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SUMMARY 
A load-adaptivelTDMA multiple-access communications system which serves to interconnect broad-band mul- 
timedia packet streams is considered. In particular, the use of a satellite backbone communications link whose 
channels are dynamically assigned to network stations is investigated. Each station supports packetized voice and 
data message streams. Incoming streams to a station are statistically multiplexed by the station across the back- 
bone channels currently allocated to this station. To enhance the multiplexing process, a variable bit-rate packet- 
voice encoding scheme is also employed. Stations periodically issue requests for backbone channel allocations, 
based upon their estimated loading status. We introduce two distinct multiple-access algorithms for allocating the 
shared backbone channels to the stations. We develop analytical methods for the analysis and design of such in- 
tegrated multiplexing/multiple-access networks. Performance measures include voice and data packet delays and 
packet blocking probabilities. Voice stream performance is also characterized by the average number of bits per 
sample used by the voice encoding scheme. The effects of the propagation delay across the backbone link are 
especially demonstrated. Also illustrated are the performance improvements attained due to the use of the load- 
adaptivelTDMA scheme. Under the example of the ‘all-voice’ traffic loading, an L m M A  scheme exhibits no 
obvious performance improvement over a fix-assigned scheme. However, as the burstiness of the traffic loading 
increases in the example of the ‘data-voice’ traffic loading, a significant amount of improvement (36 per cent band- 
width savings) is realized by a L m M A  scheme. 
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1. INTRODUCTION 

We consider a communications network system (Figure 1) 
which consists of a backbone multiple-access link whose 
channels are periodically allocated to network stations. 

controller at the start of each control period, in accordance 
with a selected channel allocation algorithm. The channel 
allocation configuration is then distributed to the network 
stations. 

The key motivation for this study is the investigation of 
a load-adaptive TDMA ( L M D M A )  satellite network.’ 
A satellite backbone link is used. Satellite channels are 
allocated to earth-stations in accordance with a demand- 
assigned TDMA scheme. Based on requests issued by the 
earth-stations, time slots per satellite frame are assigned 

-Each station is loaded by multimedia datdvoice 
streams. 
-Each station employs a multiplexing processor which it 
uses to statistically multiplex its admitted voice and data 
streams across its allocated communications channels. 

in References 2 and 3), so that the voice encoding rate 
can be adjusted in accordance with the measured levels of 
currently incurred data-voice packet delays. Each station 
is assumed to employ a first-come-first-served multi- 
plexing policy. A demand-assigned scheme is employed 
for the allocation of backbone channels to the stations. 
Periodically, at the start of each ‘control period’, network 
stations issue requests for backbone channels based upon 
their measurements (or estimates) of their own congestion 
status. These requests are transmitted across a signalling 
channel to a central controller. The latter is responsible 
for the allocation of the backbone’s channels to the net- 
work stations. Such allocation is carried out by the central 
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The performance of such a network is affected by two 
key allocation delay components. The first component 
represents the station’s time delay involved in estimat- 
ing its current level of loading and congestion, and is 
thus identified in the following as the ‘station’s loading 
estimate delay’. The second component represents the 
‘channel allocation delay’; it is measured from the in- 
stant a station issues its request to the instant a channel 
allocation response is received at the station. The latter 
component includes the round-trip propagation delay 
across the backbone experienced by the request and 
allocation messages. For geosynchronous satellite links, 
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Figure 1. System configuration 

the channel allocation delay is thus of the order of 500 
ms. 

Such a network model is also applicable for describing 
the channel allocation and multiplexing processes for var- 
ious packet-radio networks. For example, in considering a 
packetized wireless cellular network, the backbone chan- 
nel represents a radio link which is shared among the cell’s 
stations on a demand-assigned/TDMA basis. The cell’s 
base-station serves as a central access controller, allocat- 
ing the cell’s channels to stations in accordance with re- 
quests transmitted by the stations across a designated sig- 
nalling channel. For such systems, the channel allocation 
delay component is much smaller. 

In this paper, we develop an analytical methodology to 
study the performance of the system. We analyse the per- 
formance of the system for both zero and non-zero alloca- 
tion delay levels. In investigating local multiplexing pro- 
cesses, we incorporate a dynamic voice encoding scheme 
(bit-dropping algorithm’**) and modify the methodology 
developed in Reference 2 to cany out the statistical analy- 
sis. %o channel allocation algorithms are considered for 
the sharing of the multiple-access backbone link. Under 
each algorithm, a basic rate is guaranteed to each station. 
In turn, the two algorithms use different methods in allo- 
cating the residual channels (i.e. those channels which re- 
main unallocated following the primary basic rate assign- 
ments). Under Algorithm 1, stations with smaller requests 
receive higher allocation priorities. In turn, under Algo- 
rithm 2 stations with larger requests receive larger alloca- 
tions. The resulting allocation fairness issues are demon- 
strated and discussed. Computational procedures are de- 
veloped to carry out system performance analysis for both 

backbone channel allocation algorithms. Performance in- 
dices include mean waiting-times of voice and data pack- 
ets, blocking probabilities of voice and data packets and 
mean voice packet encoding rate (to represent the quality 
of the compressed voice signals). 

Numerical examples are used to conclude overall 
performance features as well as to compare the charac- 
teristics of the two allocation algorithms. The effects of 
the two delay components on network performance are 
analysed and discussed. We also compare the system’s 
performance under the two demand-assigned multiple- 
access channel allocation schemes with that obtained 
under a fixed-assigned TDMA scheme. We identify con- 
ditions under which the use of a demand-assigned scheme 
(combined with station-based multiplexing) leads to sig- 
nificant delay-throughput performance improvements. 

The remainder of this paper is organized as follows. In 
Section 2, we present the system model. In Section 3, two 
backbone channel allocation algorithms are described in 
detail. In Section 4, we present the methodology which is 
used to analyse the system’s performance. Mathematical 
derivations are included in Appendices I-In. In Section 
5 ,  a number of numerical examples are presented. Final 
conclusions are drawn in Section 6. 

