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ABSTRACT

This thesis considers the development of synchronization and signal processing techniques
for digital communication receivers, which is greatly influenced by the digital revolution of
electronic systems. Eventhough synchronization concepts are well studied and established
in the literature, there is always a need for new algorithms depending on new system re-
quirements and new trends in receiver architecture design. The new trend of using digital
receivers where the sampling of the baseband signal is performed by a free running oscil-
lator reduces the analog components by performing most of the functions digitally, which
increases the flexibility, configurability, and integrability of the receiver. Also, this new de-
sign approach contributes greatly to the software radio (SWR) concept which isthe natural
progression of digital radio receivers towards multimode, multistandard terminals where
the radio functionalities are defined by software.

Thefirst part of this research work introduces a new technique for jointly estimating the
symbol timing and carrier phase of digital receivers with non-synchronized sampling clock
for both data-aided and non-data-aided systems using a block-based feed-forward architec-
ture. Thistechniqueisapractical, rapidly converging, fully digitally implemented synchro-
ni zation concept based on alow-order polynomial approximation of thelikelihood functions
using the Farrow-based interpolator. A review of maximum likelihood theory, which isthe
basisfor coherent theory of synchronization, definesfirst the criteriaand general framework
for devel oping near-optimum synchronization schemes for digital communication systems.
Then, efficient Farrow-based polynomia approximations of the typical likelihood func-
tions are derived for systematic symbol timing, carrier phase and fine acquisition frequency
synchronization algorithms.

Another important receiver functionality closely related to synchronizationispropagation
delay estimation which isthebasis of positioning technologies. Mobile phone positioning is
becoming unavoidable after the mandate imposed by communications regulatory bodies on
emergency call positioning. The second part of this thesis reviews and devel ops new tech-
niques with subchip resolution capabilities for estimating closely-spaced multipath delaysin
spread-spectrum CDMA systems. Generally, multipath delays caused by distant reflectors
have relatively large delay spread, with more than one chip interval between different paths,
that can be resolved using conventional delay-locked-loop techniques. However, shorter
excess path delays result in overlapped fading multipath components that introduce signifi-
cant errorsto the line-of-sight path delay and gain estimation. Overlapping fading multipath
components are considered as one of the major sources of error that have strong impact on
high precision mobile positioning solutions, aswell as, on mobile applications of dedicated
systems like the Global Positioning System (GPS). An overview of the most promising ge-
olocation positioning techniques for wireless systems that are being standardized is first
provided with a survey of fundamental concepts and major problems in positioning. Then,
the characteristics of different channel models and conventional multipath delay estimation
techniques based on maximum likelihood theory are also discussed. Two new techniques
with subchip resolution capabilities are proposed for estimating closely-spaced overlapped
multipath components. These techniques are intended to improve the accuracy of location
estimates by estimating correctly the delay of the line-of-sight path.
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Chapter

| ntroduction

The high competition between Americans, Asians, and Europeans hasled to the coexistence
of several radio communication systems and promises avery difficult path towards the con-
vergence to a unique standard wireless mobile system, despite of the benefits of common
worldwide standard. This competition introduces new challenges in receiver architecture
design to accommodate the different air interfaces. The natural progression of digital ra-
dios towards multimode, multistandard terminals is a potential pragmatic solution which
is known as the Software Radio (SWR) concept. The main ideais that the radio function-
alities of user terminals are defined by software which allows them to dynamically adapt
to different radio environments. Even though, the software radio was first introduced for
military applications, the digital revolution of electronic systems has enabled software ra-
dio to gradually enter also commercial communication systems. The popularity of digital
solutions over their analog counterparts resides mainly on their greater flexibility, high inte-
gration efficiency, and configurability, as well as on the fast speed at which semiconductor
technologies, digital signal processors, and VL SI circuits are devel oping.

The rapid evolution of communication systems and the new requirements imposed by
the standardization authorities have brought various consumer electronics device types and
a high demand on new communication services, such as mobile phone positioning with
high accuracy. Even if safety was the primary motivation for mobile positioning, a lot
of commercia applications have aready emerged in the market. For the public interest,
mobile phone positioning in a cellular network with reliable and rather accurate position
information has become unavoidable after the Federal Communications Commission man-
date, FCC-E911 docket on emergency call positioning in USA, and the coming E112 in the
European Union [1]. The basic rule of emergency services requires mobile operators to au-
tomatically transfer caller location details to the emergency authorities without regard to
validation procedures intended to automatic caller identification and localization.

International analysts have also predicted that mobile location services are commercially
potential and the most compelling value-added services to the forthcoming third generation
mobile systems, taking into consideration the huge range of services that can be provided
to the mobile users. Recently, several potential technologies enabling the development of
mobile location techniques have emerged and are already competing in the market [2]. A
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2 INTRODUCTION

large number of commercial location-based services are being provided, such as fleet and
resource management, vehicle tracking and person to person location and messaging appli-
cations [3], [4], location specific traffic information, yacht position, map-based guidance,
and navigation [5]. Location based serviceswill allow mobile usersto receive personalized
and lifestyle-oriented services relative to their geographic location, and provide enormous
opportunities for companies and organizations to effectively reach their target groups of
strong purchasing power. However, the successful evolution of the mobile location services
to amassmarket industry reliesmainly on its accuracy, interoperability, end user privacy and
availability of attractive services. In view of the sensitivity of location data to the end user
privacy and security, appropriate technical solutions that satisfy requirements for security
issues must be established to ensure compliance with regulatory rulesin this area.

Since the introduction of the software radio concept, several architectures for designing
SWR radio platforms have been recently developed through the efforts of commercia and
noncommercial organizations [6], [7], [8], [9], [10], [11]. The ultimate goal of designing a
single-chip, flexible wireless transceiver supporting multimode and multistandard compati-
bility introduced new architecturesmoresuitablefor integration. Thecurrent trendisto push
the analog/digital interface towards the antenna to simplify the analog parts and allow the
implementation of most receiver functions digitally, increasing thereforethe flexibility, con-
figurability, and integrability. As one important functionality, these new receivers require
flexible and efficient synchronization algorithms which depend on the system requirements
and receiver architecture design.

In digital communication systems, the continuous-time received signal is sampled and
these samples are used to make the decisions on the transmitted symbols. The sampling of
the received signal must be synchronized to the incoming data symbols. In conventional re-
ceivers, the synchronization is performed using a feedback or feed-forward loop to control
the phase of the sampling clock which generally requires complicated phase-locked-loop
circuits [12]. The new trend of using digital receivers where the sampling of the baseband
signal is not synchronized to the incoming data symbols, reduces the analog components
since most of the functions are performed digitally [13], [14], [15]. In this receiver archi-
tecture, the sampling of the baseband signal is clocked by afreerunning oscillator, and thus
the sampling is not synchronized to the incoming symbols. Therefore, timing adjustment,
and in practice also the carrier phase estimation must be done by digital methods after sam-
pling. One way to perform this is to calculate the value of the signal at the desired time
instants using interpolation. Maximum likelihood (ML) estimation theory is the basis for
coherent theory of synchronization [13]. It provides a general framework for developing
near-optimum synchronization schemes for digital communication systems. Joint estima-
tion of signal parameters using the ML approach yields usually to better estimates with
respect to the lower bound on the variance, known as the Cramer Rao bound, compared to
estimates obtained from separate optimization of the likelihood functions [16].

Another essential receiver functionality closely related to synchronization is the propa-
gation delay estimation which isthe basis for positioning technologies. Multipath effects of
the mobile channel could degrade the location estimate substantially, and they are regarded
asakiller issue in location estimation, and still a challenging topic for research work.

The main goa of the first part of this thesis work isto develop flexible and efficient all-
digital synchronization algorithms with good performance and fast convergence. The work
focuses on new algorithms for jointly estimating the symbol timing and carrier phase of



digital receivers with non-synchronized sampling clock for both data-aided and non-data-
aided systems. To achieve efficient implementation, modest oversampling is used and yet
good timing accuracy is achieved by developing low-order polynomial approximations of
the likelihood functions. The main emphasis is on the derivation of efficient Farrow-based
polynomial approximations of the likelihood function for systematic and practical symbol
timing, carrier phase, and fine acquisition frequency synchronization algorithms.

The second main topic isto develop new techniques with subchip resolution capabilities
for estimating closely-spaced multipath delaysin spread-spectrum CDMA systemsin order
to estimate correctly the delay of the LOS path. Overlapped closely-spaced multipath com-
ponents are considered as one of the major sources of error for accurate mobile terminal
positioning solutions.

Thisthesisis organized asfollows: In Chapter 2, the polynomial-based maximum like-
lihood technique for parameter synchronization in digital receivers with non-synchronized
sampling clock isestablished for both DA and NDA systems. Chapter 3 providesanoverview
of the most promising geol ocation solutions, and introduces new techniques for estimating
overlapped closely-spaced multipath components. A summary of the main results of this
thesis and the author’s contribution to the publications are clarified in Chapter 4. Theresults
of this work are given in the publications included in the appendices. Finally, conclusions
are drawn in Chapter 5.






Chapter

Polynomial-Based ML Technique
for Synchronization in Digital
Recelvers

2.1 INTRODUCTION

In this chapter, new symbol timing and carrier phase estimators areintroduced based on ML
theory for both data-aided (DA) and non-data-aided (NDA) systems, using a block-based
feed-forward architecture. This new technique is a practical, fully digitally implemented
synchronization concept using interpolation for jointly estimating the symbol timing and
the carrier phase. The interpolation method used in this context is efficiently implemented
using the so-called Farrow structure [17] which is characterized by its simple and flexible
realization. The likelihood function is expressed in terms of the polynomial coefficients
obtained from the Farrow-based interpolator. The feed-forward architecture we are consid-
ering provides rapid acquisition characteristics, which are very important especially in the
mobile communication systems where the channel characteristics arerapidly changing, and
in the case of TDMA system, also thetransmission isbursty. Furthermore, the used interpo-
lation approach allows to use modest oversampling (typically twice the symbol rate) while
providing the temporal resolution of a highly oversampled system in acomputationally ef-
ficient manner. In [18], [19], a somewhat similar idea was developed for symbol timing
estimation through polynomial approximation of thelog-likelihood function. Our approach
differs from this earlier idea in that the polynomia approximation of the log-likelihood
function is here derived from the piecewise polynomial approximation of the signal in an
efficient way. This allows the use of lower sampling rate (oversampling factor of 2 instead
of 4). For other approachesto all-digital symbol timing recovery werefer to [14], [15], [20].

This chapter is organized asfollows. Section 2.2 discusses briefly theimportance of syn-
chronization function and different timing recovery techniques. Section 2.3 gives a brief
overview of the maximum likelihood principle for optimum receivers, and presents the typ-
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ical likelihood functions required for deriving systematic symbol timing and carrier phase
synchronization algorithms. Timing adjustment using polynomial interpolation concept for
digital receiver with non-synchronized sampling isreviewed in Section 2.4. The polynomial
approximation of the likelihood functions for both DA and NDA systemsis derived in Sec-
tion 2.5. Finally, asummary of the simulation results which are provided in the Publications
[P1]-[P5] is presented in Section 2.6.

2.2 SYNCHRONIZATION AND TIMING RECOVERY TECHNIQUES

Synchronization is one of the fundamental functions in communication systems. Itstask is
to lock the synchronization parameters of the receiver with the received signal. Estimation
of synchronization parameters, such as symbol timing, carrier phase and frequency is very
essential for performing demodul ation and detection of the data from the transmitted signal
with high reliability. In conventiona receivers, the synchronization is performed using a
feedback or feed-forward loop to control the phase of the sampling clock as shown in Fig.
2.1 (a) and (b). These analog and hybrid methods of synchronization are well established
in the literature and studied thoroughly [13], [21]. However, their magjor drawbacks are the
large amounts of board space, power consumption, and circuit complexity of phase-locked-
loops (PLLs) which are used to control the sampling of incoming signals [12]. Another
synchronization method suitable for digital receiver implementation has been introduced
during the last decade as shown in Fig. 2.1 (¢). In this architecture, the received signal
is sampled by afree running clock and thus sampling is not synchronized to the incoming
datasymbols. Consequently, the synchronization parameters are estimated by digital meth-
ods after sampling. This new type of receiver architecture with non-synchronized sampling
clock isvery relevant to the context of softwareradio. Infact, existing communication stan-
dards are using different data rates, and consequently they employ different master clock
rates. In order to reduce the receiver complexity, we can use a single master clock with this
receiver architecture and generate the different clock rates virtually by means of sampling
rate conversion [10].

The synchronization function is generally very critical to the error performance. Typical
examples shown in Figs. 2.2 and 2.3 illustrate the effect of timing offset and phase error on
theoretical symbol error probability using QPSK modulation [15], [16].

2.3 MAXIMUM LIKELIHOOD ESTIMATION

In this section, the maximum aposteriori (MAP) and maximum likelihood (ML) estimation
criteria are shortly reviewed. Then, the ML criterion is used to device the symbol timing
and carrier phase estimators for both DA and NDA systems.

2.3.1 ML Principle for Optimum Receivers

The optimum decision rule to detect the symbol sequence a in areceived signal corrupted
by noise is based on the maximum a posteriori probability (MAP) estimation criterion, also
known as Bayesian estimation [16]. This decision criterion istrying to select the values of
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(a) Analog Recovery

RF/Analog

—» ADC —»| DSP }—»
Front-end

TIMING CONTROL

(b) Hybrid Recovery

RF/Analog

—» ADC —»| DSP }—»
Front-end

TIMING CONTROL

(c) Digital Recovery

RF/Analog

L .| ADC —» DSP —p
Front-end

L

TIMING CONTROL

Fig. 2.1 Timing recovery methods.

a in each transmitted signal interval based on the observation vector r, such that the set of
posteriori probabilities is maximized. Under the condition that the prior probabilities are
al equa (symbols are uniformly distributed), a detector based on the MAP criterion re-
duces to the decision criterion based on the maximum of the conditional probability density
functions, known as maximum-likelihood (ML) criterion [15].

An optimal ML receiver would perform joint estimation of data a and synchronization
parameters ® = {7, 0} simultaneously [20]. Here, 7 and # denote thetime delay and carrier
phase, respectively. The ML criterion for both data detection and synchronization param-
eter estimation is trying to select the set of values {4,%} which maximizes the likelihood
function p(r|a, ®) asfollows

(a,®) = arg m%Xp(r|a, D). (2.1)
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Fig. 2.2 Degradation of symbol error probability due to different timing errors, A7, using QPSK
modul ation.

10

10

=
o\

Symbol Error Probability

-
OI

-
o\

~10 I I I I I I I I

0 2 4 6 8 10 12 14 16 18 20
EN, (dB)

Fig. 2.3 Degradation of symbol error probability due to different phase errors, A¢, using QPSK
modulation.

Unfortunately, the optimal joint detection/estimation approach is rather complicated for
practical receiver implementation [15], [20]. Therefore, separate data detection algorithms,
and independent estimates of each synchronization parameter are commonly derived for re-
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alizable receiver structures. Depending on the data dependency, there are three main classes
of ML synchronizers:

e The ML data-aided (DA) synchronization algorithms use known data sequence a
(preamble, training sequence) at the receiver for the estimation as follows

(®)P4 = arg mgxp(r|a = ag, P). (2.2

e The ML decision-directed (DD) synchronization agorithms use detected data se-
guence a instead of the true symbol values for the estimation,

(®)PP = arg mgxp(r|a =a,P). (2.3

e Thethird class is the ML non-data-aided (NDA) synchronization algorithms. They
are using neither the data symbol values nor their estimates. However, they remove
the data dependency by averaging over al prior probabilities as follows

p(r[®) = p(rla, @)P(a). (2.4)

Then, by maximizing the above likelihood function (2.4) with respect to each/all
synchronization parameter, the ML NDA algorithms are given by

(®)NPA = arg max p(r|®). (2.5)

2.3.2 Likelihood Function for Systematic Synchronization Algorithms

A linearly modulated transmitted signal in baseband is given by

s(t, ®) = el Za(n)gT(t —nT — 719), (2.6)

n

where the couple (7, ) arethe true values of the unknown clock timing and carrier phase
offsets, respectively, {a(n)} is the sequence of independent equiprobable data symbols,
gr(t) isthe transmitter filter pulse shape, and 1/7 is the symbol rate.

We assume that s(t, ®) is completely known at the receiver except for the synchroniza-
tion parameter vector & which consists of the time delay  and carrier phase #, and possibly
the data symbols. The parameter vector ® is also assumed to remain unchanged over an
observation interval T;, (or sufficiently large number N = Ty, /T of transmitted symbols).

The linearly modulated received signal is given by

r(t) = s(t, ®) + n(t), (2.7

where 7(t) isanindependent white stationary Gaussian noise with flat power spectral den-
sity Ny. Recalling the Gaussian nature of the random process, the likelihood function that
isto be maximized is given by [15], [16]

p(rla, &) = ¢ exp {— %/T (t) - §(t,<i>)‘2dt], 2.8)
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where ¢ is apositive constant, independent of the synchronization parameters which can be
neglected, and §(¢, ®) isthetrial local replica generated at the receiver defined by

5(t, @) —6792 n)gr(t —nT — 7). (2.9)

Maximum likelihood estimation (MLE) is simply trying to minimize the distance between
the corrupted received signal r(¢) and the trial local replica §(t ). Equivalently, MLE
is trying to estimate one or both values from the parameter set & = {7, 9} using the trial
vector & = {7,0} in order to maximize the likelihood function p(r|a, ®).

As mentioned earlier, consistent approximations of the above likelihood function are
needed to derive systematic ML synchronization algorithms. By expanding the integral in
Eg. (2.8), and observing that the energy quantities resulting from the received noisy signal
and the local trial signal can be ignored since they are independent of the synchronization
parameters, it follows [16]

p(rla, ) ~ € exp {% /OTO Re{r(t) 5 (¢, i))}dt]. (2.10)

The above approximation is accurate for constant envelope signals (equal symbol energies),
e.g., M-PSK, but it is commonly used also for QAM signals.

In the basic system model of Fig. 2.4, after down-conversion to the baseband through
mixing and filtering, the received signal isfirst applied to areceiver matched filter gy (),
then sampled with afixed samplingrate 1 /7. Inpractice, theorder of sampling and matched
filter canbereversed. Under the assumptionsthat thetransmitter and receiver matched filters
satisfy the Nyquist properties and the channel isideal, thereis no inter-symbol interference
provided that the samples are taken at the correct time instant, i.e., ;, = 7. By replacing
the local trial signal replica (2.9) in Eqg. (2.10), after some manipulations, the likelihood
function or objective function becomes [20]

2 . .
Ala, @) =& exp {ﬁRe{e i6 Za (n) m(n, T)}], (2.11)
where m(n, 7) denotes samples from the output of the matched filter given by

To
m(n,T) = /0 r(t)gpmr(nT + T — t)dt. (2.12)

Taking the logarithm of (2.11) and dropping the resulting constants, we obtain the log-
likelihood function (LLF)

[(a,®) = Re{e_je Z a*(n) m(n, 7')} (2.13)

An illustrative example of the likelihood function and its first order derivative is depicted
in Fig. 2.5 using QPSK constellation signal and an oversampling factor equal to 50. Sev-
eral techniques for searching the maximum location of the likelihood function have been
devised with acomplexity mostly related to the data sample rate and used technology. The
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Fig. 2.5 Illustrative example of atypical log-likelihood function for 7p = 0.527 and 6y = 0, as
well asitsfirst order derivative.

straightforward approach of calculating the log-likelihood function from the discrete-time
matched filter output samples would require excessive oversampling factor to achieve suf-
ficient temporal resolution, especially with high-order modulations. Generally, the most
straightforward approaches are based on the partial derivatives of the LLF. Namely, the
iterative search procedure or the error tracking feedback method [20]. However, the maxi-
mum search can be facilitated and optimized using the proposed idea of polynomial-based
approximation of the maximum likelihood function.

2.3.3 Data-Aided Estimation

In this case, the symbols {a(n)} used for synchronization (preamble, training sequence)
are known at the receiver. Similarly, the decision-directed synchronization algorithms use
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detected data sequence instead of the true symbol values. For jointly estimating the sym-
bol timing and carrier phase (7,6), the log-likelihood function has to be maximized with
respect to the two parameters 7 and  as follows [15]

(7, é) = arg max ['(7, ) (2.14)

T,0

wherethe LLF (2.13) can be expressed as

‘Za m(n, T ‘Re{e i(6-arg 3, a” () m(n, T))} (2.15)

By observing that the magnitude termin Eq. (2.15) isindependent of 6, the joint estimation
of (7, 60) can be performed by first estimating 7 by finding the maximum of the magnitude
term

7 = arg max ‘ Z a*(n) m(n, 7)‘ (2.16)
and then, the carrier phase estimated is easily deduced as

0 = arg Z a*(n)m(n,T). (2.17)

2.3.4 Non-Data-Aided Estimation

Under the assumptions of low SNR and independent equiprobabl e transmitted datasymbols,
using quadratic Taylor series expansion of the exponential term in the objective function in
Eqg. (2.11) and then removing of the data dependency by averaging, the desired approxima-
tion of the marginal likelihood function is given by [20]

ZE la(n)?] |m(n, 7)|? +Re{ZE ](m*(n,T))ze—zje}_ (2.18)

Detailed mathematical derivations of the above marginal likelihood function are provided
in [20], Chapter 5.

Consequently, for auniformly distributed phase, the likelihood function of Eq. (2.18) is
reduced to

= Z ‘m(n, 7')‘2. (2.19)
Hence, the NDA timing estimate for any linear digital modulation is given by [15]

7 =arg maxz ‘m(n, 7')‘2. (2.20)

For M-PSK signalling, joint symbol timing and carrier phase estimateisfeasible and carrier
phase estimate is given by

= % arg ; (m(n, %))M. (2.21)
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2.4 TIMING ADJUSTMENT USING POLYNOMIAL INTERPOLATION

This section reviews and demonstrates how the symbol timing adjustment can be done dig-
itally using an interpolator if the sampling of the receiver signal is not synchronized to
the symbol timing instants. It is also discussed how the polynomial-based interpolation
methods can be efficiently implemented using the so-called Farrow structure. In the next
section, the polynomial-based interpolation and the Farrow structure are utilized to derive
the proposed ML based symbol timing and carrier phase estimation algorithm.

2.4.1 Receiver with Non-Synchronized Sampling

Inthiswork weconsider thereceiver structurewherethe samplingisdoneusingafee-running
oscillator and the symbol timing and carrier phase estimation and correction are done com-
pletely in the digital part of the receiver, as shown in Fig. 2.4. Here the received baseband
signal after the matched filter, denoted by m(t), is sampled using the over-sampling ratio
of 3 =T/T,, where T and T are the symbol and sampling intervals, respectively. Inthe
digital part of the receiver, the timing error (7;) and phase error (é) are estimated (to be dis-
cussed in the next section) and the symbol timing adjustment is donefirst using interpolator
and, after that, the phase error is corrected using a phase rotator.

For convenience, it is assumed that the ADC sampling rate is an integer multiple of the
symbol rate, and the interpolator output sampling rate is equal to the symbol rate. In this
case, the fractional interval is constant, p; = u, in stationary conditions. The fractional
interval and timing offset are related as follows:

T T
h= g LTJ where i € [0,1). (2.22)

Here, | z| stands for the integer part of x.

