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Abstract

Transmitting multiple real-time encoded videos to multiple users over wireless cellular networks is a

key driving force for developing broadband technology. We propose a new framework to transmit multiple

users’ video programs encoded by MPEG-4 FGS codec over downlink multicode CDMA networks in

real time. The proposed framework jointly manages the rate adaptation of source and channel coding,

CDMA code allocation, and power control. Subject to the limited system resources, such as the number of

pseudo-random codes and the maximal power for CDMA transmission, we develop an adaptive scheme

of distortion management to ensure baseline video quality for each user and further reduce the overall

distortion received by all users. To efficiently utilize system resources, the proposed scheme maintains

a balanced ratio between the power and code usages. We also investigate three special scenarios where

demand, power, or code is limited, respectively. Compared with existing methods in the literature, the

proposed algorithm can reduce the overall system’s distortion by 14% to 26%. In the demand-limited

case and the code-limited but power-unlimited case, the proposed scheme achieves the optimal solutions.

In the power-limited but code-unlimited case, the proposed scheme has a performance very close to a

performance upper bound.
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I. INTRODUCTION

Over the past few decades, wireless communications and networking have experienced an unprece-

dented growth. Wireless networking has become ubiquitous owing to the great demand of pervasive

mobile applications such as video transmission [1], [2]. Code Division Multiple Access (CDMA) is a

promising technology used in the current wireless networks and widely adopted for 3G wireless networks.

The challenges for transmitting compressed videos over CDMA in real time lie in several aspects. First,

CDMA networks are interference limited, and there are limited radio resources such as the transmission

power and the total number of pseudo-random codes. In order to accommodate a large number of users

with acceptable received quality, one challenge for system design is how to optimally allocate these radio

resources. Furthermore, the bit rate of compressed video can be highly bursty due to the difference in video

contents and intra/inter coding modes. To achieve the desirable video quality, we need to adjust the system

parameters, such as source coding and radio resource allocations, to each video stream dynamically.

Transmitting pre-compressed videos with constant bit rate (CBR) [3] can be considered as one of the

simplest video over CDMA systems due to the simplicity of radio resource allocation. On the other hand,

a video encoded in variable bit rate (VBR) bitstream gives better perceptual quality for end users than in

CBR bitstream due to the variation of the scene complexity [4]. However, VBR traffic exhibits a highly

bursty rate, which requires a communication system to support variable transmission rate. Furthermore,

current CDMA systems such as IS-95 cannot accommodate high data rate needed for transmitting high

quality video. Multicode CDMA (MC-CDMA) system [5], [6] provides a digital bandwidth-on-demand

platform by allocating multiple codes on demand and hence providing increased capacity to users. Several

schemes have been proposed for transmitting pre-compressed VBR videos over MC-CDMA system [7]–

[9], subject to the limited number of pseudo-random codes.

In designing a video transmission system, we also concern the adjustability of the video codec, namely,

how easily a video system can change video encoding rate to achieve different desired visual qualities in

real time, subject to the constraints of system resources. For a system with pre-stored videos, we can pre-

calculate the received quality of a pre-stored video sequence using different source bit rate and bit-error
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probability through simulation and decide the actual bit rate to transmit [10]. For a real-time compressed

video, the values of the video codec’s parameters should be selected on the fly to control the desired

rate or quality [11], [12]. However, the computational complexity of searching the optimal solutions for

the traditional non-scalable video is prohibitive. A highly scalable video codec, such as MPEG-4 Fine

Granularity Scalability (FGS) coding [13] and Fine Granular Scalability Temporal (FGST) coding [14],

is desirable since it provides flexibility and convenience in reaching the desired visual quality and/or the

desired bit rate. We will use MPEG-4 FGS in our work. Furthermore, a multiuser video system should

support transmitting heterogeneous video sequences to different user simultaneously. It has been shown

that jointly allocating coding rate to multiple video sources can leverage the difference in video content

complexities to improve the resource utilization and achieve more desired quality [15]–[17].

The resource allocation for maximizing overall throughput for multiple users has been widely studied

[18]–[20]. However, a wireless real-time video system supporting maximal throughput cannot provide the

required video quality for all users due to the delay requirement and different content complexity. Jointly

considering power control with source/channel coding has been shown as an effective way to improve the

received multimedia quality [21], [22]. Algorithms for a single-user system have been developed to either

minimize the overall power consumption of video source encoding, channel coding, and transmission

subject to video quality constraint [23]–[25], or to minimize the expected received video distortion subject

to transmission power constraint [26], [27]. For video transmission over CDMA network, it is important

to perform power control among all users as CDMA system is interference-limited [28].

Few video transmission works in literature consider the case that multiple users share the limited

network resources, where the allocation of resources to one user would affect the performances of the

other users. Moreover, mixed integer optimization is required in practice, since most parameters such as

coding rate have finite sets of discrete values, while the continuous relaxations of parameters are often

assumed in the cross-layer literature. So this motivates us to propose a multiuser cross-layer framework to

bring important insights on designing a resource-limited multiuser video transmission system. Specifically,

for the source coder subsystem, we select MPEG-4 FGS video because of its fine-granular scalability
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in the enhancement layer. For the channel coder subsystem, we adopt the rate compatible punctured

convolutional (RCPC) code [29] because of its wide range of channel coding rates and simplicity in

design and implementation. For the wireless communication subsystem, we use the MC-CDMA system

[5], [6] as it can provide bandwidth according to the users’ demand.

