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Abstract: Internet congestion control focuses on balancing effective network utilization
with the avoidance of congestion. When bottleneck bandwidth and network buffer capaci-
ties are exceeded, congestion typically manifests as packet loss. Additionally, when packets
remain in buffers for too long, a queueing delay occurs. Most existing congestion control
algorithms aim to solve this as a constraint satisfaction problem, where constraints are
defined by bandwidth or queueing delay limits. However, these approaches often empha-
size finding feasible solutions over optimal ones, which often lead to under-utilization of
available bandwidth. To address this limitation, this article leverages Little’s Law to derive
a closed-form optimality equation for congestion control. This optimality equation serves
as the foundation for developing a new algorithm, TCP QtColFair, designed to optimize the
sending rate. TCP QtColFair is evaluated against two widely deployed congestion control
algorithms: TCP CUBIC, which utilizes a cubic window growth function to enhance perfor-
mance in high-bandwidth, long-distance networks and TCP BBR (Bottleneck Bandwidth
and Round-trip propagation time), developed by Google to optimize data transmission by
estimating the network’s bottleneck bandwidth and round-trip time. In terms of avoiding
queueing delays and minimizing packet loss, TCP QtColFair outperforms TCP CUBIC and
matches TCP BBR’s performance when network buffers are large. For effective network
utilization, TCP QtColFair outperforms both TCP BBR and TCP CUBIC. TCP QtColFair
achieves an effective utilization of approximately 96%, compared to just above 94% for TCP
BBR and around 93% for TCP CUBIC.

Keywords: TCP/IP; congestion control; Kleinrock’s principle; Stidham’s optimality; Little’s
law; network optimization; queueing theory; TCP CUBIC; TCP BBR.

1. Introduction

For decades, end-to-end congestion control algorithms (CCAs) have been the domi-
nant approach in Transmission Control Protocol (TCP) congestion control, despite ongoing
criticisms and challenges [1,2]. These algorithms continue to be favored over hop-by-hop
or network-supported mechanisms due to their compatibility with the end-to-end design
principle, which promotes simplicity and effectiveness across diverse networks [3-6]. It is
highlighted in [3] that network-based approaches are often avoided because they introduce
per-connection control complexity within the network infrastructure. Furthermore, in [4] it
is noted that network support is most effective when integrated with end-to-end CCAs,
underscoring the reliance on end-to-end methods even when network-based enhancements
are employed. Additionally, the observation in [7] is that mechanisms like Explicit Con-

Electronics 2025, 14, 263

https://doi.org/10.3390/ electronics14020263


https://doi.org/10.3390/electronics14020263
https://doi.org/10.3390/electronics14020263
https://creativecommons.org/licenses/by/4.0/
https://creativecommons.org/licenses/by/4.0/
https://www.mdpi.com/journal/electronics
https://www.mdpi.com
https://orcid.org/0000-0002-1279-5838
https://orcid.org/0000-0001-6111-5619
https://orcid.org/0000-0002-3703-3637
https://doi.org/10.3390/electronics14020263
https://www.mdpi.com/article/10.3390/electronics14020263?type=check_update&version=1

Electronics 2025, 14, 263

2 of 32

gestion Notification (ECN) can perform poorly in environments with multiple bottlenecks,
further reinforcing the preference for end-to-end approaches.

The widespread adoption of end-to-end CCAs is supported by extensive research,
standardization efforts, and real-world deployments. For instance, a study in [8] found
that the top 20,000 global websites predominantly rely on end-to-end TCP CCAs. A
notable milestone is the standardization of TCP CUBIC [9,10] by the Internet Engineering
Task Force (IETF) [11], reflecting years of iterative improvements, research, and practical
implementations. Recent studies continue to highlight the relevance of end-to-end CCAs
for emerging use cases such as 5G networks and data centers [7,12]. Even newer congestion
control algorithms leveraging Machine Learning (ML), as demonstrated in [13-15], operate
within the end-to-end paradigm. The enduring preference for end-to-end TCP CCAs is
attributed to their inherent scalability, simplicity, ease of implementation, robustness, and
the historical momentum they have gained through widespread use [3,4,6].

However, these algorithms face notable challenges due to the decentralized and
distributed nature of the Internet [6]. In such environments, senders have limited visibility
into real-time network conditions and lack direct coordination with competing flows.
Consequently, end-to-end CCAs must infer congestion and available bandwidth implicitly,
often leading to delayed and inaccurate congestion signals, sub-optimal responses, and
stability issues. Despite numerous enhancements, many end-to-end algorithms still fall
short of achieving optimal performance [16,17], highlighting the need for ongoing research
and the exploration of alternative approaches [18].

1.1. Issues

Congestion typically manifests in two forms: packet loss or queueing delay. Packet
loss occurs when bottleneck bandwidth (BtIBW) and network buffer capacity are exceeded,
causing packets to be dropped. Queueing delay arises when packets accumulate in network
buffers, resulting in longer waiting times. Therefore, most end-to-end TCP congestion
control mechanisms rely on either packet loss (Loss-Based algorithms) or queueing de-
lay (Delay-Based algorithms) as congestion indicators. Loss-Based algorithms react to
congestion after it occurs, responding only when packet loss is detected, unless there is
network-support [4]. In networks with large buffers, Loss-Based algorithms are prone to
buffer bloat, high queueing delays and packet-loss-ratio (PLR) [2,19].

In contrast, Delay-Based algorithms aim to detect and mitigate congestion proactively
by responding early to signs of growing queue lengths [17,20]. Despite this advantage,
Delay-Based algorithms suffer from measurement errors, detection delays, and model
inaccuracies [2,18,21,22].

A specific subclass of Delay-Based algorithms is Rate-Based algorithms, which directly
compute the sending rate based on measurements of propagation delay (PropDelay) and
available bandwidth estimates. However, like other Delay-Based approaches, they are
vulnerable to measurement inaccuracies and detection delays, leading to over-utilization
or under-utilization. For example, challenges discussed in [16,23] for TCP Bottleneck
Bandwidth and Round-trip propagation time (BBR) [24] include bias against shorter round-
trip time (RTT) and degradation when RTT variability is high.

Another issue with existing algorithms is their reliance on successive constraint satis-
faction (SCS) heuristics to adjust sending rates in response to congestion. These heuristics,
often based more on intuition than formal mathematical rationale, focus on finding feasible
solutions rather than optimal ones. In Loss-Based algorithms, SCS heuristics can lead to
high-amplitude oscillations, reducing throughput and network utilization [2]. Although
Delay-Based algorithms integrate mathematical models for optimality [17,20], they still
exhibit oscillatory behavior. Additionally, due to their sensitivity to network measurements,
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they often display abrupt and jerky adjustments, particularly under dynamic network
conditions [7,22].

Empirical studies in [12,25] have demonstrated that even widely deployed algorithms,
such as TCP CUBIC and TCP Bottleneck Bandwidth and Round-trip propagation time
(BBR), are not immune to significant oscillations. While these algorithms generally achieve
high network utilization, their pronounced oscillatory behavior can degrade overall perfor-
mance, especially in environments with fluctuating traffic or variable RTTs.

1.2. Contribution

This article introduces a novel Delay-Based congestion control approach based on
Little’s Law [26]. The main contributions are as follows:

*  Anovel Delay-Based congestion control approach grounded in queueing theory and
Little’s Law.

¢ Development and implementation of an algorithm based on the proposed approach.

*  Performance evaluation and comparison with widely used algorithms, TCP CUBIC as
in [9] and TCP BBR version 1 [24] (both as implemented in ns-3.41).

