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Abstract

The Real -tine Transport Protocol (RTP) is used to transmit nedia in
mul ti medi a tel ephony applications. These applications are typically
required to inplenent congestion control. This docunment describes
the test cases to be used in the performance eval uati on of such
congestion control algorithns in a controlled environnent.

Status of This Meno

Thi s docunent is not an Internet Standards Track specification; it is
publi shed for informational purposes.

This docunent is a product of the Internet Engineering Task Force
(IETF). It represents the consensus of the IETF community. It has
recei ved public review and has been approved for publication by the
Internet Engineering Steering Goup (IESG. Not all docunents
approved by the | ESG are candi dates for any |evel of Internet

St andard; see Section 2 of RFC 7841.

I nformati on about the current status of this docunent, any errata,
and how to provide feedback on it nay be obtained at
https://wwv rfc-editor.org/info/rfc8867

Copyright Notice

Copyright (c) 2021 | ETF Trust and the persons identified as the
docunment authors. All rights reserved.

Thi s docunent is subject to BCP 78 and the | ETF Trust’'s Lega
Provisions Relating to | ETF Documents
(https://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 docunent. 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 License.

Tabl e of Contents

I nt roducti on

Ter mi nol ogy

Structure of Test Cases

. Recommended Eval uation Settings
4.1. Evaluation Metrics

4.2. Path Characteristics

4. 3. Medi a Source

bR



5. Basi ¢ Test Cases

5.1. Variable Available Capacity with a Single Flow
5.2. Variable Avail able Capacity with Multiple Flows
5.3. Congested Feedback Link with Bi-directional Media Fl ows
5.4. Competing Media Flows with the Sanme Congestion Contro
Al gorithm
5.5. Round Trip Tinme Fairness
5.6. Media Flow Conpeting with a Long TCP Fl ow
5.7. Media Flow Conpeting with Short TCP Fl ows
5.8. Media Pause and Resune
6. Oher Potential Test Cases
6.1. Media Flows with Priority
6.2. Explicit Congestion Notification Usage
6.3. Miltiple Bottlenecks

Wrel ess Access Links
Security Considerations
| ANA Consi der ati ons
0. References
10.1. Normmtive References
10.2. Informmtive References
Acknowl edgnent s
Aut hors’ Addr esses

R©OoN

I nt roducti on

This nmeno describes a set of test cases for evaluating congestion
control algorithmproposals in controlled environments for real-tine
interactive nedia. It is based on the guidelines enunerated in

[ RFC8868] and the requirenments di scussed in [ RFC8836]. The test
cases cover basic usage scenarios and are described using a common
structure, which allows for additional test cases to be added to
those described herein to accommpdat e ot her topol ogi es and/or the
nodel i ng of different path characteristics. The described test cases
in this meno should be used to eval uate any proposed congestion
control algorithmfor real-time interactive nedia.

Ter mi 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 i es.

Structure of Test Cases

Al the test cases in this docunent follow a basic structure allow ng
i mpl ementers to describe a new test scenario wthout repeatedly
expl ai ning comon attributes. The structure includes a genera
description section that describes the test case and its notivation
Additionally the test case defines a set of attributes that
characterize the testbed, for exanple, the network path between
communi cati ng peers and the diverse traffic sources.

Define the test case:

General description: describes the notivation and the goals of
the test case.

Expect ed behavior: describes the desired rate adaptation
behavi or.

List of netrics to evaluate the desired behavior: this indicates
the minimmset of metrics (e.g., link utilization, media
sending rate) that a proposed al gorithm needs to nmeasure to
val i date the expected rate adaptation behavior. 1t should also



indicate the tine granularity (e.g., averaged over 10 ns, 100
ms, or 1 s) for neasuring certain nmetrics. Typical neasurenent
interval is 200 ns.

Defi ne testbed topol ogy:

Every test case needs to define an evaluation testbed topol ogy.
Figure 1 shows such an evaluation topology. 1In this evaluation
topol ogy, Sl1..Sn are traffic sources. These sources generate
media traffic and use the congestion control algorithm(s) under
investigation. Rl..Rn are the corresponding receivers. A test
case can have one or nore such traffic sources (S) and their
correspondi ng receivers (R). The path fromthe source to
destination is denoted as "forward", and the path froma
destination to a source is denoted as "backward". The follow ng
basic structure of the test case has been described fromthe
perspective of nedia-generating endpoints attached on the left-
hand side of Figure 1. 1In this setup, the nmedia flows are
transported in the forward direction, and the correspondi ng

f eedback/ control nessages are transported in the backward
direction. However, it is also possible to set up the test with
media in both forward and backward directions. |In that case,

unl ess otherw se specified by the test case, it is expected that
the backward path does not introduce any congestion-rel ated

i mpai rrents and has enough capacity to accomopdate both nmedi a and
f eedback/ control nmessages. It should be noted that, depending on
the test cases, it is possible to have different path
characteristics in either of the directions.

o- -t o- -t

| S1 | ======\ Forward --> / :::::::l R1 |

+---+ \\ /1 +---+
\\ /1

oot Fooomn + Fooomn + oot

| S2 | :::::::l A | --------------------------- >| B | :::::::l R2 |

+-- -+ | I | | +-- -+
o + o +

(..) /1 \\ (..)
11 <-- Backward \\

+---+ // \\ +---+

| Sn | ====== |/ \ ::::::l Rn |

AN AN

Figure 1. Exanple of a Testhbed Topol ogy

In a testbed environnment with real equipnent, there nay exist a
significant amount of unwanted traffic on the portions of the
networ k path between the endpoints. Some of this traffic may be
generated by other processes on the endpoints thenselves (e.g.,
di scovery protocols) or by other endpoints not presently under
test. Such unwanted traffic should be renoved or avoided to the
great est extent possible.

