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Abstract—Fair bandwidth sharing has been an active research
area since the early days of networking. Today’s networks employ
packet dropping as the primary mechanism for reacting to
congestion, while transport layer protocols are designed to adapt
their rates based on the observed packet losses. Due to the
increasing transmission speed and a disproportionate decrease in
the end-to-end delay, future networks are expected to have a high
bandwidth-delay product as compared to the networks of today.
The cost of a packet retransmission increases with the increase in
the bandwidth-delay product and decrease in buffer sizes. Hence,
there is a need to develop new techniques, for a future clean-slate
network design, to achieve fair bandwidth sharing that do not
primarily rely on packet dropping.

To this end, this paper develops a framework for fair band-
width sharing called Access Mechanism for Efficient Sharing
(AMES), where every core router in the network employs link-
specific queuing, round-robin scheduling, and reacts to congestion
by restricting the adjacent routers from transmitting, rather than
dropping packets. The core-routers do not maintain any per-
flow information, nor perform any flow-specific operation. We
demonstrate the link utilization and fairness characteristics of the
AMES framework through extensive simulations and compare
it to the Core Stateless Fair Queuing (CSFQ) architecture
developed in the literature.

I. INTRODUCTION

Fair bandwidth sharing has been an active research area
since the early days of networking. With the network scale as
large as the Internet, it is believed that it is often impractical
to achieve fair bandwidth sharing without any support from
the underlying packet scheduling algorithms. Several packet
scheduling algorithms have been developed in the literature to
offer various levels of fair sharing of bandwidth available on
a link.

A. Prior Work and Motivation

Initial proposals for fair bandwidth allocation in the Internet
were based on per-flow queuing mechanisms, e.g. Gener-
alized Processor Sharing [1], Fair Queuing [2], Worst-case
Fair Weighted Fair Queuing (WF2Q) [3], Self-Clocked Fair
Queuing (SCFQ) [4], Deficit Round Robin [5], and several
of their variations [6], [7], [8]. These approaches mandate the
routers to maintain per-flow state information, hence are not
widely accepted due to scalability concerns.

Recent efforts to provide a scalable packet switching frame-
work for the Internet include Stateless Core (SCORE) archi-
tecture [9] that achieves the level of QoS as obtained in the
IntServ architecture with the complexity of DiffServ imple-
mentation. Core Stateless Fair Queuing (CSFQ) [10] is a real-
ization of fair queuing algorithm employed in SCORE, where

every packet of a flow is tagged with the rate of the flow at the
edge routers. Several variations to CSFQ have been proposed
to enhance the performance under various scenarios [11], [12],
[13], [14], [15], [16]. Similarly, rainbow fair queuing (RFQ)
[17] and Aggregated Flow Fair Queuing (AFFQ) [18] employ
layer number and number of active flows, respectively, in their
header to achieve fair sharing. Despite their fairness properties,
these algorithms face stronger resistance in wide acceptance as
they require significant changes to the header information in
the existing protocols. In addition, the information carried in
the packet reflect either the transmission speed of the network
or the number of flows sharing the link. Thus, the number of
bits employed to encode this information will have significant
effect on the performance of the protocols.

Packet dropping, bandwidth measurement, and rate adapta-
tion complement fair packet scheduling for congestion control.
Among packet dropping mechanisms, Random Early Detec-
tion (RED) and its variants [19], [20], [21], [22] are used
widely in the Internet today. Routers assist in congestion de-
tection through Explicit Congestion Notification (ECN) [23].
Several researchers have attempted to estimate the bandwidth
available on a path [24], [25], [26], [27], [28], [29], [30].
Variations to basic TCP rate adaptation technique [31] have
been proposed and their stability and performance have been
analyzed [32], [33], [34], [35], [36], [37]. The bandwidth
estimation techniques are rendered meaningless due to large
variation in the measurements as the assumptions made by
these techniques are not met by the packet switching layer. For
example, the packet-pair technique [25] transmits two packets
together and measures the difference in arrival times of the
packets at the destination. Unfortunately, no packet switching
framework other than per-flow queuing and deficit-round-robin
(DRR) scheduling satisfies such a requirement.

Packet dropping is the most widely used mechanism for
congestion control in the Internet. While TCP adapts its rate
based on roundtrip time and dropped packets, UDP does not.
Therefore, achieving fair sharing among TCP and UDP flows
when they share a common link is a difficult task. If UDP
flows are transmitting at a much higher rate than their fair
share, the throughput of TCP flows that share a link with
the UDP flows will suffer. In addition, when different flows
transmit at different rates, random dropping of packets does
not necessarily achieve fair sharing. Thus, packet dropping
mechanisms based on flow characteristics (such as Flow
Random Early Detection, FRED) were developed. However,
such techniques require maintenance of per-flow information



necessitating increased computational power at the routers.

