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Abst ract

Thi s docunent describes the results achi eved when simulating the
timng rules of the Extended RTP Profile for Real-tinme Transport
Control Protocol (RTCP)-Based Feedback, denoted AVPF. Unicast and
mul ticast topol ogi es are considered as well as several protocol and
environment configurations. The results show that the tinming rules
result in better perfornmance regardi ng feedback delay and stil

preserve the well-accepted RTP rules regarding allowed bit rates for
control traffic.

Bur nei ster, et al. I nf or mat i onal [ Page 1]



RFC 4586 Timng Rules Sinmulation Results July 2006

Tabl e

1.
2

3.

8.
9.
10.

11.

of Contents
INtroducti ON .. ... 3
Timng Rules of the Extended RTP Profile for RTCP-Based
Feedback . ... ... 4
Simulation EnNVironment . ... ... . e 5
3.1. Network Simulator Version 2 ......... . .. . . . . . . . . .. 5
3.2, RTP AgeNt . . 5
3.3, SCBNAIT 0S8 .ot 5
3.4, Topol 0Qi €S . oo 6
RTCP Bit Rate Measurements . ..... ...t 6
A, . Uni Cast ... e 7
4.2, Ml ticast ... 10
4.3. Summary of the RTCP Bit Rate Measurements ................. 10
Feedback Measurement S . ... ... .. 11
5. 1. Unicast ... 11
5.2, Ml ticast ... 12
5.2.1. Shared Losses vs. Distributed Losses ............... 13
Investigati ons on "l ... 14
6. 1. Feedback Suppression Performance .......................... 16
6.2. Loss Report Delay ....... .. 18
6.3. Summary of "I" Investigations .............. .. ... ... 18
Applications Using AVPF .. ... .. . e 19
7.1. NEWPRED Inplementation in NS2 ....... .. .. ... . .. .. 19
7.2, Sinmul atioon ... .. e 21
7.2.1. Sinmulation A - Constant Packet Loss Rate ........... 21
7.2.2. Simulation B - Packet Loss Due to Congestion ....... 23
7.3. Summary of Application Sinulations ........................ 24
SUMI B Y . ot e e e e e 24
Security Considerati ONS ... ... ... 25
Normative References ....... ... .. ... 26
Informative References .......... . . . . . e 26

Bur nei ster, et al. I nf or mat i onal [ Page 2]



RFC 4586 Timng Rules Sinmulation Results July 2006

1.

I nt roducti on

The Real -tinme Transport Protocol (RTP) is w dely used for the
transm ssion of real-tinme or near real-tine nmedia data over the
Internet. Wile it was originally designed to work well for

mul ticast groups in very large scales, its scope is not limted to
that. Mre and nore applications use RTP for snmall nulticast groups
(e.g., video conferences) or even unicast (e.g., |IP telephony and
medi a streamnmi ng applications).

RTP conmes together with its conpanion protocol Real-tine Transport
Control Protocol (RTCP), which is used to nonitor the transm ssion of
the nmedi a data and provi de feedback of the reception quality.
Furthernore, it can be used for |oose session control. Having the
scope of large multicast groups in mnd, the rules regarding when to
send feedback were carefully restricted to avoi d feedback expl osion
or feedback-rel ated congestion in the network. RTP and RTCP have
proven to work well in the Internet, especially in large multicast
groups, which is shown by their w despread usage today.

However, the applications that transmt the nedia data only to smnal
mul ticast groups or unicast nay benefit fromnore frequent feedback
The source of the packets nmay be able to react to changes in the
reception quality, which nay be due to varying network utilization
(e.g., congestion) or other changes. Possible reactions include
transm ssion rate adaptati on according to a congestion contro
algorithmor the invocation of error resilience features for the
medi a stream (e.g., retransm ssions, reference picture selection,
NEWPRED, etc.).

As nentioned before, nore frequent feedback rmay be desirable to
increase the reception quality, but RTP restricts the use of RTCP
feedback. Hence it was decided to create a new extended RTP profile,
whi ch redefines sonme of the RTCP timng rules, but keeps nost of the
al gorithms for RTP and RTCP, which have proven to work well. The new
rul es should scale fromunicast to nulticast, where unicast or snall
mul ticast applications have the nost gain fromit. A detailed
description of the new profile and its timng rules can be found in

[1].

Thi s docunent investigates the new al gorithns by the neans of
simulations. W showthat the newtimng rules scale well and behave
in a network-friendly manner. Firstly, the key features of the new
RTP profile that are inportant for our simulations are roughly
described in Section 2. After that, we describe in Section 3 the
environment that is used to conduct the sinulations. Section 4
describes simulation results that show the backwards conpatibility to
RTP and that the new profile is network-friendly in terns of used
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bandwi dth for RTCP traffic. |In Section 5 we show the benefit that
applications could get frominplenmenting the new profile. 1In Section
6, we investigated the effect of the paraneter "I" (used to calcul ate
the T dither _max val ue) upon the al gorithm performance, and finally,
in Section 7, we show the performance gain we could get for a special
application, namely, NEWPRED in [6] and [7].

2. Timng Rules of the Extended RTP Profile for RTCP-Based Feedback

As said above, RTP restricts the usage of RTCP feedback. The main
restrictions on RTCP are as foll ows:

- RTCP messages are sent in conpound packets, i.e., every RTCP packet
contains at |east one sender report (SR) or receiver report (RR
message and a source description (SDES) nessage

- The RTCP conpound packets are sent in tinme intervals (T_rr), which
are conputed as a function of the average packet size, the nunber
of senders and receivers in the group, and the session bandw dth
(5% of the session bandwidth is used for RTCP nessages; this
bandwi dth is shared between all session nenbers, where the senders
may get a larger share than the receivers.)

- The average mninuminterval between two RTCP packets fromthe same
source is 5 seconds.

We see that these rules prevent feedback explosion and scale well to
| arge multicast groups. However, they do not allow tinely feedback
at all. Wile the second rule scales also to small groups or unicast
(inthis cases the interval night be as snall as a few nilliseconds),
the third rule may prevent the receivers from sendi ng feedback
timely.

