RMCAT Wor ki ng Group V. Singh

Internet-Draft J. Ot
I ntended status: |nformational Aalto University
Expires: April 18, 2013 Cct ober 15, 2012

Eval uati ng Congestion Control for Interactive Real-time Mdia.
draft-singh-rntat-cc-eval -00. t xt

Abstract

The Real -tine Transport Protocol (RTP) is used to transmit nmedia in
t el ephony and vi deo conferencing applications. This docunent

descri bes the guidelines to eval uate new congestion contro
algorithnms for interactive point-to-point real-tinme nmedia.

Status of this Meno

This Internet-Draft is submtted in full conformance with the
provi sions of BCP 78 and BCP 79.

Internet-Drafts are working docunments of the Internet Engineering
Task Force (IETF). Note that other groups may also distribute
wor ki ng docunents as Internet-Drafts. The list of current Internet-
Drafts is at http://datatracker.ietf.org/drafts/current/.

Internet-Drafts are draft docunments valid for a maxi num of six nonths
and may be updated, replaced, or obsol eted by other docunents at any
time. It is inappropriate to use Internet-Drafts as reference
material or to cite themother than as "work in progress."

This Internet-Draft will expire on April 18, 2013.
Copyright Notice

Copyright (c) 2012 | ETF Trust and the persons identified as the
docunment authors. All rights reserved.

This docunment is subject to BCP 78 and the | ETF Trust’s Lega
Provisions Relating to | ETF Documents
(http://trustee.ietf.org/license-info) in effect on the date of
publication of this docunent. Please review these docunents
carefully, as they describe your rights and restrictions with respect
to this docunment. Code Conponents extracted fromthis docunment nust
include Sinplified BSD License text as described in Section 4.e of
the Trust Legal Provisions and are provided without warranty as
described in the Sinplified BSD Li cense.
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1.

I nt roducti on

This meno describes the guidelines to help with eval uating new
congestion control algorithns for interactive point-to-point rea
time nedia. The requirenents for the congestion control algorithm
are outlined in [I-D.jesup-rtp-congestion-reqs]). This docunent
bui | ds upon previous work at the | ETF: Specifying New Congestion
Control Algorithms [RFC5033] and Metrics for the Eval uation of
Congestion Control Al gorithms [RFC5166].

The gui delines proposed in the docunent are intended to prevent a
congestion coll apse, pronote fair capacity usage and optinize the
media flow s throughput, delay, loss and quality. Furthernore, the
proposed algorithns are expected to operate within the envel ope of
the circuit breakers defined in
[I-D.ietf-avtcore-rtp-circuit-breakers].

Thi s docunent only provides broad-level criteria for evaluating a new
congestion control algorithmand the working group should expect a

t horough scientific study to nake its decision. The results of the
eval uation are not expected to be included within the internet-draft
but should be cited in the docunent.

Ter i nol ogy

The term nol ogy defined in RTP [ RFC3550], RTP Profile for Audio and
Vi deo Conferences with Mninmal Control [RFC3551], RTCP Extended
Report (XR) [RFC3611], Extended RTP Profile for RTCP-based Feedback
(RTP/ AVPF) [ RFC4585] and Support for Reduced-Size RTCP [ RFC5506]

apply.

Metrics

[ RFC5166] describes the basic netrics for congestion control
Metrics that are inportant to interactive nultinedia are:

Del ay

Thr oughput

M nim zing oscillations in encoding rate (stability)
Reactivity to transient events

Packet |oss and discard rate

Users’ quality of experience

L I

[Editor’s Note: neasurenent interval and statistical neasures
(mn, nmax, nean, nedian) are yet to be specified.]
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4.

4.

Section 2.1 of [RFC5166] discusses the tradeoff between throughput,
del ay and | oss.

(i) Bandwidth Utilization: is the ratio of the encoding rate to

the (avail abl €) end-to-end path capacity.
Under-utilization: is the period of tinme when the endpoint’s
encoding rate is lower than the end-to-end capacity, i.e., the
bandwi dth utilization is less than 1.

* Overuse: is the period of tinme when the endpoint’s encodi ng
rate is higher than the end-to-end capacity, i.e., the
bandwi dth utilization is greater than 1.

* Stability: is the period of tine when the endpoint’s encoding
rate is relatively stable, i.e., the bandwidth utilization is
const ant .

(ii) Packet Loss and Discard Rate.

(iii) Fair Share.
[Editor’s Note: This metric should match the one defined in the
RMCAT requirenents [I-D.jesup-rtp-congestion-reqs] docunent. ]

(iv) Quality: There are many different types of quality netrics
for audio and video. Audio quality is often expressed by a M3XS
("Mean Opinion Score") and can be cal cul ated using an objective
algorithm[I1-D.ietf-xrblock-rtcp-xr-qoe]. Section 4.7 of

[ RFC3611] can also be used for VolP netrics. Simlarly, there
exi st several netrics to neasure video quality, for exanple Peak
Signal to Noise Ratio (PSNR)

[Editor’s Note: Should the algorithm conpare average PSNR of test
vi deo sequences or what other video quality nmetric can be used?]

