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We evaluate the performance of modern delay-based active queue management (AQM) algo-
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based adaptive streaming (HAS), VoIP, and web traffic.

Our results show that AQM maintains target queuing delays and consequently provides strong
isolation between responsive high bandwidth and low bandwidth latency sensitive flows. We
also show that lowering target queuing delays exacerbates TCP's RTT unfairness. Neverthe-
less, in the scenarios that we studied, observed application performance was not significantly
impacted by the specific AQM in use.
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With the potential large deployment of AQM imminent for DOCSIS 3.0, the analysis presented
in this paper provides timely feedback to the community concerning how delay-based AQM
can manage bandwidth allocation fairness and application performance in realistic down-
stream DOCSIS 3.0 cable network systems.

© 2015 Elsevier B.V. All rights reserved.

1. Introduction

The evolution of cable network technology is at an in-
triguing crossroad. Traditional broadcast video is converging
with Internet video broadcast. Multiple system operators
(MSOs) must engineer their access networks to competi-
tively support both traditional video broadcast service and
broadband Internet access. This task is challenging because
of the rapid evolution of technology and customer demands
from both worlds. In the video broadcast domain, system
operators must provide access to a mix of hundreds of
standard and high definition television channels along with
video-on-demand services. In the broadband access domain,
standards are rapidly evolving to provide ever increasing
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data rates to end users. To meet all requirements in current
and emerging access networks, operators are rapidly migrat-
ing to a converged IP network for all cable and broadband
access services.

Recent enhancements to cable access standards by Cable-
Labs, the research and development organization for MSOs,
are ensuring the convergence is technically possible. Current
generation systems based on Data Over Cable Service Inter-
face Specification (DOCSIS) version 3.0 (D3.0) can support
multiple downstream, fixed bandwidth channels (usually 6.0
or 8.0 MHz) bonded together and multiple upstream chan-
nels (usually 6.4 MHz) bonded together[1]. A common con-
figuration involving eight bonded downstream channels and
four bonded upstream channels can support data rates up to
320 Mbits/s downstream and 120 Mbits/s upstream. Emerg-
ing systems will be based on the recently released DOCSIS
3.1(D3.1) standard [2]. Higher channel bandwidth along with
more efficient modulation and coding will allow downstream
and upstream data rates of up to 10 and 1 Gbps, respectively.
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Scheduling and queue management disciplines are fun-
damental to computer networking and have been studied
from many different perspectives. Common objectives in-
clude congestion management and provision of fair sharing
or differentiated services in IP networks. In spite of this body
of knowledge, access networks can still suffer from known
problems including bufferbloat, TCP RTT unfairness, and vul-
nerability to unresponsive flows [3-8]. Shared medium cable
networks present additional challenges. On one hand they
must attempt to ensure that bandwidth sharing and latency
objectives among many competing flows are met. On the
other hand, regulatory constraints and concerns pertaining
to so-called “net neutrality” limit the mechanisms that can
be used in doing so. These regulatory concerns are so strong
that flow-aware, multi-queue fair share scheduling systems
such as deficit round robin (DRR) or self-clocked fair queuing
(SCFQ) that would greatly facilitate bandwidth management
are not currently in use.

Two flow-agnostic, single queue active queue manage-
ment (AQM) algorithms that have been proposed since 2012
are Controlled Delay (CoDel) [4,9] and Proportional Inte-
gral Controller Enhanced (PIE) [10,11]. CoDel has been eval-
uated in different types of networks including 802.11 and
high speed wired networks. PIE, which is not yet widely de-
ployed, is based in part on concepts that were introduced
previously [12]. The D3.1 standard requires that a cable mo-
dem (CM) manages upstream best effort traffic using PIE.
Wide deployment of D3.1 equipment is not expected for sev-
eral years. This prompted CableLabs to modify the current,
and widely deployed, D3.0 standard to allow the immedi-
ate use of the PIE AQM for upstream traffic [1]. For down-
stream traffic, the Cable Modem Termination System (CMTS)
must support a published AQM algorithm, not necessarily
CoDel or PIE, in both D3.0 and D3.1. The standards indicate
the equipment must support AQM by default, although a net-
work operator can choose to override the default configura-
tion, possibly selecting to not use AQM or to use an alter-
native method. The intent of adding the AQM requirement
to the DOCSIS standards is to ensure that network operators
have tools that can address bufferbloat in a consistent man-
ner. With large scale deployments of delay-based AQM algo-
rithms imminent, there is critical need to understand how
these schemes will behave in current and emerging cable
networks.

In prior work we have developed an ns2-based simulation
model of DOCSIS 3.0 [13]. We have used the simulator to ex-
plore upstream buffer management in CMs [14]. The focus of
that paper was upon preventing upstream bufferbloat in the
CM. The validation of downstream scheduling disciplines in
bonded channel environments was the focus of [15]. Extend-
ing our ongoing work in the area of AQM [16], the research
presented in this paper provides detailed analysis on the ef-
fectiveness of recently proposed delay-based AQM schemes
applied to downstream traffic in cable access networks. Our
simulation framework utilizes realistic scenarios involving
application traffic models such as FTP, VoIP, web browsing,
and HTTP-based adaptive streaming (HAS). The analysis in-
cludes scenarios involving both single and bonded down-
stream channels. We consider scenarios that involve differ-
ent service tiers, where different cable users are provisioned
with different data rates.

To the best of our knowledge, our study is the first to as-
sess the ability of modern delay-based AQM schemes to man-
age fairness and application performance in realistic, single
or bonded channel downstream DOCSIS 3.0 cable network
scenarios. The results presented in this paper address the
following questions: (1) How effectively do CoDel and PIE
support fairness and application performance in realistic ca-
ble network scenarios? (2) Are there undesirable side effects
when the AQM interacts with tiered service levels? (3) How
effectively do the schemes isolate responsive traffic from un-
responsive flows?

This paper is organized as follows. Section 2 summa-
rizes relevant research that has been published in the liter-
ature. Section 3 introduces the experimental methodology.
The next three sections contain the results of our simula-
tion studies with the focus of each section being one of the
three fundamental questions enumerated above. Section 7
provides conclusions and identifies our next steps.

2. Related work

Bufferbloat has received significant attention recently
[3,4]. Bufferbloat is a side-effect of congestion that occurs
when network equipment is provisioned with large unman-
aged buffer queues. Its effects are persistently high queue
levels that in turn lead to large and sustained packet latency.

AQM has long been considered a solution to bufferbloat.
The random early detection (RED) algorithm manages a
queue by randomly dropping packets in a manner in which
the random drop rate is dynamically adjusted based on an
average queue size estimate and a configured maximum al-
lowed drop rate (referred to as maxp) [7]. Most RED imple-
mentations offer the ‘gentle’ option where the drop rate in-
creases linearly from maxp to 1 once the average queue level
exceeds the target queue size [8,17].

While RED is widely available, it is not widely used. It
has been shown that the average queue delay with RED is
sensitive to traffic loads and to parameter settings[18,19].
Adaptive RED (ARED) is a simple extension to RED that fur-
ther adapts the random drop process such that the average
queue level tracks a target queue level [20]. This adaptation
is performed periodically. We refer to this parameter as the
control_interval. We refer the reader to [21] for a thorough
summary of relevant AQM research.

CoDel and PIE are AQM algorithms that were specifically
designed to address the shortcomings of (A)RED. Both AQMs
are delay-based as they proactively drop packets to ensure
average packet queue delay remains less than a configured
latency target. We refer to this as the target_delay param-
eter. Both AQMs expose a second configuration parameter
analogous to the control_interval of ARED that defines the
timescale of control.

CoDel’s delay estimate is based on a per packet latency
monitor. PIE’s delay estimate is based on an estimate of the
recent departure rate at the queue. The two AQMs both tol-
erate infrequent bursts of traffic. However, the details of the
burst control mechanisms differ and are described in [4] and
[10], respectively.

The PIE algorithm performs early packet drops as packets
arrive at the queue. The CoDel algorithm, as originally pro-
posed in [4,9] performs early packet drops as queued packets
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are serviced. The DOCSIS vendor community has expressed
concern in implementing a head-drop AQM such as CoDel
in a CM due to complications with hardware buffer control
logic. This is likely to be true in other low cost network de-
vices such as Ethernet switches or WiFi APs.

AQM involving per-flow accounting or the use of multi-
ple queues has been proposed to address the combined prob-
lem of fairness and bufferbloat. Proposals including Fair RED
(FRED), Stochastic Fair BLUE, and Approximate Fair Drop-
ping (AFD) strive to achieve fairness while retaining ben-
efits of AQM [12,19,22]. Recent proposals have considered
per-flow accounting along with delay-based AQM [23,24]. An
AQM scheme called SFQ-CoDel [25], which is based on CoDel
and Stochastic Fair Queuing (SFQ) [26], has been actively
evaluated [27,28].

