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Asynchronous Multi-Class Traffic Management in
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Hao Wu, Jian Yan, Linling Kuang

Abstract—The emergence of new applications brings multi-
class traffic with diverse quality of service (QoS) requirements
to wide area networks (WANs), motivating research in traffic en-
gineering (TE). In recent years, novel centralized and hierarchical
TE schemes have used heuristic or machine learning techniques
to orchestrate resources in closed systems such as datacenter
networks. However, these schemes suffer from long delivery
delays and high control overhead when applied to general
WANs. To provide low-delay services, this paper proposes an
asynchronous multi-class traffic management (AMTM) scheme.
We first establish an asynchronous TE paradigm in which
distributed nodes locally perform low-complexity and low-delay
traffic control based on link prices, and the TE server updates
link prices to eliminate decision conflicts between edge nodes.
By modeling the asynchronous TE paradigm as a control system
with non-negligible control loop delay, we find that the traditional
pricing strategy cannot simultaneously achieve a low packet loss
rate and a low flow delivery delay. To address this issue, we
propose a new pricing strategy based on the observations of
virtual queues in intermediate nodes. We also present a system
design and related algorithms that utilize a dynamic step size
mechanism of link price update. Simulation results show that
AMTM can effectively reduce the end-to-end flow delivery delay.

Index Terms—Wide area network, traffic engineering, quality
of service.

I. INTRODUCTION

With the emergence of new applications and the explosive
growth of Internet traffic, ensuring high-quality service for
multi-class traffic has become a major challenge for Internet
service providers. In addition to investing in long-term infras-
tructure expansion, TE, a technology for improving QoS and
network efficiency, is one way to tackle this issue.

In recent years, extensive research has been conducted on
TE based on Software-Defined Networking (SDN) [1]. SDN
facilitates the deployment of online TE by enabling a cen-
tralized network architecture and automated configuration of
the underlying devices. Compared to traditional TE approaches
with distributed control logic [2]–[4], SDN-based TE achieves
better performance in several metrics (e.g., link utilization
[5], network utility [6], and end-to-end (E2E) delay [7]). The
performance improvement of SDN-based TE can be attributed
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to three key factors. First, SDN-based TE can orchestrate
network resources in a global network view. Second, flow-
level control and automated control rule updates are enabled
by SDN standards such as OpenFlow and P4 [8]. In addition,
complex heuristic algorithms or machine learning agents can
be used for TE decision-making in the decoupled control
plane, unconstrained by device capabilities.

As the most popular branch of SDN-based TE, centralized
TE schemes for private Inter-Datacenter Networks (IDNs)
[5], [9]–[11] typically utilize a periodic paradigm involving
synchronous actions of network elements, including traffic
matrix collection/prediction, resource allocation, and traffic
control. This paradigm can avoid transient congestion caused
by unsynchronized routing reconfiguration and service dis-
ruption caused by unsynchronized control rule updates. The
success of these centralized TE schemes also depends on the
controllability of traffic sources in IDNs. In IDNs, applications
and servers can be controlled to predict traffic matrices for the
next few minutes or even hours. Only some short real-time
flows, typically less than 20% of the total traffic [12], are
difficult to predict. Therefore, these approaches can achieve
satisfactory performance by pre-allocating resources.

However, many general WANs for communication may not
possess the aforementioned characteristics as private IDNs.
In such situations, the periodic paradigm may encounter the
following problems.

The first problem is the long E2E delay for flows. The net-
work is unable to anticipate the demand of user-initiated flows
in advance due to the unpredictable nature of user behavior.
Furthermore, data mining results from previous WANs have
revealed the volatility [13] and unpredictability [14], [15] of
particular traffic patterns. Consequently, traffic control rules
based on traffic prediction may mismatch with the volatile
traffic matrix, thereby resulting in performance penalties such
as link overload and packet loss. An alternate strategy involves
caching received flows at the network edge while awaiting
periodic resource allocation. However, the waiting time, usu-
ally averaging 0.5 TE period, cannot be ignored for delay-
sensitive flows due to the long TE period implemented to
minimize update overhead [16], [17]. Although hierarchical
TE architectures [6], [18] and learning-enabled TE algorithms
[19] have reduced the algorithm runtime in each TE period to
several seconds, it is still too long for delay-sensitive real-time
flows.

The second problem is the high control overhead during
TE. Numerous flows with diverse QoS requirements exist
within WANs, necessitating frequent interaction between the
control plane and underlying devices to implement flow-level
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traffic control. During each TE period, a multitude of flow-
level requests are uploaded to the control plane, and control
instructions are frequently delivered to devices, resulting in
significant control overhead.

To solve the aforementioned problems, we propose AMTM,
a TE scheme that utilizes an asynchronous TE paradigm.
In this paradigm, service brokers located in distributed edge
nodes perform real-time traffic control based on link prices. To
handle traffic mismatches caused by decision conflicts during
distributed traffic control, AMTM buffers mismatched flows
in intermediate nodes instead of dropping them, thereby in-
creasing tolerance to traffic fluctuation. The TE server adjusts
link prices, which impact the behaviors of service brokers, to
eliminate decision conflicts and traffic mismatches. Moreover,
a pricing strategy based on the observations of virtual queues
is proposed to obtain a low packet loss rate and a low
flow delivery delay. The main contributions of this paper are
outlined as follows.
• We establish an asynchronous TE paradigm and describe its

working mechanisms, including flow-driven traffic control
(FDTC) and network-initiated price update (NIPU) actions.
FDTC is designed to ensure real-time flow delivery, while
NIPU handles traffic mismatch.

• We prove that the widely-used pricing strategy based on
dual-decomposition cannot achieve satisfactory QoS in the
asynchronous TE paradigm, resulting from the long control
loop. Then, we propose a new pricing strategy based on the
observations of virtual queues in intermediate nodes, which
achieves better performance in packet loss and delay.

• We propose a system design of AMTM with a detailed
description of the workflows and algorithms executed in
edge nodes and the TE server. Simulated experiments based
on a real network topology are performed to investigate the
performance of AMTM in terms of network utility, flow
delivery delay, and scalability.

II. RELATED WORK

Early research on TE, which includes OSPF [20], ECMP,
and QoS routing [21] along with their variants, focused on
distributed IP and Multi-Protocol Label Switching networks.
QoS routing, designed to address constrained shortest routing
problems [22], helps find the shortest path that satisfies specific
QoS demands such as bandwidth and delay. However, these
algorithms may result in suboptimal decisions due to the lack
of a global network view [2].

The emergence of SDN enables TE based on a global
network view [23]. Over the past few years, many SDN-based
centralized TE approaches have been proposed. For instance,
Hong et al. [5] applied centralized TE to Google’s B4 network
and managed to improve the average link utility by 2-3 times.
Kandula et al. [9] proposed an online flow planning that
improved the network utility in a Microsoft production WAN.
Other approaches, such as SWAN [10] and MCTEQ [11],
establish different centralized models to optimize through-
put, network utility, and fairness. The aforementioned works
employ various approximation heuristic algorithms to realize
online TE for large-scale traffic.

Hierarchy control frameworks have been proposed in gen-
eral WANs. Tomovic et al. [16] proposed a control framework
that incorporates online routing and offline TE. Offline TE
updates load balancing weights, and online routing provides a
fast service based on these weights. The proposed framework
effectively reduces the processing delay of traffic control for
real-time service. Guck et al. [24] utilized network calculus
to calculate the worst-case delay of ”queue links”, based on
which an online admission control is executed. This method
guarantees deterministic QoS for admitted flows. Ghosh et al.
[6] decomposed the centralized TE problem into 2-tier and
3-tier semi-centralized problems, which reduces the compu-
tational complexity in the TE server. The authors [18] have
also proposed a 2-level algorithm to solve the service payoff
maximization problem. The first-level algorithm is executed
using parallel edge computing.

