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Abstract—The growing complexity of network traffic and
demand for ultra-low latency communication require smarter
packet traffic management. Existing Deep Learning-based queu-
ing approaches struggle with dynamic network scenarios and
demand high engineering effort. We propose AQM-LLM, dis-
tilling Large Language Models (LLMs) with few-shot learning,
contextual understanding, and pattern recognition to improve
Active Queue Management (AQM) [RFC 9330] with minimal
manual effort. We consider a specific case where AQM is
Low Latency, Low Loss, and Scalable Throughput (L4S) and
our design of AQM-LLM builds on speculative decoding and
reinforcement-based distilling of LLM by tackling congestion
prevention in the L4S architecture using Explicit Congestion
Notification (ECN) [RFC 9331] and periodic packet dropping. We
develop a new open-source experimental platform by executing
L4S-AQM on FreeBSD-14, providing interoperable modules to
support LLM integration and facilitate IETF recognition through
wider testing. Our extensive evaluations show L4S-LLM enhances
queue management, prevents congestion, reduces latency, and
boosts network performance, showcasing LLMs’ adaptability and
efficiency in uplifting AQM systems.

Index Terms—AQM Optimization, Large Language Model,
Congestion Prevention, Low Latency, Low Loss, and Scalable
Throughput (L4S), L4S-LLM.

I. INTRODUCTION

Since their inception in the 1990s, Active Queue Manage-
ment (AQM) algorithms have relied on mathematical models
to develop optimal rule-based control systems. Early algo-
rithms, such as Random Early Detection (RED) [1], used
queue length as the primary metric to track and manage net-
work buffers. Modern AQMs, like Controlled Delay (CoDel)
[2], Proportional Integral Controller Enhanced (PIE) [3], and
Common Applications Kept Enhanced (CAKE), have shifted
to queue delay as the key metric, providing more direct
control over user-perceived latency and improving network
performance. See Low Latency, Low Loss, and Scalable
Throughput (L4S) [RFC 330]1 [4] and Bell Labs recent
findings for details [5].

Despite these advancements, rule-based AQMs face sig-
nificant challenges in today’s dynamic and heterogeneous
networking environments, which include advances in WiFi,
5G/6G, optical fibers, and satellites. Emerging network envi-
ronments experience rapid fluctuations in link quality, traffic
patterns, and interference levels, often outpacing the adap-
tive capabilities of formulaic approaches. Addressing such
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1https://www.rfc-editor.org/rfc/rfc9330.html

dynamics and heterogeneous network challenges using rule-
based methods requires the development of complex, compu-
tationally intensive rules that demand periodic (re)engineering
and continuous parameter tuning based on specific network
dynamics2 [6].

Deep learning offers a promising alternative, shifting the
focus toward learning-based AQMs that minimize reliance on
predefined mathematical models [7]. Supervised learning (SL)
methods are frequently employed for prediction tasks, such
as traffic classification and bandwidth estimation, while rein-
forcement learning (RL) is utilized for decision-making prob-
lems, including congestion control, adaptive bitrate streaming,
and cloud cluster job scheduling [8]. In AQM, deep neural
networks (DNNs) and RL have been applied to packet traffic
prediction and optimization tasks [5]. Compared to rule-based
systems, learning-based methods (e.g., DNN, RL, etc.) excel
at adapting dynamically to evolving network conditions and
leveraging data-driven insights to handle complex scenarios
effectively [5]. However, challenges persist, including scala-
bility, robustness, and computational efficiency, which must be
addressed to fully realize the potential of ML-driven AQMs,
which are summarized as follows.
1. Designing and tuning ML-based AQM models demands sig-
nificant effort, including architecture design, hyperparameter
optimization, and algorithm selection, requiring extensive ex-
perimentation and computational resources, which can hinder
deployment in dynamic networks.
2. ML-based AQM often struggles to generalize across vary-
ing network conditions, with models trained on static traffic
performing poorly under real-world fluctuations, limiting their
reliability compared to traditional rule-based systems.
3. Continuous retraining of ML-based AQM is essential to
adapt to evolving networks, requiring diverse, high-quality
datasets and extensive preprocessing, which increases oper-
ational costs and complicates commercial deployment.

A. LLMs over AQM: Challenges & Distillation

Leveraging Large Language Models (LLMs) like GPT,
Opt, and Llama [9], [10] into AQM can address the high
costs of developing task-specific DNNs for solving networking
challenges [11]. Pretrained on vast text datasets, LLMs excel
in contextual understanding, reasoning, and generalization [10]
making them ideal for tasks like AQM. Their attention mech-
anism enables dynamic analysis of traffic parameters and
dependencies, allowing proactive congestion management and

2https://www.bell-labs.com/institute/white-papers/l4s-low-latency-low-loss-
and-scalable-throughput/, accessed, 25 Jan 2025.
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adaptability to evolving network conditions. The distillation
of LLM for AQM offers a universal framework to improve
the Internet with minimal modifications, which can perhaps
be achieved by adopting new RL ideas for the distillation of
knowledge [10], [12]. However, key challenges include:
i) Diverse Inputs: AQM data includes time series (e.g., queue
delay) and scalar values (e.g., burst allowance), requiring
specialized encoders.
ii) Inference Latency: Token-by-token output generation causes
delays, disrupting AQM’s rapid update cycles (45 ms). Hallu-
cinated outputs further exacerbate the delays.
iii) Distillation Costs: Distilling LLMs for AQM requires time-
consuming fine-tuning, especially in decision-making tasks
using reinforcement learning, and demands significant com-
putational resources for large models.

