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Abstract

Conventional versions of linear multiuser detectors (MUD) are not feasible in the wideband code
division multiple access (WCDMA) downlink due to the use of long scrambling sequences. As an
alternative, linear channel equalizers restore the orthogonality of the spreading sequences lost in
frequency-selective channels, thus, suppressing multiple access interference (MAI) in the WCDMA
downlink. In this thesis, linear channel equalizers in WCDMA terminals are studied. The purpose of
the thesis is to develop novel receivers that provide performance enhancement over conventional rake
receivers with an acceptable increase in complexity, and to validate their performance under
WCDMA downlink conditions. Although the WCDMA standard is emphasized as the candidate
system, the receivers presented are suitable for any synchronous direct sequence code division
multiple access downlink employing coherent data detection and orthogonal user or channel
separation.

Two adaptive channel equalizers are developed based on the constrained minimum output energy
(MOE) criterion and sample matrix inversion method. An existing equalizer based on the matrix
inversion lemma is also developed further to become a prefilter-rake equalizer. Performance analysis
is carried out for equalizers trained using a common pilot channel and for the channel response
constrained MOE (CR-MOE) and sample matrix inversion (SMI) based equalizers developed in the
thesis.

The linear minimum mean square error (LMMSE) channel equalizer, which assumes a random
scrambling sequence, is shown to approximate the performance of the LMMSE MUD. The adaptive
CR-MOE, SMI-based, and prefilter-rake equalizers are observed to attain performance close to that
of an approximate LMMSE channel equalizer. The equalizers considered are also shown to be
suitable for implementation with fixed-point arithmetic. The SMI-based equalizer is shown to provide
good performance and to require an acceptable increase in complexity. It is also well suited for
symbol rate equalization after despreading, which allows for computationally efficient receiver
designs for low data rate terminals. Hence, the SMI-based equalizer is a suitable receiver candidate
for both high and low data rate terminals.

Adaptive equalizers are considered in conjunction with forward error correction (FEC) coding,
soft handover, transmit diversity and high speed downlink packet access (HSDPA). The adaptive
equalizers are shown to provide significant performance gains over the rake receiver in frequency
selective channels. The performance gains provided by one antenna equalizers are noted to decrease
near the edges of a cell, whereas the equalizers with two receive antennas achieve significant
performance improvements also with soft handover. The performance gains of one or two antenna
equalizers are shown to be marginal in conjunction with transmit antenna diversity. Otherwise the
equalizers are observed to attain good signal-to-noise-plus-interference ratio performance. Therefore,
they are also suitable receiver candidates for HSDPA. 

Keywords: adaptive methods, interference  suppression, linear equalizers, 
LMMSE estimation, multiple access interference
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List of symbols and abbreviations

a auxiliary vector used in HRLS algorithm ((2L + 1) × 1)
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nT at base station j

c(n)
nT,j channel coefficient vector for nth chip from transmit antenna nT at base sta-
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d(n)
l,j chip waveform vector for path l and nth chips from base station j (N cNs × 1)

d(n) reference signal used in adaptation algorithms

Dj chip waveform, path delay and receive antenna interleaving matrix for base
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Dj,e1 chip waveform and path delay matrix for N c,e1 chip periods before the obser-
vation window from base station j (NcNs × LjNc,e1)

Dj,e2 chip waveform and path delay matrix for N c,e2 chip periods after the obser-
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Dj chip waveform and path delay matrix for base station j
(NcNs × Lj(Nc + Nc,e))

e(n) error signal between equalizer output signal and reference signal

ED,j average received energy per chip per receive antenna for the desired physical
channel from base station j

EC,j average received energy per chip per receive antenna for the common pilot
channel from base station j

ET,j average receiver energy per chip per receive antenna from base station j

Ek,j average received energy per symbol for physical channel k of base station j

fc carrier frequency

fD maximum Doppler spread

GD,j spreading factor for the desired physical channel k of base station j

GC spreading factor for the common pilot channel

Gk,j spreading factor for physical channel k of base station j

Gj geometry factor for base station j

HF matrix modeling receiver front-end filtering (N cNs × (Nc + Lc)Ns)

ID identity matrix (D × D)

J number of base stations modeled

J(n) mean square error at equalizer output

k(n) a scaled version of the dual Kalman gain in HRLS algorithm ((2L + 1) × 1)

K covariance matrix of the equalizer coefficient error vector ((2L+1)×(2L+1))

Kj number of active physical channels on base station j

K auxiliary variable used in HRLS algorithm

Lc length of the chip waveform in chip intervals

Lj number of propagation paths from base station j

L "half" of the equalizer or prefilter length

MA parameter defining sampling rate in received signal autocorrelation estimation



Mk,j number of symbols per transmit antenna for physical channel k of base sta-
tion j

MX misadjustment related to adaptive equalizer X

n noise vector (NcNs × 1)

nR receive antenna index

nT transmit antenna index

N0 power spectral density of white Gaussian noise process
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Nc,e number of chip periods before and after the observation window that are used
to model the tails of signals within the observation window

Nc,e1 number of chip periods before the observation window that are used in the
system model

Nc,e2 number of chip periods after the observation window that are used in the
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Nf number of rake fingers used in MRC
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NT,j number of transmit antennas on base station j
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estimator
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pnT
(n) channel impulse response for transmit antenna nT at chip interval n
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(n) truncated channel impulse response for transmit antenna nT at nth chip inter-
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Q covariance matrix of process noise vector q(n) ((2L + 1) × (2L + 1))

QC covariance matrix of process noise vector qC(n) ((2L + 1) × (2L + 1))

r discrete-time received signal vector over the observation window (N cNs × 1)

r̄(n) received signal vector within equalizer at nth chip interval ((2L + 1) × 1)
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R̄C(n) approximate covariance matrix of received signal vector r̄C(n)
((2L + 1) × (2L + 1))



RD symbol rate on the desired physical channel

R̄D(n) approximate covariance matrix of received signal at the output of the correla-
tor bank assigned to the desired physical channel ((2L + 1) × (2L + 1))

Rn covariance matrix of noise vector n (NcNs × NcNs)

R̄(n) approximate covariance matrix of received signal vector r̄(n)
((2L + 1) × (2L + 1))

R̄N+I(n) approximate covariance matrix of noise and interference at the output of the
generalized rake receiver fingers ((2L + 1) × (2L + 1))

Rp update rate of channel estimate

Rs normalized signal component in approximate covariance matrix of received
signal vector r (NcNs × NcNs)

RU update rate of SMI-based equalizer coefficients
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Sk,j,Ch channelization sequence matrix for physical channel k of base station j
(Gk,jMk,j × Mk,j)

Sk,j,T spreading sequence matrix per transmit antenna for physical channel k of base
station j (Gk,jMk,j × Mk,j )

Sk,j,T,B spreading sequence matrix per transmit antenna for physical channel k of base
station j with Nc,e/Gk,j tail symbols excluded (Nc × Mk,j )

Sk,j,T,e1 spreading sequence matrix per transmit antenna for tail symbols before the
observation window on physical channel k of base station j (N c,e1×Nc,e1/Gk,j )
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s(m)
k spreading sequence for mth symbol on physical channel k (G k × 1)

S(m)
k spreading sequence matrix used in rake receiver for detection of mth symbol

on physical channel k (NcNs × L)

Tc chip period

v velocity of terminal

v prefilter in prefilter-rake equalizer ((2L + 1) × 1)

wnT,X equalizer X in filter form for transmit antenna nT ((2L + 1) × 1)

WX equalizer X in block form ((NcNs × (Nc + Nc,e))

Wk 2nd transmit antenna weight for physical channel k in closed loop mode 1

x(n) interference suppression filter in CR-MOE ((2L + 1) × 1)

y(m) vector of channel equalizer outputs for mth symbol (GD × 1)

yX(n) output of equalizer or filter X at nth chip interval

z vector of decision variables for desired physical channel k (M k × 1)

z
(m)
nT decision variable for mth symbol on transmit antenna nT



α orthogonality factor

β weighting factor in HRLS algorithm

γ signal-to-interference-plus-noise ratio at the output of the receiver

ζnT multiple access interference and noise term at the output of the receiver as-
signed to transmit antenna nT

η tap leakage coefficient in CR-MOE equalizer

Θ(n) Householder transformation matrix in HRLS algorithm ((2L+ 1)× (2L+ 1))

κX eigenvalue spread of matrix X

λ eigenvalue of received signal covariance matrix R̄
µ adaptation step size

ν diagonal loading coefficient in SMI-based equalizer

ξ variance of intra-cell interference at the output of the receiver

Ξc chip alphabet

Ξb symbol alphabet

ρl,j(·) autocorrelation function for channel coefficient l from base station j

σ2
CR,0 excess MSE due to tap leakage and channel estimation errors with CR-MOE

equalizer

σ2
CR,p excess MSE due to channel estimation errors with CR-MOE equalizer

σ2
D minimum MSE on desired physical channel with SMI-based symbol rate

equalizer

σ2
d(n) minimum MSE for reference signal d(n) with CPICH trained equalizer

σ2
n variance of noise samples

σ2
S,A excess MSE due to received signal autocorrelation estimation with SMI-based

chip rate equalizer

σ2
S,Ap additional excess MSE due to received signal autocorrelation estimation with

SMI-based symbol rate equalizer

σ2
S−C excess MSE with SMI-based chip rate equalizer

σ2
S−S excess MSE with SMI-based symbol rate equalizer

σ2
T minimum MSE for total base station signal with CPICH trained equalizer

σ2
x variance of random variable x

τl,j delay of path l from base station j

ϕ auxiliary variable used in HRLS algorithm

ADC analog-to-digital converter

AMC adaptive modulation and coding

ARQ automatic repeat request

BEP bit error probability

BER bit error rate

cdf cumulative distribution function

CDMA code division multiple access

CE channel estimation



CPICH common pilot channel

CR-MOE channel response constrained minimum output energy

CSI channel state information

DPCCH dedicated physical control channel

DPDCH dedicated physical data channel

DS-CDMA direct sequence code division multiple access

DSCH downlink shared channel (transport channel)

FDD frequency division duplex

FEC forward error correction

HRLS Householder recursive least squares

HSDPA high speed downlink packet access

HS-DSCH high speed downlink shared channel (transport channel)

HS-PDSCH high speed physical downlink shared channel

IC interference cancellation

I & D integrate-and-dump

i.i.d. independent and identically distributed

ITU International Telecommunication Union

LMMSE linear minimum mean square error

LMS least mean square

MA moving average

MAI multiple access interference

MAP maximum a-posteriori

MIMO multiple input multiple output

MLSD maximum likelihood sequence detector

MOE channel response constrained minimum output energy

MRC maximal ratio combining

MSE mean square error

MUD multiuser detector

NLMS normalized least mean square

OVSF orthogonal variable spreading factor

QAM quadrature amplitude modulation

QPSK quadrature phase shift keying

RLS recursive least squares

RRC root-raised cosine

RSC recursive systematic convolutional

SFAEST stabilised fast a-posteriori error sequential technique

SINR signal-to-interference-plus-noise ratio

SIR signal-to-intra-cell-interference ratio

SMI sample matrix inversion

SNR signal-to-noise ratio



SNV squared signal-to-noise variance

STTD space time transmit diversity

TPC transmission power control

WCDMA wideband code division multiple access

WSSUS wide-sense stationary uncorrelated scattering

0D zero matrix (D × D) or vector (D × 1), depending on context

∇ gradient vector

⊗ Kronecker product

| · | absolute value of the argument

|| · || Euclidean norm of the argument

�·� smallest integer equal to or larger than the argument

(̂·) estimate of the argument

(̃·) estimation error of the argument

(·)∗ complex conjugate of the argument

(·)−1 inverse matrix of the argument

(·)H conjugate transpose of the argument

(·)T transpose of the argument

(·)i,j element at the ith row and jth column of the argument

(·)i1 :i2,j elements from the i1th row to the i2th row on the jth column of the argument

(·):,j jth column of the argument

(·)0 argument related to the minimum MSE solution of adaptive equalizer

(·)⊥p̂ vector component of the argument orthogonal to p̂
(·)CL argument related to closed loop mode 1

(·)CP,L argument related to CPICH trained LMS equalizer with chip rate adaptation

(·)CP,N argument related to CPICH trained NLMS equalizer with chip rate adaptation

(·)CP−S argument related to CPICH trained NLMS equalizer with symbol rate adap-
tation

(·)CR argument related to CR-MOE equalizer

(·)G argument related to equalizer with Griffiths’ algorithm

(·)Grake argument related to generalized rake receiver

(·)L argument related to LMMSE channel equalizer

(·)L̄ argument related to approximate LMMSE channel equalizer

(·)L̄,d argument related to approximate LMMSE symbol rate channel equalizer

(·)L,MUD argument related to LMMSE multiuser receiver

(·)p argument related to channel impulse response p
(·)R argument related to rake receiver

(·)S argument related to SMI-based equalizer

(·)S−C argument related to SMI-based chip rate equalizer

(·)S−S argument related to SMI-based symbol rate equalizer

(·)STTD argument related to space-time transmit diversity



(·)Z argument related to zero-forcing channel equalizer

E(·) expectation of the argument

J0(·) zero-order bessel function of the first kind

max(·) maximum of the argument

min(·) minimum of the argument

Pa(E|X) bit error probability when detecting a, conditional on X

Q(·) normalized and scaled Gaussian complementary error function

Re(·) real part of the argument

tr(·) trace of the argument
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1 Introduction

The breakthrough of mobile communications has changed the way people communicate.
Mobile phones have transformed from a luxury item to a plain part of every day life. Today
it is expected that social situations, rather than location or technology, determine how read-
ily people can be reached. Voice connections fulfill the basic need to communicate, and
mobile voice connections will continue to filter even further into the fabric of every day
life. People also have an appetite for affordable premium services, such as audio-visual
connections. The internet will become a common source of every day information, and
easy, versatile mobile access to this data will be taken for granted.

Third generation cellular networks have been designed to fulfil the future demands of
mobile communications. With growing popularity and usage of the third generation net-
works, the cost efficient optimization of network capacity and quality of service will be-
come essential to cellular operators. This is achieved with careful network planning and
operation, improvements in transmission methods, and advances in receiver techniques.

This thesis concentrates on new terminal receiver techniques designed for the wideband
code division multiple access (WCDMA) air interface. The receiver techniques studied in
the thesis are aimed to be feasible receiver candidates for WCDMA terminals in frequency
division duplex (FDD) mode. Introductions and treatments on code division multiple ac-
cess (CDMA) systems can be found in [1]–[5], and on the WCDMA air interface in [6, 7].
A brief overview on multiuser receivers is presented in Section 1.1. The facts limiting the
use of multiuser receivers in WCDMA terminals and motivating the research on the alter-
native approach considered in the thesis are discussed in Section 1.2. A review of earlier
and parallel work is presented in Section 1.3. The outline of the thesis is described in
Section 1.4

1.1 Multiuser receivers in CDMA systems

After the pioneering work of Verdu [8, 9], multiuser demodulation has widely drawn inter-
est, resulting in a vast volume of publications on the topic. In this section, multiuser re-
ceivers are briefly introduced. Comprehensive overviews are presented in [10, 11, 12, 13].



20

The rake receiver [14] is the most commonly used receiver in CDMA systems, mainly
due to its simplicity and reasonable performance. Third generation networks are designed
so that rake receivers can be used [7]. A rake receiver contains a bank of spreading se-
quence correlators, each of them receiving an individual multipath. The received multipath
signals can be combined in several ways, from which maximal ratio combining (MRC) is
preferred in a coherent receiver. The rake receiver is suboptimal in practical systems. Its
performance is degraded by multiple access interference (MAI), that is, interference in-
duced by other users in the network. Any means to suppress or to avoid MAI increases
the capacity of CDMA networks. For this reason it is of great interest to develop enhanced
receiver techniques.

In a multiuser detector (MUD), multiple access interference is taken into account to
make the detector resistant to MAI and, thus, to improve performance. Multiuser receivers
based on zero-forcing detection and MAI cancellation were proposed for spread-spectrum
systems in [15, 16, 17]. However, the era of multiuser detection started from [8, 9], when
the multiuser maximum likelihood sequence detector (MLSD) based on the Viterbi algo-
rithm was presented and analyzed. The work of Verdu showed that MAI is not a funda-
mental limitation of CDMA systems. At the same time it also showed that the MLSD is
far too complex for practical implementations in most cases. This indicated the need for
suboptimal multiuser receivers that reach a favorable compromise between performance
and complexity.

Suboptimal multiuser receivers can be classified in several ways. One common way is
to classify them as interference cancellation (IC) receivers or as linear interference suppres-
sion receivers. Other suboptimal receivers outside these classes are, e.g., based on various
tree search algorithms [18, 19, 20] or neural networks [21, 22, 23]. In interference cancella-
tion receivers, interference is estimated and then subtracted. Various IC receiver structures
are obtained by arranging the order of interference cancellation differently. Most of them
utilize parallel and serial IC structures [24, 25, 26]. Several principles can also be used
in interference estimation, resulting in solutions that are commonly categorized as hard or
soft decision IC techniques. Hard decision IC receivers use tentative symbol decisions on
the interference estimation [24, 25], while soft decision IC receivers depend on the linear
estimation of interference [27, 28] or on tentative symbol decisions with soft nonlinearity
[29, 30]. The use of tentative symbol decisions requires channel estimation for all users in
the system, while explicit channel estimation can be avoided with soft decision techniques.
Interference cancellation can also be carried out iteratively in multiple stages or jointly
with channel decoding. The latter approach with soft interference cancellation [31] is a
realization of the turbo equalization principle [32, 33]. Interference cancellation receivers
are well suited for the joint demodulation of all users, that is, for base stations.

Linear interference suppression receivers are basically linear equalizers applied to
CDMA systems. As a result, zero-forcing (or decorrelating) [34, 35, 36], partially decorre-
lating [37], and linear minimum mean square error (LMMSE) [38, 39, 40] receivers have
been proposed. The LMMSE multiuser receiver yields easily to adaptive implementa-
tions in terminals. Therefore, it and its suboptimal variants, e.g. [41], have been recog-
nized as prominent terminal receivers in direct sequence CDMA (DS-CDMA) systems
employing short spreading sequences. For the purposes of the thesis, one should also note
blind adaptive receiver implementations based on the minimum output energy (MOE) cri-
terion [42, 43].
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1.2 Problem formulation

Adaptive versions of the LMMSE multiuser receiver rely on the symbol period cyclosta-
tionarity of the received signal and, thus, require short spreading sequences. However,
spreading sequences with a long period are used in most of the CDMA based cellular
networks, including the FDD mode of WDCMA. This prevents the use of the LMMSE
multiuser receiver in WCDMA terminals. In other words, the interesting question of MAI
suppression in the WCDMA downlink remain open, thus, requiring further study.

In the case of the WCDMA downlink, it is natural to classify MAI to inter-cell and intra-
cell interference. The signals from neighboring base stations compose inter-cell interfer-
ence, which is characterized by scrambling codes, channels and angles of arrivals different
from the desired base station signal. Spatial equalization is the most straightforward way
to suppress inter-cell interference [44, 45]. However, efficient spatial equalization requires
a relatively large number of receive antennas due to the multiple neighboring base station
signals arriving at the terminal. This limits the feasibility of inter-cell interference suppres-
sion in WCDMA terminals, although some suppression can be already achieved with two
receive antennas.

In a synchronous downlink employing orthogonal spreading codes, intra-cell interfer-
ence is caused by multipath propagation. Due to the non-zero cross-correlation between
spreading sequences with arbitrary time shifts, there is interference between propagation
paths (or rake fingers) after despreading, causing MAI. The level of intra-cell interfer-
ence depends strongly on the channel response. In nearly flat fading channels, the physical
channels remain almost completely orthogonal and intra-cell interference does not have any
significant impact on the receiver performance. On the other hand, the performance of the
rake receiver can be severely deteriorated by intra-cell interference in frequency selective
channels. Frequency selectivity is common for the channels in WCDMA networks.

In this thesis, the suppression of intra-cell interference with channel equalizers is stud-
ied. The scope of the thesis is restricted to linear equalizers, due to the difficulties faced
when non-linear channel equalizers are applied to the WCDMA downlink. Detection of the
desired physical channel with a non-linear equalizer would result in implementing an inter-
ference canceller or optimal multiuser receiver. Both receivers are prohibitively complex
for terminals and require information not readily available at the terminal. Alternatively,
the total base station signal could be considered as the desired signal. However, non-linear
equalizers rely on prior knowledge of the constellation of the desired signal, and this infor-
mation is not easily available at the WCDMA terminal. The constellation of the total base
station signal, that is, sum of all physical channels, is a high-order quadrature amplitude
modulation (QAM) constellation with uneven spacing. The spacing of the constellation
changes constantly due to transmission power control (TPC) and possible power offsets
between the control data fields, time-multiplexed to the dedicated physical channels. The
constellation order may also frequently change due to discontinuous transmission. This
makes an accurate estimation of the constellation practically impossible.
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1.3 Review of earlier and parallel work

The lack of practical solutions for MAI suppression for WCDMA, CDMA2000, and IS-95
terminals has drawn attention and inspired the development of several suboptimal receiver
structures in recent years. The research in this field has stemmed from the research on mul-
tiuser detection and, for example, this thesis can be seen as a continuation of the research
in [13, 46]. In the following, several receiver structures are discussed, after which adaptive
implementations of linear channel equalizers are addressed.

Interference cancellation is closely related to decision-feedback equalization and hence,
the problems of IC receivers in WCDMA – FDD terminals are similar to those encountered
using non-linear equalizers. However, a multi-stage soft decision IC receiver utilizing the
minimum length of the orthogonal variable spreading factor (OVSF) sequence has been
proposed [47]. Soft decision IC receivers for intra-cell and inter-cell interference can-
cellation combined with a linear equalizer have been presented [48, 49]. The receivers
use subspace projections [48] or first-order polynomial expansion [49] in interference es-
timation. They require knowledge of the spreading sequences used in all considered base
stations. A decision-feedback equalizer has been introduced, with the feedback of tentative
decisions limited only to the desired physical channel [50]. A hard decision parallel IC
receiver assuming knowledge of all physical channels in the downlink has also been con-
sidered [51]. In high speed downlink packet access (HSDPA), a terminal demodulates a
significant portion of the total base station signal. This makes IC receivers a more feasible
solution for terminals, and different versions of the hard decision parallel IC receiver have
been considered for HSDPA terminals [52, 53, 54].

The linear equalization of the received chip waveform, distorted by the multipath chan-
nel, results in a combined channel effectively appearing as a single path. When using
orthogonal spreading sequences, the equalization retains to some extent the orthogonality
of users lost due to multipath propagation thus suppressing intra-cell interference. Such a
receiver consists of a linear channel equalizer followed by a single correlator and a deci-
sion device or a channel decoder as depicted in Fig.1.1. The receiver structure has been
presented in block form [55, 56] and in filter form [57, 58]. The idea has been presented
in somewhat different form earlier [59]. The aspect of multiple channels obtained with
oversampling or multiple receive antennas as well as the possibility for chip rate and sym-
bol rate implementations were emphasized in [57]. The receiver structure was extended for
non-orthogonal spreading sequences in [60]. The practical implementations of the LMMSE
channel equalizer are suboptimal approximations of the LMMSE MUD. The resulting loss
in the bit error rate performance in Rayleigh fading channels was studied in Papers I and
II. As another approach for intra-cell interference suppression, a matched filter designed
for colored noise was considered in [61]. The receiver, referred to as a generalized rake
receiver, was developed for the WCDMA downlink from a colored noise matched filter in
[62], and independently from a linear channel equalizer in [63]. The receiver was studied
further in [64, 65, 66, 67] with the extension of path-wise equalizers in [65].

The adaptive implementations of linear receivers can be roughly classified into three cat-
egories. In the first category, a pilot signal is used directly in the training of the equalizer. In
the second category, a pilot signal is utilized in channel estimation, and the estimated chan-
nel response is used as either a reference in equalizer adaptation or as a channel matched
filter. In the third approach, adaptation is based on the knowledge of unused spreading
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Equalizer Correlator

Fig. 1.1. Structure of a channel equalizer based receiver.

sequences.
The direct use of a pilot signal in the equalizer training is the most straightforward

solution to the adaptation and was suggested in [58], although without any algorithm or
results. The normalized least mean square (NLMS), recursive least squares (RLS), and sta-
bilized fast a-posteriori error sequential technique (SFAEST) adaptations were considered
in a stationary channel with a preamble pilot signal in [60]. Channel equalizers employ-
ing the NLMS algorithm and different versions of the RLS algorithm have been studied in
Rayleigh fading channels with time- and code-multiplexed pilot signals in [68, 69, 70, 71]
as well as in Paper IV. Reduced rank equalization based on a multistage Wiener filter [72]
has been investigated [73, 74], resulting in a pilot signal based block adaptive algorithm.
The proposed adaptive equalizer was combined with parallel interference cancellation in
[75]. The conjugate gradient method has also been considered with pilot signal based train-
ing [76], and the equivalence between the multistage Wiener filter and conjugate gradient
method has been shown under certain conditions [77]. Symbol rate adaptations for a chip
rate equalizer have been considered in [68, 71, 73].

The high power of pilot signals in the WCDMA downlink allows for accurate chan-
nel estimation in the terminal. As a result, several adaptive equalizers utilizing channel
response estimates have been proposed. A chip rate channel matched filter followed by a
blind decorrelating filter and spreading sequence correlator was proposed in [78]. Griffiths’
(P-vector) algorithm [79] was applied to the WCDMA downlink in [80]. The minimum
output energy (MOE) criterion constrained with the estimated channel response was sug-
gested for equalizer adaptation in [81]. The criterion and the constraint were independently
proposed in Paper III together with a performance study of a suitable adaptive algorithm.
A receiver multiplying the received signal with an estimate of the received signal covari-
ance matrix inverse prior to the rake receiver was considered in [82]. The multiplication
with the received signal covariance matrix inverse was approximated with pre-filtering in
Paper IV, resulting in a prefilter-rake receiver. The Griffiths’ algorithm and the conjugate
gradient algorithm have been applied to a prefilter-rake receiver in [83, 84]. Calculation of
the equalizer coefficients from the received signal covariance matrix and channel response
estimates was considered in [81]. The approach was independently investigated in [85, 86]
and in Paper V, and is referred to as a sample matrix inversion (SMI) based equalizer in
the sequel. The approach was studied as a low complexity adaptive implementation of the
symbol rate equalizer in Paper VI. A Kalman filter based equalizer relying on the channel
response estimate was presented in [87].

Adaptive equalizers based on an alternative minimum output energy criterion have been
presented for DS-CDMA downlink terminals in [81, 88, 89, 90] and analyzed in [91]. In
the receivers, the energy of the equalizer output signal projection to the subspace spanned
by the unused spreading sequences is minimized. The suppression of the desired signal is
avoided with a suitable constraint on the equalizer output energy. The adaptation principle
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was combined with pilot signal based training in [69, 70]. The adaptive receivers rely on
the knowledge at the terminal of unused spreading sequences in the transmission, which
is an infeasible requirement in the FDD mode of the WCDMA downlink. An alternative
criterion and constraint requiring knowledge of the spreading sequences used was proposed
in [91].

Performance evaluations of channel equalizers in conjuction with forward error correc-
tion (FEC) coding have been presented for convolutional and turbo codes in [92, 93, 83, 84].
Multi-cell scenarios have been addressed, e.g., in [48, 49, 57, 58, 67]. Channel equalizers
have also been investigated in soft hand-over situations in [93, 94, 95, 74] and in Paper VIII.
Linear channel equalizers suitable for different transmit diversity schemes for a downlink
employing long spreading sequences were presented in [96, 97]. The transmit diversity
schemes considered included space-time spreading, orthogonal and delay transmit diver-
sities, as well as space-time transmit diversity (STTD). Except for in [74, 83, 84], perfect
channel state information (CSI) was assumed at the receivers in the references considering
FEC coding, transmit diversity, or soft handover.

Tracking or steady-state performance analysis has not been presented for the adaptive
channel equalizers in WCDMA terminals to the knowledge of the author. Although several
aspects of the WCDMA downlink have been addressed, the results are frequently presented
with parameter values that are not practical in the WCDMA – FDD downlink. Hence
the feasibility and benefits of the channel equalizers in WCDMA terminals have not been
thoroughly considered.

1.4 Aims and outline of the thesis

Linear equalizers capable of suppressing MAI in WCDMA – FDD terminals are studied in
this thesis. The purpose of the thesis is to develop novel receivers providing performance
enhancement over the conventional rake receiver with an acceptable increase in complexity
and to validate their performance under WCDMA – FDD downlink conditions.

The thesis is organized as follows. In Chapter 2, a general linear signal model with
extensions to multiple input multiple output (MIMO) transmissions and multiple base sta-
tions is introduced for a synchronous DS-CDMA downlink. The model is then specified
for the WCDMA – FDD downlink.

In Chapter 3, results which are in part documented in Papers I, II, V, and VI for the zero-
forcing and LMMSE channel equalizers are presented. The equivalence of the LMMSE
multiuser detector and LMMSE channel equalizer is shown, and an approximation of the
LMMSE equalizer yielding adaptive solutions is presented. This result allows a straight-
forward evaluation of the performance that can be achieved with channel equalizers, as
well as the performance losses induced by approximating the LMMSE MUD with channel
equalizers. Channel equalization at the symbol rate is also presented, which constitutes
the other contribution of the chapter. The performance of the receivers is considered with
numerical examples in fading channels.