Besides model-based TE, machine learning-based TE [25]
has also been studied in recent years. Geyer and Carle [26]
utilized graph neural networks [27] to solve distributed routing
problems. They proposed an approach for training independent
agents to generate distributed routing policies that can achieve
a common goal (e.g., shortest path). Deep Reinforcement
Learning (DRL) can handle complex states and actions in
TE control decision-making. Using mode-free DRL, Xu et
al. [28] factored E2E delay, which is not accurately modeled
in traditional TE models, into network utility. By setting
the network utility as the reward, DRL explores the optimal
split ratio of each session under different throughputs and
delays. Given that DRL can be time-consuming in large-scale
networks, AuTO [29] is designed to provide quick decision-
making for short flows. The peripheral system makes instant
decisions locally for short flows, while the central system
makes decisions for long flows. TEAL [19] utilizes graph
neural networks to generate the structural feature vector of
a network, which assistants the controller network to execute
fast TE decision making.

III. SYSTEM MODEL OF TE

In this section, we compare the periodic and asynchronous
TE paradigms and introduce the mathematical model of TE.
We use many key notations, as summarized in Table I.

A. Overview of Periodic TE Paradigm

As depicted in Fig. 1, the periodic TE paradigm, which
is utilized by centralized TE schemes, follows a synchronized
action loop during each TE period. Different function elements
exhibit fixed behaviors in accordance with this action loop.
Firstly, service brokers deployed in distributed nodes obtain
flow demands from traffic sources. Once the collected data
has been transformed into abstracted demands (e.g., utility
functions, traffic type, QoS constraints), service brokers report
them to the TE server. Subsequently, the TE server performs
a fine-grained resource allocation for each flow based on
the telemetry data of network states. The outcome is then
announced to the SDN controller, which translates it into traffic
control rules. Finally, the SDN controller rules configure the
rules into underlying switches.
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TABLE I
LIST OF KEY NOTATIONS

Symbol Description

j,Jt Flow and flow set at time t
uj(·) Utility function
p,P Path and candidate path set

xjp, xj Bandwidth allocated to flow j on path p and all paths
Θjp Relation between flow j and path p
Φpe Relation between path p and link e
Φs

pe Relation between the sth link of path p and link e
Ce Link capacity
λe Link price (λet represents its value at time t)
Qs

p Virtual queue established for path p in the sth link of p
rspt Traffic rate on the sth link of p at time t

αs
pt, β

s
pt Arrival and departure rates of virtual queue Qs

p

dspt Retention rate of virtual queue Qs
p

Rs
pt Length of a virtual queue Qs

p

qet Queueing delay in the physical queue of link e
Iet Idle bandwidth of link e at time t

Fig. 1. The function elements and actions in the periodic TE paradigm.

The above action loop is executed once in a TE period (e.g.,
five minutes). Flows that arrive after an action loop must wait
for the next loop to receive resources, and the waiting time
ranges from 0 to 1 TE period. The TE period cannot be too
short in a WAN for the following three reasons.
i) The round-trip time among traffic sources, the TE server,

and underlying devices ranges from tens to hundreds of
milliseconds. The total round-trip time of control messages
can reach several seconds some scenarios (e.g., future 6G
communications with space nodes included).

ii) Fine-grained resource allocation algorithms are time-
consuming because of the large variable scale. Hierarchical
TE architectures [6], [18] and learning-enabled TE algo-
rithms [19] reduced the algorithm runtime in each TE period
to several seconds, which is still too long for delay-sensitive
real-time flows.

iii) Frequent interaction between network elements is
bandwidth-consuming because the abstracted demands and
control instructions usually rely on in-band transmission.
Thus, the TE periods in some existing schemes are set to

several minutes. As a result, the low-latency requirement of
some flows is not satisfied. An alternative to provision real-
time services is preallocating resources to flows one TE period
earlier based on demand estimation. However, this approach
suffers from traffic mismatch performance degradation when
dealing with time-varying traffic (see Sec. VI).

The periodic TE paradigm also suffers a scalability problem.
The TE server processes numerous flow queries and generates
corresponding traffic control rules for them, making the pro-
cessing capacity of the TE server the bottleneck of network
scalability.

B. Asynchronous TE Paradigm

In the paper, we establish an asynchronous TE paradigm
without employing a strict action schedule. As depicted in
Fig. 2(a), the differences between this paradigm and the above
mentioned periodic TE paradigm are as follows. First, the
decision-making of admission control and resource allocation,
referred to as FDTC, is moved from the TE server to the
service brokers at edge nodes1. An FDTC action is instantly
executed upon flow arrival, and the service broker makes a
local decision with negligible control message round-trip time
and decision making time. As a result, delay-sensitive flows
experience immediate delivery. Second, the TE server detects
and eliminates decision conflicts between independent service
brokers by updating link prices, referred to as NIPU.

FDTC. A FDTC action is activated with the arrival of each
new flow. As illustrated in Fig. 2(b), flows first undergo a
classification by a traffic classifier using its programmable
flow table. The traffic classification policy, whose granularity
can be session-level, user-level, service-level, or site-level, is
determined by the network service provider. For instance, the
classifier may utilize a user label (e.g., IP address) to recognize
packets between a specific user pair and threat them as a
distinct flow when applying a user-level policy. The service
broker maintains the utility functions uj and QoS requirements
of flows within a flow information database in accordance
with prior knowledge and service-level agreements. For ex-
ample, the QoS requirements of common applications such
as industrial Internet, VoIP, and video streaming, are known
in advance. Meanwhile, users can declare customized QoS
parameters. The service broker queries the flow information
database to achieve uj and the QoS requirements of a flow j.
Afterwards, a path selector chooses one or more transmission
paths from the candidate paths (denoted by a set P) maintained
by the network. For the sake of convenience, the routing
outcome is represented by a matrix Θ, with its element Θjp

being 1 when a path p ∈ P is selected and 0 otherwise. Based
on uj , Θjp, and the link prices provided by the TE server, a
traffic controller calculates the allocated bandwidth x∗

jp to the
flow on each selected path. Lastly, the service broker sends
a control instruction accompanied by a tuple ⟨j,Θjp, x

∗
jp⟩ to

the meter of the edge node, which adds meter rules to prevent
the rate of flow j on each path p from exceeding x∗

jp.
NIPU. The service brokers execute FDTC actions indepen-

dently without negotiation. Then, decision conflicts on traffic
control may occur, causing link overload or underload. In this
context, a NIPU action is activated by the TE server at a fixed
frequency, or when a preset condition (e.g., the detection of
congestion, queue overflow, and excessive delay) is satisfied.

1Flows enter the WAN through edge nodes. For example, edge and
intermediate nodes are edge and core routers, respectively, in a backbone
network.
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(a) (b)
Fig. 2. The asynchronous TE paradigm. (a) The function elements and actions. (b) The working process of FDCT in a service broker.

Firstly, the SDN controller obtains the telemetry result of
network states from intermediate nodes and uploaded it to
the TE server. Following this, the TE server calculates new
link prices and transmits them to service brokers. Adjusting
link prices changes the traffic control behaviors of distributed
service brokers, resulting in the transition of network state.
Then, undesired events, such as link congestion, packet loss,
and long queueing delay, caused by decision conflicts of ser-
vice brokers are eliminated. Designing a link pricing strategy
in a time-varying system is a challenge, and our solution is
proposed in Sec. IV.

