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1  Introduction
Modern applications, e.g., Augmented Reality (AR) and Virtual Reality (VR) applica-
tions, maintain multiple virtual objects that the user can interact with. Typically, the 
data associated with each virtual object is transported over one congestion-controlled 
connection per object. Usually these connections share a common bottleneck with lim-
ited capacity, which is often the user’s access link. Congestion control is handled by the 
transport layer protocol (e.g., Transmission Control Protocol (TCP), Quick User Data-
gram Protocol (UDP) Internet Connections (QUIC), Datagram Congestion Control 
Protocol (DCCP)). While we mainly focus on TCP in this paper, the conclusions drawn 
extend to all transport layer protocols, as the congestion control these transport pro-
tocols use is often interchangeable, e.g., TCP’s congestion control is extendable, QUIC 
uses Cubic congestion control by default, but any other congestion control can replace it 
and DCCP has a number of alternative congestion control algorithms it can use.

TCP is an ACKnowledgement (ACK)-based protocol. Each byte of information sent 
by the sender needs to be acknowledged by the receiver; if some range of bytes is lost, 
it needs to be retransmitted. TCP congestion control maintains a congestion window 
(cwnd), which is the amount of information that can be sent unacknowledged by the 
sender. The ACKs the sender receives from the receiver convey information about con-
gestion in the network. Traditional TCP congestion control, as mandated by the Internet 
Engineering Task Force (IETF), dictates that the cwnd is determined by observed packet 
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loss, which occurs after a sizeable queue has been built up in the network. Alternative 
congestion control protocols exist, but they also rely on a queue being built up, because 
they also react to either packet loss or an increase in Round Trip Time (RTT).

These types of congestion control protocols are less suitable for AR/VR applications 
for two reasons: (i) as they require a sizeable queue being built up in the bottleneck, they 
introduce high latency; and (ii) they offer an equal bottleneck link capacity share to each 
of the connections associated to the virtual objects of the application, which is not ideal 
as the application should be able to use proportionally more throughput for the particu-
lar object that the user momentarily attends to.

The latency issue is solved by the Low Latency Low Loss Scalable throughput (L4S) 
standards [1–3]: L4S guarantees low latency essentially by combining (i) Active Queue 
Management (AQM) in the bottleneck that conveys suitable congestion signals under 
the form of “accurate” Explicit Congestion Notification (ECN) marks [4] to the sender, 
with (ii) a new type of congestion control, referred to as Prague congestion control [5], 
which is a further evolution of Data Center TCP (DCTCP) congestion control [6].

The second issue, i.e., traffic differentiation, is the main topic of this paper, which is an 
extension of our earlier work [7]. Specifically, we allow applications to use the accurate 
ECN feedback in a flexible way. As the application is aware of the “importance” (or “util-
ity”) of each virtual object at any moment in time, it can also decide which throughput 
it needs for the associated connections, given the bottleneck restriction. This is aligned 
with the concept of Network-Application Symbiosis (NAS) which is part of the Unified 
Networking Experience (UNEXT) [8].

We propose a solution that enables the application to differentiate between its connec-
tions, by reacting in a different way to ECN marks for each connection. Since all these 
connections pertain to the same application, there are no trust issues: incorrect differ-
entiation choices only impact the application itself. Furthermore, when a user competes 
with applications from other users, their respective traffic is generally well-separated, 
typically managed through static classifiers and schedulers [9] within the network. In 
this paper we assume that the network offers fairness between users, but how a user, or 
more precisely, its application, uses its fair portion is up to the application to decide.

This paper is organized as follows. Section 2 introduces the principles on which traf-
fic differentiation driven by the application is based and discusses how reference Prague 
congestion control is modified to allow for traffic differentiation. Section  3 provides 
experimental evidence that application-driven traffic differentiation works as theoreti-
cally expected. Section 3.7 shows that this traffic differentiation can be justified by vir-
tual objects having their respective utility function. Section  4 compares our approach 
with related work. Finally, Sect. 5 draws conclusions and discusses future work.

2 � Methods
We first argue why traditional congestion control cannot achieve low latency, and hence, 
why we use (reference) Prague congestion control as our starting basis. Subsequently, 
to enable an application to differentiate between the traffic flows it controls, we modify 
reference TCP Prague. We describe the algorithms reference Prague congestion control 
is based on, specify which ones we modify and detail the changes we make to achieve the 
goal of application-driven congestion control.
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Note that to achieve the goal of improving the quality of experience of a AR/VR appli-
cation, two distinct problems need to be solved: (i) how the application determines the 
utility associated to the virtual objects and (ii) how traffic differentiation can be achieved 
based on these utilities of the objects. Problem (i) involves scene analysis algorithms to 
determine which object the user is likely to pay most attention to or an eye-tracking tool 
to follow the gaze of the user, while problem (ii) involves congestion control. Moreover, 
jointly tackling problem (i) and (ii) would require an Application Programming Interface 
(API) between the utility-determining algorithm associated to problem (i) and the con-
gestion control associated to problem (ii).

In this paper we concentrate on the network-related problem (ii), keeping the scene-
analysis problem (i) and API design deliberately outside the scope. Concretely, we 
assume that the application already has determined the utility of the objects, and that 
only the traffic differentiation needs to be solved. Moreover, we consider scenarios where 
the utilities of the multimedia objects do not change rapidly, reserving more dynamic 
scenarios for future work.

2.1 � Traditional congestion control

Traditional TCP congestion control, as mandated by the IETF, maintains its cwnd via 
the “slow start” (or “hystart” [10]), “congestion avoidance” and “retransmission timeout” 
algorithms [11, 12].

