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Abstract— In this paper, we propose a system to transmit
multiple 3-D embedded wavelet video programs over downlink
multi-user OFDM. We consider the fairness among users and
formulate the problem as minimizing the users’ maximal distortion
subject to power, rate, and subcarrier constraints. By exploring
frequency, time, and multiuser diversity in OFDM and flexibility
of 3D embedded wavelet video codec, the proposed algorithm can
achieve fair video qualities among all users. Compared to a scheme
similar to the current multiuser OFDM standard (IEEE 802.11a),
the proposed scheme outperforms 1∼5 dB on the worst received
PSNR among all users and has much smaller PSNR deviation.

I. INTRODUCTION

Orthogonal frequency division multiplexing (OFDM) is a
promising modulation scheme for broadband system such as
wireless video. Since different video scenes have different
content complexities, at a given bit rate, some scenes may have
unnecessarily high perceptual quality, while others may have
low perceptual quality. On the other hand, if the users pay the
same price for certain video quality, the received qualities for
these users should be similar. How the server jointly allocates
the system resource to each stream to provide comparable
perceptual quality is an important fairness issue [1], [2], which
we will investigate in this work. As we shall see, a multiuser
OFDM can provide frequency, time, and multiuser diversity to
achieve fair and high video qualities among all users.

To transmit video over wireless channel, a system should
be able to adjust the source bit rate according to the varying
channel conditions. A highly scalable video codec is desired
since it provides flexibility and convenience in reaching the
desired visual quality or the desired bit rate. The Fine Gran-
ularity Scalability (FGS) coding and Fine Granular Scalability
Temporal (FGST) coding in the MPEG-4 video coding standard
can provide high flexibility, but their overall qualities are worse
than the non-scalable coding result and still have a non-scalable
base layer. The development of 3-D subband video coding
provides an alternative to compress video with full scalability.
Unlike the block matching motion compensated video codec
(such as H.263 and MPEG-4), the 3-D embedded wavelet video
(EWV) coding in [3] explores the spatiotemporal redundancies
via 3-D wavelet transform. Extending the bit allocation ideas
from EBCOT algorithm [4], EWV outperforms MPEG-4 for
sequences with low or moderate motion and has compara-
ble performance to MPEG-4 for most high-motion sequences.
Therefore, we adopt EWV as a basis for the source coding part
in our work.

A system transmitting a single video program is a special case
to our multiuser problem, such as the work in [5] concerning
the transmission of H.263 video over OFDM. Zheng and Liu [6]

proposed a parallel transmission framework for layered video
to minimize the received distortion. Systems transmitting lay-
ered image/video over space-time coded OFDM were proposed
in [7], [8]. A joint source-channel bit allocation scheme for
MPEG-4 FGS video over OFDM was studied in [9]. The video
broadcasting system in [10] minimizes the maximal distortion
received by all users. Extending to the scenario of supporting
multiple video programs, the authors in [11] examined the
subcarrier assignment problem. However, a greedy assignment
achieving the minimal overall received distortion may lead to
unfairness as some users may receive extremely good quality
and some others receive extremely bad quality. In this paper,
we design a multiuser wireless video system providing fairness
among users. We formulate the problem as an optimization
problem and provide a fast and suboptimal solution. The ex-
perimental results show that the proposed scheme can achieve
more fair and better video quality than a scheme similar to the
current multiuser OFDM standard (IEEE 802.11a).

This paper is organized as follows. The 3-D EWV and the
system architecture are described in Section II. In Section III,
we formulate this system as a min-max problem and present
the proposed algorithm. The simulation results are presented in
Section IV and conclusions are drawn in Section V.

