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Summary

Orthogonal frequency-division multiplexing (OFDM) is a promising technology

to resist Intersymbol Interference (ISI) for transmitting data at extremely high

rates, splits up the data stream and sends the data symbols simultaneously at

a drastically reduced symbol rate over a set of parallel subcarriers. The focus

of this thesis is on the adaptive modulation and subcarrier allocation methods

for single- and multi-service transmissions with limited transmitted power in the

Multi-Carrier DS-CDMA (called OFDM/CDMA in this thesis) system.

Conventional FDMA and TDMA have hard capacity limitations, since they use

a finite number of orthogonal resources. The comparisons of the OFDM/CDMA,

OFDM Interleaved-FDMA and OFDM Group-FDMA have been analyzed for the

data transmission. Because of the near-unity reuse factor, one of the important

merits of CDMA, the combination of OFDM and CDMA, known as OFDM/CDMA,

brings substantial increase in the transmission data rate per unit bandwidth when

the frequency resources are limited. Even though the multiple access interference

exists in OFDM/CDMA systems, better performance can still be achieved than

that in other OFDM systems.

Based on the OFDM/CDMA system and perfect channel estimation, a novel adap-

tive modulation method is developed for users to perform the single-service trans-

mission with the given bit-error-rate (BER), data rate and transmitted power. It

is significant that the quality of service (QoS) of this service transmission should

be guaranteed and system capacity should be improved under the condition of the

limited channel resource and power. Comparably, Some related research works

xiii
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Summary xiv

emphasize particularly on the maximization of data rates, minimization of BER

or minimization of power consumption. From a novel aspect to enhance the trans-

mission efficiency in this thesis, a suboptimal solution to minimize the interference

from each user is put forward in the first step. Then the bit allocation adjustment

scheme in the second step is presented to make the best use of the subchannels and

reduce the interference further. By evaluating the performance of this algorithm

and other related algorithms, we can know that the proposed algorithm for single-

service provides better BER performance, higher data rates and higher system

capacity, which is more vigorous to meet the demand of supporting more users in

the future.

For multi-service (Voice and Data) transmissions, voice and data services have dif-

ferent priorities, BER requirements, transmission rates and power consumption.

Based on some related research works, these respective features of voice and data

transmissions, such as delay tolerances and power consumptions, are slightly con-

sidered. In order to meet requirements of voice and data respectively, the subcarrier

allocation and bit loading are adopted for the voice transmission at first. Then an

adaptive modulation scheme for the data transmission is developed to maximize

the data rate of each user according to the remaining subchannels and transmission

power. Consequently the realtime transmission and QoS of voice are guaranteed

and the data throughput is maximized simultaneously. Additionally, limited re-

sources, i.e., the bandwidth and transmission power, are utilized efficiently. By

comparing the performance between the proposed algorithm for multi-service and

the other two adaptive schemes, we can know that higher data rates, lower BERs

and outage probabilities can be achieved.

The above two algorithms are performed based on the perfect channel estima-

tion. However, the ideal estimation is not practical. Under the condition of the

inaccurate channel information, the performance of the proposed algorithms are

analyzed when the channel is overestimated or underestimated. The analysis and

simulations show that the proposed algorithms can still keep tolerable performance
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Summary xv

based on some given QoS requirements when the channel estimation is not ideal.

Since the proposed algorithms have the tolerance to the channel estimation errors,

i.e., ±1 and ±2 dB, the channel estimation methods with lower complexity can be

applied. Thus, the potential complexity problem of the adaptive system is reduced.

Generally, it has been concluded that the proposed adaptive OFDM schemes are

efficient and robust methods for transmitting data at high rates.
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Chapter 1

Introduction

1.1 Motivation

To face the challenge of the high data throughput requirements for modern com-

munications, extensive research efforts have been made on broadband modulation.

Orthogonal frequency division multiplexing (OFDM) technique, a specific mul-

ticarrier modulation, has emerged as a popular technique to combat ISI (Inter-

Symbol Interference) channels. Conventionally, ISI is avoided by inserting the

interval guard, the length of which is longer than the multipath delay spread. As a

multi-carrier system, in order to improve the utilization of the whole channel, the

decision of the modulation scheme on the individual subchannel is a critical prob-

lem. In addition, OFDM in its primary form is considered as a digital modulation

technique, and not a multi-user channel access technique, since it is utilized for

transferring one bit stream over one communication channel using one sequence of

OFDM symbols. However, OFDM can be combined with multiple access schemes

in time, frequency or code domain to separate the users.

1
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1.1 Motivation 2

1.1.1 Adaptive modulation

It was reported that the bit error probability of different OFDM subcarriers trans-

mitted in time dispersive channels depends on the frequency domain channel trans-

fer function [2]. The occurrence of bit errors is normally concentrated on a set of

severely faded subcarriers. If the subcarriers that exhibit high bit error probabili-

ties can be identified and assigned fewer bits or excluded from data transmission,

the overall BER can be substantially improved at the cost of a slight loss of the

overall system throughput. As the frequency fading deteriorates the signal-to-

noise ratio (SNR) of certain subcarriers and at the same time improves others’

above the average SNR value, the potential loss of throughput due to the exclu-

sion of faded subcarriers can be mitigated by employing higher-order modulation

techniques on the subcarriers exhibiting high SNR values. Conventionally, the

modulation schemes on subchannels are unchanged during the transmission time

regardless of the time-varying channel. However, with the higher requirements of

the transmission service and the system capacity, the adaptive scheme can perform

the allocation and adjustment on subcarriers and bits loaded following the changes

of the subchannel states, which utilizes the frequency diversity efficiently.

Intensive research interests have been in adaptive modulation techniques for broad-

band transmission over wireless channels supporting multimedia services. One

important issue on efficiently supporting these applications is the ability to com-

bat intersymbol interference (ISI) in wideband transmission over multipath fading

channels. Multicarrier modulation technique, such as OFDM [2–5], appears to be

a promising solution to this problem. Although more complexity of the process oc-

curs, the adaptive algorithm shows much better performance than the traditional

non-adaptive scheme, especially when channel states vary much with the time and

frequency bands.

For the single-service transmission, adaptive algorithms of bit and subcarrier al-

location have been studied in several aspects. Some reported work focused on

improving the network performance by maximizing the transmission data rates
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1.1 Motivation 3

[6–9] to meet high throughput requirements with the increased demands in video

and high-speed data transmissions. Adaptive resource allocation was investigated

in [10] to achieve both multiuser diversity and fairness with maximum utilization.

Recently, there has been an increasing demand for saving the transmission power

of the whole system. The minimization of total transmission power in multiuser

systems was attempted by using a multiuser adaptive OFDM scheme [11]. In [12],

a suitable modulation scheme is proposed for subcarriers on the basis of a cost

function with the expected BERs on each subcarrier. The two methods in [11]

and [12] were found to be more suitable to multi-service transmissions in mul-

tiuser OFDM systems because fixed data rates and BER requirements could be

satisfied. However, with the urgent demand for the system to accommodate more

users, it is significant to improve the system capacity and guarantee the quality

of service (QoS) of this service transmission under the condition of the limited

channel resource and power. Therefore, in order to reach this objective, a novel

adaptive modulation for single-service transmission is necessary and worthwhile to

be developed in multiuser systems.

For the multi-service transmission, although multi-service transmission is becoming

increasingly important to various applications, however, most previously reported

work for OFDM systems ( [6,11–13], for example) focused only on the resource allo-

cation and bit loading without sufficiently considering efficient support of different

services, such as simultaneous voice and data transmissions, which generally have

different requirements on the BER and delay tolerance. In general, voice transmis-

sion does not need rigid requirements on the transmission rate and BER, but has

stringent realtime constraints, which are just opposite to the requirements for most

data services. This suggests that fixed-rate transmission combined with adaptive

bit loading on low quality subcarriers is well suited to voice transmission to meet

the transmission requirements, while variable-rate transmission, which maximizes

the total throughput and obtain low BER, is best suited to data communications.

Therefore, it is indispensable to propose a new reliable subcarrier allocation and

bit loading algorithm with limited transmission power and frequency resources for
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1.1 Motivation 4

transmitting voice and data simultaneously.

1.1.2 Combination of OFDM and CDMA

In multiuser systems using static TDMA or FDMA as multiple access schemes,

OFDM with adaptive modulation is applied by allocating each user a predeter-

mined time slot or frequency band. Consequently, as a result of adaptive modu-

lation, these unused subcarriers within the allocated time slot or frequency band

of a user are wasted and because they are not used by other users. Although

the subcarriers appear in deep fade to one user, they may not be in deep fade

for other users. In fact, as the fading parameters for different users are mutually

independent, it is quite unlikely that a subcarrier will be in deep fade for all users.

This motivates us to consider an appropriate system for the adaptive multiuser

subcarrier allocation and bit loading schemes.

As one of the multiple access schemes, Code-division multiple-access (CDMA) has

become a promising technique as compared with other multiple access techniques,

such as frequency division multiple access (FDMA) [14] and time division multiple

access (TDMA) [14]. Viterbi Qualcomm Inc. was one of the first to use Code

Division Multiple Access (CDMA) [15] for civilian mobile communications, which

eventually led to the North American IS-95 standard [16, 17]. In FDMA and

TDMA, users are multiplexed by orthogonal frequency bands and orthogonal time

slots, respectively. In CDMA, however, users are multiplexed by distinct codes.

All users can transmit at the same time and utilize the entire available frequency

spectrum. This unique feature of CDMA results in a soft capacity limit [18].

Conventional FDMA and TDMA have hard capacity limits, since they use a finite

number of orthogonal resources. One of the important merits of CDMA in cellular

environments is its near-unity frequency reuse factor [19]. Each user is assigned

a pseudo-random code that is orthogonal to the codes of all the other users, or

that has appropriate cross-correlation properties that minimize the multiple access

interference (MAI) [15,20,21].
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1.2 Objectives 5

In the direct-sequence (DS) CDMA scheme, as one of the major categories of

spread-spectrum techniques, the digital data are directly coded at a much higher

rate. The code is generated pseudo-randomly and denoted by pseudo-noise (PN)

sequence. The receiver will reproduce the same code and correlate the received sig-

nal with that code to extract the data. DS-CDMA applies spreading sequences in

the time domain and uses rake receivers to optimally combine the time-dispersed

energy in order to combat the effects of multipath fading. However, in indoor

wireless environments, the time dispersion is low, of an order of nano seconds, and

hence a high chip rate, of an order of tens of MHz, is required for resolving the

multipath components [4]. This implies a high clock-rate, high power consump-

tion as well as implementation difficulties. In order to overcome these difficulties,

several techniques have been proposed, which combine DS-CDMA and OFDM

to exploit the wideband channel’s inherent frequency diversity by spreading each

symbol across multiple subcarriers [22–28]. Therefore, the adaptive algorithms

proposed in this thesis will be based on the OFDM/CDMA systems.

1.2 Objectives

The main objectives of the research work in this thesis are to find bit loading and

subcarrier allocation algorithms for the adaptive multimedia OFDM transmission.

For single-service transmission, it is known from the pervious related work of adap-

tive modulation and subcarrier allocation algorithms that the adaptive methods

pursue the maximum data rate, minimum BER or minimum transmission power.

However, the single-service transmission with the given values of data rates and

BER should also be considered when the transmission power is limited. Therefore,

one of our objectives is to develop adaptive modulation techniques for the single-

service with the given quality of service (QoS). The major problem we will attempt

to deal with is interference power resulting from each user in the OFDM/CDMA

system.

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



1.3 Major contributions of the Thesis 6

When two kinds of signals, such as voice and data, are transmitted simultaneously,

some algorithms proposed previously did not consider their different transmission

requirements sufficiently. Especially, voice is sensitive to the transmission delay

and tolerant to low transmission rates, while data transmission requires strict BER

performance, high data rates and high power consumption. Therefore, another

objective of the thesis is to design an efficient modulation and subcarrier allocation

method for voice and data transmissions based on their delay tolerances, BER

requirements and transmission rates. Additionally, with guaranteeing the realtime

voice transmission, we will try to maximize the transmission rate of data service.

1.3 Major contributions of the Thesis

The major contributions are listed below:

(1) Performance analysis of OFDM/CDMA and other OFDM-related

systems

Based on each user’s requirements of the data rate, BER and transmission

power, in Chapter 3, it is shown that the multiuser OFDM/CDMA system

can support better performance than the other multiuser OFDM systems,

such as OFDM Interleaved-FDMA and OFDM Group-FDMA, which are

applied in many recent research work in adaptive OFDM algorithms [8,11,29].

Therefore, for the multiuser OFDM systems with the given transmission

requirements of each user, OFDM/CDMA is more suitable.

(2) Interference minimization by the adaptive bit loading algorithm

In Chapter 4, an adaptive bit loading algorithm (ABLA) is proposed when

users try to transmit a single service, i.e., voice or data, with the require-

ments of the BER and transmission rate. With the CDMA technique in

multiuser systems, the interference from sharing same subchannels by mul-

tiple users would occur inevitably. According to channel quality with the
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1.3 Major contributions of the Thesis 7

constraints of transmission power and data rates, the problem of the inter-

ference minimization for each user is optimized and the number of bits on

each user’s subcarriers are obtained. Furthermore, we also derive a bit alloca-

tion adjustment among all subcarriers for one user to reduce the interference

further. Since more bits on subcarriers of one user will lead to more inter-

ference power to the other users who are also using these subcarriers, each

user decides its suitable numbers of bits loaded on its subcarriers to obtain

minimum interference to others. With this algorithm, the OFDM system can

support higher transmission rates and more users to meet the higher system

capacity, compared with other related methods.

(3) Simultaneous Voice and Data transmissions by the adaptive trans-

mission algorithm

For the multi-service transmission, a novel adaptive subcarrier and bit load-

ing (A-SABL) is proposed in Chapter 5. The algorithm allocates appropriate

subcarriers and chooses the modulation schemes for the voice transmission

first to guarantee its realtime transmission. One or two bits are generally

loaded for low-rate voice transmission with loose BER requirements, the se-

lected subcarriers are generally in low channel gains. Then the remaining sub-

carriers are loaded with a number of bits to achieve the maximum throughput

of the data transmission. In this way, the subcarriers in low channel gains

are used for voice transmission and those with good quality are allocated

for data transmission. Because the transmission power generally exponen-

tially increases with the number of loaded bits [30], the subcarrier for voice

transmission has a low power consumption. Consequently, most transmission

power can be used for the maximization of data throughput efficiently. The

improved performance obtained by the proposed scheme results from more

efficient utilization of the total transmission power to support much higher

data rates.
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1.4 Organization of the Thesis 8

1.4 Organization of the Thesis

The rest of this thesis is organized as follows: Chapter 2 shows the detailed de-

scription of the OFDM technique and the OFDM/CDMA systems. And we make

a brief literature review about recent developments of the adaptive single- and

multi-service OFDM systems. In Chapter 3, the analysis of the data rates sup-

ported by OFDM/CDMA, OFDM Interleaved-FDMA and OFDM Group-FDMA

systems is made. Chapter 4 gives the adaptive bit loading algorithm for single-

service in multiuser OFDM/CDMA systems. Adaptive multi-service transmission

is described in Chapter 5. According to the channel estimation errors, Chapter 6

gives some analysis on the performance of the above two algorithms and finally,

Chapter 7 concludes the research and describes the future works.
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Chapter 2

Literature review

2.1 Concepts and fundament of OFDM

To overcome the impairment of the wireless channel due to multi-path propaga-

tion, Orthogonal Frequency Division Multiplexing (OFDM) appears to be quite

an attractive technique. OFDM is the modulation technique for European stan-

dards such as the Digital Audio Broadcasting (DAB) [31] and the Digital Video

Broadcasting (DVB) [32] systems. As such it has received much attention and has

been proposed for many other applications, including local area networks [33] and

personal communication systems [34]. OFDM is a type of multichannel modula-

tion that divides a given channel into many parallel subchannels or subcarriers,

so that multiple symbols are sent in parallel. Earlier overviews of OFDM can be

found in [35–39].

The first multichannel modulation systems appeared in the 1950’s as military ra-

dio links, best characterized as frequency-division multiplexed systems. The first

OFDM schemes were presented by [40] and [41]. Actual use of OFDM was lim-

ited and the practicability of the concept was questioned. However, OFDM was

made more practical through the work of [42–45]. OFDM uses the discrete Fourier

transform (DFT) and inverse DFT (IDFT) [43] with a cyclic prefix [45]. In prac-

9
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2.1 Concepts and fundament of OFDM 10

tice, DFT is implemented by performing the fast Fourier transform (FFT). The

FFT/IFFT and the cyclic prefix have made OFDM both practical and attractive

to the radio link designer. A similar multichannel modulation scheme, discrete

multitone (DMT) modulation, has been developed for static channels such as the

digital subscriber loop [46]. DMT also uses DFT and the cyclic prefix but has the

additional feature of bit-loading which is generally not used in OFDM, although

related ideas can be found in [47].

2.1.1 Orthogonality of OFDM

In OFDM systems, the “orthogonality” means a precise mathematical relation-

ship between subcarriers. These subcarriers are specially arranged so that the

sidebands of the individual subcarriers overlap in quest of the better bandwidth

utilization, which is an outstanding advantage of OFDM. Although the spectra

of the subbands are overlapped, the signals can still be received without adjacent

carrier interference because of the orthogonality.

Figure 2.1: The OFDM spectrum.
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Figure 2.2: The OFDM spectrum with different roll-off factors.

Mathematically, it is assumed that there is a set of signals {ϕn}N
n=1, where N can

be considered as the number of subcarriers. Then these signals are orthogonal if

and only if

∫ T

0

ϕn(t)ϕ∗
n′(t)dt =





T, n = n′;

0, otherwise.
(2.1)

where (.)∗ denotes the complex conjugate operator and T is the duration of one

symbol. A general set of orthogonal waveform can be expressed as

ϕn(t) =





1√
T
ejωnt, t ∈ [0, T ];

0, otherwise.
(2.2)

with ωn = ω0 + n∆ω, and n = 0, 1, · · · , N − 1. fn = ωn

2π
is the frequency of the

nth subcarrier and f0 = ω0

2π
is the lowest frequency used. The spacing between

the adjacent subcarriers is ∆f = ∆ω
2π

= W
N

, where W is the whole bandwidth.

The orthogonality of the different OFDM subcarriers can be shown by the OFDM
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2.1 Concepts and fundament of OFDM 12

spectrum in Fig. 2.1. Due to the closely packed nature of subcarriers, the neigh-

boring subbands overlap. But these overlapping subcarriers do not interfere with

each other at center frequency because all other subcarrier spectra are zero at the

maximum of each subcarrier spectrum. Since all subcarriers are arranged closely

in the frequency domain, the spectrum of OFDM looks like “rectangle”. To more

quickly reduce the power of out-of-band subcarriers, the OFDM symbol is multi-

plied by a raised-cosine window before transmission. Fig. 2.2 shows spectra for 64

subcarriers with different values of the roll-off factor of the raised cosine window.

Larger roll-off factor would bring high spectral efficiency, but reduces delay spread

tolerance.

S/P
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on every
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(M-PSK, M-QAM)
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converter
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s   (t)RF
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Figure 2.3: Block diagram of an OFDM system.

In the OFDM transceiver, as shown in Fig. 2.3, instead of transmitting many data

symbols consecutively over one channel (as in single-carrier modulation systems),

the stream of data symbols is split into parallel ones and then transmitted over

the available subcarriers. On each subcarrier, the signal is modulated on the fre-

quency band, orthogonal to the others, which can be implemented through the use

of IDFT/IFFT. The use of the inverse discrete Fourier transform (IDFT) to replace

the banks of sinusoidal generators and the demodulators, suggested by Weinstein

and Ebert [43] in 1971, significantly reduces the implementation complexity of

OFDM modems. The reduction of the implementation complexity was attributable

to a simple realization. The DFT uses a set of harmonically related sinusoidal and

cosinoidal basis functions with an integral multiple of the lowest nonzero frequency
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2.1 Concepts and fundament of OFDM 13

of the set, which is referred to as the basis frequency. These harmonically related

frequencies can hence be used as the set of carriers for the OFDM systems. In-

stead of carrying out the modulation/demodulation on a subcarrier by subcarrier

basis, as in Hirosaki’s early proposal [44, 48], all OFDM subcarriers are modu-

lated/demodulated in a single IDFT/DFT step. And replacing IDFT/DFT with

IFFT/FFT reduces the amount of calculations by exploiting the regularity of the

operations in IDFT/DFT greatly. Finally, the coefficients of the IDFT constitute

an OFDM symbol for the further transmission. Since the harmonically related and

the modulated individual OFDM subcarriers can be conveniently visualized as the

spectrum of the signal to be transmitted, it is the IDFT, rather than DFT, that is

invoked in transforming the signal’s spectrum to the time domain for transmission

over the channel. Recent developments of CMOS technologies allow efficient DSP

chips to be used for implementation of IFFT/FFT to calculate the IDFT/DFT.

2.1.2 OFDM system

Figure 2.4: The structure of the OFDM symbol.
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Delayed symbol i-1

Symbol i - 1 Symbol i
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Figure 2.5: The OFDM time-domain signal with a cyclic prefix of Ng samples.

2.1.2.1 System structure

There is a particular property of the OFDM system, which is that each narrow-

band subcarrier can be modulated using different modulation methods, such as Bi-

nary Phase Shift Keying (BPSK), Quadrature Phase Shift Keying (QPSK), M-ary

Quadrature Amplitude Modulation (QAM) and other higher-order modulations.

This is generally known as “symbol mapping (modulation)”, as shown in Fig. 2.3.

This adaptive modulation technique is known as adaptive bit loading, to be

described in the following chapters.

The underlying assumption in the context of the OFDM upon invoking the IFFT

for modulation is that, although frequency-domain samples produce time-domain

samples (by the IFFT), both signals are assumed to be periodically repeated over

an infinite time-domain and frequency-domain interval, respectively. Practically,

however, it is sufficient to repeat the time-domain signal periodically for the du-

ration of the channel’s memory, i.e., for a duration that is comparable to the

length of the CIR (Carrier-to-Interference Ratio) [4]. This is the required time

interval and the channel’s transient response dies down in this duration after ex-

citing the channel with a time-domain OFDM symbol. Its output is constituted by

its steady-state response constituted by the received time-domain OFDM symbol

once the channel’s transient response time has elapsed. In order to ensure that the

received time-domain OFDM symbol is demodulated from the channel’s steady-

state rather than from its transient-response, each time-domain OFDM symbol is
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2.1 Concepts and fundament of OFDM 15

extended by the so-called cyclic prefix (used as Guard interval in Fig. 2.3). It is

used to overcome the inter-OFDM symbol interference due to the multipath sig-

nals. The samples of the cyclic prefix are copied from the end of the time-domain

OFDM symbol (referring to Fig. 2.4) and are discarded at the receiver. Clearly,

the samples of the cyclic prefix in time-dispersive environments reduce the effi-

ciency of the OFDM transmission because of a factor of N/(N + Ng) (seen in Fig.

2.5) and the duration Ng of the necessary cyclic prefix is decided according to the

channel’s memory. In general, it is complicated and difficult for a system to change

Ng with the instantaneous channel’s states. When the channel is in poor quality,

the delay of an OFDM symbol may be larger than the length of the cyclic prefix.

Additionally, it is unnecessary to set a large Ng when the channel is not in severe

fading. Fig. 2.5 illustrates that one delayed previous symbol i − 1 is covered by

the cyclic prefix while the other one is not.

2.1.2.2 OFDM signal

At the transmitter shown in Fig. 2.3, the serial input data are converted to N

parallel data, d0, d1, · · · , dN−1, to be modulated to M -PSK or M -QAM signals.

Then an IFFT is performed on these modulated signals, x0, x1, · · · , xN−1. The

resulting complex baseband OFDM signal, excluding the cyclic prefix part, from

IFFT can be written as

s(t) =
N−1∑

n=0

xn exp

(
j2πnt

T

)
, 0 ≤ t < T (2.3)

where t is the discrete time index and T is the OFDM symbol duration.

The received signal, r(t), is the sum of a linear convolution with the discrete channel

impulse response h(τ) and the additive white Gaussian noise η(t). It is assumed

that the fading is slow enough that channel can be considered as time-invariant

in one symbol period, and there is a perfect synchronization between transmitter

and receiver and also, cyclic prefix is long enough to accommodate the channel

impulse response h(τ). Then the incoming signal before the IDFT/IFFT process
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at the receiver can be expressed as

r(t) =
∑

τ

h(τ)s(t − τ) + η(t). (2.4)

The received signal is sampled at the rate N/T and the sample of the received

signal rk is [49]

rk = r(t)|t=k T
N

. (2.5)

Hence, at the receiver, the M -PSK or M -QAM signal, yn can be obtained by

DFT/FFT process,

yn =
1

N

N−1∑

k=0

rk exp

(
−j2π

N
nk

)
. (2.6)

Accordingly, the desired parallel data d̂0, d̂1, · · · , d̂N−1 can be demodulated from

y0, y1, · · · , yn by corresponding M -PSK or M -QAM demodulation schemes.

The main advantages of an OFDM based system are listed as follows:

• Very good at mitigating the effect of multipath delay

• Scalable to high data rates

• High bandwidth efficiency

• Excellent resistance to Inter-Carrier Interference(ICI)

• Flexible and adaptive modulation techniques such as BPSK, QPSK, QAM

and other higher-order modulation schemes

• Easily adopted to severe channel conditions without complex equalization

• Robust against narrow-band co-channel interference

• Robust against inter-symbol interference and fading caused by multipath

propagation
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2.2 Three types of OFDM-CDMA systems 17

• High channel utilization

• Efficient implementation by IFFT/FFT

• Low sensitivity to time synchronization errors

• Tuned sub-channel receiver filters are not required (compared with conven-

tional FDM)

• Facilitates single frequency networks, i.e. transmitter macro-diversity.