The timng rules to send RTCP feedback fromthe new RTP profile [1]
consi st of two key conmponents. First, the minimuminterval of 5
seconds is abolished. Second, receivers get one chance during every
other of their (now quite snmall) RTCP intervals to send an RTCP

packet "early", i.e., not according to the calculated interval, but
virtually inmediately. It is inportant to note that the RTCP
interval calculation is still inherited fromthe original RTP

speci fication.

The specification and all the details of the extended tinming rules
can be found in [1]. Rather than describing the algorithnms here, we
reference the original specification [1]. Therefore, we use also the
sanme variabl e nanmes and abbreviations as in [1].
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3. Sinmulation Environnment

This section describes the sinmulation testbed that was used for the
investigations and its key features. The extensions to the sinul ator
that were necessary are roughly described in the follow ng sections.

3. 1. Net wor k Si mul at or Version 2

The sinul ati ons were conducted using the network sinulator version 2
(ns2). ns2 is an open source project, witten in a conbination of
Tool Command Language (TCL) and C++. The scenarios are set up using
TCL. Using the scripts, it is possible to specify the topol ogi es
(nodes and links, bandw dths, queue sizes, or error rates for |inks)
and the paraneters of the "agents", i.e., protocol configurations.
The protocols thenselves are inplenmented in C++ in the agents, which
are connected to the nodes. The docunentation for ns2 and the newest
versi on can be found in [4].

3.2. RTP Agent

We i mpl enented a new agent, based on RTP/RTCP. RTP packets are sent
at a constant packet rate with the correct header sizes. RTCP
packets are sent according to the timng rules of [2] and [3], and
also its algorithns for group nenbership maintenance are inpl enmented
Sender and receiver reports are sent.

Further, we extended the agent to support the extended profile [1].
The use of the new timing rules can be turned on and off via
paraneter settings in TCL.

3.3. Scenari os

The scenarios that are sinulated are defined in TCL scripts. W set
up several different topologies, ranging fromunicast with two
session nenbers to nulticast with up to 25 sessi on nenbers.
Dependi ng on the sending rates used and the corresponding |ink
bandwi dt hs, congestion | osses may occur. |n sonme scenarios, bit
errors are inserted on certain links. W sinmulated groups with

RTP/ AVP agents, RTP/ AVPF agents, and ni xed groups.

The feedback nessages are generally NACK nessages as defined in [1]
and are triggered by packet | oss.
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3. 4.

4.

Bur

Topol ogi es

Mainly, four different topol ogies are simulated to show the key
features of the extended profile. However, for sone specific
simul ati ons we used different topologies. This is then indicated in
the description of the sinmulation results. The main four topol ogies

are naned after the nunber of participating RTP agents, i.e., T-2,
T-4, T-8, and T-16, where T-2 is a unicast scenario, T-4 contains
four agents, etc. Figure 1 belowillustrates the main topol ogies.
A5
A5 | A6
/ |/
/ | /--A7
/ |/
A2 A2----- A6 A2- - A8
/ / / A9
/ / / /
/ / / /---A10
Al----- A2  Al----- A3  Al----- A3----- A7 Al------ A3<
\ \ \ \---All
\ \ \ \
\ \ \ Al2
A4 Ad----- A8 Ad- - Al3
|\
| \--Al14
|\
| Al5
Al6
T-2 T-4 T-8 T-16

Figure 1: Sinmul ated topol ogi es
RTCP Bit Rate Measurements

The new timng rules allow nmore frequent RTCP feedback for small

mul ticast groups. |In large groups, the algorithm behaves simlarly
to the normal RTCP timng rules. VWhile it is generally good to
have nore frequent feedback, it cannot be allowed at all to
increase the bit rate used for RTCP above a fixed limt, i.e., 5%
of the total RTP bandw dth according to RTP. This section shows
that the new timng rules keep RTCP bandwi dt h usage under the 5%
limt for all investigated scenarios, topologies, and group sizes.
Furt hernmore, we show that mi xed groups (some menbers using

AVP, sone AVPF) can be allowed and that each session nenber behaves
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fairly according to its correspondi ng specification. Note that
other values for the RTCP bandwidth lint may be specified using
the RTCP bandwi dth nodifiers as in [10].

4.1. Unicast

First we nmeasured the RTCP bandwi dth share in the unicast topol ogy
T-2. Even for a fixed topology and group size, there are severa
protocol parameters that are varied to sinulate a | arge range of
different scenarios. W varied the configurations of the agents
in the sense that the agents may use AVP or AVPF. Thereby it

i s possible that one agent uses AVP and the other AVPF in one RTP
session. This is done to test the backwards compatibility of the
AVPF profile.

Next, we consider scenarios where no | osses occur. In this case,
bot h RTP session nenbers transmt the RTCP conpound packets at
regular intervals, calculated as T rr, if they use AVPF, and

use a minimuminterval of 5 seconds (on average) if they inplenent
AVP. No early packets are sent, because the need to send early
feedback is not given. Still it is inportant to see that not nore
than 5% of the session bandwidth is used for RTCP and that AVP and
AVPF nenbers can coexist without interference. The results can

be found in Table 1.
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| | | | [ | Used RTCP Bit Rate |
| Session | Send | Rec. | AVP | AVPF | (% of session bw)
|

| Bandwi dt h| Agent s| Agent s| Agent s| Agents| Al | A2 | sum

R S —— [ [ [ [ [ [ [ +
| 2 Mps | 1 | 2 | - | 1,2 | 2.42 | 2.56 | 4.98

| 2 Mps | 1,2 | - | - | 1,2 | 2.49 | 2.49 | 4.98

| 2 Mps | 1 | 2 | 1 | 2 | 0.01 | 2.49 | 2.50

| 2 Mps | 1,2 | - | 1 | 2 | 0.01 | 2.48 | 2.49

| 2 Mps | 1 | 2 | 1,2 | - | 0.01 | 0.01 | 0.02 |
| 2 Mps | 1,2 | - | 1,2 | - | 0.01 | 0.01 | 0.02

