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Abstract 

 
We consider applying the FEC-based multiple de-

scription coding method for multicasting a source to a 
set of clients with heterogeneous access bandwidths. In 
the scenario where different clients access the server 
via separate links, we propose a procedure which re-
fines the already computed optimal solutions for other 
bandwidths, using different packet lengths. Compared 
to the scheme that computes an optimal solution indi-
vidually for each bandwidth, this procedure is quite 
faster and has comparable performance. In another 
scenario where many clients share a bottleneck link, 
we extend our embedded packetization framework to 
be available in more than two bandwidths, and pro-
pose a fast heuristic algorithm which can achieve very 
good performance tradeoff among all clients. 
 
1. Introduction 
 

FEC-based multiple description coding (FEC-MDC) 
is a commonly used approach for sending scalable im-
age and video data over packet-loss networks. The 
basic idea is to partition a scalable source bitstream 
into segments of decreasing importance, and protect 
these segments using progressively weaker forward 
error correction (FEC) channel codes, so as to convert 
a prioritized bitstream into multiple non-prioritized 
descriptions. This method can be applied to many scal-
able image and video coders, such as SPIHT [1], 
JPEG2000 [2], and 3D SPIHT [3]. 

Several FEC-MDC algorithms have been proposed 
[4, 5, 6, 7, 8].  These algorithms only try to find the 
optimal solution for a given transmission rate. Thus it 
is difficult to apply them in multicasting scenarios, 
where a server needs to send a source to a collection of 
clients over separate links. As different clients may 
have different access bandwidths, the server needs to 
calculate optimal FEC-MDC protections for all possi-

ble bandwidths. This, however, requires intensive 
computation. To address this problem, Stankovic et al. 
[9] proposed to calculate the optimal protection for a 
base bandwidth and then adjust the protection for other 
bandwidths by fixing the packet length but using dif-
ferent packet numbers for different bandwidths. In this 
paper, we argue that when dealing with bandwidth 
variation, a more suitable solution is to change packet 
length, instead of packet number. We first derive a 
proposition which describes the changing behavior of 
an optimal protection when the packet length changes, 
then propose a procedure which computes an optimal 
protection for the first client and only refines it to 
count for the change of packet lengths for other clients. 

When sending a bitstream to a collection of clients 
partially via a bottleneck link, layered codes are pref-
erable. Chou et al. [10] proposed to split FEC-MDC 
into two layers, each having the same packet length. 
The low-bandwidth clients receive only the packets of 
base layer, while the high-bandwidth clients addition-
ally receive other packets belonging to enhancement 
layer. Stankovic et al. [9] improved this method to 
provide a better tradeoff between distortions seen by 
both high- and low-bandwidth clients. In [11], we pro-
posed an embedded packetization framework for lay-
ered MDC, in which even naïve methods can achieve 
good performance. In this paper, we extend this 
framework to more than two layers, and present a fast 
heuristic algorithm by which better performance trade-
off can be achieved for all clients with different access 
bandwidths. 
 
2. FEC-based multiple description coding 
 

Consider the transmission of a scalable bitstream 
over a packet-loss channel using N  packets, each 
has L  bytes. In FEC-MDC framework, the source bit-
stream is divided into L consecutive segments, each of 
which has {1, , }im N∈   bytes and is protected by an 



( , )iN m  systematic RS code, 1 i L≤ ≤ . If n  packets of 
N  are lost, the RS codes ensure that all segments that 
contain at most N n−  source bytes can be recovered. 
Let i if N m= −  denote the number of RS redundancy 
bytes that protect the thi  segment. Under the constraint 
of 1 Lf f≥ ≥ , if at most if  packets are lost, then the 
receiver can decode at least the first i  segments. In 
this paper, we use an L-dimensional vector LF =  

1( , , )Lf f  to denote an FEC-MDC protection solu-
tion (FPS). Let ( )Np n  denote the probability of losing 
exactly n  packets out of N and let ( )Nc k =  

0 ( )k
Nn p n=∑ , 0,1, ,k N= , then ( )N ic f  is the prob-

ability that the receiver correctly recovers the thi  seg-
ment. Let ( )rφ  be the rate-distortion function of the 
scalable bitstream, which is a non-increasing function, 
then the expected distortion of the reconstructed signal 
at the decoder side can be expressed as 

 11
( ) ( ) (0) ( )( ( ) ( )),L

D L N N i i ii
E F c N c f r rφ φ φ−=

= − −∑  (1) 
where 1 1

i i
i k kk kr m iN f= == ∑ = −∑ , 1 i L≤ ≤ . The ob-

jective of FEC-MDC is to find the FPS LF  that mini-
mizes (1), for given ( )rφ , ( )Np n ,  N  and L . 
 
