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Abstract
Router buffers are critical to networks for absorbing

short-lived congestion and allowing full throughput. However,
excessive buffering can lead to high queuing delay, poor
burst absorption, and even low throughput for queues sharing
the buffer memory. Existing queue management schemes
designed for Internet routers (e.g., CoDel, PIE) prevent such
excessive buffering only under stringent assumptions about
the queue composition (flows in the queue), while more recent
approaches (e.g., L4S) require end-host collaboration. In this
work, we revisit queue management for Internet routers from
first principles and introduce Titrate, a closed-loop controller
that senses queue dynamics and adjusts thresholds for any
given queue to achieve high throughput, low latency and
effective burst absorption. To balance convergence speed
and stability, Titrate draws inspiration from TCP’s control
loop, combining a multiplicative-increase-additive-decrease
approach with an ssthresh-like variable.

We evaluate Titrate’s performance via simulation and Inter-
net experiments. Across a wide range of realistic traffic mixes,
Titrate increases minimum throughput by 39%, 14% compared
to CoDel, PIE, while keeping 59% lower queuing latency com-
pared to static-threshold baselines of on-par throughput. It also
improves end-user quality of experience over static-threshold
baselines. We further show that Titrate reacts swiftly to
bandwidth and traffic changes and offers device-wide benefits.

1 Introduction

Router buffers, where data packets are temporarily stored
to avoid loss during short-lived congestion, are ubiquitous
in the Internet and essential for performance. First, buffers
allow queues to reach full throughput. Critically, buffers
are necessary not only for loss-based congestion control
algorithms (CCAs) that direct the majority of Internet
traffic [33] but also for rate-based and delay-based CCAs that
still need a small (but non-zero) amount of buffer for sustaining
high throughput. Second, buffers improve user experience for

bursty applications such as web browsing and video streaming.
Web services often open multiple flows or use larger initial
windows to quickly grab bandwidth and shorten page load
time [18, 32], hence creating bursts. Similarly, video traffic
is bursty because it transmits data segment by segment.

However, excessive buffering (i.e., using more buffer
memory than necessary to sustain throughput and absorb
application bursts) harms performance. Every unnecessary
packet buffered increases latency for delay-sensitive appli-
cations, delays congestion feedback to senders, and reduces
the buffer’s ability to absorb bursts (which are critical to
application performance). Using more buffer memory than
necessary on one port can even deprive other ports in the same
router of the buffer memory they need for full throughput or
burst absorption, as buffer memory is shared [6, 7].

Unfortunately, ensuring that a queue on an Internet router
operates at its ideal point (i.e., using just sufficient buffer
memory to sustain throughput and absorb application bursts)
is extremely challenging. This ideal point varies wildly across
different queues, because it depends heavily on the queue
composition, that is, the specific set of flows the queue carries.
CCAs, round-trip times (RTTs), and application behavior
are only a subset of factors influencing queue dynamics
and, consequently, where the ideal point is. This is further
complicated by the fact that queue compositions on the
Internet are both highly diverse and constantly changing.

Existing approaches perform well only for a narrow
set of queue compositions, which naturally lead to more
predictable queue dynamics, but they fail to generalize to the
diverse and unpredictable queues seen in Internet routers. For
example, buffer-sizing theory [12, 31, 39] can estimate the
buffer needs of a queue when it carries only flows running
a single, well-defined CCA. Buffer sharing solutions [8, 9]
that calculate queue thresholds are designed for datacenters
where queue compositions tend to be less diverse due to
clear traffic classification or/and a limited set of transport
protocols. L4S [13] sidesteps the diversity and unpredictability
of queue dynamics by assuming that traffic can be split into
two homogeneous queues with predictable behavior—yet



this relies on accurate end-host marking. On the open Internet,
this is difficult to guarantee, and even a single mis-marked
flow can undermine the intended benefits of low latency.
Earlier AQMs such as Codel [26] and PIE [36, 37] address
the problem head-on but were designed at a time with much
less CCA diversity and even less traffic altogether. As a result,
they do not generalize to the more complex and varied queue
dynamics found in the modern Internet.

In this paper, we take a first-principles approach to
determining the threshold (i.e., the maximum allowable
queue length) that enables a queue to operate at its ideal
point, achieving full throughput with minimal latency while
accommodating application bursts. We introduce Titrate,
a closed-loop controller that continuously infers how the
current threshold affects queue behavior—and, by extension,
flow performance—by sensing queue dynamics, and adjusts
the threshold accordingly. Designing such a controller is
inherently challenging. Queue dynamics on the Internet
are highly diverse, noisy, and often ambiguous, making it
difficult to determine how to adjust the threshold. Adding
to the complexity, the ideal threshold that the controller
aims to maintain shifts constantly with the ever-changing
queue composition. A sluggish control loop may fail to find
appropriate thresholds in time before the queue composition
changes, while an overly aggressive loop can induce instability
and oscillations. To address these challenges, Titrate obtains
a more comprehensive view of queue behavior by monitoring
both the minimum queue length and the duration of zero-queue
periods only after packet drops. Drawing inspiration from TCP,
Titrate adjusts the queue threshold following a multiplicative-
increase, additive-decrease strategy and also incorporates
an ssthresh-like variable to balance rapid convergence with
long-term stability. Finally, Titrate treats traffic bursts as
outliers, allowing them to pass without perturbing the state of
the control system. Importantly, Titrate is designed to operate
effectively across a wide range of queue compositions, making
it broadly applicable in Internet settings.

Both ns-3 simulation and Internet experiments 1 demon-
strate that Titrate achieves high throughput, low latency
and effective burst absorption across a wide range of queue
compositions. Ns-3 simulation shows that across diverse,
realistic traffic mixes, Titrate achieves 38.49% 2 and 13.62%
higher minimum throughput than CoDel and PIE, respectively.
Enforcing a static threshold of one bandwidth-delay-product
(BDP) achieves the same throughput as Titrate, but Titrate
reduces queuing latency by 59.04%. Furthermore, on devices
with small buffer memory, Titrate offers throughput improve-
ment and a staggering 90.36% reduction in burst completion
time, compared to DT, the default buffer management mech-
anism on routers today [7, 8, 17, 19]. Titrate also swiftly and

1Our artifacts have been made publicly available at https:
//github.com/AnnZhouCcc/Titrate.

