrow-band speech
	If both AMR-WB and AMR-NB are offered and if AMR-WB is supported by the answering MTSI client in terminal then it shall select to use the AMR-WB codec and include this codec in the SDP answer, unless another preference order is indicated in the SDP offer. If the MTSI client in terminal only supports AMR-NB then this codec shall be selected to be used and shall be included in the SDP answer.

The SDP answer shall only include one RTP Payload Type for speech, see NOTE 1.

	octet-align
	Both the bandwidth-efficient and the octet-aligned payload formats are supported by the MTSI client in terminal.

MTSI MGWs for GERAN or UTRAN are likely to either not include the octet-align parameter or to offer octet-align=0.

The bandwidth-efficient payload format is preferable over the octet-aligned payload format.
	The offer shall not be rejected purely based on the offered payload format variant.

If both bandwidth-efficient and octet-aligned are included in the received SDP offer then the MTSI client in terminal shall select the bandwidth-efficient payload format and include it in the configuration in the SDP answer.

	mode-set
	The MTSI client in terminal can interoperate properly with whatever mode-set the other end-point offers or if no mode-set is offered.

The possibilities to use the higher bit rate codec modes also depend on the offered bandwidth.

MTSI MGWs for GERAN or UTRAN inter-working are likely to include the mode-set in the offer if in case the intention is to use TFO or TrFO.

Mode sets that gives more adaptation possibilities are preferable over mode-sets with fewer or no adaptation possibilities.

If the mode-set must be restricted to include only a few codec modes then the preferred mode-set for AMR-NB is {12.2, 7.4, 5.9, 4.75} and for AMR-WB it is {12.65, 8.85 and 6.60}.
	The offer shall not be rejected purely based on the offered mode-set.

If only one mode-set is offered MTSI client in terminal shall select to use this and include the same mode-set as in the SDP answer.

If several different mode-sets are included in the received SDP offer or if some RTP Payload Types do not specify any mode-set then the MTSI client in terminal should select in the first hand the mode-set that provides the largest degrees of freedom for codec mode adaptation and in the second hand the mode-set that is closest to the preferred mode sets.

	mode-change-period
	The MTSI client in terminal can interoperate properly with whatever mode-change-period the other end-point offers.

MTSI MGWs for GERAN or UTRAN inter-working are likely to include mode-change-period=2 in the offer if in case the intention is to use TFO or TrFO.
	The offer shall not be rejected purely based on the offered mode-change-period.

If the received SDP offer defines mode-change-period=2 then this information shall be used to determine the mode changes for AMR-NB or AMR-WB encoded media that the MTSI client in terminal sends.

The MTSI client in terminal should not include the mode-change-period parameter in the SDP answer since it has no corresponding limitations.

	mode-change-capability
	The MTSI client in terminal can interoperate with whatever capabilities the other end-point declares.
	The offer shall not be rejected purely based on the offered mode-change-capability.

The mode-change-capability information should be used to determine a proper value, or prevent using an improper value, for mode-change-period in the SDP answer, see above. If the offer includes mode-change-capability=1, then the MTSI client in terminal shall not offer mode-change-period=2 in the answer.

The MTSI client in terminal shall include mode-change-capability=2 in the SDP answer since it is required to support restricting mode changes to every other frame.

	mode-change-neighbor
	The MTSI client in terminal can interoperate with whatever limitations the other end-point offers.
	The offer shall not be rejected purely based on the offered mode-change-neighbor.

The MTSI client in terminal shall use this information to determine how mode changes can be performed for AMR-NB or AMR-WB encoded media that the MTSI client in terminal sends.

The MTSI client in terminal shall not include the mode-change-neighbor parameter in the SDP answer since it has no corresponding limitations.

	maxptime
	The MTSI client in terminal can interoperate with whatever value that is offered.

The MTSI client in terminal may also use this information to determine a suitable value for max-red in the SDP answer.
	The offer shall not be rejected purely based on the offered maxptime.

The MTSI client in terminal shall use this information to control the packetization when sending RTP packets to the other end-point, see also clause 7.4.2.

The maxptime parameter shall be included in the SDP answer and shall be an integer multiple of 20.

If the received SDP offer includes both the max-red and ptime parameter then the MTSI client in terminal may choose to use this information to define a suitable value for maxptime in the SDP answer, see NOTE 2. The MTSI client in terminal may also choose to set the maxptime value to 240, regardless of the ptime and/or max-red parameters in the SDP offer.