In follow-on work, we are exploring the combined prob-
lem of buffer management and packet scheduling when mul-
tiple queues are involved. However, given the interest of the
cable community in single queue delay-based AQM, we limit
the scope of the research presented in this paper to low com-
plexity AQM schemes.

2.1. Overview of DOCSIS cable networks

Modern broadband Internet access over cable involves
a hybrid-fiber coaxial (HFC) infrastructure with a DOCSIS
MAC protocol operating between the CMTS and the sub-
scriber CMs. The most widely deployed version of the stan-
dard, DOCSIS 3.0 (D3.0), uses 6 MHz (or 8 MHz in certain re-
gions) of bandwidth for the shared downstream channel and
up to 6.4 MHz of bandwidth for the shared upstream channel.
The 6 MHz downstream channel supports physical layer data
rates up to 42.88 Mbps (55.62 Mbps in 8 MHz regions) and
the upstream channel supports data rates up to 30.72 Mbps.
Prior to D3.0, CMs were limited to a single downstream chan-
nel and a single upstream channel (although, for the pur-
poses of load balancing, the CMTS could dynamically change
a CM'’s downstream or upstream channel assignment). D3.0
allows a CM to support multiple downstream or upstream
channels. A bonding group is a set of channels that specific
subscriber traffic can use. A downstream service group is the
complete set of channels that can potentially reach a CM. A
bonding group is a specific subset of channels from the ser-
vice group assigned to carry subscriber traffic.

Downstream operation employs time division multiplex-
ing. A downstream scheduler at the CMTS manages the
allocation of bandwidth among competing service flows. A
DOCSIS service flow is a transport service that provides uni-
directional transport of packets. Service flow traffic may be
shaped and prioritized based on QoS traffic parameters as-
sociated with the flow. For downstream, the service param-
eters that define a service flow include priority, settings for
rate shaping and limiting (sustained traffic rate, traffic burst
size), a minimum reserved traffic rate, a peak traffic rate, and
target latency. The standard does not specify how a specific
scheduling implementation should differentially treat traffic
from different priority levels.

Upstream operation is a shared bus relying on a hybrid
contention-based request MAC protocol for managing ac-
cess to the channel by competing CMs. Similar to the ser-
vice model defined by the Worldwide Interoperability for

VolP Client,
Cable WRT Client

Downstream Scheduling  Regulator VolP server,
Discipline

Data rates multiple of:
30.72Mbps upstream  |<— —
42.88Mbps downstream

Aggregate

Fre Queue(s

Clients,
f M Re
Web Clients u;: equests’

stream bandwidth 'ap Messages

Upstream Scheduler cMTS

Fig. 1. Simulated cable network diagram.

Microwave Access (WiMAX) [29], upstream DOCSIS provides
multiple services to support different classes of traffic. The
centralized upstream scheduler operating at the CMTS allo-
cates periodic grants to modems (i.e., the unsolicited grant
service) or the CM requests a bandwidth allocation using ei-
ther a request piggy-backed to a previously allocated trans-
mission or a contention-based request mechanism.

A service tier can be defined by any combination of
these service parameters. In this paper, we define a down-
stream service tier by the rate shaping and limiting param-
eters. We refer to the sustained traffic rate simply as the
service rate.

3. Methodology

Fig. 1 illustrates the simulation model used in these stud-
ies. We model a single DOCSIS MAC domain in which one
CMTS interacts with a number of CMs. Each CM represents
a subscriber who, in practice, might have multiple TCP/IP de-
vices interacting with a variety of Internet services. However,
in the experiments described here, each CM hosts a single
data flow.

The model assumes ideal channels that offer downstream
and upstream link layer data rates of 38 and 27 Mbps, re-
spectively. We also consider scenarios involving four bonded
downstream channels providing an effective data rate of 152
Mbps.

Our analysis considers scenarios with and without impo-
sition of service rate limits. The regulator component of the
simulator, shown in Fig. 1, models a DOCSIS token bucket
with service rate parameters being the desired maximum
sustained rate and bucket size (specified in bytes). We use
the default DOCSIS token bucket size of 3044 bytes. A widely
used option called Powerboost [30] employs a significantly
larger bucket size to allow a flow to exceed its service rate
limit during an initial traffic burst. This can provide perfor-
mance benefits to brief connections in uncongested situa-
tions. We do not consider this option in our analysis because
we are primarily interested in AQM behaviors during con-
gested scenarios.

The queue management algorithms are located in the
Downstream Scheduling Discipline component of Fig. 1. For
DRR, there is a dedicated queue for each flow. For all other
queue management schemes, all flows are served through a
single shared FIFO queue.

Open source ns2 implementations of adaptive RED, a tail-
drop variant of CoDel, and PIE were adapted by us to work
in our ns2 DOCSIS simulation framework. The source code
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for the AQMs that we used in our analysis is available to the
research community.!

We analyze several scenarios using varying numbers of
downstream application flows including FTP, VoIP, web, and
HAS video streams. The simulated client sides of these appli-
cations run on nodes attached to CMs. The simulated servers
run on nodes located outside the cable network. The cable
network endpoint of each simulated flow is attached to a
unique CM.

To model Internet path diversity, we set the propagation
delays of the application server access links to different val-
ues. As illustrated in Fig. 1, the range of uncongested path
round trip times varies from 30 to 130 ms. This captures the
inherent variability that subscriber flows might experience
with respect to the physical distance between communica-
tion endpoints.

In the simulations that are presented, all data packets are
1500 bytes with the exception of VoIP packets which are
238 bytes. The bandwidth-delay product of a round trip path
consisting of heterogeneous links is properly computed as
the bit rate of the bottleneck link multiplied by the path RTT.
Assuming a data rate of 38 Mbps, fixed packet size of 1500
bytes and RTT of 130 ms, the bandwidth-delay product is 411
packets.

Maximum buffer capacities at the simulated routers and
the CMTS are set large enough to ensure that, in the ab-
sence of AQM, all TCP senders can always have the full
bandwidth-delay product of unacknowledged packets in the
pipeline. The maximum buffer capacity at the CMTS, referred
to as the QUEUE_CAPACITY is set to 2048 packets. The maxi-
mum buffer capacity at all other routers is set to twice the
QUEUE_CAPACITY. The QUEUE_CAPACITY is so large that it is
no factor in packet drops for any schedulers employing AQM.
For all but the HAS workloads the ns2 TCP simulation was
configured as follows:

» TCP: TCP/Sack (ns2 TCP agent: Agent/TCP/Sack1).

» Maximum window/cwnd: 10000 segments.

- Initial window: 2 segments.

+ Delayed ACK mean interval: 100 ms.

- Maximum segment size: 1460 bytes.

« Number of segment arrivals required to trigger an ACK: 2

For the HAS experiment, the ns2 Agent/TCP/FullTCP/Sack
was used for both FTP and HAS. The TCP configuration used
the parameters shown above.

In all simulations, we verified that the upstream channel
was never congested. Upstream traffic was limited to ping
replies, TCP acknowledgments, and HTTP GET requests.

The behavior of the AQM schedulers is obviously strongly
dependent on their configuration parameters. The ARED drop
algorithm is dependent on the target queue level, which in
our simulation is derived from the QUEUE_CAPACITY. CoDel
and PIE depend on the target delay.

The round trip latency experienced by packets under
DRR and drop tail scheduling is strongly dependent on the
QUEUE_CAPACITY. The packet drop rate is also dependent, to
a lesser degree, on QUEUE_CAPACITY. We employ the recom-
mended default settings for all schedulers except as noted.

1 Available at http://people.cs.clemson.edu/~jmarty/AQM/AQMPaper.
html

3.1. Traffic models and performance metrics

The results presented in this paper involve workloads
consisting of FTP, HAS, web, and UDP CBR traffic. Other
than HAS, the traffic models we use are those provided in
ns2.

3.1.1. HAS traffic model for ns2

As described in Sandvine’s most recent Internet traffic
report [31], Internet video streaming, commonly known as
HAS, consumes more than 50% of the downstream band-
width delivered to fixed access endpoints.

The interaction between an HAS client (i.e., the player)
and server has been established in recent academic research
[32-35]. In an HAS system, video and audio content is
encoded and made available at servers located either at the
content provider’s facilities or distributed to locations in the
Internet by a content delivery network provider. Multiple
representations of the content are created that reflect a
range of possible encoded bit rates corresponding to differ-
ent levels of video quality and subsequently different levels
of bandwidth consumption. While the range of bit rates is
continually being extended, the literature suggests that a
bit rate range of 0.50-5.0 Mbps is reasonable [32,36,37]. The
client requests portions of the content in chunks referred
to as segments. A segment size between 2 and 10 seconds is
reasonable [36,38]. The client maintains a playback buffer
that serves to compensate for the jitter in the traffic ar-
rival process. The literature suggests that a playback buffer
capacity ranging from 60 to 240 s is reasonable [36,38].