2. SYSTEM MODEL 

We consider a system consisting of 1 stations. Let D(’) and 
V ( ’ )  denote the number of data and voice sources driving 
station-i, 1 5 i 5 1, respectively. 

A generalized three-level voice source model is de- 
picted in Figure 2(a). At the call level, the state of a 
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Figure 2. Packet arrival models of voice and data sources 

voice source alternates between ‘call-on’ periods and 
‘call-off’ periods. When a source is in the ‘call-on’ state, 
it generates a series of alternating talkspurts and silent 
periods. Each talkspurt consists of a random number 
of voice packets, governed by a geometric distribution. 
Within a talkspurt, voice packets are generated determin- 
istically. With no loss in generality, we use the embedded 
voice coding method specified by References 1, 2 and 
4. In accordance with this technique, in-burst packets 
are generated at a rate of one packet every 16ms. Each 
voice packet contains 592 bits, including 64 information- 
bearing bytes which correspond to 128 voice samples, 
plus 10 overhead bytes for signalling or other purposes. 
When a source is in a talkspurt, the offered load of the 
source is thus equal to 37 kb/s. The silent period is gov- 
erned by an exponential distribution. The speech activity 
factor p is determined by the mean durations of talk- 
spurts and silent periods. For example, for typical mean 
durations of talkspurts and silent periods of 350 ms and 
650 ms, respectively, a p = 35 per cent speech activity 
factor results. Let h, denote the mean packet arrival rate 
(in packetds) of each voice source driving station-i, when 
the source is in  the ‘call-on’ state. For example, under 
the encoding standard mentioned above, $) = p/16 
[ kpackets/s]. 

Each data source is modelled by a two-level structure 
(Figure 2(b)). At the call level, we observe ‘call-on’ and 
‘call-off’ periods occurring alternately. When in a ‘call- 
on’ state, the source generates packets in accordance with 

(4 

( ’  a Poisson process. Let 1;’ denote the packet arrival rate 
(in packetds) of each data source driving station-i, when 
this source is in a ‘call-on’ state. Assume data packets to 
be of fixed length. Let Lz)  (bits/packet) denote the packet 
length of the packets generated by the data sources driving 
station-i. 

A station is modelled as a single-buffered queueing 
system with buffer size of K packets. Each station is as- 
sumed to employ a first-come-first-served multiplexing 
policy. The service scheme implemented by the station 
is summarized in Figure 3. Note that, in Figure 3, N T  
denotes the current total buffer occupancy, and Thl and 
Th2 denote the bit-dropping thresholds. Thus, when 
the underlying packet is a voice packet, the following 
operation is used. When N T  5 T h l ,  no bits of the voice 
samples in the packet are dropped. For Thl < N T  5 Thz, 
the least significant bits of the samples are dropped. When 
N T  > Th2, the two least significant bits of the samples 
are dropped. 

Transmission bandwidth across the backbone link is 
allocated to each station in integral numbers of basic 
multiple-access channels. Such a basic channel provides 
for a transmission rate of W b/s. The total number of 
available backbone channels is set to be equal to Ntotal 
basic channels, yielding an overall backbone capacity of 

We segment time into control periods of duration z. 
Stations transmit requests and receive channel allocations 
at instants which correspond to the start times of control 

WNtota~ 
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Figure 3. The service scheme implemented by a station 

periods. The stations are assumed to be synchronized with 
respect to the start times of control periods. For each sta- 
tion, it is assumed that the dynamic time constants of the 
call-level stochastic process representing the numbers of 
‘call-on’ voice and data sources are longer than T. As a 
result, we also assume that call-level source connections 
and disconnections occur at the start times of control pe- 
riods. The numbers of a station’s ‘call-on’ voice and data 
sources thus remain unchanged over a single control pe- 
riod. It is assumed that the ‘call-on’ and ‘call-off‘ dura- 
tions of both voice and data sources are equal to random 
integral multiples of z, and are governed by geometric dis- 
tributions. 

Let A, 2 0 denote the station’s loading estimate delay 
(measured as an integral multiple of 7). Consider a call 
which arrives at (or terminatesldeparts from) a station at 
the start of the nth control period. This arrival (or depar- 
ture) information is available to the station at the start of 
(n + A,)th control period. Let an integer A 2 0 denote the 
channel allocation delay (measured as an integral number 
of z). The channel allocation message, sent in response to 
a request issued by a station at the start of the nth con- 
trol period, arrives at the requesting station at the start of 
(n + A)th control period. Thus, a loading event occurring 
at the start of the nth control period induces a backbone 
channel allocation response which is received by the sta- 
tion at the start of (n+A+A,)th control period. It is noted 
that (for our model) a system with station’s loading esti- 
mate delay & and channel allocation delay A is equivalent 
to a system in which the station’s loading estimate delay 
is equal to zero and the channel allocation delay is set to 

A, +A. We thus assume henceforth that At = 0 and A > 0. 
To calculate the performance indices of the System, a 

quasi-stationary assumption is used. It is assumed that the 
packet-level dynamic constants of the stochastic evolu- 
tions of the voice and data packet processes are shorter 
than T, such that the steady state analysis can be applied 
to characterize the voice and data packet-level behaviour 
within a control period. 

To illustrate the values assumed by the underlying time 
constants, consider a satellite network in which the chan- 
nel allocation delay is 500 ms. We set A = 1 and z =500 
ms. Note that typical durations of the ’call-on’ and ‘call- 
off’ periods of voice and data calls are much longer than 
500 ms. At the packet level, the transmission time of a 
packet (say a voice packet), with a packet length equal 
to 592 bits at a transmission rate of 1 Mb/s, is 0.592 ms, 
which is much shorter than 500 ms. Therefore, through 
proper selection of the parameters A and 2, we note the 
two call-level and packet-level assumptions concerning 
the relative values of the time constants of voice and data 
processes to generally hold. 

