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a b s t r a c t

In this paper, we propose a resource allocation algorithm to transmit multiple video bitstreams over mul-
tiuser orthogonal frequency division multiplex (OFDM) networks. The proposed algorithm explores a
low-complexity rate-distortion function and diversity of multiuser OFDM systems subject to constraints
on delay and limited system resources. A set of relative importance is imposed in resource allocation to
assure that each user can achieve the required data rate and the quality of service. We first present a sim-
ple and effective rate-distortion function including a temporal error propagation effect and relative
importance. Then we propose the cross-layer multiuser resource allocation algorithm that consists of
subcarrier assignment and power allocation for minimizing the overall video distortion. The proposed
subcarrier assignment algorithm utilizes the subgradient method adopting a shadow price mechanism
by assuming equal power distribution for each user. Based on the result of subcarrier assignment, the
power allocation algorithm maximizes the sum of distortion reduction while the relative importance
for each user is maintained. In simulation results, the proposed resource allocation algorithm outper-
forms the time division multiple access (TDMA) and the previous resource allocation algorithm maximiz-
ing the sum capacity in terms of the worst received video quality among users. The proposed algorithm
achieves PSNR gain by 1:0—3:0 dB, compared to the previous resource allocation algorithm considering
rate-distortion function. It is shown that the proposed resource allocation algorithm distributes the video
distortion among users more fairly with relative importance compared to the previous algorithms.

� 2008 Elsevier B.V. All rights reserved.
1. Introduction

In rapidly increasing broadband multimedia communications,
orthogonal frequency division multiplex (OFDM) networks have
been widely deployed [1,2]. To achieve the highest overall received
video quality, we need to allocate optimally the limited radio
resources to each user.

To provide high generic data transmission rate in multiuser
OFDM networks, two classes of dynamic resource allocation
algorithms have been studied using the full usage of multiuser
diversity from the time-varying nature of the wireless channels.
The margin adaptive (MA) is aimed to achieve the minimum over-
all transmission power given the constraints on the data rates or
bit error rates [3]. On the other hand, the rate adaptive (RA) is to
maximize the data rates with a transmission power constraint
[4,5]. The objective for allocating resources in multiuser OFDM
networks is formulated as an optimization problem. The margin
and rate optimization problems are often NP hard since these
systems would have non-linear constraints. To reduce the
ll rights reserved.
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computational load, suboptimal heuristic algorithms with low
complexity have been developed for transmitting generic data
[2,3,6]. Unlike generic data, video data transmission systems would
have strict delay constraints. The belated video data would be use-
less and the lost video data in the current frame would cause error
propagation for the following video frames that are encoded pre-
dictively from the current frame.

Unlike adaptive resource allocation algorithms [3,4,7] for trans-
mitting generic data, the framework for video transmission should
consider the delay constraint and the error propagation effect from
video packet loss, since video sources are compressed using strong
spatio-temporal dependencies. The main challenge for the highest
performance is the optimal assignment of resources for video
packet with non-uniform perceptual importance. In scalable video
coding, such as the 3D embedded wavelet video coding, the
rate-distortion (R-D) information can be obtained during encoding
procedure. Transmission frameworks for scalable video coding
have been developed by mapping effectively the available system
resources using rate-distortion information [8–10].

However, compared to scalable video coding, it is difficult to
obtain the rate-distortion information for single-layer coding such
as H.263 and MPEG-4 simple profile. Hence several researches
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have been performed for obtaining rate-distortion information of
different picture types in group-of-pictures (GOP). In the analy-
sis-by-synthesis (AbS) approach [11], the unequal importance of
video packet can be estimated by dropping each packet and by
decoding the received video packets at the receiver. However it
would be impractical to compute the actual distortion of all pack-
ets in real-time video transmission due to computational load. To
alleviate the computational complexity, [12] presented the hybrid
approach. The error concealment (EC) is evaluated with the AbS
method, while error propagation (EP) effect is estimated by a sta-
tistical model. Some methods for estimating packet distortion
using motion information and the magnitude of DCT coefficients
have been developed [13,14]. The only effect of EP is modeled to
be proportional to the length of error propagation (LEP) in [15]. It
is difficult to reflect exactly the distortion by each video packet
with very simple packet distortion estimation. Hence the packet
distortion model with the best trade-off in complexity and accu-
racy is desired.

