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An Adaptive Slot Allocation (ASA) scheme for controlling the queueing delay of
packet delivery in a TDMA base station is presented in this paper. ASA utilizes the
multi-queue architecture in a base station to support differentiated services for mobile
hosts. The services required by each host are divided into quality-guaranteed type and
best-effort type, which are served by separate queues. Another mechanism to realize ser-
vice differentiation is the scaling factors used to differentially affect the determination of
the outgoing rate for each queue in ASA. Also, the queue status is used as another pa-
rameter to determine the outgoing rate so that the adaptation of ASA can be achieved.
Based on the alocated data rate and real channel quality, ASA further alocates time
slots among the mobile hosts to control their packet delay. Such an adaptive slot alloca-
tion scheme can track the variation of input traffic and channel capacity adequately but
still controls the queueing delay of target packets.

In this analysis, we illustrate how the proposed ASA controls the queue dynamics.
Then we investigate the relationship between queue dynamics and queueing delay. As a
result, we can conclude that the queueing delay of services for each host is effectively
controlled by the parameters of the ASA queuing model. Moreover, the controllability of
the service queues relieves the task of buffer management in a base station. A simulation
of real streaming traffic traveling across hops is made to evauate the queue dynamics
and delay performance of ASA. The simulation results confirm the expected properties,
even under heavy traffic variation.

Keywords: wireless TDMA base station, delay controllability, quality-of-service, adap-
tive slot allocation, queue dynamics

1. INTRODUCTION

Nowadays, development of quality-guaranteed services over the Internet has at-
tracted much research interest. The objective of Quality-of-Service (QoS) technology is
to offer network services with different service level agreements (SLAS) through a dif-
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ferentiated service mechanism. The service level agreement results from the negotiation
between user and network, in which the quality guarantees include packet delay, packet
loss and packet jitter. According to the negotiated SLA, the routers on the delivery path
alocate network resources such as bandwidth, time slots and packet buffer to accomplish
the guarantee of network quality.

The QoS problem becomes important when multimedia services are involved. Mul-
timedia data transmission has some significant features including in-time delivery, higher
tolerance to packet loss, more restricted buffer management and low tolerance to packet
jitter. These phenomena of multimedia traffic demand a sophisticated QoS mechanism to
ensure the availability of resources of various service classes.

The popularity of wireless communication adds new complexity to the QoS problem,
where the frequent variation of a wireless link results in the inefficiency of bandwidth
control. Two factors cause the variation of wireless links: radio characteristics and user
mobility. The channels of awireless network operate at the Super High Frequency (SHF).
Because of the properties of line-of-sight in SHF, channel fading, multipath effect and
radio interference [1-3], the channel characteristics depend on the locations of the mobile
host and base station, as well as their distance. The change of location caused by host
mobility causes further variation of the channel characteristics. Moreover, the link condi-
tions of mobile hosts to a base station are not only time varying but also different from
each other. Therefore, to support quality-guaranteed wireless multimedia services, we
need a more efficient scheduling mechanism of the base station to allocate resources so
that the QoS requirements promised to mobile hosts are accomplished as well as possi-
ble.

The third-generation code-division multiple access (CDMA) high data rate (HDR)
system is the most promising technology for wide-area wireless multimedia networks. In
this kind of system, the mobile hosts in the same cell share the same CDMA channel to
connect the base station. The downlink from the base station to the hosts adopts time
divison multiple access (TDMA), where time is divided into fixed-size time dots to
serve the hosts in a cell. The base station allocates the time slots for the served mobile
hosts to meet their QoS requirements. Andrews et al. [4, 5] proposed a through-
put-optimized scheduling approach for a shared wireless link with variable channel con-
ditions. Mirhakkak et al. [6] suggested an approach using dynamic adaptation of QoS
levels in which applications can specify their QoS needs as ranges rather than the scalar
values and tolerate transient periods of degraded service in a wireless network. In con-
trolling resource utilization, queue dynamics is often used to compare with the defined
threshold so that the targeted traffic conditions are aware. Hahne and Choudhury [7] es-
tablished a threshold mechanism with multiple loss priorities to solve the mem-
ory-sharing problem in packet switching. The works presented in [8, 9] use athreshold to
detect queue state and to allocate the bandwidth of various service classes. Choosing the
best threshold value is difficult. Although the concept of dynamic thresholds [7-9] has
been introduced, the calculation of thresholds is time-consuming and complicated. In this
paper, we focus on the development of an efficient approach for TDMA data scheduling.
Instead of using a threshold, we adopt the queue occupancy as the state variable to adapt
the bandwidth and slot allocation in the downlink from the base station. The queue status
in the base station is used as a feedback to determine the required data rate of mobile
hosts so that their queueing delay is under control.
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Some frameworks [4, 10-15] have been proposed to realize the QoS objective on
wired and wireless networks. In these frameworks, prioritization is the fundamental issue
to construct a QoS mechanism and to offer the functionality of service differentiation.
Most frames follow the process of classification, queuing and scheduling to realize the
prioritization. All received packets are classified according to some pre-defined criteria
such as packet source/destination, packet type and data type. A set of packet buffers,
called service class queues, keeps the classified packets until the packet scheduler sends
them out. Therefore, the architecture of multiple queues becomes one of the fundamen-
tals of differentiated networks for handling incoming packets with their desired service
quality. However, this architecture raises the issue of how to allocate each queue with an
adequate bandwidth, that is, how to determine the delivery order and bandwidth sharing
such that the queueing delay and loss of each class queue are guaranteed. The investiga-
tion presented in this paper also adopts a multi-queue architecture as the queuing mecha-
nism for multimedia servicesin a TDMA base station, and then devel ops a packet sched-
uler with delay-controllable slot allocation capability.