Define testbed attri butes:
Duration: defines the duration of the test in seconds.

Path characteristics: defines the end-to-end transport |evel path
characteristics of the testbed for a particular test case. Two
sets of attributes describe the path characteristics, one for
the forward path and the other for the backward path. The path
characteristics for a particular path direction are applicable
to all the sources "S" sending traffic on that path. |If only
one attribute is specified, it is used for both path
di rections; however, unless specified the reverse path has no
capacity restrictions and no path | oss.



Path direction: forward or backward.

M ni mum bottl eneck-1ink capacity: defines the m nimum capacity
of the end-to-end path.

Ref erence bottl eneck capacity: defines a reference value for
the bottl eneck capacity for test cases with tinme-varying
bottl eneck capacities. Al bottleneck capacities will be
specified as a ratio with respect to the reference capacity
val ue.

One-way propagation delay: describes the end-to-end |atency
al ong the path when network queues are enpty, i.e., the tine
it takes for a packet to go fromthe sender to the receiver
wi t hout encountering any queuing del ay.

Maxi mum end-to-end jitter: defines the maximumjitter that can
be observed al ong the path.

Bottl eneck queue type: for exanple, "tail drop" [RFC7567],
Fl ow Queue Controlled Delay (FQ CoDel) [RFC8290], or
Proportional Integral controller Enhanced (Pl E) [ RFC8033].

Bott| eneck queue size: defines the size of queue in ternms of
queui ng tinme when the queue is full (in mlliseconds).

Path | oss ratio: characterizes the non-congested, additive
| osses to be generated on the end-to-end path. This nust
describe the loss pattern or |oss nodel used to generate the
| osses.

Application-related: defines the traffic source behavior for
i npl ementing the test case:

Media traffic source: defines the characteristics of the nedia
sources. Wen using nore than one nedia source, the
different attributes are enunerated separately for each
di fferent nedia source.

Medi a type: Video/ Voi ce.
Media flow direction: forward, backward, or both.

Nurmber of nedi a sources: defines the total nunber of nedia
sour ces.

Medi a codec: Constant Bit Rate (CBR) or Variable Bit Rate
(VBR).

Medi a source behavior: describes the nmedia encoder
behavior. It defines the main paraneters that affect the
adapt ati on behavior. This may include but is not linmted
to the foll ow ng:

Adaptability: describes the adaptation options. For
exanple, in the case of video, it defines the
followi ng ranges of adaptation: bit rate, frane rate,
and video resolution. Sinmilarly, in the case of
voice, it defines the range of bit rate adaptation,
the sanpling rate variation, and the variation in
packetization interval

Qut put variation: for a VBR encoder, it defines the
encoder output variation fromthe average target rate
over a particular measurenent interval. For exanple,



on average the encoder output may vary between 5%to
15% above or bel ow the average target bit rate when
measured over a 100 ms tinme window. The tine interva
over which the variation is specified nust be

provi ded.

Responsi veness to a new bit rate request: the lag in
time between a new bit rate request fromthe
congestion control algorithmand actual rate changes
in encoder output. Depending on the encoder, this
val ue may be specified in absolute tine (e.g., 10 ns
to 1000 ns) or other appropriate nmetric (e.g., next
frame interval tine)

More detail ed di scussions on expected nedi a source
behavi or, including those fromsynthetic video traffic
sources, can be found in [ RFC8593].

Medi a content: describes the chosen video scenario. For
exanpl e, video test sequences are available at [xiph-seq]
and [HEVC-seq]. Different video scenarios give different
distributions of video frames produced by the video
encoder. Hence, it is inportant to specify the nedia
content used in a particular test. |If a synthetic video
traffic source [RFC8593] is used, then the synthetic
video traffic source needs to be configured according to
the characteristics of the nmedia content specified.

Media tineline: describes the point when the nmedia source
is introduced and renoved fromthe testbed. For exanple,
the media source may start transmitting i mediately when
the test case begins, or after a few seconds.

Startup behavior: the nedia starts at a defined bit rate,
whi ch may be the mininum maxi mumbit rate, or a value in
bet ween (in Kbps).

Conpeting traffic source: describes the characteristics of the
conpeting traffic source, the different types of conpeting
flows are enunerated in [ RFC8868].

Traffic direction: forward, backward, or both.

Type of sources: defines the types of conpeting traffic
sources. Types of conpeting traffic flows are listed in
[ RFC8868]. For exanple, the number of TCP fl ows
connected to a web browser, the nean size and
distribution of the content downl oaded.

Nunber of sources: defines the total nunber of conpeting
sources of each nedia type per traffic direction

Congestion control: enumerates the congestion control used
by each type of competing traffic.

Traffic tinmeline: describes when the conpeting traffic
starts and ends in the test case.

Additional attributes: describes attributes essential for
i mpl ementing a test case that are not included in the above
structure. These attributes nmust be well defined, so that the
other inplenenters of that particular test case are able to
inplement it easily.

Any attribute can have a set of values (enclosed within "[]"). Each
menber val ue of such a set nust be treated as different value for the



same attribute. It is desired to run separate tests for each such
attribute val ue.

The test cases described in this docunent follow the above structure.
4. Recomended Eval uation Settings

Thi s section describes recomended test case settings and coul d be
overwritten by the respective test cases.