The key issue is how to jointly perform the rate adaptation, code allocation, and power control to

minimize the overall end-to-end distortion received by all users, subject to the limited available radio

resources such as the number of codes and transmission power. We develop a distortion management

algorithm to allocate resources to users by balancing the code and power usages. To study the performance

of the proposed algorithm, we analyze three special cases, namely, the demand-limited, code-limited, and

power-limited cases. For the demand-limited case, a close-form solution is provided. For the code-limited

case, the original problem is reformulated and the optimal solution is obtained. For the power-limited

case, a performance upper bound is derived. Simulations show that the proposed algorithm reduces the

distortion by 14 ∼ 26%, when compared with the modified greedy algorithm [30]. The proposed scheme

achieves the optimal solutions when the system operates in the demand-limited and code-limited cases,

and performs close to the performance upper bound when the system operates in the power-limited case.

This paper is organized as follows. The designed system and the available system resources are

presented in Section II. In Section III, we formulate this system as an optimization problem and develop

a resource allocation algorithm. In Section IV, three special cases are studied. Simulations are presented

in Section V and conclusions are drawn in Section VI.

II. SYSTEM DESCRIPTION

In this section, we first present an overview of our proposed system to transmit multiple MPEG-4 FGS

video streams over downlink MC-CDMA. We then describe the video source coder subsystem and MC-

CDMA transmission subsystem in details. For each subsystem, we will discuss the available resources,

study how to control parameters to achieve the desired result, and analyze the corresponding constraints

in the practical implementation.
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A. System Overview

Figure 1 shows the block diagram of the proposed wireless video server located at the base station,

which transmits multiple real-time encoded video programs to multiple mobile users. There are three

major subsystems in the proposed system: video source coding subsystem, MC-CDMA subsystem, and

resource allocation subsystem for managing distortion.

The resource allocation subsystem first collects the necessary information from the video source coders

and MC-CDMA subsystem. In the video source coding subsystem, each video program is encoded by

a FGS encoder in real time. These FGS encoders compress the incoming video frames and send the

corresponding R-D information to the resource allocation subsystem. The downlink channel information

is obtained via feedback from mobiles. Considering that the network provides the heterogenous services,

the system allocates some available radio resources such as transmission power and CDMA codes for

video transmission. In this paper, we assume the amount of these resources is known.

After gathering the source and channel information, the resource allocation subsystem executes op-

timization algorithms and allocates system resources to achieve the system optimization objectives.

Interfacing with the video source coder subsystem, the resource allocation subsystem adjusts video

encoders’ source rates; and interfacing with the MC-CDMA system, the resource allocation subsystem

assigns a variable number of codes to each user according to his/her resource needs and channel

conditions. For example, an I frame requires more CDMA codes to be assigned than a P frame. In

addition, the resource allocation subsystem determines channel coding adaptation and power control for

each code to protect the transmitted data. In allocating resources, our goal is to maintain good video

qualities, even when transmitting through a noisy channel with interference. As channel-induced bit errors

may affect video qualities in an unpredictable way, to avoid the uncertainty and maintain controllable

video qualities, we use adaptive channel coding and power control to achieve a sufficiently small bit

error rate (BER).

December 28, 2005 DRAFT



5

B. Video Source Coder Subsystem

As mentioned in the introduction, the MPEG-4 Fine Granularity Scalability (FGS) coding [13] and Fine

Granular Scalability Temporal (FGST) coding [14] are scalable video techniques for delivering streaming

video. FGS coding enables a video sequence to be encoded once, and transmitted/decoded at different

rates according to the available bandwidth. The encoder generates a base layer at a low bit rate using

a large quantization step and computes the residues between the original frame and the base layer. The

bit planes of Discrete Cosine Transform (DCT) coefficients of these residues are encoded sequentially to

form the FGS enhancement layer. After completely decoding the base layer, the decoder can decode any

truncated segment of the FGS bitstream corresponding to each frame. The more bits the decoder receives

and decodes, the higher the video quality is. Figure 2 illustrates a streaming video system using a FGS

codec. The encoder encodes all bit planes for each video frame and lets the video server determine how

many bits to send for each frame according to the channel condition.

Existing video schemes using a single-layer video codec often explicitly employ R-D models and an

exponential or a polynomial R-D model is frequently used [16], [31]. The MPEG-4 FGS codec is a

two-layer scheme and its enhancement layer is encoded bit plane by bit plane. For a given bit plane in a

frame, if the video is spatially stationary so that the length of the entropy encoded FGS symbols in all

blocks is similar to each other, the decoded bit rate and the corresponding amount of reduced distortion

will have an approximately linear relationship over the bit rate range of this bit plane. Previous studies

in [16], [32] show that a piecewise linear function is a good approximation to the R-D curve of FGS

video at the frame level. This piecewise linear function model can be summarized as:

Dn,j(rn,j) = Mk
n,j(rn,j −Rk

n,j) + Ek
n,j , k = 0, . . . , p− 1, (1)

with Mk
n,j =

Ek+1
n,j − Ek

n,j

Rk+1
n,j −Rk

n,j

, Rk
n,j ≤ rn,j ≤ Rk+1

n,j ,

where p is the total number of bit planes, and Ek
n,j , Rk

n,j , and rn,j denote the distortion measured in

mean square error (MSE) after completely decoding the first k DCT bit planes, the corresponding bit

rate, and the overall decoded bit rate for the jth user’s distortion of the nth frame, respectively. Note

that E0
n,j and R0

n,j represent the distortion and source rate of the base layer, respectively. Because DCT
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is a unitary transform, all (Rk
n,j , E

k
n,j) R-D pairs including the base layers can be obtained during the

encoding process without decoding the compressed bitstreams. Since we allocate resources frame by

frame, we omit n from the notation for simplicity.