The remainder of this paper is organized as follows. Section 2 describes the opera-
tional model of the proposed delay-controllable slot alocation scheme. Section 3 ana-
lyzes the properties of the proposed model and the effects of the operational parameters.
Section 4 illustrates and analyzes the simulation results for real multimedia traffic. Fi-
nally, the conclusion is given in section 5.

2. MODEL OF PACKET DELAY-CONTROLLABLE SLOT
ALLOCATION SCHEME

Delay control is the major target of this investigation. End-to-End (E2E) packet de-
lay is defined as the time taken by a packet traveling from the source host to the destina-
tion host, and is usually composed of propagation delay, processing delay and queuing
delay. Propagation delay is caused by the propagation of packet signals over transmission
media. Processing delay is the time spent by networking devices (e.g., routers), to deter-
mine how to forward packet, for example, packet routing and packet filtering. Queuing
delay is the waiting time of packets stored in networking devices before being transmit-
ted.

Propagation delay of a packet depends on transmission media and packet length. For
example, the propagation delay of packets carried on an optical link is usually faster than
on electrical link. Processing delay of packet depends on the computation power of net-
working devices and the applied protocol stack. Low efficiency of interpreting the pro-
tocol header in a router degrades the processing speed. The length and hop count of
delivery path are two other factors affecting propagation and processing delays. But, for
a specific delivery route, the propagation and processing delays of each packet are almost
invariant. Only the queuing delay heavily depends on the traffic conditions of the travel-
ing route.

In the past, Best-Effort (BE) service isthe major kind of Internet services, where all
packets in arouter compete for being delivered in a First-In-First-Out (FIFO) manner. As
a result, the queuing delay is not controllable and thus varies. This scheme leads to no
guarantee or control on the delivery quality, particularly when a link congestion occurs.
Therefore, we need to improve the controllability of queuing delay of packets to help
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control of the E2E delay. In this section, we present an adaptive slot allocation (ASA)
scheme to well control the queuing delay of packets forwarded by a TDMA wireless base
station so that the QoS requirement is satisfied. In a wireless base station, slot allocation
becomes complicated because of the varying channel capacity. How to allocate time slot
among the mobile hosts with different and time-variant channel capacity is the focus of
our investigation.

2.1 QueueArchitecture of ASA Scheme

Basically, the proposed ASA scheme adopts a two-class queuing mechanism in the
base station for each mobile host, where the two queues are denoted as the Guaran-
teed-Service (GS) class and Best-Effort (BE) class. During delivery, the GS queue has
higher priority than the BE queue. Because each mobile host may have a different link
condition and QoS requirement, the base station constructs individual GS for each regis-
tered mobile host. However, al mobile hosts share the same BE queue. The BE class
queue will not be served until all GS queues have been served. In summary, ASA applies
amulticlass queuing architecture as shown in Fig. 1.
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Fig. 1. The multiclass queueing architecture utilized by the ASA scheme.

2.2 Operational Model of ASA Scheme

Since multiclass queuing is the basic component part of differentiated service for
realizing QoS-enabled networks, the slot alocation of each class queue directly impacts
the scheduling performance and the delivery quality in a base station. The packet sched-
uler serves al class queues in a round robin way. In each service round, a four-phase
procedure is performed to realize the ASA-based scheduling for the GS queues:
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Phase | : Allocate the data rate of each GS queue Q at the k™ round according to

k
= A M

where rik, w, qik and T are the allocated data rate, scaling factor and queue length of Q;
at the k™ round and service round time, respectively.

Phase I1: Calculate the required number of time slots of each GS queue Q; for the allo-
cated data rate by considering the link capacity:

k-
fi T . Kk
-— ifC">0
nik =4 ckt ! (2

|
0 otherwise

wherenX, Ckand t are the required number of time slots of Qj, the link capacity between
the mobile host corresponding to Q; and base station, as well as the period of time slots,
m

respectively. If Zn“ < N, where N denotes the total number of available time slots (=
i=1
T/t), go to Phase IV directly. Otherwise, go to next phase.

