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Abst ract

RTP retransm ssion is an effective packet |oss recovery technique for
real -tinme applications with rel axed del ay bounds. This docunent
descri bes an RTP payl oad format for perform ng retransm ssions.
Retransmitted RTP packets are sent in a separate streamfromthe
original RTP stream It is assumed that feedback fromreceivers to
senders is available. |In particular, it is assuned that Real -tine
Transport Control Protocol (RTCP) feedback as defined in the extended
RTP profile for RTCP-based feedback (denoted RTP/ AVPF) is avail able
in this nmeno.
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1.

I nt roducti on

Packet | osses between an RTP sender and receiver may significantly
degrade the quality of the received nedia. Several techniques, such
as forward error correction (FEC), retransm ssions, or interleaving,
may be considered to increase packet loss resiliency. RFC 2354 [8]
di scusses the different options.

When choosing a repair technique for a particular application, the
tolerable latency of the application has to be taken into account.
In the case of nultinedia conferencing, the end-to-end delay has to
be at nost a few hundred milliseconds in order to guarantee
interactivity, which usually excludes the use of retransmni ssion

Wth sufficient |atency, the efficiency of the repair schene can be
increased. The sender nmay use the receiver feedback in order to
react to |l osses hefore their playout tinme at the receiver

In the case of nultimedia streami ng, the user can tolerate an initia
| atency as part of the session set-up and thus an end-to-end del ay of
several seconds may be acceptable. RTP retransm ssion as defined in
this docunment is targeted at such applications.

Furthernmore, the RTP retransm ssion nethod defined herein is
applicable to unicast and (small) multicast groups. The present
docunent defines a payload format for retransmtted RTP packets and
provi des protocol rules for the sender and the receiver involved in
retransm ssions.

This retransni ssion payl oad fornmat was designed for use with the
extended RTP profile for RTCP-based feedback, AVPF [1]. It may also
be used with other RTP profiles defined in the future.

The AVPF profile allows for nore frequent feedback and for early
feedback. It defines a general -purpose feedback nessage, i.e., NACK
as well as codec and application-specific feedback messages. See [1]
for details.

Ter mi nol ogy

The following terns are used in this docunent:

CSRC. contributing source. See [3].

Original packet: an RTP packet that carries user data sent for the
first tinme by an RTP sender.

Oiginal stream the RTP stream of origi nal packets.
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Ret ransm ssi on packet: an RTP packet that is to be used by the
receiver instead of a lost original packet. Such a retransm ssion
packet is said to be associated with the original RTP packet.

Ret ransm ssi on request: a neans by which an RTP receiver is able to
request that the RTP sender should send a retransm ssion packet for a
gi ven original packet. Usually, an RTCP NACK packet as specified in
[1] is used as retransm ssion request for |ost packets.

Retransm ssion stream the stream of retransm ssion packets
associated with an original stream

Session-mul ti pl exi ng: scheme by which the original streamand the
associ ated retransm ssion streamare sent into two different RTP
sessi ons.

SSRC:. synchroni zati on source. See [3].

SSRC-mul ti pl exi ng: schene by which the original streamand the
retransm ssion streamare sent in the sane RTP session with different
SSRC val ues.

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 RFC 2119 [2].

3. Requirenents and Design Rationale for a Retransni ssion Schene

The use of retransmissions in RTP as a repair nethod for stream ng
media is appropriate in those scenarios with rel axed del ay bounds and
where full reliability is not a requirement. Mrre specifically, RTP
retransm ssion allows one to trade off reliability vs. delay; i.e.,
the endpoints may give up retransmtting a | ost packet after a given
buffering tinme has elapsed. Unlike TCP, there is thus no head- of -

I ine bl ocking caused by RTP retransm ssions. The inplenenter should
be aware that in cases where full reliability is required or higher
delay and jitter can be tolerated, TCP or other transport options
shoul d be consi der ed.

The RTP retransm ssion schene defined in this docunent is designed to

fulfill the follow ng set of requirenents:

1. It nust not break general RTP and RTCP nechani sns.

2. It must be suitable for unicast and small rmulticast groups.
3. It nust work with m xers and translators.

4. It nmust work with all known payl oad types.

5. It nust not prevent the use of multiple payload types in a

sessi on.
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6. In order to support the largest variety of payload formats, the
RTP receiver nust be able to derive how many and whi ch RTP packets
were lost as a result of a gap in received RTP sequence nunbers.
This requirenment is referred to as sequence nunber preservation
Wthout such a requirenment, it would be inpossible to use
retransm ssion with payload formats, such as conversational text
[9] or nost audio/video streaning applications, that use the RTP
sequence nunmber to detect |ost packets.

When designing a solution for RTP retransm ssion, several approaches
may be considered for the multiplexing of the original RTP packets
and the retransnitted RTP packets.

One approach may be to retransmt the RTP packet with its origina
sequence nunber and send original and retransm ssion packets in the
same RTP stream The retransm ssion packet would then be identica

to the original RTP packet, i.e., the same header (and thus sane
sequence nunber) and the sane payl oad. However, such an approach is
not acceptabl e because it would corrupt the RTCP statistics. As a
consequence, requirement 1 would not be net. Correct RTCP statistics
require that for every RTP packet within the RTP stream the sequence
nunber be increased by one.

Anot her approach may be to nultiplex original RTP packets and
retransm ssi on packets in the same RTP stream using different payl oad
type values. Wth such an approach, the original packets and the
retransm ssi on packets woul d share the sane sequence nunber space.

As a result, the RTP receiver would not be able to infer how many and
whi ch original packets (which sequence nunbers) were | ost.

In other words, this approach does not satisfy the sequence numnber
preservation requirenent (requirenent 6). This in turn inplies that
requirenment 4 would not be nmet. Interoperability with m xers and
translators would also be nore difficult if they did not understand
this new retransm ssion payload type in a sender RTP stream For

t hese reasons, a solution based on payl oad type nultipl exing of
original packets and retransni ssion packets in the sane RTP streamis
excl uded.

Finally, the original and retransm ssion packets may be sent in two
separate streans. These two streans may be nultipl exed either by
sending themin two different sessions , i.e., session-multiplexing,
or in the sanme session using different SSRC values, i.e., SSRC

mul tiplexing. Since original and retransm ssion packets carry medi a
of the sane type, the objections in Section 5.2 of RTP [3] to RTP
mul ti pl exing do not apply in this case.

Rey, et al. St andards Track [ Page 5]



RFC 4588 RTP Retransm ssi on Payl oad For mat July 2006

M xers and translators nmay process the original streamand sinply
discard the retransm ssion streamif they are unable to utilise it.

On the other hand, sending the original and retransm ssi on packets in
two separate streans does not alone satisfy requirenents 1 and 6

For this purpose, this docunment includes the original sequence nunber
in the retransmitted packets.