C. Utility Optimization Model

Besides ensuring a satisfactory QoS, TE designers also
strive to enhance system efficiency, which can be evaluated by
network utility. A WAN is usually represented by a directed
graph G = (N , E) with a set N of switch nodes and a set E
of links. When receiving a packet, node n ∈ N forwards it to
an egress link or places it into its egress queue. The maximum
link rates are denoted by Ce, and the network maintains a set
P of candidate paths for flows. The relation between paths and
links is represented by matrix Φ. When path p contains link
e, Φpe = 1; otherwise, Φpe = 0. Then, the utility optimization
problem can be expressed as

maximize U =
∑
j∈Jt

uj(xj) (1.a)

subject to
∑
j∈Jt

∑
p∈P

ΘjpΦpexjp ≤ Ce,∀e (1.b)∑
p∈P

xjp = xj ,∀j (1.c)

variables xj , xjp ≥ 0,∀j, p (1.d)

(1)

where U is the network utility and Jt contains all the ongoing
flows at t. Constraint (1.b) ensures that the allocated bandwidth
on each link does not exceed its capacity. For the sake of
convenience, we represent problem (1) by U(Jt,ut,Θ,Φ, C),
where ut = {uj |j ∈ Jt} and C = {Ce|e ∈ E}.

Specific utility function designs have various practical im-
plications. Table II shows some typical utility functions and

their respective practical implications mentioned in previous
studies. For the sake of convenience, we use the same notations
to express them. A common feature of these functions is that
they are concave functions uj(xj) of flow transmission rate
xj . The concavity of uj(xj) is reasonable since users achieve
diminishing returns from received bandwidth, especially after
adequate bandwidth is allocated. This paper provides a solu-
tion to the general utility maximization problem and does not
make assumptions about the expression of the utility function
aside from diminishing marginal.

TABLE II
UTILITY FUNCTIONS FOR DIFFERENT TE OBJECTIVE

Utility function Implication

uj(xj) = wk log(1+xj), where wk is the
weight of each traffic class.

Proportional fairness
among flow groups [11]

uj(xj) = wk[akfk(xj) − bkgk(dj)],
where fk(xj) and gk(dj) are rate-
dependent and delay-dependent functions,
respectively. Parameters ak and bk have
specific values for different traffic classes.

E2E delay and
throughput [28]

uj(xj) =
wj

1−α
x1−α
j , where wj is the

weight of a flow.
α-fairness [30]

uj(xj) = wjDjFk(xj(t)), where Dj is
the data volume. Function Fk(·) measures
the service consistency based on the allo-
cated bandwidth xj(t) at several periods.

Service consistency and
throughput [18]

IV. LINK PRICING STRATEGY OF AMTM

In this section, we focus on link pricing strategies. First, we
show that the traditional link pricing strategy based on dual-
decomposition surfers unsatisfactory QoS in the asynchronous
TE paradigm. Then, we propose our solution.

A. Drawbacks of the link pricing strategy based on dual
decomposition

Link pricing can be used to solve the utility optimization
problem. A pricing strategy based on the widely-used dual-
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Fig. 3. Performance of the asynchronous TE paradigm employing the traditional LP solution. (a) Control model. (b) Control delay. (c) Link states. (d) QoS
experienced by flows. The markers from left to right in each LP curve correspond to the queue depths of 0, 2.5 Gb, 5 Gb, 10 Gb, and 15 Gb. The flow arrival
intensities are shown in parentheses. More simulation details are described in Sect. VI.

decomposition [31], [32] is as follows.

x∗
jp ← argmax

xjp≥0
uj(

∑
p∈P

xjp)−
∑
e∈E

λe

∑
p∈P

xjpΘjpΦpe,

λe ← [λe + µλ̇e]
+, λ̇e =

∑
j∈Jt

∑
p∈P

x∗
jpΘjpΦpe − Ce,

(2)

where [·]+ denotes the projection onto the nonnegative orthant.
The first line determines the bandwidth x∗

jp allocated to each
flow j on each path p, while the second line provides the
iteration strategy of price λe on each link e. The derivation
details and convergence proof of this pricing strategy are
provided in Appendix A. Next, we will demonstrate that
employing this pricing strategy directly in the asynchronous
TE paradigm leads to packet loss and long queueing delays.

As depicted in Fig. 3(a), the network using the asynchronous
TE paradigm can be conceptualized as a control system, where
the TE server, service brokers, WAN, and intermediate nodes
can be considered as the controller, actuators, system, and
sensors, respectively. The TE server distributes updated prices
to service brokers, and service brokers, based on the time-
varying traffic matrix, determine the bandwidth allocation x∗

jp

on the candidate paths. The allocation results are configured
to the data plane of the WAN. As traffic enters the WAN,
intermediate nodes generate network state observations such
as link overload or underload. The error between the reference
signals (e.g., QoS demands and reference values of network
states) and the observations is used by the TE server in the
price update.

For the sake of convenience, we add a subscript t to link
prices to represent time. For example, λet represents the link
price at time t, and λ̇et =

∑
j∈Jt

∑
p∈P x∗

jpΘjpΦpe−Ce repre-

sents the gradient of λet based on the pricing decision at time t.
If the control system has a negligible delay during the control
loop, link prices are guaranteed to converge to the current opti-
mal prices λ∗

et before the traffic matrix changes, as depicted in
Table III. Consequently, the WAN achieves maximum network
utility without encountering link congestion. However, a non-
negligible control delay, consisting of four terms as depicted
in Fig. 3(b), exists in real WANs. Control messages experience
propagation delay from the TE server to service brokers, and
observations experience propagation delay from intermediate
nodes to the TE server. Intermediate nodes can sense network
state transitions and generate corresponding observations after
flow propagation delay from traffic sources to intermediate
nodes. These three propagation delay terms typically range
from tens to hundreds of milliseconds in WANs. Additionally,
observations are generated and uploaded periodically, resulting
in a periodical observation interval within the control loop.

TABLE III
CONVERGENCE OF THE LINK PRICING STRATEGY

Control Loop Pricing Iteration Convergence

negligible delay λet ← [λet + µλ̇et]+ Guaranteed
delay d λe(t+d) ← [λet + µλ̇et]+ Usually not

convergent

We denote the total delay by d. The observations received
by the TE server at time t+ d are actually determined by the
pricing decision made at time t. Under time-varying traffic
matrices, the values of λ̇e(t+d) and λ̇et are usually different.
As a result, the actual link prices λe(t+d) =

∫ t

0
µλ̇exdx usually

do not converge to the optimal link prices λ∗
e(t+d), resulting
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in link overloads or underloads. In this case, the network
suffers from a high packet loss rate if the intermediate nodes
have shallow queues. Fig. 3(c)(d) shows the performance
curve of the link pricing (LP) solution in (2). In each LP
curve, the leftmost marker indicates the performance when the
intermediate nodes have zero queue depth. The results show a
high queue overflow rate and packet loss rate at different traffic
arrival intensities, leading to user experience degradation and
frequent retransmission.

Deep queues can be added to intermediate nodes to buffer
overloaded traffic and reduce packet loss. If the network uses
the LP solution in (2), queue overflow and packet loss may still
occur. As we increase the queue depth (i.e., move to the right
along the performance curves in Fig. 3(c)), queue overflow
rates decrease at the cost of incremental queueing time in each
node. Consequently, flows experience lower packet loss rates at
the expense of an incremental flow queueing delay, as shown in
Fig. 3(d). In summary, the LP solution cannot simultaneously
achieve a low packet loss rate and low flow queueing delay.

