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Abstract— In this paper, we investigate rate distortion opti-
mized streaming of H.264 coded video sequences over time-
varying wireless channels. Our main objective is to minimize av-
erage end-to-end distortion to satisfy a certain Quality of Service
(QoS) by considering the media and channel characteristics such
as packet importance, packet dependencies, decoding deadlines,
channel state information and channel capacity. In particular, we
propose a sender-driven optimized joint ARQ-FEC scheme that
decides on packet transmissions, re-transmissions as well as the
FEC rate used in each transmission. The optimized joint ARQ-
FEC scheme along with packet scheduling aims to minimize a
weighted sum of distortion and total transmission cost under
capacity constraints. The other objective in this paper is to
satisfy the QoS of the optimized joint ARQ-FEC scheme without
minimizing end-to-end distortion. We improved two approximate
algorithms that use the media and channel characteristics to
transmit the best selected and FEC coded packet. The real-time
simulation results with H.264 sequences demonstrate the efficacy
of the all proposed algorithms over the classical error recovery
scheme uses ARQ and FEC.

I. INTRODUCTION

In the next generation wireless communication systems,
there is an increasing demand for wireless multimedia ser-
vices. However, successful multimedia transmission still poses
important challenges that deserve special attention. One of
the main challenges is the difficulty of reliable transmission
over time varying and lossy wireless links. High and variable
error rates of the wireless channel causes packet erasures.
Multimedia data is especially vulnerable to channel errors
due to the predictive coding techniques used in multimedia
compression schemes such as H.264 and MPEG-4 [1], [2].
These compression schemes divide continuous media into
frames, and encode the frames so that they are dependent on
each other. Due to this dependency an error that occurs in a
frame may propagate to other frames. Moreover, multimedia
data is usually time-sensitive. A frame should be received
and decoded prior to a deadline; otherwise, the frame will
be discarded and the succeeding frames will also be affected.
Consequently, corrupted or delayed frames in the wireless

channel can cause significant degradation in the audio-visual
quality of the multimedia application.

There has been significant amount of research addressing
reliable multimedia communication over wireless channels.
One approach for providing reliability is using Forward Error
Correction (FEC). An important issue with FEC in wireless
sytems is selection of the best FEC rate. FEC systems range
from simple fixed rate systems, which corrects errors accord-
ing to the average BER values, to sophisticated methods,
where FEC rate is chosen according to the importance of the
coded packet [3], or channel characteristics [4], or according to
the packet importance, channel condition, and residual channel
resources for future transmissions [5].

Another approach for reliable wireless communications is
to use Automatic Repeat Request (ARQ). In ARQ systems,
the sender decides on which packet is sent regarding previ-
ous transmissions of packets and received acknowledgements
(ACKs). In one proposed technique, the deadline, the packet
importance, and the channel conditions are used to make this
decision [6]. In another technique, a distortion measure is
defined, and calculated for the previously sent packet [7].
If the distortion is higher than a predefined threshold, the
packet is retransmitted. Alternatively, [8] defines a measure of
perceptual importance. By using this measure, the best packet
is chosen among the candidates for transmission.

Finally, there are also some efforts that attempt to combine
FEC and ARQ to improve efficiency. In [9], Liu and Zarki
encodes a packet with a fixed FEC, and sends only the
information part of the coded packet. If the packet is not
received by the client, then parity of the coded packet is sent to
the client. The method of [10] is another way to combine FEC
and ARQ where a two- step adaptive hybrid ARQ scheme is
used. In the first step, the best FEC rate is selected adaptively
among a set of available rates with respect to the channel
conditions and delivery deadline, and in the second step, this
set of rates is used to satisfy a QoS requirement.

More recently, in [11], Chou and Miao formulated and
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Fig. 1. Dependency Structure of H.264 coded video

solved the problem of streaming packetized media by em-
ploying ARQ error control and packet scheduling over a lossy
packet network in a rate distortion optimized manner. In [12],
Chakareski and Chou extended this framework to the problem
of streaming packetized media over a wireless channel by
using hybrid-II ARQ error control scheme in the system.
In this work, we also extend the framework of Chou and
Miao [11] by employing adaptive FEC jointly with ARQ.
Our method provides packet scheduling (transmission and
retransmission decisions) and FEC coding rate decisions in
a rate distortion optimized manner. In this optimization, the
importance, dependency, and delay tolerance of multimedia
packets as well as wireless channel conditions are taken into
account. In this paper, we also propose two approximate algo-
rithms which provide sufficient performance when compared
with optimal solution.