2The next three numbers (this included) are a combined result from Figure
8 and Figure 9 for comprehensiveness.

efficiently adapts to changing network and traffic conditions.
Additionally, our testbed evaluation on Internet video traffic
and file downloads has shown that Titrate offers better
end-user quality of experience across a wide range of Titrate
parameterizations than even well-configured static thresholds.
Why bother and why buffer? We acknowledge two points
of skepticism that may concern the reader, and address them
directly. The first is that congestion is no longer a pressing
issue in today’s Internet, and hence buffers rarely fill to
the point that affects latency. However, the exponential
growth of data traffic continues to push the limits of network
infrastructure, making congestion not just possible but
inevitable. Scaling up bandwidth is theoretically feasible, but it
incurs significant cost, borne by ISPs that do not directly profit
from application-level performance gains. Consequently,
continual upgrades are economically unsustainable, as
illustrated by peering disputes [3]. Overprovisioning buffers
may temporarily mask the problem, but introduces substantial
latency, energy consumption, and operational overhead. Worse
yet, deep buffers are increasingly impractical due to hardware
constraints and limits imposed by Moore’s Law [30].

The second point is that people may think that the
throughput-latency tradeoff is best left to end-host CCAs. Yet
in shared networks, buffer contention across flows leads to a
tragedy of the commons. This is not hypothetical: TCP Cubic,
despite its age, remains dominant [33], prompting newer CCAs
to become more aggressive in order to remain competitive.
Meanwhile, end hosts lack sufficient visibility into in-network
conditions, and the diversity of queue dynamics makes
effective decision-making even harder for them. Introducing
adaptive, in-network mechanisms offers a complementary
path forward—making performance more predictable and
robust under realistic Internet conditions.

2 Motivation & Related Work

To motivate the need for a scheme that controls queue lengths
at Internet routers, we begin with describing a concrete pain
point faced by network operators. We then distill the key
properties that a solution must satisfy and explain why existing
approaches fall short.

2.1 Motivating Example
Consider an operator of an edge network who observes their
border-gateway router being increasingly more congested in
multiple ports at a time, a direct consequence of the ever-
increasing volume of Internet traffic. What is more alarming
is that during congestion, the quality of experience plummets:
there is excessive queuing delay, bursts are severely dropped,
and even throughput on some ports can suffer due to buffer
pressure [10]. While upgrading bandwidth would solve the
problem, it is not a sustainable solution, and while upgrading
to deeper buffers could reduce drops, it will further degrade

https://github.com/AnnZhouCcc/Titrate
https://github.com/AnnZhouCcc/Titrate
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Figure 1: Under-buffering leads to throughput loss (Left) while
over-buffering leads to queuing delay (Right).

latency. Asking senders to be less aggressive or to mark their
traffic to facilitate prioritization is unrealistic, as an operator
neither controls nor trusts them. The only practical option for
the operator is to constrain each queue’s growth by setting up a
threshold. Doing so should eliminate long queuing delays, alle-
viate buffer pressure and leave the buffer ready to absorb bursts.

While intuitive, naively setting up a threshold can backfire
on the operator, as both over- and under-buffering are detri-
mental to performance. As an illustration, consider the simple
example in Figure 1 showing the same queue with two different
thresholds. When the threshold is 20KB, throughput is only
84%, as there is not sufficient headroom to keep the link busy
when senders ramp up their windows (Figure 1 (Left)). When
the threshold is 200KB, a standing queue of 8ms (marked in
orange) is formed, causing unnecessary delay on the order of
the flows’ RTT for packets in this queue (Figure 1 (Right)).

Clearly, there exists a threshold that avoids both over- and
under-provisioning for the queue in Figure 1. However, that
threshold differs depending on the queue composition. Queues
do not occupy a fixed amount of buffer over time; instead, their
length fluctuates with the flows’ aggregate congestion win-
dow [12,31]. As buffer sizing theory [12,24,31] points out, the
ideal queue threshold just accommodates queue oscillations,
ensuring high throughput while minimizing queuing latency.
In Figure 2, we demonstrate the queue oscillations over time
for four queues of different compositions (in terms of CCAs,
RTTs and number of flows) under a fixed threshold (which is
sufficiently large for full throughput). We observe that queue
oscillations vary drastically in amplitude and frequency even
across these four queue compositions, which represent only
a small subset of queue diversity seen on the Internet. Con-
sequently, the ideal queue threshold, i.e., the minimum buffer
memory required to accommodate these queue oscillations
(marked in orange) also varies, making it challenging to decide
on a single threshold for arbitrary queue composition.

2.2 Requirements
The previous example reveals the need for a scheme that
controls queue lengths and satisfies three key requirements:
(i) performance; (ii) generality; and (iii) practicality. Perfor-
mance refers to the need for high throughput, low latency and
effective burst absorption for supporting the diverse Internet
applications. Over- and under-buffering would fail this require-
ment. Generality refers to the need for supporting queues of
arbitrary compositions without prior knowledge. Finally, prac-
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Figure 2: Queue dynamics vary drastically, in both oscillation
amplitude and frequency, depending on CCAs, RTTs and number
of flows. Consequently, the minimum buffer required by each queue
for full throughput and low latency (marked by the orange arrows)
also varies drastically across the four queue compositions.

ticality refers to the need for a scheme that requires neither
hardware upgrades nor end-host cooperation (e.g., marking).

2.3 Limitations of Existing Work

Multiple lines of prior work have looked into managing
queues. We will discuss how they fail to adequately address
the problem and meet our requirements above.
Analytical solutions require perfect knowledge of queue
compositions and do not generalize to arbitrary queues.
Buffer sizing theory [12, 24, 31] analytically derives the
ideal thresholds for queues to achieve high throughput
with minimum latency. However, these derivations require
precise knowledge of the queue composition and, in practice,
only work for queues that carry flows using a single, well-
documented CCA. Queues at Internet routers, however, carry
flows using highly diverse and often undocumented CCAs,
making it impractical to model them precisely and derive
thresholds analytically. Even if some approximate modeling
was adequate to derive meaningful thresholds, re-calculating
thresholds on-demand to follow the dynamically changing
composition of queues is not realistic.
Grouping traffic into homogeneous queues is useful but
of questionable practicality, hence orthogonal to this work.
Recognizing the challenges of controlling queues of arbitrary
composition, many works sidestep the problem by splitting
traffic into queues of more constrained compositions and
then controlling these homogeneous queues. This approach
is particularly effective in datacenters, where traffic is more
controlled and splitting traffic into queues of pre-constrained
compositions is possible. Recent buffer sharing algorithms
designed for datacenter settings [8, 9] improve upon DT [17]
(the default buffer management scheme) by tailoring controls
on each queue of pre-constrained compositions to that
particular composition. Indeed, ABM [8] assumes queues
of pre-determined CCAs that are of either high priority,
meaning they only see bursts, or low priority, meaning they
are composed of long flows that need throughout.3 Similarly,

3The single queue setting in ABM still assumes a flow classifier.
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Figure 3: Because of its simplistic assumptions about queue dynamics,
CoDel suffers from severe throughput loss when the average flow
RTT in the queue increases (Left) and from queuing latency inflation
when the number of flows in the queue increases (Right).

