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Abstract-These Driven by the idea of integrating all services, 

such as voice, data, video, and multimedia into the wireless 
domain, related topics have been on the horizon. A novel 
Random Early Blocking with Engineered Threshold (REB-ET) 
CAC scheme, taking account of the concept of virtual 
partitioning as well as acceptance probability, is proposed to 
achieve high resource utilization as well as maintain the blocking 
probability at an acceptable level in wireless multimedia network 
with conversational, streaming and background services. An 
analytical method is developed to calculate performance 
measures of interest, i.e., new call blocking probability and 
forced termination probability for conversational and streaming 
services, average available bandwidth for streaming services, and 
average packet delay for background services. It is shown that 
analytical results are close to the simulation results. Also, 
numerical results under not only stationary but also 
nonstationary scenario are shown to illustrate the robustness of 
the proposed scheme. 

I. INTRODUCTION 

It is well known that the UMTS/IMT2000 is supposed to be 
a multiservice network providing QoS guarantee to four 
classes of services: conversational, streaming, interactive, and 
background. Thus, for such a multiservice network, it is 
imperative for CAC to make efficient use of scarce wireless 
resource while keeping the quality of service (QoS) at an 
acceptable level. Furthermore, forced termination of calls are 
more annoying than blocking new calls in progress. Handoff 
calls are usually given priority over new calls, e.g., with guard 
channels or trunk reservation (TR), but at the expense of lower 
channel utilization. It is worth noting that handoff call arrival 
rate depends strongly on call holding time and call holding 
time difference among different services may be significant. It 
is pointed out that the average call holding time of voice calls 
is 3 min, while that of data calls, e.g., Internet browsing, is in 
the range of 20 min [1]. This call holding time difference may 
result in serious impact on the performance measures of 
interest in wireless multimedia network with different service 
classes.  

A novel CAC, random early blocking with engineered 
threshold (REB-ET), taking account of the concept of virtual 
partitioning [2] as well as acceptance probability [3], is 
proposed for multiservice wireless networks with 
conversational, streaming and background services. An 
analytical method is developed to calculate performance 
measures of interest, i.e., new call blocking probability and 
forced termination probability for conversational and 
streaming services, average available bandwidth for streaming 
services, and average packet delay for background services. 
Last but not least, the performance measures of interest under 

not only stationary but also nonstationary traffic load are 
studied.  

The remainder of this paper is organized as follows. In 
Section 2, the associated system model and the proposed 
REB-ET are described. The analytical method is described in 
detail in Section 3, and numerical results are shown in Section 
4. Some concluding remarks are given in the last section. 

 
II. SYSTEM MODEL 

A TDMA/TDD based protocol is adopted to support 
streaming, streaming, and background services. Assume that 
each fixed length frame is divided into 21 CCC +=  time 
slots, where 1C  time slots are shared among all services, and 

2C  time slots are available to background service exclusively. 
The conversational services have constant bandwidth 
requirement. The streaming services have minimum and 
maximum bandwidth requirements. More specifically, 
conversational services with higher priorities are assigned time 
slots periodically based on their bandwidth requirements, 
streaming services are assigned slots dynamically based on the 
usage of bandwidth resource, and the background services 
with lowest priority use the remaining time slots. It is assumed 
that background service is provided with an infinite queue so 
that it is always accepted regardless of the number of time 
slots used by conversational and streaming services. It is noted 
that in this paper conversational services are associated with 
short call holding time, such as telephone and videophone, 
streaming services with longer call holding time, such as 
adaptive multimedia, and background services with shorter 
call holding time, such as e-mail.  

Assume that there are K classes of conversational services, 
streaming services and background services. The new and 
handoff arrival processes of conversational services are 
assumed to be Poisson. The call holding time and the dwell 
time of conversational services are assumed to follow an 
exponential distribution. The new call and the handoff arrival 
process of streaming service are assumed to be Poisson. 
Furthermore, the call holding time and the dwell time of 
streaming services are exponentially distributed. The 
streaming service is taken as the class-(K+1) service for easy 
explanation. For background services, the packet arrival 
process is assumed to be Poisson, and the packet service time 
is exponentially distributed with mean service rate depending 
on the number of time slots available. Some parameters used 
in the following are defined in Table 1.  
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Table 1.  Some parameters for the focused system 

