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1 Introduction

This contribution includes a proposal for the specification of media layer adaptation for speech in MTSI terminals. The text included here is written in change request style to simplify inclusion in the MTSI-MHI TS.

2 Proposal

Approve the proposed text to be included in the MTSI-MHI TS.

---- Start change 1 -----

5.3.1.1.1
Payload using Shim

For adaptation purposes it is possible to employ in-band signalling by means of Shim. The Shim can contain one or more different Shim messages (0 or 1 ACK  and 1-4 messages followed by the payload). Shim makes it possible to request different frame aggregation and also application level redundancy.

The AMR payload format with Shim pre-pended looks like below. Distinction between standard AMR payload and AMR payload with Shim pre-pended is made possible by means of different payload types. One example is 

PT = 97: Normal payload

PT = 98: As PT = 97 but with Shim inserted between RTP and payload.

It is then possible to either temporarily switch to PT = 98 when on or more Shims are to be transmitted. Optionally PT=98 can be used permanently.
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A Shim message has the syntax below. A maximum of 4 Shim fields (+1 SHIM_ACK) can be transmitted in the same packet.
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· F  : Follow flag, 1 indicates that one or more Shim fields follow this field
· ID : An ID of the Shim data. In the current version the ID code points [000],[001],[010],[110],[111] are specified, the ID code points [011],[100] and [101] are reserved for future use, Shim messages using the code points reserved for future use should be ignored by the receiver.
SHIM_ACK: ACKnowledge Shim.
The ACKnowledge Shim is used to acknowledge (ACK) (or not acknowledge, NACK) one or more received Shim fields. Up to four Shim fields may be handled in this message.  A SHIM_ACK is always transmitted first and only one SHIM_ACK is permitted in the packet. Note that a received SHIM_ACK  is not acknowledged.
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· abcd pattern: The pattern is an OR bitmask defining which part(s) of the received Shim was  ACK’ed or rejected.  The received Shim messaged subject to the ACK message are numbered 1 to 4 with 1 being the first Shim message in the Shim field or the first 1 Shim message after a possible ACK message.

· a bit : If “0”, Shim message 1 was NACK’ed, if “1” it was ACK’ed

· b bit : If “0”, Shim message 2 was NACK’ed, if “1” it was ACK’ed

· c bit : If “0”, Shim message 3 was NACK’ed, if “1” it was ACK’ed

· d bit : If “0”, Shim message 4 was NACK’ed, if “1” it was ACK’ed 

· SN % 256 - RTP sequence number Modulo 256 of the received Shim.

SHIM_NULL: A NULL shim.

This NULL shim is used to signal that no Shim data is present.  The Null Shim is used if only one payload type is to be used. A Null Shim shall not be transmitted if other Shims are sent.
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In IMS Multimedia Telephony, two Shim requests are needed.

SHIM_REQ_RED: Request for redundancy level and offset of redundant data.
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DATA field can have the following values (syntax RROO) 
· RR : redundancy level
· RR = 00 - no redundancy
· RR = 01 - 100% redundancy
· RR = 10 - 200% redundancy
· RR = 11 – reserved for future use

· OO : Offset of redundant data
· OO = 00 - redundant data in next packet
· OO = 01 - redundant data 2 packets later
· OO = 10 – reserved for future use

· OO = 11 – reserved for future use

Example DATA = 0101 ( 100% redundancy with redundant data 2 packets later

SHIM_REQ_AGG: Request frame aggregation.
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DATA field can have the following values:
· 0000 - 1 frame / packet
· 0001 - 2 frames / packet
· 0010 - 3 frames / packet
· 0011 - 4 frames / packet

· …
· 1111 - 15 frames / packet

SHIM_EXT: Future extension.

