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END OF FIRST CHANGE
SECOND CHANGE
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:

NOTE:
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

AC
Alternating Current

AL-SDU
Application Layer - Service Data Unit

AMR
Adaptive Multi-Rate

AMR-NB
Adaptive Multi-Rate - NarrowBand

AMR-WB
Adaptive Multi-Rate - WideBand

APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

AVC
Advanced Video Coding

CCM
Codec Control Messages

CDF
Cumulative Distribution Function

CMR
Codec Mode Request

cps
characters per second

CS
Circuit Switched

CSCF
Call Session Control Function

CTM
Cellular Text telephone Modem

CVO
Coordination of Video Orientation

DTMF
Dual Tone Multi-Frequency

DTX
Discontinuous Transmission

ECN
Explicit Congestion Notification

ECN-CE
ECN Congestion Experienced

ECT
ECN Capable Transport

eNodeB
E-UTRAN Node B

E-UTRAN
Evolved UTRAN
FIR
Full Intra Request

FLR
Frame Loss Rate

FoIP
Facsimile over IP
GIP
Generic IP access

GOB
Group Of Blocks

H-ARQ
Hybrid - ARQ

HEVC
High Efficiency Video Coding

HSPA
High Speed Packet Access

ICM
Initial Codec Mode

IDR
Instantaneous Decoding Refresh

IFP
Internet Facsimile Protocol

IFT
Internet Facsimile Transfer

IMS
IP Multimedia Subsystem

IP
Internet Protocol

IPv4
Internet Protocol version 4

IRAP
Intra Random Access Point
ITU-T
International Telecommunications Union - Telecommunications

JBM
Jitter Buffer Management

MGCF
Media Gateway Control Function

MGW
Media GateWay

MIME
Multipurpose Internet Mail Extensions

MO
Management Object

MPEG
Moving Picture Experts Group

MRFC
Media Resource Function Controller

MRFP
Media Resource Function Processor

MSRP
Message Session Relay Protocol

MTSI
Multimedia Telephony Service for IMS

MTU
Maximum Transfer Unit

NACK
Negative ACKnowledgment

NNI
Network-to-Network Interface

NTP
Network Time Protocol

PCM
Pulse Code Modulation

PDP
Packet Data Protocol

PLI
Picture Loss Indication

POI
Point Of Interconnect

PSTN
Public Switched Telephone Network

QCI
QoS Class Identifier
QoE
Quality of Experience

QoS
Quality of Service

QP
Quantization Parameter
RoHC
Robust HeaderCompression

RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SB-ADPCM
Sub-Band Adaptive Differential PCM
SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

TFO
Tandem-Free Operation

TISPAN
Telecoms and Internet converged Services and Protocols for Advanced Network

TMMBN
Temporary Maximum Media Bit-rate Notification

TMMBR
Temporary Maximum Media Bit-rate Request

TrFO
Transcoder-Free Operation

UDP
User Datagram Protocol

UDPTL
Facsimile UDP Transport Layer (protocol)

UE 
User Equipment

VoIP
Voice over IP

VOP
Video Object Plane

END OF SECOND CHANGE
THIRD CHANGE
5.2.2
Video

MTSI clients in terminals offering video communication shall support:

-
H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 1.2.

In addition they should support:

-
H.264 (AVC) [24] Constrained Baseline Profile Level 3.1.
-
H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1.
H.264 (AVC) CBP shall be used with constraint_set1_flag=1 and without requirements on output timing conformance (annex C of [24]). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.
H.265 (HEVC) Main Profile shall be used with general_progressive_source_flag equal to 1, general_interlaced_source_flag equal to 0, general_non_packed_constraint_flag equal to 1, general_frame_only_constraint_flag equal to 1, and sps_max_num_reorder_pics[ i ] equal to 0 for all i in the range of 0 to sps_max_sub_layers_minus1, inclusive, without requirements on output timing conformance (annex C of [119]).

