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Interpretations and performances of linear reception
in downlink TD-CDMA and multi-sensor extension®

Laurent ROS **
Genevieve JOURDAIN **
Marylin ARNDT ***

Abstract

This paper deals with a TD-CDMA multi-user
system downlink through a radio-mobile multipath
channel, such as TDD-UMTS. We propose interpre-
tations and equivalent models specific to such a mul-
tiple access mode, mostly via a frequency approach.
The expressions and performances of the classic lin-
ear multi-user detectors are then reformulated. Fur-
thermore, performance computation is applied to in-
door and vehicular channel environments, showing
the benefit of joint detection and diversity reception
with two or three sensors at the mobile.

Key words : Mobile radiocommunication downlink,
Code division multiple access (CDMA), Multi-sensor antenna,
Multi-path and multi-user channel, Joint detection, Aliased
cross-channels spectral matrix, TDD-UMTS.

INTERPRETATIONS ET PERFORMANCES
DU RECEPTEUR LINEAIRE
EN LIEN DESCENDANT TD-CDMA
ET EXTENSION MULTI-CAPTEUR

Résumé

Cet article s’intéresse au lien descendant d’un
systeme radio-mobile multi-utilisateur TD-CDMA
soumis auw multi-trajet, tel le mode TDD de I’'UMTS.
1l propose des interprétations et des modéles équiva-
lents spécifiques a ce mode d’accés multiple, avec une
approche le plus souvent fréquentielle. Les expres-
sions et performances des récepteurs linéaires clas-
siques sont alors reformulées. A titre d’illustration,
le calcul de performances est appliqué aux modéles
d’environnement ”Indoor” et ”Vehicular”, montrant
le bénéfice de la détection conjointe ainsi que l’apport
d’une réception avec 2 ou 3 capteurs sur le mobile.

Mots clés : Radiocommunication mobile lien descen-
dant, Acces multiple a répartition par codes, Antenne multi-
capteur, Canal multi-trajet et multi-utilisateur, Détection con-
jointe, Matrice spectrale des inter-canaux repliés, TDD-UMTS.
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I. INTRODUCTION

The normalization group 3GPP is preparing the stan-
dards for the third generation of radio-mobile sys-
tem, UMTS (Universal Mobile Telecommunications
System). Among them, the TDD (Time Division Du-
plex) mode [21] permits, for one or several users, the
simultaneous transmission, during each TDMA slot,
of spread QPSK symbols with different cDMA signa-
tures. The uplink and downlink work at the same
carrier frequency around 2 GHz, with quadrature
modulation by two 3.84 Mchip/s-binary streams of 5
MHz-spectral width. A synchronization channel and
a midamble, transmitted at the slot rate, make the
synchronization and channel estimation easier, inde-
pendently of symbol estimation mainly considered
here. The spread spectrum systems were initially in-
troduced in single-user situation in order to ensure
discretion or to fight against undesired channel ef-
fects [2]. They were calibrated, as far as possible, so
that the symbol time was superior to the temporal
spread of the channel, in such a way that the receiver
was simply based on a matched filtering (MF).

* This work was supported by France Telecom R&D, from a CTI convention between FT R&D and LIS (INPG/UJF/CNRS)
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Therefore, the transmission was robust but featured
a very bad spectral efficiency.

In contrast, the systems which are considered at to-
day should provide an increase in the network global
capacity. So, the spread messages from different users
are superimposed !, in a number inferior but as close
as possible as the spreading factor; this results in
a non negligible part of Multiple Access Interfer-
ence (MAI). Moreover, the channel spreading may
largely go beyond the symbol time in vehicular envi-
ronment [20], leading to a substantial Inter-Symbol
Interference (1s1). To compensate interference and
better detect each user’s symbol, the linear joint de-
tection with temporal depth is a receiving strategy
which uses the knowledge of the codes of other users,
whereas the simple matched filter considers the MA1
and 18I just as wideband noise. The linear joint de-
tection is not optimal for minimizing the Bit Error
Rate (BER) but ensures a good compromise between
performances and complexity, especially in TDD mode
where the codes are short (16-chip long maximum).
Nevertheless, the interference cancelling, complete or
partial, leads to an amplification of thermal additive
noise. This effect can be largely reduced by a multi-
sensor coherent processing on the mobile, which im-
proves the waveform orthogonality and facilitates the
system inversion. We only consider non adaptive an-
tenna for the base station transmitter.

The objectives of this paper are:

(A) to interpret the CDMA system in downlink (in
section IV), usually with a frequency approach, nat-
ural in spread spectrum systems. We will establish
the wide-band equivalent model, leading to an anal-
ogy with the source separation in antenna processing,
and the symbol-band equivalent model which is iden-
tical to the one without spreading systems,

(B) to make a synthesis on the theoretical struc-
tures and performances of ”classical” linear receivers
for selective channels (in sections III, V, VI), estab-
lished from models described in (A). An exhaustive
synthesis has been carried out by the authors of [4]
but from block temporal formulation using a transfer
matrix of all the symbols in the slot. The frequency
approach permits here to simplify the model and to
take naturally into account the selective channels,

(C) to evaluate the average performances in Ve-
hicular and Indoor environment models (in section
VII) by application of the expressions of (B) in or-
der to measure the interest of joint detection and
multi-sensor reception over selective and non selec-
tive channels.

I To simplify the description we abusively associate, in the
whole article, one active code to one user. In real applications,
several codes may be affected to the same user in order to
increase its information rate (multi-code situation).

II. MULTI-USER TRANSMISSION MODEL

Codes

‘ vossque Channel "0
| r(t)
(s~ e @ P 0o L %Gl)*

Fig. 1.- Baseband model of transmission.
Modeéle en bande de base de la transmission.

The continuous-time baseband representation (com-
plex envelope) of the received signal, observed during
one time slot (containing M symbols), is modeled as:

K M

r(t) =Ts.Y > appuyge(t —mTs) +n(t) (1)

k=1m=1

where

- ag[) are the QPSK symbols transmitted by the k-th
source at the ”symbol times” mT's,

- gk = cg * he *h is the overall wide-band waveform of
the k-th user. It results from the convolution between
the k-th spreading code, the half Nyquist (square-
root raised cosine filter ”"RRC” with roll-off 7, ¢), and
the channel,

- n(t) is a baseband additive complex noise.