II. SYSTEM DESCRIPTION

In this section, we first review the 3-D embedded wavelet
video codec and then introduce our proposed system of sending
multiple video programs over OFDM.

a) 3-D EWV Codec: The EWV encoder consists of four
parts: 3-D wavelet transform, quantization, bit plane arithmetic
coding, and rate-distortion (R-D) optimization. At the first stage,
we collect a group of frames (GOF) as an encoding unit and
apply 1-D dyadic temporal decomposition to obtain temporal
subbands. The 2-D spatial dyadic decomposition is applied
in each temporal subband to obtain wavelet spatiotemporal
subbands (or “subband” in short). At the second stage, a uniform
quantizer is used for all wavelet coefficients in all subbands. At
the third stage, bit plane arithmetic coding is applied to each
subband. Every bit plane is encoded into three coding passes
except only one pass for the most significant bit plane. The
EWV decoder can decode the truncated bitstream containing
an integer number of coding passes in each subband. The
more consecutive coding passes of each subband a receiver
receives, the higher decoded video quality we have. The coding
passes among all subbands can be further grouped into several
quality layers such that the received video quality can be refined
progressively. At the last stage, the encoder determines the
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coding passes and the subbands to achieve the desired quality
or rate.

To maintain the coding efficiency, the R-D curve in each
subband should be convex [4]. Some coding passes in a subband
cannot serve as feasible truncation points to maintain the
convexity and they will be pruned from the truncation point
list. To facilitate the discussion, we call all the coding passes
between two truncation points as a coding pass cluster.

Consider now there are a total of B subbands for the kth

user and the subband b has T b,max
k truncation points. We can

measure the increased rate and the corresponding decreased
mean squared distortion between the (t−1)th and tth truncation
points in subband b for the kth user and denote them as ∆rt,b,k

and ∆dt,b,k, respectively. We divide the whole duration for
transmitting a total of L quality layers into L transmission
intervals with equal length. The lth quality layer is sent at the
lth transmission interval. The received distortion Dl

k and the
rate Rl

k for quality layers 0 to l can be expressed as:

Dl
k = Dmax

k −
B−1∑
b=0

T b,l
k

−1∑
t=0

∆dt,b,k, (1)

Rl
k =

l∑
q=0

∆Rq
k, (2)

where Dmax
k is the distortion without having any coding pass

cluster, and

∆Rl
k =

B−1∑
b=0

T b,l
k

−1∑

t=T b,l−1
k

∆rt,b,k, (3)

T b,l
k is the total number of coding pass clusters of subband b

in the quality layers 0 to l, which satisfies:

0 ≤ T b,l−1
k ≤ T b,l

k ≤ T b,max
k , ∀b and 0 < l < L. (4)

Define the number of coding pass clusters for subband b in
quality layer l as ∆T b,l

k = T b,l
k − T b,l−1

k and for all subbands

∆Tl
k = [∆T 0,l

k ,∆T 1,l
k , . . . ,∆TB−1,l

k ]. (5)

We also define a matrix ∆Tl whose kth row contains ∆Tl
k.

Thus, in each transmission interval l, the source coding part of
our system determines the vector of coding pass cluster numbers
∆Tl

k for each user and packetize them as a quality layer subject
to the rate constraint ∆Rl

k ≤ Rk, where Rk is allocated overall
transmission rate for user k at interval l.

b) Multiuser OFDM: We consider a downlink scenario
of a single-cell multiuser OFDM system. The system has N
subcarriers and there are K users randomly located within the
cell. Each subcarrier has a bandwidth of W . We use an indicator
akn ∈ {0, 1} to represent whether the nth subcarrier is assigned
to user k. Note that in a single-cell OFDM system, each
subcarrier can be assigned to at most one user, i.e.

∑K−1
k=0 akn ∈

{0, 1},∀n. The overall subcarrier-to-user assignment can be
represented as a matrix A with [A]kn = akn. Denote rkn as
the kth user’s transmission rate in the nth subcarrier. The rate
requirement is Rk =

∑N−1
n=0 aknrkn. Define the rate allocation

matrix R as [R]kn = rkn.
We assume slow fading channel such that the channel gain

is stable within each transmission interval. For simplicity, the

TABLE I

REQUIRED SNR FOR BER = 10−6 OF DIFFERENT ADAPTIVE MODULATION

AND CONVOLUTIONAL CODING RATES [12]

