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Abstract
TCP Prague is a congestion control algorithm (CCA) for the low
latency, low loss and scalable throughput (L4S) architecture, which
targets very low queuing delay by leveraging fine-grained explicit
congestion notification (ECN) signals. Most prior evaluations of
Prague focus on high-rate scenarios and its TCP-friendliness. Prague
can also, however, cope with low-bandwidth bottlenecks or com-
pete with elastic and inelastic flows—leaving only a small fair share
per flow. In such cases, Prague reduces its segment size to main-
tain approximately two packets per virtual round trip time (RTT).
The current design derives the segment size from both the pacing
rate and RTT, making it sensitive to noisy RTT conditions and
potentially degrading performance. We redesign segment sizing to
depend solely on the pacing_rate using three schemes—linear, ex-
ponential, and logarithmic. We implement these schemes in a modi-
fied Prague kernel and evaluate them in our testbed against both the
default Prague segment-sizing algorithm and a fixed-segment-size
baseline. On throttled links, our schemes reduce retransmissions by
more than a factor of 20 and increase feedback granularity. Under
both elastic (inter- and intra-CCA) and inelastic competition, they
improve throughput stability and fairness.

1 Introduction
Despite the emergence of advanced networking technologies and
the increase in available bandwidth for both mobile and fixed con-
nections, network bottlenecks remain prevalent in the Internet. As
a result, congestion control remains an active research challenge.
Congestion control algorithms (CCAs) rely on network signals such
as loss, delay, and explicit congestion notification (ECN) to oper-
ate near their optimal point. CUBIC, for example, is a loss-based
CCA that probes for bandwidth by filling the queue and oscillating
around full utilization [21]. BBR estimates bottleneck bandwidth
and round-trip propagation time to operate at Kleinrock’s optimal
point [13]. DCTCP leverages finer-grained signals via ECN and
smart queue management, but its deployment is largely limited
to data center environments due to TCP-unfriendliness [2]. TCP
Prague [10] extends this approach within the low latency, low loss
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and scalable throughput (L4S) architecture [9], using improved
queue management to achieve TCP-friendliness while targeting
ultra-low queuing delay.

Bottlenecks are particularly challenging when multiple flows
compete for limited resources. Networks may experience reduced
bandwidth, for instance, due to contention from bursty or inelastic
cross-traffic at shared bottleneck links, a phenomenon observed in
both Internet and datacenter networks [15, 18, 20]. The arrival of
several concurrent flows at a bottleneck, such as in a data center
incast [11], may also quickly and drastically reduce available band-
width. In developing regions, low-bandwidth networks are often
shared among many users, resulting in persistently constrained
links [29]. Physical-layer effects, such as wireless interference, can
further reduce a flow’s available bandwidth [36–38]. A fundamental
challenge in all such environments is the small number of packets
in flight per round trip time (RTT), often fewer than two, which
offers only a sparse (congestion) feedback to the sender.

Scalable CCAs such as Prague, which rely on fine-grained ECN
signals, suffer most from such sparse feedback. To address this spar-
sity of feedback, Prague dynamically reduces its segment size below
a certain bandwidth threshold to preserve feedback frequency at
low rates. In this work, we redesign and evaluate Prague’s dynamic
segment sizing to improve performance over highly bandwidth-
constrained links. We summarize our contributions as follows.

★We identify that the default segment sizing mechanism couples
segment size to the RTT, which introduces instability under noisy
conditions. We redesign the mechanism to depend solely on the
pacing rate.

★We implement three pacing-rate-driven schemes—linear, expo-
nential, and logarithmic—in the Linux Prague kernel, with runtime-
configurable selection.

★We demonstrate that our schemes reduce retransmissions by
more than a factor of 20 on throttled links, shorten inter-packet
gaps, and keep RTT close to the base (i.e., minimum) value.

