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This invention concerns digital radlo communication systems, It

concems, in particular, the methods of modulation implemented in such
5 systems, -

Digital modufation is generally designed to combine the following
three requirements; a high transmission rate, minimum spectrum occupancy
and a low transmission error rate under various operating conditions.

Various methods were proposed in the past with a view (o

10 achieving a high transmission rate on a channel with reduced spectral
bandwidth (transmission rate exceeding 1 bit/s/Hz).

The first group of methods uses muiti-level frequency modulation
as a basis, together with adequate filtering of the modulating signal (e.g.
Gaussian filtering used with GMSK modulation) in order to reduce adjacent

15 channel interference. These methods have the advantage that they are easily
applied, end resuit in modulated signals of constant envelope. They
congsequently permit transmitters to be fitted with power amplifiers which
operate in the saturated state. These amplifiers are readily available, cheap
and véuy efficient. However, in order to comply with constraints relating to

20 adjacent channel interference, the modulation index must be limited
considerably, and the modulating signal thoroughly fiitered. This causes the
symbol spacing to be reduced, and this adversely affects the noise immunity
of the modulation, In other words, the sensitivity of the radio receivers is
limited.

25 Another group of methods uses phase-shift keying (PSK) and, if
necessary, differential phase shift keying (DPSK) as a basis, and the resulting
signal is filtered to ensure that standards relating to adjacent channel
interferance are complied with. In general, a fliter satisfying the Nyquist
criterion is used in order to limit inter-symbol interference. These methods

30 generally provide satisfactory sensitivity at the expense of a large variation in
the amplitude of the radio signal. Very linsar ampiifiers are therefore
necessary, and they are difficult to design and set up. In addition._ they are



Gaussian filtering used with GVSK nodul ation) in order to reduce adjacent
15 channel interference. These nethods have the advantage that they are
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operate in the saturated state. These anplifiers are readily avail abl e,
cheap and very efficient. However, in order to conply with constraints
relating to 20 adjacent channel interfereBee, the nodul ati on i ndex nmust be

limted considerably, and the nodul ating signal thoroughly filtered. This
causes the synbgénesgliydhefficient, ard thisiserslsieattbctdihe autbransedfimabifecstitiorghe

noi se immnity gf duI ton..In other words, the sen Ltivi of the
radi o recei ver SRI gmﬁﬁgp g car be Lsdd °°"J‘ﬂ\?g?%@’|‘*;‘]§r@‘6ﬁﬁﬁf'g 'XRﬂﬂg"Uses

phase-shi ft keysm‘@ neBied eoiﬂpucafesn@qmm"wer wirf (coneabiaply PRASR & fakgdeyi ng
(DPSK) as a basi and the resulting signal is filtered to ensure th

st andards rel at ?W’&!o[pg Fg‘?ﬂ%t channel
5 Other solutions have also been proposed, e.g. in U.S. Patents

5,642,384 and 5,311,552, where an appropriate cholce of a consteliation and
of a coded medulation process prevenis transitions in the constellation for
which the phase change is relatively large. This permits the variation in
amplitude of a radio signal to be reduced to values compatble with the
10 characteristics of amplifiers which are easier to design. However, the
reduction in amplitude is achieved at the expense of a considerable reduction
in the symbol spacing, which is very difficult to compensate by coding gains, in

particular in the error rate range of the greatest importance to speech

communications, i.e. for bit aror ratas (BER) of the order of 102, especially

13 when the channel is affacted by fading (Rayleigh fading).

An object of the present invention is to propose a digital
modulation group permitting joint optimisation of noise Immunity, even in a
channel affected by fading, adjacent channel interfarence, and varlation in
amplitude of the radio signal.

20 The invention thus proposes a digital modulation process
wherein the succsssive symbals of a digital stream are converted into phase
increments, an accumulated phase is obtained by adding the successive
phase increments, a modulating phase is abtainad by filtering the accumulated
phase, a compiex signal Is produced whose argument represents the

25 modulating phase, two phase quadrature radic waveforms are raspectivaly
modufated on the basis of sald complex signal, and a radio signal resulting
from a combination of the two modulated waveforms is transmitted. According
to the invention, said complex signal is digitally filtered, and digital signals
obtained from the real and imaginary components of the digitally fiitered

30 compiex signal are converted into analog form befors being respectively
subjected to anti-afiasing analog filtering and then mixed with the two radio
waveforms, '

This Sheet Said digital signals obtained from the real and imagiﬁary

I
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Nyqui st t sed in order to limt inter-synbol interference.
These rally provide satisfactory sensitivity at the expense
of a lar a n the anplitude of the radio signal. Very linear
anplifiers are therefore necessary, and they are difficult to design and
set up. In addition, they are -2 - generally inefficient, and this
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US. Patents

process is used, by pre-distortion for example (see Eurcpean patent
application No. 0 7387 283), the real and imaginary components may be
5 subject to correction before being converted into analog form. The use of a
linearising process is not included directly in this invention. in many cases, the
invention will permit such a process to be dispensed with. In other cases, it
will permit the use of such processes to be simplified considerably (for
example, by not taking account of phase changes), in view of the small
10 varations in the signal envelope permitted by an appropriate choice of
parameters for filtering the accumulated phase and sald real and imaginary
components. The criteria for this selection will be specified further on.
The invention permits digital radic communication systems, in
particular professional radio communication systems, to be implemented in
15 accordance with applicable standards relating to adjacent channel
interfarence, and provides unequalled sensitivity and thus radio range, using
power amplifier components which are readily available on the market and
have a high power efficiency.
Another aspect of the invention relates to a digital modulator,
20 including means for converting successive symbols of a digital stream into
phase increments, a summator which accumulatas the successive phase
increments to produce an accumulated phase, a phase filter receiving the
accumulated phase and producing a modulating phasse, means for producing a
complex signal whose argument represents the modulating phase, and a
25 modulator for respectively modulating two phase guadrature radio waveforms
on the basis of said complex signal, and for transmitting a radio signal
rasulting from a combination of the two modulated waveforms, the modulator
comprising a digital filter to which the complex signal is appliad, analog-digital
converters respectively processing the digital signals obtained from the real
30 and imaginary components of the digitally filterad complex signal, anti-aliasing
analog filters receiving the output signals from the analog-digitai converters,
and two mixers each receiving one of the two radio waveforms and the output
signal from ona of the two anti-aliasing filters. |
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variation in anplitude of Figheesr hdind %lagm@lock diagrams of a digital modulator in
5 accordance with the invention and an associated recaiver respectively ; and
- Figures 3 and 4 are graphs respectively showing the
constellation and spactrum of a digital modulator according to the invention,
The modulator shown in Figure 1 comprises @ unit 10 which

converts the successive symbols a; of a digital stream into phase increments

10 A$. The successive phase increments A¢ produced by the unit 10 are
accumulated by a summator 11. The unit 10 may merely consist of a register
containing the possible valugs of the phase increments A¢ and addressed by
the current value of the symbol a;

In the embodiment of Figure 1, the sympol stream a may

15 correspond either to a bit stream b; or another bit stream ¢; having with a lower
transmission rate, processed by a redundancy encodar 12. The bit streams b;
and ¢ derive from digitai sources such as speech encaders, data sources,
stc., generally with error correction coding applied. If the encoder 12 is used,
the modulator of Figure 1 operatas in accordance with a coded modulation