C. MC-CDMA Transmission Subsystem

Consider a single-cell MC-CDMA system with N users and a total of C codes for video transmission.

We assume the downlink system is synchronous and each user is assigned a set of unique fixed-length

pseudo-random codes. Because of the multipath effect [33], the orthogonality among codes may not be

guaranteed. Consequently, each mobile user is subject to interference from other users in the cell. If the

ith code is assigned to user j, the received signal-to-interference-and-noise ratio (SINR) for this code is:

Γj
i =

W

R

PiGj

Gj

C∑

k=1,k 6=i

αkiPk + σ2

, (2)

where W is the total bandwidth and is fixed, R is the transmission rate, Pi is the transmission power

from the base station for code i, αki is orthogonality factor between the kth and ith codes and can be

estimated statistically [33], Gj is the jth user’s path loss which is assumed to be stable within each video

frame and can vary from frame to frame, and σ2 is the thermal noise level and assumed to be the same

at all mobile receivers. The ratio W/R is the processing gain. In this paper, we use BPSK modulation

for simplicity.

For a fixed transmission rate per code in a CDMA system, a reduction of source bits being carried allows

for inserting more channel error protection. In order to jointly adjust rates in both source and channel

coders according to the needs for distortion controls and channel error protections, we consider channel

coders with adjustable rates. In this paper, an RCPC [29] is applied for channel coding, because of its wide

range of channel coding rates and simplicity in implementation. A family of RCPC codes is described by

the mother code of rate 1
M . The output of the coder is punctured periodically following a puncture table.

The puncturing period Q determines the range of channel coding rates r = Q
Q+l , l = 1, . . . , (M − 1)Q,

which are between 1
M and Q

Q+1 with decreasing channel error protection ability. The rate compatibility

ensures that the codes with the lower rates contain the codes with the higher rates. Consequently, the
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progressive transmission is possible by simply transmitting the additional information, when more channel

error protection becomes necessary. Moreover, only one Viterbi receiver is needed for the RCPC codes

with different rates, which reduces the system complexity.

Our goal is to maintain good end-to-end subjective video quality. Since the channel-induced distortion

is typically more annoying than the distortion introduced by source encoding, the system keeps the

channel-induced distortion at a small proportion of the end-to-end distortion such that the video quality

is controllable by the source coding subsystem. This can be achieved by enabling the error resilient

and error concealment features in the source coding subsystem and maintaining the BER after channel

decoding to be below a threshold in the communication subsystem. To reach the BER requirement, the

actually received SINR should be no less than some threshold. We shall refer to this threshold as the

targeted SINR. Through simulations using RCPC codes [29], we have found that to achieve the BER

threshold, the targeted SINR can be very well approximated as a function of channel coding rate by [34]

γi = 2ATi+B, (3)

where γi is the required targeted SINR, Ti is the channel coding rate with discrete value in the range of

[Tmin, Tmax], and A and B are the parameters related to the channel coding that can be experimentally

determined. Their values depend on the BER requirements, fading conditions, and channel code family

being used.

Given a set of channel coding rates, we can compute the overall required transmission power for all

users, Psum, by bringing in (2) and (3) together:

Psum =
C∑

i=1

Pi = 1T [I− F]−1u, (4)

where 1 = [1 . . . 1]T , u = [u1, . . . uC ]T with ui = σ2Yi/Gi, and [F]ii′ = 0, if i′ = i; [F]ii′ =

αi′iYi, if i′ 6= i. Here Yi is defined as follows, depending on which user the code is assigned to:

Yi =





0, if code is not assigned;
2ATi+BR

W , if code i is assigned to user j.
(5)

Since the processing gain W/R is large, Yi is small, thus Psum can be approximated as:

Psum ≈ 1T [I + F]u =
C∑

i=1

σ2Yi

Gi
+

C∑

i=1

C∑

k 6=i

σ2αkiYiYk

Gk
. (6)
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Note that the overall transmission power Psum is bounded by the available transmission power, and it is

necessary to perform power control among all users and the available CDMA codes.

III. DISTORTION MANAGEMENT ALGORITHM

In this section, we formulate the distortion management problem. We then present the proposed two-

stage algorithm to transmit the base layer first and then the FGS enhancement layer to fully utilize the

limited resources.

A. Problem Formulation

In this MC-CDMA system, we denote aij ∈ {0, 1} as an indicator to specify whether the ith code is

assigned to user j. The total available power for video transmission is Pmax, and each user’s throughput,

rj , should be larger than the base layer rate R0
j to guarantee the baseline quality and should be smaller

than the maximum source rate RP
j . The transmission rate for each CDMA code is R. Each code will

carry information of rate RTi, where Ti is the channel coding rate for the ith code. We formulate this

problem as to minimize the overall system distortion under the code, power, and rate constraints:

min
Ti,aij

N∑

j=1

Dj(rj) (7)

subject to





code constraint:
∑N

j=1 aij ≤ 1, aij ∈ {0, 1},∀i;
power constraint: Psum =

∑C
i=1 Pi ≤ Pmax;

rate constraint: R0
j ≤ rj = R

∑C
i=1 aijTi ≤ RP

j , ∀j.
Notice that the BER requirement and the corresponding minimal SINR are already implicitly ensured

by (3). The problem in (7) is a mixed integer programming problem with nonlinear and non-convex

constraints in rate and power. Although an exhaustive search algorithm can obtain the optimal solution,

the computational complexity over the large search space is prohibitive. Further, as we will discuss later,

even a simplified version of the above problem is still NP hard. A fast suboptimal algorithm is thus

preferable for real-time applications.