In this manner, using two separate streans satisfies all the
requirenents listed in this section

3.1. Miltiplexing Schenme Choice

Sessi on-mul ti pl exi ng and SSRC-nul ti pl exi ng have different pros and
cons:

Session-nmultiplexing is based on sending the retransm ssion streamin
a different RTP session (as defined in RTP [3]) fromthat of the
original stream i.e., the original and retransm ssion streans are
sent to different network addresses and/or port nunbers. Having a
separate session allows nmore flexibility. In nmulticast, using two
separate sessions for the original and the retransm ssion streans

all ows a receiver to choose whether or not to subscribe to the RTP
session carrying the retransni ssion stream The original session nmay
al so be single-source nulticast while separate unicast sessions are
used to convey retransm ssions to each of the receivers, which as a
result will receive only the retransm ssion packets they request.

The use of separate sessions also facilitates differential treatnent
by the network and may sinplify processing in mxers, translators,
and packet caches.

Wth SSRC mul tipl exing, a single session is needed for the origina
and the retransm ssion streans. This allows stream ng servers and

m ddl eware that are involved in a high nunber of concurrent sessions
to mininise their port usage.

This retransm ssion payl oad format all ows both session-nmultipl exing
and SSRC-nultipl exing for unicast sessions. Froman inplenentation
point of view, there is little difference between the two approaches.
Hence, in order to maximse interoperability, both multiplexing
approaches SHOULD be supported by senders and receivers. For
mul ti cast sessions, session-nultiplexing MIST be used because the
associ ation of the original streamand the retransm ssion streamis
problematic if SSRC-nultiplexing is used with nulticast sessions(see
Section 5.3 for notivation).
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4.

Ret ransmi ssi on Payl oad For nat
The format of a retransm ssion packet is shown bel ow

0 1 2 3
01234567890123456789012345678901
L e i S e I S ek i S N SR S
| RTP Header |
B i s T T i i o S o T Ji I
I OSN I I
i S SR S Sl N SR SRS |
| Original RTP Packet Payl oad |
I I

+

i T S T i s sl ol S S S Y
The RTP header usage is as foll ows:

In the case of session-nultiplexing, the same SSRC val ue MJUST be used
for the original streamand the retransmission stream |In the case
of an SSRC collision in either the original session or the

retransm ssion session, the RTP specification requires that an RTCP
BYE packet MJST be sent in the session where the collision happened.
In addition, an RTCP BYE packet MJST al so be sent for the associated
streamin its own session. After a new SSRC identifier is obtained,
the SSRC of both streams MJUST be set to this val ue.

In the case of SSRC-multiplexing, two different SSRC val ues MJST be
used for the original streamand the retransni ssion stream as
required by RTP. If an SSRC collision is detected for either the
original streamor the retransm ssion stream the RTP specification
requires that an RTCP BYE packet MJST be sent for this stream An
RTCP BYE packet MJST NOT be sent for the associated stream
Therefore, only the streamthat experienced SSRC col lision MJST
choose a new SSRC value. Refer to Section 5.3 for the inplications
on the original stream and retransm ssion stream SSRC associ ati on at
the receiver.

For either multiplexing schenme, the sequence nunber has the standard
definition; i.e., it MJST be one higher than the sequence nunmber of
the precedi ng packet sent in the retransm ssion stream

The retransm ssi on packet tinmestanp MJST be set to the origina
timestanp, i.e., to the tinestanp of the original packet. As a
consequence, the initial RTP timestamp for the first packet of the
retransm ssion streamis not random but equal to the origina
timestanp of the first packet that is retransnmitted. See the
Security Considerations section in this docunment for security

i nplications.
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I mpl ementers have to be aware that the RTCP jitter value for the
retransm ssion stream does not reflect the actual network jitter
since there could be little correlation between the time a packet is
retransmitted and its original tinestanp.

The payl oad type is dynamic. |If multiple payload types using
retransm ssion are present in the original stream then for each of
these, a dynam c payl oad type MJST be mapped to the retransm ssion
payl oad format. See Section 8.1 for the specification of how the
mappi ng between original and retransni ssion payl oad types is done
wi th Session Description Protocol (SDP).

As the retransni ssion packet timestanp carries the original nedia

ti mestanp, the timestanp cl ockrate used by the retransm ssion payl oad
type MIST be the sane as the one used by the associ ated origina

payl oad type. Therefore, if an RTP stream carries payload types of
different clockrates, this will also be the case for the associated
retransm ssion stream Note that an RTP stream does not usually
carry payload types of different clockrates.

The payl oad of the RTP retransni ssion packet conprises the
retransm ssi on payl oad header followed by the payl oad of the origina
RTP packet. The length of the retransmi ssion payl oad header is 2
octets. This payl oad header contains only one field, OSN (origina
sequence nunber), which MJST be set to the sequence nunber of the
associ ated original RTP packet. The original RTP packet payl oad,

i ncludi ng any possi bl e payl oad headers specific to the origina

payl oad type, MJUST be placed right after the retransm ssion payl oad
header .

For payload formats that support encoding at multiple rates, instead
of retransmitting the same payl oad as the original RTP packet the
sender MAY retransmt the same data encoded at a |lower rate. This
ains at limting the bandw dth usage of the retransnission stream
When doing so, the sender MJUST ensure that the receiver will still be
abl e to decode the payl oad of the already sent original packets that
m ght have been encoded based on the payl oad of the | ost origina
packet. In addition, if the sender chooses to retransnit at a | ower
rate, the values in the payl oad header of the original RTP packet may
no longer apply to the retransm ssion packet and nay need to be

nmodi fied in the retransnm ssion packet to reflect the change in rate.
The sender SHOULD trade off the decrease in bandw dth usage with the
decrease in quality caused by resending at a | ower rate.

If the original RTP header carried any profil e-specific extensions,
the retransm ssion packet SHOULD i nclude the sanme extensions

i mediately following the fixed RTP header as expected by
applications running under this profile. |In this case, the
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retransm ssi on payl oad header MJUST be placed after the profile-
speci fic extensions.

If the original RTP header carried an RTP header extension, the
retransm ssi on packet SHOULD carry the sane header extension. This
header extension MJST be placed right after the fixed RTP header, as
specified in RTP [3]. In this case, the retransm ssion payl oad
header MJUST be placed after the header extension

If the original RTP packet contai ned RTP paddi ng, that paddi ng MJST
be renmpbved before constructing the retransni ssion packet. |If padding
of the retransm ssion packet is needed, padding MJST be perfornmed as
with any RTP packets and the padding bit MJST be set.

The marker bit (M, the CSRC count (CC), and the CSRC list of the
ori ginal RTP header MJST be copied "as is" into the RTP header of the
retransm ssi on packet.