| 200 kbps | 1 | 2 | - | 1,2 | 2.42 | 2.56 | 4.98

| 200 kbps | 1,2 | - | - | 1,2 | 2.49 | 2.49 | 4.98

| 200 kbps | 1 | 2 | 1 | 2 | 0.06 | 2.49 | 2.55

| 200 kbps | 1,2 | - | 1 | 2 | 0.08 | 2.50 | 2.58

| 200 kbps | 1 | 2 | 1,2 | - | 0.06 | 0.06 | O.12

| 200 kbps | 1,2 | - | 1,2 | - | 0.08 | 0.08 | 0.16

| 20 kbps | 1 | 2 | - | 1,2 | 2.44 | 2.54 | 4.98

| 20 kbps | 1,2 | - | - | 1,2 | 2.50 | 2.51 | 5.01

| 20 kbps | 1 | 2 | 1 | 2 | 0.58 | 2.48 | 3.06 |
| 20 kbps | 1,2 | - | 1 | 2 | 0.77 | 2.51 | 3.28

| 20 kbps | 1 | 2 | 1,2 | - | 0.58 | 0.61 | 1.19

| 20 kbps | 1,2 | - | 1,2 | - | 0.77 | 0.79 | 1.58

Table 1. Unicast sinulations wthout packet |oss

We can see that in configurations where both agents use the new
timng rules each of themuses, at nost, about 2.5% of the session
bandwi dth for RTP, which sunms up to 5% of the session bandw dth for
both. This is achieved regardl ess of the agent being a sender or a
receiver. In the cases where agent Al uses AVP and agent A2 AVPF
the total RTCP session bandwi dth decreases. This is because agent Al
can send RTCP packets only with an average minimuminterval of 5
seconds. Thus, only a small fraction of the session bandwidth is
used for its RTCP packets. For a high-bit-rate session (session
bandwi dth = 2 Mips), the fraction of the RTCP packets from agent Al
is as small as 0.01% For smaller session bandwi dths, the fraction
i ncreases because the same amount of RTCP data is sent. The

bandwi dth share that is used by RTCP packets from agent A2 is not
different fromwhat was used, when both agents inplenented the AVPF.
Thus, the interaction of AVP and AVPF agents is not problematic in

t hese scenarios at all

I n our second unicast experinment, we show that the all owed RTCP
bandwi dth share is not exceeded, even if packet |oss occurs. W
simul ated a constant byte error rate (BYER) on the link. The byte
errors are inserted randonmy according to a uniformdistribution
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Packets with byte errors are discarded on the link; hence the
receiving agents will not see the |l oss imediately. The agents
detect packet |oss by a gap in the sequence nunber.

When an AVPF agent detects a packet |oss, the early feedback
procedure is started. As described in AVPF [1], in unicast

T dither_nmax is always zero, hence an early packet can be sent
imediately if allowearly is true. |If the | ast packet was already
an early one (i.e., allowearly = false), the feedback m ght be
appended to the next regularly schedul ed receiver report. The
max_f eedback _del ay paraneter (which we set to 1 second in our
simulations) deternmines if that is allowed.

The results are shown in Table 2, where we can see that there is no
difference in the RTCP bandw dth share, whether or not |osses occur
This is what we expected, because even though the RTCP packet size
grows and early packets are sent, the interval between the packets

i ncreases and thus the RTCP bandwi dth stays the same. Only the RTCP
bandwi dth of the agents that use the AVP increases slightly. This is

because the interval between the packets is still 5 seconds (in
average), but the packet size increased because of the feedback that
i s appended.

| | | | | | Used RTCP Bit Rate |
| Session | Send | Rec. | AVP | AVPF | (% of session bw)
I

| Bandwi dt h| Agent s| Agent s| Agent s| Agents| Al | A2 | sum

S R R R R R R R R +
| 2 Mps | 1 | 2 | - | 1,2 | 2.42 | 2.56 | 4.98

| 2 Mps | 1,2 | - | - | 1,2 | 2.49 | 2.49 | 4.98

| 2 Mps | 1 | 2 | 1 | 2 | 0.01 | 2.49 | 2.50

| 2 Mps | 1,2 | - | 1 | 2 | 0.01 | 2.48 | 2.49 |
| 2 Mps | 1 | 2 | 1,2 | - | 0.01 | 0.02 | 0.03

| 2 Mps | 1,2 | - | 1,2 | - | 0.01 | 0.01 | 0.02 |
| 200 kbps | 1 | 2 | - | 1,2 | 2.42 | 2.56 | 4.98

| 200 kbps | 1,2 | - | - | 1,2 | 2.50 | 2.49 | 4.99

| 200 kbps | 1 | 2 | 1 | 2 | 0.06 | 2.50 | 2.56 |
| 200 kbps | 1,2 | - | 1 | 2 | 0.08 | 2.49 | 2.57 |
| 200 kbps | 1 | 2 | 1,2 | - | 0.06 | 0.07 | 0.13 |
| 200 kbps | 1,2 | - | 1,2 | - | 0.09 | 0.08 | O.17

| 20 kbps | 1 | 2 | - | 1,2 | 2.42 | 2.57 | 4.99 |
| 20 kbps | 1,2 | - | - | 1,2 | 2.52 | 2.51 | 5.03

| 20 kbps | 1 | 2 | 1 | 2 | 0.58 | 2.54 | 3.12 |
| 20 kbps | 1,2 | - | 1 | 2 | 0.83 | 2.43 | 3.26 |
| 20 kbps | 1 | 2 | 1,2 | - | 0.58 | 0.73 | 1.31 |
| 20 kbps | 1,2 | - | 1,2 | - | 0.86 | 0.84 | 1.70

Tabl e 2: Unicast sinulations with packet |oss

Bur nei ster, et al. I nf or mat i onal [ Page 9]



RFC 4586 Timng Rules Sinmulation Results July 2006

4.2. Milticast

Next, we investigated the RTCP bandw dth share in multicast

scenarios; i.e., we sinulated the topologies T-4, T-8, and T-16 and
measured the fraction of the session bandwi dth that was used for RTCP
packets. Again we considered different situations and protoco
configurations (e.g., with or without bit errors, groups with AVP
and/ or AVPF agents, etc.). For reasons of readability, we present
only selected results. For a docunentation of all results, see [5].

