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ABSTRACT

Recently, efficient network resource management and quality-
of-service (QoS) guarantee become more and more important
for multimedia applications and services, especialy when
considering network delays. In this paper, an optimal
bandwidth allocation scheme that achieves maximal utilization
of the client buffer and minimal alocation of bandwidth for
each client is introduced. The proposed scheme alocates
bandwidth to multiple clients requesting services from a server
by adjusting the transmission rates based on the client buffer
occupancy, the playback requirements of the individua client
and the network delays. Simulations for the single client and
multiple client scenarios are conducted under different network
congestion levels. The simulation results show that our
approach performs better in comparison with the fixed rate
allocation approach and the rate by playback requirement
approach since it avoids underflows and overflows efficiently
and provides QoS for more clients with the limited available
bandwidth in the network.

1. INTRODUCTION

There is a growing demand to provide a wide range of
multimedia services to the clients with guaranteed quality-of-
service (QoS), for example, the Internet. Multimedia services
include data, voice, video and graphics, each with its own
traffic characteristics and distinct QoS requirements (e.g.,
packet loss rate, delay, jitter, etc.).

Lots of research has been done on resource alocation
schemes in transmission. In [7], the resource reservation
algorithms were studied. Though bandwidth reservation can
provide QoS, it is time consuming and cannot optimally utilize
the bandwidth. Adaptive allocation of network resources is
more desirable for QoS provision. Several research works
concentrated on adaptive rate control for Internet video
transmission and statistics methods were used. In [3], the
authors introduced an algorithm for the evaluation of the traffic
parameters that statistically characterize the video stream when
a given QoS is required. Bandwidth can be dynamicaly
renegotiated according to changes in the bit stresm level
statistics [2]. In [8], their approach used a neural network
method and concentrated on the video content and traffic
statistics analysis. In their approach, the resource request

method depends on the prediction of future traffic patterns
using the content and traffic information of short video
segments. In [1], the atificia intelligence techniques such as
fuzzy-logic-based and artificial-neural-network-based
techniques were used in traffic control mechanisms.

In our previous work [4][5], we proposed a closed-loop
framework for multimedia transmission and investigated the
single-server/single-client situation. In [6], the single-server/
multiple-clients multimedia network transmission model
assumes the network delays are negligible. In this paper, an
optimal bandwidth allocation scheme that dynamically changes
the transmission rates for multiple clients considering the
relationships among the transmission rates, client buffer
occupancies (i.e., total sizes of packets in the client buffers),
playback rates, and network delays is introduced. The
simulation results sow that our approach better utilizes the
client buffer and supports more clients under the constraint of
the limited available bandwidth in both the single client and
multiple client scenarios in comparison with the fixed rate
approach and the rate by playback requirements approach.

The paper is organized as follows. In the next section, the
optimal delay awareness bandwidth allocation scheme for both
single client and multiple clients are presented. Simulation
results for the various scenarios are gven in Section 3.
Conclusions are presented in Section 4.

2. OPTIMAL DELAY AWARENESSBANDWIDTH
ALLOCATION SCHEME

Assume thereis an end-to-end transmission from the server to a
client. Normally, the delay in the Internet is time varying and
hard to be precisely modeled. In this paper, we attempt to
capture the delay from the server to client in terms of the
percentage of packets sending at the server at a time interva
while arriving at the client a a later time interval. Such
information is provided as feedback to the server regularly for
rate control so that the server adaptively adjusts its
transmission rates according to the current network delay.

21. Optimal Rate Control Algorithm for a
Single Client

We enumerate below all the variables that are necessary for our
optimal delay awareness rate control algorithm. For simplicity
and easy-to-understand purposes, we describe the algorithm
using the single-server/single-client situation here. The optimal



bandwidth allocation for multiple clients is presented in the
next subsection.

Let Q; be the alocated buffer size for each client at the
setup of the connection. At time interval k, let R be the total
size of packets transmitted from the server, Py be the total size
of packets arriving at the client buffer, and Ly be the total size
of packets used for playback. In addition, let Qg and Q.1
denote the client buffer occupancy at the beginning of time
intervals k and k+1, respectively. Hence,
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Due to the network delay, Py is not equal to R.. The
network delay considered here is the delay that a packet
experienced before it arrives at the client, and is the total of
transmission delay, queue delay and propagation delay. It is
practical to assume that the packets arriving at the client buffer
at time interval k comprise of packets transmitted from the
server at thetime intervalsk-d, k-d-1, ..., and k-d-i+1. Thus we
have
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where the subscript k-d is to denote the closest time interval
when the transmitted packet can arrive at the buffer, and k-d-
i+1 denotes the farthest time interval when the transmitted
packet can arrive at the buffer at time interval k. by is used to
denote the corresponding percentage of the packets transmitted
at k-d-i+1 that arrive at the client buffer at time interval k.
Since each packet transmitted from the server is appended a
sequence number and a timestamp of the time it is transmitted,
the value of by can be calculated at the client by counting the
total size of packets arriving at a certain time interval. Similar
to by, the vaue of d can aso be obtained at the client by
checking the timestamp of the arriving packets.

