RMCAT WG V. Singh

Internet-Draft callstats.io
| nt ended status: |nformati onal J. Ot
Expires: April 22, 2016 Aalto University

Cct ober 20, 2015

Eval uati ng Congestion Control for Interactive Real-tinme Mdia
draft-ietf-rncat-eval -criteria-04

Abstract

The Real -tinme Transport Protocol (RTP) is used to transnmit nmedia in
tel ephony and vi deo conferencing applications. This docunent
describes the guidelines to eval uate new congestion contro
algorithnms for interactive point-to-point real-tinme nedia.
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1. Introduction
This nenp describes the guidelines to help with evaluating new
congestion control algorithms for interactive point-to-point rea
time media. The requirenents for the congestion control algorithm
are outlined in [I-D.ietf-rncat-cc-requirenments]). This docunent
bui I ds upon previous work at the | ETF: Specifying New Congestion
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Control Al gorithms [RFC5033] and Metrics for the Eval uation of
Congestion Control Al gorithnms [RFC5166].

The gui delines proposed in the docunent are intended to hel p prevent
a congestion collapse, pronote fair capacity usage and optinize the
media flow s throughput. Furthernore, the proposed algorithnms 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 algorithm The nininmal requirenent for RMCAT
proposals is to produce or present results for the test scenarios
described in [I-D.ietf-rntat-eval -test] (Basic Test Cases). The
results of the evaluation are not expected to be included within the
internet-draft but should be cited in the docunent.

2. Term nol ogy

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

appl y.
3. Metrics

Each experinment is expected to |og every inconing and out goi ng packet
(the RTP logging format is described in Section 3.1). The | ogging
can be done inside the application or at the endpoints using PCAP
(packet capture, e.g., tcpdunp, wireshark). The followi ng are
cal cul ated based on the information in the packet |ogs:

1. Sendi ng rate, Receiver rate, Goodput (neasured at 200ns
i nterval s)

2. Packets sent, Packets received

3. Bytes sent, bytes received

4. Packet del ay

5. Packets | ost, Packets discarded (fromthe playout or de-jitter
buf fer)

6. If using, retransm ssion or FEC. post-repair |oss

7. Fai rness or Unfairness: Experinents testing the performance of

an RMCAT proposal against any cross-traffic nust define its
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expected criteria for fairness. The "unfairness" test guideline
(measured at 1s intervals) is:

1. Does not trigger the circuit breaker.

2. No RMCAT stream achieves nore than 3 tinmes the average

t hroughput of the RMCAT streamwi th the | owest average
throughput, for a case when the conpeting streans have simlar
RTTs.

3. RIT should not grow by a factor of 3 for the existing fl ows
when a new flow i s added.

For exanple, see the test scenarios described in
[I-D.ietf-rncat-eval -test].

8. Convergence tine: The tinme taken to reach a stable rate at
startup, after the available |link capacity changes, or when new
fl ows get added to the bottleneck |ink

9. Instability or oscillation in the sending rate: The frequency or
nunber of instances when the sending rate oscill ates between an
hi gh watermark [ evel and a | ow waternark | evel, or vice-versa in
a defined tine window For exanple, the waternarks can be set
at 4x interval: 500 Kbps, 2 Mips, and a tinme wi ndow of 500ns.

10. Bandwidth Utilization, defined as ratio of the instantaneous
sending rate to the instantaneous bottl eneck capacity. This
metric is useful only when an RMCAT flow is by itself or
conmpeting with simlar cross-traffic.

Fromthe logs the statistical nmeasures (mn, nmax, nean, standard
devi ati on and variance) for the whole duration or any specific part
of the session can be calculated. Also the netrics (sending rate,
receiver rate, goodput, latency) can be visualized in graphs as
variation over tine, the measurenents in the plot are at 1 second
intervals. Additionally, fromthe logs it is possible to plot the
hi stogram or CDF of packet del ay.

