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**** Start of Change ****
5.3.2.2
The 3GPP-Adaptation header

PSS servers and clients should implement the 3GPP-Adaptation header field.

To enable PSS clients to set bit-rate adaptation parameters, a new RTSP request and response header is defined. The header can be used in the methods SETUP, PLAY, OPTIONS, and SET_PARAMETER.  The header defined in ABNF [53] has the following syntax:

3GPP-adaptation-def = "3GPP-Adaptation" ":" adaptation-spec 0*("," adaptation-spec)

adaptation-spec
= url-def *adapt-params

adapt-params
= ";" buffer-size-def

   

/ ";" target-time-def

url-def 
= "url" "=" <"> url <">

buffer-size-def 
= "size" "=" 1*9DIGIT ; bytes

target-time-def 
= "target-time" "=" 1*9DIGIT; ms

url             
= ( absoluteURI / relativeURI )

absoluteURI and relativeURI are defined in RFC 3986 [60]. The base URI for any relative URI is the RTSP request URI.

The "3GPP-Adaptation" header shall be sent in responses to requests containing this header. The PSS server shall not change the values in the response header. The presence of the header in the response indicates to the client that the server acknowledges the request.
The buffer size signalled in the "3GPP-Adaptation" header shall correspond to reception, de-jittering, and, if used, de-interleaving buffer(s) that have this given amount of space for complete application data units (ADU), including the following RTP header and RTP payload header fields: RTP timestamp, and sequence numbers or decoding order numbers. The specified buffer size shall also include any Annex G pre-decoder buffer space used for this media, as the two buffers cannot be separated.

The target protection time signalled in the "target-time" parameter is the targeted minimum buffer level in milliseconds; that is, the minimum amount of playback time the client perceives necessary for interrupt-free playback. This value must be chosen such that the client is never in a buffering state if all media streams have reached or exceeded their target-time in buffered data and playout delay. Once this desired level of target protection is achieved, the server may utilize any additional resources to increase the quality of the media or to increase the buffer duration beyond that required by the target-time, or it may continue sending at the media rate in order to maintain a steady buffer state.
**** End of Change ****

**** Start of Change ****

5.3.3.5
The bit-rate adaptation support attribute, “3GPP-Adaptation-Support”

To signal the support of bit-rate adaptation, a media level only SDP attribute is defined in ABNF [53]:
sdp-Adaptation-line 
= "a" "=" "3GPP-Adaptation-Support" ":" report-frequency CRLF

report-frequency 
= NonZeroDIGIT [ DIGIT ]

NonZeroDIGIT
= %x31-39
;1-9

A server implementing rate adaptation shall signal the "3GPP-Adaptation-Support" attribute in its SDP.

A client receiving an SDP description where the SDP attribute "3GPP-Adaptation-Support" is present knows that the server provides rate adaptation. The client, if it supports bit-rate adaptation, shall then in its subsequent RTSP signalling use the “3GPP-Adaptation” header as defined in clause 5.3.2.2, as well as the RTCP Next Application Data Unit (NADU) APP packet for reporting the next unit to be decoded, as defined in clause 6.2.3.2.

The SDP attribute shall only be present at the media level. The report frequency value, which shall be larger than zero, indicates to the client that it shall include a NADU APP packet in at least every "report-frequency" compound RTCP packet, except prior to receipt of RTP media packets, when the client is unable to generate a valid NADU APP packet. For example, if this value is 3, the client shall send the NADU APP packet in at least every 3rd RTCP packet.
**** End of Change ****
****Start of Change ****

6.2.3.2
RTCP App packet for client buffer feedback (NADU APP packet)

A PSS client supporting Signalling for Client Buffer Feedback (see clause 10.2.3) shall report the next application data unit to be decoded for buffer status reporting and rate adaptation by sending the RTCP APP packet. A NADU APP packet shall be sent only after the client has received at least one RTP packet on the media stream and shall be accompanied by a complementary RR packet. The RR and NADU packets shall contain information that represents a single simultaneous 'snapshot' of the media stream. The format of a generic RTCP APP packet is shown in Figure 3 below:

 0                   1                   2                   3   

 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|V=2|P| subtype |   PT=APP=204  |             length            |

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|                           SSRC/CSRC                           |

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|                          name (ASCII)                         |

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|                   application-dependent data                ...

