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Abstract— This paper addresses the problem of streaming
packetized media through a proxy server to a mobile client over
multiple wireless channels. We follow a rate-distortion optimized
streaming approach. A real-time sender-driven streaming framework is employed at the proxy server to maximize the playback
quality at the client. The experimental results show that the
proposed algorithm improves the video quality by 1.3-3dB as
compared to the conventional system which simply transmits the
video data in the order they are displayed.
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I. I NTRODUCTION

Fig. 1. Streaming media through a proxy server to a mobile host via multiple
wireless interfaces.

The rapid growth in the number of both Internet and mobile
clients has resulted in developing advanced wireless communication systems. For example, wireless LAN and the third
generation (3G) wireless systems provide high data rates that
will facilitate a wide variety of applications including real-time
and multimedia applications. Next generation wireless systems
are envisioned to provide even higher capacities and support
heterogeneity in physical environment, network architecture
and application. In such heterogeneous environment with a
variety of wireless access technologies, it is possible that a
mobile host will have multiple wireless interfaces (e.g., in a
wireless overlay architecture [1]) and is capable of receiving
higher quality of media service by aggregating the capacities
from multiple physical channels.
In this paper, we consider the scenario when a mobile host
has multiple active wireless interfaces to a proxy server. We
address the problem of streaming packetized media through
the proxy server to the mobile host over multiple wireless
channels. The scenario under consideration is illustrated in
Figure 1. The proxy server is located at the junction between
the backbone and the wireless networks [2]. Packetized media
data, originated from the media server, will be cached at the
proxy and then forwarded to the mobile host. The challenge in
this scenario is how the proxy server can optimally transmit
the media data over these multiple channels to achieve the
best service quality at the mobile client.
Motivated by this challenging problem, we develop a transmission method, which is implemented at the proxy server,
based on a rate-distortion optimization approach. In the proposed method, the forward links (from the proxy server to the
mobile host) are used to carry media data, and the acknowledgements (ACK/NAK’s) are sent over the backward links.
We model the forward links and the backward links separately
with two independent two-state Markovian models. By jointly
considering the channel statistics and the characteristics of the

media representation, the proxy server performs a real-time
transmission policy selection algorithm to determine which
data units should be delivered over which forward channels
and at which time slots. The simulation results show that
the proposed method can effectively utilize multiple wireless
channels and significantly reduce the playback distortion at
the client.
The authors in [3], [4] and [5] address a similar problem to
the one we are investigating in this paper. In [3], Chakareski
et al. considered streaming packetized media over a lossy
packet network through an intermediate server to a wireless
client. A hybrid receiver/sender driven transmission scheme
was employed to coordinate the communication between the
media server and the client. Sehgal et al. [4] proposed a costdistortion optimized caching algorithm to minimize the cost
of storage at the proxy as well as to minimze the distortion
at the client. Chakareski et al. [5] presented a rate-distortion
optimized sender-driven streaming framework over the Internet
using path diversity. All these methods develop a sensitivity
adjustment (SA) algorithm, which is computationally expensive, to obtain an optimal (or locally optimal) solution in an
iterative way [6]. In this paper, we further address the scenario
of the simultaneous use of multiple wireless channels from a
proxy server to a mobile client, which has not been considered
in the literature. In addition, the proposed method has less
computational complexity. Note that we do not consider the
problem of streaming media data over the backbone network,
which has been addressed in [4] and can be easily integrated
with our method. Moreover, the proxy server may pre-store
the entire media presentation because of its frequent request
by other clients. In such a case, we do not need to consider
the problem of streaming media data from the media servers
to the proxy.
The rest of this paper is organized as follows. Section II
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Dependencies between IBBPBBPBBP video frames.

introduces the models used for the media source and the
wireless channel. In Section III, we present the basic ratedistortion optimized streaming framework. The transmission
policy selection algorithm is described in Section Section IV.
The experimental results are presented in Section V and
Section VI concludes the paper.
II. P RELIMINARIES
In this section, we briefly describe how we model the
predictively coded media source and the wireless channel, in
preparation for developing our major framework hereafter.

