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FIRST CHANGE
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [3] and the following apply.

3GP
3GPP file format
AAC
Advanced Audio Coding

ADU
Application Data Unit

AVC
Advanced Video Coding

CC/PP
Composite Capability / Preference Profiles

CPB
Coding Picture Buffer

CVO
Coordination of Video Orientation

DCT
Discrete Cosine Transform

DIMS
Dynamic and Interactive Multimedia Scenes

DLS
Downloadable Sounds

DRM
Digital Rights Management

Enhanced aacPlus
MPEG-4 High Efficiency AAC plus MPEG-4 Parametric Stereo

GIF
Graphics Interchange Format

HDTV
High-Definition TeleVision
HTML
Hyper Text Markup Language

HTTP
Hypertext Transfer Protocol

HTTPS

Hypertext Transfer Protocol Secure

IDR
Instantaneous Decoding Refresh

ITU-T
International Telecommunications Union – Telecommunications

JFIF
JPEG File Interchange Format

MIDI
Musical Instrument Digital Interface

MIME
Multipurpose Internet Mail Extensions

MMS
Multimedia Messaging Service

MPD
Media Presentation Description

MPEG-2 TS
Moving Picture Experts Group Transport Stream

NADU
Next Application Data Unit

OMA
Open Mobile Alliance

PDCF
Packetized DRM Content Format

PNG
Portable Networks Graphics

PSS
Packet-switched Streaming Service

QCIF
Quarter Common Intermediate Format

RAP
Random Access Point

RDF
Resource Description Framework

RFC
Request For Comments

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

RTSP
Real-Time Streaming Protocol

SBR
Spectral Band Replication

SDP
Session Description Protocol

SMIL
Synchronised Multimedia Integration Language

SP-MIDI
Scalable Polyphony MIDI

SRTP
Secure Real-time Transport Protocol

SVG
Scalable Vector Graphics

UAProf
User Agent Profile

UCS-2
Universal Character Set (the two octet form)

URI
Uniform Resource Identifier

URL
Uniform Resource Locator

UTC
Universal Time Coordinated
UTF-8
Unicode Transformation Format (the 8-bit form)

VCL
Video Coding Layer

W3C
WWW Consortium

WML
Wireless Markup Language

XHTML
eXtensible Hyper Text Markup Language

XMF
eXtensible Music Format

XML
eXtensible Markup Language

XSLT
eXtensible Stylesheet Language Transformation

END OF FIRST CHANGE
SECOND CHANGE
5.3.3.2
Additional SDP fields

The following additional media level SDP fields are defined for PSS:

- 
"a=X-predecbufsize:<size of the hypothetical pre-decoder buffer>"
If the field is an attribute for an H.263 stream and rate adaptation (see clause 10.2) is not in use, this gives the suggested size of the Annex G hypothetical pre-decoder buffer in bytes.

If the field is an attribute for an H.263 stream and rate adaptation is in use, this gives the suggested minimum size of a buffer (hereinafter called the pre-decoder buffer) that is used to smooth out transmit time variation (compared to flat-bitrate transmission scheduling) and video bitrate variation.


If the field is an attribute for an H.264 (AVC) stream, the H.264 (AVC) bitstream is constrained by the value of "CpbSize" equal to X-predecbufsize * 8 for NAL HRD parameters, as specified in [90]. For the VCL HRD parameters, the value of "CpbSize" is equal to X-predecbufsize * 40 / 6. The value of "X-predecbufsize" for H.264 (AVC) streams shall be smaller than or equal to 1200 * MaxCPB, in which the value of "MaxCPB" is derived according to the H.264 (AVC) profile and level of the stream, as specified in [90]. If "X-predecbufsize" is not present for an H.264 (AVC) stream, the value of "CpbSize" is calculated as specified in [90].

-
"a=X-initpredecbufperiod:<initial pre-decoder buffering period>" 
If the field is an attribute for an H.263 stream and rate adaptation is not in use, this gives the required initial pre-decoder buffering period specified according to Annex G. Values are interpreted as clock ticks of a 90-kHz clock. That is, the value is incremented by one for each 1/90 000 seconds. For example, value 180 000 corresponds to a two second initial pre-decoder buffering.

If the field is an attribute for an H.263 stream and rate adaptation is in use, this gives the suggested minimum greatest difference in RTP timestamps in the pre-decoder buffer after any de-interleaving has been applied. Note that X-initpredecbufperiod is expressed as clock ticks of a 90-kHz clock. Hence, conversion may be required if the RTP timestamp clock frequency is not 90 kHz.


If the field is an attribute for an H.264 (AVC) stream, the H.264 (AVC) bitstream is constrained by the value of the nominal removal time of the first access unit from the coded picture buffer (CPB), tr,n( 0 ), equal to "X-initpredecbufperiod" as specified in [90]. If "X-initpredecbufperiod" is not present for an H.264 (AVC) stream, tr,n( 0 ) shall be equal to the earliest time when the first access unit in decoding order has been completely received.

