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Abstract – The current Internet uses a single queue per
output port to buffer packets destined for that port. This
often causes congestion leading to packet loss and delay.
Real-time applications are delay and loss sensitive.
There is therefore a need to develop a buffer
management system that will effectively accommodate
both real-time and non-real-time applications. In this
paper, we propose a dynamic threshold buffer
management scheme. This scheme uses complete sharing
with virtual partitioning. Pre-emption is used to
minimise congestion. Out of profile high priority packets
are dropped during pre-emption period. To add fairness
to the scheme, low priority packets are guaranteed a
minimum buffer space.
We simulated the scheme and found that DTBAS
performs well in terms of packet loss and buffer
utilisation.
Keywords – Congestion control, buffer management,
buffer allocation, quality of service
I. INTRODUCTION
The number of new applications that are being
developed for the Internet is increasing tremendously. The
present trend is towards the deployment of real-time
multimedia applications, in addition to the non-real-time
applications that the Internet has been transmitting since its
inception. Multimedia applications such as voice, video,
audio-video on-demand, and video conferencing, demand
not only high bandwidth but also real-time delay constraint.
In order to properly transmit these real-time multimedia
applications, a variety of resources have to be made
available. Bandwidth and buffers are the main network
resources that need to be considered in the transmission of
these applications (flows). Many real-time applications
require large amounts of buffers to store packets effectively.
Efforts have been made to introduce quality of service
(QoS) on the Internet and researchers have proposed new
architectures for the Internet. These QoS architectures are
designed to make network components QoS aware. The
Internet Engineering Task force has been the driving force
behind finding a suitable QoS architecture. They have
proposed the Integrated Services (IntServ) [1], and the
Differentiated Services (DiffServ) [2]. In addition, the
Rainbow Services [3] has also been proposed. A common
feature in all these proposed QoS models is that, there is the
need to allocate resources, either implicitly or explicitly.
Appropriate resource allocation is one way of providing
QoS in a network.
In a network, congestion is created if bandwidth and
buffers are not properly managed within the hosts or at the
routers of the network. A communication link can become

congested if the amount of traffic introduced on the link
exceeds its capacity. This excess traffic causes queuing
delays to increase rapidly as buffers fill up, and in extreme
cases can cause the buffers to overflow, losing packets.
When this occurs, the network will not be able to provide
the guarantee made to some applications.
New Internet applications such as real-time multimedia
applications do not adapt well to congestion. During the
transmission of these applications, buffers become depleted
very fast, causing many packets to drop. It is important to
avoid high packet loss rates because when a packet is
dropped before it reaches the destination, all of the resources
it has consumed in transit, are wasted. Therefore,
appropriate buffer management mechanisms are required in
order to alleviate the congestion at the buffers.
Buffer management techniques involve scheduling of
resources to applications, packet dropping and buffer
allocation. Scheduling is used to move packets out of the
buffers in a specified order and to manage delay within the
buffers. Packet dropping is used to maintain the buffer size,
in order to efficiently handle both real-time and non-real
time packets. Many buffer management schemes that have
been proposed have focused either on packet dropping
[4,5,6], packet scheduling [7] or both [8]. Buffer allocation,
as an independent mechanism, has not been properly
investigated. Buffer allocation is an aspect of buffer
management that focuses on managing buffers by allocating
buffer volume (logical unit of space) to each application
class, so as to reduce packet loss due to lack of buffer space.
Previously proposed buffer management schemes
[4,5,6,8], are not capable of efficiently managing buffers
when real-time multimedia applications are involved, as
many of these schemes were developed with non-real-time
applications in mind. Hence, we propose DTBAS, a
dynamic threshold buffer allocation scheme, to efficiently
manage buffers in the future Internet. Though real-time and
non-real-time applications share the same buffer space, in
the DTBAS, they are logically separated. This sharing of
common buffer space is done by dynamically varying buffer
thresholds so as to reduce packet loss rate of high priority
packets, as well as increasing the utilization of the buffer
space. Additionally, the scheme uses the concept of marked
packets to prevent the dropping of useful packets when
congestion is severe.
This paper therefore proposes a class-based QoS control
scheme that allows the dynamic allocation of buffers for
various types of flows. It also manages packet loss rates
within the buffers to efficiently transmit real-time and nonreal-time applications over the Internet.
The remainder of this paper is organised as follows:
Section II looks at some previously conducted work in this
field. Section III describes the proposed scheme. We

