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Abstract: The best-effort internet has inherent limitations on the end-to-end performance for interactive mul-
timedia communications. This paper presents a multiple description coding (MDC) and forward error correc-
tion (FEC) based multiple path transmission schemes for interactive multimedia (M3FEC), which improves
the end users’ experience by maximizing a rate-distortion (R-D) based optimization problem. The proposed
model considers both the network diversity and the application’s stringent requirements, and combines the
individual merits of the three promising technologies of multiple path overlay routing, MDC and FEC. Exten-
sive numerical analysis and PlanetLab experiments demonstrate that M3FEC successfully combats packet
losses, error propagation, and unpredictable network dynamics. This method also significantly increases
distortion for interactive multimedia by over 10 dB than traditional IP-layer single path transmission in poor

network environments, and outperforms the performance achieved by using MDC or FEC alone.
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Introduction

With recent advances in multimedia and network
technologies, various interactive multimedia applica-
tions are becoming more popular among internet users,
including video calling, instant messaging, massive
multiplayer online games, distance learning and tele-
medicine. Interactive multimedia applications demand
uninterrupted bandwidth with rigid bounds on packet
loss and end-to-end delays to achieve a minimally ac-
ceptable quality. However, current predominant inter-
net protocols and mechanisms do not favor delay
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sensitive applications but are developed for data
transmission and only provide best-effort services.
Thus new methods are needed for timely and reliable
delivery of interactive multimedia.

This paper presents a reliable interactive multimedia
transmission scheme over lossy packet networks such
as the internet by combining the following three popu-
lar technologies: (1) network-level technology of mul-
tiple overlay path routing; (2) source coding technol-
ogy of multiple description coding (MDC); (3) channel
coding technology of forward error correction (FEC).

The emergence of overlay techniques!"! triggers re-
search on sending packets simultaneously over multi-
ple paths by routing traffic through intelligent relay
nodes at strategic locations in the internet without the
physical network support. The benefits of multiple
paths with fine diversity include improved fault toler-

ance and link recovery™), reduced delay variance'!,
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the conversion of burst packet losses to isolated packet

losses'™

, the provision of larger aggregate band-
width™® and load balancing!”. These improvements
provide some interesting benefits for interactive mul-
timedia to temper the unpredictability and time-vary-
ing nature of the best-effort internet. Many approaches
have also been proposed to find appropriate relay
nodes to increase path diversity using topology heuris-
tics, such as earliest divergence rule (EDR)™), disjoint
multi-path QoS routing (DMQR)™, and widest disjoint
paths (WDP)UO]. Their basic idea is to establish overlay
paths which take different underlying physical routes
from the default IP-layer path between the sender and
receiver.

MDC is a source coding approach which generates
several independent descriptions each with its own
prediction process and state. These descriptions deliver
a basic quality when they are individually decoded and
each additional description further refines the quality.
MDC works particularly well with multiple path
transmission, in which the different descriptions are
explicitly sent over different routes. Hence, as long as
losses do not occur simultaneously in every path, the
receiver is guaranteed an acceptable media quality.
MDC has been shown to be effective in coping with
burst packet losses and subsequent error propagation
(211 Consequently, MDC is envi-
sioned as a promising solution for interactive multime-

among video frames

dia applications.

FEC is a channel-level error correction coding
method, which enables the receiver to detect and cor-
rect errors without interactions by adding redundant
information at the sender side. Compared with another
widely used error correction method retransmission,
FEC reduces the time needed to recover the missing
packets at the expense of bandwidth consumption by
the redundant packets. Therefore, this technique is
quite attractive for interactive multimedia applications.