The following random variables, for 1 I i I I ,n  2 A, 
are defined: A$ is the number of ‘call-on’ data sources 
driving station-i at the nth control period, N t )  is the num- 
ber of ‘call-on’ voice sources driving station-i at the nth 
control period, N;Ln is the number of channels requested 

by station-i at the nth control period and N f L  is the num- 
ber of channels allocated by the controller to station-i at 
the nth control period in response to the station’s request 
issued at the (n - A)th control period. 
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Let f ( i ) ( i v l  id)l I 5 i 5 I, denote the number of channels 
which station-i requests, given that there are i, ‘call-on’ 
voice sources and id ‘call-on’ data sources driving station- 
i. Thus we have 

Consider a stationary channel allocation function A, 
which at the start of each control period uses the received 
requests to allocate channels to the requesting stations, so 
that, for any n 2 A, 

Define N& as the maximal number of channels which 
station-i can request. It is calculated as: 

For simplicity of analysis, we assume that N i L  is 
also the maximal number of channels station-i can be 
allocated. 

3. DESCRIPTIONS OF THE CHANNEL 
ALLOCATION ALGORITHMS 

To allocate backbone channels, we develop two channel 
allocation algorithms, denoted as A1 and A2. In this Sec- 
tion, detailed descriptions of A1 and A2 are presented. 

For both A1 and A2, we assign each station in the sys- 

W), 1 5 i 5 I, as the basic guaranteed allocation to the sta- 
tion. Note that N t o d  2 

We consider the allocation mechanisms realized by A1 
and A2 in the nth control period. Recall that the allocation 
results at the start of the nth control period are based on 
requests issued by the stations at the start of the (n - A)th 
control period. For notational simplicity, we drop the sub- 
scripts n and n - A in the remainder of this Section. 

Let M denote the set which consists of the identifica- 
tion numbers of the stations which issue requests for a 
number of channels larger than their target rates. Let L de- 
note the set which consists of the identification numbers of 
the stations which issue requests for a number of channels 
less than or equal to their target rates. Define M =I[ M 1 1  
and L =(( L 11, where 11 A 11 denotes the number of elements 
in the set A. Note that M + L = I. 

We describe the operations of A1 and A, in the follow- 
ing two subsections. 

tem a ‘target rate’, denoted as Tgi) ( (in basic channel rate 

Tf) and Ti’) 2 E i N i ; , , } .  

3.1. Channel allocation algorithm 1: Al 

Under A], if x:=l N f A  5 NtObl, each station is first pro- 
vided a number of channels equal to its request. The resid- 
ual Ntotd - & N(’)  channels are distributed uniformly 
among the stations in L. Recall that an allocation delay 
of A control periods is incurred. These additional Ntolal - 
EN& channels allocated to the stations in L can be used 
to accommodate future traffic activities and fluctuations 
by stations in L. If zL1 N$) > Nlordr the controller pro- 
vides each of the stations in f, a number of channels equal 

RQ 

1 

2. 

3.2. 

to its request. For each of the stations in M, the controller 
first provides a number of channels equal to its target rate. 
The residual channels are allocated in a cyclic manner un- 
til no residual channels are left. 

The Algorithm A1 is thus described as follows: 

If zL1 N ~ A  5 ~ ~ ~ d .  The central controller first allo- 
cates each station a number of channels equal to its 
request. The number of residual channels R1 is calcu- 
lated as 

For each station in L. defineZI= RI/L. Let JI = [Zl J 
where LxJ denotes the largest integer which is less 
than or equal to x. Define 4 = Z1 - J1. Then station- 
i ,  i E L, will be allocated with JI + N(’ )  + 1 channels 
with probability 4, and with probability 1 - 4, it will 
be allocated with Jl + N l A  channels. For i E M, we 

AL - NRQ. 
If N i A  > N l o ~ .  For stations in L, the controller 
provides the requested number of channels. Each sta- 
tion in M is first provided a number of channels equal 
to its target rate. Following this allocation, the num- 
ber of residual channels R,,, is calculated. It is given 

RQ 

have N(’ )  - (i) 

by 

The residual capacity R, is allocated in the following 
cyclic manner. During the first cycle, each station in 
M is provided a single channel. After the first cycle, if 
unallocated channels remain, another such cycle be- 
gins and the available channels are allocated to the 
stations whose requests have not been satisfied. This 
procedure continues until there are no residual chan- 
nels left. Note that during the last allocation cycle, if 
the number of available channels is smaller than the 
number of unsatisfied stations, these channels are al- 
located in a randomized fashion. 

Channel algorithm 2: A2 

Note that, under Algorithm A,, when c!=, N l A  2 
N t o d ,  the residual capacity is allocated in a cyclic 
fashion. Algorithm A2, which is similar to the buffer- 
population-based algorithm described in Reference 5 ,  
allocates the residual channels in proportion to the sizes 
of the station’s requests. 

Algorithm A2 is described as follows: 

1. If zbl N& 5 Ntord. Follow Step I of Algorithm A1 . 

troller provides the requested number of channels. 
For stations in M, each station is first provided its 
target rate. Following this allocation, the residual 
capacity R,,, is calculated as in equation (1). For each 

2. If x!=l NRQ (4 > N l o d .  For each station in L, the con- 
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station-i in M, we set 

Let .$I = [Zi’ 1, and F:) = Zi) - .I:) , i E M. Then 
station-i, i E M, will be allocated .Ij) + Tii)  + 1 chan- 
nels with probability F i ) ;  with probability 1 - F i ) ,  it 
will be allocated J:) + Tii)  channels. 

Comparing the operations of A1 and A,, one can 
observe the following, Under A1 , the residual channels 
are allocated in a cyclic fashion. Hence, for stations with 
smaller requests, they have better chances to obtain the 
number of channels they request. Under A2, residual 
channels are allocated proportionally to the sizes of the 
requests. Therefore, stations with larger requests tend 
to receive higher numbers of channels. Thus, A1 gives 
preference to stations with smaller requests, whereas A2 
gives preference to stations with larger requests. The 
resulting impact on system performance induced by these 
two algorithms is illustrated and discussed in Section 5. 

