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5.3.2.2
The 3GPP-Adaptation header

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 2396 [60] and updated in RFC 2732 [61]. 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 a reception and de-jittering buffer that has this given amount of space for complete RTP packets including the RTP header. 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 value of the "target-time" parameter is the targeted minimum buffer level or, in other words, the client desired amount of playback time in milliseconds to guarantee interrupt-free playback and allow the server to adjust the transmission rate, if needed.
-----------------------
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 
= 1*2DIGIT

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 OBSN APP packet for reporting of the oldest buffered sequence number, as defined in clause 6.2.3.2.

The SDP attribute shall only be present at the media level. The report frequency value indicates to the client that it shall include an OBSN APP packet in at least every "report-frequency" compound RTCP packet. For example, if this value is 3, the client shall send the OBSN APP packet in at least every 3rd RTCP packet.

---------------------------------
6.2.3
RTCP extensions

6.2.3.1
RTCP extended reports

A PSS client should implement the framework and SDP signalling of the RTP Control Protocol Extended Reports [58]. A PSS client should further implement the following report formats:

-
Loss RLE Report Block defined in section 4.1of [58].

A PSS client should send the report block(s) indicated by SDP signalling from the PSS server. A PSS server may limit the report blocks size using SDP signalling. For best utility the client should report in every packet and provide redundancy by reporting also on past RTCP intervals. In cases where the size restriction prevents the client from reporting on all the RTP packets, the client shall first remove the redundant reporting. Only if this action is not enough to reduce the reports to satisfactory sizes, should thinning be applied.

6.2.3.2
RTCP App packet for receiver buffer feedback (RBUF APP packet)

To report the receivers buffer status for bit-rate adaptation, an RTCP APP packet is defined. 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 RBUF 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 RBUF format.

length: The number of 32 bit words –1, as defined in RFC 3550 [9]. This means that the field will be 2+2*N, where N is the number of sources reported on. The length field will typically be 4, i.e. 20 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 is a report block, part of either a Receiver Report or a Sender Report, included in the RTCP compound packet. An RBUF APP packet shall not contain any other data format than the one described in figure 4 below. All fields are in network byte order. 
 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                             |

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

|    Buffer Playout Time        |      Free Buffer Space        |

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

Figure 4: Data format block for OBSN reporting

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

Free Buffer Space (16 bit): The amount of free buffer space available in the client at the time of reporting. The reported free buffer space, shall all be part of 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.
Buffer
Playout Time (16 bit): Indicates how long playout time in milliseconds (ms) the buffered data represents. The value is calculated over all the application data unit  (ADU), like AMR frames or H.264 NALUs, that are in the declared receiver buffer space but not present in any de-interleaving buffer part. The de-interleaving buffer for the AMR codecs or H.264 or any future codec with ADU interleaving in the RTP payloads, is excluded as the ADUs present in the de-interleaving buffer is not yet a complete sequence. The playout time in the buffer are in normal cases calculated as: Highest RTP timestamp  value (TS_high) of an ADU present in the buffer (excluding the de-interleaving part) minus the lowest value (TS_low), and then converted to milliseconds by dividing with the RTP Timestamp rate (TS_rate) and multiplying with 1000. All operations must be done using modulo arithmetic to consider RTP timestamp wrap arounds.
Buffer Playout Time = (TS_high - TS_low) *1000 / TS_rate

However the above method will result in erroneous results for any media codec where certain ADUs are decoded significantly prior to their playout, for example certain reference frames in video codecs. For these codecs (currently only H.264) the following method should be used:
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This method tries to eliminate the error introduced by the ADUs that has higher TS values (later playout) then the others ADU close to them in decoding order. To avoid having this effect the formula above, the TS values used as the highest (TS_high) are no longer the complete buffers highest values. Instead the highest TS value is picked from a window at beginning of the streaming buffer. The TS_high value is selected as the lowest TS value within the window. That way any effects of delayed playout of ADUs is ignored as long as the window is sufficiently large to include at least one ADU not having delayed playout. As this is media dependent each codec necessary to use this mechanism shall specify the size of this window. Using a to large window will result in an underestimation of the amount of media playout time present in the buffer.  
TS selection window size that shall be used for the below specified codecs are:

H.264: The window in which the lowest TS value is selected from shall include, the two first RTP TS values found that belong to VCL NAL units when starting with the highest (in modulo arithmetic) decoding order number (DON) present in the streaming buffer and traversing the buffer toward lower DONs. Thus allowing one complete video picture to be delayed in playout and then requiring it to be followed by at least one VCL NALU that do not have delayed playout.