-
"a=X-initpostdecbufperiod:<initial post-decoder buffering period>"
If the field is an attribute for an H.263 stream and rate adaptation is not in use, this gives the required initial post-decoder buffering period specified according to Annex G. Values are interpreted as clock ticks of a 90-kHz clock.

If the field is an attribute for an H.263 stream and rate adaptation is in use, this gives the initial post-decoder buffering period assuming that the hypothetical decoding and post-decoder buffering model given in points 5 to 10 in clause G.3 of Annex G would be followed. Note that the operation of the post-decoder buffer is logically independent from rate adaptation and is used to compensate non-instantaneous decoding of pictures.


If the field is an attribute for an H.264 (AVC) stream, the H.264 (AVC) bitstream is constrained by the value of dpb_output_delay for the first decoded picture in output order equal to "X-initpostdecbufperiod" as specified in [90] assuming that the clock tick variable, tc, is equal to 1 / 90 000. If "X-initpostdecbufperiod" is not present for an H.264 (AVC) stream, the value of dpb_output_delay for the first decoded picture in output order is inferred to be equal to 0.

-
"a=X-decbyterate:<peak decoding byte rate>" 
If the field is an attribute for an H.263 stream and rate adaptation is not in use, this gives the peak decoding byte rate that was used to verify the compatibility of the stream with Annex G. Values are given in bytes per second.


If the field is an attribute for an H.263 stream and rate adaptation is in use, "X-decbyterate" has no meaning.
This field shall not be present for H.264 (AVC) streams.

-
"a=3gpp-videopostdecbufsize:<size of the video post-decoder buffer>"
This attribute may be present for H.264 (AVC) streams and it shall not be present for other types of streams. If the attribute is present, the H.264 (AVC) bitstream is constrained by the value of "max_dec_frame_buffering" equal to Min( 16, Floor( 3gpp-videopostdecbufsize / ( PicWidthInMbs * FrameHeightInMbs * 256 * ChromaFormatFactor ) ) ) as specified in [90]. If "3gpp-videopostdecbufsize" is not present for an H.264 (AVC) stream, the value of "max_dec_frame_buffering" is inferred as specified in [90].

If none of the attributes "a=X-predecbufsize:", "a=X-initpredecbufperiod:", "a=X-initpostdecbufperiod:", and "a=x-decbyterate:" is present for an H.263 stream, clients should not expect a packet stream according to Annex G. If at least one of the listed attributes is present for an H.263 stream, and if the client does not choose the usage of bit-rate adaptation via RTSP as described in clause 5.3.2.2, the transmitted video packet stream shall conform to Annex G. If at least one of the listed attributes is present for an H.263 stream, but some of the listed attributes are missing in an SDP description, clients should expect a default value for the missing attributes according to Annex G.

If the interleaved packetization mode of H.264 (AVC) is in use, attributes "a=X-predecbufsize:", "a=X-initpredecbufperiod:", "a=X-initpostdecbufperiod:", and "a=3gpp-videopostdecbufsize:" apply to an H.264 (AVC) bitstream when de-interleaving of the stream from transmission order to decoding order has been done.

The following media level SDP field is defined for PSS:

- 
"a=framesize:<payload type number> <width>-<height>"
This gives the largest video frame size of H.263 streams.

The frame size field in SDP is needed by the client in order to properly allocate frame buffer memory.  For H.264 (AVC) streams, the frame size shall be extracted from the sprop-parameters-sets information in the SDP. For H.263 streams, a PSS server shall include the "a=framesize" field at the media level for each stream in SDP, and a PSS client should interpret this field, if present. Clients should be ready to receive SDP descriptions without this attribute.

If this attribute is present, the frame size parameters shall exactly match the largest frame size defined in the video stream. The width and height values shall be expressed in pixels.

If RTP retransmission is supported, the following SDP attribute shall be supported by the client and server:

-
"a=rtcp-fb" according to clause 4.2 in [57].

If CVO information is signalled in the RTP Header Extension as specified in clause 6.2.5, the PSS server shall signal this in the SDP by including the a=extmap attribute [114] indicating the CVO URN under the relevant media line scope. The CVO URN is: urn:3gpp:video-orientation. Here is an example usage of this URN to signal CVO relative to a media line: 

a=extmap:7 urn:3gpp:video-orientation
The number 7 in the example may be replaced with any number in the range 1-14.

If Higher Granularity CVO information is signalled in the RTP Header Extension as specified in clause 6.2.5, the PSS server shall signal this in the SDP in a similar fashion with the CVO URN: urn:3gpp:video-orientation:6. Here is an example usage of this URN to signal CVO relative to a media line: 

a=extmap:5 urn:3gpp:video-orientation:6
END OF SECOND CHANGE
THIRD CHANGE
7.4
Video

If a PSS client supports video, H.264 (AVC) Constrained Baseline Profile Level 1.3 decoder [90] shall be supported and ITU-T Recommendation H.263 Profile 0 Level 45 decoder [22] should also be supported for compatibility with earlier released content. 