2.4.2 The Farrow Structure

It has turned out that the polynomial-based interpolation methods are the most widely used
solution for performing the symbol timing adjustment in digital receivers. The reason for
the popularity of these methodsliesin thefact that interpolator can then be efficiently imple-
mented using the Farrow structure [17]. Thisfilter structure, shown in Fig. 2.6, consists of
L+1 pardld FIRfilters having the transfer functions C(z) forl = 0,1,--- , L. Here L de-
notes the degree of the polynomial interpolation. The impulse response of the interpolator
in each T's-segment with basepoints k = I; to Is:

L

h(t) = hGT) = W(k + )T = S (k)i (2.23)
=0

with ¢;(k)’s being the fixed coefficients of the FIR filters of length I, — I; + 1.
The synchronized output samples of this structure are be given by

y(i) = Y m(n; = k)A[(k + )T, Zvl ni) i, (2.24)
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m(n)

Fig. 2.6 The Farrow structure for polynomial-based interpolation filter.
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Fig. 2.7 Example of theinput and output samplesfor the Farrow structure. Here the over-sampling
ratioisp =T/Ts = 2.

where

I
vi(ni) = Y m(n; — k)e (k). (2.25)

k=I,

TheFIRffilter coefficientsfor the Lagrange interpolation aregiven, e.g., in[14] and for more
general interpolation techniques, see [17], [22], [23].

The idea of the Farrow structure is that the output samples of the FIR filters v (n;) as
given by Eq. (2.25) form a polynomial approximation for the continuous-time signal m(t)
intheinterval n;Ts <t < (n; + 1)T,. The output sample y(i) is then calculated by eval-
uating the value of the polynomial at the time instant determined by /i; according to Eq.
(2.24). Therefore, the time instant for the output sample y(i) = y(:T) is determined by
(seeFig. 2.7)

The advantage of the Farrow structure is that the filter coefficients ¢ (k) are fixed and the
time instant for the output sample can be easily controlled by the fractional interval .
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2.5 POLYNOMIAL APPROXIMATION FOR THE LOG-LIKELIHOOD
FUNCTION

In this section, we derive the polynomial approximation for the log-likelihood function for
both DA and NDA cases. We consider the case of a non-synchronized receiver where the
sampling rateistwicethe symbol rate (7' = 27;), consequently, wearegoing to use 7 and y
in the following to denote the timing error as fractions of the symbol and sampling interval,
respectively. Thefunction of theinterpolation filter isto cal cul ate the correct output sample,
y(i) = y(iT'), a atime using a set of adjacent input samples, m(n) = m(nTy), obtained
from the output of the matched filter based on atiming error estimate /. Here n denotesthe
largest integer for which nT, < iT.

2.5.1 Data-Aided Estimator

In the following, the polynomial approximation for the log-likelihood function is derived
by utilizing the fact that the output samples of the FIR filters in the Farrow structure, de-
noted by v;(n), form an L* order polynomial approximation for the input signal m(n).
Thisapproximation is piecewise polynomidl, i.e., therearedifferent polynomial approxima-
tions for each sample interval. Because we are using two samples per one symbol interval,
there are two different polynomial approximations of the log-likelihood function [P2] cor-
responding to the two halves of the symbol interval. Consequently, from expression (2.16)
the symbol timing is estimated by

(2.27)

7 = arg max
T

Ty (27)] for 0 <7<T/2
Ty(27 —1)| forT/2<7<T

wherethe LLF functions T’y (27) and ' (27 — 1) are generated using odd and even samples
of the matched filter output m(n, 7), asfollows
Ty (27) = SN a*(n)m(2n —1,27) for0<r<T/2 (2.28)
Ty(2r —1) = SN a*(n)m(2n,27 —1) forT/2 <7 <T. '

Also, by using thetiming estimate 7 in the corresponding symbol timeinterval, thecarrier
phase estimate (Eq. (2.17)) becomes

b— { arg 'y (27) for0 <7 <T/2 (2.29)

arglo(27 —1) forT/2<7<T.

The above expressions can be rewritten with respect to the sample interval denoted here
by the fractional interval p. The LLF equation (2.28) becomes

{ Py(uTs) = Xy 0 (m)m(2n — 1, uT;) (2:30)
Lo(uTy) = Yooy a* (m)m(2n, uTy).

The values of m(n, uT) can be interpolated for different values of 1 € [0, 1) by utilizing
the Farrow structure and the original samples m(n). Thus, the interpolated sample values
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expressed as a function of the FIR branch filter outputs in the Farrow structure, 4 (n), and
the fractional interval, p, are given by [P2]

{ m(2n — 1, uTy) = Y1 g vi(2n — 1)t (2.31)

m(2n. juTy) = Yy u(2n)id.

where L isthe degree of polynomial approximation. Finally, by substituting Eq. (2.31) into
(2.30), the polynomial approximation of the log-likelihood function can be written as.

{ Ty(uTs) = Y0l (fo:l a”(nju(2n — D) w (2.32)

Ta(uT) = iy (Sl a* (mu(2m) .

Consequently, the symbol timing and the carrier phase estimation can be performed easily
with the aid of the Farrow structure. First, the polynomial coefficients of the log-likelihood
functions are calculated by averaging the product of a*(n) and v;(n) over N symbols ac-
cording to Eqg. (2.32). It has turned out through simulations that the values of N between
16 and 64 provides good results. Second, the value of the timing error estimate /i that max-
imizes either of the log-likelihood functions {T'y (uT%s), T2 (1Ts) } is computed. Finaly, by
using the timing estimate, the carrier phase estimate is calculated. A formal description
of this algorithm is written as follows:

If max|T'y(uTs)| > max |To(uTs)| then
fi = arg max, Ty (uT5)|
0 = arg[rl(ﬂTs)]
else
fi = arg max, T (uTs)|
6

= arg[['2 (iT5)]
end If

The overall scheme of the proposed DA block-based symbol timing and carrier phase
recovery isillustrated in Fig. 2.8. After the parameters /i and # are estimated, timing ad-
justment is performed by evaluating the value of the polynomial at the given value of /.
Subsequently, the carrier phase is corrected by the factor e=7¢.

Theefficiency of thisalgorithm is dueto the fact that here the block averaging of thelike-
lihood function isdonein the polynomial coefficient domain, and the multiplications with /i
are needed only for the whole estimation block. The above procedure can be used assuchin
the data-aided (DA) systems where the symbol values are known in advance. For example,
GSM does have a known synchronization symbol sequence. In case of decision-directed
(DD) systems, a reasonably good initial estimate for the sampling phase must be known.
This scheme can al so be utilized in non-data-aided (NDA) systems with some modifications
as shown in the following section.
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Fig. 2.8 DA symbol timing and carrier phase synchronization scheme.

2.5.2 Non-Data-Aided Estimator

Similarly to the DA estimators, the symbol timing for the NDA case is derived from expres-
sion (2.20) asfollows [P3]

. Aq(27) foro0 <r<T/2
=l mﬁ‘x{ A(2r—1) forT/2<7<T (2.33)
where the likelihood functions A; (27) and A2 (27 — 1) are given by
A @2r) =N fm2n —1,27)) for0 < r < T/2 (230
As(2r =1) =N jm(2n,2r —1)|® forT/2<7<T. '

Thelikelihood functions (2.34) can also be expressed as afunction of the fractional interval
and interpolation filter branches as follows,

Al(/’l’Ts) - erlvzl ‘ ZlL:() Ul(2n _ 1)/11{‘2 2 35
{ Ay (uTs) = Zgzl ‘ ZlL:O Ul(2n),ul‘2. (2.35)

The carrier phase estimate for an M-PSK signal is deduced by using the above timing esti-
mate 7, as follows

1 N L N\ M
yarg S0, (S, un - i)

1 N L N\M

i M8 Zn:1 (leo Ul@")# )

By noticing that the summation inside the parentheses is actually the output sample of the
Farrow structure y(i) forboth0 < 7 < T/2andT'/2 < 7 < T', Eq. (2.36) can be rewritten

(2.36)
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Fig. 2.9 NDA symbol timing recovery scheme.

- 1 al M
0= i argng1 (y(i) ™. (2.37)

Finally, the symbol timing estimate is reduced to the search of the value of /i that maximizes
either of the likelihood functions {A; (uT%), A2 (1Ts)}. Then, the timing estimate is used
for computing the carrier phase estimate f. Alternatively, this algorithm is described as
follows;

If max[A;(uTs)] > max[As(uTs)] then

/} = arg maxu[A1(/LTs)]M

0 = M arg anl (y(z))
else

o= rg maXu[A2(MTs)]M

0 = arg Zn 1 (y(z))
end If

The overall scheme of the NDA block-based symbol timing and carrier phase recovery is
illustrated in Figs. 2.9 and 2.10. Notice that the influence of the data symbols of this NDA
feed-forward phase estimator is removed by the M** power. Remark also that in this case,
the averaging of the likelihood function cannot be done in the polynomial coefficient do-
main. Consequently, the algorithm is not as efficient as in the DA case with respect to the
computational complexity.

2.6 SUMMARY OF SIMULATION RESULTS

Simulations have been performed to analyze the performance of digital receiverswith non-
synchronized sampling using the proposed polynomial-based ML synchronization algo-
rithms for both DA and NDA cases and the results are shown in the publications [P1]-[P5].
The proposed schemes are ssmulated using an AWGN channel model, and different signal
constellation types (i.e., PAM, QPSK, 16-QAM, and 64-QAM) for different block lengths
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Fig. 2.10 NDA carrier phase estimation scheme for M-PSK modulations.

N. The transmitter and receiver pulse-shaping filters are square root raised cosine filters
with excess bandwidth of 35%.

A frequency domain optimized third order interpolation filter (L. = 3) of length 8 de-
signed by using aminimax synthesis technique [24] is compared in the simulations with the
conventional cubic Lagrange interpolator [13]. The length of the FIR filters in the Farrow
structure for the optimized interpolator is twice as long as for the Lagrange interpolator.
However, the filter coefficients are symmetrical for this optimized design which makes its
complexity of the same order with the Lagrange interpolator. The number of the FIR filter
branchesis four for both interpolators. Also, the simulations are done using the worst-case
timing offset and some selected values of the phase error.

Severa sets of experiments have been conducted for both DA and NDA synchronization
approaches. Theoretical expectations are compared with simulated worst case (with respect
to timing offset) SEP as a function of E;, /N, using different types of modulations. Also,
variance and mean of the timing jitter as well as symbol error probability (SEP) of both
interpolators are compared. The effect of a relatively small frequency error, compared to
the symbol rate, on the synchronization scheme is analyzed in [P4]. The simulation results
demonstrate the efficiency and excellent performance of the proposed block-based feedfor-
ward estimators even in the presence of a small frequency error. Also, the results show
the excellent performance of the frequency domain optimized interpolator compared to the
traditional Lagrange interpolator specially if we want to make use of shorter block lengths
which provide fast acquisition. In [P5], anew frequency estimator for fine acquisition suit-
ablefor thisdigital reciever typeisderived. The ssimulation results of thiswork aregivenin
the publications [P1]-[P5] included in the appendices, and a summary of the main resultsis
presented in Chapter 4.






Chapter

Multipath Delay Estimation for
Accurate Positioning

3.1 INTRODUCTION

In this chapter, we provide an overview of the most promising geol ocation positioning tech-
niques for wireless systems that are being standardized, including a survey of fundamental
concepts and major problems in positioning. Then we briefly review the GPS system. Fi-
nally, we discuss and introduce new techniques with subchip resolution capabilities for
estimating closely-spaced multipath delays in spread spectrum CDMA systems. Generally,
multipath delays caused by distant reflectors have relatively large delay spread, more than
one chip interval, that can be detected using conventional techniques [25], [26]. However,
shorter excess path delays result in overlapped fading multipath components that introduce
significant errors to the LOS path time and gain estimation. The proposed algorithms are
intended to improve the accuracy of location estimates of GPS, as well as, mobile phone
positioning using the cellular network assisted GPS technology by estimating correctly the
LOS path. In the sequel, we will focus our study mainly on the GPS case.

3.2 TECHNIQUES FOR PERSONAL POSITIONING: PRINCIPLES AND
PROBLEMS

Although mobile location is an enhanced feature of cellular systems which are primarily
designed only for voice and data transmission, there exist some basic parameters avail-
able to the network that can be used to generate arough position estimate. These available
pieces of information, such as serving cell identity (ClI), timing advance, and measured sig-
nal strengths of the serving and neighboring cells, can provide only a limited precision of
location which cannot in any case satisfy the FCC requirements [1]. Even though, mobile
positioning is a rather new concept and it is still in its infancy, various geolocation tech-
nologies have been recently devised using either cellular network-based, mobile-based,

21
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or hybrid approaches [2]. Hereafter, we briefly discuss the most prominent positioning
methods that have been approved for standardization within the 3¢ Generation Partnership
Project (3GPP)!, by the sub-committee T1PL.5 of the American T1 Standards Committee,
and subsequently in ETSI Technical Committee SMG. The methodsthat are being standard-
ized by T1P1.5 for GSM are Time of Arrival (TOA), Enhanced Observed Time Difference
(E-OTD), and Assisted GPS (A-GPS) [27]. In addition, Observed time difference of Ar-
rival - Idle Period Down Link (OTDOA-IPDL) and Cell Identity methods have been added
to allow easy migration to the upcoming 3G systems [28].

e Timeof Arrival

Time of Arrival positioning method with known time of transmission (TOT), is a
multilateral and pure network-based approach where multiple base stations listen to
handover access bursts and triangulate the position of the mobile. Measurements of
the exact time of arrival of at least three MS to BSs radio links has to be performed
with respect to a synchronized and common reference time clock [53]. The location
of the user equipment is consequently given by the intersection of the three TOA cir-
cles. TOA positioning requires full network synchronism, which is not the case for
GSM and the forthcoming 3G networks [2].

A more practical and suitable technique for the asynchronous networks is the Time
Difference of Arrival (TDOA) positioning where TOA differences are used in order
to eliminate the unknown TOT from the observations. TDOA technique relies ssm-
ply on the time difference at which signal arrives at multiple BSs, rather than on the
absolute arrival time like the TOA method [29]. TOA estimates of a serving BS and
its neighbor yield one TOA difference which result in a hyperbola that lies between
the two BSs. Measurements of TOA from at least four serving neighbor BSs result
in three hyperbolas. The intersection of the three hyperbolas determines the mobile
device position, and this is known as hyperbolic trilateration [29].

e Enhanced Observed Time Difference

Enhanced Observed Time Difference is basically reversed TOA or mobile terminal
based TOA, where the handset is much more actively involved in the positioning pro-
cess. E-OTD is a unilateral approach that involves the mobile station in estimating
the timing differences between the various base stations [30]. In E-OTD, the mobile
station listens to bursts from several base stations and measures the observed time
differences, which are then used for trilateration of the mobile position as shown in
Figure 3.1.

Unilateral E-OTD principle has been approved for standardization in different cellu-
lar systems. For GSM it is called E-OTD, in 3G systemsit is OTDOA-IPDL, and in
US-CDMA itiscalled Advanced Forward Link Trilateration (AFLT). These systems
have different names mainly because of the different network types and measurement
processes of TOA signals [27].

e Assisted Global Positioning System (A-GPS)

13GPP is ajoint activity of the European ETSI, American National Standards Institute, and Japanese ARIP to
standardize next generation wireless communication systems.
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Fig. 3.1 Principles of E-OTD and A-GPS methods in cellular network.

Assisted Global Positioning System relies on mobile stations having an integrated
GPS receiver aided by the cellular network assistance and support to enhance the
positioning, especialy for the non-line-of-sight (NLOS) conditions and indoor en-
vironments. Assistance data is transmitted from the network to the MS in order to
expedite the GPS signal acquisition search and therefore shortening the time-to-first-
fix from minutes to a second or less [31]. GPS-based positioning appears to be the
most prominent and the leading candidate for wireless systems in terms of accuracy,
reliability, latency, availability, and continuity of service[2].

The major problem of the above described geolocation solutions, with the exception of
A-GPS, is that they are unable to deliver reliable positioning to the end user with homo-
geneous performance in urban, suburban, rural, and indoor environments. Currently, the
efforts are aiming at defining hybridised solutions that satisfy all the imposed requirements,
involving the lowest possible cost and minimal impact on the network and handset equip-
ment. For example, network-based positioning systems have the advantage of working with
all existing mobiles, but have the disadvantage of limited accuracy and requiring additional
investments in the supporting infrastructure. Similarly, mobile station based on stand-alone
GPS provides location capability with high accuracy, also in the absence of wireless cover-
age or network assistance using the same infrastructure, but requires handset modifications,
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receiver could take several minutes to acquire the satellite signals, and generally fails in
radio shadows and indoor environments.

Another magjor source of error that has a strong impact on the accuracy of most ge-
olocation solutions, including GPS, is due to the multipath signal propagation that may
be due to atmospheric reflection or refraction, or reflections from buildings and other ob-
jects. Commonly, in most applications of radio communications and navigations [25], the
line of sight (LOS) signal is succeeded by multipath components that arrive at the receiver
within a short delay spread, that can be less than one chip interval. This causes overlap-
ping fading multipath components and introduces significant errorsin the LOS path time of
arrival and gain estimation. In spread spectrum CDMA systems, such as third generation
mobile communications or GPS receivers, it isimportant to achieve accurate delay estima-
tion (or code synchronization) before despreading and data detection. Also, most spread
spectrum systems use spreading codes with non-ideal correlation properties which result
in co-channel interference, or multiuser-interference, for radio communication systems,
which isalso called multi-transmitter interferencein radio-navigation systems[25]. Gener-
ally, the performance of radio communication systems is heavily affected by the multipath
and multiuser-interferences.

3.3 FUNDAMENTALS OF GPS

The principle of GPS positioning is based on the concept of TOA ranging to determine the
user location. This concept entails measuring the propagation time of signals broadcast si-
multaneously from satellites at known locations. ldeally, the distance between a satellite
and auser receiver isobtained by multiplying the propagation-time (or transit-time) with the
speed of light. The GPS satellites, or space vehicles (SVs), are put in medium earth orbital
planes and they are moving in space at a speed of about 4 km/s along their orbits, repeat-
ing amost the same ground track once each day. Although each SV is equipped onboard
by a pair of ultra-stable atomic clocks, the satellite clocks are maintained in synchronism
by the monitoring control segment that uploads the updated parameters for each SV clock,
together with the navigation message broadcast by each satellite [32].

In theory, areceiver can estimateits position using three TOA measurementsif the satel-
lite and receiver clocks are synchronized. However, in practice the user’sreceiverstypically
employ inexpensive and low-accuracy quartz oscillators as local clocks, which are set ap-
proximately to GPS time. Therefore, the recelver clock introduces certain timing offset
or clock-bias to the true GPS time which affects the observed transit-time for all satel-
lites equally. The receiver can overcome this problem by measuring the distance to four
SVsin view. These measured distances are usually too short, or too long, compared to the
'real’ range by a common amount and they are called pseudo-ranges. In addition to the
3-dimensional coordinates of spatial position, a user needs to estimate the receiver clock
offset. The user position can then be determined by solving the four pseudo-ranges for the
four unknowns [33].
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3.3.1 Satellite Signals

GPS satellite transmissions utilize direct sequence spread spectrum (DS-SS) modulation
[32]. Spread spectrum techniques have been widely in military use because they can com-
bat strong interference and prevent message recovery by unauthorized receivers, and they
have al so been adopted for commercial applications[16]. Spread spectrum communication
systems involve the transmission of asignal in aradio frequency bandwidth much greater
than the datainformation bandwidth to be conveyed. These systems spread the transmitted
signal spectrum over afrequency range substantially greater than the bandwidth of the mod-
ulating data message. In Direct sequence (DS) systems, the spectral spreading is performed
by multiplying the data signal by an auxiliary pseudo random-noise (PRN) code [34].

Each SV broadcasts two types of PRN ranging signals, as well as navigation data which
consists of satellite ephemeris data and satellite health data, allowing usersto measure their
pseudo-ranges and hence estimating their positions, velocity, and time [32]. Figure 3.2 il-
lustrates the GPS signal structure. The ranging signals are pseudo-random noise codes that
modulate the satellite carrier frequencies using binary phase shift keying (BPSK). Each
satellite transmits continuously two microwave carrier signals called the primary carrier,
L, = 1575.42 MHz, and secondary carrier, L, = 1227.60 MHz. The carrier frequencies
are modulated by spread spectrum codes with a unique PRN sequence associated to each
satellite and by the navigation data[33]. The near orthogonality of the PRN code sequences
permitsall the satellites to transmit on the same carrier frequencieswithout incurring signif-
icant mutual interference [34]. PRN codes are simply deterministic binary sequences with
specific statistical random noise-like properties [34]. The family of PRN codes is mainly
characterized by the low cross-correlation between the codes, they are nearly orthogonal,
and the autocorrelation function is almost zero except at zero delay [32].
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3.3.2 Signal Characteristics

The carrier frequency L, is BPSK modulated by two PRN codes, the coarse acquisition
code (C/A-code) and the precision code (P-code), while L, is BPSK modulated only by the
P-code. Low rate navigation datais modul ated to both carriers. The P-codeisavailable only
for USA Department of Defense (DoD) authorized users and, when encrypted, is called Y-
code. P-code is avery long PRN code with arepetition period of one week and chipping
rate of 10.23 MHz and is the basis for precise position services (PPS). The C/A-codeis a
gold code sequence of length 1023 chips, with arepetition period of 1 ms, and anull to null
bandwidth of about 2.046 MHz, ten times smaller that of the P-code [32]. C/A codes are
intended for civil standard position services (SPS) and availablefor all users. The I, carrier
ismodulated by C/A code sequence combined with the navigation data inphase quadrature
with the precision P-code combined with the data [36]. Thus, as shown in Fig. 3.3, the
modulation of the civil C/A-code combined with the datais orthogonal to the modulation
of the P-code added with the data on the L; signal. The navigation data consists of alow-
rate (50 bits/sec) bit-stream describing the satellite orbits (ephemeris and almanac), clock
corrections, and other parameters.

The received power levels on earth of the three GPS signals transmitted by the SVs are
extremely weak and depend on the user elevation angle[32]. The minimum received signal
power level, correspond at an elevation angle of 5° from the user’s horizon are —160 dBW
for the C/A-code, —163 dBW for P(Y)-code at L, and —166 dBW for P(Y)-code at L.
Table 3.1 summarizes the GPS signal structure and the minimum received signal power at

P(Y)-Code

2.046 MHz %

C/A-Code

LZ 7
20.46 MHz

P(Y)-Code

Fig. 3.3 GPSsignal spectrum (positive side).

an elevation of 5°. The change in the received power levels with respect to the user eleva-
tion angle and signal structureisillustrated in 3.4. GPSis limited by the weak penetration
indoor of the satellite signal. Multipath effects are considered as one major sources of error
in precise GPS positioning services. It affects the code range, the carrier phase measure-
ments, and also the signal power which is an average of the composite of signal power of
the direct and multipath components.
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Table 3.1 GPSsignal structure and minimum received signal power.

Signal P(Y) & L1 CIA & L4 P(Y) & Lo
Carrier Frequency (MHz) 1575.42 1575.42 1227.60
PRN Codes (M chips/sec) 10.23 1.023 10.23
Navigation Data (bits/sec) 50 50 50
Minimum Received Power (dBW) —163 —160 —166

-157

Received power
indBW

BN

TN

-163

0 5 20 40 60 80 90

User elevation anglein deg

Fig. 3.4 User received minimum power levels with respect to the user elevation angle and signal
structure.

3.4 MULTIPATH DELAY ESTIMATION TECHNIQUES

3.4.1 Channel Models

In amultipath fading environment, the channel can be modeled by alinear time-variant filter
characterized by the complex-valued lowpass equivalent impul se response [26]

N
h(r,t) = Z a, (£)e? P D5 (1 — 1, (1)) (3.1)

n=0

where N represents the number of propagation paths, o, (t), ¢, (t) and 7,,(t) arethe ampli-
tude, the phase, and the propagation delay of n*" path, respectively. The channel is assumed
to remain stationary during the considered observation time interval. In the sequel, the no-
tation «,, ¢,, and 7,, will be adopted for smplicity.
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By assuming that h(7,t) is azero mean, complex Gaussian random variable and wide-
sense stationary, it can be described by the following fading autocorrelation function [16]

Ri(r,At) & E[h* (r;t)h(r:t + At)] (3.2)

which gives a measure of the speed of channel variations. For At = 0, the autocorrela
tion reducesto Ry, (7,0) = Ry (1), caled theintensity profile of the channel measuring the
expected received power as afunction of the delay 7. The delay-spread of the channel, de-
noted by T,,,, isgiven by theregion over which the Ry, (7) isnot equal to zero and it indicates
the degree of the time spreading in the channel. Thus, thereciprocal B, = 1/T, is defined
as the coherence bandwidth of the channel and it is a measure of the frequency selectivity.
The multipath components have different path lengths resulting in different propagation de-
lays. The delay spread of a channel depends in part on the proximity of scattering objects
to the transmitter and receiver.