In Chapter 4, the contents of which are in part included in Papers III, IV, V, and VI,
several adaptive channel equalizers are studied. Two adaptive equalizers are introduced
by applying the MOE criterion and sample matrix inversion method. An existing adaptive
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equalizer is also refined further resulting in a prefilter-rake equalizer. The SMI-based equal-
izer is also proposed for symbol rate equalization, resulting in a terminal receiver candidate
with good performance and reasonable computational complexity. Performance analysis is
developed for channel response constrained MOE (CR-MOE) and SMI-based equalizers as
well as for the common pilot channel (CPICH) trained equalizer using least mean square
(LMS) and normalized LMS algorithms. The performance of the adaptive equalizers and
rake receiver is compared to each other via numerical examples. The contributions of the
chapter are in the introduction of CR-MOE and SMI-based equalizers, resulting in a prac-
tical scheme for symbol rate equalization, development of a prefilter-rake equalizer, and in
the analytical performance results.

Chapter 5, the contents of which are in part presented in Papers VII, VIII, IX, and X,
concentrates on a feasibility study of the channel equalizers in WCDMA networks. The
contribution of the chapter is the thorough evaluation of the equalizers with relevant pa-
rameter values. The impact of adaptive equalizers on the receiver performance is consid-
ered in conjunction with FEC coding, soft handover, and transmit diversity, as well as from
the high speed downlink packet access viewpoint. The implementational feasibility of the
adaptive equalizers is addressed from the point of view of computational complexity and
fixed-point arithmetic.

Chapter 6 concludes the thesis. The main results and conclusions are summarized. Some
remaining open problems are pointed out for further study.

1.5 Author’s contribution to publications

The thesis is in part based on ten original publications. The author has had the main re-
sponsibility in developing the analysis as well as writing Papers I–VIII and X. Other authors
have provided help, ideas, and comments during the process. Two of the adaptive receivers
considered in Paper V have not been developed by the first author. These receivers are not
studied in this thesis. The first author had the main role in producing the results for and
writing Paper IX.

The research was carried out in part in the Advanced Baseband Receiver Algorithms for
WCDMA Systems project. The simulation software was developed from existing simula-
tion code using MATLAB. As a result, several people have contributed to the simulation
software used in the numerical examples. Nevertheless, the author has implemented the
majority of the simulation software, all channel equalizers, and all software used in numer-
ical analysis. All numerical examples were generated by the author. The exception to the
aforementioned are the numerical results presented in Sections 5.1 and 5.5.2. These results
have been generated by other people in the ABRAS project team.



2 System model

The system model used in the rest of the thesis is presented in this chapter. A DS-CDMA
downlink signal model utilizing multiple input multiple output channels is introduced in
Section 2.1. The model is specified for the downlink of the WCDMA – FDD mode in
Section 2.2 and the channel model used in this thesis is presented in Section 2.3.

2.1 CDMA signal model

A system model suitable for the downlink of a DS-CDMA system is defined in this section.
In the system model, it is assumed that the signals from J base stations1 are received over
a finite time interval of Nc chip periods. This is referred to as the observation window in
the following. Each of the base stations is equipped with NT,j transmit antennas, thus,
enabling MIMO transmissions. The transmit antennas can be used either to increase the
symbol rate of the radio link or to increase the diversity with a suitable transmit diversity
scheme.

After appropriate down-conversion, low-pass filtering, and sampling, the samples from
multiple receive antennas are interleaved into a single vector r. Thus, the number of sam-
ples per chip period, Ns, is the product of the number of receive antennas NR and samples
per chip on each of the antenna branches. The transmission of the physical channels is
assumed to be continuous and, thus, the model contains the tails of the symbols transmitted
before and after the observation window. The tails are modeled with N c,e chips defined by

Nc,e =
⌈

max(τl,j)/Tc + (Lc − 1)/2
max(Gk,j)

⌉
max(Gk,j) +

⌈
(Lc − 1)/2
max(Gk,j)

⌉
max(Gk,j), (2.1)

where Tc is the chip period, τl,j is the delay for the lth path from base station j, Lc, an odd
number, is the duration of the chip waveform in chip periods, and G k,j is the spreading
factor for physical channel k of base station j. The terms on the right hand side of (2.1)

1In this thesis, the transmitters assigned to different sectors of the same base station site are referred to as
different base stations.
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define, respectively, the number of chips transmitted before and after the observation win-
dow that are included in the system model. The terms are denoted with N c,e1 and Nc,e2,
respectively. System model includes multirate transmission and therefore M k,j , the num-
ber of symbols per transmit antenna on the kth physical channel of base station j, is given
by Mk,j = (Nc +Nc,e)/Gk,j .

The discrete-time received signal r for the observation window can be written as

r =
J∑

j=1

Kj∑
k=1

DjCjSk,jAk,jbk,j + n ∈CNcNs , (2.2)

whereKj is the number of active physical control and traffic channels [7] on base station j.
Matrix Dj introduces transmitted chip waveforms, receiver front-end filtering, delays for
Lj propagation paths, as well as interleaving of the signal samples from the receive antenna
branches into one vector. The interleaving of the signal samples is implemented with D j =
Dj ⊗ INR , where ⊗ is the Kronecker product and

Dj =
[
d(1)
1,j , d

(1)
2,j , . . . , d

(1)
Lj ,j, d

(2)
1,j , . . . , d

(Nc+Nc,e)
Lj,j

]
∈ IRNcNs/NR×Lj(Nc+Nc,e) (2.3)

is a path delay and chip waveform matrix where column vector d
(n)
l,j contains samples from

the appropriately delayed chip waveform for the lth path of the nth chip from base station
j. The waveform is the received chip waveform without the impact of the channel and is
obtained by a convolution of the transmitted waveform and receiver front-end filter. For
notational convenience, Dj is partitioned as

Dj =
[

Dj,e1 Dj,B Dj,e2

]
, (2.4)

where Dj,e1 ∈ IRNcNs×LjNc,e1 and Dj,e2 ∈ IRNcNs×LjNc,e2 contain the waveforms for the
Nc,e1 and Nc,e2 excess chips, respectively. The structure of Dj is illustrated in Fig. 2.1.

Channel coefficient matrix

Cj =
[
C1,j , . . . ,CNT,j ,j

] ∈ CNRLj(Nc+Nc,e)×NT,j(Nc+Nc,e) (2.5)

consists of block diagonal matrices

CnT,j =
[
c(1)
nT,j , . . . , c

(Nc+Nc,e)
nT,j

]
∈CNRLj(Nc+Nc,e)×(Nc+Nc,e), (2.6)

in which column vectors

c(n)
nT,j =



0NRLj(n−1)

c
(n)
1,1,nT,j

c
(n)
2,1,nT,j

...

c
(n)
NR,1,nT,j

c
(n)
1,2,nT,j

...

c
(n)
NR,Lj ,nT,j

0NRLj(Nc+Nc,e−n)



(2.7)
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Fig. 2.1. Illustration of the matrix Dj structure. Non-zero elements of the matrix are depicted.

contain the time-variant channel coefficients c(n)
nR,l,nT,j for Lj paths of NR antennas. Also

CnT,j is partitioned as

CnT,j =

 CnT,j,e1 0 0
0 CnT,j,B 0
0 0 CnT,j,e2

 , (2.8)

where the blocks CnT,j,e1 ∈ CNRLjNc,e1×Nc,e1 and CnT,j,e2 ∈ CNRLjNc,e2×Nc,e2 contain
the channel coefficients for the Nc,e1 and Nc,e2 excess chips.

It is assumed that a physical channel employing MIMO transmission uses the same
spreading codes on all transmit antennas. Thus, the spreading sequence matrix is defined
as Sk,j = INT,j ⊗ Sk,j,T where block diagonal matrix Sk,j,T ∈ Ξ(Nc+Nc,e)×Mk,j

c ( Ξc is
the chip alphabet ) contains the spreading sequences for Mk,j symbols on its columns. The
partition for Sk,j,T is given by

Sk,j,T =

 Sk,j,T,e1 0 0
0 Sk,j,T,B 0
0 0 Sk,j,T,e2

 , (2.9)

where the blocks Sk,j,T,e1 ∈ ΞNc,e1×Nc,e1/Gk,j
c and Sk,j,T,e2 ∈ ΞNc,e2×Nc,e2/Gk,j

c contain
the spreading sequences for the excess chips. The spreading sequences are normalized to
unit energy.

Diagonal matrix Ak,j contains the average received amplitudes for NT,jMk,j symbols
transmitted on physical channel k. The use of Ak,j allows weighting and rotations be-
tween the symbols. The weighting can be done between transmit antennas to maximize the
capacity of the link or can be used to model, e.g., a power difference between the time-
multiplexed data channel and control channel. Closed loop transmit diversity [98] can also
be modeled by introducing transmit antenna specific phase rotations on A k,j .
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Transmitted symbols b(m)
k,j constitute the vector

bk,j =
[
b
(1)
k,j , . . . , b

(NT,jMk,j)
k,j

]T
∈ ΞNT,jMk,j

b , (2.10)

where Ξb is the symbol alphabet. If a physical channel is transmitted with less than NT,j

antennas, bk,j is padded with zeros corresponding to the selection of transmit antennas.
Noise vector n ∈ CNcNs contains samples from a complex zero-mean Gaussian noise
process with variance σ2

n .

2.2 WCDMA downlink model

A system model specific for the downlink of the FDD mode of WCDMA is defined in this
section based on the more generic model discussed in Section 2.1. The main characteristics
of the WCDMA – FDD mode physical layer are listed in Table 1.2 of Appendix 1 [6, 7].
The system model involves some simplifications. The physical channels are modeled as
vectors of independent and identically distributed (i.i.d.) symbols. This means, for exam-
ple, that the synchronization channel using specific spreading sequences is excluded from
the model. The only exception is the common pilot channel which is modeled for channel
estimation purposes. FEC coding (except in Section 5.1) and physical layer procedures,
including transmission power control, are also omitted from the model. The system model
comprises the cases of open loop and closed loop mode 1 transmit diversity as well as base
stations with single transmit antenna. The open loop transmit diversity scheme employed
in WCDMA is based on the scheme proposed by Alamouti [99]. It operates on blocks of
two consecutive symbols as depicted in Fig. 2.2. The block-wise encoding of STTD allows
the simple detection of symbols without introducing interference between the transmit an-
tenna signals in flat fading channels. The receiver front-end filter is modeled either as a
root-raised cosine (RRC) filter with roll-off factor 0.22 [100] or as an ideal low-pass filter
with Ns/(2NRTc) bandwidth. In the following, base station index j is dropped when there
is no risk of confusion.

The block diagonal spreading sequence matrix is defined by

Sk,j,T = Sj,ScSk,j,Ch ∈ Ξ(Nc+Nc,e)×Mk,j
c , (2.11)

where diagonal matrix Sj,Sc contains the base station specific scrambling sequence, and
block diagonal matrix Sk,j,Ch = IMk,j

⊗ sk,j,Ch contains the channelization sequence
sk,j,Ch. With the use of scrambling sequences, interference originating from other base
stations is randomized, thus, allowing reuse of the same channelization sequences even on
neighboring cells. In this thesis, the scrambling sequences are modeled with complex se-
quences generated from i.i.d. binary random numbers. Additionally it is assumed that none
of the base stations use multiple scrambling sequences, although the WCDMA standards
allow for the use of secondary scrambling sequences in parallel with primary scrambling
sequences [101]. Physical channels within the same base station are separated by spreading
them with channelization sequences. The sequences are assigned to the channels so that all
sequences in use in a base station are orthogonal. The channelization sequences used are
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Fig. 2.2. STTD encoding.

orthogonal variable spreading factor codes introduced in [102] and they enable orthogonal
multirate transmissions with variable spreading factors.

With single transmit antenna base stations, matrix Ak = AkIMk
, where the average

received amplitude Ak =
√Ek/NR, and Ek is the average received energy per symbol for

physical channel k. With STTD, matrix A is given by

Ak =
Ak√

2
I2Mk

(2.12)

and with closed loop mode 1

Ak =
Ak√

2

[
IMk

0Mk

0Mk
WkIMk

]
, (2.13)

where

Wk ∈
{

1,
1 + j√

2
,
−1 + j√

2
,
−1 − j√

2
,
1 − j√

2

}
(2.14)

is the closed loop mode 1 weight for the second transmit antenna [103]. Weight 1 is used
only with CPICH.

In the case of single transmit antenna base stations, transmitted symbols b (m)
k are drawn

from the quadrature phase shift keying (QPSK) alphabet

Ξb =
{

1 + j√
2
,
−1 + j√

2
,
−1 − j√

2
,
1 − j√

2

}
. (2.15)

The symbols are assumed to be i.i.d., with the exception of CPICH and cases considering
either channel coding or soft handover. In the case of transmit diversity, the symbol vector
is written as

bk =
[

bk,T1

bk,T2

]
∈ Ξ2Mk

b , (2.16)
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where

bk,T1 =
[
b
(1)
k , b

(2)
k , . . . , b

(Mk)
k

]T
∈ ΞMk

b , (2.17)

contains i.i.d. symbols transmitted from the 1st transmit antenna. Symbol vector b k,T2

contains the symbols transmitted from the 2nd transmit antenna. It is equal to b k,T1 with
closed loop mode 1, whereas with STTD it is given by

bk,T2 =
[
−
(
b
(2)
k

)∗
,
(
b
(1)
k

)∗
,−
(
b
(4)
k

)∗
,
(
b
(3)
k

)∗
, . . . ,−

(
b
(Mk)
k

)∗
,
(
b
(Mk−1)
k

)∗]T
.

(2.18)

Equation (2.18) restricts Mk to be an even number. In the case of CPICH, bk,T2 contains a
symbol sequence that is orthogonal to the symbol sequence transmitted from the 1st trans-
mit antenna [103]. Such a selection of pilot sequences allows for straightforward channel
estimation at the terminal.

The noise vector n models background noise, noise induced by the analog components
in the receiver front-end parts, and inter-cell interference from the base stations that are
not explicitly modeled. From the noise components, inter-cell interference is the dominat-
ing one in the numerical examples presented. In other words, noise is mainly originating
from outside of the receiver. On the other hand, the carrier spacing of 5 MHz restricts the
bandwidth of the receiver front-end, and as a result, the noise samples in the over-sampled
received signal are correlated. This means that adaptive receivers should not be sensitive
to the noise correlation. To address the issue, two cases are considered. In the first case,
noise vector n contains samples from a white complex zero-mean Gaussian noise process
with variance σ2

n . In the second case, the received signal is filtered with a front-end filter
assumed to be a root-raised cosine filter with a roll-off factor of 0.22. Thus, the covariance
matrix of zero-mean Gaussian noise is given by R n = σ2

nHFHH
F, where the columns of

matrix HF contain time-shifted versions of the root-raised cosine filter.
A geometry factor [7] is commonly used to characterize the terminal’s distance from a

base station. A large geometry factor indicates that the terminal is close to the base station,
whereas a small geometry factor is typical on the edge of a cell. In this thesis, geometry
factor Gj is defined as

Gj =
ET,j

J∑
p=1
p�=j

ET,p +N0

, (2.19)

that is, as a ratio of total received energy from base station j per chip per receive antenna to
the received energies from all other base stations plus the two-sided power spectral density
N0 of a Gaussian noise process. The total received energy per chip per receive antenna
from base station j is given by

ET,j =
Kj∑
k=1

Ek,j

Gk,jNR
. (2.20)
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The total base station signal can be considered as a desired signal for the channel equalizers
(as discussed in Chapter 3). Hence from the viewpoint of channel equalizers, the geometry
factor is in a sense analogous to the signal-to-noise ratio (SNR) in time division multiple
access systems. For channel equalizers, the geometry factor is a more descriptive parameter
than Eb/N0 and as a result, it is used in most of the numerical examples.

In the following, the received energy per chip per receive antenna for the physical chan-
nel detected is denoted with ED,j , that is, ED,j = Ek,j/(Gk,jNR) when physical channel
k is detected. The spreading factor of the physical channel detected is denoted with GD,j .
The corresponding chip energy and spreading factor of CPICH are denoted with E C,j and
GC, respectively.

2.3 Channel model

The time-variant channel coefficients c(n)
nR,l,nT,j in the channel coefficient matrix Cj are

assumed to be independent complex Gaussian random processes with zero means and vari-
ances normalized so that

Lj∑
l=1

E
(
|c(n)

nR,l,nT,j |2
)

= 1. (2.21)

The channel coefficients are also assumed to be stationary over the observation window.
This together with the independence assumption is equivalent to the common wide-sense
stationary uncorrelated scattering (WSSUS) model [104]. The assumption of independent
channel coefficients is idealistic for link performance and capacity assessments in some
environments with multiple transmit and receive antennas [105, 106, 107]. However, it is
reasonable for the scope of this thesis, that is, the development and evaluation of adaptive
receivers. The channel power delay profile is assumed to be the same for all transmit -
receive antenna pairs [107], which results in the channel coefficient variances

E
(
|c(n)

nR,l,nT,j |2
)

= σ2
cl,j

. (2.22)

With the assumption of stationary channel coefficients, the channel autocorrelation func-
tion is given by

ρl,j(i) = E
(
c
(n)
nR,l,nT,jc

∗(n−i)
nR,l,nT,j

)
, (2.23)

i.e., it is a function of the time difference i only, instead of the absolute time values n and
n + i. The Doppler spectrum is assumed to be the classical Jakes’ spectrum [108], which
results in Clarke’s channel autocorrelation function

ρl,j(i) = σ2
cl,j

J0 (2πfDTci) , (2.24)

where J0(·) is a zero-order Bessel function of the first kind,

fD =
v

clight
fc (2.25)
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is the maximum Doppler spread, v is the velocity of the terminal, c light is the speed of light,
and fc is the carrier frequency.

The delays and average powers of the paths in the channel model reflect the properties
of the propagation environment and, hence, several channel models have been proposed
for different environments [109, 110]. The channel profiles used in the thesis are based on
International Telecommunication Union (ITU) channel models [111], which are commonly
accepted and used for reference purposes. The ITU Vehicular A and ITU Pedestrian A
channel models were selected to be used in this thesis, with the former providing a good
example of a frequency selective fading channel and the latter modeling a nearly flat-fading
channel. However, some modifications were made to the ITU channel models. The path
delays were shifted in time to the closest multiples of 1/(3.84 ∗ 16) µs ≈ 16 ns. Also
only the 4 most significant paths were included in the channel profiles, which means that 2
paths were removed from the vehicular model with relative powers of -15 dB or less. The
channel profiles used with the numerical examples are given in relative terms in Table 1.1
of Appendix 1 together with the ITU channel profiles. Channel models that are modified
further are also used as described in Sections 5.1 and 5.2.



3 Multiple access interference suppression in WCDMA
terminal receivers

Linear interference suppression receivers have proven to be the most promising way to
enhance the performance of WCDMA downlink receivers. They provide an acceptable
balance between performance and complexity, yield to simple adaptive implementations
and exhibit reasonable robustness with respect to the underlying assumptions. The purpose
of this chapter is to present the basic idea of linear channel equalization in the WCDMA
downlink, suitable receiver structures, as well as its relation to multiuser receivers. The
other goal of the chapter is to study the performance of the equalizers and to establish a
bound on the performance improvements achieved. For this purpose, the equalizers assume
that the channel, spreading sequences, and amplitudes are known at the receiver.

The chapter is organized as follows. The terminal receivers considered, that is, the
zero-forcing, LMMSE, and approximate LMMSE equalizer as well as the rake receiver are
presented in Section 3.1. Different equalizer structures are also addressed and a relation to
the generalized rake receiver is shown. The performance of the equalizers is studied in Sec-
tions 3.2 and 3.3. The chapter is concluded with a summary and discussion in Section 3.4.

3.1 Linear WCDMA terminal receivers

In this section, the conventional rake receiver, zero-forcing equalizer, and LMMSE equal-
izer are defined. The relationship between the LMMSE channel equalizer and the LMMSE
multiuser receiver is shown. An approximate LMMSE equalizer that forms the base for
the adaptive implementations is derived. The section is concluded with a discussion on the
equalizer structures proving that the order of equalization and correlation with the spread-
ing sequence can be interchanged.

Some of the receivers are presented both in block and filter form. 1 The block form
is intended more for theoretical than practical considerations, and it processes the whole
received signal vector at one time. The filter form refers to the practical transversal filter

1Block forms of the equalizers are denoted with W and filter forms are denoted with w.
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implementation of the equalizer. The front-end filter is assumed to be the ideal low-pass
filter, resulting in Rn = σ2

nI.

3.1.1 Rake receiver

The rake receiver is traditionally used in spread spectrum systems as a diversity receiver
[14, 104]. It is designed with the aim of maximizing the signal-to-noise ratio at the output
of the receiver, and therefore it does not maximize the signal-to-noise-plus-interference
ratio (SINR) in the presence of MAI. The output of an ideal rake receiver using maximal
ratio combining can be written as

z
(m)
R = cH

R S(m)
1

H
r, (3.1)

where z(m)
R is the decision variable for the mth symbol on the desired physical channel 1,

cR =
[
c
(mG1)
1,1 , . . . , c

(mG1)
NRx,L

]T
∈ CNRxL contains the channel coefficients, and matrix

S(m)
1 ∈ CNcNs×NRxL contains copies of the spreading sequence for the desired mth sym-

bol in its columns. The spreading sequences in the columns are time-aligned with the path
delays and convoluted with the root raised cosine chip waveform. In other words, the re-
ceived signal is correlated with the time-shifted spreading sequences, and the correlation
outputs are maximal ratio combined to produce a decision variable. To allow for easy com-
parison with the channel equalizers, the decision variables of the rake receiver can also be
defined in the block form

zR = SH
1 CHDHr, (3.2)

where zR =
[
z
(1)
R , . . . , z

(M1)
R

]T
contains the decision variables for the rake receiver. The

abnormal order of the maximal ratio combining and the correlation with the spreading
sequence have no impact on receiver performance due to the linearity of operations and the
decision variables in (3.1) and (3.2) are equal.

3.1.2 Zero-forcing equalizer

The zero-forcing equalizer is defined by requiring that the chip-spaced samples of the com-
bined channel and equalizer impulse response are zero except for one sample [112]. The
only non-zero sample appears at the desired sampling instant. In other words, a zero-
forcing equalizer completely restores the orthogonality of the physical channels and elim-
inates intra-cell interference. However, the zero-forcing equalizer requires an infinite filter
length in general [112, 104, 113]. If the N c,e tail chips are ignored, the zero-forcing equal-
izer is given in block form by a Moore-Penrose pseudo-inverse

WZ = DBCB

(
CH

BDH
BDBCB

)−1
, (3.3)
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It can be easily verified that the intra-cell interference is eliminated with W Z within the ob-
servation window, except for interference induced by the tail chips. 2 The decision variables
after correlation with the spreading sequence can be written as

zZ =SH
1,BWH

Zr

=SH
1,B

(
CH

BDH
BDBCB

)−1
CH

BDH
Br, (3.4)

from which the difference to the rake receiver in (3.2) is immediately seen.

3.1.3 LMMSE equalizer

The LMMSE channel equalizer minimizes the mean square error (MSE) at the output of
the equalizer. In other words, the LMMSE equalizer is obtained by solving

WL = arg min
W

E

(
|WHr −

K∑
k=1

SkAkbk|2
)
, (3.5)

where the minimization is carried out elementwise. The solution for (3.5) is given by [114]

WL = R−1Cr
P

K
k=1 SkAkbk

, (3.6)

where

R = DC

(
K∑

k=1

A2
kSkSH

k

)
CHDH + Rn (3.7)

is the covariance matrix of the received signal and

Cr
P

K
k=1 SkAkbk

=
K∑

k=1

E
(
rbH

k AH
k SH

k

)
= DC

(
K∑

k=1

A2
kSkSH

k

)
(3.8)

is the cross-covariance matrix of the received signal and the signal estimated. Hence, the
LMMSE equalizer can be written as

WL =

[
DC

(
K∑

k=1

A2
kSkSH

k

)
CHDH + Rn

]−1

DC

(
K∑

k=1

A2
kSkSH

k

)
. (3.9)

The resulting decision variable vector is given by

zL = SH
1 WH

Lr

= A2
1SH

1 CHDH

[
DC

(
K∑

k=1

A2
kSkSH

k

)
CHDH + Rn

]−1

r, (3.10)

2The observation window is assumed to be sufficiently large so that the impact of the tail chips can be ignored
in the middle parts of the window. This is done in (3.30) and (3.33).



37

since

SH
1 SkSH

k =
{

SH
1 , k = 1

0, k �= 1.
(3.11)

In (3.5), the total base station signal, that is,
∑K

k=1 SkAkbk is used as the desired signal
in the equalization. If the chips of the desired physical channel are selected to be the desired
signal also for the equalizer, the resulting decision variable vector is easily noted to be equal
to (3.10). This results from the radio channel that is common for all physical channels.
One can also note that any of the physical channels can be detected from the output of
the equalizer given in (3.9). In other words, the equalizer in (3.9) does not suppress the
other physical channels but just restores (to some extent) the orthogonality of the physical
channels. By comparing (3.2) and (3.10), it is seen that the decision variable of the LMMSE
channel equalizer is equivalent to the decision variable of a rake receiver that is preceded by
the inverse of the received signal covariance matrix. This observation leads to the adaptive
equalizer structures discussed in Section 4.3.

The LMMSE multiuser receiver [39, 38], feasible in DS-CDMA systems with short
spreading sequences, is defined for physical channel 1 by

WL,MUD = arg min
W

E
(|WHr − b1|2

)
, (3.12)

which results in the equalizer

WL,MUD =

[
DC

(
K∑

k=1

A2
kSkSH

k

)
CHDH + Rn

]−1

DCS1 (3.13)

and in the decision variable vector

zL,MUD = A1SH
1 CHDH

[
DC

(
K∑

k=1

A2
kSkSH

k

)
CHDH + Rn

]−1

r. (3.14)

By comparing (3.10) and (3.14) one can see that, for a given observation window, the
decision variables of the LMMSE channel equalizer and the LMMSE multiuser receiver are
equal up to a scalar. This is an expected result, since the LMMSE estimator commutes over
linear transformations [114, Sec. 12.5], like the correlation with the spreading sequence.

3.1.4 Approximate LMMSE equalizer

As seen from (3.9), the LMMSE channel equalizer depends on the spreading sequences
of all users with the period of a long scrambling code. This follows from the dependency
between consecutive chips to be estimated. The equalizer changes from chip to chip, and an
adaptive equalizer will not reach the optimal tap coefficients. The adaptive versions of the
LMMSE channel equalizer are based on the simplification that the scrambling sequence is
a white random process. This is referred to as the random scrambling sequence assumption
in the following. The simplification is unavoidable due to the inherent time-averaging of
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the adaptive algorithms and the constant variability of the LMMSE equalizer in (3.9). The
LMMSE equalizer derived from (3.5) according to the simplification (or false assumption)
is given by

WL̄ =
K∑

k=1

A2
k

Gk

(
K∑

k=1

A2
k

Gk
DCCHDH + Rn

)−1

DC

=
(
DCCHDH + Rn/ET

)−1
DC, (3.15)

which is referred to as the approximate LMMSE equalizer. The decision variable after
correlation with the spreading sequence is given by

zL̄ = SH
1 WH

L̄r

= SH
1 CHDH (DCCHDH + Rn/ET

)−1
r. (3.16)

The essential difference between (3.9) and (3.15) is that the covariance matrix of the de-
sired signal, i.e.,

∑K
k=1 A

2
kSkSH

k , is approximated with ETI in (3.15). This is sensible,
since

∑K
k=1 A

2
kSkSH

k approaches ETI when averaged over time. For this same reason, the
adaptive equalizers converge in steady state to the proximity of (3.15).

The approximate LMMSE equalizer exhibits good performance, as shown in Section 3.2.
However, the equalizer does not fully utilize all degrees of freedom in signal processing.
It uses the signal characteristics induced by the radio channel but ignores the spreading se-
quence characteristics of the interfering signals. Therefore, it is vital for the performance of
the equalizer that it can be interpreted to restore the orthogonality of the physical channels
without suppressing them. This becomes apparent in Sections 5.2 and 5.3, where the sup-
pression of interfering channels is required, resulting in degraded interference suppression.

The approximate LMMSE equalizer in (3.15) is given in block form. The filter form for
the nth chip can be written as3

wL̄(n) = ETR̄
−1(n)p̄(n) ∈ C2L+1 (3.17)

where

R̄(n) =
(
ETDCCHDH + Rn

)
(n−1)Ns+1−L:(n−1)Ns+1+L,(n−1)Ns+1−L:(n−1)Ns+1+L

(3.18)

is the approximate covariance matrix for the received signal within the equalizer and

p̄(n) = (DC)(n−1)Ns+1−L:(n−1)Ns+1+L,n+Nc,e1 (3.19)

contains the channel impulse response for the nth chip within the equalizer span 2L + 1.
The full channel impulse response is denoted with p(n) = (DC) :,n+Nc,e1 . The received
signal samples within the equalizer at the nth chip interval are given by

r̄(n) = (r)(n−1)Ns+1−L:(n−1)Ns+1+L. (3.20)

3The chip interval index n is dropped from the notations whenever there is no risk of confusion.
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The decision variable for the mth symbol is given by

z
(m)

L̄
= s(m)

1

H
y(m)

L̄
, (3.21)

where s(m)
1 = (S1,B)G1(m−1)+1:G1m,m contains the spreading sequence for the mth sym-

bol and

y(m)

L̄
=
[
wH

L̄(G1(m− 1) + 1)̄r(G1(m− 1) + 1), . . . ,wH
L̄(G1m)̄r(G1m)

]T
(3.22)

contains the equalizer output signal corresponding to the mth symbol. It is apparent that
the decision variables z(m)

L̄
in (3.21) and (zL̄)m in (3.16) are not exactly equal due to the

different equalizer lengths.