While adopting LLMs can unify and enhance AQM, the
above mentioned challenges must be addressed for effective
AQM-LLM design and deployment.

B. Our Design and Contributions

We propose AQM-LLM and develop it over L4S. L4S-
LLM is an adapted LLM framework developed for efficient
congestion prevention with L4S. L4S-LLM leverages a foun-
dational LLM model for decision-making in the L4S queues
with minimal manual modifications, by incorporating three key
modules:
State Encoder: A multifaceted encoder processes diverse
network data (e.g., queue delay, packet drops) into token-
like embeddings, enabling the LLM to understand and utilize
network metrics effectively.
L4S-LM Head: Replacing the default language model head,
the L4S-LM head maps LLM outputs directly to congestion
prevention actions (enqueue, drop, or mark) in a single infer-
ence, reducing response time and preventing hallucinations.
Data-Driven Low-Rank L4S Adaptation (proposed LoRA):
This module finetunes the LLM using RL with distillation
over the pre-collected data from existing algorithms, eliminat-
ing lengthy real-time interactions. By employing Low-Rank
Adaptation (LoRA), finetuning costs are drastically reduced,
with a 64% decrease in GPU memory usage and a 15.1%
reduction in training time.

L4S-LLM addresses low-latency needs by proactively
identifying traffic patterns and taking optimal congestion-
prevention actions. Its strong generalization capability ensures
high performance on unseen network scenarios.

Our key contributions in this paper are as follows.
1) Identification of key challenges and advantages of using

LLMs for network queue management.
2) Development of L4S-LLM with a multi-faceted encoder,

specialized L4S-LM head, and the proposed LoRA
scheme for improved RL-based distillation and finetun-
ing of the L4S-LLM.

3) Evaluation demonstrating improved queue management,
congestion mitigation, and latency reduction across un-
seen data and network environments.

L4S-LM Head Design & Development. Conventional LM
heads rely on iterative multiround inference to generate valid

responses, resulting in substantial latency. To overcome this
limitation, we propose the novel L4S-LM head, which gen-
erates a valid response in a single inference round by pre-
dicting a probability distribution over possible actions. This
design streamlines the response generation process, signifi-
cantly accelerating inference. Drawing inspiration from spec-
ulative decoding, the L4S-LM head advances beyond sequen-
tial token-by-token generation by simultaneously evaluating
multiple potential outcomes, enhancing both computational
efficiency and scalability (without degrading any accuracy).
Furthermore, L4S-LM offers a robust framework to improve
AQM performance while reducing manual effort and resource
consumption.
Open Source FreeBSD Implementation.3 We establish an open-
source experimental platform to implement and investigate
new stacks of L4S within FreeBSD-14, allowing integration
with LLM models. Independent and interoperable implemen-
tations are critical for the recognition of emerging LLM-based
AQMs by the Internet Engineering Task Force (IETF). In
this work, we design and implement L4S-AQM framework
on FreeBSD-14, providing publicly accessible user and kernel
modules to facilitate the testing and experimentation of AQM-
LLM by the broader network and Internet research community.

C. Literature

Networks often suffer from ‘bufferbloat’ [13], [14], where
excessive packet buffering leads to high latency and jitter. To
mitigate this, AQM schemes were developed, which detect
congestion and either drop packets or use ECN to signal TCP
congestion control algorithms to adjust the congestion window.
Rule-based AQMs like CoDel [15], PIE [3], and CAKE
depend on manually created rules, but these static approaches
struggle to adapt to dynamic network traffic patterns.

Learning-based AQM algorithms address these limitations
by leveraging deep learning techniques to automate decision-
making. Early works, such as PFED [16], forecast traffic
using MMSE prediction to regulate queue length and penalize
misbehaving flows. Advanced approaches include ECN-based
algorithms using LSTM architectures for traffic prediction [8],
QP-AQM for adaptive queue management with Q-learning
traffic predictors [17], and Deep Q-Network-based AQMs for
intelligent packet dropping and differential QoS [18].

While these methods improve adaptability, they face chal-
lenges like high engineering effort, computational cost, and
resource-intensive training. Their reliance on continuous learn-
ing limits generalization across diverse network environments,
hindering practical deployment in real-world settings. LLMs
[19] like ChatGPT, PaLM, Llama2, and OPT are advanced
deep neural networks built on the Transformer architecture,
with widespread applications across diverse domains. LLMs
process input and output as token sequences, converting text
into embeddings and predicting subsequent tokens using an
auto-regressive mechanism. The self-attention mechanism al-
lows LLMs to focus on relevant parts of the input, enabling
them to handle complex language patterns and nuances effec-
tively.

3https://github.com/MPTCP-FreeBSD/L4S-LLM

https://github.com/MPTCP-FreeBSD/FreeBSD-L4S-Experiments
https://github.com/MPTCP-FreeBSD/L4S-LLM
https://github.com/MPTCP-FreeBSD/L4S-LLM
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Trained on vast text datasets, LLMs demonstrate exceptional
capabilities in dialogue, reasoning, and code generation. Fine-
tuning these models for domain-specific tasks enhances their
few-shot learning abilities, allowing them to generalize quickly
with minimal examples. This adaptability and knowledge
transfer highlight their potential for solving complex tasks effi-
ciently, making them invaluable for optimizing AQM schemes.
Inspired by these advancements, our proof-of-concept adapts
LLMs for AQM network management within the L4S ar-
chitecture. We develop novel ways of applying LLMs to
the DualPI2 AQM algorithm in FreeBSD, leveraging their
reasoning and few-shot learning abilities to generalize across
dynamic, unseen conditions.

