
Rate-Adaptive Error Control for Multimedia Multicast Services in 

Satellite-Terrestrial Hybrid Networks 

Sungrae Cho 
Broadband and WI reless Networking Laboratory 
School of Electrical anfd Computer Engineering 

Georgia Institute of Technology 
Atlanta, Georgia, 30332 

Tel: (404) 894-6616; Fax: (404) 894-7883 
Email: srchoOece.gatech.edu 

Abstract- This paper presents a rate-adaptive error con- 
trol (RAEC) protocol for multimedia multicast services in 
satellite-terrestrial hybrid networks. The pro osed scheme 
considers user fairness to multicast grou ancf adapts code 
rate according to the channel conditions. ?n order to provide 
fairness erceived by user application, a packet is transmitted 
via satelhe while the retransmission of the packet is carried 
out over either terrestrial links or satellite link based on the 
number of negative acknowledgments of the packet. For code 
rate ada tation a code is chosen ada tively based on the esti- 
mated cRannel Aondition. In the RA& protocol, transmitter 
uses a combination of forward and backward channel esti- 
mation. Throughput performance shows that the proposed 
RAEC rotocol outperforms.the static hybrid ARQ protocol 
under different channel conditions. 

I. Introduction 
In terrestrial networks, commercial proliferation 

of telephone and data services has created a great 
demand for various multimedia applications. In 
the other domain, communication satellites have be- 
come the dominant carriers of Ion distance comniu- 
nications in less than 30 years. $hese two network 
infrastructures have been developed as stand-alone 
systems. Recently, a concept of integrating the satel- 
lite and terrestrial systems has been introduced. 

These satellite-terrestrial hybrid networks (in 
short, we call hybrid networks) are becoming in- 
creasingly popular for multimedia multicast services 
due to several advantages. Man multimedia ap 
plications, particularly in case of h e  transfer, vicleo 
multicast, and database services are asymmetric in 
nature, i.e., the bandwidth requirement from a re- 
ceiver is much less than that from its counterpart. 
Although two-way satellite channels can be used for 
such asymmetric applications, it is also possible to 
combine a one-way satellite channel for information 
flow with a parallel terrestrial channel for control 
data flow. This can remarkably reduce the cost of 
expensive satellite feedback channel. Furthermore, 
satellites are able to offer efficient bandwidth six- 
vices to a lar e geographical area and easy to a,dd 
new users to t i e  system by simply installing the sta- 
tions. Hence, the satellite network is an excellent 
infrastructure for multicast services. Possible appli- 
cations in the hybrid networks are: 

Data transfer to lar e user populations, 
Continuous sensor fata feed to large user pomp- 

ulations, 
Group tele-conferencing, 
Dissemination of video and/or audio streams to 
large user populations, 
Distance learning, and 
Distributed interactive simulation. 

However, satellite link is characterized as a 
time-varying communication channel since it has 
both non-homogeneous and dynamic characteristics. 
This time-varying channel condition would create 
bursty errors. As in all communication systems, an 
adequate error control scheme is required for multi- 
cast services in these hybrid networks. 

Error control schemes for unicast services have 
been extensively studied and developed. However, 
relatively few schemes for multicast have appeared 
in literature [2], [3], [6 [7], [8]. Typical roblem in a 

if a receiver suffers a relatively high error probabili 
ity, the throu hputs of all other receivers are limited 
to the througlput of the poor receiver. ' 

In this paper, we propose a rate-adaptive error 
control (RAEC) technique for multimedia multicast 
services in the hybrid network. The proposed proto- 
col provides user fairness to receivers and adapts the 
code rate according to the channel conditions. For 
the user fairness, a packet is transmitted via satel- 
lite, while the retransmission of the packet is car- 
ried out over either terrestrial links or satellite link 
based on the number of negative acknowledgments 
of the packet. If the majority of the receivers gets er- 
roneous packet, retransmission is sent over satellite 
link; otherwise, it is sent over terrestrial link. For 
code rate adaptation, a code is chosen adaptively 
based on the estimated channel condition in order 
to maximize the throughput. In the RAEC proto- 
col, transmitter uses a combination of forward and 
backward channel estimation. 

