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Summary. This paper describes a complete fade countermeasure system, based on up-iink
transmission power control, plus data coding and bit rates variatton. The system is designed for
thin route TDMA user-oriented satellite networks, used for LAN interconnection. A multicarrier
access to the satellite transponder is envisaged to exploit the entire transponder bandwidth with
limited data rates of each carrier. The modest performance required by the earth stations means
that the antennas can eastly be installed on the user’s premises. In order to avoid excessive
intermodulation noise, the satellite transponder input back-off must be constant and sufficient to
operate in the linear zone. This imposes a calibrated action of the up-link power control, which
is possible only by knowing the up-link attenuation with good accuracy. The total signal
degradation. due to the residual up-link attenuation after up-power control intervention, and to
the down-link attenuation, is compensated for by varying the coding and bit rates of the data. A
signal to noise estimator, based on the statistics of quantised .levels of the demodulated PSK
signal and a narrow band signal level estimator are employed to apply the countermeasures that
are able to maintain the data bit error rate required by the user. The performance of the whole
system is evatuated in an AWGN (Additive White Gaussian Noise) environment, for two
similar channel access schemes, which differ in the control type (centralised or distributed) of

the channel capacity assignment mechanism.



{. INTRODUCTION

Using the Ka band for satellite communications entails solving the rain fading problem to ensure
an acceptable availability of the link. The fade countermeasure system we propose is not very
complex and is cost effective compared to some others, such as space [10] or frequency
diversity [12-14]. Our scheme is based on the adaptation of the energy per information bit to the
channei fading conditions, in order to maintain the quality of data within the requirements
specified by the user. The total attenuation of each link (up-link plus down-link) is compensated
for by varying the transmission power, coding and bit rates. Assuming a multi-channel TDMA
access to the satellite, the transmissioﬁ power variation must ensure a constant back-off at the
transponder input to avoid excessive intermodulation noise. The power control can thus be used
to compensate for up-link attenuations only, while the total compensation is completed by
varying the coding and bit rates as well.

A very important problem in fade countermeasure systems is the need to detect the signal quality
quickly and accurately. In fact, the countermeasure has to be made before the signal degradation
affects the bit error rate {BER) realisable by the user. BER monitoring is not a suitable solution

because it is not fast enough. The levels of the BER commonly required are in the order of

107+ 107%, and in any case, for almost all the existing applications whose bit rate is of a few
Mbit/s at maximum, quite a long time is needed to detect the BER with sufficient accuracy.

This paper presents a performance evaluation of both the signal quality and the attenuation
estimators used in the fade countermeasure system adopted by two similar channel access
schemes. The signal quality estimator is based on the statistical level of PSK demodulated
signals. while a narrowband signal level estimator is employed to evaluate the attenuation. We
assume that we are operating in the presence of additive white Gaussian noise (AWGN) alone:
this means that the satellite channel corruption is only due to thermal noise. To improve the
performance of both the estimation systems, a Kalman filtering is used as well.

The channel access schemes, which employ the above mentioned estimators, are user-oriented

demand-assignment systems operating in TDMA, used for LAN interconnection. They support



both real-time (telephony and video) and non real-time (computer data exchange) application
traffic.

One of the two systems, named FODA/IBEA (Fifo Ordered Demand Assignment/Information
Bit Energy Adaptive)(1, 2], was developed and tested on the Italsat satellite. kt is based on a
centralised control of the channel capacity assignment algorithm, according to user demand. The
other system, named FEEDERS (Faded Environments Effective Distributed Engineernng
Redundant Signalling) [4], is an evolution of FODA/IBEA, based on an almost entirely
distributed algorithm for the channel capacity assignment. A comparative study of the
performance of the two systems is reported in [5] from the point of view of the delay
experienced by the non real-time traffic. Here a comparison is made from the point of view of
the fade countermeasure system performance.

Both schemes are provided with a master station responsible for system synchronisation and, in
the centralised case, for the capacity allocation on request of the traffic stations. To accomplish
its task the master sends a reference burst, which contains the transmission times of the single
stations (allocations), computed according to specific algorithms for real-time and non real-time
capacities. respectively. The reference burst is sent at the beginning of each 20 ms frame in the
centralised case. and every fourth frame in the distributed one. In the first case the allocations
are computed by the master alone, and the traffic stations receive the allocations two round trips
after sending their requests. In the second case, the traffic stations monitor all the requests and
compute the allocations simultaneously, so they can transmit only one round trip after sending
their requests. In the distributed schemne, each request is repeated four times, in order (o reduce
dramatically any problems due to misunderstanding the requests. Such impairment are in any
case recoverable, but they cause collisions and loss of data. In both systems each active station
transmits one burst per frame, containing control information plus any number of data packets
with individual parameters, such as address, length, application type, data coding and bit rates.
The power of the received reference burst is assumed as the reference level, and all the stations

do their best to track it with their own bursts by varying the transmission power. Any up-link



residual attenuation, after Up Power Control, contributes to the total degradation of the signal,
in addition to the down-link £, / N, degradation of the receiving station. To compensate for

link degradation, data is made redundant by reducing the coding rate first, and then reducing the
bit rate as well. it necessary. This countermeasure was developed in the FODA/IBEA system by
exploiting a powerful feature of the modem prototype. which can dynamically change the data
bit rutes on a sub-burst basis. The sub-burst is the sequence of data addressed to a certain
station within a data burst. In other words, data is "more expensive” in terms of transmission
time duration depending on the weather conditions at the sending and receiving stations,
because the redundancy introduced lengthens the burst duration.