This paper is organized as follows: In Section II, the
system model, multimedia source model and wireless channel
model are explained. In Section III, the formulation for rate
distortion optimization problem and its solution are presented.
In Section IV, the two approximate algorithms are described.
The simulation results for all three proposed techniques and
classical ARQ and FEC technique are presented in Section V,
and finally we conclude in Section VI.

II. SYSTEM MODEL

In this work, we consider the wireless last hop of a generic
network where a gateway streams multimedia data to a wire-
less client. The gateway receives encoded real-time multimedia
stream from a media server through a high capacity, virtually
error-free link, and buffers the media data.

The gateway receives H.264 encoded video bitstream, which
can impose different dependencies among the frames. We
assume that the dependency structure between frames is as
shown in Fig.1. As depicted in Fig.1, there are several Group
of Pictures (GOPs) which are seperated and are independent
from each other. However, the frames within a GOP are
dependent on each other. The direction of dependency is
shown with arrows in Fig.1.

The gateway runs rate distortion optimization algorithm
or approximate algorithms to determine the packet to be
transmitted and which FEC rate is to be used to protect the
packet. The gateway sends the chosen packet to the client at
the selected rate, the client sends an acknowledgement (ACK)
back if the packet is received successfully, otherwise it remains
silent. The gateway revises the buffer after each transmission.
If an ACK is received for a packet in the buffer, this packet is

removed from the buffer. Similarly, if the deadline of a packet
is reached, the packet is dropped. Meanwhile, new packets
may arrive at the gateway during the course of transmission
and these packets are added to the buffer, and the the algorithm
is run again for each packet in the buffer. Each instance of
running the algorithm is called a transmission opportunity. The
transmission instances and FEC rate decisions for a packet
during its lifetime (until the packet is successfully delivered
to the receiver or until its delivery deadline expires) is called
a transmission policy. The main task of the gateway in our
system is to determine the transmission policies of the packets
in its buffer at each transmission opportunity.

The selected and FEC coded packet is sent through the
wireless channel. The channel is a bidirectional channel, where
in one direction data transmitted (forward channel) and in
the other ACK is received (backward channel). The forward
and backward channels are modelled independently using a
finite state Markov model [13], which is commonly applied
to wireless fading channels. The finite state Markov model
partitions the received signal-to-noise (SNR) ratio into a finite
number of states according to the time duration of each state.
Several methodologies can be used to partition the received
SNR and calculate the state transition probabilities [14], [15].
Each state corresponds to a different channel quality indicated
by the bit-error-rate (BER). Therefore, in a specific time, if
we know the SNR, we know the state of the channel and
the average BER value. The BER information is used in the
optimization algorithm that determines the transmission policy.

III. OPTIMIZATION ALGORITHM

Our objective in this paper is to determine the optimum
decision on which packet is sent in the impending transmission
opportunity, and to determine its FEC rate in a rate distortion
optimized fashion. At a given transmission opportunity t, there
are on the average L packets waiting for transmission and
πi(t) denotes the transmission policy for a specific packet
i. The vector π(t) = [π1(t),π2(t), ...,πL(t)] denotes policies
of L packets. Out of L packets waiting for transmission in
the gateway’s buffer, some packets can be in the same GOP
while others can be in another GOP. Let us assume that, there
are F different GOPs in the buffer. If GOP f contains Lf

packets, a transmission policy vector for GOP f is given by,
π f (t) = [π1(t),π2(t), ...,πL f (t)]. Restating our objective, our
goal is to minimize distortion function D(π(t)) subject to an
overall expected transmission cost function R(π(t)). By using
Lagrangian method the optimization problem is reduced to
minimizing the following Lagrangian function.

J(π(t)) = D(π(t))+ λR(π(t)) (1)

where D(π(t)) is the expected at current time t, defined by
the difference between maximum distortion, D0(t), when all of
the packets are transmitted unsuccesfully and the improvement
function when the packets in GOP f are sent with policy π f (t).