Phase I11: Reallocate the time slots to each GS queue as follows:

/* N : total number of time dots
/* Nunused . the number of unused time slots
/* n; : the number of time slots required by Q;
/* i : the number of time slot actually allocated for Q;
/* m: number of GS queues
sort {n} inanincreasing order
reset variablen;
Nunused = N
for(j=1;j<=m;j++)
{ if Ngua > (M+j—=D*Min({{n;,j<i<m})

n=n+Min{n,j<i<m) forj<i<m
Nunusd = Nunusa — (M +j = 1)*Min({n;, j <i<m})

else

A A + Nunused
(m-j+1)
Nunused = 0
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Phase I1V: Deliver the packets in GS queues according to the result of time slot aloca
tionin Phase Il or Phaselll.

In the procedure described above, the ASA approach uses queue dynamics and a set
of scaling factors to control the delivery rate of each queue. The scaling factor is adopted
to reflect the service level agreement. For example, a larger scaling factor will be speci-
fied when better delay performance is required. Then, the number of required time slots
is obtained from the factors of alocated data rate, service round time, slot time period
and channel capacity. If the number of available time slots is less than the total allocated
time slots, the time slots are reallocated to meet two objectives. guarantee of minimum
bandwidth and fair bandwidth sharing. Thus, in Phase 11, the accumulated time slots of
al queues grow together from zero at the same pace. The procedure progressively fills
the time slot requirements of queues and is terminated when the unused dlots are ex-
hausted. This filling procedure obviously offers fair slot alocation for al queues and
ensures the queues allocated with a minimum number of time slots are optimal.

In ASA, the scaling factor @ € (O, 1] associated with each queue is a user-supplied
operational parameter to control the queue dynamics. If @ isequa to zero, the associated
queue is prohibited from delivering data. On the contrary, the queue with @ = 1 will be
served with a full delivery of datain each service round. Between the two extremes, ac-
cording to Eq. (1), the delivered byte volume in a service round is proportiona to the
occupancy of each queue. The queue occupancy is related to the waiting time spent by
the packets in a queue. Thus, for any queue, if the occupancy is regulated through the
adaptation of bandwidth allocation, the queueing delay of each queue would be well con-
trolled. The detailed analysis of the relationship among queue occupancy, bandwidth
alocation and queueing delay will beillustrated in the following sections. It is noted that
an empty queue shares no bandwidth or time slot. ASA suspends the bandwidth alloca-
tion for an inactive connection, so that the utilization of bandwidth is greatly improved in
comparison with schedulers using constant bandwidth reservation.

3. THEORETICAL ANALYSISOF ASA SCHEME

To perform qualitative and quantitative analyses, we assume that ASA is applied to
the TDMA base station under the following conditions:

1. The channel capacity of connecting each mobile host is available to the base station in
each round.

2. During a service round, the channel capacity remains constant.

3. The computation time needed for slot allocation isignored.

4. The overhead time taken in service switching between GS queues (that is, mobile
hosts) isignored.

5. The packets in a queue will not be lost except for the failure of the channel to mobile
hogt; in this case, the queue is removed.

6. The admission control is applied before establishing a connection to ensure the suffi-
ciency of network resources at the base station.
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Based on the assumptions mentioned above, we first analyze the queue dynamics
and convergence of ASA under normal conditions, in which the time slots of each ser-
vice round are sufficient to support the required time dots of al queues in the TDMA
base station. In normal operation of ASA, we will show that the queue occupancy is ex-
plicitly formulated as a function of the scaling factor, service round time and input traffic
rate. Second, the convergence of bandwidth allocation of ASA is analyzed. Both random
traffic and constant traffic are of concern. Finaly, the controllability of queueing delay in
ASA is proven. When the queue is at the steady state, the scaling factor and service
round time concisely control the delay of each packet in the cases of constant input traf-
fic or dlightly varying traffic. Even when the input traffic is regarded as random, the av-
erage delay of packets is guaranteed by statistics. In summary, the mean of the queueing
delay isindependent of the queue occupancy when the queue is at the steady state.

3.1 Queue Dynamics and Conver gence of ASA

Based on the fluid model [16], the queue dynamics of ASA ismodeled as

gt =g + (A - T ©)
where ﬂik is the data arrival rate of Q, at the end of the k™ service round. Let us start the

performance analysis from the queue state. The convergence property of ASA is stated as
follows:

Theorem 1 InASA, for agiven service round time T, scaling factor @ and input rate 4;,
the state of each queue Q; is obtained by

k
d =) @-@)™ T @)
m=1
Proof: Applying ASA bandwidth allocation formula of Egs. (1) to (3), we have

k
a} |
gt =g+ (A - T ©)
Z-transforming Eq. (5) yields

AT

(z-1+w)

G(2 = (6)

where ¢i(2) and 4(2) are the z-transforms of qik and /li", respectively. To obtain the time
sequence of qik , we apply the inverse z-transform on Eq. (6) and

A@T

k _ —>-1r~ _7-1
4 =2"1g(29]1=2 [(z—1+w,)

] ()

Expanding the division of Eq. (7), we get
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4 =TAT+ML-a)TA?+1-0) T+ . +(1-a) TR

k
:Z(l_a)l )m—l-l-ﬂik—m

m=1

(8)
Q

Eq. (4) illustrates the dynamics of queue Q, in ASA, which is related to the input
rate, service round time and its scaling factor. TA*"™is the number of bytes received at
the (k — m)" round. Therefore, the queue state of g¥is regarded as the weighted average
of the input traffic rate at all past rounds. The term (1 — @)™ converges to zero for any
o € (0, 1]. Moreover, the convergence of ¢ depends on the value of ; the queue state
depends on shorter traffic history when @ is closeto 1. On the other hand, as @ decreases
to near zero, the queue state depends on alonger range of traffic history.