II. RESEARCH DESIGN

The L4S architecture, defined in RFC 9330 [4], enhances
QoE and QoS by integrating ECN with advanced TCP and
AQM techniques. Central to this is the Dual-Queue Coupled
AQM4 [RFC 9332], which prioritizes latency-sensitive L4S
flows over traditional Classic queues, reducing delay at the
cost of minor performance trade-offs for Classic flows. Com-
plementing this, the Prague TCP variant works synergistically
with DualPI2 and ECN to minimize packet loss and latency
while maintaining high throughput.

DualPI2 uses ECN (RFC 3168 [20]) to mark packets
during congestion, resorting to packet drops only under severe
congestion. ECN leverages two bits in the IP header to signal
congestion using four codepoints, with CE (1) indicating
congestion. Upon receiving CE-marked packets, the receiver
informs the sender via an ECE flag, prompting the sender
to adjust congestion control and respond with a CWR flag
to acknowledge the notification. This mechanism mitigates
delays, reduces packet loss, and minimizes retransmission,
leading to lower latency, improved throughput, and decreased
head-of-line blocking [21].

TABLE I: ECN Codepoints

Codepoint Binary Description
00 00 00 Not-ECT (Not ECN-Capable Transport)
01 00 01 ECT(0) (ECN-Capable Transport)
10 00 10 ECT(1) (ECN-Capable Transport)
11 00 11 CE (Congestion Experienced)

In this paper, we develop an approach that uses the ex-
traordinary capabilities of LLM to prevent congestion in the
L4S DualPI2 by deciding the appropriate action to be taken
in that specific scenario. Mainly, its job is to decide between
packet dropping, packet enqueueing, and most importantly,
ECN notification. LLMs are trained on billions of parameters
that absorb extensive knowledge, allowing them to show ex-
traordinary abilities such as planning, pattern mining, problem-
solving, and generalization to unseen conditions.

Our objective is to utilize the LLMs’ prediction capabilities
to enhance the efficacy and foresight in identifying network
congestion within the AQM framework. If there is congestion
ahead, the LLM will inform TCP using the ECN notification
or will directly drop the packets if the delay is excessive.

4https://www.rfc-editor.org/rfc/rfc9332.html

This will enable TCP congestion control algorithms to take
preemptive action. By accurately predicting congestion events
within L4S architecture, TCP Prague is able to mitigate any
unnecessary delays, retransmission, and packet loss during
network congestion.

A. Architecture of AQM-LLM
In this section, we detail the design of AQM-LLM, a

framework that leverages Large Language Models to optimize
AQM tasks, including packet enqueueing, dropping, and ECN
marking. AQM-LLM comprises three core components: (i) the
L4S-LLM State Encoder, (ii) the L4S-LLM Head, and (iii)
Data-driven Low-Rank L4S Adaptation. Below, we provide
an overview of these components, focusing on the L4S-LLM
State Encoder.

The L4S-LLM State Encoder processes task-specific infor-
mation such as queue size, delay, and other AQM metrics. It
converts raw input data from various modalities into a format
compatible with LLMs by projecting these inputs into a token
space tailored to the specific model. This ensures seamless
integration with LLMs, where the token space size adapts to
the underlying model.

As illustrated in Figure 3, the encoder consists of two
main components: (a) Feature Encoder: Extracts meaningful
features from raw AQM metrics such as queue delay and
size; (b) Linear Projector: Maps these features into token-
like embeddings aligned with the LLM’s input requirements.
Together, these components enable efficient processing of
diverse AQM inputs, ensuring compatibility and effectiveness
in LLM-driven queue management.

Feature Encoder: To extract features from raw input data,
we employ specialized feature encoders that are tailored to
each type of data. A key design choice is leveraging pre-
existing, optimized encoders rather than manually building
them from scratch. In this implementation, as outlined in
Algorithm 1, we adopt the following approach: i) Scalar Data.
Fully connected layers are used for processing scalar inputs, as
shown in Algorithm 1, line 4. These layers efficiently handle
single-value metrics such as queue size or drop probability; ii)
Time-Series and Sequence Data. For sequential data, such as
queue delay trends, we use 1-dimensional convolutional neural
networks (CNNs) to capture temporal patterns, as depicted in
line 5 of Algorithm 1. This modular design ensures efficient
feature extraction across diverse input modalities while main-
taining compatibility with the LLM framework.

Linear Projection: Although the feature encoders are
highly capable, the dimensions of the extracted features may
not match the token space required by the LLM. For example,
Llama2 expects an input dimension of 4096 [9]. To resolve this
mismatch, we utilize trainable linear or embedding layers (as
shown in Algorithm 1, line 16) to project the extracted features
into the appropriate token space. These embedding layers learn
to map features to token-like embeddings compatible with the
LLM, enabling seamless integration. Additionally, we apply
layer normalization [22] to the output embeddings, ensuring
improved training stability and performance. This approach
ensures that the data is optimally formatted for the LLM while
maintaining robust and efficient processing.
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Fig. 1: L4S-LLM Architecture
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Fig. 2: L4S-LLM Coupling: Interaction between different
components of L4S and LLM.