The sinulations of the different topol ogies in scenarios where no

| osses occur (neither through bit errors nor through congestion) show
a sinilar behavior as in the unicast case. For all group sizes, the
maxi mum RTCP bit rate share used is 5.06% of the session bandwi dth in
a sinmulation of 16 session nenbers in a lowbit-rate scenario
(session bandwi dth = 20 kbps) with several senders. |In all other
scenarios without |osses, the RTCP bit rate share used is bel ow that.
Thus, the requirenent that not nmore than 5% of the session bit rate
shoul d be used for RTCP is fulfilled with reasonabl e accuracy.

Si mul ati ons where bit errors are randomy inserted in RTP and RTCP
packets and the corrupted packets are discarded give the sane
results. The 5%rule is kept (at maxi mum 5. 07% of the session
bandwi dth is used for RTCP).

Finally, we conducted simnulati ons where we reduced the |ink bandw dth
and t hereby caused congestion-related | osses. These sinulations are
different fromthe previous bit error sinmulations, in that the | osses
occur nore in bursts and are nore correl ated, al so between different
agents. The correlation and "burstiness" of the packet |oss is due
to the queuing discipline in the routers we simulated; we used sinple
FI FO queues with a drop-tail strategy to handl e congestion. Random
Early Detection (RED) queues may enhance the performance, because the
burstiness of the packet |oss m ght be reduced; however, this is not
the subject of our investigations, but is left for future study. The
del ay between the agents, which also influences RTP and RTCP packets,
is much nore variabl e because of the added queuing delay. Still the
RTCP bit rate share used does not increase beyond 5.09% of the
session bandwi dth. Thus, also for these special cases the
requirenent is fulfilled.

4.3. Summary of the RTCP Bit Rate Measurenents
We have shown that for unicast and reasonable nulticast scenarios,
f eedback i npl osi on does not happen. The requirenent that at nmaxinmum

5% of the session bandwidth is used for RTCP is fulfilled for al
i nvestigated scenari os.
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5.

5.

Feedback Measurenents

In this section we describe the results of feedback del ay

measur enents, which we conducted in the sinulations. Therefore, we
use two netrics for neasuring the performance of the al gorithms;
these are the "nmean waiting time" (MAM) and the nunber of feedback
packets that are sent, suppressed, or not allowed. The waiting tine
is the time, measured at a certain agent, between the detection of a
packet | oss event and the tine when the correspondi ng feedback is
sent. Assuming that the value of the feedback decreases with its
delay, we think that the mean waiting tine is a good netric to
measure the performance gain we could get by using AVPF instead of
AVP.

The feedback an RTP/ AVPF agent wants to send can be either sent or
not sent. If it was not sent, this could be due to feedback
suppression (i.e., another receiver already sent the sane feedback)
or because the feedback was not allowed (i.e., the max_feedback_del ay
was exceeded). W traced for every detected loss, if the agent sent
the correspondi ng feedback or not and if not, why. The nore feedback
was not allowed, the worse the perfornmance of the al gorithm

Together with the waiting tinmes, this gives us a good hint of the
overal | performance of the schene.

1. Unicast

In the unicast case, the maximumdithering interval T dither_max is
fixed and set to zero. This is because it does not nake sense for a
uni cast receiver to wait for other receivers if they have the sane
feedback to send. But still feedback can be del ayed or mi ght not be
permitted to be sent at all. The regularly schedul ed packets are
spaced according to T_rr, which depends in the unicast case mainly on
the session bandw dt h.

Table 3 shows the nean waiting times (MAMs) neasured in seconds for
some configurations of the unicast topology T-2. The nunber of

f eedback packets that are sent or discarded is listed al so (feedback
sent (sent) or feedback discarded (disc)). W do not |ist suppressed
packets, because for the unicast case feedback suppressi on does not
apply. In the sinulations, agent AL was a sender and agent A2 was a
pure receiver.
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[ | Feedback Statistics

I I
| Session | | AVP | AVPF |
| Bandwi dt h|] PLR | sent |disc|] MAT | sent |disc|] MAT |
R S —— E [ tom e oo - - [ tom e oo - - +
| 2 Mps | 0.001 | 781 | O| 2.604 | 756 | O] 0.015
| 2 Mps | 0.01 | 7480 | O | 2.591 | 7548 | 2| 0.006
| 2 Mops | cong. | 25| 0] 2.557 | 1741 | O] 0.001
| 20 kbps | 0.001 | 791 O] 2.472 | 741 2] 0.034
| 20 kbps | 0.01 | 780 | O | 2.605| 709 | 64 | 0.163
| 20 kbps | cong. | 780 | O | 2.590 | 687 | 70| 0.162 |

Tabl e 3: Feedback statistics for the unicast sinulations

Fromthe table above we see that the nmean waiting tine can be
decreased dramatically by using AVPF instead of AVP. Wiile the
waiting times for agents using AVP is always around 2.5 seconds (half
the mininmuminterval average), it can be decreased to a few ns for
nmost of the AVPF configurations.

In the configurations with high session bandwi dth, normally al
triggered feedback is sent. This is because nore RTCP bandwi dth is
avail able. There are only very few exceptions, which are probably
due to nore than one packet | oss within one RTCP interval, where the
first loss was by chance sent quite early. |In this case, it night be
possi bl e that the second feedback is triggered after the early packet
was sent, but possibly too early to append it to the next regularly
schedul ed report, because of the Iimtation of the

max_feedback _delay. This is different for the cases with a small
sessi on bandw dth, where the RTCP bandwi dth share is quite | ow and
Trr thus larger. After an early packet was sent, the tinme to the
next regul arly schedul ed packet can be very high. W saw that in
some cases the tine was |larger than the max_f eedback _delay, and in
these cases the feedback is not allowed to be sent at all

Wth a different setting of nmax_feedback delay, it is possible to
have either nore feedback that is not allowed and a decreased nean
waiting time or nore feedback that is sent but an increased waiting
time. Thus, the paraneter should be set with care according to the
application’s needs.

5.2. Milticast

In this section, we describe some neasurenments of feedback statistics
in the nulticast simulations. W picked out certain characteristic
and representative results. W considered the topol ogy T-16.