There have been some researches for improving the transmis-
sion of single-layer video bitstreams in wireless systems. Hybrid
transmission techniques which consist of automatic repeat re-
quest (ARQ) and forward error correction (FEC) have been pro-
posed for improving video quality enhancement [20]. Joint
source and channel coding approaches have shown the enhance-
ment of end-to-end user video quality [16–18]. Recently, an algo-
rithm to achieve better desired quality is presented by predicting
the visibility of packet losses in compressed video streams [24].
Some techniques for rate-distortion (R-D) optimized bandwidth
adaptation of video stream have been developed. In packet sched-
uling side, R-D optimized bandwidth adaptation is performed by
dropping packets optimally from the estimated bandwidth [19].
Ref. [20] presented distributed packet scheduling algorithm for
multiple video streams to improve the overall average video qual-
ity of clients. A distributed algorithm for rate allocation among
multiple video streams is presented in [21]. Based on the subgra-
dient method using link price update, the algorithm for minimiz-
ing the total video distortion is performed under the rate
constraint of each link.
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Fig. 1. The block diagram of multiuser OFDM
In this paper, we present a framework for joint multiuser
cross-layer optimized resource allocation. The proposed system
consists of two subsystems: source coding subsystem and OFDM
multiuser subsystem. The source coding subsystem gives a simple
and effective rate-distortion function utilizing temporal depen-
dency in video source. We propose a low-complexity suboptimal
resource allocation algorithm that consists of subcarrier assign-
ment and power allocation based on the rate-distortion function
for the OFDM multiuser subsystem. The proposed subcarrier
assignment algorithm utilizes the subgradient method adopting
a pricing mechanism [22,23] on OFDM system by assuming an
equal power distribution. Then a power allocation algorithm is
proposed based on the result of subcarrier assignment so that it
maximizes the sum of distortion reduction while it maintains
the relative importance for each user. The proposed algorithm
uses the system resources more effectively, since it explores mul-
ti-dimensional diversity among users and the information of re-
sources across layers. By exploring jointly the multi-dimensional
diversity existing in both multiple video streams and radio re-
sources in a cross-layer fashion, the proposed algorithm can dis-
tribute the system resources effectively to each user for
minimizing the overall distortion.

This paper is organized as follows. In Section 2, the system
architecture for transmitting multiple H.264 video streams over
multiuser OFDM networks is presented. In Section 3, we propose
the resource allocation algorithm for joint multiuser cross-layer
optimization. Simulation results are shown in Section 4. Finally,
conclusion is presented in Section 5.
2. Multiuser OFDM network for multiple video transmission

In this section, multiuser OFDM network for multiple video
transmission is introduced. Fig. 1 shows the block diagram of mul-
tiuser OFDM network. We assume that K users share the multiuser
OFDM network with N subcarriers.

In the source coding subsystem, the video encoder of each user
generates the compressed video packets using temporal and spa-
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tial correlations existing in video sources [25]. In encoding process,
the R-D information of packets can be estimated [13–15].

An adaptive resource allocator in multiuser OFDM subsystem
consists of two parts: adaptive resource controller and distortion
controller. By considering jointly the R-D information of each
GOP and the channel status information, the adaptive resource
controller assigns optimally the limited radio resources to multi-
ple video streams to minimize the overall video distortion. We as-
sume that the channel status information for each user can be
perfectly estimated through a control channel. The distortion con-
troller determines the packets to be transmitted in each transmis-
sion interval using the resource allocation information for each
user.

After the adaptive resource allocation is processed, digital bits
are modulated using M-level quadrature amplitude modulation
(QAM) and combined using inverse fast Fourier transform (IFFT)
into OFDM symbols. These OFDM symbols are transmitted
through a slowly time-varying, frequency-selective Rayleigh chan-
nel with a total bandwidth B. It is assumed that each user experi-
ences independent fading in channel which has additive white
Gaussian noise (AWGN) with variance r2. The channel gain of
user k in subcarrier n is denoted as gk;n. The channel gain is
assumed to be stable within each transmission interval. The
signal-to-noise ratio (SNR) of user k in subcarrier n can be
calculated as ck;n ¼ Pk;n � gk;n=r2, where Pk;n is the power assigned
in subcarrier n for user k [7].