Meanwhile, the OFDM technique also has its drawbacks. Firstly, before transmit-

ting the OFDM signals with RF of the transmitter, all independently modulated

data on subcarriers are added together. Thus, it is possible that the composite

signal has a high-peak power larger than the average power, which would require

more complicated amplifiers, the research in this area can be found in [50–52].

Secondly, the OFDM technique is sensitive to Doppler shift [53–56]. Thirdly, it

is sensitive to frequency synchronization problems [57–60]. Fourthly, the great

improvement of performance is based on some algorithms including adaptive bit

loading, subcarrier allocation and so on, which definitely increases the implemen-

tation complexity. However, some negative effects can be reduced when useful

techniques, such as frequency offset compensating, subcarrier coding and power

clipping, are employed [61–65].

2.2 Three types of OFDM-CDMA systems

The OFDM-CDMA systems have been pioneered by Yee. Linnartz and Fet-

tweis [22], by Chouly, Brajal and Jourdan [23], as well as by Fettweis, Bahai

and Anvari [24]. And the convolutional coding in conjunction with OFDM-CDMA

was investigated by Fazel and Papke in [25]. As a whole, there are three types of

OFDM-CDMA systems, such as “Multi-Carrier (MC)-CDMA [22,23,25]”, “Multi-

Carrier Direct Spread (DS)-CDMA [27]” and “Multi-Tone (MT)-CDMA [28]”.
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2.2 Three types of OFDM-CDMA systems 18

Figure 2.6: MC-CDMA system structure.

Figure 2.7: MC-DS-CDMA system structure.

In [66], Prasad and Hara reviewed the three types of OFDM-CDMA schemes, and

discussed their advantages and disadvantages in terms of the transmitter and re-

ceiver structures, the spectral efficiency and the downlink bit error rate (BER)

performance. Like non-spread OFDM transmission, OFDM-CDMA methods suf-

fer from high peak-to-mean power ratios, which are dependent on the frequency

domain spreading scheme, as investigated by Choi, Kuan and Hanzo [67]. In the

dissertation, the second scheme, Multi-Carrier DS-CDMA, is selected since it works

well in the uplink communications and is efficient in the establishment of quasi-

synchronized channels [26]. As shown in Fig. 2.6, parallel signals are assigned
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Figure 2.8: MT-CDMA system structure.

on corresponding subcarriers and modulated by each chip respectively in the first

type of system, knows as MC-CDMA system. Sk is the serial sequence from user

k. This implies that the processing gain, M , should be equal to the number of the

subcarriers, N , and each subcarrier conveys a narrowband waveform rather than

a direct-sequence waveform. In other words, the resulting signal has a PN coded

structure in the frequency domain.

The second type of the systems, known as MC-DS-CDMA and shown in Fig. 2.7, is

originally proposed for an uplink communication channel, because the introduction

of OFDM signalling into DS-CDMA scheme is effective for the establishment of

a quasi-synchronous channel. The proposed algorithms in the thesis are based

on this type of system. In MC-DS-CDMA, the available frequency spectrum is

divided into N bands of equal width to transmit different signals.

For the third type system as shown in Fig. 2.8, the MT-CDMA transmitter spreads

the data streams after the conversion from serial to parallel signals, using a given

spreading code in the time domain, so that the spectrum of each subcarrier prior

to spreading operation can satisfy the orthogonality condition with the minimum

frequency separation [28]. Therefore, the resulting spectrum of each subcarrier

no longer satisfies the orthogonal condition. The MT-CDMA scheme uses longer

spreading codes in proportion to the number of subcarriers, as compared with a

normal (single carrier) DS-CDMA scheme, therefore, the system can accommodate

more users than the DS-CDMA scheme.
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The main difference between MC-CDMA and MC-DS-CDMA is how they achieve

spreading process. MC-CDMA system performs the spreading operation in the

frequency domain, while MC-DS-CDMA system performs the spreading operation

in the time domain. Another major difference is the method by which both the

systems separate the data from different subcarriers. In the transmitter, the spread

baseband data from different users is modulated on subcarriers, and the frequency

separation between subcarriers is the same. The modulation signal is summed up

to form a multicarrier signal. The complex baseband multicarrier signal is in fact

nothing more than the inverse Fourier transform of the input symbols.

2.3 Adaptive OFDM

Adaptive OFDM is a new research area on the OFDM scheme combining adaptive

modulation, adaptive subcarrier allocation, adaptive coding and adaptive antenna

with the OFDM technique. A variety of approaches have been proposed for adap-

tive OFDM recently [68–72]. In this chapter, a review of well-known adaptive

OFDM approaches on adaptive modulation and subcarrier allocation is presented.

2.3.1 Adaptive systems

Adaptive modulation and subcarrier allocation are only suitable for duplex com-

munications between the mobile station and the base station. The adaptive in-

formation would be exchanged as shown in Fig. 2.9 and Fig 2.10. If both mobile

station (MS) and base station (BS) estimate the channel quality, as shown in Fig.

2.9, in the uplink, the mobile station (MS) will estimate the channel quality and

decide the modulation scheme and subcarriers allocation, and the adaptive infor-

mation will be sent to the base station for correct demodulations. On the contrary,

the base station (BS) also does the same work in the downlink. However, if channel

estimation and adaptive algorithms are applied in the mobile station, the design

of the MS would be more complicated. Additionally, more power will be provided
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Figure 2.9: Both BS and MS perform channel estimation and adaptive algorithms.

to complete the realization of the complicated algorithms. In the system based on

Fig. 2.10, the channel estimation and adaptive modulation and subcarrier alloca-

tion are performed only by BS, since BS can support much more power than MS.

Therefore, the mobile phone can be designed economically and with less radiation.

But, the channel estimation would be not more accurate than that in Fig. 2.9 since

the characteristics of uplink and downlink channels have much difference normally.

The performance of adaptive modulation and subcarrier allocation algorithms is

based on the accurate channel estimation.

Fig. 2.11 shows a normal adaptive multiuser OFDM system. We assume that the

system has K users and the kth user has a data rate equal to Rk bits per OFDM

symbol. At the transmitter, the serial data from the K users are fed into the

subcarrier and bit allocation block which allocates the number of bits for different

users to different subcarriers. We assume that each subcarrier has a bandwidth

that is much smaller than the coherence bandwidth of the channel and that the

instantaneous channel gains on all the subcarriers of all the users are known to the

transmitter. Using the channel information, the transmitter applies the combined
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Figure 2.10: Only BS performs channel estimation and adaptive algorithms.

subcarrier, bit, and power allocation algorithms to assign subcarriers to different

users and the numbers of bits/OFDM symbol to be transmitted on each subcarrier.

Depending on the number of bits assigned to a subcarrier, the adaptive modulator

will use a corresponding modulation scheme, and the transmission power level

will be adjusted adaptively according to the combined subcarrier, bit, and power

allocation algorithms.

As a technique combined with OFDM, adaptive transmission is very helpful to

improve the performance of an OFDM system in the aspects of bit error rate

(BER), system capacity and capability of supporting high data rates, which will

also be demonstrated subsequently. Adaptation of the transmission parameters is

based on the transmitter’s perception of the channel conditions in the forthcoming

time slot. It is necessary that each received signal or training symbols must be

detected to obtain the estimation of the future channel parameters.

According to the channel conditions on a time slot, the adapting transmission

technique for serial modems in narrowband fading channels has been shown to
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Figure 2.11: A normal multiuser OFDM system with adaptive subcarrier and bit
allocations.

considerably improve the BER performance for time division duplex (TDD) sys-

tems [73]. However, the Doppler fading rate of the narrowband channel has a

strong effect on the achievable system performance [53–56]. If the fading is rapid,

then the prediction of the channel condition for the next transmission time slot is

inaccurate and the wrong set of transmission parameters may be chosen. Therefore,

the adaptive modulation mode can not change rapidly and can only be suitable

to the average channel quality. In contrast, if the channel varies slowly, then the

data throughput of the system is varying dramatically over time. That is because

the modulation control regime changes the adaptive modulation modes in an effort

to obey the channel quality as accurately as possible and all adaptive modulation

modes have different throughputs. This may require a large buffer to smoothen

these bit rate fluctuations in order to ensure a constant data rate. For time-critical

applications, such as interactive speech transmission, the potential delays can be-

come problematic. A given single-carrier adaptive system in narrowband channels

will therefore operate efficiently only in a limited range of channel conditions. The

combination of the adaptive technique with OFDM can ease the problem of slow

time-varying channel since the variation of the signal quality can be exploited in
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both the time and frequency domains. The channel conditions have to be moni-

tored based on the received OFDM symbols and relatively slowly varying channels

have to be assumed because adaptive OFDM transmissions are not well suited to

rapidly varying channel conditions [2].

2.3.2 Previous adaptive algorithms

2.3.2.1 Adaptive bit loading and subcarrier allocation for single-service

Fixed threshold adaptation algorithm

The fixed threshold algorithm was derived from the adaptation algorithm pro-

posed for serial modems [73]. In the case of a serial modem, the channel quality

is assumed to be constant during a symbol time slot, and hence the channel has

to be slowly varying in order to allow accurate channel quality prediction easily.

Under these circumstances, the same modulation modes, chosen according to the

predicted SNR, are employed by all data symbols in the transmission time slot.

The SNR thresholds for a given long-term target BER were determined by Pow-

ell optimization [74]. It was assumed that two uncoded target BERs: 10−2 for a

high data rate “speech” system, and 10−4 for a higher integrity, lower data rate

“data” system. Table 2.1 gives the SNR thresholds ln for activating a given mod-

ulation mode Mn in a slowly Rayleigh fading narrowband channel. Specifically,

the corresponding modulation mode Mn is selected if the instantaneous channel

SNR exceeds the switching level ln. This adaptation algorithm assumes a constant

instantaneous SNR over all of the block’s symbols, but the channel quality varies

between the different subcarriers in the case of an OFDM system over a frequency

selective channel. For subband adaptive OFDM transmission, this implies that the

above switching algorithm cannot be employed if the subband width is wider than

the channel’s coherence bandwidth.

A more detailed analytically motivated discussion on the optimization of the mo-
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Table 2.1: Optimized switching levels for adaptive modulation over Rayleigh fading
channels for the “speech” and “data” systems

l0 l1 l2 l4

speech system -∞ 3.31 6.48 11.61
data system -∞ 7.98 10.42 16.76

dem mode switching thresholds was provided based on Fig. 2.12 in [1]. A five-mode

AQAM system was studied. The operation of the five-mode AQAM scheme is

illustrated in Fig. 2.12 when communicating over a typical narrow-band Rayleigh-

fading channel scenario. The channel-quality related SNR regions are divided by

the modulation mode switching levels sk. The peak instantaneous BER (iBER)

limiting scheme [75] was used for deriving the switching levels used in Fig. 2.12(a).

It is assumed that the peak iBER is Pth = 3 × 10−2 and the associated instanta-

neous bit-per-symbol (BPS) throughput b is also depicted, using the thick stepped

line at the bottom of Fig. 2.12(a). Then it can be observed that the throughput

varies from 0 BPS, when the no-transmission (No-Tx) AQAM mode was chosen,

to 4 BPS, when the 16-QAM mode was activated. During the depicted observa-

tion window, the 64-QAM modulation mode was not activated. The instantaneous

BER, depicted as a thin line using the middle trace of Fig. 2.12(a), is limited by

the peak instantaneous BER of Pth = 3 × 10−2. Fig. 2.12(b) shows the variation

of the modulation selection probability with the average SNR.

The algorithm with fixed thresholds checks the channel SNR and then decides

the modulation scheme, the process time of which is less than other complicated

methods. So it can be realized easily. However, choosing the modulation schemes

based on the SNR regions does not consider the limitation of power consumption

and transmission rates.

Adaptation algorithm by minimizing the transmission power

In [11], multiuser frequency selective fading is utilized to allocate subcarriers and

the number of bits for users. When OFDM with adaptive modulation is applied in
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(a) (b)

Figure 2.12: Various characteristics of the five-mode AQAM scheme communicat-
ing over a Rayleigh-fading channel employing the specific set of switching levels
designed for limiting the peak instantaneous BER to Pth = 3 × 10−2. (a) The
evolution of the instantaneous channel SNR γ is represented by the thick line at
the top of the graph, the associated instantaneous BER pe(γ) by the thin line in
the middle and the instantaneous BPS throughput b(γ) by the thick line at the
bottom. The average SNR is γ̄ = 10 dB. (b) As the average SNR increases, the
higher order AQAM modes are selected more often [1].
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a frequency selective fading channel, a significant portion of the subcarriers may

not be used.

Its objective is to minimize the overall transmission power by allocating the sub-

carriers to the users and determining the number of bits and the power level trans-

mitted on each subcarrier based on the instantaneous fading characteristics of all

users. The multiuser subcarrier, bit, and power allocation problem is formulated

as [11]

P ∗
T = min

ck,n∈D

N∑

n=1

K∑

k=1

1

α2
k,n

fk(ck,n) (2.7)

and the minimization is subjected to the constraints:

1) Rk =
∑N

n=1 ck,n, k ∈ {1, · · · , K};
2) If there exists k′ with ck′,n 6= 0, then ck,n = 0, ∀k 6= k′,

where D = {0, 1, 2, · · · , V } and V is the maximum number of information bits/OFDM

symbol that can be transmitted by each subcarrier. αk,n is the magnitude of the

channel gain of the nth subcarrier as seen by the kth user. fk(c) is the required

received power in a subcarrier for reliable reception of c information bits/symbol

when the channel gain is equal to unity. The adaptive subcarrier, bit and power

allocation algorithm is proposed based on (2.7).

By minimizing the total power of a group of users, the algorithm obtains the

limited data rate of each user. But the limitation of single user’s transmission

power should be considered since this issue is important to the reduction of the

interference between users and the design of the mobile phone.

Adaptation algorithm by maximizing the data throughput

In the multiuser OFDM system, the total data rate is viewed as the sum of all

the users’ data rate, the total data rate of the multiuser OFDM system may be
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represented by

R =
K∑

k=1

N∑

n=1

1

T
log2(1 +

γk,n

Γ
) =

B

N

K∑

k=1

N∑

n=1

log2(1 +
γk,n

Γ
) (2.8)

where T is the OFDM symbol duration which is given as T = 1/Bn = N/B,

B is the total bandwidth and γk,n is the SNR of the subcarrier used by user k.

Additionally, the power constraint of the system is written as

K∑

k=1

N∑

n=1

Pk,n = PT (2.9)

where PT denotes the total transmission power.

Since the subcarrier which appears in deep fade to a particular user may not be in

deep fade to other users, two or more users would have the same best subcarrier

simultaneously. In [8], a proof of the fundamental assumption in [11] and [76]

is provided that a subcarrier is exclusively assigned to only one user to obtain

the maximization of the overall data rate before proposing the adaptive algorithm.

Thus, the multiuser OFDM system can be viewed as a FDMA system with dynamic

subcarrier allocation, which means that each user has its own set of subcarriers to

carry information bits. Consequently, the multiuser OFDM system can be treated

as a single user OFDM system virtually for maximizing overall data rate. Then,

the total rate and the total transmission power constraint may be rewritten as [8]

R =
B

N

N∑

n=1

log2

(
1 + Pk∗

n

)
|αk∗

n
| N

N0B · Γ , (2.10)

where k∗
n = argk max{|α1,n|2, |α2,n|2, · · · , |αK,n|2}, Γ = − ln(5BER)/1.5 for n =

1, 2, · · · , N and

N∑

n=1

Pk∗
n

= PT . (2.11)

One of the contributions of this research is that users cannot share the same sub-

carriers if we want to maximize the sum of the data rates of all users. However,

satisfying the requirements of each user’s data rate should be considered since each

user also has his own demand for the service transmission.
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Constant throughput adaptive OFDM

The time-varying data throughput of an adaptive OFDM modem operating with

either of the two adaptive algorithms discussed above makes it difficult to em-

ploy such a scheme in a wide variety of applications. In order to accommodate

the variable data rate, Torrance [73] studied the system implications of variable-

throughput adaptive modems in the context of narrow-band channels, stressing the

importance of data buffering at the transmitter. The required length of the buffer

is related to the Doppler frequency of the channel. With a slowly varying channel,

slowly varying data throughput is obtained, and therefore a high buffer capacity

is needed. Realtime audio or video transmission is very sensitive to the delay, and

therefore different adaptation algorithms are needed for such applications.

The constant throughput adaptive OFDM scheme proposed in [12] exploits the

frequency selectivity of the channel, while offering a constant transmission rate.

Again, subband adaptivity is assumed in order to simplify the signaling or the

associated blind detection of the modulation schemes.

Based on the expected bit error rate in each subband, the modulation scheme

allocation of the subbands is performed on the basis of a cost function. For each

subband n and each possible modulation scheme mode, s, the expected number

of bit errors, en,s, is calculated on the basis of the estimated channel transfer

function Ĥ, as well as a function of the number of bits transmitted per subband

and modulation scheme, bn,s.

Each subband is assigned a state variable sn holding the index of a modulation

scheme. Each state variable is initialed to “0”, meaning “no transmission”. A set

of cost values, cn,s, is calculated for each subband n and state s as follows:

cn,s =
en,s+1 − en,s

bn,s+1 − bn,s

(2.12)

for all but the highest level modulation index s. If the modulation scheme having

the next higher index is used instead of index in subband, this cost value is related

to the expected increase in the number of bit errors, divided by the increase of
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throughput. In other words, (2.12) quantifies the expected incremental BER of

the state transition s → s + 1 in subband n.

The modulation scheme adaptation is performed to reach the target number of

bits by searching for the block n having the lowest value of cn,s, and incrementing

its state sn. This process is repeated until the total number of bits in the OFDM

symbol reaches the target number of bits. The total number of bits may exceed

the target because of the granularity in bit numbers introduced by the subbands.

In this case, the data is padded with dummy bits for transmission.

This constant throughput adaptive OFDM scheme selects a modulation scheme

for subcarriers on the basis of a cost function with the expected BERs on each

subcarrier. It is suitable to a particular service transmission in multiuser OFDM

systems because fixed data rates and BER requirements could be satisfied. But

its process time would be long because the modulation scheme on each subcarrier

is decided after checking the cost function repeatedly for many subcarriers, which

may not be appropriate for the realtime processing.

2.3.2.2 Adaptive bit loading and subcarrier allocation for multi-service

The multi-service traffic consists of different messages that have different QoS

requirements. For example, the voice service requires a realtime transmission with

the tight delay constraint at low data rates, while the data service requires a

higher data rate with less severe delay constraints. Additionally, voice transmission

endures higher BER, but the data is very sensitive to BER.

Adaptive BPSK/M-AM scheme

To cope with the difference in BER requirements, adaptive hybrid binary phase

shift keying (BPSK)/M -amplitude modulation (AM) is proposed in [77]. It trans-

mits voice over quadrature (Q) channel with BPSK and transmits data over inphase

(I) channel with M -ary AM. The power allocated to voice signal is set to just meet
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the target BER for voice, BERv, and the remaining power is dynamically assigned

to the I channel to support the M -ary AM modulation and to operate below the

target data BER, BERd. Since voice service has higher priority, only voice can be

transmitted when signal-to-noise ratio (SNR) is too low to support both voice and

data. As SNR grows higher, more power can be assigned to I channel to transmit

data at a higher data rate.

Adaptive uniform M-QAM scheme

Since M -ary AM in [77] is less spectrally efficient than that of M -ary quadra-

ture amplitude modulation (QAM), adaptive BPSK/M -AM scheme tends to be

spectrally inefficient at high SNRs. A more efficient method is proposed to em-

ploy adaptive QAM for both data and voice services with different priorities and

switching thresholds in [78].

The proposed method does not send any traffic when the SNR is too low to meet

the required BERv for voice. In this case, voice outage is declared. When the SNR

is larger than γ0 = [erfc−1(2BERv)]
2 (obtained from the exact BER expression of

BPSK), it starts to send voice traffic with BPSK modulation. If the SNR is not

large enough to transmit signals with 4QAM, data outage is declared. Assuming

that V is the maximum number of bits carried by each transmitted symbol, the

data SNR range is divided into V regions, and the constellation size of M = 2v+1

(v is the number of transmitted data bits in a symbol) is allocated to the vth region

(v = 1, 2, · · · , V ). When the channel SNR is in vth region, 2v+1-QAM symbol is

transmitted carrying 1-bit voice and v-bit data. This is called switching threshold

method. Voice is always transmitted by BPSK modulation. In this scheme, both

voice and data transmissions are strict with the BER requirements of data, BERd.

The switching threshold for both voice (1 bit) and data (v bits) is obtained as





γv = 1−2v+1

1.5
ln(5 BERd),

γV +1 = ∞.
(2.13)
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Due to the use of uniform M -QAM modulation, the voice bits get unnecessary

extra protection at the expenses of spectral efficiency at the region with low SNRs

and outage probability for data transmission. The efficiency of multi-service trans-

mission is affected.

Adaptive multi-rate services transmission

In [79], the author proposed adaptive bit loading for multi-rate services. First,

this algorithm assigns corresponding service according to modulation level of each

subcarrier based on the adaptive selection curves in Fig.2 in [79]. If the modulation

level is B0 = {0}, no service is assigned. If the modulation level is B1 = {1, 2}, one

or two bits are assigned to the low-rate service, such as voice service. B2 = {3, 4}
is for high-rate service, such as data service. This algorithm is similar to the fixed

threshold adaptive algorithm except that two kinds of services are considered in

this algorithm.

Dual service optimization

Dual services in [80] mean that the transmissions for two services have different

QoSs. The QoS requirement of one kind of service is generally more strict than

the others. Both data rates of two services would be maximized in [80]. It tries to

obtain the maximum date rate of the other service transmission after guaranteeing

the maximization of the service with higher QoS. Its objective is met by finding

the optimal tone assignment S and the energy E to the optimization problem of

simultaneously providing services with different QoS.

However, it is not appropriate to use the QoS alone as the optimization parameters

for the voice/data systems. It is known that, the QoS of data service, generally

requires more strict requirements of higher data rates than the voice service, and

the delay requirement of voice service is much more critical than the data service,

which should be sufficiently considered for channel resource allocation.
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2.3.3 Transmission of adaptive information between BS

and MS

For performing the demodulation successfully, the adaptive OFDM receiver has to

be informed of the modulation schemes used for the different subbands. This in-

formation can either be conveyed using signaling subcarriers in the OFDM symbol

itself, or the receiver can employ blind detection techniques in order to estimate

modulation schemes used for transmissions, as seen in Fig. 2.9 and 2.10.

Signaling

The simplest way of signaling the modulation scheme employed in a subband is to

replace one data symbol by an M -PSK symbol, where M is the number of possible

modulation schemes [12]. In this case, the reception of each of the constellation

points directly signals a particular modulation scheme in the current subband. In

our case, for four modulation schemes with the assumption of the perfect phase

recovery, the probability of a signaling error ps(γ) is the symbol error probability

of QPSK when employing one signaling symbol. Then the correct subband mode

signaling probability is

(1 − ps(γ)) = [1 − pb,QPSK(γ)]2 , (2.14)

where pb,QPSK(γ) is the bit error probability for QPSK

pb,QPSK(γ) = Q(
√

γ) =
1

2
· erfc

(√
γ

2

)
, (2.15)

which leads to the expression for the modulation scheme signaling error probability

of [12]

ps(γ) = 1 −
[
1 − 1

2
· erfc

(√
γ

2

)]2

. (2.16)

The signaling error probability can be reduced by employing multiple signaling

symbols and maximum ratio combining of the received signaling symbols Rs,n, in
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order to generate the decision variable R′
s prior to decision

R′
s =

Nsym∑

n=1

Rs,n · Ĥ∗
s,n (2.17)

where Nsym is the number of signaling symbols per subband; Rs,n is the received

symbols in the signaling subcarriers and Ĥ∗
s,n is the estimated values of the fre-

quency domain channel transfer function at the signaling subcarriers. Assuming

perfect channel estimation and constant values of the channel transfer function

across the group of signaling subcarriers, the signaling error probability for Nsym

signaling symbols can be expressed as [12]

p′γ,Nsym
= 1 −

(
1 − 1

2
· erfc

(√
Nsymγ

2

))2

. (2.18)

The signaling symbols for a given subband can be interleaved across the entire

OFDM symbol bandwidth in order to benefit from frequency diversity in fading

wideband channels.

Blind detection by SNR estimation

For the blind detection by SNR estimation, the receiver has no knowledge of the

modulation scheme employed in a particular received subband. It would estimate

this parameter by quantizing the de-faded (i.e., fading-compensated) received data

symbols Rn/Ĥn in the subband to the closest symbol R̂n,m for all possible modu-

lation schemes for each subcarrier index n in the current subband. The decision-

directed error energy for each modulation scheme is calculated according to [12]

em =
∑

n

(Rn/Ĥn − R̂n,m)2 (2.19)

and the modulation scheme, which minimizes em, is chosen for the demodulation

of the subband at the receiver.
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2.3.4 Summary

With the QoS requirements of single-service and multi-service transmissions, more

appropriate adaptive algorithms are needed to meet those requirements and adapted

to the increasing traffic transmission in the future, compared with the previous re-

search.

In terms of the combination of CDMA and OFDM techniques, adaptive OFDM

technique is a promising scheme for next generation wireless communications.

Since the status of subchannels is always changing with the environment and time,

the channels can be utilized better with the adaptive algorithms, which are based

on the investigation of the information of all subchannels.

However, the adaptive system becomes more complicated because the transceivers

must exchange adaptive information by some methods every time the algorithms

are performed. Additionally, accurate channel estimation is also needed. More

research has been done in these two aspects, which can support the adaptive algo-

rithms greatly.
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Chapter 3

Performance analysis of

OFDM/CDMA and other OFDM

systems

In this chapter, the OFDM/CDMA, OFDM-TDMA, OFDM-FDMA, OFDM Interleaved-

FDMA and OFDM Group-FDMA systems are described and the performance of

data rates of each user in the OFDM/CDMA, OFDM Interleaved-FDMA and

OFDM Group-FDMA systems is analyzed. Based on the data rate requirement

of each user, the theoretical and simulated results show that the performance of

the OFDM/CDMA system is better than the other OFDM system for multiuser

transmissions with the data rate and transmission power requirements for each

user.