The processing power of the routers have increased tremen-
dously in the recent past that most routers today can process
packets at line-speed. The increased processing power has
significantly reduced the queueing delay encountered by pack-
ets. In addition, advances in transmission technologies have
led to increased transmission speeds, thereby reducing packet
transmission delay. Thus, the primary component of the end-
to-end delay in the future networks will be the propagation
delay. Given that the backbone networks of today employ
optical transmission technologies, the propagation delay on
a link has reached the physical limit of the velocity of light in
the propagation medium. Thus, increasing transmission speed
at constant propagation delay per unit distance, resulting in an
increasing bandwidth-delay product, is the key characteristic
trend of future network evolution. Together with decreasing
buffer size relative to the bandwidth-delay product of a link,
the combination of packet dropping and loss-based rate adap-
tation at the transport layer may not be the optimal strategy
to achieve fair bandwidth sharing.

Secondly, all existing approaches to fair packet scheduling
thus far treat a packet (a network-layer characteristic) as the
basic unit of service in the network. However, fair bandwidth
sharing is desired at the flow level (a transport-layer charac-
teristic). One approach to achieve flow-level fairness at the
packet layer is to explicitly count the number of flows in the
network and employ flow-specific operations at each router.
For example, the ERICA [38] technique developed for fairness
among available bit-rate (ABR) traffic in ATM networks falls
into this category. In ERICA, every switch maintains a table
that indicates if a cell from a virtual connection has been seen
in a cycle. The sum of these entries within a time duration
(cycle) indicates the number of flows traversing the switch.
While a flow in an ATM network is easily identified by the
virtual circuit (VC) identifier, identifying a flow in a TCP/IP
network is difficult1. Irrespective of how a flow is identified,
maintaining flow-specific information at every router is tedious
and does not scale with network size.

Based on the above observations, we seek to develop a
framework to achieve fair bandwidth sharing among flows that
may or may not employ rate adaptation techniques that has:
(1) low scheduling complexity; (2) requires less buffering; (3)
does not perform flow-specific operations; and (4) does not
employ packet dropping as the primary mechanism for react-
ing to congestion. We believe that such a framework is critical
to the clean-slate design of future large-scale networks with
high bandwidth-delay product. In addition, such a framework
is also highly desirable in enterprise data-center networks, as
these networks are: (a) small-scale, (b) traffic sources belong
to the enterprise, and (3) there is often no undesired traffic
that is being routed.

1A flow may be classified based on: (a) source address; (b) source-
destination address pair; or (c) source-destination address and port numbers.

B. Contribution and Organization

This paper develops a new packet switching framework
called Access Mechanism for Efficient Sharing (AMES) that
transmits, buffers, and forwards packets in rounds. The con-
tributions of the paper are: (a) the concept of transmitting and
buffering of packets in rounds; (b) a scheduling algorithm that
transmits a round of packets at each output link, with support
for variable length packets and different flow priorities; and
(c) computing the bandwidth available for a flow along a path,
based on the characteristics of the round at every router.

The remainder of the paper is organized as follows: Section
II describes the network model, the concept of transmission
of packets in rounds which forms the central point of the
framework, and provide a detailed description of the AMES
scheduling algorithm with illustrative examples to demonstrate
the flexibility of the framework in achieving weighted fair
sharing. The effectiveness of the framework is evaluated under
various scenarios involving TCP and UDP traffic streams
and employing a simple rate-based flow control algorithm
employed at end hosts. The experimental setup and simulation
results, comparing the performance of AMES architecture
to that of CSFQ, are presented in Section III. Section IV
concludes the paper.

II. AMES NETWORK ARCHITECTURE AND SCHEDULING

We consider a network architecture consisting of an island
of routers (edge and core routers) in which all routers employ
the AMES architecture developed in this paper. An example
network is shown in Figure 1. All routers in the network
employ link-specific queueing. This implies that only edge-
routers perform per-flow queuing. The core-routers do not
maintain any per-flow state information, nor perform any flow-
specific queuing.
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Fig. 1. A network with an island of routers employing the AMES framework.

A. AMES Concept

The central point of the AMES framework is the concept
of transmitting packets in rounds. A router receives rounds of
packets from every link. The routers are assumed to employ
link-specific queuing at every output link. The packets from
link i that are destined to an output link j are queued in the
buffer corresponding to link i at output j. Packets that arrive
at an output link from the same input link on different rounds
must be identifiable when stored in the buffers. Therefore, the
packets are stored in the buffers in rounds. The management
of rounds during forwarding and buffering may be achieved



in several ways, one of which is discussed in Section II-B. At
each output link, a deficit round-robin scheduler is employed.
In each pass, the scheduler selects a round of packets from
each eligible queue. The selected packets are then transmitted
on the output link as a round of packets. The concept of rounds
is employed at every router and end-host independently, hence
does not require global coordination. An end-host always
transmits one packet in a round.