The maxptime value in the SDP answer shall not be smaller than ptime value in the SDP answer. The maxptime value should be selected to give at least some room for adaptation.

	crc
	The MTSI client in terminal is not required to support this option.
	The MTSI client in terminal may have to reject offered RTP payload types including this option.

	robust-sorting
	The MTSI client in terminal is not required to support this option.
	The MTSI client in terminal may have to reject offered RTP payload types including this option.

	interleaving
	The MTSI client in terminal is not required to support this option.
	The MTSI client in terminal may have to reject offered RTP payload types including this option.

	ptime
	The MTSI client in terminal can interoperate with whatever value that is offered.
	The offer shall not be rejected purely based on the offered ptime.

The MTSI client in terminal should use this information and should use the requested packetization when sending RTP packets to the other end-point. The MTSI client should use the ptime value to determine how many non-redundant speech frames that can be packed into the RTP packets. The requirements in clause 7.4.2 shall be followed even if ptime in the SDP offer is larger than 80.

The ptime parameter shall be included in the SDP answer and shall be an integer multiple of 20.

If the received SDP offer includes the ptime parameters then the MTSI client in terminal may choose to use this information to define a suitable value for ptime in the SDP answer, see NOTE 3. The MTSI client in terminal may also choose to set the ptime value in the SDP answer according to Table 7.1, regardless of the ptime parameter in the SDP offer.

The ptime value in the SDP answer shall not be larger than the maxptime value in the SDP answer.

	Channels
	The MTSI client in terminal is only required to support 1 channel. Offered RTP payload types with more than 1 channel may therefore have to be rejected.
	The number of channels shall be included in the SDP answer.

	max-red
	The MTSI client in terminal may use this information to bound the delay for receiving redundant frames.

The MTSI client in terminal may also use this information to determine a suitable value for maxptime in the SDP answer.
	The max-red parameter shall be included in the SDP answer and shall be an integer multiple of 20.

If the received SDP offer includes both the ptime and maxptime parameters then the MTSI client in terminal may choose to use this information to define a suitable value for max-red in the SDP answer, see NOTE 2. The MTSI client in terminal may also choose to set the max-red value to 220.

The max-red value in the SDP answer should be selected to give at least some room for adaptation.

	ecn-capable-rtp: leap; nonce=0; ect=0
	An MTSI client in terminal uses this SDP attribute to offer ECN for RTP-transported media
	Shall be included in the SDP answer if accepting an offer to use ECN and if the session setup allows for bit-rate adaptation

	NOTE 1:
An MTSI client may include both a speech coded, e.g. AMR-NB or AMR-WB, and ‘telephone-events’ for DTMF in the SDP answer, see 3GPP TS 24.229 Clause 6.1, [7].

NOTE 2:
It is possible to use the following relationship between maxptime, ptime and max-red:

maxptime = ptime + max-red.
There is however no mandatory requirement that these parameters must be aligned in this way.

NOTE 3:
It may be wise to use the same ptime value in the SDP answer as was given in the SDP offer, especially if the ptime in the SDP offer is larger than 20, since a value larger than the frame length indicates that the other end-point is somehow packet rate limited.


If an SDP offer is received from another MTSI client in terminal then the SDP offer will include configurations as described in Table 6.1 and Table 6.2. If the MTSI client in terminal chooses to accept the offer for using the AMR-NB or AMR-WB codec, as configured in Table 6.1 or Table 6.2 then the MTSI client in terminal shall support a configuration where the MTSI client in terminal creates an SDP answer containing an RTP payload type for the AMR-NB and AMR-WB codec as shown in Table 6.4.

Table 6.4: SDP parameters for AMR-NB or AMR-WB for SDP answer when the SDP offer is received from another MTSI client in terminal

	Parameter
	Usage

	octet-align
	Shall not be included

	mode-set
	Shall not be included or shall be set to the preferred mode-set, see Table 6.3

	mode-change-period
	Shall not be included

	mode-change-capability
	May be included. If it is included then it shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set to 1

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp: leap; nonce=0; ect=0
	Shall be included in the SDP answer if accepting an offer to use ECN and if the session setup allows for bit-rate adaptation


If an SDP offer is received from a MTSI MGW inter-working with CS GERAN/UTRAN, and when the MTSI MGW supports ECN (see also Annex K), then it is likely to be configured as shown in Table 6.5 if the MTSI MGW does not support redundancy.