In the next two subsections, we will develop algorithms to efficiently allocate the limited power and

codes to reduce the overall distortion. There are two main stages in our proposed algorithm. At the first
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stage, we allocate the resources for delivering the base layer data to provide the baseline video quality

for each user. Some FGS enhancement layer data is then delivered to reduce the overall distortion by

allocating the remaining resources and making necessary adjustment on the resource allocation. Our

resource allocation strategy aims at using the code and power resources in a balanced way so as to avoid

exhausting one resource first while having the other resource left, which leads to undesired local optima.

B. Resource Allocation for Base Layer

The upper part of Figure 3 shows the initialization procedure, where codes, channel coding rates, and

power are assigned to each user so that all users can receive the base layer rate of R0
j under the power

constraint. First, we set the channel coding rate to the highest level Tmax as offered by the adopted

RCPC code and assign a total of Cj = d R0
j

RTmax
e codes to each user, such that all the base layers can

be transmitted. If there is no enough codes for this assignment, an outage will be reported, indicating

that there are too many users in the system and there are no resources even for accommodating the base

layers only. If there are enough codes for the base layer, the proposed system then determines whether

the power constraint is violated. If not, the initialization is done and the system starts running the main

algorithm for allocating resources for the FGS layer. Otherwise, we will relieve Psum by assigning one

code at a time to the user who can reduce the power most while keeping the distortion fixed, until the

power constraint is satisfied. By assigning one more code but fixing source rates, we can reduce the

average channel coding rate per code. Consequently, from (3), the required SINR and power are reduced.

The power relief algorithm for Psum is shown in Table I. Before an actual code is assigned to a specific

user, a hypothesis is made for each user that a candidate code is assigned to this user to relieve power

consumption in transmission while the settings of the other users are kept unchanged. For example, the jth

user will keep his/her source coding rate, rj , unchanged, but redistribute rj among his/her already assigned

codes plus the candidate code. Subsequently, the channel coding rates for those codes, the required SINR,

and the overall transmitted power are reduced. This problem can be solved using a greedy method. First,

the candidate CDMA code is assigned with the maximum channel coding rate Tmax, so the throughput is

initially larger than rj . Since Yi in (5) is a monotonically increasing function of Ti, Psum can be reduced
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by searching the code with the largest gradient gT
i = |∂Psum

∂Ti
| and then reducing the channel coding rate

of this code. The algorithm repeats the above power reduction step until the throughput is equal to rj .

Finally from all hypotheses, the user reducing Psum by the highest amount is selected and assigned with

a real code.

C. Resource Allocation for FGS Layer

After the initialization, we apply the distortion management algorithm as shown in the lower part of

Figure 3 to allocate resources for FGS layer to reduce users’ overall distortion. The system has two types

of resources, namely, code and power. Since the distortions can be reduced by either using extra power

or codes, if any type of resources is used up early than the other type, we may arrive at some undesired

local optimum. So the main principle of the proposed algorithm is to fully utilize both resources by

keeping a guideline to the ratio between the usage of power and codes as follows: If the current overall

transmission power Psum over the current number of assigned codes
∑N

j=1 Cj is larger than Pmax/C

(i.e. the ratio of the maximal transmission power to the overall number of CDMA codes), the system is

in a power unbalanced state by consuming higher than average power per code. A new code is assigned

to relieve transmitted power usage such that the ratio of the consumed power to the number of assigned

codes is reduced. Otherwise, the system is in power balanced state and a new code can be assigned to

reduce the overall distortion.

More specifically, for the power unbalanced state, the algorithm in Table I, which has been discussed

in Section III-B, is applied to reduce transmission power. If power cannot be relieved by the algorithm

in Table I and Psum < Pmax, we can still improve quality by switching to the distortion reduction

subsystem as shown in Table II (with more power consumption). If the system fails in reducing distortion,

the algorithm terminates.

For the power balanced state, we first apply distortion reduction algorithm (Table II). The rate is

increased and the overall distortion is reduced by assigning one code to a user at a time. Before an actual

code is assigned to a specific user, a hypothesis is made for each user that a candidate code with channel

coding rate Tmax is assigned to the user while the settings of the other users are kept unchanged. We
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then use (6) to calculate the overall required power for transmission, Psum, and the reduced distortion

of the received video is given by:

∆Dj = Dj(rj)−Dj(rj + RTmax) (8)

where rj is the user’s current source rate. If Psum is smaller than Pmax, this hypothesis is added into

a candidate list. Then among all hypotheses in the list, an actual code is assigned to the user who can

reduce a highest amount of distortion. If there is no candidate in the list, it means the overall distortion

cannot be further reduced. In this situation, we reduce the power using the algorithm in Table I.

When all codes are assigned (i.e.
∑N

j=1 Cj = C) and there is still some transmission power left, the

overall distortion can be further reduced by increasing the power assignment and the channel coding rate

via (3) such that more FGS data can be accommodated. To efficiently exploit the remaining power, we

develop an iterative algorithm to distribute power among CDMA codes. In each iteration, we make C

hypotheses to examine which code can reduce the distortion most by using the least transmission power.