In addition, if a PSS client supports HDTV video content at a resolution of 1280x720 (720p) with progressive scan at 30 frames per second, the decoder shall support decoding any bitstream compliant to H.264 (AVC) Progressive High Profile Level 3.1 [90], wherein the maximum VCL Bit Rate is constrained to be 14Mbps with cpbBrVclFactor and cpbBrNalFactor being fixed to be 1000 and 1200, respectively.
NOTE: An H.264 (AVC) High Profile decoder is able to decode an H.264 (AVC) Main Profile stream that is progressively encoded.
In addition, if a PSS client supports stereoscopic 3D video, it should support frame-packed stereoscopic 3D video with the following characteristics:

· The bitstream conforms to H.264 (AVC) Constrained Baseline Profile Level 1.3, or conforms to H.264 (AVC) Progressive High Profile Level 3.1. The maximum VCL Bit Rate shall be constrained to 14Mbps by cpbBrVclFactor & cpbBrNalFactor being fixed to 1000 and 1200 respectively, irrespective of the profile.

· Frame packing type is indicated by the frame packing arrangement SEI messages of H.264 (AVC) [90] as follows:

· The syntax element frame_packing_arrangement_type has one of the defined values: 3 for Side-by-Side, 4 for Top-and-Bottom.
· The syntax element quincunx_sampling_flag is equal to 0;

· The syntax element content_interpretation_type is equal to 1; 

· The syntax elements spatial_flipping_flag is equal to 0;

· The syntax element field_views_flag is equal to 0;

· The syntax element current_frame_is_frame0_flag is equal to 0;

· When an access unit contains a frame packing arrangement SEI message A and the access unit is neither an IDR access unit nor an access unit containing a recovery point SEI message, the following two constraints apply:

· There shall be another access unit that precedes the access unit in both decoding order and output order and that contains a frame packing arrangement SEI message B.

· The two frame packing arrangement SEI messages A and B shall have the same value for the syntax element frame_packing_arrangement_type.

If a PSS client supports frame-packed stereoscopic 3D video, it shall support parsing of frame packing arrangement SEI messages as specified in H.264 (AVC) [90].

In addition, if a PSS client supports stereoscopic 3D video, it should support multiview stereoscopic 3D video with the following characteristics:

· The video stream conforms to ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [90] Stereo High Profile (SHP) Level 3.1 with frame_mbs_only_flag=1.

· When an H.264 (AVC) SHP sub-bitstream containing the base view only conforms to Level 1.3 or below, the value of the profile_idc should be equal to 66 and the value of the constraint_set1_flag should be equal to 1 in all active sequence parameter sets, i.e. the H.264 (AVC) Constrained Baseline Profile should be indicated to be used for the base view.

NOTE:
Any PSS (Release 11) client supporting video can play back the base view of any H.264 (AVC) SHP stream if the base view is indicated to conform to H.264 (AVC) Constrained Baseline Profile Level 1.3.
NOTE:
At the time of publication of this specification there is no RTP payload format specified for H.264 (AVC) SHP bitstreams.Thus, the format is not available for services utilizing RTP transport of media.

NOTE:
In order to provide the optimal range of perceived depth, a PSS server is recommended to adapt the stereoscopic 3D video content to fit the indicated screen size of a target device. For more information and an example steps to perform stereoscopic video content re-targeting see [113].
There are no requirements on output timing conformance for H.264 (AVC) decoding (Annex C of [90]).
The video buffer model given in Annex G of the present document should be supported if H.263 is used. It shall not be used with H.264 (AVC).

The H.264 (AVC) decoder in a PSS client shall start decoding immediately when it receives data (even if the stream does not start with an IDR access unit), or alternatively no later than it receives the next IDR access unit or the next recovery point SEI message, whichever is earlier in decoding order. Note that when the interleaved packetization mode of H.264 (AVC) is in use, de-interleaving is done normally before starting the decoding process. The decoding process for a stream not starting with an IDR access unit shall be the same as for a valid H.264 (AVC) bitstream. However, the client shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the client is out of scope of this specification.

A PSS client supporting H.264 (AVC) should ignore any VUI HRD parameters, buffering period SEI message, and picture timing SEI message in H.264 (AVC) streams or conveyed in the "sprop-parameter-sets" MIME/SDP parameter. Instead, a PSS client supporting H.264 (AVC) shall follow buffering parameters conveyed in SDP, as specified in clause 5.3.3.2, and in RTSP, as specified in clause 5.3.2.4. A PSS client supporting H.264 (AVC) shall also use the RTP timestamp or NALU-time (as specified in [92]) of a picture as its presentation time, and, when the interleaved RTP packetization mode is in use, follow the "sprop-interleaving-depth", "sprop-deint-buf-req", "sprop-init-buf-time", and "sprop-max-don-diff" MIME/SDP parameters for the de-interleaving process. However, if VUI HRD parameters, buffering period SEI messages, and picture timing SEI messages are present in the bitstream, their contents shall not contradict any of the buffering parameters conveyed in SDP, as specified in clause 5.3.3.2, or in RTSP, as specified in clause 5.3.2.4, or any of the timing information conveyed by the RTP timestamps.