The HAS adaptation algorithm, which determines the
video quality for the next segment requested by the client, is
an active research topic. Initial ideas explored capacity-based
approaches where the client monitors the rate of arriving
video traffic and selects the quality level based on a pre-
diction of the available TCP bandwidth [32,33,39-42]. If
the client predicts that available bandwidth might decrease
over the next segment time interval, it requests a lower
quality segment. If the prediction suggests that conditions
are improving the client will ‘switch-up’ and request a higher
quality segment. Other research, however, suggests that it is
difficult for HAS to reliably predict available TCP bandwidth
[33,42-44]. In addition to variability of available bandwidth
due to competing traffic in the network or from changing
wireless channel conditions, rate-limited applications can
induce pathological behaviors due to complex dynamics
between the application and TCP’s congestion control al-
gorithm [34]. The use of buffer-based adaptation has been
suggested to avoid the issues [36].

Evaluating a particular HAS design is challenging due
to the many factors that impact an end user’s perceived
quality [45-47]. While the issue of assessing HAS quality
of experience is intense study, the literature does suggest
that the following measures are useful for evaluating HAS
[33,35,45,48,49]:

- videoPlaybackRate: Attributes of the stream such as the
resolution, pixel density, frame rate as well as end device
capabilities all determine the base quality of the video
stream. This measure represents the average bit rate of
the stream based on the rate (in Mbps) at which data are
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dequeued from the playback buffer. If the video player
stalls, samples are not recorded.

adaptationRate: It has been shown that frequent adapta-
tions and sudden changes to video quality are distract-
ing [48,50]. This metric counts the number of adaptations
that occur during the simulation time. The measure is
normalized to represent the rate of adaptations per hour.
rebufferTime: Buffer stalls have a significant impact on
perceived quality [45,49]. Based on the ratio of total time
the player is stalled to the stream duration, this mea-
sure represents the percentage of time that the player is
stalled.

applicationBias: The system should provide fair allocation.
We focus primarily on the fairness allocated to groups of
flows. This measure computes the percentage above or
below the expected max-min fair allocation.

We have developed an HAS traffic model for ns2. The HAS
client issues an HTTP request to the HAS server for the next
segment of video content. The client specifies the video qual-
ity of the segment. The HAS server receives the request and
simply sends the amount of data based on the requested seg-
ment size and quality using the same TCP connection. Data
that arrive at the client are placed in the client’s playback
buffer. When the session starts, the client requests back-to-
back segments to fill the playback buffer to a configured level
(2 segments by default). Once this threshold is reached, the
client video player starts and consumes one segment of video
data at a time.

When the video player requires a new segment and the
playback buffer holds less than one segment of video data,
the player moves to a stall state where it remains until a con-
figured number of segments arrive (2 segments by default).
The client adaptation algorithm is based on a previously pub-
lished capacity-based adaptation algorithm [40]. Each time
the client issues a new segment request, it computes the ratio
(u as defined in equation (1)) of the time required to play a
segment (referred to as the media segment duration or MSD)
to the download time of the previous segment (referred to as

the segment fetch time or SFT).
MSD
"= ST M

The algorithm switches to the next higher quality level if

nw>1+e¢ (2)
where ¢ is defined as
— b,
g:max{ r’,Vi:O,l,...,n—l}. (3)
Ti

The by, represents the encoded bit rate of the ith repre-
sentation where by, represents the highest bit rate.

The algorithm assumes there is insufficient capacity for
the next segment at the current quality level and switches to
a lower quality rendition if

M <Y (4)

where y, is a threshold that determines the sensitivity of
the algorithm to observed network congestion. We used the
recommended value of 0.67. The adaptation will potentially

switch down multiple quality levels to match the next re-
quest to an estimate of available bandwidth. The new bit rate
is the highest bit rate for which

b, < ub, (5)

where b, represents the bit rate of the current segment.

The client supports a configured maximum playback
buffer size. The client will not issue a new segment request
once the buffer is full. As pointed out in recent work, this al-
gorithm can be improved through more careful selection of
¥ ¢ and by computing p« based on multiple SFT samples [51].
However, for the research presented in this paper, we chose
to use a simple published adaptation algorithm. The objec-
tive of the HAS experiment is to explore the impacts of dif-
ferent buffer management strategies on HAS performance.

3.1.2. VoIP performance metric

To assess the impact that high bandwidth applications
might have on low bandwidth, latency sensitive flows, we es-
tablish a VoIP performance monitor between a server node
and a CM. A ‘talker’ located on the VoIP server node (in Fig. 1)
sends a stream of UDP traffic in a manner similar to a G.711
session to a ‘listener’ located on the CM labeled VolIP client.
We estimate the call quality (referred to as the R-value) us-
ing the technique described in [52]. The R-value ranges from
0 to 100. Toll quality requires an R-value of 70 or higher. The
model assumes that two 10 ms ‘chunks’ of digitized voice
data are sent in an IP packet (of size 238 bytes) every 0.020 s.

3.1.3. Web performance traffic generator and metric

The web traffic model is based on well understood behav-
iors of web browsing users [53,54]. The ns2 simulation pack-
age provides extensive support for web traffic models. The
model includes a set of web servers (identified in Fig. 1) and
web browsing users. A variable number of CMs are config-
ured as web clients. Based on empirically derived distribu-
tions, these CMs periodically issue HTTP GET requests to ran-
domly selected servers. The model is parameterized by user
think times and web object sizes derived from heavy-tailed
Pareto distributions.

We add an additional designated client and server appli-
cation flow whose response times are captured to obtain the
web response time (WRT) metric. The designated client is-
sues an HTTP GET and the server replies by transferring a
configured amount of data each iteration (referred to as the
WRT object size). The time between iterations is also config-
urable. The client computes the response time (referred to as
a web response time or WRT) associated with the request.
The WRT client repeatedly downloads the WRT object from
the WRT server. Each iteration results in a WRT sample. At the
end of the simulation we compute the average WRT statistic.

3.14. Fairness metric

We use Jain’s Fairness Index (JFI) [55] and the min-max
ratio (MMR) to quantify fairness in achieved throughput
among competing flows. The JFI is a widely used assess-
ment of how achieved resource allocation differs from the
desired outcome. We assume that max-min fair throughput
allocation criterion is the desired fairness objective. An al-
location is max-min fair if it is not possible to increase the
rate allocated to any user in the system without decreasing
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the rate allocated to any other user who is receiving an al-
ready lower or equal rate [56]. It has been shown that packet
scheduling algorithms that implement close approximations
of generalized processor sharing (GPS) [57,58], such as DRR
packet scheduling [59], can achieve max-min fairness. In re-
cent work [15], we have shown that DRR packet scheduling
also achieves max-min fair allocation in downstream D3.0
bonded channel environments when no channel is assigned
to more than one bonding group at a time.

JFIis computed as follows. Suppose there are n competing
flows. Let x; = Ti/ri where T; is the achieved throughput of the
ith flow and r; is the expected outcome based upon the max-
min fair criterion. The JFI is defined as:

2
JFI = M x; > 0.
DT
The MMR is defined as:
min {x;}
max {x;}

Both indexes range from 0 to 1, with ideal fairness repre-
sented by a value of 1.

3.2. Experimental definitions

We map the three motivating questions posed in the in-
troduction to three sets of experiments:

321 Set1
We examine fairness and application performance result-
ing from the use of the AQM schemes under investigation.

3.2.2. Set2
We explore implications of the use of different service
tiers.

3.2.3. Set3

We examine the ability of the schemes to deal with unre-
sponsive flows.

Table 1 identifies five experiments that are presented in
this paper. Set 1 consists of three different workloads while

Table 1
Experiment definition.

Set Experiment Summary

1 BASE Varies the number of competing downstream
FTP flows along with a low bit rate VoIP flow
for different simulation runs; no service rate
limit.

HAS Same as BASE except adding five HAS flows.

WEB Runs 5 FTP flows with varied number of web
flows ranging from 10 to 80.

Same as BASE except: (1) Setting a service rate of
6 Mbps for all flows (referred to as Tier-1
flows); (2) Adding one additional competing
FTP flow with a service rate of 12 Mbps. We
refer to this flow as a Tier-2 flow.

Same as BASE except adding a 12 Mbps
downstream UDP flow (starts at 500 s, stops at
1500 s). No service rate limit.

2 TIER

3 ubDpP

sets 2 and 3 each consist of a variation on the BASE work-
load of set 1. To better evaluate the effectiveness of the re-
cently proposed schemes, CoDel and PIE, we compare their
performance with three non-AQM techniques and one older
approach to AQM.

The DT queue manager employs a single queue with first-
come-first-served (FCFS) scheduling discipline that drops
packets arriving to a full queue. The DT queue capacity is set
to QUEUE_CAPACITY (2048) full size packets.

DT20 is also an FCFS drop-tail queue manager but config-
ured in a way to be more comparable to CoDel and PIE. Its
queue capacity is constrained to 65 full size packets which
corresponds to a maximum queuing delay of approximately
20 ms, the target queuing delay for our CoDel implementa-
tion. The DT20 queue manager is used in the BASE experi-
ment to assess the benefits that accrue from the additional
complexity of CoDel and PIE.