20 (see G. Ungerboeck “Channel coding with muitilevel/phase signals®, IEEE
Trans. on information Theory, Vol. {T-28, No. 1, January 1682, pages 55-67).
The unit 10, summator 11 and encader 12 are timed by a clock signal CKS at
the frequency 1/T of the symbols a,

The summator 11 stofes a integer digital value k representing an

25 accumulated phase. This accumulated phase is thus stored as whole
multiples of a sub-multiple of =, that is to say in the general form (X/P)r. For
each cycle of the clock CKS, the accumulated phase is Incremented by a
vaiue Ay depsnding on the current symbol a. [f each symbol represents m

bits, M = 2™ differant values of the increment may be added in each cycle.
30 These M values are chiosen so that the set of the increments is symmetrical
with respect to the value 0 so that the spectrum is symmetrical. Values of k of
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and imaginary or7 could also be used if m=2.  A¢yay = KyadPIm desrgnates the maximum

5 value of the phase increment Ad.
The accumulated phase is fed to a digital filter 16. referred to as
phase filter, whose sampling frequency 1/T,, set by a clock signal CKE, is

higher than the frequency 1/T, of the symbols a; (generally a muitiple of that

fraquency).

10 The output signal from the phase filter 15 is a moduiating phase
¥, which a unit 18 converts into a complex signal, i.e. into two real signals, one
(1) representing the real compenent of the complex signal, and the other (Q)
representing the imaginary component.

That complex signal has a constant modulus, and an argument

15 equil to the modulating phase ¥. In other words, | = cos¥ and Q = sin¥. The
unit 18 may merely consist of two read-only memory arrays addressed by the
output of the filter 15 at every cycle of clock CKE.

The complex signal is filtered by a digital filter which, in the
embodiment shown, consists of two identical filters 17 which respectively filter

20 the components | and Q.

Two digital-analog converters 18 convert the output signals of the
two filters 17 into analog form. The two resulting analog signals are fad to low-
pass filters 19 in order to eliminate spectral allasing components. Using
respective mixers 21, two quadrature radio waveforms at the carrier frequency,

25 deriving from a local oscillator 20, are mixed with the signals deriving from the
anti-aliaging fliters 19. The two waveforms thus modulated are combined by a
summator 22 whose output is fed to the power amplifier 23 of the transmitter.

If the amplifisr 23 were linearised by pra-distortion, it would be
necessary {o correct the fiitered components | and Q, between the filters 17

30 and converters 18, before converting them into analeg form.

The racsiver shown in Figure 2 includas a low-noigse ampfifier 30

which amplifies the signal picked up by the antenna. lts output is converted to
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amplifier 33. Two other mixers 34 provide baseband conversion by mixing
with two quadrature waveforms. The two guadrature analog components

5 deriving from the mixers 34 are fad to identical low-pass filters 35, then
converted into digital form by analog-digital converters 38. The digital
components I' and Q' deriving from the converters 38 are fed to a channel
demodulator 37.

The demodulator 37 carries out demodulating operations

10 corresponding fo the incomplete moduiator consisting of the compaonents 10,
11, 18, 18 and (if necessary) 12 of the transmitter shown in Figure 1. Since
this incomplete modulator essentially performe continuous phase modulation
(CPM), the demodulator 37 may take the form of a conventional CPM

demoduiator. it may, for example, be based on a demodulation trellis in order
15 to apply the Viterbi algorithm. The demodulator 37 delivers estimates b, or ¢,
of the bits b; or ¢, fed to the modulator.

Advantageously, the demodulator 37 may include two treiiis. It
uses either one of the treliis, depending on whether the encoder 12 is used at
the transmitter or not. The first trallis includes modulation states. In principle,

20 the number of these states is ML-! x P, where L Is the memory of the phase
filter 15 expressed In number of samples, M is the number of points on the
consteiiation, and P is the denominator of the modulation index. Howaver, it is
generally possible to considerably reduce the number of states of the
demodulation trellis without adversely affecting the quality of reception

25 significantly. The second one of the trellis further includes the coding states of
the redundancy encoder 12, in accordance with the principle of coded
modulations. This second trellis is employed if the encoder 12 is used at the
transmitter.

In the modulator design, the values of the phase increments A¢

30 are first chosen, as indicated hereabove. The filter 17 which processes the
components | and Q and determines the spectral characteristics of the
resulting signal is then constructed. The characteristics of this filter 17 must



paranmeters for filtering the accunul ated phase and said real . anpd i inarZ
conponents. The criteria for this selection will be specifiSionss en fgplaced
The invention permts digital radio communi cation systens, | I "I
prof essi onal radi o comruni cati on systens, to be inplenented

accordance’ with applicable standards relating to adjacent channel

i nterference, and provides unequalled sensytivity and thus radi o range,

usi ng power anplifier conmponents which aré’readily avail able on the market
Angt her aspect of the inventjon relates

and have a high,_power, efficiency. o]} )
to a digital rroagl%\éeﬁpf‘aﬁ Wﬁ?glﬁdfonﬁ’%ﬁaﬂfs theo recediing Mteh §oasislings of Jhe
synbol s of a di girhihatidrt 6BeldiPamhase i ncrenents, a sumator which

accurul ates the successive phase increnents to produce an accumnul at ed

phase, a phase filter redef@uantpgenes farouofithadigitabfitess 1 Arusedrto poadess the
O D Phaseomsiings | aq B AW AdGyith & AR Rip M IRboNIIESAEE WIRILk:

represents the nod g phase, ~ an
5 closely fit a time characteristic of the form:
f{t) = Sinc(@t/T).Sinc(BUT ). eV Ts)* (1)

where T is the duration of a symbol &;, and Sinc() is the cardinal sine function.

The approximation can be made by choosing the real coefficients «, § and 7.
This provides dightal filters whose restriction to a finite length is as accurate as
10 possibie by virtue of the fast decay of the Gaussian function. The secondary
lobes caused by the limitation of the digital filter length are thus minimised.
The following step consists in defining the phase fiiter 15. The
characteristics of this filter 15 are closely related to those of the digital filter 17,
A heuristic method Is given hereunder based on the following mathematical
15 property: the energy of a complex function &Mt with unitary modulus fs
maximum in a filter whose spectral power temptate is the Fourier transform of
a function h{t) (in other words, that energy is minimum outside the filter) if it
satisfies the following equation:
[ n{u-t).edMbdt = A(u).eim(u!
20 where A{u) is a real function.
The following algorithm is used to define the phase fiiter 15:
1) A power template filter is selected, i.e. a function h(t) whose
Fourler transform represents the required spectral template. A filter identical
to the one selected as the I-Q filter is typically chosen. Other cholces are
25 obviously possible. In general, It is preferable to use a fiiter whose digital
implementation with a falrly short finite impulse response is possible.
2) A function ®g equal to 0 where t<0, equal t0 Agp,,t/T, where

0stsT, and equal to A¢p,,, Where t>T is used as a first approximation of the

phase change function, i.e. of the function available at the output of the phase
30 filter when the maximum phase increment Ag,,,.., is fed to the accumulator 11,

Other approximations using continuous functions equal to 0 where t<Q and



25 nodul ator for respectively nodul ati ng two phase quadrature radio
wavef orms on the basis of said conplex signal, and for {hins etiHad BRY R Irqpio
signal resulting froma conbination of the two nDduIatedL s
nodul at or conprising a digital filter to which the conpl r
applied, analog-digital converters respectively processing the

signals obtained fromthe real 30 and in%?inary conponents of the
digitally filtered conplex signal, anti-dltasing analog filters receiving
the output signals fromthe anal og-digital converters, and two m xers each
recei ving one éPmuh¥heRd>Ta80Wdkawseeér ns and the output signal from one of
the two anti-aliasing fibters. -4 - Qther features and ad an&ﬁges of the

i nvention will become A function @, is calculated iteratively using the wing
formula:
h{u~t), P{t) dt
(U} = -,j -
|| n(u-t). on(0) of
5 4) The n¥ approximation of the impuise response of the phase

fiter, which is equal to the derivative of the function @, is calculated. An

approximation of this derived function can also be made using an approximate
analytical formula in order to facilitate subsequent calculations. The analytical
formula may be as follows:

10 g(t) = Sinc(a't/T,).Sinc(BT,).e MY Ts)’ ()

where o', §' and v are real coefficients.