3.1.5 Equalization at the symbol rate

The channel equalizers discussed in the previous sections perform equalization individu-
ally for each chip. This results in a high rate of multiplications, significantly increasing
the complexity of the receiver. For example, the number of multiplications required by the
equalization is considerably higher than in the corresponding LMMSE multiuser receiver.
The rate of the multiplications in equalization is reduced significantly, if the equalization
is performed after correlation with the spreading sequence. In other words, it is highly de-
sirable to change the order of correlation and equalization in most cases. It is also straight-
forward due to the linearity of the operations, as discussed, e.g., in [61, 57, 68, 71]. The
decision variable in (3.21) can be written as

z
(m)

L̄
=

G1∑
n=1

(
s(m)
1

)∗
n

L∑
l=−L

(wL̄)∗l (r)(G1(m−1)−1)Ns+1+nNs+l

=
L∑

l=−L
(wL̄)∗l

G1∑
n=1

(
s(m)
1

)∗
n

(r)(G1(m−1)−1)Ns+1+nNs+l, (3.23)

where the equalizer wL̄ is assumed to remain constant over the symbol period. From (3.23)
it is seen that equalization can be performed also after correlation. This is achieved by re-
placing the single correlator used with the chip level equalizers with a bank of correlators.
The receiver structure is depicted in Fig. 3.1. Clearly, the penalty paid for the reduction in
the multiplications is the increase in the number of correlators. On the other hand, corre-
lators can be implemented with relatively low complexity when compared to multipliers.
The other drawback is that each physical channel demodulated requires its own correla-
tor bank and equalizer filter. If the terminal simultaneously receives several high data rate
physical channels from a base station, then equalization at the chip rate may become a more
attractive solution from the complexity point of view.

A symbol rate equalizer can also be equivalent to the generalized rake receiver. In the
generalized rake receiver, introduced in [62] based on the work by Bottomley in [61], ad-
ditional rake fingers are allocated at delays that do not correspond to the path delays. By
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Fig. 3.1. Structure of channel equalizer based receiver with symbol level equalization.

doing so, additional degrees of freedom are introduced for the rake combiner. The combin-
ing weights used in the generalize rake receiver approximate a matched filter with colored
noise. The generalized rake receiver also makes the same simplification for the scrambling
sequence as the approximate LMMSE equalizer. The receiver structure is equivalent to
Fig. 3.1 if the rake fingers are organized into a bank with fractional spacing and the ideal
low-pass front-end filter assumed earlier is replaced with a root-raised cosine filter. The
combining weights are given by wGrake = R̄

−1
N+I p̄, where R̄

−1
N+I is the covariance matrix of

interference and noise at the output of the rake fingers. By invoking the random scrambling
sequence assumption, the covariance matrix R̄N+I can be written after some calculations
as4

R̄N+I =
G1∑
g=1

E


(

1√
G1

)2
[

r̄ − p̄

(
K∑

k=1

SkAkbk

)
n

] [
r̄ − p̄

(
K∑

k=1

SkAkbk

)
n

]H


= R̄ − ETp̄p̄H, (3.24)

where ETp̄p̄H removes the orthogonal signal component from the covariance matrix R̄. By
employing the matrix inversion lemma, as in [71], 5 the inverse of R̄N+I is given by

R̄
−1
N+I = R̄

−1 − R̄
−1

p̄p̄HR̄
−1

p̄HR̄
−1

p̄ − 1/ET

(3.25)

which results in the combining weights

wGrake =
wL̄

ET

(
1 − ETp̄HR̄

−1
p̄
) . (3.26)

4Channel is assumed to be constant over the symbol interval, and a chip interval n is arbitrary selected from
the symbol interval. Thus, the summation over the symbol interval is not accurately expressed.

5Only a minor modification is made here to the treatment in [71]. This is made to show the connection to the
generalized rake receiver, instead of the equivalence of symbol rate and chip rate approximate LMMSE equalizers.
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This shows that the approximate LMMSE equalizer in (3.17) and the generalized rake re-
ceiver are equivalent receivers when the channel state information is known at the terminal.

3.2 Performance evaluation

To obtain a good understanding of the potential performance gains that the presented re-
ceivers can offer, their performance is studied with respect to bit error probability (BEP)
and signal-to-interference-plus-noise ratio in this section.

Bit error probabilities were evaluated by applying the semi-analytical method discussed,
e.g., in [115]. For a channel equalizer W, the conditional bit error probability can be ex-
pressed in the form6

P
b
(m)
1

(E|C, b1, . . . , bK) = Q

Re
(∑K

k=1(S1)H
:,mWHDCSkAkbk

)
√
σ2

n/2(SH
1 WHWS1)m,m

 , (3.27)

given that the mth transmitted symbol7 on the arbitrary selected physical channel 1 is (1±
j)/

√
2. The bit error probability in (3.27) is conditional on channel realization, on the

symbols of other users, as well as on the previous and following symbols of the desired
user. The BEPs are obtained by taking the average of the conditional bit error probabilities
over a sample set of bit pattern and channel realizations. BEP expressions similar to (3.27)
can also be written for the rake and LMMSE multiuser receiver. One should also note that
more advanced BEP analysis methods exist for the rake receiver and zero-forcing equalizer
in a frequency-selective Rayleigh fading channel as discussed, e.g., in [115, 116]. However,
these methods are not applicable for LMMSE receivers due to the covariance matrix inverse
embedded in them. If intra-cell interference at the decision variable is approximated with
a Gaussian random variable, the conditional bit error probability is obtained by

P
b
(m)
1

(E|C) = Q(
√
γ), (3.28)

where γ is the SINR at the decision variable for a given channel realization C. The accuracy
of the Gaussian approximation in the context of MAI and LMMSE multiuser receivers has
been addressed in several publications, including [117] to which the reader is referred to.

For channel equalizers, the SINR conditional on the channel is given by

γ =
A2

1(S
H
1 WHDCS1)2m,m

(SH
1 WHRWS1)m,m −A2

1(S
H
1 WHDCS1)2m,m

. (3.29)

Similar expressions for the conditional signal-to-noise ratio (SNR) and signal-to-intra-cell-
interference ratio (SIR) are obtained by replacing the covariance matrix R in (3.29) with the
noise or signal covariance matrix, respectively. In the case of the zero-forcing equalizer,
(3.29) can be written as

γZ =
A2

1(
SH

1 WH
ZRnWZS1

)
m,m

, (3.30)

6Gray code mapping of symbols to bits is assumed, and the term Q2(·) is ignored [104].
7The detected mth symbol is in the middle of vector b1.
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which shows that the zero-forcing equalizer removes intra-cell interference completely with
the price of increased noise variance. This is known as a noise enhancement [104]. In the
case of the LMMSE channel equalizer in (3.9), the SINR expression simplifies to

γL =
A2

1(S
H
1 CHDHR−1DCS1)m,m

1 −A2
1(S

H
1 CHDHR−1DCS1)m,m

, (3.31)

which is equivalent to the SINR given for LMMSE equalizers in general [104]. The condi-
tional SINR for the approximate LMMSE equalizer in (3.15) is obtained by inserting W L̄

directly into (3.29). However, the resulting expression is a function of the spreading se-
quences, and as such is not well suited for the purposes of this thesis. Instead, the approxi-
mation

γL̄ =
A2

1/ET

(
CHDH (DCCHDH + Rn/ET

)−1
DC
)

G1m,G1m

1 −
(

CHDH (DCCHDH + Rn/ET

)−1
DC
)

G1m,G1m

, (3.32)

is used [81]. The approximation is obtained by first calculating the SINR per chip with the
random scrambling sequence assumption. After this, the despreading is modeled with a
processing gain equal to the spreading factor. Equation (3.32) shows clearly that the SINR
is a linear function of A2

1/ET for a given geometry factor. It shows also how the geometry
factor G affects the SINR via the term Rn/ET = G−1HFHH

F.

3.3 Numerical examples

The bit error probabilities were evaluated both in the vehicular and pedestrian channels by
averaging the conditional bit error probabilities over a sample set of bit pattern, channel,
and scrambling sequence realizations. A sample set size of 8 000 realizations was used in
the evaluations. The base station signal consisted of 4 physical channels with a spreading
factor of 8 and 2 channels with a spreading factor of 64. From the channels with the
spreading factor of 64, the other one was the desired channel and the other modeled CPICH
constituting 10% from the ET [118]. The receivers were assumed to have one receive
antenna. The detailed parameters are presented in Appendix 1.

The bit error probabilities are presented against the geometry factor in Figs. 3.2 and 3.3
for the vehicular and pedestrian channels, respectively. The theoretical single-user bound
[119] for the considered channels is also given in the figures. The bound is obtained by
assuming that the decision variable is deteriorated only by noise. The selected range of
geometry factors corresponds to the geometry factors predicted to be typical in WCDMA
macro and micro cells [120]. Therefore, the considered geometry factors are larger for the
pedestrian channel than for the vehicular channel. BEPs were calculated both with (3.27)
and with the Gaussian approximation (3.28) using the SINR given in (3.29). In the figures,
the results are presented with solid and dashed lines, respectively. For the approximate
LMMSE equalizer, BEP was calculated also with the SINR given in (3.32) (presented with
a dash-dotted line in the figures). It is immediately noted from the figures that the Gaussian
approximations for BEP are a good match for the BEP obtained with (3.27).
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Fig. 3.2. BEP versus the geometry factor in the vehicular channel with an ED/ET of -15.6 dB
and a spreading factor of 64.
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Fig. 3.3. BEP versus the geometry factor in the pedestrian channel with an ED/ET of -15.6 dB
and a spreading factor of 64.



44

1 2 3 4 5 6
10

−4

10
−3

10
−2

10
−1

10
0

Number of multipaths

B
it 

er
ro

r 
pr

ob
ab

ili
ty

Performance bound

Rake receiver                
Approximate LMMSE equalizer
LMMSE equalizer              

Fig. 3.4. BEP versus the number of multipaths with a delay spread of 2.165 µs (solid lines) and
4.330 µs (dashed lines), an ED/ET of -15.6 dB, and a spreading factor of 64.

In the vehicular channel, the LMMSE equalizer achieves BEP performance close to the
performance bound. The performance difference between the LMMSE equalizer and the
approximate LMMSE equalizer is relatively small, less than 1 dB for BEP values over 1%.
When compared to the conventional rake receiver, both LMMSE equalizers show a signif-
icant BEP improvement that increases with the geometry factor. A gain of around 1.5 dB
is achieved already at 10% BEP. Although the zero-forcing equalizer suppresses intra-cell
interference completely, it attains the BEP performance of the rake receiver only at geom-
etry factors exceeding 10 dB. The poor performance is caused by the noise enhancement.
In the pedestrian channel, the multipath propagation is significantly weaker than in the ve-
hicular channel. The effect of lower multipath diversity is seen in Fig. 3.3 as higher BEP
at low geometry factors, as well as less steep BEP curves for the LMMSE equalizers. On
the other hand, lower multipath dispersion induces less intra-cell interfence. As a result,
the differences between the receivers at high geometry factors are smaller in Fig. 3.3 than
in Fig. 3.2.

The effects of multipath diversity and delay spread were studied further by evaluat-
ing BEP in channels with a varying number of multipaths. The paths were uniformly
spaced within a constant delay spread, and had equal average power. Two delay spreads
were considered, namely 2.165 µs and 4.330 µs spreads. 8 The spacing between paths re-
mained larger than the chip interval in all cases. In Fig. 3.4, bit error probabilities are
presented against the number of multipaths at the geometry factor of 12 dB. It is noted that

8A natural exception is flat fading 1-path channel.
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Fig. 3.5. Cumulative distribution function of SINR (solid line) and SNR (dashed line) at the
output of the receivers in the vehicular channel with a geometry factor of 6 dB, ED/ET of
-15.6 dB, and a spreading factor of 64.

the LMMSE and approximate LMMSE equalizers benefit from the increasing multipath
diversity. In the case of the rake receiver, the benefits of increasing diversity are over-
whelmed by increasing intra-cell interference, resulting in deteriorated BEP performance.
It is also noted that the performance of the receivers is not significantly affected by the
different delay spreads. This can be assumed to be the case as long as multipaths are re-
solvable, equalizer span is sufficient for the delay spread, and performance losses due to
the equalizer adaptation are not considered.

The conditional SINR was averaged over a sample set of bit pattern and scrambling se-
quence realizations, and the cumulative distribution function (cdf) of SINR was calculated
with respect to the fading channel process. The cdf of the SNR at the input of a decision
device was calculated in a similar fashion. The results are presented in Fig. 3.5 for the
vehicular channel with a geometry factor of 6 dB. Intra-cell interference is clearly seen to
limit the SINR of the rake receiver, especially on the higher tail of the distribution. With
the LMMSE and approximate LMMSE equalizers, the distribution of SINR is relatively
close to the distribution of the corresponding SNR. This indicates that the suppression of
intra-cell interference is effective, especially with the LMMSE equalizer. The price paid
for the suppression is an increase in noise variance, that is, noise enhancement. However,
the noise enhancement remains reasonable, and the difference to the SNR distribution of
the rake receiver is less than 1 dB for the LMMSE equalizer and less than 1.5 dB for the
approximate LMMSE equalizer. The zero-forcing equalizer has a strongly skewed SINR
(or SNR) distribution with a heavily weighted lower tail. This is due to a drastic noise
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enhancement with unfavorable channel realizations.
When efficient FEC coding is employed, a satisfactory quality of service is usually

achieved even with a relatively high BEP (as defined in (3.27)). In Figs. 3.6 and 3.7, the
ED/ET required for achieving a 10% BEP is presented as a function of the geometry factor
for the vehicular and pedestrian channels, respectively. In other words, the figures present
the base station power portion that must be allocated for the desired physical channel in
order to achieve a 10% target BEP. The results are obtained with an exhaustive search by
evaluating (3.27) with different ED/ET values. The ED/ET requirement for the rake re-
ceiver saturates with an increasing geometry factor, whereas the equalizers do not exhibit
such a saturation. The requirements for the LMMSE equalizer and approximate LMMSE
equalizer approach the requirement of the zero-forcing equalizer with an increasing ge-
ometry factor, although the approximate LMMSE approaches the zero-forcing equalizer
faster than the LMMSE equalizer. The figures show that the approximate LMMSE equal-
izer enables either a larger coverage for a given ED/ET, or alternatively, a lower transmit
power per physical channel for a given geometry factor. The approximate LMMSE equal-
izer achieves over 1.5 dB and 3 dB gain in transmit power at the geometry factors of 6 dB
and 9 dB, respectively, in the vehicular channel. In the pedestrian channel, over 1 dB and 2
dB gains are achieved at the geometry factor of 9 dB and 12 dB, respectively. At high ge-
ometry factors the ED/ET requirements are noted to be lower in the pedestrian than in the
vehicular channel. Again, this is due to lower multipath dispersion inducing less intra-cell
interference.

The orthogonality factor has been introduced as a measure for the orthogonality of phys-
ical channels in the WCDMA downlink. In the essence, it is related to the ratio between the
instantaneous variance of intra-cell interference and the total received base station energy.
The orthogonality factor is an important parameter in network capacity evaluation [7, 121]
and in network planning [7]. The behavior and statistics of the orthogonality factor have
been studied both on a small (local) scale [122, 123] and large (cell-wise) scale [124]. The
relationship between the orthogonality factor and multipath diversity has been considered
in [125]. It has also been estimated from experimental field measurements [126]. Two
opposite ways are commonly used to define the orthogonality factor. In the definition used
in this thesis, complete orthogonality corresponds to an orthogonality factor of 1, and the
orthogonality between the physical channels deteriorates as the factor decreases. When the
definition from [123] is applied, the orthogonality factor α is given by

α = 1 −
E
[(

SH
1 WH(R − Rn)WS1

)
m,m

−A2
1

(
SH

1 WHDCS1

)2
m,m

]
(ET −A2

1)E
[(

SH
1 WHWS1

)
m,m

(
CHDHDC

)
G1m,G1m

] , (3.33)

where the expectation is taken over the scrambling sequence. The division in (3.33) pro-
vides the ratio between the intra-cell interference variance and the total received base sta-
tion energy ET. One should note that the desired physical channel is excluded from the
calculation.

The orthogonality factor is noted to be 1 for the zero-forcing equalizer as expected, but
only little can be said about the orthogonality factor with the other equalizers considered.
The orthogonality factor was evaluated numerically for the rake receiver, LMMSE equal-
izer, and approximate LMMSE equalizer in the vehicular and pedestrian channels. The
orthogonality factor, averaged over the fading channel, is presented in Fig. 3.8 as function



47

−3 −1 1 3 5 7 9 11 13 15
−28

−26

−24

−22

−20

−18

−16

−14

−12

−10

E
d / 

E
T
  [

dB
]

Geometry factor [dB]

Rake receiver                
Zero−forcing equalizer       
Approximate LMMSE equalizer
LMMSE equalizer              

Fig. 3.6. Required ED/ET for achieving 10% BEP as a function of the geometry factor in the
vehicular channel with a spreading factor of 64.
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Fig. 3.7. Required ED/ET for achieving 10% BEP as a function of the geometry factor in the
pedestrian channel with a spreading factor of 64.
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Fig. 3.8. Average orthogonality factors for the rake receiver, LMMSE equalizer, and approxi-
mate LMMSE equalizer in the vehicular (solid lines) and pedestrian channel (dashed lines).

of the geometry factor. The average orthogonality factors of the equalizers are close to one,
which indicates that the intra-cell interference suppression is efficient. The orthogonality
factors increase with the geometry factor due to the balancing between noise and interfer-
ence inherent to the LMMSE equalizers. It can also be noted that the average orthogonality
factor is higher for equalizers in the vehicular channel than for the rake receiver in the
pedestrian channel when the geometry factor exceeds 3 dB.

3.4 Summary and discussion

With linear channel equalizers, intra-cell interference suppression is achieved by restor-
ing the orthogonality between the physical channels. Linear equalizers are also easily ex-
tended to the case of inter-cell interference suppression with multiple receive antennas.
Zero-forcing and LMMSE channel equalizers were presented and discussed in this chap-
ter. The LMMSE channel equalizer was shown to provide decision variables equivalent
to the ones given by the LMMSE multiuser receiver. Due to the long scrambling code,
the (exact) LMMSE channel equalizer cannot be implemented using adaptive algorithms.
Design principles for adaptive equalizers were established with an approximate LMMSE
equalizer. A serious drawback of the equalizers is increased complexity due to chip-wise
equalization. A receiver structure with symbol-wise equalization was introduced as a solu-
tion to the problem. With this structure, a relationship between the approximate LMMSE
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equalizer and the generalized rake receiver was also established.
The performance of the receivers was evaluated with respect to BEP, SINR, ED/ET re-

quirement, and the orthogonality factor. The numerical examples revealed the well known
fact that the performance of the zero-forcing equalizer is drastically degraded by noise en-
hancement. The approximate LMMSE equalizer was observed to maintain the performance
gain provided by the (exact) LMMSE equalizer. The approximate LMMSE equalizer ex-
hibited significant performance gains over the rake receiver when the geometry factor ex-
ceeded 3 dB in the vehicular channel and 6 dB in the pedestrian channel. It can be expected
that roughly half of the users in the macro-cells have a geometry factor of 3 dB or higher
[120]. In the micro-cells, three fourths of the users are expected to have a geometry factor
of 6 dB or higher [120]. The use of channel equalizers allows for a reduction of trans-
mit power, which in turn can increase the capacity of the WCDMA network. The channel
equalizers benefit the user by enabling a larger coverage for high data rate services not de-
signed for whole cell coverage. Alternatively, a higher data rate can be offered to the users
with the same transmit power via some link adaptation techniques.

The studies in this chapter revealed that the channel equalizers can offer significant
performance gains in the WCDMA downlink. Hence, it is worth considering the channel
equalizer algorithms in more detail. In the next chapter, adaptive implementations of the
channel equalizers are studied.



4 Adaptive channel equalizers

Channel equalization is one of the most promising techniques to combat multipath distor-
tion in a WCDMA terminal receiver, as shown in the previous chapter. Adaptive equalizers
that attain good performance and computational efficiency are needed to realize the po-
tential benefits of channel equalization. Therefore, channel equalization in the WCDMA
downlink has drawn attention and inspired a large variety of adaptive implementations in
recent years. The proposed adaptive channel equalizers can be classified into three cate-
gories based on adaptation method: training signal, channel response estimate, and unused
spreading sequence based equalizers. The pilot signals constitute a significant portion of
the WCDMA downlink transmit power. Thus, one can expect that the efficient use of pi-
lot signals results in an adaptive equalizer with reasonable performance. In this chapter,
adaptive equalizers utilizing a common pilot channel are developed and studied. In the
equalizers, the pilot signal is used either directly in the training of the equalizer, or indi-
rectly through channel estimation.

The chapter is organized as follows. The use of the LMS and NLMS algorithms to-
gether with the CPICH pilot signal is studied in Section 4.1. The purpose is to define a
simple and straightforward adaptation method against which the other adaptive equalizers
are compared to. In Section 4.2 the channel response constrained minimum output energy
equalizer is introduced and analyzed. Variants of the prefilter-rake equalizer structure are
discussed in Section 4.3. The periodic calculation of equalizer coefficients from estimates
of the received signal autocorrelation and channel response is considered in Section 4.4.
The performance of the equalizers is compared with numerical examples in Section 4.5,
and the chapter is concluded with a summary in Section 4.6.

4.1 CPICH trained equalizer with LMS / NLMS algorithms

The most straightforward solution to the adaptation of a channel equalizer is to train the
equalizer with the pilot signals available in the WCDMA downlink. The performance of an
equalizer with NLMS adaptation has been studied, e.g., in [68] and Paper IV. Additionally,
a structure where the adaptation is performed at the symbol rate was proposed in [68]. A
chip rate adaptation was considered in Paper IV.
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Fig. 4.1. CPICH trained LMS equalizer with chip rate adaptation.

In this section, equalizers using LMS and NLMS algorithms are studied. Both chip and
symbol rate adaptations are considered, and the tracking analyses are presented respectively
in Sections 4.1.1 and 4.1.2. From the WCDMA pilot signals, the CPICH is time-continuous
and transmitted at a relatively high power. In other words, the CPICH is more attractive
as a training signal than the time-multiplexed dedicated pilot signals and, therefore, only
CPICH based training is considered in the following.

The LMS based adaptation step for the equalizer with chip rate updating is [127]

wCP,L(n+ 1) = wCP,L(n) + µr̄(n)e∗(n), (4.1)

where µ is the adaptation step size and e(n) = d(n) − wH
CP,L(n)̄r(n) is the error signal

between the equalizer output and reference signal d(n). To guarantee the convergence of
the algorithm, the adaptation step size must be 0 < µ < 2/max(λ i), where λi are the
eigenvalues of R̄(n). The adaptation step for the NLMS algorithm is given by [127]

wCP,N(n+ 1) = wCP,N(n) + µ
r̄(n)e∗(n)
r̄H(n)̄r(n)

, (4.2)

where the condition for the adaptation step size is now 0 < µ < 2. The structure of the
equalizer is depicted in Fig. 4.1.

Since the adaptation is carried out at the chip rate, the chips of the CPICH are used as the
reference signal. Although the error signal e(n) contains the signals of all other physical
channels, also the desired one, the equalizer does not suppress them due to the common
propagation channel in the downlink direction. However, the relatively large error signal
values mean that the SNR in the adaptation1 is low, and a small adaptation step size is
required to provide sufficient averaging. The small values of µ are partially compensated
for by a high adaptation rate.

As a solution for improving the SNR in the adaptation, Petre et al. proposed in [68] a
receiver structure where the adaptation is performed at the symbol rate. In the structure, a
correlator bank (similar to the one depicted in Fig. 3.1) is assigned to the CPICH, and the
output signal r̄C(n) is used in the equalizer adaptation. The equalization for the desired
physical channel is performed at the chip level, prior to correlation with the spreading se-
quence. Both RLS and NLMS algorithms have been considered in [68, 71]. The spreading

1The SNR in the adaptation is defined in here as E[|d(n)|2]/E[|e(n)|2].
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factor of the pilot channel was set to 16 in [68] and 64 in [71]. In [71], the structure was
reported to suffer from significant adaptation losses. The phenomenon is studied further in
this thesis by presenting a tracking analysis for both chip and symbol rate adaptations.

4.1.1 Performance analysis for chip rate adaptation

In this section, a tracking analysis is presented for the CPICH trained equalizer with chip
rate adaptation. In the literature, thorough tracking analyses have been presented for the
LMS and NLMS algorithms, including [128]–[133]. The analyses are based on some-
what different assumptions. However, the direct-averaging method and the independence
theory are commonly used in analyses, and the related assumptions are also invoked in
Sections 4.2 and 4.4. The direct-averaging method can be used to study the average perfor-
mance of an algorithm when the adaptation step size µ is small [127]. The independence
theory involves following assumptions [127]:

• The received signal vectors . . . r̄(n− 1), r̄(n), r̄(n + 1), . . . are independent.

• The received signal vector r̄(n) and reference signal d(n) are independent of the
previous reference signal samples, that is, . . . d(n− 2), d(n− 1).

• The received signal vector and reference signal are random and Gaussian distributed.

The assumptions are clearly not well-founded for the temporal equalization of a QPSK sig-
nal. Analyses with more relaxed assumptions have also been presented, e.g., in [134, 133],
resulting in rather similar results as with the aforementioned assumptions. The tracking
analyses assume that the input signal and the process noise2 are wide-sense stationary. This
assumption is suitable, e.g., for system identification, but is questionable in the context of
channel equalization in a mobile radio environment. The aforementioned weaknesses in
the assumptions are disregarded in the following, and the results presented in the literature
are applied to the scenario at hand.

Based on (3.32), the conditional SINR for an equalizer with LMS adaptation is approx-
imated by3

γCP,L(n) =
EDGDp̄HR̄−1p̄

(1 − ETp̄HR̄
−1

p̄)(1 + MCP,L)
, (4.3)

where MCP,L is the misadjustment [127] due to the adaptation. When defining the misad-
justment, attention must be paid to the scaling of the equalizer. If the reference signal d(n)
(i.e., CPICH chips) is scaled to have a unit energy, the equalizer with the LMS adaptation
converges to

wCP,0 =
√
ECR̄

−1
p̄, (4.4)

2Process noise is used to model the time variations in the system, and it is assumed to be zero-mean and
independent.