The two access schemes have different parameters which affects the performance of the
countermeasure system in opposite ways. As we will see, in the centralised scheme the delay
between the request and the allocation of the bandwidth is higher than in the distributed scheme.
This causes a prediction of the signal degradation for a longer time in the centralised case. On
the other hand, the average bit rate of the data used to estimate the signal degradation (reference
burst) is lower in the distributed system. These two opposite effect give similar results for the
performance of the two access schemes.

This paper is organised as follows. In Section 2 the signal quality estimator and its performance
are presented. and in Section 3 a model for the rain attenuation is derived. The results are used
in Section 4 to estimate the variance of the prediction of both the signal quality and the up-link
attenuation. The optimisation of the measure time interval is made in Section 6, also using a
Kalman filter outlined in Section 5. The performance of the overall system for the two similar
access schemes is described in Section 7. Conclusions are drawn in Section 8.

All the calculations needed in the present paper were obtained with the mathematical

computation package Mathematica ™ [26).



2. SIGNAL QUALITY ESTIMATOR

The signal quality estimator considered is based on the soft levels of the demodulated signal.
Hereafter, we assume that binary PSK is being used, although the analysis can be extended to
other PSK modulation schemes, in that they can be considered as being several BPSK
sequences.

Figure | illustrates the functional block diagram of a digital communication system. The input
data is first encoded, then presented to the modulator and converted into a sequence of
waveforms. In the channel model considered the transmitted signal s(#) is corrupted by an

AWGN process a(t) (Fig. 2).

) ) Demodulator
input . Channel ‘ Binary | AWGN | gl and
data Encoder Modulator Channet Detector

» Channei p Output
Decoder data

Fig. 1. General channel model for digital communication systems

SO e | pr(n=sia(n)
+
nit)

AWGN Channel

Fig. 2. Channel corruption

At the receiver, the demodulator/detector extracts the binary sequence from the waveforms
received. In this context, it is interesting to consider the following cases.

1} The detector, which follows the demodulator, decides on whether the bit transmitted is a 0 or
a 1. In this case, the detector makes a hard decision. If we see the decision process as a form of
quantization, we observe that a hard decision corresponds to a binary quantization of the
demodulator output. In this model, the combination modulator-channel-demodulator/detector 18

equivalent (Fig. 3) to a binary symmetric channel (BSC).
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Fig. 3. Binary symmetric channel; p is the probability of error
2) The detector quantizes to 0>2 levels (Q-ary detector). In this case, we say that the detector

operates a soft decision; the combination modulator-channel-demodulator/detector is now
equivalent to a binary-input Q-ary output discrete channel (Fig. 4).

3) The demodulator output is unquantized (Q=ee). In this case, the combination modulator-

channel-demodulator/detector is equivalent to a binary-input continuous-output channel.

Fig. 4. Binary input Q-ary output channel

For our purposes, we consider the particular case depicted in Fig. 3.

X (1) r(t) e {»}
. I . .
input | Comyulutivaal PSK p AWGN PSK | AD gy Viterbi | cutput
dara ‘ tncoder | P Modulator Channel _HDemodulamr Converter Decoder data
‘ Q-level
soft decision
data

Fig. 5. The channel model considered for the signal quality estimator
[n this system, binary PSK modulation and convolutional encoder with Viterbi decoder is
employed. To get the highest coding gain, it is preferable to operate in soft decision mode.

The output of the PSK demodulator {matched filter receiver) sampled at the instant 7, may be

expressed as:



JE, +n, when the transmitted bitisa 1 (x = 1)
]“‘ =
- /E, +n, when the transmitted bitisa 0 (x = 0)

The random variable n, represents AWGN at the sampling instant f, with zero mean and

variance N, /2 (N, is the one sided noise power density), E, is the energy per bit of the signal

transmitted. Consequently, the conditional probability density functions for the two possible

signals transmitted (5, = —5, = +/ £}, ) are:

pir,js) = \/;*N xp -f) | o) L - mf)
S e

ya

] e ;

_JEL' a N E,

Yo Yan e Yar: coe e X M decision data
be—l beI bQi: bqilfl b, b, threshoid values

Fig. 6. Probability density function of the signal soft decision levels

The demodulated analog signal is converted into the digital data y, (i=1,2,..,Q) at the A/D
converter based on the pre-determined soft decision thresholds by, by, ..., by_;, as shown in

Fig. 6. The Q-level soft decision data y, obtained is sent to the Viterbi decoder.

By using the conditional probabilities that the signal received falls into a generic quantization

interval, for the possible signals transmitted, we obtain the probability for each quantization
level (see Appendix A):
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and R is the E, /N, ratio expressed in dB.
Denoting by g the random variable that associates a weight g to each quantization level, we

can evaluate the mean and the variance as:

072

-uq(R)= qupr(R) ’ (2)
|
012
o (R)=> ¢ B(R)- 1 (R). (3)

Let us denote as g the sample mean of g over a large number of received bits N, For the central

limit theorem g has a normal distribution with mean 4 (R)= 4 (R) and variance
0:(R)=;(R)/N. The monotonic function j,(R) can be inverted, so we can find R, such

o

that ,u{?(f{’) = ¢, where the random variable R denotes the estimation of R given g. Under the
hypothesis that O'(%(R) is sufficiently small, i.e. such as to allow a local linear approximation,
the distribution of R can be considered as being normal, with a mean given by R= ug'(cj),
and variance given by:

“4)

o TJR)
oiF)= (du, (R)dR)' N



For nor negligible values of Ué(R), (4) may be not acceptable and the distribution of R cannot

be assumed to be normal. A reasonable approximation is to consider the distribution of R as

still normal, with a mean given by (2), and a raised variance given by:

6}(R) = o,(R)
N{Ap,(R)! AR)

2

where Ag, /AR = min{[A,uq JAR] [ An, /AR]_}; []" and []” are the right and left incremental

ratios, respectively, and Ay, = £30..
For our purposes, we had to choose the Of2 weights g; that minimise a certain objective

function. In order to simplify the calculation, we can consider a degree O (with a<Q /2-1)

polynomial envelope of weights:
Q12— = i +c, i F.. i +eite i=0,.,0/2-1 (5)
and determine & +! coefficients of the polynomial, instead of Q /2 weights.
It is easy to prove that O';(R) does not change if all the weights are increased by the same
quantity or are multiptied by the same factor. Therefore, it is possible to put in (5):

¢, =1, ¢, =0 . Thus the minimisation problem is in -2 variables.