★We show that the logarithmic scheme achieves the best through-
put stability under inelastic flooding and the highest fairness against
Cubic and BBRv3 [12], at the cost of increased header overhead at
very low rates.

★ We release our Prague implementation as an open-source
artifact at https://inet-l4s.mpi-inf.mpg.de/.

2 Background
A CCA can react only to the signals it can observe or infer. The vast
body of literature on CCAs has settled on three broad categories of
congestion signals: packet loss [5, 21], queuing delay [6, 13], and
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explicit congestion feedback [2, 3, 17, 19]. These signals differ in
accuracy (i.e., when congestion is detected) and in the granularity
at which they are reported. Together, they determine both when
and how aggressively a CCA can respond to congestion.
Loss Loss-based controllers learn of congestion only after a bot-
tleneck buffer (or queue) has overflowed, causing packet loss that
duplicate ACKs or timeouts signal to the sender. The packet loss
signal is unambiguous, but late: The queue is already full, and the
only available response is a steep multiplicative reduction.
Delay Delay-based CCAs, in contrast, detect congestion earlier by
inferring queue buildup from RTT growth. Compared to loss-based
CCAs, they can reduce bottleneck buffer occupancy and enable the
sender to respond proactively. RTT can, however, vary due to route
changes, mobility, wireless MAC effects (e.g., random access and
exponential backoff), and competing flows. The effectiveness of a
CCA, therefore, rests on its ability to disentangle the congestion
signal from all such “noise.”
Explicit feedback An explicit feedback signal sidesteps both of
the above limitations: It is unambiguous, and it can be generated be-
fore the queue grows large enough to hurt application performance.
ECN, which was standardized more than two decades ago, provides
such an explicit congestion feedback [30]. It has end-host support
in every major operating system, although path-wide adoption has
been slow, partly impeded by middlebox interference [4, 24, 28, 39].
L4S builds on this foundation by using the ECN codepoints to carry
a fine-grained, low-latency signal, paired with an active queue
management (AQM) that marks packets long before the bottleneck
buffer or queue overflows.

2.1 L4S architecture
Realizing the L4S architecture [9] requires three distinct compo-
nents working in concert: (i) an AQM that can produce a fine-
grained congestion signal, (ii) an accurate and feature-rich conges-
tion signal, and (iii) a scalable CCA that can exploit the signal to
avoid inflating the queue. Today, a typical L4S implementation uses
Dual-Queue Coupled AQM (DualPI2), Accurate ECN (AccECN),
and TCP Prague, respectively, for these three components.
DualPI2 The DualPI2 AQM classifies each arriving packet by
its ECN codepoint [1]. It dispatches L4S-marked traffic into a low-
latency queue and all other traffic into a classic queue. Crucially,
the two queues do not run independent control loops; instead, their
congestion signals are coupled. The L4S queue marks packets early
and often, while the classic queue applies the “harder,” less frequent
signals that loss-based and conventional-ECN controllers expect,
i.e., packet drops or RFC 3168 markings. The coupling is calibrated
so that a scalable CCA in the L4S-queue and a classic CCA in the
other queue converge to similar throughput (over the long term),
thus preventing starvation of classic flows when they contend for
bandwidth with L4S flows [22, 33, 34].
AccECN ECN carries congestion feedback in a single bit, the ECE
flag, so the sender learns at most that some packet was marked
in the past RTT. AccECN [7], in contrast, reports the cumulative
number of CE-marked packets it has observed, allowing the sender
to learn the fraction of marked packets per RTT. This fraction is the
key input that scalable CCAs such as DCTCP [2] and Prague [10]
exploit.