The proposed approach avoids reliance on heuristic methods by continuously solving
a closed-form optimality equation derived from Little’s Law [26,27]. This equation takes
the form of a differential equation, capturing the rate of change in delay and data-in-flight
with respect to the sending rate. By using this predictive approach, the algorithm mitigates
oscillations and improves steady-state performance.

A notable advantage of this approach is that it eliminates the need for direct bandwidth
measurements. Instead, the algorithm operates by setting a target RTT and adjusting the
sending rate using the derived optimality equation. To the best of the authors” knowledge, this
approach is novel, with no prior comparable work beyond preliminary discussions in [27].

1.3. Implementation and Evaluation
The article presents two implementations of the proposed mechanism:

*  Basic Implementation: Demonstrates the fundamental convergence and adaptability
of the proposed mechanism in an ideal static network environment.

*  Practical Implementation: Accounts for common network dynamics, such as varying
available bandwidth, PropDelay, multiple competing flows, and fairness requirements.

Both implementations are evaluated under static and dynamic network scenarios and
compared with TCP CUBIC [9,10] and TCP BBR [24]. The results highlight the ability of
the proposed mechanism to reduce queueing delay, prevent packet loss, and maximize
network utilization.

1.4. Article Structure
The remainder of the article is structured as follows:

*  Section 2 reviews the evolution of TCP CCAs and explores relevant literature on
queueing theory-based optimality principles.

*  Section 3 provides a background on TCP congestion control using a functional block
diagram and introduces a queueing model for Transmission Control Protoco/Internet
Protocol (TCP/IP) networks.

*  Section 4 develops the closed-form optimality equation and describes the implementa-
tion of the proposed congestion control mechanism.

*  Section 5 presents performance evaluations of the proposed algorithm compared to
TCP CUBIC and TCP BBR.

*  Section 6 summarizes the findings and concludes the article.
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A list of abbreviations and symbols used throughout the article is provided in a
designated section before the appendices.

2. Related Work
2.1. Threads on End-to-End TCP CCAs

A comprehensive examination of the evolution and classification of end-to-end TCP
CCAs is presented in several key studies [18,28-30]. These works explore the progression of
TCP congestion control in both wired and wireless networks, highlighting ongoing efforts
to enhance performance, reliability, and adaptability. Works in [28,29] focus on preserving
TCP’s host-to-host architecture, offering insights into how foundational principles can be
maintained while achieving performance improvements. Meanwhile, surveys in [18,30]
identify pressing research challenges, particularly the need for congestion control algo-
rithms that can adapt to dynamic and heterogeneous network environments. These studies
also suggest potential directions for future research, especially in the context of emerging
technologies like 5G and beyond.

The existing literature categorizes TCP CCAs into three primary types: Loss-Based,
Delay-Based, and Hybrid algorithms.

¢  Loss-Based Algorithms are reactive, responding to congestion only after it manifests
as packet loss.

*  Delay-Based Algorithms are proactive, aiming to detect congestion early by monitor-
ing queue growth.

e Hybrid Algorithms (also known as Loss-Delay-Based) primarily rely on packet loss as
the congestion trigger but use delay information to fine-tune rate adjustments. Delay-
Based algorithms augmented with Loss-Based techniques, however, are typically not
classified as hybrids.

Despite their different approaches, both Loss-Based and Delay-Based algorithms suffer
from a common limitation: they struggle to eliminate oscillations and achieve steady-state
accuracy under dynamic network conditions [1,12].

As noted in [8,31], there are currently two widely deployed CCAs, TCP CUBIC [9,10],
which is a Loss-Based algorithm, and TCP BBR [24], which is a Delay-Based algorithm.
These two algorithms serve as benchmarks for modern high-speed networks and are
frequently used as comparative references in studies such as in [12]. Their widespread
adoption reflects the balance between throughput optimization (TCP CUBIC) and latency
minimization (TCP BBR), making them critical points of reference for ongoing research in
congestion control.

2.1.1. Evolution of Loss-Based Algorithms

The origins of Loss-Based algorithms trace back to Jacobson’s seminal work [32],
which introduced the Additive-Increase, Multiplicative-Decrease (AIMD) principle to
prevent Internet congestion collapse. This principle underpins TCP Reno and its successor,
TCP NewReno [30,33,34]. TCP NewReno’s conservative rate adjustments, however, limit
performance in high-speed, high-latency networks [28,29].

To address these limitations, TCP CUBIC [9] was developed, featuring a cubic growth
function to optimize performance over high Bandwidth-Delay-Product (BDP) networks.
While TCP CUBIC improves throughput, it remains prone to queueing delays and packet
losses, leading to high-amplitude oscillations [12] that reduce goodput and effective utiliza-
tion. These shortcomings have renewed interest in Delay-Based approaches, which aim to
minimize queuing delays and packet loss.
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2.1.2. Delay-Based Algorithms

TCP BBR [24], as a prominent Delay-Based algorithm, addresses issues inherent in
Loss-Based algorithms, such as bufferbloat and high latency. By limiting in-flight data to
approximately 2 x BDP, TCP BBR balances throughput and latency, inspired by Kleinrock’s
optimality principle [17]. Studies, such as in [24], show that TCP BBR often outperforms
TCP CUBIC in terms of both throughput and latency.

However, TCP BBR is not without challenges of overshooting and oscillations. It has
been shown in [12,16] that the causes of TCP BBR'’s challenges stem from the bandwidth
and RTT probing mechanisms.

Other recently developed Delay-Based algorithms, such as TCP Copa [35], clearly
set an RTT target to be met based on minimum RTT (minRTT) for finer rate control. Yet,
like BBR, they struggle with precise bandwidth and delay measurements, impacting their
real-world performance.

2.1.3. Data-Driven Machine Learning Congestion Control

Recently, data-driven ML approaches have emerged as promising tools for TCP con-
gestion control [36,37]. These methods leverage historical data and adaptive learning to
dynamically optimize congestion control mechanisms. For instance, in [13] Deep Rein-
forcement Learning (DRL) is used to dynamically select the most effective CCA based on
real-time performance evaluations. Similarly, Aurora in [38] maps historical traffic patterns
to determine optimal sending rates. These methods showcase ML'’s potential to adapt to
network variability and improve congestion control performance.

The main advantage of ML-based approaches is their ability to learn from past behavior
and predict future network states, which helps reduce oscillations and enhance steady-state
performance. However, ML-based congestion control approaches also face some challenges,
including difficulties in managing multiple optimization objectives and generalizing across
diverse applications and network conditions [39]. Moreover, they often require substantial
storage and processing power [14].

To address these limitations, recent trends suggest combining rule-based congestion
control with DRL-based methods to leverage the strengths of both paradigms [14]. Hybrid
approaches, as explored in [13,15,37], demonstrate that integrating ML with real-time
adaptive rule-based methods can achieve more robust and adaptive congestion control,
improving performance in dynamic and unpredictable network environments.

2.2. Queueing Theory and Optimality

The application of queueing theory to TCP congestion control has been significantly
influenced by Kleinrock’s optimality principle [17]. According to Kleinrock, a queueing
system achieves optimal performance when its average occupancy equals one item. In
TCP/IP networks, this corresponds to maintaining one BDP of data-in-flight. The BDP,
calculated as bandwidth x two-way PropDelay, represents the amount of data that can
traverse the network without requiring buffering.

