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Abst ract

Thi s docunent describes a nmethod to informReal -tinme Transport
Protocol (RTP) clients when RTP packets are transmitted at a tine
other than their 'nomnal’ transmission tine. It also provides a
mechanismto provide inproved inter-arrival jitter reports fromthe
clients, that take into account the reported transm ssion tines.
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1. Introduction

In the Real -time Transport Protocol (RTP) specification [ RFC3550],
network jitter calculations are based on the presunption that packets
are transnmitted essentially in accordance with their RTP tinmestanps.
This nmust be true, of course, on average over longer tinme intervals,
as the client is playing the packets out according to those

ti mestanps. However, for individual packets, this may not be true
under some circunstances, such as:

0 When the data rate of the streamis bursty, such as with video
where | -franes may be significantly larger than P or B franes,
traffic smoothing may need to be applied to maintain an
appropri ate data rate.

o0 In video that has forward-decode dependencies, franes may need to
be transmitted in decoding order (the sequence nunber order) but
with, of course, presentation tinestanps. Under these
circunmstances, the transnmission tine of a frame sent early in
sequence does not correspond to its RTP timestanp.

0 When retransm ssions are sent, the retransmtted packet clearly
has a different actual transmission tinme fromthe original, even
t hough they share the same tinestanp.

Under sone circunstances, it can help the receiver, or internediate
network el enments, to know the actual transm ssion tinme of the packet.
This RTP header extension elenent allows the conmunication of this

i nfornation.

The RTP specification does not define a transmission tinmestanp; nor
does this specification. This specification nerely provides
information on the relationship between the relative transm ssion
times and relative RTP tinestanps.
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This specification allows the transnmitter to indicate to the receiver
any known variation between the spacing of transmission tines and the
spaci ng of RTP tinestanps; any unreported variation introduced at or
after the point of neasurenent of the transmission tine will be
treated as network jitter by the receiver. The definition of the
poi nt where the transnmission tine is nmeasured or defined is left to
the transmitter, though it should, of course, be consistent from
packet to packet.

This information can also be of use to report the inter-arrival
jitter caused by the network, excluding that introduced by the
source. A new RTP Control Protocol (RTCP) packet is defined to
enabl e this reporting.

2. Requirements Notation

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY"', and "OPTIONAL" in this
docunent are to be interpreted as described in [ RFC2119].

3. Transm ssion Ofset

Classically, a pair of RTP packets with tinmestanps S2 and Sl1 are
transmtted with a tine interval between themof (S2 - S1). This
specification pernits sending an offset value O in each packet, Ol
and 2. One characteristic of these offsets is that the original
transm ssion interval can be deduced to be (S2 + O2) - (S1 + 0O1).

More precisely, the offset is defined as follows (with the function
Rt oN converting from RTP to Network Tinme Protocol (NTP) tinmes, and
Nt oR doi ng the reverse):

0 Take an RTP streamthat has a recent RTCP sender report relating
RTP timestanp SO to NTP tinestanp NO;

0 Consider a packet sent after that with RTP tinmestanp S1.
Nominally, this is sent at NIl = (NO + RRoN(S1 - S0));

o If it was actually sent at a different time, Na, then the offset
value Ol is OL = NtoR(Na - N1).

The transmission time is signaled to the receiver in-band using the
general mechani smfor RTP header extensions [RFC5285]. The payl oad
of this extension (the transmtted value) is a 24-bit signed integer.
VWhen added to the RTP tinestanp of the packet, it represents the
"effective" RTP transmi ssion tine of the packet, on the RTP
timescale. The reported transmission time Tl of a packet with
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timestanp S1 and an offset of Ol, fromthe above equations, is Tl =
S1+01 (though of course the transm ssion tine values only have
meani ng when two or nore are compared)

The formof the transm ssion offset extension block is as foll ows:

0 1 2 3
01234567890123456789012345678901
B i s T T i i o S o T Ji I
| ID | len=2 | transm ssion of f set |
R T e i e i i S L S s il o T SR R R S

The length field takes the value 2 to indicate that 3 bytes follow

The sign of the offset val ue depends greatly on the choice of the
initial mapping of RTP to NTP tinmes. |In general, w thout scanning a
streamentirely it is not possible to ensure that this mappi ng woul d
keep all the offsets positive; therefore, this specification allows
negative val ues.