Associ ation of Retransm ssion and Original Streans
Ret ransmi ssi on Sessi on Sharing

In the case of session-nultiplexing, a retransm ssion session MJST
map to exactly one original session; i.e., the sanme retransni ssion
sessi on cannot be used for different original sessions.

If retransm ssion session sharing were allowed, it would be a probl em
for receivers, since they would receive retransm ssions for origina
sessions they m ght not have joined. For exanple, a receiver w shing
to receive only audio would receive also retransmtted vi deo packets
if an audi o and vi deo session shared the sane retransm ssion session

CNAME Use

In both the session-multiplexing and the SSRC mul tipl exi ng cases, a
sender MJST use the sane RTCP CNAME [3] for an original stream and
its associated retransm ssion stream

Associ ation at the Receiver

A receiver receiving nultiple original and retransm ssion streans
needs to associ ate each retransm ssion streamwith its origina
stream The association is done differently dependi ng on whet her
session-mul tiplexing or SSRC-mmultiplexing is used.

If session-nmultiplexing is used, the receiver associates the two
streans having the same SSRC in the two sessions. Note that the
payl oad type field cannot be used to performthe association as
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several nedia streans nay have the same payl oad type value. The two
sessions are thensel ves associ ated out-of-band. See Section 8 for
how t he grouping of the two sessions is done with SDP

If SSRC-nultiplexing is used, the receiver should first of all |ook
for two streans that have the sane CNAME in the session. |n sone
cases, the CNAME may not be enough to deternine the association as
multiple original streans in the same session may share the sane
CNAME. For exanple, there can be in the sane video session multiple
vi deo streans mapping to different SSRCs and still using the sane
CNAME and possi bly the sane payl oad type (PT) values. Each (or sone)
of these streans nay have an associ ated retransm ssion stream

In this case, in order to find out the association between origi na
and retransm ssion streans having the sane CNAME, the receiver SHOULD
behave as fol | ows.

The associ ation can generally be resol ved when the receiver receives
a retransm ssion packet matching a retransm ssion request that had
been sent earlier. Upon reception of a retransm ssion packet whose
ori gi nal sequence nunber has been previously requested, the receiver
can derive that the SSRC of the retransm ssion packet is associated
to the sender SSRC from which the packet was requested

However, this mechanismmght fail if there are two outstanding
requests for the same packet sequence number in two different
original streans of the session. Note that since the initial packet
sequence nunbers are random the probability of having two

out st andi ng requests for the sane packet sequence nunber woul d be
very snmall. Nevertheless, in order to avoid anbiguity in the unicast
case, the receiver MJUST NOT have two outstanding requests for the
same packet sequence number in two different original streans before
the association is resolved. In multicast, this anbiguity cannot be
conpl etely avoi ded, because another receiver may have requested the
sanme sequence nunber from another stream Therefore, SSRC

mul ti pl exi ng MUST NOT be used in nulticast sessions.

If the receiver discovers that two senders are using the same SSRC or
if it receives an RTCP BYE packet, it MJST stop requesting

retransm ssions for that SSRC. Upon reception of original RTP
packets with a new SSRC, the receiver MJIST performthe SSRC
association again as described in this section
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Use with the Extended RTP Profile for RTCP-based Feedback

This section gives general hints for the usage of this payl oad format
with the extended RTP profile for RTCP-based feedback, denoted AVPF
[1]. Note that the general RTCP send and receive rules and the RTCP
packet format as specified in RTP apply, except for the changes that
the AVPF profile introduces. 1In short, the AVPF profile relaxes the
RTCP timng rules and specifies additional general -purpose RTCP

f eedback messages. See [1l] for details.

1. RTCP at the Sender

In the case of session-nultiplexing, Sender Report (SR) packets for
the original streamare sent in the original session and SR packets
for the retransm ssion streamare sent in the retransm ssion session
according to the rules of RTP.

In the case of SSRC-multipl exing, SR packets for both original and
retransm ssion streanms are sent in the same session according to the
rules of RTP. The original and retransm ssion streans are seen, as
far as the RTCP bandw dth cal cul ation is concerned, as independent
senders bel onging to the sane RTP session and are thus equally
sharing the RTCP bandwi dth assigned to senders.

Note that in both cases, session- and SSRC-mul tipl exi ng, BYE packets
MUST still be sent for both streanms as specified in RTP. 1n other
words, it is not enough to send BYE packets for the original stream
only.

2. RTCP Receiver Reports

In the case of session-nultiplexing, the receiver will send report
bl ocks for the original streamand the retransm ssion streamin
separate Receiver Report (RR) packets belonging to separate RTP
sessions. RR packets reporting on the original streamare sent in
the original RTP session while RR packets reporting on the
retransm ssion streamare sent in the retransnission session. The
RTCP bandwi dth for these two sessions may be chosen independently
(e.g., through RTCP bandw dth nodifiers [4]).

In the case of SSRC-multiplexing, the receiver sends report bl ocks
for the original and the retransm ssion streans in the sane RR packet
since there is a single session
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6.3. Retransm ssion Requests

The NACK feedback nmessage format defined in the AVPF profil e SHOULD
be used by receivers to send retransnission requests. Wether or not
a receiver chooses to request a packet is an inplenentation issue.

An actual receiver inplenentation should take into account such
factors as the tol erable application delay, the network environnent,
and the nmedi a type.

The receiver should generally assess whether the retransnitted packet
woul d still be useful at the tinme it is received. The tinestanp of
the mi ssing packet can be estimated fromthe tinmestanps of packets
precedi ng and/or follow ng the sequence nunmber gap caused by the

m ssing packet in the original stream |In nost cases, sone form of
linear estimate of the tinestanp is good enough

Furthernore, a receiver should conpute an estimate of the round-trip
time (RTT) to the sender. This can be done, for exanple, by
measuring the retransm ssion delay to receive a retransm ssion packet
after a NACK has been sent for that packet. This estimate may al so
be obtained from past observations, RTCP report round-trip tine if
avai l abl e, or any other neans. A standard nechanismfor the receiver
to estimate the RTT is specified in "RTP Control Protocol Extended
Reports (RTCP XR)" [11].

