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<START CHANGE 1>
7.3.3
Video

MTSI clients offering video shall support AVPF (RFC 4585 [40]) configured to operate in early mode. The behaviour can be controlled by allocating enough RTCP bandwidth using "b=RR:" and "b=RS:" (see section 7.3.1) and setting the value of "trr-int".

MTSI clients offering video shall support transmission and reception of AVPF NACK messages, as an indication of non-received media packets. MTSI terminals offering video shall also support reception of AVPF Picture Loss Indication (PLI). An MTSI client receiving NACK or PLI should take appropriate action to improve the situation for the MTSI client that sent NACK or PLI, although no action is mandated nor specified. Note that by setting the bitmask of following lost packets (BLP) the frequency of transmitting NACK can be reduced, but the repairing action by the MTSI client receiving the message can be delayed correspondingly.
The Temporary Maximum Media Bit-rate Request (TMMBR) and Temporary Maximum Media Bit-rate Notification (TMMBN) messages of Codec-Control Messages (CCM) [43] shall be supported by MTSI clients in terminals supporting video. The TMMBR notification messages along with RTCP sender reports and receiver reports are used for dynamic video rate adaptation.  See clause 10.3 for usage andAnnexes B and C for examples of bitrate adaptation.

MTSI clients supporting video shall support Full Intra Request of CCM [43].

<END CHANGE 1>
<START CHANGE 2>
10.3
Video

MTSI clients receiving RTCP Receiver Reports (RR) indicating nonzero packet loss should adjust their outgoing bitrate accordingly (see RFC 3550 [9]). Note that for IMS networks, which normally have nonzero packet loss and fairly long round-trip delay, the amount of bitrate reduction specified in RFC 3448 [56] is generally too restrictive for video and may, if used as specified, result in very low video bitrates already at (for IMS) moderate packet loss rates.

It is recommended that a video sender adapts its video output rate based on RTCP reports and TMMBR messages. Some examples are given in clause B.

If the receiving MTSI client in terminal is made aware of a reduction in downlink bandwidth allocation through an explicit indication of the available bandwidth from the network (e.g. due to QoS renegotiation or handoff to another radio access technology), or from measurements such as increased delay at the receiver it shall notify the sender of the new current maximum bitrate using TMMBR. In this context the TMMBR message is used to quickly signal to the other party a reduction in available bitrate. The sending MTSI client, receiving TMMBR, shall respond by sending TMMBN, as described in CCM [43]. To determine TMMBR and TMMBN content, both sending MTSI client and receiving MTSI client in terminal shall use their best estimates of packet measured overhead size when measured overhead values are not available. If the TMMBR message was sent due to an explicit indication of available bandwidth, the MTSI client in terminal that sent the TMMBR message shall, after receiving the TMMBN, send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7. 

If the receiving MTSI client in terminal is made aware of an increase in downlink bandwidth allocation (determined via separate negotiation) through an explicit indication from the network (e.g. due to QoS renegotiation or handoff to another radio access technology) then, if this has not yet occurred, it shall send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7.

<END CHANGE 2>
<START CHANGE 3>
Annex B (informative):
Examples of adaptation scenarios

B.1
Video bitrate adaptation

It is recommended in clauses 7.3.3 and 10.3 that a video sender adapts its video output rate based on RTCP reports and TMMBR messages. The following examples illustrate the usage:

EXAMPLE 1 – Handover to a different cell:

1.
A video session is established at 100kbps. 5kbps is allocated for RTCP and trr-int is set to 500 ms. This allows an MTSI client in terminal to send regular RTCP reports with an average 500 ms interval consuming less than 5 kbps for RTCP. At the same time it allows the MTSI client in terminal to send an early RTCP event packet and then send the next one already after 800 ms instead of after 1 000 ms.

2.
The receiver is now subject to a reduced bandwidth, e.g. 60 kbps, due to handover to a different cell. The network indicates the reduced bandwidth to the receiver. The receiver generates a TMMBR message to inform the sender of the new maximum bitrate, 60 kbps.

3.
The sender receives the TMMBR message, adjusts its output bitrate and sends a TMMBN message back.

4.
The receiver sends a SIP UPDATE message to the sender indicating 60 kbps

5.
The receiver travels into an area with full radio coverage. A new bandwidth of 100 kbps is negotiated with the network. It sends a SIP UPDATE message for 100 kbps.

6.
The sender receives the SIP UPDATE message, and adjusts its output bitrate.

EXAMPLE 2 – Bad coverage or congestion:

1.
A video session is established at 100kbps. 5kbps is allocated for RTCP and trr-int is set to 500 ms. This allows an MTSI client in terminal to send regular RTCP reports with an average 500 ms interval consuming less than 5 kbps for RTCP. At the same time it allows the MTSI client in terminal to send an early RTCP event packet and then send the next one already after 800 ms instead of after 1 000 ms.