[ Open issue (1): Using Jain-fairness index (JFI) for neasuring self-
fairness between RTP fl ows? neasured at what interval s? visualized as
a CDF or a tineseries? Additionally: Use JFI for conparing fairness
between RTP and long TCP flows? ]

3.1. RTP Log For nmat

The log file is tab or comma separated containing the follow ng
details:
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Send or receive tinmestanp (unix)
RTP payl oad type

SSRC

RTP sequence no

RTP tinestanp

mar ker bit

payl oad size

I f the congestion control inplenments, retransm ssions or FEC, the
eval uati on should report both packet |oss (before applying error-
resilience) and residual packet |oss (after applying error-
resilience).

4. List of Network Paraneters

The inplenentors initially are encouraged to choose eval uation
settings fromthe foll ow ng val ues:

4.1. One-way Propagation Del ay
Experinents are expected to verify that the congestion control is
able to work in challenging situations, for exanple over trans-
continental and/or satellite Iinks. Typical values are:
1. Very low |l atency: O0-1ns
2. Low | atency: 50ns
3. High latency: 150ns
4. Extrene | atency: 300ns

4.2. End-to-end Loss
To nodel |ossy links, the experinents can choose one of the foll ow ng
| oss rates, the fractional loss is the ratio of packets |ost and

packets sent.

1. no | oss: 0%

2. 1%
3. 5%
4. 10%
5. 20%
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4.3. DropTail Router Queue Length

The router queue length is nmeasured as the tine taken to drain the
FI FO queue. It has been noted in various discussions that the queue
length in the current deployed Internet varies significantly. Wile
the core backbone network has very short queue |ength, the home
gateways usual ly have | arger queue | ength. Those various queue

| engths can be categorized in the follow ng way:

1. QoS-aware (or short): 70ns
2. Nominal: 300-500ns
3. Buffer-bloated: 1000-2000ns

Here the size of the queue is neasured in bytes or packets and to
convert the queue |length neasured in seconds to queue length in
byt es:

QueueSi ze (in bytes) = QueueSize (in sec) x Throughput (in bps)/8
4.4. Loss generation node

[Editor’s note : Describes the nodel for generating packet | osses,
for exanple, |osses can be generated using traces, or using the
Glbert-Elliot nodel, or randomy (uncorrelated |oss).]

4.5. Jitter nodels

This section defines jitter nodel for the purposes of this docunent.
When jitter is to be applied to both the RMCAT fl ow and any conpeting
flow (such as a TCP conpeting flow), the conpeting floww |l use the
jitter definition below that does not allow for re-ordering of
packets on the conpeting flow (see NR- RBPDV definition bel ow).

Jitter is an overloaded termin communications. |Its neaning is
typically associated with the variation of a netric (e.qg., delay)
with respect to some reference netric (e.g., average delay or nininum
delay). For exanple, RFC 3550 jitter is a snoothed estimate of

jitter which is particularly neaningful if the underlying packet
del ay variation was caused by a Gaussi an random process.

Because jitter is an overloaded term we instead use the term Packet
Del ay Variation (PDV) to describe the variation of delay of

i ndi vi dual packets in the sane sense as the | ETF | PPM WG has defi ned
PDV in their docunents (e.g., RFC 3393) and as the ITU T SGL6 has
defined I P Packet Delay Variation (IPDV) in their docunents (e.g.,

Y. 1540) .
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Most PDV distributions in packet network systenms are one-sided
distributions (the nmeasurenent of which with a finite nunber of
nmeasur enment sanples result in one-sided histograns). |n the usua
packet network transport case there is typically one packet that
transited the network with the mninumdelay, then a majority of
packets also transit the systemw thin sonme variation fromthis

m ni nrum del ay, and then a minority of the packets transits the
network wi th del ays higher than the nmedian or average transit tine
(these are outliers). Although infrequent, outliers can cause
significant deleterious operation in adaptive systens and shoul d be
consi dered in RMCAT adapt ati on desi gns.