Reverie [9] assumes queues of lossy and lossless traffic. While
similar approaches exist for Internet queues, their practicality
is questionable. For instance, L4S [13] assumes that hosts will
correctly mark their L4S-enabled flows, and the L4S-enabled
flows will be isolated in a separate queue to avoid latency
inflation in the dual-queue AQM system. However, just a
single mis-marked non-L4S-enabled flow can substantially
degrade the performance of the L4S queue (see Figure 11).
Traditional AQMs rely on rigid heuristics for identifying
standing queues, which do not generalize. Active queue man-
agement schemes (AQMs) can deliver high throughput and low
latency, but rely on simple heuristics to detect over-buffered
queues, which only work for specific compositions that cre-
ate specific queue dynamics. As a result, such solutions do
not generalize to arbitrary Internet queues, as we show in §5.2.
Next, we discuss a few representative AQMs in more detail and
explain how their assumptions on queue dynamics fall short.

RED [21], the well-known AQM that drops packets when
the average queue size exceeds a preset target, implicitly
assumes that any queue with a larger average queue size
is over-buffered. It requires very careful parameter tuning
for different network conditions and thus poses significant
challenges in deployment [26, 36, 37]. Moreover, RED
controls queue length rather than queuing latency directly,
and can be problematic on ports with multiple queues whose
bandwidths can vary. PIE [36] is another AQM that detects
the onset of congestion based on whether the queuing latency
is above a preset target and whether the latency is increasing
or decreasing, and drops packets accordingly. Similarly, PIE
assumes that a good queue should not have queuing latency
beyond target, but as previously discussed, queues with
different traffic compositions exhibit remarkably different
queue dynamics, making a one-size-fits-all target value overly
simplistic and potentially ineffective. PI2 [20] improves PIE’s
control law and stability, but still relies on a single target delay.

CoDel [26] improves upon RED and drops packets when the
minimum packet sojourn time exceeds target for interval time.
However, this assumption of good queue dynamics fails to
generalize too. As Figure 3 (Left) shows, throughput decreases
as RTT increases. This happens because large-RTT flows
induce larger oscillations, so the minimum packet sojourn
time stays above target for longer even when the queue is
healthy. However, CoDel’s rigid assumption on good queue
dynamics deems this problematic and over-controls the queue,

leading to throughput loss. Furthermore, CoDel’s control law
is ineffective for queues with many flows. In Figure 3 (Right),
queuing latency increases as the number of flows increases.
This happens because a queue with many flows needs more
packet drops than a queue with a single flow to inform a signifi-
cant proportion of the senders to slow down. CoDel’s baked-in
control law assumes a particular response in queue dynamics to
its actions, so under many senders, it misestimates the amount
of packet drops needed for the senders to back off and fails to
control queue growth. COBALT [35] improves CoDel’s con-
trol law and reduces the latency inflation for queues with more
flows. But it still suffers from the same issue of throughput
loss with longer-RTT flows (see Figure 18 in Appendix 8.1)
and sometimes even with short-RTT flows (see Figure 8).

3 Titrate Overview

Having explained why controlling queues of arbitrary
composition is challenging and unresolved by existing work,
this section provides an overview of Titrate. We start by
discussing the insights that drive Titrate’s design (§3.1) before
providing an end-to-end view (§3.2).

3.1 Challenges & Insights
From first principles, our goal is to design a control loop
that dynamically adapts the queue threshold to achieve full
throughput with the smallest possible buffer memory while ab-
sorbing bursts. To do so, we need to answer three fundamental
questions: (i) What should the control system sense, and how
should it interpret those signals to infer the effect of the current
threshold on queue performance? (ii) How should the thresh-
old be adjusted to strike a balance between responsiveness
and stability? (iii) How can the system distinguish and ignore
noise, i.e., signals that are unrelated to the control variable?
Next, we highlight our insights for answering these questions.
Jointly monitoring zero-queue duration and minimum
queue length offers a comprehensive view of throughput
and latency for any queue. (§4.1) It is crucial to understand
how a threshold affects a given queue before deciding how
to adjust it. While switches expose many runtime statistics
e.g., enqueue/dequeue rates, queue occupancy, not all of these
signals are informative or reliable, and none alone provides
unambiguous feedback for the performance of arbitrary
queues. For example, minimum queue length does not capture
the severity of throughput loss, while total packet count or
average queue length cannot identify a standing queue causing
unnecessary delay. Instead, Titrate monitors both the duration
of queue length reaching zero for a fine-grained estimation of
throughput, and whether the minimum queue length exceeds
a conservative safe threshold (e.g., 2MTU) for detecting
standing queues.
Collecting feedback just after a packet drop filters out
noises and improves signal quality. (§4.1) Queue dynamics



are affected by factors beyond the threshold adaptations,
which are effectively noise from the perspective of the control
loop and need to be distinguished from genuine sender-side
feedback to threshold adaptations. Such factors include
bandwidth fluctuations on downstream links and application-
level throttling. For example, extended zero-queue duration
may occur either because the threshold is too low and hurts
throughput, or because the senders have little data to transmit.
Hence, reacting to the zero-queue by increasing the threshold
may cause unnecessary oscillations. To increase the chances of
collecting genuine feedback, Titrate only monitors signals after
observing a packet drop. Critically, a drop affects how senders
view network conditions and thereafter affects the performance
of the queue. By collecting feedback just after drops, Titrate
can capture the reaction of the senders to the current threshold.
This design choice has an interesting and useful implication for
self-controlled queues such as those under latency-sensitive
CCAs. Because Titrate is triggered by drops, it does not
interfere with flows that eagerly identify the maximum rate
they can send at without causing unnecessarily long queues.
Multiplicative-increase-additive-decrease and keeping an
ssthresh-like variable ensure fast yet stable convergence
to the right threshold. (§4.2) Having gained an accurate un-
derstanding of how a threshold performs, the next challenge
for our control loop lies in dynamically adjusting the threshold
such that it can quickly respond to performance issues without
risking stability. Blindly making large adjustments risks over-
shooting which induces oscillations and might prevent conver-
gence, while always making conservative, small adjustments
risks slowing down convergence or/and dooming the system to
chronic under-performance as network conditions evolve. We
observe that not all threshold adjustments carry the same risk
nor urgency. Hence, Titrate adjusts more aggressively when in-
creasing the threshold (lower risk) to avoid hurting throughput
(higher urgency) and more conservatively when decreasing
it (higher risk) to avoid unnecessary delay (lower urgency).
Specifically, if the queue remains at zero length for an extended
period after experiencing drops, Titrate can safely infer that the
threshold is too low and increase it multiplicatively to rapidly
restore performance. In contrast, if the minimum queue length
is high, Titrate cannot infer conclusively whether the thresh-
old is too high, as the queue length might drop further given
more time. To avoid overreacting, Titrate applies an additive
decrease, cautiously lowering the threshold while maintaining
stability. This is a parallel design principle to TCP, where a
packet loss is a less ambiguous signal than the reception of a
single acknowledgment and avoiding congestion collapse is
a more important target than increasing the sending rate.