For code i, we check whether its channel coding rate Ti is less than Tmax. If so, we increase Ti by a

discrete step ∆Ti according to the available channel coding rates and keep the settings of the rest C − 1

codes unchanged. If this code belongs to the jth user, the reduced distortion ∆Dj and increased overall

power ∆P
(j)
sum are calculated. The hypothesis of increasing the channel coding rate of this code is added

to a candidate list if ∆P
(j)
sum +Psum ≤ Pmax. After scanning all codes, among all candidates, our strategy

is to pick the code with the largest |∆Dj/∆P
(j)
sum| and set Ti = Ti + ∆Ti. Then the algorithm updates

the transmitted power usage, empties the candidate list, and repeats the above procedure until there is no

candidate code in the candidate list. The detailed algorithm is listed in Table III.

It is worth mentioning that only the entries related to a specific code need to be updated each time

when evaluating Psum in (6). Thus, the overall complexity of our proposed algorithm is O(C2). This

is substantially lower than the brute force search and is feasible as the base station typically can afford

such a computation burden in practice.
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IV. DEMAND-LIMITED, CODE-LIMITED, AND POWER-LIMITED SOLUTIONS

Because of the mixed integer programming nature of the problem formulation in (7), it is difficult to

evaluate how close to the optimal solutions the proposed algorithm performs. However, we have found it

possible to derive optimal solutions or a performance upper bound of (7) for three special cases, namely,

demand-limited case, code-limited case, and power-limited case. In this section, we discuss these cases

in details and compare in the next Section these results with the performances of the proposed scheme.

A. Demand-Limited Case

The demand-limited case refers to the situation when the number of users is small or the overall

requested source rates are very low, so that both the power and code resources are abundant for the

users. Under this condition, the problem (7) has only source rate constraints. Since source R-D function

is a monotonically decreasing function, the optimal solution to achieve the lowest distortion is that all

users transmit the maximal source rate RP
j .

B. Code-Limited Case

The code-limited case refers to the situation when the transmission power can be viewed as unbounded,

while there are only a limited number of pseudo-random codes. This happens when all users are close to

the base station, so that the necessary transmission power Psum ¿ Pmax. We also assume the number of

users is large enough or the requested rates for video transmission are large enough, so that all codes are

used, i.e.,
∑N

j=1 aij = 1, aij ∈ {0, 1},∀i. In this case, in order to have the highest distortion reduction,

each code should carry as much information as possible. So all channel coding rate Ti should be equal

to Tmax. Under these conditions, the problem (7) becomes

min
rj

N∑

j=1

Dj(rj) (9)

subject to





R0
j ≤ rj ≤ RP

j , ∀j;
∑N

j=1 rj = CRTmax.

To solve the above problem, we first allocate each user with enough codes to accommodate the rate

for the base layer. The number of codes that each user has is Cj = d R0
j

RTmax
e. If the total number of codes
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for the users to transmit their base layers is more than the total number of codes, i.e.,
∑N

j=1 Cj > C,

an outage is reported. Otherwise, we use the remaining codes to transmit FGS enhancement layers to

further reduce distortion.

To transmit FGS layers, we perform the following procedures. First, notice that after allocating the

base layer, there is an unused bandwidth of CjRTmax − R0
j , with the codes assigned to user j. To

fully utilize the allocated bandwidth, we need to put FGS rates in these already assigned codes. Let

C ′ = C −∑N
j=1 Cj be the number of unassigned codes. The next step is to distribute these C ′ codes

for FGS layer. To facilitate our discussion, we introduce a new variable r′j , rj − CjRTmax and define

a shifted version of R-D function D̃j(r′j) , Dj(rj). Since each code carries information of RTmax bits,

each user’s unsent FGS layer bit stream can be divided into C ′
j = dRp

j−CjRTmax

RTmax
e segments with equal

length of RTmax bits. Let ∆djk be the distortion reduction of the kth segment of FGS layer for the jth

user, i.e.,

∆djk = |D̃j(kRTmax)− D̃j((k − 1)RTmax)|. (10)

Further, let yjk = 1 if the jth user is allowed to transmit the kth FGS layer segment; otherwise yjk =

0. Notice that since the rate-distortion function of each user is convex and decreasing, the following

relationship holds: ∆djk ≥ ∆djk′ , ∀k′ > k. To ensure the receiver can decode all the received data

of the FGS layer, the received segments should be a truncated version of the FGS bit stream such that

all the received bit streams can be decoded, i.e., if yjk = 1, then yjk′ = 1, ∀k′ < k. The problem (9)

can be reformulated as an assignment problem, which is to choose {yjk} such that the overall distortion

reduction for FGS enhancement layer is maximized:

max
yjk

N∑

j=1

C′j∑

k=1

yjk∆djk (11)

subject to
N∑

j=1

C′j∑

k=1

yjk = C ′.

The optimal solution for the above problem is to sort all ∆djk in a decreasing order and obtain the

corresponding indices, I(j, k) ∈ {1, 2, ...,
∑N

k=1 C ′
j}. For example, if ∆dj1k1 ≥ ∆dj2k2 ≥ . . . is the

sorting result, we assign I(j1, k1) = 1, I(j2, k2) = 2, and so on so forth. Then, we pick the first C ′
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indices and assign codes to the corresponding users for transmitting the selected FGS bit stream segments.