4.1. Evaluation Metrics

To eval uate the performance of the candidate algorithns, the

i mpl ementers must | og enough information to visualize the foll ow ng

metrics at a fine enough tinme granularity:

1. Flowlevel

A. End-to-end delay for the congestion-controlled media flow(s).

For exanple, end-to-end del ay observed on the | P packet |eve
and the video frane |evel

B. Variation in sending bit rate and throughput. Miinly
observing the frequency and magni tude of oscillations.

C. Packet | osses observed at the receiving endpoint.

D. Feedback nessage overhead.

E. Convergence tine. Time to reach steady state for the
congestion-controlled nedia flowms). Each occurrence of
convergence during the test period needs to be presented.

2. Transport |evel
A. Bandwi dth utilization.
B. Queue length (mlliseconds at specified path capacity).
4.2. Path Characteristics
Each path between a sender and receiver as described in Figure 1 has
the follow ng characteristics unless otherwi se specified in the test
case:

Path direction: forward and backward.

Ref erence bottl eneck capacity: 1 Mops.

One-way propagation delay: 50 ns. |Inplenenters are encouraged to
run the experinment with additional propagation delays nentioned in
[ RFC8868] .

Maxi mum end-to-end jitter: 30 ns. Jitter nodels are described in
[ RFC8868] .

Bottl eneck queue type: "tail drop". Inplenenters are encouraged to

run the experiment with other Active Queue Managenment (AQV
schenes, such as FQ CoDel and PIE

Bott| eneck queue size: 300 ns.
Path loss ratio: 0%

Exanpl es of additional network parameters are discussed in [ RFC3868].



For test cases involving time-varying bottleneck capacity, al
capacity values are specified as a ratio with respect to a reference
capacity value, so as to allow flexible scaling of capacity val ues
along with media source rate range. There exist two different
mechani sms for inducing path capacity variation: a) by explicitly
modi fyi ng the val ue of physical |ink capacity, or b) by introducing
background non-adaptive UDP traffic with tine-varying traffic rate.

I npl enenters are encouraged to run the experinments with both
mechani sns for test cases specified in Section 5.1, Section 5.2, and
Section 5. 3.

4. 3. Medi a Source

Unl ess ot herwi se specified, each test case will include one or nore
medi a sources as descri bed bel ow

Media type: Video
Medi a codec: VBR
Medi a source behavi or
Adapt ability:

Bit rate range: 150 Kbps - 1.5 Mops. In real-life
applications, the bit rate range can vary a | ot depending
on the provided service; for exanple, the maxi mum bit
rate can be up to 4 Mops. However, for running tests to
eval uate the congestion control algorithns, it is nore
important to have a | ook at how they react to a certain
anount of bandwi dth change. Also it is possible that the
media traffic generator used in a particular sinulator or
testbed is not capable of generating a higher bit rate.
Hence, we have selected a suitable bit rate range typica
of consuner-grade video conferencing applications in
designing the test case. |If a different bit rate range
is used in the test cases, then the end-to-end path
capacity values will also need to be scal ed accordingly.

Frame resolution: 144p - 720p (or 1080p). This resolution
range is selected based on the bit rate range. If a
different bit rate range is used in the test cases, then
a suitable frane resolution range al so needs to be
sel ect ed.

Frame rate: 10 fps - 30 fps. This frane rate range is
sel ected based on the bit rate range. |If a different bit
rate range is used in the test cases, then the franme rate
range al so needs to be suitably adjusted.

Variation fromtarget bit rate: +/-5% Unless otherw se
specified in the test case(s), bit rate variation should be
cal cul ated over a one (1) second period of tine.

Responsi veness to new bit rate request: 100 ns

Medi a content: The nedia content should represent a typical video
conversational scenario with head and shoul der novenent. W
recommend using the Foreman vi deo sequence [xiph-seq].

Medi a startup behavior: 150 Kbps. It should be noted that
applications can use snmart ways to select an optimal startup
bit rate value for a certain network condition. |In such cases,
t he candi date proposals nmay show the effectiveness of such a
smart approach as additional information for the eval uation
process.



Media type: Audio
Medi a codec: CBR
Media bit rate: 20 Kbps
5. Basic Test Cases
5.1. Variable Avail able Capacity with a Single Flow

In this test case, the m nimum bottl eneck-1ink capacity between the
two endpoints varies over tinme. This test is designed to neasure the
responsi veness of the candidate algorithm This test tries to
address the requirenents in [ RFC8836], which requires the algorithm
to adapt the flow(s) and provide | ower end-to-end | atency when there
exi sts:

* an internedi ate bottl| eneck

* change in available capacity (e.g., due to interface change,
routing change, abrupt arrival/departure of background non-
adaptive traffic)

* maximum nedia bit rate is greater than link capacity. In this
case, when the application tries to ranp up to its maxi mumbit
rate, since the link capacity is limted to a | ower value, the
congestion control scheme is expected to stabilize the sending bit
rate close to the avail abl e bottl eneck capacity.

It should be noted that the exact variation in avail able capacity due
to any of the above depends on the underlying technol ogi es. Hence,
we describe a set of known factors, which nay be extended to devise a
nmore specific test case targeting certain behaviors in a certain

net wor kK envi ronnent.