Consider the example network shown in Figure 1. For the
sake of clarity, assume for now that all flows transmit at link
rate and have fixed-size packets. Consider four flows from A
to B, C to D, E to F, and G to H. The snapshot of the network
illustrating the transmissions at various routers are shown in
Figure 2. The transmission of packets on links A–1 and 1–3
involves one packet in each round. Similarly, the transmission
on links C–2 and 2–3 will contain one packet per round. The
packets arriving at router 3 from these two links are buffered
in their respective queues. The scheduler on link 3–4 selects
a round of packets from each input queue and merges them
into a round and transmits them on the outgoing link. The
transmission on link 3–4 will therefore have two packets in
each round. At router 4, the two flows are split across two
output links 4–5 and 4–8 with the transmission on each link
having one packet per round. At router 5, packets from link
4–5 is merged with that from link 9–5, thus resulting in two
packets in a round on link 5–6. At node 6, packets from link
10–6 merges with that from link 5–6 to have three packets in
a round on link 6–7.

Observe that the concept of rounds enables router 6 to
identify the number of packets to transmit from the queue
corresponding to link 5–6 for every packet transmitted from
the queue corresponding to link 10–6. Thus, when all flows
have equal packet sizes, the scheduler at the output link
behaves like a round-robin scheduler selecting a round of
packets from each queue. As the number of packets in each
queue will have at most one packet per flow, the bandwidth
at the output link is shared on a per-flow manner, without
explicitly tracking the number of flows.

B. Management of rounds

The concept of round is required to identify a group of
packets to be selected for transmission. One approach to
manage rounds is to introduce round numbers in the packets.
As the need for round is only to distinguish one round from
another (or identify the round boundaries), it is sufficient to
have only one bit to indicate the round. We employ ODD
and EVEN rounds and the packets are transmitted in either
one of them. Similarly, the packets are also buffered in either
one of the rounds. However, the round in which the packet
is transmitted may be different from the round in which the
packet is buffered. Note that the rounds employed for buffering
are maintained independently from that of transmission.

C. Detailed Working

We describe in detail the scheduling algorithm employed at
each router, assuming variable sized packets. We describe the

working of the algorithm at a specific output link at a router.
The processing of packets received on a specific link

involves two steps as shown in Figure 3. The first step is
to identify if there is a change of round in transmission. A
change in the round number of the currently received packet
from that of the previous packet received on the same link
indicates a change in the transmission round. Whenever a
change in transmission round is detected, the packets following
them will have to be queued in a new round at the respective
output. Note that an output queue may not have buffered any
packet in the previous round. If only one-bit round number is
employed, it has to be ensured that two rounds of packets are
not merged during buffering. Therefore, the buffering round
number is changed only when at least one packet was queued
in the previous round.

1) If change of round is detected, then invoke change of
buffering round in all the corresponding queues.
Comment: A change in round value from the previously
received packet on that link will indicate a change of round.
The buffering round for a queue is changed when at least one
packet has been buffered in the previous round.

2) If the packet has to be forwarded, buffer the packet in the
corresponding output queue.

Fig. 3. Steps involved in processing packets received on a link.

The routers employ link-specific queueing at every output
link. A counter that indicates the service given to each queue,
denoted by ServiceReceivedq for a queue q, is maintained at
the output. If the value of this metric for a queue is greater
than zero, then it indicates that this queue has been serviced
adequately. Otherwise, the queue is eligible for service. Let
MinimumPacketq denote the minimum packet size of the
round of packet selected from queue q when it is eligible for
service. Let MinimumService denote the minimum service
that is received by an eligible queue. This minimum service is
also the minimum packet size among those packets that were
selected from all the eligible queues.

Figure 4 shows the steps involved in AMES scheduling with
comments on the need for each step. The scheduler operates
in a round-robin fashion visiting every queue once. At the
beginning of every new round-robin pass, the transmission
round is changed. The change of transmission round is similar
to that of change of buffering round. The value of the one-
bit round field is toggled provided at least one packet was
transmitted in the previous round.

We deduct the service provided by the scheduler in
the previous round, denoted by ServiceProvided, from
ServiceReceivedq for every queue q. If ServiceReceivedq >
0, i.e., the queue is eligible for service, then a round of
packets is selected from the queue and transmitted in the
current transmission round. The amount of service received
by the queue is incremented with the size of the minimum
packet among those selected packets from the queue. During
every pass, the minimum packet size across the packets
selected from different queues is updated in the variable
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Fig. 2. Snapshot of the network operation illustrating the transmission of packets in rounds on various links.