Rate Modulation Convolutional SNR (dB) for
Coding Rate BER ≤ 10−6

1W QPSK 1/2 4.65
1.33W QPSK 2/3 6.49
1.5W QPSK 3/4 7.45
1.75W QPSK 7/8 9.05

2W 16QAM 1/2 10.93
2.66W 16QAM 2/3 12.71

3W 16QAM 3/4 14.02
3.5W 16QAM 7/8 15.74
4W 64QAM 2/3 18.50

4.5W 64QAM 3/4 19.88
5.25W 64QAM 7/8 21.94

channel parameters from different subcarrier of different users
are assumed to have been perfectly estimated, and the channel
information is reliably fed back from mobiles users to the base
station without delay. Denote Γkn as the kth user’s signal to
noise ratio (SNR) at the nth subcarrier as:

Γkn = PknGkn/σ2, (6)
where Gkn is the subcarrier channel gain and Pkn is the
transmitted power for the kth user in the nth subcarrier. The
thermal noise power for each subcarrier is assumed to be the
same and represented as σ2. Further, let [G]kn = Gkn be the
channel gain matrix and [P]kn = Pkn the power allocation
matrix. For downlink system, the overall system power is
bounded by Pmax, i.e.,

∑K−1
k=0

∑N−1
n=0 aknPkn ≤ Pmax.

We also assume that with appropriate channel modulation and
coding, the distortion introduced by the channel on the received
video is negligible. This is possible when bit error rate (BER) of
the channel transmission is kept low. Adaptive modulation and
adaptive channel coding provide each user with the ability to
adjust each subcarrier’s data transmission rate rkn, according to
the channel condition while the desired BER is met. We focus
our attention to MQAM modulation and convolutional codes
as they provide high spectrum efficiency and strong forward
error protection, respectively. The required SNRs at BER=10−6

for different modulations and convolutional coding rates using
bit interleaved coded modulation (BICM) are listed in Table
I [12]. Thus, for each rate allocation matrix R, the power
allocation matrix P should maintain the SNR Γkn larger than
the corresponding value in Table I.

c) Video over OFDM: The system block diagram is
shown in Fig. 1. The server buffers each user’s incoming video
frames in the user’s frame buffer. For each video, a GOF with
H frames are moved to wavelet video encoder and compressed
as a coding pass bit stream. The selected coding pass clusters
will be transmitted during the next GOF transmission time of
H/F second long, where F is the video sampling rate. The
resource allocator obtains the R-D information from the source
coder and the channel condition information from the channel
estimator. In each transmission interval, the allocator performs
resource optimization for distortion management: at the source
coding subsystem, a selected number of coding pass clusters
are grouped into a quality layer and passed to the transmission
system; at the OFDM subsystem, the data to be transmitted are
loaded to different subcarriers at a controlled amount of power.
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Fig. 1. System block diagram

For each mobile user, an OFDM receiver buffers the received
data until the end of the current GOF transmission time. Then,
those data are decoded by a wavelet video decoder and the
decoded frames are sent for display.

III. OPTIMIZATION IN RESOURCE ALLOCATOR

a) Problem Formulation: We formulate the problem as
a min-max optimization problem to minimize the maximal
(weighted) end-to-end distortion among all users to ensure
fairness. We assume the channel is slow fading and the channel
coherent interval is no less than the transmission interval.
Since we only know the channel conditions provided by the
channel estimator in the near future, such as up to the next
transmission interval, we need to break down our problem into a
sequential optimization problem and solve each problem in each
transmission interval. At the beginning of the lth transmission
interval, according to the channel information, the resource
allocator solves the following optimization problem:

min
A,R,∆Tl

max
k

wk · f(Dl
k) (7)

subject to




∑K−1
k=0 akn ≤ 1, akn ∈ {0, 1},∀n;

0 ≤ ∆Rl
k ≤ ∑N−1

n=0 aknrkn,∀k;∑K−1
k=0

∑N−1
n=0 aknPkn ≤ Pmax;

where wk is the quality weight factor and f(·) the percep-
tual distortion function. The first constraint is the subcarrier
assignment constraint, the second one is the rate constraint for
each user, and the third one is the maximal power constraint.
Note that the system can provide differentiated service by
setting {wk} to different values according to the quality levels
requested by each user. As a proof-of-concept, we consider the
case of wk = 1, ∀k, and f(Dl

k) = Dl
k for providing uniform

quality among all users. Our solution can be extended to other
quality weight factors and quality functions.

b) Solution: To solve the multi-variable mixed integer
optimization problem in (7), we propose a three-step algorithm
shown in Fig. 2. First, the resource allocator obtains GOF R-D
function of all unsent coding pass clusters for each user. The
operational R-D function specifies the required data rates for
reducing a certain amount of distortion. Second, the resource
allocator checks the highest rate increase that the OFDM system

Obtain GOF R-D of all unsent coding passes
for all users. (Table II)

Calculate the required rate        , to achieve the

targeted distortion D ,  for all users.