Expect ed behavior: The candidate algorithmis expected to detect the
pat h capacity constraint, converge to the bottleneck link’'s
capacity, and adapt the flow to avoid unwanted nedia rate
oscillation when the sending bit rate is approaching the
bottl eneck link's capacity. Such oscillations mght occur when
the media flow(s) attenpts to reach its maximumbit rate but
overshoots the usage of the avail able bottl eneck capacity, then to
rectify, it reduces the bit rate and starts to ranp up again.

Eval uation nmetrics: As described in Section 4.1.

Test bed topol ogy: One media source S1 is connected to the
corresponding RL. The media traffic is transported over the
forward path and correspondi ng feedback/control traffic is
transported over the backward path.

Forward -->

<-- Backward
Figure 2: Testbed Topology for Limted Link Capacity
Testbed attri butes:
Test duration: 100 s

Path characteristics: as described in Section 4.2



Application-rel ated:
Media Traffic:
Media type: Video
Medi a direction: forward
Nunber of media sources: one (1)
Medi a tineline:
Start tinme: 0O s
End time: 99 s
Media type: Audio
Medi a direction: forward
Nunber of media sources: one (1)
Medi a tineline:
Start tinme: 0O s
End time: 99 s
Conpeting traffic:
Nunber of sources: zero (0)
Test-specific information:

One-way propagation delay: [50 nms, 100 ns]. On the forward path
di rection.

This test uses bottleneck path capacity variation as listed in
Table 1.

When usi ng background non-adaptive UDP traffic to induce a time-
varyi ng bottl eneck, the physical path capacity remains at 4 Mps,
and the UDP traffic source rate changes over tinme as (4 - (Y x
r)), where r is the Reference bottl eneck capacity in Mps, and Y
is the path capacity ratio specified in Table 1.

| Variation pattern index | Path direction | Start | Path capacity |
| | | tinme | ratio |
[ ey el ey el o
| One | Forward | O0s | 1.0 |
o e e e e a e oo oo o a o S oo +
| Two | Forward | 40 s | 2.5 |
o e e e e e e e oo oo - oo o - S S +
| Three | Forward | 60s | 0.6 |
o m e e e e e e aao o o a o Fomm o - oo +
| Four | Forward | 80 s | 1.0 |
o e e e e a e oo oo o a o S oo +

Table 1: Path Capacity Variation Pattern for the Forward Direction

5.2. Variable Avail able Capacity with Multiple Flows

This test case is simlar to Section 5.1. However, this test wll



al so consi der persistent network | oad due to conpeting traffic.

Expect ed behavior: The candidate algorithmis expected to detect the
variation in avail able capacity and adapt the media strean(s)
accordingly. The flows stabilize around their maxi mumbit rate as
the maxi mum link capacity is |arge enough to accomvodate the
flows. When the avail able capacity drops, the flows adapt by
decreasing their sending bit rate, and when congestion di sappears,
the flows are again expected to ranp up.

Eval uation netrics: As described in Section 4.1.

Test bed topology: Two (2) nedia sources S1 and S2 are connected to
their corresponding destinations RL and R2. The nedia traffic is
transported over the forward path and correspondi ng feedback/
control traffic is transported over the backward pat h.

o- -t o- -t
| S1 | =====\ / :::::::l R1 |
+---+ \\ Forward --> 11 +---+

\\ /1

S + S +

| A Jermeememnesnesnsnen e 5 B |

I ]

o + o +

/1 \\

11 <-- Backward \\
+---+ [/ \\ +---+
|SZ |:::::: / \ ::::::l R2 |
AN AN

Figure 3: Testhbed Topol ogy for Variable Avail abl e Capacity

Testbed attributes: Testbed attributes are sinilar to those
described in Section 5.1, except for the test-specific capacity
vari ation setup.

Test-specific information: This test uses path capacity variation as
listed in Table 2 with a corresponding end tinme of 125 seconds.
The reference bottleneck capacity is 2 Mps. Wen using
background non-adaptive UDP traffic to induce tine-varying
bottl eneck for congestion-controlled nmedia flows, the physica
path capacity is 4 Mps, and the UDP traffic source rate changes
over time as (4 - (Y xr)), wherer is the Reference bottl eneck
capacity in Mps, and Y is the path capacity ratio specified in

Tabl e 2.
| Variation pattern index | Path direction | Start | Path capacity |
| | | tinme | ratio |
[ ey el ey el o
| One | Forward | O0s | 2.0 |
o e e e e a e oo oo o a o S oo +
| Two | Forward | 25 s | 1.0 |
o e e e e e e e oo oo - oo o - S S +
| Three | Forward | 50 s | 1.75 |
o m e e e e e e aao o o a o Fomm o - oo +
| Four | Forward | 75 s | 0.5 |
o e e e e a e oo oo o a o S oo +
| Five | Forward | 100 s | 1.0 |
o e e e e e e e oo oo - oo o - S S +

Table 2: Path Capacity Variation Pattern for the Forward Direction

5.3. Congested Feedback Link with Bi-directional Media Fl ows



Real -tinme interactive nmedia uses RTP; hence it is assuned that RTCP
RTP header extension, or such would be used by the congestion contro
algorithmin the back channel. Due to the asynmetric nature of the
Iink between conmunicating peers, it is possible for a participating
peer to not receive such feedback information due to an inpaired or
congest ed back channel (even when the forward channel m ght not be
inmpaired). This test case is designed to observe the candidate
congestion control behavior in such an event.

Expected behavior: It is expected that the candidate algorithns are
able to cope with the lack of feedback information and to adapt to
m nimze the performance degradation of nmedia flows in the forward
channel

It should be noted that for this test case, |ogs are conpared with
the reference case, i.e., when the backward channel has no
i mpai rments.