To align with this principle, an optimal congestion control algorithm must adjust
the sending rate so that the average data-in-flight remain close to one BDP, ensuring the
queue remains nearly empty. TCP BBR, for example, was heavily influenced by Kleinrock’s
principle and limits data-in-flight to 2 x BDP to maintain at least one BDP in flight [24,40].
This approach maximizes throughput and minimizes delay by probing the maximum
available bandwidth and probing for minRTT.

Beyond Kleinrock’s work, Stidham'’s studies on optimal queueing system design [41,42]
provide additional theoretical grounding. Stidham'’s framework emphasizes balancing
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network utilization with congestion costs, identifying a point of diminishing returns where
increasing throughput is no longer justified by the additional congestion incurred.

Together, the insights from Kleinrock and Stidham offer valuable guidance for design-
ing optimal congestion control mechanisms. In this article, these principles are used to
define the optimal operating range for data-in-flight as between 1 x BDP and 2 x BDP.
Similarly, the optimal RTT range is set between 1 x baseRTT (baseRTT is the lowest mea-
sured RTT) and 2 x baseRTT, ensuring efficient performance while avoiding excessive
queuing delays.

3. Background Concepts
3.1. End-to-End TCP Congestion Control

A network consists of multiple nodes and paths that facilitate data transfer between
senders and receivers. The network’s behavior is defined by several key characteristics:
BtIBW, PropDelay, and buffer size, as illustrated in Figure 1 (see also [14]).

¢  BtIBW: The smallest bandwidth along a network path, which constrains the maximum
achievable throughput.

¢  PropDelay: The one-way time taken for a packet to travel from the sender to the
receiver when there is no congestion. It is determined by the physical distance,
the transmission medium’s speed and the processing delay. This delay reflects the
minimum achievable time, unaffected by queuing.

*  Buffer size: The capacity of network devices to temporarily store packets waiting for
transmission, helping absorb transient congestion.

The BDP defines the amount of in-flight data that can traverse the network without
requiring buffering. An end-to-end TCP CCA operates on the sender side , and it adjusts
the sending rate to prevent the network congestion based on inferred conditions, as shown
in Figure 1. In TCP, each end-point in a pair operates as a sender and a receiver at the
same time. However, each independently manages its outgoing flow, applying congestion
control without visibility into the other’s behavior.

SENDER NETWORK RECEIVER

Congestion Control Block

C data sent data sent
Pata Transmission< ACKSs for self-clocking
=Y W Timestamps
g1 tTmmmmmomE- !
21 1
B 2 A Y
Sending Rate Congestion

Computation Detection Feedback: ACKs, ECN

Figure 1. A block diagram for end-to-end TCP congestion control.

The congestion control block at the sender includes three main components:

*  A.Congestion Detection: Identifies congestion through duplicate Acknowledgements
(ACKs), timeouts, ECN, or delay measurements.

* B. Sending Rate Computation: Adjusts the sending rate based on feedback from
congestion detection.

e C.Data Transmission: Sends data according to the computed rate, regulated by the
congestion window size (cwnd), with the sending rate approximated by cwnd /RTT.

The receiver sends ACKs to provide feedback about received packets. These ACKs
are also used for self-clocking, triggering the next data transmission and ensuring reliable,
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ordered delivery. In TCP congestion control, various parameters, such as RTT, bandwidth
estimates, and data-in-flight, are derived from the timing of received ACKs.

3.2. minRTT and baseRTT

TCP CCAs frequently rely on measurements of minRTT and baseRTT to infer network
conditions. Although these terms are sometimes used interchangeably, they represent
distinct concepts:

¢ minRTT: The lowest RTT observed by the sender within a specified time window.
*  baseRTT: The absolute minimum RTT recorded throughout the lifetime of the connec-
tion, representing the network’s two-way PropDelay under ideal conditions.

Under uncongested network conditions, minRTT often aligns with baseRTT. Al-
gorithms such as TCP Vegas detect congestion by comparing the current RTT with
baseRTT [43]. Similarly, TCP BBR periodically probes for minRTT (referred to as rtProp) to
detect changes in PropDelay over time and adjust its sending rate accordingly.

In this article, minRTT is used in a manner similar to TCP BBR, serving as a critical
metric for congestion avoidance and performance optimization.

3.3. Queueing Theory and TCP Congestion Control

Following Stidham’s work [41,42], TCP/IP networks can be modeled as a queueing
system [44]. As shown in Figure 2, the system comprises the following:
¢ Waiting Area: Represents the network buffer with capacity B.
*  Service Node: Processes data at the network bandwidth capacity u, equivalent to
the BtIBW.
*  Response Time: The minimum response time is approximated by baseRTT or minRTT.

This model helps explain network behavior during congestion.

NETWORK MODELLED AS A
QUEUEING SYSTEM

___________________________________________

SENDERS

TCP CC

i
1
Algorithm x1 !
!
1
)
A
: ! ®—> Buffer size B U= BtIBW !

Waiting Area Service Area
Figure 2. A queueing system model for an end-to-end TCP/IP network.

In this queueing model, data packets arrive at an arrival rate A and are served at the
network bandwidth capacity u. The goal of congestion control is to regulate the sending
rates of multiple flows x1, x2, ..., xy to match the network capacity and prevent buffer
overflow or excessive queuing delays [41].

Key performance metrics used in queueing theory and congestion control [17,41,45-47]
include the following;:

*  Occupancy L: The number of items in the system, including those waiting and being
served. It corresponds to data-in-flight in TCP.

®  Arrival rate A: The total rate at which items arrive in the queue, equivalent to the sum
of the sending rates.

e Throughput: The rate at which data are delivered over a network link.
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¢  Goodput: The rate of useful data delivery, excluding retransmissions [19]. It is a reli-
able indicator of effective utilization. It reflects the network’s productive performance.
* Response time R: In queueing theory, it refers to the duration from the moment an
item enters the system to the time a response is received upon the completion of its
processing. In TCP it is RTT.
e  Utilization p = A/p: The ratio of arrival rate A to the network bandwidth capacity u
in a queueing system.
¢ Fairness: Equitable distribution of resources.
In both literature and practice, these metrics are commonly expressed as average
values (e.g., average occupancy, average arrival rate). For brevity, this article omits the term
‘average’ unless its inclusion is necessary for clarity or emphasis.

3.4. Achieving Fairness

Jain’s Fairness Index is a widely recognized metric for quantifying fairness in resource
allocation [47,48]. It is defined as follows:

2
(Zf\i1 xi) )

] = ,
NYN, x

where x; is the throughput of flow i, and N is the total number of flows. A valueof | =1
indicates perfect fairness, while | = 1/N signifies the poorest fairness. In practice, a
fairness index of 0.8 is acceptable [49].

Achieving fairness in network congestion control is critical to ensuring equitable
bandwidth distribution among competing data flows. Fairness prevents any single flow
from monopolizing network resources, thereby improving overall network efficiency and
user satisfaction. This article focuses specifically on intra-fairness, which refers to fairness
among flows using the same congestion control algorithm.

AIMD [50] is a foundational mechanism in TCP congestion control, extensively ana-
lyzed for its fairness properties [51,52]. AIMD achieves fairness by gradually converging
to an equitable allocation of resources during its multiplicative decrease phase, which
reduces the sending rate in response to congestion signals. This reduction allows other
flows to increase their share of bandwidth, fostering balanced resource distribution. Studies
in [51,52] identify two primary factors influencing fairness in AIMD-based algorithms:

e Frequency of the Decrease Phase: Higher frequencies accelerate convergence
to fairness as congestion signals are processed more often, though they may
introduce instability.

