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Abstract

This document defines the XR (extended report) RTCP packet type and
eight XR block types. The purpose of the extended reporting format is
to convey information that supplements the six statistics that are
contained in the report blocks used by SR (sender report) and RR
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(receiver report) packets. Some applications, such as MINC
(multicast inference of network characteristics) or VoIP (voice over
IP) monitoring, require other and more detailed statistics. In
addition to the block types defined here, additional block types may
be defined in the future by adhereing to the simple framework that
this document provides.

1. Introduction

This document defines the XR (extended report) RTCP packet type for
RTCP, the control portion of RTP [8]. The definition consists of
three parts. First, Section 2 of this document defines a general
packet framework capable of including a number of different "extended
report blocks." Second, Section 3 defines the general format for
such blocks. Third, Section 4 defines a number of such blocks.

The extended report blocks convey information beyond that which is
already contained in the reception report blocks of RTCP's SR or RR
packets. For example, while a reception report block contains an
average loss rate field, an application might opt to use an extended
report block that details exactly which packets were received and
which were lost. Or, for example, a voice over IP application might
require information concerning packets that were discarded from the
jitter buffer, in addition to those that were lost.

The framework for these blocks is minimal: only a type field and a
length field are required. The purpose is to maintain flexibility
and to keep overhead low. While some specific block formats are
provided here, others may be defined as the need arises.

1.1 Terminology

The key words "MUST", "MUST NOT", "REQUIRED", "SHALL", "SHALL NOT",
"SHOULD", "SHOULD NOT", "RECOMMENDED", "MAY", and "OPTIONAL" in this
document are to be interpreted as described in RFC 2119 [2] and
indicate requirement levels for compliant RTP implementations.

2. XR Packet Format

The XR packet consists of a header of two 32-bit words, followed by a
number, possibly zero, of extended report blocks.

This packet format has been implemented as an RTCP APP (application-
specific) packet and deployed in the Internet, as described in [3]
and [1]. The differences between the APP packet header and the
header defined here are that the name field is removed and the
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subtype field is replaced by a reserved field.

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|reserved | PT=XP=205 | length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SSRC/CSRC |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: report blocks :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

version (V): 2 bits
Identifies the version of RTP. This specification applies to RTP ver
sion two (2).

padding (P): 1 bit
If the padding bit is set, this individual RTCP packet contains some
additional padding octets at the end that are not part of the control
information but are included in the length field. The last octet of
the padding is a count of how many padding octets should be ignored,
including itself (it will be a multiple of four). A full description
of padding in RTCP packets may be found in the RTP specification.

reserved: 5 bits
This field is reserved for future definition. The bits in this field
MUST be set to zero unless otherwise defined.

packet type (PT): 8 bits
Contains the constant 205 to identify this as an RTCP XR packet.
This is a proposed value, pending assignment of a number by the
Internet Assigned Numbers Authority (IANA) [7].

length: 16 bits
The length of this RTCP packet in 32-bit words minus one, including
the header and any padding. (The offset of one makes zero a valid
length and avoids a possible infinite loop in scanning a compound
RTCP packet, while counting 32-bit words avoids a validity check for
a multiple of 4.)

SSRC: 32 bits
The synchronization source identifier for the originator of this XR
packet.

report blocks: variable length.
Zero or more extended report blocks. The blocks MUST be a multiple
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of 32 bits long. They MAY be zero bits long.

3. Extended Report Block Framework

Extended report blocks MUST be stacked, one after the other, at the
end of an XR packet. An individual block's length MUST be a multiple
of 4 octets. The XR header's length field MUST describe the total
length of the packet, including these extended report blocks.

Each block has block type and length fields that facilitate parsing.
A receiving application can demultiplex the blocks based upon their
type, and can use the length information to locate each successive
block, even in the presence of block types it does not recognize.

An extended report block has the following format:

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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT | type-specific | length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: type-specific data :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
Identifies the specific block format.

type-specific: 8 bits
The use of these bits is defined by the particular block type.

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header.

type-specific data: variable length
This MUST be a multiple of 32 bits long. It MAY be zero bits long.