Di fferent scenarios and applications are sinulated for this topol ogy.
The paraneters of the different links are set as follows. The agents
A2, A3, and A4 are connected to the nmiddl e node of the multicast

Bur nei ster, et al. I nf or mat i onal [ Page 12]



RFC 4586 Timng Rules Sinmulation Results July 2006

tree, i.e., agent Al, via high bandwidth and | owdelay |inks. The
ot her agents are connected to the nodes 2, 3, and 4 via different
link characteristics. The agents connected to node 2 represent
mobi | e users. They suffer in certain configurations froma certain
byte error rate on their access links and the delays are high. The
agents that are connected to node 3 have | ow bandw dth access |inks,
but do not suffer frombit errors. The last agents, which are
connected to node 4, have high bandw dth and | ow del ay.

5.2.1. Shared Losses vs. Distributed Losses

In our first investigation, we wanted to see the effect of the |oss
characteristic on the algorithnis performance. W investigate the
cases where packet |oss occurs for several users sinultaneously

(shared | osses) or totally independently (distributed | osses). W

first define agent Al to be the sender. |In the case of shared

| osses, we inserted a constant byte error rate on one of the mddle
links, i.e., the link between Al and A2. |n the case of distributed
| osses, we inserted the same byte error rate on all |inks downstream
of A2.

These scenarios are especially interesting because of the feedback
suppression algorithm \When all receivers share the sane loss, it is
only necessary for one of themto send the loss report. Hence if a
menber receives feedback with the same content that it has schedul ed
to be sent, it suppresses the schedul ed feedback. O course, this
suppressed feedback does not contribute to the nmean waiting tines.

So we expect reduced waiting tinmes for shared | osses, because the
probability is high that one of the receivers can send the feedback
more or less imediately. The results are shown in the follow ng

tabl e.
| | Feedback Statistics |
| | Shared Losses | Distributed Losses |
| Agent | sent | fbsp| disc|sum | MAT |sent]|fbsp|disc|sum| MAT |
+o-m o - I U S I U S +
A2 | 274] 351] 25| 650]0.267] - - - - -
A5 | 231] 408] 11| 650]|0.243] 619] 2| 32| 653]0.663|

3

| A6 | 234] 407 9| 650/0.235 587] 2| 32| 621]|0.701]
| A7 | 223| 414| 13| 650|0.253] 594] 6| 41| 641|0.658|
| A8 | 188 443| 19| 650/0.235 596] 1| 32| 629|0.677|

Tabl e 4: Feedback statistics for nmulticast sinmulations

Table 4 shows the feedback statistics for the sinulation of a | arge
group size. Al 16 agents of topology T-16 joined the RTP session
However, only agent Al acts as an RTP sender; the other agents are
pure receivers. Only 4 or 5 agents suffer from packet |oss, i.e.

’
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A2, A5, A6, A7, and A8 for the case of shared | osses and A5, A6, A7,
and A8 in the case of distributed |osses. Since the nunber of
session nenbers is the sanme for both cases, T rr is also the same on
the average. Still the nean waiting tinmes are reduced by nore than
50%in the case of shared | osses. This proves our assunption that
shared | osses enhance the performance of the algorithm regardless of
the 1 oss characteristic.

The feedback suppression nechani smseens to be working quite well.
Even t hough sone feedback is sent fromdifferent receivers (i.e.
1150 |l oss reports are sent in total and only 650 packets were | ost,
resulting in | oss reports being received on the average 1.8 tines),
most of the redundant feedback was suppressed. That is, 2023 |oss
reports were suppressed from 3250 individual detected | osses, which
means that nore than 60% of the feedback was actually suppressed.

6. Investigations on "I"

In this section, we want to investigate the effect of the paraneter
"I'" on the T_dither_max cal culation in RTP/ AVPF agents. We

i nvestigate the feedback suppression performance as well as the
report delay for three sanple scenari os.

For all receivers, the T dither_max value is calcul ated as

T dither_max =1 * T_rr, with |l =0.5. The rationale for this is
that, in general, if the receiver has no round-trip time (RTT)
estimation, it does not know how long it should wait for other
receivers to send feedback. The feedback suppression al gorithmwould
certainly fail if the tine selected is too short. However, the
waiting time is increased unnecessarily (and thus the value of the
feedback is decreased) in case the chosen value is too |arge.

Ideally, the optimumtine value could be found for each case, but
this is not always feasible. On the other hand, it is not dangerous
if the optimumtine is not used. A decreased feedback value and a
failure of the feedback suppression nmechanismdo not hurt the network
stability. W have shown for the cases of distributed |osses that
the overall bandwi dth constraints are kept in any case and thus we
could only | ose some performance by choosing the wong time val ue.

On the other hand, a good measure for T dither_max is the RTCP
interval T rr. This value increases with the nunber of session
menbers. Also, we know that we can send feedback at |east every

T rr. Thus, increasing T dither max beyond T rr would certainly nmake
no sense. So by choosing T rr/2, we guarantee that at |east
sometines (i.e., when a loss is detected in the first half of the
interval between two regul arly schedul ed RTCP packets) we are all owed
to send early packets. Because of the randomess of T dither, we
still have a good chance of sending the early packet in tine.
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The AVPF profile specifies that the calculation of T_dither_max, as
gi ven above, is commopn to session nmenbers having an RTT estimation
and to those not having it. |If this were not so, participants using
different calculations for T dither_max m ght al so have very
different nmean waiting tines before sending feedback, which
translates into different reporting priorities. For exanple, in a
scenario where T _rr = 1 s and the RTT = 100 s, receivers using the
RTT estimati on woul d, on average, send nore feedback than those not
using it. This mght partially cancel out the feedback suppression
mechani sm and even cause feedback inplosion. Also note that, in a
general case where the | osses are shared, the feedback suppression
mechani sm works if the feedback packets from each receiver have
enough time to reach each of the other ones before the cal cul ated

T _dither_nax seconds. Therefore, in scenarios of very high bandw dth
(small T_rr), the calculated T_dither_nax could be nuch smaller than
the propagati on del ay between receivers, which would translate into a
failure of the feedback suppression nmechanism |In these cases, one
solution could be to limt the bandwi dth available to receivers (see
[10]) such that this does not happen. Another solution could be to
devel op a mechani sm for feedback suppressi on based on the RTT
estimati on between senders. This will not be discussed here and may
be the subject of another docunent. Note, however, that a really
hi gh bandwi dth nedia streamis not that likely to rely on this kind
of error repair in the first place.