Fig. 3: L4S-LLM Encoder: Details of the components

B. L4S Language Modelling Head

Using the above state encoder, the LLM is able to transform
the raw input data of different modalities into embeddings
or high-level features. These features are then directed to
the L4S-LM head to directly generate answers. We designed
a custom L4S Language Modelling head, implemented as a
trainable linear layer to generate task-specific answers based
on the processed features from the LLM. Unlike the LM head,
our custom L4S-LM head constrains answers to fall within a
valid range of possible answers, ensuring the reliability of the
LLM in our task. For example, in our case, we define three

Algorithm 1 L4S-LLM State Encoder

1: Input: State tensor state with shape (batch_size,
seq_len, 8, 1)

2: Output: Encoded feature tensors for each state component
3: Initialize layers:
4: textfc1, ..., fcn as Linear(1,feature dim) for scalar data

5: conv1, ..., convn as Conv1d(1, feature dim, conv size)
for sequence data

6: embed feature, ..., embed feature n as
Linear(feature dim, plm embed size) where

plm embed size depends on LLM token size.
7: for each feature i from 1 to n do
8: if feature i is scalar data then
9: Extract feature i from state[:, i-1:i]

10: Apply fc i(feature i) to encode the feature
11: else
12: Extract feature i from state[:, i-1:i]
13: Apply conv i(feature i) to encode the feature
14:
15: end if
16: Apply embed i(feature i) to encode the feature

into its embedded representation ▷ Embedding Layer
17: Reshape encoded feature to (batch size, seq len,-1)
18: end for
19: return Encoded features: features1, features2, ..., features8

discrete actions: 0 refers to enqueuing the packet, 1 refers to
dropping a packet from the queue, and 2 indicates applying the
CE(1) flag to signal congestion for L4S enqueue management.

Traditionally, the LM head requires multiple rounds of
inference to generate a single valid response, which leads
to significant delays in answer generation. To address this
challenge, we developed the L4S-LM head (refer to line 3 in
Algorithm 2), to generate a valid response in a single inference
round by predicting a probability distribution over possible
actions. This new approach is inspired by speculative decod-
ing, where instead of generating responses token by token,
the model predicts multiple possible outcomes simultaneously,
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Fig. 4: L4S-LM Head

Algorithm 2 L4S Language Modelling Head

1: Input: input embeddings, attention mask,
action embed pos, residual flag

2: Output: predicted actions
3: Initialize L4S LM head:

action head ← Linear(plm embed size, actionCount)
4: action head ← action head.to(device) ▷ Move to

appropriate device
5: logits used ← Transformer(input embeddings, atten-

tion mask)
6: if residual flag then
7: logits used ← logits used + input embeddings ▷

Add residual connection
8: end if
9: selected logits ← logits used[:, action embed pos - 2]

▷ Select relevant logits
10: predicted actions ← action head(selected logits) ▷

Predict actions using action head
11: Return predicted actions ▷ Probability Distribution of

Candidate actions

significantly enhancing efficiency without compromising re-
sponse validity. The advantage of this method lies in its ability
to provide quick and accurate responses, in network congestion
control and AQM, where low latency is extremely crucial for
optimal system performance. Longer inference times would
defeat the purpose of utilizing LLMs in the first place. Figure 4
illustrates the traditional LM head and the L4S-LM head for
comparison.

C. Low-Rank Adaptation

In this section, we propose a data-driven low-rank L4S adap-
tation to efficiently fine-tune our LLM to reduce computation
overhead and answer generation time for our AQM-specific
task. This adaptation allows us to use an offline approach
to fine-tune our model, instead of having to interact with
the network environment and increase overhead directly. It
comprises two main components (A) a data-driven pipeline
for AQM decision-making and (B) a low-rank data adaptation
approach (LoRA) which reduces the number of parameters that
need to be fine-tuned from 7B parameters to just 1% of the

parameters, for faster fine-tuning. LoRA has two advantages
(A) it decreases the time for fine-tuning significantly, and (B)
It helps us retain the foundational knowledge of LLM.

1) RL-based L4S Adaptation: In the case of a task similar
to the typical Markov Decision Process, instead of using the
typical traditional RL approach, we adopt a data-driven RL
technique. The standard RL technique is impractical due to
the significant interaction time required between the LLM and
the environment. To overcome this, we propose a modified
RL adaptation pipeline based on the efficient data-driven RL
technique [23]–[25]. This method eliminates the need for
any real-time interaction by utilizing pre-collected experience
datasets from existing networking algorithms. This approach
enables fine-tuning the model to optimize reward. The intuitive
rationale behind this approach is to allow the LLM to improve
its policies by observing the behaviours of existing networking
algorithms [24]. It learns why certain actions lead to better
performance, as well as understanding why certain actions
result in poor performance [25]. In this method, we only
collect all our data at once to use throughout our training
process, significantly decreasing the training time for our
LLM.

The proposed RL adaptation pipeline functions by first
collecting experience trajectories from an existing policy
(DualPI2 from FreeBSD AQM) into a dataset Drl =
{τ1, . . . , τ|Drl|}, where each trajectory τ = {rt, st, at}Tt=1 is
composed of rewards r, states s and actions a, where T
denotes the episode length. The actions are defined as, 0 -
Enqueue, 1 - Drop, and 2 - MARKECN. The state consists
of 8 features: {queue type, burst allowance, drop probability,
current queue delay, accumulated probability, total bytes ,
total drops, packet length}.