We consider the following context of downlink
multi-user communication:
- the number of users (or active codes) K is less or
equal to the spreading factor @;
- the K active codes (taken among a set of () known
codes) are supposed known at the receiver, which is
not necessarily the common situation (necessity of a
control channel);
- the codes of different users are made from () bi-
nary complex entity named ”chips”. The codes are
linearly independent and orthogonal at zero delay
(algebraically meaning), which is expressed by:

Q-1

VR =D cancria” = O 2)
q=0

where ¢, is the Kronecker symbol whereas §(.) is
the Dirac distribution. The impulse response of one
code lasts for T's, and is defined for the k-th user by:
er(r) = Equ_ol Crlq) 0(T — qT'c), where T'c = T's/Q is
the chip duration;
- the transmitted symbols are stationary, with zero
mean and power A?; they are uncorrelated tempo-
rally and from one user to another, and also uncor-
related with the additive noise;
- "downlink” with ”non intelligent Base Station”: all
K wuser’s signals appear at each mobile sensor after
transmission over the same propagation channel and



with the same power. The channel h is supposed
to be deterministic, time-invariant during the obser-
vation (1 slot), linear and causal with a temporal
spread limited to W, chips. The structures studied
at the sequel need only these assumptions for the
channel. Nevertheless in radio-mobile communica-
tions, the channel is generally constituted by multi-
ple paths, and its impulse response is modeled by:

Zal. (r—m) (3)

where L; is the number of paths, «; are the complex
amplitudes and 7; the propagation delays of different
paths, with 7, < W..T¢,Vi € {1,.., L; };

- the complex noise is an additive white Gaussian
noise, with two-sided power spectral density 2Ny (cor-
responding to a two-sided psd 0 for the real noise
on carried band at the entrance of the receiver);

- two slots of symbols are isolated by a guard time
above W..Tc;

- we suppose perfect timing recovery (using the syn-
chronization channel) and also perfect channel esti-
mation (using the midamble).

We suppose by convention only one desired code (or
desired user), the code number one.

We define the average energy per bit at the entrance
of the receiver (on carried band) for the desired user:

B, = 14°Ts Mo Where % is the zero-delay

auto-correlation of the waveform g¢; (1) of user ”1”.

Note: the assumption of no variation of the chan-
nel during the slot (Tt = 667us) is fully justified
for a mobile moving with a speed vy, of 3 km/h.
Indeed, for a carrier radio-wave (celerity vp) around
fo = 2 GH z, the Doppler spread is defined by A f; =
’;—*g.fg and the channel coherence time T, = Afd_l
is around 200 ms. The hypothesis limit occurs with
a vehicular moving at v,, = 120 km/h (Teon = 5 ms)

since the complex amplitudes of the paths may suf-

fer from phase rotation up to 2Ts’:t .360° around +/-

25° during one 1/2 slot, in the case of determinis-
tic Doppler model. We might have interest to up-
dapte the knowledge of the complex amplitudes sev-
eral times in the slot for optimizing the symbol de-
tection. On the other hand, since the mobile speed
U, is always negligible compared to the wave celerity
Vg, the variation of the path delay ’;—*g slot 1S negli-

gible during the slot (around 107%T%).

III. STRUCTURE OF THE JOINT
LINEAR DETECTOR

With infinite response, the symbol by symbol linear
detector [17] can take the shape of an imposed struc-
ture with one matched filter bank followed by a bank
of discrete equalizing filters working at symbol rate,

Y1[m]

dy[m)
o (T
L, Y2[m) '

et
e,
Matched filters cx (1 - elK[n]

to channel and codes Ts-Equalizer

Fig. 2.- Joint linear detector (with v,,o; =1).
Récepteur linéaire conjoint (avec Viajo) = 1).

as seen in figure 2. It is easy to verify this, under
classical criteria (Zero-Forcing, MMSE).

III.1. Channel- and code-matched
filter bank

The receiver front-end applies to r(t) a bank of con-
tinuous filters g, ™, k = 1...K matched to each global
waveform, made by the chip pulse (RRC), the channel
response and each of the K codes. By convention, the
exponent (.)¥ represents hermitian transform for a
function h (i.e. h (1) = h*(—7): matched filter) just
as the hermitian transposition for vectors or matrix.
The K outputs of filters g, , sampled synchronously
at symbol time, constitute a sufficient statistic of the
continuous received signal r(t) for the symbol esti-
mation [1, 16]:

Ys [m] = (ng * 1“) (t)\t:st (4)

Thus, the knowledge of {y, [m]}, E=1.K,m=1..M,
is sufficient to know the likelihood function of re-
ceived signal and to carry out the optimal processing
which minimizes the error probability (or BER). For
the treatment of one slot, we must consider a num-
ber M of samples slightly greatest than the effective
number M of symbols because of the channel tem-
poral spread and because of the matched filter. In
this article, we will not consider the optimal theoreti-
cal post-processing, i.e. the Maximum Likelihood Se-
quence Estimator, but only the detectors which treat
linearly the {y,,,;} and make the decisions symbol
by symbol. The T's-sampled outputs {y, |, } are ex-
pressed from discrete time convolutions of the trans-
mitted symbols, disturbed by an additive noise:

K
Yulm) = D (Vik * 0 ) + 1y (5)
i=1
where Yik[n) 18 the sampling, at symbol time, of the
continuous and deterministic cross-correlation func-
tion v (1) = (g; * gp™)(7) between the wide-band
waveforms of users ¢ and & :

Vik[n] = =Ts. ,Ycont( )|T=nTs (6)

After matched filtering and synchronous sampling,
the equation (5) shows that all the system can be



modeled at discrete time T's. The series {%'k[n] },vn €
Z, providing the discrete filtering, has no dimension.
Through a multi-path channel, the waveforms are
generally not orthogonal and some 1SI and MAI inter-
ference occurs with respectively secondary terms -,,
at non zero delays and cross-channel terms ~y,,,7 # 1
at the different delays:

+ Z 711 [m—n]" a’l[n] +

n#m

Yiim] = Yajo]- @

desired part ~ ~ -
ISI
K
DD Yapmn Gan T ) (7)
i=2 n SN~
~ ~ < Noise
MAI

The necessity and the difficulty of the equaliza-

tion will be entirely conditioned by the values {7ik [, }.

Recalling that:

* In the case of a single-user system or without joint
detection, only the first branch is used, operating a
coherent combination relative to the different paths,
called Rake; y, [m] MAY then be the decision variable.
* In the case of a multi-user system but a single-
path channel, the duration of the code limited to T's
(and the respect of the Nyquist criterion at the chip
time for h.) leads to no interference at non zero delay
since Yikp,) = 0,Vn # 0. Moreover, when the codes
are orthogonal, there is no interference at the zero
delay since Yik[o] = 0;x: only the first branch of the
MF bank is useful, reduced to the receiving filter RRC
followed by a correlation with the desired code.

* In the case of a multi-path channel with weak tem-
poral spread relative to symbol time, the contribu-
tion at non zero symbol time delays are negligible and
only the MAI at the zero delay may be considered. It
is similar to a situation where the waveforms would
last T's, but without being orthogonal: this is the
case studied by most authors [16, 6, 5], correspond-
ing to a well calibrated system, but it leaves out a
number of situations in a vehicular environment with
the TDD-UMTS parameters.