are studied instead of evaluating p directly. This choice is
motivated by the fact that these two parameters have an
immediate physical significance: ε, as mentioned above, is the
average packet error rate, measuring how often a packet is
corrupted; 1/r is the average error burst length, and gives an
idea about how clustered the errors tend to be.
Consider that a mobile client has L connections to the
proxy server. In other words, L pairs (forward and backward)
of channels are available for the proxy server to transmit
the data units and receive the ACK/NAK’s from the mobile
client. Assuming the error processes in the channels are
independent from each other, we denote the average error
probabilities for each pair (forward and backward) of channels
as (εl,f , εl,b ), l = 1, 2, · · · , L, and the corresponding transition
matrices by (Ml,f , Ml,b ), l = 1, 2, · · · , L.
III. R ATE -D ISTORTION O PTIMIZATION

A. Source model
In a media streaming system, the encoded data is packetized
into data units and stored at one or many media servers.
Because of predictive coding, all of these data units have
interdependencies and can be expressed by a directed acyclic
graph [6]. Figure 2 shows the dependency graph of a typical
encoded video as an example. Each node in the graph corresponds to a data unit, and each edge with the direction from
data unit k to k  implies that the data unit k  cannot be decoded
unless data unit k is first decoded. For each data unit k, we
define three quantities:
• Bk : the size of data unit k in bytes,
• tDT S,k : the decoding deadline for data unit k, and
• ∆Dk : the importance of data unit k.
The importance, ∆Dk , is the amount by which the distortion
at the receiver will decrease if the data unit is decoded on time.
The decoding deadline, tDT S,k , for data unit k is the time by
which the data unit k must arrive at the client, or be too late
to be usefully decoded. If a packet arrives at the destination
after its decoding deadline, they will simply be discarded.
B. Channel model
The block error process in a wireless fading channel can
be well approximated by means of a first-order Markov
model [7], [8]. The system parameters which affect the Markov
description are defined by a transition matrix

 
x
p(x) q(x)
p q
,
M (x) =
=
r(x) s(x)
r s
where p(x) = 1 − q(x)(r(x) = 1 − s(x)) is the probability
that the i-th block is successfully transmitted, given that the
transmission of (i−x)-th block was successful (unsuccessful).
There are essentially two independent parameters for completely specifying this first-order Markov model. In most of the
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The proxy server caches the data units received from the
media servers and transmits them to the mobile client via
multiple wireless channels. Suppose that there are K data units
being cached for transmission and L channels are available for
delivery. For simplicity, throughout this paper, we assume that
each channel can carry only one data unit at each transmission
opportunity.
Each data unit k is implicitly labeled by a set of transmission
opportunities, {t0,k , t1,k , ..., tNk −1,k }, prior to its decoding
deadline, tDT S,k . That is, each data unit k can be considered
to be transmitted at most Nk times until either it reaches its
decoding deadline or the proxy receives the ACK. At every
transmission opportunity, L transmission slots are available.
Typically, the number of data units is larger than the number
of available transmission slots, i.e., not every cached data unit
can be sent at each transmission opportunity. The proxy server
needs to choose the data units to be sent at each transmission
opportunity to maximize the quality on the client side. It also
has to decide on which channels those data units should be
sent. In order to achieve the best service quality, we propose
that this decision should be made in a rate-distortion optimized
way, by taking into account the characteristics of each channel,
the feedback information, the importance and the decoding
deadline of each data unit.
A general framework is given as follows. Let Π =
{π 1 , π 2 , · · · , π K } be the transmission policy set for K data
units, where π k = (πk,1 , ..., πk,L ), k ∈ {1, ..., K}, is the
transmission policy vector for data unit k on all channels. The
transmission policy, πk,l , contains the transmission actions for
data unit k on channel l at all transmission opportunities prior
to its decoding deadline. A transmission action is either to send
or not to send, denoted by 1 and 0, respectively. For example,
the transmission policy, πk,l = {1, 0, 1, 0, 0}, means that data
unit k will be sent on channel l at times t0 and t2 , and will not
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be transmitted on channel l at times t1 , t3 , and t4 . Therefore,
every given transmission policy set Π induces an expected
playback distortion D(Π) and an expected transmission rate
R(Π). Our goal is to seek the transmission policy set Π that
minimizes D(Π) subject to a constraint on R(Π). This can
be achieved by minimizing the following Lagrangian with a
Lagrange multiplier λ,
J(Π) = D(Π) + λR(Π), λ > 0.

