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Abstract—The problem of application-layer error control for
real-time video transmission over packet lossy networks is com-
monly addressed via joint source-channel coding (JSCC), where
source coding and forward error correction (FEC) are jointly de-
signed to compensate for packet losses. In this paper, we consider
hybrid application-layer error correction consisting of FEC and
retransmissions. The study is carried out in an integrated joint
source-channel coding (IJSCC) framework, where error resilient
source coding, channel coding, and error concealment are jointly
considered in order to achieve the best video delivery quality. We
first show the advantage of the proposed IJSCC framework as
compared to a sequential JSCC approach, where error resilient
source coding and channel coding are not fully integrated. In the
IJSCC framework, we also study the performance of different
error control scenarios, such as pure FEC, pure retransmission,
and their combination. Pure FEC and application layer retrans-
missions are shown to each achieve optimal results depending on
the packet loss rates and the round-trip time. A hybrid of FEC
and retransmissions is shown to outperform each component
individually due to its greater flexibility.

Index Terms—Error concealment, error control, error re-
silience, hybrid error control, multimedia streaming, quality
of service (QoS), resource allocation, unequal error protection
(UEP).

I. INTRODUCTION

REAL-TIME video streaming, videophone and videocon-
ferencing, have gained increased popularity. However, it

is well known that the best effort design of the current Internet
makes it difficult to provide the quality of service (QoS) needed
by these applications. A direct approach dealing with the lack of
QoS is to use error control, where different error control com-
ponents can be implemented at different network layers. In this
paper, we consider a combination of common error control ap-
proaches. Specifically, at the sender side, we consider error re-
silient source coding, hybrid forward error correction (FEC) and
application-layer retransmission; at the receiver side, we con-
sider error concealment. We present an integrated joint source
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channel coding (IJSCC) framework to jointly optimize these
application-layer error control components for real-time video
transmissions over packet lossy networks.

Each of the above-mentioned error control approaches is de-
signed to deal with a lossy packet channel. Error resilient source
coding accomplishes error control by adding redundancy at the
source coding level to prevent error propagation and to limit
the distortion caused by packet losses. For packet-switched net-
works, error resilience may be achieved through the selection
of encoding mode for each packet, the use of scalable video
coding, or multiple description coding [1]–[4]. In this paper, we
focus on optimal mode selection (including prediction mode and
quantizer) for nonscalable (single layer) video. Another way to
deal with packet loss is to use error correction techniques at the
application/transport layer. Two basic techniques are used: FEC
and automatic repeat request (ARQ). Each has its own bene-
fits with regard to error robustness and network traffic load [5],
[6]; we consider both approaches in the IJSCC framework. Fi-
nally, error concealment refers to post-processing techniques
employed by the decoder to handle packet loss by utilizing the
spatial and temporal correlation of the video sequence.

Of the two error correction techniques, ARQ is not widely
used in real-time streaming applications because it cannot ac-
commodate the delay requirements of these applications. Also,
such approaches may not be appropriate for multicast scenarios
due to their inherent scalability problems [7], [8]. FEC-based
techniques are usually preferred for such applications and are
currently under consideration by the Internet Engineering Task
Force (IETF) as a proposed standard in supporting error re-
silience [9]. However, FEC cannot completely avoid packet loss
due to its limits on the block-size as dictated by the application’s
delay constraints. FEC also incurs constant overhead even when
there are no losses in the channel, and the appropriate level of
FEC will depend on the accurate estimation of the channel’s
behavior. On the other hand, ARQ can automatically adapt to
the channel loss characteristics by transmitting only as many
redundant packets as are lost. Thus, if the application has a rela-
tively loose end-to-end delay constraint (e.g., on-demand video
streaming), ARQ may be preferable. Even for real-time applica-
tions, delay constrained application-layer ARQ has been shown
to be useful in some situations [5], [10], [11]. In our previous
work [12], we studied different error control scenarios including
pure FEC, pure retransmission, and hybrid FEC/retransmission.
Our goal was to identify the optimal video transmission policy
based on network conditions (such as packet loss probability and
network round-trip time) and application requirements (such
as end-to-end delay). In this paper, we extend the above work
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Fig. 1. Error control components in a real-time video streaming system.

by more rigorously developing an optimization framework for
studying various hybrid error control schemes.

Optimal error control is often studied in a joint source-channel
coding (JSCC) framework, e.g., [7], [8], and [13]–[24]. In gen-
eral, JSCC is accomplished by designing the quantizer and en-
tropy coder for given channel errors, as in [13]. For image and
video applications, JSCC consists of three tasks: finding an op-
timalbitallocationbetweensourcecodingandchannelcodingfor
given channel loss characteristics; designing the source coding to
achieve the target source rate; and designing the channel coding
to achieve the required robustness [3], [7]. Joint source coding
and FEC has been extensively studied in the literature [14]–[24].
In [14], [21], and [23], JSCC was studied for wavelet image and
video transmission over the Internet. The authors in [17], [19],
[20], and [22] have studied this problem in the context of wire-
lesschannels for scalablevideo, anderror resiliencewasachieved
through optimized transport prioritization for layered video. In
[16], JSCCwitherror resilient sourcecodingandFECfor Internet
scalable video is studied. These previous works do not consider
all possible error control components at the application layer. In
this paper, we introduce the IJSCC framework, where error re-
silient source coding, channel coding, and error concealment are
all addressed in a tractable optimization setting. Furthermore, the
approaches in the above-mentioned reports do not appear to be
fully “integrated,” even though “joint,” while our work fully con-
siders the interaction between source coding and channel coding.