Section I1 
presents the throu hput comparison between the hy- 
brid network configuration and pure-satellite net- 
work configuration. Section I11 describes a channel 
model for time-varying satellite channels. In sec- 
tion IV, proposed rate-adaptive error control pro- 
tocol is described. Performance evaluation is given 
in section V. Then, the paper concludes with sec- 

multicast error contro Ii protocol is user Fairness, i.e. 

The paper is organized as follows. 
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Fig. 1. Satellite-Terrestrial Hybrid Network Architecture 

tion VI. 

11. Throughput Comparison 
In this section, we analyze the throughput per- 

formance of multicast services in two network con- 
figurations: pure-satellite network, and h brid net- 
work configuration shown in Fig. 1. Zonsider a 
pure-satellite multicast network in which retrans- 
mission as well as transmission of a packet take place 
through the satellite link. If only one receiver gets 
an erroneous packet and requests a retransmission, 
then other ood receivers are forced to receive redun- 
dant (futils packets. This can breach the fairness 
of all other users in the multicast group. If the ARQ 
scheme takes secondary route such as terrestrial link, 
the retransmission could be sent only to the receiver 
with an erroneous packet. This basic idea is pro- 
posed in [3 which supplements a satellite multicast 

between the transmitter and each receiver. 
However, it may not be efficient to retransmit the 

packet through the terrestrial link to each receiver, if 
the majority of the receivers suffer high error rate. It 
is because the retransmission traffic may cause con- 
gestion in the terrestrial network, generating more 
errors. Instead, in our scheme, a packet is trans- 
mitted via sallite link, while retransmission of the 
packet is done through either satellite or terrestrial 
link, based on the number of negative acknowledg- 
ments. If the number of ne ative acknowledgments 
is larger than the half of &e number of receivers, 
retransmission is sent over satellite link; otherwise, 
it is sent over terrestrial link. 

In order to compare the performance of both con- 
figurations, we choose throu hput as a performance 
metric. Throughputs 78 an8 7 h  are defined as the 
fraction of information bits to the total number of 
bits in each packet transmitted to receivers, for pure- 
satellite and hybrid network configuration, respec- 
tively. To analyze multicast networks, we make the 
following assumptions: 

1. There are L receivers, and each receiver has 
equal priority. 

system wit h a set of point-to-point terrestrial links 

2. The packet error probability over satellite and 
terrestrial link is P, and Pt, respectively. The 
error statistics at each receiver is independent 
and identically distributed. 

3. There are I user information bits and h header 
bits per packet. 

4. All acknowledgments are delivered error-free. 
5. The propagation delays of acknowledgment 

from the receivers to the transmitter are iden- 
tical. 

6. The transmitter can distin uish which receiver 
sends its acknowled ment. %bus, the transmit- 
ter is informed of t8e number of negative ac- 
knowledgments. 

For the pure-satellite network configuration, the 
expected number of transmitted bits to  L receivers, 
N 3 ( L )  is given by 

N S  ( L )  
L 

= c{(l+ h)L + N S ( i ) }  ( 4 ) P:(l - Ps)'>-; (1) 
i = O  

Throughput for pure-satellite configuration, 77, is 
given by 

In the hybrid network configuration, each packet 
is initially transmitted via satellite link. However, 
retransmission is sent either through terrestrial or 
satellite link based on the number of negative ac- 
knowledgment the transmitter received. If the num- 
ber of negative acknowledgments is less than LL/2], 
retransmission is sent through terrestrial link. Oth- 
erwise, retransmission is delivered via satellite link. 
Therefore, the expected number of transmitted bits 
to L receivers, N h ( L )  is given by 

N h ( L )  
L 

= c{(l+ h)L + Nph(i)} ( 4 ) P j ( l  - Ps)L-i (3) 
i=O 

where expected number of transmitted bits to i re- 
ceivers given that error occurs, N k ( i )  is obtained 
by 

