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(57) Abstract: The invention concerns a method for demodulating a received CPM signal (y(t)) having a sampling period T and a
carrier frequency (w.) and received from a communication channel, characterized in that it comprises the following steps carried out
in real time as said received CPM signal is received: Said received CPM signal (y(t)) is received as a continuous signal. Without any
v— discretization of said received CPM signal along the sampling period, this signal is multiplied to yield an inphase component and
=} a quadrature phase component, for each successive time interval during which a symbol a, is transmitted, carry out the following
W) operations: Define respective first signals for said inphase component and for said quadrature phase component, define second
e signals p(t) and q(t) such that the derivative of said first signals with respect to 7 satisfy a differential equation, treat said differential
\& equation in order to obtain a linear equation, and retrieve for each time interval where a CPM signal is received a corresponding
& symbol a,.
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Method for demodulating CPM signals

The present invention concerns the demodulation of CPM signals.

More precisely, the invention concerns a method for demodulating
CPM signals, and a method for transmitting a signal with a CPM
modulation/demodulation. The invention also concerns an associated
apparatus.

CPM (“Continuous Phase Modulation”) refers to a type of technique
for modulating a digital signal (said digital signhal can correspond to the
output of a A/D converter fed at its input by an analogical signal). A
description of this type of technique can be found e.g. in “Continuous phase
modulation — Part | and II”, IEEE Trans. on Comm., vol. 29, n° 3. pp. 196-
225, 1981.

Signals modulated by such a CPM technique (CPM signals) indeed
present a constant envelope and a continuously varying phase. These two
features make the CPM both power-and bandwidth efficient and thus, very
attractive for applications such as wireless communication systems.

As an example, the Gaussian Minimum Shift Keying (GMSK)
modulator used in the European GSM wireless system employs such a
CPM technique.

Figure 1 shows the general scheme of a digital transmission system
used for the transmission and exploitation of signals modulated by a CPM
technique.

In such system, a continuous incoming signal s(t) is first sampled by
an unit 10 with a sampling frequency Fe = 1/T, where T is the sampling
period. The resulting stream of binary data which forms the output of unit 10
is then separated into packets of N bits and coded into a series of symbols
{an}, said symbols being selected from an register having M = 2N entries.

A CPM modulator 20 then codes the series of symbols {an} into a
continuous signal u(t) which can be transmitted over a communication
channel 30. Said channel can be any type of communication channel, e.g. a
wireless channel.
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More precisely, the output y(t) of the channel 30 is not identical to its

input u(t).

The channel 30 indeed corrupts the input signal with :
an intersymbol interference (which corresponds to a linear filtering of the
signal to be transmitted — such filtering is modelized by a convolution
f(t)*u(t) of u(t) by the impulse response f(t) of the channel), and with
an additive noise b(t), which generally corresponds to a high frequency
component (this noise component represents a perturbation which varies
quickly in time when compared to the other elements of the CPM signal).
Thus y()=R)*u()+b(t) where f(f) represents the impulse response

of the channel and where the symbol * denotes the convolution operator.

The intersymbol interference is due to the impulse response f(t).

The channel 30 allows the communication between an emitter,

which includes (or is in communication with) elements 10 and 20, and a

receiver, which includes (or is in communication with) a demodulator 40.

The demodulator 40 receives the signal y(f) and refrieves the

symbols a, through a demodulation method.

More precisely, the existing demodulation methods either :
comprise a preliminary step which accounts to compensate for the
perturbation effect of the impulse response of the channel. In such case
the channel is “equalized” by a linear filter called the equalizer. The
output of the said equalizer, with input y(t), corresponds to an equalized
received signal, say r(t).
> In such case the equalizer is assumed to be “perfect”, and the
equalized received signal takes the form : r(t) = u(t) + v(t), where v(t)
is a noise corruption,
> |t is to be noted that such preliminary step requires significant
computational resources (especially for CPM signals),
or merely neglect the perturbation effect of the impulse response of the
channel — among others to avoid complex and heavy calculations.
> In such case , the convolutive effect of the channel is neglected,
> And the received signal is assumed to be of the form u(f) + b(f).
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In both cases, the signal to be demodulated is assumed to be of the

general form (u(t) + noise), with the following :
o If the perturbation effect of the impulse response of the channel has
been taken into account :
> the equalizer is assumed to be perfect (which is not the case),
and
> heavy and complex calculations are required,
e alternatively, if the perturbation effect of the impulse response of the
channel has been ignored :
> the assumed form of the signal to be demodulated is different
from the actual received signal y(t) and the demodulation process
is likely to be highly inaccurate.