Table 6.5: Expected configuration of SDP parameters for AMR-NB or AMR-WB in an SDP offer from an MTSI MGW inter-working with CS GERAN/UTRAN

	Parameter
	Usage

	octet-align
	Either not included or set to 0

	mode-set
	Included and indicates the codec modes that are allowed in the CS network

	mode-change-period
	Set to 2

	mode-change-capability
	Set to 2

	mode-change-neighbor
	Set to 1 if the CS network is GERAN

	maxptime
	Set to 80, see also Table 12.1

	crc
	Not included

	robust-sorting
	Not included

	interleaving
	Not included

	ptime
	Set according to Table 12.1

	channels
	Set to 1

	max-red
	Set to 0

	ecn-capable-rtp: leap; nonce=0; ect=0
	Shall be included in the SDP answer if accepting an offer to use ECN and if the session setup allows for bit-rate adaptation


If the MTSI client in terminal accepts the offer included in Table 6.5 then the MTSI client in terminal shall support a configuration where the MTSI client in terminal creates an SDP answer containing an RTP payload type for the AMR-NB and AMR-WB codecs as shown in Table 6.6.

Table 6.6: SDP parameters for AMR-NB or AMR-WB for SDP answer when the SDP offer is received from another MTSI MGW

	Parameter
	Usage

	octet-align
	Shall be set according to the offer

	mode-set
	Shall be set according to the offer

	mode-change-period
	Shall not be included

	mode-change-capability
	May be included. If it is included then it shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set according to the offer

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp: leap; nonce=0; ect=0
	Shall be included in the SDP answer if accepting an offer to use ECN and if the session setup allows for bit-rate adaptation


*** End change 5 ***

*** Start change 6 ***

6.2.8
SDP negotiation of ECN Capable Transport 

The offer-answer procedure for ECN is described in [x2].


ECN may be used for the sessions where bit-rate adaptation is possible. If the codec supports only one bit-rate or if the session setup limits the codec usage to only one bit-rate then ECN shall not be used in the session.

SDP examples for offering and accepting ECT are shown in Annex A.12.
*** End change 6 ***

*** Start change 7 ***

7.3.1
General

The RTP implementation shall include an RTCP implementation.

For a given RTP based media stream, the MTSI client in terminal shall use the same port number for sending and receiving RTCP packets. This facilitates interworking with fixed/broadband access. However, the MTSI client shall accept RTCP packets that are not received from the same remote port where RTCP packets are sent by the MTSI client. 

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556 [42]. Therefore, an MTSIclient shall include the "b=RS:" and "b=RR:" fields in SDP, and shall be able to interpret them. There shall be an upper limit on the allowed RTCP bandwidth for each RTP session signalled by the MTSI client. This limit is defined as follows:

-
4 000 bps for the RS field (at media level);

-
3 000 bps for the RR field (at media level).

If the session described in the SDP is a point-to-point speech only session, the MTSI client may request the deactivation of RTCP by setting its RTCP bandwidth modifiers to zero.

If a MTSI client receives SDP bandwidth modifiers for RTCP equal to zero from the originating MTSI client, it should reply (via the SIP protocol) by setting its RTCP bandwidth using SDP bandwidth modifiers with values equal to zero.

RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. Point-to-point speech only sessions may not require these functionalities and may therefore turn off RTCP by setting the SDP bandwidth modifiers (RR and RS) to zero. When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with SDP bandwidth modifiers values greater than zero, and send RTCP packets to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.

When RTCP is turned off (for point-to-point speech only sessions) and if sending of an additional associated RTP stream becomes required and both RTP streams need to be synchronized, or if transport feedback due to lack of end-to-end QoS guarantees is needed, a MTSI client should re-negotiate the bandwidth for RTCP by sending an SDP with the RS bandwidth modifier greater than zero.

NOTE 1:
Deactivating RTCP will disable the adaptation mechanism for speech defined in clause 10.2.

7.3.2
Speech

MTSI clients in terminals offering speech shall support AVPF (RFC 4585 [40]) configured to operate in early mode. When allocating RTCP bandwidth, it is recommended to allocate RTCP bandwidth and set the values for the "b=RR:" and the "b=RS:" parameters such that a good compromise between the RTCP reporting needs for the application and bandwidth utilization is achieved, see also Annex A.6. The value of "trr-int" should be set to zero or not transmitted at all (in which case the default "trr‑int" value of zero will be assumed) when non-compound RTCP (see clause 7.3.5) is not used.