Since the applications considered here typically require multiple (volumetric) multi-
media streams to be transported, each requiring low latency, even when the network 
is congested, we focus on the worst case, i.e., competition of persistent flows. Hence, 
we concentrate on the “congestion avoidance” phase of congestion control. Traditional 
congestion control updates its cwnd during this phase essentially based on the “Addi-
tive Increase, Multiplicative Decrease (AIMD)” principle: as long as no congestion is 
detected, the cwnd increases linearly (or cubically) over time (referred to as “additive 
increase”), and when congestion is detected, the cwnd decreases by a certain fraction 
(referred to as “multiplicative decrease”).

Roughly the cwnd W increases by an amount 1W  for each ACK-ed packet and reduces 
by an amount β (typically β ∈ [0.3, 0.5] ) when a triple duplicate ACK is detected, which 
happens with the packet loss probability q. Hence, the throughput (i.e., W

τ
 with τ the 

RTT) of traditional congestion control during AIMD is approximately

where R0 is some constant (in [bits]).
Alternative (traditional) congestion control algorithms try to avoid (excessive) loss. 

The initial version of ECN, as defined in [13], marks packets when congestion occurs, 
long before a queue overflows, and hence, loss occurs. Because in that version only one 
congestion event per RTT was allowed and the “multiplicative decrease” algorithm was 
unaltered, a marked packet was semantically equivalent to a lost packet. Hence, the 
latency characteristics are not fundamentally impacted by this initial version of ECN. 
Another alternative Bottleneck Bandwidth and Round-trip propagation time (BBR) [14] 

(1)RC(q, τ ) = R0

1

τ · √q
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reacts to an increase in latency, which also occurs before packets are lost. While these 
techniques avoid loss, they still introduce considerable latency.

2.2 � Reference Prague congestion control

Reference Prague congestion control [5] relies on the “additive increase”, “multiplicative 
decrease”, “packet size adjustment” and “packet loss fallback” algorithms; and accurate 
ECN feedback [4].

During “additive increase”, the Prague sender increases its cwnd W by an amount �W  
for each unmarked ACK, where � = min

{

τ 2

τtgt 2
, 1

}

 [packets], where again τ is the RTT, 

and τtgt=25ms is the target RTT. When the Prague sender observes a mark, “multiplica-
tive decrease” is activated, after which the sender decreases its cwnd W by 

(

p̂
2
·W

)

 , but 

it does this at most only once within an interval of duration of the RTT τ or the target 
RTT τtgt , whichever is the largest. The key difference between L4S [1] and the initial 
ECN framework [13] resides in the fact that the decrease in cwnd W is determined by 
the observed marking ratio p̂ in L4S, while in the initial framework it is just the same 
constant fraction that also traditional loss-based congestion control uses.

In steady state the average “additive increase” per ACK is balanced with the average 
“multiplicative decrease” per ACK. The former is:

where p̂ is the average (measured) marking ratio, while the latter is:

provided that successive marks are uncorrelated. Here φ(p̂) is a parameter ( < 1 ) that 
indicates which fraction of the marked ACK actually results in a decrease and can 
depend on p̂ . So, the steady-state congestion window cwnd is:

To determine φ(p̂) we notice that p̂ ·W  packets are marked per RTT τ , and hence, for 
an interval of duration max{τ , τtgt} a fraction max{τ ,τtgt }

τ
 thereof. Since only one of those 

results in a “multiplicative decrease”, this allows to determine φ(p̂) . Consequently, the 
steady-state throughput of Prague congestion control, i.e., W

τ
 , is:

where θ0 is a constant (which does not depend on the marking ratio p̂ and only depends 
on the RTT τ if τ > τtgt ) to be experimentally determined. This relation was also pro-
posed in [5]. We refer to (5) as the theoretical reaction curve of reference Prague conges-
tion control.

(2)
(1− p̂) ·

min

{

τ 2

τ 2tgt
, 1

}

W

(3)φ(p̂) · p̂ · p̂
2
·W

(4)W =

√

2 ·
(

1− p̂
)

φ(p̂)
·
min

{

τ
τtgt

, 1

}

p̂

(5)RP(p̂) = θ0 ·
(

1− p̂
)

p̂
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Prague congestion control measures the packet marking ratio as follows. The receiver 
provides accurate ECN feedback [4] to maintain a running average of the packet marking 
ratio p̂ at the sender side, which is used in the “multiplicative decrease” step to update 
the cwnd W.

Since Prague congestion control requires frequent feedback, it aims at sending at 
least two packets per RTT τ , via a “packet size adjustment” algorithm. Consequently, it 
decreases its packet size if the throughput is low.

There is also a “packet loss fallback” option when packets are lost. In particular, Prague 
congestion control reacts to packet loss events (e.g., due to packet drops in queues) in a 
similar way as legacy congestion control (e.g., as TCP Reno) does. Hence, it fairly shares 
the capacity with other loss-based congestion control algorithms under these circum-
stances. Moreover, Prague congestion control will fall back to purely loss-based conges-
tion control when the accurate ECN feedback is not supported by the corresponding 
endpoint. It is important to understand that this is a fallback option, which should rarely 
be activated. In particular, in all experiments that we describe in Sect. 3 no packet loss 
was observed.

2.3 � Traffic differentiation

To achieve traffic differentiation, we modify reference Prague congestion control. In 
particular, we only modify the amount by which the cwnd W is reduced in the “multi-
plicative decrease” step of the “congestion avoidance” algorithm. The basic principle is 
that a connection governed by modified Prague congestion control is allowed to react 
differently to its measured packet marking ratio p̂ . Concretely, we define a monotoni-
cally increasing function f (p̂) that maps the measured packet marking ratio p̂ to a value 
p̂′ used by modified Prague congestion control in its “multiplicative decrease” step. The 
modified value p̂′ reflects the utility assigned to the different connections as detailed in 
Sect. 3.7.