Throughput for hybrid network configuration, qh 
is given by 

( 5 )  
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Let q,,1 denote the relative throughput by qrel 4 
qdq,,.  Then, Fig. 2 shows the relative throughput 
e ciency versus the number of receivers with var - 
ing bit error rate in the satellite link. The throng{- 
put of pure-satellite network configuration is poor 
than the hybrid network configuration. Also, as 
the number of receiver increases, the throughput of 
pure-satellite network substantially decreases. From 
the throughput comparison, hybrid network with 
our scheme can be more suitable for multimedia mul- 
ticast services. 
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Fig. 2. Relative Throughput vs. Number of Receivers (T i  = 
1 = 2000, and h = 40) 

111. Channel Model 
In this paper, the channel model is assumed to be 

a frequency non-selective slow fading Rician, which 
is typical in satellite communication channels 191. 
Slow fading causes Rician envelope to be constant 
during one signal interval, T,. In this model, we as- 
sume no shadowing and coherence detection. Hence, 
the phase changes of the channel are tracked by the 
receiver. Accordingly, only the amplitude changes 
are appeared in the channel model. 

The sequence from the channel encoder, x = 
(- , xi-1, x i ,  xi+l,. . e )  is transformed into signal, 
s( t )  = R e { d m C i  x i s ~ ( t  - iT,)ejUot} by M-ary 
phase shift keying (MPSK) modulator where s ~ ( t )  is 
the envelope of the transmitted signal with duration 
T, and unit energy, WO is the carrier frequency, and 
E, is the energy per symbol. Then, the received sig- 
nal, r( t )  can be represented by ~ ( t )  = a( t ) s ( t )  +n(t) 
where n(t)  is additive white Gaussian noise (AWGN) 
process. The probability density function of the en- 
velope, I' of the Rician fading process, a( t )  is given 
by [51: 

where the parameter s denotes the peak amplitude 
of the dominant signal or non-centrality parameter 
of the distribution and lo(.) is zero-order modified 

Bessel function of the first kind. The Rician distri- 
bution is often described in terms of a parameter K: 
which is defined as the ratio of powers in the direct 
and diffuse components. It is given by K:=s2/2u2 or 
in terms of dB, K: (dB) = lolog (s2/2a2)  dB. 

The sequence of r = ( e  . , T i - 1 ,  T i ,  ~ i + l , .  * a )  is ob- 
tained after demodulation, where ri can be repre- 
sented by ri = d m a ; a i z i  + ni where ai and ni 
are discrete sample of a( t )  and n(t), respectively. 

IV. Rate-Adaptive Error Control 
Most error control protocols are typically desi ned 

with fixed values for link layer parameters suct as 
coding rate and error combating capability for the 
worst channel condition. This can provide error 
probability to be below a pre-defined value. How- 
ever, throu hput performance become smaller than 
the achieva%le performance using optimum code pa- 
rameters. A more efficient approach is to use an 
adaptive error control scheme that responds to the 
actual channel error condition by selecting the opti- 
mum code rate 9 

code rate depending on the channel conditions. Dur- 
ing good channel conditions, more information is 
sent using higher rate codes. As channel quality 
becomes worse, lower rate codes are applied. Given 
channel condition, a transmitter decides optimum 
code rate based on the estimated throughput effi- 
ciency. The RAEC protocol uses both forward and 
backward channel estimation, i.e., a receiver mea- 
sures transmission efficiency, which is conveyed back 
to a transmitter. Then, the transmitter uses this 
feedback efficiency as well as estimated throughput 
based on the measurement of SNR and Rician pa- 
rameter IC. 

Our propose 6k AEC protocol utilizes variable 

A. Receiver Procedure 
Let Ne(i) denote the number of erroneous bits in 

i-th data packet and N,(i)  the number of bits in 
i-th data packet, both during measurement period, 
T,. A receiver provides feedback packet transmis- 
sion efficiency for i-th packet, q f ( i ) ,  to the transmit- 
ter through control packet by 

(7) 

Hence, q f ( i )  indicates the quality of channel at 
the receiver side. 