We chose the objective function to minimise as the sum of the variances of R taken at the

borders and in the middle of the application field. Furthermore, we chose 0=2, because a higher

degree does not give any significant improvement.

Unfortunately, in our implementation, the reference levels “17 and “0” are affected by a
noticeable residual jitter. This impairment does not appreciably degrade the BER performance of
the modem and the Viterbi decoder, but does affect the characteristics of our signal quality
estimator. In order to optimise the weights, we measured the probabilities of each quantization

level by using the modem in IF loop-back with AWGN. We then used these probabilities
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mstead of the theoretical ones given by (1), and applied the procedure described above to obtain
the vector of the weights. Figure 7 shows the characteristics of the signal quality estimator

considered, for both theoretical and real cases. The optimised weight vectors are also indicated.

600 10

Weights Vectors
real case:{27.20.15.10,6.3,1.0} T
500 theor. case:{30.23.16,11.6.3.1.0}
7.5
300 —
\ Theor.
- ualit - 3
GR 4 Y /Meas. “‘q
A00 - variance
/
Meas '\
quality N _
200 — N
-
.
100 ; I I

2 4 6 & 10 12 14 16 {8 20 22

Eb/No [dB]

Fig. 7. Mean and variance of the signal quality estimator. Theoretical and real cases.

Note that the signal quality estimator described above was developed with very little additional
hardware. In fact, we used the soft levels like those used for the Viterbi decoder. The mean
value of the quality random variable is obtained by providing the software with the sum of the
levels, each multiplied by the relevant weight, at the end of each data sub-burst. This sum is
produced using a network simply made by an EPROM. The software then divides the sum by
the total number of bits to get the mean value.

A method which significantly improves the accuracy of the estimator is described in {16]. It is
based on extended quantization of the demodulated signal, regardless of the levels used by the

Viterbi decoder. It means that the signal levels used by the estimator are extended beyond the



mean values of both the 1 and the 0 levels. This allows us to approximately halve the variance
of the estimation, as it is the same as using twice the number of bits. The method proposed in
[16], however, does not optimise the weight vector. We think that the solution which produces
the best performance is given by using the extended quantization with a weight vector optimised
over the application field.

As we will see later, with the parameters used in our case the variance of the signal quality
estimator is small enough not to justify a further costly improvement. This can be seen by
comparing the overall system performance obtained with and without Kalman filtering, with the
measured values of the variance shown in Fig. 7. The modest difference between the two cases
proves that a reduction in the measure variance would not produce any significant improvement

in the performance.



3. THE ATTENUATION MODEL
Estimating and predicting the signal degradation entails using a model that describes the
attenuation process.
We started from a data set chosen from the results of the propagation experiment, in Ka band,
carried out on the Olympus satellite by the CSTS (Centro Studi sulle Telecomunicazioni
Spaziali) Institute, on behalf of the Italian Space Agency (ASI). The up-link (30 GHz) and
down-link (20 GHz) attenuation values considered were taken at | s intervals and averaged
over the same interval. The samples are relevant to 10 significative events for a total of
170,000 s recorded at the Spino d’Adda (North of Italy ) station.
The attenuation behaviour observed recalls the behaviour of a self-similar process (see below
for a pictorial assessment), so an attempt is made here to model the attenuation process as a
fractal Brownian motion [25]. The process parameters were computed using the following
procedure.
Let us firstly denote by Aa generic attenuation and by R the E, / N, ratio. The sub-scripts u
and ¢ refer to up-link and down-link parameters, respectively. The above quantities are
expressed in dB when a capital letter is used. For example, for the down-link attenuation we
have: A, =10 Log,a,.
We divide the entire sample data into attenuation belts, with an amplitude of 1 dB for the down-
and 2 dB for the up-link attenuation, respectively.

We consider the process W(t,, t,}, which gives the difference of the attenuation between the
instants #, and f,. Our basic assumption is that while process W belongs to the same belt, it
only depends on the time difference ¢ =1, —¢,. Thus, denoting by A, the attenuation at the
centre of the n™ belt, we have: W(t,, t,, A)=W(, A).

The available data gives samples of the attenuation process at instant multiples of 1 s, i.e. we

only have W(mAt, A, ), with Af=1 s and m integer.

13



For each pair of values m and A , the process W is assumed as: N(0, o},), where o,
denotes the variance of the process W . In fact the Chi-Square test [17], for valuesof m =1, 2
and 3, gives acceptable results, i.e. in the order of 1-5% level of significance. Unfortunately,
while the lower belts are very rich in samples, the higher ones are not and in these cases the
above assumption cannot be completely justified. Due to the insufficient volume of data, we
limit our analysis to the attenuation values that give an acceptable number of samples. Fixing
this number to 300, the attenuation limits are 30 dB for up-link and 16 dB for down-link,
respectively.

Fractal Interpolation.