The DRR queue manager employs one queue per flow and
DRR scheduling. Capacity of each queue is set to one-tenth
of the capacity of the DT queue. Thus the total queue size is
comparable. DRR is known to provide max-min fair alloca-
tion of channel capacity. Thus, results pertaining to through-
put sharing and fairness are not of particular interest. Inter-
est in packet loss rate and impact on latency sensitive traffic
motivates the inclusion of DRR results.

The ARED queue manager is a simple extension to RED
that adapts maxp such that the average queue level tracks
a target queue level. We used the recommended target of
(minth + maxth) /2.

Configuration parameters are based on recommenda-
tions from [20]. The minth and maxth thresholds are the
QUEUE_CAPACITY divided by 20 and by 2, respectively. The
control_interval parameter is 0.50 s. The initial setting of
maxp is 0.10.

The original CoDel description recommends a target_
delay parameter set to 0.005 s [4]. We determined that a
setting of 0.020 s provided more predictable results in our
scenarios, especially in scenarios that involved a small num-
ber of high speed TCP flows. The interval parameter is set
to 0.100 s. The original CoDel algorithm proactively drops
packets at dequeue time. Due to potential implementation
issues of head dropping raised by DOCSIS community, we
implemented a tail drop variant of CoDel where packets are
proactively dropped at enqueue time. Our implementation
is based on an ns2 tail-drop variant of CoDel contributed by
CableLabs. PIE is another delay-based AQM and is described
in [10]. The D3.1 specification [2] provides recommended
algorithm configuration settings for a CM running PIE. We
use the default settings described in [10] for the algorithm
run on CMTS. We set the target_delay parameter to 0.020 s
and the Typgae (frequency of update) parameter to 0.030 s.
The max_burst parameter is 0.100 s. The internal burst
control parameters, « and g, are set to 1.25 and 0.125,
respectively.

The results of our simulation studies are presented in
the next three sections of the paper. Each section addresses
one of the three questions posed in the introduction. First,
we evaluate how effectively each AQM maintains throughput
fairness and application performance in scenarios that do not
involve service rate limits. Next, we analyze the interaction of
service rate management with AQM. Finally, we evaluate the
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Table 2

Experiment BASE TCP throughput: Mean/Stddev/Sum (Mbps).
Number of FTPs 1 3 5 7 9 11
DRR 37.4/0.00/37.4 12.5/0.00/374  7.5/0.00/374  5.3/0.00/37.4  4.2/0.00/37.4  3.4/0.00/37.4
DT 37.4/0.00/374  12.5/1.86/374  7.5/0.86/37.4  53/0.69/37.4  4.2/0.86/374  3.4/0.69/37.4
DT20 36.3/0.00/36.3  12.3/1.60/37.0  7.4/1.24/371 5.3/1.39/37.1 4.1/1.62/37.0 3.4/1.62/36.9
ARED 37.4/0.00/37.4 12.5/1.37/374  7.5/0.99/374  5.3/0.86/374  4.2/0.86/37.4  3.4/0.81/374
CoDel 36.8/0.00/36.8  12.5/1.61/374  7.5/1.52/374  5.3/145/374  4.2/1.21/374  3.4/1.04/374
PIE 36.2/0.00/36.2  12.4/1.95/37.3 7.5/1.58/374  53[147/374  4.2/1.35/374  3.4/1.25/374

ability of AQM to protect responsive flows from unresponsive
ones.

4. Throughput fairness and application performance

In this section we describe the results of the three experi-
ments shown in Table 1 as set 1. The objective of the BASE ex-
periment is to evaluate the effectiveness of the AQM schemes
with respect to bandwidth utilization, throughput fairness
and isolation of low bandwidth flows having low latency
requirements.

4.1. BASE simulation results

Experiment BASE employs a varying number FTP flows
ranging from 1 to 11 along with a single VolIP flow. The flows
compete for a total available bandwidth of 38 Mbps. The sim-
ulation time for each simulation is 2000 s. The VoIP perfor-
mance metric flow starts at time 0.0 s. Each simulated FTP
flow starts at a random time within the range of 0.0-2.0 s and
has a unique uncongested path RTT. The path RTTs increase
with the number of flows. Fori € {0, 1, ..., 10}, the path RTT
of flow; is 30 + 10i ms. Therefore, the average uncongested
RTTs for the six load levels with {1, 3,...,9, 11} FTP flows are
30, 40, 50, 60, 70 and 80 ms.

4.1.1. Bandwidth utilization

Table 2 summarizes the throughput achieved by the FTP
flows. The total throughput was 37.4 Mbps in all but 8 of
the 36 simulations run. Throughput is marginally less for
CoDel and PIE when the number of flows is small because
the limited amount of buffering can cause the TCP pipeline to
stall and, when combined with a small number of flows, loss
of throughput results. Aggregate throughput for DT20 never
reaches 37.4, demonstrating that the more complex queue
management algorithms of CoDel and PIE do provide value.
When a sufficient number of flows are active, all queue man-
agement mechanisms except DT20 produce the same aggre-
gate bandwidth utilization.

The standard deviation reflects the magnitude of the vari-
ation in the throughput achieved by the competing flows.
Since DRR is known to be max-min fair, the absence of vari-
ation is to be expected. For the other queue management
techniques, the variation is proportional to the number of
flows and inversely proportional to queue capacity. A more
detailed analysis of the factors underlying the variation in
observed throughput will be presented in the discussion of
fairness.

Table 3 shows the mean and standard deviation of the
loss rate experienced by the FTP flows for each simulation.
The lost rates are expressed as a percentage and peak at only
0.245% (approximately 25 packets out of every 10,000 are
lost.) We conclude that in all cases TCP is adapting very well
to the available bandwidth and buffer space. Not surprisingly,
marginal increases in loss rate are again proportional to the
number of flows and inversely proportional to queue capac-
ity. When the number of flows exceeds one, DT20 produces
significantly higher loss rates than CoDel and PIE. As pointed
out in [60], it is possible to tune the parameters of RED (or
ARED in our case) to match the behavior of CoDel and PIE,
as long as the channel’s bit rate stays constant. However, in
the presence of adaptive modulation and dynamic channel
bonding in networks such as wireless or DOCSIS 3.1, ARED,
as currently defined, would not be able to maintain a target
queue delay.

Table 4 shows the average RTT experienced by the TCP
packets of the FTP flows. The reported RTT is the sum of the
inherent path delay and the queuing delay. For the 11 flow
case, the mean inherent path delay is 80 ms. Therefore, mean
queuing delay can be inferred by subtracting 80 ms from the
values shown in the 11 flow column. We observe that PIE,
CoDel, and DT20 maintain RTT values consistent with the tar-
get of 20 ms. ARED’s queue latency ranges from 45 to 60 ms
as the number of competing flows increase.

The DT results show a constantly high RTT regardless of
the number of competing flows. Since the maximum allowed
TCP window is configured to be larger than the queue capac-
ity, the queue length is limited only by the QUEUE_CAPACITY.

Table 3

Experiment BASE TCP loss rate (percentage): Mean/Stddev
Number of FTPs 1 3 5 7 9 11
DRR 0.004/0.000  0.010/0.001 0.014/0.002 0.017/0.001 0.021/0.001 0.025/0.004
DT 0.017/0.000 0.016/0.017 0.020/0.025  0.021/0.042  0.016/0.022 0.015/0.032
DT20 0.007/0.000  0.050/0.005  0.097/0.020  0.141/0.029 0.189/0.020 0.245/0.018
ARED 0.002/0.000  0.013/0.003  0.022/0.001 0.035/0.004  0.048/0.004  0.063/0.005
CoDel 0.005/0.000  0.024/0.001 0.049/0.002  0.075/0.004  0.098/0.005  0.121/0.012
PIE 0.006/0.000  0.028/0.001 0.055/0.002  0.081/0.004  0.111/0.007 0.137/0.004
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Table 4
Experiment BASE TCP RTT: Mean/Stddev.
Number of FTPs 1 3 5 7 9 1
DRR 0.073/0.000 0.182/0.006 0.291/0.011 0.399/0.016 0.508/0.020 0.617/0.025
DT 0.527/0.000 0.571/0.009 0.599/0.017 0.614/0.025 0.627/0.027 0.630/0.033
DT20 0.039/0.000 0.051/0.008 0.061/0.014 0.071/0.020 0.080/0.026 0.090/0.032
ARED 0.075/0.000 0.094/0.008 0.107/0.014 0.119/0.020 0.130/0.026 0.140/0.031
CoDel 0.041/0.000 0.057/0.008 0.068/0.014 0.079/0.020 0.089/0.026 0.100/0.031
PIE 0.039/0.000 0.054/0.008 0.066/0.014 0.077/0.020 0.088/0.026 0.098/0.031
Table 5
Experiment BASE 9 FTP flow 5 run average/95% confidence interval.
Scheme  RTT (seconds) Loss rate Throughput (Mbps)
DRR 0.5077/(0.5067,0.5087)  0.0210/(0.0201, 0.0218)  4.158/(4.157, 4.158)
DT 0.6255/(0.6229, 0.6281)  0.0206/(0.0182,0.0229)  4.158/(4.157, 4.158)
DT20 0.0802/(0.0801, 0.0802) 0.1904/(0.1862, 0.1945) 4.111/(4.110, 4.112)

ARED 0.1296/(0.1295, 0.1297)

0.0484/(0.0477, 0.0491)

CoDel  0.0895/(0.0894,0.0895)  0.0986/(0.0977, 0.0995)
PIE 0.0876/(0.0875,0.0877)  0.1088/(0.1079, 0.1097)

4157/(4.157, 4.158)
4.157/(4.156, 4.158)
4156/(4.155, 4.157)

Table 6

Experiment BASE DT 5 run average/95% confidence interval.