No

Increase
Targeted

Distortion D

Yes

Quality Refinement (Table IV)

Yes

Decrease
Targeted
Distortion

D

No

Check feasibility of  required rates
for all users.(Table III)

More rate available?

Step 1

Step 2

Step 3

Fig. 2. Flow chart of the proposed algorithm

TABLE II

GOF R-D USED IN EACH TRANSMISSION INTERVAL

a) Sort all {λt,b,k} for all t ≥ T b,l−1
k

in a decreasing order for user k
b) For each (t, b) for user k, we have indices

Ik(t, b) ∈ {1, 2, ..., M l
k} and I−1

k
(m) ∈ {(t, b)}

s.t. λi,b,k > λj,c,k for Ik(i, b) < Ik(j, c)

c) Set Dl
k[0] = Dl−1

k
and Rl

k[0] = 0

For m = 1, ..., M l
k

Dl
k[m] = Dl

k[m − 1] − |∆d
I−1
k

(m),k
|

Rl
k[m] = Rl

k[m − 1] + ∆r
I−1
k

(m),k

can support. Finally, we perform a round of quality refinement
by utilizing unused bandwidth. We explain the details of these
three steps below.

In Step 1, we obtain the GOF R-D of unsent coding pass
clusters for each user. Define the distortion-to-length slope for
each coding pass cluster as follows:

λt,b,k = |∆dt,b,k| /∆rt,b,k. (8)
Suppose there are M l

k unsent coding pass clusters for user k.
We sort all distortion-to-length slope of all unsent coding pass
clusters (λt,b,k, where T b,l−1

k ≤ t) in a decreasing order and
obtain the corresponding mapping indices Ik(t, b). The sorting
order represents the transmitting priority: if a coding pass cluster
with index m is sent, all coding pass clusters with index value
smaller than m must be sent. We use this sorting order to obtain
the operational R-D curve (Dl

k[m], Rl
k[m]) for quality layer l.

The details are presented in Table II. The complexity of this
step for each user is O(M l

k̂
log(M l

k̂
)) due to the sorting.

In Step 2, the goal is to minimize the maximal distortion to
the lowest level with the corresponding data rate supportable by
the OFDM subsystem. By checking the R-D curves obtained
in Step 1, the resource allocator can calculate the required
transmission rates ∆Rl

k to obtain the same targeted distortion D
for all users. Then the resource allocator checks if the requested
rates are feasible for OFDM in the current channel conditions.
If the requested rates are feasible, the resource allocator tries
to further decrease the targeted distortion by increasing the
requested rates. Otherwise, the resource allocator increases the
targeted distortion to reduce the requested rates and checks the
feasibility again. A bisection search algorithm is developed to
find the minimal distortion D that the OFDM subsystem can
support. Finally, the corresponding information of bit loading
and power control is sent to the OFDM subsystem.

The feasibility of the requested rates depends on two factors.
One factor is that the OFDM subsystem should be able to
transmit the requested rates {∆Rl

k} for all users; and the other
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TABLE III

OFDM RESOURCE ALLOCATION AND FEASIBILITY CHECK

a) Initialization: Get ∆Rl
k,∀k and set A = 0, R = 0, and P = 0.

b) Minimal Rate Assignment:

While
∑N−1

n=0
rknakn ≥ ∆Rl

k,∀k not satisfied
1) Find arg maxk,n[G]kn.
2) Assign subcarrier n to user k. Set Gkn = 0, ∀k. Waterfill all

subcarriers of user k to minimize power with rate ∆Rl
k .