3.1 Introduction

In many transmission scenarios, e.g., for wireless communications, transmission

systems have to cope with time-varying frequency-selective channels due to mul-

tipath propagation. If, as usual, the channel is slowly time-varying compared to

36
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the transmitted symbol time, multicarrier modulation, which is often denoted as

OFDM [3,4,38,43], is an attractive transmission technique. By using OFDM, the

actual dispersive channel is partitioned into frequency-non-selective narrow-band

channels, the so-called tones or subcarriers.

OFDM is considered as a digital modulation technique, rather than a multiuser

channel access technique, since it is utilized for transferring one bit stream over

one communication channel using one sequence of OFDM symbols. Therefore,

OFDM can be combined with multiple access schemes using time, frequency or

coding separation of the users for multiuser transmissions. The OFDM/CDMA

(MC-DS-CDMA) [81] allows all users to share all subcarriers to transmit their

data. Spreading codes are used to distinguish different users at the receiver. Each

user has a wide bandwidth for the transmission to obtain high data rates. However,

the cross-correlation would interfere with the quality of each subband. In [82–84],

OFDM is considered in combination with a TDMA scheme for a cellular mobile

communication system. In an OFDM-TDMA transmission system, it is assumed

that the total bandwidth is exclusively allocated to each user, i.e., all subcarriers,

inside a single TDMA frame, which covers some OFDM symbols. The number

of OFDM symbols per TDMA frame can be varied, according to the demands of

each user. In the considered system, duplex traffic is accomplished by a TDD

approach, using subsequent frames for up- and downlink. In the OFDM-FDMA

system described in [85], each user is assigned a predetermined band of subcarriers

and can only use those subcarriers exclusively in every OFDM symbol. However,

there is a high correlation between the channel gains of adjacent subcarriers in

a frequency selective fading channel. In order to avoid the situation where all

subcarriers of a user are in deep fade, the OFDM Interleaved-FDMA scheme was

proposed.

A traditional multiuser OFDM Interleaved-FDMA system is described in [11]. It is

the same as OFDM-FDMA except that subcarriers assigned to a user are interlaced

with other users’ subcarriers in the frequency domain. However, the interleaving
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of subcarriers among users is fixed regardless of the time-varying channel. Con-

sequently, the utilization efficiency of the whole channel is low. In the multiuser

OFDM system described in [8], which can be considered as an enhanced OFDM

Interleaved-FDMA system, each user’s subcarriers are interlaced dynamically ac-

cording to the channel state of each user during different symbol periods. For one

user, the subcarrier which has highest channel gain seen by this user would be

assigned. Hereby, the frequency diversity of each user is utilized sufficiently. The

OFDM Interleaved-FDMA system to be discussed in this chapter is based on the

dynamic interleaving of users’ subcarriers. In this kind of OFDM system, the inter-

ference between users resulting from the share of the subbands is eliminated, but

fewer subcarriers are used by each user. Besides, individual subcarrier is assigned

to one user according to the time-varying channel information in each symbol.

Thus, this mode of assigning subcarriers gives rise to more complexity. Especially

for the realtime system with so many subcarriers, it looks impractical. In order to

reduce the complexity of the system, OFDM Group-FDMA scheme [29] divides the

available subcarriers into a number groups and the groups with the highest average

channel gain for one user are allocated to this user. However, situations may arise

that two or more users may attempt to select the same subcarrier or group for the

OFDM Interleaved-FDMA and OFDM Group-FDMA systems, which leads to the

conflicts of the subcarrier allocation. Compared with the OFDM/CDMA system,

each user in the OFDM Interleaved-FDMA and OFDM Group-FDMA systems can

only be assigned fewer subbands for data transmissions if more and more users are

required in the system.

This chapter presents that the importance of the OFDM/CDMA system for the

high-rate transmission with the demand of each user’s data rate. Though the mul-

tiuser interference occurs, which results from sharing same subcarriers by multiple

users, high efficiency of using the whole bandwidth will make OFDM/CDMA to

be more practical and promising.
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Figure 3.1: Block diagram of the transmitter of multiuser OFDM/CDMA (MC-
DS-CDMA) system.

3.2 Descriptions of OFDM-related schemes

The transmitter of the multiuser OFDM/CDMA (MC-DS-CDMA) in a single cell

is shown in Fig. 3.1. Spreading codes {Gk(t)}, such as Gold-Codes [86], are used

to distinguish different users at the receiver. Parallel data streams are put onto the

orthogonal subcarriers with the frequencies f1, f2, f3, · · · , fN , where ωn = 2πfn.

User k (k = 1, 2, · · · , K) can use all N subcarriers to transmit data. Actually, the

process that the parallel data are put on those orthogonal subcarriers is done by

inverse fast Fourier transform (IFFT) process. At the receiver, inverse processes,

such as decorrelation of spreading codes and fast Fourier transform (FFT), will be

performed to obtain the original data.

The block diagram of the transmitter of multiuser OFDM-TDMA system and an

example of a TDMA frame (4 users) are given in Fig. 3.2 and Fig. 3.3. After the

data stream is converted to be parallel, mapping to TDMA frames is performed on

subcarriers of each user. Fig. 3.4 shows the scheme of multiuser OFDM-FDMA.

Each user is allocated some subcarriers and the subcarriers assigned to users are

not changed during the data transmission. In Fig. 3.5, the transmitter of the
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Figure 3.2: Block diagram of the transmitter of multiuser OFDM-TDMA system.
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User data
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Figure 3.3: Example of a TDMA frame for an OFDM transmission system (the
numbers denote OFDM symbols).

multiuser OFDM Interleaved-FDMA system is shown. Subcarriers can not be

shared by users. For one user, the choice of the subcarriers would change with the

instantaneous channel information. The subcarrier which has highest channel gain

seen by this user would be assigned. For example, the third and Nth subcarriers

have the highest channel gains for user 2. Then, the numbers of bits are loaded

by adaptive algorithms on every subcarrier individually. For the scheme named as

OFDM Group-FDMA, subcarriers are partitioned into some groups. The group

with the highest average channel gain for one user are allocated to this user, as

shown in Fig. 3.6. The subcarriers in one group will carry the same numbers

of bits. After the partition, the number of subcarrier groups is much less than
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Figure 3.4: Block diagram of the transmitter of multiuser OFDM-FDMA system.

that of subcarriers, so the complexity of the adaptive algorithm of the subcarrier

allocation becomes easier for each user. Thus, the processing time cost by the

algorithm and the complexity is reduced, which is more suitable for realtime data

transmissions. The instantaneous channel information of all users must be taken

into account and the type of modulation scheme employed is dependent on the

average channel gain of a group.

3.3 System model

Consider an OFDM signal represented in the time domain as

x(t) =
∑

n

s[n]ej2πfnt, 0 ≤ t ≤ T (3.1)

where T is the symbol duration, s[n] is the modulated signal by M -PSK or M -

QAM, fn = f0 + n∆f is the frequency of the nth subcarrier and ∆f = 1/T . Since

the transmission channel in frequency-selective fading is divided into many narrow

subchannels, which are transmitted in parallel. Therefore, each subchannel can be

assumed as flat fading. For flat fading conditions, the channel-impulse response
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Figure 3.5: Block diagram of the transmitter of multiuser OFDM Interleaved-
FDMA system.

can be represented as

h(t, τ) = r(t)δ(τ) (3.2)

where r(t) is a wide-sense stationary stochastic process with zero mean and unit

variance. For the classical Jakes’ Doppler spectrum [87], the spectral density of

r(t) is

PJ(f) =





1
πfd

1√
1−

(
f
fd

)2
, if |f | < fd;

0, Otherwise.

(3.3)

where fd is the maximum Doppler frequency. The Jakes’ model popularizes the

Doppler spectrum associated with Rayleigh fading, and, as a result, this Doppler

spectrum is often termed Jakes’ spectrum. Due to the frequency offset, the inter-

carrier interference (ICI) from other subcarriers is caused by the loss of orthog-

onality between the subchannels. At the output of the IFFT process, we add a

cyclic prefix to protect the OFDM symbols from inter-symbol interference (ISI)

due to multipath spreads and against timing-offset efforts at the receiver. Then

ISI can be mitigated.
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Figure 3.6: Block diagram of the transmitter of multiuser OFDM Group-FDMA
system.

At the receivers of OFDM Interleaved-FDMA and OFDM Group-FDMA systems,

the demodulated signal of user i on the n1th subcarrier in one symbol duration

is [88]

ỹi[n1] =
1

T

∫ T

0

r(t)
∑

n

si[n]ej2πfnte−j2πfn1 tdt + η

=
∑

n

[
1

T

∫ T

0

r(t)e−j2π(fn1−fn)tdt

]
si[n]

= a0si[n1] +
∑

n6=n1

an1−nsi[n] + η, (3.4)

where η is an independent Gaussian random variable with variance equal to σ2, a0

represents the attenuation and phase shift of the desired signal and the al represents

the channel gain of the interfering signal for l 6= 0,

al =
1

T

∫ T

0

r(t)e−j2πl∆ftdt. (3.5)
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If al 6= 0 with any time variation in the channel, the ICI occurs, as shown by the

second term in the right-hand side of (3.4). The ICI power is defined as [88]

Pi,ICI = E

∣∣∣∣∣
∑

l 6=0

alsi[n1 − l]

∣∣∣∣∣

2

. (3.6)

In the OFDM/CDMA system, since users will share subcarriers to transmit signals

and the spreading codes are used to distinguish each user at the receiver, the cross-

correlation would give rise to the interference between users on the same subbands,

called as multiple access interference (MAI). The cross-correlation of the spreading

codes ρk,i between the spreading codes Gi(t) and Gk(t), as shown in Fig. 3.1, is

described in (3.7). It contributes the interference between users i and k on each

subcarrier,

ρk,i(τk) =
1

Ts

∫ Ts

0

Gi(t)Gk(t − τk)dt (3.7)

where τk is the variation of the time shift for user k and Ts is the length of the

spreading code. Fig. 3.7(a) shows the autocorrelation of Gold sequence of length

31. The cross-correlation between the spreading codes of different users with vari-

ous delays τk is given in Fig. 3.7(b). So in the multiuser OFDM/CDMA system,

the demodulated signal of the ith user on the n1th subcarrier in one symbol dura-

tion is

z̃i[n1] =
1

T

∫ T

0

r(t)
∑

n

si[n]ej2πfnte−j2πfn1 tdt

+
1

T

∫ T

0

r(t)
∑

k 6=i

sk[n1]e
−j2πfn1 t · ρk,idt + η

= a0si[n1] +
∑

n6=n1

an1−nsi[n] +
∑

k 6=i

ân1sk[n1]ρk,i + η, (3.8)

where

ân =
1

T

∫ T

0

r(t)e−j2πfntdt. (3.9)
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The OFDM/CDMA system suffers from the ICI and MAI simultaneously compared

with the OFDM Interleaved-FDMA and OFDM Group-FDMA systems. The MAI

power due to sharing the n1th subcarrier by other users is defined as

Pi,MAI = E

∣∣∣∣∣
∑

k 6=i

ân1sk[n1]ρk,i

∣∣∣∣∣

2

. (3.10)

3.4 Data rate analysis for OFDM-related schemes

In [11], it has been shown that OFDM-TDMA has the very similar performance

to the traditional OFDM Interleaved-FDMA and outperforms OFDM-FDMA in

terms of some aspects, such as average SNR versus root mean square(RMS) delay

spread and number of users, BER versus average SNR, and the outage probabil-

ity versus the distance from transmitter. Therefore, OFDM-TDMA and OFDM-

FDMA would be not analyzed here.

We assume a slowly-varying flat-fading Rayleigh channel at a rate slower than

the symbol rate, so that the channel remains roughly constant over each symbol

duration. The Rayleigh fading amplitude α follows the probability density function

(pdf) [89]

f(α) =
2α

Ω
e−α2/Ω, α > 0 (3.11)

where Ω = E{α2} is the average fading power.

On the nth subcarrier of user i, the BER expression for the MQAM signal with

Gray bit mapping in additive white Gaussian noise (AWGN) is approximately a

function of received signal-to-noise ratio (SNR) and constellation size M = 2ci,n

expressed as [90,91]:

BER ≈ 2

ci,n

(
1 − 1√

2ci,n

)
× erfc

(√
1.5

γi,n

2ci,n − 1

)
(3.12)
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Figure 3.7: Autocorrelation of Gold sequence and Cross-correlation between Gold
sequences for three users (Length = 31).
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where ci,n is the number of loaded bits on the nth subcarrier for user i. The ap-

proximation in (3.12) is the tightest with high SNRs. Because the above expression

is not easily differentiable or invertible with ci,n, assuming that QAM modulation

and ideal phase detection are used as in [92], the BER for the nth subcarrier signal

of the kth user is bounded by [92]

BER ≤ 1

5
exp

(−1.5γi,n

2ci,n − 1

)
, (3.13)

Note that the BER bound in (3.13) is valid for ci,n ≥ 2 and 0 ≤ γi,n ≤ 30 dB. For

a given BER, (3.13) can be rearranged into the number of bits to be transmitted

on the ith user’s nth subcarrier

ci,n = log2

(
1 +

γi,n

Γi

)
, n = 1, 2, · · · , N ; i = 1, 2, · · · , K, (3.14)

where Γi = − ln(5BERi)/1.5. Note that Γi, which is a function of the required

BER, has a positive value larger than 1 in the range of BER < (1/5) exp(−1.5) ≈
0.0446.

The transmission data rates supported by the three types of OFDM systems will

be analyzed mathematically in the following parts.

3.4.1 Data rate in the multiuser OFDM/CDMA system

For the multiuser OFDM/CDMA system with K users and N subcarriers, αk,n

represents the fading for the nth subcarrier between the base station and the kth

user. In OFDM systems, since the total bandwidth B is equally divided into

N orthogonal subbands and the subband signals are transmitted in parallel, the

bandwidth of the subcarrier signal becomes Bn = B/N for all n and, therefore, the

noise variance σ2 is N0Bn = N0B/N , where N0 is the noise power spectral density.

P̃i,n is assumed to represent the received power of the ith user’s nth subcarrier,

and the received signal-to-noise ratio (SNR) for the nth subcarrier of user i can be
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written as

γi,n =
P̃i,n

σ2 + Pi,ICI + Pi,MAI

=
E |a0si[n]|2

σ2 + E
∣∣∣
∑

l 6=0 alsi[n − l]
∣∣∣
2

+ E
∣∣∣
∑

k 6=i ân1sk[n]ρk,i

∣∣∣
2 . (3.15)

The interference term between users in the denominator of (3.15) arises from shar-

ing a subcarrier by multiple users. γm,i,n represents the γi,n in the mth symbol

duration, and in the multiuser OFDM/CDMA system, the ith user’s data rate will

be calculated during M -symbol period in the multiuser OFDM/CDMA system,

which is represented by

Ri =
M∑

m=1

N∑

n=1

ci,n

=
M∑

m=1

N∑

n=1

log2

(
1 +

γm,i,n

Γi

)

=
M∑

m=1

N∑

n=1

log2


1 +

1

Γi

· E |a0sm,i[n]|2

N0B
N

+ E
∣∣∣
∑

l 6=0 alsm,i[n − l]
∣∣∣
2

+ E
∣∣∣
∑

k 6=i ân1sm,k[n]ρk,i

∣∣∣
2


 .

(3.16)

3.4.2 Date rate in the multiuser OFDM Interleaved-FDMA

system

According to the same data requirements for users in the OFDM/CDMA and

OFDM Interleaved-FDMA systems, the signals to be transmitted on each sub-

carrier are different between the two OFDM systems. And s′i[n] represents the

signal on the nth subcarrier of user i in the OFDM Interleaved-FDMA system.

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



3.4 Data rate analysis for OFDM-related schemes 49

The OFDM Interleaved-FDMA system does not allow more than one user to use

one subcarrier and the received SNR for the ith user’s nth subcarrier signal in the

OFDM Interleaved-FDMA system should be

γ′
i,n =

P̃ ′
i,n

σ2 + P ′
i,ICI

=
E |a0s

′
i[n]|2

N0B
N

+ E
∣∣∣
∑

l 6=0 als′i[n − l]
∣∣∣
2 . (3.17)

Since only the subcarrier with the best quality seen by the user will be assigned,

we set pm,i,n to be “1” when the nth subcarrier is selected by the ith user during

the mth OFDM symbol period and “0” when it is not selected.

pm,i,n =





1, the nth subcarrier is selected by the ith user;

0, the nth subcarrier is not selected by the ith user,
(3.18)

with the condition of

K∑

i=1

N∑

n=1

pm,i,n = N. (3.19)

Accordingly, the ith user’s data rate obtained by OFDM Interleaved-FDMA during

M -symbol period should be

R′
i =

M∑

m=1

N∑

n=1

pm,i,n · cm,i,n

=
M∑

m=1

N∑

n=1

pm,i,n · log2

(
1 +

γ′
m,i,n

Γi

)

=
M∑

m=1

N∑

n=1

pm,i,n

· log2


1 +

1

Γi

·
E

∣∣a0s
′
m,i[n]

∣∣2

N0B
N

+ E
∣∣∣
∑

l 6=0 als′m,i[n − l]
∣∣∣
2


 .

(3.20)
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3.4.3 Data rate in the multiuser OFDM Group-FDMA sys-

tem

In the OFDM Group-FDMA system, the total subcarriers are divided into some

groups, and one subchannel group with highest average SNR for one user, will be

assigned to this user. It is assumed that the total channel has Y subcarrier groups,

each group consists of X subcarriers and s′′i [n] represents the signal transmitted

on the nth subcarrier of user i in this system. The data rate is dependent with

the average SNR within the yth group, which is

γ′′
i,y =

∑Xy

n=1 P̃ ′′
i,n

Xσ2 + P ′′
i,ICI

=

∑Xy

n=1 E |a0s
′′
i [n]|2

X N0B
N

+
∑Xy

n=1 E
∣∣∣
∑

l 6=0 als′′i [n − l]
∣∣∣
2 (3.21)

where Xy represents the number of subcarriers in group y. Since only the subcarrier

group with the highest average channel SNR seen by the user will be assigned, we

set pm,i,y to be “1” when the yth subcarrier group is selected by the ith user during

the mth OFDM symbol period and “0” when it is not selected.

pm,i,y =





1, the yth subcarrier group is selected by the ith user;

0, the yth subcarrier group is not selected by the ith user.
(3.22)

with the condition of

K∑

i=1

Y∑

y=1

X · pm,i,y = N. (3.23)

Then the data rate of the ith user in the multiuser OFDM Group-FDMA system

during M -symbol period is

R′′
i =

M∑

m=1

Y∑

y=1

pm,i,y ·
Xy∑

n=1

cm,i,n
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=
M∑

m=1

Y∑

y=1

X · pm,i,y ·
[
log2

(
1 +

γ′′
m,i,y

Γi

)]

=
M∑

m=1

Y∑

y=1

X · pm,i,y

· log2


1 +

1

Γi

·
∑Xy

n=1 E
∣∣a0s

′′
m,i[n]

∣∣2

X N0B
N

+
∑Xy

n=1 E
∣∣∣
∑

l 6=0 als′′m,i[n − l]
∣∣∣
2


 . (3.24)

3.4.4 Comparison on data rates

In [8], given the total transmission power of the whole system, the data rates

on a subcarrier of the OFDM/CDMA and OFDM Interleaved-FDMA systems

are compared under the condition of the same transmission power assigned on a

subcarrier. It shows that the total data rate of the multiuser OFDM Interleaved-

FDMA system is higher than that in the OFDM/CDMA system only when the

subcarrier is assigned to only one user who has the best channel gain for that

subcarrier. However, if it is considered that each user has its own requirements of

data rates and transmission power, the data rates and transmission power allocated

on a subcarrier will be decided based on each user’s requirements in different

OFDM systems. This is not considered sufficiently in the algorithm proposed

in [8].

Appendix A gives the comparison of the number of loaded bits on a subcarrier be-

tween the OFDM/CDMA and OFDM Interleaved-FDMA systems with K users.

If each user’s data rate, BER and transmission power requirements are considered,

the transmission power allocated on a subcarrier will be decided based on these

requirements. According to Appendix A, we can know that the OFDM Interleaved-

FDMA cannot achieve higher data rates on a subcarrier if the transmission power

on this subcarrier is allocated less than a threshold. However, although more

transmission power is allocated and then more bits can be carried on this subcar-

rier, less transmission power would be left for other subcarriers. In addition, it is
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possible that some users in deep fading are not assigned any subcarrier and fail

to meet their data rate requirements if all subcarriers have not the best channel

gain for these users or all subcarriers have already been occupied by other users

to meet their data rate requirements. Or, these users can only be assigned very

few subcarriers. Besides, some users would have the same subchannels with the

best channel gains, and their priorities to be allocated subcarriers are not consid-

ered. Possibly, the sequences of allocating subcarriers to different users will lead

to greatly negative effects to the performance of those users whose subcarriers are

assigned later.

Therefore, in order to satisfy the data rate requirement of each user, we will not

pursue the data rate maximization of the whole system. The data rate require-

ment of each user will try to be guaranteed. During the performance comparisons

between these three OFDM systems in this chapter, the data rate requirement is

considered. We set a lower limit of the data rate for each user, Rs, according to the

different numbers of subcarriers, as the lowest data rate requirement. The outage

of the user with Ri < Rs in the OFDM/CDMA system will be declared. In the

OFDM Interleaved-FDMA or OFDM Group-FDMA system, if user i has the data

rate with Ri < Rs, Table. 3.1 will be performed to improve its data rate at the cost

of other users’ data rates. From the subcarriers of user j having the highest data

rate, we can find the subcarrier with the maximum channel gain seen by user i.

Then an appropriate number of bits are loaded according to (3.14). The iteration

will be processed until Ri = Rs. Meanwhile, we should guarantee Rj > Rs. It is

noted that the loops will also be stopped when the ith user’s transmission power,

Pi, becomes more than the power limitation, PT , Ri ≥ Rs, or Rj ≤ Rs. The

procedure prevents that overfull subcarriers are occupied by some users and inad-

equate subcarriers remain for other users to support their requirements. Clearly,

in the OFDM Interleaved-FDMA and OFDM Group-FDMA systems, the lowest

data rate requirement, set for each user, limits the data rates of some other users

by reducing some subcarriers with high channel gains. The outage of user i with

Ri < Rs, will be declared after Table. 3.1 is performed.
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Table 3.1: Adjustment of the number of loaded bits for user i if Ri < Rs

Loops begin:

/* Find the user having the highest data rate */
j = arg maxk Rk, (k 6= i and Rk > Rs);

/* Find the subcarrier with the maximum αi,n in the jth user’s subcarriers {nj} */
n′ = arg max{nj} αi,n;

/* Bit allocation on subcarrier n′ for user i */

ci,n′ = log2

(
1 +

γi,n′

Γi

)
;

If (Pi ≥ PT || Ri ≥ Rs || Rj ≤ Rs)
Break;

else
Continue;

Loops End.

According to (3.16), (3.20) and (3.24), the expressions of the ith user’s data rates

of the mth OFDM symbol in the OFDM/CDMA, OFDM Interleaved-FDMA and

OFDM Group-FDMA systems, respectively, are

Rm,i =
N∑

n=1

log2

(
1 +

γm,i,n

Γi

)
, (3.25)

R′
m,i =

N∑

n=1

pm,i,n · log2

(
1 +

γ′
m,i,n

Γi

)
, (3.26)

and

R′′
m,i =

Y∑

y=1

X · pm,i,y · log2

(
1 +

γ′′
m,i,y

Γi

)
. (3.27)
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Therefore, the difference, ∆R′
m,i, between Rm,i and R′

m,i is

∆R′
m,i = Rm,i − R′

m,i

=
N∑

n=1

log2

Γi + γm,i,n

Γi

−
N∑

n=1

(
pm,i,n · log2

Γi + γ′
m,i,n

Γi

)
. (3.28)

And the difference, ∆R′′
m,i, between Rm,i and R′′

m,i is

∆R′′
m,i = Rm,i − R′′

m,i

=
N∑

n=1

log2

Γi + γm,i,n

Γi

−
Y∑

y=1

X · pm,i,y · log2

Γi + γ′′
m,i,y

Γi

(3.29)

For the analysis of ∆R′
m,i, it is assumed that the average channel SNRs for the

ith user are γ̄m,i and γ̄′
m,i for the OFDM/CDMA and OFDM Interleaved-FDMA

systems respectively during the mth symbol period. Accordingly, we get

N∑

n=1

log2

Γi + γm,i,n

Γi

= N · log2

Γi + γ̄m,i

Γi

, (3.30)

and

N∑

n=1

(
pm,i,n · log2

Γi + γ′
m,i,n

Γi

)
=

(
N∑

n=1

p̂m,i,n

)
· log2

Γi + γ̄′
m,i

Γi

, (3.31)

where p̂m,i,n ∈ [0, 1] represents the probability that the ith user choose the nth

subcarrier in the mth OFDM symbol duration of the OFDM Interleaved-FDMA

system, with the condition of

N∑

n=1

p̂m,i,n =
N∑

n=1

pm,i,n. (3.32)

So, referring to (3.28),

∆R′
m,i = N · log2

Γi + γ̄i

Γi

−
(

N∑

n=1

p̂m,i,n

)
· log2

Γi + γ̄′
i

Γi

(3.33)
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is obtained. In terms of ∆R′
m,i in (3.33), we can define,

U ′
m,i =

N∑

n=1

p̂m,i,n − log2(Γi + γ̄m,i) − log2 Γi

log2(Γi + γ̄′
m,i) − log2 Γi

· N . (3.34)

In the OFDM Interleaved-FDMA system, based on (3.34) and the whole channel

information for users, U ′
m,i will increase with the number of subcarriers assigned to

the user,
∑N

n=1 p̂m,i,n. Possibly U ′
m,i ≥ 0 can be obtained and ∆R′

m,i will be negative

for a particular user i when many subcarriers are assigned to user i. However, the

improvement of the ith user’s performance will lead to the reduction of the number

of subcarriers,
∑N

n=1 p̂m,k,n, (k 6= i), to be assigned to other users, and the lowest

data rate requirement, Rs, will not be satisfied for other users. Especially if user

i has the highest priority to occupy the subcarriers, all other users with their own

requirements of data rates will be affected greatly, such as ∆R′
m,k < 0, (k 6= i).