3. Multicasting over separate links 
 

For a given transmission rate, the performance of 
FEC-MDC depends on the selection of packet number 
N  and packet length L . Increasing N increases the 
loss recovery capabilities of the RS code, but also in-
creases the redundant header information. With the 
change of bandwidth, it is best to search the optimal 
N  and L  for the new transmission rate, and then 
compute the optimal FPS using the new N  and L . 
This procedure is too complicated. For simplicity, it is 
convenient to fix a parameter ( N  or L ) and only 
change the other one. Stankovic et al. [9] chose to fix 
L  and only change N  when bandwidth is changed. 
However, experiments show that, in most situations, it 
is more efficient to fix N  and only change L .  

For a given scalable bitstream with rate-distortion 
function ( )rφ , packet-loss channel state ( )Np n , and 
fixed packet number N , the change trend of the opti-
mal FPS with the change of packet length L  can be 
determined by the following proposition. 
Proposition 1. Let *

1( , , )L LF f f′ ′=  be the optimal 
FPS of the bitstream protected with N  packets of 
packet length L , *

1 1 1( , , , )L L LF f f f+ +′′′′ ′′=  be the opti-
mal FPS protected with N  packets of packet length 

1L + , and assume ( )rφ  is non-increasing and convex, 
then the protection strength of the first L  elements of 

*
1LF +  is stronger than that of *

LF , i.e., 1 1
L L

i ii if f= =′′ ′∑ ≥ ∑ . 
The proof is presented in [12]. Although this propo-

sition predicts only the change trend of the total pro-

tection of the optimal FPS, extensive experiments 
show that this trend is also correct for each single seg-
ment, i.e., for each 1 ,i L≤ ≤ i if f′′ ′≥ . According to 
these properties, we propose a procedure that itera-
tively refines an optimal FPS for a bandwidth from an 
already computed optimal FPS of another bandwidth: 

 
1. Choose an appropriate packet number N . Sort all 

bandwidths in ascending order, denoted as 1, , KB B . For 
each (1 )iB i K≤ ≤ , compute the corresponding packet length 

/8/i iL B N H = − , where H is the packet header length. 
Compute the optimal FPS for 1B  using an FEC-MDC algo-
rithm. Let 2i = . 

2. If i K> , stop. 
3. Assume the optimal FPS of 1iB − is 1 1( , ,iLF f− =  
1 11, )i iL Lf f− −− , then set the current feasible FPS of iB  as 

1 1 1 11 1( , , , , , , )i i i i iL L L L LF f f f f f− − − −−= . 
4. Refine the FPS of iB  starting from iLF , using a local 

search algorithm similar to that of [7]. 
5. Let 1i i= + , go to Step 2. 
 
This procedure refines protections starting from the 

lowest bandwidth. The local search algorithm of [7] 
iteratively increases the protection strength of current 
feasible FPS until better FPS cannot be found in its 
neighborhood. We call this algorithm LSU (Local 
Search Up). It is possible to start from the highest 
bandwidth or a middle one. While refining the optimal 
FPS for a shorter packet length from a longer one, we 
use a similar local search algorithm LSD (Local Search 
Down), which iteratively decreases the protection 
strength of current feasible FPS.  
 
4. Multicasting over a bottleneck link 
 

Consider the scenario where a server sends a source 
to a set of clients partially through a bottleneck link, 
with different clients having different access band-
widths. In this case, the server needs to compute only a 
single protection scheme for the source, and send the 
protected data via this bottleneck link. Each client re-
ceives only part of the protected data according to its 
access bandwidth. Since the single protection scheme 
may not be optimal for all possible access bandwidths, 
it is necessary to devise an appropriate method which 
can achieve good quality tradeoff among all clients. 