Next, the noisy modulated signal r(t) is first sampled in order to build
a discretized representation of said signal, and this discretized
representation is then processed in order to carry out the demodulation.

These known methods are generally based on an optimization
scheme which uses e.g. a correlator followed by a maximum-likelihood
estimator using a Viterbi-like algorithm to search for the minimum of some
distance path, through a state trellis. In such case the demodulation method
shall be referred to as an “optimal” method (in the minimum mean square
sense).

Optimal methods are however associated with an important
limitation: they imply complex calculations which require very high
computational resources.

Alternatively, other known methods use a bench of matched filters
for symbol-per-symbol detection. These methods are referred to as “sub-
optimal” methods.

Sub-optimal methods allow a more simple processing for
demodulating the signal received from the communication channel.
However, these methods still correspond to a high computational burden.

Furthermore, the known methods mentioned above - optimal or sub-
optimal - are all based on a “probabilistic” approach.
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These methods thus require a prior knowledge of the distribution for
the symbols {a,}, as well as the distribution of the disturbance
corresponding to the noise b(f).

And these known methods are - as mentioned above — associated
to high computational burdens ( which tends to generate additional delays in
the demodulation process), and/or do not take into account the perturbation
effect of the impulse response of the channel.

These known methods are thus associated to significant limitations.

It is an object of the invention to overcome these limitations.

And generally, it is an object of the invention to allow demodulating
CPM signals in real-time, in a streamlined and continuous manner, without
requiring as large computational resources as the known methods and
without ignoring the convolution effect of the channel.

Another object of the invention is to eliminate (or at least reduce in a
very significant manner) the influence of the “noise” component b(t)
mentioned above.

In order to attain these objects, the invention proposes a method for
demodulating a received CPM signal having a sampling period T and a
carrier frequency (wc) and received from a communication channel, said

received CPM signal being of the general form :

y()=4[" f(A)cos|w,(t-2)+mha, dA +b(t)

—A n—1
-T——n}—l-'rr hzk=_w a

where the convolution by the impulse response of the channel f(t)
represents the perturbation effect of the channel, and where b(t) is an
additive noise; for the nth sampling interval of the signal :

t = time = (n + 7)T, 0<r<l1, h : modulation index, and ¢, =7rhzl;l)ak —no,T,
said received CPM signal (y(t)) being obtained from :

> an original modulated signal (u(t)) generated from a series of symbols

(an), said series being itself generated from an initial signal to be
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transmitted via said communication channel, said original modulated

nT <t< (n+1)T
signal being of the general form for :
(equation(1)): = LoD s

ty, = W + Thay,
with : , and

> a signal (b(t)) corresponding to a noise generated by the transmission

by said communication channel,

said method being characterized in that it comprises the following steps

carried out in real time as said received CPM signal is received :

e Said received CPM signal is received as a continuous signal.

e Without any discretization of said received CPM signal along the

sampling period, this signal is multiplied by cos(w.T)and sin(@.I) to yield

an inphase component, yi(H)=cos(a:f)y(f) and a quadrature phase

component, yi(H)=sin(a.1)y(z) respectively,

e For each successive time interval nT<t<(n+)T (with 0<r<l) during

which a symbol a, is transmitted, carry out the following operations :

>

Define respectively for yi(7), and y?(¢), the signals y,(r) =y ((n+7)T)
and y!(c) =y ((n+0)T),
Define signals p(tr) and q(t) such that the derivative of
yi (@) =y (n+7)T) andfor y!(z)=y’((n+7)T) with respect to t satisfy
a differential equation :
(A): 31 2) = mha, 7 () + cos(0,0)(®) + sin(@)g (®)

T
Treat said differential equation (diff) in order to :
v obtain a linear equation of the form : (lineq) a{rzha,}=p , where

aand B are coefficients which depend on iterated integrals of
yi(r) and yi(7) ,
v and retrieve for each time interval [nT; (n+1)T] where a CPM

signal is received a corresponding symbol ay.
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Preferred, but non limiting aspects of such method are the following