compare the performance of our scheme with two
previously proposed schemes and present our results in
Section IV. Finally the paper concludes in Section V.
II. RELATED WORK
Considerable research effort is currently underway to
develop a suitable buffer management scheme that will
accommodate high bandwidth applications on the Internet,
as well as reduce large amounts of packet loss during
congestion [9,10,11,12,13]. Work has also been done on
managing both bandwidth and buffer to provide QoS
[14,15]. There is also ongoing research in the wireless field
on the allocation of buffers [16,17,18]. In this section we
review some of the existing buffer management schemes.
We focus mainly on buffer allocation strategies in the output
buffers of routers on the Internet.
The class-based QoS control scheme by Minami et al.
[10], uses a single buffer that is shared among all the output
ports. This scheme uses a hierarchical structure in the order
of ports, classes and flows. In this scheme, the total buffer
size is shared by output ports according to the ratio of each
output link speed. The basic volume is allocated per flow.
This increases the complexity of the scheme. Also delay is
introduced due to per flow calculations.
Yaprak et al. [12] proposed a dynamic buffer allocation
scheme that uses a shared architecture with virtual partition
among output ports. Instead of using pre-emption, they
created a shared buffer pool where excess of buffer space
from any logical queue goes into. The problem with this
technique is that the shared buffer pool may be monopolised
by non-real-time applications thereby reducing the QoS of
real-time applications. They neither considered using preemption nor the marking of packets.
Complete Sharing using Virtual Partition (CSVP)
scheme by Wu and Mark [11] was introduced to manage
multi-traffic flows in ATM networks. In this scheme, if
there are M number of users and the available buffer space is
B, the B buffer spaces are virtually partitioned into m
segments corresponding to the M number of users. A newly
arriving cell is admitted by pushing out a different type of
cell that is borrowing that cell’s buffer volume. The authors
of the scheme did not consider the possibility of marking
packets as either IN-profile or OUT-profile.
The scheme proposed by Garcia-Marcias et al. [16],
shares buffer in a linear manner. In this scheme class
packets enter into the output buffer and each of these class
packets are allocated buffer volume. This scheme
completely partitions its buffer space among the various
classes. This reduces the efficiency of the scheme.
Furthermore, pre-emption of low priority packets was not
considered.
The goal of the authors of [18] was to develop a QoS
model to support multimedia applications over Cellular IP
by using class-based service without reservations. They used
per-class buffers with finite sizes. Using static buffers, it is
not possible to provide excess buffer to other applications
especially real-time applications. Pre-emption was not used.
This paper focuses on the use of mainly buffer
allocation to minimize both delay and loss rate.
Unfortunately buffer allocation alone cannot totally reduce
delay in transmission. It is the proper combination of buffer
allocation, packet dropping and scheduling mechanisms that
would produce an optimal strategy. This study uses simple