B. Transmitter Procedure 
Let N,(i)  be the number of user information bits 

in i-th data packet and H i ( i )  is the number of 
header bits including redundancy in i-th data packet 
encoded with code j .  Then, the estimated through- 
put of the i-th data packet at a transmitter side, 
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q! (i), is given by 

. (1 - Pw) Nu(i) 
d( i )  = Nu(i) + Hi(i)  

where P, is word error probability. If we assume 
Reed-Solomon (RS) code, Pw, is given by [5] 

N 

Pw = ( 7 ) Pj(1 - P , ) N - - i  
i=t+l 

where N is code word len th, t is error correcting 
capability, and P, is symbo? error probability. 

C. Code Selection 
The transmitter estimates the overall throughput 

efficiency for code j at the instant of transmitting 
k-th packet, qi(Ic), based on (1) efficiency evaluated 
at the transmitter (forward channel estimation), and 
(2) measured efficiency from the feedback channel 
(backward channel estimation). 

The overall efficiency ~ $ ( k )  is obtained by 

$@) = 0 d(W + (1 - a) a r ( R ( k ) )  (10) 

where 0 5 a 5 1 is called the measurement smooth- 
in ratio, and R(k is the identifier of the last packet 

Ic-th packet, e.g., R(k) = i as shown in Fig. 3. 
aaowledged at t b e time of the transmission of the 

I r+l 1+2 

--C Data Packet ----O Control Packet 

Fig. 3. Choice of a 

Since the backward channel estimation becomes 
obsolete as time passes, the transmitter gradually 
reflects more forward channel estimation into the 
overall throughput efficiency, i.e., (Y is an increasing 
function of the time. However, in reality, it is diffi- 
cult to choose the slope of CY. To solve this problem, 
we use the mean square error (MSE) estimator. 

Let E, denote the forecast error of the i-th packet, 
i.e., = qi( i )  - ?f ( i ) .  Note that ~i is based on 
q, and qf of the a-th packet as well as qf of the 
R(i)-th packet which is the most recent acknowl- 
edgment identifier at the instant of the transmission 
of the i-th packet. If there are n packets taken into 
consideration and the (i - l)-th acknowledgment is 
available at the transmitter, then the MSE, en(i) ,  is 
given by 

i -1  2 
€ 1  

(11) e , ( i )  = 
n 

We obtain a which minimizes en(i) given by 

When there is a data packet to be sent in a trans- 
mitter, the transmitter computes through ut effi- 
ciency for each code based on the Eq. k) and 
finds the code with maximum throughput e ciency, 
vra5(k) = maxjEc{qi(k)} where C is a discrete 
transmittable code set, C = {Code 1, Code 2,. . . , 
Code N } .  

V. Performance Evaluation 
The proposed protocol is evaluated using a soft- 

ware emulator which incorporates a satellite chan- 
nel model described in section 111. Most real wire- 
less channels are time-varying. Experimental re- 
sults show that the channel parameters are station- 
ary over a short time interval [9]. The channel is 
modeled as stationary in these time intervals. A 
non-stationary channel can thus be represented by 
A4 stationary channel models. The simplest forms 
of this model are Gilbert [4] model with only two 
binary symmetric channel states. 

I+s, 1+s,, 

I-Sm I-s , ,  
2 2 

- -  
2 2 

Fig. 4. State Diagram of Channel Model 

In this paper, the channel is modeled by 3-state 
Markov Chain (MC). Each state in the MC repre- 
sents a frequency non-selective slow Rician fading. 
We assume only the transitions to adjacent states 
are allowed where the states are ordered according 
to decreasing values of bit error probabilities. Tran- 
sition process between states is described by the 
transition probability matrix. The analysis of ex- 
perimental data [9] indicates that the states are rel- 
atively stable, i.e., Sji M 1, i E {0,1,2}. Adopting 
state transition matrix from [9], the state diagram 
is shown in Fig. 4. 