Meanwhile, while stability is important, reducing the
threshold too slowly can lead to unnecessary queuing and
increased application latency. To mitigate this, Titrate
maintains a state variable analogous to TCP’s slow-start
threshold (ssthresh). Instead of always applying an overly
cautious additive decrease, Titrate rapidly decreases threshold

Have dropped a packet?

Yes No

Is a monitoring interval active?

Yes No

Zeroqd == 0?

Yes No

Minq > 2MTU?

Yes No

Thres is good

Thres is good

Thres is good

Thres *= w/(w-zeroqd)

Thres -= 1MTU

Monitoring for zeroqduration & minq

Zeroqduration == 0?

(a) Titrate framework

Have sent traffic?

Yes No

Yes No

Zeroqd == 0?

Yes No

New ACK?

Yes No

Cwnd is good

Cwnd is good

Cwnd /= 2 or cwnd = 1MTU

Cwnd += 1MTU

Monitoring for timeout & ACK

No timeout or dup ACK?

(b) (Simplified) TCP framework

Figure 4: Titrate faces challenges similar to TCP in interpreting and
responding in a noisy environment, so it adopts a similar framework.
We omit MI-thresh and ssthresh for clarity.
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Figure 5: Illustrations of how the threshold changes based on the
zeroqduration and minq signals on a fixed-length monitoring interval.

until it reaches "ssthresh" and then switches to additive
decrease, allowing it to balance responsiveness with stability.
Ignoring temporary spikes in queue lengths helps absorb
bursts without affecting the control system. (§4.3) In
addition to accommodating queue oscillations to deliver
full throughput, buffer also plays a vital role in absorbing
application spikes (bursts) to deliver low application latency.
However, bursts are random, non-actionable feedback, so
they should be absorbed without confusing the control system
(i.e., without being misinterpreted as signals that warrant
threshold changes). We observe that application spikes
appear as outliers in their queue length patterns, as they are
typically shorter-lived than queue oscillations from long-lived
flows. Hence, instead of precisely detecting them, Titrate
ignores them using a lightweight outlier filter. We believe
this approach is more practical for the Internet compared
to isolating bursts on an independent queue after detecting
through per-flow runtime statistics (e.g., IB [11, 40]).

3.2 Lessons from TCP & Design Overview
Figure 4a illustrates how Titrate determines the queue thresh-
old). When a packet is dropped, Titrate starts a monitoring
interval if no interval is currently active. During the monitoring
interval, Titrate keeps track of the duration of queue length
being zero (zeroqduration) and the minimum queue length
(minq) (§4.1). At the end of the monitoring interval, Titrate
first checks whether zeroqduration is zero. If it is non-zero
(i.e., the queue drained at some point after the drop), Titrate
increases the threshold multiplicatively, in proportion to a ratio



between interval length and zeroqduration. If zeroqduration
is zero and minq is larger than 2MTU, Titrate decreases the
threshold additively. Otherwise, Titrate leaves the threshold
unchanged (§4.2). To absorb bursts, Titrate only drops a packet
if the filtered average queue length (or effective queue length,
EQlen) and instantaneous queue length are both above the
queue threshold (§4.3).

Titrate as a control system draws inspiration from TCP, as
Figure 4 illustrates. Titrate observes queue dynamics to decide
the threshold for each queue, as TCP observes congestion sig-
nals to decide the congestion window for each flow. They face
similar challenges in interpreting extremely noisy environment,
deciding how to respond and balancing agility and stability. As
a result, they react to different signals by gauging a risk/urgency
(throughput loss for Titrate vs congestion collapse for TCP)
to performance gains (higher sending rates for TCP vs lower
average latency for Titrate). They also react more decisively to
some signals (zero-queue duration for Titrate vs packet loss for
TCP) than others that might need more time (minimum queue
length for Titrate vs receiving an ACK for TCP).

4 Design

This section delves into the design details of Titrate’s control
system: the signals it senses (§4.1), the interpretations it
derives from the signals (§4.2) and lastly, the resulting actions
(§4.3). We discuss Titrate’s practicality in §4.4 and its design
parameters in Appendix §8.3.

4.1 Signals
Monitoring multiple signals. Switches have the unique
capability of observing queue statistics during runtime. With
the right signals, we can gain an accurate understanding of
how throughput and queuing latency perform in response
to the current threshold. In Titrate, we monitor (1) the total
duration when queue length reaches zero, or zero queue
duration (zeroqduration), for throughput and (2) the minimum
queue length (minq) for queuing latency. Both signals satisfy
three properties that make them appropriate signals to sense:
fine-grained, bandwidth-independent and queue-independent.
A fine-grained signal indicates the severity of performance
degradation rather than just its existence, and informs
how large a threshold adjustment to make. A bandwidth-
independent and queue-independent signal has universal
target values that do not vary across different bandwidth
links or queue compositions, allowing the scheme to work
across diverse scenarios. Table 1 in Appendix 8.2 presents two
sets of candidate signals for throughput and queuing latency,
respectively, and demonstrates how zeroqduration and minq
meet all three requirements while others do not.

Using both zeroqduration and minq creates a tension in
choosing the monitoring interval. While both need to be
aggregated over a reasonable interval, zeroqduration prefers

a shorter interval so that once it is non-zero, we can recover
from the throughput loss fast; on the other hand, minq prefers
a longer interval so that we can aggregate over more data for a
more reliable minq signal. In Titrate, we navigate this tension
by implementing an optimization that triggers an additional
monitoring interval if zeroqduration = 0 i.e., no throughput
loss has incurred when the first interval ends. At the end of the
second monitoring interval, we follow normal procedure and
react to either throughput loss from the second interval or a
more reliable minq signal that is aggregated over two intervals.
Drop-triggered monitoring. The network is a fundamentally
noisy environment with many concurrent, unpredictable
events. Gaining an accurate understanding of a threshold’s
performance crucially depends on sensing genuine feedback
instead of network noises e.g., non-threshold-induced events.
In Titrate, we start a monitoring interval upon a packet drop
if no interval is currently active, to maximize our chances of
observing feedback from senders on the current threshold.
At most one monitoring interval can be active at any time.
Packet drops are a useful trigger because most senders, upon
detecting a packet drop, make some interpretations out of this
drop event and adapt their sending rates accordingly. Thus, by
monitoring queue dynamics immediately after a drop, Titrate
can capture how senders respond to the threshold after actually
learning about where the threshold is. This strategy works
well for drop-reactive senders (e.g., flows running loss-based
CCAs like Cubic). For non-drop-reactive but latency-sensitive
senders (e.g., flows running delay-based CCAs like Copa) that
naturally keep their buffer usage small, Titrate does not inter-
vene by design. For non-drop-reactive and buffer-aggressive
traffic (e.g., UDP flows), Titrate monitors after drop events
and observes that high throughput persists even under small
buffers, and consequently reduces their queue thresholds.
RTT-independent monitoring duration. The monitoring
duration is set to be a constant independent of the average flow
RTTs in a queue. As Figure 5 shows, packet drops often occur
in succession as sender detection and reaction take time, and
some senders respond only after multiple drops. Consequently,
after the first packet drop and the monitoring interval starts,
queue length typically hovers near the threshold for a short
period. If this process takes less than the monitoring duration,
we observe the sender response within the interval and adjust
the threshold according to either minq (Figure 5a) or zeroqdu-
ration. If this process takes longer than a monitoring interval,
we would have started a new monitoring interval and captured
the sender response in that later interval (Figure 5b). While it is
still possible to miss the sender response if the hovering takes
even longer, we find that in practice a constant monitoring
duration performs well across diverse queue scenarios.