C  
the number of time slots per frame allocated to the focused 
cell 

) ( 21 CC  the number of time slots for all (background) services 

) ( 1+Kk TT  threshold of class-k conversational (streaming) services 

)( 1+nKnk λλ  new call arrival rate of class-k conversational (streaming) 
services 

)( 1+hKhk λλ  handoff call arrival rate of class-k conversational services 
(streaming) services 

kb  time slot requirement of class-k conversational services 

)( 1+KP bb  maximum and minimum time slot requirements of 
streaming services 

Ab  average number of assigned time slots of streaming services

)( 1+Kk µµ  call service rate of class-k conversational (streaming) 
services 

)( 1+Kk ηη  dwell rate of class-k conversational (streaming) services 

)( 1+Kk nn  the number of ongoing class-k conversational (streaming) 
services 

minn  the total number of minimum channels occupied by 
conversational and streaming services 

Uλ  new call arrival rate of background services 
 

A. Random Early Blocking with Engineered Threshold 

One key idea of REB-ET is that a service-dependent 
engineered threshold should be determined based on 
bandwidth and QoS requirements, such that new call blocking 
probability is below some acceptable level for the engineered 
(expected) load, and thus resource utilization is above some 
acceptable level. There are several methods to find optimal 
value of the number of guard channel for handoff calls [4]. We 
try to find an efficient way to determine a suboptimal 
threshold via an empirical formulation. With virtual 
partitioning (VP) in [2], if the bandwidth occupied by class-k 
services is below its nominal capacity kN , a newly arriving 
class-k service will be admitted as long as there is enough 
bandwidth available. On the other hand, if the bandwidth 
occupied by class-k services exceeds its nominal capacity kN , 
a newly arriving class-k service will be admitted only if the 
free bandwidth is larger than a class-specific trunk reservation. 
Furthermore, the relationship of the nominal capacity kN , the 
bandwidth requirement kb , and the engineered load kENG ,ρ  is 
as follows.  

k

k

k

k
kENG b

N
b
N

−=,ρ  

Specifically, if the offered load kkk µλρ /= kENG ,ρ≤ , the 
blocking probability of class-k services is below some 
acceptable level.  

We generalize the idea of VP to compute the suboptimal 
engineered threshold for each class of conversational and 
streaming services. Since the average number of assigned time 
slots to streaming services, Ab , depends on the system state, 
for easy calculation of the nominal capacity of streaming 
services, we will approximate Ab  with the average of Pb  and 

1+Kb  in the derivation of engineered threshold. Let the total 

engineered load to each cell due to new calls be denoted as 
Tγ , including conversational and streaming services. There 

are two differences between VP and the proposed ET. First, to 
take account of handoff calls due to mobility, we set 

1 CT φγ = . Second, unlike virtual partitioning, if minn is less 
than kT , the newly arriving class-k call is admitted as long as 
there are enough bandwidth available. Therefore, we should 
use kT b/γ  in place of kENG ,ρ  in calculating the threshold kT . 
Furthermore, according to our extensive study, it is found that 

65.0=φ can achieve overall better results. To summarize, the 
threshold kT  of class-k conversational service is computed as 
follows. 
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It is noted that the threshold 1+KT  of streaming service is 
derived with kb  being replaced by the average of Pb  and 1+Kb  
in the above equation.  

Furthermore, instead of blocking any new call attempting to 
utilize guard channels as TR, REB-ET takes account of the 
idea of acceptance probability for new calls. That is, the guard 
channels, reserved preferentially for handoff calls, can be 
allocated to new calls based on some acceptance probabilities. 
Let ( )minnAk  be the acceptance probability of class-k 
services. After extensive numerical study and with reference 
to [3], ( )minnAk  is defined as follows: 

