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Abstract

AAL2 has been adopted for bandwidth-efficient trans-
misstion of low bit rate traffic over ATM networks in ITU-
T and ATM Forum. Since ATM/AAL2 is expected to be
used as a switching technology in third-generation mobile
access networks and mobile data traffic is expected to in-
crease rapidly in near future, there must be a need for ef-
ficient scheduling scheme satisfying the QoS requirement
of low bit rate voice as well as the one of high bit rate
data. In this paper, we propose a new class-scheduling
scheme to improve data packet loss probability, while QoS
of voice traffic is guaranteed, when data traffic is mul-
tiplezed together with mobile voice traffic into a single
ATM VCC. The proposed scheme can efficiently support
data traffic by assigning e time threshold value to voice
traffic. Through simulation study, we show that the pro-
posed scheme does not only achieve better efficiency for
providing both mobile voice and data services than HOL
class-scheduling scheme and normal FIFO scheme, but
also guarantees mean voice packet delay under a certain

criteria.

I. INTRODUCTION

Asynchronous Transfer Mode (ATM) based on fast
packet switching principle with a fixed size 53-octet is
a key technology in the construction of a high speed
multi-media backbone network. ATM supports vari-
ous kinds of applications with diversified quality ser-
vice requirements including voice and video confer-
encing. Since ATM has been adopted as the standard
for the future high-speed network, the interconnec-
tion between wireless systems and wired ATM net-
works has become an important issue.

For providing multimedia services through inter-
connection of wireless/wired networks, we have to
consider a requirement for a fast and efficient trans-
port of cellular voice and data between the base sta-
tion (BS) and the mobile switching center (MSC).

One possible solution that has been proposed is to
use ATM links between BS and MSC. For the typ-
ical wireless applications, the data rate is relatively
low and the packet size is much smaller than those
of the normal applications of the wired networks. If
this small sized packet is carried by one ATM cell
which can transport 48 bytes of payload, significant
amount of link bandwidth would be wasted and the
multiplexing delay to make one ATM cell would be
increased.

Since the existing AALs such as AAL-1, AAL-3/4
and AAL-5 provide neither bandwidth efliciency nor
low multiplexing delay characteristic, AAL type-2 for
low bit rate traffic transmission over ATM has been
developed to be standardized at the ITU-T. AAL2
allows variable sized packets from multiple channels
to be multiplexed into an ATM VCC thus improving
the network bandwidth utilization and reducing the
multiplexing delay [1].

Mobile telephony is the dominant application in
the wireless networks today and is expected to re-
main so for many years. At the same time, wireless
data is expected to increase rapidly due to the suc-
cess of Internet and recent advances in wireless tech-
nology. In order to meet the expected demand for
the number of mobile users, as well as Internet ap-
plications in wireless networks, the third generation
wireless networks standards are being developed by
various telecommunicaton providers [2].

ATM/AAL2 is expected to be applied as a switch-
ing technology in the third-generation wireless ac-
cess networks {3]. When both mobile voice and data
are multiplexed into a single ATM VCC, an efficient
scheduling method is required to provide QoS related
to each traffic characteristic at AAL2 level. Gener-
ally, for QoS of voice and data service, voice is sensi-
tive to delay time and data to loss. Therefore, voice
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Fig. 1. AAL2 Cell Packing.

has higher priority than data traffic in viewpoint of
their waiting times in scheduler.

In this paper, we propose a new class-scheduling
scheme to improve mobile data packet loss probabil-
ity and also to guarantee mobile voice packet delay
under a certain criteria using a time threshold value
when both mobile voice traffic and data traffic are
multiplexed into a single ATM VCC.

The rest of this paper is organized as follows.
The concept of AAL2 is described in section II. The
section IIl describes the proposed class-scheduling
scheme. In section IV, we evaluate simulation re-
sults of the proposed scheme compared with those of
normal FIFO scheme and the HOL class-scheduling
scheme [4]. Finally we conclude this work in section
V.

II. THE CONCEPT OF AAL2

In AAL2 voice or data traffic are generated into
a short packet, and these short packets(CPS pack-
ets) are accumulated into a standard ATM cell. The
CPS-Packet header consists of a Channel Identifier
(CID), Length Indicator (LI), User-to-User indica-
tion (UUI), and Header Error Control (HEC). The
length indicator (LI) represents the voice or data
length, which can be set to arbitrary values smaller
than 45 or 64.