In this section we define two different bounded PDV characteristics,
1) Random Bounded PDV and 2) Approximately Random Subject to No-
Reor deri ng Bounded PDV

4.5.1. Random Bounded PDV ( RBPDV)

The RBPDV probability distribution function (pdf) is specified to be
of sonme mat hematically describable function which includes some
practical mninmum and maxi num di screte val ues suitable for testing.
For exampl e, the mninmumvalue, x_nin, mght be specified as the
mninmumtransit tinme packet and the maxi num val ue, x_max, m ght be
idefined to be two standard devi ati ons hi gher than the mean.

Since we are typically interested in the distribution relative to the
mean del ay packet, we define the zero nean PVD sanple, z(n), to be
z(n) = x(n) - x_nean, where x(n) is a sanple of the RBPDV random
variable x and x_nean is the nean of x.

We assune here that s(n) is the original source tine of packet n and
the post-jitter induced enm ssion tine, j(n), for packet nis j(n) =
{[z(n) + x_mean] + s(n)}. It follows that the separation in the post-
jitter time of packets n and n+l is {[s(n+1l)-s(n)] - [z(n)-z(n+l)]}.
Since the first termis always a positive quantity, we note that
packet reordering at the receiver is possible whenever the second
termis greater than the first. Said another way, whenever the

di fference in possible zero nean PDV sanple delays (i.e., [x_max-
X_mn]) exceeds the inter-departure tine of any two sent packets, we
have the possibility of packet re-ordering.

There are inportant use cases in real networks where packets can
becone re-ordered such as in | oad bal anci ng topol ogi es and during
route changes. However, for the vast nmgjority of cases there is no
packet re-ordering because npst of the tinme packets foll ow the sane
path. Due to this, if a packet becones overly del ayed, the packets
after it on that flow are also delayed. This is especially true for
nmobil e wireless |inks where there are per-flow queues prior to base
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station scheduling. Owing to this inportant use case, we define
another PDV profile simlar to the above, but one that does not all ow
for re-ordering within a flow

4.5.2. Approximtely Random Subj ect to No-Reordering Bounded PDV ( NR-
RPVD)

No Reordering RPDV, NR-RPVD, is defined simlarly to the above with
one inportant exception. Let serial(n) be defined as the
serialization delay of packet n at the | owest bottleneck Iink rate
(or other appropriate rate) in a given test. Then we produce all the

post-jitter values for j(n) for n =1, 2, ... N, where Nis the
Il ength of the source sequence s to be offset-ed. The exception can
be stated as follows: W revisit all j(n) beginning fromindex n=2,

and if j(n) is deternined to be less than [j(n-1)+serial(n-1)], we
redefine j(n) to be equal to [j(n-1)+serial(n-1)] and continue for

all remaining n (i.e., n=23, 4, .. N. This nodels the case where
the packet n is sent inmediately after packet (n-1) at the bottl eneck
link rate. Although this is generally the theoretical mninmmin
that it assunmes that no other packets fromother flows are in-between
packet n and n+l at the bottleneck link, it is a reasonable
assunption for per flow queuing.

We note that this assunption holds for sone inportant exception
cases, such as packets imrediately following outliers. There are a
mul titude of software controlled el ements conmon on end-to-end
Internet paths (such as firewalls, ALGs and ot her i ddl eboxes) which
stop processing packets while servicing other functions (e.qg.,
garbage collection). Oten these devices do not drop packets, but
rat her queue themfor later processing and cause nmany of the
outliers. Thus NR-RPVD nodels this particular use case (assum ng
serial (n+l) is defined appropriately for the device causing the
outlier) and thus is believed to be inportant for adaptation

devel opnent for RMCAT.

[Editor’s Note: It may require to define test distributions as well.
Exanpl e test distribution may include-

1 - Two-sided: UniformPDV Distribution. Two quantities to define:
X_mn and x_max.

2 - Two-sided: Truncated Gaussian PDV Distribution. Four quantities
to define: the appropriate x_nmin and x_nax for test (e.g., +/- two
sigma val ues), the standard devi ation, and the nean.

3 - One Sided: Truncated Gaussian PDV Distribution. Quantities to
define: three sigma value, the standard devi ation, and the nean]
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6.
6.

6.