4.2 Interpreting the Signals
Direction of threshold adjustment. At the end of each
monitoring interval, we observe zeroqduration and minq
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and first determine whether to adjust the threshold, and if so
in which direction. Titrate leaves the threshold unchanged
when it infers both high throughput and low latency i.e., when
zeroqduration=0 (the queue never drains) and minq≤2MTU
(the minimum queue is small). If zeroqduration > 0, the
queue has already suffered throughput loss, indicating that
the threshold is too low, so we increase it. Otherwise, when
zeroqduration = 0 and minq > 2MTU , we infer a standing
queue and decrease the threshold.
Magnitude of threshold adjustment: multiplicative-
increase-additive-decrease (MIAD). The size of each thresh-
old adjustment in a given direction is crucial for converging to
the ideal threshold quickly. Blindly taking large adjustments
risks overshooting and inducing oscillations around the target
threshold, prolonging performance degradation. However,
small adjustments can be too conservative to recover quickly
from performance degradation. The key insight that enables
Titrate to converge to the ideal threshold quickly is that
different adjustments carry different risks and we are more
conservative with higher-risk adjustments and more aggressive
with lower-risk ones. zeroqduration > 0 is an unambiguous
signal suggesting that the threshold is too low, and thus we
increase the threshold more aggressively. On the other hand, a
minq signal is less conclusive in suggesting whether the thresh-
old is too high or not, given that the minq value could decrease
further with a longer monitoring duration. Thus, we decrease
the threshold by a small value. Figure 6 compares different
threshold adjustment strategies, including a proportional-
integral (PI) controller, in response to zeroqduration and minq
signals across four different queues. AIAD is conservative with
both threshold increase and decrease, incurring high queuing
latency for queues A,B,D due to conservative threshold de-
crease and also throughput loss for queue C due to conservative
threshold increase. Both MIMD and AIMD are aggressive with
threshold decrease and incur low throughput. The PI controller
achieves decent performance but still incurs mild throughput
loss for queue C and longer queuing latency for others.

Moreover, we increase the threshold proportional to
how much throughput loss has occurred, as indicated by

the value of zeroqduration. Specifically, given a moni-
toring interval of length w and a zeroqduration signal of
value x, x > 0, we increase the threshold multiplicatively:
thresnew=M∗thresold ,M=cinc∗ w

w−x , where cinc is a constant
(Appendix §8.3). This formulation of M has three useful
properties. First, for x>0, M>1, ensuring that we will always
increase the threshold when throughput loss is observed. Sec-
ond, M increases with x; when x is small (little throughput loss),
the threshold increase is small, whereas when x approaches
w (severe throughput loss), M becomes large and the threshold
increase is also large. Third, M is convex in x, ensuring that
as throughput loss worsens and x increases, M grows more
than linearly to quickly recover from the throughput loss. In
comparison, we decrease the threshold conservatively by a
small value : thresnew = thresold−cdec∗1MTU where cdec is
a constant (Appendix §8.3).
Speeding up the additive-decrease: MI-thresh. The current
threshold can be arbitrarily far from the ideal, so always de-
creasing it by a fixed cdec ∗1MTU is suboptimal, especially
when we have high confidence that the current threshold is con-
siderably larger than the ideal. Titrate borrows the idea from
TCP’s ssthresh that we keep track of an estimate of a safe thresh-
old, termed MI-thresh, above which we believe there is a very
small chance of incurring throughput loss. MI-thresh is calcu-
lated based on thresprevMI , the threshold under which the queue
experiences multiplicative increase the previous time. Specif-
ically, MI-thresh=cthresh∗thresprevMI , where cthresh is a con-
stant (Appendix §8.3). When we decide to decrease the thresh-
old at the end of a monitoring interval, we compare the current
threshold thresold with MI-thresh. If thresold >MI-thresh, set
thresnew=

1
2 (thresold+MI-thresh). Otherwise, set thresnew=

thresold−cdec∗1MTU . This strategy enables fast convergence
when the threshold is clearly too large,while maintaining stabil-
ity nearer the target. Figure 6 compares MIAD with and without
MI-thresh and demonstrates that employing MI-thresh ensures
low queuing latency without compromising high throughput.

4.3 Acting upon the Interpretations
In the previous subsections, we have determined the direction
and magnitude of threshold adjustments based on observed
runtime signals. Next, we discuss how to close the decision
loop of whether to enqueue or drop a packet by comparing the
threshold with the computed queue length.
Computing filtered average queue length: effective queue
length (EQlen). When deciding whether to enqueue or drop a
packet, it is crucial to distinguish bursts from long-lived flows.
Packets in a burst should be enqueued whenever possible
because bursts are transient (therefore do not sustain persistent
queue growth) and are latency-sensitive. In contrast, packets
from long-lived flows are enqueued or dropped according
to the queue threshold. A key challenge here is to correctly
identify true short bursts versus burst-like spikes from
long-lived flows. We must retain these burst-like spikes, since
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Figure 7: Illustrations of how EQlen differentiates between an actual
burst and a burst-like spike of a long-lived flow, allowing the former
to pass but controlling the latter.