When H.264 (AVC) or H.265 (HEVC) is used it is recommended to transmit H.264 (AVC) parameter sets within the SDP description of a stream (using the relevant MIME/SDP parameters as defined in RFC6184 [25] for H.264 (AVC) and in [120] for H.265 (HEVC) ). Moreover, it is recommended to avoid using a sequence or picture parameter set identifier value during the same session to signal two or more parameter sets of the same type having different values, such that if a parameter set identifier for a certain type is used more than once in either SDP description or RTP stream, or both, the identifier always indicates the same set of parameter values of that type.

The H.264 (AVC) decoder in a multimedia MTSI client in terminal shall either 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. The decoding process for a stream not starting with an IDR access unit shall be the same as for a valid H.264 (AVC) bit stream. However, the MTSI client in terminal shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the MTSI client in terminal is out of scope of the present document.

An MTSI client in terminal offering H.264 (AVC) CBP support at a level higher than Level 1.2 shall support negotiation to use a lower Level as described in [25] and [58].
An MTSI client in terminal offering video support other than H.264 CBP Level 1.2 shall also offer H.264 CBP Level 1.2.
If a codec is supported at a certain level, then all (hierarchically) lower levels shall be supported as well.

NOTE 1:
An example of a lower level than Level 1.2 is Level 1 for H.264 (AVC) Constrained Baseline Profile.
 NOTE 2:
All levels are minimum requirements. Higher levels may be supported and used for negotiation.

NOTE 3:
MTSI clients in terminals may use full-frame freeze and full-frame freeze release SEI messages of H.264 (AVC) to control the display process. For H.265 (HEVC), MTSI clients may set the value of pic_output_flag in the slice segment headers to either 0 or 1 to control the display process.
NOTE 4:
An H.264 (AVC) encoder should code redundant slices only if it knows that the far-end decoder makes use of this feature (which is signalled with the redundant-pic-cap MIME/SDP parameter as specified in RFC 6184 [25]). H.264 (AVC) encoders should also pay attention to the potential implications on end‑to‑end delay. The redundant slice header is not supported in H.265 (HEVC).
NOTE 5:
If a codec is supported at a certain level, it implies that on the receiving side, the decoder is required to support the decoding of bitstreams up to the maximum capability of this level. On the sending side, the support of a particular level does not imply that the encoder will produce a bitstream up to the maximum capability of the level. This method can be used to set up an asymmetric video stream. Another method is to use the SDP parameters ‘level-asymmetry-allowed’ and ‘max-recv-level’ that are defined in the H.264 payload format specification, [25]. See also clause 6.2.3 and Annex A.4.5. Other methods for asymmetric video transmission are also possible.
NOTE 6:
If video is used in a session, an MTSI client in terminal should offer at least one video stream with a picture aspect ratio in the range from 0.7 to 1.4. For all offered video streams, the width and height of the picture should be integer multiples of 16 pixels. For example, 224x176, 272x224, and 320x240 are image sizes that satisfy these conditions.
END OF THIRD CHANGE
FOURTH CHANGE
7.4.3
Video

The following RTP payload formats shall be used:

-
H.264 (AVC) video codec RTP payload format according to RFC 6184 [25], where the interleaved packetization mode shall not be used. Receivers shall support both the single NAL unit packetization mode and the non‑interleaved packetization mode of RFC 6184 [25], and transmitters may use either one of these packetization modes.

-
H.265 (HEVC) video codec RTP payload format according to [120].

END OF FOURTH CHANGE
FIFTH CHANGE
7.4.5
Coordination of Video Orientation

Coordination of Video Orientation consists in signalling of the current orientation of the image captured on the sender side to the receiver for appropriate rendering and displaying. When CVO is succesfully negotiated it shall be signalled by the MTSI client. The signalling of the CVO uses RTP Header Extensions as specified in IETF RFC 5285 [95]. The one-byte form of the header shall be used. CVO information for a 2 bit granularity of Rotation (corresponding to urn:3gpp:video-orientation) is carried as a byte formatted as follows:

Bit#
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6

5

4

3

2

1

0(LSB)
Definition
0

0

0

0

C

F

R1

R0
With the following definitions:

C = Camera: indicates the direction of the camera used for this video stream. It can be used by the MTSI client in receiver to e.g. display the received video differently depending on the source camera.


