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Abstract

Forward error correction (FEC) methods have been developed for packet loss resilience in application layer for real-time video trans-
mission over communication networks. In this paper, an efficient packet loss resilience method is proposed using closed form solution for
unequal FEC assignment based on a new packet distortion model. We first derive the packet distortion model by investigating the error
concealment property and error propagation effect in H.264. To select the source and channel rate minimizing the overall distortion, we
present a model-based rate allocation algorithm using the packet distortion model and rate-distortion function. Then we propose the
closed form solution for unequal FEC assignment, which uses the packet distortion model and considers channel status information.
Simulation results show that the proposed method gives substantial improvement for the received video quality in packet-lossy Internet
and wireless network environments, while it requires much less computational complexity compared to the previous scheme.
� 2007 Elsevier B.V. All rights reserved.
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1. Introduction

Multimedia communication applications in Internet and
wireless networks are rapidly increasing. It is challenging to
provide desirable quality of service (QoS) for real-time
multimedia in Internet with best-effort based packet deliv-
ery. Multimedia streaming becomes one of the most prom-
ising applications for wireless network environments.
When the network capacity is congested in real-time multi-
media applications, packets may be lost or delayed at ran-
dom. Most current video coding standards compress the
video data exploiting the strong dependencies in the spatial
and temporal directions.

Retransmission-based error control techniques such as
automatic retransmission request (ARQ) [1] methods have
been developed to enhance the reliability of video transmis-
sion [2]. However, the retransmission may not be applica-
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ble for real-time video transmission because retransmitted
packets can bring out more congestion and additional
delay. Forward error correction (FEC) methods can be
used efficiently for packet loss resilience in application layer
for real-time video transmission over communication net-
works. The FEC can be adapted to variable bandwidth
with smaller delay in best-effort Internet and wireless net-
works for real-time video transmission [3].

There have been several researches on FEC allocation
for improving the quality of received video from packet
loss [4–9]. The FEC allocation is based on the unequal
importance of packets in encoded video bitstream. In
multi-layered coding such as the set partitioning in hierar-
chical trees (SPIHT), the degree of importance is obtained
in base layer and in enhancement layers. By using the
unequal importance of packets in different layers, the
packet loss protection using unequal FEC has been used
efficiently in multi-layered coding [5,7,8].

Source and channel rate allocation schemes have been
investigated for video communications [10–13,19]. A rate
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Fig. 1. Structure of H.264 video encoder.
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allocation scheme with delay constraint is presented in [10].
The redundant and original data packets are grouped into
a transmission group (TG) which is a unit of coding block.
The number of data packet is determined considering the
network delay and packet generation interval. Then the
number of redundant packets is allocated considering the
required packet loss ratio. The unequal importance in
video coding structure is exploited in [11]. The rate alloca-
tion algorithm is performed in frame unit. Since P frames
that are closer to I frame are more important, more bits
are allocated into these P frames. The lower bound of the
total transmission rate is computed by exploiting both
source coding bits for the minimum quality and channel
coding bits for the required packet loss ratio. If there is
not enough bandwidth for the total transmission rate, this
algorithm gives priority for the original source packets
than for the redundant channel packets.

To apply the unequal FEC framework for motion-com-
pensated single-layer coding such as H.263 and MPEG-4
simple profile, the distortion model for packets in different
picture types in group-of-pictures (GOP) needs to be inves-
tigated. A distortion model based on H.263 video coding
has been developed in [14], which includes a lot of param-
eters in motion-compensated video coding. However, this
model is too complex to be applied in practical real-time
video applications.

A simple packet distortion model is that the distortion is
proportional to the length of error propagation (LEP). The
LEP distortion model is adopted for weighted fair queuing
in Internet routers [15]. The LEP distortion model is also
adopted in the GOP-level and resynchronization-packet-
level integrated protection (GRIP) scheme for unequal
FEC assignment, which is applied for MPEG-4 simple pro-
file video transmission over the Internet [9]. The GRIP
scheme formulates the FEC assignment as an optimization
problem with multi-variable and presents two solutions:
model-based assignment and heuristic assignment. They
report that the model-based FEC assignment provides bet-
ter performance, while it requires a large amount of com-
putations because of iterative computational steps [9].

This paper first presents a packet distortion model
including the error concealment (EC) property as well as
the error propagation (EP) effect. Hence it would be more
accurate compared to the simple LEP distortion model.
One problem is that the estimation of EC distortion would
require some extra computations at encoder side. To
address this problem, we present an estimation method
for EC distortion with much less computations compared
to the actual EC in the H.264 decoder. Given the available
network bandwidth, we present a model-based joint source
and channel rate allocation scheme in GOP level. We make
feasible source and channel coding rate pairs with the con-
straint on delay and the prevailing channel condition. To
select the optimal pair minimizing the overall distortion,
the distortion of source coding is measured from a contin-
uous rate-distortion (R-D) function utilizing packet distor-
tion model and the distortion from channel coding rate is
estimated with the channel condition. Then we propose
the closed form solution for unequal FEC assignment using
the packet loss distortion model. Since this method does
not require any iterative computations, it gives the solution
with much less computational complexity compared to the
GRIP scheme.

