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6.2.X
Delay Budget Information (DBI) Signaling
An MTSI client may support Delay Budget Information (DBI) signaling as specified in clause 7.3.X. 
An MTSI client supporting DBI shall offer ‘Delay Budget Information’ (DBI) signaling in SDP for all media streams containing speech. An MTSI client supporting DBI may also offer ‘Delay Budget Information’ (DBI) signaling in SDP for all media streams containing video.  DBI shall be offered by including the a=rtcp-fb attribute [40] with the DBI type under the relevant media line scope. The DBI type in conjunction with the RTCP feedback method shall be expressed with the following parameter: 3gpp-delay-budget. A wildcard payload type ("*") shall be used to indicate that the RTCP feedback attribute for DBI signaling applies to all payload types. Here is an example usage of this attribute to signal DBI relative to a media line based on the RTCP feedback method: 
a=rtcp-fb:* 3gpp-delay-budget
The IANA registration information on the new RTCP feedback type for DBI signaling is provided in Annex R.X.

The ABNF for rtcp-fb-val corresponding to the feedback type "3gpp-delay-budget" is given as follows:

rtcp-fb-val =/ "3gpp-delay-budget" 
As described in clause 7.3.X, DBI signalling involves RTCP feedback signalling to carry both (i) available additional delay budget from the MTSI receiver to the MTSI sender, and (ii) requested additional delay budget from the MTSI sender to the MTSI receiver. 
	Third Change (NEW)


7.3.X
Delay Budget Information (DBI) Signaling

RAN delay budget reporting is specified in TS 36.331 [160] for E-UTRA and TS 38.331 [X] for NR. RAN delay budget reporting through the use of RRC signalling to eNB / gNB allows UEs to locally adjust air interface delay. Based on the reported delay budget information, a good coverage UE on the receiving end (i.e., the UE that contains the MTSI receiver) can reduce its air interface delay, e.g., by turning off CDRX or via other means. This additional delay budget can then be made available for the sending UE (i.e., the UE that contains the MTSI sender), and can be quite beneficial for the sending UE when it suffers from poor coverage. When the sending UE is in bad coverage, it would request the additional delay from its local eNB / gNB, and if granted, it would utilize the additional delay budget to improve the reliability of its uplink transmissions in order to reduce packet loss, e.g., via suitable repetition or retransmission mechanisms, and thereby improve end-to-end delay and quality performance.

While RAN-level delay budget reporting as defined in TS 36.331 [160] and TS 38.331 [X] allows UEs (i.e., MTSI sender and MTSI receiver) to locally adjust air interface delay, such a mechanism does not provide coordination between the UEs on an end-to-end basis. To alleviate this issue, this clause defines RTCP signalling to realize the following capabilities on signalling of delay budget information (DBI) across UEs: (i) an MTSI receiver can indicate available delay budget to an MTSI sender, and (ii) an MTSI sender can explicitly request delay budget from an MTSI receiver. 
More specifically, the RTCP-based signalling of DBI is composed of a dedicated RTCP feedback (FB) message type to carry available additional delay budget during the RTP streaming of media, signalled from the MTSI receiver to the MTSI sender. In addition, the defined RTCP feedback message type may also be used to carry requested additional delay budget during the RTP streaming of media, signalled from the MTSI sender to the MTSI receiver. 
A corresponding dedicated SDP parameter on the RTCP-based ability to signal available or requested additional delay budget during the IMS/SIP based capability negotiations is also defined, as described in clause 6.2.X. 
Such RTCP-based signaling of DBI can also be used by an MTSI receiver to indicate delay budget availability created via other means such as jitter buffer size adaptation as mentioned in clause 8.2.1. 
The signalling of available or requested additional delay budget information (DBI) shall use RTCP feedback messages as specified in IETF RFC 4585 [40]. The RTCP feedback message is identified by PT (payload type) = RTPFB (205) which refers to RTP-specific feedback message. FMT (feedback message type) shall be set to the value 'X' for delay budget information (DBI). The RTCP feedback method may involve signalling of available or requested additional delay budget in both of the immediate feedback and early RTCP modes.
As such, the RTCP feedback message shall be sent from the MTSI receiver to the MTSI sender to convey to the sender the available additional delay budget from the perspective of the receiver. The recipient UE of the RTCP feedback message (i.e., the UE containing the MTSI sender) may then use this information in determining how much delay budget it may request from its eNB / gNB over the RAN interface, e.g. by using RRC signalling based on UEAssistanceInformation as defined in TS 36.331 [160] and TS 38.331 [X].
The FCI (feedback control information) format shall be as follows. The FCI shall contain exactly one instance of the available additional delay budget information, composed of the following parameters:

-
Available additional delay budget delay - specified in milliseconds (16 bits)

-
Sign 's' for the additional delay budget delay and whether this is positive or negative– specified as a Boolean (1 bit)
-
Query 'q' for additional delay budget – specified as a Boolean (1 bit)
The sign value, 's' may be positive, indicated by ‘1’ or negative, indicated by ‘0’. Essentially, when the additional delay parameter takes on a positive value, the UE indicates that there is additional delay budget available. In case the additional delay parameter takes on a negative value, the UE indicates that the available delay budget has been reduced. A sequence of RTCP feedback messages may be sent by the UE to report on the additional delay budget availability in increments. 