Due to the time variations in the medium structure, multipath delays are generaly time-
varying. Therateat which these-time delays vary, influences strongly the multipath channel
effects on the signal. Time-variant multipath characteristics of the channel are analyzed
using the spaced-time spaced-frequency correlation function of the channel given by [16]

Ru(Af;At) £ E[H*(f;0)H(f + Af,t + Ab)]. (33)

Here H(f;t) isthe Fourier transform of h(7;¢) and the time variations in the channel are
measured by the time spacing parameter At.

Another way to express the rapidity of the channel variations and to reflect the Doppler
effects, isby meansof the Fourier transformof Ry (A f; At) with respect to thetime spacing
At asfollows[26]

400
Su(Afiv) 2 / Rir(Af; At)e=2m Atg A, (3.4)
In particular for A f = 0, the Doppler power spectrum of the channel is defined by
+oo
S(v) = Su(0,v) = / Ry (At)e™72™ At At, (3.5)

The width of the region over which S(v) is non-zero, is caled the Doppler spread of the
channel, denoted here by B, anditsreciprocal is called the coherencetime (At). = 1/By.
The Doppler spread function characterizes the rapidity of the fading and is used in model-
ing Doppler shiftsin the frequency domain caused by the relative motion of the transmitter,
scatterers, and receiver. Slowly fading channel has a small Doppler spread B;, which
corresponds to along coherence time.

Different types of fading channels do exist depending on the value of spread factor 7, By
of the channel, as well as, on the bandwidth W = 1/T of the lowpass equivalent received
signal [35]. For example, for afrequency nonselective flat and slowly fading channel, the
spread factor is less than unity, 7, By < 1. Inthis case, the signal bandwidth is very small
compared to the coherence bandwidth of the channel W <« B,, aso the signalling interval
is very small compared to the coherence time T' < (At). and the channel properties re-
mains constant during asymbol interval. Similarly, if the spread factor is greater than unity
T, Bg > 1, it indicates that we have either afrequency selective channel W > B, or afast
fading channel 7' > (At)..
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3.4.2 Conventional ML Based Approaches

After down-conversion of the received civil signal to baseband through mixing and filter-
ing, the received GPS signal from one satellite in the presence of M -path channel can be
modeled as [25], [37]

r(t) = xz(t) +n(t)
= Y a0t —mn)e" +n(t), (3.6)

1=0

where C'(t) is the real spread-spectrum code with a chipping rate 1/7¢ much higher than
the navigation data stream rate 1/7p = 50 bits/s, and n(t) is an additive white Gaussian
noise with power spectral density N,. The time-variant a;, 7; and ; represent the attenua-
tion factor, time delay, and phase for the i path, respectively. The estimation of the set of
parameters{a;, 7;, 0; } isvery essential for locating the line-of-sight path, and consequently
for determining the GPS position, velocity and/or time.

Assuming that the down-converted signal r(¢) is completely defined in the observation
timeinterva Tp, the conditional likelihood function based on the observation vector r for
agiven set of synchronization parameters ® = {a, 7,60} isgiven by

p[r|®] = fexp{ N /TD [r(t) — ;%(t)]Zdt} (3.7

where ¢ isjust apositive constant independent of the synchronization parameters which can
be neglected, and z(¢) isthelocal trial signal replica generated at the receiver, modeling the
estimated line-of-sight and multipath signals

M-—1
B(t) =Y a0t —7)el”. (3.8)
1=0
Multipath delay estimation techniques are based on the maximum likelihood theory [25]
which aretrying to estimate the set of parameters{a, 7,6} by minimizing the mean squared
error of the log-likelihood function (LLF) given by

Lass(a, 7,0) = Re{ /TD [r(t) — ;%(t)]Zdt}. (3.9)

Thus, the synchronization parameters are determined by differentiating the above LLF func-
tion with respect to the synchronization parameters, then setting the partial derivatives equal
to zero. The partial derivative with respect to the time-delay estimate is given by [25]

M-1

0 . A
_9 7 _ P _ 2N\t | 30
= 287’ [Re{ |:ch(7') E .ach(T 7)e ]e }} B
T=T; 1=0,1%i T=Ti
(3.10)
Intheaboveequation, R,..(7) istheinphase/quadraturetime-average cross-correlation func-

tion over the observation time interval Tp, given by

— %/T r(t)C(t — 7)dt, (3.11)

3-LML(di77_7 él)

or

Ryc(T)
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and R.(7) is the reference time-average correlation function of the spreading code, given
by

R(r) = — [ cwo - . (312)

Tp Jr,

Different methods have been derived for finding the multipath delays, including coherent
and non-coherent delay locked loops (DLLS) with proper early and late code spacings [34],
[37] [38]. These methods arejust trying to track the delay of the line-of-sight path by corre-
lating the down-converted received signal with replicas of spreading codeslocally generated
by the DS-SS receiver.

Normally, by spreading the transmitted signal over abandwidth larger than the coherence
bandwidth of the channel, we can decrease the effects of multipath fading. The bandwidth
spread makes it possible to separate different multipath signals if their relative delay dif-
ference exceeds one chip interval. Typically, distant reflectors have relatively large delay
spread with morethan one chip interval between successive paths, therefore, resulting multi-
paths can be removed by correlator-based mitigation techniques [25]. Thus, by maximizing
the partial derivative equation of the LLF (3.9) with respect to the time-delay, the desired
ith path estimate can be written as follows,

M-1
7; = arg max [Re{ [RTC(T) - Z R (T — ﬁ)ejé’]e_jé"}]. (3.13)
1=0,1£i

Similarly, by differentiating equation (3.9) with respect to the carrier phase and ampli-
tude, and by solving the partial derivative equations for the A/ multipath components, the
estimated carrier phase and amplitude for the i*” path are, respectively, given by [25]

M-1
0 = arg [Rc(7) = Y aRe( — 7)e’” | (3.14)
1=0,1%i
M-1 A A
a; = Re{ [ch(ﬁ') — Z arRe(7; — ﬁ)ejel]e_jgi}- (3.15)
1=0,1%i

Basic DLLs can estimate efficiently the multipath propagation delays if they are not over-
lapping and spaced at more (1 + A)T¢, where A being the loop discriminator value or
early-late code spacing. However, the effects of offset paths are ignored. Severa stud-
ies have been conducted to analyze the effects of multipath delays on coarse acquisition
techniques [39] and fine acquisition techniques[40]. Delay locked loop (DLL) circuits gen-
erally fail to estimate closely-spaced multipaths with less than one chip interval, besides
their convergence can be quite slow [25], [26], [37], [38]. Fig. 3.5 shows an example of
S-curves obtained viaanon-coherent DLL (NCDLL) with SN R = 20 dB for half chip and
two chips spaced taps. We clearly notice that NCDLL fails to detect very closely spaced
multipaths [35].

Another illustrative examplein Fig. 3.6 shows the effect of multipath propagation on the
S-curve with different early-late spacing values. Notice that the multipath components bias
thetracking of the DLL. Smaller discriminator values may reduce this bias effect but are not
able to eliminate it completely. However, as the excess path delays becomes smaller, they
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Fig. 3.5 Non-coherent DLL S-curve for a multipath channel.

result in shorter delays spread. Consequently, the LOS signal overlaps with the succeeding
multipath components of short delays introducing significant error to the LOS path time and
gain estimation.

Generally, multipath delay estimation techniques are based on the cross-correlation func-
tion (Eg. 3.11) of the down-converted signal de-spread with a copy of the spreading code
locally generated by the DS-SS receiver. The advanced multipath estimating DLL tech-
niques [38] are trying to approximate the overall cross-correlation using a set of reference
correlation functions (Eg. 3.12) with certain delays, phases and amplitudes according to
Egs. (3.13), (3.14) and (3.15).

Many other techniques for mitigating the effects of multipath delays have been devel-
oped, including several subspace-based approaches. However, they are usually too complex
for practical purposes and suitable only for systems employing short codes [41], [43], and
the topic remains still an open area of research.

3.4.3 Multipath Delay Estimation Using Peak Tracking with Pulse
Subtraction

Assuming that thelocally generated code at the receiver side islocked to the received signal
code (locally generated real code corresponds to the SV received signal code), by substitut-
ing equation (3.6) into (3.11), the cross-correlation function is simply expressed by

M-1
Ryo(T) = % > el | Clt=m)C(t -t + % a0 - )t (316)
=0 D D
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Fig. 3.6 Effect of multipath propagation on the S-curve of a non-coherent DLL using different
discriminator values A and two paths channel.

Generally, practical GPS receivers perform averaging over short-time observation intervals
less than the navigation data interval T to speed up the SV signals tracking. Normally,
even-though we are considering averaging over asufficiently large observation timeinterval,
we shall consider the following biased estimator

. g COC(E —)dt for|7| < Ty
T’ (T) = D .
D 0 otherwise

whose expected value or mean is given by [42]

_ 7l

E{Ry } = R(7) (1 T},)) = R(1) A (7, Tp). (3.17)

Here, A(7,Tp,) denotes atriangular function defined as follows

/ 1—|7|/Tp |7| < T
N(T.T~) = D =+D
(7 Tp) { 0 otherwise.

Recalling the Gaussian nature of the random process as well as the mean of the biased
estimator (3.17), the expectation of the above cross-correlation function (3.16) becomes

(3.18)

M—1
|7 — 7]

E{R,.(1)} = gaieﬁi}zc(f—n)(1— Tb )

M—1
= Z aie’ Ro(1 — 1) A (1 — Ti,TID). (3.19)
i=0
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Notice that the expected value of the cross-correlation function is expressed simply as a
weighted sum of delayed correlation functions times triangular windows with certain am-
plitude and phase specific to each signa path. The correlation effectively amplifies the
underlying BPSK data signal, with an amplification factor equal to the length of the PRN
Gold code sequence.

The proposed peak tracking with pulse subtraction approach for estimating the muilti-
path delays is analogous to the advanced DLL techniques [25] in the sense that it is trying
to estimate the overall cross-correlation function using a set of reference functions, but with
different and simpler implementation. This approach is based on the search of the global
maximaof the cross-correlation function (Eg. 3.16). Then, the contribution of each selected
maximum is reduced from the overall cross-correlation using the autocorrelation function
of arectangular pulse [54]. The proposed technique is described further by the following
algorithm:

e find the global maximum

1= arg maxr “RTC(T)H :

e compute the residual cross-correlation function
Ryc1(T) = |Rpe(T) — Rpe(71) A (1 — 7).

¢ find the globa maximum of the residual cross-correlation function

To = arg max, [|RTC,1(T)|].
e estimate successively the next M., — 1 maxima

#, = arg max, [\ch(r) S R () A (7 — %,,Tc)\], k=23, M.

Here R, ;(7) istheresidual cross-correlation function after I*" peak subtraction, M, isan
estimate for the number of multipaths of the channel (it can be taken equal to the number of
fingers (or correlators) asin a Rake receiver). By using theideal code correlation pulse for
subtracting the contribution of each channel path, we are able to detect very closely-spaced
multipaths within less than one chip period (|7 — 7| < T¢) [54].

Only asimplified generic structure is presented above to describe the algorithm. How-
ever, instead of choosing the global maximum of the envelope of the residual correlation
function as atrue multipath component, we can take into account the merging phenomena.
Hence, we try a set of multipath delays within acertain window around the global maxima
with different weights, and the final estimates are those which give the best approximation
of the correlation function in the mean sguare error sense.

3.4.4 Multipath Delay Estimation Based on Teager-Kaiser Operator

In this section, weintroduce an innovative multipath delay estimation approach based on the
nonlinear quadratic Teager-Kaiser operator that exploit the structure of the cross-correlation
function (Eq. 3.11) for estimating sub-chip spaced multipath components.

The nonlinear quadratic TK operator was first introduced for measuring the real physi-
cal energy of asystem [44], [45]. The energy of agenerating system of asimple oscillation
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signal was computed as the product of the square of the amplitude and the frequency of the
signal. It was found that this nonlinear operator exhibits several attractive features such as
simplicity, efficiency and ability to track instantaneously-varying spatial modulation pat-
terns. Since its introduction, several applications have been derived for one-dimensional
signal processing [S3], [46] (note that proposition 3in [46] is erroneous as pointed in [47])
and two-dimensional signal processing [48], [55].

The continuous-time TK energy operator of a complex-valued signal z(¢) is defined as

follows [S3]

Wl (1)] = #(1) (1) — 5 ()" (1) + o(0)i (1) (3.20)

Similarly, the discrete-time Teager operator of acomplex valued signal is given by

Uylz(n)] =z(n — 1)z*(n — 1) — %[ZL‘(TL —2)x*(n) + z(n)x* (n — 2)). (3.21)
Many useful properties of this nonlinear quadratic operator have been derived, and the
analogy with the discrete-time domain has also been established [49], [56].

We notice that applying the continuous-time TK operator to the idea reference corre-
lation function of the spreading code which is characterized by the triangular shape (Eqg.
3.18), we obtain
H(tv TC’) + A(tv TC)é(t)

\IIC[A(t,TC)] = Té To ’

(3.22)

where §(¢) is the Dirac function, and I1(¢, T¢>) stands for a rectangular function with unit
amplitude and duration 27 centered at ¢ = 0 defined as

1(t, Tc) = { 0 otherwise.
Obvioudly, Eq. (3.22) shows that the TK operator applied to atriangular function provides
aclear time-aligned peak location of the triangular pulse in the presence of a certain ' noise’
floor.

Assuming now that the cross-correlation function is the sum of M triangular pulses as
follows

M
R(t) = a; A(t—t;,To)el, (3.23)
1=0

where a;, t; and 6; denote the amplitude, delay and phase, respectively. By applying the
TK operator to the above equation we obtain

W.[R(1)] = T—lc

M 2
< Z aisign(t — t;)II(t — t;, Tc) cos 91>
i=0
M 2
+ < Z aisign(t — t;)II(t — t;, Tc) sin 9i> ]
i=0

R*(t) (é aid(t — ti)ej9i> + R(t) (é aid(t — ti)e_jal)} .(3.24)

L1
2T¢
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Notice that the above expression becomes very large if thetime variable ¢ isequal to one of
the true delays t;. Thus, equation (3.24) shows that the TK operator is capable of tracking
very accurately the peak locations of the triangular pulses within certain 'noise’ floor [57]
independently of the delay spacing between the multipaths.

By exploiting the above properties of the quadratic operator, we found out that by ap-
plying this nonlinear TK operator to the specific cross-correlation function (Eq. 3.11) of
a GPS receiver, one can easily estimate the multipath delays introduced by the channel.
The multipath delays are smply estimated by selecting the time location of the highest
(strongest) peaks of the Teager-Kaiser operator output function (equal to the number of fin-
gers in the Rake receiver). Simulation results provided in publications [P6]-[P8] show the
high performance of this innovative technique.
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4.1 RECEIVER SYNCHRONIZATION STUDIES

A general approach for discrete-time modeling and simulation of continuous-time signals
and systems based on digital interpolation techniquesisintroduced in[P1]. We demonstrate
that polynomial interpolation utilizing the generalized Farrow structure results in efficient
polynomial signal processing models with moderate computational complexity. Normally,
the lowest sampling rates which are sufficient for system modeling, are not sufficient for
obtaining informative and accurate models. In cases where computational efficiency is an
issue, different sampling rates can be used in different blocks to reduce the computational
burden. In cases where there is a need to locate, e.g., the local maxima, minima, or zero
crossings of asignal, higher order oversampling rate is needed. It is common practice also
to use oversampling factors which are an order of magnitude higher than what is required
from the sampling theory point of view.

The generalized Farrow structure allows, with low additional computational complexity,
to compute several new samples at arbitrary points between the existing samples. Thus, itis
very easy to get the signal sample valuesin aflexible way in what ever time instances they
areneeded. Furthermore, it ispossible also to implement iterative proceduresfor estimating
accurately, e.g., the maximum value of a continuous-time signal as well as the location of
the maximum. In[P1] we also develop simple modifications of the Farrow structure which
result in efficient polynomial-based differentiators for approximating the continuous-time
derivative of asignal from its discrete-time samples. The Farrow structure discussed in [P1]
is the basis of the proposed ML-based synchronization algorithms. As another potential
application and atopic for future studies, Farrow-based derivative approximations could be
utilized for efficiently calculating the continuous-time Teager function of a discrete-time
signal. This could lead to efficient implementation structures for the Teager-based delay
estimation techniques.

In [P2], a polynomial-based maximum likelihood technique for jointly estimating the
symbol timing and carrier phase of digital receivers for the data-aided case is established.
This technique is based on low order polynomial approximation of the log-likelihood func-
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tion by using the Farrow structure. An extension of the proposed polynomial-based ML
technique to the non-data-aided systems is derived in [P3]. Different simulations using
the Lagrange and optimized interpolator are performed for both DA and NDA systems and
compared with the theoretical case. The results show the high performance of the opti-
mized interpolator compared to the Lagrange interpolator especially if we want to make use
of shorter block lengths to obtain fast acquisition. However, the NDA approach requires
more computation than the DA approach for estimating the polynomial-based likelihood
function. Also, NDA based phase estimation is feasible only in case of PSK modulations.

In [P4], the effect of the frequency offset or Doppler shift on the performance of the
digital receiver is anayzed while adjusting the symbol timing and the carrier phase. We
demonstrated that the proposed synchronization scheme performs quite well within arela-
tively small range of frequency offset values with respect to the symbol period. Under the
same assumption that the frequency offset is much smaller than the symbol period, sym-
bol timing and carrier phase recovery can be done prior to the frequency error correction.
Thus, we introduced in [P5] a frequency estimator that is directly derived from the carrier
phase estimate. The proposed estimator is simple to implement and is particularly suited
for this type of digital receiver architectures. Also, it performs fairly well when compared
with the Fitz [50] and the Luise-Reggiannini [15] frequency estimators, in the presence of
substantial carrier frequency offset.

4.2 MULTIPATH DELAY ESTIMATION STUDIES

Correlation estimation properties related to DS-CDMA receivers have been studied in [P6].
We showed the influence of the coherent integration and the non-coherent averaging length
on multipath delay estimation, and the importance of the considered observation time in-
terval length. In [P7], we introduced two techniques with subchip resolution capability for
estimating closely-spaced overlapped multipath components suited for GSP system aswell
as for other spread spectrum CDMA systems. The first innovative technique is very sim-
ple and quite efficient based on Teager-Kaiser operator. It exploits the properties of the
cross-correlation function between the received signal and the reference despreading code
replica generated at the receiver in order to estimate accurately overlapped multipath de-
lays independently of the delay spacing between the multipaths. The second algorithm is
based on peak tracking with pulse subtraction which approximates the input correlation
function using the superposition of aset of reference correlation pulses. Simulation results
of a GPS receiver using different Rayleigh fading channels show the good performance of
the proposed techniques. Also the obtained results are considered to be remarkable con-
sidering the computation complexity of these approaches in comparison to the advanced
maximum likelihood based DLL techniques. Extension of the proposed algorithms to the
case of asynchronous multiuser WCDMA systems is presented in [P8]. Simulation results
in the presence of multiple interfering users and Rayleigh fading multipath channels are
presented. It is demonstrated that the Teager-Kaiser technique is near far-resistant, and its
performance in the presence of closely spaced multipaths is much better compared to the
peak tracking with subtraction method.

The problem of resolving closely-spaced overlapped multipath components can be con-
sidered new, and has recently raised up the interest after its strong influence on the high



AUTHOR'’S CONTRIBUTION TO THE PUBLICATIONS 39

precision accuracy of geolocation solutions. Few good research articles exist in the liter-
ature dealing with this problem, they generally treat the case of only two paths that are
present, and not very practical for implementation [37], [43], [51], [52].

4.3 AUTHOR’S CONTRIBUTION TO THE PUBLICATIONS

The research work of this thesis was carried out at the Institute of Communications En-
gineering (formerly Telecommunications Laboratory), Tampere University of Technology
as one partner in the projects "Advanced Transceiver Architectures and Implementations
for Wireless Communications' and "Analog and Digital Signal Processing Techniques for
Highly Integrated Transceivers'. The author has been amember of an active research group
involved in studying and developing DSP agorithms for highly integrated digital receivers,
aswell in building COSSAP and Matlab simulation models. The members of the research
group have been in close collaboration with the author and the whole project has been
supported and guided by the thesis supervisor Prof. Renfors. However, the author’s con-
tribution to all of the publications has been essential in that he developed the theoretical
framework, prepared the manuscript, and performed the experiments.

This thesis includes eight publications [P1]-[P8]. They are categorized under two
main topics. estimation of the synchronization parameters for digital receivers with non-
synchronized sampling clock [P1]-[P5], and estimation of closely-spaced multipath delays
in CDMA systems [P6]-[P8]. In particular, the author’s main contributions to these publi-
cations are as follows. In [P1], the author formulated and simulated the general approach
for discrete-time modeling of continuous-time signal's and systems based on the generalized
interpolation technique which is efficiently implemented using minor modifications to the
Farrow structure. Originally, the author introduced the concept of derivative approximation
and the preliminary ideafor integration using simple modifications of the Farrow structure.
In [P2] and [P3], the author derived the likelihood functions for systematic synchroniza-
tion schemes, made the extension for jointly estimating the symbol timing and carrier phase
for both DA and NDA systems, and carried out the ssimulations. In [P4] and [P5], the au-
thor studied and simulated the effect of frequency offset on the synchronization scheme,
and derived a new frequency estimator suitable for the proposed digital receiver type. Op-
timization of the Farrow structure based filters, needed in [P1]-[P5], are performed by Dr.
Vesma.

In [P6] and [P7], the author is the founder of the multipath delay estimation techniques
based on Teager-Kaiser operator. The idea of pulse subtraction technique was originally
proposed by Prof. Renfors. The author derived and simulated the algorithms. In [P8], these
algorithms have been applied and tested in the WCDMA multiuser environment using ex-
isting COSSAP simulation model. The author conducted experimental studies and wrote
the manuscript.






Chapter

Conclusions

Currently, the main driving force behind the software radio development is the coexis-
tence of several radio communication systems as aresult of the high competition between
Americans, Asians, and Europeans. The ultimate goal of designing a single-chip, flexible
wireless transceiver supporting multimode and multistandard compatibility introduced new
challenges in receiver architecture designs. The current trend is to push the analog/digital
interface towards the antenna to simplify the analog parts and alow the implementation
of most receiver functions digitally, increasing therefore the flexibility, configurability, and
integrability. In fact, existing communication standards are using different data rates, and
consequently they employ different master clock rates. By using adigital receiver architec-
ture with a free running clock oscillator, receiver complexity can be substantially reduced
by employing only a single master clock, and the other needed clock rates can be gener-
ated virtually by means of sampling rate conversion. As one important functionality, these
new receiversrequire flexible and efficient synchronization algorithms which depend on the
system requirements and receiver architecture design.

The first part of this research work introduces new maximum likelihood based symbol
timing and carrier phase estimatorssuitablefor digital receiverswith non-synchronized sam-
pling clock. Polynomial approximations of the likelihood functions using the Farrow-based
interpolation technique were established for both DA and NDA forms. The simulations
demonstrate the efficiency and excellent performance of the block-based feedforward esti-
mators. The proposed approach provides an efficient and practical way for approximating
very closely theideal maximum likelihood estimate, especially for the DA case. The Farrow
structure we are considering is particularly suitable for digital implementation.