In order to make parsing of future extensions of Shim safe, a future extension Shim is provided.  The interpretation of the DATA field is not specified.  A parser that does not support future extensions must read past this Shim message and ignore the contents.
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LEN field specifies the length of the data
· LEN=0000 equals 1 byte of data

· LEN=0001 equals 2 bytes of data
· …

· LEN=1111 equals 16 bytes of data that follows.
--- End change 1 ---

--- Start change 2 ---

5.3.1.1.2
Media type registration for Shim
A media type registration for Shim will be necessary.

Type name: Audio
Subtype name: signalling-shim

Required parameters:

    rate: The RTP timestamp rate of this media type shall be equal to

            the one of the original payload type indicated by "orig-pt".

    orig-pt: The payload type present in the payload part of this

               signalling shim payload format.

Optional parameters:

Encoding considerations:

    This type is framed as defined in [RFC4288].

Security considerations:

    This media type carries signalling information. Thus it is vulnerable to modifications by man in the middles. Modifications can severely effect the media quality for the stream the signalling relates too. To protect against modification the signalling shim needs to be integrity protected and its origin determined through source authentication.

Interoperability considerations:

    None

Published specification:

    3GPP TS 26.XXX

Applications that use this media type:

    Multimedia Telephony terminals following the specification TS 26.XXX.

Additional information:

    None

Person & email address to contact for further information:
    Ingemar Johansson

    ingemar.s.johansson@ericsson.com

Intended usage:

    Common

Restrictions on usage:

     This type is only defined for transfer via RTP (RFC 3550).
Author:

    3GPP SA4 WG

Change controller:

   3GPP TSG SA

6.3.2.1 Speech

For AMR or AMR-WB encoded media, the session setup shall determine: 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 only every 40 msec period or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes or if codec mode changes can be performed to any mode within the mode set.

For received AMR or AMR-WB encoded media, the session setup shall determine: the number of speech frames that should be encapsulate in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.
Session setup shall negotiate the use of Shim. Typically two payload types are presented, one which makes use of the standard payload format and one that supports the use of Shim

An example SDP displaying the use if Shim is displayed below.

 Editor’s note:
, Should be listed as example in appendix ar put in separate contribution.

	SDP offer (from UE on HSPA)

	m=audio 49152 RTP/AVP 98 97
a=rtpmap:98 signalling-shim/8000/1

a=fmtp:98 orig-pt=97
a=rtpmap:97 AMR-NB/8000/1

a=fmtp:97 mode-change-capability=2

a=ptime:20

a=maxptime:240

	SDP answer (from MGw)

	m=audio 49152 RTP/AVP 97 98
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-set=0,2,4,7; mode-change-period=2, mode-change-neighbor=1; \

  mode-change-capability=2

a=rtpmap:98 signalling-shim/8000/1

a=fmtp:98 orig-pt=97 max-red=1; max-red-offset=1; max-frame-aggregation=2; \

  max-frame-aggregation=1
a=ptime:20

a=maxptime:80


. 

If the session setup determines 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 6.5.1.1.

An MTSI terminal offering a speech media session for narrow-band speech should offer the following SDP.

Editor’s note:
SDP examples are TBA, see separate contribution.

An MTSI terminal offering a speech media session for both wide-band and narrow-band speech should offer the following SDP.

A terminal offering wide-band speech shall also offer at least one RTP payload type for narrow-band speech.

Editor’s note:
SDP examples are TBA, see separate contribution.

--- End change 2 ---

--- Start change 3 ---

9.2 Speech
9.2.1  Signalling

The adaptation mechanisms are based on specific requests transmitted from the receiver to the sender. Two types of in-band signalling are used.

9.2.1.1 Rate requests

The signalling for rate requests is already presented in the current RTP payload format for AMR. This is achieved using the CMR (codec mode requests) bits. For more information, see [RFC 3267]. The received requests should be policed by the receiver such that it complies with the requirements given during session setup.  