1) Change transmission round.
Comment: The transmission round is toggled between ODD and EVEN. This operation is performed when at least one packet is
transmitted in the previous round.

2) Initialize the variables that are to be used in every pass of the round-robin scheduling.
Comment: MinimumService = 0;

3) For every queue q do
a) ServiceReceivedq ← ServiceReceivedq − ServiceProvided.

Comment: Deduct the minimum service provided across all queues in the previous round.
b) If queue q is not empty and Serviceq ≤ 0 then

i) Select a round of packet from the queue.
ii) Transmit the selected packets in the current transmission round.

Comment: If the one-bit overhead approach is employed, then the round field in the packet is set to the current transmission
round before transmission.

iii) ServiceReceivedq ← ServiceReceivedq + MinimumPacketq .
Comment: MinimumPacketq is the minimum packet size among those packets that were selected for service.

iv) If (MinimumService = 0) or (MinimumPacketq < MinimumService) then
MinimumService = MinimumPacketq .
Comment: Compute the minimum service provided across all queues during the round. The minimum service provided
in current round is the minimum packet size across all the queues from which a round of packet has been selected for
transmission.

c) Else if queue q is empty and ServiceReceivedq < 0 then
i) ServiceReceivedq ← 0.

d) Else if ServiceReceivedq > 0

i) If (MinimumServiceReceived = 0) or (ServiceReceivedq < MinimumServiceReceived) then
MinimumServiceReceived = ServiceReceivedq;
Comment: If the queue is not empty, but has a positive value of received service, then, the queue is not selected for service.
However, if no other queues are selected for service as well, then the minimum received service among those backlogged
queues will be assumed to have been serviced in the current pass.

4) If (MinimumService > 0) then ServiceProvided = MinimumService;
else ServiceProvided = MinimumServiceReceived.
Comment: The minimum service provided in the previous round is the minimum size of the packet selected for transmission. However,
if no packets were selected from the previous round, then the minimum Service that is positive among the queues is chosen.

5) Go to step 1.

Fig. 4. Steps involved in AMES scheduling algorithm.

MinimumPacketInRound. At the end of a pass, this vari-
able indicates the minimum service provided by the scheduler
in the current round (ServiceProvided), which is deducted
in the following round from every queue.

Note that in the event that no queues were selected for
transmission, then there may be some queues with positive
service which may not be serviced at all. Such scenarios
could occur when a small-sized packet arrives on a link and
there are no other packets in the link following that. In such
cases, a round of transmission would be given a minimum
service equal to the size of this packet and would render a
positive balance for the service received by other queues. In the

successive round, no packets would be selected as the queue
from which the short packet was received is empty and all
other queues have positive values for service received. In order
to avoid such a deadlock situation, the service provided in a
round is updated with the minimum positive service received
value from the list of backlogged queues in case no queues
are eligible for transmission (as shown in Step 4 of Figure 4).

We illustrate the working of the AMES scheduling algo-
rithm with an example. Consider the network in Figure 1.
Consider three flows A–B, E–F, and G–F with packet sizes of
1000, 500, and 250 bytes, respectively. The snapshot of the
network for this scenario is shown in Figure 5. Without loss



of generality, assume that the two flows arriving at router 5
has not received any service yet. Router 5 selects a round of
packets from each of the queues for transmission. The service
received by link 4–5 would be incremented by 1000, while
that of 9–5 is incremented by 500. As every queue has been
serviced a minimum of 500 bytes of service, this quantity is
deducted in the next round. Link 4–5 would have a positive
service received value of 500, hence will not be eligible
for transmission. Hence, the successive pass of round-robin
scheduling involves only a round of packet from link 9–5.
The minimum service provided across all queues is 500 bytes
which is again deducted, thus resulting in the service received
values of both flows being set to zero again. This results in a
transmission pattern on link 5–6 as shown in Figure 5.
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Fig. 5. Sharing of links by flows with different packet sizes.

Similarly, at router 6, packets from link 10–6 merge with
those from link 5–6 and it is fairly easy to convince oneself
of the pattern shown for link 6–7 in Figure 5. The pattern
of four rounds that repeats itself has four packets from flow
E–F and two packets from flow C–D for every packet of flow
A–B, thus leading to a fair sharing of link bandwidth even
with variable packet sizes. Observe that the working of this
algorithm is similar to that of Deficit Round Robin (DRR)
except that the routers do not employ flow-specific queuing.
The transmission of packets in rounds may be viewed as if
the service offered at a scheduler is normalized with respect
to the minimum size of all packets selected in a pass.