10
Adaptation of continuous media

10.1
General

The PSS includes a number of protocols and functionalities that can be utilized to allow the PSS session to adapt transmission and content rates to the available network resources. The goal of this is of course to achieve highest possible quality of experience for the end-user with the available resources, while maintaining interrupt-free playback of the media. This requires that the available network resources are estimated and that transmission rates are adapted to the available network link rates. This can prevent overflowing network buffers and thereby avoid packet losses. The real-time properties of the transmitted media must be considered so that media does not arrive too late to be useful. This will require that media content rate is adapted to the transmission rate.

To avoid buffer overflows, resulting in that the client must discard useful data, while still allowing the server to deliver as much data as possible into the client buffer, a functionality for client buffer feedback is defined. This allows the server to closely monitor the buffering situation on the client side and to do what it is capable in order to avoid client buffer underflow. The client specifies how much buffer space the server can utilize and the desired target level of protection. When the desired level of protection is achieved, the server may utilize any resources beyond what is needed to maintain that protection level to increase the quality of the media. The server can also utilize the buffer feedback information to decide if the media quality needs to be lowered in order to avoid a buffer underflow and the resulting play-back interruption.

10.2
Bit-rate adaptation

The bit-rate adaptation for PSS is server centric in the meaning that transmission and content rate are controlled by the server. The server use RTCP and RTSP as the basic information sources about the state of the client and network. This allows link-rate adaptation also when communicating with PSS clients of earlier releases, as long as they send RTCP receiver reports frequently enough.

10.2.1
Link-rate estimation

The actual algorithm providing the link-rate estimation is implementation specific. However, this chapter describes and gives rules for the different information sources that can be used for link-rate estimation.

10.2.1.1
Initial values

A PSS client should inform the server the quality of service parameters for the used wireless link. The known parameters should be included in the RTSP "3GPP-Link-Char" header (chapter 5.3.2.1) in either the RTSP SETUP or PLAY request. This enables the server to set some basic assumption about the possible bit-rates and link response. If the client has initially reported these parameters and they are changed during the session the client shall update these parameters by including the "3GPP-Link-Char" header in a SET_PARAMETER or OPTIONS request.

A PSS client should inform the server about initial bit-rate available over the link, if known. This reporting shall be done using the RTSP "Bandwidth" header in either the RTSP SETUP or PLAY request. The QoS negotiated guaranteed bit-rate is the best estimate for the bandwidth value.

10.2.1.2
Regular information sources

The basic information source giving regular reports useful for bit-rate estimations is the RTCP receiver reports as defined by [9]. The RTCP reporting interval is dependent on the RTP profile in use, the bit-rate assigned to RTCP, the average size of RTCP packets, and the number of reporting entities.  Most of these parameters can be set or affected by the PSS server through signalling. This allows the server to configure the reporting interval to a desirable working point. See chapter 5.3.3.1 for specification on how the RTCP bandwidth is signalled by the server.  

In most PSS RTP sessions the server and the client only have one SSRC each, thus providing the highest possible reporting rate. However some scenarios could result in that the number of used SSRC is larger, thereby possibly lowering the effective reporting interval for client, server or both.

The average size of the RTCP packets cannot be tightly controlled, but a loose control is possible by controlling which RTCP packet types that are used. This will depend on which of the below-listed RTCP extensions are in use. 

The PSS server can signal the PSS client in SDP, to request that "Loss RLE Report Block" in RTCP XR (section 6.2.3) are used to report packet loss vectors.

10.2.2
Transmission adaptation

The transmission adaptation is implementation dependent. The 3GPP file format server extensions [50] provide a server the possibility to store alternative encodings useful for stream switching. 

A server doing transmission rate adaptation through content rate adaptation shall still deliver content according to the SDP description of the media streams, e.g. a video stream delivered after content rate adaptation must still belong to the SDP announced profile and be consistent with any configuration. This will either put restrictions on the possible alternatives or require declaration of several RTP payload types or media encodings that might not be used.

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 feedback giving the amount of free buffer space and media playout time. 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. Upon reception of such an SDP attribute, if a PSS client supports client buffer feedback, it shall in the SETUP for each individual media include the "3GPP-Adaptation" header. Furthermore, upon reception of a successful SETUP response (including "3GPP-Adaptation" header), the PSS client shall send RBUF APP packets according to clause 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.  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 due to that each ADU may save metadata, like timestamp and decoding sequence numbers individually. This should only be a problem if a server tries to fill to the exactly the last block. This information will also allow the server to detect when the buffer level and media playout time drops and thus react to try to prevent underflow. The time until the client's buffer will underflow, if media delivery is totally halted, is indicated in the RBUF APP packet. 
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. For this reason, the target buffer protection time indicates the amount of playable media (in time), which the client would like 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.
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