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Abstract 

In this paper, we consider a point-to
mul tipoint data communicat i on sys t em using 
satelli te channel wh~ch is suffering from 
transmission error caused by local bad weather 
around terrestrial stations. Then we propose and 

' analyse a retransmission scheme for broadcast 
connection, in which retransmission times are 
reduced by abandoning almost destinations 
under bad condition. To analyse the performance 
of the scheme, a mathematical model of the 
transmission system that includes separate error 
processes for uplink and downl i nk, and that has 
two types of downl ink error, is used. Up pe r and 
lower bounds of mean transmis s ion delay are 
obtained, and mean system delay i s approximately 
calculated by them. Through numerical resul t s, 
the system proposed her e is found to be of good 
per for 'ance. 

1. Introduction 

With the r ec e nt advent of computer 
application such s document distribution, 
updating of local database, and geographica lly 
dispersed storage of multiple backup copies of 
indispensable records, it is likely that the 
volume of point-to-multipoint mUlti-packet data 
traffic will become significant because of 
broadcast property of the comm unication 
satelli te. Calo and Easton [1] proposed a 
broadcast protocol for file transfers to 
multiple sites. Fujiwara [3] analysed the 
performance of a po ; Pt-t.o-multipoint file 
transfer system using s atellite with uniform 
transmission error. But satellite communication 
system suffers intensely f rom local bad weather, 
[2]. Actually, it is probable that it is clear 
in some region on the earth , and storming in 
some others. And in point-to-multipoint data 
communication systems, a packet is retransmitted 
until all the receivers have correctly caught 
it. So, receivers under bad weather prevent ones 
under fine weather from receiving new data 
packets following the one which has not been 
correctly received by some of receivers under 
bad weather. In other words, receivers under 
fine weather are obliged to receive the same 
packet over and over again. As a resul t of it, 
local bad condition reduces the performance of 
the conventional point-to-multipoint satellite 
communication system. 

Then we propose a new retransmission scheme 

in which the station transmitting a multi-packet 
message to mUltiple destination can ignore the 
target stations sending back negative 
acknowledgement too many times. The ignored 
target stations gi ve up recei ving the job, and 
request it using another point-to-point file 
access channel~ 

2. Model 

The data communication system considered in 
this paper is fundamentally based on the one in 
[4]. There are many terrestrial stations on the 
earth. Each station can communicate with each 
others using several satellite channels. One of 
them is broadcasting channel for file transfer, 
and some of them is the file access channel like 
one in [6]. We consider only the former, not the 
latter and the other channels. 

Channel time of satellite is assumed to be 
di vided into slots and synchronized among all 
stations. Each slot consists of two parts. One 
is called Sa part, and another is Sd part. Sa 
part is used for target station to send back an 
negative acknowledgement(NACK) and has a few 
bits' transmission time. Sd part has enough 
length for one packet's transmission. 

All stations are assumed to be homogeneous 
and the number of them is finite N. Each station 
has some local users and receives newly 
originated data files from them. This data file 
is called a job. The arrival process of jobs to 
a station is as follows. At each station, jobs 
are assumed to arrive according to a Poisson 
process with parameter A (jobs/slot). It is also 
assumed that this arrival process is independent 
among stations. Each job consists of multi
packet, the number of which is assumed to obey 
geometric distribution with parameter l. That 
is, th~ Qrobability that a job has i packets is 
l(1-l)1-1. As a mater of course, each station 
has finite capacity to store and process jobs, 
and it can process only one job at a time. 
Namely, if jobs arrive at a station while 
processing, they will be lost. A job arriving at 
a station must be transmitted to several target 
stations using a satellite channel. There are 
two types of target stations. nl target stations 
have relatively high downlink error rate, and n2 
target stations have low downlink error rate. 

The satellite is used as a transponder, 
that is, it recei ves packets from a ground 
station on one frequency band, and then sends 
back them to all ground stations on another 
frequency band. One round trip propagation delay 
is denoted by R(slots). 
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2.1 Access Sche.e 

Channel access scheme is basically R
ALOHA[4]. So, each station having a job to be 
transmitted sends a packet including the 
information of the job with probability q at Sd 
part of the next unreserved slot. The packet is 
called declaration packet and assumed to be 
error free by effective error correcting code in 
order to announce the transmission of the job to 
all the destinations(target stations). After one 
round trip propagation delay R, all station will 
know by sensing the broadcast channel whether 
the declaration packets have collided or not, 
that is, more than one station have sent them or 
not. Without collision, every S-th slot (S)R) 
until completion of the job's transmission will 
be implicitly reserved for the station that 
transmitted a declaration packet. So, access 
will have succeeded. Otherwise, same process 
should be repeated in the future unreserved 
slots. 