The introduction of the parameters d and by in our
algorithm can effectively capture the changing network delays
as follows. First, a larger d vadue indicates larger network
delays since it takes longer for a packet to arrive at the client
buffer. Second, a larger i value also means larger network
delays since it takes longer for all the packets transmitted at the
previous time intervals to arrive at the client buffer. Third, a
larger by value means a larger percentage of packets
transmitted at time interval k-d-i+1 can arrive.

Optimal utilization of the network resource includes
maximal utilization of client buffers and minimal alocation of
bandwidth. We need to keep the transmission rate small, and at
the same time keep the difference between the buffer
occupancy and the alocated buffer size small. The
optimization object is to find a suitable sequence of R, that can
minimize the following quadratic performance function.
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where w,, W, and w, are the weighting coefficients. Because of
the network delays, the change of transmission rate at time
interval k (R will result in a change of the client buffer
occupancy at time interval k+dy (Qu+q0). Therefore, dy is
introduced in the performance index as a transmission control
delay parameter.

Using time domain representation to combine Equations
(2) and (2), we have the following equation
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where A(z') =1- z%,

B(z' ) =by +by 2zt +. by 2™ (5)
Z'isthe delay operator (i.e, z''Q, =Q, ,). Herewe assume
that b, 10 and d, is determined during the computation.

When 1 is divided by A(z ), the following quotient and
remainder can be obtained.

1=A(zYF(z!)+Z2%G(z'?). (6)
From Equation (4), we get
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Use Equation (7) to replace Qk+d0 in the objective function in

Equation (3), and differentiate J, with respect to Ry, then the
optimal transmission rate R, can be obtained as follows.
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The above equation is a recursive equation for R, represented in
terms of Rc1, Reo, ..., Qu Qw.1, ..., and Q,. Therefore, the
computation complexity needed to calculate the optimal
transmission rate is low. The vaues of Qy, Qy.1, ... are sent
from the client to the server as feedback information at a
certain time period, e.g., a round trip time (RTT), and then the
optimal transmission rate is calculated at the server.

2.2. Optimal Bandwidth Allocation for Multiple Clients

Normally, there are a large number of active clients requesting
services from a saver, and the server needs to alocate its
available bandwidth to provide QoS to a large population of
clients. If the server alocates each client a fixed bandwidth or
the bandwidth only according to the playback requirement
during the connection, it will be a great waste of the network
bandwidth since each client has its own traffic requirement. In
order to provide services to the maximal number of clients with
their QoS requirements and to achieve high utilization of the
bandwidth resource, the bandwidth alocated to each client
needs to be minimized.

Assume there are m active clients simultaneously
requesting services from the server. Let Jyu §x R

Qj wig AN QJ. , be the corresponding values as defined in the
previous subsection for the j client. When there are multiple

clients, the optimization function for resource allocation of the
server becomes the following:
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Since the m clients are independent, if the J value of the |
client is minimal, the sum of the J values for al m clients
(i.e., the J vaue) is aso the minima. Hence, the optimal
transmission rate for each client that achieves the optimization
of the performance index in Equation (9) can be obtained.

Our bandwidth allocation mechanism is used with
connection admission control (CAC). When the total optimal
bandwidth requirement is larger than the available bandwidth, a
bandwidth reallocation is required. To provide fairness among
all clients, the bandwidth reallocated should be proportional to
the actual requirement of each client under the constraint of the
available bandwidth.

3. SIMULATION RESULTS

To study the performance of our approach, we compare our
approach with other bandwidth allocation mechanisms such as
the fixed rate approach and the rate by playback requirement
approach under the single client and multiple client scenarios.
For the fixed rate transmission approach, each client is
allocated with a constant bandwidth. For the rate by playback
reguirement approach, the server allocates the bandwidthto the
clients according to their playback requirements. In our
simulations, it is assumed that the buffer at each client is2 MB
(Mbytes), the available bandwidth is 5 MBps (Mbytes/second),
and the playback rates are generated randomly between
[0.1x10°, 0.9x10°] Bps. The simulations were run in 10,000
time intervals with the increment of 1 timeinterval.

3.1. Single Client Scenario

The scenario of one client requesting data from the server is
chosen to illustrate how the transmission rate is adjusted in our
approach. The playback rate requirement is between 0.1x10°
Bps and 0.3x10° Bps. Figure 1 gives the comparison between
our approach (the solid lines) and the rate by playback
requirement approach (the dashed lines) by showing how the
transmission rate is adjusted according to the playback rate and
client buffer occupancy.
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Figure 1. Comparion of our approach (in solid lines) and the

rate by playback reguirement approach (in dashed lines) in

transmission rates and buffer occupancies.