WFi or Cellular Links

[I-D.fu-rncat-wifi-test-case] describes nethods to evaluate the
congestion control in WFi network, alternatively
[I-D.ietf-rncat-wrel ess-tests] describes nmechanisns to enul ate and
simul ate cel lul ar networks.

Traffic Model s
1. TCP taffic nodel

Long-lived TCP flows will downl oad data throughout the session and
are expected to have infinite anobunt of data to send or receive. For
exanple, to

Each short TCP flow is nodel ed as a sequence of file downl oads
interleaved with idle periods. Not all short TCPs start at the sane
time, i.e., sonme start in the ON state while others start in the OFF
state.

The short TCP flows can be nodelled as foll ows: 30 connections start
si mul taneously fetching small (30-50 KB) anpunts of data. This

covers the case where the short TCP flows are not fetching a video
file.

The idle period between bursts of starting a group of TCP flows is
typically derived froman exponential distribution with the mean
val ue of 10 seconds.

[ These val ues were picked based on the data avail abl e at
http://httparchive.org/interesting. php as of Cctober 2015].

2. RTP Video nobde

[1-D. zhu-rntat-video-traffic-source] describes two types of video
traffic nodels for evaluating RMCAT candi date al gorithnms. The first
nmodel statistically characterizes the behavior of a video encoder.
Whereas the second nodel uses video traces.

Security Considerations

Security issues have not been discussed in this neno.

| ANA Consi der ati ons

There are no I ANA inpacts in this neno.
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9.

10.

11.

11.
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Appendi x A.  Application Trade-off
Application trade-off is yet to be defined. see RMCAT requirenents
[I-D.ietf-rnctat-cc-requirenments] document. Perhaps each experi nment
shoul d define the application’s expectation or trade-off.
A.l. Measuring Quality
No quality nmetric is defined for performance evaluation, it is
currently an open issue. However, there is consensus that congestion
control algorithmshould be able to show that it is useful for
interactive video by perform ng anal ysis using a real codec and video
sequences.
Appendi x B. Change Log

Note to the RFC-Editor: please renove this section prior to
publication as an RFC

B.1. Changes in draft-ietf-rncat-eval-criteria-04

0 Renoved the guidelines section, as nost of the sections are now
covered: wireless tests, video nodel, etc.

o Inproved Short TCP npdel based on the suggestion to use
ht t par chi ve. org.

B.2. Changes in draft-ietf-rncat-eval-criteria-03

0 Keep-alive version

o Moved link paraneters and traffic nodels from eval -test
B.3. Changes in draft-ietf-rnctat-eval-criteria-02

0 Incorporated fairness test as a working test.

0 Updated text on m m nmum eval uation requirenents.
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B. 4.

0o

0o

B. 5.

B. 6.

B. 7.

B. 8.

Changes in draft-ietf-rncat-eval-criteria-01

Renoved Appendi x B.

Renoved Section on Eval uati on Paraneters.

Changes in draft-ietf-rncat-eval-criteria-00

Updat ed ref erences.

Resubmitted as WG draft.

Changes in draft-singh-rntat-cc-eval - 04

I ncorporate feedback from I ETF 87, Berlin.

Clarified netrics: convergence tine, bandwidth utilization
Changed fairness criteria to fairness test.

Added neasuring pre- and post-repair |oss.

Added open issue of nmeasuring video quality to appendi x.
clarified use of DropTail and AQM

Updated text in "M ni num Requirenents for Eval uation"
Changes in draft-singh-rntat-cc-eval -03

I ncorporate the discussion within the design team

2015

Added a section on evaluation paraneters, it describes the flow

and network characteristics.

Added Appendi x with self-fairness experinent.

Changed bottl eneck paraneters froma proposal to an exanple set.

Changes in draft-singh-rntat-cc-eval - 02

Added scenari o descriptions.
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B.9. Changes in draft-singh-rncat-cc-eval -01
0 Renoved QoE netrics.
0 Changed stability to steady-state.
0 Added neasuring inpact against few and many fl ows.
0 Added guideline for idle and data-limted periods.

0 Added reference to TCP evaluation suite in exanple evaluation
scenari os.
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