The recei ver should not send a retransmn ssion request as soon as it
detects a m ssing sequence nunmber but should add sone extra delay to
conpensate for packet reordering. This extra delay may, for exanple,
be based on past observations of the experienced packet reordering.
It should be noted that, in environnents where packet reordering is

rare or does not take place, e.g., if the underlying datalink |ayer
af fords ordered delivery, the delay may be extrenely | ow or even take
the value zero. |In such cases, an appropriate "reorder del ay"

algorithm may not actually be tiner based, but packet based. For
exanple, if n nunber of packets are received after a gap is detected,
then it may be assuned that the packet was truly |lost rather than out
of order. This may turn out to be far easier to code on sone
platforns as a very short fixed FIFO packet buffer as opposed to the
ti mer - based mechani sm

To increase the robustness to the loss of a NACK or of a
retransm ssi on packet, a receiver may send a new NACK for the sane
packet. This is referred to as multiple retransm ssions. Before
sendi ng a new NACK for a nissing packet, the receiver should rely on
a timer to be reasonably sure that the previous retransm ssion
attenpt has failed and so avoid unnecessary retransnissions. The
timer value shall be based on the observed round-trip time. A static
or an adaptive val ue MAY be used. For exanple, an adaptive tinmer
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coul d be one that changes its value with every new request for the
same packet. This document does not provide any guidelines as to how
this adaptive val ue shoul d be cal cul at ed because no experinents have
been done to find this out.

NACKs MJST be sent only for the original RTP stream Oherwise, if a
receiver wanted to performnultiple retransm ssions by sending a NACK
in the retransm ssion stream it would not be able to know the
ori gi nal sequence nunmber and a timestanp estimation of the packet it
requests.

Appendi x A gives sone guidelines as to how to control the nunmber of
retransm ssi ons.

Ti m ng Rul es

The NACK feedback nessage may be sent in a regular full conpound RTCP
packet or in an early RTCP packet, as per AVPF [1]. Sending a NACK
in an early packet allows reacting nore quickly to a given packet

|l oss. However, in that case if a new packet |oss occurs right after
the early RTCP packet was sent, the receiver will then have to wait
for the next regul ar RTCP conpound packet after the early packet.
Sendi ng NACKs only in regular RTCP conpound decreases the maxi num
del ay between detecting an original packet |oss and being able to
send a NACK for that packet. |Inplenenters should consider the
possible inplications of this fact for the application being used.

Furthernore, receivers may nake use of the mininuminterval between
regul ar RTCP conpound packets. This interval can be used to keep
regul ar receiver reporting dowmn to a mninum while still allow ng
receivers to send early RTCP packets during periods requiring nore
frequent feedback, e.g., times of higher packet |oss rate. Note that
al t hough RTCP packets may be suppressed because they do not contain
NACKs, the sane RTCP bandwidth as if they were sent needs to be

avail able. See AVPF [1l] for details on the use of the m ninmm

i nterval .

Congestion Control

RTP retransm ssion poses a risk of increasing network congestion. In
a best-effort environment, packet |loss is caused by congestion
Reacting to loss by retransni ssion of ol der data wi thout decreasing
the rate of the original streamwould thus further increase
congestion. |Inplenmentations SHOULD fol |l ow t he reconmendati ons bel ow
in order to use retransm ssion
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The RTP profile under which the retransm ssion scheme is used defines
an appropriate congestion control mechanismin different

environments. Follow ng the rules under the profile, an RTP
application can determine its acceptable bitrate and packet rate in
order to be fair to other TCP or RTP fl ows.

If an RTP application uses retransni ssion, the acceptabl e packet rate
and bitrate include both the original and retransmitted data. This
guarantees that an application using retransm ssion achi eves the same
fairness as one that does not. Such a rule would translate in
practice into the foll owi ng actions:

I f enhanced service is used, it should be nmade sure that the tota
bitrate and packet rate do not exceed that of the requested service.
It should be further nonitored that the requested services are
actually delivered. In a best-effort environnent, the sender SHOULD
NOT send retransm ssion packets w thout reducing the packet rate and
bitrate of the original stream (for exanple, by encoding the data at
a lower rate).

In addition, the sender MAY selectively retransmt only the packets
that it deens inportant and ignore NACK nessages for other packets in
order to limt the bitrate.

These congestion control nechani sns shoul d keep the packet loss rate
wi thin acceptable paranmeters. |In the context of congestion control,
packet |oss is considered acceptable if a TCP fl ow across the sane
networ k path and experiencing the sane network conditions woul d

achi eve, on a reasonable tinescale, an average throughput that is not
| ess than the one the RTP flow achi eves. |f congestion is not kept
under control, then retransm ssion SHOULD NOT be used.

Retransm ssions MAY still be sent in sone cases, e.g., in wreless

| i nks where packet |osses are not caused by congestion, if the server
(or the client that nakes the retransnission request) estinmates that
a particular packet or frame is inportant to continue play out, or if
an RTSP PAUSE has been issued to allow the buffer to fill up (RTSP
PAUSE does not affect the sending of retransm ssions).

Finally, it may further be necessary to adapt the transm ssion rate

(or the nunber of | ayers subscribed for a |layered nmulticast session),
or to arrange for the receiver to | eave the session
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8. Retransmi ssion Payl oad Format M ME Type Regi stration
8.1. Introduction

The foll owing MM subtype nanme and paraneters are introduced in this
docunent: "rtx", "rtx-time", and "apt".

The binding used for the retransm ssion streamto the payl oad type
nunber is indicated by an rtpmap attribute. The M ME subtype nane
used in the binding is "rtx".

The "apt" (associated payl oad type) paraneter MJIST be used to map the
retransm ssi on payl oad type to the associated origi nal stream payl oad
type. If multiple original payload types are used, then multiple
"apt" parameters MJST be included to map each original payl oad type
to a different retransm ssion payl oad type.

An OPTI ONAL payl oad-format-specific paraneter, "rtx-time", indicates
the maximumtinme a sender will keep an original RTP packet inits
buffers available for retransm ssion. This tine starts with the
first transm ssion of the packet.

The syntax is as foll ows:
a=f nt p: <nunber > apt =<apt-val ue>; rtx-ti ne=<rtx-ti me-val >
wher e

<nunber>: indicates the dynanic payl oad type nunber assigned to
the retransni ssion payload format in an rtpmap attribute.

<apt-value>: is the value of the original stream payload type to
whi ch this retransm ssion stream payl oad type is associ at ed

<rtx-tine-val > specifies the tine in mlliseconds (neasured from
the tinme a packet was first sent) that a sender keeps an RTP
packet in its buffers available for retransm ssion. The absence
of the rtx-time paranmeter for a retransmi ssion stream neans t hat
the maxi numretransnission tine is not defined, but MAY be

negoti ated by ot her neans.
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8.2. Registration of audio/rtx
M ME type: audio
M ME subtype: rtx
Requi red paraneters:

rate: the RTP timestanmp clockrate is equal to the RTP tinestanp
clockrate of the nedia that is retransmtted.

apt: associ ated payload type. The value of this paraneter is the
payl oad type of the associated original stream

Opti onal paramneters:
rtx-time: indicates the tinme in mlliseconds (neasured fromthe
time a packet was first sent) that the sender keeps an RTP packet

inits buffers avail able for retransm ssion.

Encodi ng considerations: this type is only defined for transfer via
RTP.