With regard to related work on hybrid FEC/retransmission, in
[11], a general cost-distortion framework was proposed to study
several scenarios such as DiffServ, sender-driven retransmission
and receiver-driven retransmission. In our approach, we take
into account source coding and error concealment, which are
not considered in [11]. As to wireless IP networks, a link-
layer hybrid FEC/ARQ scheme is considered in [25] and an
application-layerhybridFEC/ARQtechniquebasedonheuristics
is proposed for video transmission in [5]. A sender-driven
application layer hybrid FEC/ARQ scheme has been presented
for video transmission over a hybrid wired/wireless network
in [26] and [27], where parity packets are generated and sent
only if a negative acknowledgment (NAK) is received. The
approach in [27] may be more useful for streaming applications,
where the end-to-end delay constraint is usually long and the
sender can rely on ARQ more than on FEC. A receiver-driven
hybrid FEC/pseudo-ARQ mechanism is proposed for Internet
multimedia multicast in [6]. Another related work is [10], which
considers scalable video, with pure ARQ used for the base layer

and pure FEC used to protect the enhancement layer. Our work
differs from the above in that we consider application-layer
sender-driven retransmission, where lost packets are selectively
retransmitted according to a rate-distortion optimized policy.
In addition, we jointly consider the FEC/ARQ parameters with
source coding and error concealment.

The first contribution of this paper is a general and flexible
IJSCC framework for real-time packetized video transmission;
the IJSCC framework allows for the comparison of different
error control scenarios such as FEC, retransmission, and hybrid
FEC/retransmission. The second contribution is the study of hy-
brid error control consisting of both FEC and retransmission.
FEC and application layer retransmission each can achieve op-
timal results depending on the packet loss rates and round-trip-
time (RTT). When the two are jointly employed as in the pro-
posed hybrid technique, improved results are obtained.

The rest of this paper is organized as follows. We first intro-
duce some preliminaries in Section II. Next, in Section III, the
IJSCC problem formulation is presented, followed by the study
of hybrid application-layer error control in Section IV. Exper-
imental results are discussed in Section V. Finally, Section VI
contains our conclusions.

II. PRELIMINARIES

A. Real-Time Video Transmission System

Fig.1depicts thearchitectureofapacket-basedreal-timevideo
transmission system and indicates the error control components
availableatdifferent layers. At thesender,videopackets (referred
to as source packets) are generated by a video encoder. At
the application layer, parity check packets used for FEC may
be generated. In addition, lost packets may be retransmitted if
applicable. After passing through the network protocol stack
(e.g., RTP/UDP/IP), transport packets are formed to be sent
over a lossy network. Packets that reach the decoder in time are
buffered in the decoder buffer. We define an initial setup time
(also referred to as the maximum end-to-end delay), , as
the duration between the time when the first packet is captured
at the encoder and its playback at the decoder. The longer the
initial setup time, the more robust the system is to channel
variations. The setup time is application dependent, and is
limited by how long a user is willing to wait for the video
to be displayed. The video decoder reads video packets from
the decoder buffer and displays the resulting video frames in
real time (i.e., the video is displayed continuously without
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interruption at the decoder). Lost packets are concealed at the
decoder.

B. Channel Model

In this paper, the network is modeled as an independent time-
invariant packet erasure channel. Packet losses in the network
can be modeled in various ways, e.g., a Bernoulli process, a
two-state or th order Markov chain, etc. [28]. In our simu-
lations, packet loss in the network is modeled by a Bernoulli
process, i.e., each packet is independently lost with probability
. The proposed framework is general and not limited to any spe-

cific packet loss model. All that is needed is a stochastic model
of the packet losses. We assume that the receiver responds to a
lost or corrupt packet with a NAK, and responds to a correctly
received packet with a positive acknowledgment (ACK). All ac-
knowledgments are assumed to arrive correctly after one RTT,
i.e., the feedback delay is a constant and the feedback channel
is error free1 as in [6]. In addition, we can assume that the prob-
ability an ACK is lost is included in , i.e., whenever an ACK is
lost, we will assume that the corresponding packet is lost when
doing the optimization. Also if an ACK arrives after its esti-
mated frame time, then we could easily update the probability of
loss, before optimizing the next frame. These parameters (prob-
ability of packet loss, RTT, etc.) can be estimated from the feed-
back channel at regular time instances. In addition, we consider
the situation where the individual user’s traffic is a small part
of the overall traffic in the network and, thus, has a negligible
effect on these parameters.2

C. FEC

For Internet applications, many researchers have considered
using erasure codes to recover from packet losses [15], [16],
[18]. In such approaches, a video stream is first partitioned
into segments; each segment is packetized into a group of
packets. A block code is then applied to the packets to
generate additional parity packets resulting in an -packet
block, where . With such a code, the receiver
can recover the original packets if a sufficient number of
packets in the block are received. The most commonly studied
erasure codes are Reed–Solomon (RS) codes, which have good
erasure correcting properties and are widely used in practice
[15], [16], [18]. In this paper, we consider systematic RS codes,
but the basic framework could easily be applied to other codes,
such as Tornado codes, which have slightly worse erasure
protecting properties, but can be encoded and decoded much
more efficiently than RS codes [29].