We need some method of interpolating the results because, for our purposes, the 1 s spacing is
too wide. By visual inspection and by analogy with many natral phenomena {25}, we
approximate the attenuation process with a fractional Brownian motion. We begin by
computing the Hurst parameter of the attenuation process, then we show a visual justification of
our hypothesis.

We assume that the variance of the W process can be expressed as:
oy =C+V £, (6)
where the coefficients H (said Hurst coefficient), V and C generally depend on A,.

To evaluate such coefficients, o (¢, A,) is computed for a number of A, values lying between

land A, , and for the time values of 1,2 and 3 s. For each value of the time, the points are

then interpolated with a polynomial to a smooth the data. The coefficients H, V and C are
thus obtained by using a non-linear least square method. The coefficient C should not appear in
the fractal Brownian model. It represents the variance of the process W at £=0, so it should
be theoreticatly null. A non null value of C is justified as the sum of the residual contribution of
the scintillation effect, plus the measurement error. The attenuation samples, in fact, are
averaged over | s intervals, so only a part of the scintillation spectrum [27] is included. The

scintiliation and the error processes are assumed to depend on frequency alone. Thus, for each

14



frequency, C is the sum of the two variances. The observed variability of C with A, is only
due to measurements, so we take their mean value €. The new expression for o7, is then

oy, =C + V() (7)
The coefficients # and V are then recomputed by using a non-linear least square error method
and the coefficient C must be excised from the rain attenuation model. Therefore, in order to

have a complete model, C is replaced by a different value C,, which takes into account the all
the contribution due to scintillation. This contribution is assumed to have a variance constant
with the attenuation and, and is dependent on frequency alone.

Let us interpolate with polynomials the points which give the value of the coefficients as
functions of A,, and let the subscript # denote the up-link and subscript & the down-link
cases, respectively. Finally, we have:

oy =C, +V(A) £ (8)

V=1910"-19 1074 +23 107A’ +7.2 1074’

where V is interpolated as: ,
V,=0.015-0.00224, + 0.000354;

H =0.38+0.00934,

H is linearly interpolated as:
H,=032+00154,
Figure 8 reports the points and the interpolating polynomials of the V and H coefficients as

functions of the attenuation. The scintillation contribution C, is chosen as: C, = 0.03 and
C, = 0.02.

Once the H parameter has been computed, let us draw the attenuation measured at different
time scales. Figure 9 shows four different portions of the attenuation time sequence, each one
scaled with the correct H parameter. It can be seen how they exhibit similar looking properties,
i.e., they look similar to the eye. This property is characteristic of self-similar processes; that is

why we chose a fractional Brownian motion model.
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4. SIGNAL DEGRADATION PREDICTION

The compensation for both up and down-link attenuations must be done by considering the tota|
degradation of the signal, i.e. the resulting £, / N, available at the receiving station input. Since
all the stations must keep a constant power level at the satellite transponder input, the up- and
down-link attenuation contributions can be estimated separately. Each receiving station must
predictits £, / N, ratio for the receiving time, conditioned to the nominal power available at
the transponder input, which is the reference power level sent by the master station. Fach
transmitting station must thus add, to the down-link degradation level of the receiving station,
the contribution due to any up-link degradation predicted for the transmitting time. The total
degradation leve! is used to compute the code and bit rates of the transmitting signal, needed to
ensure the BER performance required by the user [1]. The up-link degradation is actually any
attenuation portion which remains uncompensated, due to the insufficient power reserve of the
fransmitting station. A suitable margin due to the prediction errors must be considered, in
addition to the degradation level computed as well. The evaluation of this margin and the
strategies to minimise it are the subject of the rest of the paper.

First we deal with the E, / N, predicted by the receiving station. Let us consider the process
Ay, (A, 1) defined, similarly to W, as the difference, at the receiving station input, between

two values of E, /N, at two time instants, whose difference is r, when the reference power

level R is received at the satellite transponder, and the down-link attenuation is A,
To evaluate the variance crfer(R,, t) of the process A, , we consider the relation which gives

the resuiting £, / N,, denoted by r:

— f'“ T'“. (9)
ro+r,+1

For simplicity we consider: ry=r, la;, where r, 18 the reference value in clear sky

conditions. This relation is approximated in that the variation of the equivalent noise temperature

with a, is neglected. The condition of a constant reference power level received at the satellite

17



input implies that r, is equal to the reference value 7, , so the reference F, / N, at the station
input is:

ru,ra’A
o=t (10)
a,fr, + D+r,

We limit our analysis to the linear case, i.e. we suppose that the amplitude of the down-link
attenuation difference process W, is small enough to justify the relation:

dR
=W, —-. 11
; o dAd ( )

AR
Assuming that dR./dA, is constant within each sufficiently small interval of A, the
distribution of A, within the correspondent R, interval, given by (10), can be assumed to be

Gaussian, like the distribution of W,. Thus, considering (11), we can assume that the variance

of Ap s

) dr. |
O';Ze,(R,s ty=0y (R, f)[zﬁg} (12)

Let us now see the effect of the up-link attenuation on r. Due to the multicarrier access {0 the
transponder, the satellite HPA (high power amplifier) must operate in the lincar zone, without
automatic gain control. We can thus consider the satellite transponder as a linear device, and
hence we have:

Yy

-

y = - rd = ,
au,. a’a’

where a is the residual wup-link attenuation after up-power control, i.e.

",

A, =max[0, (A, - A, )}, where [0,A, 1is the up-power control range.