4. PERFORMANCE ANALYSIS 

In this Section, we present descriptions of the methodol- 
ogy developed to analyse the performance of the system. 
Recall that we assume A, = 0 and A > 0. 

For a selected allocation algorithm A, considering 
station-i and the nth control period, 1 5 i 5 I ,  and n 2 A, 
we set the following notations: 

Note that, for simplicity of analysis, we assume that at 
each station at least one voice source will be active at the 
start of each control period, so that vg) = 0,l  5 i 5 I .  

Let #i)(ivlid,iA) denote a performance index for 
station-i at a control period (say the nth control period) 
given Nt )  = i,,N!; = i d , N t l ,  = iA. The correspond- 
ing average measure of performance, given channel 
allocation algorithm A, is given by 

Thus, rZ)IA is expressed by the following equation: 

Consider a special case in which A = 0. In this case, 
l f I A  is expressed as 

i v = l  i ,=OiA=O -n 1 ,  

Consider a system in which a fixed-assigned back- 
bone channel allocation scheme !F is implemented. 
Assume that each station is allocated deterministically 
N, channels. Then we have 

The derivations of $i)(ivl id, iA) are presented in Ap- 

and g(i):A2, under the assumption that the network stations 
are symmetrically loaded, are described in Appendix 11. 

( 1 )  A Derivations of a., 1’ . . for non-zero allocation delay sce- 
~ v , ’ ( / , ’ v J d  

narios are presented in Appendix 111. 

pendix I. Computational procedures for obtaining giA (MI , iR 

W R  

5 .  NUMERICAL EXAMPLES AND DISCUSSIONS 

We consider a satellite network, for which we set 7 = 500 
ms. The network consists of 15 stations. The network sta- 
tions are assumed to be symmetrically loaded and char- 
acterized by the same station parameters. An elementary 
backbone channel provides a transmission capacity (W) of 
64 kb/s. We set each data packet to contain 592 bits, as 
for a voice packet. The buffer capacity of each station is 
set equal to 100 packets. The bit-dropping thresholds for 
the bit-dropping algorithm of each station, Thl and Th2, 
are selected so that the sum of transmission times of Thi 
packets are equal to 7 ms and 15 ms, for i E { 1 , 2}, at the 
underlying allocated station’s transmission rate. Thus, at 
the start of each control period, the stations thresholds are 
set in accordance with the allocated number of channels. 
(Clearly, the mathematical method developed can be also 
used when these thresholds are held fixed.) For a single 
data source, the mean durations of ‘call-on’ and ‘call-off’ 
periods are assumed to be equal to 30 control periods, i.e. 
to 15 s. For a single voice source, the mean durations of 
‘call-on’ and ‘call-off’ periods are assumed to be equal to 
60 control periods; or 30 s. The mean durations of talk- 
spurts and silent periods of a voice source are set to be 
equal to 350ms and 650ms, respectively. Recall that we 
assume & = 0, so that each station obtains immediate ac- 
cess to its current call-level status describing the numbers 
of ‘call-on’ voice and data sources. Each station requests 
a proper number of channels at the start of every control 
period so that the following performance objectives are 
achieved: the mean packet waiting time 5 Sms, the packet 
blocking probability 5 0.001 and the average voice en- 
coding rate > 3.7 bits/sample. It is noted that all the pa- 
rameters described above are fixed for all the cases con- 
sidered in this Section, unless stated otherwise. 

Under the first traffic loading scenario, each station is 
loaded with 50 voice sources and a single data source. 
This traffic scenario is identified as ‘data-voice’ loading 
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in the remainder of this Section. The offered load of a data 
source, when in a ‘call-on’ state, is equal to 640 kb/s, so 
that A!) = 108 1.08 packetds, 1 5 i 5 15. The peak offered 
load of voice traffic at a station (when all 50 voice sources 
reside in the ‘call-on’ state) is equal to 647.5 kb/s. The av- 
erage number of channels a station requests is computed 
to be 10.77. We set each station’s target rate for requested 
channels to be 7‘’’) = 1 1 , l  5 i 5 15, which corresponds to 
a targeted station transmission rate of 704 kb/s. The over- 
all satellite capacity, Ntotd, is set to be equal to 165 chan- 
nels, which is equal to the sum of the target rates of the 
15 stations. Thus, the total backbone bandwidth shared 
among the 15 stations is equal to 10.56 Mbps. 

In Figure 4, we compare the characteristics of chan- 
nel allocation algorithms A1 and A,. We present the be- 
haviour of the performance indices as a function of the 

that when N!An 5 11, A, and A2 exhibit the same per- 
formance. From the three plots in Figure 4, it is observed 
that, when the requested number of channels is small, the 
performance exhibited under A, is better than that exhib- 
ited under A2. However, the performance under A1 de- 
grades significantly as request levels increase. Under A?, 
the latter degradation is not as noticeable. Figure 4 thus 
confirms our previous observation that algorithm A, pro- 
vides allocation preferences to stations with smaller re- 
quests, whereas A2 provides allocation preferences to sta- 
tions with larger requests. 

The overall (averaged over all incurred backbone allo- 
cations) performance indices of the ‘data-voice’ loading 
under both A, and A2 with allocation delay A set equal 
to 0 are listed in Table I. The numbers shown in paren- 
theses express the performance measure values obtained 
from simulations. It is noted that the performance results 
obtained from the analytical method developed in this pa- 
per are very close to those obtained from simulations. It is 
also observed in Table I that the overall performance mea- 
sures obtained through the use of either A1 or A2 are about 
the same. Clearly, the modeling and analysis techniques 
presented in this paper can be employed for the evaluation 
of other allocation algorithms. 