An RS code is represented as , where is the
number of source symbols and is the number of parity

1Because ACK/NAK packets are typically very small, they can be transmitted
with negligible probability of loss through retransmissions or other forms of
protection. For small packets, these techniques will only lead to a small amount
of additional overhead. From the application’s point of view, the RTT can be
treated as constant as long as its variation is limited to one frame’s time, since
our optimization is frame based. This is addressed in detail in Section IV.

2It is important to clarify that in order to accommodate other traffic and share
the network resources fairly, a TCP-friendly congestion control is usually used
to constrain the source bit rate. In this case, as long as the video traffic generated
by our application follows the assigned transmission rate, the effect of our traffic
on the overall network congestion can usually be ignored.

symbols. The code rate of an code is defined as
. For Internet applications, since the channel errors are

typically in the form of packet erasure, an code ap-
plied across packets can correct up to lost packets.
The protection capability of an RS code depends on the block
size and the code rate, which are limited by the extra delay intro-
duced by FEC. For Internet applications, the block length, ,
can be determined based on the end-to-end system delay con-
straints [30].

D. End-to-End Distortion

Due to channel losses, we use the expected end-to-end dis-
tortion to evaluate video quality. Three factors can be identified
as affecting this: the source behavior (quantization and packe-
tization), the channel characteristics, and the receiver behavior
(error concealment) [2]–[4], [8], [31]. The expected distortion
can be calculated at the encoder as

(1)

where and are the expected distortion when
the th source packet is either received correctly or lost, respec-
tively, and is its loss probability. The relationship between
the source packet loss probability and transport packet loss
probability depends on the specific transport packetization
scheme chosen. Note that both and are usually
random variables. This is because, due to channel losses, the
reference frames for intercoding at the decoder and the encoder
may not be the same. However, based on the given feedback
information, could be deterministic. This occurs when
packet and all the associated packets in the previous frames
used to predict packet are acknowledged and have not been
further retransmitted. Thus, the expectations in (1) are taken
with respect to the probability distribution of channel losses
given the available feedback and the previous FEC decisions.
This is discussed in greater detail in Section IV-B.

Note that the calculation of depends on the specific
error concealment strategy used at the decoder. Assuming the
mean-squared error (MSE) criterion, the distortion measure-
ment based on the recursive optimal per-pixel estimate (ROPE)
algorithm [16] can be used to recursively calculate the overall
expected distortion level of each pixel. The image quality mea-
sure used is the peak signal-to-noise-ratio (PSNR), defined as
PSNR MSE dB.

E. Packetization and Error Concealment

We consider a system where each group of blocks (GOB)3

is coded as one source packet, and every packet is indepen-
dently decoded. For error concealment, we consider a simple
but efficient error concealment scheme similar to the one in [16].
Specifically, we use a temporal replacement error concealment
strategy. The concealment strategy is spatially causal, i.e., the
decoder will only use the information from previously received
packets in concealing a lost packet. When a packet is lost, the
concealment motion vector for a MB in the lost packet is the me-
dian of the three motion vectors of its top-left, top, and top-right

3Following the H.263 standard, we use a GOB to denote one row of macro-
blocks (MBs).
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MBs. If the previous packet is also lost, then the concealment
motion vector is zero, i.e., the MB in the same spatial location
in the previously reconstructed frame is used to conceal the cur-
rent loss. In this case, the expected distortion can be written as

(2)

where and are the expected distortions after
concealment when the previous packet is either received cor-
rectly or lost, respectively. Note that, for this packetization and
error concealment scheme, the choice of prediction mode and
the loss probability for source packet affects the distortion
of the th source packet.

III. JOINT SOURCE-CHANNEL CODING

In this section, we discuss approaches for jointly optimizing
error resilient source coding and channel coding. First, we dis-
cuss approaches that sequentially optimize these resources by
first allocating bits between source and channel coding, and then
optimizing the source coding given the bit budget. Next, we
present our IJSCC framework which optimizes both the bit al-
location and source coding in a single step.

A. Sequential JSCC

Most of the JSCC work to date has focused on the bit alloca-
tion between source and channel coding, such as in [13]–[15],
[18]–[20]. Source coding is performed based on the given bit
budget, after the bit allocation between source and channel is
completed. The optimization of source coding can be achieved
in the form of mode selection by taking into account the residual
errors after channel coding, such as in [1]–[3] and [16].