State: st = (p′t, qdt, pdropt, lenbt, totbt)i (1)

Action: at = p′t (2)

Reward: Rt = pktlen/(qdelayt + 1) (3)

In the trajectory, the reward rt is substituted by the return
Rt =

∑T
i=t ri, representing the cumulative rewards generated

from the state st moving forward. Furthermore, in certain
tasks, the state or action may comprise multiple components
of information. For example, in the context of L4S, the state
includes historical queue delays. This complexity requires a
finer level of discretization of both state and action spaces to
ensure that all relevant aspects of the system are adequately
captured.: st = {s1t , . . . , snt }, at = {a1t , . . . , amt }. The updated
representation of the trajectory is then expressed as:

τ = {Rt, s
1
t , . . . , s

n
t , a

1
t , . . . , a

m
t }Tt=1 (4)

Following the trajectory representation presented earlier,
we fine-tune the LLM to learn the distribution of cumulated
returns. For each training step, we randomly sample batches
of data from the dataset:

d = {Rt, s
1
t , . . . , s

n
t , a

1
t , . . . , a

m
t }Tt=t−w+1 (5)
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TABLE II: State Features

Features Definition
queue type defines type of queue - Classic (0) or L4S (1)

burst allowance Maximum allowed burst size of packets before congestion control measures are applied.

drop prob Probability of dropping a packet when the queue is congested.

current qdelay Current queue delay, which is the time a packet spends in the queue before being transmitted.

accu prob Accumulated probability value used in FQ-PIE to determine the drop probability for incoming packets.

len bytes Average length (in bytes) of the queue during the measurement interval.

drops Number of packets dropped during the measurement interval.

pkt len length of enqueued packet

Fig. 5: Data-driven Low-Rank L4S adaptation (proposed
LoRA) Diagram

Here, w denotes the context window used to learn the
return distribution. The LLM is then provided with data d to
generate actions {â1t , . . . , âmt }Tt=t−w+1. In this scenario, each
component of return, action and state is treated as distinct
modalities and processed independently. Then, the training
loss can be calculated as follows:

Lrl =
1

w

w∑
t=1

m∑
j=1

Frl(a
j
t , â

j
t ) (6)

The function Frl measures the discrepancy between action
aji and the generated action âji . For this, we utilize either cross-
entropy (CE) for categorical actions or mean squared error
(MSE) for continuous action values, , akin to regression tasks.

The training aims to model the distribution of returns condi-
tioned on specific states, thus generating action sequences that
achieve the desired returns [26]. During the inference stage,
to guide the LLM towards the desired performance, a target
return is specified.

2) Low-rank L4S adaptation: We use LoRA to decrease
training time by reducing the number of trainable parameters
using a technique called Parameter-Efficient Tuning (Peft), in
which we freeze the parameters of the LLM and incorporate
additional low-rank matrices to approximate the required ad-
justments for domain-specific adaptation. We will denote the
pre-trained parameters of the LLM as Φ0, and ∆Φ as the
trainable parameters, which we update and optimize to get the
final model parameters as Φ = Φ0 +∆Φ. Thus, for each pre-
trained matrix W0 in Φ0 of dimension d×k, we hypothesise a
low rank r ≪ min{d, k} and construct two low-rank matrices
A and B of dimensions d × r and r × k, respectively, to
approximate the update as W = W0 +∆W = W0 +AB.

Algorithm 3 Low-Rank Adaptation (LoRA) Algorithm

1: Input: Pretrained model Wθ, adaptation rank r, training
dataset D, number of epochs E

2: Output: Fine-Tuned model parameters Wfine tuned

3: Initialize low-rank matrices A ∈ Rd×r, B ∈ Rr×d

randomly
4: Set the learning rate η
5: for each epoch e = 1 to E do
6: for each batch b in the dataset D do
7: Forward pass: compute model output with

current θ and fine-tuned weights (A,B)
8: Compute the loss L based on the model output

and ground truth
9: Compute the gradient of the loss with respect to θ

and (A,B)
10: Update the low-rank matrices using gradient de-

scent:
A← A− η

∂L
∂A

, B ← B − η
∂L
∂B

11: end for
12: end for
13: Set the final Fine-Tuned model parameters:

Wfine tuned ←Wθ +AB

14: Return: θadapt

We freeze the pre-trained matrix W0 during adaptation and
confine all the updates to matrices A and B as shown in
Algorithm 3. This strategy significantly lowers fine-tuning
costs by reducing the demand on computational resources
(such as GPU VRAM, CPU usage, and RAM) and shortening
the overall training time. Freezing the pre-trained parameters
preserves the existing pre-trained knowledge already present
in the LLM. This enables the LLM to function as a robust
foundational model, facilitating efficient adaptation to acquire
a wide range of domain-specific knowledge.

III. SETUP AND EVALUATION

A. Experimental Testbed Setup

We collect the experiences required for training our L4S-
LLM by developing a testbed consisting of FreeBSD-based
virtual machines, which are built and configured using Vir-
tualBox as the virtualization platform. The Virtual Machines
run FreeBSD version 14.1 for their Operating System. To
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Fig. 6: Topology of the developed experimental testbed for
collecting datasets and evaluating L4S-LLM framework.

create a network setup, we clone four virtual machines: two
clients (Client 1 and Client 2), one router, and one server.
Client 1 utilizes two different congestion control algorithms
- Cubic and NewReno simultaneously, while Client 2 uses
ECT(1)-enabled DCTCP congestion control algorithm. The
router is configured with a custom-built DualPI2 algorithm
that supports the L4S architecture, as described in the paper
[5]. All the clients send data to the server through the router
as illustrated in Figure 6. All the scripts and additional
information required to set up the environment are made public
in L4S-LLM repository.