8} For one of these approximations {for axample n = 2 or 3), the
characteristics of the modulation are evaluated with respect to the criteria of
interference power in adjacent frequency channel, variation in amplitude and

18 noise immunity. if the gpproximation is unsuitable, the calculations 1) to 4) are
repeated by modifying the velues of the phase increments, and/or by
modifying the shape of the {-Q filter 17, and/or by modifying the shape of the
filter referred to under 1), and/or by modifying the approximation of the phase
filter obtained using the algorithm.

20 The retained phase fiiter is then implemented as & finite impulse
response digital filter,

The phase filtter 15 of the modulator of Figure 1 could be
replaced by a bank of phase fliters selected in accordance with the origin of
the symbol stream a,. This could provide a phase fliter 15 optimised for cases

25 where the redundancy encoder 12 is not used, and another one optimised for
cases where the encoder 12 is used.
In & particular embodiment of the invention, the duration T, of a

symbol a;is 126 ys. The numnber of bits per symbol is 2, the phase increments

being -x, -n/3, »/3 or . The bit rate is then 18 kbits. The spectral
30 specifications are those of the ETS! standard 300-113. The finite impulse
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The values specified for the fiitar parameters could be repiaced by values of
5 the same order,
The constellation corresponding to that modulation is shown in
Figure 3. A very small variation in amplitude will be noted, since the ratio
between the maximum instantaneous power and the average power ig only 1.2
dB, whereas the ratio between the maximum and minimum instantaneous
10 powers is less than 2.4 dB. Because of these characteristics, the modulation
can be used with weekly linearised power amplifiers, easy to adjust and having
an efficiency very close to that of saturated amplifiers.
The spectrum is shown in Figura 4. {t can be noted that the level
of adfacent channel interference is very low and compatible with the most
15 demanding standards.
The noise immunity performance is excellent since, with a
channe! affected by Gaussian white noise, an error rate of 1% is noted for a
signal-to-nolse ratia Ey/Ng of 5.5 dB in the case of stationary statfons, whereas

the same error rate of 1% is obtalned for a signai-ta-noise ratio Eg/Ng of 18 dB

20 in a dynamic case (speed of 70 kmv/h and carrier at 400 MHz). These error
rates are obfained using simple conventional demodulators (Figure 2), le,
trellis demodulators with a very smalf number of states. A trellis with only thrae
statas can be used in the example shown,

in the same embodiment of the invention, the optional

25 redundancy encoder 12 permits the implementation of a coded modulation.
Here, the redundancy coding is a convolutional coding of rate 1/2, the bit rate
then being 8 kbit/s. The filter values are identical, and a trellis with only four
states may be used at the demodulator. The coding gain is of the order of 2.5
dB, and an error rate of 1% is noted with E,/N, = 3.4 dB on a channel affected

30 by Gaussian white noise in a stationary case.



transm ssion rate, processed by a redundancy encoder 12. The bit streans bi

and ci derive fromdigital sources such as speech encoders, data sources,

etc., generally with error correction coding applied. If the encoder 12 is

used, the nodul ator of Figure 1 operates in accordance \%'{Sﬁhcﬂtlﬂh@é&qkeplaced
e

nodul ation- 20 (see G Ungerboeck "Channel coding with | I
signal s", IEEE Trans. on Information Theor{, Vol . I T-28, g
1982, pages 55-67). The unit 10, summator-18-and encoder 12 are y a
cl ock signal CKS at the frequency 1/ Ts of the synbols ai. The sumuator 11
stores a integer digital value k representing an 25 accunul ated phase.
Thi s accunul ated phase is thus stored a mul tiples of a sub-multiple
of [err], that is to say in the general form (k/P)[err]. For each cycle of

the clock CKS, the accumil aj @k L9 .
dependi ng on the current synbo ltagt?'r.%@Fl?ﬁgr’é@ﬁ&c%@ﬂ%ﬁ%pﬁ%ﬁssdg%ésﬁé %ﬁ%’flsM =
2m di fferent val@ledfot digitali sreameate mayvareddoted phasedodrempatse (A¢), an

accumulated phase is obtained by adding the successive phase increments. a

5 medulating phase (¥) is obtained by fitering the accumulated phase, a

complex signal is produced whose argument represents the modulating phase,

two phase quadrature radic waveforms are respactively modulated on the

basis of sald complex signal, and a radio signal resuiting from a combination

of the two modulated waveforms is transmitted, characterised in that said

10 complex signal is digitally filtered and in that the digital signais obtained from

the real and imaginary components (1,Q) of the digitally filtered complex signal

are converted into analog form before being respectively subjected to anti-
allasing analog filtering and then mixed with the two radic waveforms.

2. A process in accordance with claim 1, wherein the digital
15 filtering of said complex signal consists of two identical filtaring operations on
the real and imaginary components theraof (,Q).

3. A process in accordance with claim 2, wherein the digital
fitering of the real or imaginary component of the complex signal has z finite
impulse rasponse corregponding to a time characteristic having the form:

20 - f(t) = Sinc(at/T,).Sinc(pYT,).e-¢TsF,
where T, is the duration of a symbol of the bit stream, o, B and y are real

coefficients, and Sinc() is the cardinal sine function.

4. A process in accordance with claim 3, wherein the filtering of
the accumulated phase has a finite impulge response corresponding to a time
25  characterigtic having the form:

g(®) = Sinc(a'tT,).Sinc(BYT,). e twrtTsF,

where o', B’ and v’ ara real coefficients.
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30 These Mval ues are chosen so that the set of the increments is

symret r igalshiM il gegSReerdedt 0 the value 0 so that the spectrumis
syrmetrlc kof -5 - the type k = k' x Kwll typically be
used whe Hl%l ”\E nts the nodul ati on index, and k' = -M1l, -M3, ....
. Thi s choi ce of equally distributed increnents is
not the onIy one pOSSIb|e For exanple, k' = -7, -3, 3 or 7 could also be

used if me2. [err]max = (kmax/ P)[err] desﬂénates the maxi num 5 val ue of
t he phase increnent [er(r?}’ The accunul ated phase is fed to a digital filter
15, referred to as phased.f Adigital matdatoseempising: mesnsdAR) for cyaverting they a
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(generally a
summator (11) which accumulates the successive phase increments to

produce an accumulated phase, a phase filter (15) receiving the accumulated

(34

phase and producing a modulating phase (¥), means {16} for producing a
compiex signal whose argument represents the moduiating phase, and a
madulator for respectively moduiating two phase quadrature radio waveforms
on the basis of said complex signal, and for transmitting a radic signal
resulting from a combination of the two modulatad waveforms, characterised
10 in that the modulator comprises a digital filter (17) to which said complex signal
is applied, analog-digital converters (18) respectively processing the digital
signals obtained from the real and imaginary components {1.Q) of the digitally
fitered complex signal, anti-aliasing anaiog filters (18) receiving the output
signals from the analog-digital converters, and fwo mixers (21}, each receiving
15 ons of the two radio waveforms and the output signal from one of the two anti-
aliasing filters,

8. A modulator in accordance with claim 5, wherein the digital
filter, to which said compiex signal is applied consists of two identical filters
(17) receivihg respactively the real and imaginary components (1,Q) of the
20 complex signal.