3Time indexes are dropped for clarity.
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where EC is the average received energy per chip per receive antenna for the CPICH. In
other words, the approximate LMMSE equalizer in (3.17) is scaled by

√
EC/ET. The

minimum MSE for the CPICH chips is given by [114]

σ2
d(n) = E[|d(n)|2] − wH

CP,0E[̄rd∗(n)] (4.5)

= 1 − ECp̄HR̄
−1

p̄, (4.6)

and it also contains the orthogonal components of the other physical channels. The MSE
in (4.6) is the minimum MSE seen by the adaptation algorithm, and it partially defines the
excess MSE due to the adaptation. On the other hand, the minimum MSE for the total base
station signal is obtained by scaling the MSE for the approximate LMMSE equalizer in
(3.17), resulting in

σ2
T =

(√
EC

ET

)2

(ET − E2
Tp̄HR̄

−1
p̄)

=
EC

ET
(1 − ETp̄HR̄

−1
p̄). (4.7)

By applying the results of the tracking analysis presented, e.g., in [133] for the LMS
algorithm, the misadjustment can be written as

MCP,L =

EC

µE2
T

tr(Q) + µσ2
d(n)tr(R̄)

2σ2
T

=

1
µET

tr(Q) + µ
ET

EC

(
1 − ECp̄HR̄

−1
p̄
)

tr(R̄)

2
(
1 − ETp̄HR̄

−1
p̄
) , (4.8)

where tr(·) denotes the trace of a matrix and Q is the covariance matrix of the process
noise denoted by q(n). The term ET/EC in (4.8) reveals the problem of chip rate CPICH
training. The high noise level in the adaptation requires long averaging, which in turn
increases the lag noise. The misadjustment for the NLMS algorithm is obtained in a similar
fashion as for the LMS algorithm, resulting in

MCP,N =

tr(Q)
µETE [1/ (̄rHr̄)]

+ µ
ET

EC

(
1 − ECp̄HR̄

−1
p̄
)

(2 − µ)
(
1 − ETp̄HR̄

−1
p̄
) . (4.9)

4.1.2 Performance analysis for symbol rate adaptation

In this section, a tracking analysis is presented for the CPICH trained equalizer with symbol
rate adaptation as proposed in [68]. If the reference signal d(n), which is now CPICH
symbols, is scaled to have unit energy, the equalizer wCP−S converges to

wCP−S,0 =
√
ECGCR̄

−1
C p̄, (4.10)
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where R̄C is the covariance matrix for the signal r̄C at the output of the CPICH assigned
correlator bank. The covariance matrix is given by

R̄C = R̄ + (ECGC − ET)p̄p̄H, (4.11)

which is obtained by adding the CPICH signal component to the covariance matrix in
(3.24). With sufficiently large ECGC, the term p̄p̄H becomes dominant in (4.11). As a
result, the eigenvalue spread of R̄C becomes eventually significantly larger than the eigen-
value spread of R̄. This can be considered to be the weak point in the symbol rate CPICH
training. The inverse of the covariance matrix is given by the matrix inversion lemma, i.e.,

R̄
−1
C = R̄

−1 − (ECGC − ET)R̄−1p̄p̄HR̄−1

1 + (ECGC − ET)p̄HR̄
−1

p̄
. (4.12)

In a similar fashion to Section 3.1.5, and as shown in [71], the equalizer w CP−S,0 can be
written as

wCP−S,0 =
√
ECGC

ET

[
1 + (ECGC − ET)p̄HR̄

−1
p̄
]wL̄ (4.13)

= aCP−SwL̄,

where wL̄ is given by (3.17). The minimum MSE for a CPICH symbol is obtained by
applying (4.5), resulting in

σ2
d(n) = 1 − ECGCp̄HR̄

−1
C p̄

=
1 − ETp̄HR̄

−1
p̄

1 + (ECGC − ET)p̄HR̄
−1

p̄
. (4.14)

By applying the well known results of the NLMS algorithm analysis [133], the misad-
justment for the equalization of CPICH symbols is given by

MCP−S =

a2
CP−Str(QC)

µE
[
1/
(
r̄H
Cr̄C

)] + µσ2
d(n)

(2 − µ)
(
1 − ECGCp̄HR̄

−1
C p̄

)

=

aCP−S

√
ECGCtr(QC)

µETE
[
1/
(
r̄H
Cr̄C

)] + µ
(
1 − ETp̄HR̄

−1
p̄
)

(2 − µ)
(
1 − ETp̄HR̄

−1
p̄
) , (4.15)

where QC is the covariance matrix for the process noise qC(n) related to wL̄ with symbol
rate adaptation. When the misadjustment is compared to (4.9), the benefit of the symbol
rate adaptation is seen as a remarkable decrease in estimation noise. This is due to the
drastic increase in the SNR seen by the adaptation algorithm. However, the price appears
in (4.15) as an increase in lag noise. This is due to the lower adaptation rate, and a smaller
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term E
[
1/(̄rH

Cr̄C)
]

in the denominator. Also the scalar aCP−S

√
ECGC is larger than one

in the WCDMA downlink, although the value depends strongly on the channel.
The misadjustment in (4.15) is given for the symbol rate equalization at the output of the

CPICH assigned correlator bank. Thus, it is not directly applicable when w CP−S is used
in the chip level equalization of the desired physical channel (as in [68]). However, it can
be shown that the misadjustment becomes smaller than in (4.15). The excess MSE for the
CPICH symbols is given by the trace of R̄CKCP−S, where KCP−S = E[w̃CP−Sw̃H

CP−S] and
w̃CP−S = wCP−S −wCP−S,0 is the equalizer error vector [127]. The excess MSE can also
be written as

tr(R̄CKCP−S) = tr(R̄KCP−S) + (ECGC − ET)p̄HKCP−Sp̄ (4.16)

where the term tr(R̄KCP−S) is recognized as the excess MSE for chip level equalization.
The term p̄HKCP−Sp̄ is positive4 and, therefore, the excess MSE is smaller for equalization
at the chip level. On the other hand, the minimum MSE is given by

σ2
T = a2

CP−S

(
ET − E2

Tp̄HR̄−1p̄
)

= aCP−S

√
ECGC

1 − ETp̄HR̄
−1

p̄

1 + (ECGC − ET)p̄HR̄
−1

p̄
(4.17)

when the received signal is equalized with wCP−S,0 at the chip level. It can be assumed that
ECGC > ET, from which follows that aCP−S

√
ECGC > 1. Thus, the minimum MSE in

chip level equalization is larger than that in (4.14). In other words, when the misadjustment
is calculated for chip level equalization with wCP−S,0, the numerator is smaller and the
denominator is larger than in (4.15).

4.1.3 Numerical examples

In this section, the performance of the CPICH trained equalizers is studied with numerical
examples. Firstly, the performance of the symbol rate and chip rate adaptations is consid-
ered. Secondly, the LMS and NLMS algorithms are compared in the chip rate adaptation.

A problem faced in the evaluation of the analytical results was the appropriate modeling
of the process noise covariance matrix. To obtain an expression for the trace of Q and Q C,
the approximate LMMSE equalizer w L̄ was evaluated at a rate of 7.5 kHz. By invoking the
random walk model [127], the difference between consecutive equalizers could be written
as

wL̄(n + 512)− wL̄(n) =
511∑
l=0

q(n + l) =
512/GC∑

l=1

qC(n− 1 + l). (4.18)

Since the process noise vectors were assumed to be independent,

E
(||wL̄(n + 512)− wL̄(n)||2) = 512 tr(Q) = 512/GCtr(QC). (4.19)

4The term p̄HKCP−Sp̄ can be calculated with the eigendecomposition ofR̄C if an expression for the covari-
ance matrix QC is available.
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Fig. 4.2. SINR as a function of the the CPICH spreading factor for the equalizer with NLMS
symbol rate adaptation in the vehicular channel with a geometry factor of 9 dB. Both simulation
(solid lines) and analytical (dashed lines) results are presented.

In the evaluations, the expectation in (4.19) was ignored and the traces were approximated
with the samples of ||wL̄(n+512)−wL̄(n)||2.The analytical SINR results were obtained by
averaging (4.3), (4.9), and (4.15) over a sample set of p̄, R̄, tr(Q), and tr(QC) realizations.
A sample set size of 15 000 realizations was used in the evaluations.

To compare the chip rate and symbol rate adaptations, the performance of the equalizers
was evaluated for different CPICH spreading factors. The vehicular channel defined in
Table 1.1 in Appendix 1 and a geometry factor of 9 dB were assumed in the evaluations.
The base station signal contained 4 physical channels with a spreading factor of 8 and the
CPICH constituting 10% of the total transmitted power. The velocity of the terminal was
set to 60 km/h. The equalizers had 17 taps that were fractionally spaced, and the NLMS
algorithm was used in the equalizer adaptation. Adaptation step sizes that yielded the best
BER performance at a geometry factor of 9 dB (whilst being powers of two) were used.
Detailed parameters are presented in Appendix 1.

In Fig. 4.2, the average SINR is presented against the CPICH spreading factor for the
chip rate and symbol rate adaptations as well as for the approximate LMMSE equalizer. As
expected, the spreading factor of the CPICH does not affect the performance of the chip rate
adaptation. However, the performance of the symbol rate adaptation degrades drastically
with the increasing CPICH spreading factor. The behavior is confirmed by the simulation
results showing even lower SINR values. The received signal is filtered with a root-raised
cosine filter prior to the equalization in Fig. 4.2. Similar behavior was also observed without
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Fig. 4.3. Cumulative distribution function for the eigenvalue spread of covariance matrices R̄
and R̄C in the vehicular channel with a geometry factor of 9 dB.

the root-raised cosine filtering as well as with chip spacing of the equalizer taps.
To provide better insight into the results of Fig. 4.2, the eigenvalue spreads of covariance

matrices R̄ and R̄C were evaluated with the parameters and sample sets used for Fig. 4.2.
Cumulative distribution functions of the eigenvalue spreads were calculated with respect
to the fading channel process, and the results are presented in Fig. 4.3. As expected, the
eigenvalue spread of R̄C is typically significantly larger than that of R̄. The eigenvalue
spread of R̄C also increases with an increasing CPICH spreading factor. It can be also
noted that the increase in eigenvalue spread values depends nearly linearly on ECGC with
CPICH spreading factors over 32.

The chip rate adaptation is noted to exhibit over a 2 dB performance loss in Fig. 4.2.
The observation is supported by Fig. 4.4, in which the bit error rate (BER) is presented for
the equalizer with the chip rate NLMS and LMS algorithms. Both algorithms are noted
to exhibit significant adaptation losses, although the NLMS algorithm provides better per-
formance than the LMS algorithm. The impact of the root-raised cosine filtering is also
considered in Fig. 4.4. The RRC filtering has only a minor impact on the NLMS and LMS
algorithms, and the impact is noted to be mainly positive. RRC filtering collects the signal
energy into a shorter time window, which is reflected, e.g., on the performance of the 17-tap
approximate LMMSE equalizer.

The tracking analysis results exhibit similar performance behavior as the simulation
results in Fig. 4.2, although the analytical results are noted to be optimistic. The tracking
analysis is even rather accurate in terms of average SINR for the NLMS algorithm with chip
rate adaptation. However, the analysis was noted to be less accurate with respect to SINR
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Fig. 4.4. BER versus geometry factor for the CPICH trained equalizer with chip rate adaptation
in the vehicular channel with ED/ET of – 15.6 dB and a spreading factor of 64. Results are
presented with (dashed lines) and without (solid lines) root-raised cosine filtering.

distribution and bit error probability. The usability of the tracking analysis was found to
be limited when receivers with subtle performance differences and less surprising behavior
than in Fig. 4.2 were studied. Therefore, tracking analysis is not pursued with the other
adaptive receiver considered in the following sections.

The results presented in this section showed that the direct training of the equalizer with
the CPICH is problematic in the WCDMA downlink. If the adaptation is performed at
the chip rate, the adaptation algorithm sees an exceptionally low SNR, which degrades the
equalizer performance. If adaptation at the CPICH symbol rate is used, the performance is
severely degraded due to the larger eigenvalue spread of the input signal covariance matrix
and tighter tracking requirements. The CPICH trained equalizers leave a clear demand for
more efficient adaptation methods in WCDMA downlink equalizers.

4.2 Channel response constrained minimum-output-energy equalizer

Another approach for the equalizer adaptation is to estimate the channel with the CPICH
and use the channel estimate in the training of the equalizer. In the following sections,
adaptive equalizers based on this approach are studied. In this section, the channel re-
sponse constrained minimum-output-energy (CR-MOE) equalizer introduced in Paper III
is considered. The CR-MOE equalizer is decomposed into a constraint (or fixed) com-
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ponent and an adaptive component. This is the well known idea used in the generalized
side-lobe canceler [135]. The same approach has been applied in blind MOE multiuser re-
ceivers, in which the spreading sequence of a desired user is used as the constraint [10, 42].
In this section, the channel response estimate p̂ is used as the fixed part, and the adaptive
part x is constrained onto a subspace orthogonal to p̂ to avoid suppression of the desired
signal. In other words, the equalizer is given by wCR = p̂ + x.

Due to the orthogonality of p̂ and x(n), the mean square error at the output of the equal-
izer can be written as

J(n) = E
(|d(n) − wH

CR(n)̄r(n)|2)
= E

(|d(n)|2) (1 − 2p̂Hp̂
)

+ (p̂ + x(n))H E
(
r̄(n)̄r(n)H

)
(p̂ + x(n)), (4.20)

where d(n) =
(∑K

k=1 SkAkbk

)
n

is the reference signal. For a given p̂, the MSE is mini-

mized by minimizing the last term of J(n), that is, the equalizer output energy – the other
terms of J(n) are not affected by vector x(n). To obtain an adaptive algorithm for x(n),
stochastic approximation [127] is applied to the gradient ∇J(n) = E[ r̄(n)̄rH(n)]wCR(n)
taken with respect to x(n). In other words, the gradient is approximated with ∇ Ĵ(n) =
r̄(n)̄rH(n)wCR(n). The orthogonality condition is maintained at each iteration by project-
ing the gradient approximation onto the subspace orthogonal to p̂ [10]. The orthogonal
component of the gradient approximation is

∇Ĵ⊥p̂(n) ≈
(

r̄(n) − p̂
p̂Hr̄(n)

p̂Hp̂

)
r̄H(n)wCR(n), (4.21)

and the resulting adaptation algorithm becomes

x(n+ 1) = x(n) − µy∗CR(n)(̄r(n) − yp(n)p̂), (4.22)

where yp(n) = p̂Hr̄(n)/(p̂Hp̂) is the output of the channel response filter normalized with
the energy of the channel response estimate, and yCR(n) = wH

CR(n)̄r(n) is the output of
the CR-MOE equalizer. The structure of the equalizer is depicted in Fig. 4.5.

The CR-MOE has the typical weaknesses of the MOE adaptation [10]. The orthogonal-
ity between x(n) and p̂ is lost when the channel response estimate p̂ is updated. Thus the
periodic re-orthogonalization of x(n) is required, given by

x⊥p̂(n) = x(n) − p̂Hx(n)
p̂Hp̂

p̂. (4.23)

The second problem of the MOE adaptation is the unavoidable estimation error in p̂.
Due to this estimation error, x(n) has a small projection on true p̄ while maintaining or-
thogonality with p̂. Since x(n) is adapted to minimize output energy, the projection on p̄
translates to partial suppression of the desired signal component. Since the channel esti-
mation error is usually relatively small, the suppression of the desired signal means large
||x(n)||2 values5 and significant noise enhancement. Therefore, in noisy environments the

5Euclidean norm is assumed in this thesis, that is, ||x(n)||2 = tr[xH(n)x(n)].
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Fig. 4.5. Channel response constrained minimum-output-energy (CR-MOE) equalizer.

suppression remains at acceptable levels. However, to avoid the desired signal suppres-
sion at high SNR, the length of x(n) must be restricted. This is achieved with tap leakage
[10, 129], that is,

x(n + 1) = (1 − µη)x(n) − µy∗CR(n)(̄r(n) − yp(n)p̂), (4.24)

where η, a small positive constant, constrains the length of x(n). Tap leakage has also been
studied with the LMS and NLMS algorithms, e.g., in [136, 137, 138].

One can notice that the adaptation of the CR-MOE equalizer resembles Frost’s algo-
rithm [139]. The CR-MOE equalizer also has similarities with Griffiths’ (P-vector) algo-
rithm [79], which was proposed for WCDMA downlink equalizers in [80]. With Griffiths’
algorithm, the equalizer is adapted with a recursion

wG(n+ 1) = wG(n+ 1) − µ (y∗G(n)̄r(n) − p̂) , (4.25)

where y∗G(n) = wH
G(n)̄r(n) is the output of the equalizer. The main difference between

the equalizers is on the updating of p̂. On the CR-MOE equalizer, p̂ is an integral part
of the equalizer and the changes on p̂ have an immediate impact upon equalization. On
the equalizer with Griffiths’ algorithm, the changes on p̂ are gradually introduced to the
equalizer through the adaptation. In other words, the CR-MOE equalizer is expected to
have better tracking properties at the expense of higher complexity.

4.2.1 Performance analysis

In this section, a steady-state analysis is presented for the CR-MOE equalizer in a stationary
environment. With the analysis, insight into the performance of the CR-MOE equalizer
is obtained. With the periodic updating of p̂, a tracking analysis becomes complicated
resulting in a series of approximations leading to inaccurate results. Therefore it is omitted
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in here. In the following, a steady-state solution is derived first, after which the excess MSE
is addressed.

It is noted that (4.24) can be written as

x(n + 1) = (1 − µη)x(n) − µy∗CR(n)P̂r̄(n), (4.26)

where P̂ = I − p̂p̂H/(p̂Hp̂) is the projection matrix onto the subspace orthogonal to p̂. A
steady-state solution for (4.24) is obtained by requiring that

x0 = E
[
(1 − µη)x0 − µy∗CRP̂r̄

]
(4.27)

whilst constraining x0 onto a subspace orthogonal to p̂. Equation (4.27) can be simplified
into P̂

[(
R̄ + ηI

)
x0 + R̄p̂

]
= 0. Now, x0 is obtained by solving x̆0 from(

R̄ + ηI
)

x̆0 + R̄p̂ = (aCR − η) p̂, (4.28)

and projecting x̆0 onto the subspace orthogonal to p̂. The arbitrary constant aCR is solved
by requiring that the projection satisfies (4.27), resulting in

aCR =
p̂Hp̂

p̂H (R̄ + ηI
)−1

p̂
. (4.29)

The resulting steady-state solution is given by

x0 = aCRP̂
(
R̄ + ηI

)−1
p̂, (4.30)

or, in other words, by wCR,0 = aCR

(
R̄ + ηI

)−1
p̂. From the solution, the tap leakage

induced bias is easily noted. This bias can be avoided by using unbiased leaky algorithms
[140]. On the other hand, relatively small η values were found to be sufficient to avoid the
suppression of the desired signal.

Channel estimation errors and the tap leakage bias induce excess MSE, which is given
by σ2

CR,0 = E[|(wCR,0 − aCR/ETwL̄)Hr̄|2]. Channel estimation errors p̃ = p̂ − p̄ are
assumed to be zero-mean and independent from r̄ and p̄, from which follows that

σ2
CR,0 = E

[(
wCR,0 − aCR

ET
wL̄

)H

R̄
(

wCR,0 − aCR

ET
wL̄

)]
= a2

CRp̄H
[(

R̄ + ηI
)−1 − R̄

−1
]

R̄
[(

R̄ + ηI
)−1 − R̄

−1
]

p̄

+ a2
CRE

[
p̃H (R̄ + ηI

)−1
R̄
(
R̄ + ηI

)−1
p̃
]

(4.31)

where the first term is due to the bias, and the second term (denoted by σ 2
CR,p) is due to

channel estimation errors. With the eigendecomposition of R̄, it can be shown that

σ2
CR,0 = a2

CRη
2p̄H

(
R̄ + ηI

)−1
R̄
−1 (

R̄ + ηI
)−1

p̄ + σ2
CR,p, (4.32)

and that the excess MSE due to channel estimation errors is bounded by

σ2
CR,p < a2

CRtr
[(

R̄ + 2ηI
)−1

E
(
p̃p̃H)] (4.33)

< a2
CRtr

[
R̄
−1

E
(
p̃p̃H)] . (4.34)
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To obtain an expression for the channel estimation error covariance matrix, some assump-
tions are made about the channel estimation. In the following, it is assumed that the CPICH
is used in the estimation, and that the estimates are averaged over N p CPICH symbols. In
other words, a simple moving average (MA) channel estimator is used. In the case that
the channel is estimated for each of the equalizer taps, that is, over the full length of p̄, the
covariance matrix in (3.24) can be used directly resulting in

E
(
p̃p̃H) =

R̄ − ETp̄p̄H

NpECGC
. (4.35)

When the covariance matrix in (4.35) was combined with (4.33) and (4.34) in the numerical
evaluations, a significant difference was noted between the bounds. This is understandable,
since the bias decreases the eigenvalue spread of the received signal covariance matrix
and as a result, the equalizer becomes more robust against estimation errors. The effect is
ignored in (4.34), whereas (4.33) was found to be rather accurate. 6 With (4.35), the excess
MSE due to channel estimation errors can be written as

σ2
CR,p < a2

CR

tr
[(

R̄ + 2ηI
)−1

R̄
]
− ETp̄H

(
R̄ + 2ηI

)−1
p̄

NpECGC
. (4.36)

It is interesting to notice that the noise variance σ2
n has only a minor effect on σ2

CR,p in
(4.36). This indicates that as the noise variance σ2

n decreases, the equalizer becomes rela-
tively more sensitive to channel estimation errors.

To obtain the steady-state excess MSE due to the adaptation of the filter x, coefficient
error vector x̃(n) = x(n) − x0 is defined. By employing the conventional direct averaging
method [127], the recursion for the coefficient error x̃ is obtained from (4.26) resulting in

x̃(n + 1) =
[
(1 − µη) I − µP̂R̄

]
x̃(n) − µ

(
ηx0 + P̂r̄(n)̄rH(n)wCR,0

)
. (4.37)

By invoking the assumptions of the independence theory [127], the recursion for the co-
variance matrix KCR of the coefficient error vector x̃ is

KCR(n + 1) =
[
(1 − µη) I − µP̂R̄

]
KCR(n)

[
(1 − µη) I − µR̄P̂

]
+ µ2E

[
P̂r̄(n)̄rH(n)wCR,0wH

CR,0r̄(n)̄rH(n)P̂
]

+ µ2η
(

x0wH
CR,0R̄P̂ + P̂R̄wCR,0xH

0

)
+ µ2η2x0xH

0 . (4.38)

Using the Gaussian moment factoring theorem7 [141] and noting that x0 = P̂wCR,0, (4.38)
can be simplified into

KCR(n + 1) =
[
(1 − µη) I − µP̂R̄

]
KCR(n)

[
(1 − µη) I − µR̄P̂

]
+ µ2P̂

(
R̄ + ηI

)
wCR,0wH

CR,0

(
R̄ + ηI

)
P̂ + µ2wH

CR,0R̄wCR,0P̂R̄P̂,

(4.39)

6A similar situation is encountered when (4.40) is derived from (4.39). However, the difference between
bounds was noted to have only a minor impact on (4.41) in the numerical examples. Therefore, a bound similar
to (4.34) is used in (4.40).

7For complex Gaussian variables z1, z2, z3 and z4, E(z1z2z∗3z∗4 ) = E(z1z∗3 )E(z2z∗4) + E(z1z∗4 )E(z2z∗3).
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where the second term on the right hand side is noted to be zero. In the steady-state, it
is assumed that KCR(n + 1) = KCR(n)(= KCR). Additionally by ignoring the terms of
KCR(n) multiplied with µ2 or µη, and approximating (R̄ + ηI)−1 with R̄

−1
, (4.39) results

in

P̂R̄KCR + KCRR̄P̂ = µa2
CRp̂HR̄

−1
p̂P̂R̄P̂. (4.40)

By noting that x̃ is orthogonal to p̂, tr(P̂R̄KCR) = tr(KCRR̄P̂) = tr(R̄KCR). Therefore, the
steady-state excess MSE due to the adaptation can be approximated by

tr(R̄KCR) =
µa2

CRp̂HR̄
−1

p̂
2

[
tr(R̄) − p̂HR̄p̂

p̂Hp̂

]
. (4.41)

The steady-state misadjustment for the CR-MOE equalizer is obtained by assuming that
channel estimation errors are so small that the cancellation of the desired signal is insignif-
icant, and by ignoring the connection between adaptation errors x̃ and channel estimation
errors p̃ shown in (4.37). Additionally, the channel response estimate p̂ is replaced by the
true p̄ in (4.41). By combining (4.32) and (4.41) with the MSE of the scaled approximate
LMMSE equalizer aCR/ETwL̄, the misadjustment can be written as

MCR =

ETσ
2
CR,0

a2
CR

+
µETp̄HR̄

−1
p̄

2

[
tr(R̄) − p̄HR̄p̄

p̄Hp̄

]
(
1 − ETp̄HR̄

−1
p̄
) . (4.42)

4.2.2 Numerical examples

In this section, the performance of the CR-MOE equalizer is studied with numerical ex-
amples. The analytical results presented in Section 4.2.1 are compared to the simulation
results, after which the CR-MOE equalizer is compared to the equalizer using Griffiths’
algorithm. In the numerical examples, the base station signal contained 4 physical chan-
nels with a spreading factor of 8 and a desired channel with a spreading factor of 64. The
CPICH was transmitted with a spreading factor of 256 and constituted 10% of the total
transmitted power. The channel response was estimated from the CPICH with a moving
average smoother extending over two slots. The equalizers had 17 taps that were fraction-
ally spaced, and the received signal was filtered with a root-raised cosine filter. Detailed
parameters used in the examples are presented in Appendix 1.

The SINR was simulated for the CR-MOE equalizer in the vehicular channel with a 60
km/h velocity of the terminal. In the simulation, the SINR was calculated from the channel
and receiver impulse responses. The resulting SINR was averaged over the fading channel,
and compared to the average SINR of the approximate LMMSE equalizer with 17 taps.
The difference in the average SINR is presented in Fig. 4.6 as a function of the geometry
factor. The loss in average SINR was also calculated by averaging (4.3) and (4.41) over
a sample set of p̄ and R̄ realizations. The misadjustment in (4.41) was divided into three
terms corresponding to the bias induced by tap leakage, channel response estimation errors,
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Fig. 4.6. Loss in average SINR versus the geometry factor for the CR-MOE equalizer in the
vehicular channel with ED/ET of – 15.6 dB and a spreading factor of 64.

and estimation noise in the adaptation. The corresponding losses in average SINR are
also shown in Fig. 4.6. One can immediately note that the steady-state analysis predicts
relatively well the simulated losses in the SINR. The small difference between the analytic
and simulated results imply also that the lag noise is relatively small when compared to
the estimation noise in the adaptation.8 In the following, this is utilized by reducing the
adaptation rate. The results show also that the SINR loss due to channel estimation remains
at an acceptable level. In other words, already a simple MA channel estimator can be
considered to be sufficient for the CR-MOE equalizer. Finally, it is noted that the loss due
to the tap leakage induced bias is insignificant.

The bit error rate is presented for the approximate LMMSE and CR-MOE equalizers as
well as for the equalizer using Griffiths’ algorithm in Figs. 4.7 and 4.8 with terminal ve-
locities of 60 km/h and 120 km/h, respectively. Results are shown for equalizer adaptation
rates of 3.84 MHz and 1.92 MHz. It can be noted that the difference between the CR-MOE
equalizer and the equalizer using Griffiths’ algorithm is rather small with the 3.84 MHz
adaptation rate and 60 km/h velocity of the terminal. However, the difference increases
with increasing velocity and decreasing adaptation rate. In other words, the CR-MOE
equalizer exhibits better tracking properties than the equalizer using Griffiths’ algorithm.
An adaptation rate of 1.92 MHz can be considered with the CR-MOE equalizer, which in
turn decreases the difference between the equalizers in computational complexity.

The bit error probability was evaluated semi-analytically for the CR-MOE equalizer

8The adaptation step size used was selected by optimizing BER while restricting the step size to be a power of
two.
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Fig. 4.7. BER versus the geometry factor in the vehicular channel with 60 km/h terminal veloc-
ity, ED/ET of – 15.6 dB, a spreading factor of 64, and adaptation rates of 3.84 MHz (solid lines)
and 1.92 MHz with (dashed lines) and without (dash-dotted line) root-raised cosine filtering.
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Fig. 4.8. BER versus the geometry factor in the vehicular channel with 120 km/h terminal
velocity, ED/ET of – 15.6 dB, a spreading factor of 64, and adaptation rates of 3.84 MHz (solid
lines) and 1.92 MHz (dashed lines).
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Fig. 4.9. Prefilter-rake equalizer with HRLS adaptation.

from (3.28), (4.3) and (4.41), and results are shown in Fig. 4.7. The semi-analytical bit
error probability coincides well with the simulated BER at low geometry factors (or high
BER), although a difference appears at high geometry factors (or low BER). Results in
Figs. 4.6 and 4.7 confirm the reasonability of the presented steady-state analysis. The CR-
MOE equalizer was also simulated without the root-raised cosine filtering, and the resulting
BER is shown in Fig. 4.7. The results shows that the CR-MOE equalizer is not sensitive to
the possible correlation between noise samples due to the receiver front-end.

The numerical examples showed that the CR-MOE equalizer and the equalizer using
Griffiths’ algorithm provide rather similar performance. The CR-MOE equalizer exhibits
somewhat better performance and tracking properties at the price of higher complexity.
Although both equalizers have acceptable performance, Figs. 4.6 and 4.8 show a need for
a more efficient adaptation method.

4.3 Prefilter-rake equalizers

It is commonly known that an equalizer can be implemented in two parts, the first part
containing the received signal covariance matrix inverse and the second part containing the
cross-correlation vector between the received signal and desired response, as discussed,
e.g., in [142]. This approach was suggested for WCDMA terminal equalizers in [82], as
well as the use of a rake receiver as the cross-correlation vector estimate. The equalizer
was refined in Paper IV by replacing the matrix multiplication with the inverse estimate
by prefiltering. The prefilter structure is obtained by noting that the covariance matrix R̄
has either a Toeplitz or a block Toeplitz structure, depending on the number of samples
per chip. Also the matrix inverse R−1 approaches a Toeplitz (or a block Toeplitz) matrix
with increasing matrix dimension and finite effective length of the autocorrelation function
[143]. As a result, the multiplication with R−1 can be effectively replaced by filtering r̄
with a middle row of R−1 (or middle rows in the case of a block Toeplitz structure). The
structure of a prefilter-rake equalizer with channel estimation is depicted in Fig. 4.9.

There exist several possibilities for adapting the prefilter. Adaptation through the matrix
inversion lemma was proposed in [82]. Square-root RLS algorithms with good numerical
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Table 4.1. Prefilter adaptation with the Householder RLS algorithm

At every prefilter update

A = β−1/2R̂
−H/2

(n)
a = Ar̄(n)

K =
√

aHa + 1
ϕ = [K (K + 1)]−1

B = ϕAHa

R̂
−H/2

(n + 1) = A− aBH

v(n + 1) = R̂
−1/2

(n + 1)
�

R̂
−H/2

(n + 1)
�

:,L+1

properties can also be applied [142]. However, both approaches result in high computa-
tional complexity due to the use of RLS type algorithms at the chip rate. A lower complex-
ity solution is achieved by using a direct matrix inversion as discussed in Section 4.4, or
by applying Griffiths’ algorithm or the conjugate gradient algorithm to the prefilter adapta-
tion as proposed in [83, 84], respectively. The prefilter adaptation with a square-root RLS
algorithm is presented for a Toeplitz covariance matrix in the following.