NOTE:
ITU-T Recommendation H.263 Profile 0 has been mandated to ensure that video-enabled PSS supports a minimum baseline video capability.

END OF THIRD CHANGE
FOURTH CHANGE
11.3.2
Metrics initiation with SDP

QoE metrics initiation with SDP shall be done according to clause 5.3.3.6.

This following example shows the syntax of the SDP attribute for QoE metrics. The session level QoE metrics description (Initial buffering duration and rebufferings) are to be monitored and reported only once at the end of the session. Also video specific description of metrics (corruptions and decoded bytes) is to be monitored and reported every 15 seconds from the beginning of the stream until the time 40s. Finally, audio specific description of metrics (corruptions) is to be monitored and reported every 20 seconds from the beginning until the end of the stream.

EXAMPLE 1:
S->C  
RTSP/1.0 200 OK
Cseq: 1
Content-Type: application/sdp
Content-Base: rtsp://example.com/foo/bar/baz.3gp/
Content-Length: 800
Server: PSSR7 Server

v=0
o=- 3268077682 433392265 IN IP4 63.108.142.6
s=QoE Enables Session Description Example
e=support@foo.com
c=IN IP4 0.0.0.0
t=0 0
a=range:npt=0-83.660000
a=3GPP-QoE-Metrics:metrics={Initial_Buffering_Duration|Rebuffering_Duration};rate=End
a=control:*
m=video 0 RTP/AVP 96
b=AS:397
a=3GPP-QoE-Metrics:metrics={Corruption_Duration|Decoded_Bytes};rate=15;range:npt=0-40
a=control:trackID=3
a=rtpmap:96 H264/90000
a=range:npt=0-83.666000
a=fmtp:96profile-level-id=42c00c;sprop-parameter-sets= Z0LADJWgUH6Af1A=,aM46gA==
m=audio 0 RTP/AVP 98
b=AS:13
a=3GPP-QoE-Metrics:metrics={Corruption_Duration};rate=20
a=control:trackID=5
a=rtpmap:98 AMR/8000
a=range:npt=0-83.660000
a=fmtp:98 octet-align=1
a=maxptime:200

END OF FOURTH CHANGE
FIFTH CHANGE
11.3.3
Metrics initiation/termination with RTSP

QoE Metrics initiation with RTSP can be done according to clause 5.3.2.3.1
In the following example it is shown how to negotiate QoE metrics during RTSP session setup. 

EXAMPLE 1 (QoE metrics negotiation):
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Figure 11.1: QoE metrics negotiation

C->S 
SETUP rtsp://example.com/foo/bar/baz.3gp/trackID=3 RTSP/1.0
Cseq: 2
3GPP-QoE-Metrics:url=”rtsp://example.com/foo/bar/baz.3gp/trackID=3”;  metrics={Corruption_Duration|Decoded_Bytes};rate=10; Range:npt=0-40, url=”rtsp://example.com/foo/bar/baz.3gp”;
metrics={Initial_Buffering_Duration|Rebuffering_Duration};rate=End

In the above SETUP request, the client modifies the sending rate of the QoE metrics for the control URL ”rtsp://example.com/foo/bar/baz.3gp/trackID=3” from 15 to 10 (compared to the initial SDP description). 

Assuming that the server acknowledged the changes, the server will send back a SETUP response as follows:

S->C
RTSP/1.0 200 OK
Cseq: 2
Session: 17903320
Transport: RTP/AVP;unicast;client_port=7000-7001;server_port= 6970-6971
3GPP-QoE-Metrics:url=”rtsp://example.com/foo/bar/baz.3gp/trackID=3”; metrics={Corruption_Duration|Decoded_Bytes};rate=10;Range:npt=0-40,  url=”rtsp://example.com/foo/bar/baz.3gp”; metrics={Initial_Buffering_Duration|Rebuffering_Duration};rate=End

EXAMPLE 2 (QoE metrics negotiation – no DESCRIBE – 200/OK):

An example is shown in Figure 11.2 and can make use of the same RTSP header defined in clause 5.3.2.3.
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Figure 11.2: QoE metrics negotiation (no DESCRIBE-200/OK)

EXAMPLE 3 (QoE metrics negotiation – fast content switching with the SDP)
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new= rtsp://example.com/foo/bar/baz.3gp/trackID=1;

old=rtsp://example.com/foo/bar/foo.3gp/trackID=2;

new= rtsp://example.com/foo/bar/baz.3gp/trackID=2;