For speech sessions it is beneficial to keep the size of RTCP packets as small as possible in order to reduce the potential disruption of RTCP onto the RTP stream in bandwidth-limited channels. RTCP packet sizes can be minimized by using non-compound packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application. RTCP compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 4 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session. RTCP non-compound and semi-compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 2 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session.

An MTSI client in terminal using ECN for speech in RTP sessions shall support RTCP in accordance with [x2] with the following clarifications. If RTCP is used (bandwidth not set to zero) then ECN feedback using RTCP should be sent in response to ECN-related error cases, and the sender should decide how to resolve the error. If RTCP is disabled (bandwidth set to zero) then the receiver may initiate a session re-negotiation to disable ECN to resolve ECN-related error cases. An ECN-related error case may, for example, be detecting non-ECT in the received packets when ECT(0) was expected or detecting a very high packet loss rate when ECN is used.

For speech, RTCP APP packets are used for adaptation (see clause 10.2).

*** End change 7 ***

*** Start change 8 ***

7.5.1
General

This clause contains considerations on how to use media in RTP, packetization guidelines, and other transport considerations. The use of ECN for RTP sessions is also described for speech in this clause.
*** End change 8 ***

*** Start change 9 ***

7.5.4 
ECN usage in RTP sessions


Once the ECN negotiation has been completed as defined in Clause 6.2.8, then only ECT(0) shall be used [x1], and for an RTP stream for which ECN usage has been negotiated a sending MTSI client shall set ECT(0) in each and every packet. This also means that the leap-of-faith method is used for the ECN initiation and that ECN nonce is not used.
Handling of ECN Congestion Experience (ECN-CE) marked packets is described in clause 10.


*** End change 9 ***

*** Start change 10 ***

10
Adaptation

10.1
General

Adaptive mechanisms are used to optimize the session quality given the current transport characteristics. The mechanisms provided in MTSI are bit-rate, packet-rate and error resilience adaptation. These mechanisms can be used in different ways; however, they should only be used when the result of the adaptation is assumed to increase the session quality even if e.g. the source bit-rate is reduced.

Adaptive mechanisms that act upon measured or signalled changes in the transport channel characteristics may be used in a conservative manner. Examples of measured changes in transport characteristics are variations in Packet Loss Rate (PLR) and delay jitter. An example of signalled changes in transport characteristics is ECN Congestion Experienced (ECN-CE) marking in IP packet headers. A conservative use of adaptation is characterized by a fast response to degrading conditions, and a slower, careful upwards adaptation intended to return the session media settings to the original default state of the session. The long-term goal of any adaptive mechanism is assumed to be a restoration of the session quality to the originally negotiated quality. The short-term goal is to maximize the session quality given the current transport characteristics, even if that means than the adapted state of the session will give a lower session quality compared to the session default state if transported on an undisturbed channel.

10.2
Speech

10.2.0
General
To reduce the risk for confusion in the sender, it is beneficial if the signaling for the media adaptation is the same regardless of what triggers that are used in the adaptation. For example, for AMR and AMR-WB, it is beneficial to use RTCP-APP, see Clause 10.2.1 and 10.2.2. The adaptation of the speech media bit-rate includes adapting the media bit-rate, the frame aggregation and the redundancy level.

The boundaries of the adaptation may be configured by using a set of parameters. These parameters may be configured into the MTSI client based on operator policy, for example using OMA-DM. Table 10.1 defines a minimum set of parameters that may be used to configure adaptation when ECN is used as a trigger. Table 10.1 also contains default values for the configuration parameters, should they not be configured by other means.
Table 10.1: Minimum set of configuration parameters when ECN is used as a trigger
	Parameter
	Description

	ECN_low_rate
	Lower boundary for the media bit-rate adaptation in response to ECN-CE marking. The media bit-rate shall not go below this value as a reaction to the received ECN-CE (other triggers used along ECN-CE, such as PLR, may trigger media bit-rate reduction below ECN_low_rate).
The ECN_low_rate should be selected to maintain an acceptable service quality while reducing the resource utilization.
Default value: Lowest media bit-rate supported in the session.