Various studies have applied MDC or FEC to mul-
timedia applications. Apostolopoulos?! used path di-
versity along with MDC to improve the reliability of
streamed media, and showed how an erasure in a de-
scription could be recovered by other descriptions as
long as the errors did not occur simultaneously.
CoopNet!'” introduced MDC into the P2P stream by
using MD-FEC to code the source into several sub-
streams and building multiple multicast trees from the

sources to the receivers, with each tree disseminating a
separate description of the media content. Apostolopou-
los et al."" improved the performance of streaming by
exploiting the path diversity provided by existing CDN
infrastructure and MDC. Their results showed that
MDC requires about 50% fewer CDN servers than
conventional streaming techniques to achieve the same
distortion at the clients. Liu et al.'"* proposed a multi-
stream coding and transmission scheme, redundancy
free multiple description (RFMD) coding, specifically
designed for P2P VoD systems. Begen et al.l'" devel-
oped an MDC over multiple paths model for interac-
tive multimedia, simulation results with MPEG-2 and
NS-2 show that PSNR improvements ranging from
0.73 to 6.07 dB can be achieved. Yu et al." proposed
and analyzed a joint MDC and FEC coding approach
for interactive multimedia applications, which was
quite instructive for our research. However, they as-
sumed that the source was generated from Gaussian
variables and gave only some numerical simulations.

Inspired by the above work, this paper introduces
MDC and FEC into interactive multimedia communi-
cations in a path diversity environment to make the
coding scheme more adaptive to the network environ-
ment and to efficiently exploit existing network re-
sources, thus providing a more pleasant viewing ex-
perience for the end users. The major contributions of
this paper are twofold. First is an explicit rate-distor-
tion (R-D) based framework M3FEC which provides
joint MDC and FEC transmissions with optimized
coding and transmission parameters for the given net-
work conditions. Second is an analysis of the effec-
tiveness and reliability of M3FEC for interactive mul-
timedia by comparisons with several other transmis-
sion schemes such as MDC, FEC, and single path.

1 Preliminaries
1.1 Average R-D in MDC

R-D theory was created by Shannon in his founda-

16 In this theory,

tional work on information theory
the rate R, denotes the number of bits per data sample
to be stored or transmitted after source encoding, while
the distortion D, is defined as the variance of the dif-
ference between the input and output signals (i.e., the
mean squared error, MSE). Let {X,}}’, denote a se-

quence of source symbols input to the source encoder



322

and {X i, denote the reconstructed signal after
source decoding. Then the average distortion (MSE)
will be

N
D=E{i2d(Xk,f(k>2} )
N k=1
where d(;) is the squared Euclidean norm between
X, and b's ‘-

The reconstructed media quality, expected as the
average distortion, is based on a recent analytic
model"”, which fits scalable video codecs such as
MPEG-4 FGS quite well. The expression of this cited
model is

D(R) — 2aR+bx/E+c (2)
where a, b, and ¢ are parameters. For offline-en-
coded video sequences, these parameters can be pre-
computed. For real-time encoding, initial values are
assumed according to the characteristics of the com-
munication scenarios, with these values are refined as
more frames are encoded.

Consider the illustrative R-D curves in Fig. 1. The
actual R-D curves were produced by encoding the CIF

format test sequences Foreman and Coastguard by a
standard MPEG-4 encoder FFmpeg!'®! with the default

parameters. These empirical results demonstrate that
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Fig. 1 Actual and estimated R-D curves
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the R-D model of Eq. (1) fits the actual R-D curves
quite well and its accuracy is sufficient for our
purposes.

MDC was invented by Bell Laboratories in the
1970s for speech communication over the telephone.
There are now various techniques for generating mul-
tiple descriptions. This paper uses the straightforward
time-domain partitioning method with two descriptions,
which separates even and odd numbered frames of a
sequence into two groups and encodes them individu-
ally.

The choice of two descriptions is due to the follow-
ing considerations. The delay variance measured in
terms of the standard deviation decreases with
AN P where N is the number of independent
paths. Therefore, there are diminishing improvements
with increasing number of paths. In a real internet en-
vironment, typically a small number of paths should
provide a good balance between diverse path finding
complexity and performance achievements. As an ex-
ample, the choice of two paths yields a relatively sim-
ple solution and also straightforwardly couples to two
MDC descriptions, where each independently decod-
able stream is sent over a separate path.