7. A modulator In accordance with claim 6, wherein the digital
fiter (17) processing the complex signal has a finite impulse response
corresponding to & time characteristic having the form:

(1) = Sinc(at/T,). Sinc(pyT,).e Tl
25 whera T, is the duration of a symbol &, of the bit stream, o, § and y are real
coefficients, and Sinc() is the cardinal sine function.

8. A modulator in accordance with claim 7, wherein the phase
fiter {15) has a finite impulse response corresponding to a time characteristic
having the form:

30 9(t) = Sinc(atT, ). Binc(FYT,).e e Te",
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frequency). 10 The out put signal fromthe phase filter 15 is a
nmodul akhisipheepHadeerRRpdeg Whi ch a unit 16 converts into a conpl ex signal

i.e. in, ignal s, one (1) representing the real conponent of the
conpl exj uhe other (Q representing the imgi nary conponent.

That conpl ex sign as a constant nodulus, and an argunent 15 equil to

t he nodul atii ng phase [err]. In other wordg,1 | = cos[err] and Q = sin[err].
The unit 16 may merely consist of two read-gﬁly menory arrays addressed by
t he out put of t b |t ar ' ver .cl e of clock CKE. The conpl ex signa
is filtered by gﬁﬁ%%PTgla%fT?&ﬁEﬁﬁF%ﬂﬁxFﬁﬁthe enbodi nent shown, consists of
two identical filters 17 which respectively filter 20 the conponents | and

Q Two digital-anal og corf.eAtrnoduld8r noavcerdarich avihLdigi 8 SiriaihsT of 1%%&} two
filters 17 into analog form The two resulting anal og signals dre ‘to

| ow each symbol (a) of the bit stream consists of two bits, the phase increments

(Ad)are~n, - n/3, 3 orm, and @ » 18, =01,y 012 o' = 077, B ~0-5 and
5§ Y=0.
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pass filters 19 in order to elininate spectral aliasing conponents. Using

respective mxers 21, two quadrature radio waveforns at the carrier

frequencgrhis%geetg,grgjeéﬂmgzaéenom a local oscillator 20, are mxed with the
Phis:

si gnal s e anti-aliasing filters 19. The two waveforns thus
nodul at ed g&ﬂl}g a summat or 22 whose output is fed to the power
anplifier smtter. If the anplifier 23 were |linearised by

pre-distortion, it would be necessary to correct the filtered conponents |
and Q between the filters 17 30 and converters 18, before converting them
into anal og form The receiver shown in Figure 2 includes a | ow noise

anplifier 30 which anplifies the signal_picked up by the antenna. Its
output is converted to -6 - TRACT

DIGITAL MODULATION PROCESS, AND MODULATOR
IMPLEMENTING THE PROCESS

The successive symbols (a) of a digital stream are converted

into phase increments (4¢) which are accumulated. A modulating phase (%) is
obtained by filtering the accumulated phase. A complex signal is produced
whose argument represents the modulating phase. Two phase quadrature
radio wavefarme are respectively modulated on the basis of that complex
signal, and a radio signal resuiting from a combination of the two modulated
waveforms is transmitted. The complex signal is, in turn, fitered digitally. its
real and imaginary components (},Q) are converted into analog form, and are
subjected to anti-aliasing analog ﬁitering and then mixed with the two radio
waveforms.  Appropriate sizing of the digital filfers provides efficient
modulation with amall envelope variations, causing little adjacent charnel
interference and a low arror rate.



an internedi ate frequency using a m xer 31. A band-pass filter 32 processes
the internedi ate frequency signal which is then anplified further by an
anpl i f i &his 8i®et HagBeecoRagecedri xer s 34 provi de baseband conversion by m xi ng
wth two efornms. The two quadrature anal og conponents 5
deriving ff s 34 are fed toi&ntical | ow- pass filters 35, then
converted into digital form by anal og-d tal converters 36. The digital

conponents |I' and Q deriving fromthe converters 36 are fed to a channel
denodul ator 37. The denodul at or | es out denodul ati ng operations 10

corresponding to the inconplete

nodul ati on (CPM, the denodul at or
CPM denodul dtor. It may, for exanple

ntiRlly perfornms c@Minuous phase
' ‘: take the form a conyenti onal

based on a de ul atio grellis in
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to apply the iterbi algorithm The denodul ator 37 delivers estimates

t he

y include two trellis. It uses either one of the trellis,

her the encoder 12 is used at the transmtter or
t he nunber of

thséheejﬁﬁﬁ“ 3650t s hi or ci fed to the nodul ator. Advantageously,

these states is M.-1 x P, where L is the
expressed in nunber
constell ati on, and
it is generally possi

flrst trellis includes nodul ation statesg/t%tmprlnm ple, 20

denodul ation trellis re
25 significantly. Th N ncludes

coding states of gh RAWi.Lh.t.he
principle of coded novdul atid toyed i f
encoder 12 is used ati the tig !
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I n the nodul ator design, the values of the p?}wa‘?ﬁbﬁ@?@ﬁemﬁsﬁ[ rr] 30
first chosen, as indicated hereabove. The filterd 17+whi chi*pr ocgsses t hge
conponents | and Q and determnines the spectral #Charactieristié uf the I
resulting signal is then constructed. The,ch rﬁc;/t_'ier..i;s-iicsp:qt:it.’ﬁjes: f.i:l-t 8r 1
must -7 - be as close as possible to t%os of the receiving fi ?er
consisting of the combination of filters 32 angh35; A @\q_ij\(;q_@pl@ge It &1 m of

7

weh atinite i mout sDIEERCMQBUEAIIBRPRUCESSARD MODULATOR . 5 e |
characteristic of the form fIMBLEMENJING THE)PROCESS
.Sinc(Bt/Ts).e([err]/Ts)[err] (1)

This invention concerns digital radio communication systems. It
concerns, in particular, the methods of modulation implemented in such

5 systems.

Digital modulation is generally designed to combine the following
three requirements: a high transmission rate, minimum spectrum occupancy
and a low transmission error rate under various operating conditions.

Various methods were proposed in the past with a view to

10 achieving a high transmission rate on a channel with reduced spectral
bandwidth (transmission rate exceeding 1 bit/s/Hz).

The first group of methods uses multi-level frequency modulation
as a basis, together with adequate filtering of the modulating signal (e.g.
Gaussian filtering used with GMSK modulation) in order to reduce adjacent

15 channel interference. These methods have the advantage that they are easily
applied, and result in modulated signals of constant envelope. They
consequently permit transmitters to be fitted with power amplifiers which
operate in the saturated state. These amplifiers are readily available, cheap
and very efficient. However, in order to comply with constraints relating to

20 adjacent channel interference, the modulation index must be limited
considerably, and the modulating signal thoroughly filtered. This causes the
symbol spacing to be reduced, and this adversely affects the noise immunity
of the modulation. In other words, the sensitivity of the radio receivers is
limited.