This paper is organized as follows. In Section 2, an over-
view of H.264 video coding scheme is described. Section 3
presents a model for packet loss pattern over the Internet.
The GRIP unequal loss protection scheme is described in
Section 4. Section 5 presents a new packet distortion model
including the EC property and EP effect. In Section 6, we
propose the model-based rate allocation scheme and the
closed form solution for unequal FEC assignment. Simula-
tion results are presented in Section 7 to demonstrate the
performance improvements compared to the previous
schemes in two aspects: adaptive FEC assignment and
rate allocation. Finally, brief conclusion is presented in
Section 8.

2. H.264 video transmission over networks

H.264 is a new, non-backward compatible video com-
pression recommendation by ITU-T and significantly out-
performs all previous video compression standards. It
consists of a video coding layer (VCL) and a network adap-
tation layer (NAL) as shown in Fig. 1 [16].

2.1. Video coding layer (VCL)

The VCL design follows the conventional block-based
hybrid video coding approach. The source coding algo-
rithm is a hybrid of inter-picture motion-compensated pre-
diction exploiting temporal dependencies and transform
coding utilizing spatial dependencies. A luminance picture
is partitioned into fixed-size macroblocks of 16 · 16 pixels
which contains four blocks of 8 · 8 pixels. A picture is split
into one or several slices that are composed of macroblocks
in the order of raster scan as shown in Fig. 2. The pixel val-
ues in a slice can be decoded without data information
from other slices [16].



Fig. 2. H.264 video coding structure.
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2.2. Network adaptation layer (NAL)

The network adaptation layer (NAL) is designed to pro-
vide network friendliness to enable simple and effective cus-
tomization of the use of the VCL for a variety of network
systems. A NAL unit (NALU) is a variable length bit-
stream that contains a coded slice, priority based data par-
tition, and parameter set [17]. Each NALU consists of one
byte header and a variable number of bytes containing the
coded symbols. Such an application layer framing is imple-
mented in the real-time transport protocol (RTP) [18]. The
RTP is typically used on top of IP/UDP protocol stack.
Each RTP packet consists of RTP header, optional pay-
load header, and the payload. RTP header contains several
information for media reproduction and streaming includ-
ing sequence number and timestamp.

The packetization of H.264 NALU is performed by
putting exactly one NALU in one RTP packet in order
to avoid IP-layer fragmentation [17]. This process can be
achieved by employing slices. When uneven protection
schemes are available in the network, slice-based RTP
packetization of H.264 can be used to improve the error
resilience without adding much overhead.

2.3. Error concealment techniques in H.264

The visual degradation by packet loss can be reduced by
means of error concealment (EC) techniques [2]. The EC
algorithm for H.264 is divided into two parts: intra-frame
and inter-frame [22]. The intra-frame EC uses information
from surrounding MBs to reconstruct the lost MB. The bi-
linear interpolation for intra-frame EC is performed using
received MBs and the concealed neighbor MBs, which is
calculated as

qj ¼
P4

i¼1wi � biP4
i¼1wi

: ð1Þ

In (1), qj is the interpolated value for pixel j in the lost MB,
bi is the pixel value on the border of the surrounding MBs,
and wi is the weight that is inversely proportional to the dis-
tance between bi and qj. This interpolation technique aims
to smooth recovery in the spatial domain. The inter-frame
EC predicts the lost MB by using the motion vectors of the
spatially adjacent MBs of the lost MB. For each lost MB,
the motion vectors of the four spatially adjacent MBs and
the zero (0) motion vector are the candidate motion vectors
to minimize the side match distortion at the boundaries of
the current MB [22]. The calculation is formulated as

min arg

loc2
left; right; bottom;

top;0

� � 1

N b

XNb

j¼1

jqjðmvlocÞ � bjj
" #

;
ð2Þ

where qj(mvloc) is the concealed jth pixel in the lost MB
using mvloc to predict the motion vector and Nb is the num-
ber of boundary pixels in lost MB.

3. Packet loss model for the Internet

The two-state Markov model [26] is used to model
packet loss patterns for the Internet. The channel statistics
of the model is described using two parameters. These are
the average packet loss rate PB and the average burst
length LB which is the average number of consecutive lost
packets. The packet status is represented as binary zero or
one. Zero means that the packet is correctly received and
one means the packet is lost or received with error.

Let r(i) denote the probability that a loss free interval
length is i � 1 as r(i) = Pr(0i�11j1), where 0i�1 represents
i � 1 consecutive zeros. Similarly, let q(i) denote the prob-
ability that at least i � 1 zeros follow a given error, i.e.,
q(i) = Pr(0i�1j1). The probability R(m,n) that (m � 1)
errors occur in the next (n � 1) packets following an error
can be computed by recurrence

Rðm;nÞ ¼
qðnÞ; for m¼ 1 and n P 1;Pn�mþ1

i¼1

rðiÞRðm� 1;n� iÞ; for 26m6 n:

8<
:

ð3Þ
The probability of m lost packets with a block of n packets
is calculated as in [9]