Next, we discuss the convergence of the queue state in ASA, for which a queue
reaches and stays within a specific zone around the final state. Such a zone is specified
by a percentage value of the final state to indicate the tolerance of a steady state.

Corollary 1 In ASA, if the input rate of queue Q;isconstant, then it will maintain a
steady state whose valueis given by

s AT

G
o

9)

Proof: According to Eq. (4), when a queue Q; has a constant input rate, 1=, the queue
state can be written as

G =TASU+1-0)+(1-@)’+ .. +{1-@))
_TA%A-(1-@)")

1-(1-m) (10
CTAS(A-(1-@) )
- W

Moreover, since @ € (0, 1], theterm (1 — (1 — @)*) approaches 1 as k increases with time.
Consequently, we have g = g =TA% /@ when g; exponentially approaches the steady
state. That is, the queue Q; reaches a steady state whose value is determined by the input
rate, service round time and scaling factor. When Q, has the scaling factor @ = 1, its
queue state reaches a steady state of Tﬂik in a service round. a

From Corollary 1, it is obvious that ASA has some advantages in buffer manage-
ment since we just need to control two coefficients. If the input traffic is generalized to a
random process with varying rate, ASA also exhibits good statistical properties.

Corollary 2 In ASA, if the input rate 4, is a random process with a distribution func-
tion P, and its mean is finite, then the average queue state of Q; with @ = 1 is equal
toE[A]T , otherwise the average queue state of Q; approximatestoE[4, ]T/a, -
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Proof: From the generic dynamics model of class queues given by Eq. (4), to derive the
mean of the queue state Q;, we apply the mean operation to both sides of Eq. (4) to yield

k
Elg]=Elq]=E> (1-a)™ T4 (12)

m=1

In Eqg. (11), except for the input rate, both the service round time and scaling factor are
constants. Thus, if the mean input rate isfinite, we finally have the approximation:

k
Elg] =E[Y (1-o)™ T4

m=1

k
=EA)TY (1-a)™ (12)

m=1

—egyrita)

Obviously, when the scaling factor is equal to one, the queue state arrives exactly at
E[A]T, regardiess of the service round index, k. Otherwise, the queue state of Q; expo-
nentially approaches the steady state, E[4]T/w@,, given by Eq. (12). a

Therefore, in the case of random traffic, ASA still offers a guarantee of queue dy-
namics controlled by the service round time and the scaling factor. In other words, ASA
make buffer management easy. In Theorem 1 and associated corollaries, the queue dy-
namics and steady states in various conditions are specified. In the following, we analyze
the convergence time from initial queue state to the steady state. When the traffic rateisa
random process, because of the traffic locality, the traffic can be approximated as lots of
segments of piece-wise constant traffic. Usually, the duration of each segment is larger
than the service round time of ASA. If the input rate is a piece-wise constant, /1:2 in the
short interval (to, to+ 7), combining Egs. (1) and (4), we have

ik = (- (1-@)) A for all ke[ﬁ—ﬂ,r;ﬂ] 13)

By the alocation of outgoing data rate according to Eq. (13), the queue Q; converges
exponentialy to the steady state in the duration z. According to Eq. (10), the conver-
gence of Q, to steady state is determined by @ and T. Table 1 shows the required time of
ASA converging to the steady state under different a. For the cases of @ = 0.5, the

Table 1. Convergence time of ASA for different scaling factorsand state tolerances.

Converge to steady state| ®=0.01| w=0.1 | =02 | w=05 w=1
Within 1% 418T 41T 20T 8T 1T
Within 10% 225T 23T 127 6T 1T
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steady state within + 1% tolerance is reached within at most six service rounds. Thus, if
the service round time T is sufficiently smaller than the interval 7, the alocation of
rik according to Eq. (1) ensures that Q; enters the steady state.

3.2 Convergence of Bandwidth Allocation of ASA
The other significant feature of ASA is its capability of real-time bandwidth adapta-
tion to track the instantaneous variation in input rate. This property is illustrated by the

following theorem.

Theorem 2 In the case of random traffic, for any steady queue with nonzero scaling
factor in ASA, the allocated bandwidth r,* approximates the input rate 4= in its statistics.