D(π(t)) = D0(t)−
F

∑
f=1

I(π f (t)) (2)
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The improvement function is defined as the sum of the
packet improvements. The packet improvements depend on the
packet importance and whether the packet and its ancestors
have been received correctly. A formal definition of the
improvement function is given in the following equation.

I(π f (t)) =
Lf

∑
l=1

∆Dl ∏
i≤l

(1− ε(πi(t))) (3)

In Eq. (3), ∆Dl is the importance of the lth packet which is
measured with the decrease in SNR value when this packet is
not received correctly, and ε(πi(t)) is the probability of failure
of packet i under transmission policy πi(t). As mentioned
earlier, πi(t) shows whether the packet i is sent at current
time (or in later time periods) and the selected FEC rate if
the packet i is decided to be sent. In a transmission policy,
in order to avoid computational complexity, we consider only
the decisions at the current time t and at the next transmission
time t ′. Therefore, the transmission policy for the packet i is
given by πi(t) = [ci(t),ci(t ′)]. ci(t) is the FEC rate for the
packet i at the current time t and ci(t ′) is the FEC rate at the
next transmission time t ′. The FEC rates are selected from a
predefined set C = [c0,c1, ...,cM] where c0 represents the case
that the optimizer decides not to transmit the packet. The other
codes in the set C represents different FEC levels.

For the case ci(t) ∈ C and ci(t ′) = c0, the probability of
discarding the packet i due to exceeding its deadline or due
to channel noise is given by:

ε(πi(t)) = ∏
j≤ri(t),ci(t j) �=c0

P{FT T ′ > tDT S − t j|RTT ′ > t − t j}
(4)

ε(πi(t)) in Eq. (4) is equal to the probability that none of
the transmissions of packet i is received before the deadline
expires due to delay or its transmissions all have failed
due to channel noise given that no ACK has been received
for the previous transmissions of the packet i, where ri(t)
is the number of previous transmissions, and t j is the jth

transmission time for the packet i.
For the case where ci(t) ∈ C and ci(t ′) ∈ C−{c0}, proba-

bility of packet failure, ε(πi(t)) is defined as the product of
ε(πi(t)) in Eq(4) with P{FT T ′ > tDT S − t ′} . In this case,
ε(πi(t)) is the probability that the packet i is not received
before its deadline (given that no ACK is received) by the
current time and the transmission in the next transmission
opportunity is not successful due to delay or channel noise.

In order to calculate the discarding probability of the packet
for the case ci(t)∈C and ci(t ′) = c0 and for the case ci(t)∈C
and ci(t ′)∈C−{c0}, we need the distributions for the forward
trip time (FTT) and the round trip time (RTT). Noting that
packets may arrive out of order at the station due to the random
nature of the wireless channel, out of order packets will be
buffered. The receiver buffer can be modeled by an M/M/1
queue and the probability density function for FTT (pF(t))
and for RTT (pR(t)) can be approximated by the exponential
distribution. With the use of probability density functions, the

probability of receiving a packet with errors and not receiving
the packet before its deadline is written as follows:

P{FT T ′ > τ} =
∫ ∞

τ
pF(t)dt +(1−

∫ ∞

τ
pF(t)dt)εF(s,r) (5)

In this equation, τ is the remaining time for the packet,
and εF(s,r) is the probability of packet corruption when the
channel state is s and the FEC rate is r. Considering in state
s, packet i with size Bi with the symbol error rate δ, εF (s,r)
can be obtained as:

εF(s,r) = 1−
�Bi(r−1)/2�

∑
k=0

(
Bir
k

)
(δ)k(1− δ)(Bir−k) (6)

An acknowledgement corresponding a transmitted packet
may not be received due to delays and errors in the forward
or reverse channel with probability:

P{RT T ′ > τ} =
∫ ∞

τ
pR(t)dt +(1−

∫ ∞

τ
pR(t)dt)εR(s,r) (7)

In this equation, τ is the time difference between the current
time and the transmission time of the related packet. εR(s,r)
is the packet or ACK corruption probability. As mentioned
earlier, the probability of discarding packet i in Eq. (4) is
calculated by using Eq. (5) and Eq. (6).