4. Specific Extended Report Blocks

This section defines eight extended report blocks: an experimental
block type, and block types for losses, duplicates, packet reception
timestamps, detailed reception statistics, receiver timestamps,
receiver inter-report delays, and VoIP metrics. An implementation
MAY ignore incoming blocks with types either not relevant or unknown
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to it. Additional block types MAY be registered with the Internet
Assigned Numbers Authority (IANA) [7].

4.1 Experimental Block

This type MUST be used for extended report block types that have not
been standardized. In addition to the standard type and length
fields, it includes a 32 bit name field that serves to distinguish
one experimental block type from another.

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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=0 | app-specific | length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| name (ASCII) |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: application-specific data :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
Block type 0 identifies this as an experimental block.

app-specific: 8 bits
The use of these bits is defined by the application that uses this
block.

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header.

name: 4 octets
A name chosen by the person definining the experimental block to be
unique with respect to other experimental blocks the application
might receive.

application-specific data: variable length.
This MUST be a multiple of 32 bits long. It MAY be zero bits long.

4.2 Loss RLE Block

With this block type, a Boolean trace of lost and received packets
can be conveyed in compressed form using run length encoding. This
block type has been deployed on the Internet, as part of an RTCP APP
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(application-specific) packet, as described in [3] and [1].

Caution SHOULD be used in sending such blocks because, even with com
pression, they can easily consume bandwidth out of proportion with
normal RTCP packets.

Each block reports on a single source, identified by its SSRC. The
receiver that is supplying the report is identified in the header of
the RTCP packet.

The beginning and ending sequence numbers for the trace are specified
in the block, the ending sequence number being the last sequence num
ber in the trace plus one. The last sequence number in the trace MAY
or may not be the sequence number reported on accompanying SR or RR
packets, depending on the needs of the application.

The encoding itself consists of a series of 16 bit chunks. Each
chunk either specifies a run length or a bit vector, or, if the trace
otherwise encodes into an odd number of chunks, MUST be a terminating
null chunk used to round out the block to a 32 bit word boundary.

The mapping from a sequence of lost and received packets into a
sequence of chunks is not unique and is left to the application. A
run length chunk can describe runs of between 1 and 16,383 packet
losses or receipts whereas a bit vector chunk can describe a sequence
of 15 packet losses and receipts. It is RECOMMENDED that the
description of run lengths of 14 or shorter be subsumed into bit vec
tor chunks, for purposes of brevity.

A bit vector chunk MAY purport to contain information on packets at
or beyond the ending sequence number. Any such purported information
MUST be ignored.
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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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=17 | rsvd. | T | block length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SSRC of source |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| begin_seq | end_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| chunk 1 | chunk 2 |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| chunk n-1 | chunk n |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
A Loss RLE block is identified by the constant 17 = 0x11.

rsvd.: 4 bits
This field is reserved for future definition. The bits in this field
MUST be set to zero unless otherwise defined.

thinning (T): 4 bits
The amount of thinning performed on the sequence space. Only those
packets with sequence numbers 0 mod 2^T are reported on by this
block. A value of 0 indicates that there is no thinning, and all
packets are reported on. The maximum thinning is one packet in every
32,768 (amounting to two packets within each 16-bit sequence space).

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header.

begin_seq: 16 bits
The first sequence number that this block reports on.

end_seq: 16 bits
The last sequence number that this block reports on plus one.

chunk i: 16 bits
There are three chunk types: run length, bit vector, and terminating
null. If the chunk is all zeroes then it is a terminating null
chunk. Otherwise, the leftmost bit of the chunk determines its type:
0 for run length and 1 for bit vector.
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4.2.1 Run-Length Chunk

0 1
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|C|R| run length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

chunk type (C): 1 bit
A zero identifies this as a runlength chunk.

run type (R): 1 bit
Zero indicates a run of losses. One indicates a run of received
packets.

run length: 14 bits
A value between 1 and 16,383. The value MUST not be zero (zeroes in
both the run type and run length fields would make the chunk a termi
nating null chunk). Run lengths of 15 or less MAY be described with
a run length chunk despite the fact that they could also be described
as part of a bit vector chunk.

4.2.2 Bit Vector Chunk

0 1
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|C| bit vector |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

chunk type (C): 1 bit
A one identifies this as a bit vector chunk.

bit vector: 15 bits
In the bit vector, as in the run length chunk, a zero indicates a
loss and a one indicates a received packet.