Proof: Any steady queue in ASA has a queue state given by Eq. (13). Also, according to

Eqg. (1), the scheduler alocates bandwidth to each queue Q; in random traffic in the
amount of X =@ g*/T. Combining both equations, we have

F=a AT+ 1) AP+ 1-a) A%+ o +(1-@) )

k 14
=0, ) (1-a)™ A a9
m=1
Since 4 isarandom variable characterized by arandom process, we have
@q
Elr] = E[%]
_M1_ k
- Lo T gy (15)

T 1
=([1-(1-@))E[4]

Then, E[r."] is equal to E[A*] if the scaling factor is one. Otherwise, the average allocated
bandwidth converges exponentially to the average input rate. a

Although Theorem 2 states the property of ASA in random traffic, the case of con-
stant traffic has the same property. Because E[q] = g™ = 1%/ ¢, we get X ~ 4¥in the
case of constant traffic

3.3 Controllability of ASA Queuing Delay

Next, the latency of a packet waiting in a queue is also consider. In the case of con-
stant traffic, when the queue reaches the steady state, from Corollary 1, there are
TA® I @ packet bytes waiting to be served in front of each arrived packet. At that time,
the scheduler serves Q, with abandwidth = = 4% according to Eq. (15). As aresult, the
latency of a packet in the queueis T/ . This property is stated formally in the follow-
ing corollary.



CONTROL DELAY IN WIRELESS BASE STATION 855

Corollary 3 InASA, the queueing delay in aqueueis approximately T / o

Proof: By the Little's formula [17] in statistics, the average delay in queue, input rate
and queue occupancy of a FIFO queue are related by

Elq] = E[d]E[4] (16)

Substituting Eq. (12) into Eq. (16) gives

M1 k
Eld JE14] = BT =20 (17)
and so,
e = 4-0- @))T
o1 (18)
M otherwise
w

Clearly, the queueing delay caused by queuing is related to the service round time
and the scaling factor. In other words, ASA has the ability to guarantee the latency of
each incoming packet.

From the above discussion, it is clear that ASA has the ability to control queueing
delay if each GS queue can be served with its required rate rik. In order to achieve the
required rate of each queue, there should be a sufficient number of time slots in each
round for all mobile hosts. However, the variation in channel capacity makes slot alloca-
tion complicated and delay performance unpredictable. ASA will alocate time dots to
queues based on the principle of maximizing the satisfaction of all mobile hosts when the
total required slots are more than the available slots N in a service round. In this case,
some queues may be temporarily out of control. But, ASA is robust enough to quickly
come back to a well-controlled state, after the condition of time slot insufficiency is re-
lieved. The robustness of ASA will be verified in the next section. The condition of delay
controllability of ASA isgiven in the following corollary.

Corollary 4 InASA, the condition of delay controllability is given by

Zr_k (19)

=l

In a TDMA wireless network, slot alocation is determined by the required data rate
and channel capacity as shown in Egs. (1) and (2). Moreover, the total required sots
should be no more than the slots available in a service round, which is the sufficient con-
dition for ASA to control delay, that is,
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D> <N (20)

From Eq. (2), the total number of time slotsis given by

Ll
iZn 'izcikt (21)

Because T/t is equal to N and the sufficient condition is true when the required number of
dotsis not more than the total number of slotsin aservice round, we have

m
T

Z—k Q

=1
There are two cases leading to sot insufficiency, the traffic burst and the temporal
degradation of the radio channel. Both are counter to the condition of delay controllabil-
ity of Eq. (19) and lead to degradation of delivery quality. Since the degradation is un-
avoidable, ASA takes a strategy of maximizing the satisfaction of minimum slot re-
quirement of all queues to guarantee both a minimum slot alocation and fairness for GS

gueues.

3.4 Packet Loss Analysis of ASA

Packet loss is one of the typical QoS design issues. In a wireless network, there are
two conditions that cause packet |oss; one is the temporary failure of awireless link and
the other is queue overflow when the wireless link is too poor to deliver the incoming
packets. The former degrades the throughput of the wireless link and the later is the ma-
jor issue which we discuss in this subsection.

Consider a queue Q; with a buffer size, B;, the input traffic 4; and the serving data
rate r;, a packet loss occurs when the queue state g, exceeds B;. In this overflow condition,
the resulting packet loss rate R s, defined by the lost byte count per unit time, is given
by the difference between the input traffic rate and the serving data rate. We will inves-
tigate the critical condition of packet loss for both constant traffic and random traffic.
The relationship between packet loss and the other parameters, including input traffic
rate, scaling factor and service round time, is also derived clearly in the following corol-
laries.

Corollary 5 In ASA, if the input traffic of Q, is constant, then the condition of packet
loss and the packet loss rate are given by

j> 42 (22)
and
Loss = 4 —@ (23)

respectively.
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Proof: When the input traffic is at a constant rate, denoted by Acng, We have shown in
Corollary 1 that ASA drives the queue state, ¢, toward a steady state given by Eq. (9). If
the buffer size, B;, isinsufficient for the steady state, packet loss is certainly unavoidable.
Thus the condition of packet loss for a constant input traffic is given by

G =Z—T> B (24)

Equivalently, we have

o B
A > (25)

The allocated data rate of ¢ , according to Eq. (1), resulting from a saturated queue is
given by

=2 (26)
and the packet loss rate of a saturated queue is equal to the input traffic rate 4; minus the
serving datarate, ri. That is,

Loss =4 -,
) _wB -
T
For random traffic, we characterize the input traffic by arandom variable with a cer-

tain distribution and assume the statistics of this random variable are known. The packet
loss probability isinvestigated in Corollary 5.