The coefficients of the prefilter v(n) are given by the middle column of R̂
−1

(n), that
is, the estimate of R̄

−1(n). The prefilter can be updated by using appropriate parts of
the (inverse) QR-RLS algorithm [127] or the Householder RLS (HRLS) algorithm [144].

Both algorithms operate on a square-root matrix R̂
−1/2

(n) of R̂
−1

(n), that is, R̂
−1

(n) =

R̂
−1/2

(n)R̂
−H/2

(n). Thus the prefilter coefficients are obtained by

v(n) = R̂
−1/2

(n)
(

R̂
−H/2

(n)
)

:,L+1
, (4.43)

where
(

R̂
−H/2

(n)
)

:,L+1
is the middle column of R̂

−H/2
(n). The square-root matrix is

restricted to a triangular matrix in the QR-RLS algorithm, whereas in the HRLS algorithm
there is no such restriction. This allows for the efficient use of block annihilation properties

of the Householder reflection. The HRLS update of R̂
−H/2

(n) can be written as [144]

Θ(n)

[
β−1/2R̂

−H/2
(n) β−1/2R̂

−H/2
(n)̄r(n)

0T 1

]
=

[
R̂
−H/2

(n + 1) 0
kT(n) −K

]
,

(4.44)

where 0 < β < 1 is a weighting factor and R̂
−H/2

(n)̄r(n) is a preprocessed input vec-

tor. Matrix Θ(n) is the Householder transformation annihilating R̂
−H/2

(n)̄r(n) to a zero
vector in the post-array. It should be noted that the prefilter-rake equalizer does not re-
quire computation of k(n) in the post-array. The resulting adaptation algorithm for the
prefilter coefficients is tabulated in Table 4.1 [144]. The HRLS algorithm requires a larger
number of additions and multiplications than the QR-RLS algorithm, while the number of
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Fig. 4.10. BER versus the geometry factor in the vehicular channel with 60 km/h terminal
velocity, ED/ET of – 15.6 dB and a spreading factor of 64. BER is presented for the fractionally
spaced (solid line) and chip-spaced (dashed line) approximate LMMSE equalizer with RRC
filtering.

required square roots and divisions is significantly smaller. Both algorithms result in the
same performance.

The sensitivity of the prefilter-rake equalizer to noise correlation was checked with the
HRLS adaptation and parameters tabulated in Appendix 1. For each propagation path not
on a sampling instant, a finger was allocated on the sampling instant before and after the
path. In Fig. 4.10, BER is presented against the geometry factor for the fractionally spaced
prefilter-rake equalizer with and without root-raised cosine filtering as well as for a chip-
spaced prefilter-rake equalizer with root-raised cosine filtering. From the figure it is noted
that the performance of the fractionally spaced prefilter-rake equalizer saturates or even
degrades with increasing geometry factors. The chip-spaced prefilter does not exhibit any
saturation in the considered range of geometry factors. Fractional spacing increases the
eigenvalue spread of the observed received signal covariance matrix, especially in the case
of root-raised cosine filtering. On the other hand, the prefilter-rake equalizer explicitly
estimates the covariance matrix inverse, which results in a high sensitivity to estimation
errors. This sensitivity is emphasized by the increased eigenvalue spread faced with frac-
tional spacing. As a result, chip spacing is used with the prefilter-rake equalizer in the
following. The same sensitivity problem was faced also with two receive antennas and,
therefore, separate prefilters are used on the antenna branches. Unfortunately, the structure
restricts equalization to the temporal domain, and the benefits of space-time equalization
are not fully achieved with prefilter-rake equalizers.
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In Fig. 4.10, BER is presented also for the fractionally spaced and chip-spaced approx-
imate LMMSE equalizer with equalizer lengths of 17 and 13 taps, respectively. The per-
formance difference between the fractionally spaced and chip-spaced equalizers is noted to
be small. However, the path delay profile used in Fig. 4.10 is favorable for the chip-spaced
equalizer. The chip-spaced equalizer is more sensitive to the differences between the sam-
pling instants and path delays than the fractionally space equalizer [104]. As a result, the
chip-spaced equalizer requires more accurate delay tracking of the strongest path than the
fractionally spaced equalizer.

4.4 Equalizers based on sample matrix inversion

In this section, an adaptation method based on a sample matrix inversion is considered. In
other words, the equalizer coefficients wS are obtained by solving periodically

R̂wS = p̂, (4.45)

where R̂ is the estimate of the received signal covariance matrix. In the case of a prefilter-
rake equalizer, the prefilter coefficients are obtained from

R̂v = (I):,L+1. (4.46)

The direct calculation of the coefficients may appear unnecessarily complex at first sight.
However, the received signal covariance matrix has a Toeplitz structure with chip rate sam-
pling9, and the equalizer (or prefilter) coefficients can be efficiently solved with the Levin-
son algorithm [145]. The coefficients need to be updated only a few times in a slot even
with high terminal velocity. These two aspects reduce the computational burden of (4.45)
or (4.46) to a reasonable level. Due to the low computational load of the adaptation, the
method is sensible also with symbol rate equalization. The use of SMI-based adaptation
was independently proposed for the WCDMA terminal equalizers in [85] and in Paper V.

The channel response can be estimated with the common pilot channel (CPICH). The
covariance matrix R with a Toeplitz structure is completely defined by the zero and positive
lag values of the received signal autocorrelation function. A straightforward way to obtain
received signal autocorrelation estimate â ∈ C2L+1 is the moving average smoother10

(â(n))j =


1
NA

NA/2−1∑
i=−NA/2

(r̄(n+ iMA))∗L+1 (r̄(n+ iMA))L+j j ≤ L + 1

0 otherwise,

(4.47)

where the zero padding of the autocorrelation tail is carried out in order to reduce the
computational complexity of the estimation. ParameterMA in (4.47) controls the sampling

9Hence, Ns of one is assumed in this section.
10The averaging windows of consecutive autocorrelation estimates overlap significantly. To avoid unnecessary

repetition of additions in the consecutive estimates, the summation can be carried out in two phases. For this
reason, NA is a even number.
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rate RA in the autocorrelation estimation. In other words, an instantaneous autocorrelation
estimate is calculated every MAth chip interval.

With the explicit autocorrelation estimation, the equalizer can be made more robust
against large eigenvalue spreads in the received signal covariance matrix. This is achieved
with the well known method of emphasizing (or loading) the diagonal in the covariance
matrix estimate, resulting in a lower sensitivity to channel and autocorrelation estimation
errors. The diagonal loading induces a similar bias as the tap leakage in the CR-MOE
equalizer. The diagonal loading is achieved by emphasizing the variance estimate in (4.47)
either by

(â(n))1 = ν +
1
NA

NA/2−1∑
i=−NA/2

(̄r(n + iMA))∗L+1 (̄r(n + iMA))L+1 (4.48)

or by

(â(n))1 =
(1 + ν)
NA

NA/2−1∑
i=−NA/2

(r̄(n + iMA))∗L+1 (̄r(n + iMA))L+1 . (4.49)

The resulting eigenvalue spreads are respectively

κR̂ =
max(λi) + ν

min(λi) + ν
(4.50)

and

κR̂ =

max(λi) + ν/(2L + 1)
2L+1∑
i=1

λi

min(λi) + ν/(2L + 1)
2L+1∑
i=1

λi

, (4.51)

where λi are the eigenvalues of the covariance matrix estimate without diagonal loading.
From these two methods, the additive loading results in a constant bias, while the multi-
plicative loading adapts to changes in the received signal energy and guarantees that the
eigenvalue spread of the covariance matrix estimate is less than (2L + 1)/ν + 1.

4.4.1 Performance analysis for chip rate equalization

In this section, a performance analysis is presented in a stationary environment for the SMI-
based equalizer defined by (4.45). A rather similar performance analysis has been presented
for adaptive antenna arrays, e.g., in [146]. Exact arithmetic is assumed in the following,
from which follows that the excess MSE arises from estimation errors in R̂ and p̂, not from
solving (4.45). Hence the analysis is not restricted to the Levinson algorithm, but can be
applied to any algorithm that solves (4.45). One can also note that the numerical accuracy of
the Levinson algorithm is comparable to typical Cholesky factorization procedures [145].
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A constant diagonal loading with ν is assumed in the following. Results for multiplica-
tive loading are obtained by replacing ν with tr( R̂)ν/(2L + 1) ≈ tr(R̄)ν/(2L + 1) in the
presented results.

The ideal solution for the SMI-based equalizer is noted to be w L̄/ET = R̄
−1

p̄. In other
words, the approximate LMMSE equalizer is scaled by 1/ET. The excess MSE for chip
rate equalization is given by

σ2
S−C = E

(
w̃H

S R̄w̃S

)
, (4.52)

where w̃S = wS −wL̄/ET is the coefficient error vector due to estimation errors p̃ = p̂− p̄
and R̃ + νI = R̂ − R̄. Term R̃ is due to errors in autocorrelation estimation and νI is the
diagonal loading. Matrix R̃ is Hermitean, and the elements of R̃ are assumed to be zero-
mean and independent from r̄. The channel response is estimated from the CPICH after
correlation with the spreading sequence while the covariance matrix is estimated from the
received signal before the correlation. With the long scrambling code, estimation errors p̃
and R̃ are assumed to be independent. With these assumptions, excess MSE can be written
as

σ2
S−C = E

[
p̄H
(

R̂
−1 − R̄

−1
)

R̄
(

R̂
−1 − R̄

−1
)

p̄
]

+ E
(

p̃HR̂
−1

R̄R̂
−1

p̃
)
. (4.53)

By employing an approximation frequently used with perturbation matrices due to its
relatively good accuracy [147]

R̂
−1 ≈ (

R̄ + νI
)−1 − (R̄ + νI

)−1
R̃
(
R̄ + νI

)−1
, (4.54)

resulting in the excess MSE

σ2
S−C ≈ p̄H

[(
R̄ + νI

)−1 − R̄
−1
]

R̄
[(

R̄ + νI
)−1 − R̄

−1
]

p̄

+ p̄H
(
R̄ + νI

)−1
E
[
R̃
(
R̄ + νI

)−1
R̄
(
R̄ + νI

)−1
R̃
] (

R̄ + νI
)−1

p̄

+ E
[
p̃H (R̄ + νI

)−1
R̄
(
R̄ + νI

)−1
p̃
]
, (4.55)

where terms containing both p̃ and R̃ are dropped due to their relatively small values in
practical situations. The first and last terms in (4.55) are recognized to be similar to the
bias and channel estimation terms in the excess MSE of the CR-MOE equalizer. Hence,
the results in (4.32) and (4.36) can be applied to (4.55). Similarly to σ 2

CR,p, the excess MSE
due to the autocorrelation estimation errors is bounded by

σ2
S,A = p̄H

(
R̄ + νI

)−1
E
[
R̃
(
R̄ + νI

)−1
R̄
(
R̄ + νI

)−1
R̃
] (

R̄ + νI
)−1

p̄

< p̄H
(
R̄ + νI

)−1
E
[
R̃
(
R̄ + 2νI

)−1
R̃
] (

R̄ + νI
)−1

p̄. (4.56)

The expectation in (4.56) can be solved through element-wise calculus, that is,

E
[
R̃
(
R̄ + 2νI

)−1
R̃
]

s,t
=

2L+1∑
i=1

2L+1∑
j=1

[(
R̄ + 2νI

)−1
]

i,j
E
[
(R̃)s,i(R̃)j,t

]
, (4.57)
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where

E
[
(R̃)s,i(R̃)j,t

]
= E

[
(R̂)s,i(R̂)j,t

]
− (R̄)s,i(R̄)j,t. (4.58)

The received signal autocorrelation is estimated only for non-negative lags. The complex
conjugates of the positive lags are used as estimates of the negative lags. As a result, the
expectation in the right hand side of (4.58) is given by

E
[
(R̂)s,i(R̂)j,t

]
=



E
[
(â(n))∗i−s+1 (â(n))j−t+1

]
, i ≥ s, j ≥ t

E
[
(â(n))s−i+1 (â(n))j−t+1

]
, i < s, j ≥ t

E
[
(â(n))∗i−s+1 (â(n))∗t−j+1

]
, i ≥ s, j < t

E
[
(â(n))s−i+1 (â(n))∗t−j+1

]
, i < s, j < t.

(4.59)

For simplicity, the received signal autocorrelation function is assumed to be estimated for
2L positive lags instead of L positive lags in (4.47). A moving average overNA+1 samples
instead of NA samples is also assumed. With straightforward calculus and use of (3.18),
(3.20), (4.47) together with the Gaussian moment factoring theorem, the expectation in
(4.58) can be written as

E
[
(R̃)s,i(R̃)j,t

]
=



NA/2∑
k=−NA/2

NA/2∑
l=−NA/2

Rn+kMA,n+lMARn+s+j+lMA ,n+t+i+kMA

(NA + 1)2
,

i < s, j < t or i ≥ s, j ≥ t

NA/2∑
k=−NA/2

NA/2∑
l=−NA/2

Rn+s+kMA,n+i+lMARn+j+lMA,n+t+kMA

(NA + 1)2
,

i < s, j ≥ t or i ≥ s, j < t.

(4.60)

An approximation for the excess MSE σ2
S,A is obtained from (4.56), (4.57) and (4.60).

By collecting previous results, the steady-state misadjustment for the SMI-based chip
rate equalizer is given by

MS−C =
ETσ

2
S−C

1 − ETp̄HR̄−1p̄
, (4.61)

where σ2
S−C is approximated by

σ2
S−C ≈ ν2p̄H

(
R̄ + νI

)−1
R̄
−1 (

R̄ + νI
)−1

p̄

+
tr
[(

R̄ + 2νI
)−1

R̄
]
− ETp̄H

(
R̄ + 2νI

)−1
p̄

NpECGC
+ σ2

S,A, (4.62)

where the terms are due to diagonal loading, channel estimation errors and autocorrelation
estimation errors, respectively.
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4.4.2 Performance analysis for symbol rate equalization

In this section, a performance analysis is presented for the SMI-based equalizer when
equalization is performed at the symbol rate, as discussed in Section 3.1.5. The minimum
MSE is discussed first, after which the excess MSE and misadjustment are considered.

The covariance matrix for the received signal at the output of the spreading sequence
correlator bank is obtained from (4.11), that is,

R̄D = R̄ + (EDGD − ET)p̄p̄H. (4.63)

The corresponding approximate LMMSE equalizer is given by w L̄,D = EDGDR̄
−1
D p. By

using the matrix inversion lemma as in (4.12), the symbol rate approximate LMMSE equal-
izer can be written as

wL̄,D =
EDGD

1 + (EDGD − ET)pHR̄
−1

p
R̄−1p, (4.64)

where the scaling between wL̄,D and the ideal solution of the SMI-based equalizer is im-
mediately seen. As a result, the minimum MSE for the SMI-based symbol rate equalizer is
given by

σ2
D =

[
1 + (EDGD − ET)pHR̄

−1
p
]2

(EDGD)2
[
EDGD − (EDGD)2pHR̄

−1
D p

]
=

1 + (EDGD − ET)pHR̄
−1

p
EDGD

(
1 − ETpHR̄

−1
p
)
. (4.65)

The excess MSE for the SMI-based symbol rate equalizer is given by

σ2
S−S = E

(
w̃H

S R̄Dw̃S

)
= E

(
w̃H

S R̄w̃S

)
+ (EDGD − ET)E

(
w̃H

S p̄p̄Hw̃S

)
. (4.66)

By applying the same approach as with the chip rate equalization, the excess MSE can be
written as

σ2
S−S = σ2

S−C + (EDGD − ET)
{[

p̄H
((

R̄ + νI
)−1 − R̄

−1
)

p̄
]2

+ p̄H
(
R̄ + νI

)−1
E
[
R̃
(
R̄ + νI

)−1
p̄p̄H

(
R̄ + νI

)−1
R̃
] (

R̄ + νI
)−1

p̄

+ p̄H
(
R̄ + νI

)−1
E
(
p̃p̃H) (R̄ + νI

)−1
p̄
}
, (4.67)

where the terms due to bias, autocorrelation estimation errors, and channel estimation errors
are recognized. With the eigendecomposition of the received signal covariance matrix and
with the channel estimation error covariance matrix given in (4.35), the excess MSE can be
approximated by

σ2
S−S ≈ σ2

S−C + (EDGD − ET)
{
ν2
[
p̄H
(
R̄ + νI

)−1
R̄
−1

p̄
]2

+ σ2
S,Ap

}
+
EDGD − ET

NpECGC

{
p̄H
(
R̄ + 2νI

)−1
p̄ − ET

[
p̄H
(
R̄ + νI

)−1
p̄
]2}

, (4.68)
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where σ2
S,Ap is part of the excess MSE due to the autocorrelation estimation errors. As with

chip rate equalization, σ2
S,Ap can be solved with element-wise calculus from (4.57), (4.60)

and (4.67) by replacing
(
R̄ + 2νI

)−1
with

(
R̄ + νI

)−1
p̄p̄H

(
R̄ + νI

)−1
in (4.57).

The steady-state misadjustment for the SMI-based symbol rate equalizer is given by

MS−S =
EDGD

1 + (EDGD − ET)pHR̄
−1

p

σ2
S−S

1 − ETpHR̄
−1

p
. (4.69)

4.4.3 Numerical examples

In this section, the performance of the SMI-based equalizer is studied with numerical ex-
amples, and the analytical results presented in Sections 4.4.1 and 4.4.2 are compared to the
simulation results. In the numerical examples, the base station signal contained 4 physi-
cal channels with a spreading factor of 8 and a desired channel with a spreading factor of
64. The CPICH was transmitted with a spreading factor of 256 and constituted 10% of
the total transmitted power. The channel response was estimated from the CPICH with a
moving average smoother extending over two slots. The MA smoother used in the autocor-
relation estimation also extended over two slots. The equalizers had 13 chip-spaced taps,
and the received signal was filtered with a root-raised cosine filter prior to equalization.
Multiplicative diagonal loading with a ν of 2−4 was employed.

The loss in average SINR with respect to the approximate LMMSE equalizer is pre-
sented against sampling rate RA in the autocorrelation estimator in Fig. 4.11. In Fig. 4.12,
BER is presented against the geometry factor for some values of RA. Since the time win-
dow of the autocorrelation estimator is fixed to two slots, decreasing sampling rate RA

means a decreasing number of samples in the moving average smoother. The number of
instantaneous autocorrelation samples ranges from 160 to 5120 with RA ranging from 120
kHz to 3.84 MHz in Fig. 4.11. The results show that an RA of 480 kHz, corresponding
to 640 samples in the smoother, provides a reasonable compromise between performance
and the sampling rate. From the figures it is also seen that the performance analysis is
reasonably well supported by the simulation results.

In Fig. 4.12, there is no significant performance difference between the SMI-based sym-
bol rate and chip rate equalizers. This is seen from both analytical and simulation results.
The result indicates that the problem of a possibly ill-conditioned signal covariance matrix
faced in symbol rate equalization can be circumvent by using the received signal prior to
the correlation in the equalizer adaptation.

In Fig. 4.13, the loss in average SINR is presented against the geometry factor. The loss
is noted to be mainly due to errors in channel estimation and autocorrelation estimation. At
low geometry factors, the loss is mainly induced by channel estimation errors. Losses due
to the lag in equalizer updating or diagonal loading induced bias are noted to be relatively
small. This indicates that a lower equalizer update rate than 15 kHz could be considered.
In Fig. 4.14, BER is presented against the geometry factor for different equalizer update
rates with 120 km/h terminal velocity. The results show that an acceptable performance is
achieved with an update rate of 7.5 kHz.
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Fig. 4.11. Loss in the average SINR versus sampling rate RA in autocorrelation estimation
for the SMI-based chip rate equalizer in the vehicular channel with ED/ET of – 15.6 dB, a
spreading factor of 64 and an update rate of 15 kHz at a geometry factor of 12 dB.
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Fig. 4.12. BER versus the geometry factor in the vehicular channel with 60 km/h terminal
velocity, ED/ET of – 15.6 dB, a spreading factor of 64, and an update rate of 15 kHz. Both
simulation (solid lines) and analytical (dashed lines) results are presented.
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Fig. 4.13. Loss in the average SINR versus the geometry factor for the SMI-based chip rate
equalizer in the vehicular channel with ED/ET of – 15.6 dB, a spreading factor of 64, RA of
480 kHz and an update rate of 15 kHz.
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Fig. 4.14. BER versus the geometry factor in the vehicular channel with 120 km/h terminal
velocity, ED/ET of – 15.6 dB, and a spreading factor of 64.
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4.5 Performance comparisons

In this section, the performance of the adaptive equalizers and the rake receiver are com-
pared in the Rayleigh fading channels defined in Table 1.1 in Appendix 1. The base station
signal contained 4 physical channels with a spreading factor of 8 and a desired channel
with a spreading factor of 64. The CPICH was transmitted with a spreading factor of 256
and constituted 10% of the total transmitted power. Terminal velocities of 60 km/h and
120 km/h were assumed, resulting in 56 Hz and 111 Hz maximum Doppler frequency
shifts at the 2 GHz carrier frequency, respectively. The receivers were assumed to have one
receive antenna.

At the receiver, the path delays were known, and the channel coefficients were estimated
from the CPICH with a moving average smoother extending over two slots. In the vehic-
ular channel, all paths were combined in the rake receiver. In the pedestrian channel, only
two paths were combined. From the first three paths, the path estimated to be the strongest
was combined with the fourth path. The delay differences between the first three paths are
significantly less than the chip interval. This degrades the accuracy of the channel coef-
ficient estimates, which was found to result in increased intra-cell interference. With the
aforementioned combining of two paths, the unnecessary increase in intra-cell interference
due to too closely allocated fingers was avoided. Other detailed parameters specific for the
receivers are presented in Appendix 1.

In Figs. 4.15 and 4.16, bit error rates are presented for the receivers in the vehicular
channel with terminal velocities of 60 km/h and 120 km/h, respectively. In Fig. 4.15, the
CPICH trained equalizer with the NLMS algorithm exhibits significant performance loss
due to the adaptation. All other adaptive equalizers provide rather similar performance
with reasonable adaptation induced performance losses. They provide also significant per-
formance gains over the rake receiver already at a geometry factor of 6 dB. Fig. 4.16 shows
that the performance of the CPICH trained equalizer degrades significantly with increasing
terminal velocity. Other equalizers exhibit less sensitivity to the terminal velocity, although
the performance improvements over the rake receiver are smaller than with a terminal ve-
locity of 60 km/h.

The cumulative distribution function of SINR with respect to the fading channel process
is presented for the receivers at a geometry factor of 9 dB in Fig. 4.17. In the figure,
the SINR distributions of the adaptive equalizers are between the distributions of the rake
receiver and approximate LMMSE equalizer. The distributions are also rather similar, e.g.,
in the sense that the order of the curves does not change within the figure. Neither of
these two claims is generally true. However, the figure reveals that the SINR distributions
of adaptive equalizers are not deviating as, e.g., the SINR distribution of the zero-forcing
equalizer in Section 3.3.

In Figs. 4.18 and 4.19, average SINR is presented for the receivers in the vehicular and
pedestrian channels, respectively. In the vehicular channel, the equalizers provide perfor-
mance gains over the rake receiver that are on the order of decibels at geometry factors over
6 dB. Fig. 4.19 shows that the adaptive equalizers provide performance improvements over
the rake receiver also in the pedestrian channel with relatively weak multipath propagation.
Over one decibel improvements are achieved at geometry factors that are predicted in [120]
to be common in micro cells. The exception is the CPICH trained NLMS equalizer that
provides performance close to that of the rake receiver in the pedestrian channel.
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Fig. 4.15. BER versus the geometry factor for the receivers in the vehicular channel with
60 km/h terminal velocity, ED/ET of – 15.6 dB, and a spreading factor of 64.
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Fig. 4.16. BER versus the geometry factor for the receivers in the vehicular channel with
120 km/h terminal velocity, ED/ET of – 15.6 dB, and a spreading factor of 64.
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Fig. 4.17. Cumulative distribution function of SINR at the output of the receivers in the vehic-
ular channel with a geometry factor of 9 dB, 60 km/h terminal velocity, ED/ET of – 15.6 dB,
and a spreading factor of 64.
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Fig. 4.18. Average SINR versus the geometry factor for the receivers in the vehicular channel
with 60 km/h terminal velocity, ED/ET of – 15.6 dB, and a spreading factor of 64.



80

0 2 4 6 8 10 12 14 16 18
0

2

4

6

8

10

12

14

16

18

Geometry factor [dB]

S
IN

R
 [d

B
]

Approximate LMMSE equalizer      
Prefilter−rake equalizer         
SMI−based equalizer, chip rate   
CR−MOE equalizer                 
CPICH−trained equalizer          
Rake receiver                    

Fig. 4.19. Average SINR versus the geometry factor for the receivers in the pedestrian channel
with 60 km/h terminal velocity, ED/ET of – 15.6 dB, and a spreading factor of 64.

The presented results show that the CR-MOE equalizer, prefilter-rake equalizer with
HRLS adaptation, and SMI-based equalizer attain performance relatively close to the ap-
proximate LMMSE equalizer. In other words, most of the possible performance gains can
be achieved with suitable adaptive equalizers. The performance differences between these
equalizers is also noted to be rather small. However, the best performance is achieved with
the prefilter-rake equalizer with HRLS adaptation and SMI-based equalizer.

4.6 Summary and discussion

Adaptive implementations of the channel equalizers were studied in this chapter. The adap-
tive solutions considered are based on utilization of the common pilot channel. The direct
use of the CPICH as a training signal was investigated with the LMS and NLMS algo-
rithms. Other adaptation algorithms considered rely on channel response estimates ob-
tained through the use of the CPICH. An algorithm based on the MOE criterion with chan-
nel response as a constraint was introduced. An existing adaptive equalizer was refined
resulting in a prefilter-rake equalizer with lower computational complexity. An adaptation
method based on periodic sample matrix inversion was applied and analyzed.

A tracking analysis was presented for the LMS and NLMS algorithms with CPICH
training. Numerical examples of the analysis showed a significant performance loss with
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the chip rate adaptation while a drastic performance loss was seen with the symbol rate
adaptation. The loss with the symbol rate adaptation was conjectured to be due to the
eigenvalue spread of the signal covariance matrix, which depends on the CPICH power
and spreading factor. On the other hand, the significant orthogonality between the physical
channels is ignored in the CPICH based chip rate adaptation.

A performance analysis was also presented for the CR-MOE and SMI-based equalizers.
Numerical examples showed that reasonable performance can be achieved with the channel
response estimate based adaptation methods. The examples also revealed the contributions
of channel response estimation, filter x adaptation, and received signal autocorrelation es-
timation to the overall performance loss caused by imperfect adaptation.

The sensitivity of the equalizers to correlated noise was examined by performing root-
raised cosine filtering prior to the equalizers. From the receivers, only the fractionally
spaced prefilter-rake equalizer exhibited significant sensitivity. As a result, chip-spaced
prefilter-rake equalizers are studied in more detail in the following chapter. Root-raised
cosine filtering is used with all receivers for the comparability of the results.

The numerical examples showed that the CR-MOE, prefilter-rake, and SMI-based equal-
izers provide significant performance gains over the rake receiver. The best performance
was attained with the prefilter-rake and SMI-based equalizers. Both approaches are chip-
spaced, which sets more stringent requirements on the delay tracking of the strongest path.
The prefilter-rake equalizer is apparently quite sensitive to estimation errors, which may
become a problem, for example, in a fixed-point implementation. The SMI-based equal-
izer can be seen as a viable option for the adaptive implementation of a channel equal-
izer. It exhibits good performance, and it is well suited for both chip rate and symbol rate
equalization. However, the Levinson algorithm cannot be used in the case of space-time
equalization, which, therefore requires an alternative algorithm.



5 Feasibility and impact of terminal equalizers on
WCDMA networks

Linear channel equalizers with ideal channel state information as well as with adaptive
algorithms have been addressed in the previous chapters, showing that the considered re-
ceivers are capable of providing significant performance improvements. The purpose of
this chapter is to study the suitability and benefits of the equalizers as terminal receivers
with respect to some elements of the WCDMA downlink. The considered issues are such
that they may raise questions about the feasibility or benefits of equalizers in WCDMA
networks. For example, it is uncertain if the performance gains seen with uncoded trans-
missions are not eradicated by powerful FEC coding. Hence, the performance of adaptive
equalizers in conjunction with turbo coding is addressed in Section 5.1. With soft handover
or transmit diversity, the underlying idea of equalizers, i.e., the orthogonal transmission of
signals propagating through the same channel, is not valid. This casts doubt on the perfor-
mance of the equalizers in these situations and, thus, the equalizers are studied with soft
handover and transmit diversity in Sections 5.2 and 5.3, respectively. From the data services
point of view, HSDPA is one of the key elements of WCDMA networks. The equalizers
appear to be well suited for HSDPA, and the issue is considered further in Section 5.4.
Finally, when possible performance benefits of a receiver are considered, the increase in
computational complexity introduced by the receiver must be in reasonable proportion to
the performance gains. Thus, the computational complexities and precision requirements
of the equalizers are considered in Section 5.5. The chapter is summarized in Section 5.6.

5.1 Equalization with channel coding

In this section, the performance of two adaptive channel equalizers in conjunction with
channel coding is evaluated and compared to the performance of a conventional rake re-
ceiver. The purpose here is to verify that the performance improvement provided by the
adaptive equalizers exists also with powerful FEC coding. The CPICH trained equalizer
and the prefilter-rake equalizer with the HRLS algorithm were selected to represent equal-
izers with modest and good performance as well as low and high complexity. Results for
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the prefilter-rake equalizer with the modified Griffiths’ and conjugate gradient algorithms
are presented in [83, 84].