Security considerations: see Section 12 of RFC 4588
Interoperability considerations: none
Publ i shed specification: RFC 4588

Applications which use this nedia type: nultinedia strean ng
appl i cations

Additional information: none

Person & email address to contact for further information:
j ose. rey@u. panasoni c. com

davi dl eon123@ahoo. com

avt@etf.org

I nt ended usage: COVMON

Aut hor s:

Jose Rey

Davi d Leon

Change control ler:
| ETF AVT WG del egated fromthe | ESG
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8.3. Registration of video/rtx
M ME type: video
M ME subtype: rtx
Requi red paraneters:

rate: the RTP timestanmp clockrate is equal to the RTP tinestanp
clockrate of the nedia that is retransmtted.

apt: associ ated payload type. The value of this paraneter is the
payl oad type of the associated original stream

Opti onal paramneters:
rtx-time: indicates the tinme in mlliseconds (neasured fromthe
time a packet was first sent) that the sender keeps an RTP packet

inits buffers avail able for retransm ssion.

Encodi ng considerations: this type is only defined for transfer via
RTP.

Security considerations: see Section 12 of RFC 4588
Interoperability considerations: none
Publ i shed specification: RFC 4588

Applications which use this nedia type: nultinedia strean ng
appl i cations

Additional information: none

Person & email address to contact for further information:
j ose. rey@u. panasoni c. com

davi dl eon123@ahoo. com

avt@etf.org

I nt ended usage: COVMON

Aut hor s:

Jose Rey

Davi d Leon

Change control ler:
| ETF AVT WG del egated fromthe | ESG
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8.4. Registration of text/rtx
M ME type: text
M ME subtype: rtx
Requi red paraneters:

rate: the RTP timestanmp clockrate is equal to the RTP tinestanp
clockrate of the nedia that is retransmtted.

apt: associ ated payload type. The value of this paraneter is the
payl oad type of the associated original stream

Opti onal paramneters:
rtx-time: indicates the tinme in mlliseconds (neasured fromthe
time a packet was first sent) that the sender keeps an RTP packet

inits buffers avail able for retransm ssion.

Encodi ng considerations: this type is only defined for transfer via
RTP.

Security considerations: see Section 12 of RFC 4588
Interoperability considerations: none
Publ i shed specification: RFC 4588

Applications which use this nedia type: nultinedia strean ng
appl i cations

Additional information: none

Person & email address to contact for further information:
j ose. rey@u. panasoni c. com

davi dl eon123@ahoo. com

avt@etf.org

I nt ended usage: COVMON

Aut hor s:

Jose Rey

Davi d Leon

Change control ler:
| ETF AVT WG del egated fromthe | ESG
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8.5. Registration of application/rtx
M ME type: application
M ME subtype: rtx
Requi red paraneters:

rate: the RTP timestanmp clockrate is equal to the RTP tinestanp
clockrate of the nedia that is retransmtted.

apt: associ ated payload type. The value of this paraneter is the
payl oad type of the associated original stream

Opti onal paramneters:
rtx-time: indicates the tinme in mlliseconds (neasured fromthe
time a packet was first sent) that the sender keeps an RTP packet

inits buffers avail able for retransm ssion.

Encodi ng considerations: this type is only defined for transfer via
RTP.

Security considerations: see Section 12 of RFC 4588
Interoperability considerations: none
Publ i shed specification: RFC 4588

Applications which use this nedia type: nultinedia strean ng
appl i cations

Additional information: none

Person & email address to contact for further information:
j ose. rey@u. panasoni c. com

davi dl eon123@ahoo. com

avt@etf.org

I nt ended usage: COVMON

Aut hor s:

Jose Rey

Davi d Leon

Change control ler:
| ETF AVT WG del egated fromthe | ESG
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8.

8.

6

7

Mappi hg to SDP

The information carried in the MM nmedia type specification has a
specific nmapping to fields in SDP [5], which is comobnly used to
descri be RTP sessions. Wen SDP is used to specify retransm ssions
for an RTP stream the mapping is done as foll ows:

- The M ME types ("video"), ("audio"), ("text"), and ("application")
go in the SDP "m=" as the nedi a nane.

- The M ME subtype ("rtx") goes in SDP "a=rtpnap" as the encodi ng
nane. The RTP clockrate in "a=rtpmap" MJST be that of the
retransm ssi on payl oad type. See Section 4 for details on this.

- The AVPF profile-specific paranmeters "ack"” and "nack" go in SDP
"a=rtcp-fb". Several SDP "a=rtcp-fb" are used for several types
of feedback. See the AVPF profile [1] for details.

- The retransm ssi on payl oad-fornmat-specific paraneters "apt" and
"rtx-time" go in the SDP "a=fmp" as a senicol on-separated |ist of
par anet er =val ue pairs.

- Any renmining paraneters go in the SDP "a=fntp" attribute by
copying themdirectly fromthe MM nedia type string as a
sem col on-separated |ist of paraneter=val ue pairs.

In the followi ng sections, some exanple SDP descriptions are
presented. In sone of these exanples, long lines are folded to neet
the colum wi dth constraints of this docunent; the backslash ("\") at
the end of aline and the carriage return that follows it should be

i gnor ed.

SDP Description with Session-Miltiplexing

In the case of session-nultiplexing, the SDP description contains one
medi a specification "m' |ine per RTP session. The SDP MJUST provide
the grouping of the original and associated retransni ssion sessions
"m" lines, using the Flow Identification (FID) semantics defined in
RFC 3388 [6].

The foll owi ng exanpl e specifies two original, AVMR and MPEG 4, streans
on ports 49170 and 49174 and their corresponding retransmni ssion
streanms on ports 49172 and 49176, respectively:

v=0

o=mascha 2980675221 2980675778 I N | P4 host. exanpl e. net
c=INIP4 192.0.2.0

a=group:FID 1 2
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a=group: FID 3 4

mraudi 0 49170 RTP/ AVPF 96
a=rtpmap: 96 AMR/ 8000

a=fnmp: 96 octet-align=1
a=rtcp-fb: 96 nack

a=md: 1

mraudi o 49172 RTP/ AVPF 97
a=rtpmap: 97 rtx/ 8000

a=fm p: 97 apt =96; rtx-ti me=3000
a=m d: 2

mevi deo 49174 RTP/ AVPF 98

a=rt prmap: 98 MP4V- ES/ 90000
a=rtcp-fb: 98 nack

a=fm p: 98 profil e-1evel -id=8; confi g=01010000012000884006682C209\
0A21F

a=md: 3

mevi deo 49176 RTP/ AVPF 99
a=rtpmap: 99 rtx/ 90000
a=fm p: 99 apt =98;rtx-ti me=3000
a=md: 4

A special case of the SDP description is a description that contains
only one original session "ni' |ine and one retransm ssion session "ni
line, the grouping is then obvious and FID semantics MAY be onitted
in this special case only.