To represent the data rate of multiuser OFDM system in terms
of SNR, QAM modulation and ideal phase detection are used as in
[26]. The bit error rate (BER) in subcarrier n for user k can be cal-
culated approximately as

BER � 0:2 �
�1:6 � ck;n

2qk;n � 1

� �
ð1Þ

For given BER, we represent the maximum number of bits to be
transmitted in subcarrier n for user k in a symbol as qk;n. It can be
computed from (1)

qk;n ¼ log2 1þ
ck;n

C

� �
ð2Þ

where C ¼ � lnð5 � BERÞ=:1:6 [4]. It can be represented as

qk;n ¼ log2ð1þ Pk;n � Hk;nÞ ð3Þ

where Pk;n is the allocated power in subcarrier n for user k and Hk;n is
the signal-to-noise ratio in subcarrier n for user k [7]. From (3), the
total number of bits for user k in one OFDM symbol duration can be
calculated as

Rk ¼
XN

n¼1

ak;n � qk;n ð4Þ

where ak;n is the subcarrier allocation indicator, which is 0 or 1. If
subcarrier n is used for user k, ak;n is set as 1. Under given Rk for user
k, the R-D function of user k is represented as DkðRkÞ, which will be
induced in next section.

The optimization problem for minimizing the overall end-to-
end distortion among all users is formulated as in [7] subject to
constraints on total power and subcarrier assignment in (5).

min
PK
k¼1

DkðRkÞ

subject to

PK
k¼1

ak;n ¼ 1; ak;n 2 f0;1g; 8n

PK
k¼1

PN
n¼1

ak;n � Pk;n 6 Pmax

R1 : R2 : � � � : RK ¼ w1 : w2 : � � � : wK

8>>>>><
>>>>>:

ð5Þ
where Pmax is the maximum allowable power. The wk’s represent
the relative importance (RI), and fwkgK

k¼1 is the set of pre-deter-
mined values for the required rates of users. If the values of wk

for all k are equal, the objective function in (5) becomes similar to
the distortion minimization problem as in [19,21].

3. Proposed adaptive resource allocation

3.1. Rate-distortion function including relative importance

In this section, we present rate-distortion (R-D) function includ-
ing relative importance (RI) for estimating the amount of video
quality degradation from video packet loss in a group-of-picture
(GOP).

To induce the R-D function, we utilize the simple metric, the
length of error propagation (LEP) which quantifies the temporal
propagation effect from packet loss [15]. We define vp

k as the dis-
tortion when the packet p of user k in a GOP is lost. If the distortion
by packet p of user k in the current frame is defined as dp

k , the dis-
tortion vp

k can be formulated as the multiplication of LEP and dp
k as

in [12]

vp
k ¼ dp

k � ðT þ 1� f ðpÞÞ ð6Þ

where f ðpÞ is the frame index of packet p in a GOP. For the estima-
tion of dp

k , the lost MB is replaced with the MB in the same position
in the previous frame that is available at the decoder. The error con-
cealed pixel can be obtained in the decoding loop in encoder.

Based on (6), we can induce rate-distortion function of user k.
Let SDj

k be the weighted sum of distortion from remaining packets
after transmission through packet index j, which can be computed
as follows.

SDj
k ¼

XJ�j

i¼1

wk � v
pj

k ð7Þ

where J is the total number of packets in a GOP. Let gpj

k be the
amount of bits in packet j and SRj

k be the sum of gpj

k through packet
index j. Then we can obtain a R-D function in packet j under the RI
constraint of wk’s as

SDj
k ¼ SDj�1

k �wk � v
pj

k

SRj
k ¼ SRj�1

k þ gpj

k

ð8Þ

In (8), SD0
k is the initial distortion when no packet is decoded and

SR0
k is the initial rate when no packet is allocated in source coding

part. Using (8), the continuous R-D function of user k is defined as
DkðRkÞ when the accumulated number of bits Rk is assigned and it
is obtained through linear interpolation of the discrete R-D function
as in [10]