In the WCDMA downlink, both convolutional coding with rates 1/2 and 1/3 and turbo
coding with rate 1/3 [148, 149] are used for protecting the data on the dedicated (transport)
channel, downlink shared channel, and forward access channel. Other common transport
channels use 1/2-rate convolutional coding and the high-speed downlink shared channel
uses 1/3-rate turbo coding with additional puncturing. [7, 150]

The turbo code used in WCDMA is composed of a parallel concatenation of two binary
8-state recursive systematic convolutional (RSC) codes. The turbo encoder contains an
internal interleaver preceding the other constituent encoder, and the size of the interleaver
varies between 40 and 5114 bits. The performance of a turbo code improves with increasing
interleaver size [151, 152, 153], and the purpose of small interleaver sizes is to support
data rate variations. The encoder is followed by two additional interleavers, that is, by a
inter-frame interleaver with an interleaving period of 20, 40, or 80 ms and an intra-frame
interleaver with a 10 ms period. In the case of a connection with tight delay requirements,
the inter-frame interleaver is bypassed. [7, 150]

The performance of the CPICH trained and prefilter-rake equalizers was numerically
evaluated with respect to the decoded bit error rate, and compared to the performance of
the rake receiver. Also the effects of interleaving depth, the addition of a 2nd receive
antenna, and transmission power control were considered in the evaluation.

The information stream for the desired user was encoded with the 1/3-rate turbo code.
The size of the turbo encoder internal interleaver was 360 bits, corresponding to a 10 ms
interleaving depth. The encoded data stream was interleaved further with an 80 ms inter-
frame interleaver and a 10 ms intra-frame interleaver, and mapped onto a single physical
channel together with 4 pilot symbols per slot (2/3 ms). The pilot symbols were used at the
receiver for the estimation of SINR. The transmitted signal contained signals for the desired
physical channel with a spreading factor of 64, and for 4 other channels with a spreading
factor of 8. In Fig. 5.5, the transmitted signal was composed of 63 signals with a spreading
factor of 64. A common pilot channel employing a spreading factor of 256 was included in
the transmitted signal, and it constituted 10% of the base station transmission power. Thus,
the ED/ET is -18.5 dB in Fig. 5.5 and -15.6 dB in the other figures. It should be also noted
that the Eb/N0 is defined for the uncoded information bit and the 3 dB gain introduced
by the second receive antenna is incorporated to E b/N0. Thus, the relation between the
geometry factor and the presented Eb/N0 changes between the curves. For the reader’s
convenience, the corresponding geometry factors are tabulated in Table 5.1.

In order to conform to the increase in simulation lengths due to the introduction of
channel coding, the channel model was simplified from the one presented in Section 2 by
changing the path delays to be multiples of the sampling period. This was done by splitting
a path into two paths located on the closest sampling instants. The average power of the
original path was divided between the paths so that the power of the new path is inversely
proportional to the delay difference from the original path. For the simplicity of the model,
the fading of the paths was independent. The profile of the fading channel employed is
given in Table 5.2. Terminal velocity was set to 60 km/h.

The CPICH trained equalizer was implemented at the chip level with the NLMS algo-
rithm, as described in Section 4.1. The length of the CPICH trained equalizer was set to
16 taps, which corresponds to a 2.08 µs time window. The prefilter-rake equalizer used the
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Table 5.1. Geometry factors corresponding to the presented Eb/N0 values.

Eb/N0 = 0 dB Eb/N0 = 10 dB

Fig. 5.1 1 antenna 0.6 dB 10.6 dB
2 antennas -2.4 dB 7.6 dB

Fig. 5.2 -4.2 dB 5.8 dB
Fig. 5.3 -7.2 dB 2.8 dB
Fig. 5.4 -4.2 dB 5.8 dB
Fig. 5.5 -1.4 dB 8.6 dB

Table 5.2. Channel profile used in the numerical examples with channel coding.

Average power Delay

path # 1 0 dB 0 ns
path # 2 -3 dB 260 ns
path # 3 -5 dB 391 ns
path # 4 -12 dB 651 ns
path # 5 -12 dB 781 ns
path # 6 -12 dB 1042 ns
path # 7 -14 dB 1172 ns
path # 8 -16 dB 1693 ns
path # 9 -20 dB 1823 ns
path # 10 -21 dB 2474 ns
path # 11 -26 dB 2604 ns

HRLS algorithm and the chip-spaced prefilter contained 15 taps, corresponding to a 3.91
µs time window. The channel coefficients were estimated with a moving average from the
CPICH both in the rake and prefilter-rake receivers.

A suboptimal but powerful iterative decoder [148] suitable for WCDMA terminals with
strict complexity limitations was employed at the receiver. The decoder consists of two
component log-MAP [154] decoders, one for each constituent RSC encoder. Decoders
alternatively improve the likelihood information of the bits to be decoded by exchanging
their extrinsic information in an iterative fashion. After a few decoding iterations, a final
bit decision is made. In the simulations, the bit decision was made after 5 iterations. The
number of iterations was selected based on simulation tests and the results presented in
[151, 153]. For the decoder, an estimate of SINR was provided once per frame (10 ms) and
no other channel state information was used in the decoding process. Log-MAP decoders
have been found, e.g., in [155] to be robust against a mismatch in SINR and, thus, the
impact of SINR estimation errors can be assumed to be relatively minor in the following
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Fig. 5.1. Bit error rates versus SINR per bit without FEC coding for 1-antenna (solid lines) and
2-antenna (dashed lines) receivers.

results. The SINR was estimated from the pilot symbols with a squared signal-to-noise
variance (SNV) estimator, which was introduced by Gilchriest in 1966 and has been im-
proved, e.g., in [156]. The use of the SNV estimator with WCDMA downlink equalizers
has been studied in [157].

For the ease of comparisons, bit error rates versus Eb/N0 are presented without any
FEC coding for the CPICH trained and prefilter-rake equalizers as well as for the rake re-
ceiver in Fig. 5.1. Corresponding results with turbo coding are presented for 1-antenna
and 2-antenna receivers in Figs. 5.2 and 5.3, respectively. The performance improvement
provided by channel coding is clearly visible. The effect of interleaving depth is studied
in Fig. 5.2 by presenting results with only an intra-frame interleaver extending over 10 ms,
and with intra-frame and inter-frame interleavers extending over 10 ms and 80 ms, respec-
tively. The significant gain of deeper interleaving and, thus, increased temporal diversity
is easily seen from the figure. The equalizers provide roughly similar performance gains
over the rake receiver with both interleaving depths. The gains are slightly larger for the
shorter interleaving depth. At a BER of 10−4, the gain is about 1.5 dB for the CPICH
trained equalizer while almost a 3 dB gain is achieved with the prefilter-rake equalizer.
As seen from Fig. 5.3, the introduction of the second receive antenna provides diversity
gain, which results in an apparent performance improvement with all receivers. The per-
formance gains provided by the equalizers are smaller with the 2-antenna receivers than
with the single antenna receivers, partially due to the lower geometry factor. However, the
prefilter-rake equalizer still provides a 1.5 dB gain over the rake receiver, and the CPICH
trained equalizer achieves a gain of 0.5 dB at a BER of 2 × 10−4.
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Fig. 5.2. Bit error rates with turbo coding versus SINR per bit for 1-antenna receivers with 10
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Fig. 5.3. Bit error rates with turbo coding versus total received SINR per bit for 2-antenna
receivers with an 80 ms interleaving depth.
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Fig. 5.4. Bit error rates with turbo coding versus SINR per bit with transmission power control,
1-antenna receivers and 80 ms interleaving.

The performance of the receivers was also evaluated with a transmission power control
model. In the model, the power control is based on the signal-to-noise ratio measured at
the receive antennas, thus deviating significantly from the WCDMA standard. The power
control used in WCDMA systems is composed of two concatenated closed-loop controls
with the inner loop based on SINR. By using the SNR-based power control model, the
power control does not depend on the receivers and equal transmission powers are achieved
for all receivers, thus, allowing for more straightforward comparisons between the receivers
with respect to BER. The transmitted power was changed for the desired user with 1 dB
steps at a 1.5 kHz rate, and the dynamic range of the transmission power was limited to ±
10 dB. No estimation or transmission errors were assumed for the TPC commands. The
obtained results are presented in Fig. 5.4 for the 1-antenna receivers with an interleaving
depth of 80 ms. When compared to Fig. 5.3, it can be noted that the TPC improves the
performance of the receivers even at a relatively high terminal velocity of 60 km/h. It is also
noted that the equalizers provide relatively similar performance gains with the TPC model
as without TPC. At a BER of 10−3, the CPICH trained equalizer provides a performance
gain of 1.2 dB, while the gain is almost 2 dB for the prefilter-rake. At a BER of 10−4, the
performance gain with the prefilter-rake equalizer is 2.4 dB.

In Fig. 5.5, BER results are presented for the 1-antenna receivers with an interleaving
depth of 80 ms when a high number of physical channels, i.e., 63 channels with a spread-
ing factor of 64 together with the CPICH, are transmitted from the base station. When
compared to Fig. 5.2, the performance of the rake receiver is severely degraded while the
equalizers exhibit a performance degradation on the order of 1 dB. Thus, the equalizers are
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Fig. 5.5. Bit error rates with turbo coding versus SINR per bit with a high number of user (63
users with a spreading factor of 64 and a CPICH with a spreading factor of 256), 1-antenna
receivers and 80 ms interleaving.

clearly less sensitive to intra-cell interference than the rake receiver and provide significant
performance gains in situations of severe intra-cell interference.

The performance gains provided by the equalizers over the rake receiver are tabulated
in Table 5.3. The gains are observed at a BER of 10−3, except for in Fig. 5.1, where a BER
of 10−1 is used. One can note that with one receive antenna the CPICH trained equalizer
provides a gain of over 1 dB, whereas the prefilter-rake equalizer achieves a gain that is
over 2 dB. With two antenna receivers the gains are smaller, but nevertheless the gain with
the prefilter-rake is over 1 dB. The decrease in gain is partially due to the lower geometry
factor, that is, a BER of 10−3 is achieved with two receive antennas at a geometry factor of
-4 dB to -2 dB whereas with one receive antenna it is achieved at a geometry factor of 0 dB
to 2 dB. With an ED/ET of -18.5 dB in Fig. 5.5, the performance gains of the equalizers
are remarkable. With the equalizers, a 10−3 bit error rate is achieved with geometry factors
of 4 to 5 dB, whereas the rake receiver requires a geometry factor of 9 dB. One can also
observe from the table that the performance difference between the equalizers is on the
order of 1 dB in all cases. Finally by comparing the gains with FEC coding at 10−3 BER
to the gains without coding at 10−1 BER, one can note that the gains are diminished by
about 1.5 dB with 1 antenna receivers and by about 0.5 dB with 2 antenna receivers. The
changes are not drastic and may be partially due to the selection of bit error rates at which
the performance was observed.
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Table 5.3. Performance gains provided by the equalizers over the rake receiver.

CPICH trained Prefilter-rake
equalizer equalizer

Fig. 5.1 1 antenna 2.7 dB 3.8 dB
2 antennas 0.9 dB 1.8 dB

Fig. 5.2 10 ms interleaving 1.3 dB 2.6 dB
80 ms interleaving 1.1 dB 2.2 dB

Fig. 5.3 2 antennas 0.4 dB 1.3 dB
Fig. 5.4 TPC model 1.2 dB 1.9 dB
Fig. 5.5 63 channels > 4 dB > 5 dB

5.2 Equalization in soft handover situations

In soft handover, or in general on the edges of a cell, the terminal receives signals from
multiple base stations at comparable power levels. In other words, there is significant inter-
ference between the signals coming from different base stations, making the suppression
of inter-cell interference desirable. The signals from the different base stations are sepa-
rated with long scrambling codes and there is no orthogonality between them. Thus, the
fundamental idea of linear equalizer based receivers, namely, the restoration of the orthog-
onality of the signals, is not valid during handover. However, the equalizers may suppress
inter-cell interference based on the temporal and more importantly spatial characteristics of
the interference. Nevertheless, with multiple base stations, i.e., multiple sources of noise-
like interference, soft handover is a challenging environment for equalizers to provide even
limited performance gains. This makes the performance of equalizers in soft handover an
interesting issue with practical importance.

5.2.1 Receiver structures

In this section, the LMMSE multiuser receiver studied in Section 3.1.3 is extended for soft
handover and based on the result, adaptive equalizer structures suitable for handover are
presented. The discrete-time received signal model

r =
J∑

j=1

Kj∑
k=1

DjCjSk,jAk,jbk,j + n ∈CNcNs , (5.1)

defined in Section 2.1 is well suited also to handover situations. Only a minor modification
is required for the physical channels in the handover, since the same symbols are trans-
mitted by the base stations involved in handover. In other words, b 1,1 = b1,2, where the
number of base stations involved in handover is limited to two and the physical channel in
handover is denoted as channel # 1 on both base stations.
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Fig. 5.6. Structure of the prefilter-rake equalizer for soft handover.

As discussed in Section 3.1.3, the LMMSE multiuser receiver W L,MUD for the symbol
vector b1,1 can be written as [114] WL,MUD = R−1Crb1 ,where R and Crb1 are respectively
the covariance matrix of the received signal and the cross-covariance matrix of the received
signal and b1,1. In soft handover, the LMMSE multiuser receiver simplifies to [94]

WL,MUD = R−1 (D1C1S1,1A1,1 + D2C2S1,2A1,2) (5.2)

= R−1D1C1S1,1A1,1 + R−1D2C2S1,2A1,2, (5.3)

where the latter form is noted to be the sum of LMMSE multiuser receivers assigned to base
stations 1 and 2. The sum is a well-known property of LMMSE estimators [114, Ch. 12.5].

With the approximation of the LMMSE receiver discussed in Section 3.1.4 in mind,
one can conclude from (5.2) that an approximation for the LMMSE decision variable is
obtained by summing the decision variables of two channel equalizer based receivers, as-
signed to base stations 1 and 2.1 From (5.3) one can also notice that the prefilter-rake
equalizer can use only one prefilter followed by two rake receivers. The structure of the
prefilter-rake equalizer is illustrated in Fig. 5.6. For the rake receiver, the decision variables
of the rake receivers assigned to base stations 1 and 2 are summed after MRC to obtain the
final decision variable. The power difference between the signals arriving from the base
stations is incorporated in the channel response estimates, i.e., in the MRC weights. A
finger is allocated on each of the paths both in the rake receiver and in the prefilter-rake.
This is not necessarily possible in real receivers due to a limited number of fingers, and the
assumption can be considered to be idealistic.

1To ensure the proper combination of signals, one should be aware of any scaling differences between the
equalizers due to, e.g., scaling of the reference signal used in the adaptation (whether it is a pilot signal or channel
estimate).
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Fig. 5.7. Illustration of signal energies on a logarithmic scale in soft handover evaluations.

5.2.2 Performance evaluation

The performance of the CR-MOE equalizer, prefilter-rake equalizer, and rake receiver was
numerically evaluated with respect to SINR and uncoded BER. For the evaluations, a sim-
ple model of handover was required. In the model, a handover between two base stations
was assumed and signals from other base stations were modeled as part of white Gaus-
sian noise. To simplify further, both base stations transmitted 4 physical channels with a
spreading factor of 8, the desired channel with a spreading factor of 64 and the CPICH with
a spreading factor of 64. The relative powers of the channels were the same on both base
stations. The terminal’s movement from one cell to the neighboring one was modeled by
altering the relation of received signal strengths between the base stations. The alterations
are illustrated on a logarithmic scale in Fig. 5.7. After tentative calculations with a hexago-
nal network structure, 2 km cell radius, and the Okumara-Hata propagation model [7, 108],
ET/N0 was set to 3 dB at ET,1 = ET,2. Higher ET/N0 values can be expected, e.g., in
a handover between sectors. Therefore some results are presented also for an ET/N0 of 6
dB. The geometry factors corresponding to the ET/N0 of 3 dB and 6 dB at ET,1 = ET,2

are –1.8 dB and –1.0 dB, respectively.
The channel profiles used in the evaluations are given in Table 5.4. The channel for base

station 2 was defined to be distinctively different from the channel for base station 1, whilst
sharing similar characteristics, e.g., diversity and delay spread, due to the same propagation
environment. At the receivers, the channel was estimated from the CPICH with a moving
average smoother extending over two time slots. Terminal velocity was set to 60 km/h.

The length of the CR-MOE equalizer was set to 23 taps with one receive antenna and to
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Table 5.4. Channel profiles used in numerical examples with soft handover.

Base station 1 Base station 2

Average Delay Average Delay
power power

path # 1 0 dB 0 ns 0 dB 98 ns
path # 2 -1 dB 309 ns 0 dB 505 ns
path # 3 -9 dB 716 ns -6 dB 895 ns
path # 4 -10 dB 1090 ns – –

22 taps with two antennas, which correspond to 2.86 µs and 2.60 µs time windows, respec-
tively. The prefilter-rake equalizer used the HRLS algorithm and the prefilter contained 19
taps with one receive antenna and 15 taps per antenna branch with two antennas, corre-
sponding to 4.69 µs and 3.65 µs time windows, respectively. In the case of two antennas,
the CR-MOE receiver performed equalization over both antennas, i.e., in the space-time
domain, whereas the prefilter-rake receiver had on both antenna branches independently
adapted prefilters, restricting the equalization to the temporal domain.

The bit error rate was evaluated against ED/ET at ET,1 = ET,2, i.e., on the cell bound-
ary, and the results are presented for 1-antenna and 2-antenna receivers in Fig. 5.8. From
the figure, it is seen that the 1-antenna equalizers as well as the 2-antenna prefilter-rake
equalizer provide similar performance as the rake receiver, and the performance gains re-
main below 0.5 dB. This is understandable, since the performance of the receivers is limited
by inter-cell interference and noise and the impact of intra-cell interference is relatively mi-
nor. However, the CR-MOE receiver with two antennas and space-time equalization is able
to suppress also inter-cell interference. As a result, the CR-MOE receiver provides over a
1 dB performance gain with respect to ED/ET also at a BER of 10–20%.

The results presented in Fig. 5.8 are supported by those in Figs. 5.9 and 5.10, in which
the cumulative distribution function of SINR with respect to the fading channel process is
presented for 1-antenna and 2-antenna receivers, respectively. The cdf of SINR is presented
for receivers in soft handover and not in handover with ET,1 = ET,2, i.e., at the cell
boundary. Receivers not in handover are connected to base station 1. The ratio E D/ET is
–15 dB for 1-antenna and –18 dB for 2-antenna receivers. The benefit of soft handover is
evident from the figures as an increase in average SINR and in diversity. It is also noted
that with one receive antenna the equalizers do not attain significant performance gain over
the rake receiver at the cell boundary. As mentioned earlier, this is due to the dominating
effect of inter-cell interference and noise to the performance of receivers. This is illustrated
by including the cdf of the signal-to-inter-cell-interference-plus-noise ratio for the rake
receiver during handover in Fig. 5.9. By comparing this cdf with the cdf of SINR, the
impact of intra-cell interference is noted to be between 1 dB and 2 dB.

With two receive antennas, the CR-MOE equalizer provides over a 1 dB gain compared
to the rake receiver both in handover and not in handover as seen from Fig. 5.10. The
gain is due to the suppression of inter-cell interference in addition to intra-cell interference
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Fig. 5.8. BER versus ED/ET with a spreading factor of 64 for 1-antenna (solid lines) and 2-
antenna (dashed lines) receivers in handover between cells. The terminal is located on the cell
boundary, i.e., ET,1 = ET,2.

suppression. This is clarified further with Fig. 5.11, in which the cdf of the signal-to-inter-
cell-interference-plus-noise ratio is presented for the receivers with two antennas. With
inter-cell interference suppression, the CR-MOE equalizer achieves a performance gain
between 0.5 dB and 1 dB. On the other hand, the prefilter-rake equalizer exhibits noise
enhancement as a side-effect of intra-cell interference suppression. The noise enhancement
is most apparent on the higher tail of the cdf.

In Figs. 5.12 and 5.13, the BER is presented respectively for 1-antenna and 2-antenna
receivers as the terminal moves from the cell of base station 1 to that of base station 2. The
movement of the terminal changes the path losses of the base stations, which is modeled
by changing the ratio between the received base station signal energies (ET,2/ET,1), as
illustrated in Fig. 5.7. The figures include results for the receivers in handover as well as
not in handover. From the figures one can note that the equalizers recover faster than the
rake receiver from the handover. The recovery is significantly faster with the 2-antenna
CR-MOE equalizer, and at ET,2/ET,1 of –6 dB, the CR-MOE equalizer without handover
provides better performance than the rake receiver in handover. In Fig. 5.14, the BER is
presented respectively for 2-antenna receivers with a lower level of noise and inter-cell
interference. In other words, ET/N0 was set to 6 dB at the cell boundary (ET,1 = ET,2)
instead of 3 dB used in other figures. From the figure it is noted that the performance
gains attained by the equalizers increase significantly with increasing ET/N0. With the
CR-MOE equalizer, a reduction of 2 dB is achieved in the required ED/ET.

The situation at ET,2/ET,1 of –6 dB, corresponding to a geometry factor of 3 dB in
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Fig. 5.9. SINR cumulative distribution functions for 1-antenna receivers in handover (solid
lines) and not in handover (dashed lines) at the cell boundary with ED/ET of –15 dB and a
spreading factor of 64. The cdf of the signal-to-inter-cell-interference-plus-noise ratio for the
rake receiver in handover (dash-dotted line) is included in the figure.
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Fig. 5.10. SINR cumulative distribution functions for 2-antenna receivers in handover (solid
lines) and not in handover (dashed lines) at the cell boundary with ED/ET of –18 dB and a
spreading factor of 64.
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Fig. 5.11. Cumulative distribution functions of the signal-to-inter-cell-interference-plus-noise
ratio for 2-antenna receivers in handover at the cell boundary with ED/ET of –18 dB and a
spreading factor of 64.
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Fig. 5.12. BER for 1-antenna receivers moving from one cell to a neighbouring one. The BER
is presented for receivers in handover (solid lines) and not in handover (dashed lines). The
spreading factor of the desired channel is 64 with ED/ET of –15 dB.
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Fig. 5.13. BER for 2-antenna receivers moving from one cell to a neighbouring one. The BER
is presented for receivers in handover (solid lines) and not in handover (dashed lines). The
spreading factor of the desired channel is 64 with ED/ET of –18 dB.
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Fig. 5.14. BER for 2-antenna receivers moving from one cell to a neighbouring one. The BER
is presented for receivers in handover (solid lines) and not in handover (dashed lines). The
spreading factor of the desired channel is 64. ET/N0 was 6 dB at ET,1 = ET,2.
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Fig. 5.15. SINR cumulative distribution functions for 2-antenna receivers in handover (solid
lines) and not in handover (dashed lines) at ET,2/ET,1 of -6 dB with ED/ET of –18 dB and a
spreading factor of 64.

Fig. 5.13, is examined further in Fig. 5.15, in which the cdf of SINR is presented for 2-
antenna receivers in handover and not in handover. When compared to the results at the
cell boundary, the benefits of soft handover as an increase in average SINR and in diversity
are clearly smaller but nevertheless significant. It can also be noted that both equalizers
provide a distinct performance gain over the rake receiver with and without handover, and
the CR-MOE equalizer not in handover yields better performance than the rake receiver in
handover except on the lower tail of the cdf.

The presented results show that the equalizers attain similar or better performance as
the rake receiver when the receiver is on the cell boundary in soft handover. Exceptionally
good performance was obtained with the 2-antenna CR-MOE equalizer, which provided
over 1 dB gain in all cases. The equalizers also recover faster from a handover than the
rake receiver, implying that the equalizers require a narrower handover region. This in
turn benefits the network by a decrease in interference and in the number of terminals in
handover. The studied environment with a high level of noise and inter-cell interference is
a challenging one for the equalizers to provide performance gains in. Significantly larger
performance gains were observed with a lower level of inter-cell interference faced during
handover between sectors.
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5.3 Equalization with transmit diversity

The purpose of transmit diversity is to mitigate the detrimental effects of fading by introduc-
ing an additional dimension of diversity to the communications. Several transmit diversity
schemes have been proposed including, e.g., space-time block coding, antenna switching
diversity, transmit delay diversity, and transmit diversity with phase sweeping [158]–[166].

The WCDMA standard supports three modes of transmit diversity [7]. Two of them
are closed loop modes, in which the signals at the transmit antennas are weighted to max-
imize SINR at the terminal. The antenna weights are selected from a finite set of weights
based on the feedback from the terminal. The main difference between the two closed loop
modes is in the size of the weight sets, with closed loop mode 1 using a set of 4 weights
and closed loop mode 2 using a set of 16 weights [98]. The antenna weigths are updated at
the slot rate, that is, at a 1.5 kHz rate based on the feedback from the terminal. The larger
set of closed loop mode 2 is reflected in the adaptation speed of the weights and the ben-
eficial use of closed loop mode 2 is strongly limited by terminal velocity [167]. The third
mode, open loop mode, is space-time transmit diversity (STTD) with the exception of the
synchronisation channel using time-switched transmit diversity [103]. In STTD, the block-
wise encoding of symbols to the transmit antennas, depicted in Fig. 2.2, allows the simple
yet optimum detection of symbols in flat fading channels [99]. The benefits of transmit
diversity are most evident in flat or nearly flat fading channels with low terminal mobility,
that is, with low frequency and temporal diversity. This can be seen, e.g., as a decrease in
average transmission power with low terminal mobility [7, Ch. 9]. At the network level,
the benefit of transmit diversity is seen as an increase in downlink capacity [167].

In frequency selective channels, intra-cell interference deteriorates the performance of
receivers also with transmit diversity. Again, the performance loss can be mitigated with
channel equalization. However, the use of channel equalizers to suppress intra-cell inter-
ference is problematic with transmit diversity, since the basic idea behind the suppression,
that is, the propagation of all received signals through the same channel, is not valid with
transmit diversity. On the other hand, to cancel interference between multiple spatially
separated signals, the number of receive antennas must be at least equal to the number of
signals [45, 168]. In other words, the separate equalization of transmit antenna signals fol-
lowed by a suitable combiner does not result in ideal intra-cell interference suppression.
Thus, with one or two receive antennas, intra-cell interference suppression is less efficient
with transmit diversity, which may degrade the performance gains provided by equalizers.
To clarify the issue, the performance of channel equalization in conjuction with closed loop
mode 1 diversity and STTD is considered in this section.

5.3.1 Receiver structures for closed loop mode 1 transmit diversity

The equalizer structure for closed loop mode 1 transmit diversity is presented in this sec-
tion. With closed loop mode 1 diversity, the LMMSE multiuser receiver is given by

WL,CL = A1/
√

2R−1D(C1 + W1C2)S1 (5.4)
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for the detected physical channel 1. Equation (5.4) implies an approximate LMMSE chan-
nel equalizer structure

WL̄,CL = ET

[
K∑

k=1

Ek

2GkNR
D(C1 + WkC2)(C1 + WkC2)HDH + Rn

]−1

D(C1 + W1C2),

(5.5)

where the desired physical channel is used as the desired signal for the equalizer. However,
the received signal structure is fundamentally different from the one considered in Chap-
ter 3. Due to the antenna weights Wk, the physical channels have different effective mul-
tipath channels. The sum of chips, i.e.,

∑K
k=1 Ak/

(√
2Gk

)
, cannot be considered as the

desired signal for the equalizer and channel equalization cannot be interpreted to restore the
orthogonality of the physical channels. On the other hand, if (5.5) is seen as a combination
of two equalizers assigned to different transmit antennas, the equalizers lack the sufficient
degrees of freedom with one receive antenna. This predicts only small performance gains
over the rake receiver. Nevertheless, since the performance of the 1-antenna receiver is the
most interesting with transmit diversity, the equalizer given in (5.5) is considered in the
following.

The equalizer given in block form in (5.5) can be implemented in filter form with a single
adaptive equalizer. The sudden changes of the antenna weights at the slot boundaries sets
more strict requirements for the tracking capabilities of the adaptive equalizers. The most
suitable equalizers to cope with these sudden changes are the ones discussed in Section 4.4
as well as the CR-MOE equalizer, in which the channel estimate is directly inserted into
the equalizer. Closed loop mode 1 imposes similar changes in channel estimation for the
equalizers as for the rake receiver, that is, it requires an antenna verification algorithm [98]
as well as a channel estimator for the diversity antenna.

5.3.2 Receiver structures for space-time transmit diversity

In this section, an equalizer structure suitable for STTD is discussed. The STTD com-
biner presented by Alamouti in [99] cannot be considered to be an optimum decoder in the
WCDMA downlink with frequency selective channels. However, more advanced decoders
that take multiple access interference efficiently into account have not been presented to
the knowledge of the author. In the following, the STTD combiner is presented first for the
conventional rake receiver, and then the correct operation of the combiner with the channel
equalizers is shown. Based on the result, adaptive equalizer structures suitable for STTD
are presented.