(1)

The optimal transmission policy set is the one that minimizes
J(Π). That is,
(2)
Π∗ = arg min J(Π).
Π
We now compute the expected distortion, D(Π), and the
expected transmission rate R(Π) for a given transmission
policy set. The expected transmission rate R(Π) is the sum
of the expected number of bytes transmitted for each data unit
k ∈ {1, 2, · · · , K} on each channel l ∈ {1, 2, · · · , L},
R(Π) =

K 
L


Bk ρ(πk,l ),

(3)

k=1 l=1

where ρ(πk,l ) is the expected cost per source byte (number of
transmissions) under transmission policy πk,l .
To express the expected distortion D(Π), we first assume
that D0 is the initial distortion if no data units are received. If
data unit k is decoded on time, the distortion will be reduced
by the quantity ∆Dk . The expected distortion reduction for
data unit k with transmission policy vector π k is


D(π k ) = ∆Dk

(1 −

k ≺k

L


(πk ,l )),

(4)

l=1

where k  ≺k means that data unit k  must be decoded before
data unit k can be decoded. (πk ,l ) is the probability that
data unit k  is corrupted if it is transmitted over channel l
L


under policy πk ,l . Therefore, the term
(1 −
(πk ,l ))
k ≺k

l=1

in Equation (4) gives the probability that the receiver decodes
the data unit k on time.
The expected distortion can be computed by subtracting the
expected distortion reduction from D0 as follows:
D(Π) = D0 −

K


D(π k ).

(5)

k=1

Now, we can find the transmission policy set by minimizing
the Lagrangian J(Π), where
J(Π) = D(Π) + λR(Π)
K
L



∆Dk
(1 −
(πk ,l ))
= D0 −


k=1

+λ

K 
L


k ≺k

Bk ρ(πk,l ).

k=1 l=1
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The optimization in Equation (2), however, is difficult because
the terms involving the individual policies πk,l in J(Π)
are not independent. An iterative descent algorithm proposed
in [6], called sensitivity adjustment (SA) algorithm, could
be extended and applied to find a (suboptimal) solution in
Equation (2). However, this iterative algorithm has high computational complexity and therefore is not implementable at
proxy servers. We instead propose a less complex transmission
method as detailed in the following section.
IV. T HE P ROPOSED T RANSMISSION P OLICY S ELECTION
A LGORITHM
In this section, we develop a transmission policy selection
algorithm with low computational complexity based on a
rate-distortion optimization method. We estimate the expected
distortion for each data unit using the expected run-time
distortion (ERT D). This distortion measure depends on the
current channel statistics, the decoding deadline, and the data
units importance. At time slot i, ERT D value associated with
data unit k on channel l is defined as follows:

(i)
(i)
∆Dk ,
(7)
dk,l = ηk,l
k≺k

where k = 1, · · · , K, l = 1, · · · , L, and
(i)