2.2 Acknowledgement and Retransmission 

The station which has succeeded in access, 
called sender, can continue to transmit packets 
in sequence in the every S-th reserved slot. The 
(n 1 +n2) target stations, ,called recei vers, 
inspect whether the received packet is without 
transmission error or not. Transmission error 
may occur in uplink with probability eu per 
packet, and in downlink to nI receivers with 
edI, and to n2 receivers with ed2 ()edI). Also 
assumed that uplink and downlink error are 
independent because each station can monitor its 
own transmission and control transmission power. 

Sche.e 1 

The receivers which detect transmission 
error send back to the sender NACKs in the Sa 
part of next reserved slot. NACKs have 
sufficient redundancy and can be correctly 
received by the sender after R-slots. By 
receiving NACKs, the sender knows more than one 
recei vers couldn't recei ve the packet sent 
correctly, and retransmits it in the slot 2S 
after it's previous transmission. End of the 
job's transmission can be detected by receiving 
an end flag attached in the header of the last 
data packet. 

In Scheme 1, retransmission times are not 
limited. So, in the (nI+n2) receivers, the n2 
receivers suffering intensely from downlink 
error send back ijACK on the troub led packet to 
the sender too many times, and the sender must 
retransmit the same packets over and over again. 
Consequently, transmission delay grows so large 
that performance of the system drops remarkably. 
In order to avoid such a bad situation, 
retransmission times should be better to 
limited. Then we propose Scheme 2 as below. 

Scheme 2 

Basic retransmission rule is the same as 
scheme 1. Retransmission times are limited as 
follows. 

1. Sender does not transmit the same packet 
over M times (include first time 
transmission). 

2. Receiver does not send back NACK on the 

same packet over M times. 
3. Once a recei ver has sent back NACK on the 

same packet M times, it must not send back 
NACK for successi ve packets and gi ves up 
receiving the job. The receiver is called 
dead receiver. The sender only knows 
whether dead recei 'Yers exist or not, and 
does not know how many they are. 

In addi tion, dead receivers wi 11 request 
the sender to transmit the job on alternative 
point-to-point file access channel. 

Fig.3.I is an example to show the 
transmission of a job by Scheme 2. The job 
consists of length is four packets, and limit of 
retransmission M is 2. At the beginning of 
transmission, the ' sender transmits the 
declaration packet correctly. Next, it sends the 
first data packet PI, and PI results in failure 
at some of the receivers. At time t2, the sender 
has not known whether PI was received correctly 
or not. Then NACK on PI and next data packet P2 
are transmitted at Sa and Sd part in the next 
reserved slot, respectively. One round trip 
delay Rafter t2, the sender knows PI failed, 
and retransmit it. Supposing that transmission 
error occurrs again in retransmission of PI, the 
receivers which have sent NACK on PI send back 
the last NACK on PI at time t3 and give up 
recei ving the job, because M=2. At time t3, the 
sender has not received any NACKs in the packet 
P2, so it ensures that P2 is received correctly 
by all the receivers, and transmits P3 in the 
next reserved slot. At time t4, nevertheless the 
sender has received the NACK on PI again, it 
transmits P4 because PI had transmitted M(=2) 
times. At time ts, the last packet P4 is 
transmi tted again, because the sender knows 
transmission of PI, P2, and P3 has been 
completed, but does not know about P4 yet. The 
packet P4 transmitted at ts is called dummy 
packet. At time t6, the sender knows completion 
of the job. And the next reserved slot should be 
empty to announce to all the station that the 
reservation is released. So, the job's 
completion is at time t8. The packet P4 
transmitted at ts is called dummy packet. 

empty i 
job's 

of 

Po Po Po 
arrival 

completion of 
transmission 

Fig.2.l. Acknowledgement and 
Retransmission. 
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3. Analysis 

Mean system delay D(slots) is defined here 
as the time interval from the arrival epoch of a 
job at a station until the job's completion. D 
is di vided into two parts, access delay DA and 
transmission delay DT. DA is the time interval 
from a job's arrival at a station until the 
declaration packet is transmitted without 
collision (at the time reservation for 
succeeding data packets is made). Dr is the rest 
of D, that is the duration from a successful 
access until the job's completion. 