I11.2. Bank of discrete equalizers (7's)

In order to form a decision variable d, [m] used to esti-
mate the user’s one QPSK symbols a, [m] by quadrant
detection, an equalizer linearly combines the out-
puts {y,[,,} of the K branches of the matched filter-
sampler bank, after passing them through a bank of
discrete filters {e,,, } working at symbol time:

Having described the structure of the detector,
we will now derive and interpret equivalent models
of the cDMA system before setting the performances
and expressions of the multi-user equalizer.

IV. INTERPRETATIONS AND MODELS
OF CDMA

During transmission, the equation (1) expresses the
multiple access based on orthogonal waveforms (sym-
bol pulse-shapes) from one user to another, for an
ideal channel. For the particular CDMA case, each
pulse g, for k=1 to K, occupies all the available
time-frequency plane (TST%) instead of being lo-
cated in time (width Z£ in TpMA) or in frequency
(width = in FDMA). The number (2=£) plays the
role of a code margin with regard to the system sat-
uration, same as the margins provided by the guard
times or the guard bands in TDMA or FDMA.

By introducing in (10) the impulsive form a(t) of
the different user symbols, the received signal de-
fined in (1) can be expressed classically as a time
continuous convolution between the symbols and the
global wide-band waveforms, disturbed by an addi-
tive noise:

K
Z gk * ag)(t) + n(t) (9)
k=1
M
with  a(t) =Ts. Z akm)-6(t —mT's)  (10)
m=1

This expression allows describing the chain as a cas-
cade of linear filters excited by the impulsive symbols
streams, exactly the same way as a linear modula-
tion without spreading. The difference here is that
the pulse shape is wide-band compared to the symbol
band of width . This formulation will facilitate the
frequency transformatlon in the following paragraph.

IV.1. Interpretation at transmission
(multi-band transmission)

The result of a single observation during the slot can
be analysed in the frequency domain with the Fourier
transform. The signals a(t) and n(t) are here con-
sidered as deterministic (being particular occurences
during a slot of random variables), which avoids to
treat with (cyclic) autocorrelation functions of the
received signal. The Fourier Transform of equation
(9) gives:

K
=Y a(f)an(f)+0(f,)  (11)
k=1

where by convention:

-f, is used for any frequency while f is a frequency
of the symbol-band, included in [— 3=, +55=[. So,
for all f_, there is a single frequency f and a single
relative integer ¢ such that f, = f + 7,

- the continuous Fourier transform of a function h in
continuous time or discrete time (then obtained via

Z transform) is noted h(.).




The transmission bandwidth, defined by the sup-
port of gi(f,) is limited to the band of the half
Nyquist filter, that is QT.% where @), is the inte-
ger part of (1 + rorr).Q), expressing the filter band-
width excess. With the uMTs parameters () =16 and
rosf = 0.22, @), is odd and equal to 19.

The @, symbol bands (of width TLS) which compose
the wide-band are then centred around the frequen-
cies fy, = G2 ...,0,...,+QL;2 with the definition

Ts ? T
of @,/ such that Q, = 2Q, 5 + 1.

Note: Taking into account the RRC attenuation, the
portions not included in this @, bands are ignored. If
one does not want to lose any information, we might have
taken @ +1 = 20 instead of @), and choose for f a range
equal to [0, +-1.

Because of the characteristic of ”sampling” (Cf (10))
of ay(t) at the symbol rate (or the cyclostationar-
ity of the digital communication signals), ar(f,) is
periodic with a period of 7-:

i) =a(f+72), VaeZ  (12)

The expression (11) is then written inside the useful
wide-band:

K
M+ 7)) = Y i+ a) +alf + 7)) (13)
k=1
with VQ = _Qr/27 ---7+Qr/2 :

P(f + 70) = gelf + o)) (14)
The equation (14) expresses the frequency diver-
sity of order (), inherent to spread spectrum sys-
tems: for a given user k", the same binary mes-
sage ag[m),m = 1...M, with Fourier transform a(f)
on the complete symbol band, is transmitted in Q,
different symbol-bands. Generally (with weak excess
bandwidth or roll-off), the portions outside the chip-
band (width ) are attenuated and only a diversity
of order () is considered, according to the temporal
structure of codes, measured at the chip rate.

In an equivalent way, emphasis can be put on di-
versity by means of a multi-carrier modulation con-
cept. From the periodicity of ax(f) and the impulsive
form of the code ¢ (7) with finite length T's, the k-
th user’s signal, before RRC and channel filtering, is
expressed in frequency domain by:

enfu) = (& @ )(fo) (15)

+9-1 i

with: &7 (fa) =Y, Y (7)o~ 7)
n q,_%

4! (fu) = ap(fu)-sinc(xTs )

Unlike oFDM (Orthogonal Frequency Division
Multiplexing), for a given user, the sub-carriers are
modulated by the same information (complex binary
message). There are spaced by % and have com-
plex amplitudes ¢ () given by the pFT (Discrete
Fourier Transform) of the @ chips of the code. The
messages of different users will easily be separated
at the receiver, at least over ideal channel, thanks
to the codes orthogonality (independency) property,
which is expressed in the frequency-domain by the
linear orthogonality (independency) of the different
sets of () sub-carriers {¢ ()}

Note: we can establish the equation (15) more nat-
urally by representing the spread-spectrum as the result
of the multiplication of the continuous symbol stream
a;e°t(t) (shaped into a rectangular pulse of length T's) by
the periodic version of the code ¢}°" (t) (with period T's).
The expression of the periodic code in Fourier series gives
then directly the multi-carrier modulation scheme. This
other equivalent representation of the spreading system,
i.e. the "multiplicative representation”, is closer to the
design, and probably more ancient [3]. However, it is
more difficult to manipulate theoretically than the rep-
resentation with linear filters, generally adopted.

IV.2. Interpretation at reception

Assuming a perfect knowledge of the channel and
timing synchronization, the outputs of the bank of
MF-samplers can be synthesized from a linear trans-
formation of the transmitted symbols, without men-
tioning the wide-band received signal. The temporal
expression, at discrete time T's, of the ”symbol-band
model” has been established in (5).

