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Abstract—In 2016, Google published BBR, a congestion-based
congestion control algorithm that focuses on achieving the op-
timal operating point with the minimum delay and maximum
throughput. When a single BBR flow occupies a bottleneck link,
the packet sending rate and number of inflight packets of the
flow achieve the optimal operating point. However, multiple BBR
flows sharing a bottleneck link lead to a large latency and high
packet drop rate. This is due to the maximum throughput being
used for the packet sending rate, which makes the operating point
far from optimal. In this paper, we propose a new congestion-
based congestion control algorithm, called Low Latency and Low
Drop Rate (L3DR), that keeps the operating point nearly optimal,
even when multiple flows share a bottleneck link, by measuring
the available bandwidth to be used for the packet sending rate.
We conducted performance evaluation experiments in emulation
network environments. The results indicate that L3DR can reduce
the buffering delay to 38.5% and packet drop rate to 8.0%
compared with BBR while achieving high throughput and high
per-flow fairness.

Index Terms—BBR, Available Bandwidth, Congestion-Based
Congestion Control

I. INTRODUCTION

In 2016, Google published the congestion-based congestion
control algorithm Bottleneck Bandwidth and Round-trip prop-
agation time (BBR) [1]. It focuses on the operating point,
which is defined as the conditions in a network, including the
throughput, latency, and packet drop rate at the bottleneck link.
The design purpose of BBR is to configure the packet sending
rate of a flow so that the operating point of the network is
optimal, where the network has the maximum total throughput,
minimum latency, and minimum packet drop rate.

BBR determines its packet sending rate on the basis of
the observed maximum throughput. When a single BBR flow
occupies a bottleneck link, the operating point converges to
be optimal because the maximum throughput observed by a
single BBR flow is equal to the bottleneck link bandwidth [2].
However, when multiple BBR flows share a bottleneck link,
the round trip times (RTTs) of the flows increase due to
the buffering delay at the bottleneck link. The reason is that
the sum of the packet sending rates of the multiple BBR
flows exceeds the available bandwidth [2]-[4]. Hock et al. [2]
clarified this problem through analytical modeling and emu-
lation experiments. Other studies [3] and [4] also confirmed
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this problem through emulation experiments. However, these
studies do not offer any methods of solving this problem.

We propose a congestion-based congestion control algo-
rithm for keeping the operating point nearly optimal even when
multiple flows share a bottleneck link. We first explain why
the sum of the maximum throughputs observed by multiple
BBR flows exceeds the available bandwidth in the above
situation. We then propose our congestion-based congestion
control algorithm, called Low Latency and Low Drop Rate
(L3DR). L3DR measures the moving average of the observed
throughput to be used for the packet sending rate instead of
the observed maximum throughput.

Performance evaluation experiments with the Linux im-
plementation of L3DR are conducted in emulation network
environments. The performance metrics are throughput, la-
tency, packet drop rate, and per-flow fairness. We compare
the performance of L3DR with other congestion control algo-
rithms, including BBR variants [1], [S]-[8]. We also evaluate
its transient behavior against network environmental changes.

The remainder of this paper is organized as follows. In
Section II, we describe related works. In Section III, we give
an overview of BBR and the problem with it. In Section IV,
we provide an overview and details on the L3DR congestion
control algorithm. We compare L3DR with other congestion
control algorithms in emulation network environments and
discuss the results in Section V. Finally, we conclude the paper
in Section VL.

II. RELATED WORK

Hock et al. [2] analyzed the behavior of BBR and conducted
experimental evaluations for multiple BBR flows sharing a
bottleneck link. The results indicated that BBR does not
inherently achieve the optimal operating point in a network
when multiple BBR flows share a bottleneck link, resulting in
an excessive increase in the number of inflight packets, queues
at the bottleneck buffer, and packet drops. Other studies [3]
and [4] reproduced these results, that is, persistent overloading
at the bottleneck link, stretching of queues in bottleneck
buffers, and increased queuing delays and packet drops when
multiple BBR flows share a bottleneck link, using the network
emulator Mininet [9]. However, none of these studies [2]-[4]
offers any methods for solving this problem.

