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Abstract 
 
Software-Defined Networking (SDN) has emerged to address the complexities of traditional 
Wide Area Networks (WANs) by decoupling the control plane from the data plane, thereby 
enabling programmability at network nodes and improving their flexibility and 
manageability. Integrating SDN with WAN infrastructure produces Software-Defined WAN 
(SD-WAN) which can deliver enhanced Quality of Service (QoS) at reduced cost. However, 
as communication services evolves, more devices are able to connect to the internet, 
hence, generate millions of data. This causes higher chance of links to be congested 
especially at Customer Premise Edge (CPE) that has become the bottleneck of the network. 
This worsens the congestion and increase the end-to-end delay. Therefore, this paper 
proposes a proactive congestion control algorithm based on a bucket-sort approach. The 
technique groups packets that share the same destination network Internet Protocol (IP) 
address into a single bucket and transmits them as one packet. Then, the proposed 
algorithm is compared with the traditional loss-based congestion control algorithms which 
are Reno, New Reno, and Cubic, in terms of end-to-end delay between two CPEs. The 
results show that the proposed algorithm produces better and more stable end-to-end 
delay than the traditional loss-based congestion control algorithms. 
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1.0  INTRODUCTION 
 
A Wide Area Network (WAN) is a communication framework 
designed to interconnect multiple Local Area Networks (LANs) 
across geographically dispersed locations. To establish these 
inter-site links, organizations have traditionally relied on leased-
capacity services provided by public network operators, utilizing 
technologies such as Multiprotocol Label Switching (MPLS) has 
become the dominant choice because it can efficiently provide 
Quality of Service (QoS) guarantees [1]. However, MPLS imposes 
higher costs on enterprise users since it inserts an additional 
forwarding layer between Open System Interconnection (OSI) 
Layers 2 and 3 [2, 3]. In contrast, VPNs can be deployed over 
almost any underlying transport, enabling organizations to 
interconnect sites using inexpensive Internet links, but they lack 

inherent QoS assurances. To reconcile this cost–performance 
trade-off, Software-Defined Wide Area Networking (SD-WAN) 
has been introduced, delivering improved QoS at a lower 
operational expense. Consequently, SD-WAN is increasingly 
viewed as a cost-effective alternative for enterprises seeking 
both performance and cost efficient [1]. 

SD-WAN is based on the principles of Software-Defined 
Networking (SDN) that separates the data plane with control 
plane. This architectural separation streamlines management, 
improves administrative control, and enables programmability 
that fosters innovation. SD-WAN’s monitoring and 
programmability capabilities, including traffic-engineering and 
congestion-management routines, reside in the application 
plane. Relative to MPLS, SD-WAN reduces operational costs, 
simplifies WAN configuration, and eases integration with cloud 
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services [1]. In contrast to VPN, SD-WAN’s centralized control 
logic provides enhanced QoS and greater reliability while 
preserving comparable access costs. These benefits are realized 
through centralized controllers in the control plane that 
continuously monitor and steer the network [1, 4]. SD-WAN 
functionality is deployed at the network edge via Customer 
Premises Equipment (CPE) operating in the data plane, as shown 
in Figure 1. The CPEs execute switching and routing decisions 
dictated by the control plane [1]. Controller-to-switch 
interactions are typically implemented over southbound 
interfaces using OpenFlow derivatives. On the other hand, 
northbound interface mediate communication between the 
control and application planes by using Representation State 
Transfer (REST) Application Programming Interface (API) [5]. 
 

 
 

Figure 1 SD-WAN architecture 
 
 
In addition, SD-WAN is capable of utilizing up-to-date 

networking technologies such as fifth-generation (5G) networks 
to enhance overall network throughput [6]. Currently, 5G is a 
primary transport enabler for a wide set of use cases under the 
“everything is connected” paradigm. One notable 5G capability 
is Ultra-Reliable Low-Latency Communication (URLLC), which 
targets almost instant responsiveness and specifies a 1 
milliseconds (ms) round requirement for both downlink and 
uplink [7, 8]. Examples of the primary services that 5G supports 
are data-intensive traffics such as virtual reality, cloud gaming, 
modern online banking, and Internet of Things (IoT) [8]. To 
maintain reliable end-to-end connections in a high density 
network such as 5G, the congestion control mechanism of 
Transmission Control Protocol (TCP) is widely used to prevent 
network congestion caused by sudden spike of data [7]. One of 
the congestion control algorithms that is widely used in our 
Internet today is loss-based congestion control algorithms [9].  