	ECN_cong_ wait
	The waiting time after an ECN-CE marking for which an up-switch shall not be attempted.
A +/-50% uniform randomization of the waiting time shall be applied to avoid synchronized up-switch for multiple clients as synchronized behavior might result in an oscillating bandwidth utilization.
A negative value can be used to indicate an infinite waiting time, i.e. to prevent up-switch for the whole remaining session.
Default value: 5 seconds


The configuration of adaptation parameters, and the actions taken during the adaptation, are specific to the particular triggers. For example, the adaptation may be configured to reduce the media bit-rate to AMR5.9 when ECN-CE is detected, while it may reduce the media bit-rate to AMR4.75 for bad radio conditions when high PLR is detected.







Multiple ECN-CE markings within one round-trip time is considered as the same congestion event, [x1]. An MTSI client detecting a congestion event shall send an adaptation request to reduce the media bit-rate unless already operating at the ECN_low_rate. An MTSI client detecting a congestion event shall not increase the media bit-rate for a time period ECN_cong_wait after detecting ECN-CE. 
An example adaptation scheme is described in Annex C.


*** End change 10 ***

*** Start change 11 ***

10.5
Explicit Congestion Notification

When network nodes, such as the eNodeB, experience congestion they may set the ECN bits in the IP header to ‘11’ to indicate “Congestion Experienced” for packets that have been marked with ECN Capable Transport (ECT), [x1], [x2].

Adaptation requests should be sent in response to congestion events. Clause 10.2 describes adaptation for speech when ECN-CE is detected.
*** End change 11 ***

*** Start change 12 ***

12.3.3
Explicit Congestion Notification

When ECN is supported in the MTSI MGW, then the MTSI MGW shall support ECN as described in this specification for the MTSI client in terminal. If ECN is supported in the MTS MGW, then the MTSI MGW shall also support RTP/AVPF and SDPCapNeg.



*** End change 12 ***

*** Start change 13 ***

12.7.3
Explicit Congestion Notification

When ECN is supported in the MTSI MGW, then the MTSI MGW shall support ECN as described in this specification for the MTSI client in terminal. If ECN is supported in the MTSI MGW, then the MTSI MGW shall also support RTP/AVPF and SDPCapNeg.
An example of inter-working with a non-ECN transparent network or a non-3GPP client using an MTSI MGW is described in Annex K.


*** End change 13 ***

*** Start change 14 ***

A.12
SDP examples when using ECN
These SDP offer and answer are likely when both MTSI clients in terminal use ECN for speech.
This SDP example is based on the SDP example found in Table A.3.0 although bandwidth information for the media and for RTCP has been added. The negotiation of Reduced-Size RTCP is added together with the ECN negotiation.
Table A.12.1: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ecn-capable-rtp: leap; nonce=0; ect=0
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 99

a=acfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:99 AMR/8000/1

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

a=ecn-capable-rtp: leap; nonce=0; ect=0
a=rtcp-rsize
a=ptime:20

a=maxptime:240


Comments:

The SDP offer includes the SDP attribute ‘ecn-capable-rtp’ to indicate that ECN is supported. The SDP offer further includes the parameters: ‘leap’ to indicate that the leap-of-faith initiation method; ‘nonce=0’ to indicate that nonce is not to be used; and ‘ect=0’ to request that the other endpoint sets the ECN bits to ECT(0).
The SDP offer also includes an offer for AVPF, to enable sending adaptation requests without following the normal rules for RTCP transmission intervals. In addition, the SDP offer also includes an offer to use Reduced-Size RTCP (‘a=rtcp-rsize’) to enable sending the adaptation requests without including the RTCP SR/RR and SDES packets.
The SDP answer is configured in the same way as in the offer, to indicate that the ECN usage and its configuration is agreeable to be used in the session.
*** End change 14 ***

*** Start change 15 ***


C.1.3.5
Adaptation when using ECN

This example shows how ECN may be used to trigger media bit-rate adaptation. ECN can be used in combination with other adaptation triggers, for example packet loss triggered adaptation schemes, although this is not included in this example.
In this example, the ECN-triggered adaptation is configured using the set of parameters as described in Table C.8.
Table C.8: Configuration parameters used for the ECN triggered adaptation in this examples
	Parameter
	Description

	high_rate
	Upper boundary for the media bit-rate adaptation. The high_rate is selected to give a high service quality.
Default value: Highest media bit-rate supported in the session
Comment: The generic parameter high_rate (without the ECN_ prefix), valid for all adaptation triggers, is used here to show that it is possible to use the common parameter for ECN-triggered adaptation.