Besides, if more new users are required in the OFDM Interleaved-FDMA system,
∑N

n=1 p̂m,k,n will decrease further based on the limited number of total subcarriers,

N . Whereas, the users in the OFDM/CDMA system can always be allocated to

all subcarriers for the data transmission regardless of the users’ priorities.

Similarly, referring to (3.34), for the analysis of ∆R′′
m,i, U ′′

m,i can be defined as

U ′′
m,i = X ·

Y∑

y=1

p̂m,i,y −
log2(Γi + γ̄m,i) − log2 Γi

log2(Γi + γ̄′′
m,i) − log2 Γi

· N, (3.35)

where γ̄′′
m,i is the average channel SNR for the ith user during the mth symbol

period in the OFDM Group-FDMA system and p̂m,i,y ∈ [0, 1] is the probability

that the ith user chooses the yth subcarrier group with

Y∑

y=1

p̂m,i,y =
Y∑

y=1

pm,i,y . (3.36)

Since the subcarrier group allocation scheme in the OFDM Group-FDMA system

is similar to that in the OFDM Interleaved-FDMA system, the OFDM Group-

FDMA system is also facing the problems mentioned above. Additionally, the

OFDM Group-FDMA system has lower utilization efficiency of frequency diversity

for each user, but it is less complicated than the OFDM Interleaved-FDMA system.
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Figure 3.8: The channel amplitudes of subcarriers of user i in different symbol
periods.

3.5 Performance analysis

To ensure a fair comparison of these OFDM schemes, we use the optimal bit

allocation (OBA) [11] for each user on the assigned subcarriers. Based on the

mathematical analysis on the data rates of these subcarrier allocation schemes

for multiuser systems, the simulation results will be shown in this section. Fig.

3.8 shows the channel model, which has N = 256 subcarriers during M = 60

symbols. In each symbol period, 256 subcarriers have different channel amplitudes

because of the frequency selective fading. However, when the whole bandwidth

is divided into 256 narrow subbands, each subband follows the flat fading. The

channel fading obeys a Rayleigh distribution of a maximum Doppler frequency

of fd = 111 Hz in a wireless system with the carrier frequency of 2.4 GHz and

a vehicular velocity of 50 km/h. Each user’s data is sent by the transmitter of
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Figure 3.9: The comparison of the average data rates in the OFDM/CDMA,
OFDM Interleaved-FDMA and OFDM Group-FDMA systems at different average
SNRs when the data services with BER = 10−2 and BER = 10−5 are transmitted
in the three-user system with 256 subcarriers (Rs = 20 bits/symbol).
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the OFDM system set up with these configurations, and the transmitted signals

can be demodulated at the receiver. Since the summation of each user’s data rate

during M symbols period is too large, the average data rate calculated for each user

during one symbol period would be the parameter as the performance comparison

between these schemes. In the multiuser OFDM system, each user has its own

data rate, BER and transmission power requirements. And the lower limit of each

user’s data rate is set as Rs = 20 bits/symbol. The transmission power of each

user, i.e., 23 dBm 1, is applied as a threshold, which takes account of limiting the

transmission power of each user as well as the power interference to other users.

The performance is analyzed for each user’s data rate, instead of the total data

rates of the whole system. It is assumed that a three-user system is considered,

Gold-Codes (Length = 31) are used as spreading codes in the OFDM/CDMA

scheme and each group has 4 subcarriers (X = 4) for the OFDM Group-FDMA

scheme. In terms of the system model and the analysis of data rates in the three

systems, the following results show that OFDM/CDMA scheme can obtain better

performance in supporting higher data rates and system capacity.

With Rs = 20 bits/symbol, Fig. 3.9(a) and (b) give us the comparison of data rates

obtained from a three-user system with BER = 10−2 and BER = 10−5 based on sim-

ulations and theoretical analysis. If the required BER is 10−2, the OFDM/CDMA

scheme can get nearly 25 ∼ 50 bits/symbol more than the other two schemes when

the average SNR varies from 5 to 30 dB. When the data service is transmitted with

the required BER of 10−5, the user can get 175 bits/symbol with the subcarrier

allocation of OFDM/CDMA scheme, while the other two only can get around 140

bits/symbol at the average SNR of 20 dB. Therefore, for the multiuser transmis-

sion with different BER requirements, OFDM/CDMA outperforms the other two

schemes in supporting higher data rates. For the OFDM Interleaved-FDMA and

OFDM Group-FDMA, though the data rate is lower by the latter than the former,

such a little difference can be tolerant because the OFDM Group-FDMA scheme

1In the absence of any justification, the transmission power would be 200 mW (10 lg 200 = 23
dBm), the maximum level for many CDMA mobile handsets.
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has less complexity and less process time.

In the OFDM systems with different numbers of subcarriers, Fig. 3.10(a) and

(b) give the the rates in the three systems with the conditions of BER = 10−2

and BER = 10−5. When the average SNR is 10 dB and BER is 10−2, the

OFDM/CDMA scheme can get 55 bits/symbol, while OFDM Interleaved-FDMA

and OFDM Group-FDMA can get 35 and 30 bits/symbol in the 96-subcarrier sys-

tem. For the 160-subcarrier system with the average SNR = 20 dB, the data rate

of 253 bits/symbol is supported by the OFDM/CDMA system, and the other two

can get around 205 bits/symbol. When the required BER is 10−5, it is certain that

this condition will support lower data rates than that with BER = 10−2, as shown

in Fig. 3.10(b). When the OFDM system has 96 subcarriers, OFDM/CDMA

can support only 27 bits/symbol if the average SNR is 10 dB. And this value

of the data rate is around and below 10 for the user in the OFDM Interleaved-

FDMA and OFDM Group-FDMA systems. When the average SNR is 20 dB in an

160-subcarrier system, the OFDM/CDMA scheme can support 112 bits/symbol,

OFDM Interleaved-FDMA and OFDM Group-FDMA get nearly 87 bits/symbol.

In terms of the difference of the data rates, ∆R′
m,i and ∆R′′

m,i will increase with the

number of users in the OFDM system based on the limited number of subcarriers.

As shown in Fig. 3.11(a) with BER = 10−2 and the average SNR of 20 dB,

the differences between OFDM/CDMA, OFDM Interleaved-FDMA and OFDM

Group-FDMA, ∆R′
m,i and ∆R′′

m,i, reach nearly 70 bits/symbol when the OFDM

systems are supporting ten users with 256 subcarriers. For a required data rate

of 350 bits/symbol at the average SNR of 20 dB, one more user can be supported

by the OFDM/CDMA system than the other two systems. In Fig. 3.11(b), at the

average SNR of 10 dB, the data service with BER = 10−5 cannot be transmitted

with very high rates in the systems with limited subcarriers since many subchannels

in deep fading are discarded. It is difficult for the some users in the three OFDM

systems to support the data service transmission with Rs = 20 bits/symbol if more

than nine users are supported, especially for the OFDM Interleaved-FDMA and
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Figure 3.10: The comparison of the average data rates obtained by OFDM/CDMA,
OFDM Interleaved-FDMA and OFDM Group-FDMA with different numbers of
subcarriers when the data service is transmitted at the average channel SNRs of
10 and 20 dB in the three-user system (Rs = 20 bits/symbol).
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OFDM Group-FDMA systems. Since many subcarriers are in deep fading, only

few subcarriers are assigned to each user with the limited number of subchannels,

while eight users in the OFDM/CDMA system can still share all the available

subcarriers to transmit data even when the whole channel does not have high

channel gain.

3.6 Conclusion

In this chapter, five subcarrier allocation schemes for multiuser OFDM systems are

described in detail and the performance of OFDM/CDMA, OFDM Interleaved-

FDMA and OFDM Group-FDMA are analyzed. Based on the satisfaction of each

user’s data rate requirement, the results show that the OFDM/CDMA scheme

outperforms OFDM Interleaved-FDMA and OFDM Group-FDMA on different

situations, such as different average SNRs, BER requirements, numbers of subcar-

riers and users. OFDM/CDMA is more suitable and promising for the multimedia

service in the multiuser systems with high data rates, lower BER requirements and

high system capacity in the future.
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Figure 3.11: The comparison of the average data rates obtained by OFDM/CDMA,
OFDM Interleaved-FDMA and OFDM Group-FDMA with different numbers of
users when the data service is transmitted at the average channel SNRs of 10 and
20 dB in the 256-subcarrier system.
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Chapter 4

Adaptive bit allocation

algorithms for multiuser

OFDM/CDMA systems

An adaptive bit allocation algorithm is proposed for the multiuser transmission in

OFDM/CDMA systems. The proposed scheme takes advantage of frequency di-

versity to dynamically allocate a suitable number of bits/per symbol on subcarriers

of each user based on the objectives of the required transmission rate and BER. A

suboptimal solution to the problem of the bit allocation on subcarriers for each user

is derived by minimizing the interference power from each user. Then an algorithm

for adjusting the number of allocated bits is used to further reduce the interference

without changing the total transmitted data rate. The performance obtained by

minimizing the interference resulting from each user is studied in terms of bit error

rate, transmission data rate and the system capacity supporting multiple users.

The theoretical analysis and simulation results show that the proposed algorithm

substantially outperforms those reported previously.

63
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4.1 Introduction

Intensive research interests have been in adaptive modulation techniques for broad-

band transmission over wireless channels to efficiently support multimedia services,

Internet access and future generation mobile communications. One important is-

sue is the ability to combat intersymbol interference (ISI) in wideband transmis-

sion over multipath fading channels. Multicarrier modulation technique, such as

OFDM, appears to be a promising solution to this problem.

This chapter considers efficient multiuser transmission in multicarrier DS-CDMA

(MC-DS-CDMA) systems [81]. The MC-DS-CDMA systems generally perform

well and are efficiently used for quasi-synchronized channels [26]. It was reported

that with the known instantaneous channel characteristics or transfer functions,

the use of adaptive bit allocation algorithms could achieve significant perfor-

mance improvements in terms of the transmission power, channel throughput and

BER [6–13, 93–96]. In general, a higher order modulation scheme is used to load

more bits per symbol on subcarriers with large channel gains or signal-to-noise

ratios (SNRs) for higher transmission throughput and a low order modulation

scheme is employed to allocate one or zero bit per symbol on the subcarriers with

low channel gains. It is necessary to achieve a good compromise between the

BER performance and system throughput. As the frequency fading deteriorates

the SNRs of certain subcarriers and improves the SNRs of other subcarriers, the

potential loss of transmission throughput due to the exclusion of deeply faded sub-

carriers can be mitigated by employing higher order modulation techniques on the

subcarriers that have high SNRs.

Adaptive algorithms of bit and subcarrier allocation have been studied in several

aspects. Some reported work focused on improving the network performance by

maximizing the transmission data rates [6–9] or spectral efficiency [93,94]. Adap-

tive resource allocation was investigated in [10] to achieve both multiuser diversity

and fairness with maximum utilization. The minimization of total transmission
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power of a group of users in multiuser systems was attempted by using a mul-

tiuser adaptive OFDM scheme (MAO-OFDM) [11] or one user in single-user sys-

tems [13, 95, 96]. Though MAO-OFDM tried to minimize the total transmission

power of all users in a cell, users cannot transmit data with the whole bandwidth,

which substantially reduces the channel efficiency. In [12], constant throughput

adaptive OFDM (CTAO-OFDM) selects a suitable modulation scheme for subcar-

riers on the basis of a cost function (see Equation (3) in [12]) with the expected

BERs on each subcarrier. The two methods in [11] and [12] were found to be

more suitable to single-service transmissions with the data rate and BER require-

ments in multiuser OFDM systems because fixed data rates and BER require-

ments could be satisfied. For multiuser systems, it is very important to minimize

the interference power among different users because all users share all subcarriers

with different spreading codes. The adaptive bit loading (or allocation) algorithm

(ABLA-OFDM) proposed in this chapter deals with the minimization of the in-

terference from each user in the cell. Our theoretical analysis and experimental

simulations show that the minimization of the interference resulting from each user

provides significant improvements on BER performance, data throughput and the

number of users supported by the system. It is clear that there is a certain amount

of transmission overhead as the base station (BS) has to inform users about the

number of loaded bits assigned to each subcarrier and channel information of other

users. However, this overhead can be relatively small, especially if the channels

vary slowly (e.g., in an indoor low mobility environment), and the assignment is

done once for every OFDM symbol. To further reduce the overhead, we can assign

a contiguous band of subcarriers with similar fading characteristics as a group,

instead of assigning each individual subcarrier [11].
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Figure 4.1: Block diagram of a multiuser adaptive OFDM/CDMA system.

4.2 Adaptive bit loading algorithm for single ser-

vice transmission

4.2.1 Adaptive multiuser single-service system

The multiuser adaptive OFDM/CDMA system in a single cell with adaptive bit

allocation facilities for the transmission is shown in Fig. 4.1. It is assumed that the

cell has K users sharing N subcarriers with CDMA techniques. The kth user has

a data rate Rk bits per OFDM symbol 1. Spreading codes {Gk(t)}, such as Gold-

Codes with a processing gain GMD [86], are used to distinguish different users at

the receiver (or base station). In this system, each subcarrier has a much smaller

bandwidth than the coherence bandwidth of the channel. Sequential data of users

are converted to be parallel and processed by the adaptive bit loading algorithm

for each subcarrier. The modulation scheme is selected among BPSK, QPSK or

1In the rest of the thesis, “OFDM symbol” is simplified to be “symbol”
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M-ary QAM which uses ci,n bits per symbol loaded on the nth subcarrier of the

ith user. It is also assumed that the value of ci,n is in the set D = {0, 1, 2, · · · , V },
where V is the maximum number of bits per symbol that can be transmitted by

a subcarrier. After the data are encoded by their respective Gold-Codes, inverse

fast Fourier transform (IFFT) is performed. The receiver performs the inverse

processing, such as decorrelation and demodulation, to obtain the original signals.

We will assume the instantaneous (or at least block based) subcarrier fading gains

of the OFDM subcarriers in frequency selective fading channels are known and the

channel gains are constant during the received time slot. The channel estimation

on the basis of the received symbol can be performed by pilot symbol assisted

modulation (PSAM) [97,98].

Let us define that αi,n is a random variable representing the fading magnitude of

the nth subchannel between the base station and the ith user, and P̃i,n(ci,n) is

the required power function in terms of the energy per symbol for a subcarrier to

reliably carry information at the rate of ci,n bits per symbol when the channel gain

is equal to unity. It is noted that the power function depends on user index i and

different users are allowed to achieve different quality-of-service (QoS) requirements

with their own coding and modulation schemes. In order to maintain the required

QoS at the receiver, the transmission power for the nth subcarrier of the ith user

must be [11]

Pi,n(ci,n) = P̃i,n(ci,n)/α2
i,n, (4.1)

where i = 1, 2, · · · , K, n = 1, 2, · · · , N , and the received power at the receiver

is [11]

P̃i,n(ci,n) =
N0

3

[
Q−1

(
BERi

4

)]2

(2ci,n − 1), (4.2)

where N0 is the noise power spectral density (PSD), BERi is the required bit

error rate for the ith user and Q(x) = 1√
2π

∫ ∞
x

e−t2/2dt. The derivation of (4.2)

is based on the approximate BER for M -ary QAM [30]. From (4.1) and (4.2),
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Figure 4.2: Effects of the number of allocated bits on transmission power and
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it is easy to see that Pi,n(0) = 0 and Pi,n(ci,n) is a convex function increasing

with ci,n, which essentially means that transmission power is not needed when

zero bit is allocated on the subcarrier and additional power is required when ci,n

increases, i.e., Pi,n(ci,n + 1) − Pi,n(ci,n) > 0. Thus, the conditions for the standard

optimization techniques [99] can be satisfied. It is important to note that the

difference, Pi,n(ci,n + 1)−Pi,n(ci,n), also increases with ci,n. Based on (2), Fig. 4.2

(a) shows that the required power for signals increase exponentially with various

number of allocated bits to achieve the given BERs, and Fig. 4.2 (b) illustrates that

the BER per subcarrier increases with the number of allocated bits for different

average SNRs.

The subcarriers are orthogonal to each other and the intercarrier interference (ICI)

is eliminated in OFDM systems. However, the time variations of the channel fad-

ing within an OFDM symbol lead to a loss of carrier orthogonality, which, in turn,

yields ICI. According to [100,101], ICI can be modelled as an additional Gaussian

random process with zero mean for large N . And some research on ICI cancel-

lation have been done [102–104]. For the application of the adaptive algorithms

proposed in the thesis, it is assumed that the ICI cancellation schemes are applied

to eliminate the ICI part in the received signals at the receiver. Therefore, in this

system, if the transmitted signal from the ith user is detected by the receiver, the

decision statistic zi,n for the data symbol of the ith user on the nth subcarrier can

be written as [8]

zi,n = bi,n

√
Pi,nαi,n +

K∑

k=1
k 6=i

bk,n

√
Pk,nαk,nρk,i + ηn (4.3)

where bi,n is a data symbol from the ith user on the nth subcarrier and is assumed

to be an independent random variable with zero mean and unit variance for all i

and n, ηn denotes the additive white Gaussian noise (AWGN) with zero mean and

variance σ2, and ρk,i is the cross-correlation between the spreading codes Gi(t) and

Gk(t), as shown in Fig. 4.1, which was described in Chapter 3.
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The first term in the right-hand side of (4.3) is the desired signal and the second

term is the sum of the interferences from all other users on the nth subcarrier to

user i. The interference power, i.e., the first term in (4.3), from user i to all other

users on the nth subcarrier is

Ii,n = Eα




∣∣∣∣∣∣∣

K∑

k=1
k 6=i

bi,n

√
Pi,nαi,nρi,k(τk)

∣∣∣∣∣∣∣

2


=
K∑

k=1
k 6=i

Pi,nα
2
i,nρ

2
i,k(τk)

= Pi,nα
2
i,n

K∑

k=1
k 6=i

ρ2
i,k(τk) (4.4)

where Eα[·] denotes the expectation operation conditioned on α and the data

symbols for all i and n are assumed to be independent random variables with the

zero mean and unit variance [8]. So the total interference power from the ith user

is written as

Ii =
N∑

n=1

Ii,n

=
N∑

n=1

Pi,n(ci,n)α2
i,n

K∑

k=1
k 6=i

ρ2
i,k(τk). (4.5)

Based on the discussion above, the interference from each user in the multiuser

OFDM/CDMA system can be minimized if the number of allocated bits, {ci,n}N
n=1,

is appropriately selected by the adaptive bit allocation algorithm which is to be

described in the next section.
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4.2.2 ABLA-OFDM algorithm

This section presents the adaptive bit loading (or allocation) algorithm (ABLA-

OFDM) for the multiuser OFDM system. The criteria for the adaptive process

is to minimize the total interference power from each user to achieve the required

transmission data rate with a given transmission power in a single cell. The first

step of the process is to minimize the interference Ii from user i by using a sub-

optimal procedure to assign the number of loaded bits onto each subcarrier of the

user. The second step makes adjustment on the number of bits allocated by the

first step to achieve a further reduction of Ii.

(a). Interference minimization

The basic idea of the first step is to allocate a suitable number of bits to each

subcarrier to support the desired data rate and at the same time to produce the

minimum interference to other users. In this chapter, the total interference power

from each user is to be minimized individually. Let us consider, for example, the

minimization of Ii, 0 ≤ i ≤ K, from user i, which is formulated as

min
{ci,n}N

n=1

Ii = min
{ci,n}N

n=1





N∑

n=1

α2
i,nPi,n(ci,n)

K∑

k=1
k 6=i

ρ2
i,k(τk)





, i = 1, 2, · · · , K, (4.6)

subject to the constraints

N∑

n=1

Pi,n =
PT

ᾱ2
i

, (4.7)

and

N∑

n=1

ci,n = Ri, (4.8)

where ᾱi is the average amplitude of the fading channel from user i to the base

station. According to the dynamic power control theory of the CDMA system, the
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received power from each user, say PT , at the base station should be as equally

distributed as possible [16]. The first constraint in (4.7) ensures the received power

from all subcarriers supporting a particular user to be as close to PT as possible.

For the data rate constraint, we try to satisfy it based on the given transmission

power and bandwidth. Ri represents the transmission rate threshold of a service,

such as voice or data service, and is set depending on the power, bandwidth and

service types. In general, Ri cannot be a very large value if the frequency and power

resources are limited and it has an upper bound RT affirmatively. The transmis-

sion power should be adjusted based on the known channel state. If the channel

gain becomes larger, which means that the channel condition becomes better, the

transmission power can be accordingly deduced. To achieve the minimization, it

is necessary to relax ci,n ∈ D to be a real number within the interval [0, V ]. With

the standard optimization techniques [99], we define

Ti = Ii − λi

(
N∑

n=1

Pi,n − PT

ᾱ2
i

)
− βi

(
N∑

n=1

ci,n − Ri

)

= Ii − λi

{
N0

3

N∑

n=1

[
Q−1

(
BERi

4

)]2

(2ci,n − 1)/α2
i,n − PT

ᾱ2
i

}

−βi

(
N∑

n=1

ci,n − Ri

)

(4.9)

where i = 1, 2, · · · , K, λi and βi are the Lagrangian multipliers for the two con-

strains in (4.7) and (4.8), respectively. Let us define

T = [T1, T2, · · · , TK ]. (4.10)

The number of allocated bits that leads to the minimization of interference {I1, I2, · · · , IK}
can be obtained by

∇T =

[
∂T1

∂c1,n

,
∂T2

∂c2,n

, · · · , ∂TK

∂cK,n

]
= 0, n = 1, 2, · · · , N. (4.11)
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Let us define Si,n to represent [α2
i,n

∑K
k=1
k 6=i

ρ2
i,k(τk)] in (4.6) and

Li =
N0 ln 2

3

[
Q−1

(
BERi

4

)]2

, i = 1, 2, · · · , K. (4.12)

After differentiating Ti with respect to ci,n ∈ [0, V ],

∂Ti

∂ci,n

|ci,n=ĉi,n
=

{
∂Ii

∂ci,n

− λi
∂Pi,n

∂ci,n

− βi

}
|ci,n=ĉi,n

=





∂Pi,n

∂ci,n

· α2
i,n

K∑

k=1
k 6=i

ρ2
i,k(τk) − λi ·

∂Pi,n

∂ci,n

− βi





|ci,n=ĉi,n

=





N0 ln 2 · [Q−1 (BERi/4)]
2

2c
i,n

3
· α2

i,n

K∑

k=1
k 6=i

ρ2
i,k(τk)





|ci,n=ĉi,n

−
{

λi ·
N0 ln 2 · [Q−1(BERi/4)]

2
2c

i,n

3
− βi

}
|ci,n=ĉi,n

=

{
2ci,n Li

α2
i,n

(Si,n − λi) − βi

}

|ci,n=ĉi,n

= 0 (4.13)

for i = 1, 2, · · · , K, we have

ĉi,n = log2

[
βi α2

i,n

(Si,n − λi)Li

]

= log2





βi α2
i,n

N0 ln 2
3

[
Q−1

(
BERi

4

)]2
[
α2

i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λi

]



 ,

i = 1, 2, · · · , K; n = 1, 2, · · · , N (4.14)

as the number of bits to be allocated on the nth subcarrier for the ith user. For

a fixed set of Lagrangian multipliers {λi, βi} (i = 1, · · · , K), {ĉi,n}K
i=1 for each

user can be determined by (4.14). An iterative searching algorithm [11] is used

to find the set of {λi, βi} such that the constraints for each user can be satisfied.
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This algorithm converges because for a given i, the value of {ci,n} for all n in-

creases as {λi, βi} increases. As long as the total transmission rate is smaller than

V N bits/symbol, which is the total number of bits possibly transmitted within

an OFDM symbol, the algorithm will converge to a solution that satisfies all con-

straints. Similarly, the numbers of loaded bits, {ĉ1,n, ĉ2,n, · · · , ĉK,n}N
n=1, for K users

are calculated. In this way, the interference power for a particular subcarrier is

minimized and the transmission power in (4.7) and data rate in (4.8) for each user

are also satisfied. Since the optimization is a problem over a convex set and the set

of necessary conditions is also sufficient, the solution that satisfies all the necessary

conditions is unique.

The solution ĉi,n obtained from (4.14) is a real number and has to be converted

into the nearest integer because ci,n has to be a positive integer. When ĉi,n <

0, ci,n is set to be 0. Consequently, the actual data rate to support each user

may be smaller or larger than that given in (4.8). Two procedures, as shown in

Table 4.1, are used to eliminate the difference between the desired and achieved

data rates. Procedure 1 in Table 4.1 deals with the under loaded situation, i.e.,
∑N

n=1 ci,n < Ri. It is necessary to allocate one more bit on the nth subcarrier that

requires the least additional transmission power. This procedure is repeated until

the condition in (4.8) is satisfied. It is possible that more channel bandwidth should

be provided when the required data rate is too high for Procedure 1 to satisfy

the power constraint in (4.7). For the overloaded situation, i.e.,
∑N

n=1 ci,n > Ri,

Procedure 2 in Table 4.1 removes one bit from the nth subcarrier from which

the most power reduction can be made. Thus, these procedures guarantee to

achieve the required data rate and minimize power consumption. In this way, the

interference Ii in (4.5) is also reduced.