D. Complexity of scheduling

The scheduling of packets at an output link mimics a round-
robin scheduler over the set of queues (which equal the number
of links). The number of packets to select from a queue for a
round is determined by the change of round bit in the packet.
Thus, when a packet from a queue has been transmitted, the
next packet to be transmitted is either from the same queue
(if the round has not changed), or the next queue. Thus, the
complexity of the AMES scheduling algorithm is O(1).

E. Weighted fairness

Due to the nature of transmission of packets as rounds,
support for weighted sharing of link bandwidth is easily
achieved in this framework. Assume that every flow in the
network has a weight that is indicated in the packet header.
The service given to a flow in a round is then computed as the
ratio of the packet size to the weight of the flow. Hence, the
service received by a queue when a round of packets is selected
is computed as the minimum value of this ratio among the
selected round of packets. In the scheduling algorithm shown

in Figure 4, step 3(b)iii is modified as:

ServiceReceived← ServiceReceived+ min
p

(
Lp

Wp

)
where, p refers to the packets selected in that round, Lp

denotes the length of packet and Wp denotes the weight of
each packet (or the flow to which the packet corresponds to).
Consider the example with three flows, A–B, E–F, and G–H
with packet lengths of 1000, 500, and 250 bytes, respectively,
and weights of 4, 2, and 1, respectively. The snapshot of the
network is shown in Figure 6. It is fairly easy to convince
oneself that the scheduling at every router would involve
selection of a round of packets from each of its queue2.
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Fig. 6. Sharing of links by three flows with packet sizes of 1000, 500, and
250 bytes with weights of 4, 2, and 1, respectively.

F. Congestion control

We assume that the core-routers do not drop packets while
the edge routers may, if necessary, as we will evaluate the per-
formance of end hosts that may employ TCP/UDP which may
not be forced to stop transmission by the edge routers. Packet
dropping at the edge routers may be avoided if edge-routers
can prevent end-hosts from transmission when necessary.

Every core-router has link-specific buffers at the output and
if the buffer occupancy of any of the buffers corresponding to
an input link i exceeds a threshold value, a control message
is sent back to the router connected on link i that stops the
transmission from that router. We employ a binary-valued
feedback that indicates whether the previous router may or
may not transmit. When the occupancy of all the buffers
corresponding to an input link falls below the threshold, a
control message is sent to the corresponding router on that link
to resume transmission. These control messages are exchanged
only among the adjacent routers and the congestion control
techniques works independently from one router to another.
The threshold for every buffer is set in a manner such that
the buffer space over the threshold can accommodate all the
packets that would be received from the previous router since
the transmission of the control message. The excess buffer
size is computed as 2τG bytes, where τ denotes the one-way
propagation delay between the adjacent routers and G refers
to the transmission speed (in bytes/sec) of the previous router.

G. Bandwidth measurement

One of the key features of the AMES framework is the
ability to measure the available bandwidth on the path. In the
example traffic considered in Figure 2 with four flows having

2Every flow receives equal amount of service after being normalized to
their respective weights, hence every round has one packet from each flow.



fixed-size packets, it may be observed that the maximum
number of packets in a round along the path indicates the
number of flows with which a particular flow shares the
bandwidth in the most congested link. In the case of weighted
sharing, the objective is to compute the sum of weights of all
the flows on the most congested link. Every router computes
the average of ratio of the number of bytes transmitted in
a round r, denoted by BytesTransmittedr, to the service
provided in that round, denoted by ServiceProvidedr, as:

TotalWeight =

∑R

r=1
BytesTransmittedr∑R

r=1
ServiceProvidedr

(1)

The average value over a window of last R rounds of trans-
mission is maintained at every router. Consider the example
in Figure 5 where three flows with packet lengths of 1000,
500, and 250 bytes with equal weights share the link. The
sum of the weight of flows computed at router 4 on link 4–
5 would have a value of 1, similar to that for link 9–5. The
transmission on link 5–6 has a pattern of two rounds with
one round having 1500 bytes and the other with 500 bytes
and the serviced provided by router 5 in each of the rounds
is 500 bytes. Thus, the sum of the weights of the flow is
then computed as 2, which also indicates the number of flows
sharing the link. A similar computation at router 6 yields a
value of 3. Thus, the value indicates the maximum number of
flows that share a link along the path.

In the example considered in Figure 6, where three flows
with packet lengths of 1000, 500, and 250 bytes and weights
of 4, 2, and 1, respectively, the computation yields a value
of 1 on links 4–5 and 9–5, 3 on link 5–6, and 7 on link 6–
7. Thus, a flow with a weight of w traversing a path with a
maximum TotalWeight observed on a link as W can estimate
its fair bandwidth share as w/W of the link bandwidth.