In the followi ng, we define three representative sanple scenari 0s.
We use the topology fromthe previous section, T-16. Mdst of the
agents contribute only little to the sinulations, because we
introduced an error rate only on the link between the sender Al and
the agent A2.

The first scenario represents those cases, where | osses are shared
between two agents. One agent is |ocated upstreamon the path

bet ween the other agent and the sender. Therefore, agent A2 and
agent A5 see the sane |osses that are introduced on the |ink between
the sender and agent A2. Agents A6, A7, and A8 do not join the RTP
session. Fromthe other agents, only agents A3 and A9 join. Al
agents are pure receivers, except Al, which is the sender.

The second scenario al so represents cases where | osses are shared

bet ween two agents, but this time the agents are |ocated on different
branches of the multicast tree. The delays to the sender are roughly
of the same magnitude. Agents A5 and A6 share the sanme | osses

Agents A3 and A9 join the RTP session, but are pure receivers and do
not see any | osses.

Finally, in the third scenario, the |osses are shared between two
agents, A5 and A6. The sane agents as in the second scenario are
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active. However, the delays of the links are different. The del ay
of the Iink between agents A2 and A5 is reduced to 20 nms and between
A2 and A6 to 40 ns.

Al'l agents beside agent Al are pure RTP receivers. Thus, these
agents do not have an RTT estimation to the source. T_dither_nmax is
calcul ated with the above given formula, depending only on T_rr and
I, which nmeans that all agents should cal cul ate roughly the sane

T _di t her _max.

6.1. Feedback Suppression Perfornmance

The feedback suppression rate for an agent is defined as the ratio of
the total number of feedback packets not sent out of the total numnber
of feedback packets the agent intended to send (i.e., the sumof sent
and not sent). The reasons for not sending a packet include: the
receiver already saw the sane | oss reported in a receiver report

com ng from anot her session nmenber or the nax_feedback_del ay
(application-specific) was surpassed.

The results for the feedback suppression rate of the agent Af that is
further away fromthe sender are depicted in Table 5. In general, it
can be seen that the feedback suppression rate increases as |

i ncreases. However there is a threshold, depending on the

envi ronment, from which the additional gain is not significant
anynor e.

| | Feedback Suppression Rate
| I | Scen. 1 | Scen. 2 | Scen. 3 |

+
I
I
I
I
. 204 |
I
I
I
I
I
I
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Table 5: Fraction of feedback that was suppressed at agent (Af) of
the total nunber of feedback nessages the agent wanted to send

Simlar results can be seen in Table 6 for the agent An that is
nearer to the sender.
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Tabl e 6: Fraction
the total

The rate of feedback suppression failure is depicted in Table 7
trend of additiona

certain threshol d.
wel | .

Timng Rules Sinmulation Results
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| Feedback Suppression Rate

| Scen. 1 | Scen. 2 | Scen. 3 |
T T S R S R +
10 | 0.056 | 0.056 | 0.090 |
25| 0.063 | 0.055 | 0.166 |
50| 0.116 | 0.099 | 0.255 |
75| 0.141 | 0.141 | 0.312 |
00| 0.179 | 0.175 | 0.352 |
25| 0.206 | 0.176 | 0.361 |
50| 0.193 | 0.193 | 0.337 |
75 0.197 | 0.204 | 0.341 |
00| 0.207 | 0.207 | 0.368 |
00| 0.196 | 0.203 | 0.359 |
00| 0.196 | 0.203 | 0.359 |

of feedback that was suppressed at agent (An) of

nunber of feedback nessages the agent wanted to send

The
performance increase is not significant beyond a
Dependence on the scenario is noticeable here as

| Feedback Suppr. Failure Rate

| | Scen. 1| Scen. 2 | Scen. 3 |

Fom e e - - B B B +

| 0.10 | 0.273 | 0.893 | 0.822 |

| 0.25 | 0.355 | 0.885 | 0.624 |

| 0.50 | 0.364 | 0.787 | 0.385 |

| 0.75 | 0.334 | 0.679 | 0.318 |

| 1.00 | 0.298 | 0.621 | 0.279 |

| 1.25 | 0.289 | 0.637 | 0.267 |

| .50 | 0.274 | 0.595 | 0.249 |

| 2.75 | 0.274 | 0.580 | 0.235 |

| 2.00 | 0.258 | 0.577 | 0.233 |

| 3.00 | 0.282 | 0.577 | 0.236 |

| 4.00 | 0.282 | 0.577 | 0.236 |

Table 7: The ratio of feedback suppression failures.

Sunmari zi ng the feedback suppression results, it can be said that in
general the feedback suppression performance increases as |
i ncreases. However, beyond a certain threshold, depending on
envi ronnment parameters such as propagati on del ays or session
bandwi dth, the additional increase is not significant anynore. This
threshold is not uniformacross all scenarios; a value of 1=0.5 seens

to produce reasonable results with acceptabl e (though not optinal)

over head.
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6.2. Loss Report Del ay

In this section, we show the results for the measured report del ay
during the simulations of the three sanple scenarios. This
measurenent is a netric of the performance of the algorithnms, because
the val ue of the feedback for the sender typically decreases with the
delay of its reception. The loss report delay is nmeasured as the
time at the sender between sending a packet and receiving the first
correspondi ng | oss report.

| | Mean Loss Report Del ay |
| | Scen. 1| Scen. 2 | Scen. 3 |

PONRPRPRPROOOO

N

o1
COLLLELELLLeo

w

01

=
COLLLELELLLeo

w
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©
COLLLELELLLeo

w

\'

o

Table 8: The mean | oss report del ay, neasured at the sender.