DkðRkÞ ¼
SDj

k � SDj�1
k

SRj
k � SRj�1

k

� ðRk � SRj�1
k Þ þ SDj�1

k for SRj�1
k 6 Rk

6 SRj
k and j ¼ 1;2; . . . ; J ð9Þ

Fig. 2 shows the various R-D functions with different RI wk’s. The
‘Foreman’ sequence is encoded as 240 kbps with GOP size of 15.
When the wk is set as 1.0, R-D function is the original. As the value
of wk gets smaller, the slope of R-D function gets lower. As a result,
the smaller number of subcarriers are assigned for user k, since the
packet of user with smaller value of wk is regarded to have smaller
impact on video distortion. By exploiting the proposed R-D func-
tion considering the RI information, an optimal resource allocation
with the differentiated service can be performed. The more com-
plex elaborated packet distortion models as in [13,14] can also
be adopted to the proposed R-D function including the RI
information.
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3.2. The framework for adaptive resource allocation

Joint subcarrier assignment and power allocation approach
needs a lot of computational burden at the base station in order
to reach the optimal allocation. A low-complexity suboptimal algo-
rithm is preferred for delay-sensitive video transmission applica-
tions. We propose to perform the overall allocation with two
steps: subcarrier assignment step for ak;n and power allocation step
for Pk;n. Firstly, we perform subcarrier assignment step under the
assumption that the power level for each subcarrier is equal. Sec-
ondly, after the subcarrier assignment step, power allocation step
is performed using water-filling algorithm for unequal power level
to minimize the overall video distortion.

For the subcarrier assignment process, we define C as the
upper-bound of the number of bits that OFDM system can transmit
for one symbol duration. In the proposed subcarrier assignment
algorithm in Section 3.3, each subcarrier n is allocated into the user
k that can maximize the SNR ck;n. In other words, only one user
with the best SNR is selected for each subcarrier. Hence the
upper-bound of the number of bits in OFDM system for the pro-
posed algorithm can be obtained from (2) as follows.

C ¼
XN

n¼1

log2 1þ
maxðck;nÞ

C

� �
ð10Þ

For minimizing the distortion of each user, we find the user that can
achieve the largest distortion reduction when subcarrier n is as-
signed to user k at time interval l. We represent the number of bits
of user k in subcarrier n as rl

k;n at time interval l and the number of
accumulated bits of user k in subcarrier n as Rl

k;n. The Rl
k;n is calcu-

lated as

Rl
k;n ¼ Rl

k;n�1 þ rl
k;n ð11Þ

From (9), we define the slope of distortion reduction by the allo-
cated data bits of user k in subcarrier n as mkðrl

k;nÞ at time interval
l. It is ratio of the distortion reduction to the increment of data bits
and is calculated as

mkðrl
k;nÞ ¼

DkðRl
k;n�1Þ � DkðRl

k;n�1 þ rl
k;nÞ

rl
k;n

ð12Þ

For distributing subcarriers optimally to multiple users, we adopt
the scheme that maximizes the total network utility by adjusting
the transmission rates between nodes in a network under the fixed
link capacity constraints as in [22,23]. Based on (10) and (12), we
can re-formulate the original minimization problem in (5) as the
optimization problem maximizing the distortion reduction for mul-
tiple users

max
XK

k¼1

XN

n¼1

ak;n � mkðrl
k;nÞ ð13Þ

subject to
XK

k¼1

XN

n¼1

ak;n � rl
k;n 6 C ð14Þ

where ak;n is the subcarrier allocation indicator. The constraint in
(14) means that the summation of the number of bits to be trans-
mitted by all users should be less than C. The whole subcarriers
are shared by users within the C constraints. The condition of RI
wk is included in R-D function in (9).

The equal power distribution is assumed in subcarrier assign-
ment step and just in the initial stage of power allocation step.
In power allocation step, power level is allocated unequally by
water-filling algorithm to minimize the overall video distortion.

3.3. Proposed subcarrier assignment algorithm

In this section, we propose the distributed optimization algo-
rithm using the subgradient method. Since the dual problem in
(13) has intrinsically the decomposition property, it can be solved
by decomposing the original problem into two separated pro-
cesses: rate allocation process and shadow price update process.
Two processes are iterated for minimizing the video distortion
for each user [22,23].