(b). Bit allocation adjustment

The above proposed algorithm of adaptive bit allocation is based on minimizing

the interference from each user with the constraints of transmission power and
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the required bit rate. However, the optimal results are changed due to the integer

rounding procedures. Now let us consider some details of the algorithm when most

subcarriers do not suffer severe fading, for example, SNR > 10 dB. In general, the

number of bits allocated on the subcarriers should be minimized because both the

required power and BER increase with the number of allocated bits, as shown in

Fig. 4.2(a) and (b), respectively. According to the proposed algorithm in Section

4.2.2 (a), it is possible that some subcarriers are not used because their channel

qualities are relatively worse than that of other subcarriers. However, these un-

used subcarriers may still be good enough to support applications that do not need

very low BERs. For example, telephone services for speech communications have

a reasonably good quality with a BER of 10−3. To avoid wasting these unused

subcarriers, it is possible to unload one bit from a subcarrier that is already allo-

cated with a large number of bits and reallocate this bit onto an unused subcarrier.

Without changing the total transmission rate, this unloading and reallocation ad-

justment can further reduce the interference from some user and achieve a better

performance. This is the reason that the solution presented in (4.14) is considered

to be suboptimal. To illustrate the concept of the adjustment, let us assume that

4 bits are allocated on a subcarrier with SNR = 25 dB and BER < 10−3. One

bit can be unloaded from this subcarrier and reallocated on an unused subcarrier

with SNR = 10 dB. It can be seen from Fig. 4.2(b) that after the adjustment,

the BERs of both subcarriers are below 10−4 and at the same time, the required

power is also decreased according to Fig. 4.2(a). Therefore a further reduction of

Ii in (4.5) is achieved.

Based on the discussion above, the second step is an adjustment process described

in Table 4.2. A limit ∆i can be set to represent the difference between the maximum

and the minimum numbers of bits loaded on the subcarriers for user i. Referring

to Table 4.2, one bit is unloaded by Procedure 1 from subcarrier n1 with the worst

channel gain among all subcarriers having the same maximum number of allocated

bits. Then the load of this particular subcarrier is alleviated. This unloaded bit is

assigned to subcarrier n2 with the best channel gain among those subcarriers {ñ}
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Figure 4.3: Comparison of BERs achieved in Step 1 and Step 2 for a system of
three users.

having the same minimum number of allocated bits. This process is performed

for Q times, which is the number of those subcarriers having the same maxn{ci,n}
before Table 4.2 is used. In this way, a limit is enforced on the maximum difference

∆i in the numbers of loaded bits.

Procedure 2 in Table 4.2 performs the adjustment of the allocated bits among all

the subcarriers so that the unused subcarriers, which have zero bit, are to be uti-

lized. It unloads one bit from the subcarrier that has the worst channel gain among

subcarriers having a maximum number of allocated bits. Then the corresponding

bit is loaded onto one of the unused subcarriers. It should be explained that Pro-

cedure 2 is not necessary if the minimum of ĉi,n is larger than zero, which indicates

that the system is already properly loaded. In fact, the adjustment algorithm is

equivalent to reduction of ∆i. Appendix B shows that the interference reduction

∆Ii from user i can be obtained based on ∆i.
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In a three-user system, Fig. 4.3 shows that the adjustment process in the second

step achieves substantial improvement compared to the BER achieved in the first

step without using Table 4.2, especially for a relatively high data rate Ri, such as

600 bis/symbol. For example, when each of the three users are supported with 400

bits/symbol, nearly 2 dB SNR reduction is achieved for the BER of 10−4.

The proposed algorithm attempts to make the best use of all subcarriers for mul-

tiuser transmissions in the OFDM system when the quality of subchannels is not

very bad. In the case of the subcarrier allocation for the multi-service transmis-

sion, however, some subcarriers may not be utilized due to the stringent service

requirement and deep fading channel. This case is not considered here.

4.3 Performance comparison based on the theo-

retical analysis and simulations

The channel is assumed to be modelled by a finite impulse response (FIR) filter

with time-varying coefficients as shown in Fig. 4.4(a). The impulse response for

the experiments was generated on the basis of the symbol-rate impulse response by

fading each of the impulses with a Rayleigh distribution of a maximal Doppler fre-

quency of fd = 111 Hz. The value of fd corresponds to a wireless local area network

(WLAN) channel experienced by a modem transmitting at a carrier frequency of

2.4 GHz with a vehicular velocity of 50 km/h. The channel fading in frequency

domain is shown in Fig. 4.4(b). It is also assumed that the OFDM/CDMA system

has 256 subcarriers and quasi-synchronized. The system performance achieved by

the proposed algorithm is to be analyzed and compared with those obtained by

CTAO-OFDM [12] and MAO-OFDM [11] in terms of the BER, system capacity

and data rates. It is noted that the CTAO-OFDM algorithm in [12] is carried out

based on the same OFDM/CDMA system as the ABLA-OFDM algorithm. As for

the comparison with the MAO-OFDM algorithm, it will also be shown that the

combination of OFDM and CDMA outperforms that of OFDM and FDMA when
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Figure 4.4: Wideband channel: (a) unfaded symbol spaced impulse response and
(b) corresponding frequency domain channel fading.
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Figure 4.6: The number of loaded bits based on the channel model in Fig. 4.4 (b)
when the transmission data rates are 200 and 400 bits/symbol and the average
SNR is 20 dB.
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Figure 4.7: The number of loaded bits based on the channel model in Fig. 4.4 (b)
when the transmission data rates are 600 and 800 bits/symbol and the average
SNR is 20 dB.
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Figure 4.8: Comparison of BERs obtained from simulations of a three-user system.
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the quasi-synchronization [105–107] of the spreading codes is performed.

(a). Theoretical BER

On the nth subcarrier of user i, the BER expression of MQAM with Gray bit

mapping in AWGN as a function of received SNR, γi,n, and constellation size

M = 2ci,n (ci,n ≥ 2) is approximately [90,91]

BERMQAM
i,n ≈ 2

ci,n

(
1 − 1√

2ci,n

)
× erfc

(√
1.5

γi,n

2ci,n − 1

)
(4.15)

where the approximation is the tightest at high SNRs. For BPSK modulation

(ci,n = 1), the bit BER is given by [108]

BERBPSK
i,n =

1

2
erfc

(√
γi,n

)
. (4.16)

Base on (4.3), the interference term may be treated as Gaussian noise by the central

limit theorem [109], and the received SNR for the ith user’s nth subcarrier signal

can be written as

γi,n =
Eα

[
|bi,n

√
Pi,nαi,n|2

]

Eα

[∣∣∣
∑K

k=1
k 6=i

bk,n

√
Pk,nαk,nρk,i(τk) + ηn

∣∣∣
2
]

=
α2

i,n Pi,n∑K
k=1
k 6=i

α2
k,nρ2

k,i(τk)Pk,n + σ2
, i = 1, 2, · · · , K, (4.17)

where σ2 = N0 B/N . Appendix C derives the theoretical BER based on (4.15) for a

particular user i. According to our proposed ABLA-OFDM and the assumption of

multichannel parameters, we obtain {ci,n}N
n=1, which is the number of the allocated

bits for each user. By (4.15), (4.16) and (23), the theoretical BER for each user

is achieved. For a system of three users, Fig. 4.5 shows the theoretical BER

performance achieved by ABLA-OFDM, CTAO-OFDM and MAO-OFDM. For a

transmission with BER = 10−5 and 10−4, the ABLA-OFDM algorithm achieves at

least 1 and 2 dB SNR reduction, when the data rate of each user is 400 bits/symbol,

compared to the CTAO-OFDM. When the data rate is 600 bits/symbol, it is clear
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that the data rate is too high for CTAO-OFDM to support, and consequently

its BER performance becomes much worse than ABLA-OFDM. Since only some

subcarriers are allocated to each user [11], MAO-OFDM cannot support three users

with 400 bits/symbol when the total number of subcarriers is limited to 256.

(b). Simulation results

Simulations were carried out to transmit data stream in the system shown in Fig.

4.1. According to ABLA-OFDM bit loading algorithm, Fig. 4.6 and Fig. 4.7

show the numbers of loading bits when the transmission data rates are different at

the average SNR of 20 dB. The number of loaded bits on each subchannel varies

with the quality of each subchannel. If the subchannel is in severe fading, it only

can carry only 0 or 1 bit. That the number of bits is equal to zero means this

subcarrier is too bad to support any bits and will be discarded, and meanwhile

the data rate requirement is already satisfied, as shown in Fig. 4.6(a). More

bits can be supported on the subcarriers which show high amplitudes in Fig. 4.7.

Based on the same channel, the maximum number is 1 when the data rate is 200

bits/symbol while the maximum value is 3, 4 or 5 when the data rate is 400, 600

or 800 bits/symbol, as shown in Fig. 4.6 and Fig. 4.7. Accordingly, for the data

rates of 600 and 800 bits/symbol, the system will have more power consumption.

Fig. 4.8(a) and (b) show the comparisons among BERs achieved by the ABLA-

OFDM algorithm and other schemes with various average SNRs. For transmission

of voice signals with a given BER, i.e., 10−2, the ABLA-OFDM algorithm achieves

at least 3 and 4 dB SNR reductions, when the transmission data rates of each user

are 400 and 600 bits/symbol compared to the CTAO-OFDM algorithm. For trans-

mission of video signals with BER of 10−5, the ABLA-OFDM algorithm achieves

nearly 1 dB SNR reduction compared to the CTAO-OFDM algorithm when the

transmission data rate is 400 bits/symbol. With the increase of the transmission

data rates, such as 600 bits/symbol, ABLA-OFDM achieves a much lower BER

when the average SNR is 30 dB. Although we cannot say that MAO-OFDM is

useless for this case, the curves in Fig. 4.8(b) indicate that more bandwidth (or
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subcarriers) is needed to support high rate multiple users with better BERs.
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Figure 4.9: Comparison of simulated system capacity with the data rate of 400
bits/symbol.

The benefit of reducing the interference by each user provided by the proposed

algorithm can be also explained in terms of the system capacity. Fig. 4.9 shows,

when the average SNR is 30 dB and the data rate is 400 bits/symbol, the system

using the proposed algorithm is able to accommodate one more user compared with

the CTAO-OFDM for video transmission with BER of 10−5. For voice transmission

with SNR = 20 dB and BER = 10−2, one more user can be supported compared

to that supported by CTAO-OFDM. The proposed ABLA-OFDM algorithm is

particularly useful for the transmission with high data rates. At the BERs of

10−3 and 10−5 and average SNR of 10 dB, for example, Fig. 4.10(a) shows that

the ABLA-OFDM algorithm supports 60 and 50 bits/symbol data rates higher

than the CTAO-OFDM algorithm respectively. When the average SNR is 20 dB,

Figure 4.10(b) shows 70 and 50 more bits/symbol supported by ABLA-OFDM,

respectively, compared to the CTAO-OFDM algorithm. However, these advantages
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Figure 4.10: Comparison of average BER among ABLA-OFDM, CTAO-OFDM
and MAO-OFDM in a three-user system at the average SNR of 10 dB and 20 dB
(the three users in the system have the same data rate).
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Figure 4.11: Limitation of ABLA-OFDM and CTAO-OFDM algorithms.
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become diminished when the data rate becomes more than 700 bits/symbol in this

system that has 256 subcarriers. Both ABLA-OFDM and CTAO-OFDM obtain

similarly poor performance. In the system of three users with the data rates of 700,

800 and 900 bits/symbol, respectively, Fig. 4.11 shows that at the average SNRs of

25 and 30 dB, the BERs achieved by using ABLA-OFDM and CTAO-OFDM are

in the range of 10−3 ∼ 10−2, which is only able to support the voice transmission.

Referring to Fig. 4.9, Fig. 4.10 and Fig. 4.11, in order to support more users and

higher data rates, the only feasible solution is to increase the number of subcarriers

or equivalently the channel bandwidth based on the algorithms.

Each algorithm has its complexity. To obtain (4.14), the calculated number of

bits to be assigned to the nth subcarriers, at least five multipliers, K adders, one

divider and logarithm are used in one loop of searching the appropriate {λ, β}. The

complexity increases with total number of subcarriers and the convergence speed of

searching {λ, β} linearly. In the implementation of the procedures shown in Table

4.1 and Table 4.2, the multipliers and adders can be shared with other process.

For the CTAO-OFDM algorithm under different channel conditions, the adaptive

modulation scheme is performed by repeatedly searching for the subcarrier having

the lowest cost value and incrementing its state. This process is repeated until

the target number of bits is reached. The total processing time depends on the

number of loops of searching cost values and the required data rates. During the

adjustment process in ABLA-OFDM, the numbers of loaded bits on subcarriers

are checked, analyzed and further adjusted. The number of loops is only related to

the number of the subcarriers which have the maximum and minimum bits. The

process time is much less than CTAO-OFDM. Comparatively, MAO-OFDM has

the least complexity and may be used in the some environments which need the

fast process.
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4.4 Conclusion

An adaptive bit allocation algorithm, known as ABLA-OFDM, is reported for the

single-service transmission in a single cell of the multiuser OFDM/CDMA system.

The criterion is to minimize each user’s interference in the cell by allocating the

appropriate number of bits on each subcarrier according to the channel quality with

the constraints of the transmission power and data rate, based on the assumption

of the perfect knowledge of the subcarrier during the received time slot. Both

the theoretical analysis and experimental simulations confirm that the proposed

ABLA-OFDM algorithm performs better in terms of the BER, system capacity

and data rates to be supported compared with other reported algorithms.
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Table 4.1: Procedures to support the required data rate for user i

If
∑N

n=1 ci,n < Ri,

D = Ri −
∑N

n=1 ci,n, /* The difference of data rates */

/* Reloading Operation */

Procedure 1 Loops begin: /* For D Loops */

For all n and ci,n,
△Pi,n = [Pi,n(ci,n + 1) − Pi,n(ci,n)]/α2

i,n;

/* Find the smallest power increase among all subcarriers */
n̂ = arg minn △Pi,n;

if
∑N

n=1 Pi,n < PT /ᾱ2
i ,

ci,n̂ = ci,n̂ + 1;
else

ci,n̂ will not increase.

Loops end.

If
∑N

n=1 ci,n > Ri,

D =
∑N

n=1 ci,n − Ri, /* The difference of data rates */

/* Unloading Operation */

Procedure 2 Loops begin: /* For D Loops: */

For all n and ci,n,
△Pi,n = [Pi,n(ci,n) − Pi,n(ci,n − 1)]/α2

i,n;
/* Find the largest power decrease among all subcarriers */
n̂ = arg maxn △Pi,n;
ci,n̂ = ci,n̂ − 1;

Loops end.
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Table 4.2: Adjustment on the number of allocated bits for user i

If (maxn{ci,n} − minn{ci,n}) ≥ ∆i,
Q = Number of the maxn{ci,n};

Loops begin: /*For Q loops:*/

Procedure 1 {n̂} = arg maxn{ci,n};
{ñ} = arg minn{ci,n};
n1 = arg minn1∈{n̂} {αi,n};
n2 = arg maxn2∈{ñ} {αi,n};

/* Bit unloading and reallocation*/

cn1 = cn1 − 1;
cn2 = cn2 + 1;

Loops end.

If minn{ci,n} = 0,
Q = Number of the minn{ci,n};

Loops begin: /*For Q loops:*/

Procedure 2 {n̂} = arg maxn{ci,n};
{ñ} = arg minn{ci,n};
n1 = arg minn1∈{n̂} {αi,n};
n2 = arg maxn2∈{ñ} {αi,n};

/* Bit unloading and reallocation*/

cn1 = cn1 − 1;
cn2 = cn2 + 1;

Loops end.
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Chapter 5

Adaptive subcarrier allocation

and bit loading for Voice and

Data transmissions

This chapter presents a new algorithm of adaptive subcarrier allocation and bit

loading for simultaneous voice and data transmissions over frequency selective

fading channels in a multiuser OFDM system. The subcarriers with low signal-to-

noise ratio are assigned to voice with a small number of bits per symbol to guarantee

the required bit-error-rate and transmission rate. With the remaining subcarriers

and transmission power, the throughput of data transmission is maximized by

loading as many bits as possible on each subcarrier to support high transmission

rates with the required bit-error-rate. In addition to the theoretical analysis of

this algorithm, simulation results show that a better performance is obtained than

previously reported schemes.
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5.1 Introduction

Adaptive algorithms of subcarrier allocation and bit loading have been studied in

several aspects. Although multi-service transmission is becoming increasingly im-

portant to various applications, however, most reported work for OFDM systems

( [6, 11–13], for example) focused only on the resource allocation and bit load-

ing without sufficiently considering efficiently supporting different services, such

as simultaneous voice and data transmissions, that generally have different re-

quirements on the BER and delay tolerance. In [80], algorithms were reported for

two services with higher and lower quality-of-service (QoS) in a single-user OFDM

system. However, it is not appropriate to use the QoS alone as the optimization

parameters for the voice/data systems. It is known that in the voice/data systems,

the QoS of data service generally requires higher data rates and lower BERs than

the voice service, and the delay requirement of voice service is much more critical

than the data service, which should be sufficiently considered for channel resource

allocation. Based on single carrier systems, a scheme of adaptive hybrid binary

phase shift keying (BPSK)/M -ary amplitude modulation (M -AM) was proposed

for voice and data transmissions [77]. Since M -AM is spectrally less efficient than

the M -ary quadrature amplitude modulation (M -QAM), an adaptive technique

employing variable rate uniform M -QAM (U-MQAM) was reported for integrated

voice/data by changing the constellation size dynamically to take advantage of

time varying nature of fading [78]. Due to the use of uniform M -QAM constella-

tion, however, the alphabet size is selected such that, on average, the transmission

for voice has also to meet the BER requirement for data service. Therefore, the

voice transmission achieves unnecessary extra protection at the expense of spec-

tral efficiency at low SNR region and outage probability that means only for data

transmission. An adaptive scheme for multi-rate services (A-MRS) [79] was pre-

sented for the OFDM systems in which the low-rate service for voice transmission

was supported by loading one or two bits per subcarrier and the high rate data

transmission was loaded with more bits according to mode-switching methods with
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the bit selection curve.

This chapter considers the simultaneous transmissions of voice and data in a mul-

tiuser OFDM/CDMA system, in which any user can share all available subcarriers

by using CDMA technique [26, 81]. In general, voice transmission does not need

rigid requirements on transmission rate and BER, but has stringent realtime con-

straints, which are just opposite to the requirements for most data services. This

suggests that the fixed-rate transmission combined with adaptive bit loading on

low quality subcarriers is well suited to voice transmission to meet the transmis-

sion requirements, while the variable-rate transmission, which maximizes the total

throughput and obtains low BER, is best suited to data communications. Since

only one or two bits are generally loaded for the low-rate voice transmission with

relaxed BER requirement, the selected subcarriers are generally with low channel

gains. After the requirements of both BER and transmission rate of voice service

are satisfied, the remaining subcarriers are loaded with as many bits as possible

to achieve the maximum throughput for the data transmission. In this way, the

subcarriers in somewhat low quality are used for voice transmission and those with

good quality are allocated for data transmission. The algorithm applies a thresh-

old on the transmission power of each user, i.e., 23 dBm 1, which takes account

of limiting the transmission power of each user as well as the power interference

to other users. The proposed algorithm guarantees a low power consumption on

voice transmission because only a small number of bits are carried by the assigned

subcarriers. Consequently, most transmission power and subcarriers with higher

channel gains, which are generally use a higher order modulation scheme to support

high data rate transmissions, can be used for the maximization of data throughput.

1In the absence of any justification, the transmission power would be 200 mW (10 lg 200 = 23
dBm), the maximum level for many CDMA mobile handsets.
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Figure 5.1: Block diagram of adaptive voice/data transmission for multiple users
in a multiuser OFDM/CDMA system.

5.2 Adaptive transmission algorithm

5.2.1 Adaptive multiuser multi-service system

The block diagram of adaptive voice/data transmission in a multiuser OFDM/CDMA

system is shown in Fig. 5.1, in which each user can use all N subcarriers, and {a}i

and {b}i represent the sets of voice and data signals of user i, respectively. The

algorithm of subcarrier allocation for voice and data is performed after the serial

and parallel format conversion. Based on the estimation of channel gains, the pro-

cess is adaptively performed to assign a suitable number of bits on the allocated

subcarriers for voice and data transmissions. After subcarrier allocation and bit

loading, spreading codes are added to signals on each user’s subcarriers to dis-

tinguish different users with decorrelation operations carried out at the receiver.
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Finally, the spread signals on all subcarriers are mixed together for transmission

through the fading channel. One main task to be discussed in our presentation

is to solve the problem of subcarrier allocation, i.e., determining {N v
i }K

i=1, which

is the number of subcarriers assigned for voice transmission, by considering the

subcarrier conditions of user i and the characteristics of voice/data transmission.

With the available information on subcarrier allocation and bit loading from the

transmitter, the receiver demodulates the voice and data signals to {â}i and {b̂}i

on each subcarrier of each user.

At the transmitter, subcarrier allocation and bit loading are performed based on

the knowledge of instantaneous subcarriers gains [110]. The fading characteristics

of subcarriers are assumed to be constant over one OFDM symbol duration, but

vary from symbol to symbol. Pi,n is assumed to be the transmission power on the

nth subchannel of user k. Then, the received SNR from subchannel n of user i can

be written as

γi,n =
α2

i,nPi,n∑K
k=1
k 6=i

α2
k,nρ2

i,k(τk)Pk,n + σ2
, (5.1)

where
∑K

k=1
k 6=i

α2
k,nρ2

i,k(τk)Pk,n is the interference term due to the sharing a subcarrier

by K users. It is clear that the total interference power suffered by a particular user

increases with the transmission power and the average service rates of the other

users in the system. These factors are effectively considered in the denominator of

the received SNR of the user in (5.1), where ρi,k is the cross-correlation between

the spreading codes for user i and user k, defined in (3.7).

According to the BER bound in (3.13) for the nth subcarrier signal of the ith user,

BER ≤ 1

5
exp

(−1.5γi,n

2ci,n − 1

)
, (5.2)

For a given BER, the above equation can be rearranged into the number of bits

to be transmitted on the ith user’s nth subcarrier

ci,n = log2

(
1 +

γi,n

Γi

)
, n = 1, 2, · · · , N ; i = 1, 2, · · · , K, (5.3)

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



5.2 Adaptive transmission algorithm 97

where Γi = − ln(5BERi)/1.5. Because the transmission rate is the sum of the rates

supported by all subcarriers, the total transmission rate of user i is represented in

terms of “bits/OFDM symbol” as [11],

Ri =
N∑

n=1

ci,n =
N∑

n=1

log2(1 +
γi,n

Γi

). (5.4)

With the number of the bits, ci,n, the corresponding power, P̃i,n, needed for de-

modulation at the receiver becomes

P̃i,n(ci,n) =
N0

3

[
Q−1

(
BERi

4

)]2

(2ci,n − 1), (5.5)

where Q(x) = 1√
2π

∫ ∞
x

e−t2/2dt. Therefore, the power needed at the transmitter of

user i is

Pi,n(ci,n) =
P̃i,n

α2
i,n

=
N0

3α2
i,n

[
Q−1

(
BERi

4

)]2

(2ci,n − 1) (5.6)

where αi,n is the gain of the nth subchannel for user i. To meet the requirements

of the transmission rate Rv
T for voice service, we first calculate cv

i,n, which is the

number of bits to be loaded on the nth subcarrier, and N v
i , which is the number

of subcarriers used for voice. Then, the total power at the transmitter of user i for

voice service is

P v
i =

Nv
i∑

n=1

P v
i,n(cv

i,n)

=

Nv
i∑

n=1

N0

3α2
i,n

[
Q−1

(
BERv

i

4

)]2

(2cv
i,n − 1). (5.7)

Once subcarrier allocation and bit loading for voice transmission are completed,

the maximization of data transmission rate, Rd, is performed on the condition of

allowable transmission power, P d
i = PT /ᾱ2

i −P v
i , where ᾱi is the average amplitude

of the subchannel from user i to the base station. According to the dynamic power

control theory of CDMA system, the received power from each user, say PT , at the
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Table 5.1: The typical characteristics for voice and data transmissions
Voice Transmission Data Transmission

Bit Error Rate Requirement Low High
Transmission Rate Low High
Delay Requirement High Medium
Priority High Medium

base station should be the same as possible [16]. The use of remaining power for

data transmission by the adaptive subcarrier allocation and bit loading algorithm

is to be described in Section 5.2.2 (b).

5.2.2 A-SABL algorithm

This section presents the adaptive subcarrier allocation and bit loading algorithm

(A-SABL) to support voice and data transmissions in the multiuser OFDM sys-

tem. The criteria for the adaptive process is to maximize the data throughput

Rd under the condition of achieving the required transmission rate Rd
T with the

expected BERs for both data and voice services. Since the data service, with the

high transmission rate and low BER, generally consumes most of the power, we

assign the transmission power for the voice service as less as possible to meet the

required QoS. The first step of the A-SABL algorithm is to assign subcarriers and

the number of loaded bits for voice service. With the expected BER, the second

step makes the best use of the remaining transmission power and subcarriers to

maximize the data throughput. It should be pointed out that the A-SABL algo-

rithm is to achieve the subcarrier allocation and bit loading for both voice and

data services with the limited transmission power.

(a). Voice transmission

Based on the typical characteristics of voice and data transmissions, as listed in

Table 5.1, higher priority of the subcarrier allocation is given to the voice trans-

mission because of its stringent delay requirement. Since high data rates and low
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BERs are generally needed for data service, more subcarriers with more transmis-

sion power are generally needed. In general, the number of bits, ci,n, to be loaded

on a subcarrier is increased with the quality of the subchannel, i.e., the higher the

SNR, the larger the number of bits to be loaded on the subcarrier. The power to

be consumed on the subcarrier is also increased exponentially with the number of

loaded bits.

There exist a few different ways of assigning the voice traffic to the subcarriers. The

first one is to arrange the available subchannels in an ascending order according

to their channel gains, such as:

αi,1 ≤ αi,2 ≤ · · · ≤ αi,Nv
i
≤ · · · ≤ αi,N , i = 1, 2, · · · , K. (5.8)

Consequently, the subcarrier allocation process begins from the worst subchannel.