To address this issue, our method, AMTM, incorporates
queueing states into its pricing strategy. Fig. 3(c)(d) also
presents the performance of AMTM under a flow arrival rate
of 200/s. Using a 2.5 Gb-depth queue for each link, AMTM
achieves a 0 queue overflow rate, 0 packet loss rate, 3.83
ms average queueing time per node and 12.58 ms average
flow queueing delay, which is significantly better than the
LP solution. The proposed pricing strategy is described in the
following section.

B. Link pricing strategy based on virtual queues in interme-
diate nodes

To handle link overload, nodes can utilize a finite-length
queue for each egress link, allowing packet buffering during
link overload. The physical queue of an egress link is divided
into virtual queues corresponding to all the candidate paths
through the link. For convenience, we use p(s), s = 1, ..., |p|
to represent the sth link in path p, whose length is denoted by
|p|. We denote the relation between p(s) and e by Φs

pe. If p(s) is
link e, Φs

pe = 1; otherwise, Φs
pe = 0. A virtual queue, denoted

by Qs
p, presents in the intersection node of links p(s−1) and

p(s) to buffer the packets transmitted along path p. A group of
virtual queues {Qs

p|Φs
pe = 1} share the physical egress queue

of link e. The arrival rate αs
pt and departure rate βs

pt of Qs
p at

time t is observed and recorded, and their difference is referred
to as retention rate dspt. Meanwhile, the length Rs

pt of Qs
p and

the idle bandwidth Iet of the egress link e are also observed
and recorded. As shown in Fig. 4, these observations are
collected for link price update. The mathematical expressions
for these observations are as follows.

When a flow j is forwarded through p, its real transmission
rate in p(s) may be lower than its rate x∗

jp admitted by service
brokers. if congestion occurs in p(s). In this situation, the
packets are forwarded with an average probability fs

pt ∈ [0, 1]

in p(s) at t. We get fs
pt = f ŝ

p̂t,∀p̂(ŝ) = p(s) if egress queues
treat packets along different paths fairly. For flows that select

Fig. 4. The observations from virtual queue Qs
p.

path p, we denote their total transmission rate in link p(s) by

rspt =
∑
j∈Jt

x∗
jpΘjp

s∏
k=1

fk
pt, s ∈ [1, |p|], (3)

which equals the departure rate βs
pt of Qs

p. For the sake of
convenience, we let r0pt =

∑
j∈Jt

x∗
jpΘjp. Then, the value of

arrival rate αs
pt = rs−1

pt . In this situation, the node can calculate
the retention rate dspt of packets along path p in Qs

p as

dspt = αs
pt − βs

pt = rs−1
pt − rspt = rspt

1− fs
pt

fs
pt

. (4)

Moreover, link e may have idle bandwidth when the total
transmission rate in it is less than the link capacity. We can
express the idle bandwidth Iet of link e at t as

Iet = max(Ce −
∑
p∈P

|p|∑
s=1

Φs
per

s
pt, 0). (5)

The length Rs
pt of Qs

p can be directly obtained by the node.
These observations have the following relation under a specific
queueing mechanism.

When the packets arrive at Qs
p in a random order and

Qs
p utilizes a commonly-used first-in-first-out mechanism, the

arrival rate αs
pt and departure rate βs

pt of Qs
p are

αs
pt = rs-1

pt ,

βs
pt = rspt =



(Ce − Iet)Rs
pt∑

p̂,ŝ Φ
ŝ
p̂eR

ŝ
p̂t

, if
∑
p̂,ŝ

Φŝ
p̂eR

ŝ
p̂t ̸= 0

(Ce − Iet)rs-1
pt∑

p̂,ŝ Φ
ŝ
p̂er

ŝ-1
p̂t

, else if rs-1
pt ̸= 0

0, otherwise

(6)

where Rs
pt is the length of virtual queue Qs

pt as

Rs
pt = max

t′

∫ t

t′
(αs

pτ − βs
pτ )dτ. (7)

Based on the aforementioned observations on virtual
queues, we propose the following iterative strategy.
Theorem 1: If the optimal prices λ∗

et,∀e ∈ E of the network
utility maximization problem U(Jt,ut,Θ,Φ, C) fluctuate at
a slower rate in comparison to the iteration convergence
process, the asynchronous TE paradigm can make the network
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converge to the maximum network utility by employing the
following strategies.

x∗
jp ← argmax

xjp≥0
uj(

∑
p∈P

xjp)−
∑
e∈E

λet

∑
p∈P

xjpΘjpΦpe,∀j, p

λe(t+d) ←
[
λet + nλ̇

(1)
et + µλ̇

(2)
et

]+
, ∀e ∈ E

λ̇
(1)
et =

∑
p∈P

|p|∑
s=1

s∑
k=1

Φs
peR

k
pt, ∀e ∈ E

λ̇
(2)
et =

∑
p∈P

|p|∑
s=1

Φs
peOs

pt − Iet, ∀e ∈ E

(8)
where n and µ represent step sizes, and Os

pt represents the
overload rate of link p(s) as

Os
pt =

s∑
k=1

dkpt = r0pt − rspt. (9)

Specifically, the first equation in (8) is utilized by service
broker to determine the bandwidth x∗

jp allocated to flow j
on path p, while the second equation in (8) is utilized by the
TE server to update link prices.

Proof. We represent the optimal dual solution of the following
problem by iteration target λ̂et.

maximize U =
∑
j∈Jt

uj(
∑
p∈P

xjp)

s.t.
∑
j∈Jt

∑
p∈P

ΘjpΦpexjp ≤ C′e,∀e

variables xjp ≥ 0,∀j, p

(10)

where C′e = Ce− n
µ λ̇

(1)
et . The square error between λet and λ̂et

can be measured by

Ft =
1

2

∑
e∈E

(λet − λ̂et)
2. (11)

When the step sizes are small enough, we get

∆Ft =
∑
e∈E

(λet − λ̂et)∆λet −
∑
e∈E

(λet − λ̂et)∆λ̂et, (12)

where the symbol ∆ represents increment after delay d. For
example, ∆Ft = Ft+d − Ft. Then, we analyze the values of
the first and second terms.

The first term in (12). According to the expression of Os
pt

in (9), the following term in the iteration increment of link
prices satisfies

λ̇
(2)
et =

∑
p∈P

|p|∑
s=1

Φs
per

0
pt −

∑
p∈P

|p|∑
s=1

Φs
per

s
pt − Iet. (13)

When link e is overloaded, the second and third terms equal
Ce and 0, respectively; otherwise, the sum of the second and
third terms are Ce according (5). In this context, we plug the
expression of r0pt into equation (13) and get

λ̇
(2)
et =

∑
j∈Jt

∑
p∈P

Φpex
∗
jpΘjp − Ce. (14)

According to (14) and the expression of C′e, the price iteration
in (8) satisfies

λe(t+d) ←

λet + µ

∑
j∈Jt

∑
p∈P

Φpex
∗
jpΘjp − C′e

+

. (15)

We first analyze the case that the value in [·]+ is positive.
Similar to (27) in the proof of Lemma A.1, the objective
function φ(λ) in the Lagrange dual problem of (10) satisfies

∂φ(λ)

∂λet
= C′e −

∑
j∈Jt

∑
p∈P

Φpex
∗
jpΘjp = − 1

µ
∆λet. (16)

Meanwhile, φ(λ) is a concave function2 of λet, and λ̂e is the
optimal solution of (10) corresponding to the minimum value
of φ(λ). Thus, we get∑

e∈E
(λet − λ̂et)∆λet = −µ

∑
e∈E

(λet − λ̂et)
∂φ

∂λet

≤ −µ(φ(λ)|λe=λet − φ(λ)|λe=λ̂et
) ≤ 0,

(17)

which means the first term in (12) is non-positive.
When the value in [·]+ is negative, we get 0 ≥ ∆λet ≥
−µ(C′e −

∑
j∈Jt

∑
p∈P Φpex

∗
jpΘjp) = −µ∂φ(λ)

∂λet
. The con-

cavity of φ(λ) indicates −µ∂φ(λ)
∂λet

(λet − λ̂et) ≤ 0. Then,
λet − λ̂et ≥ 0 and (λet − λ̂et)∆λet ≤ 0 hold for any e ∈ E ,
which means the first term in (12) is non-positive.