Two description scenarios have four possible cases
at the receiver side determined by which description
arrives and whether it is on-time. Let D, (D,,) denote
the distortion when both descriptions arrive intact and
on time (are lost or delayed). Similarly, let D, (D,,)
denote the distortion when the first (second) descrip-
tion arrives intact and on time, but the other is lost or
delayed. In this case, the missing description is con-
cealed with the help of the received description. Thus,
the expected distortion will be

D = pyDyy + poDyy + ProDyy + 21Dy, 3)
where p,,-p,, denote the corresponding probabilities
of achieving the distortion for D,-D,, which will be
derived in Section 1.2.

If both descriptions arrive intact and on time, the
distortion will be the average of the individual descrip-
tion, then

DOO — % % 2aR1+bx/E|+c + % x 2!1R2+b\/§2+0 (4)

where a, b, and ¢ are the constants in Eq. (2) and
R. denotes the rate in terms of the number of bits per
source sample for the corresponding description.

The expressions for D, (D,,) in this paper are
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referred to in previous work!'". When only one de-
scription is successfully received, the missing frames
can be reconstructed using the received frames. How-
ever, their qualities will be lowered because of imper-
fections in the reconstruction. Begen et al.l'* used a
scaling factor, y, to decide the distortion increases
and express D,, as

DOl :%X 2“R|+b\/E1+C +%X7X2akl+b\/§1+c (5)

Their experiments indicated that this expression
provides a reasonable estimation of the actual distor-
tion. For interactive applications (such as video te-
lephony), a default value of 1.5 reasonably reflects
most application characteristics.

The final distortion term in Eq. (3), D,,, is calcu-

lated by assuming an average value for each pixel and
then computing the expected error.

1.2 FEC packet loss characteristics

The reed-solomon (RS) code is the most widely used
FEC coding method for data storage on CDs and
DVDs and for data transmission such as DSL and
WIMAX. RS(n,k) represents k packets of source
data encoded at the sender to produce n—k redun-
dant packets in such a way that any subset of £
packets in the total n packets suffices to reconstruct
the source data. This code allows the receiver to re-
cover from up to n—k losses in a group of n en-
coded packets. The irrecoverable loss probability with
RS(n, k) coding for Bernoulli packet loss where packet
losses are independent and identically follows formula
(6)" is
1 n—k
Pr =;E[Y1=p—2[

\n—k-i

n—1

j(l _ p)k+[—1pn—k—i+l (6)

where p 1is the average packet loss ratio along the
path.

However, packet losses are known to be correlated
and often occur in bursts™ and the packet loss burst
has significant impact on the FEC performance. Sev-
eral models have been developed to capture the sto-
chastic characteristics of the underlying packet loss
process, including the Gilbert model®”, the general &
order Markov Chain[zu, and the hidden Markov
(221 Compared with the later two, the Gilbert
model gives an acceptable level of accuracy and yet its

model

computational complexity is relatively lower.

This paper adopts the Gilbert model, which can be
represented by a discrete-time two-state Markov chain
where the current state of the stochastic process de-
pends only on the previous value. The state diagram of
the Gilbert model is shown in Fig. 2. If the process is
in the Good state G, the receiver receives all packets,
while if the process is in the Bad state B, all packets
are lost. The process can be characterized by the two
probabilities of the chain changes from Good to Bad
( pgg ) and vice versa ( pg; ), or by the two parameters
of average loss ratio p and the packet correlation p,

where
Pas = p(1=p),
Prc =(1=p)1-p) (7
Pac Pas Dea

Fig.2 State diagram of the Gilbert model

The steady state probabilities of the related Gilbert
Prc =1- p
Pt Prc

model can be expressed as 7(G)=

and 7(B) = Pa  _ p
Pes T Pre

correlation p provides an average measure of how
the states of two consecutive packets are correlated to
each other. In particular, if p=0, the loss process is
memory less (Bernoulli process), and when the value

respectively. The packet

of p increases, the states of two consecutive packets
become more and more correlated.