4.2.3 Terminating Null Chunk

This chunk is all zeroes.
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0 1
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0|
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

4.3 Duplicate RLE Block

This block is identical in format to the Loss RLE Block type but car
ries information about individual or runs of duplicate packets. A
zero indicates the presence of duplicate packets for a given sequence
number, whereas a one indicates that no duplicates were received.
Note that a packet loss is encoded as a one in this case.

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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=33 | reserved | length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SSRC of source |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| begin_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| end_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| chunk 1 | chunk 2 |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| chunk n-1 | chunk n |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
A Duplicate RLE block is identified by the constant 33 = 0x21.

reserved: 8 bits
This field is reserved for future definition All of the bits in this
field MUST be set to zero unless otherwise defined.

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header.

begin_seq: 32 bits
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The first sequence number that this block reports on.

end_seq: 32 bits
The last sequence number that this block reports on plus one.

chunk i: 16 bits
There are three chunk types: run length, bit vector, and terminating
null. All zeroes indicates a terminating null. Otherwise, the left
most bit of the chunk determines its type: 0 for run length and 1 for
bit vector. See the descriptions of these block types in the section
on the Loss RLE Block, above, for details.

4.4 Timestamp Report Block

This block carries RTCP-style timestamps for each packet in the range
of packet sequence numbers. A similar caution, but more emphatic, is
made for timestamp report blocks as was made for Loss RLE Block pack
ets. For each packet in the sequence number range, a 32 bit value
MUST be recorded and sent. This could easily consume significant
bandwidth. Care SHOULD be taken in the size of the sequence space
over which to monitor timestamps.

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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=48 | reserved | length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SSRC of source |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| begin_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| end_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| RTP timestamp (pkt n) |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
: :
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
A Timestamp block is identified by the constant 48 = 0x30.

reserved: 8 bits
This field is reserved for future definition. All bits in this field
MUST be set to zero unless otherwise defined.
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length: 16 bits
The length of this report block in 32-bit words minus one, including
the header.

begin_seq: 32 bits
The first sequence number that this block reports on.

end_seq: 32 bits
The last sequence number that this block reports on plus one.

RTP timestamp: 32 bits
Corresponds to the same units as the RTP timestamp in RTP data pack
ets. The timestamp is established upon packet arrival. It can be
used to measure partial path characteristics and to model distribu
tions for packet jitter.

4.5 Statistics Summary Block

This block reports detailed statistics above and beyond the informa
tion carried in the standard RTCP packet format. Information is
recorded about lost packets, duplicate packets, jitter measurements,
and TTL values. The packet contents are dependent upon a bit vector
carried in the first part of the header. Not all values need to be
carried in each packet. Header fields for values not carried are not
included in the packet.
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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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=1 |L|D|J|T|resvd. | length |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| SSRC of source |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| begin_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| end_seq |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| lost_packets |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| dup_packets |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| min_jitter |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| max_jitter |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| avg_jitter |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| dev_jitter |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| min_ttl | max_ttl | avg_ttl | dev_ttl |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
A Statistics Summary block is identified by the constant 1 = 0x01.

content bits (L,D,J,T): 4 bits
Bit set to 1 if packet contains (L)oss, (D)uplicate, (J)itter, and/or
(T)TL report.

resvd.: 4 bits
This field is reserved for future definition. All bits in this field
MUST be set to zero unless otherwise defined.

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header.

begin_seq: 32 bits
The first sequence number that this block reports on.

end_seq: 32 bits
The last sequence number that this block reports on plus one.
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lost_packets: 32 bits
Number of lost packets in the above sequence number interval.

dup_packets: 32 bits
Number of duplicate packets in the above sequence number interval.

min_jitter: 32 bits
The minimum relative transit time between two packets in the above
sequence number interval. All jitter values are measured as the dif
ference between a packet's RTP timestamp and the reporter's clock at
the time of arrival, measured in the same units.

max_jitter: 32 bits
The maximum relative transit time between two packets in the above
sequence number interval.

avg_jitter: 32 bits
The average relative transit time between each two packet series in
the above sequence number interval.

dev_jitter: 32 bits
The standard deviation of the relative transit time between each two
packet series in the above sequence number interval.

min_ttl: 8 bits
The minimum TTL value of data packets in sequence number range.

max_ttl: 8 bits
The maximum TTL value of data packets in sequence number range.

avg_ttl: 8 bits
The average TTL value of data packets in sequence number range.

dev_ttl: 8 bits
The standard deviation of TTL values of data packets in sequence num
ber range.