3) If the requested rate of user k is achieved, set Gkn = 0, ∀n.
4) If no subcarriers left and not all requested rates are satisfied,

report infeasibility and exit.
c) Power Reduction:

While there are subcarriers left
1) Assign user k who has the highest average power per subcarrier

with a remaining subcarrier having the largest Gkn for user k.
2) Minimize the transmission power among the subcarrier set

assigned to this user.
Calculate the overall power. If greater than Pmax, report infeasibility;
Otherwise, report feasibility and calculate A, R, and P.

factor is that the overall transmitted power cannot exceed Pmax.
We develop a heuristic algorithm shown in Table III to allocate
the bits and power to satisfy the rate constraint first and then
the power constraint. First, the subcarrier assignment matrix A,
the rate assignment matrix R, and the power assignment matrix
P are initialized to zeros. Second, the system tries to satisfy
the requested rates. In each round, we allocate an unassigned
subcarrier to a user. If Gkn has the maximal value in current G,
we assign subcarrier n to user k and set Gkn = 0 ∀k to prevent
this subcarrier from being assigned again. We then determine
the modulation schemes and the coding rates for all subcarriers
currently allocated to user k such that the requested data rate
can be accommodated and the power is minimized. This can
be implemented by the well-known waterfilling algorithm with
Table I and (6). If the requested rate can be allocated, user k is
removed from future assignment list in this step by assigning
Gkn = 0,∀n. We repeat this process until all users’ requested
rates are satisfied. If all subcarriers are already assigned and
not all requested rates are achieved, infeasibility is reported
and the resource allocator has to reduce the requested rates.
Next, we minimize the overall transmitted power by assigning
the remaining subcarriers. In each round, we assign the user
with the highest average power per subcarrier with a remaining
subcarrier having the largest channel gain for this user. Then
we minimize the transmission power among the subcarrier set
assigned to this user. The above assignment is repeated until no
subcarrier is left. We calculate the overall transmitted power and
if it is greater than Pmax, infeasibility is reported. Otherwise, we
calculate A, R, and P for OFDM subsystem. Since the required
power for each user in each subcarrier can be pre-calculated,
the complexity of checking feasibility in each iteration is O(N).
The overall number of iteration is bounded by the bisection
search, which is typically fewer than 20 in our experiment.

In Step 3, we further refine the video quality. Due to the
discrete rate information of both video source and OFDM
subsystems, the rate assignment generated from Step 2 is
generally larger than the requested rate. We may be able to
add more coding pass clusters with the extra bandwidth. We
search all unsent coding pass clusters that follow the currently
selected truncation points and pick those with rates smaller

TABLE IV

QUALITY REFINEMENT

a) Calculate unused rate URl
k =

∑N−1

n=0
aknrkn − ∆Rl

k

b) While URl
k ≥ 0

1) Search the coding pass clusters set, S, whose element
satisfies ∆rt,b,k ≤ URl

k and t = T b,l
k

in all subbands
2) If set S is empty, leave the loop
3) Select the coding pass cluster, b̂, with largest λt,b,k in set S

4) Update T b̂,l
k

= T b̂,l
k

+ 1 and URl
k = URl

k − ∆rt,b̂,k

than the unused bandwidth. The coding pass cluster with the
largest distortion-to-length slope is selected for transmission
during current transmission interval. The system updates the
unused bandwidth and unsent coding pass clusters, and repeats
this procedure until there is no coding pass cluster with size
smaller than the unused bandwidth. The complexity to search
a feasible coding pass cluster is O(B).

IV. SIMULATION RESULTS

The simulations are set up as follows. The OFDM system
has 32 subcarriers over a total 1.6MHz bandwidth. The average
delay spread RMS=3×10−7s. An additional 5µs guard interval
is used to avoid inter-symbol-interference due to channel delay
spread. This results in a total block length as 25µs and a block
rate as 40k per second. The transmission interval is 33.33ms.
The mobile is uniformly distributed within the cell with radius
from 10m to 50m. The noise power is 10−9 Watts, and the
maximal transmitted power is 0.1 Watts. The Doppler frequency
is 10Hz and the propagation loss factor is 1.8 [13].