",

The expression which gives r is then:

r.r .(1""’;,[.)

rf o,

F= 3
a (rr - au,rr +a"rr“(_ +ru-‘,)

t

;

However, if we neglect the unity at the denominator of (9), the expression for R is reduced to :

18



R=R -A_, (13)
t.e. the dB contribution of the residual up-link attenuation can be simply subtracted by the
reference  E, / N, to get the resulting E, / N, available at the receiving station input. The

above approximation causes a maximum error in the order of, for example, a quarter of dB,

when the minimum operating value of R is 6 dB.

As data 1s sent at a certain time after the last estimation of the signal quality, the signal
degradation needs to be predicted, in order to choose the most suitable data transmission
parameters. The Kalman method is not applicable for prediction because, as we will see, the
system model considered does not have a free evolution. Furthermore, we observed that a {inear
prediction actually worsens the results with respect to the assumption of stationariness. This is
due to the particular behaviour of the attenuation process. In fact, whenever an inversion of the
process tendency occurs (which actally happens very often), the error on the prediction is
bigger than the one made considering the process as invariant since the last estimation. The
margin to take into account must be large enough to absorb this error. More sophisticated
prediction methods have not as yet been investigated.

We propose the following simple procedure, in which only the last estimation of the process is
considered and its variance 1S predicted for the time suitable. A Kalman filtering is used to

produce the optimum estimation of the process. In summary, first the process optimum
estimation X is produced, together with its variance O'f at the instant ¢ , then the variance is

propagated for the instant 7+ 7 in which data is sent. Assuming a complete incorrelation

between the measurement error and the process evolution, the resulting variance is:

ol=0;+0; (14)

where O'f: is given by (8) with + =7, directly when the process A, is considered, and from

(12), atter substituting the variance given by (8) when the process R, is considered.



The R process is estimated with the soft level quality estimator, whose performance is shown
in Fig. 7, while A is estimated by measuring the power level of the signal received with 3
narrow-band carrier envelope detector. This device uses most of the hardware already employed
for the demodulation, in particular the fast AGC, which builds the data reference level. The
bandwidth of this detector was fixed at 1/64 of the signal bandwidth, as a compromise between
the noise excision and the ability to reach the steady state level even when the output sampling

instant occurs at the end of the shortest burst in play.



5. THE KALMAN FILTER USED

As shown in Fig. 10 we assume that the process (e.g. attenuation) to be estimated { X, } can be

modelled as a first-order recursive process, driven by a zero-mean white noise process {w,}

[22]. Therefore, the attenuation evolves in time according to the dynamic equation:
Xt T X T W,
where the subscript is a time argument.

The random drive is specified by:

0 K#j (15)
E[w"wf]z{oi k=]

Further, we assume a linear observation model, i.e. the measure of the process, described by:

4 =X+t

where v, represents an independent additive white noise with zero-mean and variance O'fk .

Process Model Measurement model

|
|
|
|

Fig. 10. System model considered.

We also assume that we have an initial estimate of the process at some point in time ¢,, and that

this estimate is based on all our knowledge about the process prior to f, [20]. This prior

estimate is denoted as %7 . Let us suppose we know the error variance associated with X7

pr=E(x - %)]

21



With the assumption of a prior estimate %, we can usc the measurerent Z, to improve the prior
estimate by choosing a linear blending of the noisy measurement and the prior estimate in

accordance with the equation:
Io=AF Kk(zk - ,%LT)

where: &, = updated estimate; K= blending factor (to be determined).
mises the mean square estimation error (of error variance associated

The particutar K, that mini

with the updated estimate)

s called the Kalman gain.

Fig. [1. The Kalman filter model.

Starting with the initial conditions:

2 _ s
=0, K,=L X% Ly

the Kalman filter recursive loop is the following (Fig. 1)

Ga=ke DT Pt o (project ahead)
- gl _ .
Din = Pin e (compute error variance)
pl—k’_-t-\ + o-\'“l
(16}
K., = —E"%‘— (compute Kalman gain)
o-"m
e =Xt K,‘,H(zk+l + ,%,;H) (update estimate)
Note that assumption (13) is not fully respected, because our process is not pure Brownian, as
i this case the Hurst coefficient would be identically equal to 0.5. The general diversity of H
the coefficient C, in relation (8) cause @

portantly the presence of

from the value 0.5 and more i

12
[Sv]



violation of assumption (15). The application of Kalman filtering without taking this into
account, produces only a sub-optimal solution, which does however improve the overall
performance.

The Kalman filter behaviour is shown in Fig. 12 for a wide range of ratios between the
measured and the process variances. The figure highlights the reduction in et;ror variance
induced by the filter. As the convergence of the Kalman filter Is quite fast, a steady-state
determination is presumably achieved before a significant change in the estimated process
occurs. Thus we can assume that after a few initial steps, each determination approximates the
steady-state condition.

At steady-state we have;
Pia =P, =p
and from the second and third of (16) we obtain the approximated error variance p* of each

determination as:

peq( 1+4% _ ] (17)



Error variance

0.2 I I 1 ] I | 1 I | |

Number of iterations

Fig. 12. Error variance in the estimation as a function of the Kalman loop iterations. Different

process and Kalman variance ratios are considered.



6. MEASURE TIME OPTIMISATION
Both the variances in the right hand side of (14) depend on the measure time. Let us look at the
optimisation of this time, on both down and up sides separately, in order to achieve the
minimum variance of the signal degradation prediction,
When Kalman filtering is applied, if assumption (15) were fully respected, it would make no
sense to speak about measure time optimisation, since this time should be as small as possible to
minimise the variance of the estimation. The assumption of relation (8) as a descriptor of our

process, produces either sub-optimal resuits or optimal measure times different from zero.