Let be the set of source coding parameters, which include
the prediction mode and quantization step size. The FEC pa-
rameter set is defined as , where

is the number of available code options. Let and denote
the vector of source coding parameters and channel coding pa-
rameters for one frame, respectively. Let the superscript de-
note the th frame, and the subscripts and stand for source
and channel coding, respectively. Then, this sequential two-step
JSCC can be formally presented as

(3)

and

(4)

where is the expected distortion; is the transmission
rate; and are the source bits and channel bits, respectively;

is the associated transmission delay; and and are the
transmissiondelayconstraint for thewhole frame(includingboth
source and channel bits) and the source bits, respectively. In (3),
the constraint is on the total transmission delay for the th frame

; in (4), the constraint is on the source transmission delay4

. Several channel coding techniques have been considered
for solving (3). For work utilizing preencoded video, such as
[15] and [18], source coding is fixed. Thus, the objective in
these studies is to minimize the channel induced distortion, and
the second step (4) is not necessary. For work on coding the
source on the fly, one way to characterize the distortion in (3)
is to use a source R-D model, as in [19] and [20]. For example,
a universal R-D model is used in [20]. In [19], the distortion is
expressed as the sum of source and channel distortion, both of
which are model based. By assuming uncorrelated source and
channel distortion, the first step of the minimization in [19] aims
at minimizing the channel distortion, while the second-step
minimizes thesourcedistortion.Therehasalsobeenconsiderable
work in the area of JSCC for scalable video coders, such as [14],
[21], and [23]. The inherent prioritization of information in a
scalable video bitstream makes the implementation of JSCC
more straightforward. For block-based motion compensated
video coding, JSCC is more challenging because the relative
importance of packets is not explicitly available.

The above studies, however, do not fully consider the in-
teraction between source coding and channel coding. More
specifically, they do not optimally account for how error re-
silient source coding affects the bit allocation between source
and channel. The goal of JSCC is to optimally add redundant
bits in the source (error resilient source coding) and the channel
(channel coding) to achieve the best tradeoff between error
robustness and compression efficiency. The optimal way to
achieve this requires joint consideration of error resilient source
coding and channel coding. In addition, we would like to
emphasize that one of the main objectives in our work is not
to rely on approximations but instead to accurately compute
the expected distortion. Because the effect of source coding
and channel coding on the end-to-end distortion is intertwined,
accurate calculations of the expected distortion cannot separate
these two components. In other words, although the tradeoffs
between source and channel coding are considered in our
approach, to accurately calculate the expected distortion, the
effects of source and channel coding must be considered jointly
(i.e., in an integrated fashion).

B. IJSCC

Next, we present our IJSCC framework for jointly optimizing
error resilient source coding and channel coding. That is, instead
of separating the overall expected distortion into source distor-
tion and channel distortion, as in (3) and (4), we consider the
interaction between these components.

A related framework was presented in [16] for jointly con-
sidering error resilient source coding and channel coding.
In that study, the distortion measurement was model based,
where the concealment distortion for each block is calculated
by weighing the distortions of the surrounding blocks in the
previous frame(s) that overlap with the motion-compensated
block (with the weights proportional to the overlap area).

4Note that both of these constraints can also be interpreted as specifying
bit budgets of T R and T R .
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Fig. 2. Packetization scheme: one row corresponds to one source packet.

Here, we recursively calculate packet distortion based on (1),
which takes into account both source distortion and channel
distortion, as well as error propagation due to channel errors.5

Our objective is to minimize the total expected distortion for
the th frame, given a transmission delay constraint, i.e.,

(5)

where represents the total bits used for both source coding
and channel coding, is the transmission rate, and is the
transmission delay constraint for this frame.

In calculating the expected distortion for each source packet,
the loss probability for the source packet needs to be deter-
mined. The relationship between the source packet loss proba-
bility and transport packet loss probability depends on the spe-
cific transport packetization scheme and channel coding chosen
[32]. We will discuss next the particular case of hybrid FEC and
selective retransmission.

IV. HYBRID FEC AND SELECTIVE RETRANSMISSION

In this section, we consider hybrid FEC and application-layer
selective retransmission to perform optimal error control in the
IJSCC framework.

A. Packetization Scheme

For packet-based video transmission, FEC is usually done
across packets, as discussed in Section II-C. Fig. 2(a) illustrates
the packetization we use for each frame, where one row corre-
sponds to one GOB, which is directly packetized into one trans-
port packet. Since the source packet sizes (shown by the shaded
area in Fig. 2) are usually different, the maximum packet size
of a block (a group of packets protected by one RS code) is de-
termined first, and then all packets are padded with stuffing bits

5The effect of error propagation can be fully captured based on the acknowl-
edgment information after 1 RTT’s delay.

in the tail part to make their sizes equal. The stuffing bits are re-
moved after the parity codes are generated and so are not trans-
mitted [16], [30]. The resulting parity packets are all of the same
size (the maximum packet size). Each source packet in Fig. 2 is
protected by an code, where is the number of
GOBs and the number of transport packets.

In this scheme, a source packet is regarded as lost after error
recovery at the receiver only when the corresponding transport
packet is lost and the block containing the lost transport packet
cannot be recovered (i.e., more than other packets
are also lost). Therefore, the probability of source packet loss
after error recovery is defined as

(6)

where is the probability of transport packet loss. Note that, in
this scheme, all source packets in a given frame have the same
probability of loss [16].