However, the NDA case requires more computational burden because the averaging of
the likelihood function can not be done in the polynomial coefficient domain as for the DA
case. Therefore, further studies with respect to the computational complexity of the NDA
technique are needed for practical applications.

Another essential receiver functionality closely related to synchronization is propagation
delay estimationwhichisthebasisfor geol ocation positioning solutions. Therapidevolution
of digital communication systems and the new requirements imposed by the standardiza-
tion authorities brought various consumer electronics device types and a high demand on
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new communication services, such as mobile phone positioning with high and reliable accu-
racy. Evenif safety was the primary motivation for mobile positioning, alot of commercial
applications have already emerged in the market.

However, multipath effects of the mobile channel could degrade the location estimate
substantially, specially in the case of shorter excess path delays which result in overlapped
fading multipath components that introduce significant errorsto the LOS path timeand gain
estimation. Estimation of closely-spaced multipath components isregarded asakiller issue
in location estimation, considered as one of the major sources of errorsin high precision
geolocation solutions, and still it is an open topic for research work.

In the second part of this thesis work, we introduced innovative techniques with sub-
chip resolution capability for multipath delay estimation based on peak tracking with pulse
subtraction and Teager-Kaiser quadratic operator both suited for spread spectrum CDMA
systems, and we focused our study to the case of GPS receivers. Simulations results con-
firmed the high performance of Teager-based technique compared to the peak tracking with
pul se subtraction method for all cases of closely-spaced multipaths within lessthan half chip
period. The ability of solving closely-spaced paths in the presence of overlapped multipath
components comes from the exploitation of the properties of the cross-correlation function.
This new techniques are extremely simple and very efficient for estimating closely-spaced
multipaths with much less computational complexity compared, e.g., to the conventional
delay-locked loops and subspace-based multipath delay estimation methods [25], [41].

In general, for each shape of the reference correlation function or pulse shaping filter
used, theremay exist alinear or nonlinear operator capabl e of estimating easily the multipath
delays. It remains as a challenging topic for future work is to generalize the Teager-based
technique, and to derive other linear or nonlinear operators capable of tracking multipath
delaysin different communication systems.
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ABSTRACT

This paper presents a general approach for mod-
eling and computer smulation of continuous-time
signals and systems. The idea is based on utilizing
a polynomial approximation of the continuous-time
signal between the existing discrete-time samples.
The so-called Farrow structure provides a computa-
tionally efficient implementation making it possible
to get the interpolated signal values at arbitrary
time instances between the existing samples. This
results in efficient overall smulation models, be-
cause with the aid of the proposed techniques it is
possible to obtain visually correct continuous-time
waveforms while using a modest oversampling fac-
tor. This paper proposes a family of optimized poly-
nomial interpolators for modelling purposes and
discusses the filter criteria in terms of the required
accuracy and other smulation parameters. In
addition, a numerical approach for estimating the
derivative and integral of a discrete-time signa is
established.

1. INTRODUCTION

Discrete-time modeling and smulation of con-
tinuous-time signals and systems is a common prac-
tice in many fields for research, development, and
education purposes. From computational efficiency
point of view, the smallest sampling rate sufficient
for accurate system modelling is determined by the
sampling theory. In cases where computational effi-
ciency is an issue, different sampling rates can be
used in different blocks to reduce the computational
burden. Anyway, the lowest sampling rates which
are sufficient for system modelling are typically not
sufficient for obtaining informative and visualy
pleasing waveform plots of the signals. For thisrea-
son, it is a common practice to utilize oversampling
factors which are an order of magnitude higher
than what is needed for accurate system modelling.

Also in cases where there is a need to locate,
e.g., the local maxima, minima, or zero-crossings
of a signal, considerably higher sampling rates are
needed. Other difficult cases are, for example, con-
verson between incommensurate sampling rates
that might be used in different model blocks to be
connected together.

Partial solutions to these problems are offered by
"classical” sampling rate conversion techniques
(Crochiere and Rabiner 1983) which allow
sampling rate conversion by integer or fractional
factors. Adjusting the sampling phase is difficult
with these classical techniques, but the so-called
fractional delay filters (Laakso et al. 1996; Vesma
and Saraméki 1996a; Vesma and Saraméki 1996b;
Vesma and Saramédki 1997; Saraméki and
Ritoniemi 1996) help in this task. Another classical
approach is the Lagrange interpolation (Erup et al.
1993), which however also hasits limitations.

In this paper, we consider polynomial interpola-
tion with the so-called Farrow structure (Farrow
1988) implementation as a general-purpose solution
to the above-mentioned tasks. The Farrow structure
allows, with low additional computational complex-
ity, to compute several new samples at arbitrary
points between the existing samples. Thus, it isvery
easy to get the signal sample values in a flexible
way in what ever time instances they are needed.
Furthermore, it is possible also to implement itera-
tive procedures for estimating accurately, e.g., the
maximum value of a continuous-time signal as well
asitslocation.

Also the Lagrange interpolation can be imple-
mented using the Farrow structure, but we have
demonstrated that a clearly better performance can
be achieved by utilizing filter optimization tech-
niques (Vesma and Saraméki 1996a; Vesma and
Saraméki 1996b; Vesma and Saraméki 1997) and



also that the performance of the Lagrange The polynomial-based interpolation can be effi-
interpolation is not sufficient for all purposes ciently implemented using a special discrete-time
(Vesmaet al. 1996). filter  structure (terms  ‘interpolator’  and
‘interpolation filter’ are used). This filter is the so-

In Section 2 of this paper, we first describe the caglled Farrow structure (Fig. 2) (Farrow 1988). In
ideas of polynomial interpolation and Farrow struc- the Farrow structure, al the filter coefficients are
ture. In Section 3, we discuss the use of the Farrowfixed and the only changesble parameter is the

structured interpolators in signal and system modelractional interval 1 0[0,1), which is defined by
ling and give some examples of interpolation

filters. In Section 4, we show how the derivative t = miT, + 4T, 1)
and integral functions of a continuous-time signal

can be approximated using the Farrow-structuredyhere Ty is the input sampling interval and
interpolators.

m= /T4, @)
2. POLYNOMIAL INTERPOLATION
Here XOstands for the integer part of x. In this
case, [mTs, (M+1)Tg forms the middle interval of
?he base-point set.

A continuous-time signal can be approximated at
any point between the discrete-time samples using
polynomial-based interpolation. This is illustrated
in Fig. 1. The approximating polynomial (solid
line) is formed by adding together weighted and : : P
shifted basis functions (dashed line). Thes ,[r?\g Ci;ﬁﬁtggﬁg:/ﬁ?grglwmg approximation to
functions are weighted by the corresponding sample
values (circles). The sample values which are used
in the approximat_io_n form a base—point set. Now V() = Z f|(m)( ) _Z f(mu', A3)
the value of the original continuous-time signal can
be estimated by evaluating the value of the ap-
proximating polynomial at the desired point. where L is the degree of the interpolation and the

fi(m)’ s are given by

It should be pointed out that the best approxima-
tion is obtained in the middle interval of the base- f,(m) = ¢, (m)* x(m) 4
point set,[0,1) in the figure. In this paper, we use
only basis functions which are piecewise polynomi- with the ¢,(m)’s being the coefficients of the Farrow
als because of the efficient implementation. structure. The total number of coefficients is

N(L+1), where N is the length of the branch filters.

With different values of y, the output of the Far-

In many applications, the output of the Farrow
structure is computed at a fixed output rate, 1/T;,
which may have an arbitrary ratio to the input sam-
pling rate. In some other applications, the outputs
may be needed at arbitrary time instances, e.g., ac-
cording to some iterative search procedure.

The Farrow structure has a time-varying impulse
response. The impulse response values of this digi-
tal filter are determined by the fractional interval p
and they are obtained from the underlying continu-
ous-time impulse response h(t) (Fig. 3). Actualy,
this continuous-time impulse response is the same

(t_mg/%s as the basis function. Therefore, the Farrow

Fig. 1. Weighted basis functions (dashed lin) and structure can be analyzed and synthezised using
approximating polynomial (solid line). this continuous-time filter h(t). In the ideal case,

the continuous-time filter is an ideal low-pass filter
and in the time domain it is the sinc-function. This




fact can be utilized in the filter optimization
(Vesma and Saraméki 1996a).

x(mT,)

Y(KT)
Fig. 2. The Farrow structure for the general case. Nis
the length of thefilter and L is the degree of the

interpolation. Also the modifications needed for the
derivative approximation are shown.
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Fig. 3. Impulse response h(t) and impul se response of
the Farrow structure for p = 0.25.

3. POLYNOMIAL INTERPOLATION IN
SIMULATIONS

The basic problem in the computer ssimulations
is that we have just discrete-time samples from
some, possibly stochastic, continuous-time system.
There are aso situations where the signal value is
needed between these discrete-time samples. One
solution is to increase the sampling rate. However,
this makes the simulation very slow and the signa
is still discrete time.

In this paper, we introduce a new approach to
this problem. In this approach, the origind
continuous-time signal  is edtimated using
polynomials, and the value of the signal can be
approximated by evaluating the value of the
polynomia at the desired point. This polynomial
interpolation (or estimation) can be efficiently
implemented using the Farrow structure as dis
cussed earlier.

The block diagram of the interpolation function
is shown in Fig. 4. x(mT) is the input sample
vector and y(KT;) is the output sample. The location
of this output sample t=KkT; is determined by the
input parameters 1 and maccording Eq. (1).

x(mTg y(KT3)
—— Interpolator ———
H m

Fig. 4. Theblock diagram of the interpolation function
and the input and output parameters.

What is inside the interpolation function in Fig.
4 isjust the implementation of the Farrow structure
with a suitable length N and order L (to be
discussed later on). The advantage of this
interpolation function when modelling some
continuous-time system is that there is no need for
high over-sampling factor at the input. In addition
to that, the output is really continuous time because
the fractional interval p is practically continuous
valued (of course this is limited by the number of
bits used to represent ).

3.1. Interpolation Filters

The complexity of the interpolation filter
depends on the accuracy requirements of the
simulation model. The approximation error in the
interpolation (that is the error between the original
continuous-time signal a point kT, and the
interpolated value y(KT;)) can be decreased by
increasing the length of the branch filters or the
degree of the interpolation.

The design parameters of the interpolation filters
are related to its frequency response, as normally in
the case of linear filters. The parametersinclude the
tolerated passband amplitude response variation,
the minimum stopband attenuation, and the



passband and stopband cut-off  frequencies.
Basicaly, the task of the filter is to attenuate the
aliasing/imaging components appearing due to the
change of the sampling rate. Time-domain accuracy
requirements cannot be converted easily to the
corresponding frequency-domain requirements. In
practice, the performance of candidate interpolation
filters may be evaluated by trial simulations in
order to be able to select the most suitable one.

As mentioned earlier, interpolation filters can be
analyzed and synthezised using the continuous-time
impulse response h(t). In the filter design criteria,
the frequency response of this filter h(t) should ap-
proximate unity in the signal band and zero dse-
where.

Table | shows four different interpolation filters.
For these filters, the stop band attenuation varies
from 53 dB to 91 dB and the number of multiplica-
tions from 50 to 216. It should be noted that the
complexity of these filters can be decreased by in-
creasing the sampling rate by an integer factor
which alows to use a wider transition band
(Saramé&ki and Ritoniemi 1996). For example, by
using the over-sampling factor of two, the highest
component of the signal is below 0.25fs which helps
to reduce the filter complexity.

Tablel. Four different interpolation filters. Passband
ripple &, stopband attenuation As, passband and
stopband edges (normalized frequency), and the number
of coefficientsin the Farrow structure N(L+1).

3 [ﬁé] f, f N* (L+1)
1001 | 53 |038 |0.62 |10(4+1)=50
2( 0009 | 80 [0.38 |062 |14(6+1)=98
3[ 0.008 | 67 | 0.425 | 0.575 |20(7+1)=160
4] 0.012 | 91 | 0.425 | 0.575 |24(8+1)=216

The frequency and impul se responses for the last
filter in Table | are shown in Figs. 5 and 6. Theim-
pulse response in Fig. 6 is truly piecewise polyno-
mial. Thisis difficult to see because it does not in-
clude high frequency components (see Fig. 5)
which makes it very smooth.

Figure 7 shows a part of a discretetime ECG
signal and its approximated continuous-time
waveform. This waveform is obtained using the

second interpolation filter in Table . The ECG
signal has been obtained from a patient during
anaesthesia at Helsinki University Hospital .

-

0 0.5 1 15 2 25 3

Frequency / Fy
Fig. 5. Frequency response for the interpolation filter.
N=24and L =8 (thelast entry in Tablel).
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“10 > 0 5 10
T,

Fig. 6. Impulse response for the interpolation filter.

N=24and L =8 (thelast entry in Table ).

Amplitude

1

Tf i 0
3 04 05 06 07 08 09
t/s
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0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

t/s
Fig. 7. Discrete-time ECG signal and its approximated
continuous-time waveform.



4. POLYNOMIAL APPROXIMATION OF
DERIVATIVE AND INTEGRAL

In this section, we will show how the polynomial
based interpolation can be used for estimating the
continuous-time derivative and integral from a
sampled signal. The design criteria for polynomial-
based differentiators have been discussed in (Ridha
et al. 1997).

4.1. Differentiator

The derivative of the continuous-time approxi-
mating signal at an arbitrary time ingant is
obtained from Eq. (3) and it is expressible by

FO _ < t=mTey g o
b ;'fl(mx )= ;Ifu(m)u qE)
From this equation it is seen that the Farrow
structure used in the polynomial-based interpol ation
can also be used for approximating the derivative of
the original continuous-time signal at any desired
time instant.

The modifications needed in the Farrow struc-
tureare shown in Fig. 2, whereas the frequency and
impulse responses for the differentiator are shown
in Figs. 8 and 9, respectively in the case of the last
interpolator in Table I. Figure 10 depicts the
resulting approximated continuous-time derivative
for the discrete-time ECG signal in Fig. 7.

gl

Fig. 8. Frequency response for the differentiator. N =24
and L =8 (thelast entry in Tablel).

05 1 15
Frequency / Fy

Fig. 9. Impulse response for the differentiator. N=24
and L =8 (thelast entry in Tablel).
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Fig. 10. Approximated continuous-time derivative for
the discrete-time ECG signal in Fig. 7.

4.2. Integrator

In the following we introduce a new integration
method for simulating continuous-time systems
using discrete-time computations. The developed
"integrator" is also based on the polynomial gener-
alized interpolation techniques.

The continuous-time integration of asignal at an
arbitrary time instant is approximated from the fun-
damental equation of digital interpolation, Eq. 3, as
follows

1

L | +
Sy — U
J’ y(t)dt = Z} Gy (6)

The above equation represents the continuous-
time integrator and is easily implemented by intro-



ducing a small modifications to the Farrow
structure used in the polynomial-based interpol ation
purpose.

Assuming that the frequency response of the in-
terpolation filter is H(a), then the ideal frequency
response for the integrator filter is equal H(cw)/(jo)
(seeFig. 11).

IH(ajd

w
Fig. 11. Ideal frequency response for integrator.

Most of the developed digital integrators are de-
signed from a polynomia perspective (Regolia
1993). Further work to treat the design aspects of
the continuous-time integrator is needed.

5. CONCLUSION

In this paper a novel approach for modelling and
computer simulation of continuous-time signals and
systems has been introduced. We have shown how
this approach is based on the fundamental equation
of digital interpolation, and that it provides a gener-
alized method for approximating the continuous-
time derivative and integral of a discretetime
signal. Moreover, efficient and smple
implementation are obtained using the Farrow
structure.

Simulation results show that accurate and good
continuous-time interpolation and derivative ap-
proximations can be obtained by designs based on
optimized piecewise polynomial interpolators.

It remains as a topic for future work to device ef-
ficient and sufficiently accurate polynomial-based
integrators.
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ABSTRACT

A new approach for joint clock and carrier phase synch-
ronization in digital receivers using a data-aided block
based feed-forward architecture is proposed. This ap-
proach is based on polynomial approximation of the
log-likelihood function by using the Farrow structure.
Thus, the maximum likelihood function is expressed in
terms of the polynomial-based interpolator filter bran-
ches. Simulation results for different types of linear
modulations using the conventional Lagrange interpo-
lator and a new optimized interpolator are provided
and compared with the theoretical case.

1. INTRODUCTION

In conventional receivers, the sampling of the received
signal must be synchronized to the incoming data sym-
bols. The synchronization is performed by using a feed-
back loop. Currently, there is a trend of using digital
receivers where the sampling of the received signal is
not synchronized to the incoming data symbols. With
this approach, there is no need for the complex PLL
circuits used in the conventional receivers.

In this receiver architecture, the sampling of the re-
ceived signal is performed by a fixed sampling clock
and thus sampling is not synchronized to the incoming
symbols. Therefore, timing adjustment must be done
by digital methods after sampling. The estimated tim-
ing is then used for the carrier phase recovery. One way
to perform this timing is to calculate the value of the
signal at the desired time instants using interpolation.
One promising approach is polynomial-based interpo-
lation based on the so-called Farrow structure. It is
characterized by its efficiency and flexible realization
[4]-[5]

The best synchronization algorithms for digital com-
munication systems are based on the maximum likeli-
hood (ML) estimation theory. Joint estimation of sig-
nal parameters using the ML approach provides usually

This work was carried out in the project "Analog and Digital
Signal Processing Techniques for Highly Integrated Transceivers”
supported by the Academy of Finland.
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better estimates with respect to the variance compared
to estimates obtained from separate optimization of the
likelihood functions [1].

A new symbol timing recovery technique based on
polynomial approximation for the log-likelihood func-
tion (LLF) has been developed in [2]-[3]. In this pa-
per,.an extension of this polynomial-based log-likelih-
ood function for jointly estimating the timing and car-
rier phase is derived. In addition, simulation results for
different types of modulations are provided and com-
pared with the theoretical case. The results show that
the interpolator optimized in the frequency domain [6]
performs much better compared to the Lagrange inter-
polator [8]-[9].

The feedforward architecture we are considering pro-
vides rapid acquisition characteristics, which are very
important especially in the mobile communication sys-
tems where the channel characteristics are rapidly chang-
ing, and in the case of TDMA systems, also the trans-
mission is bursty.

2. TIMING AND PHASE ADJUSTMENT
USING INTERPOLATION

The block diagram of the digital receiver with non-
synchronized sampling is shown in Fig. 1. The sam-
pling of the received signal r(%) is performed by a fixed
sampling clock, and thus, the timing adjustment must
be done after the sampling using interpolation. Conse-
quently, the estimated symbol timing is then used for
the carrier phase recovery. The interpolation filter in
Fig. 1 can be used for both up-sampling and down-
sampling, and furthermore, the output is not synchro-
nized to the input. We should think interpolation from
the mathematical point of view and recall how to in-
terpolate data using polynomials.

The function of the interpolation filter is to calcu-
late one output sample y(nT;) at a time using a set of
adjacent input samples m(kT), within a timing error
estimate (4) and a phase error estimate () obtained
from the synchronization control unit. In the ideal case,
these output samples are the same sample values that
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Figure 1: Digital Receiver with non-synchronized sam-
pling. ‘

m(k)

Figure 2: Farrow structure for the cubic (L = 3) inter-
polator.

would occur if the original sampling had been synchro-
nized to the received symbols. The fractional interval p
determines the time instant ¢ = nT; where the original
continuous-time received ‘signal r(t) is approximated.
This relation is given by

nT, = (//ﬂ + k)Ts; (1)

where p € [0,1) is the fractional interval, T; is the
sampling interval, and 7; is the output interval, whe-
reas k is the largest integer for which £7, < nT;. In
this paper, we assume that the original sampling rate is
twice the symbol rate, T' = 27;. Also, we use 7 and u
to denote the timing error with respect to the symbol
and sampling interval, respectively. In addition, the
error in the carrier phase (e=7?) is corrected using the
phase error estimate denoted by 6 as shown in Fig. 1.

The polynomial-based interpolation filters are very
easily implemented using the Farrow structure [5]. This
structure is characterized by the fixed values of all the
filter coefficients and by only one changeable parameter
which is the fractional interval p. In the general case,
the Farrow structure shown in Fig. 2 consists of L + 1
FIR filter branches and the length of each branch filter
is N, where L is the degree of the interpolation and N
is the length of the impulse response.

Timing adjustment in digital receivers using La-
grange interpolation was first introduced by Erup et.
al [8]. Lagrange interpolation represents the conven-
tional time domain approach to the interpolation pro-
blems. A new synthesis technique for polynomial-based
interpolation filters is proposed in [6]. In this synthe-

sis technique, the design parameters are edge frequen-
cies for passbands and stopbands, desired amplitude
and weight for every band, the length of the filter, and
the degree of the interpolation. After giving these pa-
rameters, the filter coefficients of the Farrow structure
are optimized in the frequency domain in the minimax
sense. The new designs have been shown to provide
clearly lower complexity or much better performance
with the same complexity as the Lagrange designs [10].

3. JOINT MAXIMUM LIKELIHOOD
ESTIMATION OF SYMBOL TIMING AND
' CARRIER PHASE

For decision directed (DD) maximum likelihood esti-
mation of symbol timing (7) and carrier phase (6), the
log-likelihood function for these two parameters is ap-
proximated by [1]-[4];

where d(n) and m(n,7) are the correct symbol values
and samples from the output of the matched filter (one
sample per symbol). # € [0,7) and § € [0, 27] are the
timing and phase error trials, respectively. N is the
number of symbols used in the calculation and T is the
symbol interval.

Synchronization algorithms for digital receivers es-
timating jointly the timing and phase are based on
maximum likelihood estimation (MLE) theory as men-
tioned earlier. These algorithms are trying to find the
timing and the phase error estimates (7, §) which max-
imize Eq. (2). Because this function includes the ac-
tual data values, this formula can be used as a basis for
decision-directed (DD} or data-aided (DA) timing re-
covery schemes. By means of the above log-likelihood
function, the following algorithm for jointly estimating
(7, 6) has been established [4]:

N

i‘:argmgxlzazm(",%)l, (3)
n=1
) N
6= arg[z aym(n, #)). 4)

An important feature here is that the ML-estimate of
the timing is independent of the carrier phase. We
consider here a block processing scheme which takes
the data samples and the decided /known symbol values
for a block of N symbols. The main idea here is to
form a polynomial approximation for the log-likelihood
function by using the Farrow structure, then different
schemes for finding the maximum of this polynomial
can be devised.
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4. POLYNOMIAL APPROXIMATION OF
THE LOG-LIKELIHOOD FUNCTION FOR
TIMING AND CARRIER PHASE
ESTIMATION

A new polynomial approximation technique for the log-
likelihood function (LLF) was developed in [2]-[3] for
symbol timing recovery. In this section, we will ex-
tend this polynomial-based log-likelihood function for
jointly estimating the symbol timing and carrier phase
based on Egs. (3) and (4).

Here we assume that the original sampling rate is
twice the symbol rate 7' = 27 and cubic interpolation
filter (L = 3) is used. Because the symbol interval is
divided into two parts (two samples per one symbol),
there are two different polynomial approximations for
the log-likelihood function as shown in [2]-[3]. Conse-
quently, from expression (3) the symbol timing is esti-
mated by

L A1 (27) 0<7<05
TEATgmAX) A (27 -1) 05<F<1
where
N
A1(27) = Y a*(n)m(2n — 1,27),
n=1
and

N
27 — 1) Z m(2n, 27 — 1).
Also, by using the above timing estimate 7, the carrier
phase estimate is given by

arg {

The value of m(n, 7) can be interpolated for differ-
ent values of 7 by utilizing the cubic Farrow structure
and the original samples m(k).