Down-link

The predicted variance of R, can be expressed as:
6-.2'?,- :O-.fi(Rr’ br’ rm)+0-.$,(Rr’ Td+rm)’ (18)

o.(R) . Lo - .
- o' 1s the bit quality variance shown in Fig. 7, b, is the average bit rate

roan

k)
where: o, =

of the bit sequence employed for the estimation, 7, is the measure interval time, o fis taken

from (12, and T, is the average delay between the estimation of R, and the reception of data
with transmission parameters based on that estimation. On average, each estimation refers to a

time 7, /2 in advance and its validity lasts 7,, so the average delay between measuring and

Lh m?

data receptionis 7, + 7,. When Kalman filtering is applied, o, is replaced in (17) with the

output of (16), where oy is replaced by 02, and o2 is replaced by (12), with ¢ =7,
Up-link

A, ts estimated by the traffic stations by comparing the power level of the reference burst and
the level of their own bursts. We assume that the reference burst always has the nominal level,
because we assume that the master never experiences severe fading, so that its power reserve is

enough to compensate for any up-link attenuation. In fact, there is at least one other standby
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station that can take the role of master whenever the current master cannot accomplish its task
because of excessive fading. In each traffic station we have:

Au = Ap + Au, *

-
where Ap,_, is the dB difference between the power needed in clear sky conditions and the
power actually transmitted as a best effort to track the reference burst level.

The master can measure the sum of its up- and down-link attenuations by comparing the power
of the reference burst received with the nominal level for clear sky conditions. In order to
estimate its A the master uses a beacon receiver to measure A,. The beacon receiver operates
in continuous mode, so its bandwidth has less restrictive limits than the signal level estimator
which operates on actual data, and hence in burst mode. The dB variance of each signal level

sample, at the output of the low-pass filter, is (see Appendix B)

o; {4.343 /2N0 (19)
Ehah

where a, is the ratio between the signal and the low-pass filter bandwidths. Relation {19) is

also applicable to samples of the beacon receiver output.

The variance of A_prediction made by the master is:
-~ 2 2
O-r;!'M = O-.\‘M, (Rr’ r.\;w‘ rm_w ) + O-AH (Au 4 Tr.‘ + TmM )’ (20)

2 2
2 [O-\[(R,) +ODI,Q(R;-)]T,\-” 2 - . . . 2 .
where: 0] = 4. ¢ is the variance of the signal level estimator, o, is the

My

variance of the beacon level estimator, whose bandwidth is assumed to be 1/8 of the signal level

estimator bandwidth, T, is the sampling interval time of both the signal and the beacon levels,
T, 1s the measure interval time of the master, and the second term is the contribution of the

process evolution, taken by (8). The presence of 7, the satellite round trip time, is due to the

fact that received data experiences up-link attenuation atatime 7, in advance. When Kalman



filtering is applied, o7, is replaced in (19) with the output of (16), where o is replaced by

0‘3U .and o}, is replaced by (8), with r = 7., - After each measure, the up-link power is tuned-

up accordingly.
The variance of A, prediction made by each traffic station is:

et =2 2 2
O.A., = O-MM + G\'—,- (Rr’ R’ 29 ‘C\‘;.»’ r.vn;- ) + O-A:, (Au’ Ta’” ) ! (21)

Sy

O-E/IT (Rr ) r\‘u + G;T(R) T,\'-,-
T

" r

where: O'i = . Our and O}, are the variances of the signal level

estimated by the traffic station when the master (reference) burst or its own burst is received,
respectively, 7, and T, are the relevant sampling times, T, 1s the measure interval time, and
T, is the delay between the estimation of A, and the reception of data. The last term is the

contribution due to the process evolution computed by (8). As in the master case, when

Kalman filtering is applied, o] is replaced in (20) with the output of (16), where o, is

replaced by o} . and oy, is replaced by (8), with ¢ = T, .
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Table I reports the vatues of the parameters used for both FODA/IBEA and FEEDERS systems.

7. COMPARISON OF THE RESULTS

PARAMETER FODA/BEA | FEEDERS
RB bit rate 2 Mbit/s
TB initial bit rate 2 Mbit/s

data bit rate

variabie: 8,4, 2, 1 Mbil/s

data coding rate

variable: 1/2, 2/3, 4/5, 1

RB length 1000 bit \ 800 bit
frame length 20 ms
RB repetition period: T, 20 ms 80 ms
b, 50 Kbit/s 10 Kbit/s
7, 250 ms
20 ms

dy

1,250 ms (5 T,,) | 750 ms (3 T,,)

T, (full A, compensation)

250ms (T,)

T, (partial A, compensation) 750 ms 3 7T,) ‘ 500 ms (2 7,,)
R =R, 21dB
RB E, / N, inclear sky 18dB
B E, /N, max.: 12 dB (clear sky);  min.: 6 dB

TABLE I. Values of the parameter used. RB:Reference Burst; TB: Transmission Burst.

The E,/ N, ratio chosen equal to 12 dB as a reference value in clear sky conditions gives a

BER of 10% with uncoded data. This BER can be maintained up to 6 dB by using lower
coding rates. The gain in reducing the data rate from 8 to 1 Mbit/s is 9 dB, so the gain of the
code plus bit rate variations is 15 dB, which added to 10 dB of up power control range gives a
25 dB span for the fade countermeasure considered. Figure 13 shows the temporal schemes
which justify the delays assumed for the variance predictions of R, and A,. The results of these
computation s are reported in Figs. {4-17 for the two systems considered, and for both up- and

down-link cases, respectively.