Corollary 6 In ASA, if the input traffic rate /; is a random variable with known char-
acteristics, the packet loss probability is bounded and the stochastic bound is given by

E(A)T
B (27)

Proof: The probability of packet loss is defined as the probability of a packet received
when atarget queue is saturated. Considering Eq. (4), in ASA, the queue dynamic is cou-
pled with the input traffic and operational parameters. Because the operational parame-
ters are constant during operation, the queue dynamic is also regarded as a random vari-
able. When the target queue arrives at its steady state, we have the packet |oss probability

P(g 2B)<

P(g 2B) =P >B)
4 : (28)

w,

=P(4 2?)
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To derive the loss probability, consider the mean rate of input traffic given by
E(4)= [ 4p(4)d2
° o
= [, Ap)d+ [ Ap(4)d
2 [LAp(A)dAz [ 2°p(4)d2

(29)

=4[ P(A)dA=2°P(4 2 2°)

where p(/4;) is the probability density function of 4 and A° is an arbitrary non-negative
value. From Eg. (29), we have the relationship,

P(4 2% = —E/(lf; ) (30)

According to Eq. (30), and letting 2° = (Bia) / T,

w

Finally, the packet loss probability for the condition of random traffic is obtained. a

Consequently, in both constant and random traffic, a short service round time, a
large buffer and scaling factor can effectively reduce the packet |oss rate and probability.
The quantitative relationships shown in Egs. (22), (23) and (27) can help the design of
buffer management and QoS. For the conditions of constrained buffer and differentiated
QoS requirement, ASA demonstrates a flexible scheme for satisfying the various quality
needs.

4, PERFORMANCE EVALUATION AND CHANNEL MODELING
4.1 Modeling of Wireless Channel

The channel model used to evaluate the ASA performance is depicted in Fig. 2. The
J states indicate the variation of the target wireless channel. The transition of the channel
throughput is between states. The states denoted by the vector {S, fori =0, ... J— 1}
indicate the various channel throughputs, in which § has a higher throughput than S_;.
l.e. § isthe failure state of awireless link and S, ; is the state with the highest channel
throughput. There are three kinds of state transition models. When the wireless channel
remains steady, the state transition is regarded as a self-transition. When the channel fails,
the state will change to §. The third kind of transition occurring between § and S_;in-
dicates the transient characteristics of an active wireless channel. For example, in awire-
less IEEE 802.11 LAN, the throughput of an access point may be 1 Mbps, 2 Mbps, 5
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Fig. 2. J-state model of wireless channel.

Mbps or 11 Mbps. Therefore, we may use the state set { S, S1, S, S5, i} to model the
channel characteristics. In the proposed ASA, the state probability S and the transition
probability between S and § are defined as ¢ and p;;, respectively. Therefore we have the
probability vector of all states at the time instance k given by

o = kP (31)
where
O =[5 Mt gy (32)
i Po Pnp O O 0 0 ]
Po Pu P O 0 0
0 0 : 0
P P21 P : (33)

0 0 pp . Py3i2
5 3 Pi—2,3-2 Pi—23a
0 0 0 0 pygy2 Pyasa]

and
J-1
p; =1 fori=0,..J-1 (34
j=0

Then, the probability of the channel state at round k is given by

o = pOPX (35)
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The transition probability depends on the channel characteristics caused by signal
degradation, interference and distortion. For the case of rapid inter-sate transitions, the
self-transition probability is relatively small so that the channel condition changes and
the throughput often varies. In contrat, if p; is large enough, even approaching 1, then
the channel condition will remain constant. The adopted model is flexible so as to apply
to various wireless channels. In [18], Ji et al. used a simplified two-state model to char-
acterize the GSM wireless channel, where the state holding time is taken from mixtures
of several geometric distributions. Hereafter, the J-state model is applied to evaluate the
performance of ASA.

4.2 Performance Evaluation

In this subsection, we evaluate the performance of the proposed ASA by simulation.
The simulated network structure is depicted in Fig. 1. The simulated model is composed
of one base station and two mobile hosts in the wireless domain. The service round time
and slot time are 1 ms and 1 us, receptively. Thus, there are 1000 sots available in a ser-
vice round. The test traffic traveling from a wired network is forwarded to the mobile
hosts by the base station. To make the ssimulation closer to a real network scenario, we
measure the real traffic caused by a video service connection from an ISP across the
Internet as the test data. The simulated scenarios, including varying traffic and varying
channel capacity, are used to verify the performance of ASA. Certainly, the queue states
during the operation of ASA are of concern. The evaluation of queue dynamics demon-
strates the feasibility of simple buffer management to prevent queues from overflowing.
Each mobile host is assumed to have two kinds of received traffic, GS service and BE
service. In the following simulation, GS service is eval uated.