4.6 Receiver Timestamp Report Block

This block extends RTCP's timestamp reporting so that non-senders may
also send timestamps. It recapitulates the NTP timestamp fields from
the RTCP Sender Report [7, Sec. 6.3.1]. A non-sender may estimate
its RTT to other participants, as proposed in [9], by sending this
report block and receiving DLRR report blocks (see next section) in
reply.
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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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=2 | reserved |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| NTP timestamp, most significant word |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| NTP timestamp, least significant word |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
A Receiver Timestamp block is identified by the constant 2 = 0x02.

reserved: 24 bits
This field is reserved for future definition. The bits in this field
MUST be set to zero unless otherwise defined.

NTP timestamp: 64 bits
Indicates the wallclock time when this block was sent so that it may
be used in combination with timestamps returned in DLRR report blocks
from other receivers to measure round-trip propagation to those
receivers. Receivers should expect that the measurement accuracy of
the timestamp may be limited to far less than the resolution of the
NTP timestamp. The measurement uncertainty of the timestamp is not
indicated as it may not be known. A report block sender that can keep
track of elapsed time but has no notion of wallclock time may use the
elapsed time since joining the session instead. This is assumed to be
less than 68 years, so the high bit will be zero. It is permissible
to use the sampling clock to estimate elapsed wallclock time. A
report sender that has no notion of wallclock or elapsed time may set
the NTP timestamp to zero.

4.7 DLRR Report Block

This block extends RTCP's DLSR mechanism [7, Sec. 6.3.1] so that non-
senders may also calculate round trip times, as proposed in [9]. It
is termed DLRR for Delay since Last Receiver Report, and may be sent
in response to a Receiver Timestamp report block (see previous sec
tion) from a receiver to allow that receiver to calculate its round
trip time to the respondant. The report consists of one or more 3
word sub-blocks: one sub-block per receiver report.
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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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=3 | reserved | length |
+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
| SSRC_1 (SSRC of first receiver) | sub-
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+ block
| last RR (LRR) | 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| delay since last RR (DLRR) |
+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
| SSRC_2 (SSRC of second receiver) | sub-
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+ block
: ... : 2
+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+

block type (BT): 8 bits
A DLRR block is identified by the constant 3 = 0x03.

reserved: 8 bits
This field is reserved for future definition. All bits in this field
MUST be set to zero unless otherwise defined.

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header. The number of sub-blocks is length divided by three (3).

last RR timestamp (LRR): 32 bits
The middle 32 bits out of 64 in the NTP timestamp (as explained in
the previous section) received as part of a Receiver Timestamp report
block from participant SSRC_n. If no such block has been received,
the field is set to zero.

delay since last RR (DLRR): 32 bits
The delay, expressed in units of 1/65536 seconds, between receiving
the last Receiver Timestamp report block from participant SSRC_n and
sending this DLRR report block. If no Receiver Timestamp report
block has been received yet from SSRC_n, the DLRR field is set to
zero (or the DLRR is omitted entirely). Let SSRC_r denote the
receiver issuing this DLRR report block. Participant SSRC_n can com
pute the round-trip propagation delay to SSRC_r by recording the time
A when this Receiver Timestamp report block is received. It calcu
lates the total round-trip time A-LSR using the last SR timestamp
(LSR) field, and then subtracting this field to leave the round-trip
propagation delay as (A- LSR - DLSR). This is illustrated in [7, Fig.
2].
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4.8 VoIP Metrics Report Block

4.8.1 Summary

The VoIP Metrics report block provides metrics for monitoring voice
over IP (VoIP) calls. These metrics include packet loss and discard
metrics, delay metrics, analog metrics, and voice quality metrics.
The block reports separately on packets lost on the IP channel, and
those that have been received but then discarded by the receiving
jitter buffer. It also reports on the combined effect of losses and
discards, as both have equal effect on call quality.