To analyze the FEC effects on the Gilbert packet
loss, this paper borrows the framework given by Wu
and Radha'™, which presents a rather elegant approach
for evaluating the probability of receiving i packets
among n packets transmitted over Gilbert erasure
channels. They constructed another Markov process by
extending the two-state Gilbert model using the num-
ber of correctly received packets as the indexes for the
states of the extended Markov process. For example, if
the receiver correctly receives i packets and is in a
good state, then the process is in state G, , while if the

receiver correctly receives i packets and is in a bad
state, then the process is in state B, as shown in

Fig. 3.
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Fig. 3 State diagram of the extended Gilbert model
It should be pointed out that the extended Markov Py, (n) =
process can start from G, or B, and end in any state. min(i-Lo—i) (; _1\( 11 — i
The initial state probabilities G, and B, are the Z ( " J( " jﬁggpgglpgén Tppir, 0<i<n
steady state probabilities of the original Gilbert model =0 '
7(G) and m(B), respectively. Then, the probability 0 =0
that the sender transmits n packets and the receiver (11)
correctly receives i packets is equivalent to the Py, (M) =
probability that the process starts at G, or B, and PL, i=0;
ends in state G, and B, after n stages. Let mini—tn-i-0 ( 11\ p—i
@56, (n) represent the multistep transition probability > (m J(er Jpg’gl P Do o, O<i<ng
from G, to G,,then =0 '
b6, (m) = P{s(n) = G, | 5(0) = G} ® O f=n
where s(j) is the state of the extended Markov proc- . N (12)
ess at time index 7. Wu and Radha™ prove that: Let ¢(n,i) represent the probability that the sender
4. (n)= transmits n packets and the receiver correctly re-
i . ceives [ packets, then
0, =0 d(n,i) =
min(i,n—i) ; 7 —
§ (1 J[" , 1} S 0 i 7(G) (1) + b (1) + (BN (1) +1 ()
m=1 m m— 1
(13)
P> i=n Consequently, the desired probability ¢(n,i) can
9) be correctly estimated by any two parameters that
G5 () = could characterize the underlying Gilbert process.
N . Based on the above theory frameworks, this paper de-
min(i,n—i-1) i n_l_l . ) ) . i
z os PacPae Pas > 0<i<m; fines a random variable Y(0<Y <k) to be the num-
m=0 A\ " ber of data packets that could not be recovered in each
0, t=n FEC block. Then,
(10)
PIY = y]=
D i), y=0;
i=k
min(y—1,n—k) (14)
Y T D )P, (n=k)+ gy (1=K + 5 (k) By (1K) + By, (n— k)] +
i=0
”(B)[¢BOG,\,7), (k)(¢GOG‘ (I’l - k) + ¢Gob’, (I’l - k)) + ¢BOB,\,7), (k)(¢BOG, (I’l - k) + ¢Bob’, (I’l - k))]}’ 0< y< k
This expression is the summation of the probability with RS(n,k) will be
that the receiver successfully receives k—y original 1 J
packets and less than y—1 redundant packets. Pr k Y] k ;y [¥'=y] (15)

Therefore, the irrecoverable packet error probability
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2 Assumptions and Modeling
2.1 Assumptions and notations

This section begins the expatiation of M3FEC with a
set of assumptions.

(1) The original real-time streams for the same
pair of nodes are generated and encoded at a uniform
speed across time.

(2) The encoded source is packetized into the same
size packets with packet along the same path sent in
time slots of fixed duration.

(3) Various multiple path overlay routing algo-
[9,23]

to select two paths with excellent diversity and delay
quality. This analysis then only investigates the coding
and transmission scheme between them.

(4) The loss and delay varying behaviors of the two
selected paths are approximate and uncorrelated. Note
that this hypothesis is not always true but highly de-
pends on the degree of physical link disjointness.