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Figure 3: Generic Format of an RTCP APP packet.

For rate adaptation the name and subtype fields must be set to the following values:

name: The NADU APP data format is detected through the name "PSS0", i.e. 0x50535330 and the subtype.

subtype: This field shall be set to 0 for the NADU format.

length: The number of 32 bit words –1, as defined in RFC 3550 [9]. This means that the field will be 2+3*N, where N is the number of sources reported on. The length field will typically be 5, i.e. 24 bytes packets.

application-dependent data: One or more of the following data format blocks (as described in Figure 4) can be included in the application-dependent data location of the APP packet. The APP packets length field is used to detect how many blocks of data are present. The block shall be sent for the SSRCs for which there are a report block as part of either a Receiver Report or a Sender Report, included in the RTCP compound packet. A NADU APP packet shall not contain any other data format than the one described in figure 4 below.

 0                   1                   2                   3
 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                              SSRC                             |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|      Playout Delay            |            NSN                |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|  Reserved           |   NUN   |    Free Buffer Space (FBS)    |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Figure 4: Data format block for NADU reporting

SSRC: The SSRC of the media stream the buffered packets belong to.

Playout delay (16 bits): The difference in milliseconds between the scheduled playout time of the next ADU to be decoded, (whose sequence number is indicated in the NSN field) and the current time when generating the RTCP packet that contains the NADU APP block, both measured on the media playout clock. The client shall always indicate this value, unless it is not well defined, when it may use the reserved value (0xFFFF). When the buffer is empty (the client has not yet received the packet with sequence number NSN), the playout delay is not well defined and the client should use the reserved value 0xFFFF for this field. When the media clock is not advancing (e.g. while paused or re-buffering), the playout delay corresponds to the difference between the playout time of the next ADU and the media time at which playout will resume.
The point at which the media playout clock is measured should be chosen such that, if the only packet in the buffer is that with sequence number NSN, the playout delay indicates the time remaining until the media playout will 'starve' and this stream might need re-buffering. In the calculations of playout delay above, this point is used to determine the playout point of a media packet even though actual playout may occur later in the decoding chain. The target buffer time (see clause 5.3.2.2) must be measured from the same point.
The playout delay allows the server to have a more precise value of the amount of time before the client will underflow. The playout delay shall be computed until the actual media playout (i.e., audio playback or video display).
NSN (16 bits): The RTP sequence number of the next ADU to be decoded for the SSRC reported on. In the case where the buffer does not contain any packets for this SSRC, the next not yet received sequence number shall be reported, i.e. an NSN value that is one larger than the least significant 16 bits of the RTCP SR or RR report block's "extended highest sequence number received". 
NUN (5 bits): The unit number (within the RTP packet) of the next ADU to be decoded. The first unit in a packet has a unit number equal to zero. The unit number is incremented by one for each ADU in an RTP packet. In the case of an audio codec, an ADU is defined as an audio frame. In the case of H.264 (AVC), an ADU is defined as a NAL unit. In the case of H.263 and MPEG4 Visual Simple Profile, an ADU is defined as a whole or a part of an H.263 video picture or MPEG4 VOP that is included in a RTP packet. In the specific case of H.263, each packet carries a single ADU and the NUN field shall be thus set to zero. Future additions of media encoding or transports capable of having more than one ADU in each RTP payload shall define what shall be counted as an ADU for this format.

FBS (16 bit): The amount of free buffer space available in the client at the time of reporting. The reported free buffer space shall be less than or equal to the buffer space that has been reported as available for adaptation by the 3GPP-Adaptation RTSP header, see clause 5.3.2.2. The amount of free buffer space are reported in number of complete 64 byte blocks, thus allowing for up to 4194304 bytes to be reported as free. If more is available, it shall be reported as the maximal amount available, i.e. 4194304 with a field value 0xffff.

Reserved (11 bits): These bits are not used and shall be set to 0 and shall be ignored by the receiver.