B. Problem Formulation

Assume that there are up to frames in the sender’s buffer
that are eligible for retransmission.6 Let denote
the retransmission parameter for the th source packet in frame

, where 0 denotes no retransmission and 1 denotes retransmis-
sion. Let denote the retransmission
parameter vector for frame , and
the vector for the frames. For video transmission applications,
usually a higher-level rate controller is used to constrain the bits,
or equivalently the transmission delay for each frame. For sim-
plicity, let be the transmission delay for the th frame ob-
tained from the rate controller. Following the structure of the

6The maximum number of frames that are eligible for retransmission can usu-
ally be obtained based on the occupation level of the encoder buffer and the
maximum end-to-end delay T .
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IJSCC framework in (5), we consider the following problem for-
mulation:

(7)

Gains might be obtained by grouping the retransmitted packets
and the packets in the current frame together to perform FEC.
However, this introduces additional delay for the retransmitted
packetsandconsiderablycomplicates thesolutionof theproblem.
In this work, we only consider FEC for the current frame.

The above formulation is for an optimization scheme with a
sliding window of size frames. The optimization window
shifts at the frame level instead of at the packet level, since the
latter usually leads to much higher computation complexity. In
addition, the packets in one frame typically have the same dead-
line for playback. In this formulation, when processing each
frame, we assume that all the raw data for the frame is available
in a buffer, and the optimization (retransmission policy for the
first frames based on feedback, and source coding and FEC
for the current frame) is performed on the frames in the
window. After optimization is done, the retransmitted packets
and the transport packets in the current frame (including source
packets and parity packets) are transmitted over the network.
After the transmission of these packets, the window shifts for-
ward by one frame, and the optimization is solved again based
on the updated feedback.

When each frame is encoded, the probability of packet loss
for all the past frames is updated based on the received feed-
back. For example, if one packet is known to be received, its
probability of loss becomes 0; if one is lost, its loss probability
becomes 1 if no further retransmission for this packet has been
initiated. Based on the updated probabilities of packet loss, the
expected distortion of all packets in the encoder buffer is re-
cursively re-calculated as in (1). In using this model, the error
propagation due to packet loss (after 1 RTT) can be fully cap-
tured and consequently the effect of previously lost packets on
the future frames is taken into account. Since each time we do
not consider re-encoding the past frames, the complexity in
updating the expected distortion is not significant.

Additional gain may be obtained by considering the future
frames when the current frame is encoded. For example, by
doing so, the effect of the parameter decisions in the opti-
mization window on future frames can be taken into account.
This will generally result in better performance due to the
motion-compensation dependencies of video frames. How-
ever, this leads to a very complicated and usually intractable
problem. In addition, for a real-time applications, future frames
may not be available when the current frame is encoded.

C. Calculation of Probability of Packet Loss

We discuss next how to calculate the probability of packet
loss in order to find the expected distortion in (1). For a

packet in the current frame, the probability of packet loss can
be defined as , where and
denote, respectively, the probability of packet loss due to FEC
and retransmission. is defined in (6). The probability of
loss in future retransmissions can only be estimated since the ac-
knowledgment information and retransmission decisions (note
that lost packets are selectively retransmitted) are not available
in the encoding of the current frame. In this work, we give an
approximate formula to estimate it, i.e., , where

denotes the estimate of the total number of retransmissions
for the th packet, . Note that is not a constant and is de-
pendent on how itself is calculated and the future video
content. In addition, the effect of packet recovery due to other
packets’ retransmissions should also be taken into account when
calculating . However, it is almost impossible to accu-
rately estimate this factor due to the use of block code. In our
estimation formula, although this factor is not explicitly indi-
cated, it has been taken into account by the estimate of . In
this work, we use an estimate of developed from simulations.
Fig. 3 shows the performance of the hybrid FEC/retransmission
system versus for the QCIF format (176 144) Foreman
sequence and Akiyo sequence (here is fixed for the entire se-
quence). In both tests, the number of frames that are eligible
for retransmissions is and the frame rate is 15 fps. The
transmission rate is 480 and 360 kbps, respectively. Based on
these results, we use , calculated by ,
where RTT is the RTT in the units of one frame’s duration .
This appears to provide good performance and is used subse-
quently. Note that the maximum number of available retransmis-
sion opportunities is . In addition, from Fig. 3,
we can see that the system performance is not very sensitive to
the choice of , i.e., the PSNR variation is less than 0.3 dB.

In considering the possible retransmission of packets in the
current frame, the expected additional transmission delay used
for retransmission in the future should be taken into account; it
is calculated by . The delay
constraint in (7) is modified accordingly.

For a lost packet in the past frames, we let
for , where is the updated

probability of packet loss based on feedback and is the
probability of packet loss due to retransmissions. Assume that
one past frame is protected by an , and packets are
lost. Let and be the number of retransmitted
packets in that frame. Taking into account the RS codes, the
calculation of is different for the lost packets that are
either retransmitted or not. If , we have

if , we have

if

if

and if we have

if

if
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Fig. 3. Average PSNR versus m in the hybrid FEC/retransmission system. (a), (b) QCIF Foreman sequence at F = 15 fps, R = 480 kbps and A = 4.
(c), (d) QCIF Akiyo sequence at F = 15 fps, R = 360 kbps and A = 4.