ICUFN 2023



Previous studies improved BBR to determine its packet
sending rate [5], [10]-[12]. BBRx [5] is an algorithm that
modifies the overly aggressive packet sending rate. It is
based on online learning to maximize an objective function
calculated from the throughput and packet drop rate. However,
BBRx does not consider per-flow fairness. Su et al. [10]
proposed a modification to BBR that prevents the seding rate
from being too large on the basis of throughput observation
by acknowledgment (ACK) compression [13]. However, the
study did not consider the case in which multiple BBR flows
share a bottleneck link in its design and evaluation.

BBR-S [11] maintains low latency in fast-varying wire-
less channels by replacing the maximum filter on observed
throughput for determining the BBR packet sending rate with
an adaptive Kalman filter [14], [15]. The authors evaluated
the buffering delay for multiple flows in environments with
varying bottleneck link bandwidth and per-flow fairness when
multiple flows share a bottleneck link. However, they did
not evaluate the packet drop rate when multiple flows share
a bottleneck link. They evaluated BBR-S using the network
simulator ns-3 [16] but did not evaluate it in an actual
environment. Utsumi and Hasegawa [12] used the moving
average of observed throughput for determining the packet
sending rate with their algorithm. However, their algorithm
does not consider per-flow fairness. The authors evaluated their
algorithm using only the network simulator ns-2 [17].

Other previous studies [18] and [19] introduced methods for
estimating the appropriate packet sending rate for Transmis-
sion Control Protocol (TCP). Tay [18] proposed a method for
estimating the minimum delay and maximum throughput with
statistical regression but did not evaluate the method. Fridovich
et al. [19] proposed a method for calculating the optimal
TCP packet sending rate using model predictive control. They
applied their method to TCP Reno [20] and H-TCP [21] and
evaluated its performance. However, they did not compare it
quantitatively with other congestion control algorithms.

III. BBR CONGESTION CONTROL ALGORITHM AND ITS
PROBLEM

A. BBR congestion control algorithm

Basically, a BBR flow repeats two phases, ProbeBW and
ProbeRTT. In the ProbeBW phase, the duration of which is
around 10 sec, the flow sets the packet sending rate to the
maximum throughput observed in the recent past. Additionally,
to search for an increase in the available bandwidth, BBR
temporarily increases the packet sending rate to larger than
the observed maximum throughput. Specifically, the BBR
sender determines the packet sending rate by multiplying the
observed maximum throughput by using a parameter called
pacing gain, denoted as g,. The g, changes cyclically every
observed minimum RTT. The default configuration of g,
is v,(2 —7),1,1,1,1,1,1 for every eight cycles, where v
is fixedly set to 1.25 in the Linux implementation. In the
ProbeRTT phase, the duration of which is the sum of one
RTT and 200 msec, the flow uses a small congestion window
to search for the minimum RTT. It also records the last

time when the minimum RTT was observed as the reference
time so that competing BBR flows enter the ProbeRTT phase
simultaneously.

B. Problem with BBR congestion control algorithm

The optimal operating point of a network, defined in BBR,
is the condition in which the bottleneck link bandwidth is
fully used, and no queuing delay and no packet drop occurs.
As shown in previous studies [2]-[4], BBR’s operating point
is far from optimal when multiple flows share a bottleneck
link. This is because the sum of the packet sending rates of
the BBR flows significantly exceeds the available bandwidth.
The reasons are as follows. As mentioned above, a BBR flow
increases the packet sending rate to larger than the maximum
observed throughput temporarily. When multiple BBR flows
share a bottleneck link, their timings at which the packet
sending rates increase are generally not synchronized. The
flows with an increased packet sending rate would then lead
to a larger throughput than the other flows. Therefore, when
the available bandwidth remains unchanged, the sum of the
packet sending rates of the BBR flows significantly exceeds
the available bandwidth. The available bandwidth is defined as
the maximum packet arrival rate that does not incur buffering
delays and packet drops at the bottleneck link.

