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ABSTRACT

This paper presents an application of a blind spatio temporal
equalization based on the Constant Modulus Algorithm
(CMA). The context is the development of an operational
system of transmission through the ionospheric channel for
transhorizon radio links and the technical challenge is to in-
crease significantly the data transfer rate of standard modems
(typically 4.8 kbits/s in a 3 kHz bandwidth).

The multi channel receiving system is connected to an
original array of collocated antennas which appears as po-
larization sensitive and, consequently, makes the separation
of the incident multi paths efficient though there is no spatial
diversity.

An experimental radio link has been tested with a range of
780 km. The corresponding results underline the improve-
ment of the bit transfer rate which attains 30 kbits/s in a 9
kHz bandwidth resorting to a QAM 16 waveform.

1. INTRODUCTION

At the receiving point of a transhorizon radio link, each io-
nospheric path is characterized by the classical parameters
direction of arrival (DOA), group delay, differential fre-
quency Doppler shift and, in addition, by the structure of the
incoming elliptical polarization that is DOA dependant [1].
In this particular context, it has been demonstrated that a set
of collocated antennas can induce a significant decorrelation
of the corresponding acquisitions under the evident condi-
tion that the sensors are different from each other [2].

This paper presents an operational system of long range
transmission in the H.F. band (3-30 MHz) aiming at a data
transfer rate which exceeds significantly the current stan-
dards (4.8 kbits/s in a 3 kHz bandwidth). A blind spatio
temporal equalization, based on the constant modulus algo-
rithm (CMA) is implemented on an array of 4 collocated
active H.F. antennas in order to balance the distortions due
to the propagation in an extended bandwidth.

Experimental results are presented to illustrate the capa-
bilities of the system which has a range of 780 km and at-
tains a transfer rate of 30 kbits/s in a 9 kHz bandwidth. Still
compressed images are transmitted with a robust joint
source and channel coding. Several received images are
presented and appear quite consistent with the original.

2. ORIGINAL DEVICE OF COLLOCATED
ANTENNAS

At the exit of the ionosphere, the elliptical polarization of an
incident wave is described by the two parameters polariza-
tion ratio and inclination (of the major axis of the ellipse
relative to the Earth’s geomagnetic field) which are both
DOA dependant [1]. The expression of the signal at the out-
put of a given receiving antenna integrates a specific func-
tion of the DOA 6, named spatial response F(0), which is
complex valued due to the elliptical structure of the incom-
ing polarization [3]. Consequently, a set of collocated sen-
sors with different complex spatial responses has the capa-
bility to separate incident sources since they have different
polarization parameters.

An original device of four H.F. active antennas with the
same phase center has been developed. An optimization of
the diversity of their complex spatial responses and a mini-
mization of the mutual coupling are required for the final
structure represented in Figure 1: it contains 2 orthogonal
vertical loop antenna, 1 horizontal loop and 1 dipole with an
original geometry.
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Figure 1 : array of 4 H.F. collocated antennas

The benefit of this device in the field of array processing is
illustrated in Figure 2 where synchronous acquisitions on the
four channels are plotted.

The presence of multi paths (generated by the ionospheric
channel) induces fading. The minimums of power do not
appear at the same time on the four channels. The reason is



that the incident sources are combined with varying phases
on each antenna: these are the arguments of the antenna re-
sponses to the incoming polarizations. The diversity of the
spatial responses results in a partial decorrelation of the four
received signals.
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Figure 2 : 4 channel acquisitions

3. BLIND SPATIO TEMPORAL EQUALIZATION

The complete receiving system which has been developed
integrates the operations which are synthesized on Figure 3.
The spatio temporal equalization is implemented, for each
one of the NC=4 receiving channels, as a F.I.R. filter involv-
ing NR delayed samples.

The different samples of the acquisitions are picked up in
the extended observation vector

Xyt (K) =[XK) T Xk-DT.. X(k-NR+1)T]T

where X(k) denotes the vector of the NC acquisitions at

instant k.

In a previous stage of this project, the least mean squares
(L.M.S.) algorithm was derived and required the transmis-
sion of training sequences. It has been investigated to re-
move this constraint with a blind algorithm in order to in-
crease (slightly) the actual data transfer rate and to authorize
the connection of asynchronous subscribers.

A global estimation of the vector W containing the
NC*NR tap coefficients is performed resorting to the con-
stant modulus algorithm (CMA) [4]. In this application, the
blind criterion to be minimized is the dispersion of second
order:
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where Ry =Ef|c,|"1/Elle, |1
is a statistics of the complex transmitted symbols {c, } and
5T
zk =W Xext (k)
is the sample at the output of the equalizer.