In primal domain, we relax the capacity constraints in (14) and
introduce kk;n for user k in subcarrier n which is the Lagrangian
multiplier into the objective function. In the proposed algorithm,
we use kk;n as the shadow price.

max
PK
k¼1

PN
n¼1

ak;n � mkðrl
k;nÞ þ kk;n � C �

PK
k¼1

PN
n¼1

ak;n � rl
k;n

� �� �
ð15Þ

By eliminating the term ðkk;n � CÞwhich is not related to rl
k;n, (15) can

be induced as

max
XN

n¼1

XK

k¼1

ak;n � mkðrl
k;nÞ �

XN

n¼1

XK

k¼1

kk;n � ak;n � rl
k;n

" #
ð16Þ

In (16), we can perform the optimal subcarrier selection individu-
ally, based on the shadow price kk;n for each user k in subcarrier n

k̂ ¼ arg max
k
½mkðrl

k;nÞ � kk;n � rl
k;n� ð17Þ

The accumulated data bits of selected user k̂ at subcarrier n at time
interval l is updated as follows.

Rl
k̂;n ¼ Rl

k̂;n�1 þ rl
k̂;n

ð18Þ

The ak̂;n for selected user k is set as 1.
In dual domain, given rl

k̂;n
for user k in subcarrier n and subgra-

dient gn in subcarrier n, kk̂;n is updated by

kk̂;nþ1 ¼ kk̂;n � lk̂;n � gn ð19Þ

where lk̂;n is a scaling factor for updating kk̂;n and is updated as
lk̂;nþ1 ¼ 1=ðnþ 1Þ. In (17), the shadow price kk;n indicates the price
of the resource. If the shadow price for the user becomes smaller,
it helps the user to obtain more bits for more distortion reduction.
The subgradient gn in subcarrier n is updated to gnþ1 as the margin
of the constraint in the transmission data bits

gnþ1 ¼ C �
Xn

i¼1

XK

k¼1

ak;i � rk;i ð20Þ
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Note that the update of the subcarrier assignment at the selected
user k mainly depends on the R-D information DkðRl

k;nÞ and shadow
price kk;n for each user k in subcarrier n. The update of the shadow
price depends on the total transmitted number of bits through sub-
carrier assignment and the maximum number of data bits among
all users.

For each subcarrier assignment, the user k̂ with the maximum
value in (17) has the option to pick the available subcarrier. The
allocated bits of the selected user k̂ is updated as (11). The com-
plexity of this step is OðNÞ since this procedure mainly depends
on the number of subcarriers. The flowchart of the proposed sub-
carrier assignment algorithm is depicted in Fig. 3.

3.4. Proposed power allocation algorithm

In this section, we propose the power allocation algorithm. The
amount of power is allocated to each subcarrier based on ak;n from
the subcarrier assignment step. It is assumed that the maximum
allowable power is Pmax. We solve this power assignment problem
using a water-filling algorithm as in [10].

Let hk;n be the power allocation level of user k at subcarrier n
and L be the maximum value of hk;n. If we represent the power gi-
ven with the allocation level hk;n as Phk;n

, the number of bits, Bhk;n
,

corresponding to Phk;n
, can be calculated as follows

Bhk;n
¼ log2ð1þ Phk;n

� Hk;nÞ; hk;n ¼ 1;2; . . . ; L ð21Þ

where Phk;n
¼ hk;nPmax=L. Note that the number of bits is related to

the power in (21).
In the subcarrier assignment step, we select the user k that can

achieve the largest distortion reduction for subcarrier n using (17).
The key idea of the proposed power allocation algorithm is that we
find the subcarrier n that can achieve the largest distortion reduc-
tion when the power allocation level hk;n is increased by 1. The pro-
posed power allocation algorithm is as follows.