In this paper, we explore two types of mapping functions, type  1 and type  2 corre-
spond to Eq. (6) and Eq. (7) respectively:

where p0 ∈ [0, 1] , γ ∈ [−1, 1] , and A > 0 are tunable parameters of the mapping func-
tions. Type 1 mapping function is used to illustrate the case where modified Prague con-
gestion control may be more or less aggressive than reference Prague congestion control, 
depending on the level of congestion. In particular, based on Eq. (5), in the case of p̂′ < p̂ 
(respectively p̂′ > p̂ ), modified Prague congestion control is expected to yield a more 
(respectively less) aggressive behavior than reference Prague congestion control. Type 2 
mapping function is used to illustrate the case where modified Prague congestion con-
trol has a throughput of A times the throughput of reference Prague congestion control. 
Figure 1 shows the mapping functions used below.

(6)f (p̂) =







(1− γ ) · p̂+ γ · p̂2

p0
, p̂ ≤ p0

(1− γ ) · p̂+ γ ·
�

1− (1−p̂)2

(1−p0)

�

, p̂ ≥ p0

(7)f (p̂) = p̂

A+ (1− A) · p̂
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The steady-state throughput Rf (p̂) of modified TCP Prague as function of the meas-
ured marking ratio p̂ can be obtained based on the same principle that lead to Eq. (5): 
at steady state, the average “additive increase” of Eq. (2) and the average “multiplicative 
decrease” of Eq. (3) balance each other. Note that after applying the mapping function, 
p̂ of Eq. (3) in the “multiplicative decrease” step is replaced by f (p̂) , while no changes 
are applied in the “additive increase” step. Therefore, only the denominator of Eq. (5) is 
replaced by f (p̂) to obtain the corresponding theoretical reaction curve associated to 
modified Prague congestion control:

3 � Results and discussion
3.1 � Network setup

We perform experiments using the network setup illustrated in Fig. 2. There are N flows 
competing with each other at a bottleneck link with an adjustable capacity C. Each flow 
sees a base RTT of 20ms. Client n can select its TCP flavor from the set {reference TCP 
Prague, modified TCP Prague, TCP Cubic}, and then sends a persistent flow to server n 
after the three-way TCP handshake (using iperf3). We use (rate-based) TCP Prague 

(8)Rf (p̂) = θ0 ·
1− p̂

f (p̂)

Fig. 1  Example mapping functions f (p̂).

Fig. 2  Network setup
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version 0.71 rather than version 0.6 which we used in our prior work [7]. The bottleneck 
either implements the Dual Proportional Integral squared (DualPI2) AQM [3] or marks 
packets with a constant probability p. DualPI2   [3] allows L4S traffic to compete with 
legacy traffic by segregating both traffic classes. Under congestion DualPI2 couples the 
probability with which a packet of legacy traffic is discarded with the probability that 
an L4S packet is marked in such a way that both traffic classes are treated fairly (to the 
extent possible). Clients, servers and bottleneck run in their respective network names-
pace and are isolated from any other background traffic.

All packets that enter and emerge from the bottleneck, are captured with wire-
shark. For each flow of interest, the curves �(t) and �(t) counting the number of bytes 
that were sent up to time t and the number of bytes that were ECN marked up to time t, 
respectively, are determined.

Based on these curves the steady-state throughput and marking ratio and throughput 
evolution are constructed as follows.

The steady-state throughput θ̂∞ is approximated by the average slope of the curve �(t) 
over an interval of typically 15 s starting after all transient effects have died out. Addi-
tionally, the ratio of the slopes of the curves �(t) and �(t) is used as approximation for 
the steady-state measured marking ratio p̂∞ . We refer to the curve that shows how θ̂∞ 
depends on p̂∞ as the measured reaction curve.

Time evolution of the throughput θ̂n is calculated as

for n = 1, 2, . . . , where δ = 0.5 [s].
By subtracting the timestamp of a packet that emerges from the bottleneck from the 

timestamp of that same packet when it entered the bottleneck we can assess the latency 
τB for a packet to traverse the bottleneck node. Note that this latency includes process-
ing, queuing and serialization latency.

Each experiment is repeated twenty times to assess the standard deviation of relevant 
metrics (e.g., θ̂ and p̂).

3.2 � Latency performance and fairness

In this section we compare the latency and assess the fairness of reference TCP Prague 
and TCP Cubic. In this experiment one reference TCP Prague flow competes with one 
TCP Cubic flow on a bottleneck with capacity C, that implements DualPI2 AQM.

Figure 3a shows that the latency τB to traverse the bottleneck of the packets associated 
to reference TCP Prague is very low, only for small capacities C, when the serialization 
latency starts to play a role the latency exceeds 1ms. In contrast, for TCP Cubic, the 
latency is large, ranging from 15ms to 40ms.

Figure 3b shows that reference TCP Prague gets a larger share of the bottleneck capac-
ity than TCP Cubic. However, this is not a sign of unfairness. Comparing Eq.  (1) with 
Eq. (5) reveals that TCP Cubic’s throughput is inversely proportional to the RTT, while 
reference TCP Prague’s throughput is independent of the RTT (as long as the RTT is 

(9)θ̂n = �(nδ)−�((n− 1)δ)

δ

1  TCP Prague version 0.7 is available at https://​github.​com/​L4STe​am/​linux/​blob/​tcp_​prague/​net/​ipv4/​tcp_​prague.c.

https://github.com/L4STeam/linux/blob/tcp_prague/net/ipv4/tcp_prague.c
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lower than τtgt=25ms). Reference TCP Prague experiences an RTT equal to the base 
RTT of 20ms, while TCP Cubic sees a considerably larger RTT, due to the contribution 
τB of traversing the bottleneck (shown in Fig. 3a). This difference in RTT is responsible 
for the lower throughput of TCP Cubic.