Eval uation netrics: As described in Section 4.1.

Test bed topology: One (1) nedia source Sl is connected to
correspondi ng RL, but both endpoints are additionally receiving
and sending data, respectively. The nedia traffic (S1->Rl) is
transported over the forward path, and the correspondi ng feedback/
control traffic is transported over the backward path. Likew se,
media traffic (S2->R2) is transported over the backward path, and
the correspondi ng feedback/control traffic is transported over the
forward path.

o- -t o- -t
|S]_ |::::::\ Forward --> / :::::::lR]_l
+---+ \\ !/ +---+

\\ /1

S + S +

| A Jermeememnesnesnsnen e 5 B |

I ]

o + o +

/1 \\

11 <-- Backward \\
+---+ [/ \\ +---+
|R2 |::::: / \ ::::::l S2 |
AN AN

Figure 4: Testbed Topol ogy for Congested Feedback Link
Testbed attri butes:
Test duration: 100 s
Path characteristics
Ref erence bottl eneck capacity: 1 Mops
Application-rel ated:
Medi a source:
Media type: Video
Media direction: forward and backward
Nunber of nedia sources: two (2)
Medi a tineline:

Start tine: 0O s



End tinme: 99 s
Media type: Audio
Media direction: forward and backward
Nunber of nedia sources: two (2)
Medi a tineline:
Start time: 0O s
End tinme: 99 s
Conpeting traffic:
Nunber of sources: zero (0)

Test-specific information: This test uses path capacity variations
to create a congested feedback link. Table 3 lists the variation
patterns applied to the forward path, and Table 4 lists the
variation patterns applied to the backward path. Wen using
background non-adaptive UDP traffic to induce a time-varying
bottl eneck for congestion-controlled nmedia flows, the physica
path capacity is 4 Mps for both directions, and the UDP traffic

source rate changes over tine as (4-x) Mps in each direction,
where x is the bottleneck capacity specified in Table 4.

| Variation pattern index | Path direction | Start | Path capacity |
| | | tinme | ratio |
[ ey el ey el o
| One | Forward | O0s | 2.0 |
o e e e e a e oo oo o a o S oo +
| Two | Forward | 20s | 1.0 |
o e e e e e e e oo oo - oo o - S S +
| Three | Forward | 40 s | 0.5 |
o m e e e e e e aao o o a o Fomm o - oo +
| Four | Forward | 60s | 2.0 |
o e e e e a e oo oo o a o S oo +

| Variation pattern index | Path direction | Start | Path capacity |
| | | time | ratio |
[ oo b oo sl sy s oo
| One | Backward 0s | 2.0 |
o m oo Fom e oo - Fom e +
| Two | Backward | 35 s | 0.8 |
Fom oo S S oo +
| Three | Backward | 70s | 2.0 |
o e e e e e e oo o e R, T +

Table 4: Path Capacity Variation Pattern for the Backward Direction
5.4. Conpeting Media Flows with the Same Congestion Control Al gorithm

In this test case, nore than one nedia flow share the bottl eneck
link, and each of them uses the same congestion control algorithm
This is a typical scenario where a real-tine interactive application
sends nore than one nedia flow to the sane destination, and these
flows are multiplexed over the same port. |n such a scenario, it is
likely that the flows will be routed via the same path and need to



share the avail abl e bandwi dt h anmongst thensel ves. For the sake of
sinmplicity, it is assuned that there are no other conpeting traffic
sources in the bottleneck link and that there is sufficient capacity
to accommodate all the flows individually. Wile this appears to be
a variant of the test case defined in Section 5.2, it focuses on the
capaci ty-sharing aspect of the candidate algorithm The previous
test case, on the other hand, measures adaptability, stability, and
responsi veness of the candi date al gorithm

Expected behavior: 1t is expected that the conpeting flows wll
converge to an optinumbit rate to accommodate all the flows with
m ni mum possi ble | atency and loss. Specifically, the test
introduces three nedia flows at different tinme instances. Wen
the second fl ow appears, there should still be roomto accommodate
anot her flow on the bottleneck link. Lastly, when the third flow
appears, the bottleneck |link should be saturated.

Eval uation netrics: As described in Section 4.1

Test bed topol ogy: Three nmedia sources Sl1, S2, and S3 are connected
to Rl, R2, and R3, respectively. The nedia traffic is transported
over the forward path, and the correspondi ng feedback/contro
traffic is transported over the backward path.

oot oot
|S1 | ===== \ Forvard --> | =======|R |
oot \ /1 oot
\\ 11
oot Fomme- + Fomme- + oot
|SZ |:::::::| A | ------------------------------ >| B |:::::::|R2 |
+---+ | I e R | | +---+
Hmmm e + Hmmm e +
/1 <-- Backward \\
bt /1 W\ bt
|S3 |:::::/ \ ::::::|R3 |
oot oot

Figure 5: Testhbed Topology for Miltiple Congestion-Controlled
Medi a Fl ows

Testbed attri butes:
Test duration: 120 s
Path characteristics
Ref erence bottl eneck capacity: 3.5 Mps
Path capacity ratio: 1.0
Appli cation-rel ated:
Medi a Sour ce:
Media type: Video
Medi a direction: forward
Nunber of nedia sources: three (3)
Media tineline: New nedia flows are added sequentially,
at short tine intervals. See the test-specific setup

bel ow.