In order to properly assess the quality of a Voice over IP call it is
desirable to consider the degree of burstiness of packet loss [4].
Following a Gilbert-Elliott model [5], an interval, bounded by lost
and/or discarded packets, with a high rate of losses and/or discards
is a "burst," and an interval between two bursts is a "gap." Bursts
correspond to intervals of time during which the packet loss rate is
high enough to produce noticeable degradation in audio quality. Gaps
correspond to periods of time during which only isolated lost packets
may occur, and in general these can be masked by packet loss con
cealment. Delay reports include the transit delay between RTCP end
points and the VoIP end system processing delays, both of which con
tribute to the user perceived delay. Additional metrics include signal,
echo, noise, and distortion levels. Call quality metrics include R
factors (E Model) [5] and MOS scores (Mean Opinion Scores).

An implementation that sends these blocks SHOULD send at least one
every ten seconds for the duration of a call, and SHOULD send one
upon call termination. An implementation MUST supply values for all
fields defined here.
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4.8.2 VoIP Metrics block structure

The block is encoded as seven 32-bit words:

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

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| BT=64 | reserved | length=7 |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| loss rate | discard rate | burst duration |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| burst density | gap duration | gap density |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| round trip delay | end system delay |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| signal power | doubletalk | noise level | Gmin |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| R factor | ext. R factor | MOS-LQ | MOS-CQ |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| RX Config | JB Nominal | JB Maximum | JB Abs Max |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

block type (BT): 8 bits
A VoIP Metrics block is identified by the constant 64 = 0x40.

reserved: 8 bits
This field is reserved for future definition. All bits in this field
MUST be set to zero unless otherwise defined.

length: 16 bits
The length of this report block in 32-bit words minus one, including
the header. This is the constant 6 = 0x06.

4.8.3 Packet loss and discard metrics

It is very useful to distinguish between packets lost by the network
and those discarded due to jitter. Both have equal effect on the
quality of the voice stream however having separate counts is very
useful when trying to identify the source of quality degradation.
These fields MUST be populated.

loss rate: 8 bits
The fraction of RTP data packets from the source lost since the
beginning of reception, expressed as a fixed point number with the
binary point at the left edge of the field. This value is calculated
by dividing the total number of packets lost (after the effects of
applying any error protection such as FEC) by the total number of
packets expected, multiplying the result of the division by 256, and
taking the integer part. The numbers of duplicated packets and dis
carded packets do not enter into this calculation. Since receivers
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cannot be required to maintain unlimited buffers, a receiver MAY cat
egorize late-arriving packets as lost. The degree of lateness that
triggers a loss SHOULD be significantly greater than that which trig
gers a discard.

discard rate: 8 bits
The fraction of RTP data packets from the source that have been dis
carded since the beginning of reception, due to late or early
arrival, under-run or overflow at the receiving jitter buffer. This
value is expressed as a fixed point number with the binary point at
the left edge of the field. It is calculated by dividing the total
number of packets discarded (excluding duplicate packet discards) by
the total number of packets expected, multiplying the result of the
division by 256, and taking the integer part.

burst metrics:
A burst is defined as a longest sequence of packets bounded by lost
or discarded packets with the constraint that within a burst the
number of successive packets that were received, and not discarded
due to delay variation, is less than some value Gmin.
A gap is defined as the interval between bursts, and has the
property that any lost or discarded packets must be preceded and
followed by at least Gmin packets that were received and not
discarded. This gives a maximum loss/discard density within a
gap of 1 / (Gmin + 1).

burst duration: 16 bits
The mean duration, expressed in milliseconds, of the burst intervals
that have occurred since the beginning of reception. The duration of
each interval is calculated based upon the packets that mark the
beginning and end of that interval. It is equal to the timestamp of
the end packet, plus the duration of the end packet, minus the times
tamp of the beginning packet. If the actual values are not avail
able, estimated values MUST be used. If there have been no burst
intervals, the burst duration value MUST be zero.

burst density: 8 bits
The fraction of RTP data packets within burst intervals since the
beginning of reception that were either lost or discarded. This
value is expressed as a fixed point number with the binary point at
the left edge of the field. It is calculated by dividing the total
number of packets lost or discarded (excluding duplicate packet dis
cards) within burst intervals by the total number of packets expected
within the burst intervals, multiplying the result of the division by
256, and taking the integer part.