ADH=&7) (identity),

in order to take into account the impulse response of said
communication channel no equalization is carried out,

said differential equation (diff) is valid wether or not the impulse
response of said communication channel is neglected,

the treatment of said differential equation (diff) comprises the following

general steps :

Said differential equation (diff) is initially expressed in the temporal

domain, as
(diff) : di y:(x) =rmha,y? (r)+cos(@,7) p(r) + sin{w,7)q(7) ,
T

this differential equation (diff) is expressed in the frequency domain,

through its Laplace transform, in order to obtain a corresponding
equation (Laplace) : 9. (s) = wha,? (s) +V, (s)+£+yf,(0), where s is
N

the Laplace variable, y:(s)and $(s) are the Laplace transforms of

yi(7) and yi(7) respectively,

said treatments are carried out in the frequency domain :
> a first treatment is applied to this Lapace transform in order to
eliminate the constants, thus generating a new equation (4),
> both members of the resulting equation (4) are then divided by
s* . which corresponds to an iterated integration (A times) in the

temporal domain,

the modified equation is expressed in the temporal domain (through
an inverse Laplace transform), and an equation of the form (lineq) is
obtained,

for said division 2 is selected in order to be large enough to ensure that
the resulting members of the modified equation after division do not

comprise any multiplication by said Laplace variable,
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in said differential equation (diff), p(t) and q(z) are such that the signal

W(D=cos(axD)p(7)+sin(1)g(z7), Which incorporates the noise bn(v), is a

high frequency component,

as the iterated integrals of the high frequency component v(t) tends to

zero, this component, and consequently the original noise, has

insignificaht effect in the demodulation performance,

in order to carry out said general steps, the following operations are

parformed :

The high frequency component v(t), which includes the original noise

is expressed as v(r) =v,(¢)+x , where xis a constant representing
the mean value of v(t), and v,(z) is a zero mean high frequency

signal considered as a noise perturbation.
The differential equation (diff) is expressed in the operational domain,
using the Laplace transform to obtain:

(Laplace) sfi (s) = wha, 7 (s) +V, (s) +—+ ¥ (0),
S

where s is the Laplace variable, 9 (s)and $7(s) are the Laplace
transforms of yi(z) and y{(z) respectively.
Both members of equation (Laplace) are multiplied by s”, where
m =1 is an integer,
The obtained equation is derived ¢ times with respect to said
Laplace variable (s), with £=m+1, in order to eliminate the unknown

constant x and and the initial condition y!(0), and generate a new

equation of the form (equation (4))

m+l de —k s n . df ~k 5 s n
(4)Za m+1k yn()_ﬂ.hangﬁk ~k yn() L,{S (S)}

prd d -k d -k
where
_ 21 (m+1)! _ AN (m)! ,
%R ey P = =) =),
said new equation (4) is then treated as follows :
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> (step i) both members of said new equation (4) are divided by

s* where A is an integer greater than (m+2), thereby
generating a modified equation,

> (step ii) Said modified equation is expressed in the temporal
domain (through an inverse Laplace transform), by using the

fact that:
d*z(s)

ds*

v corresponds in the temporal domain to (-1)*z*x(z),

and

v the division by s, corresponds in the temporal domain to an

A dkfc(s)
k

"~ can be expressed in the
S

integration — ie. s

temporal domain as the integral, iterated at the order A, of
(D7 x(r),
- The coefficients o and B in equation (lineq) are obtained by applying
(step i) and (step ii) to both members of said new equation (4).

Other aspects of the invention shall appear when reading the
following description of the main steps carried out in the method according
to the invention, made in reference to the drawings in which figure 2 is a
graph which displays the bit error rate versus the signal to noise ratio per bit
obtained by the demodulation method according to the invention (lower
curve) in comparison with the theoretical bound for the optimum maximum
likelihood demodulator (upper curve).

For a reason of clarity, the perturbation effect of the impulse
response of the channel shall first be ignored in the following presentation :
the convolution operated by the channel shall thus be set to identity i.e. f(t)
is set to the neutral element of the convolution operator, which is the delta
Dirac impuise : fH)=X1) .