Prague As a flow’s rate grows, classic CCAs require increasingly
long sawtooth recovery, which makes congestion marks less fre-
quent and lets queue occupancy grow without bound. A scalable
CCA, by contrast, keeps the average duration between congestion
marks roughly constant as rate scales, bounding queue occupancy
independently of throughput—a property DCTCP [2] first demon-
strated in the data center and that Prague [10] applies to the public
Internet. TCP Prague is an L4S CCA that estimates the extent of con-
gestion from the fraction (frac) of packets marked with CE among
the acknowledged packets and updates the congestion estimate 𝛼 as
follows: 𝛼 = 𝛼 + 𝑔 · (frac − 𝛼), where the gain factor, 𝑔, is typically
𝑔 = 1/16. Prague updates 𝛼 once per virtual RTT and uses 𝛼 to scale
the reduction of its primary sending variable. The virtual RTT is
simply the maximum of the smoothed RTT and a reference value of
25ms. It reduces RTT-dependence among flows with substantially
different path delays and provides a stable reference timescale for
low-latency operation.

2.2 Segment sizing in TCP
TCP determines the size of transmitted segments from the receiver’s
advertised MSS and its current path maximum transmission unit
(PMTU) estimate. During data transmission, a router may deter-
mine that a packet exceeds the capacity of a downstream link and
return an ICMP “Packet Too Big” (or “Fragmentation Needed”)
message to the sender. Upon receiving this feedback, the sender
updates its PMTU estimate and reduces the size of subsequent TCP
segments [14]. When such feedback is unavailable, the sender may
instead refine its estimate through packetization-layer probing [27].
In general, TCP does not employ dynamic segment sizing as a
congestion control mechanism; instead, it adapts the segment size
primarily to satisfy path and receiver constraints.

3 On dynamic segment sizing
Prague in its current form operates in either a window-based mode
or a rate-based mode. When the congestion window (in bytes) ex-
ceeds a threshold—four standard-sized packets by default, which
is typical in high bandwidth scenarios—the controller updates a
fractional cwnd and derives the pacing rate from it (window-based
mode); this behavior resembles the standard TCP window-driven
approach. Otherwise, it updates the pacing rate directly and derives
the corresponding fractional cwnd (rate-basedmode). In bothmodes,
Prague enforces a minimum packet window of two segments, pre-
serving a minimal packet “pipeline” and remaining compatible with
the delayed-ACK behavior [5].

To limit queue buildup caused by bursts, Prague employs pacing
to spread transmissions over time. In the Prague implementation,
pacing acts as the primary transmission (“cadence”) control, while
the packet window serves mainly as an upper bound on in-flight
data. Consequently, even when the packet window reaches its min-
imum value of two segments [8], the sender does not need to trans-
mit two full-sized packets within one actual RTT; instead, it can
pace them over a longer interval and thereby sustain a sending rate
below what two full segments per RTT would imply.

This design, however, has a pernicious side effect at very low
rates: When the sending rate is smaller than one MSS per pacing
interval, the sender transmits fewer than two packets per virtual
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Figure 1: The three proposed schemes differ in how aggressively they
reduce segment size as the pacing rate falls below 1Mbps: logarithmic
adaptation preserves larger packets at very low rates, while exponen-
tial keeps them smaller (left). All schemes are evaluated in a dumbbell
testbed with symmetric delay emulation on either side of the bottle-
neck (right).

RTT; the ECN feedback, as a consequence, becomes sparse. For
instance, at an RTT of 25ms and a rate of about 1Mbps, the sender
transmits roughly two full-sized packets per virtual RTT; below
this rate, feedback frequency simply degrades.

To preserve feedback granularity, Prague reduces the segment
size so that approximately two packets are sent per virtual RTT,
while pacing controls the average rate. Let 𝑟 denote the pacing rate
and 𝑅̃ = max(𝑅, 25ms) the virtual RTT. The target segment size is
given by 𝑆 ≈ 𝑟𝑅̃/2, i.e., the value that yields two packets per virtual
RTT at the current rate. We bound it by the MSS above and a floor
of 150 bytes below. The standard permits reducing the segment
size below the MSS, thereby defining the MSS as an upper bound on
segment size [16].