3GPP-QoE-Metrics:url=”rtsp://example.com/foo/bar/baz.3gp/trackID=1”;

metrics={Corruption_Duration|Decoded_Bytes}; rate=10; Range:npt=0-40

RTSP/1.0 200 OK

Cseq: 3

Session: 17903320

RTP-Info: rtsp://example.com/foo/bar/baz.3gp/trackID=1;

seqno=5000;timestamp=9873984

3GPP-3GPP-QoE-Metrics=url=” rtsp://example.com/foo/bar/baz.3gp/trackID=1;

metrics={Corruption_Duration|Decoded_Bytes};rate=10;Range:npt=0-40

Media Data (video-ch2)

Media Data (audio-ch2)

new

new

SET_PARAMETER rtsp://example.com/foo/bar/baz.3gp RTSP/1.0

Cseq: 3

Session: 17903320

3GPP-QoE-Feedback: url=“rtsp://example.com/foo/bar/baz.3gp/trackID=1”;

Corruption_Duration={200 12|1300 16};

Decoded_Bytes {750 20|1000 40}

Range:npt=0-40;

Content-length: 0


Figure 11.3: QoE metrics negotiation during content switch with SDP

C->S 
PLAY rtsp://example.com/foo/bar/baz.3gp RTSP/1.0
Cseq: 3
Session: 17903320
Switch-Stream:old=”rtsp://example.com/foo/bar/foo.3gp/trackID=1”;new=” rtsp://example.com/foo/bar/baz.3gp/trackID=1”; old=”rtsp://example.com/foo/bar/foo.3gp/trackID=2”;new=” rtsp://example.com/foo/bar/baz.3gp/trackID=2”;
3GPP-QoE-Metrics:url=”rtsp://example.com/foo/bar/baz.3gp/trackID=1”;  metrics={Corruption_Duration|Decoded_Bytes};rate=10; Range:npt=0-40 

In the above PLAY request, the client reuses the already negotiated sending rate of the QoE metrics for the control URL ”rtsp://example.com/foo/bar/baz.3gp/trackID=1” (compared to the above indicated range in the SDP description, which is 15). 

Assuming that the server acknowledged the changes, the server will send back a PLAY response as follows:

S->C
RTSP/1.0 200 OK
Cseq: 3
Session: 17903320
RTP-Info: rtsp://example.com/foo/bar/baz.3gp/trackID=1;seq=5000;rtptime=9873984 3GPP-3GPP-QoE-Metrics=url=” rtsp://example.com/foo/bar/baz.3gp/trackID=1;
metrics={Corruption_Duration|Decoded_Bytes};rate=10;Range:npt=0-40

EXAMPLE 4 (QoE metrics negotiation – fast content switching without the SDP)
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Figure 11.4: QoE metrics negotiation during content switch with SDP

C->S 
PLAY rtsp://example.com/foo/bar/baz.3gp RTSP/1.0
Cseq: 3
Session: 17903320
Sdp-Requested:1 

In the above PLAY request, the client switches to new content without having the SDP. By consequence, the client does not have any information about the requested QoE parameters and cannot indicate those in the PLAY request. 

In the case of a successful switch, the server indicates the QoE metrics in the SDP and in the 3GPP-QoE-Metrics header. The server reuses the already negotiated feedback period of 10 seconds.

S->C
RTSP/1.0 200 OK
Cseq: 3
Session: 17903320
RTP-Info: rtsp://example.com/foo/bar/baz.3gp/trackID=1;seq=5000;rtptime=9873984 3GPP-3GPP-QoE-Metrics=url=”rtsp://example.com/foo/bar/baz.3gp/trackID=1”;
metrics={Corruption_Duration|Decoded_Bytes};rate=10;Range:npt=0-40
v=0
o=- 3268077682 433392265 IN IP4 63.108.142.6
s=QoE Enables Session Description Example
e=support@foo.com
c=IN IP4 0.0.0.0
t=0 0
a=range:npt=0-83.660000
a=control: rtsp://example.com/foo/bar/baz.3gp/trackID=1
m=video 0 RTP/AVP 96
b=AS:397
a=3GPP-QoE-Metrics:{Corruption_Duration|Decoded_Bytes};rate=10;range:npt=0-40
a=control:trackID=3
a=rtpmap:96 H264/90000
a=range:npt=0-83.666000
a=fmtp:96profile-level-id=42c00c ;sprop-parameter-sets= Z0LADJWgUH6Af1A=,aM46gA==
m=audio 0 RTP/AVP 98
b=AS:13
a=control: rtsp://example.com/foo/bar/baz.3gp/trackID=2
a=rtpmap:98 AMR/8000
a=range:npt=0-83.660000
a=fmtp:98 octet-align=1
a=maxptime:200

The client may further negotiate the offered QoE metrics using OPTIONS or SET_PARAMETER methods.

EXAMPLE 4 (setting the metrics off):

In this example, the metrics are switched off at session level (for all media).