This is illustrated in the foll owi ng exanple, which is an SDP
description for a single original MPEG 4 streamand its correspondi ng
retransm ssion session

v=0

o=mascha 2980675221 2980675778 I N | P4 host. exanpl e. net
c=INIP4 192.0.2.0

mevi deo 49170 RTP/ AVPF 96

a=rtprmap: 96 MP4V- ES/ 90000

a=rtcp-fb: 96 nack

a=fmtp:96 profile-level-id=8;config=01010000012000884006682C209\
0A21F

mevi deo 49172 RTP/ AVPF 97

a=rtpmap: 97 rtx/ 90000

a=fmp: 97 apt =96; rtx-ti ne=3000

8.8. SDP Description with SSRC-Miltiplexing
The following is an exanple of an SDP description for an RTP vi deo

session using SSRC-nmultiplexing with simlar paranmeters as in the
si ngl e- sessi on exanpl e above:
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v=0

o=mascha 2980675221 2980675778 I N | P4 host. exanpl e. net

c=INIP4 192.0.2.0

mevi deo 49170 RTP/ AVPF 96 97

a=rtprmap: 96 MP4V- ES/ 90000

a=rtcp-fb: 96 nack

a=fmtp:96 profile-level-id=8;config=01010000012000884006682C209\
0A21F

a=rtpmap: 97 rtx/ 90000

a=fm p: 97 apt =96; rtx-ti ne=3000

9. RTSP Consi derations

The Real Tinme Stream ng Protocol (RTSP), RFC 2326 [7], is an
application-level protocol for control over the delivery of data with
real -tinme properties. This section |ooks at the issues involved in
controlling RTP sessions that use retransm ssions.

9.1. RTSP Control with SSRC-Miltiplexing

In the case of SSRC-multiplexing, the "ni' line includes both origina
and retransm ssi on payl oad types and has a single RTSP "control"
attribute. The receiver uses the "ni' Iine to request SETUP and
TEARDOM of the whol e nedia session. The RTP profile contained in
the Transport header MUST be the AVPF profile or another suitable
profile allow ng extended feedback. |f the SSRC value is included in
the SETUP response’s Transport header, it MJST be that of the
original stream

In order to control the sending of the session original nedia stream
the receiver sends as usual PLAY and PAUSE requests to the sender for
the session. The RTP-info header that is used to set RTP-specific
paraneters in the PLAY response MJST be set according to the RTP
informati on of the original stream

When the receiver starts receiving the original stream it can then
request retransm ssion through RTCP NACKs wi t hout additional RTSP
signal | i ng.

9.2. RTSP Control with Session-Miltiplexing

In the case of session-nultiplexing, each SDP "nmi' |ine has an RTSP
"control" attribute. Hence, when retransmission is used, both the
original session and the retransm ssion have their own "control"
attributes. The receiver can associate the original session and the
retransm ssi on session through the FID semantics as specified in
Section 8.
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9

9

10.

Re

The original and the retransni ssion streans are set up and torn down
separately through their respective media "control" attribute. The
RTP profile contained in the Transport header MJST be the AVPF
profile or another suitable profile allow ng extended feedback for
both the original and the retransm ssi on sessions.

The RTSP presentati on SHOULD support aggregate control and SHOULD
contain a session-level RTSP URL. The receiver SHOULD use aggregate
control for an original session and its associ ated retransm ssion
session. Oherwi se, there would need to be two different ’'session-
id values, i.e., different values for the original and

retransm ssion sessions, and the sender would not know how to

associ ate them

The session-level "control" attribute is then used as usual to
control the playing of the original stream \Wen the receiver starts
receiving the original stream it can then request retransm ssions

t hrough RTCP wi t hout additional RTSP signalling.

3. RTSP Control of the Retransm ssion Stream

Because of the nature of retransm ssions, the sending of
retransm ssi on packets SHOULD NOT be controlled through RTSP PLAY and
PAUSE requests. The PLAY and PAUSE requests SHOULD NOT affect the
retransm ssion stream Retransm ssion packets are sent upon receiver
requests in the original RTCP stream regardless of the state.

4. Cache Control
Retransm ssion streanms SHOULD NOT be cached.

In the case of session-nultiplexing, the "Cache-Control" header
SHOULD be set to "no-cache" for the retransm ssion stream

In the case of SSRC-nmultiplexing, RTSP cannot specify independent
caching for the retransmi ssion stream because there is a single "nf
line in SDP. Therefore, the inplementer should take this fact into
account when deci di ng whet her or not to cache an SSRC- nul ti pl exed
sessi on.

I mpl enent ati on Exanpl es
Thi s docunent nandates only the sender and receiver behaviours that
are necessary for interoperability. |In addition, certain algorithns,

such as rate control or buffer managenent when targeted at specific
environnments, may enhance the retransm ssion efficiency.
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10.

This section gives an overview of different inplenmentation options
all owed within this specification

The first exanpl e describes a mnimal receiver inplenentation. Wth
this inplementation, it is possible to retransnit |ost RTP packets,
detect efficiently the loss of retransm ssions, and performmultiple
retransm ssions, if needed. Mdst of the necessary processing is done
at the server.

The second exanpl e shows how retransni ssions may be used in (small)
mul ticast groups in conjunction with |ayered encoding. It
illustrates that retransni ssions and | ayered encodi ng nay be

compl enentary techni ques

1. A Mninmal Receiver |Inplenmentation Exanple

This section gives an exanple of an inplenentation supporting

mul tiple retransm ssions. The sender transmits the original data in
RTP packets using the MPEG 4 video RTP payload format. It is assuned
that NACK feedback nessages are used, as per [1]. An SDP description
exanple with SSRC-multiplexing is given bel ow

v=0

o=mascha 2980675221 2980675778 I N | P4 host. exanpl e. net
c=IN1P4 192.0.2.0

mevi deo 49170 RTP/ AVPF 96 97

a=rtpmap: 96 MP4V- ES/ 90000

a=rtcp-fb: 96 nack

a=rtpmap: 97 rtx/ 90000

a=fnt p: 97 apt=96; rt x-ti me=3000

The format-specific paranmeter "rtx-time" indicates that the server
will buffer the sent packets in a retransm ssion buffer for 3.0
seconds, after which the packets are deleted fromthe retransn ssion
buffer and will never be sent again.

In this inplenentati on exanple, the required RTP receiver processing
to handle retransmission is kept to a mininum The receiver detects
packet |oss fromthe gaps observed in the received sequence nunbers.
It signals | ost packets to the sender through NACKs as defined in the
AVPF profile [1]. The receiver should take into account the
signal | ed sender retransnission buffer length in order to di nmension
its own reception buffer. 1t should also derive fromthe buffer

| ength the maxi num nunber of times the retransm ssion of a packet can
be requested.
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The sender should retransnit the packets selectively; i.e., it should
choose whether to retransnit a requested packet depending on the
packet inmportance, the observed Quality of Service (QS), and
congestion state of the network connection to the receiver

Qovi ously, the sender processing increases with the nunber of
receivers as state information and processing | oad nust be allocated
to each receiver.