they generate drop signals that drive threshold adaptations.
Titrate leverages two characteristics of bursts — (1) they

cause rapid queue build-up and (2) they are short-lived —
and detects bursts as outliers and therefore exempts them.
Concretely, Titrate samples queue length over a window
where burst samples remain a minority, discards any sample
exceeding the window’s simple average by more than a
tolerance, and computes EQlen as the mean of the remaining
samples. This design hinges on the insight that burst-like
spikes from long-lived flows will keep growing and eventually
become the majority in a window. At that point, they inflate
the simple average, cross the threshold and thereafter get
dropped. Fig. 7a shows a burst that will escape thresholding,
while Fig. 7b shows a burst-like spike of a long-lived flow
that will eventually experience packet drops. The window
over which we aggregate queue length data points is of length
t3 − t1 = t4 − t2. At time t3, both the burst and the burst-like
spike are considered outliers, and thus EQlen stays low in
both cases. At time t4, in Fig. 7a, the window is large enough
such that most of the burst queue lengths are categorized as
outliers and excluded from the EQlen computation. EQlen
sees some minor increase, which is below the threshold and
the entire burst is effectively ignored by the threshold and thus
be enqueued in the buffer. In Fig. 7b, however, since the spike
comes from a long-lived flow, the queue length would keep
increasing until most of the spike queue lengths become the
majority in the window and thus be included in EQlen. At this
point, EQlen starts to increase, which eventually crosses the
threshold at time t5. Packets from the flow start to get dropped,
and the queue length starts to decrease, thereby preventing a
spike from a long-lived flow from growing without control.
Avoiding over-penalizing queue spikes. Titrate decides to
drop a packet only when both the instantaneous queue length
and EQlen exceed the queue threshold. We intentionally avoid
dropping based on EQlen alone: an increase in instantaneous
queue length will impact EQlen a few time steps later,
therefore a past queue build-up can keep EQlen elevated even
after the queue itself has subsided. In such cases, when EQlen
is above the threshold but the instantaneous queue length is
below, we do not drop packets, avoiding penalizing the current

traffic for past queue conditions.

4.4 Practicality
While the switch MMU is not open to programmers even on
programmable switches [38], Titrate can be implemented
today by vendors with appropriate access on existing hardware.
Next, we explain that Titrate’s hardware requirements
are on-par or lower than other approaches that have been
implemented or considered practical.

Titrate needs access to the minimum queue length, which is
similar to CoDel’s minimum packet sojourn time, and to zero
queue duration, which is accessible e.g., by setting the high and
low thresholds of LANZ [2] (Broadcom backend) to 0. Titrate
updates thresholds only every few hundred milliseconds (i.e.,
once per monitoring interval), far less frequently than DT
and ABM, which update on every packet arrival. Titrate also
computes a modified moving average of queue lengths, which
is already used by AQMs e.g., RED [21]. Critically, because
Titrate is queue-local, it is easier to implement than buffer
management schemes e.g., ABM [8] or even DT [17]: Titrate
does not require access to the device-global unoccupied buffer
size (needed by both DT and ABM) or to the number of active
queues of the same priority across all ports (needed by ABM).

5 Simulator Evaluation

We evaluate Titrate in packet-level simulation with ns-3.34 [4].
We compare with state-of-the-art AQMs that operate on a
single queue, CoDel [26], COBALT [35] and PIE [36], for
queue-level benefits, and status-quo buffer management
scheme DT [17] for device-level benefits. We show that: Titrate
achieves high throughput, low latency and effective burst ab-
sorption for diverse queue compositions (§5.2). Titrate offers
device-wide benefits: by reducing buffer usage per port, it frees
shared memory so multiple ports on the device can achieve bet-
ter performance under load (§5.3). Titrate adapts to dynamic
traffic and network conditions swiftly and efficiently (§5.4).

5.1 Methodology
Topology. We use a star topology where multiple sending
and receiving servers are connected to one switch. The exact
numbers of senders and receivers will be specified in each
experiment. Each sender sends one flow. We simulate an
output-queued switch that is common in practice [7, 40].
Unless otherwise specified, the device is asymmetric with
2Gbps bandwidth on input ports and 1Gbps bandwidth on
output ports. Each port has one queue. Unless otherwise
specified, we provision 2*BDP4 buffer memory on switch.
Links from the switch to the receivers have 1ms propagation
delay. Links from the senders to the switch mimic real-world
propagation delays and will be specified in each experiment.
Simulation. We use a monitoring interval of length 500ms.

4Port bandwidth multiplied by the average RTT of flows in the queue.



We set cdec = 1, cinc = 1, cthresh = 3. The simulation runs for
200s unless otherwise specified.
Workload. We experiment with long-lived flows and bursty
flows. We vary CCAs for long-lived flows to ensure realistic
and diverse traffic composition, including Cubic [25], BBR
(version 1) [16] and Mix (a mixture of Cubic, BBR, Yeah [14],
Illinois [29], Vegas [15], Htcp [28], Bic [41], Reno [22] and
Scalable [27] according to the ratio reported in the survey
paper [33]). The flow sizes are set to 10GB and the flows ef-
fectively keep sending throughout the simulation. We generate
bursty flows from a dataset of Web traffic running under Cubic,
following prior work [32]. The dataset was generated using se-
lenium [5] to automatically load the Alexa Top-1000 websites
[1] through Google Chrome in November 2023. The burstiness
mostly comes from loading different objects on the webpage.
Baselines. We compare Titrate with CoDel [26],
COBALT [35], PIE [36], a static threshold at 1*BDP
(Static) for queue-level experiments, and with DT [17] for
device-level experiments. We configure CoDel and PIE
with the RFC-recommended defaults [34, 37], and configure
COBALT with ns-3’s default parameters. We use α = 1 for
DT following Arista [8].

5.2 Performance across Queue Compositions
Titrate ensures high throughput and low latency for a wide
range of queues. We experiment with nine queue composi-
tions that differ in RTT, CCA and number of flows: flows in
the queue are of 50ms (SmallBDP) or 300ms (LargeBDP)
RTT; the CCAs of the flows are Cubic only, BBR only or Mix;
the number of flows is randomly selected from a range and the
range is 10 to 50 for (S) and 500 to 1000 otherwise. For each
composition, we randomly generate five queues and report
their average throughput and queuing latency with an error
bar showing the minimum and maximum in Figure 8. Across
a wide range of queue compositions, Titrate achieves high
throughput and low latency simultaneously, outperforming
CoDel, COBALT, PIE and Static. In particular, the minimum
throughput of Titrate is 38.49%, 32.21% and 13.62% larger
than that of CoDel, COBALT and PIE. Titrate has a compara-
ble throughput with Static (about 0.1% difference on average)
but incurs 58.66% less queuing latency. CoDel, COBALT and
PIE make simplistic assumptions on queue dynamics and thus
are unable to effectively control queue growth while keeping
high throughput across diverse queue compositions. Static
uses as much buffer memory as possible, thus ensuring the
highest possible throughput but sacrificing queuing latency.

We also reproduce the canonical queue composition for
CoDel, COBALT and PIE: a queue with only a small number
of Cubic flows of an average 50ms RTTs and summarize our
results in Figure 9. As expected, CoDel, COBALT and PIE
perform very well. Notably, Titrate too performs well in this
case with an equally high throughput and a queuing latency
higher than CoDel and COBALT but lower than PIE.