Each subcarrier with poor channel gain is loaded with a few bits only, such as

ci,n ≤ 2.

Alternatively, the allocation process can be also performed from the best channel

to load a relatively larger number of bits, and the subcarriers are arranged with

the descending order of the channel gains as,

αi,1 ≥ αi,2 ≥ · · · ≥ αi,Nv
i
≥ · · · ≥ αi,N , i = 1, 2, · · · , K. (5.9)

For the fixed throughput of voice service, the former allocation method requires

many low quality subchannels and the latter approach uses only a fewer high

quality subchannels.

The other possible approach to assign subcarrier for voice is the blind allocation

without considering the quality of the subchannels. By reasoning and simulation

verification, it is seen that the first approach is used for a better performance

because it requires much less transmission power to achieve the same BER and the

transmission data rate. It can be easily understood that the transmission power

required by a subchannel is exponentially increases with the number of loaded bits.
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If the subcarrier arrangement in the descending order is chosen, the subcarriers

in good quality, to be used at the beginning will carry many bits. Then much

more power would be used since the power increases with the number of bits

exponentially. However, much less power would be consumed with the subcarrier

allocation in an ascending order, since the subcarriers for voice just carry only one

or two bits. The power consumption of the subcarrier allocation in original order

is between the former two arrangements. Therefore, the subcarrier allocation with

the ascending order of channel gains is chosen.

For verification, a simulation was carried out to observe the required number of

subcarriers and the transmission power to support voice rate of 50 bits/symbol

under the same channel condition, as shown in Fig. 5.2. It is seen that more

subchannels have to be used when the allocation process is started with the sub-

channels whose gains are in an ascending order, compared to that based on the

gains of subchannels in a descending order. The number of subcarriers needed by

the blind allocation process without considering the quality of the subchannel is

between the numbers of subcarriers needed by the methods based on the other two

orders.

Fig. 5.3 shows the comparison of power consumption in terms of normalized power

among the three subcarrier allocation arrangements for voice service. With the al-

location based on the descending order, the transmission power is always larger

than that needed by the other two approaches. It is observed that when the average

channel SNR is 27 dB, all the available power is consumed for voice transmission

and no power is left for data transmission. Referring to the blind allocation of

subcarriers, the voice transmission with only 50 bits/symbol uses as high as 40%

of the total power when the average channel SNR is 30 dB. Consequently, it is im-

possible for the remaining 60% of the total power to support the data transmission

of 400 bits/symbol. However, only 4% of the total power is used for voice when

the allocation is based on the ascending order in (5.8) when the average channel

SNR is 30 dB. Therefore, the subcarrier allocation of our algorithm is based on

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



5.2 Adaptive transmission algorithm 101

5 10 15 20 25 30
0

5

10

15

20

25

30

35

40

45

50

Average channel SNR [dB]

A
v
e

ra
g

e
 N

u
m

b
e

r 
o

f 
s
u

b
c
a

rr
ie

rs
 f

o
r 

v
o

ic
e Ascending order

Original order

Descending order

Figure 5.2: Comparison of the number of subcarriers for voice transmission with
three subcarrier allocation arrangements (Rv = 50 bits/symbol).

the ascending order of the channel gains. Such an arrangement is not only to keep

more transmission power for data transmission, but also substantially reduce the

multiuser interference as shown in the denominator of (5.1).

Table 5.2 presents the algorithm of subcarrier allocation and bit loading for voice

transmission, where U and W are the sets containing the indexes of subcarriers

that are to be discarded and to be assigned, respectively. We first exclude the

subcarriers in deep fade, as seen by the user, which can not even support BPSK

modulation for low BER requirement of voice transmission. Because these sub-

channels don’t have good quality generally, the number of bits, ĉv
i,n, loaded on

these selected subcarriers are limited within [0, 2]. Subject to the fixed rate Rv
T ,

the total number of subcarriers, N v
i , and the corresponding number of loaded bits,

ĉv
i,n, are determined and stored in the set W . Voice outage is declared when the

required power for voice transmission, P v
i , exceeds a preset threshold, for example,

the total or a portion of the total transmission power PT /ᾱ2
i .
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Figure 5.3: Normalized transmission power for voice with three subcarrier alloca-
tion arrangements (Rv = 50 bits/symbol).

(b). Data transmission

Once the number of subcarriers, i.e., Nd
i = N−N v

i , and their indexes for data trans-

mission are determined, the remaining task is to maximize the total throughput

by loading a suitable number of bits onto the available subcarriers. The indexes of

the subcarriers usable for data transmission of the ith user are ranked from N v
i +1

to N . From (5.4), the total throughput for data transmission is

Rd
i =

N∑

n=Nv
i +1

ci,n =
N∑

n=Nv
i +1

log2(1 +
γi,n

Γi

)

=
N∑

n=Nv
i +1

log2


1 +

α2
i,nPi,n/Γi∑K

k=1
k 6=i

α2
k,nρ2

i,k(τk)Pk,n + σ2


 ,

i = 1, 2, · · · , K. (5.10)
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Then the maximization of data throughput

max
cd
i,n

Rd
i = max

cd
i,n

N∑

n=Nv
i +1

log2


1 +

α2
i,nPi,n/Γi∑K

k=1
k 6=i

α2
k,nρ2

i,k(τk)Pk,n + σ2


 (5.11)

is subject to the power limit,

N∑

n=Nv
i +1

P d
i,n = PT /ᾱ2

i − P v
i (5.12)

which is the constraint on the available power for data transmission. To achieve

the maximum data throughput, the transmission power allocation for data trans-

mission can be performed based on the number of bits assigned to each available

subcarrier. The method of power allocation to maximize the total data rate can

be found by using the standard Lagrange multiplier technique [99]. Let us define

the Lagrangian function as,

T d
i =

N∑

n=Nv
i +1

log2



1 +

α2
i,nP

d
i,n

[σ2 +
∑K

k=1
k 6=i

α2
k,nρ2

i,k(τk)Pk,n] Γi





−λi




N∑

n=Nv
i +1

P d
i,n − (PT /ᾱ2

i − P v
i )


 , (5.13)

where λi is a Lagrange multiplier. By solving ∂T d
i /∂P d

i,n = 0 to maximize the

total rate of the data transmission, the transmission power allocated to the nth

subcarrier of the ith user is

P̂ d
i,n =

1

λi ln 2
−

[σ2 +
∑K

k=1
k 6=i

α2
k,nρ2

i,k(τk)Pk,n] Γi

α2
i,n

=
1

λi ln 2
− Ψi,n Γi

α2
i,n

,

n = N v
i + 1, N v

i + 2, · · · , N ; i = 1, 2, · · · , K, (5.14)

where Ψi,n is the interference power to the nth subcarrier of user i due to the

additive Gaussian noise and the multiple access. For a fixed set of Lagrangian
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multipliers {λi} (i = 1, · · · , K), {P̂ d
i,n}K

i=1 on each subcarrier can be determined

by (5.14). By starting from a large value of λi and guaranteeing a positive P̂ d
i,n,

an iterative searching algorithm can be used to find the set of {λi} such that the

constraints of each user’s power for data service can be satisfied, i.e.,
∑

Nd P̂ d
n =

PT /ᾱ2 − P v. This algorithm converges because for a given i, the values of {P̂ d
i,n}

for all n increase as {λi} decrease. As long as the data transmission power of each

user is smaller than PT /ᾱ2
i − P v, which is the total data transmission power, the

algorithm will converge to a solution that satisfies the power constraint. Similarly,

the numbers of loaded bits,
{
ĉd
1,n, ĉd

2,n, · · · , ĉd
K,n

}
, on the subcarriers for the data

service transmission for K users are calculated as,

ĉd
i,n = log2





1 +
3P̂ d

i,n

N0

[
Q−1

(
BERd

i

4

)]2





n = N v
i + 1, N v

i + 2, · · · , N ; i = 1, 2, · · · , K, (5.15)

which maximizes the total throughput of data transmission.

In practice, ĉd
i,n should be rounded to the nearest integer, čd

i,n, for the corresponding

modulation schemes. Consequently, the power allocated on the subcarriers would

change into P̌ d
i,n due to the rounding process of the numbers of bits loaded. It is

assumed that Fi represents the floor integer of
∑N

n=Nv
i +1 ĉd

i,n. After the numbers of

bits are rounded to the nearest integers, if
∑N

n=Nv
i +1 čd

i,n < Fi, some transmission

power will remain, while the transmission power for data, PT /ᾱ2
i −P v

i , will not be

enough to support the numbers of loaded bits if
∑N

n=Nv
i +1 čd

i,n > Fi. Therefore, a

scheme is needed to perform the adjustment of the transmission power on subcar-

riers. In order to meet the power condition, two procedures, as shown in Table 5.3,

are used to meet the transmission power requirement for data service. Procedure

1 in Table 5.3 deals with the situation of
∑N

n=Nv
i +1 čd

i,n < Fi. In order to utilize the

transmission power assigned to data service efficiently, it is necessary to allocate

one more bit on the nth subcarrier that requires the least additional transmission
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power. This procedure is repeated until the the transmission power for data service

is used up. For the situation of
∑N

n=Nv
i +1 čd

i,n > Fi, Procedure 2 in Table 5.3 re-

moves one bit from the nth subcarrier from which the most power reduction can be

made until the numbers of loaded bits can be supported by PT /ᾱ2
i −P v

i . Since the

data rate is not limited to a certain value, the effect to the system by the rounding

and adjustment process will not be considered. As a result, the subcarriers with

čd
i,n = 0 are to be discarded. If the total calculated data rate Rd

i =
∑N

n=Nv
i +1 čd

i,n

is smaller than Rd
T , it means that the transmission power for data service is not

enough to support the data rate Rd
T and then the data outage of user i is declared.

According to A-SABL algorithm, different users can share all subchannels, which

provides more channel resource to increase the transmission capacity. The as-

cending arrangement of subcarriers for voice transmission makes best use of those

subcarriers with low quality and consumes less power. Since different subcarriers

which appear in good quality to one user may not be in good quality for other users,

mostly one user is transmitting voice while another one is transmitting data. Each

user will find the most suitable subcarriers to it for voice and data transmissions

dynamically based on the fading of all subchannels. Consequently, this avoids that

some subcarriers are always assigned to one user whatever their fading conditions

are.

For maximizing the data rate, it does not mean that the maximized data rate by

this proposed algorithm must be higher than the result of other rate-maximization

algorithms, since the premise of data rate maximization here is different. Therefore,

the comparison with other algorithms in data rate maximization is not necessary.

In this chapter, firstly, voice transmission satisfying its requirement should be

guaranteed. Secondly, we want to make best use of the remaining channel and

power resource to maximize the data rate. Some papers have already proposed

some schemes to maximize the data rate in the OFDM system. The typical one

for multiuser system is proposed in [8]. This paper states that the data rate for a

specific subcarrier can be maximized when the subcarrier is assigned to only one
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user who has the best channel gain for that subcarrier. However, in this system,

voice and data are transmitted simultaneously and the priority of voice transmis-

sion is higher than data transmission. Because it is not necessary to maximize the

voice rate, CDMA technique provides the good way to use the subcarriers very

efficiently. Otherwise, much more frequency resource will be wasted if the user is

assigned only some subcarriers. Besides, if the CDMA technique is only be used

in voice transmission and the proposed scheme [8] by Jiho will be used in data

transmission, it is not practical, since the premise of Jiho’s scheme is that the sub-

carriers cannot be shared by others, however, the subcarriers have been already

assigned to other users for voice transmission.

5.3 Performance comparison based on the theo-

retical analysis and simulations

We now evaluate the performance of the proposed subcarrier allocation and bit

loading algorithm according to Table 5.2, (5.15) and Table 5.3 by computer simu-

lations. The channel is assumed to be modelled by a finite impulse response (FIR)

filter with time-varying coefficients. The impulse response for the experiments was

generated on the basis of the symbol-spaced impulse response shown in Fig. 4.4

(a) by fading each of the impulses with the Rayleigh distribution of a maximal

Doppler frequency of fd = 111 Hz in a wireless system with the carrier frequency

of 2.4 GHz and a vehicular velocity of 50 km/h. The channel fading in frequency

domain is shown in Fig. 4.4(b).

Let us consider the voice/data OFDM/CDMA system that has 256 subcarriers.

Because the higher priority is given to voice transmission, subcarriers are assigned

to support voice service first and the remaining subcarriers are used for data trans-

mission. With the A-SABL algorithm, studies are to be made on the performance

of voice/data transmission in multiuser systems. Simulation results of the average

BERs, service rates and outage probability obtained by the A-SABL method are
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presented for various average channel SNRs and numbers of users. These results

are compared with those of the adaptive multi-rate services (A-MRS) [79] and the

uniform M -QAM (U-MQAM) [78], which are extended to be used in the same

multiuser OFDM/CDMA system. We assume that the total transmission power

is 20 dBm and the required BER for voice, BERv, and that for data, BERd, are

10−2 and 10−5, respectively. The voice rate requirement Rv
T for the first simulation

is assumed to be 50 bits/symbol and Rd
T is 400 bits/symbol.
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Figure 5.4: Comparison of average voice and data rates in a three-user system.

In terms of the average service rates, Fig. 5.4 shows the voice and data rates

supported by the three algorithms with different average channel SNRs in a three-

user system. The required voice rate of 50 bits/symbol is guaranteed by A-SABL,

A-MRS and U-MQAM. For the data rate, the proposed algorithm, A-SABL, can

support 70 bits/symbol more than U-MQAM and nearly 26 bits/symbol more than

A-MRS. On the same condition with the same data rate of 400 bits/symbol, the

average BER of three users are shown in Fig. 5.5. The voice BERs obtained

by the three schemes have similar changes and the BER requirement of 10−2 is

satisfied when the average channel SNR is more than 16 dB. To achieve BER =
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Figure 5.5: Comparison of BERs obtained from simulations of a three-user system.

10−5 requirement for data service, the A-SABL must have an average SNR of 19

dB, which is about 3 dB lower than the A-MRS. For the U-MQAM scheme, 400

bits/symbol cannot be possibly supported on this condition to achieve the average

BER of 10−5.

Since users in multiuser systems share all the subchannels, the interference among

different users has significant effects on the BERs. Fig. 5.6(a) presents the per-

formance of voice service when the average channel SNRs are 20 and 30 dB, re-

spectively. For A-SABL, A-MRS and U-MQAM, the achieved average BERs for

voice service have a similar tendency as the numbers of users in the multiuser

OFDM/CDMA system is increased. It is seen that when 10 users are in the sys-

tem, BER requirement of 10−2 can be still achieved when the average SNR is 20

dB and the voice rate Rv
T = 50 bits/symbol. For data service with the BER re-

quirement of 10−5 and rate requirement of 400 bits/symbol, Fig. 5.6(b) shows that

the A-SABL algorithm can support 2 more users than the A-MRS as the average

channel SNR is 30 dB. For BER requirement of data transmission to be 10−4, the
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Figure 5.6: Comparison of BERs performance of voice and data services in the
system accommodating different numbers of users.
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Figure 5.7: Comparison of average voice/data rates in the system accommodating
different numbers of users when the average SNR is 20 dB.

proposed algorithm supports at least 3 more users than the A-MRS and U-MQAM,

respectively, when the average channel SNR is 20 dB. In general, the BER per-

formance of the A-SABL is degraded when the number of users in the system is

increased due to the limited frequency resource. Alternatively, the effect of increas-

ing the number of users can be compensated by reducing the data rates supported

by the subcarriers. Fig. 5.7 shows that, at the average channel SNR of 20 dB, the

data rate in the system with A-SABL changes from 427 to 365 bits/symbol when

the number of users increases from 2 to 10, while the data rates in the system

with A-MRS and U-MQAM decrease from 395 to 336 bits/symbol and from 365

to 297 bits/symbol, respectively. However, the voice rates are guaranteed at 50

bits/symbol by the three schemes.

Based on the target BER performance and rate requirements, Appendices D and

E derive the outage probability of data service. Since the voice outage is de-

clared when the transmission power for voice exceeds the assigned transmission

power, the outage probability of voice service can be obtained from calculating the
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Figure 5.8: Comparison of outage probabilities for voice/data versus average SNR
in a three-user system with Rv

T = 50 bits/symbol, Rd
T = 400 bits/symbol and

BERv = 10−2, BERd = 10−5.

transmission power for voice directly. Fig. 5.8 shows the comparison of outage

probability for voice/data versus average SNR in a three-user system. With the

outage probability of 10−3, the A-SABL achieves 1.5 dB and 4 dB SNR reduction

compared with A-MRS and U-MQAM for voice transmission, and nearly 2 dB

SNR reduction compared with the A-MRS for data service to achieve the outage

probability of 10−5. Due to the poor BER performance of U-MQAM, as shown in

Fig. 5.5, it gets much higher outage probability when the data rate requirement is

400 bits/symbol. It is also observed that the performance of the proposed A-SABL

algorithm becomes degraded for the high data rate transmission. When the trans-

mission rate for data services reaches 430 bits/symbol, for example, in a three-user

system, higher outage probability occurs as shown in Fig. 5.9, which means that

the system is too congested and a wider bandwidth is needed for acceptable QoS

requirements.

Let us now consider the effects of increasing the transmission rate for voice service
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Figure 5.9: Comparison of outage probabilities for voice/data versus average SNR
in a three-user system with Rv

T = 50 bits/symbol , Rd
T = 430 bits/symbol and

BERv = 10−2, BERd = 10−5.

relative to that for data service. Fig. 5.10(a) and (b) show the effects on the achiev-

able data rates when the voice rate requirements Rv
T are 20 and 80 bits/symbol,

respectively. In comparison, the increment of 60 bits/symbol brings the decrement

of data rates by nearly 120 bits/symbol since more subcarriers are used for voice

transmission. When the voice service requires higher rates, the data rate support-

ing data service is accordingly reduced since more power and subcarriers have to

be used for voice transmission, as shown in Fig. 5.11(a) and (b) for the cases Rv
T

= 140 and 200 bits/symbol. When Rv
T = 200 bits/symbol, it is very difficult to

support the data rate that is higher than 150 bits/symbol. For more comprehen-

sive observation, Fig. 5.12 shows the decrease of the data rate with the increase of

the voice rate at the different average SNRs. When the voice rate reaches 230, 282

and 330 bits/symbol, there would be no data transmission at the average SNR of

5, 10 and 30 dB, respectively. For data transmission, adding one more bit on the

subcarriers may consume much more transmission power to guarantee lower BER.

Therefore, the total transmission rate decreases when the voice rate increases as
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shown in Fig. 5.13. Let us consider the case that the system has to only support

voice transmission when the voice rate continues increasing. At the average SNR

of 5 dB, the maximum voice rate supported is 300 bits/symbol as its curve stops

when Rv = 300 bits/symbol. This value is 341 at the average SNR of 10 dB.

Since most of subcarriers are in good quality at the average SNR of 30 dB, 500

bits/symbol of voice rate can be supported.

In the aspect of the computational complexity, the voice transmission is processed

at first, and at least N loops will be done with nearly 2 × Nv adders. To get the

calculated results of the adaptive data transmission, (5.14) and (5.15), Nd loops

are to be performed with nine multipliers, two dividers, (K+1) adders and one

logarithm in one loop. The power adjustment procedure for the data transmission

shown in Table 5.3 would be processed for Nd loops and Nd adders can be shared

with other process. Possibly the adaptive data transmission would be delayed since

it is performed after the adaptive voice transmission. For the A-MRS algorithm,

it is simpler than the proposed algorithm. Once the SNR of each subcarrier from

the channel estimation is obtained, it just loads the corresponding number of bits

by checking the Bit-SNR table, regardless of the subcarrier order arrangement.

U-MQAM is simpler than A-MRS and A-SABL algorithm. U-MQAM combines

the voice bit and data bits together. For example, if 4 bits are loaded on one

subcarrier, 1 bit will be used for voice and 3 bits will be used for data.

5.4 Conclusion

This chapter proposes an adaptive subcarrier allocation and bit loading algorithm

for integrated voice and data transmissions in a multiuser OFDM/CDMA system.

The objective is to meet the realtime requirement and the QoS for voice trans-

mission and maximize the transmission throughput for data service and achieve

the target BER with the given total transmission power. Since the signal symbols

in the OFDM system are transmitted in parallel through a number of orthogo-
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Figure 5.10: Comparison of average voice and data rates in a three-user system
(BERv = 10−2 and BERd = 10−5).
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Figure 5.11: Comparison of average voice and data rates in a three-user system
(BERv = 10−2 and BERd = 10−5).
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Figure 5.12: Date rate versus Voice rate at different average SNRs in a three-user
system (BERv = 10−2 and BERd = 10−5).

nal subcarriers simultaneously, the spectral diversity may be exploited using the

proposed adaptive transmission scheme.

The adaptive scheme is derived via two steps. The first one is the subcarrier

allocation and bit loading for voice transmission due to the stringent realtime

constraints of the voice transmission. The second step is to make the best use of

the remaining transmission power and subcarriers to support the maximum data

rate according to the variable-rate data transmission requirement. The improved

performance obtained by the A-SABL scheme results from more efficient utilization

of the total transmission power to support much higher data rate. The simulation

results show that the proposed algorithm achieves significantly better performance

in terms of supporting data rate, BER and outage probability than that achieved

by the A-MRS and U-MQAM methods. The results reported in this chapter are

obtained under the assumption of available channel information.
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Figure 5.13: Total rate versus Voice rate at different average SNRs in a three-user
system (BERv = 10−2 and BERd = 10−5) .
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Table 5.2: Algorithms of subcarrier allocation and bit loading for voice transmis-
sion of user i

Initialization
For user i, αi,1 ≤ αi,2 ≤ · · · ≤ αi,N , i = 1, 2, · · · , K
Let N v

i = 0; Rv
i = 0;

1 W = {φ}; / * W includes used subcarriers for Voice * /
U = {φ}; / * U includes discarded subcarriers * /
U ∪ V = {1, · · · , N};
U ∩ V = {φ}

for n = 1 to N
{

cv
i,n = 1; / * BPSK Modulation * /

BERv
i,n = 1

2
erfc(

√
γi,n) [77]; / * According to γi,n in (5.1) * /

2 if BERv
i,n > BERv

i,n

{ U = U ∪ n;
continue; }

}
Obtain V based on U . / * V includes available subcarriers * /

for n = V (1) to N / * Start Loading from subcarrier V (1) * /
{

cv
i,n = log2

(
1 +

γi,n

Γi

)
;

if cv
i,n > 2
{ cv

i,n = 2;
Rv

i = Rv
i + cv

i,n; }
if Rv

i ≤ Rv
T

{ W = W ∪ n;
3 N v

i = N v
i + 1; }

else
break;

}
P v

i =
∑Nv

i
n=1 P v

i,n(cv
i,n); / * Transmission power for Voice * /

if P v
i > PT /ᾱ2

i

{ Voice outage occurs; }
else
{P d

i = PT /ᾱ2
i − P v

i ; } / * Transmission power for Data * /
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Table 5.3: Adjustment of the transmission power on subcarriers for user i

If
∑N

n=Nv
i +1 čd

i,n < Fi,

/* Reloading Operation */

Procedure 1 Loops begin:

For all n and čd
i,n for data service,

△P̌ d
i,n = [P̌ d

i,n(čd
i,n + 1) − P̌ d

i,n(čd
i,n)]/α2

i,n;

/* Find the smallest power increase */
n̂ = arg minn △P̌ d

i,n;

if
∑N

n=Nv
i +1 P̌ d

i,n < PT /ᾱ2
i − P v

i

čd
i,n̂ = čd

i,n̂ + 1;
else

čd
i,n̂ will not increase;

break;

Loops end.

If
∑N

n=Nv
i +1 čd

i,n > Fi,

/* Unloading Operation */

Procedure 2 Loops begin:

For all n and čd
i,n for data service,

△P̌ d
i,n = [P̂ d

i,n(čd
i,n) − P̌ d

i,n(čd
i,n − 1)]/α2

i,n;

/* Find the largest power decrease */

n̂ = arg maxn △P̂ d
i,n;

if
∑N

n=Nv
i +1 P̌ d

i,n > PT /ᾱ2
i − P v

i

čd
i,n̂ = čd

i,n̂ − 1;
else

čd
i,n̂ will not decrease;

break;

Loops end.
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Chapter 6

System performance with

inaccurate channel estimation

In Chapter 4 and Chapter 5, two algorithms for ABLA-OFDM for single-service

transmission and A-SABL for multi-service transmission, are proposed. However,

these algorithms are based on the assumption that the channel information is

known by the transceiver. In this chapter, the system performance based on the

two proposed algorithms would be analyzed when the channel information obtained

by the receiver is inaccurate.

6.1 Introduction

Adaptive modulation in OFDM systems is an attractive technique for high-speed

wireless data transmissions. Two adaptive algorithms are put forward to allocate

subcarriers and load a suitable number of bits on selected subcarriers, such as the

adaptive bit allocation algorithm for the multiuser OFDM/CDMA systems, and

the adaptive subcarrier allocation and bit loading for the simultaneous voice/data

transmission. The former is suitable to the system in which users would transmit

only one kind of service with the fixed data rate, while the latter is used in the

120
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Data

Figure 6.1: System block diagram of the PSAM communication system.

multi-service system with variable data rates.

However, the severe amplitude and phase fluctuations inherent to wireless chan-

nel significantly degrade the BER performance of M-QAM. That is because the

demodulator must scale the received signal to normalized channel gain so that its

decision regions correspond to the transmitted signal constellation. This scaling

process is called automatic gain control (AGC) [111]. The AGC improperly scales

the received signal if the channel gain is estimated with errors. This can lead

to incorrect demodulation even in the absence of noise. Thus, accurate fading

compensation techniques at the receiver are required by the reliable communi-

cation with M-QAM. Channel estimation of wireless channels is a very effective

technique to precisely compensate for inevitable channel amplitude and phase dis-

tortion. Channel estimation by pilot symbol assisted modulation (PSAM) were

studied in [112–114].