Next we consider the the channel capacity cost. The total
transmission cost function R(π(t)) for L packets is calculated
as follows:

R(π(t)) =
L

∑
i=1

Biρi(πi(t)) (8)

ρi(πi(t)) is the normalized cost function for packet i which
is the estimated FEC rate for current and next transmission
opportunities. More formally, the normalized cost function is
given with the following equation:

ρi(πi(t)) = ci(t)+ ci(t ′)(1−PACK,i(t)) (9)

PACK,i(t) is the probability of getting an ACK for packet i
sent at the current opportunity with rate ci(t) or before with
FEC rate ci(t j) . PACK,i(t) is therefore given by;

PACK,i(t) = 1− ∏
j≤ri(t),ci(t j) �=c0

P{RT T ′ > t ′ − t j|RT T ′ > t − t j}
(10)

With the help of ρi(πi(t)) in Eq. (9) and PACK,i(t) in
Eq. (10), the total transmission cost function in Eq. (8) is
calculated.

As mentioned before, our aim is to minimize distortion
function D(π(t)) in Eq(2) subject to total transmission rate
function, R(π(t)) in Eq. (8) by using the Lagrangian func-
tion in Eq. (1). Since many parameters and calculations are
dependent on each other in this formulation, solving this
Lagrangian optimization problem is diffucult. In order to solve
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this problem, we used the sensitivity adaptation (SA) algorithm
[11], where the main idea is to minimize one policy πi(t) at
a time while other policies are fixed. Therefore, minimization
of the Lagrangian in Eq(1) reduces to iterative one packet op-
timizations. The SA algorithm significantly reduces the com-
putational complexity of the optimization algorithm. However,
calculations are still too complicated and time consuming to be
implemented in real time streamig. As mentioned earlier, the
other objective of this paper is to develop simpler algorithms
that approximate the rate distortion optimization algorithm
with similar performance, but with reduced complexity.

IV. APPROXIMATE ALGORITHMS

Our simulations show that rate-distortion optimization al-
gorithm provides higher SNR performance when compared to
classical ARQ-FEC scheme, but the computational complex-
ity is also high. Therefore, we developed two approximate
algorithms that give efficient results in SNR measure with
lower computational complexity. At first, several experiments
with the rate distortion optimization algorithm have been
performed, and importance of parameters on transmission
policy decision is clarified. Three important parameters in the
problem are the packet importance, packet deadline, and the
state of the wireless channel. By using these parameters, we
have derived the following algorithms.

Alg.1 decides which packet should be sent at the current
time t by using the cost function c∆Di(tDT S− t) for the packet i
where c is a constant with 0 < c < 1. The packet that minimizes
the decision function is chosen to be sent. After the packet
is transmitted, a timeout value is given to this packet, and
the cost function is not calculated for this packet until the
timeout value expires. When the timeout value expires, the
packet is considered as if it was not transmitted before. The
FEC selection is done by using a historical data table that
involves the optimal FEC rate for the given channel state. The
table is obtained by employing the rate distortion optimization
algorithm by recording the FEC rate selected for each state. In
simulations, we observed that the variance of the selected FEC
rates corresponding to states is very small. Therefore, this table
can be constructed while Alg.1 runs by switching between
Alg.1 and the rate distortion optimization algorithm when
state-optimal FEC pair is not involved in the history table.
After whole table is constructed there is no need to return to
the optimization algorithm, only Alg.1 runs. Therefore, Alg.1
has reduced computational complexity highly, and its SNR
performance is also sufficient when compared with the rate
distortion optimization algorithm.

Alg.2 determines the FEC rate jointly with the packet
selection by calculating the cost function, ε(πi(t))c∆Di for each
packet i in the gateway’s buffer and all possible FEC rates.
ε(πi(t)) is the probability of discarding the packet i which
is given in Eq. (4) by ignoring the previous transmissions
of the packet. Therefore, the cost function is reduced to the
calculation of P{FT T ′ > tDT S − t}c∆Di where c is a constant
with 0 < c < 1. However, if a packet has been sent previously,
the cost function is not calcuted for this packet until its timeout

expires as in Alg.1. Another point in this cost function is that
the mean value of the forward trip time changes depending
on the selected FEC rate that determines packet transmission
delay. Hence, the rate constraint of the optimization algorithm
is included in this algorithm with delay calculation. The cost
function P{FT T ′ > tDT S − t}c∆Di is calculated for all packets
and all possible FEC rates, and the minimum value gives us
the selected packet and selected FEC rate.