The video sampling rate is 30 frames per second. The GOF
size is 16 frames and each GOF is encoded using the codec
[3] with 4-level temporal decomposition. We use a four-user
system with uniform quality among users to demonstrate the
proposed algorithm. User 0 to 3 receive one GOF from video
sequence, Foreman, Hall Monitor, Mother and daughter, and
Silent, respectively. Fig. 3 shows the maximal, minimal, and
average MSE received among all users in each transmission
interval. Due to the discrete and convex R-D function, discrete
channel transmission rate, and quality refinement (Step 3),
there is a gap between the best and worst received quality
at the first few transmission intervals. However, the received
quality is refined at the following intervals and the quality gap
among users is reduced through (7). At the end, we achieve
the required fair quality among all users. The corresponding
subcarrier assignment in each transmission interval is shown
in Fig. 4. As the source coding rate of each user is allocated
in different time and frequency slots according to the channel
conditions and source characteristics, the diversity of frequency,
time, and multiuser is effectively exploited.

We compare the proposed algorithm with a TDMA-like algo-
rithm, which is a scheduling method similar to IEEE 802.11a.
Instead of allowing subcarriers in a transmission interval to be
allocated among multiple users, the TDMA algorithm assigns
all subcarriers in one transmission interval to only one user
whose current distortion is the largest. We concatenate 15 clas-
sic CIF video sequences (Akiyo, Bus, Coastguard, Container,
Flower, Foreman, Hall Monitor, Highway, Mobile, Mother and
daughter, MPEG4 news, Paris, Silent, Tempete, and Waterfall)
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Fig. 4. Subcarrier assignment in each transmission interval. The system assigns
more subcarriers to user 0 at most intervals due to the required rate of video
sequence 0 to achieve the same quality is higher than other sequences.

to form a basic testing sequence of 4064 frames. The video for
the kth user is 160 frames long and from frame 256×(k-1)+1
to frame 256×(k-1)+160 of the testing sequence. Fig. 5 shows
the average value of the worst received PSNR among all users
from 10 different terminals’ locations for different number of
users in the system. We can see that the proposed algorithm can
maximize the minimal PSNR better than the TDMA scheme.
There is about 1dB gain when the number of users is less than
8. This is because the proposed scheme employs additional
diversity in frequency and multiuser. The performance gain
becomes higher when the number of users is increased owing
to multiuser diversity.

To demonstrate the distribution of the received quality for
these two algorithms, we plot in Fig. 6 the histogram of the
PSNR deviation (defined as the difference between the received
PSNR and the average PSNR of all users for each video frame
interval). As we can see, the dynamic range of PSNR deviation
of the TDMA algorithm is about 20 dB while that of the
proposed algorithm is only about 6dB. We also notice that
the PSNR deviation of the TDMA algorithm has two peaks
around ±5 dB, which implies the quality is either very good or
very bad. On the other hand, the proposed algorithm has much
improved fairness providing consistent quality among all users.

V. CONCLUSION

In this paper, we have constructed a multiuser wireless video
system sending 3-D wavelet video over OFDM. To achieve fair
quality among all users, we formulated this system as a minimax
problem and proposed an effective algorithm by leveraging the
frequency, time, and multiuser diversity of the OFDM system
and the scalability of 3-D embedded wavelet video codec. The

4 6 8 10 12 14 16
20

22

24

26

28

30

32

34

36

Number of users

PS
NR

 (d
B)

Number of Users v.s. Minimal Quality Received among All Users

Proposed
TDMA

Fig. 5. The worst quality received among all users v.s. the number of users

−20 −15 −10 −5 0 5 10 15 20
0

1000

2000

3000

4000

5000

PSNR deviation (dB)

N
um

be
r o

f F
ra

m
es

Distribution of PSNR deviation for 8 users system

−20 −15 −10 −5 0 5 10 15 20
0

2000

4000

6000

8000

10000

PSNR Deviation (dB)

N
um

be
r o

f F
ra

m
es

Distribution of PSNR deviation for 16 users system

Proposed
TDMA

Proposed
TDMA

Fig. 6. Histogram of PSNR deviation from the average PSNR

worst PSNR received among all users of the proposed algorithm
outperforms TDMA algorithm 1∼5 dB with much smaller
PSNR deviation. Thus, the proposed scheme is a promising
building block for broadband multimedia communication.
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