Performance sensitivity to the system’s allocation de- 
lay (A) is exhibited in Figure 5 .  We show the performance 
behaviour of the system as a function of the mean duration 
(measured in control periods) of the ‘call-on’ (and ‘call- 
off’) state of a data source. The mean durations of ‘call- 
on’ and ‘call-off’ states of voice sources are assumed to 
be set at a fixed values of 60 control periods each. Perfor- 
mance degradations are observed when the allocation de- 
lay increases as well as when the mean ‘call-on’ and ‘call- 
off’ state durations of data sources decrease. Note that de- 
creasing values of mean ‘call-on’ and ‘call-off’ state du- 
rations of data sources lead to more fluctuations in the 
call-level activity processes (see Appendix 111). This ex- 
plains the observed performance degradations incurred as 
the ‘call-on’ and ‘call-off’ state durations of data sources 
decrease. 

From Figure 5 ,  it is noted that the system’s perfor- 
mance depends on the ratio between the time constant 
of the call-level traffic process and the length of the 

requested number of channels (NRQn,NRQn (i) (4 > 11). Note 

m 

0 > 

- i , ,  , , , , , I  
1 2  

12 13 14 15 16 17 18 19 20 
No. of Channels Requested 

h 

=- I 0  
12 13 14 15 16 17 18 19 20 

NO. of Channels Requested 

12 13 14 15 16 17 18 19 20 
No. of Channels Requested 

(c) 
Figure 4. Performance comparisons between Algorithms 1 and 2. Solid 

lines: A,. Dashed lines: A, 

allocation delay. As this ratio decreases, significant 
performance degradations are observed. 

In assessing the utility of the demand-assigned pro- 
cess, we consider a fixed-assigned TDMA (FmDMA) 
system, in which each station is allocated a fixed number 
of backbone channels. The performance behaviour of 
a system under such a scheme is exhibited in Figure 6. 
Note that the dashed lines in Figure 6 represent the perfor- 
mance of a system in which the LA/TDMA algorithm A2 
is implemented(cf. Table I). It is observed that when each 
station is permanently assigned 11 channels, the perfor- 
mance of the FNTDMA system is significantly inferior 
to that obtained under the demand-assigned schemes. 
Performance improvements are observed as we increase 
the station’s fixed number of allocated channels. When 
each station is allocated 15 channels, the performance 
exhibited by the system under a fixed-assigned scheme 
is at the same level as that attained under the demand- 
assigned schemes. One concludes that for the underlying 
‘data-voice’ loading, with the total number of channels 
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Table 1. Ovemll system performance under the ‘dam-voice’ tmffic 

Mean voice encoding Packet blocking Mean packet 
rate, bidsample probability. per cent waiting time, ms 

Algorithm 1 3.67 (3.65) 0.28 (0.37) 5.70 (6.41) 
Algorithm 2 3.67 (3.65) 0.26 (0.32) 5.62 (6.35) 

0 10 20 30 
Mean DataCalkn Durcdkn 

=I 
10 20 30 

Mean Dala Callon Duration 

0 10 20 30 
Mean Data WCon Durstkn 

(c) 
Figure 5. Performance degradations due to the allocation delay. Solid 

lines: A = 0. Dotted lines: A = 1 .  Dashed lines: A = 2 

available set equal to 165, the number of stations that can 
be effectively supported under a fixed-assigned scheme is 
11, whereas 15 stations can be supported by the demand- 
assigned schemes, achieving the same performance level. 
Therefore a 36 per cent bandwidth saving is realized by 
implementing a demand-assigned scheme. 

Next consider a second traffic loading scenario under 
which each station is loaded with only voice sources. This 
scenario is identified as ‘all-voice’ loading. We set N k L  = 
20,l 5 i 5 15. Under the specified performance require- 
ments, we calculate the maximal number of voice sources 
each station can support to be equal to 104. Hence, we 
compute the average number of channels requested by a 
station to be equal to 10.72. As a result, we set Tii) = 

10 11 12 13 14 15 10 
Fixed No. of Channek per Slation 

(a> 
in- 

f 30 

I= 

Q 20 

S O  

i 10 
a 

10 11 12 13 14 15 16 
F l x d  No. of Channelr per Won 

0)) 

10 11 12 13 14 15 16 
Flxed No. of Channek per Won 

(c) 
Figure 6. System performance under a fixed-assigned algorithm 
(compared with LAfTDMA). Solid lines: performance under a 
fixed-assignMDMA algorithm, as a function of the number of 
channels dedicated to a station. Dashed lines: performance under 4 

(an LAfTDMA algorithm) with 7‘’ = 1 1  

1 1 , l  5 i 5 15, yielding a required channel capacity of 

In Table 11, we compare the system’s performance be- 
haviour under 241 and A2 for A = 0 with the performance 
behaviour realized under a fixed-assigned scheme. Note 
that the performance indices shown in Table I1 do not in- 
clude the packet blocking probability, since the blocking 
probability of voice packets in this ‘all-voice’ loading is 
negligibly small.3 From Table I1 we observe that, for this 
‘all-voice’ loading, a fixed-assigned scheme can achieve 
the same level of performance as that attained under a 
demand-assigned scheme. 

By comparing the performance behaviour exhib- 

Ntod = 165. 
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Table 11. Overall system performmce under the ‘all-voice’ traffic 

Mean voice encoding Mean packet 
rate, bitdsarnple waiting time, rns 

Algorithm 1 3.80 3.76 
Algorithm 2 3.79 3.85 
Fixed-assigned 3.81 3.43 

ited by FAJTDMA and LA/TT)MA schemes under the 
‘data-voice’ and ‘all-voice’ traffic loading scenarios, we 
observe the following. Under the ‘data-voice’ loading, 
the traffic loading is burstier than that generated by the 
‘all-voice’ loading (due to the bursty nature of the date 
sources). A significantly better performance behaviour 
is exhibited by a LA/TDMA scheme than that obtained 
under a FA/TDMA scheme, under the ‘data-voice’ traffic 
loading. Thus, as the burstiness of the traffic loading 
process increases, noticeable bandwidth savings can be 
achieved by the use of an LA/TDMA scheme. 

6. CONCLUSIONS 

We have investigated a network in which a load- 
adaptiveRDMA (LAJTDMA) multiple-access com- 
munications link serves as the backbone for the inter- 
connection of broadband packet-based network stations. 
In particular, we have considered the use of a satellite 
communications link as the backbone link. Each station 
supports packetized voice and data streams which are 
statistically multiplexed by the station across the back- 
bone channels currently assigned to the station. Each 
station also employs a dynamic voice encoding scheme 
to enhance the multiplexing efficiency. 