Titrate effectively absorbs bursts. We experiment with
20 randomly selected web traces (i.e., bursts) from the Web
traffic dataset, which have variable burst size and rate. The
experiment is run with background traffic of Mix flows of 50ms
average RTT. The number of background flows is randomly
selected between 500 and 1000. Figure 10 shows the CDF of
burst completion times and the number of drops in the bursts.
Titrate reduces the average burst completion times by 3.36%,
57.75%, 36.86% and 27.51% compared to CoDel, COBALT,
PIE and Static, respectively. This highlights the effectiveness
of Titrate in absorbing bursts. In addition, compared to Titrate
(No EQlen), Titrate reduces the average burst completion times
by 58.98%. This verifies the effectiveness of EQlen in allowing
bursts to escape thresholding and enqueue into the buffer.
Titrate is resilient to marking errors. To compare with L4S,
we experiment with two scenarios running 50ms-RTT flows. In
(S), the queue has a small number of flows (randomly between
10 and 50 flows); in (L), the queue has a large number of flows
(randomly between 500 and 1000 flows). To enable L4S in ns-3,
we run DCTCP under “L4S service” and CUBIC under “Clas-
sic service”. In Titrate, both types of flows go to the same queue,
while in the L4S scheme, flows go to two queues according to
the dualQ scheme. Figure 11 reports the throughput and aver-
age queuing latency over five random trials for three schemes:
Titrate, L4S with correct markings, and L4S with only one sin-
gle mismarked flow i.e., one Cubic flow is incorrectly marked
to be in the "L4S service". With correct markings, L4S unsur-
prisingly achieves high throughput and low latency, with Cubic
flows contributing almost all latencies. However, introducing
just one mismarked Cubic flow into the L4S class inflates the
queuing delay to 1.86 times and 7.13 times higher than Titrate
in the two scenarios, respectively. In contrast, Titrate does
not rely on marking and therefore is naturally resilient to any
(intentional or unintentional) marking errors at end hosts.
Titrate’s performance scales to higher bandwidth. In
Figure 12, we experiment with a queue of 10 10ms-RTT
Cubic flows with 1Gbps links and 10Gbps links. Figure 12a
shows that with both 1Gbps and 10Gbps links, Titrate
achieves full throughput with low latency, and the latencies are
13.83% and 34.07% lower than CoDel, the strongest baseline
from previous results. Figure 12b further demonstrates
how threshold in Titrate effectively adjusts and reaches the
minimum for high throughput and low latency.

5.3 Device-wide Benefits
Titrate improves throughput for all ports on a device with
small buffer. In Figure 13, we simulate four devices with
2,3,4,5 output ports and 11MB,12MB,13MB,14MB total
buffer memory respectively. Each output port has a single
queue. On each device, port 1 has a queue with 50 Cubic flows
of 300ms RTT on average (longRTT) and all other ports have
queues with 50 Cubic flows of 50ms RTT on average (short-
RTT). We report the average throughput and queue length for
the longRTT queue and across all shortRTT queues on device.
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Figure 9: CoDel, COBALT and PIE perform well for the queue com-
position they were optimized for i.e., few Cubic flows of short RTTs.
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For shortRTT queues, both Titrate and DT achieve full
throughput but Titrate uses 68.13% less buffer memory. As
a result, the longRTT queue in Titrate can use more buffer
and thus achieve a high throughput of 98.07% on average.
In comparison, in DT, all queues have identical thresholds,
and the longRTT queue can only achieve 92.21% throughput
on average. A more concerning observation is that with DT
the longRTT queue is even shorter than the shortRTT queues
because of its larger drop rate. In addition, as the number
of shortRTT queues increases and the buffer contention on
device intensifies, the throughput of LongRTT queues further
degrades. As queue compositions are dynamic, statically
changing DT’s configuration to reduce buffer usage of specific
queues (same as statically configuring thresholds), is risky
for performance. This longRTT vs shortRTT experiment
illustrates Titrate ’s advantage on shared-buffer switches: by
tailoring thresholds to each queue’s needs, Titrate allocates
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Figure 12: Titrate outperforms CoDel (the strongest baseline) with
both 1Gbps and 10Gbps links, demonstrating that Titrate keeps its
performance advantage with higher-bandwidth links.

buffer where it is most effective, which is especially valuable
on small-buffer devices with buffer contention. The same
benefit extends to other heterogeneous queue mixes.
Titrate improves burst completion time on other ports
sharing the device. In Figure 14, we simulate four devices
with 12MB,16MB,20MB,24MB total buffer memory, respec-
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Figure 14: Titrate keeps queues to the minimum buffer needed for
full throughput, and thus leaves more space in the shared buffer for
bursts on other ports of the same device.

tively. Each device has two ports and a single queue per port.
Port 1 has 50 Cubic flows of 50ms average RTT. 20 seconds
into the simulation, Port 2 sees 10 consecutive bursts, drawn
randomly from the Web traffic dataset, with Poisson arrival
of rate 0.1. Across all devices, Titrate drops no packet and
thus achieves the smallest possible burst completion time of
76.53ms. In comparison, DT achieves a burst completion time
of 76.53ms with 24MB buffer memory, but this jumps to a
staggering 793.70ms with 12MB – more than 10 times higher!
This is because both Titrate and DT achieve full throughput in
port 1, but Titrate uses 81.47% less buffer than DT on average
across devices. This way, Titrate leaves more room for flows
actually in need of more buffer space – in this case, the bursts
on port 2. This again highlights the importance of Titrate’s
ability to cater to individual queue needs, especially when
working with small-buffer devices.

5.4 Adaptability to Dynamic Network & Traffic
Titrate adapts to changing available bandwidth swiftly
and efficiently. Available bandwidth to a queue can change
dynamically in the Internet. Figure 19 in Appendix 8.4 plots
the variation in queue lengths over time when the available
bandwidth to a queue with 500 Mix flows of an average RTT
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Figure 15: Titrate adapts to changing available bandwidth swiftly
and efficiently.
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Figure 16: Titrate achieves high throughput and low latency with
dynamic traffic.

of 300ms changes. Titrate adjusts its queue threshold swiftly
with the changing network conditions, decreasing threshold
when it sees an opportunity to do so while maintaining a high
throughput across bandwidth changes. Figure 15 reports the
average throughput and queuing latency for the four intervals
with different bandwidths. Both Titrate and CoDel achieve
high throughput and low latency, while PIE incurs throughput
loss and Static incurs excessive queuing delay.
Titrate achieves high throughput and low latency with
dynamic traffic. We experiment with dynamic traffic. The
simulation runs for 200s and for every 50s, we inject flows of
twice the amount of existing flows and of a random RTT and
Cubic-to-BBR ratio. The exact traffic changes are specified in
Figure 20 in Appendix 8.4, which also plots the queue length
variations over time and shows that Titrate adapts efficiently to
dynamic traffic, achieving 99.65% throughput overall. Figure
16 reports the average throughput and queuing latency for the
four intervals with different traffic. In intervals 2 & 3, we have
more BBR flows which need more buffer, and Titrate increases
the queue threshold and queue length promptly. In interval 4,
the queue’s buffer need decreases, and Titrate enters additive-
decrease. Both CoDel and PIE incur about 10% throughput
loss in interval 1, as they fail to adapt to the traffic condition.