Takeaways. The virtual RTT, 𝑅̃, varies with competing flows
and wireless conditions in the formulation in §2.1. As a conse-
quence, it can cause segment size to fluctuate independently of
the actual sending rate, motivating a pacing-rate-only design.

4 Design & Implementation
Below, we redesign Prague’s dynamic segment sizing to depend
solely on the pacing rate, removing the RTT dependency of the
default implementation. We describe three new schemes and their
realization in the Linux kernel, followed by the testbed used to
evaluate them.
Dynamic approach We determine the segment size solely from
the pacing rate, using 1Mbps as the upper reference point. At
this pacing rate and a virtual RTT of 25ms, the sender transmits
approximately two MSS-sized packets per virtual RTT. Below this
threshold, we define the segment size as a function of the pacing
rate alone, bounded by the MSS (derived from the PMTU) above
and the minimum segment size (150 Bytes) below. This approach
avoids segment-size fluctuations caused by RTT variations (for
instance, due to competing flows or wireless channel conditions)
and provides a more stable behavior relative to the fair share.
Segment sizing schemes We implement three segment sizing
schemes: (a) linear, (b) exponential, and (c) logarithmic. Let 𝑟 denote
the current pacing rate, bounded between 𝑟min = 100 kbps and
𝑟max = 1Mbps. We fix the minimum segment size to 𝑆min = 150 B,
which corresponds to the minimum payload size used by the origi-
nal Prague implementation. The MSS, denoted by 𝑆max, corresponds

to the connection’s PMTU-limited MSS. We normalize the pacing
rate to the interval [0, 1] as 𝑥 = (𝑟−𝑟min )/(𝑟max−𝑟min ). We then com-
pute the segment size 𝑆 (𝑟 ) as follows.

𝑆 (𝑟 ) =



𝑆max, (Fixed)

𝑆min + (𝑆max − 𝑆min) 𝑥, (Linear)

𝑆min + (𝑆max − 𝑆min)
ln(1 + 𝑘𝑥)
ln(1 + 𝑘) , (Logarithmic)

𝑆min + (𝑆max − 𝑆min) 𝑥𝑝 , (Exponential)

where 𝑘 is the logarithmic shape parameter and 𝑝 is the exponential
shape exponent. In our implementation, we use𝑘 = 4 and 𝑝 = 2. The
linear approach scales the segment size linearly with the pacing rate.
The exponential approach uses smaller segment sizes at low rates
and increases them more aggressively as the rate approaches 𝑟max.
The logarithmic approach does the opposite: It increases segment
sizes more aggressively at low rates and more conservatively as
the rate approaches 𝑟max (Fig. 1a). For all schemes, the segment
size remains bounded between 𝑆min and 𝑆max, ensuring that only
the mapping between pacing rate and segment size differs across
the evaluated approaches. We evaluate all three against the default
Prague implementation and a fixed segment size baseline.
Implementation We implemented all three schemes in Prague
within the Linux kernel. We extended the Prague kernel module to
make segment sizing configurable at runtime, allowing the active
scheme to be selected without recompilation. Our implementa-
tion builds on the L4STeam Linux TCP Prague kernel [26] (branch
l4steam-6.6.y).1

5 Evaluation
We evaluate all schemes in a custom testbed consisting of seven
machines: four act as senders and receivers, one serves as the bot-
tleneck and traffic shaping node, and two introduce emulated delay.
The shaping node runs Linux kernel 5.15.72 with iproute2 from
the L4STeam repository [25]2, ensuring no unintended bottlenecks
arise outside the middle node. The Prague hosts use the modified
kernel described in Section 4, while BBRv3 experiments use the
Google-patched kernel (6.4.0+v3).

Fig. 1b shows the dumbbell topology; all machines are intercon-
nected via commodity switches. To emulate base RTT, we split the
target delay into four equal parts and apply it symmetrically to
both data packets and ACKs on either side of the bottleneck, using
tc-netem [23]. Traffic is generated with iperf2; flooding scenarios
use hping3 [32].