Pðm; nÞ ¼
Xn�mþ1

i¼1

P B � qðiÞ � Rðm; n� iþ 1Þ: ð4Þ

Two-state Markov model in single channel can be extended
to the packet loss model in wireless environments which
consist of several intermediate links. We can compute PB

and LB of the entire route by the aggregate loss model [23].
Reed-Solomon (RS) codes across packets are used for

protecting packets against loss as in Fig. 3. The codewords
are formed across k source packets and n � k redundant
packets. The resulting n packets are called block of packets
(BOP). A group-of-pictures (GOP) would be coded with
multiple BOPs, and the lth BOP (BOP l) is shown in
Fig. 3. Let kl and nl denote the number of source packets
and the number of total packets including redundant pack-
ets in BOP l, respectively. It is the RS(nl,kl) code in BOP l
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for FEC, and the RS decoder in application layer can cor-
rect up to nl � kl lost packets out of nl packets in BOP l.
The RS channel coding over packets in application layer
improves the FEC capacity against bursty packet loss. In
contrast to the RS coding in medium access control
(MAC) layer, it is beneficial that RS coding over packets
in application layer can use the error packet for detecting
or correcting transmitted packets [20]. For a given k, the
total number of BOPs in a GOP is obtained by
L = ceil(g/k), where g is the total number of video packets
in a GOP. Then k1 = k2 = � � � = kL�1 = k and
kL = g � (L � 1) Æ k.

In BOP l with RS(nl,kl) code, packets would be lost if
more than nl � kl packets are lost. Hence the packet loss
rate PLR(nl,kl) with FEC can be computed as in [9]

PLRðnl; klÞ ¼
Xnl

m¼nl�klþ1

P ðm; nlÞ: ð5Þ
4. GRIP unequal loss protection

The GOP and re-synchronization packet level integra-
tion protection (GRIP) FEC assignment scheme has been
developed in [9]. The GRIP uses RS(n,k) code in BOP l

for FEC as in Fig. 3.
Let Bt be the total number of bits for a GOP including

source code and channel code and Bs be the number of
encoded bits for source coding. The available number of
bits for FEC in a GOP is Bt � Bs bits. If pl represents the
number of FEC packets in BOP l, then the FEC assign-
ment vector for the numbers of FEC packets in all BOPs
can be expressed as ~p ¼ ½p1; p2; . . . ; pL�.

To obtain the optimal FEC assignment vector ~p, the
GRIP scheme performs two processes. They use a simple
distortion model to quantify the video quality degradation
from packet loss. The distortion is modeled as the length of
error propagation, and the probability of packet loss is
considered for FEC assignment. The GRIP scheme aims
to reduce the packet loss rate of a BOP having large
amount of error propagation. The length of error propaga-
tion (LEP) is uniformly calculated in the context of
motion-compensated video coding. Let F(i, l) and k(i, l) rep-
resent the frame index in a GOP and the LEP of ith video
packet in lth BOP, respectively. Then k(i, l) can be obtained
from F(i, l) as

kði; lÞ ¼ Nþ 1� F ði; lÞ; ð6Þ

where N is the number of frames in a GOP. If LEPl repre-
sent the average LEP of BOP l, it can be calculated as

LEPl ¼
1

kl

Xkl

i¼1

kði; lÞ; ð7Þ

where kl is the number of source packets in BOP l. From
(7), the GRIP formulates the overall amount of quality
degradation sð~pÞ from packet erasure as

sð~wÞ ¼
XL

l¼1

LEPl � qlð~pÞ; ð8Þ

where qlð~pÞ represents the probability that packet loss oc-
curs in the lth BOP without packet loss in preceding BOPs
with~p FEC assignment. The GRIP scheme uses a local hill
climbing search algorithm to reach the optimal ~p for min-
imizing sð~pÞ.

The exhaustive search method for FEC assignment in [9]
may not be applicable for real-time video transmission due
to rather large amount of computational load. Moreover, it
may not be efficient to reduce video quality degradation
from packet loss since the distortion model does not
include the intra-mode MB ratio and packet loss rate. In
the next section, we present a new packet distortion model
that can be estimated at encoder side for effective FEC
assignment.

5. Packet distortion model for FEC assignment

The packet distortion can be divided into two parts: the
current frame distortion and the subsequent frame distor-
tion by error propagation (EP). The current frame distor-
tion can be reduced by error concealment (EC). The EC
is generally used to reduce the visual information degrada-
tion from data loss using the received data [2,22]. The EP
occurs since the macroblocks in the lost packet affects the
predicted MBs in subsequent frames.

The packet distortion model is used for FEC assign-
ment, as will be presented in Section 6. The actual amount
of distortion can be obtained by dropping each packet and
decoding the received video packets within the GOP. How-
ever, it is impractical to compute the actual distortion of all
packets in real-time video transmission for FEC assign-
ment due to computational load. To overcome this compu-
tational complexity, we propose a packet distortion model
including the simplified EC estimation in the current frame
and the estimated EP effect in the subsequent frames.

Let D(i,n) be the channel distortion of pixel i in the nth
frame. We denote DEC(i,n) and DEP(i,n) as the channel dis-
tortion from EC and from EP of pixel i in the nth frame,
respectively.



Fig. 4. The EC distortion estimation in intra-frame and inter-frame for
packet distortion model.
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Dði; nÞ ¼ DECði; nÞ þ DEPði; nÞ: ð9Þ
In (9), the DEC(i,n) term represents the effect of a loss in the
current frame with error concealment and the DEP(i,n)
term corresponds to the effect of a loss due to temporal er-
ror propagation.