The above solution is optimal since if we replace any item I(j, k) ≤ C ′ in the above selected set with an

item I(j′, k′) > C ′, the resulted distortion reduction of the latter case will be smaller than the former one

due to ∆djk > ∆dj′k′ . Note that the optimal solution also guarantees all the received bit stream of each

user is a truncated version of the FGS bit stream. This is because if user j receives the kth segment, user

j must have received the segment 1 to k−1 since ∆djk′ ≥ ∆djk, ∀k′ < k or I(j, k′) < I(j, k), ∀k′ < k

according to the decreasing order [35].

As we can see from (11) and the simulation results later, the solution of the code-limited case is

influenced by the rate-distortion functions and is not affected by the specific channel conditions. So

under this condition, the video content is the dominant factor on resource allocation. The users who

can reduce their distortion more with a request of smaller rates will have priority to transmit their FGS

enhancement layers.

C. Power-Limited Case

The power-limited case refers to the situation that all available power is used and there might still

be some codes left. This happens when all users are far away from the base station. We also assume

the number of users is small or the requested rates are not large, so that it is not limited by power and

code simultaneously. To simplify the analysis, we further assume that the downlink is synchronized, i.e.,

αki = 0, ∀i 6= k. So the overall power can be expressed as

Psum ≈
N∑

j=1

C∑

i=1

aij
σ22ATi+BR

WGj
. (12)

Since the number of available code is unlimited and Psum is a convex and increasing function of Ti,

using Jensen’s inequality, we can draw a conclusion that the channel coding rate Tmin for all codes will

have the minimal overall transmission power. So if the power is limited, by using the minimal channel

coding rate, we can have the highest source rates and corresponding minimal distortions.

Similar to the code-limited case, we first satisfy the base layer’s requirement. The required number of
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codes is Cj = d R0
j

RTmin
e. The required transmission power for base layer is

P base
sum ≈

N∑

j=1

Cj∑

k=1

σ22ATmin+BR

WGj
. (13)

If P base
sum is more than Pmax, an outage is reported; otherwise, calculate the remaining power budget

P budget
max = Pmax − P base

sum and perform the following procedures. First, the remaining rates of the code

for the base layer, CjRTmin−R0
j , is assigned with FGS layer rate. Then, the rest of codes are assigned

for FGS layers. To facilitate our discussion, we define r′′j , rj −CjRTmin and a shifted version of R-D

function D̂j(r′′j ) , Dj(rj). Let PFGS
sum be the overall required power to transmit the additional FGS layer.

The reformulated problem for FGS layer is

min
r′′j

N∑

j=1

D̂j(r′′j ) (14)

subject to





0 ≤ r′′j ≤ Rp
j − CjRTmin ∀j,

PFGS
sum ≤ P budget

max .

Since each code will carry information of RTmin bits, we divide each user’s unsent FGS layer bit

stream into C ′′
j = dRp

j−CjRTmin

RTmin
e segments with equal length, RTmin. Let ∆d′′jk be the distortion reduction

for the kth segment of FGS layer for the jth user, i.e.,

∆d′′jk = |D̂j(kRTmin)− D̂j((k − 1)RTmin)|. (15)

Further, let xjk = 1 if the jth user is assigned with the kth FGS layer segment and we will allocate a

code to transmit this segment; otherwise xjk = 0. Define the required power for user j if we transmit

the kth segment as Pjk = σ22ATmin+BR
WGj

. Since the required power for each user is only related to the

path loss, Pjk = Pjk′ ∀k′ 6= k. We can reformulate the problem (14) as an assignment problem:

max
xjk

N∑

j=1

C′′j∑

k=1

xjk∆d′′jk (16)

subject to





∑N
j=1

∑C′′j
k=1 xjkPjk ≤ P budget

max ,

xjk = 0 or 1, ∀j, k.

This problem is a classical 0-1 knapsack problem [36], which is an NP hard problem. However,

by allowing the continuous relaxation 0 ≤ xjk ≤ 1, the simplified continuous problem of (16) can
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have an optimal solution with complexity O(
∑N

j=1 C ′′
j ). We define ¯∆djk = ∆d′′jk

Pjk
and sort ¯∆djk in a

decreasing order to obtain the corresponding indices I(j, k) ∈ {1, 2, ...,
∑N

k=1 C ′′
j } and the inverse indices

J(m) ∈ {(j, k)}. For example, if ¯∆dĵk̂ is the largest value among all { ¯∆djk}, then I(ĵ, k̂) = 1 and

J(1) = (ĵ, k̂). We define a critical item M as

M = min{s :
s∑

m=1

PJ(m) > P budget
max }. (17)

The optimal solution {x?
J(m)} for the problem (16) is

x?
J(m) =





1, for m = 1, . . . ,M − 1;

0, for m > M ;
P̄

PJ(M)
, for m = M ;

(18)

where P̄ = P budget
max −∑M−1

m=1 PJ(m).