Firstly, the power level of each subcarrier n for user k is initially
set as to 1 as hk;n ¼ 1. Let DBi

k;n be the increased number of bits
when the power level is increased by 1 at iteration number i within
the OFDM symbol duration, which can be calculated as

DBi
k;n ¼ Bhk;nþ1 � Bhk;n

ð22Þ

Then, the power gain DPi
k;n is calculated as

DPi
k;n ¼ Phk;nþ1 � Phk;n

ð23Þ

Based on DBi
k;n from Pi

k;n, the accumulated number of data bits for
user k at iteration number i can be obtained as

Bi
k ¼ Bi�1

k þ DBi
k;n ð24Þ

where B0
k is the accumulated number of data bits in user k in the

previous OFDM symbol duration.
Fig. 3. Flowchart of the proposed subcarrier assignment algorithm.
Secondly, we calculate the video distortion by using the power-
related Bi

k in (24) instead of Rk in (9). The R-D function in terms of
Bi

k can be formulated as

DkðBi
kÞ ¼

SDj
k � SDj�1

k

SRj
k � SRj�1

k

� ðBi
k � SRj�1

k Þ þ SDj�1
k for SRj�1

k 6 Bi
k

6 SRj
k and j ¼ 1;2; . . . ; J ð25Þ

where j is the video packet index and J is the maximum number of
video packets. The number of bits Bi

k is related to the power Pi
k as in

(21). Hence the distortion DkðBi
kÞ is related to the power Pi

k. Based on
the video distortion, DkðBi

kÞ, we define the slope of distortion reduc-
tion of subcarrier n at iteration number i as /kðDBi

kÞ

/kðDBi
kÞ ¼

DkðBi�1
k Þ � DkðBi�1

k þ DBi
kÞ

DBi
k

ð26Þ

where Bi�1
k þ DBi

k means the accumulated number of bits with the in-
creased power allocation level by 1. As a result, the subcarrier n which
achieves the largest distortion reduction for user k is selected as

k̂; n̂ ¼ arg max
k;n
½/kðDBi

kÞ� ð27Þ

The data rate of selected user k̂ is updated using (24) and the power
allocation level hk̂;n̂ is increased by 1. Let Pi

a represent the total
power assigned by selected subcarrier n̂ for user k̂ at iteration num-
ber i using (23). The Pi

a is updated as

Pi
a ¼ Pi�1

a þ DPi
k;n ð28Þ

If the overall assigned power exceeds the Pmax, the whole algorithm
is terminated. The flowchart of the power allocation algorithm is
represented in Fig. 4. The number of maximal iterations in power
assignment would be proportional to OðN � LÞ, since the actual num-
ber of iterations would depend on the power level and the number
of subcarrier.

In Fig. 5, we show the proposed framework for joint cross-layer
multiuser resource allocation optimization which is composed of
source coding subsystem and multiuser OFDM subsystem. The
source coding subsystem provides the simple model-based rate-
distortion function utilizing temporal dependency of video source.
The multiuser OFDM subsystem distributes the system resources
into each user by subcarrier assignment and power allocation
and controls dynamically video quality by dropping the video
packet. The proposed framework can provide the optimal utiliza-
tion of system resources, since it explores the multi-dimensional
diversity from the channel status of multiple users ck;n and the
information of video resource DkðRl

k;nÞ across layers.

4. Simulation results

In this section, we present the simulation results to show the
performance of the proposed resource allocation algorithm.
Fig. 4. Flowchart of the proposed power allocation algorithm.
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The wireless channel is modeled as a frequency-selective channel
consisting of six independent Rayleigh multipaths with an expo-
nentially decaying profile as in [7]. A maximum delay spread of
5 ls and the maximum doppler of 30Hz are assumed. The required
BER is set as 10�3 and the OFDM symbol duration s is set as 4 ls
where an additional guard interval of 0.8 ls is included. The total
power is assumed to be 1W. The total bandwidth is set as 1MHz
and the number of subcarriers is set as 64. The initial value of
kk;n for each user k is set as 5.

The ‘Foreman’, ‘Mobile’, and ‘Harbor’ video sequences with QCIF
resolution is encoded at 270 kbps using the H.264 video codec ref-
erence software [27] with GOP size of 15 frames. The frame rate is
15 fps and the packet size is set as 1280 bits. If the video packets
exceed the fixed video frame transmission time, those packets
are dropped.

