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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

AMR-WB IO
Adaptive Multi-Rate - WideBand Inter-operable Mode, included in the EVS codec
APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

ATCF
Access Transfer Control Function

ATGW
Access Transfer GateWay

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
EVS
Enhanced Voice Services
FECC
Far End Camera Control
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
PTZF
Pan, Tilt, Zoom and Focus
PSTN
Public Switched Telephone Network

QCI
QoS Class Identifier
QoE
Quality of Experience

QoS
Quality of Service

QP
Quantization Parameter
RoHC
Robust HeaderCompression
ROI
Region of Interest
RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SB-ADPCM
Sub-Band Adaptive Differential PCM
SC-VBR
Source Controlled VBR
SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

SRVCC
Single Radio Voice Call Continuity
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
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6.2.3
Video

If video is used in a session, the session setup shall determine the bandwidth, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in [76] should be supported. The "framesize" attribute as specified in [60] shall not be used in the session setup.

An MTSI client shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.

An MTSI client is required to support the AVPF feedback messages trr-int, NACK and PLI [40] and the CCM feedback messages FIR, TMMBR and TMMBN [43], see Clauses 7.3.3 and 10.3. These feedback messages can only be used together with AVPF and shall be negotiated in SDP offer/answer before they can be used in the session [40]. An MTSI client sending an SDP offer for AVPF shall also include these AVPF and CCM feedback messages in the offer. An MTSI client accepting an SDP offer for AVPF for video shall also accept these AVPF and CCM feedback messages if they are offered.
If an MTSI client offers to use ECN for video in RTP streams then the MTSI client shall offer ECN Capable Transport as defined below. If an MTSI client accepts an offer for ECN for video then the MTSI client shall declare ECN Capable Transport in the SDP answer as defined below. The SDP negotiation of ECN Capable Transport is described in [84].
The use of ECN for a video stream in RTP is negotiated with the "ecn-capable-rtp" SDP attribute, [84]. ECN is enabled when both clients agree to use ECN as configured below. An MTSI client using ECN shall therefore also include the following parameters and parameter values for the ECN attribute:
-
‘leap’, to indicate that the leap-of-faith initiation method shall be used;

-
‘ect=0’, to indicate that ECT(0) shall be set for every packet.

An MTSI client offering ECN for video shall indicate support of TMMBR [43] by including the "ccm tmmbr" value within an "rtcp-fb" SDP attribute [40]. An MTSI client offering ECN for video may indicate support for RTCP AVPF ECN feedback messages [84] using the "rtcp-fb" SDP attribute with the "nack" feedback parameter and the "ecn" feedback parameter value. An MTSI client offering ECN for video may indicate support for RTCP XR ECN summary reports [84] using the "rtcp-xr" SDP attribute and the "ecn-sum" parameter.
An MTSI client receiving an offer for ECN for video with an indication of support of TMMBR [43] within an "rtcp-fb" attribute should accept the offer if it supports ECN. It shall then indicate support for TMMBR using an "rtcp-fb" attribute in the SDP answer.

An MTSI client receiving an offer for ECN for video with an indication of support of RTCP AVPF ECN feedback message but without support for TMMBR should accept the offer if it supports ECN and also the RTCP AVPF ECN feedback message. It shall then indicate support of the RTCP AVPF ECN feedback message using the "rtcp-fb" attribute in the SDP answer.
An MTSI client receiving an offer for ECN for video with an indication of support of RTCP XR ECN summary reports [84] without support for TMMBR should accept the offer if it supports ECN and also the RTCP XR ECN summary reports. It shall then indicate support of RTCP XR ECN summary reports in the SDP answer.
The use of ECN is disabled when a client sends an SDP without the "ecn-capable-rtp" SDP attribute.

An MTSI client may initiate a session re-negotiation to disable ECN to resolve ECN-related error cases. An ECN-related error case may be, for example, detecting non-ECT in the received packets when ECT(0) was expected or detecting a very high packet loss rate when ECN is used.

Examples of SDP offers and answers for video can be found in clause A.4. SDP examples for offering and accepting ECT are shown in Annex A.12.2.
NOTE:
For H.264 / MPEG-4 (Part 10) AVC, the optional max-rcmd-nalu-size receiver-capability parameter of RFC 6184 [25] should be set to the smaller of the MTU size (if known) minus header size or 1 400 bytes (otherwise).