Note: The usage of CMR bits to transmit rate requests can be seen as contradicting the intention of the CMR bits given in section 4.3.1  of [RFC3267] which states that the content in the RTCP reports should enable the sender to decide whether or not to do rate adaptation.. However, fast in-band signalling provides better means to cope with changing characteristics of the channel; hence CMR bits for transmitting rate requests should be used.
9.2.1.1 Error resilience and packetization requests 

The in-band signaling is presented in ch. 5.3.1.1.1. The received requests should be policed by the receiver such that it complies with the requirements set by the session negotiation. 
9.2.2 Adaptation usage

The usage of this adaptation mechanism shall be governed by an “as-little-as-possible” guideline. Hence, adaptation requests and responses shall only be used when the current transmission quality degrades the media quality sufficiently much. This shall be determined by adaptation thresholds for the adaptation triggers used. The mechanism used can be based either on IP layer measurements or by some other information such as lower layer measurements or re-negotiated QoS attributes. 

9.2.2.1 Requirements

The requirements to use the full adaptation process, including rate adaptation, application layer redundancy and frame bundling are the following.

1. The session set-up shall result in the allowed usage of the payload type which includes the Shim messages.

2. The maximum allowed bit-rate for speech should allow at least one lower encoding mode with 100% redundancy to fit within the same bit-rate range. 

Note that a correct implementation of the payload format for AMR already today can support a dynamical change of number of frames per RTP packet and the use of application layer redundancy. However, here, the sender is never allowed to change the default frame aggregation or add application layer redundancy unless the receiver has requested it through Shim signalling. Rate adaptation is of course allowed within the negotiated codec mode set even without the allowed usage of Shim.

9.2.2.2 Adaptation triggers

Since there are no standardized interfaces to information from lower layers, the default trigger mechanism is based on the usage of IP-layer measurements as triggers. The packet loss rate (PLR) is monitored at all times and shall serve as a basis for the actual adaptation request signalling. The loss rate shall be monitored continuously and when a sufficient number of frames serve as the basis of the statistics, conclusions can be made regarding adaptation measures. Note that other triggers such as lower layer information and/or measurements can be used either in addition to, or instead of, IP layer PLR measurements.

--- End change 3 ---

--- Start change 4 ---

Annex <B> (informative):
Example of usage of inband signaling and adaptation for VoIP
B.1 Introduction

This annex gives the outline of two example implementations that makes use of the Shim in-band signalling mechanism. Two different state machine implementations are shown.

B.1.1 State machine with four states

This three-step adaptive process can be shown as a state machine with four states (denoted S1…S4).  It is assumed that the codec, in this case the AMR-NB codec can use two coding rates (AMR 12.2 and AMR 5.9).  Note that mode change requests must follow the rules outlined in section (TBA) for reason of interworking with CS voice telephony.
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Figure B1. State diagram for full three-step adaptive process.

Below follows a description of the different states and what makes the side enter these states. Worth notice is that it the actual implementation of the state machine is in the decoder. The decoder send requests via inband signalling to the encoder, as the encoder may refuse to follow some request (or some requests might get  lost due to bad channel conditions) the decoder must take necessary precautions to ensure that requests are followed and take necessary actions if they are not followed, this control can be does either implicitly by inspection of the received RTP stream or use the SHIM_ACK messages. 

As it takes some time to gather reliable statistics some hangover time is needed after a new state has been entered (typically 100-200 speech frames), also is good for stability reasons to have a longer hangover time when going from state S2 and S4 back to state S1.

States:

S1: Default state: Good channel conditions. In this case the highest codec rate and highest packet rate is used.

S2: In this state the coded rate and possibly also the packet rate is reduced. This state is divided into 2 substates (S2a and  S2b). In state S2a the codec rate is reduced. In state S2b also the packet rate is reduced. State S2a may also involve a gradual decrease of the codec-rate, in it’s simplest implementation  it involves stepping down in bitrate by a large amount, eg. From AMR12.2 to AMR5.9, in this case it must be ensured that the mode change requirements given by en CS-UE’s are followed.

S3: This is an interim state where a higher total bitrate and same packet rate as in S1 is tested in order to verify that it is possible to enter S1 later. This is accomplished by means of probed redundancy. 

S4: In this state the coded rate is reduced and redundancy is turned on. Optionally also the packet rate is kept the same as in state S2.