Number of FTPs ~ RTT (seconds)

Loss rate

Throughput (Mbps)

0.5052/(0.4802, 0.5302)
0.5810/(0.5682, 0.5938)
0.5977/(0.5904, 0.6049)
0.6116/(0.6036, 0.6196)
0.6234/(0.6174, 0.6294)
0.6312/(0.6285, 0.6340)
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0.0172/(0.0171, 0.0173)

0.0178/(0.0160, 0.0197)
0.0190/(0.0155, 0.0225)
0.0231/(0.0141, 0.0321)
0.0195/(0.0174, 0.0216)
0.0224/(0.0139, 0.0308)

37.397/(37.379, 37.415)
12.473/(12.470, 12.476)
7.484/(7.482, 7.485)
5.346/(5.345, 5.347)
4158/(4.157, 4.158)
3.402/(3.402, 3.402)

The DRR results reflect individual queue capacities that
are 1/10 of the QUEUE_CAPACITY. Therefore, when there are n
flows with full queues, DRR queuing delay is the sum of the
inherent path delay and n x QUEUE_CAPACITY | 10.

We briefly consider the statistical accuracy of the results
associated with the BASE experiment. We ran five indepen-
dent replications with nine active TCP flows. The 95% confi-
dence intervals for the average throughput, loss rate, and RTT
are shown in Table 5. The widths of the confidence intervals
were no more than 0.002 Mbps for throughput for all queue
management schemes and no more than 0.2 ms in RTT for all
three AQMs.

Given the synchronization and lockout issues that are as-
sociated with DT, we ran the DT simulation five times with
different random seeds and involving different numbers of
FTP flows. The results are given in Table 6.

4.1.2. Throughput fairness in the BASE experiment

Fig. 2 shows the throughput fairness results. These results
are consistent with the standard deviation values previously
discussed. The JFI results confirm that DRR is approximately
max-min fair. The figure also shows that at high loads DT20
exhibits the highest level of unfair allocation. CoDel and PIE
are significantly fairer but still worse than the others. Fur-
thermore, it is apparent that unfairness is increasing with the
number of flows for all queue management schemes other
than DRR.

We ran additional ARED, CoDel and PIE simulations ex-
tending the number of competing flows to 50 and we ob-
served the fairness continue to deteriorate. The JFI results
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for ARED, CoDel, and PIE with 50 competing flows were 0.75,
0.60, and 0.62, respectively.

Nevertheless, the underlying cause of the unfairness is
not the increase in the number of flows per se. Instead, it is
primarily a function of the disparity in uncongested RTTs.
Table 7 shows the throughput of each of the individual FTP
flows for an 11 flow experiment in one BASE simulation. The
uncongested path RTTs for individual flows are given in the
bottom row. It can be seen in this table that the achieved
throughput for an individual flow under AQM management
is inversely proportional (in a non-linear way) to its path
RTT.

This is in agreement with the model proposed by Mathis
[61]. TCP/RTT unfairness is in large measure to the fact that
achieved throughput depends on factor of 1/RTT. The result
is that TCP flows having shorter RTT paths can starve longer
path flows of buffer resource at a bottleneck. Each DRR flow
has a dedicated amount of buffer resource, and this com-
pletely eliminates buffer starvation of one flow by another.
The DT flows have a large QUEUE_CAPACITY shared buffer re-
source which mitigates the effect. Because of the parameters
chosen, the ARED flows also had more effective buffer capac-
ity (as evidenced by their longer RTTs) than did CoDel and PIE
and therefore less unfairness due to buffer contention.

To confirm the conjecture that buffer contention was
the root cause of the unfairness, we ran additional simu-
lations (these results are not shown) with the target_delay
parameter for CoDel and PIE set to a value commensurate
with observed ARED queuing delays. The fairness results are
consistent with those of DT and ARED.
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Fig. 2. Experiment BASE throughput fairness results.

To further explore the effect of path diversity on fairness,
we ran a modified BASE simulation with all FTP flow paths set
to the 80 ms mean RTT of the original BASE simulation. The
fairness results are given in Tables 8 and 9. Except for DT, the
fairness results for all schemes improve across all workloads.
In addition, the allocation is not shown to be less fair as the
workload increases when RTT does not vary.

Table 8

JFI of BASE with same path RTT.
Number of FTPs 1 3 5 7 9 1
DRR 1.00 100 100 100 1.00 1.00
DT 1.00 096 097 095 099 098
DT20 1.00 1.00 100 100 1.00 1.00
ARED 1.00 100 100 100 1.00 1.00
CoDel 1.00 099 100 100 1.00 1.00
PIE 1.00 1.00 100 100 1.00 1.00

Table 9

MMR of BASE with same path RTT.
Number of FTPs 1 3 5 7 9 1
DRR 1.00 100 100 100 1.00 100
DT 1.00 066 061 050 075 0.63
DT20 1.00 093 096 089 092 092
ARED 1.00 086 095 091 0.88 092
CoDel 1.00 083 095 094 095 093
PIE 1.00 092 092 096 092 092

We then ran another modified BASE simulation where we
kept the number of FTP flows fixed at 7 and varied the RTT
range. The mean RTT was fixed at 100 ms and individual RTTs
differed by step where step € {5, 10, 15, 20, 25}. For example,
when step = 5, the individual RTTs are {100, 95, 105, 90, 110,
85, 115}. Therefore, the total RTT range for each experiment
is 6 x step.

The results as shown in Fig. 3 clearly indicate that the
AQMs under investigation become less fair as the range of
RTTs widens. We conclude path RTT diversity has an adverse
impact on throughput fairness under AQM.

4.1.3. Flow isolation

Having addressed the impact of AQM on overall through-
put and fairness we now turn to flow isolation. We do this by
analyzing the behavior of the simulated simplex VoIP stream
that is sent in parallel with the FTP transfers of the BASE ex-
periment. The stream is sent from a source outside the cable
network to a sink attached to a simulated CM, and it is imple-
mented as a simulated UDP flow in which two 10 ms ‘chunks’
of digitized voice data are sent every 20 ms in an IP packet of
size 238 bytes.

The results are summarized in Table 10. The latency is
average one-way latency experienced by the simulated VoIP
packets. The mean loss rate experienced by the VoIP flow is of
the same order of magnitude as those of the FTP flows which
are shown in Table 3. As would be expected, the VoIP loss

Table 7
Throughput of 11 individual FTP flows.
Scheme Throughput (Mbps) Mean/Stddev
Maxmin 345 345 345 345 345 345 345 345 345 345 345
DRR 34 34 34 34 3.4 34 34 34 34 3.4 34 3.4/0.0
DT 3.8 2.5 39 2.8 33 25 3.0 4.0 34 3.8 44 3.4/0.6
DT20 6.8 5.6 4.6 3.9 32 2.8 2.4 2.2 1.9 1.8 1.7 3.4/1.7
ARED 5.0 4.6 4.0 3.8 34 3.0 3.0 2.8 2.8 2.6 24 3.4/0.8
CoDel 5.9 4.8 4.1 3.7 33 3.1 2.8 2.6 2.5 24 22 3.4/11
PIE 6.0 5.0 42 3.8 3.5 3.1 2.8 2.6 2.3 2.1 2.0 3.4/13

Uncongested RTT (ms) 30 40 50 60 70
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Fig. 3. BASE fairness results for seven FTP flows with varied RTT ranges.

rates under AQM are generally larger than the higher band-
width FTP flows. It is also the case that the disparity between
FTP and VolIP loss rates is consistently larger for CoDel than
it is for PIE. Furthermore, DT20 yields lower loss rates and
higher R-values than either CoDel or PIE across the board. The
reasons for these disparities are yet to be fully understood.
The R-value for DT drops quickly from 41 to 33 as the
number of competing FTP flows increases from 1 to 11. The
main factor contributing to the poor R-values is the large
latency experienced by the VoIP flow with DT managed

queues. DT20, followed by CoDel and PIE, provides the lowest
VolIP packet delays.

In additional simulations we found that the R-value re-
mains reasonably high. When the number of competing FTP
flows was increased from 50 to 90, the R-values varied from
about 88 to 69 for ARED, CoDel, and PIE with slight differ-
ences.