0: Front-facing camera, facing the user. If camera direction is unknown by the sending MTSI client in the terminal then this is the default value used.

1: Back-facing camera, facing away from the user.
F = Flip: indicates a horizontal (left-right flip) mirror operation on the video as sent on the link.


0: No flip operation. If the sending MTSI client in terminal does not know if a horizontal mirror operation is necessary, then this is the default value used.


1: Horizontal flip operation

R1, R0 = Rotation: indicates the rotation of the video as transmitted on the link. The receiver should rotate the video to compensate that rotation. E.g. a 90° Counter Clockwise rotation should be compensated by the receiver with a 90° Clockwise rotation prior to displaying.

Table 7.2: Rotation signalling for 2 bit granularity

	R1
	R0
	Rotation of the video as sent on the link
	Rotation on the receiver before display

	0
	0
	0° rotation
	None

	0
	1
	90° Counter Clockwise (CCW) rotation or 270° Clockwise (CW) rotation
	90° CW rotation

	1
	0
	180° CCW rotation or 180° CW rotation
	180° CW rotation

	1
	1
	270° CCW rotation or 90° CW rotation
	90° CCW rotation


CVO information for a higher granularity of Rotation (corresponding to urn:3GPP:video-orientation:6) is carried as a byte  formatted as follows:
Bit#
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where C and F are as defined above and the bits R5,R4,R3,R2,R1,R0 represent the Rotation, which indicates the rotation of the video as transmitted on the link. Table 7.3 describes the rotation to be applied by the receiver based on the rotation bits.

Table 7.3: Rotation signalling for 6 bit granularity

	R1
	R0
	R5
	R4
	R3
	R2
	Rotation of the video as sent on the link
	Rotation on the receiver before display

	0
	0
	0
	0
	0
	0
	0° rotation
	None

	0
	0
	0
	0
	0
	1
	(360/64)° Counter Clockwise (CCW) rotation
	(360/64)° CW rotation

	0
	0
	0
	0
	1
	0
	(2*360/64)° CCW rotation
	(2*360/64)° CW rotation

	.
	.
	.
	.
	.
	.
	.
	.

	.
	.
	.
	.
	.
	.
	.
	.

	.
	.
	.
	.
	.
	.
	.
	.

	1
	1
	1
	1
	1
	0
	(62*360/64)° CCW rotation
	(2*360/64)° CCW rotation

	1
	1
	1
	1
	1
	1
	(63*360/64)° CCW rotation
	(360/64)° CCW rotation


The sending MTSI client in the terminal using a camera as source and equipped with appropriate orientation sensor(s) should compute the image orientation from the sensor(s) that indicate the rotation of the device with respect to the default camera orientation. It is recommended that appropriate filtering on the time and angular domain is applied onto the sensor’s indications to prevent a "ping-pong" effect between two quantization levels in the case where the measured value is fluctuating between two quantization levels. The sending MTSI client may choose to send any orientation information not necessarily based on orientation sensor(s).

For higher granularity CVO, a terminal shall send a report at least as frequently as it would have sent a 2-bit report. A report interval shorter than this requirement should only be used when the report contains a value that differs significantly from the previous report, i.e. after taking noise removal, sensor precision, and any other relevant factors into account. 
The rotation is a quantized value of the angle between the earth vertical projected onto the plane of the image as sent on the link and the image vertical. The earth vertical is a radial line starting at the center of the earth and passing through the depicted scene while the image vertical is a line passing from the middle of the bottom to the middle of the top of the image. For the case where the camera is pointing vertical or nearly vertical,  the last valid value used for rotation should be used. In case there is no previous valid value, a suitable default value should be chosen.
When compensating for both rotation and flip, the operations shall be performed in the order of rotation compensation followed by flipping.

The MTSI client shall add the payload bytes as defined in this clause onto the last RTP packet in each group of packets which make up a key frame (I-frame or IDR frame in H.264 (AVC), or an IRAP picture in H.265 (HEVC) ). The MTSI client may also add the payload bytes onto the last RTP packet in each group of packets which make up another type of frame (e.g. a P-Frame) only if the current value is different from the previous value sent.