Sateilite

\E{ J/ \L Earth szation J/ J/ ¢

Centralised R

M T M T R
_sends sends receives R quality  receives requests receives receives
guality to Master quality to all and requests and modifies new allocation data after
new allocation allocation and sends data to R
TIH + 5 T”
Distributed
. T i . .
sends receives R quality  receives all requests,  receives data after
quality to all and requests computes new allocarion
new ailocation and sends data to R T +371
M I

UP-LINK
Satellite
0
Full Compensation T, Farth station
(A< 10dB) ) | | J
Centr. & Distrib. T
Té&M

send their burst  ©OMPpAres its power level
' with Master, adjusts
Tx power and sends data
after T, + T,
Partial Compensation

tA, >10dB)
Centralised T&M T M T
send their burst COMpares its power receives requests  receives new
levet with Master and and modifies atfocation and
requests new allocation sends data after
allocation 7, +3 T,
Distributed T&M
send their burst receives its burst, receives all reguests.
compares with Master computes new allocation
and requests new and sends data after
zliocation T, +27,
- ‘

FIG. 13, Temporal scheme for prediction of reference E, /N, (down-link) and up-link

attenuation in centralised and distributed cases. M, R and T denote the master, rec

eiving and
sending stations, respectively.
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These figures show the improvement obtained by applying Kalman filtering to estimate the
processes. The optimum measure interval times, obtained with and without filtering, are
reported as well. All the quantities shown are plotted as functions of R and A, , for the down-
link and up-link degradations, respectively. The procedure to compute the predicted variances
is as tollows.

The variance of R, is obtained by minimising (17), using 7, as a parameter and taking the real

case values for the bit quality variance shown in Fig. 7. The values of 7, which appear in the

m?

relevant figures, are rounded to the closest multiple of the reference burst repetition period.

In the up-link, the variance of the master reference level predicted is obtained by minimising
(20) . In order to express the result as a single variable function we assume:

A, =05 A, (22)

using the frequency scaling formula given in {11], which is valid on a long-term basis only.
This assumption, however, greatly simplifies the calculations, but does not appreciably affect
the results. Looking at Figs. 14 and 15 we can see that the variance of the master does not vary
significantly for attenuations below 10 dB, i.e. below the full up-link compensation limit,
within which we assume that the master operates. We can thus assume that &}, in (21) is

constant and equal to the 10 dB value. The variance of A,, predicted by each traffic station, is

it
then obtained by minimising (21) with assumption (22).

Let us now see how the variances predicted are used in practice. Each traffic station broadcasts
its R estimate to all the others. The sending station estimates its A, and computes R using
relation {13). Then it decreases R by a margin value M, which depends on the chosen

probability p, that the BER falls below the specified value. Denoting by o, the variance of the

R estimation , we have : M = Ko,, where K is such that: erfc(K)=p,.
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CENTRALIZED SYSTEM DOWN-LINK

3
0.115 -~
2.5
[ —_
]
oD
- 2
0.085 AN g
= Kaiman\\\ =
= r , 2
3 0,07 variance N\ e 1.5 &=
= N kE)
= =
= S
0.055 2
S 2
8
.04 o
Measure =
interval 0.5
0.025 ~ |
T Kalman meas. interval =
0.01 T 1 T T T T 0
6 8 [0 12 14 16 18
Eb/No[dB]

Fig. 14. Variance of the reference E,/ Nyand relevant optimum measure time. Results of the
centralised case, obrained with and without Kalman filtering, respectively.

CENTRALIZED SYSTEM UP-LINK

G.4 0.6
‘
_______ Variance !
i
_______ Kalman variance = 0.5
3 - i
0 Measure interval
] . 0.4
---------- Kalman meas. interval ‘
’ 4
‘
.................... Var Master 4

Variance
Measure interval time [s]

0 7 T T T 7 0
0 5 10 15 20 25

Up-link attenuation [dB]

Fig. 15. Variance of the up-link attenuation and relevant optimum measure time. Results of the
centralised case, obtained with and without Kalman filtering, respectively. The master up-link
attenuation variance s shown as well,
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DISTRIBUTED SYSTEM DOWN-LINK

0.125 7

— 6

0.1 4

Variance —
N . =
: g
0.075 A Katman ™ =
v variance . —t
2 - 3
2 5
§ 0.05 -3 .S
=
N
L2 3
(1025 - Measure hhhh 2

interval L

_____________________ Kalman meas. intervat
& ¥ T T T T T 0
6 8 10 12 14 16 L8
Eb/No [dB]

Fig. 16. Variance of the reference E, / Nyand relevant optimum measure time. Results of the
distributed case, obtained with and without Kalman filtering, respectively.

DISTRIBUTED SYSTEM UP-LINK

0.4 0.6
------- Variance
——————— Kalman variance
.3 - Measure interval —
&
—————————— Kalman meas. interval QE)
5 g=
:é Var Master =
2 0.2 2
3 S
> g
.- e
-~ =
- o
g
G| o - oI DT e = e
! =
i - 0.1
0 1 T T T T 0

10

20

Up-link attenuation [dB]

25

Fig. 17. Variance of the up-link attenuation and relevant optimum measure time. Results of the

distributed case, obtained with and without Kalman filtering,

attenuation variance is shown as well.
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. . R . . -
The most reasonable estimation of Op is done by assuming a complete incorrelation between

processes W, and A, . Thus we have:

or =08, + 57, (23)
Finally. the resulting R is used to choose the appropriate coding and bit rates of the data to
send. according to the required BER. From an implementational point of view, as all the above

calculations must be done in real-time for each individual transmission, a set of look up tables

is employed to get a fast result.