This illustrates that in this context where one TCP version is RTT-dependent and the 
other is not, fairness is hard to numerically define. This is complicated by the fact that, 
in this paper, we aim for traffic differentiation, where one flow is allowed to get, on pur-
pose, more throughput than another. In the rest of the paper, we are not concerned with 
fairness in terms of throughput (as long as flows are not starved), but concentrate more 
on fairness in terms of utility (see Sect. 3.7).

3.3 � Characterizing reference Prague congestion control

We first characterize reference TCP Prague by marking with a constant marking prob-
ability in the bottleneck node.

Figure  4 shows how the throughput θ̂ changes as the marking probability increases. 
The dashed line is the theoretical prediction (see Eq.  (5)). Up to a marking ratio p̂ of 
0.7, the measured reaction curve of reference TCP Prague accurately matches the theo-
retical reaction curve of Eq. (5), shown as the dashed line in the figure, with the optimal 
θ0 = 1.46Mbps. The reason for the deviation beyond a marking ratio p̂ of 0.7 is that the 
throughput is so low that the lower bound on throughput imposed by reference TCP 
Prague starts to kick in.

Figure  5 illustrates how TCP Prague reduces its packet size as the marking ratio p 
increases, and hence, the throughput decreases, which as explained above, it does so to 
still send at least two packets per RTT. From a packet marking ratio of about p =0.35 
this reduction starts, and from a packet marking ratio of about p =0.5, this reduction is 
considerable.

Figure  6 shows the evolution of the throughput after the marking probability of 
p = 0.15 (until steady state was reached) changed to a different value at time=1  [s]. 
Notice that increasing the throughput (after a decrease in marking probability) takes 

Fig. 3  Average and maximum latency to traverse the bottleneck node and steady state throughput of a 
reference TCP Prague flow and a TCP Cubic flow competing on a bottleneck of capacity C 
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longer than decreasing the throughput (after an increase in marking probability). This is 
due to the fact that “additive increase” is slower than “multiplicative decrease”.

3.4 � Tagged flow marked with constant marking probability

To assess the performance of modified TCP Prague, in a first set of experiments, we focus 
on a single traffic flow of interest (referred to as the “tagged flow”) over a bottleneck that 

Fig. 4  Measured reaction curve of reference TCP Prague when the bottleneck uses a constant marking ratio. 
The dots represent the average values. The vertical and horizontal lines are the standard deviations. The 
dashed line is the theoretical model of (5)

Fig. 5  Quantiles of the packet size of TCP Prague when the bottleneck uses a constant marking ratio

Fig. 6  Evolution of the throughput of reference TCP after a change in marking probability from 0.15 to 
another value (specified in the legend)
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marks packets with a constant marking probability p and has a virtually unlimited link 
capacity C = ∞ . With this experiment we intend to compare the reaction curve of refer-
ence with modified TCP Prague without any competition or AQM mechanism.

Figure  7 shows the measured reaction curves. In contract to our previous work [7] 
where we considered the marking probabilities in the interval [0, 0.3], here we consider 
marking probabilities in the larger interval [0, 1]. Modified TCP Prague with the type 1 
mapping function behaves as expected, e.g., the flow with “type 1: p0 = 0.15, γ = 0.5 ” is 
more (or respectively less) aggressive than the one governed by reference TCP Prague 
when p̂ < p0 (respectively p̂ > p0 ). Modified TCP Prague with the type 2 mapping func-
tion quantitatively also works as planned, e.g., the flow with “type 2: A = 3 ” gets about 
three times more throughput than reference TCP Prague, while flow “type 2: A = 1

3
 ” gets 

only one third, for marking ratios smaller than 0.7.

3.5 � Tagged flow competing with TCP cubic flows over DualPI2

In a second set of experiments, the same tagged flow competes with (N − 1) TCP Cubic 
flows over a bottleneck implementing the DualPI2 AQM with a link capacity C. To cover 
the full range of throughputs we vary N=2 to 60 and consider two values for the link 
capacity C: 100Mpbs and 20Mbps. As the TCP Cubic flows accumulate lots of packets 
in the classic queue, they experience a large queuing latency which increases their RTTs. 
In contrast, the tagged flow experiences a small queuing latency in the L4S queue and its 
RTT is only slightly larger than the base RTT of 20ms.

Figure 8 shows the measured reaction curves of this experiment. Like in the previous 
experiment, for the case where the tagged flow uses reference TCP Prague, the theoreti-
cal reaction curve of Eq. (5) with the optimal θ0 = 1.46Mbps, still accurately matches the 
measured reaction curve, which indicates that consecutive marks set by DualPI2 when 
TCP Prague flows compete with TCP Cubic flows are more or less uncorrelated (as in 
the case with constant marking probability). The other observation from previous exper-
iment, i.e., that the modified TCP Prague using one of the mapping functions shown in 

Fig. 7  Measured reaction curves of reference and modified Prague congestion control when the bottleneck 
marks packets with a constant probability. The dots represent the average values. The vertical and horizontal 
lines are the standard deviations. The dashed lines are the theoretical models
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Fig. 1 behave as expected, remains valid. In fact, since a smaller number of TCP Cubic 
flows will see a larger throughput saw-tooth (due to less frequent packet loss), larger 
throughput standard deviations are observed when p̂ is small.

3.6 � Multiple tagged flows using different mapping functions

In a third set of experiments we observe five tagged flows, comprising one reference 
TCP Prague flow and four modified TCP Prague flows, one associated to each of the four 
mapping functions shown in Fig. 1. These are competing with (N − 5) TCP Cubic flows 
over the bottleneck that implements DualPI2 AQM and has a link capacity of C = 100

Mbps.