Fig. 6 shows the variation of shadow price kk;n for each user k in
four user system. The ‘Foreman’ test sequence is used. The starting
point of bitstream which each user transmits is randomly selected.
In this example, User 1 starts to transmit the first I frame, while
User 4 starts to transmit the 12th P frame. As time goes, the impor-
tance of data bits and the amount of distortion reduction is chan-
ged continuously. Fig. 6(a) shows that the price of User 1 gets
lower compared to the prices of other users, since the allocation
of system resource for User 1 can give the largest distortion reduc-
tion. After the transmission of three frames, User 1 and User 4 are
ready to transmit the fourth P frame and the first I frame in the
GOP, respectively. At the fourth frame transmission case in
Fig. 6(b), because User 4 transmits I frame with the largest distor-
tion reduction, the proposed algorithm controls the shadow price
of User 4 to be lower for obtaining more subcarrier allocation. By
controlling the shadow price for each user, the proposed algorithm
can minimize effectively the overall video quality distortion by
allocating more resources to the user with more important video
data.

Fig. 7 shows the amount of distortion reduction in received vi-
deo with four users in terms of mean squared error (MSE) in each
frame index. The time interval of frames is 33 msec. Three test se-
quences are randomly assigned to each user. In Fig. 7(a), wk for
each user is set as the same value. We can see that all four users
have similar video distortion reduction. In Fig. 7(b), w1, w2, w3,
and w4 for User 1, 2, 3, and 4 are set as 1, 2, 1, and 4, respectively.
Since User 4 has the largest RI value, User 4 has the largest distor-
tion reduction.
Fig. 8 shows the frame-by-frame PSNR comparison along 10
GOPs with four user system. The ‘Harbor’ test sequence is used.
In Fig. 8(a) with non-differentiated service, the average PSNR val-
ues along the received 150 frames for User 1, 2, 3, and 4 are
31.3 dB, 31.02 dB, 30.06 dB, and 30.07 dB, respectively. In
Fig. 8(b), w1, w2, w3, and w4 are set as 1, 2, 1, and 3, respectively.
User 4 would have the highest video quality among users with
these RIs. The average PSNR value for User 1, 2, 3, and 4 are
29.8 dB, 32.68 dB, 29.06 dB, and 34.9 dB, respectively. We observe
that the video qualities by all users maintain the desired quality
gap for different test sequences.

For the purpose of comparison, time division multiple access
(TDMA) and Shen’s algorithm [7] are simulated. Shen’s algorithm
exploits an adaptive resource allocation algorithm for maximizing
the data rates with power constraint for transmission. Su’s algo-
rithm for scalable video coding [10] is modified for minimizing sin-
gle-layer video distortion and simulated for performance
comparison.

Fig. 9 shows the frame-by-frame PSNR comparison along 10
GOPs with four users in non-differentiated service system using
the proposed algorithm, Su’s algorithm, Shen’s algorithm, and
TDMA. The ‘Mobile’ and ‘Harbor’ test sequences are randomly as-
signed to each user. The proposed algorithm results in higher PSNR
values than other algorithms for all users. The variation of user’s
received PSNR values of received video using the proposed algo-
rithm is within 1.13 dB. Hence the proposed algorithm can provide
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close video quality among all users in non-differentiated service.
The PSNR gain for four users is obtained because the proposed
resource allocation algorithm exploits effectively the relationship
between the rate-distortion function and the shadow price of each
user for minimizing the overall distortion.

Fig. 10 shows the frame-by-frame PSNR comparison for 10
GOPs with four users in differentiated service system using the
proposed algorithm, Su’s algorithm, Shen’s algorithm, and TDMA.
In Fig. 10, w1, w2, w3, and w4 for User 1, 2, 3, and 4 are set as 1,
2, 3, and 4, respectively. In this simulation, each user is assumed
to have different channel status as follows.

� User 1: very good channel status (average SNR of 40 dB)
� User 2: good channel status (average SNR of 30 dB)
� User 3: bad channel status (average SNR of 20 dB)
� User 4: very bad channel status (average SNR of 10 dB)

Fig. 10(a)–(d) show the frame-by-frame PSNR comparison of
algorithms for User 1, 2, 3, and 4, respectively. In Fig. 10(a) for User
1 with very good channel status, it is observed that the PSNR of the
proposed algorithm is higher than Su’s algorithm by 0.3 dB in aver-
age. In Fig. 10(d) for User 4 with very bad channel status, the pro-
posed algorithm achieves much higher PSNR than Su’s algorithm
by 1.2 dB in average. Fig. 10(e) shows the average PSNR of four
users using different algorithms, i.e., it is the average of
Fig. 10(a)–(d) results. This simulation result shows that the average
PSNR of the proposed algorithm is higher than all other algorithms,
which is achieved by minimizing the average distortion for overall
users with different channel status as presented in Section 3. The
average PSNR of proposed algorithm is higher than that of Su’s
algorithm by 0.3 dB. This is because the shadow price in the pro-
posed algorithm plays a critical role for improving the video qual-
ity by increasing the bit allocation in video frame with large impact
on video quality.