The second term in (12). The difference between problems
(1) and (10) is the values Ce and C′e. If the values of Rk

pt

converge to 0, then λ̇
(1)
et and C′e converge to 0 and Ce,

respectively. In this situation, the optimal prices λ̂et of (10)
converge to the optimal prices of (1). Then, we prove that Rs

pt

is decreasing until 0 in the iteration process.
According to the relation in (6), we get that the departure

rate βs
pt will finally converge to a lower value if we reduce

the arrival rate αs
pt when Rs

pt ̸= 0. Fig. 5 shows the time-
varying processes of αs

pt and βs
pt in different cases. In case

(a),
dRs

pt

dt = αs
pt − βs

pt < 0 at the beginning. Then, βs
pt =

(Ce−Iet)R
s
pt∑

p̂,ŝ Φŝ
p̂eR

ŝ
p̂t

decreases as Rs
pt decreases until αs

pt = βs
pt. In

case (b),
dRs

pt

dt = αs
pt − βs

pt > 0 at the beginning. Then, βs
pt

increases until it equals αs
pt at a specific time t′, after which

βs
pt decreases as in case (a). The analysis result reveals that

βs
pt and Rs

pt are guaranteed to decrease after an inflection time
t′ if αs

pt keeps decreasing.
When n

µ

∑
p∈P

∑|p|
s=1

∑s
k=1 Φ

s
peR

k
pt is positive, the third

term of price update in (8) is usually negligible. Then, λet

increases, making related x∗
jp and α1

pt =
∑

j∈Jt
x∗
jpΘjp

decrease. Based on the aforementioned deduction, the values
of β1

pt and R1
pt decrease after an inflection time t1. Since

α2
pt = β1

pt decreases after t1, the values of β2
pt and R2

pt

decrease after an inflection time t2. This process continues
until all Rs

pt, s = 1...|p| decreases after t|p|. As all Rs
pt

decrease to 0, limt→∞ λ̂et = λ∗
et. Then, the derivative of λ̂et

2This conclusion can be proved in many ways. If you are interested in
the proof, see https://math.stackexchange.com/questions/1374399/why-is-the-
lagrange-dual-function-concave
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(a) (b)
Fig. 5. Time-varying process of the arrival and departure rates. (a) αs

pt < βs
pt

at the beginning. (b) αs
pt > βs

pt at the beginning.

satisfies limt→∞
dλ̂et

dt =
dλ∗

et

dt ≈ 0 since the fluctuation of λ∗
et

is much slower than the iteration convergence process. In this
situation, the second term in (12) is negligible.

As a result, we get ∆Ft ≤ 0 and limt→∞ Ft = 0, which
means limt→∞ λet = λ̂et. Finally, we get

lim
t→∞

λet = λ̂et = λ∗
et, ∀e. (18)

Theorem 1 reveals the convergence of the iteration strategy
(8) under the condition that the optimal prices λ∗

et fluctuate
slowly. However, this condition may not always hold for real
networks when the traffic matrix is rapidly time-varying. In
such circumstances, the iteration strategy cannot guarantee a
strict convergent state, where Rs

pt = 0,∀p, s and λet = λ∗
et,∀e.

Instead, the network reaches a dynamic balance, where each
λet lags behind the corresponding λ∗

et and each Rs
pt fluctuates

within a specific range. We provide numerical results in Sec.
VI-B to show this dynamic balance. The flow queueing delay
is nonzero if Rs

pt ̸= 0, and long flow queueing delay may
result in unsatisfactory E2E delay for delay sensitive flows
and TCP timeout. To constrain the flow queueing delay in a
specific range, we utilize a dynamic step size mechanism (see
Sec. V).

V. SYSTEM DESIGN AND ALGORITHMS

Based on the theorems proposed in Sec. IV, we propose a
system design of the asynchronous TE paradigm.

As introduced in Sec. III-B, a path selector is employed by
each service broker for routing. The path selector utilizes two
routing policies for delay-sensitive and delay-tolerant flows,
as in Algorithm 1. For delay-sensitive flows, an increase in
E2E delivery delay may cause significant user experience
degradation. The E2E delivery delay is the sum of link
propagation delays and queueing delays. The link propagation
delay det depends on the link length, usually a fixed value.
In addition, the queueing delay qet of link e can be estimated
using Little’s Law as

qet =

∑
p∈P

∑|p|
s=1 Φ

s
peR

s
pt

Ce
. (19)

Then, a shortest-delay path strategy is used based on det and
qet as in line 6 of Algorithm 1. For delay-tolerant flows,
users are more concerned about throughput than the E2E

delivery delay. The maximum throughput is achieved when
the network allocates bandwidth on the lowest-price path of
a flow. Consequently, a lowest-price path strategy is utilized,
as shown in line 8 of Algorithm 1. After selecting a path,
the service broker calculates the bandwidth allocation x∗

jp and
configures ⟨j,Θjp, x

∗
jp⟩ to the meter of corresponding edge

node. The meter is responsible for tracking the traffic rates
of flows and discarding the packets that exceed the allocated
bandwidth. The complete FDTC action can be depicted using
the pseudo-code in Algorithm 1.

Algorithm 1 FDTC Action
Input: The packet of a new flow, P , Φ, det, qet,∀e ∈ E
Output: Θjp, x∗

jp

1: The packet classifier executes flow table lookup to find
the identifier j for the packet.

2: Export the utility function uj(·) and QoS demand of j
from the flow information database.

3: Θjp ← 0, ∀p ∈ P
4: xjp ← 0, ∀p ∈ P
5: if flow j is delay sensitive then
6: p = argminp∈P

∑
e∈E Φpe(det + qet)

7: else
8: p = argminp∈P

∑
e∈E Φpeλet

9: end if
10: Θjp = 1
11: x∗

jp = argmaxxjp≥0

(
uj(xjp)−

∑
e∈E Φpeλetxjp

)
12: Configure a meter item ⟨j,Θjp, x

∗
jp⟩ for flow j.

13: return Θjp, x∗
jp.

The prices and delay parameters used in the FDTC action
are provided and updated by the TE server. Initially, a traffic
rate monitor is deployed in each core switch, which records
the traffic rate rspt, data volumes Rs

pt in Qs
p of each associated

path p, and idle bandwidth Iet. The core switches upload
rspt, R

s
pt, Iet to the TE server when a preset condition of

link price update is met. Afterwards, the TE server employs
Algorithm 2 to calculate a new set of prices and configures
them to underlying nodes with the assistance of the SDN
controller.