In 2019, Google published BBRv2 [8]. BBRv2 has also
not solved the above problem. In our performance evaluation
experiments presented in Section V, we use BBRv1 [1] as the
original BBR and BBRv2 for performance comparison.

IV. L3DR: NEW CONGESTION-BASED CONGESTION
CONTROL ALGORITHM

In this section, we present the solution to the problem of the
original BBR discussed in Section III and explain the proposed
congestion control algorithm, L3DR.

A. Available bandwidth-based packet sending rate

The original BBR uses the maximum throughput observed
in the recent past as the base value of the packet sending
rate. As discussed in Section III, this method overloads a
bottleneck link when multiple BBR flows share that link.
Therefore, the L3DR congestion control algorithm uses the
available bandwidth, defined as AvailBw, as the base value of
the packet sending rate to maintain the optimal operating point
of the network. We discuss the analytical justification for this
modification in subsection IV.D and confirm its effectiveness
in the performance evaluation experiments in Section V.

B. Calculating Avail Bw

L3DR uses the moving average of the throughput observed
in the ProbeBW phase as Avail Bw. It does not include some
of the observed throughput values in calculating Avail Bw.
This is because the throughput observed when the packet send-
ing rate is larger or smaller than the actual available bandwidth
should be excluded for calculating Awvail Bw. Specifically,
L3DR calculates Avail Bw as follows.

As in the original BBR, L3DR uses the cyclical changes
of g =7,(2—7),1,1,1,1,1,1 for detecting an increase in
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Fig. 1: Network topologies for performance evaluation.

the available bandwidth. However, we change the value of
~ adaptively as described in the next subsection. Also, for
maintaining fairness among competing connections, the initial
value of g, is randomly chosen among seven candidates for
the pacing gain, excluding g, = (2 — ), at every beginning
of the eight cycles, as the same as the original BBR. L3DR
measures RTTs as well as throughput in the cycle of g, = .
When it does not detect an increase in RTT, it does not use
only the throughput observed in the following cycle of g, =
(2—7) for calculating Avail Bw because it is highly expected
to be smaller than the available bandwidth. Otherwise, when
it detects an increase in RTT, it does not use the throughput
observed in the cycles of g, = 7 and (2 — ) because the
packet sending rates in these cycles cannot match the available
bandwidth.

L3DR does not use the throughput observed in the
ProbeRTT and loss recovery phases, where the congestion
window is relatively small.

C. Adaptive setting of parameter

The original BBR uses a parameter v to detect an increase
in the available bandwidth. The fixed 7 in the original BBR
cannot follow the temporal changes in the available bandwidth
of the bottleneck link. Therefore, L3DR introduces a mecha-
nism to adaptively change the value of v in accordance with
the degree of load on the bottleneck link. Specifically, when
no increase in RTT is observed in the cycle of g, = 7, L3DR
increases the value of +; otherwise, it reduces the value of
~. When increasing and decreasing the value of v, we apply
additive-increase multiplicative-decrease (AIMD) [22] with a
limitation of 1 < « < 2. L3DR also resets the value of ~ at
the end of the ProbeRTT phase to maintain per-flow fairness.

D. Operating point analysis

We mathematically explain the behavior of the operating
point with the L3DR congestion control algorithm. Assume
that N L3DR flows share a bottleneck link with the available
bandwidth A, which remains unchanged. For a flow j, let s(j)
be the base value of the packet sending rate in a certain cycle,
gp(J) be the pacing gain at the cycle, v(j) be a value of ~, and

b(j) be the throughput observed by the packets transmitted in
the cycle. Then, b(j) satisfies the following equation.

b(j) = gp(j)s(j)min(A/S s(4), 1) (1

Here, we define s'(j) as the base value of the packet sending
rate after observing the throughput b(j).