The first scenario of simulation assumes that ASA has sufficient time slots to satisfy
al mobile hosts and the channel capacity is a constant. We use this simulation to demon-
strate the effect of scaling factors. This scenario conforms to the condition of Eq. (19), in
which case, each GS queue is allocated with the required rate r; such that Eq. (4) holds.
Then, the states of GS queues are independent. The effects of scaling factor, including
the allocated rate, queue state and queueing delay of a GS queue, are illustrated in Fig. 3.
Fig. 3 (a) shows the tested input traffic used in simulation, which is a random traffic with
afixed mean. Four scaling factors, w = 0.01, 0.1, 0.5 and 1, are applied to verify the per-
formance of ASA. Theresult of rate adaptation of ASA isdemonstrated in Fig. 3 (b). The
alocated outgoing data rate exponentially tracks the input traffic, where the converging
speed gradually becomes faster as the corresponding scaling factor increases from 0.01 to
1. Moreover, the convergence tendency is basically independent of input traffic variation.
After the allocated traffic reaches the steady state, the allocated rate with higher scaling
factor even has the ability of tracking a slight variation of the input traffic. Therefore,
when the allocated time dlots sufficiently support the needs of al GS queues, the rates of
GS queues are dynamically and effectively adapted to their corresponding input traffic.
Queue dynamics governed by various scaling factors are also depicted in Fig. 3 (¢). Be-
cause of the tracking property of the ASA, the queue state stays nearly constant even
when the input traffic is randomly varying around a mean. Also, the steady state of each
GS queue is directly related to its associated scaling factor as given in Eq. (9). Also, the
queueing delay is well-controlled by the scaling factor, as shown in Fig. 3 (d).
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Fig. 3. Performance comparison of ASA in various scaling factor values.

Thus, if the mean and variance of traffic are available in the SLA before the connection
is established, ASA is useful to simplify queue management and reduce the possibility of
buffer overflow because of the resulting steady queue dynamics. By this simulation, we
can confirm that the scaling factor is the key parameter for deciding the convergence of
the tracking rate as shown in Eq. (15).

The performance of ASA in varying channel capacity is further evaluated in this
section, and the result is shown in Figs. 4 and 5. In this simulation, we use an ON-OFF
model to feature the dynamic channel quality, i.e., J=2. S and S, indicate ON and OFF
states, respectively. The state transition probability is given by

P:{p"f’ p‘”} (36)
Po Pu
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when the time slots of BS are sufficient, and { p1o, Po.} = {0.1, 0.9}.



CONTROL DELAY IN WIRELESS BASE STATION 863

subject to
Poo+ P =1 and pyo+py =1

We assume that each transition occurs at the beginning of atime slot and no transition is
alowed during the dot time. The holding times of the ON state and OFF state are two
independent random variables in one unit of time slot. They are characterized by two
independent geometric distributions. From Eq. (36), the average holding times of the ON
and OFF states are

R P
Tou = 00 To = 22 @37

Then, the effective capacity of thiswireless channel isas

— TONCON
where Coy is the throughput when the channel isin S, and Cg; is the effective channel
capacity. First, a simulation assuming that the effective channel capacity is sufficient to
deliver the corresponding input traffic was performed.

By using the above model of a wireless channel, we obtain the channel dynamics
shown in Fig. 4 (b) and use it for the simulation with the input traffic illustrated in Fig. 4
(8). Two scaling factors, @ = 1 and 0.5, are used to make comparisons of the resulting
dlot alocation, queue dynamics and queuing delay of packets. As shown in Fig. 4 (c),
ASA obviously adapts the slot alocation when the channel degrades. Figs. 4 (d) and 4 ()
show that the consequent queue dynamics and packet delay are kept steady, even with
the channel variation. It reveals the phenomenon of queue dynamics implied by Eq. (13).
Fig. 4 (e) aso confirms the delay controllability denoted by Eq. (19) in this simulation.

The last simulation scenario is to evaluate the real performance of ASA for the con-
dition of dlot insufficiency. Either the traffic burst or the tempora degradation of the ra-
dio channel causes this condition. Both make the total time slots of a service round insuf-
ficient to meet the net requirement of all hosts. When a slot insufficiency occurs, it is not
possible to support all GS queues by degrading service. This situation leads to the issue
of fair allocation of time slots. As stated in Phase 111 of the procedure, ASA will progres-
sively fill the slot requirements of al GS queues. As a result, each non-empty GS queue
is guaranteed to have a minimum slot allocation.