Media type: Audio



Media direction: forward

Nunber of nedia sources: three (3)

Media tineline: New nmedia flows are added sequentially,
at short tinme intervals. See the test-specific setup
bel ow.

Conpeting traffic:

Nunber of sources: zero (0)

Test-specific information: Table 5 defines the nedia tineline for
bot h nmedi a types.

E e e el ey e e e e
| Flow ID| Media type | Start time | End tine |
[ el ool ool s
| 1 | Video | O0s | 119 s |
S I I I +
| 2 | Video | 20 s | 119 s |
I Fommm e - - - Fommm e - - - I +
| 3 | Video | 40 s | 119 s |
I I I I +
| 4 | Audio | O0s | 119 s |
S I I I +
| 5 | Audio | 20 s | 119 s |
I Fommm e - - - Fommm e - - - I +
| 6 | Audio | 40 s | 119 s |
I I I I +

Table 5: Media Tinelines for Video and Audi o
Medi a Sour ces

5.5. Round Trip Tine Fairness

In this test case, multiple nedia flows share the bottl eneck |ink,
but the one-way propagation delay for each flowis different. For
the sake of sinplicity, it is assuned that there are no other
conpeting traffic sources in the bottleneck link and that there is
sufficient capacity to accommodate all the flows. Wile this appears
to be a variant of test case 5.2 (Section 5.2), it focuses on the
capaci ty-sharing aspect of the candi date al gorithm under different
RTTs.

Expected behavior: It is expected that the conpeting flows wll
converge to bit rates to accomodate all the flows wth nininmm
possible latency and | oss. The effectiveness of the algorithm
depends on how fast and fairly the conpeting fl ows converge to
their steady states irrespective of the RTT observed.

Eval uation metrics: As described in Section 4. 1.

Test bed topol ogy: Five (5) media sources S1..S5 are connected to
their corresponding nmedia sinks RL..R5. The nedia traffic is
transported over the forward path, and the correspondi ng feedback/
control traffic is transported over the backward path. The
topology is the same as in Section 5. 4.

Testbed attri butes:

Test duration: 300 s
Path characteristics

Ref erence bottl eneck capacity: 4 Mps
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6.

Path capacity ratio: 1.0
One-way propagation delay for each flow 10 ms for S1-Rl, 25
ms for S2-R2, 50 nms for S3-R3, 100 ns for S4-R4, and 150 ns
S5- R5.
Application-rel ated:
Medi a source:
Media type: Video

Medi a direction: forward

Nunber of nedia sources: five (5)

Media tineline: New nedia flows are added sequentially,
at short tinme intervals. See the test-specific setup
bel ow.

Media type: Audio

Media direction: forward

Nunber of nedia sources: five (5)

Media tineline: New nmedia flows are added sequentially,
at short tinme intervals. See the test-specific setup
bel ow.

Conpeting traffic:

Nunber of sources: zero (0)

Test-specific information: Table 6 defines the nedia tineline for

bot h nmedi a types.

B gttty Sty e p—p—t— pfp——j—j—t————
| Flow ID| Media type | Start time | End tine |
B b oo el el e e e U
| 1 | Video | O0s | 299 s |
L F--m - - - - - F--m - - - - - F--- - - - +
| 2 | Video | 10 s | 299 s |
L Fo-m - - - - Fo-m - - - - I +
| 3 | Video | 20 s | 299 s |
F--- - - - - Fo-mm e e - - Fo-mm e e - - I +
| 4 | Video | 30 s | 299 s |
L F--m - - - - - F--m - - - - - F--- - - - +
| 5 | Video | 40 s | 299 s |
L Fo-m - - - - Fo-m - - - - I +
| 6 | Audio | O0s | 299 s |
F--- - - - - Fo-mm e e - - Fo-mm e e - - I +
| 7 | Audio | 10 s | 299 s |
L F--m - - - - - F--m - - - - - F--- - - - +
| 8 | Audio | 20 s | 299 s |
L Fo-m - - - - Fo-m - - - - I +
| 9 | Audio | 30 s | 299 s |
F--- - - - - Fo-mm e e - - Fo-mm e e - - I +
| 10 | Audio | 40 s | 299 s |
L F--m - - - - - F--m - - - - - F--- - - - +

Table 6: Media Tineline for Video and Audi o
Medi a Sour ces

Medi a Fl ow Conpeting with a Long TCP Fl ow



In this test case, one or nore nedia flows share the bottleneck |ink
with at | east one long-lived TCP flow. Long-lived TCP fl ows downl oad
data throughout the session and are expected to have infinite anount
of data to send and receive. This is a scenario where a nmultinmedia
application coexists with a large file download. The test case
measures the adaptivity of the candidate al gorithmto conpeting
traffic. It addresses requirenent 3 in Section 2 of [RFC8836].

Expect ed behavi or: Depending on the convergence observed in test
cases 5.1 and 5.2, the candidate algorithmmy be able to avoid
congestion collapse. In the worst case, the nedia streamwil|
fall to the mninumnedia bit rate.