When E;-Vzls( j) < A, that is, when the utilization of the bot-
tleneck link is equal to, or less than 100%, b(j) = gp(7)s(j)
holds from Eq. (1). It is also expected that the observed RTT
will not increase. L3DR does not use the b(j) in cycles of
gp(j) = (2 — ~(j)) to determine s'(j) by calculating the
moving average of b(j). Therefore, s'(j) > s(j) holds.

When £ ,5(j) > A, that is, when the sum of the packet
sending rate is larger than the available bandwidth, b(j) <
gp(7)s(j) holds from Eq. (1). In this case, the flow would
observe the increased RTT. L3DR does not use the b(j) in
cycles of g,(j) = v(j) and ¢,(j) = (2 — y(j)) to determine
s'(j). Therefore, s'(j) < s(j) holds.

The above discussions on the difference between s'(j) and
s(j) indicate that the base value of the packet sending rate
approaches A in the following cycle. This means that L3DR
can keep the operating point nearly optimal.

V. PERFORMANCE EVALUATION IN EMULATION
NETWORK ENVIRONMENTS

We evaluated the performance of the L3DR congestion
control algorithm in emulation network environments with a
Linux implementation.

A. Experimental setup

We used the single-flow and multi-flow network topologies
generated by Mininet in Figs. la and 1b, respectively. In the
single-flow network topology in Fig. la, the sending terminal
was equipped with one TCP sender. In the multi-flow network
topology in Fig. 1b, each sending terminal was equipped with
the same number of TCP senders, which was 1, 2, 4, 8,
16, 32, or 64, resulting in the total number of flows in the
network being 4, 8, 16, 32, 64, 128, or 256, respectively. Each
TCP sender had either L3DR, BBR, BBRv2 [8], BBRx [5] or
Copa [6]. We used Copa without competitive mode because
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Fig. 3: Error-free network environment with C' = 100 [Mbps], D = 18 [msec], and B = 1 [BDP] (small buffer).

we compared the performance of L3DR with a native delay-
based approach. All TCP senders had the same congestion
control algorithm. The access links had a bandwidth of 1
[Gbps] and propagation delay of 1 [msec]. The bottleneck link
had a bandwidth of C' = 100 [Mbps], propagation delay of
D [msec], and output buffer of B [BDP]. Here, BDP refers
to bandwidth-delay products, where 1 [BDP] is defined as the
product of the bottleneck link bandwidth and the round-trip
propagation delay between sending and receiving terminals.
Each receiving terminal was equipped with a TCP receiver
with selective ACK, timestamp, and delayed ACK options.
The sizes of the data and ACK packets were set to 1,500
and 40 [bytes], respectively. Each TCP sender started bulk
data transmission to the corresponding TCP receiver by using
iPerf [23] at O [sec] and terminated it at 120 [sec].

B. Metrics

The following metrics were used for the performance eval-
uation.

« Total throughput.

« Average buffering delay. Buffering delay is obtained from
the difference between RTT and the round-trip propaga-
tion delay between sending and receiving terminals.
Packet drop rate, which is defined as :%, where
T [packets] is the number of all packets transmitted from
all sending terminals, and L [packets] is the number of
dropped packets detected at the terminals, that is, the
number of packets retransmitted by TCP senders.
Per-flow fairness, which is defined by Jain’s fairness
index [24].
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C. Performance evaluation

We compared the performance of L3DR and the other
congestion control algorithms for the case where there is no
packet loss due to errors in the network. Fig. 2 shows the
evaluation results with C' = 100 [Mbps], D = 18 [msec],
and B = 10 [BDP]. The total throughput, buffering delay,
packet drop rate, and per-flow fairness as a function of the
number of concurrent flows are plotted in Figs. 2a, 2b, 2c,
and 2d, respectively. Compared with BBR, L3DR reduced the
buffering delay to a minimum of 53.3% with high throughput,
low packet drop rates, and relatively high per-flow fairness.

Next, we assessed the performance in the network with
a small buffer. Fig. 3 shows the evaluation results with
C =100 [Mbps], D = 18 [msec], and B = 1 [BDP]. L3DR
reduced the packet drop rate to a minimum of 8% compared
with BBR, while maintaining high throughput, low latency,
and relatively high per-flow fairness. When the number of
flows was larger, the packet drop rates of BBR, BBRx and
Copa were also larger. BBRv2 might have a very low per-
flow fairness when the buffer size of a bottleneck is small.