25 Another group of methods uses phase-shift keying (PSK) and, if
necessary, differential phase shift keying (DPSK) as a basis, and the resulting
signal is filtered to ensure that standards relating to adjacent channei
interference are complied with. In general, a filter satisfying the Nyquist
criterion is used in order to limit inter-symbol interference. These methods

30 generally provide satisfactory sensitivity at the expense of a large variation in
the amplitude of the radio signal. Very linear amplifiers are therefore
necessary, and they are difficult to design and set up. In addition, they are
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where Ts is the duration of a synbol ai, and Sinc() is the cardinal sine
function. The approxination can be made by choosing the real coefficients
a, Band y. This provides digital filters whose restriction to a finite
|l ength is as accurate as 10 possible by \L/#'Srtue of the fast decay of the
Gaussi an function. The secondary |obes cadfsed by the limitation of the
digital filter Ienﬂw e thus mnimsed. The followng step consists in

defining t he YHEERM NFTiIerisangifys sREPERY &TEStS B aitorsny of makile sstgﬁaim

I I el at i b Qlebalin f ; : . S

Si \?Zﬁ Ke?eund@gogglse ?gﬁ"ﬁtﬁﬁgwﬁﬁ‘ﬁ%ﬂs{ﬁg "Prgtb h%%‘%yltﬁl%ﬁ%érﬁgp&? ﬁ&ﬁe e
energy of a csughl methomhcompiicatey( a) tramgrhittenivieay \comsidiekatsly i if tiverel atemidrgea
filter whose sRe tral rp wer tenplate is the Fourier transformof a function
h(t) (in othef (?Qfs‘,’afq(iﬁnsenergy is mnimmoutside the filter) if it

satisfiessthe fol | ow naoaghaldi@bnsInde! also 6584 (rfposed, .51 it 8! PatdntgO
where [err] (ug,6A§,3a84raer%l STSI{IT,:{%SIZO,nWhere an appropriate choice of a constellation and
of a coded modulation process prevents transitions in the constellation for
which the phase change is relatively large. This permits the variation in
amplitude of a radio signal to be reduced to values compatible with the
10 characteristics of amplifiers which are easier to design. However, the
reduction in amplitude is achieved at the expense of a considerable reduction
in the symbol spacing, which is very difficult to compensate by coding gains, in

particular in the error rate range of the greatest importance to speech

communications, i.e. for bit error rates (BER) of the order of 1072, especially

15 when the channel is affected by fading (Rayleigh fading).

An object of the present invention is to propose a digital
modulation group permitting joint optimisation of noise immunity, even in a
channe!l affected by fading, adjacent channel interference, and variation in
amplitude of the radio signal.

20 The invention thus proposes a digital modulation process
wherein the successive symbols of a digital stream are converted into phase
increments, an accumulated phase is obtained by adding the successive
phase increments, a modulating phase is obtained by filtering the accumulated
phase, a complex signal is produced whose argument represents the

25 modulating phase, two phase quadrature radio waveforms are respectively
modulated on the basis of said complex signal, and a radio signal resulting
from a combination of the two modulated waveforms is transmitted. According
to the invention, said complex signai is digitally filtered, and digital signals
obtained from the real and imaginary components of the digitally filtered

30 complex signal are converted into analog form before being respectively
subjected to anti-aliasing analog filtering and then mixed with the two radio

waveforms.

Said digital signals obtained from the real and imaginary

Tris is the replacement sheet
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The following algorithmis used to define the phase filter 15: 1) A power
tenplate filter is selected, i.e. a function h(t) whose Fourier transform
represents the required spectral tenplate. A filter identical to the one
selected as the I-Q filter is typically c?osen. O her choices are 25
obviously possible. In general, it is preférable to use a filter whose
digital inplenentation with a fairly short finjte inpulse response i

possi bl e. 2) campenenisoef therdigitalty fillered comiex signablypically) cansist rtpﬁd;?h's
wh Ot <T L t STS : ..

apS; gxi mat i gﬁﬁgﬂn}%ﬁﬁﬁa{%é’ﬁ%@r?g%){?%g 3i 8%1‘, ﬁgdgév%’r?‘?fﬁgsz?rﬁﬁféfzélrgl%neg\pgmgabl e
at the out pUFrcm‘estsh@s phess B préldistortiohedot hexample miseehBsmpemr qratant

[err]max is Ted to the accumul ataor 11. O her a’%)roxi mat i ons us{sngnay be

continuous f @RelGaIe doudl 4% @9hethe tedl gRd

5 subject to correction before being converted into analog form. The use of a

aginary componen

linearising process is not included directly in this invention. In many cases, the
invention will permit such a process to be dispensed with. In other cases, it
will permit the use of such processes to be simplified considerably (for
example, by not taking account of phase changes), in view of the small
10  variations in the signal envelope permitted by an appropriate choice of
parameters for filtering the accumulated phase and said real and imaginary
components. The criteria for this selection will be specified further on.
The invention permits digital radioc communication systems, in
particular professional radio communication systems, to be implemented in
15 accordance with applicable standards relating to adjacent channel
interference, and provides unequalled sensitivity and thus radic range, using
power amplifier components which are readily available on the market and
have a high power efficiency.
Anocther aspect of the invention relates to a digital modulator,
20 including means for converting successive symbols of a digital stream into
phase increments, a summator which accumulates the successive phase
increments {o produce an accumulated phase, a phase filter receiving the
accumulated phase and producing a modulating phase, means for producing a
complex signal whose argument represents the modulating phase, and a
25 modulator for respectively modulating two phase quadrature radio waveforms
on the basis of said complex signal, and for transmitling a radio signal
resutting from a combination of the two modulated waveforms, the modulator
comprising a digital filter to which the complex signal is applied, analog-digital
converters respectively processing the digital signals obtained from the real
30 and imaginary components of the digitally filtered complex signal, anti-aliasing
analog filters receiving the output signals from the analog-digital converters,
and two mixers each receiving one of the two radic waveforms and the output
signal from one of the two anti-aliasing filters.
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-8 - [err]max where t>T, could be used. 3) A function [err]n is calcul ated
iteratively using the followng formula: [err] 5 4) The nth
approxi mati on of the inpul se response of the phase filter, which is equal
to the derivative of the function [err]n_,4is cal cul ated. An approxi mation

of this derived function can al so be made usi ng an approxi mate anal yti cal

formula in order to facilitate subse uegt cal cul t{ons. The anqll tical
formula may be as foll er fgptures and advantages of thg gvention will become

oot 101 ent s PR CHom, tnesFoltikg Aemliprion ot MR fniing  SmsplidntsJhtur o5
t he char act eréfetence tofthe latasbed deawiogs avheereval uated with respect to the
criteria of - Figures 1 and 2 are block diagrams of a digital modulator in
5 accordance with the invention and an associated receiver respectively ; and
- Figures 3 and 4 are graphs respectively showing the
constellation and spectrum of a digital modulator according to the invention.
The modulator shown in Figure 1 comprises a unit 10 which

converts the successive symbois a; of a digital stream into phase increments

10 Ad. The successive phase increments A¢ produced by the unit 10 are
accumulated by a summator 11. The unit 10 may merely consist of a register
containing the possible values of the phase increments A¢ and addressed by
the current value of the symbol a;

in the embodiment of Figure 1, the symbol stream a; may

15 correspond either to a bit stream b; or another bit stream ¢; having with a lower
transmission rate, processed by a redundancy encoder 12. The bit streams b,
and c; derive from digital sources such as speech encoders, data sources,
etc., generally with error correction coding applied. If the encoder 12 is used,
the modulator of Figure 1 operates in accordance with a coded modulation

20 (see G. Ungerboeck “Channel coding with multi-level/phase signals”, IEEE
Trans. on Information Theory, Vol. IT-28, No. 1, January 1982, pages 55-67).
The unit 10, summator 11 and encoder 12 are timed by a clock signal CKS at
the frequency 1/T of the symbols a;.