¢ Amplitude of Oscillations: Smaller oscillations lead to higher bandwidth utilization
but slower convergence to fairness.

These trade-offs highlight AIMD’s ability to balance fairness with resource efficiency,
though it requires careful tuning of its increase and decrease parameters.

Research by [53] has shown that algorithms incorporating nonlinear increase strategies,
such as Multiplicative Increase, Multiplicative Decrease (MIMD), can converge to fairness
faster than AIMD under certain conditions. For instance, TCP CUBIC [10], which employs
a cubic window growth function, achieves high throughput while maintaining good
convergence to fairness due to its aggressive probing mechanism.

TCP BBR (Version 1) adopts a fundamentally different approach by adjusting its sending
rate based on measurements of available bandwidth and the minRTT. Unlike traditional loss-
based approaches, BBR does not reduce its sending rate in response to packet loss. Instead, it
periodically reduces the sending rate to probe for minRTT. This periodic reduction creates
opportunities for competing flows to claim available bandwidth, enabling fairness.
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Simulation studies [54,55] indicate that multiple TCP BBR flows with similar minRTTs
can achieve intra-fairness. However, sustained unfairness may arise due to mismeasure-
ments of available bandwidth or significant RTT variations. The focus on TCP BBR’s
intra-fairness is particularly relevant to this article, as the proposed mechanism also lever-
ages a minRTT probing strategy. Understanding TCP BBR's strengths and limitations in
achieving fairness provides valuable insights for improving the design and evaluation of
the proposed approach.

4. Proposed Congestion Control Mechanism
4.1. Corollary from Little’s Law

Little’s Law [26] states the relationship between the arrival rate A, response time R(A),
and occupancy L(A) as
L(A) = AR(A). ()

Differentiation of L(A) with respect to A yields

dL(A) _  dR(A)
ax - an

+R(A) ©)

Thus, the rate of change in R(A) with respect to A is

! [—
Ri(A) = LA =R )
A
When R’(A) — 0, the system operates near an optimal point, implying that
L'(A) = R(A) = 0. )

A key corollary from (5) is that optimal performance is achieved when L'(A) ap-
proaches a target response time Riarget- If the lowest observed RTT (either minRTT or
baseRTT) is denoted as Ry, then

Rtarget = &Rmin, &« >1, (6)

where « is a multiplicative factor determining leeway from minRTT. Practical experiments
suggest that values around & = 1.2 offer stability, whereas lower values lead to insta-
bility, and higher values increase oscillations. More work is required to determine an
optimal value.

4.2. Numerical Computational Framework

Equation (5) represents an ordinary differential equation that behaves as a harmonic
oscillator, which can be effectively solved using the numerical direct shooting method [56,57].
This approach involves discretizing the differential equation and iteratively solving the
resulting boundary value problem by adjusting initial conditions. The solution process
is inductive and iterative, refining the initial guess step-by-step to ensure the boundary
conditions are met accurately.

The discrete form of Equation (5) can be expressed as

Liy1 — Li

——— — Ry1 =0. (7)

A1 — Ax !
where k and k 4 1 denote consecutive time steps. In the context of TCP congestion control,
the sending rate is estimated as W/ R, where W is the cwnd and R is RTT. Substituting this
approximation into Equation (7), we obtain the following:
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Lgyr — L
—R =0. 8
Wir1/Rip1 — We/R H! ®)

A key insight of this formulation is that it eliminates the need to calculate the BDP

explicitly, allowing L and W to remain in natural units (e.g., packets), avoiding additional
bandwidth estimation overhead.

In TCP congestion control, the cwnd W is the primary control variable. The values of L
(data-in-flight) and R (RTT) respond dynamically to changes in W, with their measurements
directly obtained from the system once a particular W is applied. Notably, R is a responsive
variable that reflects the influence of L; as L increases, queueing delays can accumulate,
resulting in higher RTTs.

To optimize the system, two algebraic equations are employed: one predicts the future
value of L, while the other computes the optimal W based on that prediction. These
equations are solved iteratively using a boundary value approach. The system reaches an
optimal operating point when

R'~0, R~ Rtarget, and L~ HRtarget

Predicting the Future Value of L:

The next task is to predict the value of L at the upcoming time step. Assume that if
W remains unchanged during the iteration cycle, L will evolve from L to Lpregict- Due to
the harmonic dynamics of the system, if R is adjusted to Rtarget, it will oscillate back to its
original value by the time L reaches Lyegict, provided W remains constant. Therefore, the
corresponding collocation points are as follows:

(L, Riarget, W) at instance k, and
(Lpredict, R, W) at instance k + 1

Substituting these values into Equation (8), we derive the following:

Lpreclict —L _R=0 )
W/R — W/ Rtarget '
which simplifies to the following:
Lpredict =L+W- (R/Rtarget)w- (10)

This prediction model ensures convergence to the target RTT, Riarget, based on the
following observations:
e IfR< Rtarget: The predicted value Lpredict increases, encouraging a higher cwnd.
* IfR > Rearget: Lpredict decreases, prompting a reduction in cwnd.
* If R = Ruarget: Lpredict = L, indicating a stable state.

This mechanism actively regulates the evolution of L toward a steady state, prevent-
ing oscillations.

Computing the Next Optimal Value of W:

Once Lpredict is known, the next optimal cwnd, denoted Whew, can be computed.
Suppose that during this iteration, the cwnd changes from W to Wpew while L evolves to
Lpredict in response. Assuming the RTT remains at R.;, (the minimal observed RTT) until
queueing begins, the collocation points are given by the following:
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(L, Rmin, W) at instance k,
(Lpredict, Ruin, Whew ) at an instance between k and k + 1, and
(Lpredictr R, Whew ) at instance k + 1

Substituting into Equation (8) and assuming that the change from Ry, to R is just
before the end of the cycle, we obtain the following:

L it — L
predict
—R=0. 11
Wnew/ Rmin - W/ Rmin ( )
Solving for Whew, we obtain the following:
Wnew =W+ (Rmin/R)(Lpredict - L)~ (12)

This adjustment mechanism ensures that

* If R < Ruarget: Lpredict > L, resulting in an increase in W.

* IfR > Riarget: Lpredict < L, causing W to decreases.

e  The further R deviates from Ry,in: The rate of increase in W becomes more gradual.
e IfR= Riarget: Lpredict = L and W remains unchanged.

Together, Equations (11) and (12) act as inertia and damping mechanisms, balancing
the interaction between data-in-flight, RTT, and cwnd. This iterative process continues
until the system converges to the optimal equilibrium, where R = Riarget-

This numerical framework harmonizes opposing forces within the congestion control
mechanism through collocation-based prediction and control. By leveraging real-time
feedback from network conditions and adjusting the cwnd iteratively, the system ensures
stable operation at optimal conditions without requiring explicit BDP calculations. This
method offers a scalable, responsive approach to managing congestion, providing smooth
network performance across varying conditions.

4.3. Implementation in ns-3

The proposed congestion control mechanism is implemented and visualized in the
block diagram in Figure 3. Each iteration involves several coordinated steps to monitor
and adjust network parameters in real time.

Block A: This block gathers the current values of key network metrics:

*  Congestion Window W

e Data-in-Flight L

e RITR

e  minRTT or baseRTT (Rpin)

Block B: Computes essential targets and predictions using the numerical framework:
®  Riarget: Target RTT computed from Rpyin.

®  Lpredict: Future data-in-flight based on current conditions.

*  Whpew: Updated congestion window.