C->S, S->C
SET_PARAMETER rtsp://example.com/foo/bar/baz.3gp RTSP/1.0
Cseq: 302
Session: 17903320
3GPP-QoE-Metrics: Off
Content-length: 0

The response for setting the metrics off would be:

S->C, C->S 
RTSP/1.0 200 OK
Cseq: 302
Session: 17903320
3GPP-QoE-Metrics: Off
END OF FIFTH CHANGE
SIXTH CHANGE
A.1
SDP

This clause gives some background information on SDP for PSS clients.

Table A.1 provides an overview of the different SDP fields that can be identified in a SDP file. The order of SDP fields is mandated as specified in RFC 4566 [6].

Table A.1: Overview of fields in SDP for PSS clients

	Type
	Description
	Requirement according to [6]
	Requirement according to the present document

	Session Description

	V
	Protocol version
	R
	R

	O
	Owner/creator and session identifier
	R
	R

	S
	Session Name
	R
	R

	I
	Session information
	O
	O

	U
	URI of description
	O
	O

	E
	Email address
	O
	O

	P
	Phone number
	O
	O

	C
	Connection Information
	R
	R

	B
	Bandwidth information
	AS
	O
	O

	
	
	RS
	ND
	O

	
	
	RR
	ND
	O

	
	
	TIAS
	ND
	O

	One or more Time Descriptions (See below)

	Z
	Time zone adjustments
	O
	O

	K
	Encryption key
	O
	O

	A
	Session attributes
	control
	O
	R

	
	
	range
	O
	R

	
	
	alt-group
	ND
	O

	
	
	3GPP-QoE-Metrics
	ND
	O

	
	
	3GPP-Asset-Information
	ND
	O

	
	
	maxprate
	ND
	O

	One or more Media Descriptions (See below)

	

	Time Description

	T
	Time the session is active
	R
	R

	R
	Repeat times
	O
	O

	

	Media Description

	M
	Media name and transport address
	R
	R

	I
	Media title
	O
	O

	C
	Connection information
	R
	R

	B
	Bandwidth information
	AS
	O
	R

	
	
	RS
	ND
	R

	
	
	RR
	ND
	R

	
	
	TIAS
	ND
	R

	K
	Encryption Key
	O
	O

	A
	Attribute Lines
	control
	O
	R

	
	
	range
	O
	R

	
	
	fmtp
	O
	R

	
	
	rtpmap
	O
	R

	
	
	X-predecbufsize
	ND
	O

	
	
	X-initpredecbufperiod
	ND
	O

	
	
	X-initpostdecbufperiod
	ND
	O

	
	
	X-decbyterate 
	ND
	O

	
	
	framesize
	ND
	R (see note 5)

	
	
	alt
	ND
	O

	
	
	alt-default-id
	ND
	O

	
	
	3GPP-Adaptation-Support
	ND
	O

	
	
	3GPP-QoE-Metrics
	ND
	O

	
	
	3GPP-Asset-Information
	ND
	O

	
	
	rtcp-fb
	O
	O

	
	
	maxprate
	ND
	R

	Note 1: R = Required, O = Optional, ND = Not Defined
Note 2: The "c" type is only required on the session level if not present on the media level.

Note 3: The "c" type is only required on the media level if not present on the session level.

Note 4: According to RFC 4566, either an 'e' or 'p' field must be present in the SDP description. On the other hand, both fields will be made optional in the future release of SDP. So, for the sake of robustness and maximum interoperability, either an 'e' or 'p' field shall be present during the server's SDP file creation, but the client should also be ready to receive SDP content containing neither 'e' nor 'p' fields.

Note 5: The "framesize" attribute is only required for H.263 streams.

Note 6: The “range” attribute is required on either session or media level: it is a session-level attribute unless the presentation contains media streams of different durations. If a client receives “range” on both levels, however, media level shall override session level.


The example below shows an SDP file that could be sent to a PSS client to initiate unicast streaming of a H.264 video sequence.

EXAMPLE 1:
v=0
o=ghost 2890844526 2890842807 IN IP4 192.168.10.10
s=3GPP Unicast SDP Example
i=Example of Unicast SDP file
u=http://www.infoserver.com/ae600
e=ghost@mailserver.com
c=IN IP4 0.0.0.0
t=0 0

a=range:npt=0-45.678
m=video 1024 RTP/AVP 96

b=AS:1030

b=TIAS:1000000

a=maxprate:90
a=rtpmap:96 H264/90000

a=fmtp:96 packetization-mode=1; profile-level-id=64001e; \
sprop-parameter-sets= Z2QAHpWQC0PaAfyQ,aOuOoA==
a=control:rtsp://mediaserver.com/movie.3gp/trackID=1


The following examples show some usage of the "alt" and the "alt-default-id" attributes (only the affected part of the SDP is shown):