3.6.1 � Steady state

Figures  9a  and   9b  show the achieved stead-state throughput for the cases with 
N=6 and N=20, respectively, with an average measured packet marking ratio p̂ 

Fig. 8  Measured reaction curves of reference and modified TCP Prague when the bottleneck implements 
DualPI2 AQM and there are competing TCP Cubic flow(s). The dots represent the average values. The vertical 
and horizontal lines are the standard deviations. The dashed lines are the theoretical models

Fig. 9  Steady-state throughput of five tagged flows using their respective mapping functions shown in 
Fig. 1, under the competition with (N − 5) TCP Cubic flows. The lengths of the bars represent the average 
values. The black horizontal lines are the standard deviations
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of 0.11 and 0.17, respectively. We observe that in the former case, flow “type  1: 
p0 = 0.15, γ = 0.5 ” obtains more throughput than reference TCP Prague, and flow 
“type  1: p0 = 0.15, γ = −1 ” obtains less. An opposite situation is seen in the latter 
case. Both observations follow our prediction, as p̂ < p0 in the former case and p̂ > p0 
in the latter case. Moreover, in both cases, the throughput of flow “type  2: A = 3 ” 
is slightly less than three times the throughput of reference TCP Prague, while the 
throughput of flow “type 2: A = 1

3
 ” is slightly more than one third of the throughput 

of reference TCP Prague. This small deviation from the theoretical predictions (three 
and one third, respectively) is due to the fact that the corresponding mapping func-
tions, shown in Fig. 1, expose slight curvature for the relevant values of p̂.

3.6.2 � Transient behavior

With the same setup as in the previous paragraph, we let the system converge to the 
steady state with one background TCP Cubic flow (so that N=6) lasting throughout 
the experiment. At time=5 [s] fourteen additional TCP Cubic flows are switched on 
for a duration of 10 [s] (so that N=20 during these 10 [s]). Figure 10 shows how the 
throughput of the various flavors varies over time. About 1 to 2 [s] after switching the 
additional flows on or off, the throughput is converged to its steady state values that 
were already observed in Figs. 9a and 9b.

3.7 � Utility function of modified Prague congestion control

Finally, we justify the goals of traffic differentiation by arguing that the flows governed 
by modified Prague congestion control with different mapping function f (p̂) have dif-
ferent associated utility functions.

For a reference Prague congestion controlled flow that sees a throughput θP , the 
utility function UP(θP) is chosen, inspired by [15], as:

where θP is expressed in [Mbps]. Assuming that a modified Prague congestion controlled 
flow sees the same utility as seen by a reference Prague controlled flow when it sees the 
same measured marking ratio p̂ , yields an expression for the utility function F(θf ) of a 
modified Prague congestion controlled flow:

(10)UP(θP) = ln (θP)

Fig. 10  Evolution is the throughput of reference and modified TCP after a change in background load
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where the superscript (·)−1 denotes the inverse of a function. Since the mapping function 
f (p̂) is monotonically increasing, Rf (p̂) is monotonically decreasing and invertible.

Equation (11) allows to determine the utility function F(θf ) associated to a modified 
Prague congestion controlled flow when the mapping function f (p̂) is given. Conversely, 
if the utility function F(θf ) of the differentiated flow is known, the mapping function f(p) 
can be easily determined.

Table 1 shows the utilities associated with the throughputs of Fig. 9a and Fig. 9b, using 
the utility functions given by eq.  (11). The reason that the utilities of various modified 
TCP Prague flows are not perfectly equal stems from the fact that the measured reaction 
curves differ slightly from the theoretical reaction curves (see Fig. 8).

4 � Related work
4.1 � Network‑based traffic differentiation

In contrast to what we propose in the present paper and in our earlier work [7], traffic 
differentiation can also be controlled by the network by segregating traffic in a number 
of traffic classes and treating these classes in a differentiated way in the network nodes 
[9] using appropriate schedulers in bottleneck nodes [16]. For the AR/VR applications 
we consider here, this would involve enabling these applications to dynamically steer the 
traffic treatment in the bottleneck nodes, which network operators are reluctant to do.

4.2 � Alternative congestion control algorithms

Next we discuss why congestion control relying on marks to convey congestion, besides 
offering the ability to avoid queuing delay, which L4S exploits to the fullest, is the most 
versatile way towards fine-grained traffic differentiation. The two alternative congestion 
signals, packet loss and RTT variation, are harder to exploit for fine-grained traffic dif-
ferentiation for the following reasons.

4.2.1 � Multiple parallel connections

Allowing the application to increase the cwnd differently for different congestion-con-
trolled traffic flows does indeed yield traffic differentiation, but it is always the same irre-
spective of the level of congestion. This type of behavior is equivalent to an application 
opening multiple connections to send the traffic for one object, which is a commonly 
used technique to increase the (aggregate) throughput associated to one virtual object, 
and is, e.g., used by web browsers [17]. This idea has been extended by MulTFRC [18], 
which allows a TCP Friendly Rate Control (TFRC) flow to act as a number N of flows 

(11)F(θf ) = ln

(

RP

(

R−1

f

(

θf
)

))

Table 1  Utilities associated with the throughputs of Fig. 9aand Fig. 9b

Prague type1: type1: type2: type2:

p0 = 0.15 p0 = 0.15 A = 3 A =
1

3

γ = 0.5 γ = −1

N=6 2.70 2.65 2.89 2.62 2.89

N=20 1.97 1.92 1.95 1.83 2.01
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in parallel. Apart from the obvious difference that MulTFRC relies on packet loss (and 
hence, does not guarantee low latency), while our approach relies on packet marks, a 
fundamental difference is that MulTFRC is always acting as N flows in parallel, while in 
our approach a flow may be less aggressive when the network is lightly congested and 
more aggressive when the network is heavily congested.