Note that, when the above formulas are derived, in order to
maintain reasonable complexity, we make a conservative as-
sumption regarding future retransmissions of packets for which
we have received NAK. In particular, when calculating ,
we only consider the possibility of retransmission at the current
time instant. Without this assumption, the complexity required
to estimate the probability of loss based on future retransmis-
sions of previously lost packets increases significantly and is,
therefore, less practical. In addition, our assumption results in a
more conservative solution. In other words, by only considering
retransmission at the current time, the sender often chooses to
retransmit the lost packet earlier as opposed to waiting to re-
transmit it at a later time (although the algorithm does not elim-
inate this option). As discussed above, optimization performed
within a localized time window (one frame time in our work)
does not guarantee optimal performance for the sequence (i.e.,
the performance we could achieve if the entire sequence and
channel conditions were known in advance). Based on simula-
tion results, we have observed that our conservative approxima-

tion regarding future behavior can actually improve the average
distortion for the sequence as compared to the less conservative
approaches, which do not take into account the effect of cur-
rent decisions on the future frames. One reason for this is that
by being more conservative in the current frame, the algorithm
tends to produce a more reliable reference for future frames.

D. Solution Algorithm

By using a Lagrange multiplier , (7) can be converted
into an unconstrained problem as

(8)
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The convex hull solution of this relaxed problem can be found
by choosing an appropriate to satisfy the transmission delay
constraint. This can be done using standard techniques such as
a bisection search [33]. We can write the problem as

(9)

where and
. Given a specific , there are

three minimizations in (9). They correspond to the bit alloca-
tion for retransmission, bit allocation for FEC, and the optimal
mode selection for the current frame based on the remaining
delay. The first and second steps can be solved by using ex-
haustive search, and the optimal mode selection can be found
using a dynamic programming (DP) approach. The DP can be
viewed as a shortest path problem in a trellis, where each stage
corresponds to the mode selection for a given packet [31], [33].
Note that by using the error concealment strategy described
in Section II-E, the distortion depends on the encoding
modes and probability of source packet loss selected for the
previous source packet, as shown in (2). Thus, the Lagrangian

in (9) is not separable. In this case, the time
complexity is , where is the number
of lost packets in the optimization window and denotes the
cardinality of the set inside. If the error concealment strategy
does not introduce dependency across source packets, the time
complexity would be [33].

V. EXPERIMENTAL RESULTS

In the simulations, we use an H.263+ codec (Annex K
supports slice structure, which is used for source layer pack-
etization) [34] to perform source coding. The source coding
parameters are the prediction mode (Intra/Inter/Skip) and the
quantizer used for each video packet. Rate control is not imple-
mented in the video streaming system. Thus, every frame has
the same transmission delay constraint of one frame’s duration,
i.e., . We assume that after 1 RTT, channel feedback
is available to the encoder in the form of which packets are
received or lost.

A. IJSCC

Our first experiment is to compare the performance of the
IJSCC approach to a sequential JSCC approach. In this exper-
iment, we will illustrate the advantages of this approach with
the absence of ARQ, i.e., without taking into account retrans-
missions. Specifically, we consider applications that require a
short end-to-end delay , and the RTT is set to equal to two
frames. Under that situation, the feedback delay is long enough
to preclude retransmissions, so only the source coding parame-
ters and FEC parameters need to be specified. In all simula-

tions of this subsection, we consider the QCIF format Foreman
sequence.

In this experiment, four systems are compared: 1) system
1, which uses the proposed framework to jointly consider
error resilient source coding and channel coding; 2) system 2,
which performs error resilient source coding, but with fixed
rate channel coding; 3) system 3, which performs only channel
coding, but no error resilient source coding (i.e., source coding
is not adapted to the modified channel characteristics after error
recovery); and 4) system 4, which performs sequential JSCC.
All four systems are optimized in the following manner. System
2 performs optimal error resilient source coding to adapt to
the channel errors (with fixed rate channel coding). System
3 selects the optimal channel coding rate to perform FEC
and does optimal source coding (without considering residue
packet loss after channel coding) at the given bit budget. In
the sequential JSCC, channel coding and error resilient source
coding are performed sequentially, i.e., bit allocation between
source and channel is performed with no awareness of error
resilient source coding as in (3), and error resilient source
coding is performed thereafter given the bit budget as in (4).

We illustrate the performance of the four systems in Fig. 4
at kbps and the frame rate fps. Here, we
plot the average PSNR against different packet loss rates. All
four systems have the same transmission delay constraints and
transmission rate. It can be seen in Fig. 4(a) that system 1 outper-
forms system 2 with different preselected channel coding rates.
In addition, system 1 outperforms the optimized system 2 (the
upper bound of system 2 with different predefined channel rates)
at different channel coding rates by 0.1 to 0.4 dB. This is due to
the flexibility of system 1 from varying the channel coding rate
in response to the video content.