Throughout the years, many researchers propose state-of-
the-art loss-based congestion control algorithms. For example, 
Abdullah et al., (2023) [10] propose an enhanced TCP NewReno 
congestion avoidance for 5G networks, targeting loss-triggered 
rate changes. They adjust the Congestion Window (CWND) 
increase or decrease strategy in both slow-start and congestion-
avoidance phases to better match the high-bandwidth, variable-
RTT 5G channel. Majeed et al., (2024) propose Buffer 
Occupancy-based Congestion Control (BOCC) which  is a 
optimization-driven congestion control for wireless network 
[11]. The proposed work is to throttle sources before buffers 
overflow. Which means, the algorithm tries to slow down traffic 
early, when the buffers are nearly full, so that no packets are lost 
and the network remains smooth. If the buffer is full, new 

incoming packet is dropped. However, when the traffic slows 
down, the end-to-end delay increased and throughput is 
decreased. Furthermore, the complexity of the algorithm may 
also introduce additional delays [12]. Another relevant study is 
by Zhou et al., (2024) [13] who used NS3 simulations to compare 
TCP Reno, New Reno and Cubic over wired links. They provide 
valuable insights into the behavior of TCP Reno, New Reno, and 
Cubic in simulated wired networks such as the throughputs. 
However, they highlighted that these algorithms do not respond 
to early signs of congestion such as queue buildup, and often 
increase delay due to reactive retransmission mechanisms and 
aggressive window reductions [14]. 

Based on the presented works [10, 11, 13], loss-based 
congestion control are reactive algorithms. Which means, they 
react only after congestion occurs. This shortcoming may not be 
suitable for fast high-density network. Furthermore, CPE that 
serves as the on-premises device that connects local networks 
to broader SD-WAN infrastructure can become overwhelmed by 
high data loads. Many legacy CPEs possess limited processing 
capability and restricted bandwidth, making them prone to 
congestion during traffic surges [15]. When CPEs fail to handle 
ingress and egress traffic efficiently, they form choke points 
within the network that result in higher latency, packet loss, and 
overall performance degradation. This bottleneck therefore 
undermines not only throughput but also the quality and 
reliability of critical services. 

To mitigate this problem, this paper proposes a proactive 
congestion control algorithm in SD-WAN by using bucket sort 
algorithm, which aims to reduce end-to-end delay between CPE 
Since most network traffic is concentrated at these CPEs, which 
handle data from multiple sources. The proposed algorithm is 
developed using Python in PyCharm. The packets from multiple 
sources that have the same destination network Internet 
Protocol (IP) addresses are put into the same bucket at CPE. By 
doing this, the routers only have to check their respective 
forwarding table once. This will reduce the lookup time and 
ultimately, reduces the end-to-end delay. The details of this 
algorithm are discussed in the methodology section.  

The remainder of this paper is structured as follows; Section 
2, we discuss on the methodology of the proposed algorithm. 
Then in Section 3, the performance of the proposed algorithm in 
terms of end-to-end delay between two CPEs are presented and 
analyzed. Furthermore, it is compared with traditional loss-
based algorithms. Finally, this paper is concluded with Section 4.  
 
 
2.0  METHODOLOGY 
 
In this section, we introduce our proposed congestion control 
algorithm designed to minimize end-to-end delay between two 
CPEs in an SD-WAN environment. The proposed algorithm is 
implemented at the CPEs because these are the programmable 
nodes in SD-WAN. We employ a point-to-point transmission 
topology, where three clients transmit data simultaneously into 
one CPE as illustrated in Figure 2. The topology is simulated by 
using Python programming language in PyCharm. As a proof of 
concept, our topology comprises two CPE nodes, each equipped 
with an OpenFlow switch and three routers [16-18], and a 
centralized SDN controller. Unlike prior work in [19], which 
utilizes multiple channels, we opt for a single-channel setup to 
simulate a bottleneck environment where congestion is more 
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likely to occur. This approach ensures a controlled testing 
scenario where congestion control techniques can be 
thoroughly evaluated under high-traffic conditions. 
Furthermore, maintaining a single channel minimizes the 
frequency of channel switching which can negatively impact 
network performance [20]. Therefore, to maintain stability and 
focus on congestion mitigation, our approach adheres to a 
single-channel transmission only. 
 