	ECN_low_rate
	Used in accordance with Table 10.1

	ECN_cong_wait
	Used in accordance with Table 10.1


Figure C.x shows how the codec rate changes over the session if there is no congestion and therefore no ECN-CE marking (and no packet losses). The codec modes that can be used during the session are negotiated at session setup. In this case it is assumed that the recommended four AMR {4.75, 5.9, 7.4 and 12,2 kbps} codec modes can be used in the session. It is further assumed that the high_rate corresponds to AMR 12.2 kbps and the ECN_low_rate corresponds to AMR 5.9 kbps, see Clause 10.2.0.

NOTE:
ECN can also be used for AMR-WB in a corresponding way, with the difference that the high_rate and ECN_low_rate would be selected based on the AMR-WB codec mode rates.
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Figure C.x: Example of codec mode usage in a session

The session starts with the Initial Codec Mode (ICM), i.e. the AMR 5.9 kbps codec mode, see Clause 7.5.2.1.6. The receiving MTSI client evaluates the performance, for example by measuring the packet loss rate and detecting ECN-CE marked packets, and adapts the codec mode upwards (by sending adaptation requests backwards to the sender) in steps as long as no ECN-CE marked packets and no (or only marginal) performance problems are detected. In this case, this means that the MTSI client starts using the AMR 5.9 kbps mode, then switches to the AMR 7.4 kbps mode and then to the AMR 12.2 kbps mode.

The step-wise upswitching is used because the receiving MTSI client does not know whether the new and higher rate is sustainable or not. The transmission performance for each new rate needs to be verified over a time period before further upswitching can be attempted. If the new bit rate would prove to be not sustainable then the receiving MTSI client would switch back to the previously used rate or even a lower rate (not shown in these figures).

Figure C.y shows how ECN-CE marked packets may trigger codec adaptation.
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Figure C.y: Example of how ECN may trigger codec adaptation

Again, the session starts with ICM, i.e. the AMR 5.9 kbps codec mode. The MTSI client evaluates the performance, for example the packet loss rate and/or ECN-CE marked packets, and adapts the codec mode upwards if it is deemed possible to do so. During the upwards adaptation, the receiver detects in this example a congestion event since ECN-CE is set for at least one of the received IP packets. In this case a fast back-off strategy is used and the receiver therefore sends an adaptation request back to the sender using RTCP APP with a request to switch to a low codec mode, in this case to adapt to the AMR 5.9 kbps mode. The AVPF profile allows for sending an (one) RTCP packet without waiting for the normal RTCP transmission interval, even if a regular compound RTCP was recently transmitted. This gives a faster reaction to ECN-CE.

After the down-switch, a waiting time is used to prevent upswitch too soon after the congestion event since too early upswitch is likely to trigger further congestion. The receiver uses RTCP APP also for the adaptation requests for upswitch. It is beneficial to use the normal RTCP transmission rules, defined for the AVP profile, for the upswitch adaptation signalling because this enables using the AVPF transmission rules in case congestion would occur immediately after the upswitch.


The response to the ECN-CE marking, the waiting time and the upswitching after a congestion event is the same regardless of when the congestion occurs, which is shown in Figure C.z. This is because the MTSI client is evaluating if the bit rate is sustainable also after switching up to the high rate.
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Figure C.z: Example of codec mode usage in a session

Figure C.z also shows how the fast down-switch gives a rapid codec mode switch from the AMR 12.2 kbps to the AMR 5.9 kbps mode. The codec mode request (CMR) sent from the receiver may suggest a direct switch from the AMR 12.2 kbps mode to the AMR 5.9 kbps mode. However, if the MTSI client is inter-working with a CS GERAN then mode changes will be limited in the session setup to every other frame border and also to neighboring modes. The MTSI client obviously has to follow such rules for mode changes, if they are defined in the session setup. The sender may therefore be prevented from following the CMR directly and it may take a few frames until the target codec mode is reached.

*** End change 15 ***

*** Start change 16 ***

Annex K (informative):
Example solution for inter-working with non-ECN transparent networks

Editor’s note:
The content of this annex is FFS.
*** End change 16 ***
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