Each station requests a number of satellite channels 
based on its traffic loading status. The requests made by 
stations are transmitted through a signalling channel to 
a central controller. Based on these requests, the central 
controller allocates satellite channels to earth stations in 
accordance with a specified channel allocation algorithm. 

Under the channel request algorithm considered in this 
paper, each station requests a number of channels based 
on an estimate of its local traffic loading status, so that it 
satisfies a set of performance objectives. For the satellite 
channel allocation algorithm implemented by the central 
controller, two distinct target-rate based channel alloca- 
tion algorithms, denoted as A, and A,, have been intro- 
duced. 

We have developed an analytical methodology for car- 
rying out the system’s design and performance evaluation 
based on a quasi-stationary assumption. Performance 
measures include mean packet waiting times, packet 
blocking probabilities and average encoding rates. It 
has been shown that the performance results obtained 
through the use of the analytical method are very close to 
the ones obtained from simulations. 

Numerical examples have been presented to illustrate 
the performance features of allocation algorithms A, and 
A,. The impact of the allocation delay on the network per- 
formance has been analysed and discussed. We have ob- 
served that the performance of the networkdepends on the 
ratio between the dynamic time constant of the call-level 

traffic process and the length of the allocation delay. As 
this ratio decreases, a significant degradation in the sys- 
tem’s performance behaviour is observed. 

We have also compared the performance measures 
characterizing an LA/TDMA channel allocation scheme 
with those obtained under a fixed-assigned/TDMA 
(FA/TDMA) scheme. We demonstrate that, as the bursti- 
ness of the traffic loading process increases, significant 
bandwidth savings can be achieved by implementing an 
LA/TDMA scheme. 

APPENDIX I: STATION ANALYSIS 

In this Appendix, we present an analytical method to ob- 
tain the performance measures of a station (say station-i) 
in a control period. The performance indices (denoted as 
$i)(., ., .) in Section 4 )  derived include the blocking prob- 
ability for voice and data packets, the mean waiting time 
for voice and data packets and the average encoding rate 
for voice packets. Assume (say for the nth control period) 
Nil  = i,, N$ = id and NiLn = iA. For notational simplic- 
ity, we drop the superscript i and subscript n in the remain- 
der of this Section. 

Let A,,, & and A denote, the arrival rates of the packets 
generated by voice sources and data sources, and the total 
offered packet arrival rate respectively. Therefore, A,, = 
i,,, Ad = idhd and A = A,, +Ad.  

We use the methodology presented in Reference 3 to 
analyse the performance of the station. Since the traffic 
is ‘smoothed’ when a bit-dropping algorithm is imple- 
mented,’ we model the traffic stream offered by voice 
sources as a Poisson process with an arrival rate equal 
to A,,. It is noted that the data traffic is also governed by 
a Poisson process. As a result, the queuing behaviour 
of a station’s multiplexer can be approximated by an 
M / b / l / K  type queuing system, with representing 
a packet transmission time which is determined by the 
packet’s identity(voice or data) and the current level of 
queue size. 

Let N c  denote total number ofpackets in the buffer, in- 
cluding voice packets and data packets, just after the n,th 
packet has been transmitted. Then {Nc,np 2 1 )  is a first 
order Markov chain. Its steady state queue size probabil- 
ity, denoted as x1,O .5 1 5 K - 1, is defined as 

xl = lim Prob(NT = 1 )  
fap+- nIJ 

Recall that a quasi-stationary assumption is employed. 
The steady state queue size probability xi is defined within 
the nth control period. 

Let D,,, j = 2 ,3 ,4 ,  denote the voice packet transmis- 
sion time when the packet is encoded by j bits/sample. 
Recall that each voice packet contains 128 AD- 
PCM voice samples and 10 overhead bytes. Hence, 
D, = (80+  1 2 8 j ) / ( i ~ W ) .  Let DJ denote the data packet’s 
transmission time. Then D,., = /$)/(iAW). 

Let a( l ) ,  b(1) and c ( f ) , l  2 0, denote the probability 
that there are 1 arrivals (including data and voice pack- 
ets) within a packet transmission, when N;, < Thl , T h ,  < 
NT < Th2 and N.‘, > Th2, respectively. Since both the 

I’ - 
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Figure 7 .  Structure of the transition matrix P 

voice and data arrival processes are governed by Poisson 
statistics, a randomly selected transmitted packet is a data 
packet with probability &/A, and with probability &/A 
this packet is a voice packet. Therefore, 

and 

1 Ad e P m d ( A D d ) '  

A I !  
c(1) = - [ 

The transition probability matrix P of {N: ,np 2 1) 
can be calculated as presented in Figure 7, where x de- 
notes the sum of the rest of the elements of the row. 

The steady-state queue length probability x = { q , O  5 
1 5 K - 1 )  can be obtained by iteratively solving 

and 
K -  I 

p i = 1  (7) 
i=O 

We employ a numerical procedure to solve equations 
(6) and (7). Under this method, the memory space re- 
quired to solve x should be sufficient for storing a K x K 
matrix (for P) and a 1 x K array (for x) .  For practical 
applications, the value of K is in the range of 100 to 200. 
This imposes no limitations in terms of memory space or 
computational speed. 