Cui del i nes

A congestion control algorithmshould be tested in sinulation or a
testbed environment, and the experinments should be repeated multiple
times to infer statistical significance. The follow ng guidelines
are considered for eval uation:

Avoi di ng Congestion Col | apse

Does the congestion control propose any changes to (or diverge from
the circuit breaker conditions defined in
[I-D.ietf-avtcore-rtp-circuit-breakers].
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4.2. Stability

The congestion control should be assessed for its stability when the
path characteristics do not change over tine. Changing the nedia
encoding rate too often or by too nmuch nay adversely affect the
users’ quality of experience

4. 3. Di verse Environnments

The congestion control algorithmshould be assessed in heterogeneous
environnments, containing both wired and wirel ess paths. Exanples of
Wi rel ess access technol ogi es are: 802.11x, HSPA, WCDMVA, or GPRS. One
of the main challenges of the wireless environnents is the inability
to distinguish congestion induced | oss fromtransm ssion (bit-error)
| oss. Congestion control algorithms may incorrectly identify

transm ssion | oss as congestion |oss and reduce the nedia encodi ng
rate too nuch, which may cause oscillatory behavior and deteriorate
the users’ quality of experience. Furthernore, packet |oss nmay

i nduce additional delay in networks with wireless paths due to |ink-
| ayer retransm ssions.

4.4, Varying Path Characteristics

The congestion control algorithm should be evaluated for a range of
path characteristics such as, different end-to-end capacity and

| at ency, varying anmount of cross traffic on a bottle-neck link and a
router’s queue length. [Editor’s Note: Different types of queueing
mechani snm6? Random Early Detection or only DropTail?]. The nain
nmotivation for the previous and current criteria is to determ ne
under which circunstances will the proposed congestion contro

al gorithm break down and al so determ ne the operational range of the
al gorithm

4.5, Reacting to Transient Events or Interruptions

The congestion control algorithm should be able to handl e changes in
end-to-end capacity and latency. Latency may change due to route

updates, link failures, handovers etc. |n nobile environnent the
end-to-end capacity may vary due to the interference, fading,
handovers, etc. In wired networks the end-to-end capacity may vary

due to changes in resource reservation

4.6. Fairness Wth Simlar Cross-Traffic
The congestion control algorithm should be eval uated when conpeti ng
with other RTP flows using the sane congestion control al gorithm

The proposal should highlight the bottl eneck capacity share of each
RTP fl ow.
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4.7. Inpact on Cross-Traffic

The congestion control al gorithm should be eval uated when conpeti ng
with standard TCP. Short TCP flows nay be considered as transient
events and the RTP flow may give way to the short TCP flow to

compl ete quickly. However, long-lived TCP flows may starve out the
RTP fl ow depending on router queue length. In the latter case the
proposed congestion control for RTP should be as aggressive as
standard TCP [ RFC5681].

4.8. Extensions to RTP/RTCP

The congestion control algorithmshould indicate if any protoco
extensions are required to inplenent it and should carefully describe
the inpact of the extension

5. Mninmum Requi renments for Evaluation

[Editor’s Note: If needed, a mninumevaluation criteria can be based
on the above gui delines]

6. Exanple Eval uation Scenari os

In the scenarios |listed below, all RTP flows are bi-directional and
poi nt -t o- poi nt ..

[S1] RTP flow on a fixed link: This scenario eval uates the ranp-up
to the bottleneck capacity and the stability of the proposed
congestion control algorithm

[S2] RTP flow on a variable capacity link: This scenario eval uates
the reactivity of the proposed congestion control algorithmto
transient network events due to interference and handovers in
mobi | e environments. Sanple 3G bandwi dth traces are avail abl e at
[ 3GPP. R1. 081955] .

[S3] Fairness to RTP flows running the sane congestion contro
algorithm This scenario shows if the proposed al gorithm can share
the bottleneck link equitably, irrespective of nunmber of flows.

[S4] Conpeting with long-lived TCP flows: In this scenario the
proposed algorithmis expected to be TCP-friendly, i.e., it should
neither starve out the conpeting TCP flows (causing a congestion
col l apse) nor should it be starved out by TCP
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7

10.

[ S5] Conpeting with short TCP flows: Depending on the |evel of
statistical multiplexing on the bottleneck Iink, the proposed

al gorithm may behave differently. |If there are a few short TCP
flows then the proposed al gorithm may observe these fl ows as
transient events and let them conplete quickly. Aternatively, if
there are many short flows then the proposed al gorithm may have to
compete with the flows as if they were long lived TCP fl ows.
[Editor’s Note: many and few short TCP flows nmay depend on the
bottl eneck link capacity.]

Status of Proposals

Congestion control algorithns are expected to be published as
"Experinmental" docunents until they are shown to be safe to depl oy.
An al gorithm published as a draft should be experinented in
simulation, or a controlled environnent (testbed) to showits
applicability. Every congestion control algorithmshould include a
note describing the environments in which the algorithmis tested and
safe to deploy. It is possible that an algorithmis not reconmended
for certain environnents or performsub-optinmally for the user

[Editor’s Note: Should there be a distinction between "Informational"
and "Experinmental" drafts for congestion control algorithms in RMCAT.
[ RFC5033] describes Informational proposals as algorithnms that are
not safe for deploynent but are proposals to experinent with in
simul ati on/testbeds. Wile Experinental algorithns are ones that are
deened safe in sone environnents but require a nore thorough
eval uation (fromthe conmunity).]

Security Considerations

Security issues have not been discussed in this neno.

| ANA Consi der ati ons

There are no | ANA inpacts in this neno.

Acknow edgenent s

Much of this docunment is derived from previous work on congestion
control at the |ETF.
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