Eval uation nmetrics: Includes the following netrics in addition to
those described in Section 4.1

1. Fl ow | evel
a. TCP throughput
b. Loss for the TCP fl ow

Test bed topology: One (1) nedia source Sl is connected to the
corresponding nedia sink, RL. In addition, there is a long-1lived
TCP flow sharing the sanme bottleneck link. The nedia traffic is
transported over the forward path, and the correspondi ng feedback/
control traffic is transported over the backward path. The TCP
traffic goes over the forward path fromS tcp with acknow edgnent
packets goi ng over the backward path from R tcp

+- -+ +- -+
| S1| =====\ Forward --> | =====| Rl|
+--+ \\ // +--+

\\ 11

Fomm - - + Fomm - - +

| A > B |

| S o

e + e +

11 <-- Backward \\
A + 11 \\ A +
| S tecp| === \ ===|R_tcp
+--- - - + +--- - - +

Figure 6: Testbed Topol ogy for TCP vs Congestion-Controlled Mdia
Fl ows

Testbed attributes:
Test duration: 120 s
Pat h characteristics
Ref erence bottl eneck capacity: 2 Mps
Path capacity ratio: 1.0
Bottl eneck queue size: [300 ns, 1000 ms]
Application-rel ated:
Medi a source:
Media type: Video

Medi a direction: forward



Nunber of nedia sources: one (1)
Medi a tineline:
Start time: 5 s
End time: 119 s
Media type: Audio
Medi a direction: forward
Nunber of nedia sources: one (1)
Medi a tineline:
Start time: 5 s
End time: 119 s

Additionally, inplenenters are encouraged to run the
experinment with nultiple media sources.

Conpeting traffic:
Nunber and types of sources: one (1) and long-lived TCP
Traffic direction: forward

Congestion control: default TCP congestion contro
[ RFC5681]. Inplenenters are al so encouraged to run the
experinment with alternative TCP congestion contro
al gorithns.

Traffic tineline:
Start tinme: O s
End time: 119 s
Test-specific informati on: none
5.7. Media Flow Conpeting with Short TCP Fl ows

In this test case, one or nobre congestion-controlled nmedia flows
share the bottleneck link with nmultiple short-lived TCP fl ows.
Short-lived TCP flows resenble the on/off pattern observed in web
traffic, wherein clients (for exanple, browsers) connect to a server
and downl oad a resource (typically a web page, few inages, text
files, etc.) using several TCP connections. This scenario shows the
performance of a nultinmedia application when several browser w ndows
are active. The test case neasures the adaptivity of the candidate
algorithmto competing web traffic, and it addresses requirenment 1.E
in Section 2 of [RFC8836].

Dependi ng on the nunber of short TCP flows, the cross traffic either
appears as a short burst flow or resenbles a long-lived TCP fl ow.
The intention of this test is to observe the inpact of a short-term
burst on the behavior of the candidate al gorithm

Expect ed behavior: The candidate algorithmis expected to avoid flow
starvation during the presence of short and bursty conpeting TCP
flows, streaming at least at the mininumnedia bit rate. After
conmpeting TCP flows terminate, the nedia streans are expected to
be robust enough to eventually recover to previous steady state



behavi or, and at the very | east, avoid persistent starvation.

Eval uation nmetrics: Includes the following netrics in addition to
those described in Section 4. 1:

1. Flowlevel:
A. Variation in the sending rate of the TCP fl ow
B. TCP throughput

Test bed topol ogy: The topol ogy described here is the sane as the one
described in Figure 6.

Testbed attri butes:
Test duration: 300 s
Path characteristics:
Ref erence bottl eneck capacity: 2.0 Mps
Path capacity ratio: 1.0
Application-rel ated:
Medi a source:
Media type: Video
Medi a direction: forward
Nunber of nedia sources: two (2)
Medi a tineline:
Start time: 5 s
End time: 299 s
Media type: Audio
Medi a direction: forward
Nunber of nedia sources: two (2)
Medi a tineline:
Start time: 5 s
End time: 299 s
Conpeting traffic:

Nunber and types of sources: ten (10), short-lived TCP
flows.

Traffic direction: forward

Congestion algorithm default TCP congestion control

[ RFC5681]. Inplenmenters are al so encouraged to run the
experinment with an alternative TCP congestion control
al gorithm

Traffic tineline: Each short TCP flow is nodel ed as a
sequence of file downl oads interleaved with idle periods.



Not all short TCP flows start at the sane tine, two of
themstart in the ON state, while rest of the eight flows
start in an OFF state. For a description of the short
TCP fl ow npdel, see test-specific information bel ow

Test-specific informtion:

Short TCP traffic nmodel: The short TCP npdel to be used in this
test is described in [ RFC8868].

5.8. Media Pause and Resune

In this test case, nmore than one real-time interactive nedia flow
share the link bandwidth, and all flows reach to a steady state by
utilizing the link capacity in an optinumway. At this stage, one of
the nmedia flows is paused for a nonent. This event will result in
nmore avail abl e bandwi dth for the rest of the flows as they are on a
shared Iink. Wen the paused nedia flow resunes, it no | onger has
the sanme bandwi dth share on the Iink. It has to make its way through
the other existing flows in the link to achieve a fair share of the
link capacity. This test case is inportant specially for real-tine
interactive media, which consists of nore than one nedia fl ows and
can pause/resune nedia flows at any point of time during the session
This test case directly addresses requirement 5 in Section 2 of

[ RFC8836]. ©One can think of it as a variation of the test case
defined in Section 5.4. However, it is different as the candidate

al gorithms can use different strategies to increase efficiency, for
exanple, in ternms of fairness, convergence time, oscillation
reduction, etc., by capitalizing on the fact that they have previous
i nformati on of the |ink

Expect ed behavior: During the period where the third streamis
paused, the two remaining flows are expected to increase their
rates and reach the maxi mum nedia bit rate. Wen the third stream
resunes, all three flows are expected to converge to the sane
original fair share of rates prior to the medi a pause/resune
event.