If this is the only header extension present, a total of 8 bytes are appended to the RTP header, and the last packet in the sequence of RTP packets will be marked with both the marker bit and the Extension bit, as defined in RFC3550 [9]. 
When CVO is not succesfully negotiated the MTSI clients are said to be in non-CVO operation. The sender in non-CVO operation should operate as follows to compensate for image rotation and potential misalignment.

If the receiver has explicitly indicated support for both [x,y] and [y,x] resolutions via the imageattr attribute during SDP negotiation (see clause 6.2.3 and an example in clause A.4.6), and when video is negotiated for the session, the sender should rotate the image prior to video encoding and compensate image rotation by changing the signaled Sequence Parameter Set in the video bitstream between [x,y] and [y,x] as applicable. 
If the receiver has not explicitely indicated support for both [x,y] and [y,x] resolutions via the imageattr attribute during SDP negotiation, then the sender should apply rotation/padding/cropping/resizing prior to video encoding as the sender considers appropriate while keeping the resolution unchanged. As for CVO operation, the sending MTSI client in the terminal using a camera as source and equipped with appropriate orientation sensor(s) should compute the image orientation from the output of the sensor(s) that indicates the rotation of the device with respect to the default camera orientation. It is recommended that appropriate filtering on the time and angular domain is applied onto the sensor’s indications to prevent a “ping-pong” effect in the case where the measured value is fluctuating between two quantization levels. The decision of MTSI client transmitting video to change the image size needs not necessarily be based on input from orientation sensor(s).
END OF FIFTH CHANGE
SIXTH CHANGE
7.5.2.2
Video

An MTSI client should follow general strategies for error-resilient coding (segmentation) and packetization as specified by each codec [24][119] and RTP payload format [25][120] specification. Further guidelines on how the video media data should be packetized during a session are provided in this clause.

Coded pictures should be encoded into individual segments:

-
For H.264 (AVC), a slice corresponds to such a segment.

-
For H.265 (HEVC), a slice segment corresponds to such a segment.

Each individual segment should be encapsulated in one RTP packet. Each RTP packet should be smaller than the Maximum Transfer Unit (MTU) size.

NOTE 1:
Unnecessary video segmentation, e.g. within RTP packets, may reduce coding efficiency.

NOTE 2:
RTP packet fragmentation, e.g. across UDP boundaries, may decrease transport overhead and reduce error robustness. Hence, packet size granularity is a trade-off between error robustness and overhead that may be tuned according to bearer access characteristics if available.

NOTE 3:
In most cases, the MTU-size has a direct relationship with the bearer of the radio network.

END OF SIXTH CHANGE
SEVENTH CHANGE
12.2.4.5
Data integrity indication

This is mainly relevant in the direction from CS to IMS. The H.223 AL-SDUs include a CRC that forms an unreliable indication of data corruption. On the IMS side, no generic protocol mechanisms are available to convey this CRC and/or the result of a CRC check. The MTSI MGW shall discard any AL-SDUs which fail a CRC check and are not of a payload type that supports the indication of possible bit errors in the RTP payload header or data. If such payload type is in use, the MTSI MGW may forward corrupted packets, but in this case shall indicate the possible corruption by the means available in the payload header or data. One example is setting the Q bit of RFC 3267 [28] to 0 for AMR speech data that was carried in an H.223 AL-SDU with CRC indicating errors.  Another example is setting the F bit of RFC 6184 [25] for H.264 (AVC) NAL units or the F bit of [120] for H.265 (HEVC) NAL units that may contain bit errors.

The H.223 AL-SDU CRC is not fully fail-safe and it is therefore recommended that a MTSI client is designed to be robust and make concealment of corrupt media data, similar to the CS UE.

END OF SEVENTH CHANGE
EIGHTH CHANGE
13a.2.1
Video

For MSRP transported Media in MTSI, clause 5.2.2 of this specification applies


END OF EIGHTH CHANGE