Let f(i,n) be the original value of pixel i in the nth video
frame, and f̂ ði; nÞ be the corresponding reconstructed pixel
value including source coding distortion in the feedback
loop at the encoder. We denote the reconstructed pixel
value at the decoder as ~f ði; nÞ including channel distortion
in packet-lossy environments. We model the expected
channel distortion in the current frame including EC in
the decoder end as

DECði; nÞ ¼ E jf̂ ði; nÞ � ~f ði; nÞj2
� �

; ð10Þ

where E(Æ) represents the expectation operation. Using (10),
we model intra-frame EC distortion as

DI
ECði; nÞ ¼ E jf̂ ði; nÞ � ~f Iði; nÞj2

� �
; ð11Þ

where ~f Iði; nÞ is the reconstructed pixel i by intra-frame EC
in frame n when the pixel i of frame n is lost. Similarly in-
ter-frame EC distortion is modeled as

DP
ECði; nÞ ¼ E jf̂ ði; nÞ � ~f P ði; nÞj2

� �
; ð12Þ

where ~f P ði; nÞ is the reconstructed pixel i by inter-frame EC
in frame n when the pixel i of frame n is lost. From (11) and
(12), we define the overall distortion for the set of lost pix-
els, L(n), at frame n in intra-frame and in inter-frame as the
following equations, respectively.

DI
ECðLðnÞ; nÞ ¼

X
i2LðnÞ

DI
ECði; nÞ; ð13Þ

DP
ECðLðnÞ; nÞ ¼

X
i2LðnÞ

DP
ECði; nÞ: ð14Þ

Let p represent the lost packet which corresponds to the
collection of pixels in the lost slice and F(p) represent the
frame index including the packet p. Let DEC(p) and DEP(p)
represent the expected EC distortion and EP distortion
from the loss of packet p in frame F(p), respectively. We
formulate the channel distortion from the loss of packet
p as

DðpÞ ¼ DECðpÞ þ DEPðpÞ: ð15Þ
The DEC(p) is the EC distortion in the current frame F(p),
and the DEP(p) is the EP distortion in the subsequent
frames F(p) + 1 through N, where N is the number of
frames in a GOP. The DEC(p) is calculated as

DECðpÞ ¼ DECðp; F ðpÞÞ ¼
X

i2SðpÞ
DT ðpÞ

EC ði; F ðpÞÞ; ð16Þ

where S(p) is the set of pixels in packet p and T(p) is the pic-
ture type to which the packet p belongs.

To estimate the DEC(p,F(p)) at the encoder side with low
complexity, we simplify the EC from the EC method of
H.264 decoder in [22], which is implemented in the H.264
reference software [25]. To estimate the EC distortion at
encoder side, we perform the intra-frame EC and inter-
frame EC for just one pixel from each 8 · 8 block, i.e.,
for four pixels in 16 · 16 MB, in intra-frame and in inter-
frame modes, respectively. The pixel location for distortion
estimation is arbitrary. In intra-frame EC estimation, the
qj� is calculated in j* indices of 0, 8, 112, and 120 within
the MB, which corresponds to the upper-left pixel in each
8 · 8 block. The same pixel locations are used for inter-
frame EC distortion estimation as the intra-frame mode
as in Fig. 4.

It is possible to use different block size for EC distortion
estimation. Let n · n be the block size for EC distortion
estimation. One pixel is used for each block for estimation,
and the number of pixels for estimation in one MB would
be 162/n2. The complexity for estimation would be propor-
tional to 1/n2, and the estimation accuracy would be higher
for smaller size of n. There would be a trade-off for the
selection of n, and we simulated several values of n. Simu-
lation results show that the smaller block size below 8 · 8
does not give noticeable improvements of accuracy. Hence
we use n = 8 for EC distortion estimation as in Fig. 4. The
distortion estimation comparison for n = 1, n = 4, and
n = 8 cases including error propagation effects will be
shown in Fig. 5.

Let DEP(p,F(p) + m) represent the error propagation
distortion in frame F(p) + m in a GOP when packet p in
frame F(p) is lost. The error propagation distortion is the
propagated distortion from the EC distortion DEC(p,F(p))
by the loss of packet p in frame F(p). Hence
DEP(p,F(p) + m) would be proportional to DEC(p,F(p)).

The intra-mode MB ratio is included for the estimation
of DEP(p,F(p) + m), since the intra-mode MB would not be
affected by temporal error propagation. Let b(F(p)) repre-
sent the intra-mode MB ratio in frame F(p). We define
error propagation factor s(F(p) + m) to model the error
propagation distortion DEP(p,F(p) + m) in frame
F(p) + m. The error propagation factor in frame F(p) + m



Fig. 5. Trace of the actual packet loss distortion and the estimated distortions by the packet distortion model using EC estimation of n = 1, n = 4, and
n = 8 cases for ‘Foreman’ sequence. These distortions are normalized to 15.
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is calculated from that in the previous frame for single ref-
erence frame case as

sðF ðpÞ þ mÞ ¼ ð1� bðF ðpÞ þ mÞÞ � sðF ðpÞ þ m� 1Þ ð17Þ

with the initial condition s(F(p)) = 1.
It is possible to model the error propagation factor for

multiple reference frame case. Let M be the number of
frames that can be referenced in motion estimation. We
first assume that the probabilities are the same as 1/M
for all M previous frames to be selected in motion estima-
tion. For m 6M, the error propagation factor in frame
F(p) + m can be calculated from that in the previous frame
as

sðFðpÞ þ mÞ ¼ m
M
ð1� bðFðpÞ þ mÞÞ � sðFðpÞ þ m� 1Þ:

ð18Þ

The recursive equation in (18) with the initial condition
s(F(p)) = 1 can be solved as

sðFðpÞ þ mÞ ¼
Qm

k¼1kð1� bðFðpÞ þ kÞÞ
Mm ; for m 6 M :

ð19Þ

If m > M, previous M frames would be affected by error
propagation and the s(F(p) + m) can be obtained as

sðF ðpÞþmÞ¼
QM

k¼1kð1�bðF ðpÞþ kÞÞ
Qm

k¼Mð1�bðF ðpÞþ kÞÞ
MM ;

for m>M : ð20Þ

The model of error propagation factor for multiple refer-
ence frame case in (18)–(20) is based on the assumption
that the probabilities are the same for M multiple previous
frames to be selected in motion estimation. However, the
probabilities would be different in M previous frames,
and they would be dependent on the motion characteristics
of the video sequence. For more exact model, the probabil-
ities of previous frames to be selected need to be estimated
and the propagation factors need to be modified including
the probabilities. It would be too complex to be used in
real-time applications and beyond the scope of this paper.
Hence we assume single reference frame case for the esti-
mation of error propagation factor in this paper.

Let k(F(p)) represent the length of error propagation
(LEP) of packet p in frame F(p) as in (6)

kðF ðpÞÞ ¼ Nþ 1� F ðpÞ; ð21Þ
where N is the number of frames in a GOP. Considering k
(F(p)) as the weighting factor of error propagation, we de-
fine ~sðF ðpÞ þ mÞ as the weighted error propagation factor
as

~sðFðpÞ þ mÞ ¼ kðFðpÞ þ mÞ � ð1� bðFðpÞ þ mÞÞ � sðFðpÞ þ m� 1Þ:
ð22Þ

If we solve the recursive equation in (22) with the initial
condition, ~sðF ðpÞ þ mÞ is obtained as

~sðF ðpÞ þ mÞ ¼
Ym
k¼1

kðF ðpÞ þ kÞ � ð1� bðF ðpÞ þ kÞÞ: ð23Þ

We model the error propagation distortion at frame
F(p) + m as

DEPðp; F ðpÞ þ mÞ ¼ ~sðF ðpÞ þ mÞ � DECðp; F ðpÞÞ: ð24Þ
We obtain the total error propagation distortion in subse-
quent frames from the loss of packet p in a GOP with size
N as

DEPðpÞ ¼
XN

n¼F ðpÞþ1

DEPðp; nÞ: ð25Þ

By substituting n = F(p) + m

DEPðp; F ðpÞÞ ¼
XN�F ðpÞ

m¼1

DEPðp; F ðpÞ þ mÞ: ð26Þ

From (24) and (26),

DEPðpÞ ¼
XN�F ðpÞ

m¼1

~sðF ðpÞ þ mÞ � DECðp; F ðpÞÞ: ð27Þ

The total estimated packet loss distortion D(p) is obtained
from (15) and (27)
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DðpÞ ¼ DECðp; F ðpÞÞð1þ
XN�F ðpÞ

m¼1

~sðF ðpÞ þ mÞÞ: ð28Þ

Fig. 5 represents the trace of the actual packet loss distor-
tion and the estimated distortion by the packet distortion
model using EC estimation of n = 1, n = 4, and n = 8 cases.
The test video sequence is the ‘Foreman’ of QCIF size at
240 kbps and packet size is set to be about 1280 bits. We
can see that the estimated distortion by the packet distor-
tion model closely matches the actual packet loss distor-
tion. Note that the differences in estimated distortion of
n = 1, n = 4, and n = 8 cases are very small. Simulations
for other video sequences show similar results.

We will use this packet distortion model for the alloca-
tion of redundant FEC packets in Section 6.

6. Proposed unequal FEC assignment

6.1. Allocation of source and channel code rates

In this subsection, we propose a method to allocate the
source code bits Bs and the channel code bits Bc. We
assume that the total number of bits (Bt) can be estimated
through delay and packet loss ratio information from feed-
back packet such as real-time control protocol (RTCP).

We consider the RS(n,k) code where k is the number of
video source packets and n is the total number of packets in
a GOP. The number of FEC code packets in a GOP is
n � k. It is assumed that the receiver side needs to wait
until the FEC parity packets arrive in order to perform
the correction operation from possible packet losses. The
waiting delay for FEC parity packets is defined as TFEC

and calculated as in [23]

T FEC ¼ ðn� kÞ � T D; ð29Þ

where TD = 1/f b and f is the GOP rate in GOP/s, and b is
the number of encoded packets in a GOP.

Let TQoS be the allowable delay with FEC decoding at
the receiver side and TT the transmission delay from sender
to receiver. We assume that the transmission delay TT is a
constant for the period of one GOP. The set of feasible RS
codes must satisfy the following delay constraint

T FEC þ T T ¼ ðn� kÞ � T D þ T T 6 T QoS: ð30Þ

It is equivalent to

n 6
ðT QoS � T TÞ

T D

þ k: ð31Þ

The total delay TQoS is the threshold for quality of service
(QoS) of real-time video application and TT can be ob-
tained from the feedback packets.