Equations (5) and (6) can be expressed also as a
function of the fractional interval i € [0,1), and the
output samples of the FIR filter branches in the Farrow
structure f;(n}, as follows:

If max[A;(2)] > max[As(f2)] then

Ay (27)

j 0
= Ax(27—1) 0.

j = argmax(As ()],

else
fi = arg m;X[Az(ﬂ)]'
Where
X
3 N
A(i) =Y iy a"(n)fi(2n = 1),

1 n=1
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and
Xi2

3 N
Aa(f) = Z Z n)fi(2n) .

Finally, by using the above timing estimate, the phase
estimate is determined by;

If max[A; ()] > max[A2(ft)] then

a’rg{Al (ﬂ)])

6

else

0 = arg[Az(f)]-

In the case of a cubic interpolation filter, the over-
all scheme for our proposed block-based symbol timing
and phase recovery is illustrated in Fig. 3. After the
parameters & and § are estimated, timing adjustment
is performed by evaluating the value of the polynomial
at the given value of i. At the same time, sampling
rate is decreased by two. Here, even samples are dis-
carded if max[A; (/)] > max[As(fi)], and odd samples
otherwise. Subsequently, the carrier phase is corrected
by the factor e~7%.

This procedure can be used as such in the data-
aided (DA) systems where the symbol values are known
in advance. For example, GSM does have a known
synchronization symbol sequence. In case of decision-
directed (DD) systems, a reasonably good initial es-
timate for the sampling phase must be known. The
scheme can also be utilized in non-data-aided (NDA)
systems with some modifications.

5. SIMULATIONS

The proposed algorithm was simulated using QPSK,
16-QAM, and 64-QAM constellations for different block
lengths. The transmitter and receiver pulse-shaping
filters are square root raised cosine filters with excess
bandwidth of 35%. Two interpolation filters, cubic La-
grange and third order interpolation filter of length 8
designed by the new synthesis technique [6] are com-
pared in the simulations. The length of the FIR filters
in the Farrow structure for the optimized interpolator
is twice as long as for the Lagrange interpolator. How-
ever, the filter coefficients are symmetrical for this new
design. The number of the FIR filter branches is four
for both interpolators.

The simulations are done using the worst-case tim-
ing offset and some selected values of the phase error.

Variance and mean of the timing jitter, and symbol
error probability (SEP) for the interpolation filters are
shown in Fig. 4. These simulations have been realized
by using 64-QAM signal when the signal-to noise-ratio
Ep/Ng = 15 dB, and the block size N = 64.

Figure 5 illustrate the behaviour of the SEP as a
function of the phase error for 16-QAM signal when
Ey/No =13 dB, N = 16.
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Figure 3: Phase estimation and symbol timing recovery
scheme.

We noticed a dramatic difference in performance
between the conventional Lagrange and the new in-
terpolator when using 16-QAM and 64-QAM-type of
modulations (see Figs. 6 & 7). Also, with QPSK an
improvement of about 0.5 dB is obtained when utilizing
the new interpolator (see Fig. 8).

Another type of simulations calculating the SEP as
a function of Ej,/Ny for different phase errors using
the same block length N = 16, have shown a slight
difference of about 0.1 dB.

6. CONCLUSIONS

An extension of the polynomial-based maximum likeli-
hood technique for jointly estimating the symbol tim-
ing and carrier phase of digital receivers for the data-
alded case was established. Simulations for different
types of modulations using the Lagrange and a new in-
terpolator are also performed and compared with the
theoretical case. The results exhibit the high perfor-
mance of the new interpolator compared to the La-
grange interpolator. ’

It remains as a topic for future work to perform
this polynomial approximation of the log-likelihood for
symbol timing and carrier phase adjustment for the
non-data-aided systems.
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ABSTRACT

In this contribution, we extend the polynomial-based
ML approach derived earlier for synchronization pur-
poses to the non-data-aided (NDA) case. We propose a
fully digitally implemented synchronization concept us-
ing interpolation for jointly estimating the timing and
phase. The interpolation methods used in this context
can be implemented using the so-called Farrow struc-
ture. The ML function is also expressed in terms of
the polynomial-based interpolator filter branches. Sim-
ulation results for both NDA and DA synchronization
principles using two types of interpolators are provided
and compared with the theoretical case. We notice that
the optimized interpolator performs much better com-
pared to the Lagrange interpolator.

1. INTRODUCTION

In conventional receivers, the sampling of the received
signal must be synchronized to the incoming data sym-
bols. The synchronization is performed by using a feed-
back or feed-forward loop. Currently, there is a trend
of using digital receivers where the sampling of the re-
ceived signal 1s not synchronized to the incoming data
symbols. With this approach, there is no need for the
complex PLL circuits used in the conventional receivers.

In this receiver architecture, the sampling of the re-
ceived signal is performed by a fixed sampling clock and
thus sampling is not synchronized to the incoming sym-
bols. Therefore, timing adjustment and consequently
phase estimation must be done by digital methods af-
ter sampling. One way to perform this is to calculate
the value of the signal at the desired time instants using
interpolation. Hence, a polynomial-based interpolation
technique using filters for the calculation of the tim-
ing and phase error estimates is applied. The so-called
Farrow structure has been used in this context because
it offers an efficient and flexible realization for such an
interpolation task [1]. Simulation results show that the

This work was carried out in the project " Analog and Digital
Signal Processing Techniques for Highly Integrated Transceivers”
supported by the Academy of Finland.

optimized interpolator [2] performs much better com-
pared to the Lagrange interpolator [3]-[4].

The best synchronization algorithms for digital com-
munication systems are based on the maximum likeli-
hood (ML) estimation theory. Estimation of joint sig-
nal parameters using the ML approach provides usually
better estimates with respect to the variance compared
to estimates obtained from separate optimization of the
likelihood functions [5]. The feedforwad architecture we
are considering provides rapid acquisition characteris-
tics, which are very important especially in the mobile
communication systems where the channel character-
istics are rapidly changing, and in the case of TDMA
system, also the transmission is bursty.

In this paper, we extend our previous DA approach
for clock and/or carrier phase synchronization of digi-
tal receivers to the case of NDA systems. The proposed
method is based on the ML function for jointly estimat-
ing the symbol timing and carrier phase using a block-
based feed-forward architecture. This approach is valid
for M-PSK type of modulations which are commonly
used in mobile communication systems.

2. TIMING AND PHASE ADJUSTMENT
USING INTERPOLATION

The block diagram of the digital receiver with non-
synchronized sampling is shown in Figure 1. The sam-
pling of the received signal r(¢) is performed by a fixed
sampling clock, and thus, the timing adjustment and
consequently the carrier phase estimation must be done
after the sampling using interpolation.
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Figure 1: Digital Receiver with non-synchronized sam-
pling.

Assuming an AWGN channel, the complex envelope



7(t) of the received noisy M-PSK modulated signal is
given by

r(t) =3 eih(t—iT — r)el? +n(t), (1)
where the couple (7,) are the unknown clock and car-
rier phase respectively, 1/T is the symbol rate, h(t) is

the baseband pulse shape, ¢; 1s a sequence of indepen-
dent equiprobable M-PSK data symbols

¢ € {eEITIM EisT/M g
and n(t) is white Gaussian noise.
The interpolation filter in Fig.
both up-sampling and down-sampling, and furthermore,
the output is not synchronized to the input. The func-
tion of the interpolation filter is to calculate one output
sample y(nT;) at a time using a set of adjacent input

1 can be used for

samples m(kTy ), within a timing error estimate (u) and
a phase error estimate () obtained from the synchro-
In the ideal case these output
samples are the same sample values that would occur
if the original sampling had been synchronized to the
received symbols.

The fractional interval p determines the time instant
t = n{; where the original continuous-time received

nization control unit.

signal r(t) is approximated. This relation is given by
Wy = (4 KT, )

where g1 € [0,1) is the fractional interval, T is the sam-
pling interval, and 7; is the output interval, whereas &
is the largest integer for which k7 < nT;. In this pa-
per, we assume that the original sampling rate is twice
the symbol rate T' = 27;. Also, we use 7 and pu to de-
note the timing error with respect to the symbol and
sampling interval, respectively. In addition, the error
in the carrier phase is corrected using the phase error
estimate denoted by # as shown in Fig. 1.

The polynomial-based interpolation filters are very
easily implemented using the Farrow structure [1]. This
structure is characterized by the fixed values of all the
filter coefficients and by only one changeable parameter
which 1s the fractional interval p. In the general case,
the Farrow structure shown in Fig. 2 consists of L + 1
FIR filter branches and the length of each branch filter
is NV, where L 1s the degree of the interpolation and N
is the length of the impulse response.

Timing adjustment in digital receivers using La-
grange interpolation was first introduced by Erup et.
al. [3]. Lagrange interpolation represents the conven-
tional time-domain approach to the interpolation prob-
lems. A new synthesis technique for polynomial-based
interpolation filters is proposed in [2]. In this synthe-
sis technique, the design parameters are edge frequen-
cies for passbands and stopbands, desired amplitude
and weight for every band, the length of the filter, and
the degree of the interpolation. After giving these pa-
rameters, the filter coefficients of the Farrow structure

m(k)

Figure 2: Farrow structure for the cubic (L = 3) inter-
polator.

are optimized in the frequency domain in the minimax
sense. The new designs are shown to provide clearly
lower complexity or much better performance with the
same complexity as the Lagrange designs [6].

3. NDA MAXIMUM LIKELIHOOD
ESTIMATION OF PHASE AND TIMING

Under the assumption that the sequence of M-PSK data
symbols are independent and equiprobable, the likeli-
hood function for NDA estimation of timing (7) and
carrier phase () is given by [7];

N
A(F,0) = Z |m(n, 7)|* + Re
n=1

Z m?(n, ?)e_ﬂé] ,
- (3

where m(n, 7), g [, 7], and 7 € [0,7T) are the sam-
ples from the output of the matched filter (one sample
per symbol), carrier phase and symbol timing error tri-
als, respectively. N 1s the number of symbols used in
the calculation and 7' is the symbol interval.

The above NDA likelihood approximation is only
valid for single amplitude type of modulations, e.g., M-
PSK modulated signals.

Synchronization algorithms for digital receivers esti-
mating jointly the timing and phase are based on Max-
imum Likelihood estimation (MLE) theory as mention
earlier. These algorithms are trying to find the timing
and the phase error estimates (i’,é) which maximize
Eq. (3). By means of the above likelihood function,
the following algorithm for jointly estimating (7, ) can

be established as follows [7]:

%:mgXZ|m(na7~')|2 (4)
6= Marg[;(m(n,T))M]a (5)

where M is the number of constellation points.



An important feature here is that the ML-estimate
of the timing is independent of the carrier phase. We
consider here a block processing scheme which takes the
data samples for a block of N symbols.

In the following section, we will form a polynomial
approximation for the above likelihood function by us-
ing the Farrow structure, then different schemes for
finding the maximum of this polynomial can be devised.

4. POLYNOMIAL APPROXIMATION OF
THE NDA LIKELIHOOD FUNCTION FOR
TIMING AND PHASE ESTIMATION

In this section, we will extend this polynomial-based
likelihood function for jointly estimating the timing and
phase with respect to Eqs. (4) and (5). This procedure
is derived for the non-data-aided (NDA) systems where
the symbol values are not known in advance in the case
of single amplitude type of modulations. In general we
should expect some degradation of performance when
ignoring the data values [4].

Here we assume that the original sampling rate is
twice the symbol rate T' = 27 and cubic interpola-
tion filter (L = 3) is used. Because the symbol in-
terval is divided into two parts (two samples per one
symbol), there are two different polynomial approxi-
mations for the log-likelihood function as in [8]-[9]-[10].
Consequently, from expression (4) the symbol timing is
estimated by

L AL (27) 0<7<05
TEABIMAX U A,(27 - 1) 05<F<1
where
N
A1(27) =D [m(2n — 1,27)]%,
n=1
and
N
Ay(27 = 1) = [m(2n, 27 — 1)|%.
n=1

Also, by using the above timing estimate 7, the carrier
phase estimate is given by

i 1. SN Im(2n—1,20)M for 0 <7< 0.5
T SN (@ 2r — 1Y for 05< 7 < 1.

(7)

The value of m(n,7) can be interpolated for different
values of 7 by utilizing the cubic Farrow structure and
the original samples m(k). Eqgs. (6) and (7) can also
be expressed as a function of the fractional interval i €
[0,1), and the output samples of the FIR filter branches
in the Farrow structure f;(n) in the case of a cubic
interpolation filter, as follows:
If max[Aq(f1)] > max[Aa(i)] then

ji = arg max(As (7))

else

i
Where
N |3 2
M@y =Y DA fEn-1)|
n=1|i=0
and
N |3 2
As(f) =Y DA fi(2n)
n=11:=0

Finally, the above symbol timing estimate is used for
computing the carrier phase estimate:
If max[Aq(f1)] > max[A2(i)] then

] N3 M
0= -rarg > [Zﬁfi(% - 1)]
n=1 Li=0

else

The overall scheme for our proposed block-based sym-
bol timing and phase recovery is illustrated in Fig. 3.
For the NDA feedforward (FF) phase estimator, the in-
fluence of the symbols is removed by the M'? power
[11] (see Fig. (3)).
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Figure 3: NDA Phase estimation and symbol timing
recovery scheme.

After the parameters i and g are estimated, tim-
ing adjustment is performed by evaluating the value of
the polynomial at the given value of . At the same
time, sampling rate is decreased by two. Here, even
samples are discarded if max[A1(f1)] > max[A2(i)], and
odd samples otherwise. Subsequently, the carrier phase
is corrected by the factor e=7?.



5. SIMULATIONS

The proposed algorithm is simulated using M-PSK con-
stellations. The transmitter and receiver pulse-shaping
filters are square root raised cosine filters with excess
bandwidth of 35%. Two interpolation filters, cubic La-
grange and third order interpolation filter of length 8
designed by the new synthesis technique [2], are com-
pared. The simulations are done using the worst-case
timing offset and some selected values of the phase er-
ror.
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Figure 4: Phase Jitter of 4-PSK signal when Fy/Ny = 9
dB, phase error # = 0.6 rad, and block length N =
64. The solid line shows the phase jitter of the new
interpolator, and the dashed-dot line phase jitter of the
Lagrange interpolator.

Figure 4 shows the phase jitter of 4-PSK signal when
Ey/Ng = 9 dB, phase error equal 0.6 rad, and block
length N = 64. Variance and mean of the phase jitter
for the interpolation filters are also provided in Fig.
5. Similarly, Figs. 6 & 7 illustrate the timing jitter,
variance and mean of the timing jitter.

We noticed a dramatic difference in performance be-
tween the conventional Lagrange and the new interpo-
lator when using 4-PSK-type of modulations as shown
in fig. 8. The same experiments compare the SEP as
a function of the signal-to noise-ratio Ep/Ng of the DA
and NDA systems with the theoretical expectations.
The performance of the scheme was found to be close to
ideal for the DA systems even with short block lengths
[10], thus having a rapid acquisition time. Similarly, by
using a longer block length, the NDA systems perform
fairly well.

Binary and M-PSK -type of modulations are gener-
ally used in mobile telecommunications systems. These
modulations types do not have very demanding require-
ments for the interpolator. However, linear or cubic
Lagrange interpolator may not be sufficient for the new
synchronization scheme. Fortunately, better interpola-
tion filters than the cubic Lagrange which are not more
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Figure 5: Variance and mean of the phase jitter of 4-
PSK signal for the Lagrange interpolator (dashed-dot
line) and new interpolator (solid line).
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Figure 6: Timing jitter of 4-PSK signal when E,/Ny =
9 dB, phase error § = 0.6 rad, and block length N =
64. The solid line shows the timing jitter of the new
interpolator, and the dashed-dot line the timing jitter
of the Lagrange interpolator.



complicated to implement are derived in [6].
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i

Figure 7: Variance and mean of the timing jitter of 4-
PSK signal for the Lagrange interpolator (dashed-dot
line) and new interpolator (solid line).

6. CONCLUSIONS

An extension of the polynomial-based maximum likeli-
hood technique for jointly estimating the symbol tim-
ing and carrier phase of NDA systems is established.
Different simulations using the Lagrange and the new
interpolator are also performed for both DA and NDA
systems and compared with the theoretical case. The
results show the high performance of the new interpo-
lator compared to the Lagrange interpolator. However,
the NDA approach requires more computation than the
DA approach for estimating the polynomial-based like-
lihood function. Therefore, further studies considering
the computation complexity of this new NDA technique
will be carried out. Normally, by omitting decision op-
erations one may reduce equipment complexity and ob-
tain fast acquisition. Besides, in some circumstances
NDA systems may perform better than DD specially
for poor quality data decisions.
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ABSTRACT

Recently, a new all-digital technique for clock and
carrier phase synchronization of digital receivers was
introduced by the authors. This technique is based on
a polynomial approximation of the likelihood function
and utilizes the Farrow structure for symbol interpo-
lation. In this contribution, we analyze the effect of
frequency offset or Doppler shift on the performance
of the receiver while adjusting jointly the symbol tim-
ing and the carrier phase. Stmulation results for the
data-aided synchronization principle using two types
of wnterpolators are provided and compared with the
theoretical case. We notice that our optimized inter-
polator performs clearly better compared to the tradi-
tional Lagrange interpolator.

1. INTRODUCTION

In conventional receivers, the sampling of the re-
ceived signal must be synchronized to the incoming
data symbols. The synchronization is performed by
using a feedback or feed-forward loop. Currently,
there is a trend of using digital receivers where the
sampling of the received signal is not synchronized
to the incoming data symbols. With this approach,
there is no need for the complex PLL circuits used
in the conventional receivers.

In this receiver architecture, the sampling of the
received signal is performed by a fixed sampling clock
and thus sampling is not synchronized to the incom-
ing symbols. Therefore, timing adjustment and con-
sequently phase estimation must be done by digital
methods after sampling. One way to perform this is
to calculate the value of the signal at the desired time
instants using interpolation. Hence, a polynomial-
based interpolation technique using filters for the cal-
culation of the timing and phase error estimates is
applied. This interpolation method is the so-called
Farrow structure. It is characterized by its efficiency
and flexible realization [1]-[2]-[3]-[4].

The best synchronization algorithms for digital
communication systems are based on the maximurm
likelihood (ML) estimation theory. Estimation cf

This work was carried out in the project " Analog and Digital
Signal Processing Techniques for Highly Integrated Transceivers”
supported by the Academy of Finland.
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the carrier phase and the symbol timing can be per-
formed separately or jcintly. However, estimates ob-
tained from joint optimization of the likelihood func-
tion are usually better [5].

Recently, a new technique for clock and carrier phase
synchronization of digital receivers, using a block-
based feedforward architecture, has been introduced
in [6]-[7]-[8]. This technique is a practical fully digi-
tally implemented synchronization concept using in-
terpolation for jointly estimating the symbol timing
and the carrier phase, where the ML function is ex-
pressed in terms of the polynomial-based interpola-
tor filter branches. The feed-forwad architecture we
are considering provides rapid acquisition character-
istics, which are very important especially in the mo-
bile communication systems where the channel char-
acteristics are rapidly changing, and in the case of
TDMA system, also the transmission is bursty.

In this paper, we analyze the effect of the fre-
quency error or Doppler shift on the receiver perfor-
mance while adjusting jointly the estimated symbol
timing and the carrier phase. Simulation results for
the data-aided (DA) syachronization principle using
two types of interpolators are provided and compared
with the theoretical case. We notice that our opti-
mized interpolator performs clearly better compared
to the Lagrange interpclator.

2. SIGNAL AND TRANSMISSION
MODEL

Here we consider the timing and the carrier phase
recovery for digital data transmission by linear mod-
ulation schemes (PAM, QAM, M-PSK) when a small
frequency error is introduced. After down conversion
the.received signal (e.g., QAM) can be written as

r(t) =Y aig(t —iT — 7)d OFHD) Lae), (1)

7

with

g(t) = gr(t) x c(t).
Here, {a;} are the complex valued transmitted sym-
bols, g(t) represents the impulse response of the pulse-
shaping filter g7 (¢) convolved with the channel ¢(t},
T is the symbol duration, and n(t) is the channel
noise which is assumed to be white and Gaussian



with power density Ng. The parameters {r,6, Fy}
denote the time-delay, the carrier phase, and the fre-
quency offset, respectively.

The received signal r(t) is then convolved with
the matched filter gyp(t) (see Fig. (1)), and we
obtain the signal m(t) = r(¢) * garp(t) which is af-
terward sampled by a free running clock. we assume
here that the baseband pulse ¢(t) which is defined by

q(t) = g(t) * gmr(t) (2)
satisfies the first Nyquist criterion
. 1 fori=0

(1) { 0 fori#0. @)

Also, we assume that the frequency response of the
channel is flat within the frequency range

|W| _<_ 2”(3 -+ Fmaa:)v (4)

where B is the bandwidth of the linearly modulated
signal in the baseband, and +F,, . represents the
maximum frequency uncertainty. Generally, the fre-
quency estimator algorithms fulfill the above assump-
tion in order to produce an un-biased estimate [1].

Below we consider the effect of a small frequency
offset on a special type of symbol timing and car-
rier phase estimators which are particularly suited
for digital realization. Only under the condition that
the frequency offset Fy is restricted to small values
(FsT < 1) then the timing and the carrier phase
information can be recovered prior to the frequency
compensation [1]. Normally, when a receiver is op-
erating on a steady-state condition, the frequency
offset Fj is much smaller than the symbol rate 1/7.
However, if the frequency offset is on the order of
the symbol rate, frequency error correction or reduc-
tion has to be performed before other synchroniza-
tion functions.

In fact, due to un-compensated frequency errors,
the carrier phase changes across a data segment N
and achieves the value [12]

A¢ = 27F4NT (5)

at the end of the segment. Therefore, a non-negligible
phase variation A¢ degrades the symbol error prob-
ability (SEP).
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3. TIMING AND PHASE ADJUSTMENT
USING INTERPOLATION

The block diagram of the digital receiver with non-
synchronized sampling is shown in Figure 1. The
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sampling of the received signal r(t) is performed by
a fixed sampling clock, and thus, the timing adjust-
ment and consequently the carrier phase estimation
must be done after the sampling using interpolation.
The interpolation filter in Fig. 1 can be used for
both up-sampling and down-sampling, and further-
more, the output is not synchronized to the input.
We should think interpolation from the mathemati-
cal point of view and recall how to interpolate data
using polynomials.

The function of the interpolation filter is to calcu-
late one output sample y(nT;) at a time using a set
of adjacent input samples m(k7y), within a timing
error estimate () and a phase error estimate (¢) ob-
tained from the synchronization control unit. In the
ideal case these output samples are the same sample
values that would occur if the original sampling had
been synchronized to the received symbols.

The fractional interval u determines the time in-
stant t = nT; where the original continuous-time re-
ceived signal r(t) is approximated. This relation is
given by

nl; =

(1w + k)T, (6)

where p € [0,1) is the fractional interval, Ty is the
sampling interval, and T} is the output interval, wher-

eas k is the largest integer for which kT, < nT;. In
m(k) o e
%% L p o th —
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Figure 2: Farrow structure for the cubic interpolator
with L = 3.

this paper, we assume that the original sampling rate
is twice the symbol rate, 1" = 27;. Also, we use p to
denote the timing error with respect to the sampling
interval. In addition, the error in the carrier phase
is corrected using the phase error estimate denoted
by 6 as shown in Fig. 1.

The polynomial-based interpolation filters are ve-
ry easily implemented using the Farrow structure [2].
This structure is characterized by the fixed values of
all the filter coefficients and by only one changeable
parameter which is the fractional interval p.

In the general case, the Farrow structure (shown
in Fig. 2) consists of L + 1 FIR filter branches and
the length of each branch filter is N, where L is the
degree of the interpolation and N is the length of the
impulse response.