Theorem 2 provides an iteration direction in (8). In addition,
the step size n, which reflects the algorithm’s sensitivity to
lengths Rs

pt of virtual queues, has an impact on network
performance. As we use a larger n, a link price λet rises more
rapidly when the term λ̇

(1)
et is positive, resulting in a faster drop

in the arrival rates αs
pt and Rs

pt (see the proof of Theorem 2).
This can be expressed as a positive relation between the drop
speed − dRs

pt

dt and n. In this context, the average value E[Rs
pt]

of Rs
pt is negatively correlated with n since

E[Rs
pt] =

∫ ∞

0

1

t

∫ t

0

(
dRs

pτ

dτ

)
dτdt. (20)

In addition, the average queueing delay E[qet] of each link e
is positively correlated with E[Rs

pt] according to (19). Then,
the average E2E queueing delay Wp along path p is positively
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(a)

(b)
Fig. 6. Impact of n on E2E queueing delay and network utility. (a) Queueing
delay distribution. (b) Performance curve under different values of n. More
simulation details are given in Sec. VI.

correlated with E[Rs
pt] since

Wp =

|p|∑
s=1

∑
e∈E

Φs
peE[qet]. (21)

As a result, the average E2E queueing delay is negatively cor-
related with n. Fig. 6(a) shows the distribution of the average
E2E queueing delay experienced by flows during a simulated
experiment. The result verifies that the E2E queueing delay
has a negative shift as n increases. Meanwhile, the network
encounters utility degradation as n grows. Fig. 6(b) depicts the
performance curve when different n values are utilized during
iteration. Both the E2E queueing delay and network utility
decrease as n increases. In real networks, we usually need to
constrain the E2E queueing delay under a specific threshold
W ∗. To realize it, we find the optimal step size n∗ that makes
the E2E queueing delay equal W ∗. When a queueing delay
shorter than the threshold is observed, the network reduces
n to enhance network utility (see line 12 of Algorithm 2).
Conversely, the network raises n to reduce the E2E queueing
delay (see line 10 of Algorithm 2).

VI. NUMERICAL RESULT

A. Simulation Setup

Network Settings. This section investigates the perfor-
mance of AMTM and compares it with other existing ap-
proaches. We build a flow-level simulator based on Python,

Algorithm 2 NIPU Action
Input: rspt, R

s
pt, Iet, the price value λet and step size nt,

Θ, Φ, the threshold W ∗ of average E2E queueing delay, Ce
and step size parameters ε, µ
Output: n(t+d), λe(t+d)

1: for each p ∈ P do
2: for s=1 to |p| do
3: dspt = rs-1

pt − rspt # retention rate
4: Os

pt =
∑s

k=1 d
k
pt # overload rate

5: end for
6: end for
7: E[qet] = (

∑
p∈P

∑|p|
s=1 Φ

s
peE[Rs

pt])C−1
e

8: Wp =
∑|p|

s=1

∑
e∈E Φ

s
peE[qet]

9: W = 1
|P|

∑
p∈P Wp # average E2E queueing delay

10: if W > W ∗ then
11: nt+d = nt + ε
12: else
13: nt+d = nt − ε
14: end if
15: for each link e ∈ E do
16: λ̇

(1)
et =

∑
p∈P

∑|p|
s=1

∑s
k=1 Φ

s
peR

k
pt

17: λ̇
(2)
et =

∑
p∈P

∑|p|
s=1 Φ

s
peOs

pt − Iet
18: λe(t+d) ←

[
λet + nλ̇

(1)
et + µλ̇

(2)
et

]+
19: end for
20: return n(t+d), λe(t+d)

and Appendix B provides a detailed description of the simu-
lator. The topology of a real network from an open source
dataset [33] is utilized during simulation. Fig. 7 illustrates
this topology, consisting of 25 nodes and 110 directed links,
whereby the link capacity is set as 5 Gbps. A service broker
is deployed in each node, and a TE server is deployed in the
network. The service brokers execute Algorithm 1 upon the
arrival of new flows. The switch nodes generate observations
rspt, Rs

pt, and Iet and send them to the TE server. The TE
server is set to execute Algorithm 2 once in a second.

Fig. 7. Topology used in the simulation.

Traffic Settings. During the simulation, users generate
multi-class flows based on the parameters specified in Table
IV. Interactive flows, which are short and delay-sensitive,
have the highest weight, since little QoS degradation causes
a poor user experience. Similarly, streaming media flows with
higher rates and durations require a low delivery delay to
enhance the user experience. Elastic flows, such as FTP data
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transfers, are delay-tolerant and have the lowest weights. We
maintain the ratio of delay-sensitive flows in both quantity
and traffic, in compliance with the traffic characteristics in
previous research [12]. To guarantee a fair service among
different flows, we utilize uj(xj) =

wj

1−αx
1−α
j as the utility

function, and the corresponding wj are listed in Table IV.
The value of α indicates the degree of marginal diminishing
in throughput, and we set α = 0.5, a value located between
α = 0 (linear utility function) and α = 1 (log function). The
arrival of the generated flows follows a Poisson process, and
the arrival intensity is adjusted to various values to investigate
the performance under different traffic loads. In addition, each
generated flow is randomly assigned a source node and a
destination node.

TABLE IV
PARAMETERS OF MULTICLASS FLOWS.

Interactive
Flow

Streaming
Media Flow

Elastic
Flow

Bandwidth 10 Mbps 20 Mbps 100 Mbps
QoS Demand Low delay Low delay Throughput

Duration
Range

10 to 30
seconds

1 to 5
minutes

10 seconds
to 10 minutes

Weight wj 3 2 1
Generation
Probability

86% 7% 7%

Traffic Ratio 7% 10% 83%

Queuing Mechanism Settings. To guarantee a low delivery
delay for interactive and streaming media flows, switch nodes
employ a two-priority queuing mechanism for each egress
link. The packets of interactive and streaming media flows
are buffered in a high-priority queue and are always sent first.
The packets of elastic flows, on the other hand, are buffered
in a low-priority queue, and their packets are sent only when
the high-priority queue is empty.

B. Convergence of AMTM

In Sec. IV, we prove that the iteration strategies proposed in
(8) make link prices converge to the optimal prices when the
fluctuation of the optimal prices is slow. The effectiveness of
the strategies is confirmed through simulation, where we input
10,000 stationary flows with fixed parameters. Given the fixed
value of flow parameters Jt and ut, the optimal prices λ∗

et

of U(Jt,ut,Θ,Φ, C) remain unchanged. As depicted in Fig.
8(a), AMTM makes the price iteration trajectory λet of a link
converge to λ∗

et. Meanwhile, we recorded the physical queue
lengths of 20 randomly selected links, as depicted in Fig. 8(b).
The result shows that the physical queue length of each link
gradually converges to zero.

However, actual networks usually experience nonstationary
traffic inputs due to the continuous arrival of new flows,
resulting in time-varying optimal prices λ∗

et. Therefore, the
network cannot ensure that λ∗

et fluctuates at a slower rate
compared to the iteration convergence process. In this case,
the condition stipulated in Theorem 2 cannot be satisfied.
To investigate the network states under this situation, we
randomly generate flows with a 30 s-1 Poisson arrival intensity

(a) (b)

(c) (d)
Fig. 8. Convergence of AMTM. (a) Price of a link under a stationary traffic
input. (b) Queue lengths under a stationary traffic input. (c) Price of a link
under a time-varying traffic input. (d) Queue lengths under time-varying traffic
input.

and input them into the simulator. Fig. 8(c) displays the
optimal price λ∗

et and iteration trajectory λet of a link in
this case, where it is evident that the iteration trajectory λet

lags behind λ∗
et. Consequently, an error always exists between

λet and λ∗
et. However, this error does not lead to diverging

queue lengths or queueing delays. We observed the physical
queue lengths of the same 20 links, and they fluctuated around
zero, as illustrated in Fig. 8(d), which could be considered a
”dynamic balance.” As a result, the flows experience non-zero
but finite E2E queueing delays.