Table 1 summarizes the key notation for this analy-
sis. Subscript i represents the parameters for the i-th
path, channel or description. The path parameters have
no subscript when using single path transmission only
or the parameters for all paths are the same.

rithms

are used by a pair of communication nodes

Table 1 Notation and meaning

Notation Meaning Default value or unit
D Original packet loss ratio along the i-th path n/a
P; Correlation between two consecutive packets along the i-th path n/a
Deg,» Prg, Probability of good/bad state transformation to bad/good state for the i-th path n/a
7(G), 7, (B) Steady state probabilities for the Gilbert process along path i n/a
¢GUG/ (n) Multistep transition probability from G, to G, after n stages n/a
RS(n, k) Reed-Solomon code parameter of the i-th path (k; original data packets and n/a
o n, —k; redundant packets)
Packet loss ratio for the i-th path with FEC, which is a function of p,, p, and the
Pr FEC protection level n/a
R Source coding rate in terms of the number of bits per source symbol for the i-th bits/pixel
! path
D Average distortion n/a
a, b, c Parameters in R-D model, refer to Eq. (2) n/a
u/v=0/1, where u and v represent the 1st and the 2nd paths. 0 denotes pack-
Puy ets successfully received and 1 denotes packets lost or delayed, refer to Eq. (3) wa
14 Scaling factor in MDC decoding to decide the distortion increases n/a
B, Maximum allowable bandwidth kbps
B, Actual bitrates allocated on each path kbps
W x H Video frame resolution (in pixels) 352x288 pixel/frame
F Frame rate 25 frames/s
c Known constant that depends on the chroma sub-sampling format 1.5 (for 4:2:0 YUV
B =R x(WxHxFxC) video)
t, One way end-to-end delay for the i-th path 100 ms
t, One way interactive application delay requirement 300 ms
N Number of communication paths 2orl

2.2 Constraints

This section presents several constraints that make the
model better satisfy the actual interactive multimedia
requirements and tolerate the Internet’s time-varying
properties.

First, interactive multimedia applications have
stringent end-to-end delay requirements, with packets
arriving after their decoding or play-out deadline being
useless as shown in Fig. 4. In FEC coding, the n—k
redundant packets can only be computed after the %
original packets have been generated, but this delay
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cannot be ignored in real-time applications. Let ¢,
denote the time when the first packet in an FEC block
is being generated by the sender and ¢ denote the
time when the last packet in the same FEC block is
received. To guarantee that each packet in the same
FEC block is received on time, it requires ¢ —¢. <t, .
According to assumptions (1) and (2) in Section 2.1,
this inequality is equivalent to

L Wl ) PP (16)
B/l n,
where B =R x(WxHxFxC) is the bandwidth

consumption on the i-th path after source coding and
before channel coding, /; is the length of the payload
in each packet, and ¢, is the one way end-to-end de-
lay for the i-th path. Since ¢, wvaries in time, the one
way delay requirement 7, is set to 300 ms instead of
400 ms declared in the ITU standard G.114** to han-
dle the internet delay dynamics.

koriginal ;—f redundant

packets packets
Packets
’1|2|3|4|5|6|7| at the sender
= Time
t;
Lost Late
arrival
Packets
received
/Itl = Time
~
Receive k packets Recovered Packet

playout time

= Time

on time

Fig. 4 Timing constraints and packet loss with FEC

Secondly, it is desired that different transmission
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schemes consume similar bandwidth resources for
fairness performance comparisons. Thus the proposed
model requires the following inequality:

> (h+1)B, /1)

i=1

n.
—+ < B, 17
K 17)
where / is the header length in each packet, includ-
ing the RTP header, UDP header, and IP header, and

B, is the maximum bandwidth that can be consumed

on all the paths.

Thirdly, considering the MTU limitation and some
routers assign a low priority for large packets, the
packet size is limited to

h+1 <. (18)

2.3 M3FEC model

The M3FEC transmission scheme described here is
illustrated in Fig. 5. M3FEC encodes the original
streams into two independent descriptions at average
rates of R, and R, bits per sample. The output of
each encoder is then sent to the corresponding FEC
encoder. The FEC codec uses the widely used
Reed-Solomon code™. To avoid additional delays of
the encoded packets, the packets produced by the
source encoder are assumed to be immediately avail-
able for transmission over the network, with a copy of
each packet sent to the FEC encoder to generate the
redundant packets. From the analysis in Sections 1 and
2, the M3FEC transmission can be concluded as the
following optimization problem:

. 1 1 , 1 .1 ,
mln{DZPOO (ExzaRﬁrb\/EﬁL +EX2aR2+b&2+(,j+p01 (ExzuRl+b\/E1+L +§X7X2aR|+b«/E1+(,J+

Pro (%XzaR2+b\/Ez+c +%X]/><2HR2+1’\/EZ+CJ+p“D“},

k
B,

i

_ki

i

min( y—1,n;—k;)

where
ki

i y=1

i=12

N
;l(1+’1f—)+ti<tr, Z(h+zi)(3[/z,.)%<33, B =Rx(WxHxFxC), h+l <I
i n i=1 i

max 2

BlY =y]= Z (OB, , k) Dgy6, =k + P 5 =k +Pgn (ki) Bs6, (=) + 5 5 (1=K )]+
7T; (B)[¢‘ ByGy_, (ki )(¢iG0G, (ni - ki) + ¢iGﬂB/ (ni - ki )) + ¢iBnB,(,y (ki )(¢iBnG] (ni - ki) + ¢, ByB; (ni - ki ))]}

1
pFi:;zyR[Y:y]v Pi = Pr1* Pras Poo =(L=Pp)* Pras Pro = Pei(l=Pr2)s Do =1= D1y = Pyt = Pios

(19)
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Sender Internet cloud Receiver

FEC I |

Source | _| FEC \/ decoder 1 T Decoder 1 =
encoder 1 encoder 1 |
Source

|
Decoder 0 —|>
Source FEC |

encoder 2 || encoder 2 /\u FEC l

decoder 2 Decoder 2 |

L

MDC decoder

Fig.5 MB3FEC transmission scheme

where ¢ related variable could be calculated using the transmission scheme. The expected distortion D
Eq. (9) to (12). #,pey Py, and B, are input net- is the optimization objective.

work parameters for the optimization. The FEC re- If n=k=1, single MDC transmission scheme
dundancy n, and k,, source the encoded bitrates B, without FEC can be specialized as

and the payload length / are decision variables by

min {D — po() (%X 2aRl+bx/E|+c +%>< 2aR2+b\/fz+cj + po1 (%X 2aR1+b\/§|+c +%>< 7 2akl+bﬁl+6j +

1 1
plO (E X 2“Rz+b\/iz+c + E x 7 % 2HR2+b\/EZ+CJ + pllDH} (20)
1 . n,
_+t.<t’ h+1)(B /1, _I<Ba B =R x WXHXFXC, h+l,-<lmax7
where Bl- /Zl i X tr ;( z)( i t)ki X P, i i ( ) NS
Pu=pDss Py =(=p)Pss Py == p2)s Poy=1=P1 =Py =P =12,
For comparison, Fig. 6 illustrates the corresponding This scheme is equivalent to the previous predominant

FEC merely with no MDC scheme over two paths. M2FEC scheme!" and can be formulated as
min{D = (1 - p,)2****< 4+ p D}
k

N
> 'B /1
i=1

1 1<
h+1<l_., p, =;E[Y]=;ZyP[Y= v,
y=1

(1+” k)+max(ti)<tra (h+D(YB /D7 <B.. B=Rx(WxHxFxC)=3 B,
n i=1

i=1

min(y,k) min(y-1,(n k) +(ny—k,)) min( j,m —k; )

PlY=yl= > > R A (S PP (AL
where i=max(0,y—ky) im0 '

. m=max(0,j—(n,—k,))
(Broys, (1 =)+ B (1=K + B k)P (1= k) + i (m— k)] +

7B s, )i, (1 =)+ i, (=K D+ B ()i, (= k) 4y (m, —kDT}
(@b, k)b 1=k + o (=K + oy () ys, (m—hy)+

b, (1~ N+ T, BN rg . k), (1K) + s (=) +

¢ZBan2+,,y' (k, )(¢ZBOBH" (n, —ky)+ ¢ZBOGJ,,,, (n, —k,))1}

(21)
Internet cloud
Sender Receiver
T
Source FEC FEC Source
Source = encoder || encoder decoder || decoder [
/

Fig. 6 FEC alone transmission scheme
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If the number of paths N is equal to one and
n=k =1, traditional single path transmission without
any FEC or MDC scheme can be specialized as
min{D = (1- p)2“*"V% 4 pD }

L +1<t;

B/l !