The summator 11 stores a integer digital value k representing an

25 accumulated phase. This accumulated phase is thus stored as whole
multiples of a sub-muitiple of =, that is to say in the general form (k/P)r. For
each cycle of the clock CKS, the accumulated phase is incremented by a

value A$ depending on the current symbol a,. If each symbol represents m

bits, M = 2™ different values of the increment may be added in each cycle.
30 These M values are chosen so that the set of the increments is symmetrical
with respect to the value 0 so that the spectrum is symmetrical. Values of k of

This is the replacement sheet

Date: 0 3 WOV 199



I nterference power in adjacent frequency channel, variation in anplitude
and 15 noise immunity. |If the approximtion is unsuitable, the
calculations 1) to 4) are repeated by nodi fying the val ues of the phase

i ncrenents, and/or by nodifying the shape.of the |-Qfilter 17, and/or by
nodi fyi ng the shape of the filter referre% to under 1), and/or by nDdifying

th t f th h filt bt th ith
e P euthstirpe 6 71k & wal Risaly e sk dipra KR Teprrsests iR madtas@lons o
di gi tal f"tﬁ{dexTEﬁdnbasq\m'tnﬁL 315 of jhe am BubARRY OmeIeWc,% of éauéni/ be

repl aced by a bahk of phase Tilters'selected in accordance with the origin
of the synbodrsd;mbtéamlmrem‘éInISISOmilthemnd),vonb pasgjh&eFtDﬂ $Xa§nplﬁ5ko’bt-7m3s@d for

cases 25 where th dundanc der 12 i s, not a ot her . on
optim sed foPrga%E \ﬂf?é’r*éet'*‘ﬁﬁgéfe ger Mphax & G‘s‘@d"# glaximu
enbodi nent of the |Hvent|on the duration Ts of a
5 value of the phase increment A¢.
The accumulated phase is fed to a digital filter 15, referred to as

phase filter, whose sampling frequency 1/T,, set by a clock signal CKE, is
higher than the frequency 1/T¢ of the symbols a; (generally a multiple of that

frequency).

10 The output signal from the phase filter 15 is a modulating phase
¥, which a unit 16 converts into a complex signal, i.e. into two real signals, one
() representing the real component of the complex signal, and the other (Q)
representing the imaginary component.

That complex signal has a constant modulus, and an argument

15 equil to the modulating phase ¥. In other words, | = cos'¥ and Q = sin¥. The
unit 16 may merely consist of two read-only memory arrays addressed by the
output of the filter 15 at every cycle of clock CKE.

The complex signal is filtered by a digital filter which, in the
embodiment shown, consists of two identical filters 17 which respectively filter

20 the components | and Q.

Two digital-analog converters 18 convert the output signals of the
two filters 17 into analog form. The two resuiting analog signals are fed to low-
pass filters 19 in order to eliminate spectral aliasing components. Using
respective mixers 21, two quadrature radio waveforms at the carrier frequency,

25 deriving from a local oscillator 20, are mixed with the signals deriving from the
anti-aliasing filters 19. The two waveforms thus modulated are combined by a
summator 22 whose output is fed to the power ampilifier 23 of the transmitter.

if the amplifier 23 were linearised by pre-distortion, it would be
necessary to correct the filtered components | and Q, between the filters 17

30 and converters 18, before converting them into analog form.

The receiver shown in Figure 2 includes a low-noise amplifier 30
which amplifies the signal picked up by the antenna. its output is converted to
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synbol ai is 125 [err]s. The nunber of bits per synbol is 2, the phase

I ncrenments being -[err], -[err]/3,[err]/3 or [err]. The bit rate is then
16 kbit/s. The spectral 30 specifications are those of the ETSI standard
300-113. The finite inpulse -9 - respogse of the phase filter 15 has a

| ength of 4 synbols and the form(2) with”a = 0.77, B = 0.5 and [err]' =

0. The finite inpul se response of the I-Qfilter 17 has | ength of 8
synbol s and BRdNesMediaty fgauengy Usngsa ngxer g1 éhangi-p@sgf’fitf.f%%rmwaﬁiﬁe%

Lo b or i VisHeiisPRAUEAS SR G, ST Arpirels athesop ar e,
Figure 3. A eeplifiem@3l Vard athesrmixersuddl provite babébdred coteersicsi by emixing
ratio with two quadrature waveforms. The two quadrature analog components
5 deriving from the mixers 34 are fed to identical low-pass filters 35, then
converted into digital form by analog-digital converters 36. The digital
components I’ and Q' deriving from the converters 36 are fed to a channel
demodulator 37.
The demodulator 37 carries out demodulating operations
10  corresponding to the incomplete modulator consisting of the components 10,
11, 15, 16 and (if necessary) 12 of the transmitter shown in Figure 1. Since
this incomplete modulator essentially performs continuous phase modulation
(CPM), the demodulator 37 may take the form of a conventional CPM

demodutator. It may, for example, be based on a demodulation trellis in order
15  to apply the Viterbi algorithm. The demodulator 37 delivers estimates 51 or C;
of the bits b; or ¢; fed o the modulator.

Advantageously, the demodulator 37 may include two trellis. It
uses either one of the trellis, depending on whether the encoder 12 is used at

the transmitter or not. The first trellis includes modulation states. In principle,

20 the number of these states is M1 x P, where L is the memory of the phase
filter 15 expressed in number of samples, M is the number of points on the
constellation, and P is the denominator of the modulation index. However, it is
generally possible to considerably reduce the number of states of the
demodulation trellis without adversely affecting the quality of reception

25  significantly. The second one of the trellis further includes the coding states of
the redundancy encoder 12, in accordance with the principle of coded
modulations. This second trellis is employed if the encoder 12 is used at the
transmitter.

In the modulator design, the values of the phase increments A

30 are first chosen, as indicated hereabove. The filter 17 which processes the
components | and Q and determines the spectral characteristics of the
resulting signal is then constructed. The characteristics of this filter 17 must
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bet ween t he maxi num i nst ant aneous power and the average power is only 1.2
dB, whereas the ratio between the maxi nrum and m ni mum i nst ant aneous 10
powers is less than 2.4 dB. Because of these characteristics, the
nodul ati on can be used with weekly |inearipsed power anplifiers, easy to

adj ust and having an efficiency very closeto that of saturated anplifiers.
The spectrumis shown in Figure 4. |t can be noted that the |evel of

adj acent chahfe®s | §0s8 fasr rssibles o dhpse ool Hivy recriviag Biter wPpsisting ofothe 15

demandi ng st gﬁﬁi@;ﬁ@ l&ngg%gahwi ty performance is excellent since,

with a chann ussrran'white noise, an error rate of 1%is

noted for a signal -to- AcadeantadecusHoriNoithe Tidital Biters 1heuseaste mbcesathieonary
stations, whereas the sane error_rate of 1%is obtained for a

si gnal - t o- noFe@RegeNts Q. &3 afiteawithor finie dmayisgreepense selgpiasitoonosh
kmi h and gar ates are obtained using sinple
convent i O%al IE:E’S%%@@?SMH% Ecé%ﬁ%ﬁ%ﬁh{éﬁérrﬁ
f(t) = Sinc(at/T).Sinc(BYT).e (MY Ts)’ (1)
where T is the duration of a symbol a;, and Sinc() is the cardinal sine function.