Timing adjustment in digital receivers using La-
grange interpolation was first introduced by Erup et.



al. [4]. Lagrange interpolation represents the con-
ventional time-domain approach to the interpolation
problems. A new synthesis technique for polynomial-
based interpolation filters is proposed in [9]-{10]. In
this synthesis technique, the design parameters are
edge frequencies for passbands and stopbands, ce-
sired amplitude and weight for every band, the length
of the filter, and the degree of the interpolation. Af-
ter giving these parameters, the filter coefficients of
the Farrow structure are optimized in the frequency
domain in the minimax sense. The new designs are
shown to provide clearly lower complexity or much
better performance with the same complexity as tae
Lagrange designs [11].

4. POLYNOMIAL APPROXIMATION OF
THE LOG-LIKELIHOOD FUNCTION FOR
TIMING AND CARRIER PHASE
ESTIMATION

Synchronization algorithms for digital receivers esti-
mating jointly the timing and the carrier phase are
based on maximum likelihood estimation (MLE) the-
ory as mention earlier. These algorithms are trying
to find the timing and the phase error estimates (g, 9)
which maximize the log-likelihood function.

A new technique of polynomial approximation for
the log-likelihood function (LLF) used for symbol
timing and carrier phase recovery has been devel-
oped by the co-authors in [6]-[8]. The main idea
was to form a polynomial approximation for the log-
likelihood function by using the Farrow structure,
then different schemes for finding the maximum of
this polynomial can be devised.

Considering a block processing scheme which takes
the data samples and the decided /known symbol val-
ues for a block of N symbols. Also, assuming that
the original sampling rate is twice the symbol rate
T = 27 and a cubic interpolation filter (L = 3) is
used. Because the symbol interval is divided into
two parts (two samples per one symbol), there are
two different polynomial approximations for the log-
likelihood function as shown in [6]-[7)-[8]. Conse-
quently, the symbol timing expressed as a function of
the fractional interval gz € [0, 1), and the output sam-
ples of the FIR filter branches in the Farrow structure

fi(n), is given by;
If max[A, ()] > max[As(f2)] then

it = arg mﬂaX[lAl(ﬂ)Hy (")
else
ji = arg mﬂaX[I/\fz(ﬁ)W
Here
Xll
3. N
M) =3 Ay @ (mfin—1),  (8)
=0 n=1
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and
Xiz

Ao(ft) = @'Y a*(n)fi(2n) .

i=0 n=1

©)

Also, by using the above timing estimate f, the car-
rier phase estimate is given by
If max[Aq(f1)] > max[Az(f2)] then

0 = arg[A ()], (10)

else X
6 = arg[Aa(f)].

In the case of a cubic interpolation filter, the overall
scheme for our proposed block-based symbol timing
and phase recovery is illustrated in Fig. 3. This pro-

BRANCH

1 | FILTERS

argl A (i) |

. :
DER E
e iMg(k)
Polynomial Approximation

for the LLF

Figure 3: Phase estimation and symbol timing re-
covery scheme.

cedure can be used as such in the data-aided (DA)
systems where the symbol values are known in ad-
vance. For example GSM does have a known syn-
chronization symbol sequence. In case of decision-
directed systems, a reasonably good initial estimate
for the sampling phase must be known. The scheme
can also be utilized in non-data-aided systems with
some variations.

5. SIMULATIONS

The performance of this synchronization technique
is analyzed in the presence of a frequency offset or
Doppler shift (Fy) on the carrier (F,). The intro-
duced frequency offset satisfies the condition that Fy
is much smaller than the symbol rate 1/7. There-
fore, symbol timing and carrier phase recovery can
be done prior to the frequency error correction. The
frequency offset values are controlled to keep the re-
celver performance close to the theoretical with re-
spect to the SEP. The simulation are performed us-
ing 64-QAM constellations. The transmitter and the
receiver pulse-shaping filters are square root raised
cosine filters with excess bandwidth of 35%. Two
interpolation filters, cubic Lagrange and third order
interpolation filter of length 8 designed by the new



synthesis technique [9], are compared in the simula-
tions.

Figure 4 compares the timing jitter of the La-
grange and the new interpolator using 64-QAM sig-
nal, when the signal-to noise-ratio Ey/Ny = 15 dB
and the block length N = 32. The introduced fre-
quency offset(Fy) times the symbol period (Tiym) 1s
constant for both interpolators, similarly for the in-
troduced phase error (6).
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Figure 4: Timing jitter of 64-QAM signal for the La-
grange interpolator and the new interpolator, when
Ey/Ny=15dB and N = 32.

Mean and variance of the timing jitter, and sym-
bol error probability (SEP) for the interpolation fil-
ters are also shown in Figs. 5, 6 and 7 respectively.
These simulations have been realized by using 64-
QAM signal when Ey/Ny = 15 dB, block size N =
32, and with different frequency offsets and phase
errors.
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Figure 5: Mean of the timing jitter with 64-QAM for
the Lagrange interpolator and the new interpolator,
when Fy,/Ng = 15 dB and N = 32.

Figure 8 shows the SEP as a function of the fre-
quency offset times the symbol period (FyTsym), us-
ing different block lengths. We observe that with rel-
ative big values of frequency offsets the SEP becomes
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Figure 6: Variance of the timing jitter with 64-QAM
for the Lagrange interpolator and the new interpola-
tor, when Ep/Ng = 15 dB and N = 32.
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Figure 7: SEP with 64-QAM for the Lagrange inter-
polator and the new interpolator, when E,/Ng = 15
dB and N = 32.



worse by increasing the block length. However, with
small values of frequency offsets the performance im-
proves by increasing the block length.

o
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Figure 8: SEP with 64-QAM as a function of FyTsym
when E,/Ny = 16.6 dB and for different block
lengths (V).

Finally, Figs. 9 and 10 show the SEP as a func-
tion of the signal-to noise-ratio for the Lagrange and
the new interpolator, using 64-QAM constellations
and a block size N = 32. The simulation are per-
formed using the worst-case timing offset and for
some selected values of the frequency offset and the
phase error.
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Figure 9: Worst case SEP with 64-QAM using cu-
bic Lagrange and the new interpolator for different
phase error 6 (rad), and frequency offset Fy times the
symbol period (T,ym). The block length is N = 32.

6. CONCLUSIONS

We analyzed the effect of the frequency offset or
Doppler shift on the performance of the digital re-
ceiver while adjusting the symbol timing and the car-
rier phase. This effect is analyzed under the assump-

——  Theoretical
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Figure 10: Worst case SEP with 64-QAM using the
new interpolator, for different frequency offset times
the symbol period FyT;ym when the phase error ¢ =
0 rad and the block length N = 32.

tion that the frequency offset is much smaller than
the symbol period. Simulation results for the DA
synchronization principle using two types of interpo-
lators are provided and compared with the theoreti-
cal case. We noticed that our optimized interpolator
performs clearly better compared to the Lagrange in-
terpolator when using 64-QAM-type of modulations.
Also, we demonstrated that our symbol timing and
carrier phase recovery scheme performs quite well
within a relatively small frequency offset values with
respect to the symbol period.

7. REFERENCES

[1] H. Meyr, M. Moeneclaey, and S. A. Fechtel,
Digital Communication Receivers: Synchroniza-
tion, Channel Estimation and Signal Process-
ing. John Wiley & Sons, 1998.

[2] C. W. Farrow, ”A continuously variable digital
delay element,” in Proc. IEEE Int. Symp. Cir-
cuits & Syst., Espoo, Finland, June 1988, pp.
2641-2645.

(3] F. M. Gardner, ”Demodulator reference recov-
ery techniques suited for digital implementa-
tion,” ESA Final Report, Aug. 1988.

[4] L. Erup, F. M. Gardner, and R. A. Harris, "In-
terpolation in digital modems - Part II: Im-
plementation and performance,” [EEE Trans.
Commun., vol. 41, pp. 998-1008, June 1993.

[5] J. G. Proakis,
McGraw-Hill, 1989.

Digital Communication.

[6] J. Vesma, V. Tuukkanen, and M. Renfors,
"Maximum Likelihood Feedforward Symbol
Timing Recovery Based on Efficient Digital In-
terpolation Techniques,” in Proc. 1996, IEEE



(1]

(12]

Nordic Signal Processing Symposium, Espoo,
Finland, Sept. 1996, pp. 183-186.

J. Vesma, V. Tuukkanen, R. Hamila, and
M. Renfors, "Block-Based Feedforward Maxi-
mum Likelihood Symbol Timing Recovery Tech-
nique,” in Proc. of Communication Systems €&
Digital Signal Processing, Sheffield-UK, April,
1998, pp. 92-95.

R. Hamila, J. Vesma, H. Vuolle, and M. Ren-
fors , " Joint estimation of phase and timing us-
ing polynomial-based maximum likelihood tech-
nique,” to be presented in /CUPC’98.

J. Vesma and T. Saramaki, "Interpolation filters
with arbitrary frequency response for all-digital
receivers,” in Proc. IEEFE Int. Symp. Circuits &
Syst., Atlanta, GA, May 1996, pp. 568-571.

R. Hamila, J. Vesma, T. Saramaki and M. Ren-
fors, " Discrete-Time Simulation of Continuous-
Time Systems Using Generalized Interpolation
Techniques,” in Proc. 1997, the Summer Com-
puter Sumulation Conference, Arlington, Vir-
gima, USA, July 1997, pp. 914-919.

J. Vesma, M. Renfors, and J. Rinne, ” Compari-
son of efficient interpolation techniques for sym-
bol timing recovery,” in Proc. IEEE Globecom
96, London, UK, Nov. 1996, pp. 953-957.

U. Mengali and A. N. D’Andrea, Synchroniza-
tion Techniques for Digital Receivers. Plenum
Press, 1997.

252



Publication 5
R. Hamila, M. Renfors, "New Maximum Likelihood Based Frequency Estimator for Digi-
tal Receivers," in Proc. |EEE Wreless Communications and Networking Conference, WC-
NC 99, New Orleans, USA, Sept. 1999, pp. 206-210.

Copyright ©1999 IEEE. Reprinted, with permission, from the proceedings of WCNC’ 99.






(CMCNC

1999 IEEE Wireless Communications and
Networking Conference

Sponsors:

Platinum

- @ BELLSOUTH Mobility
ERICSSON 2

NCORTEL
NETWORKS

N
the global leader
IN TELECOM OUTSOURCING

Gold

QUALCOM






NEW MAXIMUM LIKELIHOOD BASED FREQUENCY ESTIMATOR FOR
DIGITAL RECEIVERS

“Ridha Hamila and Markku Renfors

Telecbmfnun-icafions Laboratory -

Tampere University of Téchnologyi

".P.0: Box 553, FIN-33101 Tampere, Finland
Tel +358 3 365: 3910 Fax +358 3 365 3808, E-mail: ridha@cs.tut. fi

ABSTRACT

Recently, a new- all-dzgztal technique for symbol tzmzng‘

" and carrier phase synchronization of digital receivers

was introduced by the authors. This technique is based

:ona polynomzal apprommatzon of the likelthood func-

" tion_by using the Farrow structure. In this contribu-
tion,- we propose a new Tretter-based frequency esti-
mator that is d1rectly derived” from the carrier phase
estimate. The- proposed ‘estimator s szmple to im-
plement and*is partzcularly suited- for digital receiver
architectires.. This new Tretter-based estimator per-
forms fairly well when compared with the Fitz and the

" Luzse- Reggzanmnz frequency estimators, in the pres-
ence of substantzal carrier frequency o]_‘fset

-1. INT_ROI-):UCTION

In conventional receivers, the sampling of .the received .

signal is synchronized to the incoming data symbols

by using an.analog or hybrid recovery scheme. Cur- .

rently, there is a trend of ‘using all-digital synchro-
nization techniques where the initial sampling of the
baseband signal is not synchronized. to the incoming
data symbols, in order-to reduce- the receiver analog
components and perform most of the functions digi-
tally [1],[2). In this receiver architecture, timing ad-
justment and in practice also phase estimation must

‘be done by digital methods after sampling. One way -
to perform this is to calculate the value of the signal at

the desired timeinstants-using-interpolation, and then
rotate by a complex multiplier to correct the phase er-
Tor. : ’ ) e ‘

This work was carried out.in the project "Analog and Digital
Signal Processing Techmques for Highly Integrated Transceivers”
supported by the Academy of Flnland This work is also supported
by Tampere Graduate’ School n- Informatlon SC|ence and Engineer-
|ng (TISE). Sl

0-7803-5668-3/99/$10.00 © 1999 IEEE.

Recently, a new technique for sampling clock and

. carrier phase synchronization of digital receivers, us-
" ing a block based feedforward architecture, has been

introduced in [3]-[5]. This technique is a practical,

fully digitally implemented synchronization concept
- using the Farrow-based interpolator and maximum

likelihood (ML) based joint- estimation of the sym-
bol timing and the carrier phase. Here the likelihood

_function is expressed in terms of the polynomial-based

interpolator filter branch signals [3]. Also, the feedfor-
ward architecture we are considering provides rapid
acquisition characteristics, which are very important
especially in the mobile communication systems where
the channel characteristics are rapidly changing, and
in the case of TDMA system, also.the transmission is

. ) bursty

In this paper, we propose a new all-digital Tretter-
based [6] frequency estimator .algorithm for the m--
PSK signaling which is directly derived from the poly-
nomial based ML technique for jointly estimating the
symbol timing and the carrier phase [4],{7]. This new

 estimator is particularly suited for digital receivers

since it is directly deduced from the slope of the car-
rier phasé estimate, and the algorithm can be easily
integrated with the symbol timing and carrier phase
recovery methods described above. However, this es-

_timator is valid only under the condition-that the fre-

quency offset Fy is much smaller than the symbol rate )
1/T (F4T <« 1) in which case the timing and the

" carrier phase information can be recovered prior to
. the frequéncy compensation [8].

Normally, when a
receiver is operating on a steady-state condition, the
frequency offset is much smaller than the.s5ymbol rate.

. However, if the frequency offset is in-the order of the

symbol rate, coarse frequency error correction -or re-

" duction has to be performed before other synchroniza-

tion functions. The performance of the new frequency
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estiyriator.is cémpgred with the Ffti‘frequency esti-
“mator-[9] and Luise-Reggiannini fréquency estimator
po N

2. SiGNAL AND TRANSMISSION MODEL

Here we consider the symbol timing and carrier phase
recovery for digital data transmission for m-PSK mod-
‘ulation schemes when a frequency error is introduced.
" After down conversion, the received signal can be writ-
ten as S

) =Y aiglt = iT = D)) Lnfe), (1)

ot) = g7 (i) * c(t).

Here, {a;} are the complex valued transmitted sym-
bols from the m-PSK alphabet -

with

.{ejzwm/M;m:YO,l.,"',M“ 1}’

g(t) represents the impulse response of the pulse shap-
ing filter gr(t) convolved with the channel ¢(t), T is
-the symbol duration, and n(t) is the channel noise
which is assumed to be white and Gaussian with power
spectral density Ng. The parameters {7, 68y, Fq} de-
note the time-delay, the initial phase shift, and the
frequency offset, respectively.

The received signal 7(¢) is then convolved with the
matched filter gprr(t) (see Fig. (1)), and we obtain
the signal m(¢) = r(t) * gprp(t) which is afterwards
. sampled by a free running clock. -We assume here that
the baseband pulse ¢(t) which is defined by .

q(t) = g(t) x gmr () (2)
satisfies the first Nyquist cri_terioh .
: 1 fori=0

(i) = { 0 foi i #0. 3

Also, we assume that the frequency response of the
channel is flat within the frequency range

lw' < 27\'(3 + Fmam)y (4)

where B is the bandwidth of the linearly modulated
signal in the baseband, and #Fpa. represents the
maximum frequency uncertainty. Generally, the fre-
quency estimator algorithms fulfill the above assump-
tion in order to produce an un-biased estimate [8].

3. FREQUENCY ESTIMATORS

3.1. Fitz and Luise-Reggiannini Estimators

Under the above assumptions and ideal clock recovery,
samples from the matched filter output are given by
[10] .

m(k) = a;e/?mFakT+80] 4 nojse. (5)
For the data-aided (DA) case, using the property of m-
PSK that a;a} = 1, the modulation can be removed,
as follows

zpa(k) = a]m(k) = e/PrFakT+00] | yoise. (6)

On the other hand, for the NDA case, the influence
of the data symbols can be completely removed by an
mt? power nonlinearity

znpa(k) = edMarelmk)] (7)
The Fitz frequency estimator is given by [9]

n 1 < 61 )
Fa= 2eMT ; N(N + 1)(2N +1) arg[R(7)], (8)

where R(1) is the autocorrelation of z(k) defined as

lo—-1

> z(k)z" (k- ). (9)

k=i

R(i) &

lp—1

Here, the choice of z(k) depends on the use of the DA
operation (Eq. (6)) or NDA operation (Eq. (7)). In
(8) M =1 for the DA case or equal to the number of
constellation points for the NDA case. [, represents
the observation length in symbol intervals, and N is a
design parameter.

Similarly, the frequency estimator proposed by Luise
and Regiannini [10] is defined by

N

Y RG)

=1

.

= TMT(N 1) - (19

These two frequency estimators belong to the class
of autocorrelation-based estimators [10].

3.2. Tretter Estimator

Under the same conditions and for ideal timing re-
covery, another estimator which belongs to the class

" of least-squares-based estimators is called Tretter fre-

quency estimator [6], defined by

6(2k‘ —~lo+ 1)
lo(I§ - 1)

arg(z(k)],  (11)
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where arg{z(k)] can be approximated from Eq. (6) or
(7) as follows

arglz(k)] = {M2xkF4T + 0y + noise}™ . (12)
Here, {z}Z, denotes the modulo 27 operation of z.

In fact, due to un-compensated frequency errors,
the carrier phase changes across the data segment lg.
Along the trajectory of arg[z(k)], we obtain jumps of
27 when the value of arg[z(k)] crosses odd multiples
of #. In order to eliminate the jump ambiguity, the
provisional phase estimate arg[z(k)] is unwrapped by
a post-processing unit, yielding

d(k) = ¢(k—1) + {arg[z(k)] — arg[z(k — )]}, (13)
Finally, the Tretter estimator is stated as -
lo—1

> e tew.
k=0 0

. 1
Fa= o3

RECEIVED

SIGNAL R‘
—ip |
n % () m(k)
ol |u
f= 1T, TIMING & PHASE
ESTIMATION

Digital Receiver with non-synchronized

DECISION

f SYMBOLS
| —
ain)

INTERPOLATION
FILTER

Figure 1:
sampling.

4. TIMING AND PHASE ADJUSTMENT
IN DIGITAL RECEIVERS

4.1. Digital Receiver with Non-Synchronized
Sampling

The block diagram of the digital receiver with non-
synchronized sampling is shown in Figure 1. The
sampling of the received signal »(¢) is performed by
a fixed sampling clock, and thus, the timing adjust-
ment and consequently the carrier phase estimation
must be done after the sampling using interpolation.

The function of the interpolation filter is to calcu-
late one output sample y(nT;) at a time using a set
of adjacent input samples m(kT,), with a timing error
estimate (4) and a phase error estimate (§) obtained
from the synchronization control unit. In the ideal
case these output samples are the same sample values
that would occur if the original sampling and the local

oscillator phase had been synchronized to the received
signal.

The fractional interval p determines the time in-
stant ¢ = nT; where the original continuous-time re-
ceived signal 7(t) is approximated. This relation is
given by

nT; = (n+ k)Ts, (15)

where p € [0,1) is the fractional interval, Ty is the
sampling interval, and T; is the output interval, wher-
eas k is the largest integer for which 7T, < nT;.

The polynomial-based interpolation filters are ve-
ry easily implemented using the Farrow structure [11].
This structure is characterized by the fixed values of
all the filter coefficients and by only one changeable
parameter which is the fractional interval u.

4.2. Polynomial Approximation of the Log Lik-
elihood Function

Synchronization algorithms for digital receivers esti-
mating jointly the timing and the carrier phase are
based on maximum likelihood estimation (MLE) the-
ory. These algorithms are trying to find the timing
and the phase error estimates (j, ) which maximize
the log-likelihood function {1],[8],[10].

A new technique of polynomial approximation for
the log-likelihood function used for symbol timing and
carrier phase recovery has been developed by the au-
thors in [4],[5]. The main idea was to form a poly-
nomial approximation for the log-likelihood function
by using the Farrow structure, then different schemes
for finding the maximum of this polynomial can be
devised.

We consider a block processing scheme which takes
the data samples and the unknown/decided/known
symbol values for a block of N symbols. Also, we
assume that the original sampling rate is twice the
symbol rate, T = 2T}, and a cubic interpolation filter
is used. Because the symbol interval is divided into
two parts (two samples per one symbol), there are
two different polynomial approximations for the log-
likelihood function as shown in [4],[5]. Consequently,
the symbol timing expressed as a function of the frac-
tional interval i € [0,1), and the output samples of
the FIR filter branches in the Farrow structure f;(n),
are given by;

If max[A; ()] > max[A2(f)] then

jr = arg mgX[tAl(ﬂ)Il : (16)
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else

v = argmax{|Az(#)]].

Where, for the DA operation A;(i1) and Ax(f) are
given by

3 N
M) =S F Y e mfien-1), (1)

i=0 n=1

and
: N
IR M)

3
i=0 n=1

n)fi(2n). (18)

Similar expressions for A;(i) and A»(f) are also
derived for the NDA case in [4].
Also, by using the above timing estimate i, the
" carrier phase estimate for the DA operation is given
by
If max[A; ()] > max[A4(j)] then

0 = arg[A1 ()], (19)

else
) = arg[As(f2)).

Similarly, the carrier phase estimate for the NDA
operation is given by .
If max[A;(f2)] > max[Az(#)] then

5. TRETTER-BASED FREQUENCY
ESTIMATOR

All the estimators shown previously are using directly
the samples from the output of the matched filter, and
they are functional under ideal clock recovery. By an-
alyzing Eq. (12) of the Tretter estimator, we remark
that the right hand side of this equation can be viewed
as a straight line with initial phase offset 8y, and with
a slope equal 27 Fy4T. Since the carrier phase estimate
6 that we derived for both DA and NDA operations
(Eqgs. (19) & (20)) is performed for ideal timing re-
covery, similar concept to the Tretter estimator can
be applied for this carrier phase estimate. Therefore,
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the frequency offset can be directly calculated by us-
ing the filter branches in the Farrow structure and the
fractional interval i providing the correct timing. The
Tretter-based frequency estimator is then defined by

(k) = {2nFa(it + k)T, + 00} ,.. | (21)

Similar to Tretter estimator, the post-processing .unit
or unwrapping algorithm is applied to the above equa-
tion (21) in order to eliminate equivocation. Also, the
above algorithm is valid for both DA and NDA oper-
ations.

6. SIMULATIONS AND CONCLUSIONS

The performance of this synchronization technique is
analyzed in the presence of a frequency offset (Doppler
shift Fyq) on the carrier (F.). The introduced fre-
quency offset satisfies the condition that Fjy is much
smaller than the symbol rate 1/T. Therefore, symbol
timing and carrier phase recovery can be done prior to
the frequency error correction. The frequency offset
values are controlled to keep the receiver performance
close to the theoretical with respect to the SEP. The
simulations are performed using 4-PSK constellations,
a block length size N = 32 symbols, and a third order
interpolation filter. The transmitter and the receiver
pulse-shaping filters are square root raised cosine fil-
ters with excess bandwidth of 35%.

Figures 2 and 3 illustrate the direct carrier phase
estimate output (Egs. (19) & (20)) and the unwrapped
carrier phase, for different values of frequency and ini-
tial phase offsets.