 
 

Figure 2 Simulation topology 
 
 
For the proposed algorithm we adopt three core assumptions. 

First, the bucket capacity is chosen to approximate the 
Maximum Transmission Unit (MTU) so that each bucket can 
accommodate as many packets as possible. Although the 
standard MTU is 1500 bytes [21], our hardware constraints limit 
the bucket size to 1448 bytes. Second, each client transmits a 25 
bytes payload 30 times to obtain meaningful end-to-end delay 
averages [22, 23]. Hence, allowing a larger number of packets to 
be aggregated per bucket. Each packet contains a 20 bytes 
transport header, a 20 bytes network header, and a 26 bytes 
data link header [24]. The third assumption is that the link 
capacity is configured at 1 Gigabit per second (Gbps), while 
transmission and processing delays are considered negligible, as 
they exceed 10 Mbps in typical WAN environments [25, 26]. 
Table 1 shows the summary of our assumptions. After 
establishing these parameters, we outline the detailed flow of 
the algorithm. 
 

Table 1 Algorithm default assumptions 
 

Items Values 
Bucket size 1448 bytes 

Packet payload 25 bytes 
Transport header 20 bytes 
Network header 20 bytes 
Datalink header 26 bytes 

Bandwidth 1 Gbps 
 
 

In Figure 2, The single centralized controller registers the IP 
addresses of each CPE. While a single controller simplifies 
management, it also constitutes a single point of failure under 
congestion conditions. To mitigate this risk, we introduce a 
congestion control mechanism inspired by the bucket-sort 
algorithm. The proposed method groups packets that share the 
same destination network IP addresses into a common bucket.  

Figure 3 illustrates the algorithm implemented in CPE1. Upon 
receiving packets from all senders, the switch in CPE1 checks if 
the bucket still has available space. Then, the algorithm checks 
the source and destination network IP addresses of each packet 
by looking at the first three octets of the IP address. For example, 
the IP address of Sender 1 is 192.168.1.101. Therefore, its source 

network IP address is 192.168.1.1. Similarly, the destination IP 
address for Sender 1 is 192.168.2.100. Therefore, its destination 
network IP address is 192.168.2.1. The bucket uses these source 
and destination network IP addresses as its Network header. 
Then, the algorithm appends each packet to the current bucket 
until the bucket’s remaining capacity is smaller than the 
incoming packet size. After placing a packet into the bucket, the 
switch deducts that packet’s size from the bucket’s available 
space and repeats this procedure for subsequent arrivals. If an 
incoming packet exceeds the bucket’s remaining capacity, the 
switch transmits the filled bucket immediately. Then, the 
individual packets that could not be appended into the bucket is 
also forwarded separately. Similarly, when the source and 
destination network IP addresses of the individual packet do not 
belong to the bucket, it will be sent individually as well. However, 
in this simulation, we send the packets that are already belong 
to the bucket as a proof-of-concept. 

When switch in CPE1 transmits the bucket, the routers treat it 
as a single packet. As a result, the router only performs one 
packet processing task for the entire bucket instead of 
processing each packet individually, which is the standard 
procedure in typical packet processing [27]. This method allows 
the router to handle other packets, hence, reducing packet 
queuing and minimizing the need for retransmissions.  

 

 
 

Figure 3 Algorithm in CPE1 
 
 

On the other hand, Figure 4 shows the algorithm when the 
bucket arrives at CPE2. Upon arrival, the switch unpacks the 
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bucket by sorting all packets into an array. This allows the switch 
to forward each individual packet to its respective destination. 
Figure 5 illustrates the flow of the bucket transmission. This 
process is expected to reduce the end-to-end delay. 

This aggregation strategy is inefficient for a single client 
because filling a bucket would require an extended duration, 
which is why the proof-of-concept uses three concurrent clients 
to accelerate bucket population. In operational networks, a large 
number of devices typically transmit concurrently, facilitating 
rapid bucket filling. 

 

 
 

Figure 4 Algorithm in CPE2 
 
 

 
 

Figure 5 Bucket transmission flow 
 
 

In traditional networking, the end-to-end delay, Zp for each 
packet is calculated by using Equation 1 and Equation 2 [28]. Z is 
the summation of processing delay, W with the packet size, Vp 
over link capacity, c. V includes the payload, pl and the headers, 
ph [24]. In this equation, xj is the link that the packet is current 
using. Whereas, xj+1 is the next link. 
 