Eval uation nmetrics: Includes the following netrics in addition to
those described in Section 4.1

1. Fl ow | evel

A. Variation in sending bit rate and throughput. Mainly
observing the frequency and nmagni tude of oscillations.

Test bed topol ogy: Sanme as the test case defined in Section 5.4.
Testbed attributes: The general description of the testbed
paraneters are the sanme as Section 5.4 with changes in the test-
specific setup as bel ow
O her test-specific setup:
Media flow tineline:
Flow ID: one (1)
Start time: O s
Fl ow duration: 119 s

Pause tinme: not required

Resure tinme: not required
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Media flow tineline:
Flow ID: two (2)
Start time: O s
Fl ow duration: 119 s
Pause tine: at 40 s
Resume tine: at 60 s
Media flow tineline:
Flow ID: three (3)
Start time: O s
Fl ow duration: 119 s
Pause tinme: not required
Resure tinme: not required
O her Potential Test Cases

It has been noticed that there are other interesting test cases
besi des the basic test cases |listed above. In many aspects, these
addi tional test cases can help further evaluation of the candidate
algorithm They are listed bel ow

1. Media Flows with Priority

In this test case, nedia flows will have different priority |evels.
This is an extension of Section 5.4 where the sane test is run with
different priority levels inposed on each of the media flows. For
exanple, the first flow (S1) is assigned a priority of 2, whereas the
remaining two flows (S2 and S3) are assigned a priority of 1. The
candidate algorithmnust reflect the relative priorities assigned to
each nedia flow In this case, the first flow (S1) nust arrive at a
steady-state rate approximately twice that of the other two flows (S2
and S3).

The candi date al gorithm can use a coupl ed congestion contro
mechani sm [ RFC8699] or use a weighted priority scheduler for the
bandwi dt h distribution according to the respective nedia fl ow
priority or use.

2. Explicit Congestion Notification Usage

This test case requires running all the basic test cases with the
availability of Explicit Congestion Notification (ECN) [ RFC6679]
feature enabl ed. The goal of this test is to exhibit that the
candi date al gorithnms do not fail when ECN signals are avail abl e.
Wth ECN signals enabled, the algorithnms are expected to perform
better than their del ay-based variants.

3. Miltiple Bottlenecks

In this test case, one congestion-controlled nedia flow, S1->R1,
traverses a path with multiple bottlenecks. As illustrated in

Figure 7, the first flow (S1->Rl) conpetes with the second
congestion-controlled nedia flow (S2->R2) over the Iink between A and
B, which is close to the sender side. Again, that flow (S1->Rl)
conmpetes with the third congestion-controlled nedia fl ow (S3->R3)
over the link between C and D, which is close to the receiver side.



The goal of this test is to ensure that the candi date al gorithms work

properly in the presence of nultiple bottleneck links on the end-to-
end pat h.

Expect ed behavior: The candidate algorithmis expected to achieve
full utilization at both bottl eneck |inks w thout starving any of
the three congestion-controlled nedia flows and ensuring fair
share of the avail abl e bandwi dth at each bottl eneck.

Forward ---->
+---+ +---+ +---+ +---+
| S2 | |R2 | | S3 | |R3 |
+---+ +---+ +---+ +---+
I I I I
I I I I
+---+ +--- - - + +--- - - + +--- - - + +--- - - + +---+
|SL |======| A |------ > B |----- > C |----> D |======|RL|
oo | | <oo--e- | | <o | <---- | oo
+----- + +----- + +----- + +----- +
1st 2nd
Bott| eneck (A->B) Bottl eneck (C- >D)
S Backwar d

Figure 7: Testbed Topology for Miltiple Bottl enecks
Test bed topol ogy: Three nedia sources Sl1, S2, and S3 are connected
to respective destinations Rl, R2, and R3. For all three flows,
the media traffic is transported over the forward path, and the
correspondi ng feedback/control traffic is transported over the
backward pat h.
Testbed attri butes:
Test duration: 300 s
Pat h characteristics:
Ref erence bottl eneck capacity: 2 Mps
Path capacity ratio between A and B: 1.0
Path capacity ratio between B and C 4.0
Path capacity ratio between C and D: 0.75
One-way propagation del ay:
Between S1 and Rl: 100 ns
Between S2 and R2: 40 ns
Between S3 and R3: 40 ns
Application-rel ated:
Medi a source:
Media type: Video

Medi a direction: Forward

Nunber of nedia sources: Three (3)



Medi a tineline:
Start tinme: 0O s
End time: 299 s
Media type: Audio
Medi a direction: Forward
Nunber of nedia sources: Three (3)
Medi a tineline:
Start tinme: 0O s
End time: 299 s
Conpeting traffic:
Nunber of sources: Zero (0)
7. Wreless Access Links

Additional wireless network (both cellular network and W-Fi network)
specific test cases are defined in [ RFC8869].

8. Security Considerations

The security considerations in Section 6 of [RFC8868] and the

rel evant congestion control algorithns apply. The principles for
congestion control are described in [RFC2914], and in particular any
new net hod nust inplenment safeguards to avoid congestion coll apse of
the Internet.

The eval uation of the test cases are intended to be run in a
controlled | ab environnent. Hence, the applications, sinulators, and
net wor k nodes ought to be well-behaved and shoul d not inpact the
desired results. Moreover, proper neasures nmust be taken to avoid

| eaki ng nonresponsive traffic from unproven congestion avoi dance
techni ques onto the open Internet.

9. | ANA Consi derations

Thi s docunment has no | ANA acti ons.
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