When the MTSI receiver sends RTCP feedback messages indicating the available delay budget for the received RTP stream, the query parameter shall be to be set to '0'. When the MTSI sender sends RTCP feedback messages indicating the requested delay budget for the RTP stream sent from the MTSI sender to the MTSI receiver, the query parameter shall be set to '1'. In this case, the value of delay indicates the additional delay budget requested by the sender of the RTCP feedback message (i.e., the MTSI sender) for the RTP stream sent from the MTSI sender to the MTSI receiver. 

The FCI for the proposed RTCP feedback message shall follow the following format where (i) 's' stands for the single-bit message on the sign of the additional delay parameter and (ii) 'q' stands for the single-bit message on query:
 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
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|            delay              |s|q|     zero padding          |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

The high byte of delay shall be followed by the low byte, where the low byte holds the least significant bits. 

	Fourth Change


8.2.1
Terminology

In the following paragraph(s), Jitter Buffer Management (JBM) denotes the actual buffer as well as any control, adaptation and media processing algorithm (excluding speech decoder) used in the management of the jitter induced in the transport channel. An illustration of an exemplary structure of an MTSI speech receiver with adaptive jitter buffer is shown in figure 8.1 to clarify the terminology and the relation between different functional components.
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Figure 8.1: Example structure of an MTSI speech receiver

The blocks "network analyzer" and "adaptation control logic" together with the information on buffer status form the actual buffer control functionality, whereas "speech decoder" and "adaptation unit" provide the media processing functionality. Note that the external playback device control driving the media processing is not shown in figure 8.1.

The grey dashed lines indicate the measurement points for the jitter buffer delay, i.e. the difference between the decoder consumption time and the arrival time of the speech frame to the JBM.

The functional processing blocks are as follows:

-
Buffer: The jitter buffer unpacks the incoming RTP payloads and stores the received speech frames. The buffer status may be used as input to the adaptation decision logic. Furthermore, the buffer is also linked to the speech decoder to provide frames for decoding when they are requested for decoding.

-
Network analyser: The network analysis functionality is used to monitor the incoming packet stream and to collect reception statistics (e.g. jitter, packet loss) that are needed for jitter buffer adaptation. Note that this block can also include e.g. the functionality needed to maintain statistics required by the RTCP if it is being used.

-
Adaptation control logic: The control logic adjusting playback delay and operating the adaptation functionality makes decisions on the buffering delay adjustments and required media adaptation actions based on the buffer status (e.g. average buffering delay, buffer occupancy, etc.) and input from the network analyser. Furthermore, external control input can be used e.g. to enable inter-media synchronisation, adapt the jitter buffer, or handle other external scaling requests. The control logic may utilize different adaptation strategies such as fixed jitter buffer (without adaptation and time scaling), simple adaptation during comfort noise periods or buffer adaptation also during active speech. The general operation is controlled with desired proportion of frames arriving late, adaptation strategy and adaptation rate.

-
Speech decoder: The standard AMR, AMR-WB or EVS speech decoder. Note that the speech decoder is also assumed to include error concealment / bad frame handling functionality. Speech decoder may be used with or without the adaptation unit.

-
Adaptation unit: The adaptation unit shortens or extends the output signal length according to requests given by the adaptation control logic to enable buffer delay adjustment in a transparent manner. The adaptation is performed using the frame based or sample based time scaling on the decoder output signal during comfort noise periods only or during active speech and comfort noise. The buffer control logic should have a mechanism to limit the maximum scaling ratio. Providing a scaling window in which the targeted time scale modifications are performed improves the situation in certain scenarios - e.g. when reacting to the clock drift or to a request of inter-media (re)synchronization - by allowing flexibility in allocating the scaling request on several frames and performing the scaling on a content-aware manner. The adaptation unit may be implemented either in a separate entity from the speech decoder or embedded within the decoder.

	Fifth Change (NEW)


R.X
Delay Budget Information (DBI)
The new RTCP feedback types for Delay Budget Information (DBI) can be registered with IANA as follows:

Value name: 3gpp-delay-budget
Long name: Available or requested delay budget specified in milliseconds
Reference: 3GPP TS 26.114.

The following value can be registered as one FMT value in the "FMT Values for RTPFB Payload Types" registry http://www.iana.org/assignments/rtp-parameters:
Name: DBI
Long name: Delay Budget Information (DBI) 

Value: X
Reference: 3GPP TS 26.114.
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