𝑍𝑍𝑝𝑝 =  ∑ �𝑊𝑊�𝑥𝑥𝑗𝑗 , 𝑥𝑥𝑗𝑗+1� + 𝑉𝑉𝑝𝑝
𝑐𝑐�𝑥𝑥𝑗𝑗,𝑥𝑥𝑗𝑗+1�

� ; 𝑗𝑗 = 1,2,3, … , ℎℎ
𝑗𝑗=1   (1) 

where 
 

𝑉𝑉𝑝𝑝 = 𝑝𝑝ℎ + 𝑝𝑝𝑝𝑝                                   (2) 

In our proposed work, we use the size of the bucket, Vb is the 
summation of individual packets, Vp with the bucket header, bh 
as shown in Equation 3. In Equation 3, the limit of the bucket’s 
payload is 1445 bytes as mentioned before. α is the iteration of 
packets until βth packet. 

 

 𝑉𝑉𝑏𝑏 =  � lim
𝑝𝑝𝑝𝑝 →1445

∑ 𝑉𝑉𝑝𝑝𝛼𝛼
𝛽𝛽
𝛼𝛼=1 � + 𝑏𝑏ℎ                                             

= � lim
𝑝𝑝𝑝𝑝 →1445

∑ (𝑝𝑝ℎ𝛼𝛼 + 𝑝𝑝𝑝𝑝𝛼𝛼)𝛽𝛽
𝛼𝛼=1 � + 𝑏𝑏ℎ;𝛼𝛼 = 1,2,3, … ,𝛽𝛽        (3) 

Hence, the end-to-end delay of a bucket, Zb can be defined in 
Equation 4. However, since our result also includes the end-to-
end delay of individual packets that unable to fit in the bucket, 
the overall end-to-end delay, Zt is the summation of Zb and Zp as 
shown in Equation 5. 

 

𝑍𝑍𝑏𝑏 =  ∑ �𝑊𝑊�𝑥𝑥𝑗𝑗 ,𝑥𝑥𝑗𝑗+1� + 𝑉𝑉𝑏𝑏
𝑐𝑐�𝑥𝑥𝑗𝑗,𝑥𝑥𝑗𝑗+1�

� ; 𝑗𝑗 = 1,2,3, … , ℎℎ
𝑗𝑗=1       (4) 

𝑍𝑍𝑡𝑡 =  𝑍𝑍𝑏𝑏 + 𝑍𝑍𝑝𝑝                                      (5) 

After running the algorithm in PyCharm, its end-to-end 
performance is compared to loss-based congestion control 
algorithms. The default configurations and topology used are the 
same as in Figure 2. A detailed analysis of the resulting 
performance comparison is provided in the next section. 
 
 
3.0  RESULTS AND DISCUSSION 
 
In this section we compare our proposed algorithm and loss-
based algorithms, which are Reno, New Reno and Cubic in terms 
of end-to-end delay in seconds (s) between two CPEs. The end-
to-end delay is evaluated between the two CPE nodes, as they 
serve as the primary aggregation points for network traffic and 
therefore represent the most congestion-prone locations in the 
network. The objective of this comparison is to prove that our 
proposed algorithm works better in congested network. As 
mentioned in methodology section, each transmission is 
repeated for 30 times. 

Table 2 shows the results of the simulation in terms of average 
end-to-end delay. Figure 6 illustrates the comparisons of end-to-
end delay graphs that reflects the values in Table 2. The end-to-
end delay values produced by our proposed algorithm are range 
from 33.81s to 35.05s with the maximum standard deviation of 
±1s. Reno produces end-to-end delay range from 34.5s to 
41.25(±1)s. New Reno produces end-to-end delay from 33.6s to 
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38.4(±2)s. Whereas, Cubic produces end-to-end delay from 
33.57s to 40.74(±1)s. It shows that the proposed algorithm 
produces lower end-to-end delay with comparable variation to 
all loss-based congestion control algorithms except when 
transmitting 25 bytes. This is because of two reasons. The first 
reason is it is the first time clients send the data. The controller 
needs to install the flow table into the switch [29]. The second 
reason is it requires more time to fill up the bucket compared 
due to its small size. When transmitting bigger data size, our 
algorithm produces better end-to-end delays. This is because 
each router in the network has to process one bucket that has 
all the packets rather than processing them one by one. This also 
reduces the packet queuing and congestion. The individual 
packets that are unable to fit in the bucket, able to reach the 
nodes faster because there is now more space in the link since 
all the packets are in bucket. 