Block C: Uses Wheyw to regulate the data sending rate, ensuring that network resources are
used efficiently while avoiding congestion.

The mechanism was implemented using ns-3.41 to evaluate both basic and practical
network conditions (see Appendix B). Two variants, TCP QtCol and TCP QtColFair, are
provided to explore the effectiveness of the proposed scheme under different scenarios.
These implementations are available on GitHub along with visualization and computational
tools using Python [58].
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SENDER

Congestion Control Block

NETWORK

C data sent data sent
Senddata | ACKsforselfclocking _ _
<A T Timestamps
c fTTT TS 1
21 1
Y 4
B Compute Riarget A .
C el o Obtain:
MU Gl DA L, R, W, Rinin Feedback: ACKs, ECN
Compute Wnew eedback: s,

Figure 3. A block diagram for the proposed end-to-end TCP congestion control mechanism.

4.3.1. Basic Implementation

The TcpQtCol class, shown in Figure 4, extends the TcpNewReno class in ns-3. The
pseudocode in Algorithm 1. This variant assumes constant network conditions with-
out considering fairness or varying PropDelay. It uses baseRTT instead of minRTT to
define Rpyin.

TcpNewReno

‘T

TcpQtCol

m_cWnd : uint32_t > Previous or measured cwnd in packets

m_datalnFlight : uint32
m_minCwndAllowed : uint32_t
m_baseRtt : Time

m_lastRtt : Time

m_rttTarget : Time
m_rttTargetAlpha : double
m_cntRtt : uint32_t

m_begSndNxt : SequenceNumber32

> measured dataInFlight in packets
> minimum cwnd allowed

> lowest RTT observed throughout the connection
> latest RTT measured
> target RTT

> multiplier of m_minRTT to determine m_rttTarget

> RTTs count, to allow more than one RTT measurements
> sequence number for next send

IncreaseWindowt(...)
PktsAcked(...)
ComputeCwnd(...)

> calls ComputeCwnd(...) to update cwnd if conditions allow
> measure RTT every ACK and update m_baseRTT with lowest RTT so far
> compute cwnd using developed computational framework

Figure 4. TCP QtCol UML class diagram for basic implementation.

Algorithm 1 Compute cwnd pseudocode for the basic implementation

Require: m_cWnd, m_datalnFlight, m_lastRtt, m_minRtt, m_rttTargetAlpha > 1, m_minCwndAllowed
W < m_cWnd, L <— m_datalnFlight
R <+ m_lastRtt, Ryyin ¢ m_minRtt
« < m_rttTargetAlpha
Rtarget — D‘Rmin
Lpred = max(L +W — W x R/ Riarget, m_minCwndAllowed)
if Lyreq = L then
Lored <~ L+1
end if
Whew ¢ max(W + [Ruin X (Lpred —L)/R],4)
if Whew = W then
Whew <~ W +1
end if

> target RTT

> allow consistent variability
> err on the side of increasing to avoid saturation

> allow consistent variability
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4.3.2. Practical Implementation

TCP QtColFair adapts the congestion control mechanism to real-world conditions, such
as dynamic PropDelay and fairness across multiple flows. It uses minRTT with periodic
probing, similar to TCP BBR, to track network changes. If RTT increases unexpectedly, the
algorithm adjusts cwnd to reflect the new network state. The implementation is described
using TepQtColFair class in Figure 5 and pseudocode in Algorithm 2.

Handling RTT Probing and Fairness:

*  Probing Phase: Every 10 s, cwnd is reduced to four packets for 200 ms to probe for the
current minRTT.

¢  Fairness Enforcement: RTT probing contributes towards fairness. In addition, setting
Lpredict proportionately lower after probing ensures high-throughput flows back off
temporarily to allow other flows to increase their rates

*  Dynamic Delay Handling: If the PropDelay changes unexpectedly, the algorithm
reduces data-in-flight and waits for RTT stability before increasing cwnd again.

These techniques ensure fairness and responsiveness even in dynamic network envi-
ronments.

Algorithm 2 Compute cwnd pseudocode for the practical implementation

Require: m_cWnd, m_datalnFlight, m_priorCwnd, m_minCwndAllowed
Require: m_lastRtt, m_minRtt, m_targetRtt, m_rttTargetAlpha > 1, m_probeRtt, m_probeRttRecover
« + m_rttTargetAlpha
if m_probeRtt = 0 & m_datalnFlight < 0.5 x m_priorCwnd & m_lastRtt > 2 x m_targetRtt then
m_minRttChangeCnt <— m_minRttChangeCnt + 1
if m_minRttChangeCnt > 2 then
m_probeRtt < 1
m_minRtt < m_lastRtt > quickly dump old m_minRtt if change confirmed
m_targetRtt = & X m_minRtt
end if
else
m_minRttChangeCnt < 0
end if
W < m_cWnd, L + m_datalnFlight, R <~ m_lastRtt, Riin ¢~ m_minRtt, Riarget <= #Rmin
if m_probeRtt then
Whew < m_minCwndAllowed
else
if m_probeRttRecover then
Lpred ¢ 0.9 x m_priorCwnd > quickly return to previous state after probing
m_probeRttRecover + 0
else
Lpred = L+ W — W X R/ Rarget
end if
Lpred + max(Lpred, m_minCwndAllowed)
if Lyreq = L then

Lopred ¢~ L+1 > allow consistent variability
end if
Whew <= W + [Ruin X (Lpred — L)/R] > err on the side of increasing to avoid saturation

Whew < max(Whew, m_minCwndAllowed)
if Whew = W then
Whew < W +1 > allow consistent variability
end if
end if
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TcpNewReno
TepQtColFair
m_cWnd : uint32_t > Previous or measured cwnd in packets
m_priorCwnd : uint32_t > last cwnd before probeRtt
m_dataInFlight : uint32_t > measured datalnFlight in packets
m_minCwndAllowed : uint32_t > minimum cwnd allowed
m_minRtt : Time > lowest RTT since last probe or update
m_lastRtt : Time > latest RTT measured
m_minRttFilterLen : Time > duration before minRTT is refreshed
m_minRttStamp : Time > last minRTT refresh
m_rttTarget : Time > target RTT
m_minRttExpired : bool > flag for minRTT refresh
m_rttTargetAlpha : double > multiplier
m_probeMinRttStamp : Time > minRTT probe start
m_probeRttDuration : Time > minRTT probe duration
m_probeRtt : bool > RTT probing flag
m_probeRttRecover : bool > Flag to use InFlight value before probeRtt
m_cntRtt : uint32_t > RTTs count
m_begSndNxt : SequenceNumber32 > next sequence number after RTT
IncreaseWindow(...) > calls ComputeCwnd(...) to update cwnd if conditions allow
PktsAcked(...) > measure RTT every ACK and call UpdateMinRtt(...) to update minRTT
UpdateMinRtt(...) > updates minRTT
ComputeCwnd(...) > compute cwnd using developed computationa framework

Figure 5. TcpQtColFair UML class diagram for practical implementation.

5. Simulations and Results
5.1. Simulations Model

Simulations were conducted using ns-3 and the topology shown in Figure 6 with
associated configurations. The topology was chosen so that all end systems share the same
bottleneck link.