gap duration: 16 bits
The mean duration, expressed in milliseconds, of the gap intervals
that have occurred since the beginning of reception. The duration of
each interval is calculated based upon the packet that marks the end
of the prior burst and the packet that marks the beginning of the
subsequent burst. It is equal to the timestamp of the subsequent
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burst packet, minus the timestamp of the prior burst packet, plus the
duration of the prior burst packet. If the actual values are not
available, estimated values MUST be used. In the case of a gap that
occurs at the beginning of reception, the sum of the timestamp of the
prior burst packet and the duration of the prior burst packet are
replaced by the reception start time. In the case of a gap that
occurs at the end of reception, the timestamp of the subsequent burst
packet is replaced by the reception end time. If there have been no
gap intervals, the gap duration value MUST be zero.

gap density: 8 bits
The fraction of RTP data packets within inter-burst gaps since the
beginning of reception that were either lost or discarded. The value
is expressed as a fixed point number with the binary point at the
left edge of the field. It is calculated by dividing the total num
ber of packets lost or discarded (excluding duplicate packet dis
cards) within gap intervals by the total number of packets expected
within the gap intervals, multiplying the result of the division by
256, and taking the integer part.

For example, if the packet spacing is 10mS and a 1 denotes a received
packet and 0, a lost, and X, a discarded, packet then the following
pattern:

11110111111111111111111X111X1011110111111111111111111X111111111
|--burst---|

would have a burst duration of 120mS, a burst density of 0.33, a gap
duration of 510mS and a gap density of 0.04, for a GMIN value of 4 or
larger.

4.8.4 Delay metrics

For the purpose of the following definitions, the RTP interface is
the interface between the RTP instance and the voice application
(i.e. FEC/de-interleaving/ de-multiplexing, jitter buffer). For
example, the time delay due to RTP payload multiplexing would be
considered to be part of the voice application or end-system delay
whereas delay due to multiplexing RTP frames within a UDP frame
would be considered part of the RTP reported delay. This distinction
is consistent with the use of RTCP for delay measurements.

round trip delay: 16 bits
The most recently calculated round trip time between RTP interfaces,
expressed in milliseconds. This value is the time of receipt of the
most recent RTCP packet from source SSRC, minus the LSR (last SR)
time reported in its SR (sender report), minus the DLSR (delay since
last SR) reported in its SR. A non-zero LSR value is REQUIRED in
order to calculate round trip delay.
A value of 0 is permissible during the first 2-3 RTCP exchanges as
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insufficient data may be available to determine delay however MUST
be populated as soon as a delay estimate is available.

end system delay: 16 bits
The most recently estimated end system delay, expressed in millisec
onds. End system delay is defined as the total encoding, decoding
and jitter buffer delay determined at the reporting endpoint. This
is the time required for an RTP frame to be buffered, decoded, con
verted to analog form, looped back at the local analog interface,
encoded, and made available for transmission as an RTP frame. The
manner in which this value is estimated is implementation dependent.
This parameter MUST be provided in all VoIP metrics reports.

Note that the one way symmetric VoIP segment delay may be calculated
from the round trip and end system delays as follows. If the round
trip delay is denoted RTD and the end system delays associated with
the two endpoints are ESD(A) and ESD(B) then:

one way symmetric voice path delay = ( RTD + ESD(A) + ESD(B) ) / 2

4.8.5 Signal related metrics

The following metrics are intended to provide real time information
related to the non-packet elements of the voice over IP system to
assist with the identification of problems affecting call quality.
The values identified below must be determined for the received
audio signal.
The information required to populate these fields may not be
available in all systems, although it is strongly recommended that
this data SHOULD be provided to support problem diagnosis.

signal level: 8 bits
The voice signal relative level is defined as the ratio of the signal
level to overflow signal level, expressed in decibels as a signed
integer in two's complement form. This is measured only for packets
containing speech energy. The intent of this metric is not to
provide a precise measurement of the signal level but to provide a
real time indication that the signal level may be excessively high
or low.
If the full range (overflow level) of the Vocoder's Digital to
Analog conversion function is +/- L and the value of a decoded
sample during a talkspurt is V then the signal level is given by

Signal level = 10 log10 ( mean( abs(V) / L ) )

A value of 127 indicates that this parameter is unavailable.

doubletalk level: 8 bits
The doubletalk level is defined as the proportion of voice frame
intervals during which speech energy was present in both sending
and receiving directions. High levels of doubletalk can provide
an indication of delay or echo related problems.
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The value is expressed as a fixed point number with the binary
point at the left edge of the field. It is calculated by dividing
the total number of voice frame intervals by the number of voice
frame intervals during which energy was present in both sending
and receiving directions, multiplying the result of the division
by 256, and taking the integer part.