In our experiment to collect data, we configure the router
with a bandwidth of 8 Mbps and a delay of 10 ms. We initiate
two ‘iperf3’ connections for each TCP congestion control
algorithm used in Client 1, with each connection utilizing two
parallel flows via the ‘-P 2’ option in ‘iperf3’. Client 2 only
utilizes a single flow for its ‘iperf3‘ connection. Each ‘iperf3‘
test runs for one minute. We repeat the experiment ten times
and collect all the data. We have enabled ECN on all devices.

To gather the data, we use a debugging tool that is directly
embedded in the DualPI2 kernel code to store data from the
kernel into the debug kernel logs. The relevant data is then
extracted from these logs. If the size of the collected data
exceeds 1000 KB, the log files will be truncated and rotated
to prevent excessive growth. To increase the file size limits,
we modify the configuration files for the ‘newsyslog’ service,
found in /etc/newsyslog.conf.

Once the data collection process is complete, we process
the collected data into an experience pool to be fed into
the LLM; see L4S-LLM experience pool5 implementation for
details. We experiment with multiple foundation LLM models,
including Llama26 [9] (7b), OPT (1.3b), GPT27 [27] (125m)
and T5-LLM8 [28], which are fine-tuned for our L4S-LLM

5https://github.com/MPTCP-FreeBSD/LLM Gen Exp Pool
6https://www.llama.com/llama2
7https://openai.com/index/better-language-models/
8https://github.com/google-research/text-to-text-transfer-transformer

task. Among these, Llama2 demonstrated the best performance
(see Sec III B) and was selected as the foundational LLM
for extensive evaluation in simulations, where L4S-LLM is
compared against the legacy AQM algorithms. To execute
L4S-LLM, we utilize ‘Runpod’, an online cloud computing
platform that provides access to powerful GPUs and scalable
storage, ensuring efficient training and testing of our frame-
work. We used two NVIDIA A40 GPUs, each equipped with
48 GB of VRAM, carried out on an Ubuntu 22.04 instance
with the Cuda 11.8 version.

1) Evaluation Metrics: We log key metrics during the train-
ing and testing of L4S-LLM, including loss, accuracy, reward,
GPU/CPU utilization, computation time, RAM usage, and total
training/testing time. To evaluate the model’s efficiency, we
analyze loss and accuracy, which are calculated using cross-
entropy loss for this multi-class classification problem. Cross-
entropy loss measures the discrepancy between predicted
probabilities and true labels, outputting a scalar value where
lower values indicate better performance.

The training process employs mini-batches with gradient
accumulation to enhance efficiency and stability. Gradient
clipping is utilized to prevent gradient explosion by capping
gradients to a predefined threshold during backpropagation.
The model predicts a probability distribution over actions,
represented by action.preds, and the predicted action
is obtained using the argmax() function. True actions,
extracted and normalized from the experience pool, are aligned
with the predicted actions using a custom vectorization and
conversion function to ensure compatibility for accuracy com-
putation as follows:

Accuracy =
1

N

N∑
i=1

I(preds actionsi = true classesi) (7)

over all N samples or steps in the epoch where I is the indicator
function returns 1 when the predicted action (preds actions)
matches the true action class (true classes), and 0 otherwise.

B. L4S-LLM Training and Validation

Fig. 7: L4S-LLM Training Loss Trends: Evolution of Mean
Loss over 80 Epochs

1) Evaluation of Loss Dynamics in L4S-LLM: Figure 7
presents the evolution of the training loss trajectory of Llama2
(7b), OPT (1.3b), GPT2 (125m) and T5-LLM (220m), span-
ning 80 epochs. We used LoRA to reduce the parameter

https://github.com/MPTCP-FreeBSD/L4S-LLM.git
https://github.com/MPTCP-FreeBSD/LLM_Gen_Exp_Pool
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sizes of Llama2 and OPT, as both models have exceptionally
large parameter sizes, necessitating longer training times.
Llama2 demonstrates the most consistent and rapid conver-
gence, achieving the lowest mean loss amongst other models
as soon as epoch 5 and keeps on improving. OPT shows a
gradual improvement in the mean loss and converges to a
slightly higher mean loss, indicating a slower optimization.
T5-LLM follows a similar trend to OPT, showing a gradual
improvement but achieves a slightly lower loss than OPT and
GPT2. GPT2 initially starts with the highest mean loss but
rapidly converges to and follows a similar trend to OPT from
epoch 40, and also converges to a similar final mean loss of
OPT.

These results showcase L4S-LLM’s ability to adapt to
complex network queue management strategies regardless of
the LLM model being used. Using historical real-time metrics
captured directly from the kernel, L4S-LLM can optimize
and generalise well given the dynamic network conditions.
Furthermore, Llama2 with its 7 billion parameter set achieves
the lowest mean loss, while OPT and GPT2 come in second
and T5-LLM seems to have the highest loss by small margins.

Fig. 8: L4S-LLM Training Accuracy Trends: Mean Accuracy
over 80 Epochs

2) Evaluation of Accuracy Dynamics in L4S-LLM: The
evolution of the accuracy of L4S-LLM with four different
LLM models - Llama2 (7b), OPT (1.3b), GPT2 (125m) and
T5-LLM (220m), during the fine-tuning phase is depicted in
Figure 8. The Llama2’s accuracy starts near zero, improves
significantly between epochs 5 and 9, then plateaus before a
gradual increase from epoch 30, gradually stabilising around
97.56%. OPT starts with higher accuracy than GPT2 and
Llama2, increasing till epoch 40 where it stabilises to around
83% accuracy. GPT2’s accuracy remains near zero till epoch
29 before it sharply increases till epoch 40 before it stabilizes.
T5-LLM starts from 20% accuracy and sees a gradual increase
and only after epoch 75 does it seem to stop increasing and
stop around 83% accuracy similar to the final accuracy scores
of OPT and GPT2.