4.2. HAS simulation results

We evaluate HAS video performance under different AQM
schemes when the video streams are subject to competing
greedy FTP flows. Experiment HAS involves five HAS flows
along with a varied number of FTP flows for different simu-
lation runs. As previously noted, TCP throughput is inversely
proportional to path RTT. To make the HAS and FTP allocation
results more comparable, the mean uncongested path RTTs
of the HAS flows and of the FTP flows are set to 80 ms in all
experiments. The five HAS flows have path RTT’s of {80, 70,
90, 60, and 100 ms}. The path RTT of the first FTP flow is also
80 ms, and when additional flows are added, the path RTTs
follow a similar pattern as that of the HAS flows.

For the results presented in this paper, we used the fol-
lowing configuration settings:

Playback buffer capacity: 240 s.

Segment size: 4 s.

Set of bit rate representations (in Mbps): {0.5, 1.0, 2.0, 3.0,
4.0,5.0}.

TCP specific configuration: we use the ns2 simulator’s
TCP/FullTCP/Sack model with similar settings to those
used in the other experiments described in this paper.

During the startup phase, the client makes back-to-back
requests until the buffer threshold (2 segments) is reached.
The client then enters a steady state where it periodically
(every segment time) issues a new segment request. As an
example, consider an uncongested scenario involving a sin-
gle HAS flow and no FTP flows. Once the HAS client reaches
steady state, it requests a maximum quality segment (which
is 2.5 Mbytes) every 4 s which corresponds to the maximum
bit rate of 5.0 Mbps that HAS is configured to consume. Now
suppose that the new segment arrives 1.07 s after the request
is sent. Then ¢ is 4/1.07 = 3.74 and thus the estimated avail-
able capacity is 5.0 x 3.74 or 18.7 Mbps. This capacity esti-
mate underestimates the actual available capacity (38 Mbps)
by more than a factor of two. The estimate is low in part be-
cause the TCP stack resets the TCP congestion window after
the application has been idle for one retransmission timeout
period (which happens each on/off cycle). This is a known is-
sue with rate-limited applications [34,44,62].

Table 10

Experiment BASE VoIP isolation performance (mean latency/mean loss rate (percentage)/R-value).
Number of FTPs 1 3 5 7 9 11
DRR 0.045/0.000/93.1 0.046/0.000/93.1 0.046/0.000/93.1 0.046/0.000/93.1 0.046/0.000/93.1  0.047/0.000/93.1
DT 0.541/0.000/41.2 0.577/0.012/36.4 0.594/0.011/34.1 0.599/0.017/33.4 0.602/0.019/33.0  0.596/0.002/33.9
DT20 0.054/0.000/92.9  0.056/0.092/92.4  0.056/0.098/92.4  0.056/0.064/92.6  0.056/0.060/92.6  0.056/0.048/92.7
ARED 0.089/0.005/92.0  0.100/0.016/91.7 0.103/0.028/91.6 0.105/0.032/91.5 0.106/0.057/91.4 0.106/0.062/91.4
CoDel 0.056/0.001/92.9  0.062/0.059/92.4  0.064/0.080/92.3  0.065/0.110/92.2 0.065/0.163/91.9 0.066/0.231/91.6
PIE 0.054/0.008/92.9  0.060/0.029/92.6  0.062/0.054/92.5  0.063/0.071/92.4  0.064/0.131/92.1 0.064/0.160/92.0
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Table 11
Experiment HAS throughput efficiency.

Number of FTPs DRR DT ARED  CoDel PIE

88% 76% 88% 83% 84%
96% 96% 96% 94% 94%
96% 96% 96% 95% 95%
96% 96% 96% 95% 95%
96% 96% 96% 95% 96%
96% 96% 96% 95% 96%

-0 NN U W=

—_

Table 11 shows the percentage utilization of the down-
stream channel for each experiment. The results show that in
all cases except for simulations involving five HAS flows and
one FTP flow, the channel utilization is at least 94%. CoDel
and PIE exhibited a utilization 1-2% lower than that of ARED
and DRR.

It is challenging to create meaningful throughput fairness
comparisons between the HAS and FTP workloads for sev-
eral reasons. First, the maximum application layer demand
of each HAS application is self-limited to 5.0 Mbps while
each FTP application has unbounded application layer de-
mand. Second, when congestion occurs HAS responds by fur-
ther reducing its application layer demand while FTP does
not. Furthermore, when few FTPs are active, the applications
can interact with AQM in such a way that considerably less
than full utilization of the 38 Mbps downstream channel is
actually achieved. Finally, there are unwanted dynamics be-
tween HAS and TCP control algorithms. Nevertheless, com-
paring the average FTP flow allocation and the average HAS
flow application to what one would expect from a max-min
fair allocation does provide insight in these dynamics.

The average throughput for FTP and HAS applications as
well as the applicationBias is shown in Table 12. For all buffer
management schemes, the throughput achieved by both
FTP and HAS decreased as the number of competing flows
increased.

The applicationBias metric is the percentage above or be-
low the max-min fair allocation of the bandwidth that was
actually consumed in the experiment (as opposed to the
nominal channel bandwidth of 38 Mbps.) The expected max-
min fair allocation for an HAS flow is based on a demand of
5 Mbps, which is the highest HAS encoded video bit rate.
Using the low congestion scenario (one FTP flow and five

Table 13

HAS performance metrics (videoPlaybackRate/adaptationRate).
Number of FTPs 1 5 11
DRR 4719 2.8/5 2.0/3
DT 3.7/32 1.9/56 O 9/53
ARED 4.7/35 2.9/91 .8/150
CODEL 4.4/50 3.0/165 1 8/216
PIE 4.6/44 3.1/101 1.8/154

HAS flows) as an example, Table 11 indicates that the con-
sumed bandwidth under DRR is 88.3% of the 38 Mbps. The
max-min fair allocation of the 33.5 Mbps actually consumed
under DRR is 5 Mbps for HAS and 8.55 Mbps for FTP. Con-
sumed bandwidth under CoDel was significantly lower and
max-min fair allocation is 5 Mbps for HAS and 6.6 Mbps for
FTP. For the CoDel results the actual FTP throughput was 8.17
Mbps and the average HAS throughput was 4.69 Mbps. The
HAS applicationBias is (4.69 — 5.00)/5.00 or —6.3%. For the
scenario involving five FTP and five HAS flows, under CoDel,
the bandwidth actually consumed is 36.1 Mbps. So the max-
min fair allocation is 3.6 Mbps for all flows. In this case, for
CoDel, the HAS applicationBias is (3.1 — 3.6)/3.6 or —13%.

In all cases the allocation favored FTP. The results indicate
that only DRR consistently improved the HAS allocation out-
come as the network became congested. For PIE and CoDel,
the allocation outcome actually became worse (i.e., applica-
tionBias experienced by HAS flows grew further negative) as
the load increased.

Table 13 indicates the HAS performance metrics. The
rebufferTime results (not shown) was 0 in all simulations.
The results show that AQM significantly improves HAS per-
formance compared to DT based on the videoPlaybackRate
metric. Among the three AQMs, the videoPlaybackRate re-
sults were very similar. The results suggest that CoDel leads
to higher HAS adaptationRate than the other AQMs. We
have observed that PIE is less tolerant of bursts and con-
sequently during times of heavy congestion does maintain
the target queue latency generally more reliably than CoDel.
We conjecture that differences in the AQM’s burst toler-
ance behavior contribute to the observed difference with
the adaptationRate metric. However, it is likely that chang-
ing AQM configuration parameters would alter the behavior.

Table 12
FTP and HAS average throughput and allocation bias.
Number of FTPs ~ DRR DT ARED CoDel PIE
(a) FTP flow average throughput
1 8.59 (0.5%) 8.60 (78.2%) 8.59 (2.8%) 8.17 (23.8%) 7.89 (12.4%)
3 6.22 (36.6%) 7.07 (55.3%) 5.90 (29.9%) 5.48 (23.4%) 513 (15.4%)
5 4.36 (19.8%) 5.40 (48.1%) 4.32 (18.7%) 4.10 (13.4%) 3.98 (10.2%)
7 3.37 (11.0%) 4.34 (42.9%) 3.46 (14.0%) 3.34(10.7%) 3.26 (7.8%)
9 2.82(8.4%) 3.34(28.4%) 2.88(10.7%) 2.79 (8.1%) 2.77 (6.8%)
11 2.37 (4.2%) 2.89 (26.9%) 2.46 (8.1%) 2.43 (7.5%) 2.45 (7.6%)
(b) HAS flow average throughput
1 4.99 (-0.2%) 4.07 (-15.6%)  4.95(-0.9%) 4.69 (—6.3%) 4.83 (—-3.5%)
3 3.55(-22.0%)  3.04(-33.2%) 3.73(-17.9%) 3.82(-14.0%) 4.03(-9.3%)
5 2.92 (-19.8%) 1.89(—48.1%) 296 (-18.7%) 3.13(-13.4%) 3.24(-10.2%)
7 2.57 (—15.4%) 1.21(-60.0%)  2.44(-19.6%) 2.57(-14.9%)  2.69 (-10.9%)
9 221(-15.0%)  127(-512%)  210(-19.3%)  221(-14.6%) 2.28(—12.3%)
11 2.07 (-9.2%) 0.93 (-59.1%) 1.87 (—17.9%) 1.88(-16.6%)  1.89(—16.8%)
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Therefore, further study is required before we can draw any
conclusions.