6.2 Pilot Symbol Assisted Modulation (PSAM)

A block diagram of the PSAM communication system is shown in Fig. 6.1. Pilot

symbols are periodically inserted into the data symbols at the transmitter for the

channel parameters, such as the amplitude α and the phase shift θ, to be extracted

and interpolated at the channel estimation stage. These estimated parameters are

given by α̌ and θ̌, respectively. At the receiver, the received signal goes through

the AGC, which compensates for the channel fading by dividing the received signal
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Data SymbolsPilot

L-1 symbols

Pilot

Figure 6.2: Frame format using pilot symbols.

with the fading estimate αejθ. The demodulated data bits can be obtained by the

decision device after the AGC process.

We assume that the channel changes very slowly over each symbol duration. The

Rayleigh fading amplitude α follows the probability density function (pdf) [89]

f(α) =
2α

Ω
e−α2/Ω, α > 0 (6.1)

where Ω = E{α2} is the average fading power. The joint distributions f(α, α̌)

and f(θ, θ̌) will be described later. Specifically, as shown in Fig. 6.2, the data is

formatted into frames of L symbols, with the first symbol in each frame used for

the pilot symbol.

After matched filtering and sampling with perfect symbol timing at the rate of

1/Ts, a baseband TS-spaced discrete-time complex-valued signal is obtained as

yk = zkxk + nk. (6.2)

The sequence xk represents complex M-QAM (or M-PSK) and pilot symbols. The

sequence zk represents the fading, which is a complex zero-mean Gaussian random

variable for Rayleigh channel, and nk is AWGN with variance σ2 = N0/2. At the

receiver, channel fading at the pilot symbol duration is extracted by dividing the

received signal with the known pilot symbols denoted by x,

žj =
yj

x
= zj +

nj

x
. (6.3)
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Figure 6.3: Fading interpolation in PSAM.

where zj is the fading during the pilot symbol in the jth frame. The receiver

estimates the fading at the lth data symbol time in the nth frame from the K

nearest pilot symbols. For example, as illustrated in Fig. 6.3 [115], the receiver

uses [(K − 1)/2] pilot symbols from pervious frames, the pilot symbol from the

current frame, and the pilot symbols from the [K/2] subsequent frames. Thus, the

fading estimate is given by

z̃l
n =

[K/2]∑

k=−[(K−1)/2]

f l
kžn+k , (6.4)

where l = 1, 2, · · · , L − 1 is the data symbol index within each frame, and f l
k are

real interpolation coefficients. Fig. 6.4 shows the pilot pattern within one OFDM

symbol. The pilots are inserted into the subcarriers with an interval, the value

of which has the inverse ratio to the channel quality. If the channel is good, this

interval could be enlarged and the number of pilots is reduced, which can increase

the efficiency of the system. While the channel is in deep fading, more pilots

should be inserted among subcarriers crowdedly in order to obtain the estimation

with fewer errors. As a result, the number of subcarriers for the data transmission

would decrease.

Since the estimated fading z̃ is a weighted sum of zero-mean complex Gaussian

random variables, it is also a zero-mean complex Gaussian random variable. Thus,
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the channel amplitude α = |z| and its estimate α̌ = |z̃| have a bivariate Rayleigh

distribution given by [116]

f(α, α̌) =
4αα̌

(1 − ϕ)ΩΩ̌
I0

(
2
√

ϕαα̌

(1 − ϕ)
√

ΩΩ̌

)

· exp

[
− 1

1 − ϕ
(
α2

Ω
+

α̌2

Ω̌
)

]
, (6.5)

where ϕ = (cov(α, α̌)/
√

var(α2)var(α̌2), 0 ≤ ρ < 1, is the correlation coefficient

between α2 and α̌2, Ω = E{α2}, Ω̌ = E{α̌2}, and I0 is the zeroth-order modified

Bessel function. The phase θ and its estimate θ̌ have a joint distribution similar
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to Eq. (8.106) in [116] given by

f(θ, θ̌) =
1 − ϕ

4π2

[
(1 − q2)1/2 + q(π − cos−1q)

(1 − q2)3/2

]
, θ ≥ 0, θ̌ ≤ 2π (6.6)

where q =
√

ϕcos(θ − θ̌). The derivation of three parameters: ϕ, Ω and Ω̌ are

given in [115].

6.3 Estimation error analysis

In the proposed algorithms described in the previous two chapters, such as adap-

tive bit allocation for multiuser OFDM/CDMA systems and adaptive subcarrier

allocation and bit loading for simultaneous voice/data transmission in the mul-

tiuser OFDM systems, the channel estimation is assumed to be made perfectly by

PSAM. It means that the channel amplitude α̌n = αn and the phase θ̌n = θn for

each subcarrier. We now relax our earlier assumptions about the estimation errors

in the two algorithms. Because the power is proportional to the square of the

amplitude, we get the estimation error, ǫ = 10 |lg (α̌2
n/α

2
n)| 6= 0 (in dB) [117]. The

effect of estimation error will be dramatic on systems with Rayleigh fading. The

channel model is the same as that in the previous chapters. Fig. 6.5(a) shows the

amplitudes of subchannels affected by the channel gain overestimation, ǫ > 0. And

the effect to the subchannels by the channel gain underestimation is shown in Fig.

6.5(b). Our adaptive subcarrier allocation and modulation schemes use the chan-

nel estimation at the base station since the base station can provide more power

and complexity for the channel estimation algorithms than the mobile station. At

the transmitter, the channel estimation is used to determine the subcarriers as-

signed and signal constellation and power to be sent. At the receiver, the channel

estimation is used to determine which signal constellation and power are sent, and

also to scale the decision regions of the MQAM demodulator corresponding to the

constellation and power. Note that the channel estimation used to determine the
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signal constellation and power must be strictly causal since the transmitter must

adapt to the time-varying channel. However, the channel estimation used to scale

the decision regions can be noncausal (i.e., it can interpolate between past and

future channel estimates or pilot symbols), although this will introduce delay in

the decoding.

The estimation error therefore affects the BER of the adaptive system in two ways.

The transmission power and the number of loaded bits on the nth subcarrier will

be adapted as P (α̌n) and c(α̌n) instead of P (αn) and c(αn), which may cause a

change in the target data rates and BERs. In the following parts, the effects of

the channel estimation errors for a particular user will be analyzed.

6.3.1 Estimation error analysis for Case 1: ABLA algo-

rithm

For this case, the adaptive bit allocation algorithm for the multiuser OFDM/CDMA

system (ABLA-OFDM), the estimated subchannel amplitude α̌n should be

α̌2
n = 10±ǫ/10 · α2

i,n, (6.7)

if ǫ is defined in dB. When the channel estimation error is {1,−1} or {2,−2}
dB, α̌/α would be {1.12, 0.89} or {1.26, 0.79} respectively. Based on (4.14) and

the channel estimation errors, we calculate the number of bits loaded on the nth

subcarrier of user i,

či,n = log2





10±ǫ/10 · β′
i α2

i,n

N0 ln 2
3

[
Q−1

(
BERi

4

)]2
[
10±ǫ/10 α2

i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λ′

i

]



 ,(6.8)

where β′
i = {β′

i,+ǫ, β′
i,−ǫ} λ′ = {λ+ǫ, λ−ǫ}. Because of the channel estimation error

ǫ, the bits loaded on the nth subcarrier becomes more (when α̌n > αn, called
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Figure 6.5: Wideband channel with different channel estimation errors.
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overestimation) or less (when α̌n < αn, called underestimation) than the ideal ci,n,

which is the number of bits obtained in terms of the perfect channel estimation.

Based on the constraint in (4.8), we have

N∑

n=1

či,n = Ri, (6.9)

and

N∑

n=1

ci,n = Ri. (6.10)

Therefore, referring to (6.8), (6.9) can be rewritten as,

Ri =
N∑

n=1

či,n

=
N∑

n=1

log2





10±ǫ/10 · β′
i α2

i,n

N0 ln 2
3

[
Q−1

(
BERi

4

)]2
[
10±ǫ/10 α2

i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λ′

i

]





= log2

N∏

n=1





10±ǫ/10 · β′
i α2

i,n

N0 ln 2
3

[
Q−1

(
BERi

4

)]2
[
10±ǫ/10 α2

i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λ′

i

]





= log2

10±ǫ N/10 · β′N
i α2

i,n{
N0 ln 2

3

[
Q−1

(
BERi

4

)]2
}N

·
N∏

n=1


10±ǫ/10 α2

i,n

K∑

k=1
k 6=i

ρ2
i,k(τk) − λ′

i


 . (6.11)

Correspondingly, we get (6.12) from (6.10),

Ri =
N∑

n=1

ci,n
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= log2

βN
i α2

i,n

{N0 ln 2
3

[
Q−1

(
BERi

4

)]2}N
·

N∏

n=1


α2

i,n

K∑

k=1
k 6=i

ρ2
i,k(τk) − λi


 . (6.12)

Then in terms of (6.11) and (6.12),

log2

10±ǫ N/10 · β′N
i α2

i,n

{N0 ln 2
3

[
Q−1

(
BERi

4

)]2}N
·

N∏

n=1


10±ǫ/10 α2

i,n

K∑

k=1
k 6=i

ρ2
i,k(τk) − λ′

i




= log2

βN
i α2

i,n

{N0 ln 2
3

[
Q−1

(
BERi

4

)]2}N
·

N∏

n=1


α2

i,n

K∑

k=1
k 6=i

ρ2
i,k(τk) − λi


 , (6.13)

we derive

β′
i = 10±ǫ /10 βi ·




N∏

n=1

10±ǫ/10 α2
i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λ′

i

α2
i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λi




1
N

. (6.14)

After replacing β′
i in (6.8), we have

či,n = log2





10±ǫ/10 · 10±ǫ /10 βi ·
[
∏N

n=1

10±ǫ/10 α2
i,n

∑K
k=1
k 6=i

ρ2
i,k(τk)−λ′

i

α2
i,n

∑K
k=1
k 6=i

ρ2
i,k(τk)−λi

] 1
N

α2
i,n

N0 ln 2
3

[
Q−1

(
BERi

4

)]2
[
10±ǫ/10 α2

i,n

∑K
k=1
k 6=i

ρ2
i,k(τk) − λ′

i

]





= log2





βi α2
i,n
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= ci,n + log2
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. (6.15)

The second term of (6.15) shows the effect by the error estimation. If the condition

below,
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, (6.16)

is met, the channel is overestimated and the calculated number of loaded bits

would be larger than the that when the channel estimation is perfect, či,n > ci,n.

And if
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k 6=i

ρ2
i,k(τk) − λi

, (6.17)

the channel is underestimated and fewer number bits would be calculated, such

as či,n < ci,n. After the number of bits loaded on the nth subcarrier is calculated

loaded on the nth subcarrier, it should be rounded to the nearest integer. Conse-

quently, the actual data rate to support each user may be smaller or larger than

the given data requirement. Then Table 4.1 will be used to deal with this problem

and the number of loaded bits will be adjusted by Table 4.2.

Normally, when the channel is overestimated, α̌n > αn, the obtained number of
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bits on subcarriers based on the algorithm will be more than those obtained from

the perfect channel estimation. Consequently, the BER will increase with the num-

ber of bits on subcarriers accordingly. However, in the ABLA-OFDM algorithm,

based on the requirements of the transmission power and the data rate, these

constraints can clamp the number of bits on subcarriers, which prevents the sub-

stantial increase of BER. When the channel is underestimated, these constraints

would “remind” the algorithm that some remaining power should be fully used to

achieve the data rate requirement. Accordingly, more bits are to be loaded based

on the ABLA-OFDM algorithm. In addition, based on Table 4.1 and Table 4.2,

the procedures in the two tables guarantee the required transmission rates and the

efficient utilization of the transmission power. The self-adjustment procedures re-

duce the impairments further on the adaptive system due to the channel estimation

errors.

Although some procedures in the ABLA-OFDM algorithm try to reduce the effects

by the channel estimation errors, the impairment to the system performance cannot

be eliminated. When the channel is estimated perfectly, the number of bits are

obtained in (4.14) by the suboptimal scheme in the ABLA-OFDM algorithm, which

is the premise on which the bit adjustment procedures in Table 4.1 and Table 4.2

are applied. However, this premise, či,n, is changed, as shown in (6.15), if the

channel is estimated with errors. As a result, the whole performance of the system

would be affected.

Fig. 6.6(a) and (b) give us the comparison of BER obtained from simulations of a

three-user system with same data rates, such as 200, 400 and 600 bits/symbol when

the channel estimation errors are 0, ±1 and ±2 dB respectively. When the average

SNR varies between 5 and 20 dB, the required SNR for the systems, with three

different data rates, increases less than 1 dB when ǫ = ±1, ±2 dB, as shown in

Fig. 6.6(a) and (b). When the average SNR is larger than 20 dB and the required

BER is 10−5, more negative effects resulting from ǫ occur with the increase of the

supported data rates. When the average SNR increases, the difference between the
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Figure 6.6: Average BERs of the three users with the different average SNRs.
(Case 1)
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Figure 6.7: Average BERs with the different number of users supported when the
supported data rate is 400 bits/symbol. (Case 1)
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Figure 6.8: Average BERs of the three users with the different data rates sup-
ported. (Case 1)
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affected transmission performance by ǫ would increase since more bits are loaded

and then the effects to the number of loaded bits by the estimation errors increase

accordingly at a higher average channel SNR. The effects by the channel estimation

errors can be also explained in terms of the system capacity. Fig. 6.7(a) shows,

when the average SNR is 20 dB and the data rate is 400 bits/symbol, the system,

affected by ǫ = 2 dB, accommodates 6 users with BER = 10−3, while 7 users can

be supported by the system with perfect channel estimation. When ǫ is -2 dB,

the required BER is 10−5 and the average SNR is 30 dB, the system capacity is

decreased in one user, compared with the system with ǫ = 0 dB. For ǫ = 1 dB,

only little negative effect on the system performance occurs. As for the perfor-

mance of the transmission with high data rates, in Fig. 6.8(a) and (b), only 40

bits/symbol is reduced at most because of the inaccurate channel estimation with

±1 and ±2 dB when the average SNR is 10 or 20 dB. For the effect to the system

performance, there is some difference between the channel overestimation and un-

derestimation. Compared with the channel underestimation, more bits are already

loaded on some subcarriers when the algorithm begins since the subchannel gains

are overestimated. This leads to higher BERs on these subcarriers, although the

data rate requirement clamp the number of bits on some subcarriers. Whereas, in

order to meet the data rate requirement if the channel underestimation occurs, the

inadequate number of bits will be loaded at last. Therefore, the BER performance

with channel underestimation is better than with channel overestimation.

As a whole, the simulation results show little impairment on the adaptive algorithm

by the channel estimation errors. Due to the constraints of the data rate and trans-

mission power, and self-adjustment procedures in the ABLA-OFDM algorithm, the

effects on the adaptive system performance by the inaccurate channel estimation

is reduced, which is significant for the application of the adaptive algorithm with

less strict channel estimation.
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6.3.2 Estimation error analysis for Case 2: A-SABL algo-

rithm

The effect to the performance is different between the Case 1 (ABLA-OFDM for

single-service) and Case 2 (A-SABL for multi-service) when the inaccurate channel

estimation occurs. If the subchannel amplitude estimated is higher than the actual

one, the number of bits on subcarriers for the voice service would increase and some

subcarriers with low channel gains, to be discarded, may be allocated some bits.

Thus, much more transmission power will be consumed to support more bits on

subcarriers, especially those with low channel gains, to meet the BER requirement

of voice service. Although the transmission rate of the voice service is satisfied, a

little more remaining subcarriers may not support better performance for the data

service since less power remains. If the subchannel amplitude estimated is lower

than the actual one, more subcarriers would be allocated to the voice to guarantee

its transmission rate requirement. Consequently, the maximization of the data

rate is interfered with since the data service gets fewer subcarriers according to its

strict BER requirement.

For the voice transmission, the subcarrier allocation and bit loading scheme al-

locates the number of bits according to the estimated subchannel SNRs at the

receiver, as shown in Procedure 2 and 3 of Table 5.2. Due to the estimation er-

rors, the number of subcarriers in Group {U}, to be discarded, will decreases or

increases when the channel is overestimated or underestimated.

For the data transmission, based on the power allocation in (5.14) and the channel

estimation errors, ±ǫ, for user i, the transmission power allocated on the nth

subcarrier of user i can be written as,

P̌ d
i,n =

1

λ′
i ln 2

− Ψi,n Γi

10±ǫ/10α2
i,n

, (6.18)

where λ′
i = {λ′

i,+ǫ, λ′
i,−ǫ}. Then the same iterative searching algorithm described
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in Chapter 5 will be applied to determined the value of P̂ d
i,n. With the channel

estimation errors, the number of bits loaded to the nth carrier for data transmission

of user i can be calculated according to (5.15),

čd
i,n = log2





1 +
3 P̌ d

i,n

N0

[
Q−1(

BERd
i

4
)
]2





= log2





1 +
3
(

1
λ′

i ln 2
− Ψi,n Γi

10±ǫ/10α2
i,n

)

N0

[
Q−1(

BERd
i

4
)
]2





. (6.19)

In practice, čd
i,n should be rounded to the nearest integers to use the corresponding

modulation schemes based on the power adjustment in Table 5.3.

Overestimation

According to the result of A-SABL algorithm, if the channel is overestimated,

α̌n > αn, the number of bits on subcarriers for the voice service would increase

and some subcarriers with low channel gains, to be discarded, may be allocated

one or two bits. Thus, much more transmission power will be consumed to support

more bits on subcarriers, especially those with low channel gains, to meet the BER

requirement of voice service, as analyzed in Appendix F. And less transmission

power remains for the data transmission. Although the number of sucarriers, Nd,

for data service increases, the increment is slight for data transmission with high

data rates when the overestimation error is within [0, 2]. That is because the

voice rate is only 50 bits/symbol and the number of bits loaded on a subcarriers

is limited to 2.

Fig. 6.9 shows the BER performance of the voice and data transmissions with

different channel overestimation errors, Rv
T = 50 bits/symbol and Rd

T = 400

bits/symbol. As the voice has the lower transmission rate, the negative impact

by ǫ is not much and its BER requirement can be satisfied. The impairment to the
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performance of the voice transmission results from that some subcarriers suffering

severe fading are chosen. When ǫ is 2 dB, more transmission power is used by

voice service and less power remains for data. Thus, to meet the same data rate,

higher BERs occurs and the performance of the data service decreases more than

that with ǫ = 1 dB. The BER of 10−5 only can be reached at the average SNR

of 28.7 dB. Fig. 6.10 shows the outage comparisons of the outage probabilities of

the voice and data transmissions when the channel estimation errors are 1 and 2

dB, Rv
T is 50 bits/symbol and Rd

T is 400 bits/symbol. There is a little effect to the

voice service (ǫ = 1 and 2 dB) and much effect to the data service, especially when

ǫ = 2 dB. However, the outage probability of 10−4 can still be obtained when the

average SNR is near 30 dB. Although there is much effect to the data transmis-

sion when the channel estimation error is 2 dB, the voice transmission with higher

priority can still be guaranteed. Additionally, the data rate to be supported is

also affected due to the channel overestimation. As shown in Fig. 6.11, about 18

bits/symbol is reduced when the estimation error is 1 dB and the data rate gets

more than 50 bits/symbol reduction with ǫ = 2 dB. However, the voice rates are

always guaranteed as Rv
T = 50 bits/symbol.

Underestimation

If the estimation error, −ǫ, occurs, which means α̌n < αn, the number of bits on

subcarriers chosen for the voice service would decrease. Additionally, more sub-

carriers suffering severe fading may be discarded because they are underestimated.

Thus, the number of subcarriers for the voice transmission would increase to meet

the fixed transmission rate, Rv
T , according to Table. 5.2. Since more subcarriers

are used to support the total voice rate, the total transmission power for voice

decreases referring to Fig. 4.2(a) and Appendix G. Accordingly, more power can

be assigned to data service.

However, the benefit from the increment of the transmission power can be ignored

for data service to support high data rates with reduced number of subcarriers.
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Figure 6.9: Comparison of BER for voice/data versus average SNRs with differ-
ent channel overestimation errors. Note: Rv

T = 50 bits/symbol and Rd
T = 400

bits/symbol. (Case 2)

For the voice transmission with the BER of 10−3 and the data transmission with

the BER of 10−6, the required power to support cn bits with BERv = 10−3 is

much less than the power to support cn bits with BERd = 10−6. For example, 1

bit are reduced from one subcarrier having 3 bits originally for voice due to the

underestimation. And the reduced power is used to support this bit on another

subcarrier and then the remaining is assigned for data service. As show in Fig.

4.2(a), the power reduction for voice is only 14N0, while the additional power of

50N0 and 250N0 are required to support only one and two more bits respectively on

a subcarrier having 3 bits originally for data service. As a whole, with the reduced

number of bits and slightly increased transmission power, the performance of the

data transmission is affected by the channel underestimation in terms of BERs,

outage probabilities and data rates.

Due to the reduction of the number of the subcarriers and little power increment
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Figure 6.10: Comparison of outage probabilities for voice/data versus average
SNRs with different channel overestimation errors. Note: Rv

T = 50 bits/symbol
and Rd

T = 400 bits/symbol. (Case2)

for the data transmission, the impairment to the data service performance by

the channel underestimation is more than that by the channel overestimation.

However, the voice performance becomes better since more subcarriers with higher

channel gains are allocated. Fig. 6.12 shows the BER performance of the voice

and data transmissions with different channel overestimation errors, Rv
T = 50

bits/symbol and Rd
T = 400 bits/symbol. We can see the BER of voice performance

is improved and 1 dB SNR reduction is obtained for ǫ = −2 dB compared with

that for ǫ = 0 dB. On the contrary, the performance of the data transmission

by the channel underestimation is worse than that by the channel overestimation

shown in Fig. 6.9. When ǫ is 2 dB, more subcarriers with high channel gains are

used by the voice service and less remains for data. Thus, to meet the same data

rate, higher BERs occurs and the performance of the data service is downgraded.

At the average SNR of higher than 30 dB, the BER of 10−5 can be reached. In

terms of the outage probabilities, Fig. 6.13 shows that low outage probabilities are
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Figure 6.11: The transmission rates of voice/data service supported with different
channel overestimation errors. Note: Rv

T = 50 bits/symbol. (Case 2)

obtained for the voice service (ǫ = -1 and -2 dB) and the outage probabilities are

affected much to the data service, especially when ǫ is 2 dB. the outage probability

of 10−3 can be obtained when the average SNR is 30 dB. Although there is much

effect to the data transmission when the channel estimation error is -2 dB, the

voice transmission with higher priority can still be guaranteed and its transmission

performance is improved. Based on the effect to the performance of the BER

and outage probability, the trend of the decreasing data rate due to the channel

underestimation is shown in Fig. 6.14. Nearly 27 bits/symbol is reduced when the

estimation error is -1 dB and the data rate gets more than 68 bits/symbol reduction

with ǫ = -2 dB. And the voice rates are always guaranteed as Rv
T = 50 bits/symbol.

In order to support higher data rates on the situation of higher channel estimation

errors, the number of subcarriers or equivalently the channel bandwidth can be

increased.

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



6.4 Conclusion 142

5 10 15 20 25 30
10

−5

10
−4

10
−3

10
−2

10
−1

10
0

Average channel SNR [dB]

A
v
e

ra
g

e
 B

E
R

Estimation Error =  0 dB

Estimation Error = −1 dB

Estimation Error = −2 dBData

Voice

Figure 6.12: Comparison of BER for voice/data versus average SNRs with differ-
ent channel underestimation errors. Note: Rv

T = 50 bits/symbol and Rd
T = 400

bits/symbol. (Case 2)

6.4 Conclusion

In the previous two chapters, two adaptive subcarrier allocation and bit loading

algorithms were proposed based on the perfect channel estimation. However, 0

dB channel estimation error is not practical. The adaptive modulation system has

much dependency to the channel estimation. The complexity and process time of

the channel estimation algorithm would affect the performance and application of

the adaptive algorithms directly. Under the condition of the inaccurate channel

information, the performance of the proposed algorithms, ABLA and A-SABL, are

analyzed when the channel is overestimated and underestimated. The analysis and

simulations show that the proposed algorithms can still keep tolerable performance

based on some given QoS requirements when the channel estimation is not ideal.

It is known that the accurate channel estimation is at the cost of the complexity

of the estimation algorithms. Therefore, since the proposed algorithms have the
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Figure 6.13: Comparison of outage probabilities for voice/data versus average
SNRs with different channel underestimation errors. Note: Rv

T = 50 bits/symbol
and Rd

T = 400 bits/symbol. (Case 2)

tolerance to the channel estimation errors, i.e., ±1 and ±2 dB, the channel estima-

tion methods with lower complexity can be applied in the adaptive system. Thus,

the potential complexity problem of the adaptive OFDM system is reduced.
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Figure 6.14: The transmission rates of voice/data service supported with different
channel underestimation errors. Note: Rv

T = 50 bits/symbol. (Case 2)
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Chapter 7

Conclusions and

recommendations for future work

In this chapter, we draw the conclusions of the thesis. The contents of the previous

chapters are reviewed. Some recommendations for future work are provided.

7.1 Conclusions

This thesis deals with the problem of adaptive modulation and subcarrier allocation

methods for single- and multi-service transmissions with constrained transmission

power in the Multi-Carrier DS-CDMA (called OFDM/CDMA in this thesis) sys-

tem. Several methods are developed for both cases of the service transmissions in

order to improve the performance of the adaptive transmission based on limited

frequency and power resources.

The comparison of the OFDM/CDMA, OFDM Interleaved-FDMA and OFDM

Group-FDMA has been analyzed for the data transmission. Because of the near-

unity reuse factor, one of the important merits of CDMA, the combination of

OFDM and CDMA brings substantial increase in the transmission data rate per

unit bandwidth when the frequency resources are limited. Even though the mul-
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tiple access interference exists in OFDM/CDMA systems, better performance can

still be achieved than that in other OFDM systems.