The transfer 4,, (f) between the symbols of the source
73” and the output of the branch ”£” is expressed in
frequency-domain by Fourier transform of equation
(6) as the aliasing of the wide-band cross-spectrum
Aot (fy) in the symbol-band:

+Qr/2 q
V)= D (-7 (6
q=—Qr/2
with: - cont .
" (fw) = Gi95 (fuw) (17)

= |AP|he *&:¢ (fu)

We can now explain the notions of aliased equiv-
alent channels in the particular case of CDMA.

aliased Tx/Rx Global Channels

At the first branch output, the transfer ¥, (f) is

equivalent to an aliased Trans-Receiving Global Chan-
nel (aT/RaC) in the symbol band for the desired user,

the transfer 4, (f) to an aT/RaGC for the interfering




user 7i # 17. Expressed in frequency, the absence
of 1sI on the branch ”1” corresponds to an aT/RGC
white for the desired user, and the absence of MAI
corresponds to the nullity of the aT/RGC for all the
interfering users. These properties are absolutely
false for the T/RGC before aliasing, Y% (f,), b

cause of inter-chip and inter sub-chip interference on
the wide-band channels outputs before sampling. It
simply expresses, for the desired user, a coherent re-
combining of the sub-carriers and for the interfering
users, a destructive re-combining. With a single-path
channel, the orthogonality (2) and the finite length of
the codes ensures these conditions. It is easy to show

with the Poisson formula that Vf € [— 5, + 5= [:
+21
Y @ U - g = =0 ()
k- Ts = Yjl0] = Okj
-9
1="%

The respect of the first Nyquist criterion, relative
to the chip time T'c for h, x h., leads then to:

+Qr/2

S G heP e — 7= =8 (19)

q:_Qv‘/Z

For the desired user, the equation (19) simply ex-
presses the first Nyquist criterion relative to the sym-
bol time T's for g1 * g1 with an ideal channel. When
the channel is not single-path, the aliasing equation
(16) explains the robustness of the spread-spectrum
to selective channels: the aT/RGC seen by the de-
sired user symbols is finally a channel with width
TLS obtained from the coherent superposition of @,
channels with same width, averaging the selectivity
imposed to the different bands.

Figure 3 shows the T/RGC and aT/RGC on the
branch one for the desired user and for the interferer
727 with a channel taken from Vehicular B model,
characterized by a temporal spreading around 5 T's.
The power of Interference and Noise (IN) at the first
branch output is derived from the temporal expres-
sion of the 151, MAT and Noise terms defined in (7):

A
(IN) = E{l y, m] — Yi1[o]" % [m]|2} (20)

K
T
= A2 Z | ’711[n]|2 +A2 ZZ| 7k1[n]|2 + 2No. T[SO]

n#0 k=2 n

The expression of (IN) vs frequency, established with
the Parseval relation applied to equation (20), shows
that the Interferference and Noise power depends
only on the form of the aT/RGC :

(IN) = AZTSfL | ’3/11 (f) - 711[[)]|2df

+A%Ts Zk 2f | 7k1 |2df+ 2Ny. f% ’3/11 (f)df

Acontf N\
10 Yll < 2 : : : 1y£(f)
or 0 WM
8 -10 : -10
1
-20 - -20 l
Tc Ts
2000 1500 1000 500 0 500 000 1500 2000  KHZ 125 125 kHzZ
/N cont A
A 0
. . 10—
0

-2000 -1500 -1000 -500 0 500 1000 1500 2000 kHZ -125 125 kHZ

Fig. 3.- Tx/Rx Global Channel example in VB.
Ezemple de canauz globaux E/R en VB.

The power of 18I is derived from the quadratic fre-
quency area between the desired aT/RGC and an
ideal flat (white) one: it results thus from the non-
whiteness of the desired aT/RGC. The power of MAI
is derived from the sum of the quadratic frequency
area of interfering aT/RGC relative to the branch 71”.
The power of Noise is derived from the Noise Equiva-
lent Bandwidth -,, [0 T 7 of the branch 717, i.e. from
the frequency area in the symbol band of the desired
aT/RGC.

IV.3. Equivalent matrix models

For compacting and simplifying the representation of
the downlink CDMA system, we can use two equiv-
alent matrix models, named wide-band model and
symbol-band model. The diversity can well be rep-
resented by the wide-band model, by showing the
@, bands containing the received signal. It may be
useful when some parameters (channel, codes, timing
synchronization) are not identified. Otherwise, being
the context of this article, the representation model
in the symbol band will be sufficient to establish the
expressions and performances of the equalizers.

IV.3.1. Wide-band model

The @, components of the received signal at the fre-
quency f in the different bands (equations 13 and
14) are expressed algebraically by:

£(f) = G(f) a(f) +a(f) (21)

=
=
@
@
@

§9,(f)=15.(f - Qf”) i (""+;s> DG (F+ )T,
Pf) = [P(f = ZL2), e P(f + ST,
a(f) = [A(f - Q;gz) (f + QTf)]T,



The matrix G(f) of size @), x K contains the wide-
band waveforms relative to f in the different symbol-
bands, and for the different users. It plays the role
of a transfer matrix from the K sources towards the
@, bands, for a given frequency of the symbol-band.

An analogy can be made with the source separa-
tion from the reception on an array of @), sensors (in
place of @, frequency bands). In antenna process-
ing domain [19, 8], each of the @, sensors receives
a mixture of K sources but the latters arrive from
different directional (spatial) vectors. In cDMmA, each
of the @@, symbol-bands of the reception contains a
mixture of the K sources (each band containing all
the information for a given source) but the sources
7arrive” from different ”frequency vectors”, imposed
by the codes and the channel.

We find again some features which are also clas-
sical assumptions in antenna processing:
- the noise is uncorrelated from one band to another:

o - E{a() 27 (£)} = 2No L,

—r

- the uncorrelation between the sources leads to:

i Blalh) 6 ()} = (A°Ts) L,
where £ N denotes the identity matrix of size N x N.

The beamforming privileges one spatial direction
for extracting the source ”1” from the coherent re-
combining of the outputs of the (), sensors. In the
same way in CDMA | the matched filter privileges one
"frequency signature” by coherently (in branch ”1”
for the desired user) re-combining the components of
the @, bands or sub-carriers, which appears in (4)
and can be formulated as:

9(f) = G"(f) (f) (22)
=GH(f) G(f) a(f) + GH(f) a(f)

where

9(f) = [(F), s g (D]

The equivalent diagram of transmission and re-
ception for the wide-band model is given in figure 4:

ﬁ(f+§>, 4=-0,.-#0,

Y Qr/Z
r(f T

. Op 1 ~
(N — gV ) >—»yl(f)

a(N—rGeh | . G"(H—7.(/)
A —()————Q A
1 _— X
Q, ()= el $e(/)
— S
K sources 0, symbol bands K branches

Fig. 4.- Transmission multi-band model.
Modéle de la transmission multi-bande.