A value of 255 indicates that this value is unavailable

noise level: 8 bits
The noise level is defined as the ratio of the silent period back
ground noise level to overflow signal power, expressed in decibels as
a signed integer in two's complement form.
If the full range (overflow level) of the Vocoder's Digital to
Analog conversion function is +/- L and the value of a decoded
sample during a silence period is V then the noise level is given by

Noise level = 10 log10 ( mean( abs(V) / L ) )

A value of 127 indicates that this parameter is unavailable.

4.8.6 Call quality/ transmission quality metrics

The following metrics are direct measures of the transmission quality
or call quality, and incorporate the effects of CODEC type, packet
loss, discard, burstiness, delay etc. These metrics may not be
available in all systems however SHOULD be provided in order to
support problem diagnosis.

R factor: 8 bits
The R factor is a voice quality metric describing the segment of the
call that is carried over this RTP session. It is expressed as an
integer in the range 0 to 100, with a value of 94 corresponding to
"toll quality" and values of 50 or less regarded as unusable. This
metric is defined as including the effects of delay, consistent with
ITU-T G.107 [6] and ETSI TS 101 329-5 [5].

A value of 127 indicates that this parameter is unavailable.

ext. R factor: 8 bits
The external R factor is a voice quality metric describing the seg
ment of the call that is carried over a network segment external to
the RTP segment, for example a cellular network. Its values are
interpreted in the same manner as for the RTP R factor. This metric
is defined as including the effects of delay, consistent with ITU-T
G.107 [6] and ETSI TS 101 329-5 [5], and relates to the outward
voice path from the Voice over IP termination for which this metrics
block applies.

Note that an overall R factor may be estimated from the RTP segment R
factor and the external R factor, as follows:
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R total = RTP R factor + ext. R factor - 94

A value of 127 indicates that this parameter is unavailable.

MOS-LQ: 8 bits
The estimated mean opinion score for listening quality (MOS-LQ) is a
voice quality metric on a scale from 1 to 5, in which 5 represents
excellent and 1 represents unacceptable. This metric is defined as
not including the effects of delay and can be compared to MOS scores
obtained from listening quality (ACR) tests. It is expressed as an
integer in the range 10 to 50, corresponding to MOS x 10. For exam
ple, a value of 35 would correspond to an estimated MOS score of 3.5.

A value of 127 indicates that this parameter is unavailable.

MOS-CQ: 8 bits
The estimated mean opinion score for conversational quality (MOS-CQ)
is defined as including the effects of delay and other effects that
would affect conversational quality. The metric may be calculated by
converting an R factor determined according to ITU-T G.107 [6] or
ETSI TS 101 329-5 [5] into an estimated MOS using the equation speci
fied in G.107

A value of 127 indicates that this parameter is unavailable.

4.8.7 Configuration parameters:

Gmin: 8 bits
The gap threshold. This field contains the value used for this
report block to determine if a gap exists. The recommended value of
16 = 0x10 corresponds to a burst interval having a minimum density of
6.25% of lost or discarded packets, which may cause noticeable degra
dation in call quality; during gap intervals, if packet loss or dis
card occurs, each lost or discarded packet would be preceded by and
followed by a sequence of at least 16 received non-discarded packets.
Note that lost or discarded packets that occur within Gmin packets of
a report being generated may be reclassified as being part of a burst
or gap in later reports. ETSI TS 101 329-5 [5] defines a computa
tionally efficient algorithm for measuring burst and gap density
using a packet loss/discard event driven approach. Gmin MUST not be
zero and MUST be provided.