The "framerate" attribute as specified in [8] indicates the maximum frame rate the offerer wishes to receive. If the “framerate” attribute is present in the SDP offer, its value may be modified in the SDP answer when the answerer wishes to receive video with a different maximum frame rate than what was indicated in the offer.
An MTSI client should support Coordination of Video Orientation (CVO) as specified in clause 7.4.5.

An MTSI client supporting CVO shall offer Coordination of Video Orientation (CVO) in SDP for all media streams containing video. CVO is offered by including the a=extmap attribute [95] 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. The above SDP line indicates 2 bits of granularity for rotation and shall be present when offering CVO.

Higher granularity CVO supports up to 6 bits of precision and may additionally be offered for the rotation value by also including the following line of SDP in the offer: 

a=extmap:5 urn:3gpp:video-orientation:6

For terminals with asymmetric capability (e.g. the ability to process video orientation information but not detect orientation), the sendonly and recvonly attributes [95] may be used. Terminals should express their capability in each direction sufficiently clearly such that signals are only sent in each direction to the extent that they both express useful information and can be processed by the recipient; for example, 6-bit signals would not be sent when the sending terminal can only detect orientation to a precision of 2 bits, and terminals incapable of detecting orientation would not send the header.

An MTSI client supporting CVO shall respond to receive CVO when CVO is offered to be sent in SDP, by including exactly one of the offered extmap attributes. An MTSI client supporting CVO shall respond to send CVO when CVO is offered to be received in SDP, by including exactly one of the offered extmap attributes. An MTSI client shall not answer with CVO in a direction when not offered CVO in that direction in SDP.
An MTSI client in terminal setting up asymmetric video streams with H.264 (AVC) should use both the ‘level-asymmetry-allowed’ parameter and the ‘max-recv-level’ parameter that are defined in the H.264 payload format, [25]. When the ‘max-recv-level’ parameter is used then the level offered for the receiving direction using the ‘max-recv-level’ parameter must be higher than the default level that is offered with the ‘profile-level-id’ parameter.

An SDP offer-answer example showing the usage of the ‘level-asymmetry-allowed’ and ‘max-recv-level’ parameters is included in Annex A.4.5.

An MTSI client in terminal setting up asymmetric video streams with H.265 (HEVC) should use the ‘max-recv-level-id’ parameter that is defined in the H.265 payload format, [120]. The level offered for the receiving direction using the ‘max-recv-level-id’ parameter must be higher than the default level that is offered with the ‘level-id’ parameter.

An SDP offer-answer example showing the usage of the ‘max-recv-level-id’ parameter is included in Annex A.4.8.
An MTSI client should support Video Region-of-Interest (ROI) signaling as specified in clause 7.3.7 
An MTSI client supporting ROI shall support at least one of the following modes:
· ‘Far End Camera Control’ (FECC), as specified in [xx1]-[xx5] and clause 7.3.7
· ‘Arbitrary ROI’, as specified in clause 7.3.7
· ‘Pre-defined ROI’, as specified in clause 7.3.7
An MTSI client supporting FECC using H.224 shall offer FECC in SDP for all media streams containing video. FECC shall be offered via the syntax and semantics defined in IETF RFC 4573 [xx5]. The MIME type ‘application/h224’ corresponding to the RTP payload format for H.224 shall be used as in [xx5], which also defines the SDP parameters needed to indicate support for FECC using H.224.
An MTSI client supporting ‘Arbitrary ROI’ mode shall offer ‘Arbitary ROI’ in SDP for all media streams containing video. ‘Arbitrary ROI’ shall be offered by including the a=rtcp-fb attribute [40] with the ‘Arbitrary ROI’ type under the relevant media line scope. The ‘Arbitrary ROI’ type in conjunction with the RTCP feedback method shall be expressed with the following parameter: 3gpp-roi-arbitrary. A wildcard payload type ("*") may be used to indicate that the RTCP feedback attribute for ‘Arbitrary ROI’ signaling applies to all payload types. If several types of ROI signaling are supported and/or the same ‘Arbitary ROI’ shall be specified for a subset of the payload types, several "a=rtcp-fb" lines can be used. Here is an example usage of this attribute to signal ‘Arbitrary ROI’ relative to a media line based on the RTCP feedback method: 
a=rtcp-fb:* 3gpp-roi-arbitrary