If the retransmission times has no 
restriction (Scheme 1), DT may be very large 
suffering from local bad weather. We are most 
interested in how much mean transmission delay 
is reduced by adopting the restriction of 
retransmission times (Scheme 2). As a matter of 
course, as Dr is smaller, DA is smaller. 

In this section, upper and lower bounds of 
DT are analyzed at first. Then using them, 
approximate analysis of DA is discussed. 

Following notations are used throughout 
this paper. 

N: number of all stations, 
R: one round trip propagation delay (slots), 
S: cycle of reservation (slots), 
A: Poisson arrival rate of job at a station 

per one slot, 
l: parameter of geometric distribution of 

job's length, 
Bu: bit error rate in uplink, 
Bd1:lower bit error rate in downlink, 
Bd2:higher bit error rate in downlink, 
B: packet length (bits), 
M: maximum allowable transmission times of 

one packet, 
n1: number of target stations with lower 

downlink error rate, 
n2: number of target stations with higher 

downlink error rate. 
Note that n1+n2 is constant in the analysis 

below. 

3.1 Analysis of Mean Transmission Delay 

Fig.3.1 shows an example of transmission ·of 
a job according to the retransmission scheme 2 
in previous section, provided that M=2. Number 
of packets contained in the job is 3, and 
according to the occurred errors eight patterns 
are in transmission order. It is very difficult 
to obtain the exact solution of DT even in the 
case of such a small job, because of the 
complexity of transmission order. Then let us 
consider the following virtual system in order 
to derive lower bound of Dr. 

In the virtua 1 system, it is assumed that 
the NACK returns instantaneously to the sender. 
Under this assumption, the sender can transmit 
packets according to increasing order. Fig.3.2 
shows the order of transmission in the virtual 
system on the same job in Fig.3.1. Duration in 
each pattern necessary for completing the sample 
job is same as in Fig.3.1. Difference is the 
probability of each pattern. In Fig.3.2, at time 
t1 some of target stations (probably ones with 
higher downlink error rate) may give up 
recei ving the job, while t2 in Fig.3.!. Thus the 
probability of pattern 3 and 4 in Fig.3.2 is 
slight greater than in Fig.3.1. To the contrary, 
the probability of pattern 1 and 2 is less than 
in Fig.3.1 for the same reason. Considering that 

the time interval of transmission of the job in 
pattern 3 and 4 is shorter than in pattern 1 and 
2, mean delay in Fig.3.2 is slightly smaller 
than mean delay in Fig.3.1. In general, it is 
evident that mean transmission delay in the 
virtual system. 1, ~, is slightly smaller than 
Dr· 

declaration packet-----

Is t packet - - - - - - - - - - -

2nd 

pattern 
delay : 

1 
(8s) 

2 3 
(7s) (7s) 

45678 
(6s) (7s) (6s) (6s) (Ss) 

3 

D 

1 
(8s) 

Fig.3.l. Transmission order 
in real system. 

2 
(7s) 

3 4 
(7s) (6s) 

5 
(7s) 

Fig.3.2. Transmission order 
in virtual system 1. 

6 
(6s) 

7 
(6s) 

D 

8 
(Ss) 

Next, we consider upper bound of DT, DT. 
The following virtual system 2, is introduced. 
Assuming that transmission of packets with odd 
sequence number and that of even are 
independent, transmission order is simplified. 
An example is shown in Fig.3.3, 3.4. Difference 
between real system and virtual system is the 
time when some of target station s gi ve up 
recei ving the job, that is, t2 or t3 in Fig.3.4 
while t2 in Fig.3.1. So,_ mean transmission delay 
in virtual system 2, DT, is a little greater 
than DT. 
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D 

Fig.3.3. Transmission orders with odd 
and even ,packets. 

1 
(8s) 

2 
(7s) 

3 
(7s) 

4 5 6 
(6s) (7s) (6s) 

Fig.3.4. Transmission order 
in virtual system 2 

7 8 
(6s) (Ss) 

Through the above discussions, we have 

12T<Dr<Dr· 

3.2 Lower Bound of Mean Transmission Delay 

Let Pm(i,j1,j2Ik1,k2) be the probability 
tha t js (s=l, 2) recei vers with downl ink error 
rate per packet, eds, have received the m-th 

' data packet after the i-th (l<i<M) transmission 
of it, given that (m-1)st-data packet was 
correctly received by ks receivers with ed 
(s=1,2) respectively. And eu denotes uplin~ 
error rate per packet. It should be noted that 
for m=l, ks=ns (s=1,2) from the assumption that 
the declaration packet was received correctly. 
Then Pm(i,j1,j2Ik1,k2) is given as, 