We now present the method to allocate simultaneously
the source code bits Bs and channel code bits Bc. Let
h 2 {1,2,3, . . .,m} be the feasible set for the number of
FEC packets under the constraint in (31). The source code
bits and channel code bits are related as follows
Bh
s ¼ Bt � kh

c ; h ¼ 0; 1; 2; . . . ;m;

Bh
c ¼ Bt � Bh

s ;
ð32Þ

where kh
c ¼ k=ðkþ hÞ. From (32), we can obtain the feasible

sets of source code and channel code bits as follows

Bs ¼ B1
s ;B

2
s ; . . . ;Bm

s

� �
;

Bc ¼ B1
c ;B

2
c ; . . . ;Bm

c

� �
:

ð33Þ

In video packet transmission over networks, the recon-
structed video quality is affected by source coding and
channel packet losses. We can calculate the overall distor-
tion dt as

dtðBh
s ;B

h
cÞ ¼ dsðBh

s Þ þ dcðBh
cÞ; ð34Þ

where ds and dc denote the distortion from source coding
and channel error, respectively.

To estimate ds, we induce a R-D function using (28). Let
D(pj) be the packet distortion in packet j in a GOP and Dj

s

be the summation of D(pj) from the first packet through
packet j. Let B(pj) be the amount of bits in packet j and
Rj

s be the summation of B(pj) from the first packet through
packet j. Then we can obtain discrete R-D functions in
packet j as follows.

Dj
s ¼ Dj�1

s � DðpjÞ;
Rj

s ¼ Rj�1
s þ BðpjÞ:

ð35Þ

In (35), D0
s is the distortion without decoding any packet

and R0
s is the zero rate that means no packet is allocated

in source coding. From (35), we can compute a continuous
R-D function through linear interpolation of the discrete
R-D function as in [24]

dsðBh
s Þ ¼

Dj
s � Dj�1

s

Rj
s � Rj�1

s

� ðBh
s � Rj�1

s Þ þ Dj�1
s ;

for Rj�1
s 6 Bh

s 6 Rj
s and j ¼ 1; 2; . . . ; J :

ð36Þ

The distortion caused by channel errors can be modeled as

dcðBh
cÞ ¼ a � PLRðn; kÞ; ð37Þ

where a is the scaling factor which depends on the amount
of source coding distortion. The PLR(n,k) represents the
packet loss rate employing the RS(n,k) code and is com-
puted as in (5). In (37), The n � k is calculated as follows

ðn� kÞ ¼ ceil
Bh

c � LPL
i¼1W i

 !
; ð38Þ

where Wi is the largest packet length in bop i, and L is the
last BOP index in a GOP.

From (36) and (37), the overall distortion can be mod-
eled as

dtðBh
s ;B

h
cÞ ¼

Dj
s � Dj�1

s

Rj
s � Rj�1

s

� ðBh
s � Rj�1

s Þ þ Dj�1
s þ a � PLRðn; kÞ:

ð39Þ



Fig. 6. Comparison for the relation between Dl,e and ~Dl in different values
of PB (%) for ‘Foreman’ sequence with k = 16, LB = 2 and FEC
ratio = 10%.

Fig. 7. Comparison between the FEC assignment using Dl and the FEC
assignment using ~Dl with various PB (%) for ‘Foreman’ sequence with
k = 16, LB = 2, and FEC ratio = 10%.

Table 1
Simulation parameters

Sequence name Foreman Mobile Football

Spatial size QCIF QCIF QCIF
Frame number 150 150 150
Bit rate (kbps) 240 260 240
Codec H.264
Frame rate 15 fps
GOP length 15 frame
Packet size 1280 bits
k 16
PB (%) from 5 to 25
LB 2
FEC ratio (%) from 5 to 20
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For each feasible pair ðBh
s ;B

h
cÞ, we can compute the overall

distortion as in (39). If the index with the minimum dt is h*,
the pair ðBh�

s ;B
h�

c Þ is the source and channel coding bits in
the GOP.

6.2. Adaptive FEC assignment

In this section, we propose a closed form solution for
unequal FEC assignment algorithm for real-time video
transmission. Let pi,l be the ith packet in BOP l and
D(pi,l) be the packet loss distortion of pi,l as in (28). To
assign the number of FEC redundant packets in each
BOP, we use the average packet distortion of BOP l for
FEC assignment. Let Dl be the average packet distortion
of BOP l as

Dl ¼
1

kl

Xkl

i¼1

Dðpi;lÞ: ð40Þ

Then we can calculate the number of redundant packets to
be assigned in BOP l using the ratio of the quantity of deg-
radation in each BOP as follows

pl ¼
Bc

W l
� DlPL

i¼1Di

; ð41Þ

where Wl is the largest packet size in BOP l. The FEC
assignment in (41) does not consider channel status and
it is not adaptive to channel status change. For more effi-
cient FEC assignment, the distortion model needs to in-
clude channel status information.

Let Dl,e be the expected distortion in BOP l with FEC by
RS(nl,kl) code. Then we can calculate Dl,e as

Dl;e ¼ Dl � PLRðnl; klÞ; ð42Þ

where nl = pl + kl. Since some lost packets would be cor-
rected with FEC by RS(nl,kl) code, the expected distortion
would be reduced with FEC. In other words, Dl,e with FEC
would be smaller than Dl without FEC. Let ~Dl represent
the difference between Dl and Dl,e as

~Dl ¼ Dl � Dl;e: ð43Þ

From (40) and (42),

~Dl ¼ Dl � ð1� PLRðnl; klÞÞ: ð44Þ
The ~Dl physically represents the reduction of expected dis-
tortion that can be obtained by the FEC assignment. We
propose to assign the FEC amount to be proportional to
~Dl. The Eq. (44) can be calculated using (5)