With STTD, the rake receiver contains two sets of rake fingers assigned to different
transmit antennas. The output of the rake finger set assigned to the nTth transmit antenna
at the mth symbol interval can be written as

z
(m)
nT,R = ĉH

nT,R S(m)
1

H
r, (5.6)

where ĉnT,R contains channel estimates for the nTth transmit antenna, and the spreading

sequence matrix S (m)
1 for the mth symbol is as presented in Section 3.1.1. Thus, the



100

received signal is correlated with the spreading sequence, time-aligned, and maximal ratio
combined. With symbol index m restricted to be odd, the output samples of the rake finger
sets can also be written as

z
(m)
nT,R = p̂H

nT,Rp1

A√
2
b(m) − p̂H

nT,Rp2

A√
2

(
b(m+1)

)∗
+ ζ

(m)
nT,R (5.7)

z
(m+1)
nT,R = p̂H

nT,Rp1

A√
2
b(m+1) + p̂H

nT,Rp2

A√
2

(
b(m)

)∗
+ ζ

(m+1)
nT,R , (5.8)

where physical channel index 1 is dropped for the clarity of notations and ζ (m)
nT,R contains

both intra-cell interference and noise. The output samples are combined according to [99]

b̂
(m)
R =z(m)

1,R +
(
z
(m+1)
2,R

)∗
(5.9)

=
(

p̂H
1,Rp1 + pH

2 p̂2,R

) A√
2
b(m) +

(
pH
1 p̂2,R − p̂H

1,Rp2

) A√
2

(
b(m+1)

)∗
+ ζ

(m)
1,R +

(
ζ
(m+1)
2,R

)∗
and

b̂
(m+1)
R =z(m+1)

1,R −
(
z
(m)
2,R

)∗
(5.10)

=
(

p̂H
1,Rp1 + pH

2 p̂2,R

) A√
2
b(m+1) +

(
p̂H
1,Rp2 − pH

1 p̂2,R

) A√
2

(
b(m)

)∗
+ ζ

(m+1)
1,R −

(
ζ
(m)
2,R

)∗
to produce the symbol estimates.

Due to non-linear STTD decoding, the transmitted data symbols cannot be directly esti-
mated with a linear estimator. For example, a sensible LMMSE multiuser receiver does not
exist for the data symbols when STTD encoding is used. The equalizer structure employed
with STTD is to assign separate equalizers for both transmit antennas, estimating the trans-
mit antenna signals independently [96, 97]. Again, such a system is underdetermined with
one receive antenna. In the equalizers, the received signal is equalized and correlated with
the spreading sequence prior to the STTD combining. With the approximate LMMSE
channel equalizer

wnT,L̄ = R̄
−1

p̄nT
(5.11)

discussed in Section 3.1.4, the outputs of the spreading sequence matched filters can be
written as

z
(m)

nT,L̄
= p̄H

nT
R̄
−1

p̄1

A√
2
b(m) − p̄H

nT
R̄
−1

p̄2

A√
2

(
b(m+1)

)∗
+ ζ

(m)

nT,L̄
(5.12)

z
(m+1)

nT,L̄
= p̄H

nT
R̄
−1

p̄1

A√
2
b(m+1) + p̄H

nT
R̄
−1

p̄2

A√
2

(
b(m)

)∗
+ ζ

(m+1)

nT,L̄
, (5.13)
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Fig. 5.16. Structure of the CR-MOE equalizer with STTD.

where ζ(m)

nT,L̄
contains both MAI and noise. The similar structure in (5.7), (5.8), (5.12) and

(5.13) is easily seen and one can verify that the STTD combiner

b̂
(m)

L̄
=z(m)

1,L̄
+
(
z
(m+1)

2,L̄

)∗
(5.14)

b̂
(m+1)

L̄
=z(m+1)

1,L̄
−
(
z
(m)

2,L̄

)∗
(5.15)

can be used also with approximate LMMSE channel equalizers. Since the adaptive equal-
izers considered converge towards these equalizers, the structure of separate equalizers
assigned for both transmit antennas is used in the following results. As with soft handover,
one can notice from (5.12) and (5.13) that one prefilter followed by two sets of rake fingers
is sufficient for the prefilter-rake equalizer. The resulting prefilter-rake structure is similar
to the one presented in Fig. 5.6. The structure of the CR-MOE equalizer is depicted in
Fig. 5.16.
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5.3.3 Performance evaluation with closed loop mode 1 transmit diversity

In this section, the bit error rate performance of the CR-MOE equalizer and rake receiver is
evaluated and compared with closed loop mode 1 transmit diversity in the Rayleigh fading
pedestrian and vehicular channels. The transmitted signal contained signals for the desired
physical channel with a spreading factor of 64, and for 4 other channels with a spreading
factor of 8. All physical channels were transmitted with transmit diversity. The common
pilot channel employed a spreading factor of 256 and constituted 10% of the base station
transmission power. The CPICH signals on different transmit antennas were separated by
using distinct pilot symbol sequences on the antennas [103]. At the terminal, the channels
were estimated from the CPICH with a moving average smoother extending over two time
slots. Other parameters used with the receivers are tabulated in Appendix 1.

In the evaluations, a simplified and idealized model of closed loop mode 1 diversity was
used. In the model, 2nd transmit antenna weights were updated on slot boundaries at the
slot rate. The slot boundaries were time-aligned for all physical channels, which is not
necessarily the case in the WCDMA downlink [103]. The weights for channels other than
the desired physical one were selected randomly so that the weight remained the same as in
the previous slot with 90 % probability, and±π/2 rotation took place with 10% probability.
For the desired physical channel, the weight maximizing SNR at the terminal was selected
with the restriction that rotations of π radians were not allowed between consecutive time
slots. The selection was based on known channels, which means that the effects of errors
in channel estimation, feedback, and antenna verification were ignored. However, a one
slot feedback delay was introduced to the update of antenna weights. The terminal velocity
was set rather low, to 15 km/h, to allow for the proper operation of closed loop mode 1.

Bit error rates for the receivers in the pedestrian and vehicular channels are presented
respectively in Figs. 5.17 and 5.18. The significant performance gain of closed loop mode 1
diversity is easily seen from the figures. From Fig. 5.17 one can note that the performance
gain provided by the equalizer in the pedestrian channel vanishes with closed loop mode
1 diversity. The performance gain is significantly decreased also in the vehicular channel,
and the CR-MOE equalizer provides a performance gain only with geometry factors around
or over 6 dB. Based on the results, the 1-antenna channel equalizers do not provide any
reasonable performance improvements with closed loop mode diversity.

5.3.4 Performance evaluation with space-time transmit diversity

In this section, the performance of the CR-MOE equalizer and rake receiver is evaluated
with space-time transmit diversity in the pedestrian and vehicular channels. First, instanta-
neous SINR is defined followed by a brief discussion on the SINR. After that, the impact
of STTD on the BER performance of channel equalizers is studied.

The instantaneous SINR with respect to the fading channel for the rake receiver is ob-
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Fig. 5.17. BER versus the geometry factor for receivers with (solid lines) and without (dashed
lines) closed loop mode 1 diversity in the pedestrian channel with ED/ET of –15 dB and a
spreading factor of 64.

−3 −1 1 3 5 7 9 11 13 15
10

−3

10
−2

10
−1

10
0

Geometry factor [dB]

B
it 

er
ro

r 
ra

te

CR−MOE equalizer  
Rake receiver     

Fig. 5.18. BER versus the geometry factor for receivers with (solid lines) and without (dashed
lines) closed loop mode 1 diversity in the vehicular channel with ED/ET of –15 dB and a spread-
ing factor of 64.
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tained from (5.9), or from (5.10), resulting in

γSTTD,R =
EDGD (pH

1 p1 + pH
2 p2)

2/2

EDGD aSTTD,R/2 + (p̂H
1,Rp̂1,R + p̂H

2,Rp̂2,R)σ2
n + ξSTTD,R

, (5.16)

where the expectation has been taken over symbol patterns, a random scrambling sequence,
and a noise process. The correlation with the spreading sequence is modeled via processing
gain GD, and all physical channels are assumed to use both transmit antennas. Coefficient
aSTTD,R corresponds to the losses due to channel estimation errors and can be written as

aSTTD,R = |p̃H
1,Rp1 + pH

2 p̃2,R|2 + |pH
1 p̃2,R − p̃H

1,Rp2|2
= |p̃H

1,Rp1|2 + |p̃H
1,Rp2|2 + |p̃H

2,Rp1|2 + |p̃H
2,Rp2|2, (5.17)

where p̃nT,R = p̂nT,R − pnT
contains the channel estimation errors. The variance of intra-

cell interference is obtained by extending the approach in Section 4.1.1, which results in

ξSTTD,R = ET/2
(

p̂H
1,RRsp̂1,R + p̂H

2,RRsp̂2,R

)
− ET/2

[
p̂H
1,R(p1pH

1 + p2pH
2 )p̂1,R + p̂H

2,R(p1pH
1 + p2pH

2 )p̂2,R

]
, (5.18)

where

ET/2 Rs = ET/2
(
DC1CH

1 DH + DC2CH
2 DH) (5.19)

is the signal component of the received signal covariance matrix R with expectation taken
over symbol patterns and the scrambling sequence. The expression for the instantaneous
SINR with the CR-MOE equalizer is similar to the one in (5.16), with the exception that
p̂nT,R and p̃nT,R are replaced with ŵnT,CR and w̃nT,CR in (5.16) – (5.18).

With high enough power on the CPICH, channel estimation errors and consequently
the term EDGDaSTTD,R in (5.16) can be considered to be relatively minor. Therefore the
SINR is dominated by the signal, noise, and intra-cell interference terms. When the noise
term dominates over the intra-cell interference term, one can easily notice the increased
diversity in (5.16). If intra-cell interference is dominating, the advantage of transmit diver-
sity is not clear, especially since transmit diversity introduces additional interference terms
between the transmit antennas in frequency selective channels. The ratio between intra-cell
interference and noise terms is noted to depend on ET/σ

2
n , i.e., on the geometry factor.

In other words, STTD provides the expected diversity increase in nearly flat fading chan-
nels, whereas the performance of STTD is less clear with strong multipath propagation.
However, from the network point of view, the increase in diversity is most important on
the outskirts of a cell and in channels with weak multipath propation where (5.16) shows
STTD to behave as expected.

In the following numerical examples, the transmitted signal contained signals for the de-
sired physical channel with a spreading factor of 64, the CPICH with a spreading factor of
256 and for 4 other channels with a spreading factor of 8. All physical channels were trans-
mitted with STTD. Other parameters used with the receivers are tabulated in Appendix 1.
Bit error rates for the 1-antenna rake receiver and the CR-MOE equalizer in the pedes-
trian channel are presented against the geometry factor in Fig. 5.19 and against ED/ET in
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Fig. 5.19. BER versus the geometry factor for 1-antenna receivers with (solid lines) and without
(dashed lines) STTD in the pedestrian channel with ED/ET of –15 dB and a spreading factor
of 64.

Fig. 5.20. The significant performance improvement due to STTD in the nearly flat-fading
pedestrian channel is easily seen from the figures. It is also seen that the CR-MOE equal-
izer provides meaningful performance gain over the rake receiver only at low bit error rates
when STTD is applied. Bit error rates in the vehicular channel are presented in Fig. 5.21.
The vehicular channel has substantial multipaths and the benefit from additional diversity
is smaller than in the pedestrian channel. The use of STTD also induces a larger increase
of intra-cell interference in the vehicular channel than in the pedestrian channel. As a re-
sult, the use of STTD does not improve the performance of the rake receiver in Fig. 5.21.
The performance of the CR-MOE equalizer degrades significantly with STTD due to the
underdetermined system. As a result, the performance difference between the CR-MOE
equalizer and the rake receiver is rather minor.

In Figs. 5.22 and 5.23, bit error rates are presented for the rake receiver and CR-MOE
equalizer with two receive antennas in the pedestrian and vehicular channel, respectively.
With two receive antennas, the system is not underdetermined and the equalizer is able
to resolve (on the average) the signals from the transmit antennas with a sufficiently large
geometry factor. This is seen in Fig. 5.23, where the CR-MOE equalizer is able to suppress
intra-cell interference also with STTD. However, the performance difference between the
CR-MOE equalizer and the rake receiver is decreased with STTD. For example, the CR-
MOE equalizer provides performance gain only at low BERs in the pedestrian channel.

The results show that when STTD is used, the 1-antenna equalizers do not suppress
intra-cell interference sufficiently. The 2-antenna equalizers have a sufficient degree of
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Fig. 5.20. BER versus ED/ET for 1-antenna receivers with (solid lines) and without (dashed
lines) STTD in the pedestrian channel with a geometry factor of 12 dB and a spreading factor
of 64.
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Fig. 5.21. BER versus the geometry factor for 1-antenna receivers with (solid lines) and without
(dashed lines) STTD in the vehicular channel with ED/ET of –15 dB and a spreading factor
of 64.
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Fig. 5.22. BER versus the geometry factor for 2-antenna receivers with (solid lines) and without
(dashed lines) STTD in the pedestrian channel with ED/ET of –18 dB and a spreading factor
of 64.
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Fig. 5.23. BER versus the geometry factor for 2-antenna receivers with (solid lines) and without
(dashed lines) STTD in the vehicular channel with ED/ET of –18 dB and a spreading factor
of 64.
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freedom to attain efficient intra-cell interference suppression but it occurs at high geometry
factors. With STTD, the considered channel equalizers do not provide any meaningful per-
formance improvements over the rake receiver. The only exception is 2-antenna receivers
in the vehicular channel, which is not an important case from the point of view of STTD
deployment.

5.4 Equalization in HSDPA

High speed downlink packet access (HSDPA) has been introduced to WCDMA with the
goal of increasing the overall downlink throughput. For this purpose, a high speed downlink
shared channel (HS-DSCH) supporting high peak data rates has been included to the stan-
dard. The advantages of HSDPA are twofold. The use of a new shared channel, HS-DSCH,
together with the downlink shared channel (DSCH) enables more efficient management of
radio resources for variable data rate services. Secondly, HSDPA achieves improvements
in the system throughput via a higher order modulation, hybrid automatic repeat request
(ARQ), adaptive modulation and coding (AMC), fast cell selection, and possibly MIMO
transmission techniques. HS-DSCH is carried on single or multiple high speed physical
downlink shared channels (HS-PDSCH) using a spreading factor of 16. [169, 170, 171]

The idea of HSDPA link adaptation is to transmit data for a user with a high rate during
good channel states and with a lower rate during bad channel conditions [172]. This is
obtained by adjusting the redundancy used in the transmission of data according to the
channel conditions. Coarse data rate adjustment is obtained with AMC by varying the used
modulation method and code rate, while hybrid ARQ techniques can be seen to provide
fine data rate adaptation [170]. The link adaptation avoids changes in the transmit power
resulting in reduced variations in HSDPA induced interference [170]. In other words, the
goal of link adaptation is to use the SINR at the output of detector as efficiently as possible
to transfer data to the terminal. On the other hand, this means that the detector should
provide the best SINR performance possible. Hence, it is sufficient to compare the HSDPA
receivers in terms of SINR performance.

In the following, the SINR performance provided by the equalizers is addressed with
respect to HSDPA and compared to the performance of the rake receiver. The SINR cu-
mulative distribution function of the equalizers is typically between the SINR and SNR
distribution functions of the rake receiver as shown in Chapter 4. Therefore, the average
SINR per symbol was adopted as a reasonable performance metric for the detectors, and
it was evaluated for the rake receiver, CR-MOE equalizer, and prefilter-rake equalizer in
the pedestrian and vehicular channels. In the numerical evaluations, the base station signal
was transmitted from one antenna and contained signals for 10 physical channels with a
spreading factor of 16, 3 other channels with a spreading factor of 64 and the CPICH with
a spreading factor of 64. The channels with a spreading factor of 16 modeled HS-PDSCH
and one of them was considered to be the desired channel. The common pilot channel
constituted 10% of the base station transmission power. At the terminal, the channel was
estimated from the CPICH with a moving average smoother extending over two time slots.
The velocity of the terminal was set to 30 km/h. Other parameters used with the receivers
are tabulated in Appendix 1.
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Fig. 5.24. Average SINR per symbol versus the geometry factor for 1-antenna receivers in
the pedestrian channel with 10 HS-PDSCH, 3 channels with a spreading factor of 64 and the
CPICH.

Average SINR against the geometry factor is presented for 1-antenna receivers in the
pedestrian and vehicular channels in Figs. 5.24 and 5.25, respectively. Corresponding re-
sults for 2-antenna receivers are presented in Figs. 5.26 and 5.27, respectively. The results
are summarized in Tables 5.5 and 5.6, which contain the performance gains provided by
the equalizers over the rake receiver. The gains are tabulated for geometry factors that are
predicted in [120] to be typical in micro and macro cells. In macro cell environments, the
coverage of HSDPA is not likely extended over the whole cell due to the harshness of the
environment. Therefore, the geometry factors considered with the vehicular channel are
some decibels higher than the most typical ones in [120].

It is apparent from the results that the performance of the rake receiver becomes limited
by intra-cell interference with increasing geometry factor. Both equalizers provide signifi-
cant performance improvements at the geometry factors of practical interest. The prefilter-
rake equalizer attains larger average SINR values than the CR-MOE equalizer with one
receive antenna, whereas the performance of the CR-MOE equalizer exceeds the perfor-
mance of the prefilter-rake equalizer with two receive antennas. In the pedestrian channel,
the 1-antenna equalizers achieve performance that is near the SNR performance bound and
the difference to the performance bound exceeds 1 dB with geometry factors over 9 dB. In
the vehicular channel, there is a clear gap between the bound and the achieved SINR per-
formance. The gap is mainly due to the limitations of linear channel equalization, as seen
from Fig. 5.25. In other words, there is room for further improvements with frequency
selective channels to be achieved with HSDPA specific detectors discussed, e.g., in [54].
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Fig. 5.25. Average SINR per symbol versus the geometry factor for 1-antenna receivers in the
vehicular channel with 10 HS-PDSCH, 3 channels with a spreading factor of 64 and the CPICH.
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Fig. 5.26. Average SINR per symbol versus the geometry factor for 2-antenna receivers in
the pedestrian channel with 10 HS-PDSCH, 3 channels with a spreading factor of 64 and the
CPICH.
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Fig. 5.27. Average SINR per symbol versus the geometry factor for 2-antenna receivers in the
vehicular channel with 10 HS-PDSCH, 3 channels with a spreading factor of 64 and the CPICH.

Table 5.5. Average SINR gains provided by the equalizers over the rake receiver in the
pedestrian channel.

Geometry CR-MOE equalizer Prefilter-rake equalizer
factor one antenna two antennas one antenna two antennas

6 dB 0.8 dB 0.7 dB 1.0 dB 0.2 dB
9 dB 1.2 dB 1.3 dB 1.6 dB 0.7 dB
12 dB 1.7 dB 2.0 dB 2.2 dB 1.6 dB
15 dB 2.6 dB 2.6 dB 3.2 dB 2.3 dB

Table 5.6. Average SINR gains provided by the equalizers over the rake receiver in the
vehicular channel.

Geometry CR-MOE equalizer Prefilter-rake equalizer
factor one antenna two antennas one antenna two antennas

3 dB 1.0 dB 1.2 dB 1.0 dB 0.9 dB
6 dB 1.9 dB 2.4 dB 1.9 dB 1.8 dB
9 dB 2.9 dB 3.4 dB 3.1 dB 2.7 dB
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However, the results show that the equalizers are well suited for HSDPA and they achieve
SINR improvements on the order of a few decibels. With suitable AMC techniques, the
performance gains translate into wider HSDPA coverage and a higher downlink throughput.

5.5 Implementation aspects of equalizers

The performance of equalizers has been assessed in the previous sections from numerous
points of view without paying much attention to implementational aspects. In this section,
the suitability of equalizers for practical implementations is addressed from two points of
view. The increase in complexity due to the use of equalizers must be acceptable and in
reasonable proportion to the performance improvements of the equalizers. The equalizers
must also perform adequately with finite signal precision. The computational complexities
of the equalizers are considered in terms of arithmetic operations in Section 5.5.1 and
the effect of finite arithmetic precision on the performance of the equalizers is studied in
Section 5.5.2

5.5.1 Complexity comparisons

In this section, the computational complexity of the equalizers is addressed and compared
to the rake receiver. Comparisons are made from the point of view of a high data rate
HSDPA connection as well as a moderate-to-low data rate connection. The CPICH trained
equalizer with NLMS adaptation, CR-MOE equalizer and SMI-based chip rate as well as
symbol rate equalizers are considered in the following. The prefilter-rake equalizer with
either QR-RLS or HRLS adaptation is noted to be significantly more complex than the
aforementioned equalizers and, therefore, is not included in the study.

In the following, only the computations due to equalization (or MRC in the case of
the rake receiver), equalizer adaptation, and correlation with the spreading sequence are
considered. Because channel estimation is excluded from the study, one should note the
differences between the receivers in required channel estimation. Rake receivers require
a finger allocation procedure, as well as accurate delay tracking and channel coefficient
estimation for each of the fingers. The CR-MOE equalizer requires an estimate of the
channel response, in other words, a larger number of channel coefficient estimates than
the rake receiver. On the other hand, the tracking requirements are relaxed due to the
fractional and fixed spacing of the equalizer taps. The coarse delay tracking of the main
path and delay spread estimation of the channel is sufficient for the CR-MOE equalizer.
The less strict tracking requirements compensate for the increase in the estimated channel
coefficients and, therefore, the computational load of channel estimation in the CR-MOE
equalizer is comparable to that of the rake receiver. In the case of SMI-based equalizers,
the channel estimation requirements are similar to those of the CR-MOE equalizer. The
only exception is that the delay tracking of the main path must be more accurate due to
the chip spacing of the equalizer taps. Finally, the CPICH trained equalizer requires only
coarse delay tracking and delay spread estimation. In other words, the required channel
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Table 5.7. Mapping of complex valued arithmetic operations to real valued operations.

Operands Operation
addition multiplication division

real real 1 add. 1 mult. 1 div.
complex real 1 add. 2 mult. 1 div. + 2 mult.
complex complex 2 add. 4 mult. + 2 add. not needed

Table 5.8. Rate of additions and multiplications for the rake receiver.

Additions Multiplications

Correlation with the (4Rc − 2RD)NfNPC –
spreading sequence
MRC (4Nf − 2)NPCRD 4Nf NPCRD

Total 4NfNPCRc + (2Nf − 2)NPCRD 4Nf NPCRD

estimation is significantly simpler than in the other receivers.
The computational complexity is evaluated in terms of real valued additions, multipli-

cations, and divisions. The register shifts and changes in sign (used, e.g., in the correlation
with the spreading sequence) are ignored due to their simplicity. The used mapping of the
complex valued operations to real valued operations is shown in Table 5.7. One should note
that the mapping is not unique and, e.g., a multiplication with complex numbers can also
be carried out with three real multiplications and five real additions/substractions [173].

The rate of additions and multiplications is presented for the rake receiver and the equal-
izers in Tables 5.8 and 5.9, respectively. In the tables,R c is the chip rate,NPC is the number
of demodulated physical channels, RD is the corresponding symbol rate, Nf is the number
of rake fingers used in MRC, and 2L+1 is the equalizer length. In the case of CR-MOE and
SMI-base equalizers, RU is the update rate of the equalizer coefficients, Rp is the channel
estimate update rate, RA is the sampling rate in the autocorrelation estimation, and NA is
the number of instantaneous autocorrelation estimates used in the MA smoother (NA/RA

is the time window of the moving average). The complexity counts are presented for one
receive antenna. Adaptation step size µ and leakage coefficient η are also assumed to be
powers of two, resulting in a bit shift implementation of corresponding multiplications. In
addition to the presented additions and multiplications, the CR-MOE equalizer involves
one division per channel response update and the SMI-based equalizers involve 2L + 1
divisions per equalizer update. However, the computational burden of the divisions is rel-
atively minor due to the low update rates Rp and RU. The CPICH trained equalizer is
assumed to employ the NLMS algorithm, which involves a division per chip interval. The
computational load of these divisions cannot be overlooked, although the divisions do not



114

Table 5.9. Rate of additions and multiplications for the equalizers.

Additions Multiplications

CPICH trained equalizer
Equalization (8L + 2)Rc (8L + 4)Rc

Equalizer adaptation (12L + 7)Rc (12L + 6)Rc

Correlation with the (4Rc − 2RD)NPC –
spreading sequence

Total (20L + 4NPC + 9)Rc (20L + 10)Rc

−2NPCRD

CR-MOE equalizer
Equalization (16L + 6)Rc (16L + 8)Rc

Equalizer adaptation (20L + 10)Rc (16L + 10)Rc

Re-orthogonalization (24L + 8)Rp (24L + 14)Rp

Correlation with the (4Rc − 2RD)NPC –
spreading sequence

Total (36L + 4NPC + 16)Rc (32L + 18)Rc

+(24L + 8)Rp − 2NPCRD +(24L + 14)Rp

SMI-based equalizer (chip level)
Equalization (8L + 2)Rc (8L + 4)Rc

Equalizer adaptation (32L2 + 4L)RU (32L2 + 16L + 2)RU

Estimation of (4L + 2)RA − (4L + 2)RU (4L + 2)RA

autocorrelation +(2L + 1)NAR2
U/RA

Correlation with the (4Rc − 2RD)NPC –
spreading sequence

Total (8L + 4NPC + 2)Rc (8L + 4)Rc

+(4L + 2)RA − 2NPCRD +(4L + 2)RA

+(32L2 − 2)RU +(32L2 + 16L + 2)RU

+(2L + 1)NAR2
U/RA

SMI-based equalizer (symbol level)
Equalization (8L + 2)NPCRD (8L + 4)NPCRD

Equalizer adaptation (32L2 + 4L)RU (32L2 + 16L + 2)RU

Estimation of (4L + 2)RA − (4L + 2)RU (4L + 2)RA

autocorrelation +(2L + 1)NAR2
U/RA

Correlation with the (8L + 4)NPCRc –
spreading sequence −(4L + 2)NPCRD

Total (8L + 4)NPCRc (4L + 2)RA

+(4L + 2)RA + 4LNPCRD +(8L + 4)NPCRD

+(32L2 − 2)RU +(32L2 + 16L + 2)RU

+(2L + 1)NAR2
U/RA
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Table 5.10. Parameters used for the numerical examples in Tables 5.11–5.13.

Pedestrian Vehicular

Number of rake fingers 2 4
Equalizer length

CPICH trained and CR-MOE equalizers 5 17
SMI-based equalizers 5 13

Equalizer adaptation rate (RU) 3 kHz
Channel update rate (Rp) 7.5 kHz
Sampling rate RA 480 kHz
Number of samples NA 640

need to be fully accurate.
Two numerical examples are presented on the computational requirements of the re-

ceivers. In the first example, one physical channel with a spreading factor of 64 is demod-
ulated. In the second example, one physical channel with a spreading factor of 64 and 15
physical channels with a spreading factor of 16 are demodulated. The first example illus-
trates the computational load in the case of a moderate-to-low data rate connection, while
the second example is for a high data rate HSDPA connection. Although the second ex-
ample is extreme, it also shows the impact of multicode transmission on complexity. The
computational load of the receivers was calculated in the pedestrian and vehicular channel
with parameters tabulated in Table 5.10. The resulting computational loads are presented
for the equalizers in Tables 5.11 and 5.12 and for the rake receiver in Table 5.13.

One can see from the tables that equalization and equalizer adaptation are the dominat-
ing parts in the computational load of CPICH trained and CR-MOE equalizers. This is due
to processing at the chip rate. In the SMI-based equalizer, the equalizer coefficients are up-
dated at a lower rate, which results in a significant reduction in complexity. Also the high
complexity load of chip rate equalization can be avoided with symbol rate equalization, as
seen from Table 5.11. The drawback of symbol rate equalization is the increased number
of spreading sequence correlators. The price is acceptable when only a few physical chan-
nels are demodulated. However, the complexity increase due to the additional correlators
is prohibitive in the second example, as seen from Table 5.12. In other words, chip rate
equalization is preferable over symbol rate equalization when a high number of physical
channels is demodulated.

From the considered equalizers, SMI-based equalizers are superior from the point of
view of computational complexity. When the complexity of the symbol rate SMI-based
equalizer is compared to the rake receiver in the first example, the increase in complexity is
mainly due to the additional correlators required by the equalizer. In the second example,
the relative difference between the rake receiver and the most suitable equalizer is even
smaller than in the first example. Actually, the chip rate SMI-based equalizer requires less
additions than the rake receiver, although the required number of multiplications is higher
than in the rake receiver. The presented results show that the increase in computational
complexity induced by the use equalizers is acceptable.
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Table 5.11. Number of operations in 106 operations per second for the equalizers detect-
ing a physical channel with a spreading factor of 64. Values are presented for both the
pedestrian and vehicular channel.

CPICH trained CR-MOE SMI-based SMI-based
equalizer equalizer equalizer equalizer

(chip) (symbol)
ped. / veh. ped. / veh. ped. / veh. ped. / veh.

Additions
Equalization 69 / 253 146 / 515 69 / 192 1.1 / 3.0
Equalizer adaptation 119 / 396 192 / 653 1.0 / 8.8 1.0 / 8.8
Re-orthogonalization - 0.4 / 1.5 - -
Estimation of - - 5.1 / 13 5.1 / 13
autocorrelation
Correlation with the 15 / 15 15 / 15 15 / 15 76 / 198
spreading sequence

Total 203 / 664 348 / 1184 90 / 229 83 / 223

Multiplications
Equalization 77 / 261 154 / 522 77 / 200 1.2 / 3.1
Equalizer adaptation 115 / 392 161 / 530 1.2 / 9.4 1.2 / 9.4
Re-orthogonalization - 0.5 / 1.5 - -
Estimation of - - 4.8 / 12 4.8 / 12
autocorrelation

Total 192 / 653 315 / 1054 83 / 222 7.2 / 25
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Table 5.12. Number of operations in 106 operations per second for the equalizers detecting
15 physical channels with a spreading factor of 16 and a channel with a spreading factor
of 64. Values are presented for both the pedestrian and vehicular channel.