End-to-end congestion control algorithms may be developed
by computing the available bandwidth along the path, by
measuring the maximum TotalWeight encountered along the
path. IPv6 provides per-hop metrics that can be updated along
every packet and may be employed to obtain the above metric
in IP-based networks. If the links have different transmission
rates, the above metric may be converted to transmission time
required for every byte at each router. The end-hosts may then
control its traffic based on their weight and the maximum value
of the above metric computed.

III. PERFORMANCE EVALUATION

The performance of the AMES framework is evaluated
using the Scalable Simulation Framework [39] with UDP and
TCP traffic under a variety of traffic patterns. In addition, we
also evaluate the framework using a new transport protocol
that periodically probes the path for available bandwidth and
adapts the rate accordingly. Each of these experiments are
aimed at studying specific characteristics of the framework.
The network and flows considered are shown in Figure 7.
The flows in the network are divided into four groups, A–
B, C–D, E–F, and G–H with hosts in groups A, C, E, and G
acting as sources and those in groups B, D, F, and H acting

as destinations. Each link has a bandwidth of 10 Mbps and
a propagation delay of 1 ms. The core-routers have buffer
thresholds of 15 KBytes per queue while the edge routers
have a buffer of 30 KBytes per queue. The core-routers have
additional buffer space so that they do not drop packets.
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Fig. 7. Network and flows considered for performance evaluation.

We compare the performance of the AMES framework with
that of CSFQ [10] as it is the closest to AMES in terms of
realizing a stateless architecture. In the CSFQ architecture,
every queue was assigned a buffer of 100 KBytes with a buffer
threshold of 15 KBytes. However, unlike AMES, CSFQ will
drop packets when the buffer occupancy exceeds the threshold
(indication of congestion), based on the probabilities computed
according to the flow rate estimates as described in [10].

All experiments were run for 50 seconds. All flows were
started at time 0 for AMES. For CSFQ, the UDP flows in
groups E–F and G–H were started at 0.1 s. We observed that
when the UDP flows were started at time 0, the TCP flows
that share a common link with these flows were significantly
affected. For each experiment, we plot the average bandwidth
received by a flow in each group.

Scenario 1 – Multiple congested links and flows with
equal priorities: This scenario is aimed at demonstrating the
fair sharing capabilities of the AMES framework where groups
of flows join and leave at different points along the path. The
traffic for this scenario is as shown in Table. I.

The first experiment under this scenario involves UDP traffic
in group A–B that transmit at the fair rate of 0.833 Mbps
while the other UDP flows in groups E–F and G–H transmit at
4 Mbps each. Figures 8(a) and (b) show the average bandwidth
received by a flow in different groups under the AMES and
CSFQ architectures, respectively, computed over one second
intervals. It is observed that all flows share the congested
link(s) in a fair manner and the UDP flows that transmit at
their fair rates are not penalized by the ill-behaving flows. As
CSFQ achieves the fair sharing using probabilistic dropping
and AMES achieves using deterministic rounds, the former
exhibits a higher variation in the bandwidth received by flow.

The second experiment under this scenario considers TCP
traffic in group A–B while all other traffic types are left
unchanged. Figures 9(a) and (b) show the average bandwidth
obtained by a flow in a group with the AMES and CSFQ ar-
chitectures, respectively. With the AMES framework, the flows
converge to their respective fair share immediately, except for
the initial few seconds required for stabilization. However,
with CSFQ, we observe that the probabilistic dropping packets
results in an unfair bandwidth assignment for TCP flows. In



TABLE I
TRAFFIC FOR SCENARIO 1.

Flow group Number of flows Flow type Packet length Mean packet length
distribution (in bytes)

A−B 4 UDP/TCP-Reno∗ Fixed 1000
C −D 8 TCP-Reno Fixed 2000
E − F 4 UDP Fixed 500
G−H 4 UDP Fixed 250

∗ This scenario has two experiments. The first experiment has all flows as UDP while the second has all flows as TCP-Reno.
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Fig. 8. Average bandwidth received by a flow in different groups for scenario
1 with flows in group A–B as UDP.

CSFQ, congestion control is achieved by packet dropping,
which forces the TCP streams to adapt their rates. However,
packet dropping does not affect UDP flows as the UDP flows
transmit at much higher rates compared to TCP. Even dropping
a small number of packets from the TCP flows causes the rate
adaptation techniques to take aggressive action. On the other
hand, AMES achieves congestion control by not allowing a
router to transmit. As the routers in AMES architecture do
not drop packets, TCP flows do not enter into congestion
avoidance state, thus do not reduce their rates. UDP flows do
not get their packets dropped as well, however are throttled to
fair share rate by forcing the routers to not transmit.