Pm(i,o,olo,o)= 

(m~2) 

Pm(i,j1,j2I k1,k2) 

(i=1) 

j1 j2 ' (k1,k2) 
L LPm(i-1,v1,V2I k1,k2).A 

v1=O v2=O (v1,v2),(j1,j2) 

(O~~ks' s=1,2, and (jl,j2)~(kl,k2) ) 

jl j2 (kl, k2) 
L L Pm(i-l,V1,V2Ik1,k2)·A 

vI=O v2=O (vI,V2),(jl,j2) 

Where, 

- Pm(i-l,kl,k2I kl,k2) 
(jl,j2)=(kl,k2) ). 

and 

eu=l-(l-Bu)B, 

edl =1-(l-Bd1)B, 

ed2=1-(l-Bd2)B, 

(kl,k2) 
A 

(v1,V2),U1,j2) 

, (~I-Vl) jl-vl kl-jl (k2-V2) 
(l-eu) (l-edl) ·edl· ' 

j1-vl j2-vi 
j2-v 2 

. (l-ed2) ·ed2 

(O~v~~ks' s=I,2, and (vl,v2)~(jl,j2» 

kl-vl k2-v2 ' 
eu+(I-eu)edl ·ed2 

(O~vs=j~ks' except vs=js=ks ,s=I,2) 

1 (vs=js=ks ). 

(kl,k2) 
A is the probability that js 
(vl,v2),Ul,j2) 

(s=1,2) receivers with eds have received 
correctly after the last transmission of it, 
gi ven that Vs recei vers with eds had recei ved 
the current packet correctly before the last 
transmission of it, and that ks receivers with 
eds had recei ved all the previous packets 
correctly. 

From the above equations, Pm(i,kl,k2Ikbk2) 
(l~i~M-l) and Pm(M,jl,j2Ik1,k2) (O~js~ks' s=I,2) 
are obtained, and satisfy the normalizing 
condition. 

M-I k1 k2 
L Pm(i,kl,k2Ik1,k2)+ L L'Pm(M,jbj2Ik1,k2) 

i=1 jl=O j2=O 
=1 

(for mL2, O~k2' for m=l, ks=ns ,s=I,2). 

Finally, the relation between (m-l)th and 
m-th data packet is described. Probability that 
a sender transmits the m-th data packet i times, 
Qm(i), and probability that js receivers with 
eds,s=1,2, have received the m-th packet 
correctly within M times, Rm(jl,j2), are 
obtained by following equations, 

for m=1 

PI(i,nl,n2In1,n2) (l~i~M-l) 

n1 n2 
L L PI(M,jl,j2I n1,n2) 

jl=O j2=O 
(i=M) 

nl n2 
L L Pm(i,kl,k2Ikl,k2)·Rm_l(kl,k2) 

kl=O k2=O (l~i~M-I) 

nl n2 kl k2 
L L L L Pm(i,jl,j2Ikl,k2)·Rm-1(kl,k2) 

kl=O k2=O jl=O j2=O (i=M) 

P1(M,j1,j2I n1,n2) 

(O~js~ns,s=I,2, and UI,j2)*(nl,n2» 

~l U1, j2)= M 
L Pl(i,nl,n2Inl,n2) (js=ns ,s=I,2) 

i=l 
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for mL2 

Rm(j1' j2) 

n1 n2 
Rm(O,O)+ E E Pm(M,O,O\k1,k2)·Rm-1(k1,k2) 

k1=O k2=O (j1=j2=O) 
M-I 

E Pm(i,j1,j2\j1,j2)·Rm-l(j1,j2) 
i=l 

n1 n2 
+ E E Pm(M,j1,j2\k1,k2)·Rm-1(k1,k2) • 
k1=j1 k2=j2 

(O~~ns,s=1,2, and (jl,j2)~(O,O)) 

From the above results, lower bound of mean 
transmission delay,~,is given as 

j M 
~= E S{ E E i·Qm(i)+2}l(1-l)j-1 

j=l m=l i=l 

The second term in parentheses, 2, 
correspond to the time interval necessary for 
both the transmission of the declaration packet 
and dummy state. 

Let rs be mean number of target stations 
with eds' s=1,2, which survive until the 
completion of a job, respectively. 

rs are given as, 

00 n1 n2 
r s = ElCl- l ) m-I E E j s· Rm (j 1, j 2) 

m=l j1=O j2=O 
(s=1,2). 