We evaluate all the schemes across four scenarios that reflect con-
ditions under which Prague is likely to encounter low fair shares: a
single flow on a (highly) throttled link (§5.1), multiple homogeneous
Prague flows under contention (§5.2), competition with inelastic
traffic (§5.3), and competition with heterogeneous CCAs (§5.4). In
each scenario, we compare packet sizing behavior, retransmission
rate, latency, and throughput stability across all schemes.

1Commit a76b708b.
2Commit 724c4fbe.
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Figure 2: The default implementation keeps packet sizes near the MSS even at 100 Kbps, while pacing-rate-driven schemes adapt segment size to
the available bandwidth. Each cell shows the average (top) and standard deviation (bottom) of packet lengths.
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Figure 3: Pacing-rate-driven segment sizing reduces retransmissions
by more than a factor of 20 across the tested range, while the default
scheme shows no significant improvement. Linear and exponential
results are similar.
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Figure 4: Pacing-rate-driven schemes keep average RTT close to the
base RTT; the logarithmic approach achieves a lower tail compared
to the default, despite serialization delay dominating at these rates.

5.1 Single flow
We first consider a single Prague flow on a link shaped to between
100 Kbps and 1Mbps—the regime in which dynamic segment sizing
is active. We test three base RTT values: 5ms, representative of
short paths observed in RIPE Atlas measurements [31]; 20ms, just
below the virtual RTT floor of 25ms; and 80ms, which exceeds it.
Since competing flows are absent, the RTT-fairness effects of the
virtual RTT do not apply here.

We generate traffic with iperf over a link shaped by tc HTB.
The bottleneck runs DualPI2 with a 300KB buffer3 and a step
threshold of 1ms, which controls the AQM’s transition frommark-
ing to dropping.

Per Fig. 2, the default implementation retains packet sizes near
the MSS even at 100 Kbps, thus failing to adapt to the available band-
width. The three pacing-rate-driven schemes, by contrast, reduce

3Sufficient for approximately 200 MSS-sized packets.
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Figure 5: Pacing-rate-driven schemes transmit more packets and
receive more ACKs per RTT than the default and fixed baselines, in-
creasing feedback granularity for rate adaptation.

segment size proportionally to the rate, producing substantially
smaller packets across the entire tested range.

The pacing-rate-driven schemes reduce retransmissions by more
than a factor of 20 across the tested range (Fig. 3) using the de-
fault DualPI2 configuration without tuning the PI2 controller or
drop/marking thresholds, thereby directly lowering the RTT ex-
perienced by the flow (Fig. 4). At these rates, serialization delay
dominates, so RTT differences across schemes are modest. The log-
arithmic approach, according to this figure, consistently achieves a
lower RTT tail compared to the default. Smaller packets also reduce
the inter-packet and inter-ACK gaps (Fig. 5): At 400 Kbps with 80ms
base RTT, the pacing-rate-driven schemes deliver more packets
and ACKs per RTT, offering the CCA with fine-grained feedback for
rate adaptation.

Smaller segments increase header overhead relative to payload.
Fig. 7 shows the normalized goodput4 for the default and logarith-
mic schemes: Despite reducing retransmissions significantly, the
logarithmic approach yields lower normalized goodput due to its
smaller packet sizes.

Takeaways. The default scheme keeps packet sizes near the MSS
at low rates, starving Prague of ECN feedback. Pacing-rate-driven
schemes cut retransmissions by over 20×, tighten inter-packet
gaps, and keep RTT close to the base—at the cost of increased
header overhead. Among the three, the logarithmic scheme best
balances feedback granularity and packet efficiency.

5.2 Multiple homogeneous flows
We extend the evaluation to a 10Mbps bottleneck shared by 10, 15,
or 20 homogeneous Prague flows, with base RTT values ranging

4Total received payload divided by the theoretical maximum payload without headers.
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Figure 6: Dynamic segment sizing reduces packet sizes across all algorithms under multi-flow bottleneck contention. The default implementation
adapts to both RTT and the pacing rate, whereas the logarithmic approach produces larger packets on average and remains largely independent of
RTT.