It will however be appreciated that the demodulation method of the
invention is insensitive to the convolution effect of the channel.
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This method is a demodulation method for demodulating a received
CPM signal (y(t)) having a sampling period T, a modulation index h and a
carrier frequency (@) and received from a communication channel, said
received CPM signal being, in each time interval [nT, (n+1)T] and for
AH=&z¢) , of the general form :

y(O)=Acos({@eT+mhan Jt+u)+b(f)
where t = time = (n + 1)T,0<r<l and where ¢, =nhz;:)ak —no,T .
Note that this general form of y(t) can also be expressed as :

t—A

wc(t—A)-i-Tl' ha, T—n

n—1
+71T hzk=_w ay

y(B)=4f"_ f(A)cos dA + bit),

this last expression being more general as it explicitely comprises f(t)
(i.e. it does not assume that f2)=&()).

As mentioned in the introduction of this text with reference" to figure
1 (which general scheme is applicable also for the invention), the received
CPM signal results from the addition of an original modulated signal u(f) and
a noise component b(t).

The original modulated signal u(t) has been obtained by a CPM
modulation — e.g. a Continuous Phase Frequency Shift Keying (CPFSK)
method.

For nT<t<(n+1)T , u(t) can thus be expressed as (equation (1))

Q) u@®=u((n+7))=u,t)=A4cos(®,7+9,); T= %,—n ,
With on=0cT" +7Z'han
and likewise, the received y(t) can be expressed, within the same time
interval, as
¥(O) = (1 +DIT) = 3,(0) = Acos(@,7 +9,) +b,(0); 7= Yp=n

where b (¢)=b(t =(n+7)T) represents the noise disturbance in the time
interval [nT, (n+1)T]

The sequence {a:} forms a series of symbols which are themselves

generated from an initial signal s(t) to be transmitted via the communication
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channel 30. Here again, the communication channel is any type of known
communication channel, e.g. a wireless channel such as a radio channel.
The noise component (b(t)) is generated by the transmission by said
communication channel.
And the “received CPM signal” received at the receiver associated

to the demodulator 40 is of the form y(t) = u(t) + b(t).

For carrying out the method of the invention, the following steps are
performed in real time as said received CPM signal is received at the
receiver :

o Said received CPM signal y(t) is received as a continuous signal.
« Without any discretization of y(t) along the sampling period , this signal is
multiplied by cos(w.T)and sin(e.T) to yield an inphase component, yi(?),

and a quadrature phase component, »%(z), respectively. These

components are therefore defined as  yi()=cos(w)y() and

y!(O)=sin( @et)y(?) »

» More precisely; these components yi(s), and y(¢), are defined for
each time interval nT<t<(n+)T, corresponding to the time interval
[nT, (n+1)T], during which the symbol a, is transmitted :

» For that purpose t = (n + 7)T; 0<e<l, is set, and

> ¥y @)=y ((n+0)I) and yi(r) =y ((n+7)T) are defined,

» the following operations shall then be carried out within each

successive time interval nT<t<(n+1)T :
o The derivative of the signal y! (r) = y'((n+7)T) With respect to t satisfies

the following relation :

(diff) dilr_ yf, (t) =mha,y? (t)+cos(w,) p(r) + sin(w,7)q(7)

where p(t) and q(z) are such that the signal v(7)=cos(@cT)p()+sin(@e1)q(7)

which incorporates the noise bn(z), is a high frequency component.
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> It is to be noted that this differential equation (diff) is valid wether
or not the channel's impulse response f(t) is neglected (i.e.
f(t)=5(t)) — this shall be exposed in a separate section at the end
of the present description,
» Furthermore, the equalization step carried out with some known
demodulation methods is needless with the invention.
e This differential equation (diff) is then treated in order to :
> obtain a linear equation of the form :
(lineq) a{rha,}=p,
where o.and p are coefficients which depend on iterated integrals
of yi(s)and yi(s) . As the iterated integrals of the high frequency
component v(z) tends to zero, this component, and consequently
the original noise, has insignificant effect in the demodulation
performance.
> and retrieve for each time (t) interval [nT; (n+1)T] where a CPM
signal is received a corresponding symbol an.
It is specified that an equivalent differential equation can be
exploited for y?(r) = y"((n+7)T).
In such equation :

e yi(#, would be replaced by y?(z), and vice-versa,

e the first member of the right-handside of the equation would be
multiplied by a negative sign (-),
e the signals p(z) and g(t) would be different.
And in order to carry out the demodulation, it is possible to treat
either of these two differential equations (or both in parallel).
The treatment of equation (diff) comprises the following general
steps :

e equation (diff) is initially expressed in the temporal domain, as

a,iy:; (t) = wha, y! (7) + cos(,7) p(r) + sin(@,0)q(c)
T
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this equation (diff) is expressed in the frequency domain, through its
Laplace transform, in order to obtain a corresponding equation (noted
(Laplace) below),

the following treatments are then carried out in this frequency domain :