1V.3.2. Symbol band model

Spectral matrix of the aliased cross-channels

We define, for each frequency f belonging to [— 57,
+ 37=[, the normalized spectral matrix of the cross-
channels aliased in the symbol band. This matrix

groups all the aT/RGC in the following form:

A1 ) Aw(f) s (f)
L(f) = | Al Ae(f) Hrea (f)
M0l \ Ay (F) A () Yo (f)

This matrix is of a K x K size, hermitian and non-
negative definite. It will be with full rank and so pos-
itive definite for all f if the spectrum |h(f,)|? of the
propagation channel does not have zero in the wide-
band. Note that the absence of zero is a sufficient
but not a necessary condition. On the contrary, if the
spectrum of the propagation channel has a common
zero at a same frequency f in more than (Q, —K) dif-
ferent symbol-bands, the matrix is necessarily with
rank deficient for this specific frequency. Therefore,
excepted for pathological channels, the normal rank
(i.e. for almost all f) will be full, equal to K.
In terms of interference for the whole users, 1SI corre-
sponds to the "non-whiteness” of the diagonal terms
of L(f), and MAT to the non zero non diagonal terms.
" The formulation of L(f) from G(f) is expressed
with a matrix form from the aliasing relation (16):

o) - - 1[0]. G (f) G(f)

matrix form of the model

The symbol band model (figure 5) links directly the
K sources of symbols to the outputs of the K branches
via the transfer matrix I'(f). It can be derived from
the figure 4 (i.e. equation (22)) of the wide-band
model or directly from the equation (5) after pas-
sage through frequency and matrix formulation:

30 =7 L alH) +a(f)  (23)

where

A(F) = [ (F), s (DT = GH(F) ()

The equivalent discrete noise 7, (m]> artificially re-
ported in addition on each branch ouptut is gaus-
sian, correlated temporally and from one branch to
another. Its cross-spectral density, from the branch
N0 9 1.9 3 E Ai -A* 2

i” to the branch ”k” is W = 2No Ak (f),
that is under matrix form:
B 0" ()} = 2Novss - L)

Two ezamples of the matrix |['(f)| are given for
K =8 users (with linear scales) : in figure 6, the tem-
poral spreading of the channel (one realization of the
Pedestrian B channel according to the ETSI model)
is around 1 T's.



In figure 7, the temporal spreading is around 5

{r]k[m]: k=1..K} T's (same Vehicular B channel than used in figure
% 3). In the two examples, the interference is around
— Yi[m] the same order but we can verify that the coherence
bandwidth in Vehicular B is about 5 times smallest.
[ P D
@ ) A,é_,yK[m] V. EXPRESSIONS AND PERFORMANCES
OF LINEAR DETECTORS
K sources K branches
Fig. 5.- Symbol-band model of the transmission. V.1. Matched Filter only

Modéle ’bande symbole’ de la transmission. Signal to Interference and Noise Ratio

The matched filter has the feature of maximizing the
Signal to Noise Ratio (SNR) at mT's times, without

1“ considering the interference (1s1 and ma1). To take
0 i

the interference into account, the quality criterion of

the Signal to Interference and Noise Ratio (SINR) is

P best appropriate.
For the desired user (71”), the SINR in output
H of the first branch of the matched filter bank is ex-

pressed from the matrix [(f) by:

A? 7121 [0]

> (SINBr =~y 0
= (%) -
No /° 1+(%)ZTTS fL | L(f)1-1|2df

wheregT é[l,... 1], 1" é[l’(),...,o]

In the absence of 1SI and MAI, the matched filter

obtains the best SINR equal to (2150”) as well as the

ideal elementary Binary Error Probability.

o -

Fig. 6.- Matrix |LC(f)| example in Pedestrian B.
Ezemple de matrice [L(f)| en Pedestrian B. v.2. Equalizers: ZF AND MMSE

In the presence of interference, a numerical linear

equalizer bank running at T's completes the head
1“ ! of the base-band receiver, as set forth in paragraph
R gladhs) e — — IL2..
w The decision variable d[,,,) defined in (8) can be
—al b A written as a global convolutive discrete transfer
{gloyin),i = 1...K} for the symbols, disturbed by
A A PN o an additive discrete noise b;:
. )
al Ll o Laa d, m] = Z (gloy; * ai)[m] +b, [m] (25)
i=1
o u w Aal a4 ; A 1 K
with glo,, = T Y oret (e *%k)[n]
PN Aol Lo |a. w a The Mean Squared Error (MSE) is generally used to
describe the performances of the equalizer. This en-
. u el la w o ergetic measure benefits from a simple quadratic for-
mulation and presents simple solutions of minimiza-
w tion problems. The MSE in the output of the equal-
eafias) o A ™

izer for the desired user is expressed in frequency
Fig. 7.- Matrix |[L(f)| example in Vehicular B. terms by:
Ezemple de matrice [L(f)| en Vehicular B.



A
(MSE),, = E{| dl[m] - [m]|2}

=a%1s [ 1 | glo,, (f) — 1]°df

P, [ Lalo, (DPAf+ 2No. [ 1, ()P

The integration term in this expression is the
power spectral density of the error (psd), comprised
of a ISI term, a MAI term, and a noise term.

From matrix formulation:
- the vector &7 (f) = [&,,(f), -+ &, (f)] is made
from the transfer functions of the equalizing filters
on the K branches,
- the global transfer function for the symbols of the
user k is: glo, (fy=&"(f) -L(f) - k
where k' =[--,0,1,0, -]

k
- the global transfer function £, (f) for the noise (with
periodicity - due to the samphng) is such that:

£ ()P = 2 _ ") L) - a(h)-

1[0 —

The psd of by, is then 2Ny £, (f)[.

From these expressions, it is easy to establish, by
omitting (f) in the second member for the sake of
clarity, that:

(26)
de ~ H * Tk NO A ~ Hp*
= I"I'"*"+—.T —2R 1141
) =a ('L +op, L Jér—2Re{é; "L 1}+
Notes:

* the power of interference plus noise can be obtained
simply from the MSE by subtracting the quadratic error
term at zero delay: (IN),, = (MSE)g, —A2|1—glo11 [0]|2
* The global linear detector [; for the detection of the
symbols of user ”1”, including the MF-sampler bank and
the equalizing filter bank, has a transfer function [, (f.,)
defined for the wide-band. It achieves actually, for one
frequency f of the symbol-band, a linear combination of
the @, sub-bands. Its expressmn under vector form of

size Q, (grouping 1 (f — Q”/z) L(f+ Q"/2) is:

T 1

()=

|N>

ce (HGT(f) (27)

Y11[0]

V.2.1. Zero Forcing equalizer

The optimal Zero-Forcing equalizer minimizes the
MSE, under the constraint of cancelling the 1S1 and
MAIL ~ With such a criterion, in situations without
noise, the estimated symbols must be equal to the
transmitted symbols for the desired user. In the same
time, among all the wide-band global filters [; which
cancel the interference, this criterion warrants the
one with a minimal norm and leads to the struc-
ture on figure 2 (or equation (27)). The cancelling
of the interference from the symbol band model re-
quires then that gZoUc (f) = 01, which is equivalent

to glo = 019, in discrete time representation.

1k [n]
The equalizer vector is then obtained by inverting
the spectral matrix of aliased cross-channels:

al () =1"cm (28)
This is immediately derived from the equation (23)
of the symbol-band model. So, the resulting MSE is
formed only by the contribution of the noise, ampli-
fied by the interference cancelling process:

1 1

) . ellzf[o]

MSE 2N,
(MSE)., = (@No.g) - 5

The zero delay coefficient of the equalizer in branch
AL €1 is a positive real number, derived from
diagonals of Hermitian matrix. It plays a fundamen-
tal role since it describes entirely the performance of
the system. More precisely, it expresses a degrada-
tion factor for the SINR but also for the Error Prob-
ability (Pe or BER) 2 since after perfect theoretical
equalization, we obtain exactly the desired symbols,
just disturbed by a gaussian noise:

(SINR)_, ﬁ (%). ! (29)
= f 0 ellzf[o]
(Pe)., = Q[N ——)  (30)
0 ellzf[()]

The degradation factor corresponds to the frequency-
domain area of the first diagonal "block” (or fre-
quency pattern) of the inverted aliased cross-spectral
matrix:

o =5 [ 1L Do

Ts

The Schwartz inequality lets us verify that
€] 2 1. Of course, no degradation (euzf[o] =1)
corresponds to an ideal situation with a single path
channel and orthogonal codes.