5 20 80
Base RTT (ms)

1000

800

400

200

100Bt
l. 

Ba
nd

w
id

th
 (K

bp
s) 0.949 0.950 0.938

0.948 0.951 0.927

0.949 0.952 0.930

0.949 0.950 0.953

0.951 0.953 0.953
0.0

0.2

0.4

0.6

0.8

1.0

No
rm

al
iz

ed
 G

oo
dp

ut

(a) Default

5 20 80
Base RTT (ms)

1000

800

400

200

100Bt
l. 

Ba
nd

w
id

th
 (K

bp
s) 0.949 0.953 0.943

0.953 0.946 0.930

0.932 0.932 0.913

0.880 0.883 0.883

0.756 0.730 0.714
0.0

0.2

0.4

0.6

0.8

1.0

No
rm

al
iz

ed
 G

oo
dp

ut

(b) Logarithmic

Figure 7: Smaller packets increase header overhead: the logarithmic
scheme achieves the lowest retransmission rate but pays a goodput
penalty relative to the default.

from 5ms to 80ms. This setup produces per-flow fair shares below
1Mbps, placing each flow in the dynamic-segment-sizing regime,
while avoiding the extreme serialization delays of the single-flow
scenario. As expected, more competing flows reduce the fair share
per flow and decrease packet sizes (Fig. 6); the pacing-rate-driven
schemes maintain more consistent packet sizes across different base
RTT values than the default. Retransmissions are negligible across
all cases—early L4S feedback prevents overshoot—and RTT remains
close to the base; we omit these results for brevity.

Fig. 8 shows that at 10 flows—where each flow receives roughly
1Mbps—all schemes produce similar inter-packet gaps. At 20 flows,
the default behaves like the fixed baseline, while the pacing-rate-
driven schemes achieve tighter (or smaller) gaps through smaller
packet sizes, thus delivering more frequent feedback to the CCA.

To quantify throughput stability, we compute the coefficient
of variation (CV5) across all flows and report the median over
three runs. At higher RTT (e.g., 40ms), pacing-rate-driven schemes
reduce throughput CV relative to the default and fixed baselines
(Fig. 9). The logarithmic scheme shows the greatest improvement
at 20 flows. At 10ms, the default achieves lower CV: This behavior
is consistent with its tendency to produce smaller packets at short
RTT values, naturally increasing feedback frequency.

Takeaways. Under multi-flow contention with sub-1Mbps fair
shares, pacing-rate-driven schemes reduce inter-packet gaps and
stabilize throughput. These benefits are more pronounced at
higher RTT, while the default implementation remains competi-
tive at lower RTT.

5CV = 𝜎/𝜇, where 𝜎 and 𝜇 are the standard deviation and mean throughput over
50ms bins.
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Figure 8: At smaller fair shares, default and fixed approaches show
similar inter-packet gaps, whereas dynamic segment sizing yields
smaller gaps via better packet size adaptation.
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Figure 9: At higher RTT, pacing-rate-driven schemes reduce through-
put CV relative to the default and fixed baselines; at 10ms, the default
remains competitive.

5.3 Competition with inelastic traffic
Consider a 10Mbps bottleneck shared by a single Prague flow
and an inelastic SYN flood generated using hping3. The SYN flood
starts after 10 s and its rate varies between 9Mbps and 9.9Mbps,
which leaves a residual bandwidth between 1Mbps and 100Kbps
for Prague. We test two conditions: In the first, flood packets are
ECT(0)-marked, and in the second, ECT(1)-marked SYN flood pack-
ets enter the L4S queue alongside the Prague flow. Fig. 10a illustrates
the throughput of flows in the 9Mbps setting.