> a first treatment is applied to this Lapace transform in order to

eliminate the constants (represented as will be explained below by

xand by y (0)). A new equation (noted (4) below) is thus obtained,

> both members of the resulting equation are then divided by s* , which
corresponds to an iterated integration (A times) in the temporal
domain. For this division, A is selected in order to be large enough to
ensure that the resulting members of the modified equation after
division do not comprise any multiplication by s,

the modified equation is expressed in the temporal domain (through an

inverse Laplace transform), and an equation of the form (lineq) is

obtained.

More precisely, in order to carry out the above steps, a preferred —

but non limitative — approach is as follows :

The high frequency component v(t), which includes' the original noise is
expressed as v(t)=v,(r)+k, where xis a constant representing the
mean value of v(t), and v,(¢) is a zero mean high frequency signal

considered as a noise perturbation.
The differential equation (diff) is expressed in the operational domain,
using the Laplace transform to obtain:

(Laplace)  s§'(s) =mha,$!(s)+V,(s) +§ +,(0)

where s is the Laplace variable, $ (s)and $?(s) are the Laplace
transforms of yi(z) and yi(r) respectively.

Both members of equation (Laplace) are multiplied by s™, where m>1 is
an integer,
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e The obtained equation is derived £ times with respect to s, with £2m+1,

in order to eliminate the unknown constant k and and the initial condition

y: (0) . Therefore is obtained an equation of the form (equation (4))

nl+1 m de k - n—. dé ky (S) myn
@ Soeen 5O - ha, 3 By 4 t5m,)
=0 ds ds ds®

where __ o (m+D! 0 (m)!
Ty e T b= = )t

This modified equation (4) is then treated as follows :

> (step i) in order to eliminate from this equation (4) the terms gmrik

and s™¥, both members of equation (4) are divided by s* where A is
an integer greater than (m+2). This operation (which corresponds to
an iterated integration in the temporal domain) generates a modified
equation,

> (step ii) Said modified equation is expressed in the temporal domain
(through an inverse Laplace transform), by using the fact that — for a
generic function x(t) having a Laplace transform expressed as X(s):

d*z(s)

ds*

v

corresponds in the temporal domain to (- D*z*x(r), and

v the division by s, corresponds in the temporal domain to an

k%(s) .
I can be expressed in the temporal

integration — i.e. s

domain as the integral, iterated at the order A, of (D t*x(r),

The coefficients o and B in equation (lineq) are obtained by applying
(step i) and (step ii) to both members of equation (4). Note that the noise

!

term, j {s"%,(5)}, in the right hand side of equation (4) is anihilated by

the application of these steps as it is a high-frequency term.
Numerical example

Let us take a concrete example to fix the notations. Let m=1, {=2

and A=3. Equation (4) then becomes :
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2 ni AT
d ynz(s) + 4S dyn (S)
ds ds

~ A dy? 25 A
+ 25)’: (S) = ﬂhan s d ynz(S) + 2 yn (S) +s d VOZ(S) +2 dVO (S)
ds ds ds ds

Dividing both sides of this equation by s’ yields
(4b)

1d°9,() | 4 B,6) 2”() pha [ LENE 2 HE)) 1 dVy(s) | 2 dVy(s)
S a0 § ds

s ds? s3 ds s ds® s ds

This equation is now expressed back in the time domain by noting

J
that the time domain equivalent of a term having a form — ( ) is given
st ds’

by

t 4 tpy

(-1 v/x(r)dr = ¢ -1) 't/ x(z)dr

|4 I -] (k 1)'j

Equation (4b) then reads in the time domain as:

(lin) :

?‘-(612 —6nt+n’)y,(@)dr = Ur(n ~7)(2r —m)y! (T)ernhan + }T n—1)(2r =NV, (z
0 0 0

where the integration time mis lower than 1, 0<n <1, since the
signals yi(z) and yi(s) .are defined for 7 €[0,1].
This integration time n may be chosen very small ; this explain why

the demodulation method may be implemented on-line.
The last term of the right hand side of this equation corresponds to

iterated integrals of the high frequenéy component v,(z). Therefore, it has

an insignificant effect on equation (lin). Taking this fact into account, one

finally obtains the linear equation (lineq) with
n
a = [t —7)(2r —n)y; @)de
0

and
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B =|(6c —6nt +n° ) yi @)de

© Loy 3

The n" symbol a, is thus recovered by the explicit formula :

TJL(6TZ —6n7 +n*)y,(x)d
(demod) a, =—>

n

mh(c(n -7)2r —n)y! (0)de
0

Note that it is only for the purpose of computing numerically the
integrals appearing in the above equation that the sampling of the received
signal y(f) is necessary.