The approximation can be made by choosing the real coefficients a, B and y.
This provides digital filters whose restriction to a finite length is as accurate as
10  possible by virtue of the fast decay of the Gaussian function. The secondary
lobes caused by the limitation of the digital filter length are thus minimised.
The following step consists in defining the phase filter 15. The
characteristics of this filter 15 are closely related to those of the digital filter 17.
A heuristic method is given hereunder based on the following mathematical
15  property: the energy of a complex function et with unitary modulus is
maximum in a filter whose spectral power template is the Fourier transform of
a function h(t) (in other words, that energy is minimum outside the filter) if it
satisfies the following equation:
[ hu-t).eimbdt = A (u).elm)
20 where A(u) is a real function.
The following algorithm is used to define the phase filter 15:
1) A power template filter is selected, i.e. a function h(t) whose
Fourier transform represents the required spectral template. A filter identical
to the one selected as the 1-Q filter is typically chosen. Other choices are
25 obviously possible. In general, it is preferable to use a filter whose digital
implementation with a fairly short finite impulse response is possibie.

2) A function @ equal to 0 where t<0, equal to Ad,,, /T, where
O<t<Tg and equal to A, Where t>T is used as a first approximation of the

phase change function, i.e. of the function available at the output of the phase

30 filter when the maximum phase increment Ad,y,,, is fed to the accumulator 11.

Other approximations using continuous functions equal to 0 where t<0 and
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trellis denpdulators with a very small nunber of states. Atrellis with
only three states can be used in the exanple shown. In the sanme enbodi nent
of the invention, the optional 25 redundancy encoder 12 permts the

I npl ementati on of a coded nodul ati on. Herg, t he redundancy coding is a
convol utional coding of rate 1/2, the bii“rate then being 8 kbit/s. The
filter values are identical, and a trellis with only four states nay be
used at the Aéppdwherei>Tseauldbeiusgdgain is of the order of 2.5 dB, and an
error rate of 1%is noted with Eb/No = 3.4 dB on a channel affected 30 by
Gaussi an white noise i8)a Atfnctiondy, iaselculated igrativgly wing the following

formula:
o | hu-t). @, () dt
ul =
T heu-t). @) df
5 4) The ni" approximation of the impulse response of the phase

filter, which is equal to the derivative of the function @, is calculated. An

approximation of this derived function can also be made using an approximate
analytical formula in order to facilitate subsequent calculations. The analytical
formula may be as follows:

10 g(t) = Sinc(at/Tg).Sinc(BY/T).e (M VTs) 2)

where o, B' and y' are real coefficients.

5) For one of these approximations (for example n = 2 or 3), the
characteristics of the modulation are evaluated with respect to the criteria of
interference power in adjacent frequency channel, variation in amplitude and

15 noise immunity. If the approximation is unsuitable, the calculations 1) to 4) are
repeated by modifying the values of the phase increments, and/or by
modifying the shape of the I-Q filter 17, and/or by modifying the shape of the
filter referred to under 1), and/or by modifying the approximation of the phase
filter obtained using the algorithm.

20 The retained phase filter is then implemented as a finite impulse
response digital filter.

The phase filter 15 of the modulator of Figure 1 could be
replaced by a bank of phase filters selected in accordance with the origin of
the symbol stream a,. This could provide a phase filter 15 optimised for cases

25 where the redundancy encoder 12 is not used, and another one optimised for
cases where the encoder 12 is used.

In a particular embodiment of the invention, the duration T of a
symbol a; is 125 us. The number of bits per symbol is 2, the phase increments
being -n, -n/3, 7/3 or n. The bit rate is then 16 kbit/s. The spectrai

30 specifications are those of the ETSI standard 300-113. The finite impulse
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1. Adigital nodul ati on process wherein the successive synbols (ai) of a
digital streamare converted into phase increnents ([err]), an accumul ated
phase i s obtained by addi ng the successive phase increnments, a 5

nodul ati ng phase ([err]) is obtained by fbltering t he accunul at ed phase, a
conpl ex signal is produced whose argunent“represents the nodul ati ng phase,
two phase quadrature radi o waveforns are respectively nodul ated on the

basis of sai tespomsesf the ghase fillad 18 hagd ensthyabd syebols angd the farnu(2) with

conbi nation of _t t y\o_ | at ed f OLIB. | ] d ar ac ised in
that said 10% Eod:'rg-('e 'éi@%éln%iys *dﬁgrﬁlﬁ ﬁ&% l$?§5§33§?1%5%n°§ﬁ%{@h@%ig’?t al
signal s obt ahagd hetR 618 syRMoIRBAd tHBIOMRLY) WRRORENE Sp E10 Dakf y EN@ 12,
digitally filtered Conpl ex signal are converted into anal og form before

bei ng respeciTheataluasibpedified foothenfiter paiaasitary couit dip féplaced by \wives obn
mxed with the two raaio wavefornms. 2. A process in accordance with claim
1, wherein t ﬁ?@?tc’é €15 filteri ng of said conplex signal consists of two

identical filtering opghatédhitelfition corresponding to that modulation is shown in
Figure 3. A very small variation in amplitude will be noted, since the ratio
between the maximum instantaneous power and the average power is only 1.2
dB, whereas the ratio between the maximum and minimum instantaneous
10  powers is less than 2.4 dB. Because of these characteristics, the modulation
can be used with weekly linearised power ampiifiers, easy to adjust and having

an efficiency very close to that of saturated ampilifiers.
The spectrum is shown in Figure 4. it can be noted that the level
of adjacent channel interference is very low and compatible with the most

15  demanding standards.

The noise immunity performance is excellent since, with a
channel affected by Gaussian white noise, an error rate of 1% is noted for a
signal-to-noise ratio E,/Nq of 5.5 dB in the case of stationary stations, whereas

the same error rate of 1% is obtained for a signal-to-noise ratio E/Ny of 16 dB

20 in a dynamic case (speed of 70 km/h and carrier at 400 MHz). These error
rates are obtained using simple conventional demodulators (Figure 2), ie.
trellis demodulators with a very small number of states. A trellis with only three
states can be used in the example shown.

in the same embodiment of the invention, the optional

25 redundancy encoder 12 permits the implementation of a coded modulation.
Here, the redundancy coding is a convolutional coding of rate 1/2, the bit rate
then being 8 kbit/s. The filter values are identical, and a trellis with only four
states may be used at the demodulator. The coding gain is of the order of 2.5
dB, and an error rate of 1% is noted with E,/N; = 3.4 dB on a channel affected

30 by Gaussian white noise in a stationary case.
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the real and inmaginary conponents thereof (1,Q. 3. A process in accordance
with claim2, wherein the digital filtering of the real or inmaginary
conponent of the conplex signal has a finite inpul se response correspondi ng
to a time characteristic having the fornHFfO f(t)
= Sinc(at/Ts).Sinc(Bt/Ts).e-([err]/Ts)[érr], where Ts is the duration of a
synbol of the bit stream a, B and y are real coefficients, and Sinc( is
the cardinal sine function. 4. A process .n.accordance with claim 3,
wherein the filtering of the accunulatéﬁigﬂgke has a finite inpul se
response corresponding to a time 25 <characteristic having the form g(t) =