The absence of rebuffering events is largely due to rela-
tively static workloads (a small number of established TCP
flows) and to a large playback buffer capacity. In additional
simulations not included in the paper, we run the scenarios
using a version of HAS that does not adapt. Instead, the client
always requests highest quality segment (we refer to this al-
gorithm as max-always). The videoPlaybackRate in all cases
is 5.0 Mbps which represents the highest quality. In this sce-
nario, all buffer management schemes exhibit frequent stalls.
The CoDel and PIE rebufferTime results were similar with the
percentage of time spent stalled ranging from 0% (with five
HAS and one FTP flow) to 53% of the time (with five HAS and
11 FTP flows).

The work in [34] shows that HAS is prone to a ‘spiral
down’ effect where it is possible for an HAS flow to be ‘beaten
down’ by competing greedy TCP application flows. In this sit-
uation, the HAS flow is likely to remain at the lowest bit rate
quality level to oscillate across the lowest quality levels. In
our results, the applicationBias metric shows evidence that
aspects of this effect are present. Primarily due to relatively
well behaved dynamics, the system does not suffer the full
spiral-down effects observed in [34].

4.3. WEB simulation results

The experiment WEB explores the impact of the different
queue management schemes in scenarios that involve a mix
of downloads of web objects of varying size and FTP traffic.
Five greedy FTP flows are run in parallel with a varied num-
ber of simulated web flows. For five FTPs, the uncongested
RTTs are 30, 40, 50, 60, 70 (as in the BASE). The number of
web flows ranges from 10 to 80, and for the web flows, the
uncongested RTTs cycle in the same pattern as: 30, 40, 50,
60, 70, 30, 40, 50, 60, 70, . ...

The parameters of the web traffic model, derived from
[63], include user and session attributes designed to repro-
duce the variability inherent in web traffic. The web sessions
start randomly within the first second of the simulation. The
inter-page time is set to a Pareto distribution with mean and
shape equal to 5 and 2.0, respectively. The objects per page is
set to Pareto distribution with mean and shape equal to 4 and
1.2, respectively. The inter-object time is set to Pareto distribu-
tion with mean and shape equal to 0.5 and 1.5, respectively.
The object size in KB is set to Pareto distribution with mean
and shape equal to 20 and 1.5. Both of these sets of parame-
ters produce distributions with infinite variance. Therefore, it
is difficult to obtain repeatable estimates of statistics such as
mean response time with simulations of practical duration.

It should be noted that models such as Feldmann’s no
longer properly characterize the traffic generated by brows-
ing commercial web sites. The objects at such sites typically
contain many embedded links to different advertising sites
that are not co-located with the primary page. The objects
loaded via the embedded links commonly contain a mix of
text, images, audio, video, and possibly even additional em-
bedded links. Modeling traffic of this type is well beyond the
scope of this paper. Feldmann’s model is designed to model
browsing of a non-commercial document collection in which

Average FTP Througput (Mbps)

—o— DRR
4r oot
—o— ARED
—£— CODEL
—=— PE

10 20 30 40 50 60 70 80
Number of Competing Web Flows

Fig. 4. WEB simulation average FTP throughput.

the user may download citations, abstracts, or full text of sci-
entific papers of various sizes.

Therefore, as described in Section 3, the WRT metric re-
flects the response time experienced by an additional desig-
nated web client in requesting and receiving a web object of
a particular size. By default, the WRT object size is 20 KB, and
the think time before the next request is issued is 10 s. The
range of uncongested path RTTs for both the web browsing
flows and the competing FTP flows is between 30 and 70 ms.
The designated flow for which the WRT metric is computed
has an uncongested path RTT of 50 ms which is the mean of
the RTTs of the competing traffic.

Fig. 4 shows the average throughput achieved by FTP
flows as the number of web browsing flows increases from
10 to 80. Although not shown, the mean bandwidth demand
of a single web flow is 0.13 Mbps and the total observed band-
width consumption of the web flows ranges from 1.3 to 10.3
Mbps for all schedulers except DT. In a max-min fair alloca-
tion of the available 38 Mbps, each web flow should receive
its entire demand and the five FTP flows should divide the
remainder. It can be observed in Fig. 4 that this is approx-
imately the case for all schedulers except DT. For example,
when there are 80 web flows, the web flows consume an av-
erage of 0.129 Mbps and the five FTP flows consume approx-
imately 5.2 Mbps each. This indicates that the 36.3 Mbps of
consumed bandwidth is fairly divided between the web and
FTP traffic.

The DT allocation of slightly more than 6 Mbps to the FTP
flows demonstrates the well known result that with unman-
aged queues greedy flows prevent less greedy ones from ob-
taining their fair shares.

Table 14 provides the WRT results for the experiment.
As shown, AQM schemes are able to support a range of low
bandwidth web flows with consistently low WRT. TCP slow-
start requires multiple RTTs before the 20 KBytes of data are
successfully received by the WRT client. As the number of
web flows increase, there is significant increase in WRT only
with the DT queue manager.

In a separate WEB experiment, we explore how the differ-
ent queue management techniques might impact the WRTs
as the WRT object size increases. The scenario involves 5 FTP
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Table 14
Web response time/standard deviation (seconds).
Number of web flows 10 20 30 50 60 70 80
DRR 0.173/0.062  0.172/0.060 0.175/0.059 0.175/0.060 0.178/0.060 0.178/0.061 0.181/0.062 0.178/0.062
DT 2.414/0.622  2.416/0.626  0.737/0.407  2.439/0.596  1.116/0.872 0.662/0.266 ~ 1.023/0.780  0.905/0.702
ARED 0.213/0.079  0.209/0.079  0.206/0.070  0.208/0.081 0.208/0.097  0.209/0.093  0.210/0.097 0.208/0.095
CoDel 0.173/0.076  0.174/0.098 0.171/0.059 0.174/0.077 0.174/0.085 0.173/0.077 0.173/0.075 0.176/0.091
PIE 0.173/0.096  0.173/0.097 0.172/0.095 0.174/0.116 0.179/0.117 0.176/0.103 0.171/0.103 0.177/0.111
CODEL
12 T T
—+— Tier 1 FTP Flow (selected)
—— Tier 2 FTP flow
10 |- .

Web Response Time (seconds)

32 64 128 256 512 1024 2048
Web Object Size (KB)

Fig. 5. WEB simulation WRT results for varied object sizes.

flows that compete with 50 web flows based on the web traf-
fic model. Unlike the previous WRT experiment, we vary the
WRT web object size from 32 KBytes to 2048 KBytes. The
WRT results are shown in Fig. 5. As expected, the WRT in-
creases along with the web object size. The best mean re-
sponse time was obtained by DRR, and the worst by DT. DT
response was also quite sensitive to stochastic effects. In one
test, five independent replications of the DT simulation pro-
duced mean response times of 6.8, 8.9, 8.2, 6.7, and 6.2 s. In
contrast, the mean response times produced by ARED, CoDel,
and PIE had small variation.

5. Implications of service rate management

The objective of the TIER experiments is to explore the
impact of the different queue management schemes on sub-
scribers having different maximum service rates. A varying
number of Tier-1 FTP flows, each having a service rate of 6
Mbps, compete with a single Tier-2 FTP flow having a service
rate of 12 Mbps on a single downstream channel. The uncon-
gested path RTT of the Tier-2 flow is set to 80 ms which is
also the mean uncongested RTT of the Tier-1 flows. Individ-
ual RTTs of adjacent Tier-1 flows vary according to the pat-
tern {80, 70, 90, 60, 100, ...}.

Fig. 6 illustrates the observed behavior of nine Tier-1
flows competing with the single Tier-2 flow under CoDel
scheduling. The Tier-1 FTP flows run for the entire simulation
time of 2000 s, but the Tier-2 flow is active only from time
500 to 1500 s. Each data point plotted represents measured
throughput during an interval of 10 s. The Tier-1 flow with
80 ms uncongested RTT is shown in red, and the Tier-2 flow
in blue. During the time period when the Tier-2 flow is active,

During the interval 500 - 1500 seconds:
Tier 1 flow throughput mean/std: 3.49/0.59

Throughput (Mbps)
(]

T 500 1000 1500 2000

Simulation Time (Seconds)

Fig. 6. TIER simulation results with CoDel (1 Tier-2 flow competing with
9 Tier-1 flows). (For interpretation of the references to color in this figure
legend, the reader is referred to the web version of this article.)

the throughput of the selected Tier-1 flow and Tier-2 flow are
3.49 and 3.77 Mbps respectively, and the Tier-2 flow displays
higher variability. The weighted max-min fair allocation is
3.45 Mbps for the Tier-1 flows and 6.9 Mbps for the Tier-2
flow. The unweighted max-min fair allocation is 3.8 Mbps for
all flows. These results illustrate that single queue AQM will
not support differentiated service based on tiers. Whether or
not this outcome is desirable depends on one’s perspective.
From the perspective of the Tier-2 customer, this is clearly
an undesirable outcome and conversely so for the Tier-1
customer.