In order to provide a quick means of evaluation, Figs. 18 and 19 show the value of the margin

M for two levels of the probability p, that the BER is greater than the one specified by the

user. In Fig. 18 we assume that the receiving station has no attenuation at all (R =18 dB) and
M s reported here as a function of the sending station up-link attenuation. In Fig. 19 we
assume that the sending station experiences an up-link attenuation lower than 10 dB (full
compensation) and M is reported as a function of the receiving station reference £,/ N,. In
both figures, the results obtained with and without Kalman filtering application are reported for
comparison. Note that the application of the Kalman filtering gives after all a modest reduction
ot the required margin M. This is principally due to the optimisation of the measure interval
times in both the cases and to the small variances of the estimators with respect to the variances
of the attenuation process evolution. A more relevant gain of the Kalman filtering would be

produced with significantly lower average bit rates of the data used for the estimations.
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‘

centr. Kalman

M [dB}
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Fig. I8. Margin to take into account over the estimation of the up-link attenuation as a function
of the up-link attenuation itself. Both centralised and distributed cases, with and without

Kalman filtering, are shown for two different values of p..

Eb/No [dB]

Fig. 19. Margin o take into account over the estimation of the reference E, | N, as a function of
k| Nyitself. Both centralised and distributed cases, with and without Kalman filtering, are

shown for two different values of p..
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8. CONCLUSIONS
We have shown the performance of a complete fade countermeasure systern, applied in 4
centralised and in a distributed control TDMA access scheme. The most relevant characteristic of
our system is the use of a margin, which can be varied with the attenuation, in the estimation of
the overall signal to noise ratio. This margin varies from values close to | dB to values of
almost 2.5 dB, depending on different cases, The principal cause of the required margin
variation is the attenuation. Thus using a margin which is made variable with the attenuation
itself gives a considerable gain. In fact, the system spends most of the time in almost unfaded
conditions and the average value of the margin is very close to the minimum value. The margin
reduction using the Kalman filter is modest in the cases considered, but this feature is
completely implemented by the software and does not increase costs. In the distributed case,
the reduced bit rate of the data used to estimate signal degradation is fully compensated for by
the reduced propagation time of the attenuation process variances and by the higher gain

obtained by using the Kalman filter.
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APPENDIX A
The conditional probabilities that the received signal # falls into the interval C; = [bfwl,bj], for

the possible transmitted signals, coincide with the channel transition probability that output
symbol v, is received when input bits x = | and x = 0 are transmitted, respectively. Thus we

have:

h lq_—\/_E,T)z
et

[E +b. E +b
:L ed{w‘ w0 _e’fcx/—b ;
73 RN AT B G
i=1.2 O b, = 400 sz_oo
where:

erfc(x)= -\/%Te"f dt

The unconditicnal probability that the received signal r, falls into the interval C; is therefore
Ply=y)=Ply=ylx= DP(x=1)+Ply=ylx= 0)P(x=0)
If we are unable to distinguish whether a O or a 1 was transmitted, we assume that the
transmitted signals have equal probabilities:
P(x=1)=P(x=0)=05
and therefore

P(y=y)=05 [P(y=ylx="1)+P(y=ylx=0)]
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For the symmetry, we have:
Ply=y)=Ply=y,.._,) =1 ..,02
and the probability of each quantization level is:

R = P(-\: = -\"z ) + P(_\‘ = yQJr-i—r’) = 2P(y = y;) =

%{[B’)‘b( %i} - Ezrfc(*/—?\”?—N;FiH + {Edb[fli”/j\,i—fi} - E’fc[_'%%m (Al)

=1, ..,02.
The soft decision thresholds are assumed to be equally spaced to meet the near optimum
requirements of the Viterbi decoder [8]. Let us put

b

h,.:%’— (=0, ...,0/2
il
i
—_— i=0,..,0/2-1
=012
+oo i=Q/2

(Al) becomes:

P = %{ Ef,‘]"ch’%%([ _p )J - Ezfchlf% (1-h )J + Erfc[\/f[—-;:(l +h )} - Erfcl: \/5:; (1+4 )J} -

%{Ef_-fc[low(l = )| = Ee107 (1~ b )]+ Efe{ 1091+ 4_,)] - Erfe] 10721+ h)]}=P(R)

i=1...0/2

where R is the ratio E,/N, expressed in dB.
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APPENDIX B
In Fig. Bl a block diagram of the signal level estimator is shown. We suppose that after the
demodulation, i.e. after the matched filter (MF), the signal is further filtered with a low-pass

fiiter (LPF) whose noise equivalent bandwidth is B;,. The LPF output is then squared and

converted to get the dB power level.

P
"} MF > LPF p| Square 4{ IOLog(*) >
Br o, B T, c O

A P

Fig. Bl. Signal level estimator

Let us denote by A the signal rms amplitude present at the matched filter output and by B, the

signal noise equivalent bandwidth equal to 1/7,, where T, is the bit duration. In the AWGN

B .
NoB, which becomes

channel considered, A has a standard deviation o, =

(B1)

at the low pass filter output.
For small values of &, we can consider the filter output power P = A’ as a Gaussian random

variable with a standard deviation, 0, given by

dpP
O'P=0'A[-dz=2AO'A’ (B2)

Substituting (B1) in (B2), the relative standard deviation , o,/ P, Is

5 | M5
ZO'A! 2 2N,

A .JEB, Eo

where o is the ratio B,/ B, and E, = PT, = P/ B, is the energy per bit of the signal.

Op
P
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For small values of the relative standard deviation 0,/ P we can consider the dB expression of

the signal power § =10 Log,,P as still being Gaussian with a standard deviation given by

dS __10_ Gy _ 4 a4y 2N,

O, =0,—= —=
YTPdP T Log,10 P Ec
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