packet dropping and scheduling mechanisms so that the
effect of the buffer allocation strategy will be largely felt.
III. PROPOSED ALLOCATION SCHEME
The Dynamic Threshold Buffer Allocation Scheme
(DTBAS) is a class-based scheme, which is structured into a
hierarchy of ports and classes. The scheme uses complete
sharing with virtual partitioning plus pre-emption, to
allocate packets to the buffer. The total buffer volume is
virtually partitioned into a number of classes. A thresholdbased packet discarding mechanism is used. Applications
are grouped into two classes. Each class can access the other
class’ buffer volume when a class’ assigned buffer volume
is depleted. Classes use their upper threshold as a pointer to
indicate the instantaneous total buffer space available to
each of them. This threshold may vary depending on
network conditions.
A router’s output buffer consists of ports with multiple
queues per port. Each queue is assigned to a class of traffic.
Hence, ports consist of classes and classes consist of
packets. We do not group class packets into flows. Packets
in a class are treated as a single group, just as in DiffServ
[2]. In this study only two classes are used (Class 1 and
Class 2). Class 1 has a higher priority than Class 2; Class 1
is for real-time applications while class 2 is for non-realtime applications. Packets of Class 1 flows are marked as
either IN-profile or OUT-profile. During congestion period,
OUT-profile packets are dropped first before IN-profile
packets, so as to minimise the loss rate of useful IN-profile
packets. High-priority Class 1 packets can pre-empt low
priority Class 2 packets.

Figure 1: Single port architectural model of DTBAS
Figure 1 depicts the architecture of a single port in the
router. It consists of a classifier, two logical buffers (C1 and
C2) and a scheduler. Arriving packets are classified as either
class 1 and sent to C1 logical buffer or as class 2 and sent to
C2. Packets of each logical buffer are then scheduled; with
packets in C1 given preferential treatment. This scheme uses
virtual partitioning to separate the buffer space for packets
of each class. We used Drop tail with dynamic threshold to
drop the packets of Class 1 and Class 2 flows.
When a Class 1 high-priority packet enters its
designated buffer space and finds it full, it looks for any
available space in Class 2’s logical buffer, to borrow. If
there is an available space within Class 2’s logical buffer,
packets of Class 1 will then use this space and the upper
threshold of Class 1 is increased accordingly. The space can
be borrowed until the minimum threshold of class 2 is
reached. During this period, Class 1 starts dropping its
OUT-profile packets. When the minimum threshold of Class

IV. SIMULATION MODEL AND RESULTS
To evaluate the performance of our model we
conducted a simulation. The simulation design consisted of
two hosts, a router and a sink, as shown in Figure 2. Each
host generates packets and sends them to the router, where
they are classified, queued and then scheduled out to the
sink. We used a two-service-class model; Class 1 (for realtime applications) and Class 2 (for non-real-time
applications).
Host 1 generates packets of Class 1 while Host 2
generates packets of Class 2. The generated packets are sent
to the router where they are classified and stored in either
Q1 or Q2. Class 1 packets are stored in Q1 while Class 2
packets are stored in Q2. A certain amount of buffer volume
is assigned to each class. The total buffer space is
partitioned as follows: x for Class 1 and y for Class 2.

is always far lower than that of Class 2. This is due to
packets of Class 1 being able to pre-empt Class 2 packets, at
full buffer volume. At this time the threshold of Class 2 is
decreased until a minimum buffer volume is attained.
Correspondingly, the upper threshold of Class 1 is increased
to include the buffer volume gained from Class 2. Thus,
using a dynamic threshold-based sharing with pre-emption
and marking, helps in reducing packet loss rate of Class 1
flows.
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Figure 3: Per-class PLR in DTBAS

We conducted several experiments during the
simulation. The goal of conducting the experiments was to
observe and analyse the behaviour of the DTBAS scheme in
managing buffers for both real-time and non-real-time
applications. Packet Loss Rate (PLR) and buffer utilisation
were used as performance metrics; against simulation time.
Experiments were also conducted to compare the packet loss
rate and buffer utilisation of the DTBAS scheme, with
previously proposed schemes such as Complete Partitioning
(CP) and Complete Sharing (CS) buffer allocation schemes.
All the experiments used two traffic classes; Class 1 and
Class 2. Class 1 (for real-time application) is represented
here as Clas 1, while Class 2 (for non-real-time application)
is represented as Clas 2. Drop Tail (DT) with dynamic
threshold packet discarding mechanism was used to discard
packets during congestion. The schemes were then subjected
to Poisson traffic, a widely used traffic model for simulating
Internet traffic. This traffic type has also been used by most
of the previously proposed schemes.
The scheduling mechanism used in this scheme is the
Weighted Round Robin mechanism. Each class’ queue is
assigned a certain weight, and Class 1 with the highest
weight sends out more packets than Class 2.
A. Packet Loss Rate in DTBAS
The purpose of the experiment was to compare the
packet loss rate (PLR) of Class 1 and Class 2 flows in the
DTBAS. In this scheme, Class 1 and Class 2 were assigned
equal buffer volume. Each class’ upper threshold was
initially made equal to its buffer volume. Figure 3 shows
how the PLR varies with time for Class 1 and Class 2 flows.
From Figure 3, it can be noticed that Class 2 packets are
dropped far earlier than packets of Class 1. It can also be
seen that after 1000 seconds, the packet loss rate of Class 1
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Figure 2: Simulation Model