C. Performance Evaluation

This section compares existing TE approaches and AMTM
in terms of link utilization, network utility, delay, and scala-
bility. We maintain a standardized setup during simulations to
ensure a fair comparison. First, we set an interaction period
of one second between the data plane of switching nodes and
the TE server. Therefore, the TE period for both centralized
and hierarchical TE approaches is one second. It cannot be
decreased further due to the shortest algorithm running time
of available algorithms (i.e., approximately one second [19]),
control message delay, and rule configuration time. In certain
instances, however, the TE period might be longer (e.g.,
several minutes), resulting in longer E2E delivery delays for
flows. Additionally, we employ Yen’s algorithm [34] to find
the top five shortest paths between each pair of nodes as the
candidate paths. The compared approaches are detailed below.
• Centralized Scheme. As introduced in Sections I and II,

centralized TE follows a periodic paradigm and is widely
used in data center networks [5], [9]–[11]. When these
centralized TE approaches are utilized in general WANs,
the traffic waits an average of 0.5 TE periods to acquire
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resources. Within each TE period, the TE server directly
solves the network utility maximization problem in (1)
according to the demand of all arrived flows. Since link
overloads are effectively eliminated, the average E2E deliv-
ery delay, excluding propagation delay, is 500 ms.

• Hierarchical Scheme Based on Resource Preallocation.
The TE server preallocates resources to each flow group
consisting of flows between a specific pair of nodes based on
the demand in the previous TE period. Subsequently, service
brokers execute real-time routing and traffic control for
these flows. This method is explored in references [6], [10],
[18]. During the simulation, interactive and real-time mul-
timedia flows are routed to the shortest path, while elastic
flows are transmitted through multiple candidate paths, uti-
lizing residual bandwidth. Upon arrival, some flows acquire
receive resources immediately and begin transmission using
the preallocated resources. However, preallocated resources
do not always perfectly match traffic demands, so some
flows have to wait for the next TE period.

• AMTM. As presented in Sec. V, the average E2E queueing
delay and the network utility achieved by AMTM are
dependent on the step size n, which is adjusted based on a
specific threshold of average E2E queueing delay. For this
simulation, the threshold is set as 200 ms, and µ is set
as 0.0001. The average E2E delays, excluding propagation
delay, approximates the E2E queueing delay because the
control message round-trip time and decision making time
of FDTC is negligible.
A multitude of previous studies have demonstrated that

distributed schemes, such as OSPF and ECMP, exhibit unsat-
isfactory performance when compared to the latest approaches
mentioned above. Hence, performance evaluation of these
distributed schemes has been omitted from this section. The
simulation results with regard to various metrics are provided
as follows.

Link Load. Link load, which is the average ratio of used
bandwidth in all links, can provide insight into the degree of
traffic load. As shown in Fig. 9(a), all three schemes exhibit
an increase in link load as traffic arrival intensity increases.
However, this increase slows down due to link saturation under
heavy traffic loads.

Network Utility. Fig. 9(b) displays the achieved network
utility within 500 TE periods. AMTM achieves 12-20 % higher
network utility than the hierarchical scheme. Furthermore, the
network utility achieved by AMTM is near the maximum
network utility achieved by the centralized scheme, with a
gap of 2-7 %.

E2E Delay. Fig. 9(c) displays the average E2E delays,
excluding propagation delay3, of all flows and delay-sensitive
flows when the flow arrival intensity is 200 s-1. The result indi-
cates that AMTM and the hierarchical scheme can significantly
reduce the average E2E delay to several tens of milliseconds.
AMTM achieves the lowest delay among the three schemes,
and the delay of delay-sensitive flows is less than 10 ms.

3It should be noted that propagation delay varies widely depending on the
geographical distance between nodes, ranging from tens of milliseconds to
several seconds in different WANs. We exclude it from performance evaluation
as it does not reflect the performance of a TE scheme.

(a) (b)

(c) (d)
Fig. 9. Simulation results. (a) Link load. (b) Network utility. (c) Average E2E
delay, excluding propagation delay. (d) Control message scale.

Scalability. To compare the scalability of different schemes,
we measure the number of control messages generated during
the information collection and rule configuration phases in
each period. Control message scale can provide an estimate
of the control overhead, even though message formats may
differ across systems. The centralized scheme gathers flow
information and enforces flow-level rules, resulting in a control
message scale of o(#flow). The hierarchical scheme gathers
the information of flow groups and deploys rules for them,
resulting in a control message scale of o(#flow group). In
contrast, AMTM solely collects node states and distributes
link prices, resulting in control message scales of o(#node)
and o(#link), respectively. As illustrated in Fig. 9(d), AMTM
exhibits the least control overhead in the simulated network.
More importantly, the control overhead of AMTM does not
increase as the number of flows grows, thus enhancing its
scalability in large WANs.

In summary, AMTM reduces both the average queueing
delay and control overhead compared to the existing schemes.
Additionally, it outperforms the hierarchical scheme with a
12-20% improvement in network utility, while maintaining a
close performance to the maximum network utility.

VII. CONCLUSION

This paper presents an asynchronous multi-class traffic
management scheme, known as AMTM. An asynchronous TE
paradigm is established whereby service brokers execute local
traffic control with a short delay at the network edge, and
the TE server updates link prices to eliminate the decision
conflicts between service brokers. Additionally, a pricing strat-
egy based on virtual queues in intermediate nodes is proposed
for the long control loop in the asynchronous TE paradigm.
Furthermore, this paper presents a system design and AMTM
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algorithms that utilize a dynamic step size mechanism. The
simulation results demonstrate that the AMTM algorithms lead
to convergence and effectively reduce E2E delay.

In future studies, it may be beneficial to utilize a specific
link price set and iteration strategy for each flow class, as
flows possess distinct features. Furthermore, exploring the
use of the asynchronous paradigm in inter-network scenarios
is a promising direction, as synchronous actions are usually
impractical in multiple autonomous networks.

APPENDIX A
THE PRICING STRATEGY BASED ON

DUAL-DECOMPOSITION

This section introduces a price update strategy based on dual
theory. According to dual theory, the Lagrange dual problem
of U(Jt,ut,Θ,Φ, C) is

minimize: φ(λ), subject to λe ≥ 0, φ(λ) =

max
xjp≥0

∑
j∈Jt

uj(
∑
p∈P

xjp)−
∑
e∈E

λe(
∑
j∈Jt

∑
p∈P

xjpΘjpΦpe − Ce),

(22)
where link prices λ = {λe|e ∈ E} are dual variables. Since the
bandwidth values {xjp|p ∈ P} of each flow are independent,
we can transform the expression of φ(λ) to

φ(λ) =
∑
j∈Jt

φj(λ) +
∑
e∈E

λeCe,

φj(λ) = max
xjp≥0

uj(
∑
p∈P

xjp)−
∑
e∈E

λe

∑
p∈P

xjpΘjpΦpe.
(23)

The primal problem (1) and the Lagrange dual problem (22)
have strong duality according to the Slater’s condition (i.e.,
strong duality holds when the primal problem is convex and
strictly feasible). Therefore, a feasible iteration strategy is as
follows.
Lemma A.1: Problem U(Jt,ut,Θ,Φ, C) converges to its
optimal solution using the following iteration strategy.

x∗
jp ← argmax

xjp≥0
uj(

∑
p∈P

xjp)−
∑
e∈E

λe

∑
p∈P

xjpΘjpΦpe,

λe ←

λe + µ(
∑
j∈Jt

∑
p∈P

x∗
jpΘjpΦpe − Ce)

+

,

(24)

where parameter µ controls the step size during iteration, and
[·]+ denotes the projection onto the nonnegative orthant

Proof. To prove the convergence of the iteration strategy, we
construct the following function of the iteration trajectory λei

and optimal solution λ∗
e of dual problem (22)

Fi =
1

2

∑
e∈E

(λei − λ∗
e)