Imagine a streamwith the follow ng tinmestanps and sizes (in KB)

200 2 KB

300 4 KB

400 2 KB

500 12 KB

600 ...effective end of stream

This has 20 KB spread over 400 tine units, i.e., on average, 1 KB per

20 time units. W traffic-snoboth this, and establish that given a
transm ssion time of x for the first packet, we would transnit the
foll owi ng packets at the given intervals later:

x + 000 2 KB
x + 040 4 KB
X + 120 2 KB
X + 160 12 KB
X + 400 ...effective end of stream

The choice of x is essentially arbitrary: only relative val ues of
timestanps natter. Now, let’'s say | claimon the first packet that
it went out *at* its RTP tinmestanp, i.e., with an offset of O,
meani ng that x is 200. Then the offset val ues are:

0
-60
-80

- 140
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This is because in this case, | traffic-smoth by conceptually
sendi ng the small packets "early’. But since only the relative
val ues are significant, it is just as valid to say x is 400,
wher eupon the offset val ues are:

200
140
120

60

In a streamwhere this extension is not in effect (i.e., not declared
or negotiated), the actual transm ssion offset is therefore unknown.
However, when the extension is in effect for the stream it MAY be
omtted in those packets for which the offset is O (zero); that is,
packets sent at their nominal time do not need this to be tagged with
this extension. Therefore, the inplied transnmission tine of an un-
tagged RTP packet depends on whether the extension is in effect for
the stream (and therefore the transnission offset is 0) or not
(whereupon the transm ssion offset is unknown).

The jitter calculations perfornmed by an RTP client MJST NOT use these
transm ssion offsets. |In general, the sender (or internediate
network el ements doi ng RTP anal ysis) cannot al ways know whet her the
of fsets have been taken into account or not. Therefore, for

consi stency, the jitter calculation should continue to operate on the
"raw reception tinmes. However, see Section 4 on extended jitter
reports, bel ow.

There are no extensionattributes defined for this extension

It is structurally possible to have nore than one extension of the
same type in a packet. However, this extension is only defined for
the source to report. Internedi ate network nodes that are not the
source of the RTP session MJST NOT add this extension (whether or not
it was previously present) and MJUST NOT alter the existing

transm ssion offset value in a packet, if the extension is already
present.

(O course, it is clear that network el enments that term nate an RTP
flow, and are the source for a new RTP flow, can add a transm ssion
of fset extension header to the RTP packets of the new flow, if
desired.)

4. Extended Jitter Reports
The inter-arrival jitter conputed as defined in Section 6.4.1 of RFC

3550 provides inter-arrival jitter reports that include any source-
introduced jitter (transmission tine offsets). |If it is desired to
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indicate the actual network jitter, excluding the source-introduced
jitter, the new RTCP packet type defined here may be used.

It has the following form
0 1 2 3

01234567890123456789012345678901
T T T o T i S S i oI S SEp S S S

hdr | V=2| P| RC | PT=1J=195 | | ength |
B T S i T s i i e e SEI S
| inter-arrival jitter |

T T S S e e SHp S S S S T S S AR S

| inter-arrival jitter |
i i i T i I S i e s o o i i

If present, this RTCP packet nust be placed after a receiver report

(i nside a conpound RTCP packet), and MJST have the sanme value for RC
(reception report count) as the receiver report. The content is
exactly that nunber of inter-arrival jitter calculations, calculated
using the sane formula as for sender and receiver reports, but taking
into account the transm ssion offsets for the streans (if any). That
is, the fornula uses the values T1=S1+Ol, T2, etc., as defined above,
instead of S1, S2, etc. (If no transmi ssion offset information is
given for a stream then the value of inter-arrival jitter in this
packet and in the receiver report will be identical)

Precisely, the replacenent equation for the equation in the RTP
specification is as follows, where R is the nost recent arriva
tinme:
Di.j) =(R - R) - ((S +4d) - (S +a))
R - (5§ +Q9)) - (R - (S +0))

I
—~~

5. Signaling (Setup) Information
The URI for declaring this header extension in an extmap attribute is
"urn:ietf:parans:rtp-hdrext:toffset”. There is no additional setup
i nformati on needed for this extension (no extensionattributes).
6. Security Considerations
The given transm ssion offsets are only informative, and it is hard

to see security considerations fromassociating themw th nedia
streans.
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The underlying security considerations of [RFC3550] should be taken
into account.

It is possible that malicious senders (or systens tanpering with
packets in transit) could send offsets that are inplausible, could
confuse the receiver, or result in calculated jitter val ues that

nm ght mislead the sender. Both the sender and receiver of the
transm ssion offsets and jitter values should take care that such
behavi or does not result in denial of service or other problens.

7. |1 ANA Consi derations

The RTCP packet type used for the adjusted inter-arrival jitter has
been regi stered, in accordance with Section 15 of [RFC3550]. |ANA
has added a new value to the RTCP Control Packet types subregistry of
the Real -Tine Transport Protocol (RTP) Paraneters registry, according
to the foll ow ng data:

abbrev. nane val ue Ref er ence

1J Extended inter-arrival jitter report 195 RFC 5450
Additionally, I ANA has registered a new extension URI to the RTP
Conpact Header Extensions subregistry of the Real -Tine Transport
Protocol (RTP) Parameters registry, according to the foll ow ng data:

Extension URI: urn:ietf:params:rtp-hdrext:toffset

Descri ption: Transm ssion Time offsets
Cont act : si nger @ppl e. com
Ref er ence: RFC 5450
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