MaxSegSize

= 1448 bytes
SndBufSize RevBufSize
> 3795 pkts > 3795 pkts

: (BDP~345)

| Edge Router Edge Router
|
|

|
|
PFIFO DropTail PFIFO DropTail :

PFIFO DropTail 1o Buffersize=1725pkts ___ _ _ _ Buffer size=1725pkts _ _ PFIFO DropTail

Buffer = 1 pkt Buffer = 1 pkt

1Gbps, 1 BtIBW=100 Mbps and PropDelay=20 ms, 1Gbps
Q-1ms | unless otherwise required O-1my

.

.

Figure 6. Network topology used for simulations.

The TCP maximum segment size (MaxSegSize) was set to 1448 bytes, based on Eth-
ernet’s 1500-byte Maximum Transmission Unit (MTU), subtracting 52 bytes for TCP and
IP headers [59,60]. The BtIBW and PropDelay were configured at 100 Mbps and 20 ms,
respectively, resulting in a BDP of approximately 345 packets. The network buffer size was
set to 1725 packets (5 x BDP), ensuring sufficient capacity to test the system’s ability to
avoid queueing delays and packet loss.

Access links were assigned 1 Gbps bandwidth and 0.1 ms PropDelay to ensure the
bottleneck link remained the primary constraint. In certain simulations, the buffer size
was varied between 1 x BDP and 10 x BDP, allowing for the exploration of different
congestion scenarios. For a buffer size of 10 x BDP, the maximum possible cwnd was
11 x BDP = 3795 packets. To prevent buffer constraints from limiting throughput, the
SndBufSize and RevBufSize were set well above 3795 packets.

Simulations tested TCP QtCol and TCP QtColFair with « values of 1.2 and 1.5, repre-
senting small and large values, respectively. Scenarios included
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*  Single-flow static: Ideal network conditions.
¢  Single-flow non-static: Varying bandwidth or PropDelay.
¢ Multiple-flow scenarios: Evaluating buffer size impact and flow fairness.

5.2. Single-Flow Static Scenario—Delay Avoidance, Kleinrock’s Optimality, and Oscillations

This section evaluates the proposed algorithm'’s ability to optimize data-in-flight and
RTT while eliminating oscillations, compared with TCP CUBIC and TCP BBR.

As shown in Figures 7 and 8, TCP CUBIC struggles to control data-in-flight and RTT
effectively due to its cubic growth function, which causes oscillations between 1449 and
2070 packets, and RIT fluctuations between 0.17 and 0.25 s. TCP CUBIC’s oscillations
result from cwnd increasing until the link’s carrying capacity (BDP + buffer size) is reached,
followed by a 30% drop.

1000

In-flight data (packets)

500

Time (secs)

Figure 7. Data-in-flight for TCP CUBIC and TCP BBR in a single-flow scenario. Values within the
range of BDP and 2 x BDP are considered acceptable.

0.25+ —— Cubic
j —— Bbr

RTT (secs)

i baseRTT 2%
baseRTT

Time (secs)

Figure 8. RTT or response time for TCP CUBIC and TCP BBR in a single-flow scenario. Values within
the range of baseRTT and 2 x baseRTT are considered acceptable.

In contrast, TCP BBR keeps data-in-flight near the BDP (minRTT x BtIBW), indepen-
dent of buffer size. However, bandwidth and RTT probing mechanisms cause oscillations
between 1 x BDP and 2 x BDP (345 to 690 packets) and RTT between baseRTT and
2 x baseRTT (0.04 to 0.08 s).
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TCP QtCol performs similarly to TCP BBR in controlling data-in-flight and RTT, as
shown in Figures 9 and 10, but with dampened oscillations. For « values of 1.2 and 1.5,
data-in-flight converge to 400 and 500 packets, respectively, (below 2 x BDP) and RTT
stabilizes at 48 ms and 60 ms. TCP QtCol achieves equilibrium faster than TCP BBR and
maintains stable performance without oscillations under steady conditions.
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Figure 9. Data-in-flight for TCP QtCol in a single-flow scenario. Values within the range of BDP and
2 x BDP are considered acceptable. The line labeled BDP = i x baseRTT represents the convergence
value of data-in-flight when the RTT equals the baseRTT. The lines labeled 1.2 x BDP and 1.5 x BDP
represent the expected convergence values of data-in-flight when the target RTT is 1.2 x baseRTT
and 1.5 x baseRTT, respectively.
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Figure 10. RTT or response time for TCP QtCol in a single-flow scenario. Values within the
range of baseRTT and 2 x baseRTT are considered acceptable. The lines labeled 1.2 x baseRTT
and 1.5 x baseRTT represent the expected convergence values of RTT when the target RTT is
1.2 x baseRTT and 1.5 x baseRTT, respectively.

TCP QtColFair extends TCP QtCol by incorporating additional mechanisms to handle
real-world network challenges. As shown in Figures 11 and 12, with « = 1.2, data-in-
flight stay near 1.2 x BDP, and RTT remains close to 1.2 x baseRTT, immediately after
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disturbances. TCP QtColFair quickly dampens oscillations that may arise from external
factors, outperforming both TCP CUBIC and TCP BBR.

2 % BDP —— QtColFair_1.2

700 —— QtColFair_1.5 [
600

% 500

=

[}

[

=

m 400

[

=]

b=

=) 300

=

£
200

100

I T T T T
0 10 20 30 40 50

Time (secs)
Figure 11. Data-in-flight for TCP QtCol in a single-flow scenario.Values within the range of BDP and
2 x BDP are considered acceptable. The line labeled BDP = i x baseRTT represents the convergence
value of data-in-flight when the RTT equals the baseRTT. The lines labeled 1.2 x BDP and 1.5 x BDP
represent the expected convergence values of data-in-flight when the target RTT is 1.2 x baseRTT
and 1.5 x baseRTT, respectively.

0.10 = —— QtColFair_1.2
—s— QtColFair_1.5

0.09

0.08

0.07

RTT (secs)

0.06

0.05

0.04
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Figure 12. RTT or response time for TCP QtCol in a single-flow scenario. Values within the
range of baseRTT and 2 x baseRTT are considered acceptable. The lines labeled 1.2 x baseRTT
and 1.5 x baseRTT represent the expected convergence values of RTT when the target RTT is
1.2 x baseRTT and 1.5 x baseRTT, respectively.

The box-plot analysis (a description of a box-plot is given in Appendix A) in
Figures 13 and 14 further illustrates that TCP CUBIC’s data-in-flight and RTT are con-
sistently outside the optimal range. TCP BBR achieves Kleinrock’s optimality on average
but with significant oscillations in data-in-flight. In contrast, TCP QtCol and TCP QtColFair
exhibit narrow interquartile ranges (IQR), indicating precise control over data-in-flight and
RTT. With « = 1.2, TCP QtColFair achieves RTT values closest to baseRTT.
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Figure 13. Data-in-flight box-plot for TCP QtCol and TCP QtColFair compared with TCP CU-
BIC and TCP BBR in a single-flow scenario. Values within the range of BDP and 2 x BDP are
considered acceptable.
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Figure 14. RTT box-plot for TCP QtCol and TCP QtColFair compared with TCP CUBIC and
TCP BBR in a single-flow scenario. Values within the range of baseRTT and 2 x baseRTT are
considered acceptable.

In summary, TCP QtCol and TCP QtColFair provide better RTT control, oscillation
elimination, and optimization of data-in-flight compared to TCP CUBIC and TCP BBR,
making them more effective at avoiding delays and ensuring smooth network performance.

5.3. Single-Flow Non-Static—Varying BtIBW

This section evaluates the ability to maintain low RTT under changing BtIBW condi-
tions. The BtIBW was set to 100 Mbps for 25 s, reduced to 25 Mbps, and later increased to
500 Mbps. The PropDelay remained at 20 ms throughout.