Scenario 2 – Multiple congested links and flows with
different priorities: The experiment in this scenario demon-
strates the weighted fair sharing properties of the AMES
framework. The traffic for this scenario is shown in Table II.
Figures 10(a) and (b) show the average bandwidth received by
a flow in different groups with AMES and CSFQ, respectively.
With AMES, the TCP flows in group A–B receive twice
the share of bandwidth compared to the other TCP and
UDP flows. With CSFQ, the TCP flows in group A–B suffer
from packet dropping despite their higher weight. Notice that,
CSFQ attempts to compute the average input rate from every
incoming link, and appropriately adjust the probabilities of a
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Fig. 9. Average bandwidth received by a flow in different groups for scenario
1 with flows in group A–B as TCP.

packet being dropped. While this approach certainly reduces
the packet drop probability for the TCP flows, the bandwidth
received by TCP flows is still significantly reduced in the
presence of UDP traffic.

In the second experiment, the traffic in groups E–F and
G–H were changed to TCP flows and similar performance
was observed with AMES (not shown here due to space
constraints). Figure 11 shows the average bandwidth received
by a flow in different groups with CSFQ. It is observed that
changing the traffic in groups E–F and G–H to TCP results in a
higher throughput for the TCP flows in group A–B, compared
to when the traffic in E–F and G–H were UDP. However,
the TCP flows in group A–B still do not obtain twice the
bandwidth as the other flows.

Scenario 3 – Ability to increase throughput when avail-
able: The goal of the following experiments is to study the
achievability of max-min fair sharing in a limited context. The
traffic for this experiment is as shown in Table III. The traffic
set-up is similar to that considered in scenario 1, except that
the number of flows in group C–D is reduced to 4. As the four
flows in group A–B are constrained to a bandwidth of 1/12
of link bandwidth due to sharing at link 6–7, flows in group
C–D may acquire up to one-sixth of the link bandwidth each.

With AMES, the results of this experiment were similar



TABLE II
TRAFFIC FOR SCENARIO 2.

Flow group Number of flows Flow type Packet length Mean packet length Weight
distribution (in bytes)

A−B 4 TCP-Reno Fixed 1000 2
C −D 8 TCP-Reno Fixed 2000 1
E − F 4 UDP/TCP-Reno∗ Fixed 500 1
G−H 4 UDP/TCP-Reno∗ Fixed 250 1

∗ This scenario has two experiments. The first experiment has all flows as UDP while the second has all flows as TCP-Reno.

TABLE III
TRAFFIC FOR SCENARIO 3.

Flow group Number of flows Flow type Packet length Mean packet length Weight
distribution (in bytes)

A−B 4 TCP-Reno Fixed 1000 1
C −D 4 TCP-Reno Fixed 2000 1
E − F 4 UDP Fixed 500 1
G−H 4 UDP Fixed 250 1
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Fig. 10. Average bandwidth received by a flow in different groups for
scenario 2a.
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Fig. 11. Average bandwidth received by a flow in different groups for
scenario 2.

to those obtained for scenario 1 as shown in Figure 8(a). The
flows in group C–D received a bandwidth of only 1/12 th of the
link bandwidth. The reason for such a behavior is the buffering
of packets at router 3. Although TCP flows from group A–B
start to transmit at their fair share, the packets are buffered at
router 3. The buffer corresponding to links 1–3 and 2–3 have

four packets in a round. Hence, whenever router 3 transmits,
it transmits two rounds of packets from buffer of link 1–3 and
one round of packets from buffer of link 2–3 as the flows from
these groups have packet sizes of 1000 and 2000, respectively.
Hence, as long as the buffer corresponding to link 1–3 clears,
the flows in group A–B share the link equally with those in
group C–D, thus receiving a bandwidth that is 1/8th of the
bandwidth on link 3–4 and 4–5. However, the rate at which the
flows from group A–B are served at router 6 is only 1/12 th of
the link bandwidth and transmission at an input rate of 1/8 th
the link bandwidth results in building up of buffer at router 6,
then at router 5, and eventually at router 4. As a result, router
3 is restricted from transmitting on link 3–4, thus building
up the buffer at router 3. Because of this reason, whenever a
round of packets is scheduled from link 2–3, there is always a
packet present in the buffer corresponding to link 1–3 as well,
thus forcing them to share the bandwidth on link 3–4 equally.
The brief transmission period on link 3–4 is not sufficient
for the buffer corresponding to link 1–3 to be cleared up. As
flows in group A–B can receive only a rate of 1/12 th of the
link bandwidth, the flows in group C–D are also restricted to
rate of 1/12 th of link bandwidth as they share the link 3–
4 equally. This experiment demonstrates that a flow that is
restricted downstream may affect other flows with which it
shares the bandwidth upstream.