Simulation example

A simulation example for the demodulation of a CPFSK modulated
signal, received over an additive white Gaussian noise channel shall now be

presented with the following parameters :

g’—c=900MHz; T=1/8000s; h=0.725 and the bearing
T

information symbols {,} are drawn from an M-ary alphabet with M=8.

Figure 2 displays the bit error rate versus the signal to noise ratio
per bit, obtained by the demodulation method according to the invention
(lower curve) in comparison with the theoretical bound for the optimum
maximum likelihood demodulator (upper curve). In the presence of a high
level of noise, the demodulator given in formula (demod) is particularly

performant.

Case where the condition f7)=4() is not met

This section shows that equation (diff) also holds for any channel
having an impulse response f{(t) (f(t) being possibly different from identity).
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This corresponds to a more realistic situation where the distorsion
induced by the communication medium (i.e. the channel) is more
complicated than a simple additive noise.

The received signal then reads as :

5 (output)  Y()=f(t)* f f(@)u(t—7)dT+b(1)
where f(t) still denotes the channel's impulse response, u(t) is the
input signal and b(t) an additive noise.
To proceed, let us recall that the general form of the modulated
signal u(t) is given by:
10 (input) u(t)=AR{" & izt~ i)y
where R1{z} stands for the real part of the complex number z, and

A is a constant amplitude.
For a CPFSK modulation, the waveform q(t) is given by

0, r<0,
q()={1/2T; 0<t<T
1/2 t=T
15 Thus, for 2T <t<(n+1)T, the input signal u(t) becomes
t n—1
u(t)=Acos|w,t+mha, T " +ﬂth_ » %], which corresponds to
equation (1).
The expression of the received signal y(t) in equation (output) is
thus
20 (outputb)

—hn

n—1
+m h'zk:_w a

t‘._.
w, (t—A)+mha,|—

=4[ f(a)cos 7 dA + b(t)

In order to simplify the expressions to follow, we set

+Tl'hzn :

Now, one can derive the explicit form of the inphase component as:

(def) g,(t,A)=mha,

=
T

25

()= cos (w0,0) 7 (6)=2 [ £ (R)eos|,A—g,(1,1))dA+3 cle)+cos wet) B(e)
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where c(t) is defined by

c(t)=cos(2w, 1) J‘: Q) cos(wcA—gn(t,A))d/\+sin(2wct) f:o f(?\)sin(wci\—gn(t,/\))di\

Likewise, the quadrature phase component reads as:

9 (0)=sin0, 0= 2 [ F(Vsin(o, Mg, (c NIN+2 e+ sinfon, )
where :
elt)= sin(cht)I F(Neos(w, A—g, (&, N)d\—cos(2w Ct)_[ F(Nsin(w A~ g, & N)dN

Taking the derivative of »'(¢) with respect to t, allows one to obtain
10 (diffb) :

dy;t(t) _ clg,;l(:, N y'(t)- dg_d(:_&{zﬁ e(t)+ sin(wct)b(t)} +§t—{2£ clt)+ cos(wct)b(t)}

A
Now, observe that the signals 3 ¢(t)+cos(w.2)b(#) and

é{ie(t)+sin(wct)b(t)(which incorporate the noise) are high frequency

components.

15 Hence for their contributions in the above differential equation
(diffb) they are considered as high frequency noise perturbation which
may be put in the form cos(w,z)p(f)+sin(w,2)§(¢) for some (noisy)
signals P(t) and (7). _

Finally, using the definition (def) of g:(t,A) | the differential

20 equation (diffb) becomes _

%J%yq(ﬂws<wcz>p<r>+sin<wct>a<f)

The differential equation (diff) now follows by using the change of
variables:

T=—7t:—n P (D)= ((n+ 1) )=y (t) and Yi(T)=y"((n+T)T)=p"(1) ;

2s @iy 2 g, boos ,7) plr)sin(eo,T)a(m
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Additional comments

The method described above is carried out by the demodulator 40
for each time interval defined by nT and (n+1)T. This method allows one to
determine the symbols a, on a continuous symbol-per-symbol basis, in real
time if desired, as the signal y(t) is received.