Figure 4 compares the results of the three fre-
quency estimators described in this paper. These re-
sults prove that the new frequency estimator performs
fairly well when compared with the Fitz and Luise-
Regiannini estimators. Besides, this new estimator
is easily implemented, since it is directly integrated

.with the symbol timing and carrier phase recovery ap-

proach. Consequently, the receiver complexity can be
reduced by avoiding the implementation of an addi-
tional frequency estimator block.

The size of the block length has a strong effect on
the timing jitter in the presence of noise, and con-
sequently on the frequency offset estimation. By in-
creasing the number of symbols in the block length,
timing jitter reduces. It remains a topic for future
work to study the effect of the block length size on
the frequency offset estimation.
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Abstract

Accurate detection and estimation of overlapping fading multi-
path components is vital for many communication systems. In
this paper, we analyze the effect of the coherent integration and
non-coherent averaging length over the correlation function for
estimating correctly the delays introduced by a multipath chan-
nel. Study of correlation estimation properties paves the way
to derive simple and efficient multipath delay estimation tech-
niques with subchip resolution capability for use in direct se-
quence CDMA systems.

1. Introduction

Commonly, in most applications of radio communications and
navigations [1], the line of sight (LOS) signal is succeeded by
multipath components that arrive at the receiver within short
delays, that can be smaller than the pulse shape. This causes
overlapping fading multipath components and introduces sig-
nificant errors in the LOS path time of arrival and gain estima-
tion. In spread spectrum CDMA systems, such as Third gen-
eration mobile communications or Global Positioning System
(GPS) receivers, it is important to achieve accurate delay esti-
mation (or code synchronization) before despreading and data
detection. Most spread spectrum systems use spreading codes
with non-ideal correlation properties which result in co-channel
interference, or multiuser-interference, for radio communica-
tion systems, which is also called multi-transmitter interference
in radio-navigation systems [1]. Generally, the performance of
radio communication systems is heavily affected by the multi-
path and multiuser-interference.

Generally, multipath delay estimation techniques in most
DS-CDMA receivers are based on the maximum likelihood
theory [1]. Different methods have been derived, considering
mainly coherent and non-coherent delay lock loops (DLL) with
arbitrary early and late code spacings [2],[3],[4]. These meth-
ods are just trying to track the delay of the line-of-sight path by
correlating the down-converted received signal with replicas of
spreading codes locally generated by the DS-SS receiver. How-
ever, phase lock loop circuits generally fail to estimate closely-
spaced multipaths with less than one chip interval, besides their
convergence can be quite slow [1],[2]. Several subspace-based
approaches have also been derived, however, they are usually
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Transceiver Architectures and Implementations for Wireless
Communications” supported by the Academy of Finland. This
work is also supported by Tampere Graduate School in Informa-
tion Science and Engineering (TISE), and Graduate School in
Electronics, Telecommunications and Automation (GETA).
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too complex for practical purposes, and suitable only for sys-
tems employing short codes [5],[6].

The paper is organized as follows. In Section 2, we briefly
review the correlation estimation principles over short and in-
finite time observations. In Section 3, we analyze multipath
delay estimation techniques based on the maximum likelihood
theory, and we demonstrate with simulations the impact of the
coherent and the non-coherent averaging length of the correla-
tion function on multipath delay estimation. Finally, Conclud-
ing remarks are drawn is Section 4.

2. Correlation Estimation Principles

Consider that the autocorrelation function of a stationary pro-
cess C(t) is expressed as

R(r) = E{p(t,7)} = E{C(t)C(t — 7)}. @
The time average of the process p(t, 7) is defined by
1
Rer)= g [ ottt @

The stationary process C(t) is called ergodic in the autocorre-
lation function if it satisfies the following two conditions. First,
the time average approaches the ensemble average in the limit
as the observation interval T'p approaches infinity,

plim Re(r) = B{p(t,7)} = R(), 3)

and then the variance of the time average approaches zero in
the limit as the observation interval T approaches infinity [Pa-
poulis, Chap. 11],

. 2 . L 2
1 o = lim /2TD [R () + 4
R(T+ a)R(r — 0)] (1 - %)da =0.

Thus, provided that the observation time interval T'p is suffi-
ciently large, the time average R.(7) is an unbiased estimator
and can be used to estimate R().

However, if we are averaging over a finite short-time interval,
we shall consider the following biased estimator

1
7 [ C#)C(t —7)dt for|r| <Tp
Ry (1) = { o 7 otherwise

whose expected value or mean is given by [Papoulis, Chap. 11]

Birn} =R (1- L) = ROA D), ©)



and its variance is expressed as follows

ok, = — [ [R%a)+R(a+r)R(a—1)]
b Tp Jor,
(1 - w) da. ©)

Here, A(7, T'p) denotes a triangular function defined as follows

_J 1-I7/Tp |7|<Tb
Ar, Tp) = { 0 otherwise. 0
By computing the mean of the power spectrum of each of the
above estimators, we obtain

B{S.(w)} = /2 N R(r)e 9 dr = S(w) * % ®)
E{Sr, (w)} = R(T)A(T)efjw'rd‘r
2Tp
_ sin? Tpw/2
= Sw)* T Tpw? )2 )

where S.(w), Stp, (w), and S(w) represent the power spectra
corresponding to the functions R.(7), Rr, (7) and C(t), re-
spectively, defined over the finite observation interval T'p.

Notice that both estimators are biased if we are consider-
ing finite time observation. However, if the observation interval
tends to infinity, both of the kernel windows sin(Tpw)/(7ww)
and sin*(Tpw/2)/(7Tpw?/2) tend to one. Consequently,
both estimators become unbiased.

3. Timing Estimation for a Multipath
Signal Based on the Correlation Estimation
Principles
After down-conversion of the received signal to baseband

through mixing and filtering, the received DS-CDMA signal in
the presence of M-path channel is modeled as [1],[4]

W) = at)+n() (10)
Nsym M-1
= Z bi Z ai,kC(t — Tik — kTsym)ejai’k
k=0 i=0
+n(t),

where C(t) is the spread-spectrum code, and n(t) is additive
white Gaussian noise with power spectral density No/2, Tsym
is the symbol interval, and by, is the k" transmitted complex
data symbol. The time-variant a;, 7; and ; represent the at-
tenuation factor, time delay, and phase for the %" path, respec-
tively. The estimation of the set of synchronization parameters
{ai, 74, 0;} is very essential for locating the line-of-sight path,
and consequently, for achieving accurate delay estimation (or
code synchronization) before despreading and data detection.

Assuming that the down-converted signal r(¢) is com-
pletely defined in the time interval Tp, the conditional likeli-
hood function of r(t) for a given set of synchronization param-
eters {a, 7, 0} is given by

p[r(t)|{a, T, 6] = §exp{ _ Nio /T () — i(t)]zdt}
7 (12)

where £ is just a positive constant independent of the synchro-
nization parameters which can be neglected, and Z(t) is the lo-
cal trial signal replica generated at the receiver, modeling the
estimated line-of-sight and multipath signals. Without loss of
generality, we consider that the desired symbol is the zeroth
symbol, the trial signal replica generated at the receiver is given

by
M-1 o
(i‘(t) = Z di,oo(t — ‘f’i,o)ejei’o. (12)
=0

We assume that during the observation interval T'p, the chan-
nel is very slowly changing, therefore the subscript & can be
ignored for convenience.

In conventional receivers, multipath delay estimation tech-
niques are based on the maximum likelihood theory [1] which
are trying to estimate the set of parameters {a, 7, é} by min-
imizing the mean square error of the log-likelihood function
(LLF) given by

LML(a,%,é)zRe{ /T [r(t)—:f:(t)]zdt}. (13)

Thus, the synchronization parameters are determined by differ-
entiating the above LLF function with respect to the synchro-
nization parameters, then setting the partial derivatives equal to
zero. The partial derivative with respect to the time-delay esti-
mate is given by [1]

) o D
O_TLML(M’T’ 6;) . = 2(9_7' [Re{ I:RTC(T)
M-1 - -
= Y aRe(r—)ee I }] (14)
1=0,174 T=7;

In the above equation, R..(7) is the in-phase/ quadrature time-
average cross-correlation function over the observation time in-
terval Tp, given by

1

RTC(T) = E

/ r(£)C(t — 7)dt, (15)

and R. () is the reference time-average correlation function of
the spreading code, given by

Re(r) = —

=) C(t)C(t — 7)dt. (16)

Consequently, the desired time delay for the " path that maxi-
mizes the above expression (14) is given by

7 = arg max [Re{ [ch(T) (17
M-1 R .
= Y aRe(r — A }]
1=0,1#i

Generally, multipath delay estimation techniques are based on
the cross-correlation function (Eq. 15) of the down-converted
signal de-spread with a copy of the spreading code locally
generated by the DS-SS receiver. The multipath estimating
DLL techniques [2] are trying to approximate the overall cross-
correlation using a set of reference correlation (Eq. 16) func-
tions with certain delays, phases and amplitudes.



When the locally generated code is locked to the re-
ceived code, by substituting equation (11) into (15), the cross-
correlation function is simply expressed by

; M-1
R.c(t) = — a;el%

+ L [ awo -t (18)
Tp Jr,

boC(t —)C(t — 7)dt

If the data symbols, {b}, are known in advance, then we can
perform coherent integration over several symbols. Otherwise,
we perform the integration over one symbol and then apply a
non-coherent averaging over several symbols in order to reduce
the interference.

Normally, even-though we are considering averaging over
a sufficiently large observation time interval, we shall con-
sider the previously mentioned biased estimator. Recalling the
Gaussian nature of the random process as well as the mean of
the biased estimator (5), the expectation of the above cross-
correlation function becomes

M-—1
E{R,c()} = > aie’® Re(r — m)A(r — 75, Tp).  (19)
=0

Notice that the expected value of the cross-correlation function
is expressed simply as a weighted sum of delayed correlation
functions times triangular windows with certain amplitude and
phase specific to each signal path. Thus, the correlation effec-
tively amplifies the underlying data signal, with an amplifica-
tion factor equal to the length of the PRN code sequence. Fig-
ure 1 shows an example of a normalized autocorrelation func-
tion using a Gold code sequence of length 1023 weighted by a
triangular window.
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Figure 1: The upper figure shows a normalized autocorrelation
function of one Gold code sequence within a triangular window.
The lower curve illustrates their product.

Here, Tp can also be referred to as a coherent integration
length, since the integral from Eq. (18) is performed coher-
ently. However, if the data modulation is not known or esti-
mated in advance, the integration length T'p is limited to one
symbol interval, which is usually not sufficient to diminish the

effect of noise. Therefore, a non-coherent averaging can also be
employed in such away that the decision variable becomes

Npa M-1 )
J = Z Z aiejo"Rc('r —7)A(r —1,Tp,)|, (20)
k=0 | i=0

where Npa denotes the number of blocks used in the non-
coherent block averaging, and T'p,, is the coherent integration
interval for the k" symbol.

Also, we noticed by increasing either the coherent integra-
tion length or the non-coherent averaging length, the peaks in
the correlation function can be clearly distinguished and the side
lobes decrease as illustrated in Figs 2 and 3. The coherent in-
tegration provides lower side lobes in the correlation function
compared to the non-coherent averaging, but data decisions or
pilot symbols are required for performing the coherent integra-
tion. It is clear that the more we increase the averaging length
(coherent or non-coherent), the more the correlation function
approaches to the ideal one (i.e., superposition of two triangular
pulse shapes at the positions corresponding to the path delays).
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Figure 2: Correlation function with a spreading factor of 32 at
Ey,/No = 5 dB, using 2-path channel, with path locations at
[3.25, 4.75] chips and average path powers of [0, —3] dB.

By exploiting the above study, a new technique for multi-
path delay estimation using peak tracking with subtraction has
been derived. This approach is analogous to the DLL tech-
niques in the sense that it is trying to estimate the overall cross-
correlation function using a set of reference functions, but with
different and simpler implementation [7],[8]. Also, based on
the above analysis an innovative multipath delay estimation ap-
proach based on a nonlinear quadratic Teager-Kaiser operator
is introduced [9],[10]. This new technique is extremely sim-
ple and very efficient for estimating closely-spaced multipaths
with much less computational complexity compared, e.g., to the
subspace-based multipath delay estimation methods [5],[6].

4. Conclusions

Generally, the transmitted signal arrives at the receiver via mul-
tiple propagation paths at different delays, which can be smaller
than the pulse shape duration, introducing overlapped multipath
components and causing significant errors to the prompt LOS
signal time and amplitude of arrival estimation. Correlation es-
timation properties related to DS-CDMA receiver signal have



been studied. We demonstrated the influence of the coherent
integration and the non-coherent averaging length on multipath
delay estimation, and the importance of the considered observa-
tion time interval length. This analysis paves the way to derive
simple and very efficient multipath delay estimation methods
with subchip resolution capability .
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Figure 3: Correlation function with a spreading factor of 32 at
Ey,/No = 0 dB, using 2-path channel, with path locations at
[3-25, 4.75] chips and average path powers of [0, —3] dB.
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In this paper, we introduce a novel, simple and quite efficient technique for estimating
closely-spaced multipath delays in GPS receivers as well as in other spread spectrum CDMA
systems. Subchip resolution is achieved via a nonlinear quadratic operator called Teager-
Kaiser operator which exploits the properties of the cross-correlation between the received
signal and the reference despreading code replica generated at the receiver. Simulation results
using different Rayleigh fading channels show the good performance of the proposed technique,
in addition to its very simple implementation compared to the earlier maximum likelihood
based approaches. This new technique with subchip resolution capability can be used for
improving GPS and mobile phone positioning accuracy in a cellular network using the cellular
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1 Introduction

A frequently occurring problem in most applications of radio communications and navigations [1] is mul-
tipath propagation. Generally, the transmitted signal arrives at the receiver via multiple propagation
paths at different delays which may add destructively, resulting in signal fading and consequently in
receiver performance degradations. In spread spectrum CDMA systems, such as Third generation mobile
communications or Global Positioning System (GPS) receivers, it is important to achieve accurate delay
estimation (or code synchronization) before despreading and data detection. Most spread spectrum sys-
tems use spreading codes with non-ideal correlation properties which result in co-channel interference,
or multiuser-interference, for radio communication systems, which is also called multi-transmitter inter-
ference in radio-navigation systems [1]. Generally, the performance of radio communication systems is
heavily affected by the multipath and multiuser-interference. In this paper, we will focus our study on

the GPS case.

Usually, multipath effects have a strong impact on the precision of the Global Positioning System and
differential GPS (DGPS) [2]. GPS direct-sequence spread spectrum (DS-SS) receiver tries to estimate the
exact envelope delay and carrier phase of a particular satellite signal which provide information about
the propagation time, and hence about the corresponding distance. However, the presence of multipath

introduces certain amount of error that makes accurate estimation of delay and phase a very critical task.

Mobile phone positioning in a cellular network with reliable and rather accurate position information
has become unavoidable after the Federal Communications Commission mandate, FCC-E911 docket on
emergency call positioning in USA, and the coming E112 in the European Union. Various positioning
technologies have been recently devised using either cellular network-based or mobile-based methods.

However, the most prominent technology that has been approved by the standardization bodies is the
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cellular network-assisted GPS (AGPS) [3]. Currently, AGPS positioning technique provides slightly
better accuracy outdoors and in urban environment, but it is suffering heavily from reflected multipath

components especially in the indoor environment.

Commonly, multipath delay estimation techniques in most GPS receivers are based on the maximum
likelihood theory [1]. Different methods have been derived, considering mainly coherent and non-coherent
delay lock loops (DLL) with arbitrary early and late code spacings [2, 4, 5]. These methods are just trying
to track the delay of the line-of-sight path by correlating the down-converted received signal with replicas
of spreading codes locally generated by the DS-SS receiver. However, phase lock loop circuits generally
fail to estimate closely-spaced multipaths with less than one chip interval, besides their convergence can
be quite slow [1, 2]. Several subspace-based approaches have also been derived, however, they are usually

too complex for practical purposes, and suitable only for systems employing short codes [6, 7].

Another solution to resolve closely-spaced paths is the peak tracking with pulse subtraction method [8, 9].
Here, the output of the matched filter (or correlator) is approximated by the superposition of a set of
reference correlation functions. Once we detect a multipath delay, its contribution is subtracted from the
overall cross-correlation function, and the successive delays are searched from the residual function. The
pulse subtraction method does not require heavy computations and performs reasonably well if the paths

are at more than half chip spacing [9, 10].

In this contribution, we introduce a very simple innovative technique for channel estimation with a
subchip resolution based on the Teager-Kaiser quadratic operator [11, 12, 13]. This operator exploits the
properties of the cross-correlation function between the received signal and the despreading code replica
generated at the receiver, in order to estimate accurately overlapped multipath delays independently of
the delay spacing between the multipaths. The proposed technique can be used for improving the mobile

phone positioning accuracy in a cellular network for the assisted GPS positioning technology.

-3-
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This paper is organized as follows. Section II gives a brief review about correlation estimates for short
and infinite time interval observations. The GPS signal structure, conventional maximum likelihood
approach for estimating time delays introduced by a multipath channel, as well as the envelope track-
ing with subtraction method are established in Section III. The Teager-Kaiser operator within some of
its properties related to the reference correlation function are derived in Section IV together with the
proposed technique for estimating closely-spaced multipath delays. Simulation results using different
Rayleigh fading channels are provided in Section V, comparing the new technique with the envelope
tracking with subtraction method with respect to the probability of acquisition. Conclusions are drawn

in Section VI.

2 Review of Correlation Estimation Principles

Consider that the autocorrelation function of a stationary process C(t) is expressed as
R(r) = E{p(t,7)} = E{C(t)C(t — 7)}. (1)

The time average of the process p(t, 7) is defined by

Re(r) = 7 /T pft. @)

The stationary process C(t) is called ergodic in the autocorrelation function if it satisfies the following
two conditions. First, the time average approaches the ensemble average in the limit as the observation

interval Tp approaches infinity,

lim R.(r) = E{p(t,7)} = R(7), 3)

TD—)OO
and then the variance of the time average approaches zero in the limit as the observation interval T

approaches infinity [14],

lim ¢ = lim — [R*(@) + R(T + a)R(T — a)] (1 - M)doz =0. (4)

—4-
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Thus, provided that the observation time interval T is sufficiently large, the time average R.(7) is an

unbiased estimator and can be used to estimate R(7).

However, if we are averaging over a finite short-time interval, we shall consider the following biased

estimator

1
_ [ 75, COC(t —T7)dt for || <Tp
B, (7) = { 0 otherwise

whose expected value or mean is given by [14]

B{Rry} = () (1= 1) ) = RO D), ®)
and its variance is expressed as follows
1
oy = 7 [ [R@)+ RGa+ MR =) (1- Lo ©
D Tp 2Tp Tp

Here, A(7,Tp) denotes a triangular function defined as follows

_J 1=1I7l/Tp |7|<Tp
A(r,Tp) = { 0 otherwise. (7)
By computing the mean of the power spectrum of each of the above estimators, we obtain [14]
_ sin Tpw
E{Sc(w)} = R(r)e™Tdr = S(w) ¥ ——— (8)
2Tp W
B{Sr,@} = [ RO dr = S(w) » 2 10012 ©
w)} = T)A(T)e T=SW)* —————
Ir 2T, mTpw?/2’

where S.(w), ST, (W), and S(w) represent the power spectra corresponding to the functions R.(7), Rr, (7)

and C(t), respectively, defined over the finite observation interval Tp.

Notice that both estimators are biased if we are considering finite time observation. However, if the obser-
vation interval tends to infinity, both of the kernel windows sin(Tpw)/(nw) and sin®(Tpw/2)/(nTpw?/2)

tend to one. Consequently, both estimators become unbiased.
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3 Received Signal Structure and Conventional Multipath Esti-
mation Methods

In the following, we first define shortly the GPS received signal format, then we present the conventional

maximum likelihood approach for estimating time delays introduced by a multipath channel.

3.1 GPS Received Signal Structure

The GPS signal format is direct sequence spread spectrum (DS-SS) [4]. The navigation data stream
with input rate 1/Tp = 50 bits/s is first modulated onto the carrier using BPSK modulation. Then,

the spreading code is modulated onto the data modulated carrier with a rate of 1/T¢ much higher than

1/Tp.

After down-conversion of the received signal to baseband through mixing and filtering, the received GPS
signal from one satellite in the presence of M-path channel is modeled as [1, 5]

r(t) = =) +nt)

M—-1

a;C(t — 7;)e?% + n(t), (10)
1=0

where C(t) is the spread-spectrum code, and n(t) is additive white Gaussian noise with power spectral
density No/2. The time-variant a;, 7; and 6; represent the attenuation factor, time delay, and phase for
the i*" path, respectively. The estimation of the set of parameters {a;, 7;,8;} is very essential for locating

the line-of-sight path, and consequently for determining the GPS position, velocity and/or time.

The civilian portion of the GPS signal employs pseudo random-noise (PRN) Gold codes of sequence
length 1023, and each satellite is assigned a unique code signature. PRN codes are simply deterministic
binary sequences with specific statistical random noise-like properties [4]. The family of PRN codes is

mainly characterized by the low cross-correlation between the codes, they are nearly orthogonal, and
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Figure 1: The upper figure shows a normalized autocorrelation function of one Gold code sequence within
a triangular window. The lower curve illustrates their product.

the autocorrelation function is almost zero except at zero delay (see Fig. 1). Because all the PRN code
sequences are nearly uncorrelated with respect to each other, all the satellites transmit on the same

carrier frequency without incurring significant mutual interference.

3.2 ML Timing Estimation for a Multipath Signal

Assuming that the down-converted signal r(t) is completely defined in the time interval T, the condi-

tional likelihood function of r(t) for a given set of synchronization parameters {a, 7,8} is given by

p[r(®)|{a,7,0}] = §exp{ S ACE ﬁ:(t)]zdt} (11)

0 J1p
where #(t) is the local trial signal replica generated at the receiver, modeling the estimated line-of-sight

and multipath signals

M-1 .
B(t) = aiC(t — 7)el”, (12)

=0

and £ is just a positive constant independent of the synchronization parameters which can be neglected.

In conventional receivers, multipath delay estimation techniques are based on the maximum likelihood

A~

theory [1] which are trying to estimate the set of parameters {a, 7,0} by minimizing the mean square




Novel Technique for Closely-Spaced Multipath Delay Estimation in DS-CDMA Systems

error of the log-likelihood function (LLF) given by

A~

Larp(a, #,0) = Re{ ) - af:(t)]Zdt}. (13)

Thus, the synchronization parameters are determined by differentiating the above LLF function with
respect to the synchronization parameters, then setting the partial derivatives equal to zero. The partial

derivative with respect to the time-delay estimate is given by [1]

%LML((AM,T, é;)

=22 [re{ [t Mz r-metlet)] g

T=T; T=T;i

In the above equation, R,..(7) is the in-phase/quadrature time-average cross-correlation function over the
observation time interval Tp, given by

1

L / r(H)C(t — 7)dt, (15)
Tp

R,.(7) = T

and R.(7) is the reference time-average correlation function of the spreading code, given by

1

Re(r) = 7~ | O0C( —r)dt. (16)

Consequently, the desired time delay for the i*" path that maximizes the above expression (14) is given
by

M-1
5= argmf_lX [Re{ [ch(T) _ Z aiR.(T — ﬁ)ejéz] e_jéi }] . (17)
1=0,i#i

Similarly, by solving equation (13) for the M multipath components, the estimated carrier phase and

amplitude for the i** path are, respectively, given by [1]

M-1
6; = arg[ e (i) Z iR (7; — ﬂ)ejél] (18)
1=0,l#%
M—1 0 .
_ _ AN\edOt | o—i
a; = Re{[ re(Ti) lzoz,l# aR.(7; —T1)e ]e } (19)

Generally, multipath delay estimation techniques are based on the cross-correlation function (Eq. 15)

of the down-converted signal de-spread with a copy of the spreading code locally generated by the
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DS-SS receiver. The multipath estimating DLL techniques [2] are trying to approximate the overall
cross-correlation using a set of reference correlation (Eq. 16) functions with certain delays, phases and

amplitudes.