3.3 Upper Bound of Mean Transmission Delay 

Dr is simply obtained by using the results 
of preceding section. Let d(j) be defined as, 

M 
E i·Q1(i) 

i=l 

j/2 M 

(j=1) 

d(j)= 2 E E i·Qm(i) (j=2,4,6,S···) 
m=l i=l 

(j-1)/2 M M 
2 E E i·Qm(i)+ E i·Q(j+1)/2(i) • 
m=l i=l i=l 

(j=3,5, 7 ,9,···) 

Then we get, 
00 

Dr= E S{d(j)+2} l(1- l )j-1 
j=l 

3.4 Mean Transmission Delay of Scheme 1 

We obtain mean transmission delay of scheme 
1, Dr, in order to compare wi th that of scheme 
2. In the case using scheme 1, exact numerical 
solution of ut is also simply obtained from the 
results of preceding section. 

Let k denotes the mean transmi ssion times 
necessary for a single packet to be received by 
(n1+n2) receivers. k is given as 

k= E i ·P1 (i,n1 ,n2\ n1 ,n2) 
i=l 

Let L=l/L be the mean number of packets 
consisting in a single job. Then nt is given as 

nt=S(Lk+2) 

Q,T, DT, and Dr can be calculated with the 
desirable accuracy by accomplishing the 

summation necessary times. 

3.5 Discussion about Mean Access Delay 

Various methods to obtain mean access delay 
of R-ALOHA hq ve been proposed [3], [4]. We 
obtained upper and lower bounds of mean 
transmission delay. They are adopted as 
approximate values of mean transmission delay. 
The approximate analysis on mean transmission 
delay in [3] is adopted, because it gives mean 
access delay when mean transmission delay is 
obtained. 

In the paper, reduced system state X is 
defined as 

X=(NT,NA) , 

where 
NT: the number of stations transmitting its 

job. 
NA: the number of stations waiting for . 

successful access. 
Then transition probability from state x to x' 
is approximately defined including terms of A, 
S, R, q, and DT. Equilibrium equations are 
solved numerically, and expectations E[NT], and 
E[NA] are obtained. Finally system delay D and 
DA are obtained as 

D=l!A' 

A'=E[NT]/N·Dr 

DA=D-Dr • 

4. Numerical Results 

First, we compare the values of Q,T and DT 
with the values obtained from the simulation 
model [5]. Fig.4.1 shows ~ and Dr as a function 
of maximum allowable retransmission times, M. 
Simulation results are plotted by symbols while 
analytical results are shown by so 1 id 1 ines. DT 
is close to Q.T. As proposed in 3.1, they are 
considered to give good approximate values of Dr 
and can be utilized to calculate approximate 
values of DA. Especially, QT is a better 
approximate value of DT, because its analysis 
takes into consideration that packets with odd 
number influence ones with even. Fig.4.1. shows 
that it is effective to restrict retransmission 
times when higher bit error rate in downlink, 
Bd2, is large. 

Figs. from 4.2 to 4.4 show DT, r1,r2 
respectively as a function of Bd2. In Fig.4.2, 
the case of M= corresponds to the case of using 
scheme 1. It is shown that our transmission 
scheme gives good performance when Bd2>lx10-4 
and M=l, 2,3. In order to determine the optimal 
value of M, we must investigate r1 and r2. 
Fig.3.3 indicates that recei vers with lower 
downlink error rate do not suffer heavily from 
transmiss i on error. If M>2, almost all 
receivers with Bd1 will survive. that is they 
will receive jobs completely. Fig.4.4 shows that 
almost receivers with Bd2 survive when Bd~lx10-
4 and ML3. Fig.4.5 shows DT as a function of n2, 
where n1+n2=25. It indicates DT is not much 
influenced by the increase of n2 when M=1,2,3. 
Through Figs.4.2,4.4,4.5, we propose that the 
best value of M is 3 in the case. Concerning 
system delay, Fig.4.6 shows D versus M in the 
case of relatively long packets. It indicates 
additional delay(each value of D minus minimum 
value) can be considerably reduced by setting 
M=2 or 3. 
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DT (slots) 

7000 

6000 

o~simulation 

SOOO 

S=42,R=40,nl=20,n2=S 

4000 
. -7 -6 

Bu=lxlO ,Bdl=lxlO 
-3 Bd2=lxlO ,l=0.02, 

3000 1 packet=S47 bits 

2000 

1000 

o 0 1 2 3 4 S 6 7 8 9 10 M 

7000 

6000 

SOOO 

4000 

3000 

2000 

1000 

Fig.4.l. T~ansmission delay vs. 
maximum allowable retransmission times. 