Figure 8 gives the example of an inverted ma-
trix |[L(f)”"| in Pedestrian B. The patterns of the
first line represent then the frequency modulus of
the equalizing filters é,, (f) for k =1 to 8; the degra-
dation factor for the desired user ”1” is rather weak,
computed to +1.2 dB.

Note: From the received signal r(t), there are an in-
finity of linear detectors l; able to cancel interference.
The linear zF equalizer recalled here (with theoretical fre-
quency description and therefore no constraint of finite

2the function Q(.) measures the area under the tail of a
Gaussian distribution: Q(z) = F f°° —u?/2 g,
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Fig. 8.- Matrix |[L(f)
Ezemple de matrice |L(f)~

'| example in Pedestrian B.
'| en PB.

length for the impulse responses) is the optimal since it
cancels interference but also minimizes, under this con-
straint, the noise amplification. It is not the case for a zF
detector which would consist in inverting the wide-band
continuous channel, in the bandwidth of the RRC, before
making the correlation with the desired code. Such a de-

tector would generally present much worse performances.
V.2.2. MMSE equalizer

The mean squared error is minimum when the qua-
dratic form (26) of the spectral density of the error is
minimized for each frequency f of the symbol band,
which leads to:

e () =1TL(f)]
with I'(f) = L(f) +

(31)
()L
The expression of the MMSE is then:

(MSE)me: A2(1 - glollme[O])

1 1
= (2N0ﬁ)-rm-€ume[o]

The inversion of the aliased cross-channels spectral
matrix is here realized after adding a noise to signal
QNTO,, factor on the diagonal. So, as in a single-user sit-
uation, the partial inversion of the MMSE limits the
amplification of the noise at the frequencies where
the local signal to noise ratio is bad. Moreover, since
the power of the noise is not zero, the inverse of ' ( f)
always exists and ill conditioned situation is impos-
sible, contrary to the zZF case.

The global gain (at zero delay) of all the chain Tx/Rx

for user "17, glo,,,,_ 1oy = Ts [ [T'(f)'L(f) Indf ,
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is a positive real less or equal to 1 (equal to 1 in noise-
free situation). The MMSE receiver has the same be-
havior than the ZF receiver in situations of strong
]‘\E,—'; and is reduced to the head of receiving, i.e. to
the MF, in the extreme opposite situation. The zero
delay coefficient of the equalizer is here normalized
by the global gain to form the degradation factor of

the SINR (> 1), which is expressed through:

A? gloume[o]

IN =
(SINR),,. (MSE),,.glo,,,..1q

(32)

1

€11me [0]

- ( No ) glollme[o]'

For strong f,—g situations, the SINR of the three re-
ceivers recalled in this article are ordered in the fol-
lowing manner:

(SINR),, < (SINR)_,

mf —

< (SINR)

2E
when Tob >>1

Then, the performances of the receiver are ex-
pected to be improved by equalization, MMSE pref-
erentially if the noise level is not negligible.

V.2.3. Comparisons and design elements

The multi-user equalizer we have just described gen-
eralizes the classical results obtained with weakly se-
lective channels, based on the correlation matrix of
the codes at zero delay. When the temporal spread
of the channel is weak compared to the symbol du-
ration, the equalizer needs no memory dependence
(white response in frequency) and is reduced to in-
stantaneously and linearly combining the y, (m]- D
this case, the spectral matrix of aliased cross-channels,
white in frequency, but non diagonal if the coded
waveforms are not orthogonal, is identical to the zero
delay correlation matrix, as the frequency dimen-
sion does not appear. We then find the equalizer
described by the authors of [16, 5, 6], where the com-
bining coefficients e,, ,; from the branches k = 1 to
K are given by the first line of the inverse of the
zero-delay correlation matrix of the codes, equal to
[1,0,..,0] if the codes are orthogonal.

In the presence of selective aT/RGC in the symbol
band, the equalizing filters may use practically a fi-
nite temporal depth of P coefficients (with causal
and anti-causal part). We then have added the fre-
quency dimension f, which is equivalent to indepen-
dently treating several non selective channels, with
narrow bands compared to TLS (second order station-
arity).

This approach naturally (but approximately) pro-
vides the coefficients of the equalizer by using the
Inverse Discrete Fourier Transform, and constitutes
an alternative solution to temporal methods [12, 4],
with a little complexity.



To obtain a temporal depth of P coefficients for
the equalizer, we just have to sample the symbol
band with a step Af = ﬁ to form the P matrix
L(p.Af) and compute their inverse. The K non-
causal filters {e;,)} used to detect the symbols of
user ”1” are obtained by a DFT ! of the K spec-
tral patterns of the line ”1” of the inverse matrix.
The filter {e;1[,)} born from the diagonal is the most
energetic and corresponds to the main branch. In
a multi-code case, i.e. with several desired codes, we
can take advantage of the hermitian symmetry of the
taps: e;gn) = e,’;i{_n], Vi, k=1..K, VYne€Z.

Notes:

* The impulse responses of the equalizer bank at sym-
bol time after MF bank are theoretically infinite. So, the
choice of P should ensure a negligible temporal aliasing
for the practical filters. According to the weak values
of the secondary far paths in the ETSI models described
in VII., a typical temporal depth of 1 to 4 coefficients
in indoor A and of 8 to 16 coefficients in Vehicular B is
generally sufficient.

* Instead of approximately preserving the theoretical im-
posed structure described in figure 2 (with a finite num-
ber of taps for the practical equalizer), it is also possible
to compact the linear detector [; in a single discrete trans-
verse fractional filter with a cadence of T'c/2 at input and
T's at output.

VI. EXTENSION TO MULTI-SENSOR

RECEPTION

Linear Reception

d
¢, (1) ’T'I‘/Sﬂ €11 P‘@—J[ml

@ ﬁcz*('T) %'/:_’( €12 n) %JI’,"
4"1(*("[) F-’/“" € 1K n] M‘

Ts-Equalizer

Transmission

Channels #”®
D (6)

h

r@ (t)

h (D) hD*(-1)

Matched filters to
spatio-temporal channel and codes

Fig. 9.- Multi-sensor transmission model.
Modéle de transmission multi-capteur.