~Dl ¼ Dl � ð1�
Xm¼nl

nl�klþ1

P ðm; nlÞÞ ¼ Dl �
Xnl�kl

m¼0

P ðm; nlÞ: ð45Þ

The term
Pnl�kl

m¼0 P ðm; nlÞ in (45) conceptually represents the
packet correction rate with FEC, since P(m,nl) is the prob-
ability of m lost packets in nl packets and RS(nl,kl) code can
correct up to nl � kl lost packets out of nl packets in BOP l.
Let PCR(nl,kl) represent the packet correction rate with
RS(nl,kl) code. Then
PCRðnl; klÞ ¼
Xnl�kl

m¼0

P ðm; nlÞ: ð46Þ
Since the P(m,nl) term in (46) includes the channel status
information through the average packet loss rate PB as in
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(4), the PCR(nl,kl) term in (46) also includes the channel
status information.

From (44)–(46),

~Dl ¼ Dl � PCRðnl; klÞ: ð47Þ

Since the PCR(nl,kl) includes the channel status informa-
tion, the ~Dl in (47) represents the reduction of expected dis-
tortion by FEC assignment considering channel status.

Fig. 6 shows the distortion comparison with different
values of PB. The Dl is obtained by (40) and the initial
Fig. 8. Average PSNR performance comparison for video sequences in
different values of PB (%) with k = 16, LB = 2, and FEC ratio = 20%. (a)
‘Foreman’ sequence. (b) ‘Mobile’ sequence. (c) ‘Football’ sequence.
FEC assignment is performed using Dl as in (41). Com-
pared to Dl, the values of Dl,e are decreased by FEC assign-
ment. When the PB is relatively small (5%), the values of
Dl,e for all BOPs are greatly decreased, since the packet loss
rates would become small with FEC. With this Dl,e, the ~Dl

is rather large in all BOPs. When the PB is relatively large
(25%), the values of Dl,e are not much decreased as in small
PB case, since the packet loss rates would be rather large
even with FEC.
Fig. 9. Average PSNR performance comparison for video sequences in
different FEC ratio (%) values with k = 16, PB = 5 (%) and LB = 2.
(a)‘Foreman’ sequence. (b)‘Mobile’ sequence. (c) ‘Football’ sequence.



Fig. 11. Complexity comparison between the proposed FEC scheme and
the GRIP FEC scheme for ‘Foreman’ sequence.
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For optimal FEC assignment to be adaptive for channel
status, we propose to assign the number of FEC packets ~pl

to be proportional to ~Dl as

~pl ¼
Bc

W l
�

~DlPL
i¼1ð~DiÞ

; ð48Þ

where nl ¼ ~pl þ kl. The proposed FEC assignment solution
in (48) would require small computational complexity and
would be appropriate for time-constrained video transmis-
sion applications. Fig. 7 shows the comparison between the
FEC assignment using Dl as in (41) and the FEC assign-
ment using ~Dl considering channel status as in (48). As
shown in Fig. 7, the number of FEC packets are assigned
up to BOP 8 in proportion to the ~Dl. As the PB becomes
larger, the numbers of FEC packets for BOPs with smaller
indices becomes larger compared to those with larger indi-
ces. It means that as the packet loss rate becomes larger,
the packets from earlier frames such as I-frames become
more important compared to the packets from later frames
in a GOP.
Fig. 10. Frame-by-frame PSNR performance comparison for video seque
(a)‘Foreman’ sequence. (b) ‘Football’ sequence.
7. Simulation results

To evaluate the performance of the proposed FEC
scheme, extensive experiments with various test conditions
are conducted. Three video sequences are encoded with
nces in wireless channel environment with BER = 9.3e-3 and k = 16.



Fig. 12. The variation of source distortion, channel distortion, and total
distortion using the number of FEC packets from (38) in a GOP level,
LB = 2. (a) PB = 10%, (b) PB = 20%.
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parameters in Table 1 using the H.264 reference software
[25]. These sequences are encoded at constant bit rate
(CBR). Two state Markov channel model [26] is used for
modeling the packet loss in the Internet with average burst
length (LB) and average packet loss rate (PB). The error
concealment for H.264 [22] in reference software [25] is
applied at decoder side. All the following simulations are
performed and averaged over 20 random channel loss
patterns.

We present the simulation results for the previous GRIP
scheme [9] and the proposed FEC assignment scheme based
on the packet distortion model. No FEC and Equal FEC
assignment cases are also simulated for performance
comparison.

Fig. 8 shows the peak signal-to-noise ratio (PSNR) per-
formance comparison in different values of PB. The pro-
posed FEC scheme outperforms the other methods for all
sequences. No FEC scheme shows the best PSNR perfor-
mance in error free case (PB = 0%), but the quality drops
rapidly as the PB becomes larger. When the PB is greater than
5%, the proposed FEC scheme gives gradual degradation of
PSNR while the GRIP based FEC and Equal FEC schemes
result in more steep PSNR degradation. The gradual
decrease of PSNR in the proposed FEC scheme is due to
the better protection of video packet with larger impact on
video quality by packet loss.

Fig. 9 shows the average PSNR performance in different
values of FEC ratio. We can see that the proposed FEC
assignment scheme outperforms the other FEC assignment
schemes, especially in larger FEC ratio. From Figs. 8 and
9, we can argue that the proposed method efficiently
assigns the number of FEC packets into the block of pack-
ets of video data using the packet distortion model and
including channel status information.