As can be seen from Table 8, the delay increases, in general, as |
increases. Also, a simlar effect as for the feedback suppression
performance is present: beyond a certain threshold, the additiona
increase in delay is not significant anynore. The threshold is

envi ronment dependent and seens to be related to the threshold, where
the feedback suppression gain would not increase anynore.

6.3. Summary of "I" Investigations

W have shown experinmentally that the performance of the feedback
suppressi on nmechani snms i ncreases as | increases. The sane applies
for the report delay, which also increases as | increases. This

| eads to a threshold where both the performance and the delay do not
increase any further. The threshold is dependent upon the

envi ronment .

So finding an optimumvalue of | is not possible because it is always
a trade-of f between del ay and feedback suppression performance. Wth
| =0.5, we think that a trade-off was found that is acceptable for
typical applications and environnents.
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7

7

Appli cations Using AVPF

NEWPRED i s one of the error resilience tools, which is defined in
both I1SO I EC MPEG 4 visual part and I TU-T H 263. NEWPRED achi eves
fast error recovery using feedback nmessages. W sinmulated the
behavi or of NEWPRED in the network sinmulator environnment as descri bed
above and neasured the waiting time statistics, in order to verify
that the extended RTP profile for RTCP-based feedback (AVPF) [1] is
appropriate for the NEWPRED feedback nmessages. Sinulation results,
which are presented in the foll owi ng sections, show that the waiting
time is small enough to get the expected perfornmance of NEWPRED.

1. NEWPRED I npl ementation in NS2

The agent that perfornms the NEWPRED functionality, called NEWRED
agent, is different fromthe RTP agent we descri bed above. Sone of
the added features and functionalities are described in the follow ng
poi nt s:

Appl i cati on Feedback
The "Application Layer Feedback Messages” format is used to
transmt the NEWPRED feedback nmessages. Thereby the NEWPRED
functionality is added to the RTP agent. The NEWPRED agent
creates one NACK nessage for each | ost segnment of a video frane,
and then assenbl es nultiple NACK nmessages corresponding to the
segnents in the sanme video frane into one Application Layer
Feedback Message. Although there are two nodes, nanely, NACK node
and ACK node, in NEWPRED [6][7], only NACK node is used in these
simulations. In this sinulation, the RTP | ayer doesn’'t generate
f eedback nmessages. |Instead, the decoder (NEWPRED) generates a
NACK nessage when the segment cannot be decoded because the data
hasn’t arrived or |oss of reference picture has occurred. Those
conditions are detected in the decoder with frame nunmber, segnent
nunber, and exi stence of reference pictures in the decoder

The paraneters of NEWPRED agent are as foll ows:
f: Franme Rate(frames/sec)
seg: Number of segnments in one video frane
bw. RTP sessi on bandwi dt h( kbps)

Generation of NEWPRED s NACK Messages
The NEWPRED agent generates NACK nessages when segnents are | ost.
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a. The NEWPRED agent generates multiple NACK nmessages per one
video frame when multiple segnents are lost. These are
assenbl ed i nto one Feedback Control Information (FCl) nessage
per video frame. |If there is no | ost segnent, no nessage is
generated and sent.

b. The length of one NACK nmessage is 4 bytes. Let num be the
nunber of NACK nessages in one video frame (1 <= num <= seg).
Thus, 12+4*num bytes is the size of the | ow delay RTCP feedback
message in a conpound RTCP packet.

Measur enent s
We defined two values to be neasured:

- Recovery tine
The recovery tinme is nmeasured as the tine between the detection
of a lost segnent and reception of a recovered segnent. W
measured this "recovery time" for each |ost segnent.
- Wiiting tine
The waiting tine is the additional delay due to the feedback
limtation of RTP.
Fi gure 2 depicts the behavior of a NEWPRED agent when a | 0oss occurs.
The recovery time is approxi mated as foll ows:
(Recovery tine) = (Waiting tinme) +
(Transmission tinme for feedback nessage) +
(Transmission time for nedia data)
Therefore, the waiting tine is derived as foll ows:

(Waiting time) = (Recovery tinme) - (Round-trip delay), where

(Round-trip delay ) = (Transnission tine for feedback nessage) +
(Transmission time for nedia data)
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Pi cture Reference | - Picture Segment
% Lost Segnent

! _ _ _ \
vi v\ N \
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Sender <o |---fmesees e >
\ \ AN
\ \ / \
\ \ / \
\ Y, / \
\ X / \
\ Lost / \
\ X / \
\% X /[ NACK \%
Receiver --------------- |----%==-%---%---%---|----- >
| -a-| I

a: Witing tinme
b: Recover time (% Video segnments are |ost)

Figure 2: Relation between the neasured val ues at the NEWPRED agent

7.2. Simulation

We conducted two sinulations (Sinulation A and Simulation B). In
Sinul ation A the packets are dropped with a fixed packet loss rate
on a link between two NEWPRED agents. In Sinulation B, packet |oss
occurs due to congestion fromother traffic sources, i.e., ftp
sessi ons.

7.2.1. Simulation A - Constant Packet Loss Rate

The network topol ogy used for this sinulation is shown in Figure 3.

Link 1 Link 2 Li nk 3
B + F-- - - - + F-- - - - + B +
| Sender |------ | Router|------- | Router|------ | Recei ver |
E + [ + [ + E +
10( nsec) x(nmsec) 10( nsec)

Figure 3: Network topology that is used for Sinulation A

Li nkl1 and |ink3 are error free, and each link delay is 10 nsec.

Packets may get dropped on link2. The packet loss rates (Plr) and
link delay (D) are as foll ows:
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D[ms] = {10, 50, 100, 200, 500}

Plr = {0.005, 0.01, 0.02, 0.03, 0.05, 0.1, 0.2}
Sessi on bandwi dth, frane rate, and the nunber of segments are shown
in Table 9.