The simulation results of ASA working with slot insufficiency are shown in Fig. 5.
The input traffic rates of the simulated hosts have means of 600 Kbps and 300 Kbps as
depicted in Fig. 5 (). The scaling factors are assigned according to their QoS require-
ment, with @ = 1 and 0.1, respectively. The channel characteristics of the two mobile
hosts are the same as the previous case as depicted in Fig. 5 (b). The temporarily degrad-
ing channel triggers the insufficient condition in which ASA allocates dots to ensure
max-min fairness. Fig. 5 (d) depicts the effect of ASA controlling the queue dynamics
according to the assigned scaling factors. Even in the case of insufficient slots, ASA
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robustly adapts the slot allocation to keep the average queue occupancy steady as stated
in Corollary 2. The delay performance of the two hosts is shown in Fig. 5 (d). ASA has
the ability to adapt slot allocation so that the delay is controlled as quickly as possible.
Although, the channel and input traffic are varying, the average delay of two GS queues
is till controlled. In Fig. 5 (e), the required slot numbers and the allocated slot numbers
of two GS queues are shown to demonstrate the fair ot allocation.

The impact of radio links on the ASA performance is also of concern. We use the
input traffic shown in Fig. 4 (a) to simulate the ASA performance in varying channel
capacity. The variation of channel capacity is modeled as the transition probability set
{Poz, P10} - When the probability, pio, is high, the capacity is more subject to change from
the ON state to the OFF state, implying that p;; istoo small to make the channel capacity
stay ON. The same property is also derivable for py;. The simulation results are given in
Table 2. The various transition probabilities cause changes in the channel capacity. When
the effective capacity is less than the input traffic rate, obviously the queue occupancy is
out of control and packet delay increases, regardless of scaling factors. But, if the effec-
tive capacity is enough to transport the input traffic, ASA demonstrates the ability to
control the queue occupancy and the delay of packets, even if the channel capacity is
temporarily insufficient. In other words, ASA is robust in bringing the over-accumulated
queue back to its steady state when the channel capacity scarcity is alleviated.

Table 2. Average queue occupancy and delay performance in various radio channel

conditions.
P, | Po | Effective |Input Traffic|  Allocated Queue Del
Capacity Rate Data Rate Occupancy Y
d
EffCet A r q
: (us)
(Mbps) (Mbps) (Mbps) (bits)

01 | 01 0.42 06 w=09| 042 | w=09| 98 |w=09| 167
' ' ' ' ®w=01]| 042 | w=01| 98 |w=0.1| 167
w=09| 061 | w=09]| 69 |w=09| 15
0105 0.95 06 w=01] 06 |w=01]| 64 |w=01| 108
w=09| 061 | w=09| 08 |w=09| 13
0109 0.9 06 w=01] 061 | w=01]| 61 |w=01| 103
w=09| 044 | w=09| 198 |w=09| 334
05 ol 0.44 06 w=01]| 044 | w=01]| 198 |w=01| 334
w=09]| 052 | w=09| 11 |w=09| 187
05| 05 0.52 06 w=01] 052 |w=01| 11 |w=01| 188
w=09]| 059 | w=09|081l |w=09| 14
05| 09 1 06 w=01| 05 | w=01| 05 |w=0.1| 10.2
w=09]| 058 | w=09| 140 |w=09| 237
09 ) 0l 0-58 06 w=01] 058 | w=01] 140 |w=01| 237
w=09| 06 |w=09| 3 |w=09| 51
09| 05 0.96 06 w=01] 06 |w=01| 77 |o=01] 129
w=09| 06 |w=09| 09 |w=09| 14
09 09 0.9 06 w=01] 06 |w=01] 61 |w=01| 102
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5. CONCLUSION AND DISCUSSION

In this paper, we propose a new scheme of adaptive slot allocation, the ASA scheme,
to offer QoS-based differentiated services on datagram networks. According to the op-
erational model presented in this paper, ASA utilizes an adaptive time slot allocation
mechanism. The adaptation is realized by using the queue state as feedback to track the
variation of input traffic. A scaling factor is adopted in each GS queue to reflect the ser-
vice level agreement that the mobile host has. Therefore, ASA has the functions of input
traffic tracking and differentiated services. When the base station has sufficient slots to
meet all requirements of GS queues, the queueing delay and the queue occupancy are
well controlled by ASA. If time dlots are insufficient for all GS queues, ASA serves the
queues on the principle of maximizing the satisfaction of the minimum slot requirement
among all mobile hosts. In this condition, ASA also exhibits good robustness. In sum-
mary, ASA features the properties of delay/queue controllability, robustness and differ-
entiation.

The above-mentioned properties have been analyzed theoretically in this paper. The
relationships between the operational parameters and the QoS indices are derived. The
analyses show that the queue occupancy and queueing delay are effectively controlled by
the scaling factor and service round time.

Finally, we perform real case simulations with real video streaming traffic caused by
VoD service provided by an ISP to demonstrate the real performance of ASA in the con-
dition of highly varying traffic. The simulation shows that ASA rapidly and precisely
tracks the variation of the input traffic so that the results are well-controlled queue dy-
namic and strongly guaranteed packet delay. The well-controlled queue dynamics further
eases the buffer management and reduces the possibility of packet loss.
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