**** End of Change ****
**** Start of Change ****

10.2.3
Signalling for client buffer feedback

The client buffer feedback signalling functionality should be supported by PSS clients and PSS servers. For PSS clients and servers that support the client buffer feedback signalling functionality, the following parts shall be implemented:

-
SDP service support, as described in clause 5.3.3.5.

-
The size (in bytes) of the buffer the client provides for rate adaptation. It is signalled to the server through RTSP, as described in clause 5.3.2.2 

-
The target buffer protection time (in milliseconds). It is signalled to the server through RTSP, as described in clause 5.3.2.2.

-
The client buffer status feedback information free buffer space, next ADU to be decoded and playout delay. It is signalled to the server via RTCP, as described in clause 6.2.3.2. 

If a PSS server supports client buffer feedback, it shall include the attribute "3GPP-Adaptation-Support" in the SDP, as described in clause 5.3.3.5. If a PSS client supports client buffer feedback, upon reception of an SDP containing the "3GPP-Adaptation-Support" attribute, it shall include the "3GPP-Adaptation" header in the SETUP for each individual media. Furthermore, upon reception of a successful SETUP response (including "3GPP-Adaptation" header), the PSS client shall send NADU APP packets according to clause 5.3.3.5 and 6.2.3.2.

The "3GPP-Adaptation" header may be included in PLAY, OPTIONS and SET_PARAMETER requests in order to update the target buffer protection time value during a session. However, the target-protection-time is intended to be stable for the entire session with the server there are very few reasons for a client to modify the target buffer protection time once a session is established. The buffer size value shall not be modified during a session.

With the total buffer size, and the reported amount of free buffer space, the server can avoid overflowing the buffer. A server should assume that any sent RTP packet will consume receiver buffer space equal to the complete RTP packet size. For interleaved or aggregated media, the actual buffer space consumption may be slightly larger if buffering is done in the ADU domain. This is because each ADU may save metadata corresponding to the RTP header and payload fields, like timestamp and decoding sequence numbers individually. This should only be a problem if a server tries to fill exactly to the last free memory block.

The server can determine the time to underflow by calculating the amount of media time present in the buffer. This is done using the next ADU numbers, the highest received sequence number, and the playout delay, combined with the server's view of the sent ADUs and their decoding order and playout time. The information about the ADUs for 3GP files that are produced according to the streaming-server profile can be read from the "3gau" box [50]. It is also possible to derive some of the information about the ADUs from the media track, or hint-track, or the actual RTP packets.

A client needs to choose the target-time and the point on the playout timeline from which it will measure PlayoutDelay such that it will never re-buffer when the target-time is fulfilled. A client should typically begin rebuffering only when it has reached 0 ms buffered data. Once rebuffering has begun, the client should resume playback when the target-time has been fulfilled for all synchronized media streams. 
The level of protection needed against transmission rate variations over a wireless network can be substantial (throughput variation because of network load, radio conditions, several seconds of interruption because of handovers, possible extra buffering to perform retransmission). In order to minimise the initial buffering delay, the client may choose an initial buffering that is less than the required buffering it has determined would be satisfactory. The client needs to take into account, however, that it may be unsafe to begin playback prior to fulfilling its target time. For this reason, the target buffer protection time indicates the amount of playable media (in time), which the client perceives necessary to have in its buffer. Therefore a server should not perform content adaptation towards higher content rates until the given target time of media units is available in the buffer.
It is important to note that target-protection-time is intended only to guide the server in its attempts to sustain or improve the quality of the media. There are many situations in which the target-protection time may not be respected by the server which will actually result in better media quality for the client.  (e.g. client sends a target-protection-time smaller than the perceived jitter or client sends a target-protection-time that is close to or exceeds the client buffer maximum). The only requirement target-time places on the server is that the server shall not attempt to upshift prior to attaining the target-time.
Furthermore, while it is possible for the client to modify the target protection time in the 3GPP adaptation header with each RTSP request that is sent to the server, the target protection time is intended to be a stable value for the entire session with the server and should only be modified in circumstances where the client has a more accurate understanding of network and transmission jitter and the efficiency of its ability to process the network buffer.  In these circumstances, adjusting the target time up could prevent buffer low points which will cause rebuffering or, adjusting the target time down could provide more head room to allow the server to adapt to the most appropriate rate.
**** End of Change ****
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