DT(slots) 

S=42,R=40,nl=20 M= 

n2=S,Bu=lXlO -7 

Bdl=lXlO 
-6 M=6 

l=0.02 

1 packet=S47 M=5 

M=4 

M=3 

M=2 
M=l 

Fig.4.2. Transmission delay vs. 
higher bit error rate in downlink. 
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rl (receivers) 
30 

S=42,R=40,nl=20,n2=S,1 packet=S47 bits 
-7 -6 

Bu=lxlO ,Bd1=lxlO ,l=0.02 

2S 

20 t===~========= 
M=2,3,4,S,6 

M=l 

IS 

10 

S 

4 

3 

2 

1 

0 

S 

o L...,....J..-J...,..---L-...L-~_....&....~-.... Bd2 
10 3 10 

Fig.4.3. Mean number of survived receivers 
~ith lower downlink error rate 

vs.' 
lower bit error rate in downlink. 

r2 (receivers) 

S=42,R=40,n1=20,n2=S,1 packet=S47 bits 
-7 -6 

Bu=lxlO ,Bdl=lxlO ,l=0.02 

M=6 

M=S 

M=4 

M=3 

M=2 
M=l 

Bd2 
10-6 10-S 10-4 10-3 

Fig.4.4. Mean number of survived receivers 
with higher downlink error rate 

vs. 
higher bit error rate in down1ink. 
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DT (slots) 

S=42,R=40,nl+n2=25,1 packet=547 M=oo 
-7 -6 

l=0.02,Bu=lxlO ,Bdl=lxlO 

Bd2=lxlO 
-3 M=6 

M=5 

M=4 

M=3 

==_-----~--- M=2 
---------------------------M=l 

~ ____ ~ ______ ~ ______ ~ ____ ~~ ____ -4 n2 
o 1 2 3 4 5 

Fig.4.5. Transmission delay vs. number of 
receivers with higher downlink error rate. 

D (slots) 

N=12,S=6,R=5,nl=9,n2=2 
-7 -6 -4 Bu=lxlO ,Bdl=lxlO ,Bd2=lxlO 

l =0.2,1 packet=5400 bits 
q=O.l, A=0.02(job/slot.station) 

o~simulation 

o 1 2 3 4 5 6 

Fig.4.6. System delay vs. maximum allowable 
retransmission times. 

5. Conclusion 

In this paper, we considered point-to
mul tipoi nt mul ti-packet data communication 
system using sate 11 i te channe 1, which suffers 

from transmission error caused especially by 
local bad weather around terrestrial stations. 
It is that on uplink, bit error rate is one 
constant while on downlink there are two types 
of bit error rate. This assumption makes the 
model more realistic. Then we proposed a 
retransmission scheme for broadcast connection, 
in which retransmission times are reduced by 
abandoning almost' receivers under bad condition. 
That is, a sender does not transmit the same 
packet over M times, and a receiver does not 
send back NACKs on the same packet over M times. 
Once a receiver has sent NACKs on the same 
troubled packet, it must not return a NACK any 
more, and must gives up receiving the multi
packet data. The retransmission scheme can be 
adopted in fixed assigned scheme and reservation 
scheme such as TDMA, R-ALOHA. 

Here, performance characteristics of the 
system based on R-ALOHA which adopts the 
retransmission scheme was investigated. Upper 
and 'lower bounds of mean transmission delay were 
obtained, and mean access delay was calculated 
using them. Thro'ugh the numerical resul ts, 
interesting properties of the system are shown 
and the system proposed here is found to be of 
good performance. Analytical resul ts are well 
verified by simulation resul ts. Especially 
compared with the case that times of 
retransmission is not limited, mean system delay 
is extremely reduced. By setting M=2, additional 
delay is hal ved for the victim of almost 
unreachable destinations. 

In this model, it is not taken into account 
that traffic on the other channels increases by 
abandoned destinations. And it is necessary to 
consider the influence of abandoned receivers. 
Satellite was used here as transponder. If the 
satellite is equipped with large buffer and 
processing capacity, it is possible for the 
satellite to change M dynamically by observing 
NACKs and control the access probability 
according to the fluctuation of arri val rate. 
These problems are left for future works. 
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