4.2.2 � Alternative congestion signals

Allowing an application to react differently to observed packet loss, e.g., by tuning the 
amount with which the congestion control is reduced on a triple duplicate ACK, (i.e., 
steering parameter β in Sect. 2.1), leads indeed to traffic differentiation, but again it is 
always the same irrespective of the level of congestion. Moreover, a similar mapping as 
we defined in Eqs. (6) and (7) is hard to define for measured packet loss ratio, as packet 
loss ratios necessarily need to lie in a small interval. Indeed, packet loss ratios are neces-
sarily small, otherwise too much information would be lost or needs to be retransmit-
ted. This small interval does open enough opportunity to perform fine-grained traffic 
differentiation.

Modern congestion control based on RTT variation, such as BBR [14], try to keep the 
queuing latency such that the queue never gets empty, without building up a persist-
ing standing queue. This technique does not give enough wiggle room to perform traffic 
differentiation.

Scavengers rely on the fact that a queue is being built up prior to packets being dis-
carded. Consequently, an RTT increase is likely to occur before a packet loss. Hence, 
a congestion control algorithm that reacts to an early onset of an RTT increase gives 
leeway to a congestion control algorithm that waits until packet loss has occurred, thus 
leading to a crude form of traffic differentiation: scavengers voluntarily yield resources 
to higher priority flows. One of the first scavenger protocols was Low Extra Delay Back-
ground Transport (LEDBAT) [19], which used such an increase in RTT as congestion 
signal. LEDBAT is specifically designed to yield to loss-based congestion control proto-
cols, e.g., TCP Cubic. LEDBAT is a congestion control algorithm designed for bulk data 
transfer that tries to utilize all the available bandwidth. It could be envisioned to be used 
for the transport of the data associated to less important objects in AR/VR applications, 
but still the fact that it needs a latency increase to properly work, the latency require-
ments associated to these applications are a blocking factor.

4.3 � The use of utility

The use of the notion of utility to determine throughput was also proposed in prior 
work. Viral [20] defines a virtual rate-quality (i.e., utility) curve for videos, which allows 
congestion controlled transport protocols to provide fairness in terms of both through-
put and video quality. Performance-oriented Congestion Control (PCC)  [21] works by 
aggregating packet-level events and statistics (e.g., throughput, RTT) into a single per-
formance variable, which can be interpreted as a utility. The throughput (or cwnd) is 
controlled by adjusting it according to a target utility value. Vivace [22] is a utility-based 
online-learning congestion control algorithm. The algorithm defines utility as a func-
tion of the throughput, RTT and loss ratio. Applying the utility function as a reward 
within an online-learning environment allows to trade off throughput versus RTT and 
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loss. As the utility function does not use the RTT itself, but the RTT gradient, it penal-
izes an increase in latency instead of absolute latency. Proteus [23] extends the existing 
PCC utility framework to support different priorities with different utilities. The primary 
mode is intended for high-priority applications, while the scavenger mode is for applica-
tions that need high bandwidth, but are not time-sensitive. The hybrid mode is a combi-
nation of the two, providing flexibility based on application needs.

All the above approaches trade off latency to throughput, as their utility depends on 
both. Our proposed utility depends only on throughput as latency is guaranteed by 
employing L4S.

5 � Conclusions
In this paper we have modified reference Prague congestion control to enable an applica-
tion to adjust the throughput of traffic flows it maintains as it sees fit. We have shown 
that congestion control algorithms that rely on packet marks, of which reference Prague 
congestion control is the prime example, not only enables low-latency transport, but 
also is ideally suited for fine-grained traffic differentiation. In contrast, alternative con-
gestion control algorithms based on packet loss or RTT variations lack the versatility 
and granularity of this approach.

Our modification introduces a mapping function that maps the observed marking 
ratio into a new value that modified Prague congestion control uses in its “multipli-
cative decrease” step, leaving all other aspects of reference Prague congestion control 
unchanged. Experiments confirm the validity of the approach in both steady-state and 
transient conditions. We have justified this traffic differentiation by linking it to utility 
of the flows, proving a direct correspondence between the mapping function and utility.

Enabling traffic differentiation, while retaining Prague’s low-latency properties, makes 
modified Prague congestion control ideally suited for AR/VR applications.

In future work, we will further modify Prague “congestion avoidance” and “slow start” 
(or “hystart”) algorithms to let the measured reaction curves approximate the theoretical 
reaction curves even closer and to decrease the impact of the transient state immediately 
after new competing flows have been set up, respectively. Moreover, we will consider 
more dynamic scenarios over radio channels (i.e., 5 G), where utility curves and available 
link capacity may fluctuate over time.

Abbreviations
ACK	� Acknowledgement
AIMD	� Additive increase, multiplicative decrease
API	� Application programming interface
AQM	� Active queue management
AR	� Augmented reality
BBR	� Bottleneck bandwidth and round-trip propagation time
cwnd	� Congestion window
DCCP	� Datagram congestion control protocol
DCTCP	� Data center TCP
ECN	� Explicit congestion notification
IETF	� Internet engineering task force
L4S	� Low latency low loss scalable throughput
LEDBAT	� Low extra delay background transport
PCC	� Performance-oriented congestion control
DualPI2	� Dual proportional integral squared
QUIC	� Quick UDP internet connections
RTT​	� Round trip time



Page 16 of 17De Vleeschauwer et al. J Wireless Com Network         (2025) 2025:45 

TCP	� Transmission control protocol
TFRC	� TCP friendly rate control
UDP	� User datagram protocol
VR	� Virtual reality

Author Contributions
CYC provided the test bed. CYC and KDS provided the Prague congestion control implementation. CP and DDV defined 
the experiments to be carried out. DDV modified the Prague congestion control implementation, carried out the experi‑
ments and drafted the text. All authors read and approved the final manuscript.