Figure 12 shows the average bandwidth received by a flow
in different groups with CSFQ. Observe that the TCP flows of
group C–D is able to achieve higher throughput as the TCP
flows of group A–B are affected by the UDP flows on link 6–
7. Although the fair share of a flow belonging to group A–B is
0.833 Mbps, only half the bandwidth is obtained with CSFQ.

Scenario 4 – Sharing with explicit rate adaptation. We
evaluate the achievability of max-min fair allocation when
a transport protocol that can take advantage of the AMES
framework is employed. In this experiment, we assume that
every end-host employs a token-bucket scheme, where the
token rate is periodically determined by probing for available
bandwidth along the path. The source may accumulate tokens,
however the bucket is emptied periodically to avoid prolonged
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Fig. 12. Average bandwidth received by a flow in different groups for
scenario 3 under CSFQ.

accumulation. Consider a sequence of ten routers as shown in
Figure 13(a). The link transmission speed is assumed to be
1 Gbps with a propagation delay of 0.16 ms. The buffer size
at each node is set at 200 KB while the threshold is 160 KB.
Every node keeps a history of the last 10 transmission rounds
on a link for bandwidth estimation. The available bandwidth
along path is measured every 32 ms. The network is monitored
in intervals of 64 ms. The traffic start times are shown in
Figure 13(b). The max-min fair allocation rates for the flows
at different intervals are shown in Table 13(c).

The bandwidth received by nodes 1, 2, 3, and 6 obtained
using simulation are plotted against time intervals in Figure 14.
By comparing the charts against Table 13(c), it is observed that
the measured flow rates converge to the max-min fair rates.
The convergence time for different flows depend on the traffic
distribution. For example, the flow from node 2 must receive a
fair share of 0.67 Gb/s from interval 31, however, its fair share
is reduced to 0.33 Gb/s. This is because of the flow from node
1. Although node 1 reduces its rate from 0.5 Gb/s to 0.33 Gb/s
during interval 31, some of its previously transmitted packets
are buffered at node 2. The buffered packets have one packet in
each round. Hence, for some time, node 2 will share its link
bandwidth equally with node 1. As the fair rate allocation
for flow at node 1 is 0.33 Gb/s, node 2 also receives only
0.33 Gb/s. However, once the backlog is cleared3 at node 2,
it receives its fair share of 0.67 Gb/s.

The simple rate-control protocol based on token-bucket
scheme shows good promise to take advantage of the available
bandwidth measurement offered by the AMES framework.
We believe that employing a credit-based scheme, similar
to the one developed for ATM networks [40], may exploit
the bandwidth measurement even better. Unlike current rate
adaptation mechanisms that increase and decrease their rates
(such as in TCP and [40]), we may compute the number of
outstanding packets at any given time in the network based
on the round-trip time and the available bandwidth on the
path. The latter is a metric that is unknown to a flow and is
measurable using the AMES framework in a straight-forward
manner.

3A backlog is cleared due the periodic emptying of token bucket at the
source. Not allowing token accumulation has its own impact on the achieved
fairness and so does prolonged accumulation.

1 2 3 4 5 6 7 8 9 10

(a) Traffic scenario

Tra!c (s-d) (1-10) (2-3) (3-5) (4-5) (6-10) (7-10) (8-10) (9-10)

Start time 

(in intervals)
1 11 21 31 41 51 61 71

(b) Traffic starting times

Source
Time (in intervals)

1 11 21 31 41 51 61 71

1 1.00 0.50 0.50 0.33 0.33 0.33 0.25 0.20

2 0 0.50 0.50 0.67 0.67 0.67 0.75 0.80

3 0 0 0.50 0.33 0.33 0.33 0.375 0.40

6 0 0 0 0 0.67 0.33 0.25 0.20

(c) Max-min fair rates (in Gb/s)
Fig. 13. Example traffic scenario, their starting times, and max-min fair rates
for illustrating achievable sharing with rate adaptation. An interval is 64 ms.

IV. CONCLUSION

This paper develops a framework for fair bandwidth sharing,
called Access Mechanism for Efficient Sharing (AMES), that
is aimed at a clean-slate design of future large-scale networks,
where high bandwidth-delay product will be an inherent char-
acteristic. The key characteristics of the framework are: (1)
employs link-specific queuing; (2) requires small buffers; (2)
employs round-robin scheduling algorithm; and (3) restricts
adjacent routers from transmitting upon congestion, rather than
drop packets. We studied the effectiveness of the framework in
achieving fair sharing under different traffic patterns involving
TCP and UDP. We observe that by employing a simple rate-
based flow control scheme that can take advantage of the
available bandwidth measurement along a path, the framework
achieves close to max-min fair sharing. The performance of the
framework is observed to be sensitive to the buffer threshold
employed at the core-routers and the flow control mechanism
employed at the end hosts.
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