When bandwidth increases, queues may accumulate, requiring the source to reduce
its sending rate to avoid congestion. Figure 15 shows that TCP CUBIC struggles, with RTT
varying from 40 to 480 ms, indicating poor control. TCP BBR performs better, keeping RTT
between 45 and 58 ms. However, TCP QtCol and TCP QtColFair, with « = 1.2, demonstrate
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superior stability, maintaining RTT around 50 ms under all conditions, outperforming
TCP BBR.
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Figure 15. RTT for TCP CUBIC as BtIBW changes. Values within the range of baseRTT and
2 x baseRTT are considered acceptable. The lines labeled 1.2 x baseRTT and 1.5 x baseRTT represent
the expected median RTT when the target RTT is 1.2 x baseRTT and 1.5 x baseRTT, respectively.

5.4. Single-Flow Non-Static—Varying PropDelay

This section demonstrates the importance of refreshing minRTT when PropDelay
changes and evaluates TCP QtColFair’s ability to adapt accordingly. The PropDelay was
initially 20 ms, increased to 40 ms for 25 s, and then reverted to 20 ms.

TCP QtCol fails to detect changes in PropDelay, leading to a reduction in data-in-flight
as it incorrectly tries to reduce RTT, as shown in Figure 16. This highlights TCP QtCol’s
limitations in practical networks. In contrast, TCP QtColFair effectively detects the change,
maintaining higher data-in-flight during increased PropDelay, as shown in Figure 17. This
capability makes TCP QtColFair better suited for real-world scenarios.
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Figure 16. Data-in-flight for TCP QtCol when PropDelay changes.
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Figure 17. Data-in-flight for TCP QtColFair when PropDelay changes.

5.5. Multiple-Flow Scenario

This section evaluates the performance of TCP QtColFair in comparison to TCP CUBIC
and TCP BBR within a practical multi-flow environment. The BtIBW was configured
to 100 Mbps with a PropDelay of 20 ms, while the number of concurrent flows was
incrementally increased from one to five. The analysis focused on the following metrics:

¢  Optimization of Data-in-Flight: Ensuring that the amount of in-flight data is tuned
to prevent buffer overflow and mitigate congestion.

*  Queueing Delay Avoidance: Minimizing RTT by reducing queueing delays.

¢ Goodput: Measuring effective network utilization, reflecting the proportion of trans-
mitted data successfully delivered to the destination.

¢ Intra-Fairness: Ensuring an equitable distribution of bandwidth among flows using
the same congestion control algorithm.

This experimental setup provides valuable insights into the algorithms” ability to
manage congestion and fairness under realistic network conditions, highlighting their
strengths and limitations in multi-flow scenarios.

5.5.1. Data-in-Flight Optimization and Delay Avoiding Capability

Figure 18 illustrates the algorithms’ ability to optimize data-in-flight. TCP CUBIC’s
values fall outside the optimal range, with large IQR and oscillations, reflecting its loss-
based nature. TCP BBR maintains 50% of its values within the optimal range but also
exhibits high-amplitude oscillations. In contrast, TCP QtColFair shows better optimization,
with most data-in-flight values concentrated around the median, especially for « < 1.2,
achieving a performance closest to Kleinrock’s optimality.

Figure 19 shows the RTT performance. TCP CUBIC exhibits large oscillations, in-
dicating poor delay control. TCP BBR performs better, but its RTT values remain a lot
higher than minRTT, showing limited queue management. TCP QtColFair, particularly
with smaller a values, maintains RTT closer to minRTT than TCP BBR, demonstrating
superior queueing delay avoidance.
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Figure 18. Data-in-flight for TCP QtColFair compared with TCP CUBIC and TCP BBR in multiple-flow
scenario. Values within the range of BDP and 2 x BDP are considered acceptable.
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Figure 19. RTT for TCP QtColFair compared with TCP CUBIC and TCP BBR in multiple-flow
scenarios. Values within the range of baseRTT and 2 x baseRTT are considered acceptable.

5.5.2. Effective Network Utilization

Figure 20 presents a comparison of goodput and network utilization across the algo-
rithms in a multi-flow scenario. TCP QtColFair achieves nearly 96% utilization, outper-
forming both TCP BBR (just above 94%) and TCP CUBIC (around 93%). TCP CUBIC’s
utilization further declines as the network buffer size increases, indicating poor adaptability
in high-buffer environments. TCP BBR performs more consistently but is still outmatched
by TCP QtColFair, which offers superior network efficiency under these conditions.
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Figure 20. Effective network utilization and goodput for the algorithms in multiple-flow scenarios.

5.5.3. Fairness Between Flows of the Same Type

Figure 21 compares the algorithms using Jain’s fairness ratio. All algorithms (TCP Qt-
ColFair, TCP CUBIC, and TCP BBR) achieve ratios above 0.9, indicating high intra-fairness
and convergence toward an ideal value of 1 over time. In contrast, TCP QtCol performs
poorly, with a fairness ratio of around 0.2 (equal to 1/N for N = 5 flows), demonstrating its
inability to distribute bandwidth fairly across competing flows.
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Figure 21. Jain’s intra-fairness ratios in multiple-flow scenario.

TCP QtColFair promotes fairness by reducing the sending rate of high-throughput
flows in favor of low-throughput flows, as shown in Figure 22. Conversely, TCP QtCol fails
to ensure fairness, allowing a single flow to monopolize the available bandwidth, leaving
other flows starved, as shown in Figure 23.
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Figure 22. Convergence to fair sharing of available bandwidth by five TCP QtColFair flows.
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Figure 23. TCP QtCol’s inability to share available bandwidth fairly.

5.5.4. Impact of Network Buffer Size

This section evaluates how varying network buffer sizes affect the performance of the
congestion control algorithms. The BtIBW and PropDelay were fixed at 100 Mbps and 20 ms,
respectively, while the buffer size was varied from 0.003 x BDP (near zero) to 10 x BDP.

Performance with Shallow Buffers (<1 x BDP):

As shown in Figure 24, TCP CUBIC performs slightly better in shallow buffers because
packet loss and queueing delays are minimized. However, TCP BBR struggles due to its
tendency to overestimate bandwidth, leading to high packet loss, as shown in Figure 25.
TCP QtColFair responds to losses similarly to TCP NewReno, resulting in a moderate
reduction in performance. As buffer size approaches 1 x BDP, TCP CUBIC and TCP
QtColFair improve, but TCP BBR remains limited by packet losses.
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Figure 24. Goodput and effective network utilization in shallow network buffer size decreases below
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Figure 25. PLR comparison in shallow network buffers.

Performance with Deep Buffers:

As shown in Figure 26, TCP CUBIC’s performance deteriorates with larger buffers
due to increased queueing delays and higher packet loss in Figure 27. Both TCP BBR
and TCP QtColFair improve as buffers grow. However, TCP QtColFair outperforms TCP
BBR, achieving nearly 96% utilization with & = 1.2, while TCP BBR remains below 95%.
TCP QtColFair also performs better in avoiding queueing delays, as shown in the RTT
comparison in Figure 28.
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6. Conclusions

This article introduced TCP QtColFair, an innovative end-to-end TCP CCA designed
to avoid queueing delays while optimizing data-in-flight in alignment with Kleinrock’s
optimality principle. As a delay-based algorithm, TCP QtColFair differentiates itself from
existing approaches through the following key innovations:

*  Explicit Target RTT Specification: The target RTT is defined as « x minRTT, where « is
fine-tuned to balance network utilization and congestion avoidance effectively.