An MTSI client supporting ‘Pre-defined ROI’ mode shall offer ‘Pre-defined ROI’ in SDP for all media streams containing video. ‘Pre-defined ROI’ shall be offered by including the a=rtcp-fb attribute [40] with the ‘Pre-defined ROI’ type under the relevant media line scope. The ‘Pre-defined ROI’ type in conjunction with the RTCP feedback method shall be expressed with the following parameter: 3gpp-roi-pre-defined. A wildcard payload type ("*") may be used to indicate that the RTCP feedback attribute for ‘Pre-defined ROI’ signaling applies to all payload types. If several types of ROI signaling are supported and/or the same ‘Pre-defined ROI’ shall be specified for a subset of the payload types, several "a=rtcp-fb" lines can be used. Here is an example usage of this attribute to signal ‘Pre-defined ROI’ relative to a media line based on the RTCP feedback method: 
a=rtcp-fb:* 3gpp-roi-predefined
An MTSI sender supporting the predefined ROI feature shall offer detailed predefined ROI information in the initial offer-answer negotiation by carrying it in SDP. Predefined ROIs shall be offered by including the "a=predefined_ROI" attribute under the relevant media line. The following parameters can be provided in the attribute for each predefined ROI:

•
Position_X - specifies the x-coordinate for the upper left corner of the ROI area covered in the original content in units of pixels

•
Position_Y - specifies the y-coordinate for the upper left corner of the ROI area covered in the original content in units of pixels

•
Size_X - specifies the x-coordinate for the size of the ROI area covered in the original content in relative values (e.g., in percentage of the x-dimensional size of the original content)

•
Size_Y - specifies the y-coordinate for the size of the ROI area covered in the original content in relative values (e.g., in percentage of the y-dimensional size of the original content)

•
ID – identifies the pre-defined ROI offered by the MTSI sender

•
Name- specifies the name of the predefined ROI.

If the SDP offer just provides the "a=predefined_ROI" but not "a=rtcp-fb:* 3gpp-roi-predefined ", then the "a=predefined_ROI" lines should be ignored.
The new RTCP feedback types for Exact-ROI can be registered as follows:

Value name: 3gpp-roi-arbitrary
Long name: Video region-of-interest (ROI) arbitrarily selected by the endpoint
Reference: 3GPP TS 26.114.

Value name: 3gpp-roi-predefined
Long name: Video region-of-interest (ROI) pre-defined by the sender and selected by the endpoint
Reference: 3GPP TS 26.114.

The ABNF for rtcp-fb-val corresponding to the feedback types "3gpp-roi-arbitrary"and “3gpp-roi-predefined” is given as follows:

rtcp-fb-val =/ "3gpp-roi-arbitrary" 

rtcp-fb-val =/ "3gpp-roi-predefined" 

An MTSI client supporting ‘Arbitrary ROI’ or ‘Pre-defined ROI’ may also offer ‘Actual ROI’ in SDP for all media streams containing video. ‘Actual ROI’ is specified in clause 7.3.7 and is offered by including the a=extmap attribute [95] indicating the ‘Actual ROI’ URN under the relevant media line scope. The ‘Actual ROI’ URN is: urn:3gpp:roi-actual. Here is an example usage of this URN to signal CVO relative to a media line: 

a=extmap:7 urn:3gpp:roi-actual
The number 7 in the example may be replaced with any number in the range 1-14. 
	Fourth Change


7.3.7
Video Region-of-Interest (ROI) Signaling
Video Region-of-Interest (ROI) consists in signalling of the currently requested region-of-interest (ROI) of the displayed video on the receiver side to the sender for appropriate encoding and transmission. When ROI is successfully negotiated, it shall be signalled by the MTSI receiver. 
Video ROI is composed of three modes of signalling and an MTSI client supporting ROI shall support at least one of these modes:

· ‘FECC’ mode, in which the MTSI client uses the FECC protocol based on ITU-T H.281 over H.224 [xx1]-[xx4] to signal ROI information as a sequence of ‘Pan’, ‘Tilt’, ‘Zoom’ and ‘Focus’ (PTZF) commands. 
· ‘Arbitrary ROI’ mode, in which the MTSI receiver determines a specific ROI and signals this ROI to the MTSI sender
· ‘Pre-defined ROI’ mode, in which the MTSI receiver selects one of the ROIs pre-determined by the MTSI sender and signals this ROI to the MTSI sender. In this mode, the MTSI receiver obtains the set of pre-defined ROIs from the MTSI sender during the SDP capability negotiations
In the FECC mode, the ROI information shall be signaled by the MTSI client via RTP packets that carry H.224 frames using the stack IP/UDP/RTP/H.224/H.281. FECC is internal to the H.224 frame and is identified by the client ID field of the H.224 packet.The zooming to a particular region of interest is enabled by the H.281 protocol that supports the 4 basic camera movements “PTZF” (Pan, Tilt, Zoom, and Focus). In case of a fixed camera without pan/tilt capabilities, the pan command should be mapped to left/right movements/translations and tilt command should be mapped to up/down movements/translations over the 2D image plane. As such, a combination of PTZ commands can still allow for zooming into an arbitrary ROI.
The signalling of ‘Arbitrary ROI’ and ‘Pre-defined ROI’ uses RTCP feedback messages as specified in IETF 4585 [40]. The RTCP feedback message is identified by PT (payload type) = PSFB (206) which refers to payload-specific feedback message.  FMT (feedback message type) shall be set to the value ‘9’ for ROI feedback messages.  The RTCP feedback method may involve signaling of ROI information in both of the immediate feedback and early RTCP modes.
The FCI (feedback control information) format for ROI shall be as follows. The FCI shall contain at least one and may contain more than one ROI. The ROI information is composed of five parameters:
· Position_X - specifies the x-coordinate for the upper left corner of the ROI area covered in the original content in units of pixels
· Position_Y - specifies the y-coordinate for the upper left corner of the ROI area covered in the original content in units of pixels
· Size_X - specifies the x-coordinate for the size of the ROI area covered in the original content in relative values (e.g., in percentage of the x-dimensional size of the original content)
· Size_Y - specifies the y-coordinate for the size of the ROI area covered in the original content in relative values (e.g., in percentage of the y-dimensional size of the original content)
· ID – identifies the pre-defined ROI selected by the MTSI receiver
For ‘Arbitrary ROI’, the RTCP feedback message for ROI shall contain the parameters Position_X, Position_Y, Size_X and Size_Y. The values for the each of the parameters Position_X, Position_Y, Size_X and Size_Y shall be indicated using X bytes. An MTSI sender which has negotiated ‘Arbitrary ROI’ should seek to find the Position_X, Position_Y, Size_X and Size_Y parameters in the RTCP feedback message from the MTSI receiver. 
For ‘Pre-defined ROI’, the RTCP feedback message for ROI shall contain the ID parameter. The value of ID should be acquired from the "a=predefined_ROI" attributes that are indicated in the initial SDP offer-answer negotiation. The value for the ID parameter shall be indicated using X bits. An MTSI sender which has negotiated ‘Pre-defined ROI’ should seek to find the ID parameter in the RTCP feedback message from the MTSI receiver. 
When the predefined ROIs information changes, a new SDP offer through SIP UPDATE / ReINVITE message is needed to express the new predefined ROIs information from an MTSI sender to an MTSI receiver by including the "a=predefined_ROI" attribute . The MTSI sender may update all the content of predefined ROIs, including the total number of predefined ROIs, and the position, size and name of each of the predefined ROIs.
An MTSI sender which has negotiated both of ‘Arbitrary ROI’ and ‘Pre-defined ROI’ should first seek to identify the ID parameter in the RTCP feedback message for the pre-defined ROI information. If there’s no ID parameter, then the MTSI sender may seek the Position_X, Position_Y, Size_X and Size_Y parameters in the RTCP feedback message from the MTSI receiver.
The semantics of the ROI feedback messages is independent of the payload type.
An MTSI client supporting ‘Arbitrary ROI’ or ‘Pre-defined ROI’ may also offer ‘Actual ROI’ in SDP for all media streams containing video. This helps the MTSI receiver to know the actual ROI corresponding to the video transmitted by the MTSI sender, i.e., which may or may not agree with the ROI requested by the MTSI receiver, but shall contain it so that the end user is still able to see the desired ROI. When ‘Actual ROI’ is successfully negotiated, it shall be signalled by the MTSI sender. In that case, the signalling of the ROI shall use RTP header extensions as specified in IETF 5285 [95]. The two-byte form of the header shall be used. As such the values for the parameters Position_X, Position_Y, Size_X and Size_Y shall each be indicated using 4 bits, with the first byte formatted as 
Position_X     Position_Y