Under ECT(0) flooding, DualPI2’s coupling mechanism drops
excess classic-queue traffic before it can starve the L4S queue [35],
so Prague retains most of the bottleneck bandwidth and packet
sizes remain near the MSS (Fig. 10b). Under ECT(1) flooding, the
flood shares the L4S queue directly with Prague, offering no such
protection; packet sizes drop sharply as Prague is squeezed to a
small residual share (Fig. 10c). The logarithmic scheme achieves
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Figure 10: Under ECT(0) flooding, DualPI2 protects Prague; under ECT(1) flooding, Prague only obtains a small residual share. The logarithmic
scheme achieves the most stable throughput in both cases.
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Figure 11: Under inter-CCA competition with sub-1Mbps fair share, dynamic segment sizing in Prague adapts packet sizes without harming
competitiveness and improves Jain’s fairness index (JFI) against both Cubic and BBRv3.

the most stable throughput in both conditions (Fig. 10d), with the
exception of the SYN 9.8Mbps flood rate.

Takeaways. DualPI2 shields Prague from classic (ECT(0)) floods
via queue coupling, but offers no such protection against L4S
(ECT(1)) floods. Dynamic segment sizing remains stable under
both conditions and improves throughput stability in most cases,
particularly with the logarithmic scheme.

5.4 Multiple heterogeneous flows
We evaluate 𝑁 Prague flows competing with 𝑁 Cubic or BBRv3
flows (𝑁 ∈ {5, 10}) over a 10Mbps bottleneck with 20ms base RTT.
We select Cubic as the default Linux CCA, and BBRv3 as a widely
deployed, aggressive alternative [40]. In both cases, we disable ECN,
causing these flows to compete as classic CCAs. Each experiment
runs in two orders—Prague first or the competing CCA first—and
flows compete for 60 s. As contention increases, Prague’s fair shares
fall below 1Mbps, activating dynamic segment sizing (Fig. 11a and
Fig. 11b). The competition with BBRv3 yields smaller packet sizes
than with Cubic, which reflects BBRv3’s aggressive behavior. All
dynamic-segment-sizing schemes improve Jain’s fairness index (JFI)
over the fixed baseline in both competition scenarios (Fig. 11c, 11d).
Against Cubic, fairness remains close to 1 (i.e., ideal). Against BBRv3
at 10 flows per CCA, the median JFI degrades significantly, yet the
logarithmic scheme consistently achieves the highest JFI even in
these scenarios. The order of flow arrivals has no significant effect
on the results.

Takeaways. Dynamic segment-sizing schemes preserve the
TCP-friendliness of Prague and improve fairness under inter-
CCA competition, even against aggressive flows such as BBRv3.

6 Concluding remarks
Prague struggles at low bandwidth scenarios because transmitting
full-sized packets at very low rates makes the ECN feedback sparse,
which in turn degrades rate adaptation. The default segment sizing
approach partially addresses this issue but ties segment size to the
RTT, introducing instability under noisy conditions.

We redesigned our dynamic segment-sizing approach to depend
solely on the pacing rate and implemented three schemes—linear,
exponential, and logarithmic—in the Linux kernel. Across four eval-
uation scenarios, our sizing schemes reduce retransmissions by
more than a factor of 20 on throttled links, reduce inter-packet
gaps, and stabilize throughput under both elastic and inelastic com-
petition. The logarithmic sizing scheme consistently outperforms
the others: It achieves the lowest retransmission rates, the best
throughput stability under inelastic floods, and the highest fairness
against Cubic and BBRv3. These benefits come at the cost of in-
creased header overhead, which reduces normalized goodput at
very low rates. Evaluating a single aspect of a CCA, as we do in
this paper, remains challenging because many configurable param-
eters influence performance. We design our experiments to isolate
the component under study and make the evaluation reproducible.
Generalizing the results, however, requires further exploration of
the parameter space. We leave this investigation to future work.
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