The CMA, optimum for a PSK modulation, is still efficient
for QAM constellations with a limited number of states as
used in the project: the variations of amplitude are moderate
and the algorithm converges. The real time computation of

the tap vector results from a descent along the gradient of
the above mentioned criterion according to the relation:

Wk +1) = W(k) ~AX g (K)2(k)(2(K) > ~Rp) (1)

The constant step-size parameter A has been adjusted as a
result of preliminary simulations in order to optimize the
speed of convergence and the mean square error of the algo-
rithm.

The synchronization techniques are classically based on an
approached maximum of likelihood running on the equalized
samples [5]. The carrier recovery resorts to the following
phase detector:

ex = 3 fsen(zi) (2 61| )

where csgn(x) =sgn (‘R{x})+ jsgn (S{x}) and Cyis the es-
timated symbol.

The timing recovery is based on the Zero Crossing Detector
with an error signal e, expressed as:

e :9%{(61*(_1—éii)z(kT—T/2+%k_1)} 3)

where Ty_qis the estimated time delay at the stage k-1. That

method implies that the sampling frequency is twice more
than the symbol rate.

The interpolation calculates a weighted sum of four tem-
poral samples of the filtered observations, the corresponding
coefficients being parabolic functions of the fractional inter-
val as described in [5].

4. EXPERIMENTAL RESULTS

An operational radio link has been set up between Valensole
(South Alps) and Rennes (range of 780 km) using carrier
frequencies in the 8-10 MHz band. The transmitter contains
a fully flexible modulator generating a waveform with ad-
justable parameters: symbol duration, roll-off factor and
number of constellation states.

The transmitted files contain still compressed images with
a size of 256x256 pixels. The compression resorts to a multi
stage wavelet decomposition associated with a vectorial
quantization (Self Organizing Feature Map) of the compo-
nents [6]. The resulting compression rate is equal to 16. A
joint source-channel coding is mapped with an error protec-
tion based on Reed Solomon codes.

In the presented experiment, the transmitted waveform is a
QAM 16 modulation; its Nyquist envelope had a roll-off
factor equal to 0.2. The symbol duration is equal to 0.13 ms
(9 kHz bandwidth) and the bit transfer rate is equal to 30
kbits/s. The average signal to noise ratio SNR for each
channel equals 16 dB. The efficiency of the array process-
ing is demonstrated by comparing the spectrum of the
transmitted signal (Figure 4.a), the spectrum of the received
signal on one channel with the best SNR (Figure 4.b) and
the spectrum at the output of the equalizer (Figure 4.c). In
presence of multipaths, the dispersion of the time delays is
responsible for the distortion of the received spectrum which
contains several “holes” (Figure 4.b). These defaults are
corrected by the spatio temporal equalization (Figure 4.c).
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Figure 3 : synopsis of the signal processing

This remark justifies the improvement of the quality of ser- o FFT sprés egalication en bandz de base
vice which is noticed on Figures 5 (a) to (c) when the de-
coded images after a single channel (b) or a four channel (c)
processing are compared with the original image (a). sl
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Figure 4.a : transmitted spectrum
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The visual perception is confirmed by the measurement of
the number of errors and the peak signal to noise ratio of the
restored images. The transmitted compressed file contains
32768 bits and the numbers of errors are 88 (corresponding
to a BER equal to 2.7 10”) for the single receiving channel
case and 31 (BER =9.5 10 for the 4 receiving channels
case. The respective PSNR are equal to 18.5 dB and 32.5
dB.
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Figure 4.b : received spectrum (single channel)




Figure 5.c : restored image after a 4 channel processing

The equalization is adjusted with NR=6. This choice is co-
herent with the estimation of the delay spread Atg that can
experimentally be done from Figure 4.b. Actually, the gaps
in the received spectrum appear with a period of approxi-
mately Af=1200 Hz in the frequency domain: this fact can
be interpreted as the reception of two incident signals sepa-

rated by a differential group delay of Atg = é =0.833 ms.

This value is close to 6 symbol durations and justifies the
choice of the number of taps in the temporal equalization.
Besides, the speed of convergence has been measured con-
sidering that the mean square error in the steady-state should
be less than a threshold equal to 10% of the mean energy of
the transmitted symbols. It appears that this learning se-
quence has a duration of approximately 2000 symbols.

5. CONCLUSION

An operational system of transmission has been presented,
the receiving part of which resorts to an array processing
with two main originalities. The first one is the polarization
sensitivity of the collocated sensors that realizes an efficient
decorrelation of the acquisitions. The second one is the prac-
tical implementation of a blind spatio temporal equalization
based on the constant modulus algorithm.

This technical solution significantly improves the per-
formances of the H.F. modems “on the shelf” (data transfer
rate of 4.8 kbits/s in a 3 kHz bandwidth). Actually, the
equalization balances the distortion induced by the propaga-
tion in an extended bandwidth up to 9 kHz so that the trans-
fer rate attains 30 kbits/s.
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