2, (25)

where i represents the ith iteration.
When the value in [·]+ is positive, the increment of price

after iteration is ∆λei = µ(
∑

j∈Jt

∑
p∈P x∗

jpΘjpΦpe − Ce)
according to (24). Then, the increment of Fi after the ith

iteration is

∆Fi = µ
∑
e∈E

(λei − λ∗
e)(

∑
j∈Jt

∑
p∈P

x∗
jpΘjpΦpe − Ce). (26)

According to (24), x∗
jp is the solution to the maximum problem

in the expression of φ(λ) in (22), which means

∂φ(λ)

∂λei
= (Ce −

∑
j∈Jt

∑
p∈P

x∗
jpΘjpΦpe) +

∑
j∈Jt

∑
p∈P

(u̇j(x
∗
jp)

− λeΘjpΦpe)
∂x∗

jp

∂λe
= (Ce −

∑
j∈Jt

∑
p∈P

x∗
jpΘjpΦpe),

(27)
where u̇j(x) =

duj(x)
dx . According to (26) and (27), we get

∆Fi = −µ
∑
e∈E

(λei − λ∗
e)
∂φ(λ)

∂λei

≤ −µ
∑
e∈E

[φ(λ)|λe=λei
− φ(λ)|λe=λ∗

e
] ≤ 0,

(28)

where φ(λ)|λe=λ∗
e

is the minimum value of φ(λ) according
to the definition of λ∗

e . The first inequality holds because φ is
a concave function4 of λe.

When the value in [·]+ is negative, 0 ≥ ∆λei >

µ(
∑

j∈Jt

∑
p∈P x∗

jpΘjpΦpe−Ce) = −µ∂φ(λ)
∂λei

. The concavity
of φ(λ) guarantees that −µ∂φ(λ)

∂λei
(λei−λ∗

e) ≤ 0, which means
λei − λ∗

e ≥ 0 in this case. Then, we get (λei − λ∗
e)∆λei ≤ 0

and
∆Fi = µ

∑
e∈E

(λei − λ∗
e)∆λei ≤ 0. (29)

Thus, the iteration strategy makes Fi converge to its mini-
mum value 0, which also means λei converges to λ∗

e .

APPENDIX B
SIMULATOR

The simulator is programmed in Python. It comprises five
objects: Traffic Source, Virtual Queue, Physical Queue, Node,
and Network. Each object has specific variables and functions
defining its local parameters and behaviors. The table below
presents the main behaviors of each object.

Realizing the last behavior of the Network object is the
simulator’s most difficult aspect. When the arrival process and
service time of a queueing network follow Poisson process
and exponential distribution, respectively, Jackson Network
theorems can be employed without simulation. However, in
real networks with nonideal settings, simulating data transfer
between nodes is necessary. This process can be modeled as a
continuous queue state transition, using a differential equation:

dQ(t)

dt
= f(Q(t)) +A(t), (30)

where Q(t) is the state matrix of virtual queues. Each element
in Q(t) represents the length of a virtual queue. The matrix
A(t) represents the external input traffic from users, and
f(·) is determined by the queueing mechanism and network
topology. Unfortunately, f(·) is non-linear. Existing simulators
choose varying levels of granularity to simulate this continuous
process through discrete events. In packet-level simulators, the
transfer of a packet is considered as a discrete event. Our

4This conclusion can be proved in many ways. If you are interested in
the proof, see https://math.stackexchange.com/questions/1374399/why-is-the-
lagrange-dual-function-concave
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TABLE V
BEHAVIORS OF THE OBJECTS

Object Behaviors

Traffic
Source

♢ Generate a new flow with specific attributes, including
bandwidth, weight, duration, and QoS demands
♢ Transmit a flow to the connected edge node
♢ Delete a completed flow

Virtual
Queue

♢ Enqueue/Dequeue a specific volume of data
♢ Generate the observations of the intention rate and queue
length

Physical
Queue

♢ Create/Delete a virtual queue
♢ Enqueue (dequeue) data into (from) a virtual queue
♢ Drop overflow data and record the overflow rate
♢ Generate the observation of idle bandwidth on its egress
link

Node
(With a
service
broker)

♢ Create/Delete a physical queue
♢ Enqueue an arrived flow into a physical queue
♢ Dequeue data from a physical queue and send it to a node
♢ Route a flow to a path and determine its rate
♢ Download the updated link prices and network topology
♢ Collect observations from physical queues and upload them

Network
(With a

TE
server)

♢ Create a group of nodes and traffic sources
♢ Connect the nodes and traffic sources
♢ Update link prices based on the uploaded observations
♢ Simulate data transfer between nodes

simulator discretizes continuous time into small time slots of
length τ and then uses these slots to discretize (30) as:

Q(t+ τ)← Q(t) + (f(Q(t)) +A(t))τ. (31)

When τ is sufficiently small, the simulation results converge
to the actual results. To achieve this, we decreased the time
slot during the simulation until the queue lengths reached
convergence.
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[30] R. Srikant and T. Başar, The mathematics of Internet congestion control.
Springer, 2004.

[31] D. Palomar and M. Chiang, “A tutorial on decomposition methods
for network utility maximization,” IEEE Journal on Selected Areas in
Communications, vol. 24, no. 8, pp. 1439–1451, 2006.

[32] J. Huang and L. Gao, “Wireless network pricing,” Synthesis Lectures on
Communication Networks, vol. 6, no. 2, pp. 1–176, 2013.

[33] Topology zoo. [Online]. Available: http://www.topology-zoo.org/files/
AttMpls.gml

[34] J. Y. Yen, “Finding the k shortest loopless paths in a network,”
Management Science, vol. 17, no. 11, pp. 712–716, 1971. [Online].
Available: https://doi.org/10.1287/mnsc.17.11.712

Hao Wu received his Bachelor’s and Master’s de-
grees from the Department of Electronic Engineer-
ing, Tsinghua University, in 2017 and 2020, respec-
tively. He is currently pursuing the Ph.D. degree with
the Department of Electronic Engineering, Tsinghua
University. His major research interests include traf-
fic engineering, network management, and software-
defined networking.

Jian Yan received his B.S., M.S., and Ph.D. degrees
in electronic engineering from Tsinghua University,
Beijing, China, in 1998, 2000, and 2010, respec-
tively. He is now a research fellow with the Beijing
National Research Center for Information Science
and Technology, Tsinghua University. His research
interests are mainly in the area of satellite commu-
nications.

Linling Kuang received her B.S. and M.S. degrees
from the National University of Defense Technology,
Changsha, China, in 1995 and 1998, respectively,
and her Ph.D. degree in electronic engineering from
Tsinghua University, Beijing, China, in 2005. She
is now a Research Fellow with the Beijing National
Research Center for Information Science and Tech-
nology, Tsinghua University. Her research interests
include wireless broadband communications, signal
processing, and satellite communications.

https://doi.org/10.1145/3230543.3230551
http://www.topology-zoo.org/files/AttMpls.gml
http://www.topology-zoo.org/files/AttMpls.gml
https://doi.org/10.1287/mnsc.17.11.712

	Introduction
	Related Work
	System Model of TE
	Overview of Periodic TE Paradigm
	Asynchronous TE Paradigm
	Utility Optimization Model

	Link Pricing Strategy of AMTM
	Drawbacks of the link pricing strategy based on dual decomposition
	Link pricing strategy based on virtual queues in intermediate nodes

	System Design and Algorithms
	Numerical Result
	Simulation Setup
	Convergence of AMTM
	Performance Evaluation

	Conclusion
	Appendix A: The Pricing Strategy Based on Dual-Decomposition
	Appendix B: Simulator
	References
	Biographies
	Hao Wu
	Jian Yan
	Linling Kuang