( ) { })(,0 minmin nfMaxnA kk = , 
where ( )minnf k  is calculated as follows: 
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When  minn  is greater than kT , the remaining channels can 

also be allocated to new calls according to ( )minnAk  based on 

kk µη . More specifically, if kk µη > , it implies that on 
average more than one handoff event would occur during one 
average call holding time, CAC should make more room for 
handoff calls, such that lower forced termination probability 
can be achieved. If kk µη = , ( )minnAk  can be chosen to 
decrease linearly with the number of available channels. On 
the other hand, if kk µη < , CAC should allow a higher 
probability in accepting new calls for achieving lower new call 
blocking probability, while maintaining an acceptable forced 
termination probability for handoff calls. 
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B. Bandwidth Allocation  
If the total number of minimum channels occupied by 

existing conversational and streaming services is less than 1C , 
the newly arriving class-k conversational call could be 
admitted based on ( )minnAk . If the newly arriving 
conversational call is accepted, the time slots assigned to 
existing streaming services will be reallocated to 
accommodate the incoming conversational call if it is 
necessary. For fairness purposes, besides the time slots 
occupied by conversational services, the remaining time slots 
of 1C  are equally shared among the streaming services in 
progress in a memoryless fashion. Similarly, a newly arriving 
streaming call will also be admitted based on minn  and 

( )min1 nAK + . It is also noted that bandwidth reallocation of 
streaming services are enforced if needed whenever one 
conversational or streaming call is complete. Additionally, for 
reducing forced termination probability, a handoff class-k 
conversational (streaming) call will be accepted as long as 
there are enough time slots, i.e., minn  plus kb  ( 1+Kb ) is less 
than or equal to 1C , in the target cell at the arrival time of 
handoff conversational (streaming) services.  

The background service is always admitted, and waits in 
queue if no time slot is available at the time of request. In 
addition to 2C  time slots, the background service can use any 
unused time slots in 1C .  

 
III. ANALYTICAL METHOD 

For simplicity, we consider a homogeneous cellular network 
with FCA, and thus can focus on one particular cell. Because 
of the lower priority of background services, the analysis of 
background service can be dealt with separately.  

The associated (K+1)-dimensional Markov chain of the 
model under study is now described. The state vector is 

( ).,, 121 += Knnnn K
r  Let ( )121 ,,1,,, +

− −= Kkk nnnnn KK
r  and 

,,,( 21 K
r nnnk =+  ),,1 1++ Kk nn K . The feasible state space 
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an example cell with two classes of conversational services 
and one class of streaming services is shown in Fig.1. 

The steady state probability ( )nrπ  can be obtained via a 
Gauss-Seidel algorithm by solving the state equations of the 
considered system. It is noted that the handoff arrival rate for 
each service is computed as follows: 
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where ( )minnπ  is the steady state probability that the total 
number of minimum channels occupied by conversational and 
streaming services is minn . 

The blocking probability of new class-k conversational 
services can be determined as follows: 

( )[ ] ( )minmin
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Furthermore, the forced termination probability of handoff 
class-k conversational services can be computed as follows: 
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hbkhk
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Second, the analysis of streaming services is described. As 
to the number of time slots assigned to one streaming call, 
there are two cases. One case is that pb  time slots are assigned 
to all streaming services, when the number of ongoing 
streaming services is no greater than 
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other case is that the number of ongoing streaming services is 
greater than β , and thus the number of time slots assigned to 
each streaming call may not be equal to pb  and may differ by 
one. The average number of assigned time slots of streaming 
services can be compute as follows: 
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The blocking probability of new streaming services can be 
determined as follows. 
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Furthermore, the forced termination probability of handoff 
streaming services can be computed as follows: 
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Lastly, the analysis of background services is described. 
Suppose that the average durations of conversational and 
streaming services are much longer than the packet 
transmission time of background service. Thus, the bandwidth 
used by conversational and streaming services can be viewed 
as constant by background service. An M/M/1 queue is used to 
determine the average packet delay of background services in 
the following. 
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IV. NUMERICAL RESULTS 

A cellular wireless multiservice network with two kinds of 
conversational, streaming and background services is studied. 
Some of the parameters used are ,601 =C ,52 =C  

,11 =b sec, 1801 1 =µ ,42 =b  sec,3001 2 =µ ,5=Pb 13 =b  
and sec.12001 3 =µ  Fixed trunk reservation (TR) is also 
considered for comparison. In TR, the number of reserved 
channels for handoff calls exclusively is denoted as g, and 
three cases with g=0, 9,and 12 are studied. With REB-ET, the 
thresholds for class-1 conversational new calls, class-2 
conversational new calls, streaming new calls, which are 
determined based on ET, are 45, 53 and 51, respectively. The 
QoS requirements of conversational services are (1) the new 
call blocking probability is smaller than 0.02, and (2) the 
forced termination probability is smaller than 0.002. 
Moreover, the QoS requirement of background service is that 
average packet delay is smaller than 0.06 sec. The QoS 
requirements of streaming service are the same as those of 
conversational service. Due to lack of space, some results are 
not shown. 