When the client buffer occupancy is above the horizontal
solid line (denoting the allocated maximal buffer size),

overflow occurs. For example, in Figure 1, between 1020" and
1025" time intervals, overflows occur in the rate by playback
requirement approach, while there is no overflow in our
approach. It can also be easily seen from this figure that
generally the buffer utilization of our approach is better than
that of the rate by playback requirement approach. In addition,
the changes of the transmission rates and the client buffer
occupancies in our approach are less drastic than those in the
rate by playback requirement approach. Hence, our approach is
more robust in adaptive bandwidth allocation.

Our approach is also compared with the fixed rate
approach that the bandwidth is allocated according to the peak
playback requirements (0.3x10° Bps). The client buffer
occupancies are continually increasing so that overflow occurs
and it cannot be recovered.
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Figure 2. Transmission rate changes with the client buffer

occupancies and the playback rates in a single client connection

during time intervals [1000,1020] in our approach.
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To better illustrate how the transmission rate is adjusted in
our approach, the transmission rate changes during time
intervals [1000, 1020] are presented in Figure 2. For example,
at the 1007" time interval, though the playback rate is low and
buffer occupancy is medium, the transmission rate is high. This
is because there is a peak playback requirement at 1014" time
interval. Considering there is a network delay, it takes a while
for the transmitted packets to arrive at the client buffer.
Similarly, as can be observed, the playback rate at 1008" time
interval is low but the transmission rate at that time interval is
high since the playback rate a 1015" is aso high.
Transmission rates at 1007 and 1008" time intervals should be
high enough so that the packets arriving at the client buffer at
1014" and 1015" time intervals can satisfy the payback
requirements in the next time interval. It means that the
transmission rate should be adjusted beforehand. From the
simulation result, it can be seen that our approach has the
capability of predicting the necessary packets at the buffer so
that the server can transmit beforehand enough packets to
provide for the future use.

3.2. Multiple Client Scenario
We investigate the multiple client scenarios to compare the

performance of our approach (approach A) with the other
approaches. Three different sopes of playback requirements



are used to simulate three levels of network congestion. That is,
(0.1x10° Bps ~ 0.3x10° Bps), (0.4x10° Bps ~ 0.6x10° Bps) and
(0.7x10° Bps ~ 0.9x10° Bps) are used to simulate the less,
medium and severe congested network scenarios.

For the comparison, in the rate by playback requirement
approach (approach B), when the total bandwidth requirement
of the m clients is larger than the bandwidth at the server, we
adjust the rates and distribute the bandwidth fairly to the clients
according to the playback requirements. In the fixed rate
approach (approach C), the fixed rate is obtained by equally
alocating the bandwidth to al of the clients. The maximal
number of clients that can be supported by our approach and
the rate by playback requirement approach under the same
bandwidth constraint is shown in Table 1.

Table 1. Maximal numbers of clients supported.

Less Medium Severe
Congested | Congested | Congested
Approach A 250 100 62
Approach B 183 87 57

As can be seen from Table 1, for the less congested
network scenario, the maximal numbers of clients that can be
supported are 250 and 183 in our approach (approach A) and
the rate by playback requirement approach (approach B),
respectively. Similarly, the maxima numbers are 100 and 87
for the medium congested scenario, and 62 and 57 for the
severe congested network scenario. Hence, our approach can
support more clients than the rate by playback requirement
approach.
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Figure 3. Client buffer occupancies of three approaches under

the less congested network condition with 184 clients.

In Figure 3, the overflow/underflow situations for the three
approaches with 184 clients in the less congested network
scenario are presented. When the number of clients is 183,
there are no underflow and overflow in the buffers in approach
A, but there are overflows in approach B and the buffer
occupancy tends to decrease. In Figure 3, when there are 184
clients requesting services from the server, under the
bandwidth limitation, the buffer occupancy in approach B is
decreasing to below zero (i.e., underflow occurs). Hence, the
maxima number of clients the server can sipport is 183 in
approach B. It is also obvious to observe that approach C
behaves badly from this figure. Moreover, the client buffer
occupancies in approach A are normally more than those in

approach B, which means that our approach can better utilize
the buffer capacity than approach B.

4. CONCLUSIONS

In this paper, an optimal delay awareness bandwidth allocation
scheme that achieves the maximal utilization of client buffer
and the minimal allocation of bandwidth is presented. In our
approach, the transmission rate for each client is determined
dynamically based on the playback requirement, buffer
occupancy, and changing network delays. We studied both the
single client and multiple client scenarios to illustrate how our
approach performs. Simulations were run under different
network congestion levels to show the efficiency of our
approach in admitting more clients in multiple client scenarios.
The optimized transmission rate can be adjusted to satisfy the
constraint of the network bandwidth and to avoid overflows
and underflows. Comparisons are made with the fixed rate
approach and the rate by playback requirement approach. From
the simulation results, it can be easily seen that overflows and
underflows occur frequently in the fixed rate approach and they
are unrecoverable. In addition, our approach is efficient in
supporting QoS to more clients under the constraint of the
bandwidth limitation in comparison with the other two
approaches. In other words, our approach is more robust in
avoiding overflows and underflows, and adapting to the
changing network delays.
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