In Fig. 4(b), we can see that system 3 has higher average
PSNR than system 2 without channel coding. Such a result is
expected because FEC can change the channel characteristics
to a greater extent [e.g., an RS(7, 5) code can change the packet
loss probability from 10% to 1.1%] compared to error resilient
source coding, which can only adapt to the channel character-
istics to a limited degree. Also, as shown in Fig. 4(b), system
1 outperforms systems 3 and 4 by up to around 0.4 and 0.3
dB, respectively. The gain in system 1 compared to system 4
comes from the joint consideration of source coding and channel
coding. The gain in system 4 in comparison to system 3 comes
from the adaptation of source coding to the modified channel
characteristics after error recovery (system 3 does not do error
resilient source coding). Note that the gain of the IJSCC system
(system 1) as compared to system 3 (without performing error
resilient source coding) or system 4 (the sequential JSCC) may
not be very significant. This is because in all systems, we per-
form the optimization by jointly considering several available
error control components such as error concealment. Thus, the
absence of one of the error control components, as in system 3,
or the lack of joint consideration of source and channel coding,
as in system 4, may not have a very significant effect due to
mitigation from other error control components in the system.
Another observation is that in practical situations where com-
putation resources are constrained, application of the integrated
system may not be necessary if the additional gain does not out-
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Fig. 4. Average PSNR versus transport packet loss probability. (a) System 1 versus System 2 with indicated channel rates. (b) System 1 versus System 2, 3, and
4 (R = 480 kbps, F = 30 fps).

Fig. 5. Average PSNR versus transport packet loss probability. (a) System 1 versus System 2 with indicated channel rates. (b) System 1 versus System 2, 3, and
4 (R = 480 kbps, F = 15 fps).

weigh the additional computational complexity. Nevertheless,
the integrated system can still be useful in practical situations
in that it provides an optimization benchmark against which the
performances of other suboptimal systems can be evaluated.

Fig. 5 shows the same performance comparisons at a lower
frame rate of fps. Since the average bit budget per
frame is given by , this results in larger bit budget per
frame. In this case, when the channel loss rate increases, the
PSNR curve for system 2 without channel coding deviates from
those with channel coding at a much higher rate compared to
the situation in Fig. 4. The low bit budget in Fig. 4 restricts the
ability to use channel coding, because a majority of the bits are
needed for source coding. When the bit budget gets larger, the
system becomes more flexible in allocating bits to the channel to

improve the overall system performance. The resulting bit rate
allocation between source and channel coding is illustrated in
Table I.

The effect of bit budget is better illustrated in Fig. 6, where
the PSNR is plotted against the transmission rate. It can be
clearly seen that as the transmission rate increases (i.e., the bit
budget per frame increases), the gap between the performance of
system 2 (without channel coding) and the other systems (with
channel coding) also increases. As shown in Fig. 6(a), system 1
outperforms system 2 with different preselected channel coding
rates at various transmission rates. In addition, system 1 also
outperforms systems 3 and 4 at various transmission rates, as
shown in Fig. 6(b). The resulting bit rate allocation between
source and channel coding is illustrated in Table II.
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TABLE I
SOURCE BIT RATE (kbps) IN THE FOUR SYSTEMS BASED ON THE QCIF FOREMAN SEQUENCE. NOTE THAT SYSTEM 2 DENOTES

THE OPTIMIZED SYSTEM 2 (THE UPPER BOUND OF SYSTEM 2 WITH DIFFERENT PRE-DEFINED CHANNEL RATES)

Fig. 6. Average PSNR versus transmission rate. (a) System 1 versus System 2 with indicated channel rates. (b) System 1 versus System 2, 3, and 4 (� = 0:15,
F = 15 fps).

B. Hybrid FEC and Selective Retransmission

Next, we consider systems where retransmissions are
feasible. Four schemes are compared: 1) neither FEC nor re-
transmission (NFNR); 2) pure retransmission; 3) pure FEC; and
4) hybrid FEC and selective retransmission (HFSR). All four
systems are optimized using the IJSCC framework. Although
the IJSCC framework in (7) is general, in our simulations, we
restrict a packet’s retransmission to the extent only when its
NAK has been received. In all experiments of this subsection,
we consider the QCIF Foreman sequence and set .

1) Sensitivity to RTT: Fig. 7 shows the performance of the
four systems in terms of PSNR versus RTT, with different levels
of channel loss rate. We set kbps and fps. As
expected, the HFSR system offers the best overall performance.
It can also be seen that the pure retransmission approach
is much more sensitive to variations in RTT than in FEC.
In addition, at low and low RTT, the pure retransmission
approach outperforms the pure FEC system, as shown in
Fig. 7(a). However, when the channel gets worse and the RTT
becomes larger, the pure FEC system starts to outperform the
pure retransmission system, as shown in Fig. 7(b). This means
that retransmission is suitable for those applications where the
RTT is short and channel loss rate is low, which confirms the

observation in [5]. The disadvantage of retransmission when
the RTT gets longer comes from two sources. 1) Given the
same value of , which is decided by the initial setup time

, the number of retransmission opportunities becomes
smaller. 2) The amount of errors accumulated due to error
propagation from the motion compensation becomes larger,
and consequently retransmission of lost packets becomes less
efficient.