Funding
This work has been funded by the Dutch National Growth Fund 6 G flagship project “Future Network Services”.

Data Availability
Data sharing is not applicable to this article as no datasets were generated or analysed during the current study.

Declarations

Conmpeting interest
The authors declare that they have no Conflict of interest.

Received: 15 October 2024   Accepted: 23 May 2025

References
	1.	 B. Briscoe, K. De Schepper, M. Bagnulo, G. White, Low latency, low loss, and scalable throughput (L4S) Internet 

Service: Architecture. RFC Editor (2023). https://​doi.​org/​10.​17487/​RFC93​30 . https://​www.​rfc-​editor.​org/​info/​rfc93​30
	2.	 K. De Schepper, B. Briscoe, The explicit congestion notification (ECN) protocol for low latency, low loss, and scalable 

throughput (L4S). RFC Editor (2023). https://​doi.​org/​10.​17487/​RFC93​31 . https://​www.​rfc-​editor.​org/​info/​rfc93​31
	3.	 K. De Schepper, B. Briscoe, G. White, Dual-queue coupled active queue management (AQM) for low latency, low 

loss, and scalable throughput (L4S). RFC Editor (2023). https://​doi.​org/​10.​17487/​RFC93​32 . https://​www.​rfc-​editor.​
org/​info/​rfc93​32

	4.	 B. Briscoe, M. Kühlewind, R. Scheffenegger, More accurate explicit congestion notification (ECN) feedback in TCP. 
Internet-Draft draft-ietf-tcpm-accurate-ecn-28, Internet Engineering Task Force (November 2023). Work in Progress. 
https://​datat​racker.​ietf.​org/​doc/​draft-​ietf-​tcpm-​accur​ate-​ecn/​28/

	5.	 K. De Schepper, O. Tilmans, B. Briscoe, V. Goel, Prague congestion control. Internet-Draft draft-briscoe-iccrg-prague-
congestion-control-03, Internet Engineering Task Force (October 2023). Work in Progress. https://​datat​racker.​ietf.​
org/​doc/​draft-​brisc​oe-​iccrg-​prague-​conge​stion-​contr​ol/​03/

	6.	 M. Alizadeh, A. Greenberg, D.A. Maltz, J. Padhye, P. Patel, B. Prabhakar, S. Sengupta, M. Sridharan, Data center TCP 
(DCTCP). In: Proceedings of the ACM SIGCOMM 2010 Conference. SIGCOMM ’10, pp. 63–74. Association for Comput‑
ing Machinery, New York, NY, USA (2010). https://​doi.​org/​10.​1145/​18511​82.​18511​92

	7.	 D. De Vleeschauwer, T.J. Wassing, K. De Schepper, C.-Y. Chang, C. Papagianni, Application-driven traffic differentia‑
tion. In: 2024 Joint European Conference on Networks and Communications & 6G Summit (EuCNC/6G Summit), pp. 
1049–1054 (2024). https://​doi.​org/​10.​1109/​EuCNC/​6GSum​mit60​053.​2024.​10597​104

	8.	 A. Sefidcon, C. Vulkán, M. Gruber, UNEXT: A unified networking experience. White paper, Nokia Bell Labs (2023). 
https://​www.​bell-​labs.​com/​insti​tute/​white-​papers/​unext-a-​unifi​ed-​netwo​rking-​exper​ience/

	9.	 D.L. Black, Z. Wang, M.A. Carlson, W. Weiss, E.B. Davies, S.L. Blake, An architecture for differentiated services. RFC Edi‑
tor (1998). https://​doi.​org/​10.​17487/​RFC24​75 . https://​www.​rfc-​editor.​org/​info/​rfc24​75

	10.	 P. Balasubramanian, Y. Huang, M. Olson, HyStart++: modified slow start for TCP. RFC Editor (2023). https://​doi.​org/​10.​
17487/​RFC94​06 . https://​www.​rfc-​editor.​org/​info/​rfc94​06

	11.	 E. Blanton, D.V. Paxson, M. Allman, TCP congestion control. RFC Editor (2009). https://​doi.​org/​10.​17487/​RFC56​81 . 
https://​www.​rfc-​editor.​org/​info/​rfc56​81

	12.	 L. Xu, S. Ha, I. Rhee, V. Goel, L. Eggert, CUBIC for fast and long-distance networks. RFC Editor (2023). https://​doi.​org/​
10.​17487/​RFC94​38 . https://​www.​rfc-​editor.​org/​info/​rfc94​38

	13.	 S. Floyd, D.K.K. Ramakrishnan, D.L. Black, The addition of explicit congestion notification (ECN) to IP. RFC Editor 
(2001). https://​doi.​org/​10.​17487/​RFC31​68 . https://​www.​rfc-​editor.​org/​info/​rfc31​68

	14.	 N. Cardwell, I. Swett, J. Beshay, BBR congestion control. Internet-Draft draft-ietf-ccwg-bbr-02, Internet Engineering 
Task Force (February 2025). Work in Progress. https://​datat​racker.​ietf.​org/​doc/​draft-​ietf-​ccwg-​bbr/​02/

	15.	 D. Tsolkas, E. Liotou, N. Passas, L. Merakos, A survey on parametric qoe estimation for popular services. J. Netw. 
Comput. Appl. 77, 1–17 (2017). https://​doi.​org/​10.​1016/j.​jnca.​2016.​10.​016