This method is based on a deterministic approach (i.e. it is an
explicit method which is not based on a probabilistic approach).

Furthermore, it is to be noted that no discretization of the received
CPM signal is carried out before actually demodulating said received CPM
signal. Indeed, the method according to the invention does not require such
a priori discretization and allows working on the “crude” and continuous
received CPM signal y(t).

Moreover, in the case of the invention no discretization at all is
required along the sampling period — contrary to what is done in the known
methods.

In addition, the following advantages have to be noted with respect
to the invention.

The demodulation method of this invention is valid even if the
communication channel introduces an intersymbol interference, in addition
to the additive noise perturbation, and this without requiring any equalization
step..

The performance of the demodulation presented in this invention
are not affected by a carrier phase shift (non coherent detection) as
opposed to the existing methods.

By their construction, each of the parameters y!(z)=y ((n+7)T)
and y!(z)=y*((n+7)T) respectively comprise a high-frequency component
and a low-frequency component.

And the successive integrations carried out on these parameters

allow eliminating the high frequency components of these parameters (i.e.
of the received CPM signal) — therefore acting as a lowpass filter.
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These high-frequency components typically contain the noise
component b(t), as well as other noise components already present in the
signal u(t). And the successive integrations carried out thus allow one to
eliminate such noise components.

A low-pass filter is therefore not needed — even if it can be added if
desired.

It is also to be noted that contrary to the known methods where the
arithmetic complexity grows exponentially with the size of the register used
for elaborating the series {a,}, such register size has no influence on the
method according to the invention and such method is therefore particularly
well-suited for demodulating with very high rates.

Since the method according to the invention is carried out on a
symbol-per-symbol basis, the determination of a symbol a, is not influenced
by the earlier determination of previous symbols — and there is therefore no
risk of error accumulation.

Since the symbols a, are determined by an explicit method, without
requiring any optimization, the method acccording to the invention can be
carried out in real-time. The time interval required for demodulating a given
symbol a, is smaller than the period T of the series of the symbols
themselves.

Finally, the features of the method according to the invention make
it well adapted for demodulating in a coherent manner, as well as in a non-

coherent manner.
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CLAIMS

. Method for demodulating a received CPM signal (y(t)) having a sampling

period T and a carrier frequency (w;) and received from a
communication channel, said received CPM signal being of the general

form :

0 t n—1
y(t)-——AJ'wa(?\)cos w (t—A)+mha, T +7Thzk=_w a,

dA +Db(t)

where the convolution by the impulse response of the channel f(t)
represents the perturbation effect of the channel, and where b(t) is an
additive noise; for the nth sampling interval of the signal :

t = time = (n + 1)T, 0<z<l, h : modulation index, and ¢, =7h /:)ak —nw,T,

said received CPM signal (y(t)) being obtained from :

> an original modulated signal (u(t)) generated from a series of symbols
(an), said series being itself generated from an initial signal to be
transmitted via said communication channel, said original modulated

‘ nT £t (n+1)T
signal being of the general form for :

)= R ) T
(equation(1)): oo o il

Wy, = Wl +Tha,
with : , and

> a signal (b(t)) corresponding to a noise generated by the transmission

by said communication channel,

said method being characterized in that it comprises the following steps
carried out in real time as said received CPM signal is received :

Said received CPM signal (y(t)) is received as a continuous signal.
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Without any discretization of said received CPM signal along the

sampling period, this signal is multiplied by cos(w.7) and sin(@.I) to yield

an inphase component, yi(f)=cos(a-f)y(f) and a quadrature phase

component, y/(f)=sin( w:t)y(f) respectively,

For each successive time interval nT<t<(n+1)I' (with 0<r<l1) during

which a symbol a, is transmitted, carry out the following operations :

>

Define respectively for yi(z), and y(z), the signals Yy (®) =y (n+7)T)
and y/(z) = y'(n+7)T),
Define signals p(t) and q(tr) such that the derivative of
¥ (@) = y'((n+7)T) and/or y!(z)=y*((n+7)T) with respect to t satisfy
a differential equation :
(@) : L34 (r) = wha,y1() + c0s(@,0) p(r) + sin(@,2)q (r)

T
Treat said differential equation (diff) in order to :
v' obtain a linear equation of the form : (lineq) a{nha,}= B, where

aoand B are coefficients which depend on iterated integrals of
yi(z)and (3, |

v" and retrieve for each time interval [nT; (n+1)T] where a CPM
signal is received a corresponding symbol a.