Chou et al. [10] addressed this problem by con-
structing layered multiple description codes, and con-
sider only the case of two layers. In their framework, 
naïve methods optimized for one bandwidth usually 
lead to high distortion for another one. Though Chou 
et al. [10] and Stankovic et al. [9] proposed further 
methods to achieve better performance, their methods 
are complicated, and it is difficult to extend to more 
than two layers. 



In [11], we introduced an embedded packetization 
framework (EPF) and presented a local search algo-
rithm to improve the weighted average performance of 
both high- and low-bandwidth clients. Now we extend 
this framework to more than two layers. In EPF, all 
clients with different access bandwidths share all of the 
same packets, while each packet is partitioned into 
several parts, each belongs to one layer. The lowest-
bandwidth clients receive only the base layer of each 
packet. With the increase of bandwidth, more layers 
are added. To enable EPF, a Packet Truncating Gate-
way (PTG) is needed in the intermediate node of the 
network. The server forms each packet with the full 
length, and then sends it via the bottleneck link to the 
PTG. While receiving a packet, for each client, the 
PTG truncates only a prefix of the packet and send to it 
according to its access bandwidth. 

Denote the collection of client access bandwidths as 
1, , KB B  , where 1 KB B< <  , and the client num-

ber of iB  as iC , 1 i K≤ ≤ . Assume the packet number 
is N  and the header length is H , then for each iB , we 
can calculate a packet length / 8 /i iL B N H = −  for it. 
In EPF, for a given layered FEC-MDC, if we denote 
the FPS of iB  as iLF , then each iLF  is a prefix of KLF . 
Therefore we only need to find an FPS KLF  that can 
meet the quality demands of all clients jointly. 

We extend the definition of weighted average ex-
pected distortion of [11] to more than two bandwidths: 

 
1

( ) ( ),K i

K
i

D L D L
i

CWE F E F
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= ∑  (2) 

where 1
K

iiC C== ∑ , each iLF  is a prefix of KLF . Thus 
the objective is  to find an KLF  that minimizes (2). 

The local search algorithm proposed in [11] is no 
longer suitable for this case, because it is very time 
costly when K  becomes larger. In this section, we 
present a simple heuristic algorithm to compute an 
appropriate solution which can achieve good quality 
tradeoff among all clients. The idea is to first compute 
an optimal FPS for the averaged bandwidth of all cli-
ents, and then extend it to the length of KL  by simply 
duplicating the last element. We call this algorithm 
OACB (Optimized for Average Client Bandwidth).  
 
5. Results 
 

We use a two-state Markov process to simulate the 
channel model, with mean packet loss probability be-
ing 0.1 and mean burst length being 11. The derivation 
of ( )Np n  for this model follows the one described in 
[13]. For image transmission we use the SPIHT codec 
[1] and the Lena image. For video transmission we use 
the 3D SPIHT codec [3] and encode the first 16 frames 
of the Foreman as a GOF (Group of Frames). The 

packet header length is fixed to 40 bytes. All programs 
run on a PC with Intel Pentium 2.4GHz processor. 

In our first experiment, the server sends Lena to 5 
clients via separate links. As shown in Table 1, we 
compare the PSNR of expected distortion (dB) and the 
computing time (s) of four methods. Each method first 
computes an optimal solution for the highest band-
width using the FEC-MDC algorithm from [5] (M[5]). 
Then the first two methods fix L  and decrease N , 
while the last two methods fix N  and decrease L . 
When compute solutions for other bandwidths, the first 
and the third method use the M[5] algorithm, while the 
second and the fourth method use the LSD algorithm. 