2.
The receiver detects congestion and estimates its sustainable bandwidth to e.g. 60 kbps. The receiver generates a TMMBR message to inform the sender of the new maximum bitrate, 60 kbps.

3.
The sender receives the TMMBR message, adjusts its output bitrate and sends a TMMBN message back.

<END CHANGE 3>
<START CHANGE 4>
Annex C (informative):
Example adaptation mechanisms for speech and video
<CUT TEXT>
C.2
Example of feedback and adaptation for video

C.2.1
Introduction

This annex gives the outline of a possible example adaptation implementations that make use of adaptation signalling for video as described in section 10.3. Several different adaptation implementations are possible and the example shown in this section is not to be seen as an adaptive scheme excluding other designs. Implementers are free to use this example or to use any other adaptation algorithm. The example is based on measured packet losses and average playout margin whereas a real implementation is free to use other adaptation triggers such as estimated roundtrip time or estimated jitter if this makes sense. The algorithm description is split into two parts, one for the sender side and one for the receiver side.

C.2.2
Media sender side implementation

C.2.2.1
Principle

The basic rate adaptation algorithm on the media sender side serves to combine the received RTCP TMMBR and RR or SR in a way that makes adaptation possible in the precense of any or both of the forementioned reports. One important aspect is that the TMMBR reports will serve as a upper limit on the permitted bitrate while RR or SR serves as temporary adjustment based on e.g the estimated packet loss. Note that the actual bitrate limit will also depend on the bandwidth attribute in the SDP.  Typically adjustment of the permitted bitrate due to TMMBR reports is less frequent than adjustment due to RR or SR. 
C.2.2.2
Pseudo code and explanation

The pseudo code is given below.

// Constants

double plr_scale = 1.0;

   // Sensitivity to RTCP packet loss metrics

double min_bitrate, max_bitrate;

   // max bitrate, defined at session setup or session update (renegotiation)
   // min bitrate, the minimum bitrate at which video can be sent at an acceptable quality, 

   // implementation dependent 
// Static variables

double last_TMMBR = max_bitrate;

   // Initial bitrate at session setup, updated by received TMMBR

double time_since_last_TMMBR = 1000.0; 

   // Time elapsed (s) since last received TMMBR, initialized to a high value

   // Variable is monotonically incremented by some timer based 

   //  function.

double last_RTCP_RR_plr = 0.0;

   // Last received RTCP-RR (or SR) packet loss metric
   //  metric defined in units of 1 i.e 100% = 1.0
double estimated_RTT = 1.0;

   // Estimated round trip time (s)
   // value computed by another function, not described here.

// Structs

struct RTCP {

   // a fictious struct that may contain TMMBR messages as well as

   // RR or SR. 

};

// Functions

bool is_TMMBR(RTCP_Report rtcp) 

{ 

   // return true if RTCP contains TMMBR

}

bool is_RTCP_RR_SR(RTCP_Report rtcp) 

{ 

   // return true if RTCP contains RR or SR

}

double calculate_bitrate(RTCP_Report rtcp)

{

   // This function is called for each received RTCP packet
   if ( is_TMMBR(rtcp) ) {

      // A new TMMBR received, set bitrate to received TMMBR value,

      // initialize hold timer, zero packet loss metric. 

      last_TMMBR = min(max_bitrate, rtcp.TMMBR);

      time_since_last_TMMBR = 0;

      last_RTCP_RR_plr = 0.0;

   }

   if ( time_since_last_TMMBR > 2.0*estimated_RTT ) {

      // Hold timer expired, update last_RTCP_RR_plr if RTCP RR or SR received

      if ( is_RTCP_RR_SR(rtcp) ) {

         // RTCP-RR or RTCP-SR received, update 

         last_RTCP_RR_plr = rtcp.fraction_loss; // packet loss rate in range [0.0..1.0]

         // Note that if the RTCP rate is too high it will not be possible to 

         //  get a packet loss metric with a reasonable resolution.           

      }

   }

   bitrate_to_use = max(min_bitrate,last_TMMBR*(1.0-plr_scale*last_RTCP_RR_plr);
   return bitrate_to_use;
}

A hold timer is introduced to allow for the packet loss rate estimates to stabilize as result of the use of the new bitrate value given by the TMMBR value, during this hold time the packet loss rate is ignored when the bitrate is computed. The hold time in this implementation is two times the estimated round trip time. 