First of all, simulation results are shown to verify the 
accuracy of analytical results. The parameters used are 

1nλ =0.13333, 3nλ =0.00167, and uλ =3.6. Further, 2nλ  is 
varied from 0.005 to 0.010 in steps of size 0.001. The 
analytical and simulation results for new call blocking 
probability are shown in Figs. 2. As can be seen, the analytical 
results are very close to the simulation results. Similar 
conclusions can be reached for forced termination probability 
and average number of assigned time slots of streaming 
service. 

The robustness of REB-ET is demonstrated in the 
following. The parameters used are the same as those in Fig. 
2. Some numerical results for TR and REB-ET are shown in 
Figs. 3 to 4. It is found that both the new call blocking and 
forced termination probabilities of conversational and 
streaming calls increase as the new call arrival rate of class-2 
conversational calls increases. The higher offered load of 
class-2 conversational calls also results in a decrease of 
average number of assigned time slots of streaming calls as 
well as an increase of average packet delay of background 
calls. Obviously, the more time slots occupied by 
conversational calls with higher priority, the fewer time slots 
available to streaming and background calls. It is also found 
that TR(g=0) with 07.02 <nλ , TR(g=9) with 06.02 <nλ , 
TR(g=12) with 05.02 <nλ  and REB-ET with 09.02 <nλ  can 
satisfy aforesaid QoS goals. Moreover, in terms of the average 
number of assigned time slots of streaming calls, REB-ET 
outperforms TR(g=6), TR(g=9), and TR(g=12). On the other 
hand, it can be found that the new call blocking probabilities 
with TR(g=0) are smaller, but TR(g=0) also results in higher 
forced termination probabilities.  

Last but not least, the nonstationary scenarios are studied 
via computer simulation. Under nonstationary scenarios, each 
cell alternates in two states: busy and normal, independently 
of one another. A cell in the busy state is assumed to have 

higher new call arrival rate than that in the normal state, and 
thus slower velocity and longer dwell time due to increasing 
congestion. The average speed of the mobile stations in the 
normal (busy) state is taken to be V=3.6 (2.8) km/hr. The 
duration of each state is exponentially distributed. The 
transition rate from normal to busy (from busy to normal) is 
1/1800 sec (1/300 sec). In the normal state, the parameters 
used are 1nλ =0.1, 2nλ =0.006, 3nλ =0.002, and uλ =3.6. To 
study the effect of new call arrival rates, the new call arrival 
rates of conversational and streaming calls in the busy state 
are varied from 1.5 times to 2.0 times that in normal state with 
steps of size 0.1. The results are shown in Figs. 5 to 6. For 
easy explanation, the ratio of new call arrival rate in the busy 
state to that in the normal state is defined as ϕ . From the 
results, it is found that TR(g=0) with 7.1<ϕ , TR(g=9) with 

7.1<ϕ , TR(g=12) with 5.1<ϕ  and REB-ET with 
0.2<ϕ can satisfy aforesaid QoS requirements. 

 
V. CONCLUSION 

A novel Random Early Blocking with Engineered 
Threshold (REB-ET) CAC scheme is proposed to achieve 
high resource utilization as well as maintain the forced 
termination probability at an acceptable level in wireless 
multiservice network with multiple conversational services, 
streaming service and background service. An analytical 
method is derived to compute the performance measures of 
interest. It is shown that analytical results are very close to 
simulation results. It is also shown REB-ET is robust 
compared to fixed trunk reservation. 
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Fig. 1:  State transition diagram for the example cell 
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Fig. 2: New call blocking probability vs. new call arrival rate of class-2 

conversational service 
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Fig. 3: Class-1 new call blocking probability vs. new call arrival rate of class-

2 conversational service 
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Fig. 4: Class-2 forced termination probability vs. new call arrival rate of  

class-2 conversational service 
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Fig. 5: Class-2 new call blocking probability vs. ratio of busy state arrival rate 
to normal state arrival rate 
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Fig. 6: Class-2 forced termination probability vs. ratio of busy state arrival rate 

to normal state arrival rate 
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