CPICH trained CR-MOE SMI-based SMI-based
equalizer equalizer equalizer equalizer

(chip) (symbol)
ped. / veh. ped. / veh. ped. / veh. ped. / veh.

Additions
Equalization 69 / 253 146 / 515 69 / 192 66 / 183
Equalizer adaptation 119 / 396 192 / 653 1.0 / 8.8 1.0 / 8.8
Re-orthogonalization - 0.4 / 1.5 - -
Estimation of - - 5.1 / 13 5.1 / 13
autocorrelation
Correlation with the 238 / 238 238 / 238 238 / 238 1192 / 3100
spreading sequence

Total 427 / 887 577 / 1407 314 / 453 1264 / 3305

Multiplications
Equalization 77 / 261 154 / 522 77 / 200 73 / 190
Equalizer adaptation 115 / 392 161 / 530 1.2 / 9.4 1.2 / 9.4
Re-orthogonalization - 0.5/1.5 - -
Estimation of - - 4.8 / 12 4.8 / 12
autocorrelation

Total 192 / 653 315 / 1054 83 / 222 83 / 212

Table 5.13. Number of operations in 106 operations per second for the Rake receiver
detecting either a physical channel with a spreading factor of 64 (Case A) or 15 physi-
cal channels with a spreading factor of 16 and a channel with a spreading factor of 64
(Case B). Values are presented for both the pedestrian and vehicular channel.

Case A Case B
pedestrian / vehicular pedestrian / vehicular

Additions
Correlation with the 31 / 61 477 / 954
spreading sequence
MRC 0.4 / 0.8 22 / 51

Total 31 / 62 499 / 1005

Multiplications
MRC 0.5 / 1.0 29 / 59
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5.5.2 Requirements on finite precision computation

The impact of fixed-point number representation on the performance of the equalizers is
considered in this section. The effect of the analog-to-digital converter (ADC) on DS-
CDMA receiver performance has been studied, e.g., in [174] and the conventional rake
receiver with finite signal precision has been studied, e.g., in [175]. Here, the CR-MOE
equalizer and the prefilter-rake equalizer are studied with a fixed-point implementation.
The adaptation of the prefilter-rake considered is based on sample matrix inversion dis-
cussed in Section 4.4. The purpose of the study is to validate the suitability of the equalizers
for finite precision implementation and to define adequate fixed-point word lengths for dif-
ferent parts of the equalizers. The equalizer model is divided into four separate parts with
independent word lengths: the ADC, the signal path, the adaptation algorithm, and channel
estimation (CE). A block diagram of the CR-MOE equalizer illustrating the division into
parts is depicted in Fig. 5.28.

In a fixed-point implementation, the range of signal values is balanced with the range
and resolution of the number presentation [176]. In other words, a trade-off is made be-
tween saturation and quantization errors. In practical implementations, this is carried out
with appropriate scalings of the signal. One approach to optimize the balance is to min-
imize the mean square error (MSE) caused by the fixed-point number presentation. The
minimization of the MSE is presented for signals with a Gaussian distribution in [177].
However, the signal distribution is not necessarily Gaussian in all parts of the equalizer.
In the numerical evaluations, the distribution of the signal was followed by a signal level
histogram in different parts of the receiver. If a Gaussian distribution could not be assumed
for the signal, the range of the fixed-point presentation was defined based on the range of
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Fig. 5.28. Block diagram of fixed-point CR-MOE equalizer. Receiver parts with separate fixed-
point precision are shown.
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Fig. 5.29. Bit error rate versus SNR per bit for the fixed-point CR-MOE equalizer in the vehic-
ular channel with a terminal velocity of 120 km/h.

the signal to be quantized. Otherwise, the variance of the signal was calculated and the
optimum range parameters [177] employed.

The uncoded bit error rate performance of the equalizers was evaluated in the Rayleigh
fading channel defined in Table 5.2. The transmitted signal was composed of 2 physical
channels with a spreading factor of 8, 17 channels with a spreading factor of 64 and a
CPICH with a spreading factor of 256. The desired channel was a channel with a spreading
factor of 8, resulting in an ED/ET of –6.6 dB. In the evaluations,Eb/N0 ranged from 0 dB
to 20 dB, corresponding to geometry factors ranging from –2.4 dB to 17.6 dB. The terminal
velocity was set to 120 km/h and equalizers with one receive antenna were considered. A
detailed description of the study is found in [178] with additional results.

Bit error rates are presented against Eb/N0 for the CR-MOE equalizer with different
word length configurations in Fig. 5.29. It can be noted that the adaptation algorithm and
channel estimation need a 16-bit word length to function without a considerable loss in
performance. There is some loss in performance with 12-bit resolution and the adaptation
does not function properly at all with an 8-bit word length. With 8-bit resolution, the
adaptation step size is frequently smaller than the minimum quantization step size, which
causes severe degradation in the adaptation algorithm performance. This is known as the
stalling or lock-up phenomenon [127, 179]. The phenomenon degrades the performance
also with 12-bit resolution. For the ADC and for the signal path in the receiver, 6-bit and
8-bit word lengths are found to be sufficient, respectively.

Bit error rate performance is presented in Fig. 5.30 for the SMI-based prefilter-rake
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Table 5.14. Adequate word lengths for fixed-point CR-MOE and SMI-based prefilter-rake
equalizers.

CR-MOE SMI-based prefilter-rake
equalizer equalizer

ADC 6 bits 6 bits
Signal path 8 bits 12 bits
Channel estimation 16 bits 12 bits
Adaptation 16 bits 12 bits

equalizer. In the adaptation, diagonal loading was used in the received signal covariance
matrix estimate to circumvent the eigenvalue spread induced problems. Diagonal loading
was found to be crucial in order to achieve acceptable performance with a fixed-point im-
plementation. It was noted that the adaptation algorithm and channel estimation perform
without remarkable losses with a 12-bit word length, but the signal path also needs 12-bit
resolution to function well. The ADC is applied with a 6-bit word length.

The adequate word length configurations for the equalizers according to the presented
results are listed in Table 5.14. The considered equalizers are well suited for fixed-point
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implementation with reasonable word lengths. The precision requirements for the equal-
izers are also comparable, with the CR-MOE equalizer requiring a higher precision in the
adaptation and the SMI-based prefilter-rake equalizer in the signal path.

5.6 Summary and discussion

The feasibility and benefits of adaptive terminal equalizers were studied with respect to
some key elements of the WCDMA downlink. These elements include FEC coding, soft
handover, transmit diversity, HSDPA and the suitability of the equalizers for practical im-
plementations. From the issues considered, soft handover and transmit diversity are ex-
pected to be possible pitfalls for the equalizers. The goal of the study was an assessment of
the equalizers developed and, thus, full link performance evaluations were not included.

The performance of the equalizers was evaluated in conjunction with powerful turbo
coding. In the performance evaluations, the effects of interleaving depth, addition of a
second receive antenna, and transmission power control were also addressed. In all cases
the equalizers provided significant performance gains when compared to the conventional
rake receiver. Somewhat larger gains were achieved when comparing performance with a
shorter interleaving depth. This indicates that equalizers are more beneficial for services
with strict delay requirements. The equalizers considered were the CPICH trained equalizer
and prefilter-rake equalizer with HRLS adaptation, that is, an adaptive equalizer with sim-
ple adaptation but rather modest performance and an equalizer with good performance but
rather sophisticated adaptation. From the results it was noted that the performance differ-
ence between the equalizers was on the order of 1 dB, even in severe MAI situations. Thus,
the gain obtained with advanced adaptation techniques is limited, and the computational
complexity of the more sophisticated algorithms must be comparable to the complexity of
the simplest algorithms to justify their use. When the relative power of the desired physical
channel was reduced 2.9 dB (ED/ET was reduced from -15.6 dB to -18.5 dB), the perfor-
mance of the rake receiver degraded severely and a 10−3 bit error rate was obtained for a
9 dB geometry factor. The equalizers exhibited a performance loss of 1 dB with respect
to Eb/N0, and achieved a BER of 10−3 at geometry factors of 4 dB to 5 dB. Thus, when
the channel equalizers are combined with FEC coding and transmission power control, low
error rate communications can be efficiently achieved even in situations of severe intra-cell
interference. On the other hand, the use of the equalizers allows remarkable reductions in
the transmit powers for the terminals facing frequency selective channels. This in turn de-
creases overall interference in the WCDMA network resulting in higher network capacity.

In soft handover, inter-cell interference dominates over intra-cell interference. Soft han-
dover is clearly a challenging environment for the equalizers to provide performance im-
provements. Nevertheless, the equalizers exhibit two advantages in soft handover when
compared to the rake receiver, namely, a smaller signal power requirement at a cell edge,
and a narrower handover region requirement. The advantages remain marginal in the case
of 1-antenna equalizers during handover between cells. With two receive antennas and
spatial equalization, the equalizers also suppress inter-cell interference. In this case, the
aforementioned advantages are substantial. Hence, the use of a 2-antenna equalizer ben-
efits either the user with a more reliable connection during handover, or the network by a
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decrease in interference and in the number of users in handover, resulting in higher network
capacity. In other words, remarkable advantages can be achieved already with two receive
antennas when combined with equalization. Higher gains are expected in a handover be-
tween sectors for both 1-antenna and 2-antenna equalizers.

The performance of the CR-MOE equalizer was evaluated in conjunction with closed
loop mode 1 and open loop transmit diversity. Terminal receives the base station signal
through multiple channels with transmit diversity. To guarantee the cancellation of inter-
ference between spatially separated signals, the number of receive antennas must be at least
equal to the number of signals [45, 168]. Thus, the equalizers with one receive antenna fail
to provide significant gain over the rake receiver. The equalizers with two receive antennas
are able to suppress intra-cell interference, but reasonable performance gains are achieved
only at high geometry factors or in frequency selective channels which are not attractive for
the employment of transmit diversity. Based on the results, the equalizers do not provide
significant performance improvements over the rake receiver in cells with nearly flat fading
channels and transmit diversity.

The performance of the equalizers was also considered with respect to the HSDPA. The
HSDPA link adaptation is based on efficient utilization of SINR at the output of the detec-
tor. Therefore, an increase in the average SINR makes a wider coverage of HSDPA services
as well as a higher system throughput possible. The results on average SINR show that the
equalizers are well suited for HSDPA and they provide significant performance improve-
ments over the rake receiver. During the study, SINR gains exceeding 3 dB were observed
with geometry factors of practical interest. The results indicate that HSDPA services can
be efficiently supported with equalizers in the case of a single antenna base station. Further
improvements can be achieved with HSDPA specific receivers either in environments with
strong multipath propagation or with MIMO communications.

The suitability of the equalizers for practical implementation was studied from the points
of view of computational complexity and finite arithmetic precision. From the consid-
ered adaptation methods, the SMI-based adaptation proved to have the lowest complexity,
mainly due to its low adaptation rate. SMI-based adaptation is also well suited for both
chip rate and symbol rate equalizations and, therefore, it supports both high data rate and
moderate-to-low data rate connections, respectively. The complexity of the SMI-based
equalizers is higher than the complexity of the rake receiver, although the relative differ-
ence decreases with increasing data rates. The difference in complexity is acceptable, and
well justified by the performance improvements provided by the equalizers.

The performance of the CR-MOE and SMI-based prefilter-rake equalizers was also eval-
uated with fixed-point numerical precision. The results confirm that the equalizers studied
function with fixed-point presentation with adequate word length configurations. Some
problems were experienced with fixed-point numerical precision. The adaptation of the
CR-MOE equalizer exhibits a stalling phenomenon when the word length is below some
threshold size, which results in a 16-bit resolution requirement for the adaptation algo-
rithm. The prefilter-rake equalizer exhibits sensitivity for the eigenvalue spread of the
received signal covariance matrix, which can be efficiently circumvented with an appro-
priate diagonal loading. As an outcome, the studies showed that the SMI-based equalizer
presents a desired combination of good performance and acceptable implementation prop-
erties. Therefore, the equalizers are also a viable option from the point of view of practical
implementation, and in particular in the case of high data rate connections.



6 Conclusions

Long scrambling sequences prevent the use of conventional multiuser receivers in the
WCDMA downlink. Channel equalization has been recognized as an alternative way to
suppress multiple-access interference in WCDMA terminals in the FDD mode. Linear
channel equalizers achieving interference suppression with an acceptable increase in com-
plexity were studied in this thesis. The topic was introduced and the related literature was
reviewed in Chapter 1. The linear system models necessary for the purposes of the thesis
were defined in Chapter 2.

In Chapter 3, zero-forcing and linear minimum mean square error channel equalizers
were discussed. The equivalence of the LMMSE multiuser receiver and LMMSE chan-
nel equalizer was pointed out, connecting the channel equalizers to the larger framework of
multiuser receivers. However, the exact LMMSE channel equalizer cannot be implemented
with adaptive algorithms and, hence, an approximation of the LMMSE equalizer yielding
to adaptive implementations was derived. Receiver structures for both chip rate and sym-
bol rate equalization were presented, and a connection between the approximate LMMSE
equalizer and the generalized rake receiver was emphasized. Numerical examples demon-
strated that significant performance gains can be achieved with the channel equalizers in
the WCDMA downlink.

Adaptive implementations of the approximate LMMSE equalizer were addressed in
Chapter 4. The adaptive solutions considered utilize the common pilot channel either
directly as a training signal, or indirectly through channel estimation. An adaptation al-
gorithm was derived from the MOE criterion by using the channel response estimate as a
constraint. Another adaptive solution was proposed by applying the idea of sample matrix
inversion. A performance analysis was presented for the CPICH trained equalizer with ei-
ther the LMS or NLMS algorithm, the CR-MOE equalizer, and the SMI-based equalizer.
It was demonstrated through numerical examples that the direct use of the CPICH as a
training signal results in significant performance loss both with chip rate and symbol rate
adaptations. On the other hand, numerical examples showed that reasonable performance
can be achieved with channel response estimate based adaptation methods. The best per-
formance was attained with the prefilter-rake and SMI-based equalizers.

Chapter 5 presented a feasibility study of the channel equalizers in WCDMA networks.
The performance of adaptive equalizers was considered in conjunction with turbo coding,
soft handover, and transmit diversity, as well as from the high speed downlink packet access
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point of view. In the performance evaluations with turbo coding, the effects of interleaving
depth, the addition of a second receive antenna, and transmission power control were also
addressed. In all cases, the equalizers provided significant performance gains over the rake
receiver. Somewhat larger gains were achieved compared to the rake performance when
considering shorter interleaving depth, indicating that equalizers are more beneficial for
services with strict delay requirements. Soft handover was recognized as a challenging en-
vironment for the equalizers to provide performance improvements due to the dominating
effect of inter-cell interference. In the case of one antenna equalizers, the improvements
remained marginal. By extending the CR-MOE equalizer to space-time equalization with
two receive antennas, significant performance gains were achieved. The performance of the
CR-MOE equalizer was also evaluated in conjunction with transmit diversity. The results
revealed that the use of the equalizer does not provide significant performance improve-
ments in cells with transmit diversity and nearly flat fading channels. The benefits of the
equalizers were also considered in the case of HSDPA. The results on average SINR in-
dicate that the HSDPA services can be efficiently supported with equalizers in the case of
a single antenna base station, and significant performance improvements can be achieved
with the equalizers. The suitability of the equalizers for practical implementation was
addressed from the points of view of computational complexity and finite arithmetic pre-
cision. From the considered adaptation methods, the SMI-based equalizer proved to have
the lowest complexity. The CR-MOE and SMI-based prefilter-rake equalizers were found
to operate with adequate fixed-point word lengths.

The results show that the equalizers are feasible in WCDMA networks and they provide
substantial advantages over the rake receiver in general. With the equalizers, lower transmit
powers are sufficient for terminals facing frequency selective channels than with the rake
receiver. This decreases overall interference in the WCDMA network resulting in higher
network capacity. Alternatively, the data rate of the connection can be increased, or the
coverage of a high data rate service can be extended for the same level of transmit power.
These benefits are the most evident with HSDPA services. Linear equalizers are also easily
extended for space-time equalization with multiple receive antennas, resulting in inter-cell
interference suppression. Then two significant advantages are achieved in soft handover,
namely, a smaller signal power requirement at a cell edge, and a narrower handover region
requirement. This benefits the network by a decrease in interference and in the number of
users in handover. However, some issues remain unanswered. The changes in the capacity,
soft handover, or in the coverage of a high data rate service have not been evaluated in a
WCDMA network simulator. It is also an open research problem if the proposed HSDPA
link adaptation and scheduling algorithms can fully utilize the SINR gains achieved with
the equalizers.

The study showed that the SMI-based equalizer presents a desired combination of good
performance, feasible increase in complexity, and acceptable properties with fixed-point
arithmetic. The relative complexity difference between the SMI-based equalizer and the
rake receiver decreases with increasing data rates. SMI-based adaptation is also suitable
for symbol rate equalization. This is an important aspect, since symbol rate equalization is
needed to achieve an acceptable complexity level with moderate-to-low data rate connec-
tions. The Levinson algorithm used constrains the SMI-based equalizer to be chip-spaced.
However, it is highly desirable to extend the equalizer for multiple receive antennas. There-
fore, the properties of alternative algorithms suitable for block-Toeplitz covariance matrices
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need to be considered. The implementation of a SMI-based equalizer opens some problems
related to, for example, control of the equalizer length and update rate. The effects of strin-
gent delay tracking needed by chip-spacing, as well as unfavorable path delay profiles have
not been studied thoroughly.

It has been shown in this thesis that linear channel equalizers provide significant perfor-
mance improvements with an acceptable increase in complexity, in particular in the cases
of frequency selective channels and high data rate services. However, the use of equalizers
does not have any significant impact on the overall network performance when the termi-
nal is receiving only some control information every now and then, as for example in idle
mode, or when the terminal is in a cell with a light traffic load. Hence some savings can
be achieved in terminal battery consumption if the rake receiver with a lower complexity
is used in these situations. In other words, it is desirable that the terminal can dynamically
select between the rake receiver and the equalizer. This issue has not been considered in
this thesis and not in depth in the literature. Nevertheless, it is important for the practical
implementation of the receiver and it can be identified as an open problem requiring further
study.
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Parameter tables

In this appendix, a number of parameter tables are presented. The channel profiles used in
the numerical examples are defined in Table 1.1. The main characteristics of the WCDMA
– FDD physical mode are listed in Table 1.2. The other tables contain detailed parameters
specific to the corresponding numerical examples.

Table 1.1. Channel profiles.

Vehicular ITU Vehicular Pedestrian ITU Pedestrian
channel channel A channel channel A

Mean Delay Mean Delay Mean Delay Mean Delay
path power power power power

# 1 0 dB 0 ns 0 dB 0 ns 0 dB 0 ns 0 dB 0 ns
# 2 -1 dB 309 ns -1 dB 310 ns -10 dB 114 ns -9.7 dB 110 ns
# 3 -9 dB 716 ns -9 dB 710 ns -19 dB 195 ns -19.2 dB 190 ns
# 4 -10 dB 1090 ns -10 dB 1090 ns -23 dB 407 ns -22.8 dB 410 ns
# 5 - - -15 dB 1730 ns - - - -
# 6 - - -20 dB 2510 ns - - - -
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Table 1.2. Characteristic WCDMA – FDD physical layer parameters.

Multiple access method DS-CDMA
Duplexing method FDD
Detection coherent
Traffic channels – dedicated physical data channel (DPDCH)

– two types of shared channels for high peak rate
and low activity packet-based services

Control channels – dedicated physical control channel (DPCCH)
(time-multiplexed with DPDCH)

– several common control channels
Pilot symbols – continuous common pilot channel (CPICH)

– dedicated pilot symbols on DPCCH
FEC coding (traffic channels) – 1/2-rate and 1/3-rate convolutional coding

– 1/3-rate turbo coding
Multirate methods – variable spreading factor with spreading factors

ranging from 4 to 512
– multicode transmission
– discontinuous transmission

Radio frame length 10 ms, divided into 15 slots
Transmit diversity methods – open loop and closed loop with modes 1 & 2

– time-switched diversity (synchronization channel)
Closed loop TPC – inner loop based on SINR with 1.5 kHz update rate

– outer loop based on received service quality
Channelization sequences orthogonal variable spreading factor codes

(composed of Walsh codes with different lengths)
Scrambling sequences complex valued with period of 38400 chips (10 ms)

(composed of segments of Gold sequences)
Chip waveform root-raised cosine with roll-off factor of 0.22
Chip rate 3.84 · 106 chips per second
Carrier spacing 5 MHz
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Table 1.3. Parameters for Figs. 3.2 – 3.8 in Chapter 3: Multiple access interference sup-
pression in WCDMA terminal receivers.

Transmitted signal
physical channels 4 × G 8 +2 × G 64
desired channel G 64
CPICH G 64, 10% of ET

Channel state information
delays known
channel coefficients known
noise covariance matrix known

Receivers
number of receive antennas 1
number of fingers in rake 4
length of equalizers 192 taps
tap spacing in equalizers 2 taps per chip

Table 1.4. Parameters for Figs. 4.2 – 4.4 in Section 4.1: CPICH trained equalizer with
LMS / NLMS algorithms.

Transmitted signal
physical channels 4 × G 8 + CPICH Figs. 4.2, 4.3

4 × G 8 + G 64 + G 256 Fig. 4.4
desired channel G 8 Fig. 4.2

G 64 Fig. 4.4
CPICH G 8–256, 10% of ET Fig. 4.2

G 16–256, 10% of ET Fig. 4.3
G 256, 10% of ET Fig. 4.4

Terminal velocity 60 km/h

CPICH trained equalizers
length of equalizers 17 taps
tap spacing 2 taps per chip
adaptation step size

chip rate LMS algorithm 2−12

chip rate NLMS algorithm 2−6

symbol rate NLMS algorithm 2−2, 1
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Table 1.5. Parameters for Figs. 4.6 – 4.14 in Chapter 4: Adaptive channel equalizers.

Transmitted signal
physical channels 4 × G 8 + G 64 + G 256
desired channel G 64
CPICH G 256, 10% of ET

Terminal velocity 60 km/h Figs. 4.6, 4.7, 4.10 – 4.13
120 km/h Figs. 4.8, 4.14

Channel state information
delays known
channel coefficients estimated (MA smoother)
signal autocorrelation estimated (MA smoother)

CR-MOE equalizer, Figs. 4.6 – 4.8
Equalizer with Griffiths’ algorithm

length of equalizers 17 taps
tap spacing 2 taps per chip
adaptation step size 2−9

tap leakage coefficient 2−5

adaptation rate 3.84 MHz Figs. 4.6 – 4.8
1.92 MHz Figs. 4.7, 4.8

Prefilter-rake equalizer Fig. 4.10
prefilter length 13 taps (chip spacing)

17 taps (fractional spacing)
prefilter tap spacing chip

2 taps per chip
prefilter adaptation HRLS
forgetting factor 0.998
number of rake fingers 6

SMI-based equalizer, Figs. 4.11 – 4.14
length of equalizers 13 taps
tap spacing chip
diagonal loading multiplicative, ν = 2−4
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Table 1.6. Parameters for Figs. 4.15 – 4.19 in Section 4.5: Performance comparisons.

Transmitted signal
physical channels 4 × G 8 + G 64 + G 256
desired channel G 64
CPICH G 256, 10% of ET

Terminal velocity 60 km/h Figs. 4.15, 4.17 – 4.19
120 km/h Figs. 4.16

Channel state information
delays known
channel coefficients estimated (MA smoother)
signal autocorrelation estimated (MA smoother)

Rake receiver
number of fingers in MRC 4 Figs. 4.15 – 4.18

2 Fig. 4.19

CPICH trained equalizer
length of equalizers 17 taps Figs. 4.15 – 4.18

5 taps Fig. 4.19
tap spacing 2 taps per chip
adaptation step size 2−6

CR-MOE equalizer
length of equalizers 17 taps Figs. 4.15 – 4.18

5 taps Fig. 4.19
tap spacing 2 taps per chip
adaptation step size 2−9

tap leakage coefficient 2−5

adaptation rate 3.84 MHz

Prefilter-rake equalizer
prefilter length 13 taps Figs. 4.15 – 4.18

5 taps Fig. 4.19
prefilter tap spacing chip
prefilter adaptation HRLS
forgetting factor 0.998
number of rake fingers 6 Figs. 4.15 – 4.18

3 Fig. 4.19

SMI-based equalizer,
length of equalizers 13 taps Figs. 4.15 – 4.18

5 taps Fig. 4.19
tap spacing chip
diagonal loading multiplicative, ν = 2−4

sampling rate RA 480 kHz
equalizer update rate 7.5 kHz



APPENDIX 1/6

Table 1.7. Parameters for Figs. 5.1 – 5.5 in Section 5.1: Equalization with channel coding.

Transmitted signal
physical channels 4 × G 8 + G 64 + G 256 Figs. 5.1 – 5.4

63 × G 64 + G 256 Fig. 5.5
desired channel G 64
CPICH G 256, 10% of ET

FEC coding 1/3-rate turbo coding
internal interleaver in encoder 10 ms
channel interleavers 10 ms Fig. 5.2

80 ms + 10 ms Figs. 5.2 – 5.5
TPC SNR based Fig. 5.4

Terminal velocity 60 km/h

Channel state information
delays known
channel coefficients estimated (MA smoother)
SINR for decoder estimated (SNV)
SNR for TPC known Fig. 5.4

Rake receiver
number of fingers in MRC 11

Prefilter-rake equalizer
prefilter length per antenna branch 15 taps
prefilter tap spacing chip
prefilter adaptation HRLS
forgetting factor 0.998
number of rake fingers 11

CPICH trained NLMS equalizer
equalizer length 16 taps
tap spacing 1/2-chip with one antenna

chip with two antennas
adaptation step size 0.009

Turbo decoder
component decoders log-MAP
number of iterations 5
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Table 1.8. Parameters for Figs. 5.8 – 5.15 in Section 5.1: Equalization in soft handover
situations.

Transmitted signal
physical channels 4 × G 8 +2 × G 64
desired channel G 64
CPICH G 64, 10% of ET

Terminal velocity 60 km/h

Channel state information
delays known
channel coefficients estimated (MA smoother)

Rake receiver
number of fingers in MRC 4 without handover

7 with handover

Prefilter-rake equalizer
prefilter length per antenna branch 19 taps with one antenna

15 taps with two antennas
prefilter tap spacing chip
prefilter adaptation HRLS
forgetting factor 0.998
number of rake fingers 6 without handover

11 with handover

CR-MOE equalizer
equalizer length 23 taps with one antenna

22 taps with two antennas
tap spacing 1/2-chip with one antenna

chip with two antennas
adaptation step size 2−9

leakage coefficient 2−5
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Table 1.9. Parameters for Figs. 5.17 – 5.23 in Section 5.3: Equalization with transmit
diversity.

Transmitted signal
physical channels 4 × G 8 + G 64 + G 256
desired channel G 64
CPICH G 256, 10% of ET

Closed loop mode 1 Figs. 5.17 – 5.18
weight selection criterion SNR
weight update rate 1.5 kHz
errors in weight selection no
feedback delay 2/3 ms (1 slot)
errors in feedback no

Terminal velocity 15 km/h Figs. 5.17 – 5.18
30 km/h Figs. 5.19 – 5.23

Channel state information
delays known
channel coefficients estimated (MA smoother)

Rake receiver
number of fingers in MRC 2 Figs. 5.17, 5.19, 5.20

4 Figs. 5.18, 5.21, 5.22
8 Fig. 5.23

CR-MOE equalizer
equalizer length 11 Figs. 5.17, 5.19, 5.20

10 Fig. 5.22
23 Figs. 5.18, 5.21
22 Fig. 5.23

tap spacing 1/2-chip with one antenna
chip with two antennas

adaptation step size 2−9

leakage coefficient 2−5
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Table 1.10. Parameters for Figs. 5.24 – 5.27 in Section 5.4: Equalization in HSDPA.

Transmitted signal
physical channels 10 × G 16 + 4 × G 64
desired channel G 16
CPICH G 64, 10% of ET

Terminal velocity 30 km/h

Channel state information
delays known
channel coefficients estimated (MA smoother)

Rake receiver
number of fingers in MRC 2 Fig. 5.24

4 Figs. 5.25, 5.26
8 Fig. 5.27

Prefilter-rake equalizer
prefilter length 5 Fig. 5.24

10 Fig. 5.26
19 Fig. 5.25
30 Fig. 5.27

prefilter tap spacing chip
prefilter adaptation HRLS
forgetting factor 0.998
number of rake fingers 3 Fig. 5.24

6 Figs. 5.25, 5.26
12 Fig. 5.27

CR-MOE equalizer
equalizer length 9 Fig. 5.24

10 Fig. 5.26
23 Fig. 5.25
22 Fig. 5.27

tap spacing 1/2-chip with one antenna
chip with two antennas

adaptation step size 2−9

leakage coefficient 2−5
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