When the hold timer is expired the bitrate is computed as a function of the TMMBR value and the packet loss rate. The sensitivity to packet loss is determined by the constant plr_scale.

C.2.3
Media receiver side implementation

C.2.3.1
Principle

The basic rate adaptation algorithm on the media receiver side consists of both the well established RFC3550 RTCP RR and SR reporting (which is not descibed further) and the estimation and sending of TMMBR to the sender. Typically transmission of TMMBR reports is less frequent than RR or SR. 
Hold timers are introduced to avoid unnecessarily frequent transmission of TMMBR. The downswitch part triggers on sudden delay increases, excessive packet loss and when the average playout margin (the average time difference between packets are received and being played out) is too low. The upswitch part triggers on an average playout margin that is sufficiently high. 

C.2.3.2
Pseudo code and explanation

The pseudo code below describes how appropriate values of TMMBR are computed and transmitted in the receiver. The proposed algorithm can be combined with notifications from the network regarding available bandwidth as indicated in section B.1. 

The actual transmission of the TMMBR message is subject to RTCP bandwidth requirements and is thus controlled by the RTP stack. The algorithm below should be run at given intervals. As an example it may be run at the same frame rate as the video decoder.
// Constants

double rate_downswitch_plr_threshold = 0.1;

   // Threshold for packet loss trigger, defined in units of 1
double hold_time_downswitch = 0.4;

double hold_time_upswitch = 1.75;

   // Hold timers for rate up and downswitch, units (s)
// Static variables

double max_bitrate = 128.0;  

   // Initalized at session setup and re-negotiation
double min_bitrate = max_rate*0.3;

   // Initialized at session setup or defined as a fraction of max_rate

double current_bitrate = max_bitrate;

   // Current maximum allowed bitrate

double time_since_last_TMMBR = 1000.0;

   // Time elapsed (s) since last transmitted TMMBR, initialized to a high value

   // Variable is monotonically incremented either by some timer based 

   //  function.

double since_last_received_RTP = 0.0;

   // Time elapsed (s) since last received RTP

   // Variable is monotonically incremented either by some timer based 

   //  function.

// Functions

double rate_upswitch_factor(double rate)

{

   // Determine a reasonable rate upswitch increment depending on the current rate

   if (rate > 24.0)



return 24.0;

   else

      return 12.0; 

}

double estimated_plr()

{

   // Compute and return the estimated packet loss rate computed over 

   //  a given time period (for instance the last second)
   //  return value in units of 1
}

double average_playout_margin()

{

   // Compute the average playout margin (s) as the average time difference between 

   //  the packets arrive and being played out.
}

double target_playout_margin()

{

   // Determine the target playout margin (s), a default value of 0.100 (s) may be used.
}

double max_allowed RTP_gap()

{


// Determine the maximum gap (s) between RTP packets depending on video codec 

   //  and mode of operation. A default value of 0.160 may be used for 15fps video.

}

void rate_adaptation_algoritm()

{

   // TMMBR algorithm runs according the AIMD principle, i.e the 

   // rate is decreased multiplicatively and increased additively

   if ( since_last_received_RTP > max_allowed RTP_gap ||

        estimated_plr() > rate_downswitch_plr_threshold ||

        average_playout_margin () < target_playout_margin()*0.3 ) ) {

      // It is likely that the bitrate must be decreased
      if ( time_since_last_TMMBR > hold_time_downswitch &&

           current_rate > min_bitrate ) {

         // It is proper to send a TMMBR

         current_rate = min_bitrate;

         time_since_last_TMMBR = 0.0;

         // Send TMMBR, transmission of TMMBR may be delayed 

         //  due to RTCP bandwidth requirements therefore

         //  the variable time_since_last_TMMBR must be set to zero also 

         //  when the TMMBR is actually transmitted and when a TMMBN is 

         //  received.

         send_TMMBR(current_rate);

      }          

   }

   if ( average_playout_margin () > target_playout_margin()*0.8 ) ) {

      // It is likely that the bitrate can be increased 

      if ( time_since_last_TMMBR > hold_time_upswitch &&

           current_rate < max_bitrate ) {

         // It is proper to send a TMMBR

         current_rate = min(max_rate, current_rate+rate_upswitch_factor(current_rate));

         time_since_last_TMMBR = 0.0;

         // Send TMMBR, transmission of TMMBR may be delayed 

         //  due to RTCP bandwidth requirements therefore

         //  the variable time_since_last_TMMBR must be set to zero also 

         //  when the TMMBR is actually transmitted and when a TMMBN is 

         //  received.

         send_TMMBR(current_rate);         

      }

   }

} 

<END CHANGE 4>
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