(h+1)B/1)<B,;
B=Rx(WxHxFxC),
h+1<!

max

where (22)

3 Evaluation

Section 2.3 models the transmission schemes of single
path (SPath), FEC, MDC and M3FEC as optimization
problems using Eq. (19) to (22) respectively. The ulti-
mate purpose of this paper is to propose a joint MDC
and FEC approach for interactive multimedia and to
show that the joint approach M3FEC outperforms the
transmission scheme using MDC or FEC alone.
Therefore, this section evaluates the efficiency of
M3FEC by providing quantitative answers to the fol-
lowing three questions. (1) Compared with the other
three schemes, whether and how much M3FEC im-
proves media quality under various network environ-
ments? (2) How well M3FEC adapts to internet dy-
namics? (3) How well M3FEC performs for interactive
multimedia under real internet communications?

3.1 Distortion improvement

This numerical analysis set several typical network
scenarios, and compares the expected media quality by
solving the optimization problem proposed in Section
2.3. The distortion, D, is converted to the PSNR by

2

PSNR =10log,, 255 to make the comparison
MSE

results intuitively meaningful. The parameters in the
R-D model (2) were acquired by fitting the two stan-
dard test sequences Forman and Coastguard. The
packet loss ratio of each path ranged from 0 to 0.1
synchronously.

As shown in Fig. 7, M3FEC performs best; followed
by FEC, MDC, and SPath. On the average, M3FEC
improves the PSNR significantly by over 10 dB than
SPath (see Table 2). As the packet loss increases, both
MDC and FEC help slow the media quality degrada-
tion. When few packet losses occur (less than or equal
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to 2%), the MDC performance is similar to M3FEC.
However, when network conditions become worse, the
MDC decoder alone cannot recuperate all the packet
losses or error propagation, thus its performance de-
creases rapidly. In contrast, FEC performs much better
in poor network conditions, but is always 1 dB worse
than M3FEC when packet losses occur. Intuitively,
without the help of MDC, FEC tends to increase its
coding redundancy to combat packet loss, resulting in
a lower coding rate, R, for the same bandwidth occu-
pation as M3FEC.
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Fig. 7 Simulation curves with B, =1000 Kkbps,

t;=100 ms and p;=0.6
Table 2 Average PSNR in simulation

PSNR (dB
Sequence B, (kbps) (dB)
P SPath FEC MDC M3FEC
w0 02 21 325 306 330
06 221 314 306 321
02 225 356 322 361
Foreman 1000 06 205 342 322 353
oo 02 227 375 330 380
0.6 227 360 330 373
o 02 215 290 284 296
0.6 215 281 284 290
2 22 2. . 2.
Coastguard 1000 0 0 320303 326
0.6 220 310 303 320
s 02 222 340 313 345

06 222 328 313 34.0
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In fact, we conducted a large number of experiments
and obtained similar results to the curves shown in Fig.
7. Due to space limitations, only parts of the results are
summarized in Table 2

3.2 Dynamic adaptability

The internet behavior varies significantly over time.
This section encodes Foreman and Coastguard with
the MPEG-4 codec FFmpeg, and introduces some
perturbations during the transmission simulation to
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investigate the dynamic adaptability of different
schemes. The results in Fig. 8 show the effect of delay
fluctuations with a Gamma distribution with the packet
loss related parameters having perturbation of 20%
(84% of the end-to-end delay processes were shifted
with a Gamma shape distribution with a long tail®").
The results show that the standard deviation is reduced
90% by M3FEC compared with SPath, 55% compared
with MDC, and 80% compared with FEC.
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Fig. 8 PSNR fluctuations with an end-to-end delay having a Gamma like distribution and packet loss fluctuations of