(i−xl )

xl
ηk,l = Ml,f
(ςl,f

, 2) · (Ml,f (2, 2))(Nk −1)

is the corruption probability for data unit k if it was always
chosen to be transmitted on channel l but was finally expired
before success. Time slot (i − xl ) is the most recent slot in
which the proxy receives an acknowledgment (ACK or NAK).
(i−x )
ςl,f l = 1 implies that the transmission on channel l at slot
(i−x )
(i − xl ) is successful and ςl,f l = 2 refers to the case when
the transmission on channel l at slot (i − xl ) is unsuccessful.
Nk is the number of transmission opportunities that data unit
k can be considered to be transmitted.
For each data unit k, we can find the minimum expected
run-time distortion (ERT Dmin ) among its all ERT D values.
(i) ∆

(i)

(i)

dk = dk,lk = min dk,l ,
l∈1,...L

(i)

where lk = arg min dk,l is the corresponding channel on
l∈1,...L

which data unit k has the minimum ERT D.
With the set of ERT Dmin of all data units, we order the list
in (9) below, and then determine the transmission policies of
the data units. In other words, data unit k1 , whose ERT Dmin
ranks first in (9), will first be considered to find its optimal
transmission policy on the corresponding channel lk1 .
(i)

(i)

(i)

dk 1 ≥ dk 2 ≥ · · · ≥ dk K ,

l=1

(6)

(8)

kj ∈ {1, 2, ..., K},

(9)

The problem now is to find the optimal transmission policy
for a single data unit k on a single channel l. We use a Markov
decision process, the details of which will be later explained
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in this section, to compute the optimal transmission policy.
We achieve this by minimizing
J(πk,l ) = D(πk,l ) + λR(πk,l )
= ∆Dk (πk,l ) + λBk ρ(πk,l ).
The optimal transmission policy,
ingly by
∗
πk,l

∗
πk,l
,

(10)

is obtained correspond-

= arg min (∆Dk (πk,l ) + λBk ρ(πk,l ))
πk,l

= arg min ((πk,l ) + λk ρ(πk,l )) ,
πk,l

(11)

Bk
where λk = λ ∆D
.
k
∗
, the transmission
With the optimal transmission policy πk,l
action for data unit k on channel l at the current time slot i
is determined, either to send or not to send. Suppose that data
unit kj is the first data unit in list (9) which has “Send” as
the transmission action on channel lkj at the current time slot.
Then, slot i on channel lkj will be allocated to data unit kj and
will not be considered for the other data units. Furthermore,
the ERT D value of data unit kj on the rest channels will be
updated using
(i)

(i)

dkj ,l = dkj ,l (πkj ,lkj ),

l = lkj ,

(12)

which implies that the importance of data unit kj decreases
because it has been selected to be sent on channel lkj .
Based on the updated expected run-time distortions of the
data units and the available channels, the ERT Dmin list (9)
is updated accordingly. This selection process will be repeated
until all channels are allocated.
A. Finding the transmission policy for a single data unit
In the remaining of this section, we explain in detail how to
find the optimal transmission policy for data unit k on channel
l. A Markov decision process, as shown in Figure 3, is used
to determine the best transmission actions at any transmission
opportunity.
At each transmission opportunity ti , i = 0, 1, ..., Nk −1, the
sender can choose either to send (ai = 1) or not to send (ai =
0) data unit k on channel l. If the sender chooses to send the
data unit, then just prior to the next transmission opportunity
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ti+1 , the server can observe that either an acknowledgement
(ACK or NAK) for that data unit has been received, or no
packet has been acknowledged, in which case it is concluded
that the transmission on the feedback channel was corrupted.
Observing an ACK at ti makes the process enter a final
state (solid circles in Figure 3) at time ti+1 . In addition, any
state at time tNk = tDT S,k is a final state. In other cases the
process enters a non-final state at ti+1 , and the sender can
once again choose either to send or not to send the data unit.
Each state in the tree captures the action-observation history
leading up to that state from the initial state. That is, a state
qi at time ti represents a sequence of i action-observation
pairs, (a0 , o0 ) ◦ (a1 , o1 ) ◦ · · · ◦ (ai−1 , oi−1 ). The action ai
at a non-final state qi determines the transition probability
P (qi+1 |qi , ai ) to the next state qi+1 . From Fig. 3, it is apparent
that P (qi+1 |qi , ai = 0) = 1 since qi+1 will be the unique
resulting state from state qi if action ai is 0.
The expression of transition probability P (qi+1 |qi , ai = 1)
is conditioned on the observed feedback on the backward
channel. A computational example is given next and more
expressions can be derived likewise. Assume oi−1 = φ and
oi = ACK is observed before entering next state qi+1 , which
implies that in time slot i the transmission on both (forward
and backward) channels is correct, whereas the transmission
on the forward channel in slot (i − 1) is unknown due to
the corruption on feedback. The transition probability is then
given by
P (qi+1 |qi , ai = 1) = Mf1+xl (2, 1) · Mb (2, 1),
where time slot (i − xl ) is the most recent slot in which the
transmission result on the forward channel is already known.
Let qF be a final state with history (a0 , o0 ) ◦ (a1 , o1 ) ◦ · · · ◦
(aF −1 , oF −1 ), and let qi+1 = qi ◦ (ai , oi ), i = 1, ..., F − 1, be
the sequence of states leading up to qF . Then, qF has the
F
−1
transmission cost ρ(qF ) =
ai and error (qF ) = 0 if
i=0