AAL2 can distinguish different channels using an
8-bit field assigned to CID, which is available to 255
users. In order to maximize the packing density,
AAL2 has a multiplexing function that divides the
last packet of cells into two appropriate parts. To
avoid the problem of incorrect selection of cells dur-
ing reception, AAL2 has an offset field (OSF) with
the 1-byte start field on the head of each cell payload
to indicate the next packet’s starting point. Finally,
packets divided into two are combined correctly by
comparing the OSF with the difference between the
LI and the length of the first part. In addition to
that, the STF has a sequence number (SN) to detect
cell loss and a parity field for detecting bit errors in
the STF [1].

Consequently, the basic idea of AAL2 is to mul-

Mobile data }]:D/
packets

Buffer for voice
Mobile voice When CPS-PDU buffer is
packets }:D]\ full or Timer_CU cxpires

m Layer

CPS-PDU Bulfer

Buffer for data

Fig. 2. The Structure of the Proposed Scheduling

Scheme.

tiplex voice or data packets from different channels
into one ATM VCC by using the above functions so
that the time to fill a cell can be reduced significantly.
Figure 1 illustrates a scenario of voice or data packets
from three channels being packed into cells [6].

III. THE PROPOSED SCHEME
DESCRIPTION

When the network operator wishes to minimize the
bandwidth of the leased ATM VCCs, all AAL2 traffic
such as mobile voice and data must be multiplexed
into an ATM VCC. Once the AAL2 traffic is multi-
plexed into an ATM VCC, the ATM layer is unable
to differentiate a certain AAL?2 service class from the
others. Therefore, it is very important to differenti-
ate service classes at AAL2 level so that each mobile
traffic characteristic and required QoS can easily be
mapped to the AAL2 level.

The proposed scheme has two service classes at
the AAL2 level as shown in Figure 2, in which one
is for mobile voice traffic and the other is for mo-
bile data traffic. Using a time threshold value for the
class of mobile voice traffic, the proposed scheme can
provide service efficiently guaranteeing the delay per-
formance of voice traffic under a proper criteria and
the loss performance of data traffic. For describing
the proposed class-scheduling scheme, we select the
AAL type 2 system parameters as shown below.

e Timer_CU value is 20msec.

e Maximum length of a CPS-SDU is 45 octets.

In the proposed class-scheduling scheme, voice
packets and data packets are stored in voice buffer
and data buffer, respectively. The voice buffer mem-
orizes the time of inserting into buffer every voice
packet from different channels, and manages the
timer representing how long each voice packet is
waited at the buffer. If that time value of a voice
packet is larger than the time threshold value TH at
a certain time slot, then that voice packet is trans-
mitted into CPS-PDU buffer. And if that time value
of a voice packet is not over, then data packet is in-
stead transmitted into CPS-PDU buffer. When no
voice packet in the voice buffer, the scheduler trans-
mits the data packet of the buffer into CPS-PDU



Transmission rate | Packet size | Probability
8Kbps 22octets 0.291095
4Kbps 10octets 0.03882
2Kbps Soctets 0.072328
800bps 20ctets 0.597757
Table I. Voice Packet Size Distribution with 8Kbps
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Fig. 3. Packet loss probability.

buffer, and vice versa. The scheduler repeats the
procedure every time slot until CPS-PDU buffer is
filled or Timer_CU value is expired.

For the proposed scheme, the selection of the time
threshold value TH is important. The time threshold
value TH is determined considering the upper bound
of queuing delay requirement for mobile voice ser-
vice. For example, when the queuing delay time of
mobile voice packet in AAL2 system is necessary to
be bounded to 10msec, the time threshold value TH
should also become 10msec to improve at best QoS of
mobile data service, while guaranteeing QoS of mo-
bile voice service. In AAL2 system transmission de-
lay consists of queuing delay and multiplexing delay.
Since the time threshold value TH means guarantee-
ing queuing delay of voice traffic at a certain criteria
less than it, the proper selection of the time thresh-
old value TH can provide efficient services for both
voice and data traffic satisfying each QoS require-
ment. The effect of the time threshold value TH was
simulated and its results will be shown in Section IV.

IV. PERFORMANCE EVALUATION
In this section, we evaluate the performance of the
proposed class-scheduling scheme in terms of packet
loss probability and mean packet delay through com-
puter simulation, and compare it with HOL class-
scheduling scheme and normal FIFO scheme.
In the case of HOL class-scheduling scheme, we

250

—@-— VOICE in proposed scherme(TH=4 4msec)
- - DATA in proposed schema{THad.4msec)

— - VOICE in HOL scheme JREST 2R )
200 | —~ DATA inHOL scheme V"‘v- .