Method according to claim 1 characterized in that f#)=5{).

Method according to any preceding claim characterized in that in order

to take into account the impulse response (f(t)) of said communication

channel no equalization is carried out.

Method according to any preceding claim characterized in that said

differential equation (diff) is valid wether or not the impulse response
(f(t)) of said communication channel is neglected.
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Method according to any preceding claim characterized in that the

treatment of said differential equation (diff) comprises the following

general steps :

e Said differential equation (diff) is initially expressed in the temporal
domain, as

(A1) : L5} ) =wha, 1 () + 05@,0) p(0) +sin(@.2)a@) ',

e this differential equation (diff) is expressed in the frequency domain,
through its Laplace transform, in order to obtain a corresponding

equation (Laplace) : s’ (s) = wha, §7(s) +V,(s) +—+ . (0), where s is
S

the Laplace variable, j(s)and ?(s) are the Laplace transforms of
yi(7) and yi(7) respectively,
e said treatments are carried out in the frequency domain :
> a first treatment is applied to this Lapace transform in order to
eliminate the constants, thus generating a new equation (4),
> both members of the resulting equation (4) are then divided by
s* , which corresponds to an iterated integration (A times) in the
temporal domain,
e the modified equation is expressed in the temporal domain

(through an inverse Laplace transform), and an equation of the
form (lineq) is obtained.

Method according to the preceding claim characterized in that for
said division A is selected in order to be large enough to ensure that
the resulting members of the modified equation after division do not

comprise any multiplication by said Laplace variable (s).

. Method according to any of the two preceding claims characterized in

that in said differential equation (diff), p(t) and g(z) are such that the
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signal v(7)=cos(w.1)p(7)+sin(ac7)g(7), which incorporates the noise

bn(7), is a high frequency component.

8. Method according to the preceding claim characterized in that as the

iterated integrals of the high frequency component v(t) tends to zero,

this component, and consequently the original noise, has insignificant

effect in the demodulation performance.

. Method according to any of the four preceding claims characterized

in that in order to carry out said general steps, the following

operations are parformed :

The high frequency component v(t), which includes the original

noise is expressed as v(r)=v,(r)+x, where xis a constant

representing the mean value of v(t), and v,(r) is a zero mean

high frequency signal considered as a noise perturbation.
The differential equation (diff) is expressed in the operational
domain, using the Laplace transform to obtain:

(Laplace) ' (s) = wha, 5 (s) +V,(s) +§+ ¥(0),

where s is the Laplace variable, :(s)and $¢(s) are the Laplace
transforms of yi(z) and yi(z) respectively.

Both members of equation (Laplace) are multiplied by s™, where
m 21 is an integer,

The obtained equation is derived ¢ times with respect to said
Laplace variable (s), with {>m+1, in order to eliminate the

unknown constant « and and the initial condition y’(0), and

generate a new equation of the form (equation (4))

m+l g k ~i m _ dl’ -k n 5 "
(4) Zaksmﬂ -k dSyn( )_ﬂ:hanZﬁk m-k yn( ) { n (S)}
k=0

ds“* ds

where
_ £! (m+1)! _ 1l (m)! ,
% re-nime-n ™ P TR n) e,
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e said new equation (4) is then treated as follows :
> (step i) both members of said new equation (4) are divided by
s* where A is an integer greater than (m+2), thereby
generating a modified equation,
5 > (step ii) Said modified equation is expressed in the temporal
domain (through an inverse Laplace transform), by using the

fact that:
d*3(s) : , ok

4 X corresponds in the temporal domain to (-1)"z"x(7),

AY
and
10 v the division by s, corresponds in the temporal domain to an
kA

integration — i.e. 4435 can be expressed in the

ds*

temporal domain as the integral, iterated at the order A, of
(—1)k7’-kx(7'.) )
e The coefficients oo and B in equation (lineq) are obtained by

15 applying (step i) and (step ii) to both members of said new
equation (4).
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