10.2. Retransm ssion of Layered Encoded Media in Milticast

Thi s section shows how to conbi ne retransm ssions with | ayered
encoding in nulticast sessions. Note that the retransm ssion
framework is offered only for small multicast applications. Refer to
RFC 2887 [10] for a discussion of the problens of NACK i nmpl osi on,
severe congestion caused by feedback traffic, in large-group reliable
mul ti cast applications.

Packets of different inportance are sent in different RTP sessions.
The retransm ssion streans corresponding to the different |ayers can
thensel ves be seen as different retransm ssion |layers. The relative
i mportance of the different retransm ssion streans should reflect the
relative inportance of the different original streans.

In multicast, SSRC-nultiplexing of the original and retransm ssion
streans is not allowed as per Section 5.3 of this docunment. For this
reason, the retransm ssion stream(s) MJST be sent in different RTP
session(s) using session-nultiplexing.

An SDP description exanple of multicast retransm ssions for |ayered
encoded nedia is given bel ow

mevi deo 8000 RTP/ AVPF 98

c=IN I P4 224.2.1.0/127/3

a=rt prmap: 98 MP4V- ES/ 90000
a=rtcp-fb: 98 nack

mevi deo 8000 RTP/ AVPF 99
c=IN1P4 224.2.1.3/127/3
a=rtpmap: 99 rtx/ 90000
a=fm p: 99 apt =98;rtx-ti me=3000

The server and the receiver may inplenent the retransm ssi on nethods
illustrated in the previous exanples. |In addition, they may choose
to request and retransmt a | ost packet depending on the layer it

bel ongs to.
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11.

12.

| ANA Consi der ati ons

A new M ME subtype nane, "rtx", has been registered for four
different nedia types, as follows: "video", "audio", "text" and
"application". An additional REQUI RED paraneter, "apt", and an
OPTI ONAL parameter, "rtx-time", are defined. See Section 8 for
detail s.

Security Considerations

RTP packets using the payload format defined in this specification
are subject to the general security considerations discussed in RTP
[3], Section 9.

In conmon stream ng scenari os nmessage authentication, data integrity,
replay protection, and confidentiality are desired.

The absence of authentication may enabl e man-in-the-mniddl e and repl ay
attacks, which can be very harnful for RTP retransm ssion. For
exanpl e: tanpered RTCP packets may trigger inappropriate

retransm ssions that effectively reduce the actual bitrate share

all ocated to the original data stream tanpered RTP retransni ssion
packets could cause the client’s decoder to crash, and tanpered
retransm ssion requests nmay invalidate the SSRC associ ati on mechani sm
described in Section 5 of this docunent. On the other hand, replayed
packets could lead to fal se reordering and RTT measurenents (required
for the retransm ssion request strategy) and may cause the receiver
buffer to overfl ow.

Furthernmore, in order to ensure confidentiality of the data, the
ori gi nal payl oad data needs to be encrypted. There is actually no
need to encrypt the 2-byte retransm ssion payl oad header since it
does not provide any hints about the data content.

Furthernore, it is RECOVWENDED that the cryptography nmechani sns used
for this payload format provide protection agai nst known pl ai nt ext
attacks. RTP reconmends that the initial RTP tinmestanp SHOULD be
randomto secure the stream agai nst known pl aintext attacks. This
payl oad format does not follow this recomendation as the initia
timestanp will be the nmedia tinmestanp of the first retransnitted
packet. However, since the initial tinestanp of the original stream
is itself random if the original streamis encrypted, the first
retransmtted packet tinestanp woul d al so be randomto an attacker
Therefore, confidentiality would not be conpronised.

If cryptography is used to provide security services on the origina
stream then the sane services, with equival ent cryptographic
strength, MJST be provided on the retransm ssion stream The use of
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13.

14.

14.

the same key for the retransmitted stream and the original stream may
|l ead to security problens, e.g., two-time pads. Refer to Section 9.1
of the Secure Real -Tinme Transport Protocol (SRTP) [12] for a

di scussion the inplications of two-tine pads and how to avoid them

At the tine of witing this document, SRTP does not provide all the
security services nmentioned. There are, at |least, two reasons for
this: 1) the occurrence of two-time pads and 2) the fact that this
payl oad format typically works under the RTP/ AVPF profil e whereas
SRTP only supports RTP/AVP. An adapted variant of SRTP shall solve
these shortcomings in the future.

Congestion control considerations with the use of retransm ssion are
dealt with in Section 7 of this docunent.
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App

A 1.

Rey

endix A. How to Control the Nunmber of Rtxs. per Packet

Fi ndi ng out the nunber of retransm ssions (rtxs.) per packet for

achi eving the best possible transmssion is a difficult task. O
course, the absolute mni mum should be one (1); otherw se, do not use
this payload format. Moreover, as of date of publication, the
authors were not aware of any studies on the number of

retransm ssions per packet that should be used for best perfornmance.
To help inplenmenters and researchers on this item this section
describes an estinmate of the buffering time required for achieving a
gi ven nunber of retransmi ssions. Once this tinme has been cal cul ated,
it can be communicated to the client via SDP paraneter "rtx-tine", as
defined in this docunent.

Scenari o and Assunptions

* Stream ng scenario with rel axed del ay bounds. Cient and server
are provided with buffering space as indicated by the paraneter
"rtx-time" in SDP

* RTP AVPF profile used with SSRC mul tipl exi ng retransm ssi on schene:
1 SSRC for original packets, 1 for retransm ssion packets.

* Default RTCP bandwi dth share for SRs and RRs, i.e., SR+RR = 0.05.
We have senders (2) and receivers (1). Receivers and senders get
equally 1/3 of the RTCP bandw dth share because the proportion of
senders is greater than 1/4 of session nenbers

* avg-rtcp-size is approximated by 120 bytes. This is a rounded-up
average of 2 SRs, one for each SSRC, containing 40/8/28/32 bytes
for 1 Pv6/ UDP/ SR/ SDES with CNAME, thus making 105 bytes each; and a
RR with 40/8/64/32 bytes for |Pv6/UDP/2*RR/ SDES, naki ng 157 bytes.
Si nce senders and receivers share the RTCP bandw dth equally, then
avg-rtcp-size = (157+105+105)/3 = 117.3 ~= 120 bytes. The
i mportant characteristic of this value is that it is sonething over
100 bytes, which seens to be a representative figure for typica
configurations.