6 Internet Testbed Evaluation
In this section, we validate Titrate in a more realistic Internet
setting and against more realistic traffic, including video. We
demonstrate that Titrate outperforms various static thresholds,
is not sensitive to parameterization and is resilient to changes
in traffic composition.

6.1 Methodology
Topology. We set up the topology shown in Fig. 17a. Five client
nodes connect to the Internet via a single switch node within
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Figure 17: (a) Our CloudLab testbed topology; (b) Titrate in action while 4 clients streaming video and 1 client downloading small files. During the
first 15 seconds, all 4 video clients initialize simultaneously, causing Titrate to increase the threshold fast. Once it achieves high throughput, Titrate
cautiously reduces the threshold to minimize queuing latency; (c) Across parameterizations, Titrate outperforms multiple different static thresholds.
Each data point represents the average metrics for a given parameterization of Titrate or static. Circled stars indicate full Titrate (MI-thresh enabled).

the same CloudLab site in Utah. The queue management logic
in the switch (static or Titrate) is implemented in eBPF with
eXpress Data Path (XDP) packet processing. We test various
configuration of static threshold and Titrate. We use the Linux
tc command to control RTT between the clients and switch.
Workload. Four out of the five clients stream a video using
headless Chromium version 128.0.6613.84 with Python
selenium, streaming the sample "Big Buck Bunny" video
hosted on Akamai by the Dash Industry Forum [23]. The player
is the DashJS sample client with the default configuration.
Because the clients are using DASH, the bitrate (quality) of
the video can change dynamically over time depending on the
client’s prediction of network performance and congestion.
The fifth client requests data sequentially from AWS S3
ranging from 0.1 megabits to 1 megabit, very small file sizes
compared to the amount of data the video streams transmit
(the maximum quality of the a single video stream targets
in our experiments is 12 megabits per second). The other 4
clients stream a video identically to the previous experiment.
All experiments are averaged over 5, 2-minute long trials.

6.2 Results
Titrate adapts thresholds as expected. Figure 17b shows
Titrate in action for a sampled time window of our experiment.
Titrate increases the threshold (measured in MTU) rapidly to
achieve full throughput, which is threatened as new clients
start watching a video in the first 15 seconds. When Titrate
reaches full throughput, it steadily decrease the threshold to
reduce queuing latency.
Titrate achieves a better tradeoff between bit-rate and
flow-completion-time compared to static. Figure 17c
shows the performance i.e., tradeoff between bit rate and
flow-completion-times of various parameterizations of the
static buffer (0.5 BDP, 1 BDP, 2 BDP) and Titrate– variations
are in the monitoring interval length (50ms, 100ms, 200ms).
To get more insights we also run Titrate with MI-thresh
off. Each data point is one parameterization of Titrate or
static. Titrate outperforms the static threshold, even when the

value of BDP is known in advance (flows have a consistent
RTT with little variance), a setting that already favors static.
Critically, Titrate is not highly sensitive to its parameterization,
ensuring that a real-world deployment, even if not perfectly
configured, will maintain good performance. Notably, even
the worst-performing parameterization of Titrate presents a
better tradeoff between bit rate and completion time.
Titrate is resilient to changes in traffic composition, specifi-
cally in RTT. One of the main limitations of static buffer thresh-
olds is their inability to handle changing traffic compositions.
Even if a static threshold is ideal for one scenario, Internet traf-
fic constantly evolves, making any static threshold suboptimal
in most situations. Titrate, by contrast, makes no assumptions
about flow properties, enabling it to better handle variations in
traffic composition. To test this, we compare Titrate and static
thresholds when the RTT of the video streams and the short
flows increase by just 20ms.Averaged across the parameteri-
zations previously discussed, Titrate increases from 686ms to
817ms average flow completion time (19.8% increase), while
static increases from 726ms to 962ms (32.6% increase). While
increasing RTT would typically increase flow completion time,
Titrate adapts to minimize the impact of this RTT increase.

7 Conclusion

This paper presents Titrate, a principled and practical solution
to the longstanding challenge of queue management in
Internet routers. Titrate adapts thresholds based on live
queue dynamics and is shown to consistently achieve high
throughput and low latency in simulation and testbed.
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8 Appendix

8.1 Limitations of COBALT
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Figure 18: COBALT still suffers from severe throughput loss when
the average flow RTT in the queue increases (Left) and reduces
queuing latency inflation when the number of flows in the queue
increases (Right).

8.2 Discussion on Signals to Monitor

Metrics Signals Requirements
FG BI QI

Thpt

sum(pkts) ✓ ✓
sum(bytes) ✓ ✓
min(qlen) ✓ ✓

zeroqd ✓ ✓ ✓

Latency

avg(qlen) ✓
avg(qlat) ✓ ✓

max(qlen) ✓
max(qlat) ✓ ✓
min(qlen) ✓ ✓ ✓
min(qlat) ✓ ✓ ✓

Table 1: Signals for throughput and latency. FG stands for
fine-grained, BI stands for bandwidth-independent, and QI stands
for queue-independent.

Table 1 presents the signal candidates and how they meet
or fail our requirements. For example, minimum queue length
(i.e., min(qlen)) is too coarse-grained to be a good signal
for throughput as it indicates whether we have throughput
loss or not but not how severe the loss is. Packet count (i.e.,
sum(pkts)) has a variable target depending on bandwidth, thus
failing to be a good signal for throughput. Similarly, average
queue length/latency (i.e., avg(qlen)/avg(qlat)) has a variable
target depending on queue compositions, thus failing to be a
good signal for latency. Note that both minimum queue length
and latency (i.e., min(qlen) and min(qlat)) suffice as a signal
for latency and Titrate is indifferent to which one to use.

8.3 Discussion on Design Parameters
We discuss how to set the four parameters in Titrate.
Monitoring interval length. A small interval collects less

information on the severity of throughput loss and aggregates
over fewer data points for a less reliable minq signal; a large
interval can be easily contaminated by noises and prolong
sub-optimal performance e.g., throughput loss.
Decrease/increase step size (cdec,cinc). The two parameters
control how quickly we converge to the ideal threshold. A
larger decrease step size and a smaller increase step size keeps
queuing latency low but can be too aggressive and lead to
throughput loss. On the other hand, a smaller decrease step
size and a larger increase step size keeps throughput high but
can be too conservative and lead to excessive queuing delay.
MI-thresh multiplier (cthresh). A small multiplier is ag-
gressive about where the safe threshold is and can lead
to throughput loss later when decreasing too fast; a large
multiplier is more conservative but essentially does not speed
up the additive decrease.

8.4 Time Series for Adaptability to Dynamic
Network & Traffic
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Figure 19: Titrate adapts to changing available bandwidth swiftly
and efficiently.
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Figure 20: Titrate achieves high throughput and low latency with
dynamic traffic.
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