Fig. 11 shows the frame-by-frame PSNR comparison for 20 s
with four users in non-differentiated service system using the pro-
posed algorithm, Su’s algorithm, Shen’s algorithm, and TDMA. The
channel status is assumed to be good for the first 10 s, and is as-
sumed to be bad for the next 10 s. When the channel status is
bad, the SNR of subcarriers for each user is low. The ‘Harbor’ test
sequence is assigned for each user. The proposed algorithm and
Su’s algorithm show better performance compared to Shen’s algo-
rithm and TDMA. We can also observe that the proposed algorithm
results in higher average PSNR values than Su’s algorithm, by
1.9 dB, 0.4 dB, 0.6 dB, and 1.6 dB for User 1, 2, 3, and 4, respectively.
In bad channel status, Su’s algorithm shows a lot of quality degra-
dation, while the proposed algorithm maintains relatively smaller
video quality degradation.
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Fig. 10. In different channel status for each user, frame-by-frame PSNR comparison
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Fig. 12 shows the comparison of average PSNR values among all
users in differentiated service system with eight users. The RI val-
ues are set as w1 ¼ 2 and w2 ¼ w3 ¼ � � � ¼ w8 ¼ 1. The ‘Foreman’,
‘Mobile’, and ‘Harbor’ test sequences are randomly assigned to



Fig. 11. In varying channel status, frame-by-frame PSNR comparison with four users in non-differentiated service system using the proposed algorithm and other algorithms.
(a) User 1. (b) User 2. (c) User 3. (d) User 4.
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each user. Static TDMA gives similar PSNR values for all users, since
each user would get the same opportunity to transmit. The average
PSNR values of other schemes are distributed among users relating
the RI values. The proposed adaptive resource allocation scheme
achieves higher average PSNR values compared to Su’s and Shen’s
algorithms.
Fig. 13 shows the PSNR comparison for the worst received
video quality with various number of user using the proposed
algorithm, Su’s algorithm, Shen’s algorithm, and TDMA in non-
differentiated service system. The ‘Foreman’, ‘Mobile’, and ‘Har-
bor’ test sequences are randomly assigned to each user. As the
number of users become larger, the PSNR values become lower,
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since the resources to be allocated for each user get smaller.
The proposed resource allocation algorithm achieves PSNR gain
of 1:1—3:0 dB compared to Su’s algorithm in different number
of users. The PSNR improvement is achieved because the re-
sources are allocated on the user with the largest impact on
distortion reduction using the proposed algorithm. The pro-
posed algorithm achieves PSNR gain of 5—8 dB compared to
Shen’s algorithm.

5. Conclusion

We proposed the cross-layer multiuser resource allocation algo-
rithm for minimizing the video quality distortion in downlink
OFDM networks.

A simple and effective rate-distortion (R-D) function including
the temporal error propagation effect of packet loss and the rel-
ative importance is first presented. Based on the R-D function,
the subgradient method with the simple pricing mechanism is
utilized in the proposed subcarrier assignment algorithm. From
the result of subcarrier assignment, the proposed power alloca-
tion algorithm maximizes the sum of distortion reduction while
it maintains the relative importance for each user.

Simulation results demonstrate that the proposed resource
allocation algorithm achieves the PSNR gain by 5 dB in terms
of the worst received video quality among users compared to
TDMA and Shen’s algorithm. The proposed algorithm outper-
forms Su’s algorithm considering both R-D function and the sha-
dow price by 1:1—3:0 dB. The proposed algorithm can provide
differentiated services by setting values for relative importance.
Hence the proposed resource allocation algorithm can be used
efficiently for multiple video transmission in multiuser OFDM
networks.
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