A novel adaptive bit loading algorithm (ABLA) for single-service transmission has

been presented for the multiuser OFDM/CDMA system. The interference from

sharing same subchannels by multiple users would occur inevitably by using the

CDMA technique in multiuser systems. With the satisfaction of the transmission

requirements for one type of service, in the first step, a suboptimal solution to

minimize the interference from each user is put forward. Then the bit allocation

adjustment scheme in the second step is presented to make the best use of the

subchannels and reduce the interference further. The performance of the proposed

ABLA-OFDM is examined by simulations in the frequency-selective fading chan-

nel, in which each subchannel is in flat fading. The comparisons are made with the

previous related methods, such as CTAO-OFDM and MAO-OFDM, in the single-

service transmission with the given BERs and data rates. The simulation results

show the proposed ABLA-OFDM algorithm achieves substantial improvement on

the BER performance, system capacity and data rates.

An efficient adaptive subcarrier allocation and bit loading algorithm (A-SABL) has

been developed for the multi-service (Voice and Data) transmission in the multiuser

OFDM/CDMA system. The previous methods for multi-service transmissions is

not efficient in application to the realtime voice transmission, because the voice

transmission, very sensitive to delay, is not set as higher priority. In order to deal

with the problem, the subcarrier allocation and bit loading are adopted for the voice

transmission at first. Then an adaptive modulation scheme for the data transmis-

sion is developed to maximize the data rate of each user according to the remaining

subchannels and transmission power. The performance of the proposed A-SABL

algorithm is examined and compared with other previous algorithms. The simula-

tion results demonstrate that the A-SABL algorithm outperforms other methods

with similar channel conditions and multi-service transmission requirements.

The adaptive modulation system has much dependency to the channel estimation.
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The complexity and process time of the channel estimation algorithm would affect

the performance of the adaptive algorithms directly. Under the condition of the

inaccurate channel information, the performance of the proposed algorithms are

analyzed when the channel is overestimated and underestimated. The analysis and

simulations show that the performance of the proposed algorithms can still main-

tain fairly good performance when the channel estimation errors occur, i.e., ±1

and ±2 dB. It is known that the accurate channel estimation is at the cost of the

complexity of the channel estimation algorithms. Therefore, the proposed algo-

rithms, tolerant to the channel estimation errors, the channel estimation methods

with lower complexity can be used. Thus, the complexity of the adaptive OFDM

system is reduced.

If the two proposed algorithms are put into practice, the complexity of the trans-

mitter will increase much and the main work that the receiver should do is only to

demodulate the signals based on the adaptive modulation information transmitted

from the transmitter. If the transmitter cannot perform the channel estimation

due to the design and computational complexity, such as the mobile phone de-

sign, the channel estimation algorithm can be done at the receiver. However, the

channel estimation information maybe not accurate since the uplink and downlink

channels are somewhat different. In order to reduce the cost and design complexity

of the transmitters greatly, such as mobile phone with the design, power and cost

limitations, all these calculations can be done at the base station and the base

station will only send the the number of bits on each subcarrier and the index

of the allocated subcarriers to the mobile phone by the overhead or a contiguous

band of subcarriers. As a result, more delay occurs and more efficient techniques

are needed to transmit the information accurately.

Since there are many limitations on the hardware design, transmission power and

cost in the mobile phone, it is better to implement the simple algorithms in the

mobile phone design and the complicated algorithms in the base station.
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7.2 Recommendations for future work

This thesis has solved some of the problems in the adaptive subcarrier allocation

and modulation for single- and multi-service transmissions in the OFDM/CDMA

system. The research and development in this area have been and will be one of

the most active and vibrant branches of the adaptive systems for a long period.

And so far there are still many unsolved problems in these topic which need further

investigation, and much more work should be done to develop better algorithms

to deal with these problems. Based on the present work, future research work can

be recommended as follows.

Transmission of the adaptive information

Based on the proposed algorithms, the transmitter performs the adaptive subcar-

rier allocation and modulation to transmit signals. The receiver has to be informed

the adaptive bit loading information, including the location of the assigned sub-

carriers and the set of demodulator parameters employed for the receiver packet.

This information can either be conveyed within the packet at the cost of losing

useful data bandwidth, or the receiver can attempt to estimate the parameters em-

ployed at the transmitter by means of signalling and blind detection mechanisms.

Future research should be conducted on the effective methods that are efficient for

the accurate transmission of the adaptive information with the minimum cost of

useful data bandwidth.

Suitable channel estimation schemes for the adaptive OFDM

In this thesis, the proposed adaptive algorithms cannot work properly without the

efficient channel estimation algorithms. Channel estimation is necessary before

the process of adaptive OFDM algorithms, which is performed according to the

instantaneous channel information. However, different channel estimation schemes

would result in different performance of the adaptive algorithms. More accurate
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estimation with higher complexity may not be practical for the application of

the realtime adaptive systems. So a tradeoff between the precision of channel

estimation and the complexity of both channel estimation schemes and adaptive

OFDM algorithms should be analyzed and suitable channel estimation schemes for

the proposed adaptive algorithms are essential.

Efficient schemes to reduce the high Peak-to-Average power ratio

At the transmitter in the adaptive OFDM system, high peaks in power (up to N

times the average, where N is amount of subcarriers) result in irregular envelopes,

consequence of using independently modulated subcarriers. High peak-to-average

ratio power cuts down the system performance. In order to avoid the extremely

high back-offs and costly amplifiers, occasional clipping and/or soft threshold must

be allowed. This phenomenon leads to in-band distortion that increases the BER

and to spectral widening that increases adjacent channel interference. Therefore,

the development of the efficient schemes to reduce the high peak-to-average power

ratio is an interesting further research direction for supporting the ability of the

adaptive OFDM/CDMA system in service transmissions.
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Appendices

Appendix A. Comparison of data rates on a sub-

carrier

The discussion in the appendix is based on that the transmission power assigned

to a specific subcarrier is decided by the data rate and BER requirements of users

in the OFDM system. In a K-user OFDM/CDMA system, the data rate for a

specific subcarrier n can be represented as

rn =
K∑

i=1

log2

(
1 +

γi,n

Γi

)

=
K∑

i=1

log2

(
1 +

P̃i,n

σ2 + Pi,ICI + Pi,MAI

1

Γi

)
. (1)

In a K-user OFDM Interleaved-FDMA system, the data rate for a specific subcar-

rier n, assigned to user i, can be represented as

r′n = log2

(
1 +

γ′
i,n

Γi

)

= log2

(
1 +

P̃ ′
i,n

σ2 + P ′
i,ICI

1

Γi

)
. (2)
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If we define

∆rn = rn − r′n, (3)

then ∆rn can be described by (4)

∆rn =
K∑

i=1

log2

(
1 +

P̃i,n

σ2 + Pi,ICI + Pi,MAI

1

Γi

)
− log2

(
1 +

P̃ ′
i,n

σ2 + P ′
i,ICI

1

Γi

)

= log2

∏K
i=1

(
1 +

P̃i,n

σ2+Pi,ICI+Pi,MAI

1
Γi

)

1 +
P̃ ′

i,n

σ2+P ′
i,ICI

1
Γi

. (4)

If we subtract the denominator from the numerator of the operand in the log

function in (4) and set it as

Ψn =
K∏

i=1

(
1 +

P̃i,n

σ2 + Pi,ICI + Pi,MAI

1

Γi

)
−

(
1 +

P̃ ′
i,n

σ2 + P ′
i,ICI

1

Γi

)
, (5)

then Ψn becomes a function with respect to the variable P̃ ′
i,n. And

Ψn|P̃ ′
i,n=0 =

K∏

i=1

(
1 +

P̃i,n

σ2 + Pi,ICI + Pi,MAI

1

Γi

)
− 1 > 0. (6)

Also, we may observe that the derivative of Ψn with respect to P̃ ′
i,n,

∂Ψn

∂P̃ ′
i,n

= − 1

σ2 + P ′
i,ICI

< 0. (7)

Therefore, Ψn has a maximum value when P̃ ′
i,n = 0 and decreases when P̃ ′

i,n in-
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creases. By Ψn > 0, we can get

P̃ ′
i,n < Γi(σ

2 + P ′
i,ICI)

[
K∏

i=1

(
1 +

P̃i,n

σ2 + Pi,ICI + Pi,MAI

1

Γi

)
− 1

]
. (8)

Based on the condition in (8), the nth subcarrier can carry more bits in a K-user

OFDM/CDMA system than that in a K-user OFDM Interleaved-FDMA system.

Otherwise, the OFDM Interleaved-FDMA system will get the higher data rate

when much more P̃ ′
i,n is allocated. However, in a multiuser OFDM Interleaved-

FDMA system with limited power, too much transmission power assigned to a

subcarrier will lead to the inadequate power supply for other subcarriers or users

with the given data rate and BER requirements.
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Appendix B. Relationship between the interfer-

ence Ii and ∆i

This appendix studies the relationship between the interference and ∆i, which is

the difference between the maximum and the minimum numbers of allocated bits

onto subcarriers for user i according to the results in Section 4.2.2 (a).

For a voice or data transmission, its QoS should be kept unchanged. When trans-

mitting a service, subcarriers in low quality carry less signal bits and subcarriers

with good quality carry more signal bits. The adaptive algorithm adjusts the

number of bits on subcarriers and keeps the BER on each subcarriers similar.

Therefore, by (4.1) and (4.2), the transmission power for the nth subcarrier of the

ith user can be written as

Pi,n(ci,n) =
N0

3

[
Q−1

(
BERi

4

)]2
(2ci,n − 1)

α2
i,n

, i = 1, 2, · · · , K. (9)

Based on the definition of n1 and n2 in Table 4.2, we have ci,n1 = maxn{ci,n},
ci,n2 = minn{ci,n} and ∆i = ci,n1 − ci,n2 > 1. Likewise, αi,n1 = maxn{αi,n} and

αi,n2 = minn{αi,n}. The decrement of the transmission power when unloading one

bit from subcarrier n1 is

Pi,n1(ci,n1) − Pi,n1(ci,n1 − 1) =
N0

3

[
Q−1

(
BERi

4

)]2
2ci,n1

−1

α2
i,n1

. (10)

Similarly, the increment of the transmission power due to reloading one more bit

on the n2th subcarrier is

Pi,n2(ci,n2 + 1) − Pi,n2(ci,n2) =
N0

3

[
Q−1

(
BERi

4

)]2
2ci,n2

α2
i,n2

. (11)

It is assumed that P ′
i,n1

= Pi,n1(ci,n1 − 1), P ′
i,n2

= Pi,n2(ci,n2 + 1) and I ′
i is the

interference resulting from user i after the bit adjustment by ∆i. Referring to
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(4.5),

Ii =
N∑

n=1

Ii,n

=
N∑

n=1

Pi,nα
2
i,n

K∑

k=1
k 6=i

ρ2
i,k(τk)

=
N∑

n=1
n 6=n1,n6=n2

K∑

k=1
k 6=i

Pi,nα
2
i,nρ

2
i,k(τk) +

K∑

k=1
k 6=i

ρ2
i,k(τk)(α

2
i,n1

Pi,n1 + α2
i,n2

Pi,n2). (12)

Then

∆Ii = Ii − I ′
i

=
K∑

k=1
k 6=i

ρ2
i,k(τk)α

2
i,n1

(Pi,n1 − P ′
i,n1

) −
K∑

k=1
k 6=i

ρ2
i,k(τk)α

2
i,n2

(P ′
i,n2

− Pi,n2)

=
N0

3

[
Q−1

(
BERi

4

)]2 K∑

k=1
k 6=i

ρ2
i,k(τk)(2

ci,n1
−1 − 2ci,n2 ) (13)

For the reduction of Ii, which is larger than zero, we can derive the conditions:

2ci,n1
−1 − 2ci,n2 > 0. (14)

and

2∆i−1 > 1. (15)

Since ∆i > 1, we can obtain the positive reduction of Ii.
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Appendix C. Theoretical BER for a particular

user i

Since the data rate, Ri, of user i is regarded as the total number of bits during

a symbol period and can be considered as the summation of Ri,1, Ri,2, · · ·, and

Ri,N on N subcarriers. Anyway, the BERs on each subcarrier are different even

though they are similar. So, the number of errors received from N subcarriers are

ei,1, ei,2, · · · , and ei,N . Therefore the BER on each subcarrier is

BERi,1 =
ei,1

Ri,1

, BER2 =
ei,2

Ri,2

, · · · , BERi,N =
ei,N

Ri,N

. (16)

The BERi of user i is

BERi =
ei,1 + ei,2 + · · · + ei,N

Ri,1 + Ri,2 + · · · + Ri,N

. (17)

According to the numbers of loaded bits by the proposed algorithm, such as

ci,1, ci,2, · · ·, and ci,N , the data rates carried by the subcarriers are proportional

to the number of loaded bits

Ri,n

Ri,n−1

=
ci,n

ci,n−1

. (18)

Then a coefficient matrix is defined as

Bi =




Bi,1

Bi,2

.

.

Bi,N




=




a11 a12 · · · a1N

a21 a22 · · · a2N

. . . . . . . . . . . . . . . . . . .

aN1 aN2 · · · aNN




(19)

where

amn =





Ri,n

Ri,m
=

ci,n

ci,m
, m 6= n

1, m = n.
(20)
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Therefore, the overall transmission data rate for user i is

Ri = Ri,1 + Ri,2 + · · · + Ri,N

= (1 + a12 + · · · + a1N)Ri,1

= (a21 + 1 + · · · + a2N)Ri,2

= · · · · · · · · · · · · · · ·

= (aN1 + aN2 + · · · + 1)Ri,N , (21)

or Ri is described as

Ri = Bi,n ·




Ri,n

Ri,n

.

.

Ri,n




N×1

, (22)

for n = 1, 2, · · · , N . By (19) and (22), (17) can be changed into

BERi =
ei,1

Ri

+
ei,2

Ri

+ · · · + ei,N

Ri

=
N∑

m=1

ei,m∑N
n=1 amn · Ri,m

=
N∑

m=1

BERi,m∑N
n=1 amn

. (23)

Based on (4.15), (4.16) and (23), the theoretical BER can be obtained.
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Appendix D. The outage probability of data trans-

mission

Theorems in [118] [119] are used in the calculations of the probability in Appendices

A and B. In this appendix, we assume that all variables are real numbers. Since

this appendix derives the outage probability for each user, the subscript i will be

ignored for simplicity. Based on (5.14), we have

αn =

√
λ ln 2 · ΨnΓ

1 − λ ln 2 · P̂ d
n

. (24)

Thus, the probability distribution function of P̂ d
n can be represented as

FP d
n
(P̂ d

n) = P

(
1

λ ln 2
− Ψn Γ

α2
n

≤ P̂ d
n

)

= P

(
αn ≤

√
λ ln 2 · ΨnΓ

1 − λ ln 2 · P̂ d
n

)

=

∫ √
λ ln 2·ΨnΓ

1−λ ln 2·P̂ d
n

0

pα(αn)dαn, (25)

where pα(αn) is the probability density function (pdf) of αn [89],

pα(αn) =
2αn

Ω
e−(αn

2/Ω), (26)

and Ω = E{αn
2} is the average fading power. Therefore, the probability density

function of P̂ d
n should be

pP d
n
(P̂ d

n) = F ′
Pn

(P̂ d
n)

= pα

(√
λ ln 2 · ΨnΓ

1 − λ ln 2 · P̂ d
n

)
·
(√

λ ln 2 · ΨnΓ

1 − λ ln 2 · P̂ d
n

)′
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=
2

Ω

√
λ ln 2 · ΨnΓ

1 − λ ln 2 · P̂ d
n

· e
−

√
λ ln 2·ΨnΓ

Ω(1−λ ln 2·P̂ d
n)

×1

2

(
λ ln 2 · ΨnΓ

Ω(1 − λ ln 2 · P̂ d
n)

)− 1
2

· λ2 ln2 2 · ΨnΓ

(1 − λ ln 2 · P̂ d
n)2

=
λ2 ln2 2 · ΨnΓ√

Ω(1 − λ ln 2 · P̂ d
n)2

· e
−

√
λ ln 2·ΨnΓ

Ω(1−λ ln 2·P̂ d
n) . (27)

According to (5.15), we arrive at the total data rate for data service Rd,

Rd =
N∑

n=Nv+1

ĉd
n

=
N∑

n=Nv+1

log2





1 +
3 P̂ d

n

N0

[
Q−1

(
BERd

4

)]2





= log2

N∏

n=Nv+1





1 +
3P̂ d

n

N0

[
Q−1

(
BERd

4

)]2





. (28)

After assuming Y as 2Rd
and

Xn = 1 +
3 P̂ d

n

N0

[
Q−1

(
BERd

4

)]2 , (29)

(28) is rewritten into

Y =
N∏

n=Nv+1

Xn. (30)

The probability distribution function of Xn is

FXn(xn) = P


1 +

3 P̂ d
n

N0

[
Q−1

(
BERd

4

)]2 ≤ Xn
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= P

(
P d

n ≤ N0

[
Q−1

(
BERd

4

)]2

· xn − 1

3

)

=

∫ N0

[
Q−1

(
BERd

4

)]2
·xn−1

3

0

pP d
n
(P̂ d

n) dP̂ d
n , (31)

and hereby its probability density function would be derived as follows,

pXn(xn) = F ′
Xn

(xn)

= pP d
n

(
N0

[
Q−1

(
BERd

4

)]2

· xn − 1

3

)

·
(

N0

[
Q−1

(
BERd

4

)]2

· xn − 1

3

)′

= pP d
n

(
N0

[
Q−1

(
BERd

4

)]2

· xn − 1

3

)

·
N0

[
Q−1

(
BERd

4

)]2

3
. (32)

Since the derivations of P d
n for n = N v + 1, N v + 2, · · · , N are independent,

{Xn}N
n=Nv+1 are independent according to (29). And Xn is limited by

Xn = 1 +
3 P̂ d

n

N0

[
Q−1

(
BERd

4

)]2

≤ 1 +
3 P d

N0

[
Q−1

(
BERd

4

)]2 (33)

As a result, the probability density function of Y , pY (y), can be obtained based

on the conclusion in Appendix B, which educes the distribution function of Rd as

FRd(Rd) = P (log2 Y ≤ Rd)

= P (Y ≤ 2Rd

)
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=

∫ 2Rd

0

pY (Y ) dY. (34)

The probability density function of the rate of the data service can be obtained as,

pRd(Rd) = pY (2Rd

) · 2Rd

ln 2. (35)

When Rd is less than the data rate requirement Rd
T , the outage probability of data

service is

pd
outage =

∫ Rd
T

0

pRd(Rd) dRd. (36)

Appendix E. The probability density function of

Y =
∏N

n=1 Xn

This is the problem about the distribution of the function of n-dimension inde-

pendent random variables with the awareness of the probability density function

of each random variables. The derivation will be based on the method to resolve

the two-dimension function distribution. Foremost, it is assumed that

Z1 = X1 X2, (37)

and the probability density function of (X1, X2) is p(x1, x2). Then the distribution

function of Z1 is

FZ1(z1) = P (Z1 ≤ z1)

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



APPENDICES 161

z1

X2

x1 X1

x1

A0

G

Figure 1: The distribution of the function Z1 = X1 X2.

=

∮

G

p(x1, x2)dx1dx2, (38)

where G is the shadowed area in Fig. 1 if xn is positive and limited by A. Therefore,

∮

G

p(x1, x2)dx1dx2 =

∫ A

0

∫ z1
x1

0

p(x1, x2)dx1dx2. (39)

If u is set as u = x1x2, we can arrive at

∫ z1
x1

0

p(x1, x2)dx2 =

∫ z1

0

1

x1

p(x1,
u

x1

)du, (40)

so

FZ1(z1) =

∮

G

p(x1, x2)dx1dx2

=

∫ z1

0

[∫ A

0

x1p(x1,
u

x1

)dx1

]
du. (41)
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Referring to the definition of the probability density function and the independence

of X1 and X2, the probability density function of Z1 would be

pZ1(z1) =

∫ A

0

x1p(x1,
z1

x1

)dx1

=

∫ A

0

x1pX1(x1)pX2(
z1

x1

)dx1. (42)

Consequently, for the case of Z2 = X1X2X3 and Z3 = X1X2X3X4, the probability

density functions of Z2 and Z3 could be obtained based on the conclusion in (42)

if Z2 = X3Z1 and Z3 = X4Z2,

pZ2(z2) =

∫ A

0

x3pX3(x3)pZ2(
z2

x3

)dx3, (43)

and

pZ3(z3) =

∫ A

0

x4pX4(x4)pZ3(
z3

x4

)dx4. (44)

As a result, the probability density function of Y = ZN−1 =
∏N

n=1 Xn is derived as

pY (y) = pZN−1
(zN−1)

=

∫ A

0

xNpXN
(xN)pZN−1

(
zN−1

xN

)dxN . (45)
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Appendix F. The effect to the transmission power

of voice by channel overestimation in Case 2

This appendix studies the effect to the transmission power of voice by channel

overestimation. When the channel overestimation occurs, the number of bits on

subcarriers increases, resulting in the reduction of the number of subcarriers used

by voice service with the limitation of the voice rate. According to the subcarrier

allocation in the ascending order, this reduction is done by moving two bits from

the subcarriers with high channel gains to those having zero, one and two bits.

It is assumed that two bits will be removed from the nxth subcarrier having two

bits, which brings the power reduction of

∆Px =
Υ(22 − 1)

α2
nx

=
3Υ

α2
nx

(46)

according to (5.6), where

Υ =
N0

3

[
Q−1

(
BER

4

)]2

. (47)

There are four possible ways for the two bits to disperse from the nxth subcarrier to

other subcarriers. The first one is that the two bits are loaded on two subcarriers,

n1 and n2, both of which have no bits. The second way is that the two bits are

loaded on the n3th subcarrier having no bits. The third way is that one bit is

allocated to the n4th subcarrier having no bits and another bit is loaded on the

n5th subcarrier having one bit. By the last way, the two bits are loaded on two

subcarriers, n6 and n7, both of which have been loaded one bit. For the subchannel

gains among the eight subcarriers, the nxth subcarrier has the highest αnx . We

can obtain the transmission power increments on the seven subcarriers,

∆P1 =
Υ(21 − 1)

α2
n1

=
Υ

α2
n1

, (48)

∆P2 =
Υ(21 − 1)

α2
n2

=
Υ

α2
n2

, (49)

NANYANG TECHNOLOGICAL UNIVERSITY SINGAPORE

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



APPENDICES 164

∆P3 =
Υ(22 − 1)

α2
n3

=
3Υ

α2
n3

, (50)

∆P4 =
Υ(21 − 1)

α2
n4

=
Υ

α2
n4

, (51)

∆P5 =
Υ(22 − 1)

α2
n5

− Υ(21 − 1)

α2
n5

=
2Υ

α2
n5

, (52)

∆P6 =
Υ(22 − 1)

α2
n6

− Υ(21 − 1)

α2
n6

=
2Υ

α2
n6

, (53)

and

∆P7 =
Υ(22 − 1)

α2
n7

− Υ(21 − 1)

α2
n7

=
2Υ

α2
n7

. (54)

For the four situations, we have their power increments respectively,

(∆P1 + ∆P2) − ∆Px >
2Υ

α2
n2

− 3Υ

α2
nx

, (for αn1 < αn2), (55)

∆P3 − ∆Px >
3Υ

α2
nx

− 3Υ

α2
nx

= 0, (56)

(∆P4 + ∆P5) − ∆Px >
3Υ

α2
nx

− 3Υ

α2
nx

= 0, (57)

and

(∆P6 + ∆P7) − ∆Px >
4Υ

α2
nx

− 3Υ

α2
nx

> 0. (58)

Except the first situation, the other three situations bring positive increment of

the transmission power for voice because of the channel overestimation. In terms

of (55), the power increment can be obtained when the following condition exits,

αn2

αnx

≈ 0.8165. (59)

However, it is impossible that the nxth subcarrier can carry two bits while the

n2th subcarrier, αn2 of which is so closed to αnx , is to be discarded if the channel
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is perfectly estimated. Therefore, with αn2 < 0.8165αnx , we can have the positive

power increment for the first situation. Consequently, for the voice transmission

power, we obtain the positive power increment for the four situations due to the

channel overestimation.

Appendix G. The effect to the transmission power

of voice by channel underestimation in Case 2

This appendix studies the effect to the transmission power of voice by channel

underestimation. When the channel underestimation occurs, the number of bits

loaded on each subcarrier decreases, and therefore more subcarriers should be

assigned to guarantee the fixed rate requirement, RT . Besides, the reduced number

of bits will be assigned to the subcarriers with higher channel gains because the

subcarrier allocation obeys the ascending order of subchannel gains.

It is assumed that ∆c is the reduced number of bits on the n1th subcarrier and allo-

cated to a new subcarrier, n2, with αn1 < αn2 . The decrement of the transmission

power when unloading ∆c bits from subcarrier n1 is

∆P1 = Pn1(cn1) − Pn1(cn1 − ∆c)

=
N0

3

[
Q−1

(
BER

4

)]2
2cn1−∆c(2∆c − 1)

α2
n1

. (60)

Similarly, the increment of the transmission power due to reloading ∆c bits on the

n2th subcarrier is

∆P2 = Pn2(∆c)

=
N0

3

[
Q−1

(
BER

4

)]2
(2∆c − 1)

α2
n2

. (61)
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Therefore, we have the total power reduction due to the bit reloading,

∆P = ∆P1 − ∆P2

=
N0

3

[
Q−1

(
BER

4

)]2
2cn1−∆c(2∆c − 1)

α2
n1

−
N0

3

[
Q−1

(
BER

4

)]2
(2∆c − 1)

α2
n2

=
N0

3

[
Q−1

(
BER

4

)]2

· (2∆c − 1)

(
2cn1−∆c

α2
n1

− 1

α2
n2

)
, (62)

where cn1 − ∆c ≥ 1 is the number of remaining bits on the n1th subcarrier and

2∆c − 1 ≥ 1. Hereby, we have ∆P > 0.
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