The results show that Llama2 demonstrates the best perfor-
mance considering its high training time, compared to the oth-
ers. OPT, GPT2 and T5-LLM all reach the same accuracy of
82% at the end of epoch 80. It demonstrates Llama2’s superior
performance, considering its 7B parameter size, which when
combined with LoRA, reduces the model to approximately 70
million parameters for fine-tuning. Despite the high training
time of over 20 hrs compared to other models, it exhibits
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Fig. 9: Queue Delay Analysis with Periodic LLM Inputs
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Fig. 10: Box Plot of Queue Delay Analysis with Periodic LLM
Inputs

comparable answer generation times in actual deployment to
other large language models (LLMs). Thus, not losing any
time in actual deployment. Therefore, we use Llama2 as our
foundational model for evaluation against real-world scenarios.

C. Evaluation of L4S-LLM over AQM

In this simulation, we evaluate the performance of our L4S-
LLM framework, with Llama2 -7B as our base, fine-tuned
using LoRA, with its performance benchmarked against real-
world L4S AQM data. The benchmarking focuses primarily
on optimizing queue delay and bandwidth utilization. The
network topology depicted in Figure 6 involves Client 1
using Cubic and New-Reno concurrently, while Client 2 is
running DCTCP, and the router is configured to implement
L4S. Using real-world data LLM predicts the AQM action
- Enqueue, Dequeue, or ECN marking. The LLM is used at
specific intervals as it is resource-intensive. The figures below
demonstrates the LLM’s ability to optimize the queue delay
and bandwidth according to our reward function.

1) Analysis of Queue Delay: Figure 9 presents a compar-
ison of queue delays between the original L4S AQM imple-
mentation and the enhanced L4S-LLM framework leveraging
the fine-tuned LLM model to optimize queue delay. The
LLM model determines the most optimal action – Enqueue,
Drop and ECN marking – based on the system’s state. A
reward function guides the LLM in finding the most optimal
action which keeps improving the reward. The results show a
significant reduction in queue delay for the LLM-based system
compared to the traditional algorithm. The traditional queue
delay has a higher median queue delay with high variability.
Conversely, the L4S-LLM achieves a remarkably low median
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(a) CDF of Queue Delay with 10-
Interval LLM Inputs

(b) CDF of Queue Delay with 100-
Interval LLM Inputs

Fig. 11: CDF of Queue Delay with Periodic LLM Inputs at
10 and 100-Packet Intervals.

queue delay value, with low variability and fewer outliers,
demonstrating the LLM’s capacity to maintain low-latency
behaviour. These findings highlight the LLM’s effectiveness,
compared to its conventional counterpart, in optimizing dy-
namic network traffic, ensuring efficient congestion manage-
ment and enhancing network responsiveness.

Figure 11 illustrates the cumulative distribution functions
(CDFs) of queue delay for traditional L4S and L4S-LLM
AQM. These results provide an alternative representation of
queue delay performance dynamics capturing LLM’s effec-
tiveness in optimizing queue management strategies.
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Fig. 12: Comparision of Bandwidth utilization when L4S-LLM
is enabled at 10 and 100-Packet Intervals.

(a) Box Plot of Bandwidth utiliza-
tion with 10-Interval LLM Inputs

(b) Box Plot of Bandwidth utiliza-
tion with 100-Interval LLM Inputs

Fig. 13: Box Plot of Bandwidth utilization with LLM Enabled
at 10 and 100-Packet Intervals.

2) Analysis of Bandwidth utilization: Figure 12 and Fig-
ure 13 showcase the comparative analysis of bandwidth uti-
lization of the traditional L4S and L4S-LLM framework.
The results show a significant increase in median bandwidth
utilization, with significantly low variability, although along

with a few large outliers. We found that these outliers mainly
appear at the start of the data transfer and are not present after
a certain duration. In contrast, the traditional L4S algorithm
in Figure 14 shows a low median bandwidth utilization value
with high variability. Similarly, L4S-LLM shows its effective-
ness in optimizing bandwidth utilization while maintaining
low queue delay. From the observations, we can conclude
that LLM’s high consistency and high adaptability in queue
management, especially on unseen data.
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Fig. 14: CDF of Bandwidth utilization with LLM Enabled at
10 and 100-Packet Intervals.

The CDFs of bandwidth utilization for both traditional
L4S and L4S-LLM AQM, as depicted in Figure 14, offer an
alternative visualisation of router performance. These results
underscore the LLM’s capability to enhance queue manage-
ment strategies effectively.

D. Computation Overhead(s)

Fig. 15: Distribution of Trainable Parameters Across Four
Distinct LLMs

Figure 15 illustrates the number of parameters fine-tuned
when using different LLM models. We have utilized LoRA to
reduce the number of fine-tuned parameters, as both models
originally contain over a billion parameters, significantly im-
pacting training time. Llama2 originally comprised 7 billion
parameters, but using LoRA with a rank of 128, the number of
trainable parameters is reduced to approximately 70 million,
while maintaining performance nearly identical to full fine-
tuning. Similarly, OPT, which initially contains 1.3 billion
trainable parameters, is reduced to 25 million parameters using
LoRA of the same rank. In contrast, GPT-2 and T5-LLM, with
125 million and 220 million parameters, respectively, were
used without parameter reduction. The rank value of 128 was
chosen because it effectively balances parameter efficiency and
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model performance, enabling comparable results to full fine-
tuning while significantly reducing computational and memory
requirements.