Receiver Configuration byte:-

0 1 2 3 4 5 6 7
+-+-+-+-+-+-+-+-+
|PLC|JBA|JB rate|
+-+-+-+-+-+-+-+-+

PLC - packet loss concealment
standard (11)/ enhanced (10)/ disabled (01)/ unspecified (00)
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When PLC=11 then a simple replay or interpolation algorithm is being
used to fill-in the missing packet - this is typically able to
conceal isolated lost packets with loss rates under 3%.
When PLC=10 then an enhanced interpolation algorithm is being used -
this would typically be able to conceal lost packets for loss rates
of 10% or more.
When PLC=01 then silence is inserted in place of lost packets.
When PLC = 00 then no information is available concerning the use of
PLC however for some CODECs this may be inferred.

JBA - Jitter Buffer Adaptive
adaptive (11)/ non-adaptive (10)/ reserved (01)/ unknown (00)
When Jitter Buffer is adaptive then its size is being dynamically
adjusted to deal with varying levels of jitter. When non-adaptive
then the Jitter Buffer size is maintained at a fixed level. When
either adaptive or non-adaptive modes are specified then the Jitter
Buffer Size parameters below MUST be specified.

JB Rate - Jitter Buffer Rate
J = adjustment rate (0-15)
This represents the implementation specific adjustment rate of a
Jitter Buffer in adaptive mode. This parameter is defined in terms of
the approximate time taken to fully adjust to a step change in peak
to peak jitter from 30mS to 100mS such that

adjustment time = 2* J * frame size (mS)

This parameter is intended only to provide a guide to the degree of
"aggressiveness" of a an adaptive jitter buffer and may be estimated.
A value of 0 indicates that the adjustment time is unknown for this
implementation.

4.8.7 Jitter Buffer Parameters

Jitter Buffer - nominal size in frames (8 bit)
This is the current nominal fill point within the jitter buffer, which
corresponds to the nominal jitter buffer delay for packets that arrive
exactly on time. This parameter MUST be provided for both fixed and
adaptive jitter buffer implementations.

Jitter Buffer Maximum - size in frames (8 bit)
This is the current maximum jitter buffer level corresponding to the
earliest arriving packet that would not be discarded. In simple queue
implementations this may correspond to the nominal size. In adaptive
jitter buffer implementations this value may dynamically vary up to
Jitter Buffer Absolute Maximum. This parameter MUST be provided for
both fixed and adaptive jitter buffer implementations.

Jitter Buffer Absolute Maximum - size in frames (8 bit)
This is the absolute maximum size that the adaptive jitter buffer can
reach under worst case jitter conditions. This parameter MUST be
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provided for adaptive jitter buffer implementations and its value MUST
be set to JB Maximum for fixed jitter buffer implementations.
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Annex A

Example of burst packet loss calculation.

This is an event driven algorithm for measuring burst characteristics
and is hence extremely computationally efficient.

Given the following definition of states:-

State 1 = received a packet during a gap
State 2 = received a packet during a burst
State 3 = lost a packet during a burst
State 4 = lost an isolated packet during a gap

The "c" variables below correspond to state transition counts, i.e. c14
is the transition from state 1 to state 4. It is possible to infer one
of a pair of state transition counts to an accuracy of 1 which is
generally sufficient for this application.
"pkt" is the count of packets received since the last packet was
declared lost or discarded and "lost" is the number of packets lost
within the current burst.

if ( packet_lost ) loss_count++;
if ( packet_discarded ) discard_count++;
if (pkt >= gmin)
{

if (lost == 1)
c14++;

else
c13++;

lost = 1;
c11 += pkt;

}
else
{

lost++;
if (pkt == 0)

c33++;
else
{

c23++;
c22 += (pkt - 1);

}
}

At each reporting interval the burst and gap metrics can be calculated
as follows.

/* calculate additional transition counts */
c31 = c13;
c32 = c23;
ctotal = c11 + c14 + c13 + c22 + c23 + c31 + c32 + c33;
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/* calculate burst and densities */
p32 = c32 / (c31 + c32 + c33);
if ((c22 + c23) < 1)

p23 = 1;
else

p23 = 1 - c22/(c22 + c23);
burst_density = 256 * p23 / (p23 + p32);
gap_density = 256 * c14 / (c11 + c14);

/* calculate burst and gap durations in mS */
m = frameDuration_in_mS * framesPerRTPPkt;
gap_length = (c11 + c14 + c13) * m / c13;
burst_length = ctotal * m / c13 - lgap;

/* calculate loss and discard densities */
loss_density = 256 * loss_count / ctotal;
discard_density = 256 * discard_count / ctotal;
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