 
Table 1. PSNR and CPU time of Lena 

 

PSNR Time PSNR Time PSNR Time PSNR Time
400 38.99 0.103 38.99 0.103 38.81 0.060 38.81 0.060
350 38.25 0.079 38.24 0.025 38.13 0.050 38.13 0.001
300 37.35 0.058 37.32 0.009 37.33 0.047 37.33 0.001
250 36.27 0.039 36.20 0.006 36.35 0.042 36.35 <0.001
200 34.97 0.023 34.83 0.003 35.13 0.039 35.12 <0.001

4.DecL_LSDTransmission
rate (Kbits)

1.DecN_M[5] 2.DecN_LSD 3.DecL_M[5]

  
In the next experiment, the server sends Foreman to 

6 clients via separate links. As shown in Table 2, we 
compare the PSNR of expected distortion (dB) and the 
computing time (s) of two methods. Both methods first 
compute an optimal solution for the highest bandwidth 
using the M[5] algorithm, and then fix N  and com-
pute solutions for other bandwidths by only decreasing 
L . The first method uses the M[5] algorithm, while 
the second method uses the LSD algorithm. 

 
Table 2. PSNR and CPU time of Foreman 

 
1000 950 900 850 800 750

PSNR 36.5 36.25 35.98 35.65 35.39 35.09
Time 0.045 0.041 0.04 0.038 0.038 0.036
PSNR 36.5 36.25 35.98 35.67 35.36 35.09
Time 0.044 0.003 0.001 0.003 0.001 <0.001

Transmission rate (Kb)

1.DecL_M[5]

2.DecL_LSD

  
From above tables, three conclusions can be derived: 

a) When the transmission rate decreases below 400Kb, 
with the change of bandwidth, changing L  by fix-
ing N  and changing N  by fixing L  may result in 
similar performances; b) The local search refining pro-
cedure by changing L  is faster than the one by chang-
ing N , partially due to the fact that changing N  needs 
the re-computation of ( )Np n ; c) Compared to existing 
FEC-MDC algorithms, for example M[5], our refining 
procedure can achieve comparable PSNR performance, 
however with substantial decreased complexity. 

Now we consider the EPF framework, where a 
server sends the scalable bitstream of Foreman to a set 
of clients partially via a bottleneck link. The packet 
number is fixed as 255N = . There are 8 possible ac-
cess bandwidths from 300Kb to 1Mb. We design 3 
client distribution schemes: (1:1:1:1:1:1:1:1), (1:0:0:0: 



0:0:0:0) and (0:0:0:0:0:0:0:1). For each scheme, we 
compute an FPS using the OACB algorithm, and com-
pare the achieved qualities seen by different clients to 
the possible best ones optimized especially for their 
bandwidths. Figure 1 shows the comparison of these 
schemes. We can see that, in each scheme, most of the 
clients can achieve good expected qualities very near 
to their possible best ones, while the performance 
losses of the remaining clients are not very large. Even 
in the worst situation, the performance loss in PSNR is 
no more than 1dB. 
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Figure 1. PSNR seen by 
clients with different ac-
cess bandwidths 

Figure 2. PSNR of weight-
ed average expected dis- 
tortion 

 
Finally, we compare the performance of the OACB 

algorithm to the local search algorithm of [11] 
(LS[11]), and the layered MDC by unequal erasure 
protection method of [10] (Chou[10]). There are only 
two bandwidths, and the parameters used are consis-
tent with that used in [11]. Figure 2 shows the PSNR 
of weighted average expected distortions for different 
client distribution schemes, achieved by the three algo-
rithms. It can be seen that the performance of OACB is 
comparable to that of LS[11], although its complexity 
is very low. Both the two algorithms can achieve 
weighted average expected qualities very better than 
that of Chou[10]. 
 
6. Conclusion 
 

When computing the optimal FEC-MDC protection 
solutions of a scalable bitstream for different band-
widths, we found that, in some cases, changing packet 
length is more suitable than changing packet number. 
We then derived a proposition that describes the 
change behavior of the optimal protection with the 
change of packet length. Based on this, we proposed a 
refining procedure which can quickly refine the al-
ready calculated solutions to be optimal for changed 
bandwidths. 

In the scenario of multicasting a scalable source to 
clients with different access bandwidths partially over 
a bottleneck link, we extended the embedded packeti-
zation framework to be available in more than two 
bandwidths, and presented a fast heuristic algorithm to 

compute an appropriate solution which can achieve 
very good performance tradeoff among all clients. 
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