Let Bi') (i,, id , i ~ ) ,  WJi' ( i ,  , id , i A )  and At) (i,, id , iA  ), i, 2 
I ,  id 2 0 and iA  2 1, denote respectively the blocking 

probability of voice and data packets due to buffer over- 
flows, the mean iroice and data packet waiting time and 
the average voice encoding rate (in bits per sample), given 
that N f )  = i,, N i :  = id and N!ln = i ~ .  They are expressed 
by the following equations (detailed computations can be 
found in Reference 2): 

where 

APPENDIX 11: DERIVATIONS OF THE 
ALLOCATION PROBABILITY FUNCTION g:!;: 

Recall that stations are driven by the same traffic 
loading, therefore each station has the same target 
rate and maximal number of requested channels, de- 
noted as Tg and Nmm, respectively. Let station-I be 
selected as the tagged station. In this Section, g!::): 

and gi:;:: , 1 5 i R ,  i A  5 Nma, are derived. For the I - 1 
untagged stations, assume M and L to be defined as in 
Section 3, except that we now set them to exclude the 
tagged station. Let M =I1 M 11 and L =I[ L 11. Define 
Prob(N$ = j )  = bj, 1 5 i I I and 1 5 j I Nmm. Note 
that bo = 0. 

Define Pmore =Prob(Nii > Tg),l 5 i 5 I and 

9,, =Prob(N!i I TR),1 I i I I. Clearly, PmOm = 

Assume that 0 and 0 are discrete random variables 
xy!!:+l b j  and fie,,  = 1 - Pmore = C? ~ = 1  b J .. 

governed by the following probability distributions: 

bj/Pmore,  Tg + 1 5 j I Nmax 
otherwise Prob(O=j)  = 

Prob(0= j )  = { :If iess l  1 I j I T~ 
otherwise 

For the untagged stations, the following notations are 
defined: 

N ,  = N(') 
RQ 

iEM 

e ( j , k )  = Prob(N, = k I M = j ) ,  

1 5 j 5 I - l,j(Tg + 1) I k 5 jNmax 
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FOR N f A  = 1 TO T, 
FORM 0 TO I - 1 

FOR NI = I  - 1 -M TO ( I -  1 - M ) T ,  
FOR Nm = M ( T ,  + 1) T O M N m ,  

Compute RI, 21, JI and 4 from equations (13)-( 16) 

and 

$ ( j , k ) = P r o b ( N I = k I L =  j), 1 5  j 5 1 - l l j S k I j T ,  

Since the stations’ requests are statistically indepen- 
dent, e ( j , k )  and $ ( j , k )  can be expressed as 

e ( j , k )  = (Prob(O=k))*.j, 15 jsI-1, 

j (T ,  + 1 )  5 k I j N m ,  (11) 

and 

$ ( j , k )  = (Prob(@=k))*’, 1 5jsI-1, 

J -  ‘ < k <  - jT, (12) 

where * j denotes a j t h  order convolution operation. 

Derivations of gf!;: andg (4 . ! a2 ,for 1 5 iR 5 7’’ , i R  5 iA 5 
l A > l R  

Nmax 

Note that, from the descriptions of A1 and A2 in Sec- 
tion 3, we have g!::.: = g:!!:, for 1 - < iR 5 T,, iR 5 iA I 
Nmm. For notational simplicity, we set g::!;: = g!:!;fI = 

g(’)+, ~ A ? R  1 5 i R  I ~ ~ , i ~  5 iA I N ~ ~ ~ .  
For station-I, we define RI,Z~,JI and Ij as (see the de- 

scriptions in Section 3) 

In Figure 8, we present a computational procedure for 
calculating g!:!;f, for 1 5 iR 5 T 8 , i ~  5 iA 5 Nmax. Note 

that the values of g:!;: are stored in T, arrays. The j t h  

array, 1 5 j I T,, which contains the values of g!:!?, j 5 

iA  5 Nmax, is Of  size Nmax - j + 1 .  Hence, giA,IR contains 
a total of q(2Nmax - < + 1)/2 real numbers. At the start 

set to be 0. 

(1) a 

of the computation procedure, all the values of giA,iR ( 4  a are 

Derivations of giA,;R (4 a I ,  for T, < iR 5 Nmax , T, I i A  5 iR 

Owing to the use of a round-robin type method in allo- 
cating the residual channels to stations in M under algo- 
rithm A,, we have to consider all possible realizations of 
M in order to calculate g!i:;,”l. 

We define a request vector a = (a~,a2,...,a~,,,-~,), 
where aj represents the number of stations in M request- 
ing j + T, channels. Then we have 

Nmw-7’’ 

N m =  C ( j + T , ) a j  (17) 

M =  C aj  (18) 

j =  1 

and 
Nm;u - T, 

j= 1 

Note that, for a given value of M, the number of all 
feasible a vectors which satisfy equation (18) is equal to 

Given NI and a, if Nm + NI + N i L  I Ntotal, the request 

of the tagged station is granted. If Nm + NI + N f L  > Nt0td, 
stations in L are allocated the number of channels they 
request and each station in M is first allocated a number 
of channels equal to T,. After this primary allocation, the 
number of residual channels Rm is computed as 

(19) 

( M + N m , - T , -  l ) ! / ( N m m - T R -  l)!(M)!.  

Rm = LTg - N1+ Ntotal - IT, 

I 1 2 3 Station 

Figure 9. An example to illustrate Property 1 of Algorithm I 
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FORM = 0 TO I - 1 
Find all feasible a satisfying equation (1 8) 
FOR each a 

Compute Nm by equation (17) 
FOR N,  = ( I -  1 - M )  TO ( I -  1 -M)Tg 

Let q; denote the probability that there are ai stations 
requesting i + T, channels, 1 5 i 5 N m a  - T,, given 
$'r-T' ai = M. Then qf is expressed as 

For clarity of analysis, we define P j l  1 5 j I Nmax - 
T,, as the number of stations, including the tagged station, 
requesting j + TR channels. Then we have 

(4 a j t l ,  if j=NRQ-T, { otherwise (20) 

Note that residual channels are allocated to these M + 1 
stations( including the tagged station) in a cyclic fashion. 
We define a cycle to be a complete cycle if, at the be- 
ginning of the cycle, the number of unallocated residual 
channels is larger than or equal to the number of stations 
whose requests have not yet been satisfied. 