The second TIER experiment is designed to show the al-
location to the different tiers achieved by the different queue
management schemes. A varying number of Tier-1 flows
compete with a single Tier-2 flow for the entire simulation.

Table 15 summarizes the average allocation achieved by
all Tier-1 flows and the allocation achieved by the Tier-2 flow.
Simulations involving 1 and 3 competing Tier-1 flows are not
shown as these reflect uncongested conditions, and the ex-
pected tiered allocations are achieved in all cases.

As expected, DRR provides an unweighted max-min fair
allocation. DT consistently allocates more bandwidth to the
Tier-2 flow. The AQMs support tiered allocation in a load de-
pendent way. As the load increases, the average flow band-
width allocation by various AQMs for both tiers converges
approximately to unweighted max-min fair allocation. In the
case of 11 Tier-1 flows, all AQMs allocate less bandwidth than
its max-min fair share to the Tier-2 flow. This anomaly is due
to the non-linear nature of the RTT penalty. Recall that the
Tier-1 throughput is the average of flows having uncongested
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Table 15

TIER flow average throughput allocation (Mbps).
Number of Tier-1 FTP flows 5 7 9 1
Tier (Mbps) 6 12 6 12 6 12 6 12
Max-min 6.0 80 475 475 38 38 317 317
WMax-min 54 108 42 8.4 345 69 29 5.8
DRR 5.9 78 47 4.7 3.7 37 31 31
DT 5.9 8.1 45 6.0 3.5 55 31 33
ARED 5.7 8.7 47 4.8 3.7 38 31 3.0
CoDel 5.8 79 46 5.4 3.7 37 31 2.9
PIE 5.7 84 46 4.8 3.7 37 31 2.8

Table 16

TIER flow average throughput allocation (Mbps) with 4-channel bonding group.

Number of Tier-1 FTP flows 5

7 9 1

Tier (Mbps) 24 48 24 48 24 48 24 48
Max-min 24 32 19 19 152 152 127 127
DRR 237 317 187 188 150 150 125 125
DT 231 346 180 242 143 209 120 175
ARED 232 340 184 214 152 135 125 125
CoDel 231 313 185 200 151 141 126 115
PIE 229 331 185 202 151 143 126 109

RTTs ranging from 30 to 130 ms while the Tier-2 throughput
is that of a single flow.

DOCSIS 3.0 supports channel bonding to provide fat data
pipes. A bonding group as deployed in the field often involves
4-8 downstream channels bonded together. Such fat pipes
can support higher service rates and tiers. We run TIER with
a 4-channel bonding group. We set the Tier-1 service rate
to 24 Mbps and the Tier-2 service rate to 48 Mbps. To ad-
just for the increased bandwidth-delay product, we increase
the QUEUE_CAPACITY and TCP window size by a factor of 4.
Again for the uncongested scenarios (i.e., those involving 1
and 3 competing Tier-1 flows), our simulation results show
each flow receives a throughput equal to its service rate. For
congested scenarios, Table 16 shows the results of this simu-
lation. The results show that our previous conclusions for the
single channel case still hold for the channel bonding case.

6. Management of unresponsive flows

To evaluate how effectively the AQM schemes under in-
vestigation manage unresponsive flows, experiment UDP
runs a varying number of FTP flows along with an unre-
sponsive UDP CBR flow. Fig. 7 illustrates the results using PIE
queue management in a UDP simulation in which nine FTP
flows compete with an unresponsive UDP CBR flow for a total
available bandwidth of 38 Mbps. The UDP flow was config-
ured to send 1500 byte packets at a constant rate of 12 Mbps
during the time period 500-1500 s of the 2000 s simulation.
No service rate limitations were imposed. As shown, the un-
responsive flow was allocated almost its total demand of 12
Mbps by PIE and the FTP flows were allocated the remain-
ing bandwidth. For all other schemes, only DRR correctly al-
locates equal share (about 3.7 Mbps) to all flows during the
time period when the UDP flow was active. The results for DT,
ARED, and CoDel were very similar to the PIE result shown in
Fig. 7.
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Fig. 7. Experiment UDP results with PIE.

We conclude that single queue management schemes
including the AQM schemes evaluated here are not ef-
fective in preventing unresponsive flows from consuming
more bandwidth than their fair shares during the time of
congestion.

7. Conclusions

The focus of this paper has been upon the effects of down-
stream queue management in a DOCSIS cable environment.
We have considered workloads consisting of FTP, HAS, web
browsing, and unresponsive UDP traffic. Our analysis also
considered scenarios with and without imposition of ser-
vice rate limits. We explored fairness and application per-
formance obtained with four single queue packet scheduling
disciplines: FCFS drop tail (DT), Adaptive RED (ARED), CoDel,
and PIE. We also included results obtained with multi-queue
DRR as a reference point for our analysis.
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The clearest result is the undesirability of the use
of drop tail queue management in conjunction with a
large unmanaged buffer pool. The effects of the resulting
bufferbloat included poor flow isolation, very high latency,
and unpredictable allocation of bandwidth to competing
flows.

Our ARED results differ from CoDel and PIE in large part
due to our choice of parameter settings. For all AQMs, we
attempted to use recommended settings. Nevertheless, it is
possible to configure ARED to behave in a manner similar
to CoDel and PIE when channel capacity is known a pri-
ori and not subject to changes due to factors such as adap-
tive modulation or dynamic changes to channel bonding
groups.

We briefly summarize our conclusions by addressing the
three motivating questions raised in the introduction and
then provide a statement of next steps.

(1) How effective are CoDel and PIE in realistic cable network
scenarios?

The schemes are quite effective at maintaining the tar-
get queue delay. This in turn provides isolation be-
tween responsive flows in the scenarios we explored.
Both CoDel and PIE exhibited similar results in all of
the experiments, and even as the level of congestion
became very high, both were able to provide strong
flow isolation.

All schemes except DRR are shown to not allocate
bandwidth fairly in the presence of heterogeneous
RTTs. However, the principal cause of the unfairness
is TCP’s well known bias toward short-RTT connec-
tions. Nevertheless, delay-based AQMs such as CoDel
and PIE are particularly sensitive to the RTT induced
unfairness issue when compared to other queue man-
agement schemes that allow sustained large queues.
When a buffer bloated queuing point causes 100s of
milliseconds of packet delay, the fairness outcome of
competing TCP flows that might have uncongested
path delays of a fraction of this are less sensitive to
TCP RTT-based unfairness. When delay-based AQM re-
moves ‘bufferbloated’ queues, differences in uncon-
gested path delays have more of an impact on TCP
performance. Nevertheless, it should be noted that
throughput fairness is not a primary objective of
delay-based AQMs.

Are there undesirable side effects when AQM interacts
with tiered service levels?

We observed a range of behaviors among the AQM
schemes. When different service tiers compete for
bandwidth during periods of the congestion, the im-
pact upon tiered service is dependent upon the sever-
ity of the congestion. When the system is not loaded or
slightly loaded, the AQMs do allocate more bandwidth
to the higher service tier flows. As the load continues
to increase, we see that the allocations for different
tier flows tend to converge. As congestion increases, a
higher tier flow can be more aggressively targeted by
an AQM scheme because the regulator allows its pack-
ets to reach the queue at a higher rate than those of
the lower tier.

2

—

(3) How effectively do the schemes isolate responsive traffic
from unresponsive flows?
An inherent problem with the single queue schemes
is that they cannot effectively manage unresponsive
flows. This is a huge challenge network operators have
to address. One of our next steps includes addressing
this problem with a multiple queue solution that can
also meet the constraints of CMTS vendors.

Our results suggest that there is a trade-off involved with
single queue management mechanisms between the goals of
managing fairness and managing application performance.
Current practice tends to favor application performance over
fairness. This may not be acceptable in emerging converged
broadcast networks where a larger percentage of subscribers
view content from video-on-demand providers located in
the Internet. For example, our results indicate that content
providers that physically locate content closer to the sub-
scriber might be allocated a larger share of access network
resources (during periods of congestion) compared to a con-
tent provider that does not locate content at the access net-
work. While this result is common to all buffer management
methods, delay based AQM exacerbates this issue in certain
circumstances primarily because bufferbloat effects served
to mask the issue.

Since our experiments made no use of new DOCSIS fea-
tures such as dynamic channel bonding, we believe that our
results are applicable to any system in which a head-end de-
vice or router manages a single shared medium downstream
channel. In practical terms, the only networks of this type
in widespread use at present are cable networks and some
wireless networks such as WiMax and WiFi (operating in in-
frastructure mode).
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