Fig. 16: Comparative Analysis of GPU VRAM Usage Across
Different LLMs

Additionally, we also measure total GPU VRAM utilization,
which is crucial as it stores the large deep neural network
with billions of parameters, numerous layers, and gradients.
Insufficient memory limits batch size and slows down both
training and inference. Given the high cost of GPU VRAM, re-
search into reducing GPU memory utilization is of paramount
importance, as we do not expect routers to be equipped
with expensive GPUs containing large amounts of VRAM.
Figure 16 illustrates the GPU memory utilization across the
respective LLMs. Among the four LLMs used with our L4S-
LLM framework, Llama2 occupies the highest GPU memory
at 23.91 GB, followed by OPT with 7 GB, GPT2 with 3.6
GB, and T5-LLM with the lowest memory usage at 2.32 GB.

Fig. 17: Comparison of Decision Time Across Different LLMs
(s)

Furthermore, we observe the impact of L4S-LLM on answer
generation time as illustrated in Figure 17. The full-parameter,
unadapted Llama2-7B has the highest answer generation time
of 0.200 seconds, significantly higher than the other methods.
The answer generation time for Llama2 is 0.0391s , followed
by of OPT at 0.0395s, GPT2 at 0.0414s and T5-LLM at
0.0411s. These answer generation times are largely correlated
with the number of trainable parameters and other environment
conditions of the system. Though, Llama2 -7B and OPT 1.3B
have originally contain over a billion parameters, we are able
to reduce it using LoRA which reduces its answer genera-
tion time to approximately 0.039s , showcasing substantial
performance optimization. This illustrates the efficiency of
L4S-LLM in reducing answer generation time while preserv-
ing model performance, which is particularly important for
latency-sensitive applications. This is a great improvement,

but there is more room for improvement. One future direction
for improvement is through small language models (SLMs),
which have mainly adapted to use in mobile devices. Other
solutions include pruning, model partitioning and hardware
optimizations.

Fig. 18: Comparison of Training Times Across Different
LLMs (s)

In Figure 18, we observe the total training time required
to run 80 epochs for four different LLMs. Even with the
application of LoRA, Llama2-7B exhibits the highest training
time by a significant margin, approximately around 22.3 hours.
In contrast,the training time for OPT with LoRA is around 29.9
minutes, while GPT2 requires approximately 17.96 minutes,
and T5-LLM requires about 32.26 minutes. With the excep-
tion of Llama2, the training times for other LLM models
are notably faster. However, during evaluation or in actual
deployment, the answer generation time is at most importance.
Though Llama2’s higher training time, its answer generation
performance is comparable to other models.

E. Discussions and Limitations

Several critical limitations must be addressed before con-
sidering the commercial deployment of the proposed L4S-
LLM framework in network routers. This section outlines
the primary challenges affecting deployability and overall
effectiveness:

• Online Training/Testing: The framework requires real-
time evaluation within the L4S architecture to address de-
ployment challenges. While the current L4S-LLM frame-
work was trained and tested using a data-driven approach
with experimental data from L4S DualPI2 AQM and
various TCP congestion control algorithms, this process
involved offline training and testing. Real-time deploy-
ment within a virtual router demands further optimization
of response generation times and consideration of the
resource constraints of the target routers.

• Time Constraints: Deployment requires a significant
reduction in L4S-LLM’s response generation time to
ensure effective performance in real-world applications.

• Hardware: Approaches for fine-tuning and distilling
LLMs rely on high-end hardware, including an RTX
4090 GPU, 128 GB of RAM, and a 13th-generation
i9 processor. Commercial network routers typically lack
such resources. Therefore, model parameter size must be
reduced to address memory constraints, alongside CPU
and GPU optimizations. A potential solution involves
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transitioning to SLMs, potentially by using correlated
knowledge distillation (CKD) [12], to replicate LLM
capabilities on resource-limited devices.

• Energy: Continuous operation of LLMs requires sub-
stantial energy, typically supported by high-performance
GPUs and CPUs. The significant energy demands and
associated costs pose a challenge to commercial viability.
Major technology firms are exploring nuclear-powered
energy solutions to meet their LLM needs. Achieving
commercial feasibility will require balancing enhanced
performance with reduced energy and operational costs,
necessitating further advancements.

IV. CONCLUSION

This research develops and presents AQM-LLM, a frame-
work that adapts LLMs for AQM and evaluates it within the
L4S architecture. L4S-LLM dynamically manages congestion,
optimizes queue performance and minimizes latency through
preemptive ECN signalling and packet-dropping mechanisms.
The framework achieves significant computational efficiency
using low-rank adaptation, reducing memory usage by 64%,
and a data-driven reinforcement learning pipeline, which
streamlines fine-tuning. The open-source experimental plat-
form of L4S-AQM on FreeBSD-14 facilitates AQM-LLM
future research and assists IETF recognition. Although L4S-
LLM demonstrates transformative improvements in latency,
throughput, and efficiency, further optimization through tech-
niques like pruning, quantization, and distillation toward Small
Language Models based AQM is necessary to address resource
constraints, paving the way for scalable and intelligent queuing
solutions.
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