When the mobile receiver uses L = 2 or 3 sensors
(with a spacing above A/2 = 7.5 em), the i = 1...L;
propagation paths are observed on the different ele-
ments [ = 1...L of the antenna. The delays of one
path ”4” on the different sensors ”1” are nearly iden-
tical according to chip time (Cf note in section II.),
only the complex amplitudes a! are different. Thus,
we define L propagation channels h(Y)(7) from the
model of (3), still considered here as deterministic
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and time invariant during the slot.

To the I-th sensor are also associated a received
signal r() (t), a spatio-temporally white noise n(") (t),
a wide-band waveform for the k-th wuser
g D(1) = (ck * he * AD)(7) and a transfer matrix
sources/bands G)(f). With multi-sensor, 7, o] and
E}, represent respectively the normalized ”energy” of
the waveform and the average energy per bit of the
desired signal over the L receiving sensors.

The channel matched filter becomes spatio-temporal
[1, 7, 11, 15] but same as the multi-band dimen-
sion, the spatial dimension does not appear explicitly
in the ”symbol-band” model and the digital equal-
izer keeps exactly the same expressions as function
of L(f) than those established in single-sensor, de-
scribed by equations (28, 29, 30, 31, 32). Obviously,
the global diversity is concealed in I'(f) since A2 is
replaced by Y, |il(l)|2 in the expression (17) of the

T/RGC 4™ (f) and thus indirectly in the formation
of the at/rGC 4,,(f), leading to:

1
(f) B Y11 [0] .

1=

S a5 @V
l

The coherent re-combination of the spatial and fre-
quency channels improves the orthogonality of the
waveforms and therefore makes easier the system
inversion operated by the joint detection equalizer.
In term of implementation, we can yet approximate
(with finite length) the imposed structure of figure
9, taking benefit of the discrete nature of the paths
in the channel MF. Or we can implement linear re-
ceivers by means of one single fractional filtering per
sensor. We are now going to measure the benefit of
the multi-sensor reception in the next section.

VII. AVERAGE PERFORMANCES
IN INDOOR AND VEHICULAR
VII.1. Context

used codes:

According to the general hypothesis, the codes
{ckrg,a = 0..Q — 1} for the users k = 1..K are
complex with values proportional to {1,j,—1,—j},
algebraically independent and moreover, in confor-
mity with the norm [21], algebraically orthogonal (Cf
(2)). One code is comprised of @ = 16 chips obtained
from a ”channel code” {chg,q = 0...Q — 1} and a
”scrambling code” {vj,,q = 0...Q — 1}. The channel
code is particular to one user, with real binary values
(€ {—1;+1}) chosen in the family of 16 orthogonal
Walsh-Hadamard sequences. The scrambling code is
specific to each cell, with real binary values indexed
in the norm. The complex values of the final code are
obtained by a rotation of 7/2 from a chip to another
after multiplication of the two previous codes:

Cklg) = Chifq-vig-()*, ¢ =0..Q — 1



where j is the pure imaginary number such as
(j)? = 1.
So, with such a complex code, both real and imag-
inary parts of the transmitted symbols benefit of
the diversity of the In phase and Quadrature car-
rier modulation. Moreover, during the transmission
of one symbol, the constellation at the chip time
presents no zero crossing, ensuring small envelope
variations for the transmitted modulated signal, of
one given user. The computation of the performances
are relative to the desired code ”1” defined by:
Chl[q] =1 an v = [_1) +1) _1) _1) _1) +1) _]-7 _1)
+1,-1,4+1,+1,-1,+1, -1, 1]
This code ”1” is then reduced to the complex version
of the scrambling code.

propagation channels:

Models described by ETSI [20] in environments ”In-
door A” (1a) and ” Vehicular B” (vB) are used. The
channel impulse responses are constituted by 6 paths
with relative delays (between two adjacent paths)
and average power, summarized in the following ta-
ble:

TA (ns) [0 ] 50 | 110 [ 170 | 290 | 310
dB) [0 | -3 [-10 | -18 |-26 | -32

VB (us) |0 | 0.3 ]89 | 12.9 | 17.1 | 20.0
(dB) [-25[0 [-13|-10 | -25 |-16

The temporal spreading is very weak in 1A, slightly
superior to one chip time, T'c; on the contrary, the
temporal spread is important in VB, around 5 T's,
which will permit to give equalizer performances in
two very different situations. The propagation de-
lays are quasi-fixed (variation of £3%). The complex
amplitudes ol of the paths are random, distributed
with a Rayleigh law for the modulus and uniform law
between 0 and 27 for the phases. We suppose the
complex amplitudes uncorrelated between two paths
(index ”i”) and from one sensor to another (index
”1”). This last hypothesis, more often admitted [10],
is certainly a bit optimistic for the inter-sensor spac-
ing looking at the mobile; we will come back to this
point in the performance analysis.

average performances (random channels):

We are going to evaluate, for one given model of
channel, the performances of the equalizers from the-
oretical formulas (24, 29, 30, 32) developed in section
V.. The frequency integrals are approximated by the
rectangle method, with a frequency step Af = 32—17‘3
and a temporal oversampling of T'¢/8 to form the
delays of the paths. These performances take the
form (SINR) = (%) i where 3; represents the
degradation on the SINR caused by interference for
the Matched Filter, Zero-Forcing and MMSE receiver.
For the Zero-Forcing equalizer, 85 also represents the
degradation of the BER.

We remind that these performances formulae sup-
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pose perfect knowledge of the channel and perfect
timing synchronization, they give then upper bounds
which will inevitably be degraded in real situations.
Moreover, they are only valid for a deterministic and
time invariant impulse response, which does not cor-
respond to 1A and VB models since they are
random, mainly from the complex amplitudes al.
Rather than calculating the performances for one
specific observed sample of the paths amplitudes (sup-
posed then deterministic, equal for example to their
quadratic average values), we are going to give av-
erage performances on the whole possible occurence
of impulse response. This classical process [17, 10]
may be used to represent a practical situation with
slowly time variant channel: one occurence of ol is
associated to the channel impulse response at a given
instant. The channel variation is slow enough to be
considered fixed during the occurence and perfectly
estimated. So, the interference term (31, same as the
energetic gain of the global waveform Yia[o] become
random variables. We are now interested in the ex-
pected values of the SINR inverse (named INSR) and
of the Error Probability (for zFr), computed from a
very large number of sampling:

S A Bl Moy
(INSR) £ Blgg) = () B Bp) - (39)
— 2F,. 1 1
P =F — ). —. — 34
(Pe)., = E{ Q( (No)ﬂz ﬁf)} (34)
where B¢ 2 % = % expresses the amplitude fad-
11[0] b

ing, the on-lining representing the expected or av-
erage value. The degradation is due to two differ-
ent phenomena: the interference, through g;, and
the amplitude fading (spreading of the range of the
probability density function of the normalized energy
%)’ through G;.