Based on Table 2, it shows that the proposed algorithm 
produces more stable end-to-end delays compared to others as 
their values varies only in between 33s to about 35s. Whereas 
the end-to end delay produced by loss-based algorithms steadily 
continue to increase as the data size increases. This shows that 
loss-based algorithms are not suitable for high speed and high-
density network. Furthermore, it proves that the proposed 
algorithm able to maintain the stability of the network despite 
increasing number of traffics.  
 

Table 2 End-to-end delay comparisons 
 

Transmitted 
data (bytes) 

End-to-end delay (s) 
Proposed 
algorithm 

Reno New Reno Cubic 

25 35.05 34.50 33.6 33.57 
50 33.81 35.47 34.29 34.71 
75 34.33 36.43 34.97 35.55 

100 34.04 37.39 35.66 36.68 
125 34.36 38.36 36.34 37.53 
150 33.88 39.32 37.03 38.82 
175 34.46 40.28 37.71 39.59 
200 34.58 41.25 38.4 40.74 

 
 

 
 

Figure 6 End-to-end delay comparisons between proposed algorithm 
with Reno, New Reno and CUBIC 
 
 

Table 3 shows the number of buckets and individual packets 
that are transmitted during the simulation of the proposed 
algorithm. It shows that the algorithm works more effectively 
when larger data sizes are transmitted because less individual 

packets are transmitted. Hence, less Acknowledgement (ACK) 
messages were generated. 

 
Table 3 Numbers of transmitted buckets and individual packets 

 
Transmitted data 

(bytes) 
Number of buckets 

transmitted 
Number of individual 
packets transmitted 

25 1 32 
50 3 3 
75 4 12 

100 6 3 
125 7 9 
150 9 3 
175 10 7 
200 12 3 

 
 

In conclusion, the proposed algorithm able to produce better 
end-to-end delays compared to traditional loss-based 
congestion control algorithms. This is because the proposed 
algorithm collects multiple packets and put them into one 
bucket. Then, it transmits the bucket as one packet. Hence, the 
nodes perceive this bucket as one packet. This reduces queueing 
packets and congestions. On the other hand, for loss-based 
algorithms, the routers need to inspect and process each packet 
one by one which consequently, produce higher delay. While our 
simulations involved only three clients, the advantages of the 
proposed approach is expected to scale well with increasing 
numbers of simultaneous clients. In larger deployments typical 
of SD-WAN environments, the aggregation of packets into 
buckets would occur more rapidly, further improving the 
system’s bandwidth utilization and reducing per-packet 
processing delays. Future work will involve scaling up the 
simulation to multiple controllers and heterogenous network. 

 
 

4.0  CONCLUSION 
 
WAN have become fundamental for enabling communication 
across diverse platforms and end devices. However, the high 
operational cost of traditional WANs motivated the innovation 
of SDN, which decouples the control plane from the data plane 
and introduces programmability at network nodes, increasing 
flexibility and manageability. The integration of WAN and SDN 
that produces SD-WAN offers improved QoS at reduced cost. As 
network usage grows, traffic volumes increase and congestion 
becomes more likely, while low-latency delivery remains 
essential. Consequently, congestion control algorithms have 
been developed to address these challenges. Although 
numerous advanced congestion-control schemes have been 
proposed, most operate reactively and engage only after 
congestion has occurred. Furthermore, the CPE in SD-WAN 
frequently constitutes a performance bottleneck because of 
limited processing resources. To address this limitation, this 
paper presents a proactive congestion control algorithm based 
on a bucket-sort approach. The packets that share the same 
destination network IP address are aggregated into a single 
bucket and transmitted together. We evaluate the proposed 
algorithm against the traditional loss-based congestion control 
algorithms as they are widely used in today’s Internet by 
comparing end-to-end delay between two CPEs. The 
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experimental results indicate that the bucket sort method 
achieves lower end-to-end delay than the loss-based.  
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