State transitions:

Below are listed the possible state transitions and inband signalling (CMR and Shim) that is involved. Worth notice is that there is implicitly a delay between state transitions in order to gather reliable statistics. This delay is typically in the order 100-200 frames.  In this example it is assumed that packet loss is the metric used to determine the transition between is packet loss but it is possible to use other metrics such as lower layer channel quality metrics. Further, some figures (5%, 2% etc) are mentioned, however these values are currently only indicative and included just to make the reading easier. Note that the state can go from S1 to either S2 or state S4, this is explained below.

Recommended values for PLR_1…PLR_3 are 


	
	Packet  loss

	PLR_1
	5%

	PLR_2
	1%

	PLR_3
	2%


Table B.1. State transition thresholds.
	State transition
	Conditions and actions

	S1(S2a
	Condition : Packet loss ≥ PLR _1 or packet loss burst detected . 
The codec rate is reduced (for example from AMR 12.2 to AMR 5.9) by means of a CMR (codec mode request). The state will then be S2a.

	S2a(S2b
	Condition : Packet loss ≥ PLR_1. This state transition occurs if the packet loss is still high despite the reduction in codec rate. Packet rate is reduced by means of  SHIM_REQ_AGG.

	S2b(S2a
	Condition : Packet loss ≤ PLR_ 2 This state transition involves an increase of the packet rate. Also packet rate is restored to same value as in State (1) SHIM_REQ_AGG. If the state transition S2b(S2a(S2b occurs, the state will be locked to S2b for some time, this time should be a random value in the value [Td1...Td2] in order to avoid a large scale oscillating behaviour.

	S2a(S3
	Condition : Packet loss ≤ PLR_2. Redundancy is turned on (100%) by means of Shim request SHIM_REQ_RED. Also packet rate is restored to same value as in State (1) SHIM_REQ_AGG.

	S3(S2a
	Condition : Packet loss ≥ PLR_3 or packet loss burst detected . 
Same actions as in transition from, S1(S2a. If the transition S2a(S3(S2a(S3(S2a happens state S3 is disabled for some time, this time should be a random value in the value [Td1...Td2] in order to avoid a large scale oscillating behaviour.

	S3(S1
	Condition : Packet loss < PLR_3 and no packet loss burst detected. Redundancy is turned off by means of Shim request SHIM_REQ_RED. Codec rate increased by means of CMR.

	S2b(S4
	Condition : Packet loss ≥ PLR_3. Redundancy is turned on (100%) by means of Shim request SHIM_REQ_RED. Also packet rate is restored to same value as in State (1) SHIM_REQ_AGG.

	S4(S2
	Condition : 
1) If previous transition was S2b(S4 and packet loss ≥ to 2*PLR@ S2b(S4 (packet loss more than doubled since transition to state S4). 
    This is indicative of that the total bitrate is too high. Redundancy is turned off by means of Shim request SHIM_REQ_RED. State S4 is disabled for some time, this time should be a random value in the value [Td1...Td2] in order to avoid a large scale oscillating behaviour.

2) If previous transition was S1(S4
   This transition is made to test if a bitrate/packet rate reduction is better.

	S4(S1
	Condition : Packet loss < PLR_3. Redundancy is turned off by means of Shim request SHIM_REQ_RED.  Codec rate is increased by means of CMR.

	S1(S4
	Condition : Packet loss ≥ PLR_1 or packet loss burst detected  AND the previous transition was S4(S1, otherwise the transition S1(S2a will occur. 
Redundancy is turned on (100%) by means of Shim request SHIM_REQ_RED. The codec rate is reduced (in the example from AMR 12.2 to AMR 5.9) by means of a CMR.


Table B.2. State transitions for full three-step adaptation process.
B.1.2 State machine with two states

In some cases it will not be possible to use redundancy. One such example is when the codec rate in State (1) is AMR 5.9. In this case the state machine will reduce to a State machine with only two states.  It is easy to realize that this state machine is only subset of the state machine in B.1.1 therefore it is possible to host both alternatives in the same implementation.
--- End change 4 ---
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