In order to obtain the average degradation only
caused by the interference, a situation without fad-
ing is artificially introduced. In this situation, from
one occurrence to another, the waveform is still ran-
dom, but its energetic gain Vi1 0] is maintained at

a constant value 7, o)’ which fixes the receive aver-

age bit energy to Ep = E, and makes deterministic

ﬂf:ﬂle-

In situation with fading, only the BER perfor-
mances in Zero-Forcing are plotted since the INSR
curves are practically derived from those of the sit-
uation without fading, by an additional weighting
factor ﬁf, superior or equal to 1. This last observa-
tion is explained by equation (33) and by the weak
correlation between the fading term §; and the in-
terference term [, as shown in figure 10 which plots
the correlation coefficient related to the number of




users, from the model VB. Bf s thus an indicator
of the degradation due to the fading, even if it is well
known that the average energetic indexes are not suf-
ficient to express quantitatively the Error Probabil-
ity. Without interference (8; = 1), with a single-
path channel subject to a Rayleigh fading, and with
uncorrelated envelopes from one sensor to another,

Pe asymptotically varies [17] as (ﬁ—(’;) L. The slope
of the BER curve (with classical Log scales) is im-
posed by the diversity order, equal to the number of
sensors in this basic example.

With any random channel, we may still define an
equivalent diversity order N, relative to a Rayleigh
fading, as proposed in [9], from the variation coeffi-

cient cv of the received power:
— =2
VE’? - E,

with cv = —

Negy =
q E,

cv?
We then dispose of two indexes to measure the depth
of the fading: cv and B;. Relatively to a Rayleigh
fading with N independent diversity branches (with
same power), it can be shown that:

— NN 1
ﬂf = —(N

)(N—l)
N-1

In order to facilitate the interpretation of the results,
we indicate in the following table the values (in deci-
bel) of these two indexes for some diversity orders:

N., 1 |2 [3 [5 [8 |+
cv (dB) || 0 15| 23 | 35 | 45 | -0
B; (dB) | 400 | 3 1.76 | 0.96 | 0.57 | 0
VIL.2. Performance analysis

VII.2.1. Vehicular without fading

Figure 11 presents the results in VB with 1, 2, 3 sen-
sors for a situation without fading. Each elementary
cell of the figure shows the results superimposed for
1, 2, 4, 8, 12 and 16 users in continuous line, from
bottom to top. The dotted lines give the theoretical
ideal performances obtained with a single path chan-
nel without fading.

Concerning the (INSR), we first observe a great im-
provement, (diminution of 3;) in MMSE or zZF (equiva-
lent to MMSE for strong ]‘\E,—’;) as compared to the single

matched filter. For the MF, the (INSR) curves reach
a floor, for strong % and for the large values of K,
because of the interference. The improvement due to
the equalization is emphasized with 2 or 3 sensors,
which brings almost back to ideal performances.
Concerning the BER in ZF, there is an important loss,
around 15 dB at Pe=10"3 when the saturation of the
number of users (K=16) is approached. The multi-
sensor reception gives new degree of freedom and re-
duces the degradation to just 1 dB with 3 sensors.
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VII.2.2. Vehicular with fading

Figure 12 presents the results for a ZF receiver in
a fading situation (top of the figure). The upper
dotted lines correspond to the performance with a
single-path channel subject to Rayleigh fading with
only one receiving sensor, i.e. without diversity. The
importance of the fading process is embodied by the
bottom plots which indicate the scattering of the
probability density of the channel energy, related to
its average value. We also have mentioned the in-
dexes cv and Bf.

We observe with a single-sensor, a degradation of 3
to 5 dB compared to the curves of BER in without
fading situation. The very important degradation
above 18 dB for 16 users is reduced to 3 dB with 3
Sensors.

We notice, for one user and no spatial diversity,
that the BER sensitivity is better than in a single
path fading situation. This is naturally explained
by the path diversity (resolved paths) of the Vehicu-
lar environment. Indeed we have for a single-sensor
cv= -1.6 dB and Bf: 2 dB, which already corre-
sponds to a diversity order N, between 2 and 3.
This order becomes around 5 and 7 with 2 and 3
Sensors.

VII.2.3. Indoor with fading

It is interesting to compare the fading situation pre-
viously noticed to those observed in Indoor A envi-
ronment (figure 13) where there is almost no path
diversity and very few interferences in the MF out-
puts. With a single sensor, the error probability is
nearly equivalent to the one path fading situation for
any number of users, expressing weak 3y and strong
Bf. The spatial diversity is then required, even if K is
little, in order to decrease the range of the amplitude
fading: for one single sensor, cv=-0.3 dB and ﬁf: )
dB, which corresponds to a diversity order N, very
little, slightly above 1. This order becomes around
2.5 and 4 respectively with 2 and 3 sensors.

This improvement would be less significant if the
paths were correlated from one sensor to another.
Nevertheless, the Indoor environment, which mostly
needs spatial diversity, presents a very favourable sit-
uation in downlink reception on the mobile [18; 9],
due to the proximity between the scattering objects
and the receiver. In this case, one path can be mod-
eled by a lot of micro-paths arriving on the mobile
sensor with quasily the same delay. According to the
model developed in [18] for one macro-path, the cor-
relation between any field component envelope mea-
sured at two separate points on the mobile is shown
to be weak with a spatial separation above % On
the contrary, the reception situation on the base sta-
tion in "uplink” would be very different because of a
geometrical asymmetry and would require a spacing
above 50\ for obtaining weak correlations.
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In conclusion, a coherent multi-element antenna
in reception improves the transmission by fighting
against both frequency selectivity and amplitude fad-

ing.

Note: in terms of link budget, the presented per-
formances should benefit from an additional improve-
ment of 10log(L) dB due to the antenna gain. All the
curves were plotted in function of the global energy
of all the sensors.

VIII. CONCLUSION

This study has permitted, by taking an approach of
frequency interpretations, to recall non exhaustively
the linear detection structures in the downlink of a
TD-CDMA system. We have formulated the expres-
sions and performances of this detector from the rep-
resentation in the symbol-band, based on the spec-
tral matrix of the aliased cross-channels. Finally, we
have applied the performances expressions to the Ve-
hicular B and Indoor A environment models. This
performances constitute upper bounds for real situa-
tions because of the inaccuracy in channel estimation
and in synchronization operation.

From the Vehicular B model, frequency selective, we
have first illustrated the benefit of the joint
detection as compared to the simple desired wave-
form matched filter, especially when the code mar-
gin is little. We have also underlined the clear per-
formance improvement for a coherent reception with
2 or 3 sensors. In this selective channel, the multi-
sensor reception permits to decrease the interference
and to facilitate the inversion performed by the equal-
izer.

From the Indoor A model, weakly selective but also
very poor in temporal diversity (non resolved paths),
we notice a spectacular improvement of performances
due to the diversity gain of the multi-sensor, decreas-
ing the range of amplitude fading.

So, the multi-sensor reception on the mobile is always
recommended to efficiently fight against the two dif-
ferent types of distortion introduced by the channel:
frequency selectivity and fading process.
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