For simulations in wireless channel environments, the bit-
error patterns in [27] are used, which are captured in different
real mobile radio channel over the physical and below radio
link control (RLC) in 3GPP networks for video streaming
applications based on RTP/IP. The bit error rate (BER) of
bit-error patterns is 9.3e-3 at mobile speed 3km per hour.
The average packet loss rate PB is calculated by counting
video packets that are lost from bit-error over all transmitted
packets for FEC assignment. Fig. 10 shows the comparison
of frame-by-frame PSNR variations. For ‘Foreman’
sequence, we apply the FEC assignment scheme with the
PB value of 20%. It can be seen that the video frames are pro-
tected much better by the proposed FEC scheme compared
to the Equal FEC and the GRIP FEC assignment schemes.
The proposed FEC scheme gives better PSNR performance
for overall video frames in wireless channel environments. In
case of the ‘Football’ sequence with fast movements, the
error propagation effects are restricted since there are com-
parably large number of intra-mode MBs in P-frames. The
proposed FEC assignment method is more efficient than
the previous GRIP scheme which uses a simple LEP distor-
tion model and adopts iterative solution for FEC
assignment.
Fig. 11 shows the complexity comparison between the
GRIP scheme and the proposed scheme. The number of
operations is computed in visual C++ environment of
PC. The total number of operations in the proposed
scheme is about 58% compared to the GRIP scheme.

To evaluate the performance of the proposed model-
based rate allocation algorithm, the ‘Foreman’ video
sequence with QCIF resolution is encoded by 240 kbps with
constant bit rate (CBR). Frame rate is 15 fps, the packet size
is set as 1280 bits. The maximum allowable total delay is set
as TQoS = 200 ms and the transmission delay as TT = 30 ms.
The available network bandwidth is set as 250 kbps. From
the results of rate allocation, the previous encoded bitstream
is re-encoded instead of skipping the packets. The assigned
rates for source and channel coding bits are maintained until
the next interval of rate allocation.

For the purpose of performance comparison, the Li’s
rate allocation algorithm [11] is slightly modified into rate
allocation over a GOP level. We compute the maximum
number of redundant packets with the delay constraint
(TQoS). The number of redundant packets is determined
based on the target packet loss rate considering an unequal
importance exiting in each frame. The source and channel
coding rate allocations are performed as in [11].

Fig. 12 shows the variation of source distortion (ds),
channel distortion (dc), and total distortion (dt) using the



Fig. 13. Frame-by-frame PSNR performance comparison for the proposed FEC assignment using the proposed model-based rate allocation and the
proposed FEC assignment using Li’s rate allocation scheme. (a) PB = 10%, (b) PB = 20%.
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number of FEC packets computed from (38) with delay
constraint. In Fig. 12(a), packet loss rate is set as 10%.
As the number of FEC packets is increased, the source dis-
tortion is increased and the channel distortion is decreased
since more channel coding bits are assigned for minimizing
the total distortion. The optimal source and channel rate is
determined such that the total distortion (dt) is minimized.
Comparing Fig. 12(a) and (b), we can see that the relative
importance of dc in dt becomes larger as the packet loss rate
becomes higher. As the packet loss rate is increased, the
minimal point is shifted to the right side to assign more
FEC packets to reduce channel distortion.

Fig. 13 shows frame-by-frame PSNR performance com-
parison along ten GOPs for the proposed FEC assignment
using the proposed model-based rate allocation scheme and
the proposed FEC assignment using Li’s rate allocation
scheme. We also compare the PSNR performance for the
equal FEC assignment using the proposed model-based
rate allocation scheme. Fig. 13(a) represents the PSNR val-
ues in lower packet loss rate (PB = 10%) with different rate
allocation schemes. The average PSNR values for the pro-
posed rate allocation scheme and the Li’s rate allocation
scheme are 30.1 and 29.5 dB, respectively. Fig. 13(b) shows
the PSNR values for different rate allocation schemes in
higher packet loss rate (PB = 20%). The average PSNR val-
ues for the proposed rate allocation scheme and the Li’s
rate allocation scheme are 24.9 and 23.7 dB, respectively.
In higher packet loss rate, more bits need to be allocated
for channel coding side as in the proposed rate allocation
scheme for minimizing the total distortion. The proposed
rate allocation scheme outperforms the Li’s rate allocation
scheme in higher packet loss rates.

8. Conclusion

We propose an efficient unequal FEC assignment algo-
rithm for packet loss resilience in application layer. A
new packet distortion model is derived investigating the
error concealment property and error propagation effect
in H.264 encoded video sequences. Given the available net-
work bandwidth, we propose the model-based rate alloca-
tion algorithm using the packet distortion model. Then the
closed form solution is proposed using the packet distor-
tion model including channel status information. The pro-
posed method assigns the number of FEC packets in
proportional to the packet loss distortion and the packet
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correction rate with FEC. Since the proposed closed form
solution does not require any iterative computations, the
FEC assignment can be performed with lower complexity
compared to the previous GRIP scheme which require iter-
ative computations.

Simulation results show that the proposed FEC scheme
gives substantial PSNR performance improvements com-
pared to the previous schemes for packet loss in Internet
and wireless environments. Hence the proposed FEC assign-
ment method can be used efficiently for the resilience of real-
time video transmission over packet-lossy environments.
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