When the locally generated code is locked to the received code, by substituting equation (10) into (15),

the cross-correlation function is simply expressed by

Reolr) = = 3w [ Clt—m)C(t = )t + / n(6)C(t — 7)dt. (20)
Tp

To = Tp b
Normally, even-though we are considering averaging over a sufficiently large observation time interval, we
shall consider the previously mentioned biased estimator. Recalling the Gaussian nature of the random
process as well as the mean of the biased estimator (5), the expectation of the above cross-correlation

function becomes

kS iR (r_ _ T" iR (r— T
E{R,.(T Z a;e (r—m)|(1 Z a;e (r — )Nt — 7, Tp). (21)
=0

Notice that the expected value of the cross-correlation function is expressed simply as a weighted sum
of delayed correlation functions times triangular windows with certain amplitude and phase specific to
each signal path. Thus, the correlation effectively amplifies the underlying BPSK data signal, with an
amplification factor equal to the length of the PRN Gold code sequence. Figure 1 shows an example of a
normalized autocorrelation function using a Gold code sequence of length 1023 weighted by a triangular

window.

3.3 Multipath Delay Estimation Using Peak Tracking with Subtraction Ap-
proach

This approach for estimating the multipath delays is analogous to the DLL techniques in the sense that
it is trying to estimate the overall cross-correlation function using a set of reference functions, but with

different and simpler implementation. This approach is based on the search of the global maxima of the

-0—
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cross-correlation function (Eq. 15). Then, the contribution of each selected maximum is reduced from
the overall cross-correlation using the autocorrelation function of a rectangular pulse [9]. The proposed

technique is described further by the following algorithm:

e find the global maximum #; = arg max, [|Ry.(7)|]

e estimate successively the next Mg — 1 maxima:

k—1
’7A'k = argmax |:R€{RTC(T) — Z ch,l(’iA'l)A(T — ’f‘l,Tc)}

Where R,.;(7) is the residual cross-correlation function after peak subtraction, M., is an estimate for
the number of multipaths of the channel (it can be taken equal to the number of fingers (or correlators)

similar to a Rake receiver), and A(7,T¢) is the ideal reference correlation function of the Gold code.

By using this ideal code correlation pulse for subtracting the contribution of each channel path, we are

able to detect very closely-spaced multipaths within less than one chip period (|7 — 7| < T¢) [9)].

4 Multipath Delay Estimation Based on Teager-Kaiser Opera-
tor

In this section, we introduce an innovative multipath delay estimation approach based on the nonlinear

quadratic Teager-Kaiser operator.

The nonlinear quadratic TK operator was first introduced for measuring the real physical energy of
a system [11, 12]. The energy of a generating system of a simple oscillation signal was computed as
the product of the square of the amplitude and the frequency of the signal. It was found that this
nonlinear operator exhibits several attractive features such as simplicity, efficiency and ability to track
instantaneously-varying spatial modulation patterns [15]. Since its introduction, several applications have

been derived for one-dimensional signal processing [13, 16] and two-dimensional signal processing [17, 18].

~10—
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The continuous-time TK energy operator of a complex-valued signal z(t) is defined as follows [13]
U [o(t)] = &(t)a"(t) — %[i(t)ﬂ&*(t) + ()& (t)]. (23)
Similarly, the discrete-time Teager operator of a complex valued signal is given by [13]
U4[z(n)] = z(n — Dz*(n—1) — %[m(n —2)z*(n) + z(n)z*(n — 2)]. (24)

Many useful properties of this nonlinear quadratic operator have been derived, and the analogy with the
discrete-time domain has also been established [19, 20]. We notice that applying the continuous-time TK
operator to the ideal reference correlation function of the spreading code (Eq. 7) which is characterized

by the triangular shape, we obtain

I(t,Tc) + A(t, Tc)d(t)

lch[A(t)] = Tg’ To )

(25)

where §(t) is the dirac function, and II(¢,T¢) stands for a rectangular function with unit amplitude and

duration 27¢ centered at ¢ = 0 defined as

1 |t <Tc

A
I, Tc) = { 0 otherwise.

Obviously, Eq. (25) shows that the TK operator applied to a triangular function provides a clear time-
aligned peak location of the triangular pulse in the presence of a certain 'noise’ floor. Figure 2 shows a

simple example of TK operator applied to a triangular function using the discrete-time operator.

Assuming now that the cross-correlation function is the sum of M-path triangular pulses as follows

R(t) =Y aiA(t —t;, To)el”, (26)

=0

where a;, t; and 6; denote the time-variant amplitude, delay and phase, respectively. By applying the
TK operator to the above equation (26) we obtain

Pl = % [(Z“"Sign“‘“)H“‘“’TC)C‘“&) + (Zaisign(t—ti)rl(t—ti,Tc)smei) ]
=0 i=0
+ % R*(t)<;a¢5(t—ti)ejoi> +R(t)(§ai5(t_ti)e—joi)]_ @)

~11-
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Figure 2: TK operator applied to a triangular function. 1°* and 2" order derivatives of the triangular
function are also shown.

Notice that the above expression becomes very large if the time variable ¢ is equal to one of the true
delays t;. Thus, equation (27) shows that the TK operator is capable of tracking very accurately the
peak locations of the triangular pulses within certain ’'noise’ floor [21] independtly of the delay spacing
between the multipaths. Figures 3 and 4 show simple illustrative examples of TK operator applied to

the sum of two triangular functions with different amplitudes and zero phases.

We also noticed that the above properties of TK operator hold as well for the magnitude squared cross-
correlation function. Similar mathematical derivations can be easily conducted. Figures 3 and 4 illustrate

examples of TK operator applied to the magnitude squared cross-correlation function.

By exploiting the above properties of the quadratic operator, we found out that by applying this nonlinear
TK operator to the specific cross-correlation function (Eq. 15) of a GPS receiver, one can easily estimate
the multipath delays introduced by the channel. The multipath delays are simply estimated by selecting
the time location of the highest (strongest) peaks of the Teager-Kaiser operator output function. Figure

5 illustrates the proposed algorithm. The number of the selected peaks depends on the expected number
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Figure 3: TK operator applied to the sum and squared sum of two triangular functions.

of paths in the channel (equal to the number of fingers in the Rake receiver).

5 Simulation Results

Simulations have been performed to analyze the performance of the proposed technique in a GPS receiver,
using different Rayleigh channel profiles. An oversampling factor of 16, and the typical Gold code
sequence of length 1023 are used. The delay estimation methods are compared in terms of the acquisition
probability of detecting the true paths with a decision based on one symbol. The probability of acquisition

is defined as the probability that all the paths are estimated within +/- one sample error. Also, we

performed an averaging over 200 delay estimates for the provided simulation results.

Fig. 6 shows an example of S-curves obtained via a non-coherent DLL (NCDLL) with SNR=20 dB for
half chip and two chips spaced taps. The first tap magnitude is equal to 0 dB and the second peak is

equal to —3 dB. We clearly notice that NCDLL fails to detect very closely spaced multipaths.

Fig. 7 shows an example of cross-correlation function and TK operator output using a static channel

profile and SNR=5 dB. We notice that this approach is capable of detecting accurately closely-spaced
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Figure 4: TK operator applied to the sum and squared sum of two triangular functions.

multipaths, within less than quarter of the chip period.

Figs. 8 till 11 show the acquisition probability of detecting the true paths at the exact locations and
within one sample error for different Rayleigh channel profiles and taps spacings. The simulations are

performed for the proposed TK operator technique as well as for the envelope subtraction approach.

We notice that the proposed TK technique performs clearly better than the envelope subtraction approach
especially for detecting accurately very closely-spaced multipaths within less than half a chip period (see
Fig. 11). The TK-based approach works even at very low signal-to-noise ratios. The results are quite
remarkable taking into account the simple implementation and very low complexity compared to the

traditional maximum likelihood based methods and envelope subtraction approach.

6 Conclusions

In this contribution, we introduced an innovative technique for subchip multipath delay estimation based
on Teager-Kaiser quadratic operator suited for spread spectrum CDMA systems, and we focused our

study to the case of GPS receivers. Some properties of this nonlinear operator were derived for the case
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Figure 5: Teager-Kaiser approach for multipath delay estimation.
of ideal triangular reference correlation functions. Simulations results confirmed the high performance
of the proposed technique compared to the peak tracking with pulse subtraction method for all cases of
closely-spaced multipaths within less than half chip period. The ability of solving closely-spaced paths
in the presence of overlapped multipath components comes from the exploitation of the properties of
the cross-correlation function. This new technique is extremely simple and very efficient for estimating
closely-spaced multipaths with much less computational complexity compared, e.g., to the subspace-based
multipath delay estimation methods. The subchip resolution can be used to improve GPS and mobile

phone positioning accuracy using the cellular network-assisted GPS technology.

In general, for each shape of the reference correlation function or pulse shaping filter used, there may
exist a linear or nonlinear operator capable of estimating easily the mutipath delays. It remains as a
challenging topic for future work to derive other linear or nonlinear operator capable of tracking multipath

delays in different communication systems using different pulse shaping filters than the rectangular one.
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Estimation Approach in a CDMA Multiuser Environment
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Abstract—In this paper, we introduce an efficient
and simple technique for estimating closely-spaced mul-
tipath delays in an asynchronous multiuser CDMA
systems. The subchip resolution is achieved via a non-
linear quadratic operator called Teager-Kaiser opera-
tor, which exploits the structure of the cross-correlation
function between the received signal and the reference
code. Simulation results in the presence of multiple in-
terfering users and Rayleigh fading multipath channels
are presented. It is shown that the proposed technique
is near far-resistant, and its performance in the pres-
ence of closely spaced multipaths is much better com-
pared to the peak tracking with subtraction method.
Moreover, it has the advantage of a very simple im-
plementation, compared to other maximum likelihood
approaches.

I. INTRODUCTION

Code Division Multiple Access (CDMA) communica-
tion systems have to cope with multipath propagation.
Generally, the transmitted signal arrives at the receiver
via multiple propagation paths at different delays which
may add destructively, resulting in signal fading and con-
sequently in receiver performance degradation. In CDMA
applications, such as Third generation mobile communica-
tions or GPS receivers, it is important to achieve accurate
delay estimation before despreading and data detection.

Most spread spectrum systems use spreading codes with
non-ideal correlation properties. Moreover, non-ideal cross-
correlation properties between the received signal and the
despreading code replicas result in co-channel interfer-
ence or multiuser-interference for radio communication
systems, which is also called multi-transmitter interfer-
ence for radio-navigation systems [1]. Generally, the per-
formance of radio communication systems are heavily af-
fected by the multipath and multiuser-interference. The
maximum signal to noise ratio at the receiver is directly
dependent on the amount shadowing, multipath, and co-
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channel interference.

Usually, successive paths can be solved if they are spaced
at more than one chip distance [2]. However, even if the
path spacing is less than one chip interval some diversity
gain can be achieved if we are capable to detect the paths
and use them in the maximum ratio combining (3]. Op-
timal maximum likelihood methods can be employed for
tracking simultaneously the path delays, amplitudes, and
phases [1], [3] but they are usually too complex for prac-
tical purposes. Several subspace-based approaches have
been proposed to deal with closely-spaced multipaths [4],
(5]. Also, these algorithms are quite complex to imple-
ment and they are suitable only for systems employing
short codes, i.e., when the user code is the same from
one symbol to another. Another solution to solve closely-
spaced paths is the peak tracking with pulse subtraction
method (3], [6], [7]. The idea of this method is to approx-
imate the output of the matched filter (or correlator) by
a superposition of a set of reference correlation functions.
Once we detect a multipath delay, its contribution is sub-
tracted from the correlation function, and the successive
delays are searched on the residual function. The pulse
subtraction method does not require heavy computations
and performs reasonably well if the paths are at more than
half chip spacing [6], [7].

In this contribution, we first introduce a new approach
for estimating closely-spaced multipaths in a Rake receiver
based on a nonlinear quadratic operator called Teager-
Kaiser operator. Then, we investigate the effect of mul-
tiuser interference on the performance of the proposed
approach. The results are also compared with the peak
tracking with subtraction technique, in the presence of
multipath and multiuser interference.

II. MULTIPATH DELAY ESTIMATION BASED ON
TEAGER-KAISER OPERATOR

In a downlink DS-CDMA scenario with K users in the
system, the received signal can be written as [8]

K
HOEDINY
k=1

where P is the power of user k, bn x is the transmitted
data symbol n of user k. af, 87, and 7" are the amplitude,

) L
D b ) oPesp(t—)+n(t), (1)
=1

n=—00
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phase and delay, respectively, of the [** path during the
symbol n. L is the number of channel paths, s3(-) is the
signature of user k& during the symbol n, and 5(:) is a
complex additive white Gaussian noise.

The user signatures are expressed as follows

Sk -1
skt)= D cpup(t— mT. — nToymi) )

m=0

where ¢, , is the code value for m-th chip of user & during
the symbol n, T, is the chip interval, p(-) is the chip pulse
shape, Sg, is the spreading factor of user k, and T,ym « is
the symbol interval of user k (Tpym,x = Sp,T¢)-

We assume that the desired user is the user 1. In con-
ventional maximum likelihood approaches [1], delay esti-
mation is based on the correlation between the received
signal and the delayed replica of the desired user signa-
ture. The output of the correlator for user 1 during the
symbol interval n is given by

1
(1) = m—
sym,1

r®)si(t—7)+i(r).  (3)

Tnvm.l

Here, 7}(-) is the filtered noise (for convenience we dropped
the subscript 1 from the correlator output function).

Assuming ideal cross- and auto- correlation code prop-
erties and rectangular pulse shape, the output of the cor-
relator becomes

L
v'(1) = VPiba1 Y_of T R(T ) +1(r),  (4)

=1

where R(-) is the pulse shape autocorrelation function
_[1-8 st
R(r)= { 0 * otherwise. )
Here, 7j1(-) is an additive noise process which incorporates
the effects of additive noise, multiuser interference and
inter-path and intersymbol interference (and which can be
considered Gaussian by virtue of central limit theorem).
We notice that the output y"(7) of the correlator is
a superposition of shifted triangular pulses, weighted by
the channel tap complex coefficients and the data modu-
lation within some additive noise. The data modulation
can be removed in a coherent way if pilot data symbols
are available, or non-coherently (by squaring or envelope
detection) if no information is available about the data. In
our simulations, we considered the case of non-data aided
delay estimation. If the delays are searched directly on
the envelope of the correlation function y"(7), the delay
resolution is limited to half of the pulse width T, [2], [3].
The multipaths closer than 1 chip distance are merging
and they cannot be tracked directly from the envelope of
the correlation function.

We may exploit the structure of the correlation function
by applying the Teager-Kaiser (TK) operator to equation
(4). The nonlinear quadratic TK operator was first intro-
duced for measuring the real physical energy of a system
[9). It was found that this nonlinear operator exhibits sev-
eral attractive features such as simplicity, efficiency and
ability to track instantaneously-varying spatial modula-
tion patterns [10]. Since its introduction, several appli-
cations have been derived for one-dimensional and two-
dimensional signal processing [11], {12].

The continuous-time TK energy operator of a complex-
valued signal z(t) is defined as follows [11]

Vele(®)] = £(2)27(¢) - %[i(t)z'(t) +z()E (@) (6)

Similarly, the discrete-time Teager operator of a complex
valued signal is given by [11]
Uulz(i)] = =z(i—-1)z*(i-1) )

~%[z(i — 2)2* (i) + 2(i)z" (i — 2)].

. Many useful properties of this nonlinear quadratic opera-

tor have been derived, and the analogy with the discrete-
time domain has also been established (12], (13]. We no-
tice first that applying the continuous-time TK operator
to the pulse shape autocorrelation function (Eq. (5)) we
obtain

¥ [R(t)] = H(;;z T.) | RS

y T (®

where II(t, T.) stands for a rectangular function with unit
amplitude and duration 27, centered at t = 0, defined by

1 t|<T,
0 otherwise,

e, ) & { (©)

and 6(t) stands for the continuous-time Dirac function.
Obviously, (8) shows that the TK operator applied to a
triangular function provides a clear time-aligned peak lo-
cation of the triangular pulse (at ¢ = 0) in the presence of
a certain ’noise’ floor with magnitude 1/T.2 [14].

By applying now the TK operator to equation (4), after
some manipulations it follows

L - AN 2
\/Ebn,x{ (Zar———————“(” T Teleosld ’)
=1 ¢

L . ”
+(E a (" - T%Tc)s"n(ol ))2

=1
L L
+y Z afaf, cos(6], - 67
=1 li=1

R0+ e,

Yey™(r)] =

(10)
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Fig. 1: Tllustration of the TK principle for a 3-path static
channel, 0.257, spacing between consecutive paths

where 7(-) is the noise after the TK filtering. Notice that
the above expression becomes very large if 7 is equal to one
of the true multipath delays 7]*. Therefore, the TK oper-
ator applied to the cross-correlation function (4) exhibits
some peaks at the correct delay locations within certain
‘noise’ floor (due to the inter-path interference and the ad-
ditive noise). Thus, the TK operator is capable of tracking
very accurately the multipath delays 7* independently of
the delay spacing between the multipaths. In practice,
the fading effect is compensated by non-coherent averag-
ing over several symbols. The Teager energy applied to
the correlation function, in the absence of noise and data
modulation, is illustrated in Fig. 1 for a static channel
with 3 taps spaced at 0, 0.25 and 0.5 chip delays.

The proposed TK approach is illustrated in Figure 2,
for the non-data aided mode. By applying this nonlin-
ear TK operator to the correlator output, one can easily
estimate the multipath delays introduced by the channel.
The multipath delays are simply estimated by selecting
the time location of the highest (strongest) peaks of the
TK operator output function. The number of the selected
peaks depends on the considered number of multipath of
the channel. Usually, there are less Rake fingers than mul-
tipaths in the channel, therefore the number of estimated
peaks is usually equal to the number of Rake fingers. If
the number of multipaths is less than the number of Rake
fingers, a thresholding must be applied in order to esti-
mate the correct number of paths.

III. SIMULATION RESULTS

A downlink scenario with rectangular pulse shaping and
BPSK data modulation is considered in the simulations.
The channel impulse response, generated randomly for
each observation interval, is given by

L
h(t) = e s(t - ).
I=1

The delays are constant over N4 symbols, N4 being the
block averaging length, i.e., the number of symbols used
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Fig. 3: Acquisition probability as a function of the number
of users, SF =8 and SF = 128, D,,,,, = 1/2T...

in the non-coherent averaging of the TK operator applied
to the correlation function (see Fig. 2). The correlation
function was computed over one symbol interval which
corresponds to a non-data aided approach, and the non-
coherent averaging was used in order to diminish the effect
of fading (INVpa = 5). At each Np,4 symbols, a set of L
delays are generated according to the uniform distribution
Ule,a41),l=1,...,L, where ¢ = Ny+({—1)N;Dpoz/2,
N being the number of samples per chip (N, = 8) and
Do being the maximum separation between two consec-
utive path delays. The delays are rounded to the nearest
integer, such that only integer multiples of the sampling
interval are allowed. The amplitudes a; are chosen ac-
cording to the Rayleigh distribution (with equal average
tap powers for all the L paths), and the phases 6; are uni-
formly distributed over [0, 27].

The users are separated by orthogonal Walsh codes and
have the same scrambling code (a segment of a Gold code
of length 2!8 —1). It is assumed that all the users have
the same spreading factor. The near-far ratio is defined
by [4]

P

where Py is the power of the interfering user k (all inter-
fering users have the same power), and P, is the power

NFR= 10[091()&,
1
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secutive paths.

of the desired user. We use an averaging over 600 delay
estimates for the simulation results. The probability of ac-
quisition is defined as the probability that all the L paths
are estimated correctly within +/— 1 sample error.
Figure 3 shows the deterioration of the probability of
acquisition of the channel multipaths as a function of the
number of users in the system. The number of users in a
fully loaded system is directly related to number of avail-
able codes, and hence to the spreading factor. T'wo spread-
ing factors are employed (SF = 8 and SF = 128), and
three fading channels with 2 to 4 paths of equal average
amplitudes are considered. We assume that the estimated
number of paths is equal to the true number of paths.
The maximum separation Dy, between successive paths
is half chip. For this scenario of closely-spaced paths,
we notice that the TK- based algorithm systematically
outperforms the pulse subtraction algorithm with respect
to the different number of users and multipaths in the
system. The gain in the acquisition probability of TK-
based method over the pulse subtraction method goes
from about 10% at fully loaded systems up to 40% for
single-user systems. However, the deterioration of the ac-
quisition probability at fully loaded systems is significant
for TK-based operator even though it still outperforms the
pulse subtraction technique. The behaviour of the pulse
subtraction algorithm remains almost constant with the
number of users. This is due to the fact the pulse sub-

Probability of acquizition of 2--peth fading channcl, desired user SF= 8, NFRw10dB, D__ =L2T
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Fig. 5: Acquisition probability as a function of the E/No.

traction method fails to estimate with high accuracy very
closely-spaced multipaths. .

Figure 4 shows the behaviour of the two algorithms
when increasing the maximum separation between suc-
cessive paths. The farther away the paths, the more effi-
cient becomes the pulse subtraction method. However, for
Doz up to 2 chips, TK-based method is still better than
the pulse subtraction method. The impact of the additive
Gaussian noise is shown in Figure 5. The E,/N is the
received energy per bit of desired user taking into consid-
erations all the paths energies. We notice that for fully
loaded systems, the multiple access interference (MAI) is
more significant than the additive noise. Therefore, the
acquisition probability is low, but almost constant with
respect to Eyp/Np. For only few users in the system, the
MALI interference is small and the TK-based operator be-
comes very sensitive to the additive Gaussian noise. For
example, at E,/Ny = —5 dB, we acquire correctly both
paths 47% of the time when TK operator is used (com-
pared with 75% for E,/Ny = 20 dB).

The near-far resistance is studied for two cases, as shown
in Figure 6, for fully and un-fully loaded systems. The in-
terfering users have all the same power, varying from 0 dB
to 40 dB higher than the desired user power. It is clear
that there is almost no impact of the near far ratio NFR
on the acquisition probability (the slight variations are due
to the fact that different realizations of noise and chan-
nel parameters are employed for each curve and only 600
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delay estimates are used in the statistics). Both Teager
energy-based algorithm and pulse subtraction algorithm
are near far resistant, but the Teager energy-based algo-
rithm clearly outperforms the pulse subtraction method,
especially in the presence of only few users.

IV. CONCLUSIONS

An algorithm for solving closely-spaced multipaths in
the presence of multiuser and multipath interference has
been presented and its performance has been assessed via
simulations. This algorithm applies a non-linear Teager-
Kaiser operator to the correlation function between the
received signal and the code replica at the receiver. Also,
it can be used both in a data-aided and non-data aided
mode. The proposed approach requires very low compu-
tational complexity in addition to its simple implemen-
tation. The ability of solving closely-spaced paths comes
from the exploitation of the properties of the cross- corre-
lation function, in the presence of overlapped multipaths
components.

It has been shown that the TK-based algorithm is near-
far resistant and outperforms the peak tracking with pulse
subtraction algorithm for all cases of closely-spaced mul-

tipaths, even though it is sensitive to additive Gaussian
noise for a small number of users in the system. This algo-
rithm has been applied to systems employing rectangular
pulse shaping. In general, for each shape of the reference
correlation function or pulse shaping filter used, there may
exist a linear or nonlinear operator capable of estimating
easily the closely-spaced multipath delays. It remains as a
challenging topic for future work to derive other linear or
nonlinear operator capable of tracking multipath delays
using different pulse shaping filters, e.g., the root raised
cosine pulse shaping.
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