S S S S +
| Paraneter 1D bw(kbps) |f (frane/sec)| seg

R TS S +--m - - +
| 32k-4-3 | 32 | 4 | 3 |
| 32k-5-3 | 32 | 5 | 3 |
| 64k-5-3 | 64 | 5 | 3 |
| 64k-10-3 | 64 | 10 | 3 |
| 128k-10-6 | 128 | 10 | 6 |
| 128k-15-6 | 128 | 15 | 6 |
| 384k-15-6 | 384 | 15 | 6 |
| 384k-30-6 | 384 | 30 | 6 |
| 512k-30-6 | 512 | 30 | 6 |
| 1000k-30-9 | 1000 | 30 | 9 |
| 2000k-30-9 | 2000 | 30 | 9 |
R TS S +--m - - +

Table 9: Paraneter sets of the NEWPRED agents

Figure 4 shows the key values of the result (packet loss rate vs.
mean of waiting tine).

When the packet loss rate is 5% and the session bandwidth is 32 kbps,
the waiting tinme is around 400 nmsec, which is just allowable for
r easonabl e NEWPRED per f or mance

When the packet loss rate is less than 1% the waiting tine is |ess
than 200 msec. In such a case, the NEWPRED all ows as much as
200-nsec additional |ink delay.

When the packet loss rate is | ess than 5% and the sessi on bandw dth
is 64 kbps, the waiting tinme is also |less than 200 nsec.

In 128-kbps cases, the result shows that when the packet loss rate is
20% the waiting time is around 200 nsec. In cases with nore than
512- kbps session bandwi dth, there is no significant delay. This
means that the waiting tine due to the feedback linmtation of RTCP is
negligi bl e for the NEWPRED perf or mance.
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Fo m m e o e e e e e eiaooo - +
| | Packet Loss Rate = |
| Bandwidth | 0.005 0.01 ] 0.02 ] 0.03 | 0.05 |0.10 |O0.20
[-------=---- +o-m - - +o-m - - +o-m - - +o-m - - +o-m - - +o-m - - +o-m - - |
| 32k | 130- |200- |230- |280- |350- |470- |[560- |
| | 180| 250] 320] 390| 430| 610]| 780|
| 64k | 80- |100- |120- |150- |180- |210- |[290- |
| | 130| 150| 180| 190| 210]| 300] 400|
| 128k | 60- | 70- | 90- |110- |130- |170- |[190- |
| | 70| 80| 100| 120| 140| 190| 240|
| 384k | 30- | 30- | 30- | 40- | 50- | 50- | 50- |
| | 50| 50| 50| 50| 60| 70| 90|
| 512k | <50] <50] <50|] <50| <50] <50 ] <60
I I I I I I I I I
| 1000k | <50 | <50] <50] <50] <50| <50 <55|
I I I I I I I I I
| 2000k | <30 ] <30 <30| <30] <30| <3| <35
Fom e Foommo- Foommo- Foommo- Foommo- Foommo- Foommo- +

Figure 4: The result of sinulation A

7.2.2. Simulation B -

The configurations of

l'ink1,

Packet Loss Due to Congestion

link2, and Iink3 are the same as in

Si nul ati on A except that

link2 is also error-free,

errors.

However ,

in addition,

regardi ng bit

some FTP agents are deployed to

overl| oad |ink2.

+---+ |
+- | FTP| +-- -+
| +---+ FTP|
R S

FTP Agents

See Figure 5 for the sinulation topol ogy.

Li nk2

| \4---+
+---+| FTP| - +
| FTP +---+ |
R S

FTP Agents

Figure 5: Network Topol ogy of Simulation B

The paraneters are defined as for Sinmulation A with the follow ng

val ues assi gned:

o ns]

edge, for a total of

Burnei ster, et al.

64 FTP agents active.
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The sets of session bandwi dth, frame rate, and the nunber of segnents
are the same as in Sinmulation A (Table 9).

We provide the results for the cases with 64 FTP agents, because
these are the cases where packet | osses could be detected to be
stable. The results are sinmlar to those for Sinulation A except for
a constant additional offset of 50..100 nms. This is due to the del ay
incurred by the routers’ buffers.

7.3. Summary of Application Sinulations

We have shown that the limtations of RTP AVPF profile do not
generate such high delay in the feedback nmessages that the
performance of NEWPRED is degraded for sessions from 32 kbps to 2
Mops. We could see that the waiting tine increases with a decreasing
session bandwi dth and/or an increasing packet |oss rate. The cause
of the packet loss is not significant; congestion and constant packet
| oss rates behave sinmlarly. Still we see that for reasonable

condi tions and parameters the AVPF is well suited to support the

f eedback needed for NEWPRED. For nore information about NEWPRED, see
[8] and [9].

8. Summary

The new RTP profile AVPF was investigated regarding perfornmance and
potential risks to the network stability. Sinulations were conducted
usi ng the network sinulator ns2, simulating unicast and severa
differently sized nulticast topologies. The results were shown in
thi s docunent.

Regarding the network stability, it was inportant to show that the
new profile does not |ead to any feedback inplosion or use nore
bandwi dth than it is allowed. W measured the bandw dth that was
used for RTCP in relation to the RTP session bandwi dth. W have
shown that, nore or |ess exactly, 5% of the session bandwidth is used
for RTCP, in all considered scenarios. Qher RTCP bandw dth val ues
could be set using the RTCP bandwi dth nodifiers [10]. The scenarios
i ncluded unicast with and without errors, differently sized multicast
groups, with and without errors or congestion on the |inks. Thus, we
can say that the new profile behaves in a network-friendly manner in
the sense that it uses only the all owed RTCP bandwi dth, as defined by
RTP.

Secondl y, we have shown that receivers using the new profile
experience a performance gain. This was measured by capturing the
del ay that the sender sees for the received feedback. Using the new
profile, this delay can be decreased by orders of nmgnitude
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In the third place, we investigated the effect of the parameter "I"
on the new algorithns. W have shown that there does not exist an
optimumvalue for it but only a trade-off can be achieved. The

i nfluence of this paraneter is highly environment-specific and a
trade-of f between perfornmance of the feedback suppression al gorithm
and t he experienced delay has to be met. The recomended val ue of

| =0.5 given in this docunment seenms to be reasonable for nost
appl i cations and environnents.

9. Security Considerations
Thi s docunent describes the sinulation work carried out to verify the
correct working of the RTCP timng rules specified in the AVPF

profile [1]. Consequently, security considerations concerning these
timng rules are described in that docunent.
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