B. PLR of DTBAS compared with those of CP and CS buffer
allocation schemes
This test was conducted to compare the packet loss rate
of DTBAS with those of the CP and CS schemes. Each of
the schemes was subjected to the same packet arriving and
departing rate. Figure 4 shows how PLR varies with time.
Each scheme’s Class 1 flow is depicted here.
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Figure 4: Class 1 PLR of CP, CS and DTBAS schemes
From Figure 4, it can be observed that it takes a longer
time before Class 1 packets in the DTBAS start dropping,
when compared to the CP and CS schemes. It can also be
seen that the packet loss rate of Class 1 packets of the
DTBAS is far lower than those of the CP and CS schemes.
This is due to the fact that in the DTBAS, at full buffer
volume, high priority packets of Class 1 pre-empt low
priority packets of Class 2. Also, the system starts dropping
arriving OUT-packets at the output queue, creating more
space for IN-packets to be stored.
C. Buffer utilisation of DTBAS compared with those of CP
and CS buffer allocation schemes
In this experiment, the performance of DTBAS, in
terms of efficient buffer utilisation, was compared with
those of the CP and CS schemes. The buffer volume

assigned to each class was the same in all three schemes.
Figure 5 shows how buffer utilisation varies with time.
1.20

Buff_utilization

1.00
0.80
B_util_TQ1+Q2 (CP)
B_util_TQ1+Q2 (CS)
B_util_TQ1+Q2 (DTBAS)

0.60
0.40
0.20
0.00
0

500 1000 1500 2000 2500 3000 3500 4000 4500 5000

Sim_time (sec)

Figure 5: Buffer utilisation for CP, CS and DTBAS
It can be observed from Figure 5, that the buffer
utilisation of DTBAS is comparable to that of the CS
scheme. This is because of the sharing of buffer space
among packets of the two classes, in both schemes,
especially during periods of congestion. DTBAS therefore
utilises buffer efficiently just like the CS scheme.
V. CONCLUSION
Congestion on the Internet results in long queues,
forcing packets to be dropped. This affects the quality of
real-time multimedia applications transmitted on the
Internet. Many mechanisms to alleviate this congestion have
been proposed but very few have dwelt on the use of buffer
allocation strategies to reduce the effect. In this study, a
Dynamic Threshold Buffer Allocation Scheme (DTBAS)
has been proposed. In DTBAS, applications are classified as
either real-time or non-real-time. Real-time Class 1 packets
can pre-empt non-real-time Class 2 packets during periods
of congestion. Class 1 packets are marked as IN-profile or
OUT-profile. OUT-profile packets of Class 1 are dropped
first.
Simulation results show that the DTBAS scheme
performed best in terms of packet loss rate (PLR) than the
CS and the CP schemes. It was also found that the buffer
utilisation of the DTBAS is comparable to that of the CS
scheme. These results make the DTBAS one of the best
schemes to be considered for the future Internet.
Future work on DTBAS could use delay as a
performance metric. The DTBAS scheme’s performance
could further be investigated using a combined packet
dropping and scheduling mechanism. DTBAS’ performance
could also be compared with Cisco’s low latency queueing
(LLQ) scheme.
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