—_ - VOICE in normal FIFO schema

8 ~0F DATA in normal FIFO scheme /

@ j 4

E 150 f )

o> - N

I ; : el

3 / o

v 100 ; -

] : -

% !/ o——o=—0—u

Q /v -

§ 50 g -

= / o

0.4 0.5 0.6 0.7 0.8 0.9 1.0
Total offered load

Fig. 4. Mean packet delay.
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Fig. 5. The comparison of data packet loss probability
of proposed scheme with different threshold values and
the ones of the other two schemes.

consider that voice traffic always has higher priority
than data traffic.

A. Simulation Model.

We consider a Base Station where the link between
the BS and MSC is T1 (1.544Mbps). Figure 2 shows
the process that voice packets and data packets from
multiple mobiles are arrived in each buffer, scheduled
for guaranteeing each QoS at the AALZ2 level, packed
into CPS-PDUs which are sent to ATM layer. The
above procedure is simulated to study the perfor-
mance of the proposed class-scheduling scheme.

In this simulation, the mobile voice traffic source
is assumed as the CDMA system equipped with an
8Kbps vocoder that changes its transmission rate
among 4 different levels based on input traffic’s en-
ergy including silence period, as investigated in [5].
Accordingly, it periodically generates variable sized
packets every 20msec and the packet size distribution
used for this simulation is shown in Table 1. For the
mobile data traffic source, we use ON-OFF source
model where the duration of ON and OFF periods
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is exponentially distributed with mean 137msec and
411msec, respectively. Since the data rate of the mo-
bile data user is assumed to be 64kbps, it generates
160byte packet every 20msec during the ON state
and keeps silence during the OFF period. We simu-
late three schemes as increasing the number of mobile
data users from 5 to 50, when the number of mobile
voice users is 200 (the offered load from the mobile
voice users is 200*3.1k/1544k=0.40). The sizes of
voice buffer and data buffer are, as an example, 300
and 12000 bytes, respectively.

B. Simulation Results.

Figure 3 shows simulation results of packet loss
probability for three schemes. In this figure, we can
find out that the proposed scheme gives better per-
formance than the other two schemes for data packet
loss probability, though the loss probability of voice
packet rather high. Note that voice traffic is insensi-
tive to QoS of the loss probability. Since voice traf-
fic is not multiplexed into the CPS-PDU buffer be-
fore the time threshold TH except for the case that
only voice buffer has packets, the proposed scheme
can efficiently serve data traffic. We can observe the
fact that HOL class-scheduling scheme can guaran-
tee only voice service. This fact results in bad per-
formance for the data. For normal FIFO scheme, the
loss probability of data packet is too larger than that
of voice packet. Therefore, normal FIFO scheme is
not appropriate scheme for multiplexing both voice
and data traffics into a single ATM VCC.

Figure 4 shows simulation results of mean packet
delay for three schemes. Transmission delay of AAL2
system consists of queuing delay and multiplexing de-
lay. In that figure, HOL class-scheduling scheme has
the best performance. However, we can find out that
mean voice delay of the proposed scheme is main-
tained under a certain criteria. For the proposed
scheme, mobile voice packets are multiplexed into a
cell under the time threshold value TH and transmit-
ted into ATM layer. Thus queuing delay of mobile
voice traffic in AAL2 system can be guaranteed at
a certain criteria less than the time threshold value
TH in our scheme.

We can understand the effect of the time threshold
value on data packet loss probability from the result
of Figure 5. As the threshold value increases, data
packet loss probability decreases. Although increase
of the time threshold value TH means decrease of
data packet loss probability, the time threshold value
TH should be determined in the range of guarantee-
ing the queuing delay of voice traffic in AAL2 system.
To improve at best QoS of mobile data service guar-

anteeing QoS of mobile voice service, the time thresh-
old value TH can be determined as the upper bound
of delay requirement for mobile voice service as men-
tioned in section III. Therefore, the selection of the
accurate upper bound of queuing delay requirement
for mobile voice service is remained to determine the
time threshold value TH as a further study.

V. CONCLUSIONS

In this paper, we proposed a scheduling scheme to
provide AAL2 service efficiently when mobile voice
traffic and mobile data traffic are multiplexed into
a single ATM VCC. The proposed class-scheduling
scheme has adopted the time threshold value for mo-
bile voice traffic, which could contribute to serve
mobile data traffic efficiently guaranteeing mobile
voice traffic’s QoS. From simulation results, we could
find out that the proposed class-scheduling scheme
can provide the better performance in terms of
data packet loss probability than both HOL class-
scheduling scheme and normal FIFO scheme. Also,
we verified through simulation that the proposed
class-scheduling scheme could maintain mean voice
packet delay under a certain criteria. Therefore,
we can conclude that the proposed class-scheduling
scheme can simultaneously satisfy each QoS of mo-
bile data traffic and mobile voice traffic at the AAL2
level.
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