The optimality can be proved as follows. Let {x̄J(m)} be an optimal solution for the problem in (16)

such that the distortion reduction is maximized. Then, the power inequality constraint of the problem in

(16) is active, i.e.,
∑
m

x̄J(m)PJ(m) = P budget
max =

∑
m

x?
J(m)PJ(m). (19)

Since {x?
J(m)} is also an optimal solution for the problem in (16), bringing in (18) and (19), we obtain

M−1∑

m=1

(x̄J(m) − 1)PJ(m) + (x̄J(M) − x?
J(M))PJ(M) +

∑

m>M

x̄J(m)PJ(m) = 0. (20)

Suppose there is a x̄J(α) < 1 for some α < M , then we must have x̄J(β) > x?
J(β) for at least one

item β ≥ M from (20). Given a sufficiently small ε > 0, we could increase the value of x̄J(α) by ε

and decrease the value of x̄J(β) by εPJ(α)/PJ(β). However, the value of the overall distortion reduction

increases by ε∆d′′J(α)−ε∆d′′J(β)PJ(α)/PJ(β), which is larger than 0 since ∆d′′J(α)/PJ(α) > ∆d′′J(β)/PJ(β).

This is a contradiction to {x̄J(m)} being the optimal solution. Therefore, we have shown that x̄J(α) < 1

for α < M and x̄J(β) > 0 for β > M are impossible. Consequently, x?
J(M) = P̄

PJ(M)
.

Because the cross correlation between codes is assumed to be zero and the continuous relaxation for

xjk, the above solution provides an upper bound for the power-limited case. With the same reason for

the code-limited case, the above solution guarantees that all the received bit stream of each user is the

truncated version of the original FGS bit stream and can be decoded due to the decreasing sorting order.
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From the problem formulation in (16) and the simulation results shown later, the solution of the power-

limited case is jointly influenced by the channel conditions and video contents. The users closer to the

base station and having simpler video content complexity will dominate the resource use. In reality, users

may not be distributed all close to or all far away from the base station. In other words, the system

is mostly constrained by both the number of available codes and the available transmission power. Our

simulation results presented in the next section will show how well the proposed scheme in Section III

performs for these special cases.

V. SIMULATION RESULTS

In order to evaluate the performances of the proposed scheme, we conduct simulations with a setup

as follows. For the MC-CDMA system, the total bandwidth, W , is 7.5 MHz and the spreading factor is

64. The channel condition is stable within each video frame and changes according to Rayleigh Fading

over different frames. The propagation path loss factor is 4. We use the average orthogonality factor in

[33]. The noise power is 10−11 Watts, and the maximal transmission power is 10 Watts. For the channel

coding, we use RCPC codes with a memory 4, puncturing period 8, and mother code rate 1/4 [29]. The

range of channel coding rate is set to [Tmin, Tmax] = [1/4, 1/2]. Without loss of generality, we assume

the base layer and the enhanced layer have the same BER requirements. Our experimental results show

that to achieve BER = 10−6 using FGS codec (including base and FGS layer), parameters (A, B) in (3)

are (4.4, -1.4). For source coding, we use a MPEG-4 FGS codec with error resiliency and concealment.

Error resiliency is implemented by inserting re-synchronization markers in each frame’s bitstream. Error

concealment is implemented by replacing lost blocks by the motion compensated corresponding blocks

in the previous frame, and by replacing lost motion vectors with zero values. For the video source, we

concatenate 15 classic QCIF (176 × 144) video sequences with temporal down sampling factor 2 to form

a basic testing video sequence source of 2775 frames with a video refresh rate 15 frames per second.

The 15 sequences are 150-frame Akiyo, 75-frame Carphone, 240-frame Claire, 150-frame Coastguard,

150-frame Container, 195-frame Foreman, 435-frame Grandmother, 165-frame Hall objects, 75-frame

Miss American, 480-frame Mother and daughter, 150-frame MPEG4 news, 210-frame Salesman, 150-
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frame Silent, 75-frame Suzie, and 75-frame Trevor. The base layer is generated by MPEG-4 encoder with

a fixed quantization step of 30 and a GOP pattern of 14 P frames after each I frame. All frames of FGS

layer have up to six bit planes.

A. Convergence Track of Proposed Algorithm

We use Figure 4 to illustrate how the proposed scheme balances the code and power limitation to

fully utilize the system resources, where we can see the convergence track of the overall power and

video distortion with respect to the number of assigned codes by using the proposed algorithm. After

initialization (shown at position A), a total of 18 codes are assigned to deliver the base layer of all

16 users. The overall visual distortion (shown at position A’) is large because only the base layer is

transmitted. We can see that at this point, the system is power unbalanced, i.e. the operating point A is

above the balanced resource allocation line. Whenever the power unbalance occurs, we apply the power

relief algorithm in Table I to reduce the power while keeping the distortion fixed. When the system is

not power unbalanced (such as position B), we assign codes to reduce distortion using the algorithm in

Table II, until all the codes are used up. Note that by doing so, the required power is increased. Finally,

we use the algorithm in Table III to further reduce distortion (shown at position C’) by the remaining

power quota (shown at position C). At the end, all available power and code resources are fully utilized.

B. Performance under Special Cases

To study the proposed algorithm performance under code-limited (power-unlimited) case we compared

its total distortion Dsum (Dsum =
∑N

j=1 Dj) with that of the optimal solution of the code-limited case

for different number of users, N , and different locations. We set all mobile users at locations 1, 2, and

3, at distances near 100m, 150m, and 200m, respectively. From the results shown in Figure 5, we can

see that the proposed scheme always achieves the optimal solution.