V. SIMULATION RESULTS

In this section, we present simulation results to evaluate
the performance of the proposed rate distortion optimized
packet scheduling and error protection technique and proposed
approximate algorithms. We compared the performance of
the commonly used classical ARQ and FEC scheme with
the proposed techniques. The ARQ-FEC scheme sends ahead
of line packet in the transmission buffer, and FEC rate is
selected according to the channel BER value. The standard
ARQ scheme is used.

In the simulations, we used H.264 encoded QCIF size video
sequences. The frame rate has been set to 10 fps and GOP
size is selected as 12 frames. Each GOP consists of one I-
frame and eleven P-frames. Video frames are divided into
250-byte packets without violating the dependency structure
in Fig.1. Video bit rate is set to 80 kbps. Channel capacity
is selected as 100 kbps. The channel is modelled with 11
state finite state Markov model. The BERs corresponding
to states and state transition probabilitites are taken from
[14]. RS codes are used for FEC. The FEC code rates used
in the simulation are chosen from the following set, C =
{de f er,1,0.98,0.94,0.91,0.83,0.71,0.625,0.55,0.5,0.25}. In
the simulations, our three techniques; rate distortion optimiza-
tion algorithm, Alg.1, and Alg.2 are compared with classical
ARQ-FEC scheme.

In Fig.2, we compare the PSNR performances of the rate
distortion optimization algorithm and classical ARQ-FEC al-
gorithm. The variation of PSNR values with respect to time
is shown for MOTHER-DAUGHTER sequence. As it is seen,
while the SNR value of ARQ-FEC algorithm reduces sharply,
the SNR value of rate distortion optimization algorithm stays
more stable. This is a result of considering packet importance,
deadline, dependency, and channel state optimally.

Table I shows average SNR values for the rate distortion
optimization algorithm, Alg.1, Alg.2, and classical ARQ-
FEC algorithm with three different video sequences. These
sequences are MOTHER-DAUGHTER, CARPHONE, and
FOREMAN. The constant value c used in Alg.1 and Alg.2
are taken as 0.9 for these simulations. As it is seen that the
rate distortion optimization algorithm performs approximately
1.5-3dB better than the ARQ-FEC scheme. These results
show the efficacy of the proposed algorithms. In addittion to
the satisfactory performance of the proposed rate distortion
optimization algorithm, the proposed approximate algorithms
also perform 0.5-1dB better than the ARQ-FEC scheme.
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Fig. 2. The PSNR comparision of rate distortion optimization algorithm and
classical ARQ-FEC algorithm

VI. CONCLUSION

In this paper, we presented a rate distortion optimized
multimedia streaming algorithm that employs FEC and ARQ
schemes jointly for error recovery over wireless channels,
while optimizing packet transmission policy. The parameters
considered in the optimization process are importance of
packets, the dependencies between packets, packet delivery
deadlines, and state of the wireless channel. The drawback of
the rate distortion optimization algorithm is its computational
complexity. Using the important parameters of the problem,
we proposed two approximate algorithms to overcome the
computational complexity of the rate distortion optimization
algorithm while satisfying high SNR values. Alg.1 separates
the FEC selection and packet selection. Packet is selected ac-
cording to importances and packet delivery deadlines, and FEC
is selected by using a state-FEC matching table obtained by
using the rate distortion optimization algorithm. Alg.2 jointly
decides the packet to be sent and its FEC rate by using the
probability of not receiving the packet which is weighted by
the importance of the packet. Simulation results indicate that
rate distortion optimization algorithm achives approximately
1.5-3 dB better SNR when compared to classical ARQ-FEC
scheme. In addition, approximate algorithms provide SNR val-
ues close to optimal 0.5-1 dB higher than the classical ARQ-
FEC scheme. We can conclude that our proposed methods can
significantly enhance the QoS of multimedia applications.
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