oF −1 is an ACK; otherwise, (qF ) is equal to the probability
that none of the transmitted packets arrives the client. In
mathematical form,

if oF −1 = ACK;
0
−1
(qF ) = F
xj (xj )
Mf (ςf , 2)
otherwise,

aj =1&oj =φ
j=0

(13)
where, for slot j in which the action is “Send” but no
acknowledgement was observed, slot (j − xj ) is the most
recent slot in which the transmission result on the forward
(x )
channel ςf j is implicitly given with an acknowledgement
observed on the feedback channel.
With the expected error and transition probabilities, we can
use dynamic programming [9] to find the optimal transmission
policy π ∗ that minimizes the expected Lagrangian:

(qF ) + λρ(qF )


if qi = qF is a final state;
∗

J (qi ) =
(14)
∗
min
P
(q

a
i+1 |qi , a)J (qi+1 )
qi+1

otherwise,
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where
π ∗ (qi ) = arg min
a



P (qi+1 |qi , a)J ∗ (qi+1 )

(15)

qi+1

lowest error probabilities at the current transmission slot. As
we can see, our method improves the playback quality by
roughly 1.3-2.5 dB as compared to the heuristic method. One
may observe that as the number of cached data units increases,
the performance for both methods decreases. This is because
when the cached data units increases, more data units need
to be transmitted, but only two data units could be sent at
each transmission slot. As a result, some data units may fail
to be delivered because of the expiration of their decoding
deadlines. Nonetheless, the proposed method provides more
graceful quality degradation than the conventional system as
demonstrated in Figure 4.
In the second set of experiments, we fix the number of
cached data units to thirty and vary the number of active
channels from the proxy server to the mobile client. The mean
packet loss rate of each channel is 10%. Figure 5 shows the
PSNR comparisons. The proposed method outperforms the
heuristic method by about 1.3-3.0 dB. It is noted that as the
number of connections between the proxy and the mobile
client increases, the performance of both methods increases.
However, the performance for the proposed method saturates
when the number of available channels is larger than six.
Therefore, by adopting the proposed transmission mechanism,
the streaming media system can achieve higher quality with
fewer connections between the proxy server and the client.
VI. C ONCLUSIONS
In this paper, we investigated the problem of streaming
packetized media through a proxy server to a mobile client
over multiple wireless interfaces. A real-time sender-driven
transmission method that operates at the proxy server was
proposed to minimize the end-to-end distortion in a ratedistortion optimized way. The experimental results illustrated
that the proposed method can significantly improve the video
quality by 1.3-3.0 dB.
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