and second byte formatted as 

Size_X           Size_Y
‘Arbitrary ROI’ and ‘Pre-defined ROI’ may be supported bi-directionally or uni-directionally depending on how clients negotiate to support the feature during SDP capability negotiations. For terminals with asymmetric capability (e.g. the ability to process ROI information but not detect/signal ROI information), the sendonly and recvonly attributes may be used. Terminals should express their capability in each direction sufficiently clearly such that signals are only sent in each direction to the extent that they both express useful information and can be processed by the recipient.

‘Arbitary ROI’ and ‘Pre-defined ROI’ support may be offered at the same time, or only one of them may be offered. When both capabilities are successfully negotiated by the MTSI sender and receiver, it is the MTSI receiver’s decision to request an arbitrary ROI or one of the pre-defined ROIs at a given time. It should be noted that when pre-defined ROIs are offered by the MTSI sender, it is also the responsibility of the MTSI sender to detect and track any movements of the ROI, e.g., the ROI could be a moving car, or moving person, etc. and refine the content encoding accordingly.
It should be noted that the presence of ROI signalling should not impact the negotiated resolutions (based on SDP imageattr attribute) between the sending and receiving terminals. The only difference is that the sending terminal would encode only the ROI with the negotiated resolution rather than the whole captured frame, and this would lead to a higher overall resolution and better user experience than having the receiving terminal zoom in on the ROI and crop out the rest of the frame. 
	Fifth Change


7.4.1
General

This clause specifies RTP payload formats for MTSI clients, except for MTSI media gateways that is specified in clause 12.3.2, for all codecs supported by MTSI in clause 5.2. In addition, the RTP payload format for Video Region-of-Interest (ROI) signalling is specified in clause 7.3.7. Note that each RTP payload format also specifies media type signalling for usage in SDP.
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A.15
SDP offer and answer examples for ROI capability negotiation
Table 1: Example SDP offer indicating pre-defined and arbitrary ROI signalling support
	SDP offer

	m=video 49154 RTP/AVP 99

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:315

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=imageattr:99 send [x=320,y=240] [x=240,y=320] recv [x=320,y=240] [x=240,y=320]
a=predefined_ROI:99 [ID=0,Position_X=0,Position_Y=0,Size_X=0.5,Size_Y=0.5,Name=museum],[ID=1,Position_X=0,Position_Y=120,Size_X=0.5,Size_Y=0.5,Name=cinema], [ID=2,Position_X=160,Position_Y=0,Size_X=0.5,Size_Y=0.5,Name=park], [ID=3,Position_X=160,Position_Y=120,Size_X=0.5,Size_Y=0.5,Name= zoo]
a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr
a=rtcp-fb:* 3gpp-roi-arbitrary
a=rtcp-fb:* 3gpp-roi-predefined


Table 2: Example SDP answer accepting only arbitrary ROI signalling support

	SDP answer

	m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=imageattr:99 send [x=320,y=240] [x=240,y=320] recv [x=320,y=240] [x=240,y=320]
a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr

a=rtcp-fb:* 3gpp-roi-arbitrary


Table 3: Example SDP answer accepting only predefined ROI signalling support

	SDP answer

	m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:315

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

a=imageattr:99 send [x=320,y=240] [x=240,y=320] recv [x=320,y=240] [x=240,y=320]
a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr

a=rtcp-fb:* 3gpp-roi-predefined
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