* The profile used is AVPF [1] and Generic NACKs are used for
requesting retransm ssions. This adds 16 bytes of overhead for 1
NACK and 4 bytes nore for every additional NACK Feedback Contro
Information (FCl) field.

* W assume a worst-case scenario in which each packet exhausts its
correspondi ng nunber of avail able retransm ssions, N, before it is
received. This neans that if a packet is requested for
retransm ssion a maxi mum of 2 tines, the correspondi ng generic NACK
report bl ock requesting that particular packet is sent in two
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consecutive RTCP conmpounds; likewise, if it is requested for
retransm ssion 10 tines, then the generic NACK is sent 10 ti nes.
Thi s assunption makes the RTCP packet size approximately constant
after N*RTCP intervals (seconds), nanely, to avg-rtcp-size = 120 +
(recei ver-RTCP-bwshare)*(12 + 4*N). In our case, the receiver
RTCP bandwi dth share is 1/3; thus, avg-rtcp-size = 124 + 4*N 3.

* Two del ay paraneters are difficult to approxi mte and may be
i npl ement ati on dependent. Therefore, we list themhere explicitly
wi t hout assigning thema particular value: one is the packet |oss
detection time (T2), and the other is feedback processing and
queuing tinme for retransmissions (T5). Inplenenters shall assign
appropriate values to these two paraneters.

Graphically, we have the foll ow ng:

Sender
R s Aoeooo \mm e e e e e
VA / \
VA I I
SN=0 '\ SN=1 / \ RTX(SN=0)
\ / \
X\ / \
‘ / \
\ / \
\ I I
\ / \
\ / \
————————————— LY B I A e V AR
T1 T2 T3 T4 T5 T ...
Recei ver
Legend

DL: downlink (client->server)

UL: uplink (server->client)

Tine unit is seconds, s.

Bitrate unit is bits per second, bps.

DL transnission tine: Tl = physical -del ay-DL +
t x-del ay- DL(=avg- pkt-si ze/DL-bitrate) + interarrival-delay-jitter

Time to detect packet | oss: T2 = pkt-loss-detect-tine
Time to report packet | oss: T3 = time-to-next-rtcp-report
UL transnission tine: T4 = physical -del ay- UL +

transm ssion-delay-UL + interarrival-delay-jitter
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Ret ransm ssi ons processing tinme: T5 = feedback-processing-tine +
rtx-queui ng-time

A 2. GCoa

To find an estimate of the buffering time, T(), that a streamng
server shall use in order to enable a given nunber of retransm ssions
for each packet, N. This time is approximately equal at the server
and at the client, if one considers that the client starts buffering
T1 seconds | ater

A. 3. Solution

First, we find the value of the estimate for 1 retransm ssion,
T(1)=T:

T=T1 +T2+ T3 + T4 + T5
Since T1 + T4 ~= RITT,

T=RIT+T2 + T3 + T5
The worst case for T3 would be that we assune that reporting has to
wait a whole RTCP interval and that the maxi mum random zation factor
of 1.5 is applied. Therefore, after applying the subsequent
compensation to avoid traffic bursts (see Appendix A 7 of RTP [3]),
we have that T3 = 1.5/1.21828*RTCP-Interval. Thus,

T =RTT + 1. 2312*RTCP-Interval + T2 + T5
On the other hand, RTCP-Interval = avg-rtcp-size*8*(senders +
receivers)/(RR+RS). In this scenario: sender + receivers = 3; RR+tRS
is the receiver report plus sender report bandwi dth share, in this
case, equal to the default 5% of session bandwi dth, bw. W assune an
average RTCP packet size, avg-rtcp-size = 120 bytes. Thus:

T = RTT + 1.2312*avg-rtcp-size*8*3/(0.05*bw) + T2 + T5
for 1 retransm ssion.

For enabling N retransnissions, the available buffering tinme in a
stream ng server or client is approxinately:

T(N) = N+(RTT+1.2312*avg-rtcp-size*8*3/(0.05*bw) + T2 + T5)
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where, as per above,

avg-rtcp-size

A. 4. Nunbers

If we ignore the effect of T2 and T5,
are detected immediately and that there is no additiona
f eedback processing or retransm ssion queuing,

120 + (receiver-RTCP-bw share)*(12 + 4*N)

120 + (1/3)*(12 + 4*N)

124 +

4* N 3.

i.e.

buffering tines for different values of N

RTCP wW severa

byt es

64000
128000
256000
512000
1024000
5000000
10000000

64000
128000
256000
512000
1024000
5000000
10000000

64000
128000
256000
512000
1024000
5000000
10000000

Rey, et al

Ceneri c NACKs;

N val ue
2 5
2,44 6, 28
1, 27 3,27
0, 68 1,76
0, 39 1,00
0, 25 0, 63
0, 13 0, 33
0,11 0, 29
2,74 7,03
1,57 4,02
0, 98 2,51
0, 69 1,75
0, 55 1, 38
0, 43 1,08
0, 41 1, 04
4,34 11, 03
3,17 8, 02
2,58 6, 51
2,29 5,75
2,15 5,38
2,03 5,08
2,01 5, 04

St andards Track

vari abl e packet size

assune that all

July 2006

| osses

del ay due to
we have the follow ng

124 + 4*N 3

0, 58

14, 68
8, 34
5,17
3,59
2,79
2,16
2,08

22,68
16, 34
13, 17
11,59
10, 79
10, 16
10, 08
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To quantify the error of not taking the Generic NACKS into account,
we can do the sane nunbers, but ignoring the Generic NACK
avg-rtcp-size ~= 120 bytes.
may result in a buffer estimation error of 1-1.5 seconds (5-10% for

contri bution,

| ower bandwi dth val ues and hi gher nunber of
effect is lowin this case.
eval uated for the particular scenario;

includes it.

RTCP w o Generic NACK,

64000
128000
256000
512000
1024000
5000000
10000000

64000
128000
256000
512000
1024000
5000000
10000000

64000
128000
256000
512000
1024000
5000000
10000000

Rey, et al

0, 05

0, 05
0, 05
0, 05
0, 05
0, 05

o000 O0O0o
NPNNNNNN

RPRRPRRRRR

1, 07
1,01

Nevert hel ess,

N val ue
2 5
2,32 5,79
1,21 3,02
0, 65 1,64
0, 38 0, 94
0, 24 0, 60
0, 13 0, 32
0,11 0, 29
2,62 6, 54
1,51 3,77
0, 95 2,39
0, 68 1, 69
0, 54 1,35
0, 43 1, 07
0, 41 1,04
4,22 10, 54
3,11 7,77
2,55 6, 39
2,28 5, 69
2,14 5,35
2,03 5, 07
2,01 5, 04

St andards Track

t hat

fi xed packet size ~= 120 bytes

retransm ssions.
it should be carefully
is why the fornul a

As we see frombelow, this

Thi s
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