2) Sensitivity to Packet Loss Rate: In Fig. 8, we plot the per-
formance of the four systems in terms of PSNR versus proba-
bility of transport packet loss for different values of RTT when

kbps and fps. The RTT is set equal to
and in Fig. 8(a) and (b), respectively. It can be seen

that the HFSR system achieves the best overall performance of
the four. The resulting PSNR in the pure retransmission system
drops faster than the pure FEC system, which implies that re-
transmission is more sensitive to packet loss rate. In addition,
the pure retransmission system only outperforms the pure FEC
system at low . When the channel loss rate is high, FEC is
more efficient since retransmission techniques require frequent
retransmissions to recover from packet loss, which results in
high bandwidth consumption and is also limited by the delay
constraint. For example, when and , each
lost packet has only one opportunity for retransmission, which
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TABLE II
SOURCE BIT RATE (kbps) IN THE FOUR SYSTEMS BASED ON THE QCIF FOREMAN SEQUENCE. NOTE THAT SYSTEM 2 DENOTES

THE OPTIMIZED SYSTEM 2 (THE UPPER BOUND OF SYSTEM 2 WITH DIFFERENT PRE-DEFINED CHANNEL RATES.)

Fig. 7. Average PSNR versus RTT, R = 480 kbps, F = 15 fps. (a) � = 0:02. (b) � = 0:2.

Fig. 8. Average PSNR versus probability of transport packet loss �, R = 480 kbps, F = 15 fps. (a) RTT = T . (b) RTT = 3T .

is not enough to recover many losses when . However,
when the channel loss rate is small and the RTT is small, retrans-
mission becomes more efficient, since FEC typically requires a
fixed amount of bandwidth overhead. Consequently, the pure

retransmission system performs close to the HFSR system, as
shown in Fig. 8(a).

3) Sensitivity to Transmission Rate: Fig. 9 shows the per-
formance of the four systems in terms of PSNR versus channel
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Fig. 9. Average PSNR versus channel transmission rate R , � = 0:2, F = 15 fps. (a) RTT = T . (b) RTT = 3T .

transmission rate when and fps. The RTT is set
equal to and in Fig. 9(a) and (b), respectively. As shown
in Fig. 9(a), when , the pure retransmission system
outperforms the pure FEC system by up to 0.4 dB when the
transmission rate is less than 450 kbps. When the transmission
rate is greater than 450 kbps, the pure FEC system starts to out-
perform the pure retransmission system by up to 0.5 dB. When
the RTT becomes longer, as shown in Fig. 9(b), although the
pure FEC system always outperforms the pure retransmission
system, the difference between the two systems increases from
1.2 to 1.8 dB when the transmission rate increases from 240 to
540 kbps, which means that FEC is more sensitive to variations
in the transmission rate. These observations imply that FEC is
more efficient than retransmission when the transmission rate
becomes greater (resulting in a higher bit budget per frame). In
addition, it can be seen that the HFSR system achieves the best
overall performance of the four.

4) Time-Varying Channel: In Fig. 10, we show how the pro-
posed HFSR system responds to network fluctuations. The top
figure shows the average bit allocation between source coding,
FEC, and ARQ. The network fluctuations including variations
of channel transmission rate and packet loss probability are il-
lustrated on the bottom graph. The variations of RTT are also
indicated on the top graph. In the simulations, the sender does
optimization based on the currently estimated CSI. The average
bit allocation is obtained based on twenty different channel re-
alizations with the same channel characteristics, as shown in the
figure. It can be seen that the system intelligently allocates bits
to source coding, FEC, and ARQ, in response to the changing
network conditions. For example, during the time from frame 61
to 75, when the RTT is short, transmission rate is low and the
packet loss probability is also low, most of the bits are allocated
to source coding and the remaining bits are used for ARQ. When
the transmission rate increases, more bits are allocated to FEC
after the 75th frame, because of the higher flexibility of the pro-
posed system in bit allocation. However, when the packet loss
probability increases after the 150th frame, more bits are needed

Fig. 10. Averagebit allocation of the HFSR system over a time-varying
channel, F = 15 fps.

to combat channel errors and, therefore, the amount of bits al-
located to source coding must decrease. The observations from
Fig. 10 further confirm what we have seen in Figs. 7–9. Thus,
the proposed system performs very well in response to the net-
work fluctuations.

Although we only showed simulation results based on the
QCIF Foreman sequence, extensive experiments have been car-
ried out and similar results were obtained using other test se-
quences such as Akiyo, Container, and Carphone.

In summary, retransmission is suitable for short network RTT,
low probability of packet loss, and low transmission rate, while
FEC is more suitable otherwise. In general, our proposed hybrid
FEC and selective retransmission scheme is able to identify the
best combination of the two.

VI. CONCLUSION

This paper addresses the problem of optimal applica-
tion-layer error control for real-time packetized video trans-
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mission. Specifically, we consider error resilient source coding
at the encoder, FEC and retransmission at the application layer,
and error concealment at the receiver. The optimization is
carried out in the proposed IJSCC framework, which jointly
considers these error control components to achieve the best
video delivery performance. Based on the IJSCC framework, we
have compared the performance of different application-layer
error control scenarios such as pure FEC, pure ARQ, and hybrid
FEC/selective retransmission. Simulation results show that the
proposed hybrid FEC/retransmission system achieves better
performance than pure FEC and pure retransmission systems.
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