In the first complete cycle for allocating the residual 
channels, we need s j = l  p j  channels. In the second 
complete cycle, since PI stations have been satisfied, we 
need Cj=* p.j channels. Let Y denote the number of 
complete cycles used to allocate R, and let ek, 0 5 k 5 Y, 
denote the number of channels allocated in k complete 
cycles. Then we have 

P j  = 

Nmax - Tg 

Nmux-Tg 

k Nmrx -Tg 
ek = CjPj+k C P j  (21) 

ek and derive Y .  If NRQ (4 5 Y + T,, the request of the tagged 

j =  I j = k +  I 

eY 5 R m  < e Y t l  (22) 
Using equations (21) and (22), we iteratively compute 

station is satisfied. If NfA > Y + T,, the tagged station 
will not receive its requested number of channels. Then, 
we readily note that the tagged station obtains Y + Tg + 1 
channels with probability o, and obtains Y + T, + 1 chan- 
nels with probability 1 - w, where 

By investigating the operations of A,, we make the fol- 
lowing observations. Consider the example presented in 
Figure 9. In this example, M = { 1,2,3}, N!d = T, + 3, 

N f L  = T, + 2, N f A  = T, + 1 ,  NfA = TR + 3 and Rm = 8. 

As a result, we have Y = 2 and Prob(N!i = + 2) = 
Prob(Nf2 = TR. + 3) = 1. Note that if Nf) = T, + 4, the 
tagged station is noted to still be providef the following 
allocations: Prob(Nf2 = T, + 2) = Prob(Nf2 = T, + 3) = 
I From this illustrative example, we note the following. 
2 *. Given a realization of a request vector a and R, residual 
channels, if the request of the tagged station is not satis- 

From the observations above, we conclude the follow- 
ing property. 
Property 1. For all TR 5 i, < i, 5 iR 5 Nma and 1 5 i 5 I, 

fied (NRQ (1) > T, + Y), NAL (4 is independent of Nfi. 

0 
Property 2, which is obtained from Property 1, is de- 

scribed as follows. 
Property 2. For all T, < i, 5 iR 5 Nma and 1 5 i 5 I ,  

0 
ProoJ: Note that 

and 

This leads to the desired conclusion. 

1 and 2. 

0 
The following Lemma follows directly from Properties 
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Figure I I .  

Lemma. For T, I i A  I iR 5 Nmm and 1 5 i 5 I, given 
giAfiR (‘)lAl, we can calculate g(’)l?l IAvlr from gt!$ for all i ,  I iR. 

0 

By the Lemma, it is clear that, to obtain g[!;fl for all 
q 5 iA  I iR and Tg 4- 1 5 i R  5 Nmm, we Only need to 
compute giA,jvmiu. (1) 4 As a result, the computational time is 
significantly reduced. 

In Figure 10, we present a computational procedure for 
calculating T, 5 iA  5 Nma. Before the start of the 

computation, the initial values of g[!cm are stored in an 
array of size Nmm - T, + 1 and their values are set to be 0. 

Derivations of giA,IR (1) A1 , for T, < iR I Nmm, TR I iA I iR 

Recall that, under A,, the residual channels are allo- 
cated proportionally to the size of the requests of the sta- 
tions in M. For the tagged station (station-I), we define 
Zml J m  and F, as in Section 3.2. For NfA > T,, we have: 

In Figure 1 1 ,  we present a computational procedure for 
A2. Note that the g!i!;;1“2 values are stored in Nmm - T, ar- 
rays. The j t h  array, 1 5 j 5 Nmm - T,, contains the val- 
ues of g ! i ) f i j ,  T, I iA I T, + j .  AS a result, the size of 

the j t h  array is j + 1.  Hence, g!;!;: contains a total of 
(3 + Nmm - Tg)(Nm, - T , ) / 2  real numbers. At the start 
of the computation procedure, all the values of g!:!;: are 
set to 0. 

1 8  

APPENDIX 111: DERIVATIONS OF THE TRAFFIC 
FLUCTUATION PROBABILITY FUNCTION 

V !  d’ V I  d 
FOR NON-ZERO ALLOCATION DELAY 

SCENARIOS 

In this Appendix, we present an analysis to compute 
a!,?:. 

w d , i v , i d  V l  J l  V I  d v ,  .;, ‘ v ,  ’d 
can be obtained through the following recursive equation: 

. We first derive a!:);! . For all A > 1, a::);Al 

Let l / p ! )  and I/&) denote, respectively, the mean 
durations (expressed as multiples of control periods) 
of the ‘call-on’ and ‘call-off’ states of a voice source 
feeding station-i. Let 1 /p : ) ,  1 /q:) denote, respectively, 
the mean durations (expressed as multiple of control 
periods) of the ‘call-on’ and ‘call-off’ states of a data 
source loading station-i. Recall that the durations of 
‘call-on’ and ‘call-off’ states for voice and data sources 
are governed by geometric distributions. Therefore, given 
that a voice source is in the ‘call-on’ state at the start of 
the present control period, it will be in the ‘call-off’ state 
at the start of the next control period with probability pf), 
and with probability 1 - p!) it will stay in the ‘call-on’ 
state at the start of the next control period. Given that a 
voice source is at ‘call-off’ state at the start of the present 
control period, it will be in the ‘call-on’ state at the start 
of the next control period with probability qf) ,  and with 
probability 1 - q!) it will remain in the ‘call-off’ state. 
Similarly for data sources with corresponding parameters 
p$) and 9:). 

Assume the call-level activity processes for voice and 
data sources to be statistically independent. Let h(’)(iL, i v )  
denote the probability that there are i: ‘call-on’ voice 
sources driving station-i at the start of the current control 
period, given that there are i ,  ‘call-on’ voice sources driv- 
ing station-i at the start of the previous control period; 
and let l(’)(i$,id) denote the probability that there are i; 
‘call-on’ data sources driving station-i at the start of the 
current control period, given that there are id ‘call-on’ 
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data sources driving station-i at the start of the previous 
control period. We thus have 

The probability function l ( i ) ( i L ,  id) is readily expressed 
by the following formula: 

where min(x, y) re resent the smaller of n and y. The prob- 

ion. 
ability function h fi; (iyl ' iy) is expressed in a similar fash- 
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