Then, we evaluated the performance in the network with a
large propagation delay. Fig. 4 shows the evaluation results
with C' = 100 [Mbps], D = 48 [msec], and B = 10 [BDP].
Compared with BBR, L3DR reduced the buffering delay to a
minimum of 38.5% while maintaining similar throughput and
per-flow fairness.

From the above results, L3DR demonstrated robust per-
formance for throughput, buffering delay, packet drop rate,
and per-flow fairness when network parameters were changed.
L3DR kept the buffering delays and packet drop rate low
regardless of the length of the propagation delay. Even in
environments where the output buffer was only 1 [BDP],
L3DR kept the packet drop rate small. Per-flow fairness was
stable at around 0.8 or better in all evaluated environments.

BBR was not able to keep a small buffering delay when
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D = 48 [msec], and B = 10 [BDP] (large propagation delay).

multiple flows shared a bottleneck link. Also, the per-flow
fairness of BBRv2 was degraded in environments where the
output buffer was small. BBRx could not achieve high per-
flow fairness for some environments, and a low packet drop
rate even in environments where the output buffer was large.
Copa performed poorly in buffering delay and packet drop rate
in environments where many flows shared a bottleneck link.

D. Transient behaviors

We used the network topology in Fig. 5 to confirm the
transient behaviors of the L3DR congestion control algorithm.
As shown in Fig. 5, sending terminal S; was equipped with
a TCP sender. Sending terminal Sy was equipped with a User
Datagram Protocol (UDP) sender, receiving terminal R; was
equipped with a TCP receiver, and receiving terminal R
was equipped with a UDP receiver. The parameters of the
bottleneck link are C' = 100 [Mbps], D = 18 [msec], and
B = 100 [BDP] without packet errors. S; started bulk data
transmission to R at O [sec] and terminated it at 120 [sec]. S,
started a constant bit rate (CBR) transmission of 50 [Mbps]
to Ry at 30 [sec] and terminated it at 90 [sec].

As mentioned in subsection IV.C, when increasing and
decreasing the value of v, we applied AIMD with a limitation
of 1 < ~ < 2. Specifically, when no increase in RTT is
detected in the cycle of g, = v, L3DR updates v to v + A~,
where Ay = 0.125 in our implementation. Otherwise, it
updates 7y to Ypin+ 132, where Ymin = 1.031. Furthermore,
L3DR resets v to Yreset at the end of each ProbeRTT phase,
where Vyeset = 1.75. We selected Ay = 0.125, ypin = 1.031
and 7Yreset = 1.75 because these values empirically achieved
better per-flow fairness.

As shown in Fig. 6, the packet sending rates of L3DR
followed the available bandwidth of 50 [Mbps] from 30 to
90 [sec] with a smaller fluctuation. At the change points of
the available bandwidth at 30 and 90 [sec], the packet sending
rates of L3DR decreased and increased immediately following
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the available bandwidth changes. As shown in Fig. 7, the
fluctuation in RTTs for L3DR was small except immediately
after 30 [sec]. The large fluctuation in RTTs for L3DR
immediately after 30 [sec] was due to the reset of Yyeset at
the end of the ProbeRTT phase.

VI. CONCLUSION

In this paper, we proposed a new congestion-based conges-
tion control algorithm, L3DR, for keeping the operating point
nearly optimal even when multiple flows share a bottleneck
link, for which the original BBR performs poorly. L3DR
accurately measures the available bandwidth to be used for the
packet sending rate. Also, we introduced a new mechanism for
tuning a parameter for detecting an increase in the available
bandwidth for the L3DR congestion control algorithm. Perfor-
mance evaluation experiments with a Linux implementation
of L3DR were conducted in emulation network environments.
L3DR significantly improved the performance relative to the
original BBR in most cases.
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