	16.	 L. Brown, A.G. Alcoz, F. Cangialosi, A. Narayan, M. Alizadeh, H. Balakrishnan, E. Friedman, E. Katz-Bassett, A. Krishna‑
murthy, M. Schapira, S. Shenker, Principles for internet congestion management. In: Proceedings of the ACM 
SIGCOMM 2024 Conference. ACM SIGCOMM ’24, pp. 166–180. Association for Computing Machinery, New York, NY, 
USA (2024). https://​doi.​org/​10.​1145/​36518​90.​36722​47

	17.	 J. Manzoor, I. Drago, R. Sadre, The curious case of parallel connections in http/2. In: 2016 12th International confer‑
ence on network and service management (CNSM), pp. 174–180 (2016). https://​doi.​org/​10.​1109/​CNSM.​2016.​78184​
14

https://doi.org/10.17487/RFC9330
https://www.rfc-editor.org/info/rfc9330
https://doi.org/10.17487/RFC9331
https://www.rfc-editor.org/info/rfc9331
https://doi.org/10.17487/RFC9332
https://www.rfc-editor.org/info/rfc9332
https://www.rfc-editor.org/info/rfc9332
https://datatracker.ietf.org/doc/draft-ietf-tcpm-accurate-ecn/28/
https://datatracker.ietf.org/doc/draft-briscoe-iccrg-prague-congestion-control/03/
https://datatracker.ietf.org/doc/draft-briscoe-iccrg-prague-congestion-control/03/
https://doi.org/10.1145/1851182.1851192
https://doi.org/10.1109/EuCNC/6GSummit60053.2024.10597104
https://www.bell-labs.com/institute/white-papers/unext-a-unified-networking-experience/
https://doi.org/10.17487/RFC2475
https://www.rfc-editor.org/info/rfc2475
https://doi.org/10.17487/RFC9406
https://doi.org/10.17487/RFC9406
https://www.rfc-editor.org/info/rfc9406
https://doi.org/10.17487/RFC5681
https://www.rfc-editor.org/info/rfc5681
https://doi.org/10.17487/RFC9438
https://doi.org/10.17487/RFC9438
https://www.rfc-editor.org/info/rfc9438
https://doi.org/10.17487/RFC3168
https://www.rfc-editor.org/info/rfc3168
https://datatracker.ietf.org/doc/draft-ietf-ccwg-bbr/02/
https://doi.org/10.1016/j.jnca.2016.10.016
https://doi.org/10.1145/3651890.3672247
https://doi.org/10.1109/CNSM.2016.7818414
https://doi.org/10.1109/CNSM.2016.7818414


Page 17 of 17De Vleeschauwer et al. J Wireless Com Network         (2025) 2025:45 	

	18.	 D. Damjanovic, M. Welzl, An extension of the tcp steady-state throughput equation for parallel flows and its applica‑
tion in multfrc. IEEE/ACM Trans. Network. 19(6), 1676–1689 (2011). https://​doi.​org/​10.​1109/​TNET.​2011.​21420​08

	19.	 S. Shalunov, G. Hazel, J. Iyengar, M. Kühlewind, Low extra delay background transport (LEDBAT). RFC Editor (2012). 
https://​doi.​org/​10.​17487/​RFC68​17. https://​www.​rfc-​editor.​org/​info/​rfc68​17

	20.	 T.T. Thai, E. Lochin, J. Lacan, Viral: coupling congestion control with fair video quality metric. Ann. Telecommun. 
75(1), 67–76 (2020). https://​doi.​org/​10.​1007/​s12243-​019-​00717-7

	21.	 M. Dong, Q. Li, D. Zarchy, P.B. Godfrey, M. Schapira, PCC: Re-architecting congestion control for consistent high 
performance. In: Proceedings of the 12th USENIX conference on networked systems design and implementation. 
NSDI’15, pp. 395–408. USENIX Association, USA (2015)

	22.	 M. Dong, T. Meng, D. Zarchy, E. Arslan, Y. Gilad, P.B. Godfrey, M. Schapira, Pcc vivace: Online-learning congestion con‑
trol. In: Proceedings of the 15th USENIX conference on networked systems design and implementation. NSDI’18, pp. 
343–356. USENIX Association, USA (2018)

	23.	 T. Meng, N.R. Schiff, P.B. Godfrey, M. Schapira, Pcc proteus: Scavenger transport and beyond. In: Proceedings of the 
annual conference of the ACM special interest group on data communication on the applications, technologies, 
architectures, and protocols for computer communication. SIGCOMM ’20, pp. 615–631. Association for Computing 
Machinery, New York, NY, USA (2020). https://​doi.​org/​10.​1145/​33875​14.​34058​91

Publisher’s Note
Springer Nature remains neutral with regard to jurisdictional claims in published maps and institutional affiliations.

https://doi.org/10.1109/TNET.2011.2142008
https://doi.org/10.17487/RFC6817
https://www.rfc-editor.org/info/rfc6817
https://doi.org/10.1007/s12243-019-00717-7
https://doi.org/10.1145/3387514.3405891

	Application-centric congestion control
	Abstract 
	1 Introduction
	2 Methods
	2.1 Traditional congestion control
	2.2 Reference Prague congestion control
	2.3 Traffic differentiation

	3 Results and discussion
	3.1 Network setup
	3.2 Latency performance and fairness
	3.3 Characterizing reference Prague congestion control
	3.4 Tagged flow marked with constant marking probability
	3.5 Tagged flow competing with TCP cubic flows over DualPI2
	3.6 Multiple tagged flows using different mapping functions
	3.6.1 Steady state
	3.6.2 Transient behavior

	3.7 Utility function of modified Prague congestion control

	4 Related work
	4.1 Network-based traffic differentiation
	4.2 Alternative congestion control algorithms
	4.2.1 Multiple parallel connections
	4.2.2 Alternative congestion signals

	4.3 The use of utility

	5 Conclusions
	References