Sinc(a’t/Ts). Sinc(B t/7s)a edilef Mdduistion'bRicBse wheReindRé sticcésdivéd 8nbols

coefficients.
(a) of a digital stream are converted into phase increments (A¢), an

accumulated phase is obtained by adding the successive phase increments, a

5 modulating phase (¥) is obtained by filtering the accumulated phase, a
complex signal is produced whose argument represents the modulating phase,
two phase quadrature radio waveforms are respectively modulated on the
basis of said complex signal, and a radio signal resulting from a combination
of the two modulated waveforms is transmitted, characterised in that said

10  complex signal is digitally filtered and in that the digital signals obtained from
the real and imaginary components (1,Q) of the digitally fiitered complex signal
are converted into analog form before being respectively subjected o anti-
aliasing analog filtering and then mixed with the two radio waveforms.

2. A process in accordance with claim 1, wherein the digital
15 filtering of said complex signal consists of two identical filtering operations on
the real and imaginary components thereof (1,Q).

3. A process in accordance with claim 2, wherein the digital
filtering of the real or imaginary component of the complex signal has a finite
impulse response corresponding to a time characteristic having the form:

20 f(t) = Sinc(al/T,).Sinc(BYTg).emVTs),
where Ty is the duration of a symbol of the bit stream, a, B and y are real

coefficients, and Sinc() is the cardinal sine function.

4. A process in accordance with claim 3, wherein the filtering of
the accumulated phase has a finite impulse response corresponding to a time
25 characteristic having the form:

g(t) = Sinc(a'tTg).Sinc(BYT,).e(mVTs)

where o', B’ and y' are real coefficients.

RO A This i the replacament sheet

Date: © 3 ROV 1958



5. A digital nodul ator conprising: neans (10) for converting the successive
synbols (ai) of a digital streaminto phase increnents ([err]), a sunmator
(11) which accumul ates the successive phase increnents to produce an
accunul at ed phase, a phase filter (15) regeiving the accunulated 5 phase
and produci ng a nodul ati ng phase ([err]), 'neans (16) for producing a

conpl ex signal whose argunent represents the nodul atin hase, and a

nodul at or for respecti5e|®fd#ﬁjmuﬂmd%0fﬁ@"%*§§’@imﬁﬁﬂsaa &or ernveriiRg ieor s

Cosul 1 ﬁgsi fsﬁ%%ess%hﬁﬁﬁiﬁbﬁﬁﬁ & %ﬁ%’?&i@%@%ﬁfhi B85 RiirseohsdernBhly (e s
10 i : 0 . . ;
corpl ex o, gnsiTIGh Ard wAREP EcSER s Pl ulcbpisiie | ifged dndidhishi o
processi ng t beodliogl armlaceignited pbuas nahhiase fiteh¢15)emceirdy theagcaanylated

conponents (I, Q of the digitally filtered conplex signal, anti-aliasing
anal og fi?%teP5aga @nd praduging a Rodyiatipg: phase (¥), means (16) for producing a

complex signal whose argument represents the modulating phase, and a
modulator for respectively modulating two phase quadrature radio waveforms
on the basis of said complex signal, and for transmitting a radio signal
resulting from a combination of the two modulated waveforms, characterised

10  in that the modulator comprises a digital filter (17) to which said complex signal
is applied, analog-digital converters (18) respectively processing the digital
signals obtained from the real and imaginary components (1,Q) of the digitaily
filtered complex signal, anti-aliasing analog filters (19) receiving the output
signals from the analog-digital converters, and two mixers (21), each receiving

15 one of the two radio waveforms and the output signal from one of the two anti-
aliasing filters.

8. A modulator in accordance with claim 5, wherein the digital
filter, to which said complex signal is applied consists of two identical filters
(17) receiving respectively the real and imaginary components (i,Q) of the
20 complex signal.

7. A modulator in accordance with claim 8, wherein the digital
filter (17) processing the complex signal has a finite impulse response
corresponding to a time characteristic having the form:

f(t) = Sinc(at/T).Sinc(B/Tg).e WTs),
25 where T is the duration of a symbol g, of the bit stream, o, B and y are real

coefficients, and Sinc() is the cardinal sine function.

8. A modulator in accordance with claim 7, wherein the phase

filter (15) has a finite impulse response corresponding to a time characteristic
having the form:

30 g(t) = Sinc(a'tT).SincBYT).e-(mTsF,

A
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signals fromthe anal og-digital converters, and two m xers (21), each
receiving 15 one of the two radi o waveforns and the output signal from one
of the two anti- aliasing filters. 6. A nodulator in accordance with claim
5, wherein the digital filter, to which g? id conplex signal is applied
consists of two identical filters (17) el ving respectively the real and
i magi nary caﬂgonents , of the 20  conplex signal. 7. A nodulator in
accor dance ﬁrQ:P‘alﬁr’r?Gd Ymﬁ@rr@?hc‘?ﬁfﬁc'éﬂﬁ tal filter (17) processing the
conpl ex signal has a finite inpul se response corresponding to a tine
characteristic having ?h dllat

Sinc(at/Ts).Sinc(Bt/Ts err “]r)?fcord?ncezgﬁthvﬁ]%lpGST\ghlegel? rTé -E:Il]'r?'ayl 'on of
a synbol ai gheh grﬁh‘oﬁ (§? b?ﬁ?@u bﬁ’stve%né‘%n is® &f f\ﬁ‘@bstQOﬁfefbﬁééﬂ"Fn%rerﬁBHts

Sinc() is the cardinal nction. 8. nodu n accordance wt
claim7, wheyghrbhe, PR 63 or n, and o ~ 1-6, B~01,y~012 o' ~ 077, '~ 05 and

5 v =0
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filter (15) has a finite inpul se response corresponding to a tine
characteristic having the form 30 g(t) =

Sinc(a't/Ts).Sinc(B t/Ts).e([err]/Ts)[err], -12- where a', B and y' are
real coefficients. 9. A nodulator in accordance with claim8, wherein Ts =

125ps, each synbol (ai) of the bit streamconsists of two bits, the phase
I ncrements ([err]) are -[err], - [err]/3, [err]/3 or [err], and a [err] 16,
Blerr] 0.1,y [err] 0.12, a[err] 0.77,-B3z-05 and 5 y'[err]O.

ABSTRACT

DIGITAL MODULATION PROCESS, AND MODULATOR
IMPLEMENTING THE PROCESS

The successive symbols (a;) of a digital stream are converted

into phase increments (A$) which are accumulated. A modulating phase (¥) is
obtaine'd_ by filtering the accumulated phase. A complex signal is produced
whose argument represents the modulating phase. Two phase quadrature
radio waveforms are respectively modulated on the basis of that complex
signal, and a radio signal resuiting from a combination of the two modulated
waveforms is transmitted. The complex signal is, in tumn, filtered digitally. Its
real and imaginary components (1,Q) are converted into analog form, and are
subjected to anti-aliasing analog fitering and then mixed with the two radio
waveforms.  Appropriate sizing of the digital filters provides efficient
modulation with small envelope variations, causing little adjacent channei

interference and a low error rate.
Figure 1 and 2
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