The implementation of the protocol is carried out 
in the user space with UDP sockets. For the simula- 
tion, we assume satellite and terrestrial link transfer 
delay are exponentially distributed with averages of 
266 msec and 34 msec, respectively. 
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A. Example 1 
The channel parameters and state probabilities for 

this experiment are given in Table I. Fig. 5 compares 
the throughput of the RAEC protocol with those of 
static hybrid ARQ protocols. As can be seen, the 
RAEC solid line) provides the better throughput. 

ing capability, they have lower throughput efficiency 
due to lar er redundancy bits. When SNR is less 
than 5.65%B, the code with R, = 0.7 has better 
throughput than code with R, = 0.9. Thus, the lop- 
timum throughput performance for the static proto- 
cols changes depending on the channel conditions. 
This is the another disadvanta e of static proto- 
col. At  SNR=lOdB, the R A E 8  protocol achieves 
about 22.4 percent of gain relative to the code with 
R, = 0.9. 

Althoug 6 lower rate codes have more error combat- 

2 
10 

0.7 

- 
- - 

1 - 1.42 x e - r  

- 

Fig. 5. Throughput vs. SNR(dB) 

B. Example 2 
In this example, worse channel condition is chosen 

by changing state probabilities of both states 0 and 
1 to 0.3 in example 1. Fig. 6 shows the thr0ug.h- 
put comparison of the RAEC rotocol with fixed 
code rate schemes. The RAEC kolid line) provides 
the better throughput. Note that even if the static 
code rate achieving maximum throughput chang,es 

at a certain rage of SNR, throughput of RAEC 
protocol is still hi her than those of static proto- 
cols. At SNR=lOfB, the RAEC protocol achieves 
about 22.97 percent of gain relative to the code with 
R, = 0.9. 

. . . . . . . . . . . . . . . . . .  

5 5 5  0 0 5  7 7.5 8 *5  0 9.5 10 
SNR la1 

Fig. 6. Throughput vs. SNR(dB) 

VI. Conclusions 
This aper presents a rate-adaptive error control 

W C P P  rotocol for multimedia multicast services 
in the hybrid networks. The proposed protocol pro- 
vides user fairness to multicast group and adapta- 
tion of the code rate according to the channel con- 
ditions. Throu hput performance shows that the 
proposed RAECfprotocol outperforms the static hy- 
brid ARQ protocol under different satellite chan- 
nel conditions. At SNR=lOdB, the RAEC proto- 
col achieves about 22 percent of gain relative to the 
code with R, = 0.9. 

References 
S. Cho, “Adaptive Error Control for Hybrid (Satellite- 
Terrestrial) Networks,” in Proc. of IEEE WCNC’99, pp. 
1011-1015, New Orleans, LA, September 1999 
R. H. Deng, “Hybrid ARQ schemes for point-to- 
multipoint communication over nonstationary broadcast 
channels,” IEEE Trans. on Comm., vol. 41, no. 9, pp. 
1379-1387, September 1993. 
D. Friedman and A. Ephremides, “A Scheme to Improve 
Thrqpghput for ARQ-Protected Satellite Communica- 
tion Int. Mobile Satellite Conf., Pasadena, CA, June 

E. W. Gilbert, “Capacity of a Burst Noise Channel,” J. 
Bell Sys. Tech., vol. 39, pp. 1253-1266, September 1960. 
J. G. Proakis, Digital Communications, McGraw-Hill 
Inc., 1995. 
K. Sabnani and M. Schwartz, “Multidestination Proto- 
col for Satellite Broadcast Channels,” IEEE Trans. on 
Comm., vol. 33, no. 3, pp. 232-240, March 1985. 
A. Shiozaki, “Adaptive type11 hybrid broadcast ARQ 
system,” IEEE Trans. on Comm., vol. 44, no. 4, pp. 
420-422, April 1996. 
J. L. Wang and J. A. Silvester, “Optimal Adaptive Mul- 
tireceiver ARQ protocols,” IEEE Trans. on Comm., vol. 
41, no. 12, pp. 1816-1829, December 1993. 
B. Vucetic, “An Adaptive Coding Scheme for Time- 
Varyin Channels ” IEEE Trans. on Comm., vol. 39, no. 
5, pp. t53-663, Iday 1991. 

1991. 