To study the proposed algorithm performance under power-limited (code-unlimited) case, we considered

N = 4 users which are located at different locations. All mobile users in location 1,2 and 3, are near

1100 m, 1200 m, and 1300 m, respectively. Figure 6 shows the results comparing the proposed algorithm

December 28, 2005 DRAFT



19

with orthogonality factor between 0 and 0.7 and the performance upper bound for the power-limited

case. As we can see, the performance of the proposed algorithm with small orthogonality factor is

close to the performance upper bound that assumes the orthogonality factor to be zero. Furthermore, we

measure the relative Dsum difference between the proposed algorithm with zero orthogonality factor and

the performance upper bound, the average performance loss for 100 frames is only 2.25%. The loss is

because two reasons. First, the performance upper bound is obtained by allowing a non-integer number

of codes, so the bound has a better performance than the optimal solution of (7). Second, the proposed

algorithm might reach local minima instead of the global minima. The above two simulation results

demonstrate the effectiveness of the proposed algorithm in both special cases.

C. Performance Results in General Scenario

For the case where both power and code are constrained, we compare the proposed algorithm with a

modified greedy approach [30]. This modified approach is similar to our proposed framework, but uses a

greedy approach for the code assignment in FGS layer. For the base layer, the greedy algorithm executes

the same procedure as our proposed algorithm. For each iteration in FGS layer, this greedy algorithm

tries to assign a candidate code with channel coding rate, Tmax, to every user, calculates |∆Dj/∆Psum|,

and assigns a new code to the user with the largest value. This greedy scheme will favor the users close

to the base station and with simple video content complexity.

Figure 7 shows the frame-by-frame PSNR results in a four-user system in which user 1 ∼ 4 are located

at 700m, 400m, 600m, and 20m, respectively. User 1 to 4 receive 100-frame video sequence of Claire,

Coastguard, Grandmother, and Akiyo, respectively. The first three users receive better or similar video

qualities using the proposed algorithm. The greedy algorithm assigns codes to the users who can use the

least power to obtain the largest decreased distortion, which is the fourth user in this example. Compared

with the proposed scheme, the greedy scheme cannot effectively reduce other three users’ distortions.

Figure 8 shows the number of users v.s. the average of the total distortion Dsum. The content program

for each user is 100 frames and starts from a randomly selected frame of the concatenated testing video.

The location for each user is uniformly distributed within the cell with radius from 20 m to 1000m.
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We repeat the simulations 300 times. The simulation results demonstrate that the average Dsum of the

proposed algorithm outperforms that of the greedy algorithm 14% ∼ 26%. The reason for this gain is

that the greedy algorithm ignores the balance between power and code usages and thus depletes one

resource while wasting other resources. In other words, only one system constraint in (7) becomes active

after several iterations, which leaves no room to improve the overall system performance even if other

resources are still available. The proposed scheme shows performance improvement by fully utilizing

both power and code resources.

VI. CONCLUSIONS

In this paper, we propose a framework for transmitting multiple video streams over wireless commu-

nication networks, which is a promising service over the current wireless networks. Specifically, we have

developed a system to transmit multiple real-time MPEG-4 FGS video programs over downlink multicode

CDMA networks. The resource allocation is formulated as an optimization problem to minimize the

overall received distortion of all users subject to the baseline video quality requirement, the maximal

transmission power, and the number of codes constraints. To fully utilize the limited resources, we

propose a distortion management algorithm to jointly allocate source coding rates, channel coding rates,

CDMA codes, and transmission power. The scheme balances the constraints of codes and power so that

no resources are wasted. We also derive optimal solutions for the demand-limited and code-limited case

and a performance upper bound for the power-limited case.

Experimental results show that the proposed approach provides an efficient solution for sending videos

over downlink MC-CDMA system. The system can fully utilize the available radio resources by balancing

the power and code limits. Regarding the three special cases, the proposed scheme can achieve optimal

solutions in demand-limited and code-limited cases, and can have less than 2.25% performance loss

compared to the performance bound for the power-limited case. Compared with a greedy algorithm

in the literature, the proposed algorithm can outperform by 14% to 26%. The proposed scheme is a

promising solution for real-time multiple video transmissions in current and future CDMA networks.
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Fig. 3. Distortion Management Algorithm for Base Layer and FGS Layer

TABLE I

Psum RELIEF ALGORITHM

1. For hypothesis j = 1 to N :

• Assign a candidate code to user j.

• Calculate the optimal Ti for all codes assigned to

user j including the candidate code, such that

Psum is reduced most, while rj is unchanged.

2. Pick the user with the largest reduced Psum and

assign him/her a real code.
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TABLE II

CODE ASSIGNMENT TO REDUCE DISTORTION

1. For hypothesis j = 1 to N :

• Assign user j a candidate code, analyze ∆Dj ,Psum

• If Psum < Pmax, add hypothesis j to candidate list.

2. If there is no candidate user, do not assign the code

and go to the algorithm in Table I.

3. Among the candidates, choose the one with the

largest ∆Dj and assign a real code to user j.

TABLE III

DISTORTION REDUCTION BY INCREASING POWER

1. For hypothesis i = 1 to C:

• If Ti of code i is equal to Tmax, do next hypothesis.

• For code i, calculate the corresponding decrease in

channel coding rate of one discrete step, ∆Ti.

• Given ∆Ti, calculate ∆rj , ∆Dj , and ∆Psum.

If Psum < Pmax, add hypothesis i to candidate list.

2. If no candidate left, exit. Otherwise, choose the

code with the largest |∆Dj/∆Psum| and change

the channel coding rate to the chosen code.

3. Empty candidate list. Go to step 1.
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Fig. 6. Power limited case: close to performance upper bounds
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Fig. 7. Frame-by-frame PSNR results for User 1 to User 4 vs. Frame Index
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Fig. 8. Performance comparison of the proposed and greedy schemes
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