20% with B, =1000 kbps, #,=100 ms, p,=0.03,and p,=0.6

3.3 PlanetLab experiment

To evaluate the effectiveness of M3FEC in a real world
environment, an on-line transmission module was im-
plemented on Planetlab as shown in Fig. 9. There were
three types of nodes: sender, forwarder, and receiver in
the measurement. The senders collected round-trip de-
lay and Gilbert packet loss information for each path
with the cooperation of the forwarders and receivers.
After calculating the transmission scheme by address-
ing proposed optimization, the standard CIF format
source sequence was encoded using corresponding

P
e Network
parameter probe

Transmission
scheme calculation

Encoding and
packetization

Packets scheduling

N

Sender

source encoding and channel encoding parameters.
Then, in accordance with the senders’ scheduling, RTP
packets with a timestamp and sequence number were
sent out directly to the receiver along the default IP-
layer path or to the forwarder which relayed the pack-
ets to the receiver. At the receiver side, original stream
was reconstructed by reordering and decoding the re-
ceived packets. Since interactive multimedia has strin-
gent delay requirements, packets arriving beyond 400
ms one-way end-to-end delay was considered to ex-
ceed the receiver’s play-out time and dropped in the
tests.

Network
parameter probe

Packet reordering
and decoding
L —

J

Receiver

Forwarder

Fig. 9 Structure of M3FEC on-line module

Each group of sender, forwarder, and receiver was
defined as a triple. The tests have 100 triples covering

127 distinct nodes, scattered over 28 countries and 3
continents. The node distribution is given in Fig. 10
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and Table 3. Although this was only a median scale
test bed, the tests contained several typical long-dis-
tance communication scenarios, such as Asia to North
American, Europe to North American, Asia to Europe,
and Education network to Commercial network. The
overlay paths were selected using a previously pro-
posed algorithm®”, which provides excellent delay and
path diversity at the same time.

60°N

30°N
0° 7
30°S

60°S L .

180°W  120°W 60°W  0°  G60°E 120°E 180°E
Fig. 10 Geographical distribution of the selected nodes

Table 3 Intercontinental distribution statistics of the
selected nodes

North . South .
American Europe Asia America Oceania com/org/net
49 39 17 4 1 17

In the measurements, each type of transmission
lasted 1 min and was conducted consecutively on one
triple. The results are summarized in Fig. 11 and
Table 4. In Fig. 11, the network environment deterio-
rates along the x-axes. With relatively small packet
losses, the three multiple path transmission schemes,
FEC, MDC and M3FEE have similar performance
characteristics; while with more lossy conditions,
M3FEC exhibits more effectively in avoiding distor-
tion degradation, with nearly 17 dB PSNR improve-
ment over SPath in the worst case.

Table 4 Average PSNR in PlanetLab experiment

PSNR (dB
Sequence  B. (kbps) (dB)
SPath  FEC MDC M3FEC
500 264 319 302 33.4
Foreman 1000 27.6  34.0 309 36.2

1500 28.1 359 320 37.4
500 245 292 28.1 30.0
Coastguard 1000 251 315 300 32.6
1500 254 334 308 33.9
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Fig. 11 PSNR of different schemes for each Planet-
Lab triple ( B, =1500 kbps)

4 Conclusions and Future Work

This paper describes M3FEC—a joint MDC and FEC
transmission scheme for interactive multimedia com-
munications. The high error resilience of this scheme is
demonstrated theoretically and empirically through
extensive numerical analysis and actual Internet meas-
urements. M3FEC yields the maximal video quality at
the receiver by taking both the network conditions and
application requirements into consideration. The series
of experiments concentrate on video because it places
the greatest load on the network in terms of bandwidth,
as well as delay and packet loss. The method can easily
be extended to voice transmission.

As indicated in Section 2, in order to simplify the
analysis, this paper employs abstract and simplified
network models and architectures, which may cause
some inaccuracies with the M3FEC scheme. It will be
our valuable but challenging future work to employ
more general network models into M3FEC.
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