*  Damping Mechanism Based on Harmonic Motion: A novel damping framework solves
an optimality equation to regulate the sending rate and data-in-flight smoothly over
time, ensuring stability and efficiency.

*  Bandwidth Independence: Unlike other Delay-Based algorithms, TCP QtColFair does not
rely on bandwidth estimation, minimizing the impact of measurement inaccuracies
and enhancing robustness.

The performance of TCP QtColFair was evaluated against TCP CUBIC (loss-based)
and TCP BBR (delay-based) in multi-flow scenarios. Key findings include the following:

e  TCP CUBIC: Exhibited large oscillations and data-in-flight values exceeding the bottle-
neck BDP and minRTT, leading to inefficient queue utilization.

e TCP BBR: Achieved Kleinrock’s optimality on average but introduced oscillations due
to its bandwidth and RTT probing mechanisms.

e TCP QtColFair: Consistently maintained data-in-flight at approximately « x BDP and
RTT near &« x minRTT, outperforming TCP BBR by avoiding queueing delays more
effectively, particularly with smaller « values (e.g., « = 1.2).

Additionally, TCP QtColFair demonstrated superior stability, eliminating oscillations
over time in undisturbed conditions, unlike TCP BBR’s bandwidth probing and TCP CU-
BIC’s inherent oscillatory behavior. It achieved excellent goodput, reaching 96% utilization
with a 5 x BDP bulffer size, outperforming TCP BBR (94%) and TCP CUBIC (93%). In
multi-flow scenarios, all algorithms exhibited fairness scores exceeding 0.9.

Future Work and Enhancements

Despite its strong performance, further improvements and research directions can
refine TCP QtColFair and explore its potential in broader contexts.

Improvements needed:

*  Handling Packet Losses: The current response to packet losses is akin to TCP NewReno,
which can be overly aggressive. Future versions will enhance loss-handling mecha-
nisms, particularly for networks with shallow buffers or high loss rates.

o Improved RTT Refresh Mechanism: A more robust change-point detection method
is required to adjust minRTT dynamically, especially in multi-flow scenarios with
significant RTT fluctuations. Preliminary studies indicate that TCP BBR also struggles
in such conditions.

Further Research Directions:

¢ Comparative Analysis: Conduct detailed evaluations against newer versions of
TCP BBR (e.g.,, BBRv2 and BBRv3) to benchmark performance under diverse
network conditions.

o Inter-Fairness and RTT Fairness: Investigate fairness across different algorithms (inter-
fairness) and among flows with varying round-trip times (RTT fairness).

*  Learning-Based Enhancements: Explore the integration of the proposed mechanisms
with machine learning algorithms. Machine learning can analyze global historical
patterns to predict network behavior, while the proposed mechanism adapts in real
time to dynamic network conditions.
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¢ Optimal Control Applications: Study the application of classical optimal control theory
to refine congestion control strategies and optimize system performance.

Further simulations and evaluations:

*  Topology-Based Analysis: Evaluate performance in complex simulation environments,
such as parking lot and randomized topologies, and in emerging architectures like
5G networks.

®  Stochastic Network Scenarios: Assess performance under stochastic network conditions,
incorporating random variations in bandwidth, delay, and packet loss rates.

*  Real-World Network Testing: Validate performance in live network environments to
ensure real-world feasibility and robustness.
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baseRTT Lowest RTT measured over entire TCP connection.

BDP Bandwidth-delay-product, usually refers to network BDP given by minRTT x BtIBW.
Also used as a unit of measure, e.g., for buffer size, data-in-flight, cwnd, etc.
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I Internet Protocol.

MIMD Multiplicative-Increase, Multiplicative-Decrease.
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ML Machine Learning

MTU Maximum Transmission Unit
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TCP Transmission control protocol.
TCP BBR is one of the recent TCP CCAs based on Kleinrock’s optimality condition
TCP BBR for an optimal queuing system [24]. BBR stands for Bottleneck Bandwidth and
Round-trip propagation time.
TCP CUBIC A Loss-Based TCP CCA developed for high-speed networks [9]. It uses cubic

increase function [32,33].
TCP NewReno is one of earliest Loss-Based TCP CCAs based on Jacobson’s

TCP NewReno mechanism [32-34]. In most literature TCP CUBIC is used instead TCP Cubic even

though CUBIC is not an abbreviation.
Basic implementation of the proposed mechanism or algorithm. Stands for TCP

TCP QtCol Queueing Theory Collocation—as reference to TCP congestion control using

queueing theory and collocation methods.
Practical implementation of the proposed mechanism or algorithm. Stands for TCP

TCP QtColFair  Queueing Theory Collocation Fair - as reference to TCP congestion control using

queueing theory and collocation methods and incorporation of max-min fairness.

TCP Vegas Earliest example of a Delay-Based TCP CCA [43].
The following symbols are used for equations in this manuscript:

B Bulffer size.

U network bandwidth capacity.

A arrival rate or aggregate sending rate.
Y Actual utilization.

Xs sending rate for source s.

L; Lyredict Occupancy; Predicted value of L.

J Jain’s fairness ratio.

R; Rtarget; Rmin  Response time or RTT; target RTT; minRTT or baseRTT.

114

Multiplicative factor for Riarget from Rpyin.

W; Whew cwnd; new cwnd.

Appendix A. Description of a Box-Plot

A box-plot (or box-and-whisker plot) provides a concise visual summary of data

distribution, revealing its spread, skewness, and any potential outliers. It is particularly

useful for comparing distributions across multiple datasets, and it has applications in

congestion control research, such as in [15]. This structure offers a clear overview of data

behavior, helping identify key statistical characteristics efficiently. An example of a box-plot

is shown in Figure A1, which includes the following elements:

1.

Box:

e Rectangular box that captures the central spread of the data.

e The bottom of the box represents the first quartile (Q1) or the 25th percentile.

e The top of the box represents the third quartile (Q3) or the 75th percentile.

*  The height of the box (difference between Q3 and Q1) is called the interquartile
range (IQR) and measures the spread of the middle 50% of the data.

Median:

*  Ahorizontal line inside the box marks the median (Q2 or 50th percentile).

*  The relative position of the median within the box hints at skewness: a shifted
median suggests asymmetry.

Whiskers:

e  Extend from the box edges to capture data within 1.5 x IQR, about 99.2% for a
normal distribution) from Q1 and Q3.

*  Show the range of the main data distribution, typically excluding extreme values.

Outliers:
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Figure A1. Illustration of a box-plot.

Appendix B. Modifications Made in ns-3.41 and Information for
Conducting Simulations

1.

The following files have been added in src/internet/model directory to implement
TCP QtCol and TcpColFair, respectively:

*  tep-qt-col.h and tcp-qt-col.cc for the basic implementation
*  tep-qt-col-fairh and tep-qt-col-fair.cc for the practical implementation

The CMakelLists.txt file, in src/internet directory, is edited to add header and source
files above for the build process.

my-dumbbell module is created in src/contrib directory with the files my-dumbbell.h
and my-dumbbell.cc in src/contrib/my-dumbbell /model.

CMakeLists.txt is created in src/contrib /my-dumbbell with directives to build my-
dumbbell module.

Several c++ and bash script files have been created for simulations in examples/tcp
and sim_scripts directories, respectively.

Detailed information for simulations and python computation and visualization
code are found at Github in https://github.com/dumisa/TowardsOptimalTcp [58]
accessed on 2 November 2024.
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