EXAMPLE 2:
m=audio 0 RTP/AVP 97

b=AS:12

b=TIAS:8500

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

a=alt-default-id:1

a=alt:2:b=AS:16

a=alt:2:b=TIAS:12680

a=alt:2:a=control:trackID=2


The equivalent SDP for alternative 1 (default) is:

EXAMPLE 3:
m=audio 0 RTP/AVP 97

b=AS:12

b=TIAS:8500

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

Alternative 2 is based on the default alternative but replaces two lines, "b=AS" and "a=control". Hence, the equivalent SDP for alternative 2 is:

EXAMPLE 4:
m=audio 0 RTP/AVP 97

b=AS:16

b=TIAS:12680

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=2

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

Below is an example on the usage of the "alt-group" attribute with the subtype "BW":

EXAMPLE 5:
a=alt-group:BW:AS:32=1,4;56=2,4;64=3,5

The above line gives three groupings based on application-specific bitrate values. The first grouping will result in 32 kbps using media alternatives 1 and 4. The second grouping has a total bitrate of 56 kbps using media alternatives 2 and 4. The last grouping needs 64 kbps when combing media alternatives 3 and 5.

Here follows an example on the usage of the "alt-group" attribute with the subtype "LANG":

EXAMPLE 6:
a=alt-group:LANG:RFC3066:en-US=1,2,4,5;se=3,4,5

The above line claims that the media alternatives 1, 2, 4, and 5 support US English and that the media alternatives 3, 4, and 5 support Swedish. 

A more complex example where a combination of "alt", "alt-default-id" and "alt-group" are used is seen below. The example allows a client to select a bandwidth that is suitable for the current context in an RTSP SETUP message. 

The client sends an RTSP DESCRIBE to the server and the server responds with the following SDP. A client, who supports the "alt", "alt-default-id" and "alt-group" attributes, can now select the most suitable alternative by using the control URLs corresponding to the selected alternatives in the RTSP SETUP message. The server sets up the selected alternatives and the client starts playing them. If the client is unaware of the attributes, they will be ignored. The result will be that the client uses the default "a=control" URLs at setup and receives the default alternatives.

EXAMPLE 7:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=A basic audio and video presentation

c=IN IP4 0.0.0.0

b=AS:325

b=TIAS: 308500

a=maxprate:50

a=control:*

a=range:npt=0-150.2

a=alt-group:BW:AS:222=1,3;325=1,4;329=2,4;413=2,5

a=alt-group:BW:TIAS:208500_40=1,3;308500_50=1,4;312680_50=2,4;396680_50=2,5

t=0 0

m=audio 0 RTP/AVP 97

b=AS:12

b=TIAS:8500

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

a=alt-default-id:1

a=alt:2:b=AS:16

a=alt:2:b=TIAS:12680

a=alt:2:a=control:trackID=2

m=video 0 RTP/AVP 98

b=AS:313

b=TIAS:3000000

a=maxprate:40

a=rtpmap:98 H264/90000

a=control:trackID=4

a=fmtp:98 profile-level-id=42c00c; sprop-parameter-sets= Z0KADJWgUH6Af1A=,aM46gA==
a=range:npt=0-150.2

a=X-initpredecbufperiod:98000

a=alt-default-id:4

a=alt:3:b=AS:210

a=alt:3:b=TIAS:200000

a=alt:3:a=maxprate:30

a=alt:3:a=control:trackID=3

a=alt:3:a=X-initpredecbufperiod:48000

a=alt:5:b=AS:397

a=alt:5:b=TIAS:384000

a=alt:5:a=maxprate:40

a=alt:5:a=control:trackID=5

a=alt:5:a=X-initpredecbufperiod:150000

The above example has 5 alternatives, 2 for audio and 3 for video. That would allow for a total of six combinations between audio and video. However, the grouping attribute in this example recommends that only 4 of these combinations be used. The equivalent SDP for the default alternatives (alternatives 1 and 4) with a total session bitrate of 325 kbps follows: 

EXAMPLE 8:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=Ericsson commercial

c=IN IP4 0.0.0.0

b=AS:325

b=TIAS: 308500

a=maxprate:50

a=control:*

a=range:npt=0-150.2

t=0 0

m=audio 0 RTP/AVP 97

b=AS:12

b=TIAS:8500

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

m=video 0 RTP/AVP 98

b=AS:313

b=TIAS:300000

a=maxprate:40

a=rtpmap:98 H264/90000

a=control:trackID=4

a=fmtp:98 profile-level-id=42c00c; sprop-parameter-sets = Z0KADJWgUH6Af1A=,aM46gA==
a=range:npt=0-150.2

a=X-initpredecbufperiod:98000

The equivalent SDP for the 222 kbps total session bitrate (alternatives 1 and 3) is:

EXAMPLE 9:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=A basic audio and video presentation

c=IN IP4 0.0.0.0

b=AS:222

b=TIAS:208500

a=maxprate:40

a=control:*

a=range:npt=0-150.2

t=0 0

m=audio 0 RTP/AVP 97

b=AS:12

b=TIAS:8500

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

m=video 0 RTP/AVP 98

b=AS:210

b=TIAS:200000

a=maxprate:30

a=rtpmap:98 H264/90000

a=control:trackID=3

a=fmtp:98 profile-level-id=42c00c; sprop-parameter-sets = Z0KADJWgUH6Af1A=,aM46gA==
a=range:npt=0-150.2

a=X-initpredecbufperiod:48000

The equivalent SDP for the grouping with a 413 kbps total session bandwidth (alternatives 2 and 5):

EXAMPLE 10:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=A basic audio and video presentation

c=IN IP4 0.0.0.0

b=AS:413

b=TIAS: 396680

a=maxprate:50

a=control:*

a=range:npt=0-150.2

t=0 0

m=audio 0 RTP/AVP 97

b=AS:16

b=TIAS:12680

a=maxprate:10

a=rtpmap:97 AMR/8000

a=control:trackID=2

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

m=video 0 RTP/AVP 98

b=AS:397

b=TIAS:384000

a=maxprate:40

a=rtpmap:98 H264/90000

a=control:trackID=5

a=fmtp:98 profile-level-id=42c00c; sprop-parameter-sets = Z0KADJWgUH6Af1A=,aM46gA==
a=range:npt=0-150.2

a=X-initpredecbufperiod:150000

If the client only has 250 kbps it selects the media alternatives 1 and 3, which use 222 kbps. The client sets this up by sending two normal RTSP requests using the control URLs from the chosen alternatives. 

The audio SETUP request for the default (i.e. 325 kbps in the example above) looks like this:

EXAMPLE 11:
SETUP rtsp://media.example.com/examples/3G_systems.3gp/trackID=1 RTSP/1.0

CSeq: 2

Transport: RTP/AVP/UDP;unicast;client_port=3456-3457

The response from the server would be:

EXAMPLE 12:
RTSP/1.0 200 OK

CSeq: 2

Session: jEs.EdXCSKpB

Transport: RTP/AVP/UDP;unicast;client_port=3456-3457;server_port=4002-4003;ssrc=5199dcb1

Also the video is added to the RTSP session under aggregated control:

EXAMPLE 13:
SETUP rtsp://media.example.com/examples/3G_systems.3gp/trackID=3 RTSP/1.0

CSeq: 3

Transport: RTP/AVP/UDP;unicast;client_port=3458-3459

Session: jEs.EdXCSKpB

And the response would be: 

EXAMPLE 14:
RTSP/1.0 200 OK

CSeq: 3

Session: jEs.EdXCSKpB

Transport: RTP/AVP/UDP;unicast;client_port=3458-3459;server_port=4004-4005;ssrc=ae75904f

Had the client had more available bandwidth it could have set up another pair of alternatives in order to get better quality. The only change had been the RTSP URLs that had pointed at other media streams. For example the 413 kbps version would have been received if the audio SETUP request had used: 

EXAMPLE 15:
rtsp://media.example.com/examples/3G_systems.3gp/trackID=2

and the video request 

EXAMPLE 16:
rtsp://media.example.com/examples/3G_systems.3gp/trackID=5

The following example shows an SDP file that contains asset information, defined in Clause 5.3.3.7.

EXAMPLE 17:
v=0
o=ghost 2890844526 2890842807 IN IP4 192.168.10.10
s=3GPP Unicast SDP Example
i=Example of Unicast SDP file
u=http://www.infoserver.com/ae600
e=ghost@mailserver.com
c=IN IP4 0.0.0.0
t=0 0

a=range:npt=0-45.678
a=3GPP-Asset-Information: {url="http://www.movie-database.com/title/thismovieinfo.xhtml"}

a=3GPP-Asset-Information: {Title=MjhDRTA2NzI},{Copyright=Mjc0MkUwMUVGNDE2}
m=video 1024 RTP/AVP 96

b=AS:1030

b=TIAS:1000000

a=maxprate:90
a=rtpmap:96 H264/90000
a=fmtp:96 profile-level-id=64001e; sprop-parameter-sets=Z2QAHpWQC0PaAfyQ,aOuOoA==
a=control:rtsp://mediaserver.com/movie.3gp/trackID=1
a=framesize:96 176-144

The following example shows the SDP media lines for AMR-WB+ Audio according to [85]

EXAMPLE 18:

m=audio 49120 RTP/AVP 99

a=rtpmap:99 AMR-WB+/72000/2

a=fmtp:99 interleaving=30; int-delay=86400

a=maxptime:100

The following example shows the SDP media lines for HE-AAC 48kHz, stereo (64kbps) using RFC6416 [13]

EXAMPLE 19:

m=audio 49230 RTP/AVP 96

a=rtpmap:96 MP4A-LATM/48000/2

a=fmtp:96 profile-level-id=44; bitrate=64000; cpresent=0; config=40005623101fe0; \
SBR-enabled=1
END OF SIXTH CHANGE
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