
EP 0 532 702 B1 Description This invention relates to digital FM recording
of a signal, such as the digital recording of an FM video signal 5
BACKGROUND Analog generation of an FM video signal for recording presents
various problems, including aging of com- ponents, tolerances in the
circuitry generating the carrierand the carrier deviation, and pre-emphasis
circuitry which vary significantly from the nominal. Digital FM modulating
techniques have, heretofore, been cumber- 10  some requiring the use of a
substantial amount of circuitry and excessive memory storage. A
conventional cir- cuit for digital FM can for example be found In EP-A- 0
068 535. A feature of the invention is a digital synthesizer technique and
system which avoids the disadvantages of analog modulation, without
introducing the complexity of typical digital signal processing. 15
SUMMARY The invention Is characterized by the appended claims. A digital
synthesizer generates a sequence of digital output samples representing
modulation of a carrier by an input signal. The synthesizer is supplied
with digital input samples representing the input signal. A cal- 20
culator stage, responsive to the digital input samples calculates a
sequence of pulse periods defining a pulse duration modulated signal that
represents the modulation of the carrier by the input signal. An output
sample generating stage operates on the sequence of pulse periods for
generating the sequence of digital output sam- pies representing the
carrier modulated output signal. 25   BRIEF DESCRIPTION OF THE DRAWING
FIGURES 1a and 1b illustrate exemplary waveforms of a modulating input
signal and a corresponding modulated output signal, respectively, including
representative digital samples in both signals, derived in accordance with
inventive aspects; 30      FIGURE 2 illustrates a flowchart of an inventive
method used to calculate the pulse periods of the FM modulated signal
illustrated in FIGURE 1 b; FIGURE 3 illustrates a flowchart for calculating
FM output samples from the calculated values of the FM signal pulse
periods; and FIGURE 4 Illustrates in block diagram form an FM record system
which incorporates an inventive digital 35      FM synthesizer technique.
DESCRIPTION OF THE INVENTION In an FM modulated system, the FM modulated
output signal, FM(t), may be defined as 40
FM(t) = sin{2[err * Freq(t) * t}  Eq. (1) where an instantaneous frequency,
Freq(t), may be defined by Freq(t) = CAR + DEV * M(t) Eq. (2) where M(t) is
the modulating signal, CAR is the carrier frequency, and DEV is the
deviation. The solid line waveform of FIGURE la illustrates the waveform of
an exemplary video signal, V(t), such 45  as a luminance signal, that is to
be FM modulated onto a carrier prior to recording. The solid line waveform
of FIGURE lb illustrates the resultant FM modulated signal, FM(t). A
digital synthesizing technique according to the Invention may be used to
generate FM(t) from V(t). The synthesis method interprets the FM signal as
a pulse duration modulated signal. That is to say, the FM output signal of
FIGURE lb may be considered as a pulse sequence, 1,2,3, j.... each pulse
having a period, TO), that 50  is determined by the modulating video signal
V(t), and by the various FM system parameters such as carrier frequency,
CAR, and deviation, DEV. Additionally, the signal may be considered a
bipolar one, in the sense that the pulses alternate in polarity. To
ascertain the value of each pulse period T(i) using a closed form equation
is possible for only a few simple modulating signals. In general, the
modulating video signal V(t) is much too complex for closed form 55
expression. Advantageously according to an inventive arrangement of a
digital synthesizing technique, one need con- sider only the average
frequency, Freq [rtt] of FM(t) over an interval At. Taking Equation (2)
into account, the average frequency, Freq[err] may be defined as 2  



EP0532702B1 Freq[err] = CAR 4 DEV*V[err]  Eq.(3) where 5
(V(t) VAV  =           t                                      Eq. (4) [err]
10   , i.e. [err] is the average value of the modulating video signal V(t)
over the interval At. Because the amplitude of the FM modulated output
signal, FM(t), of FIGURE l b is constant, only the fre- quency, i.e. the
time TO) between zero crossings, is the variable of importance. For this
reason, the smallest time interval, At, to consider in evaluating Equations
(3) and (4), for any given pulse j, is the corresponding pulse period TO).
15     In accordance with an inventive feature, the calculation of the
Intervals TO) is greatly simplified by pro- viding discrete time samples,
s(i) = s1, s2, s3, ..., of the modulating video signal V(t), having
corresponding sampled values V1, V2, V3, ..., as illustrated in FIGURE 1a,
The minimum rate, 1/[err], is determined by the Ny- quist criterion in
accordance with the highest frequencies of the video signal V(t) that are
to be recorded, e.g. 3 megahertz in a VHS system. Advantageously, this
rate, which establishes the sampling speed requirements 20  of the
analog-to-digital converter, may be significantly lower than the output
sample rate of the FM modulated signal that is applied to the
digital-to-analog converter. Note that the number of samples, K(j), that
occur within any given output pulse period T(j) varies as the frequency of
the FM modulated signal FM(t) varies. Thus, as illustrated in FIGURES 1a
and 1b, the number of samples in the pulse period T(2) is K(2)=2, while the
number of samples in the Interval T(4) is K(4)=3. 25      To calculate a
given pulse period T(j) from the sampled values of the modulating video
signal V(t), one may use Equations (3) and (4), to equate the reciprocal of
the pulse period to twice the average frequency, Freq[err] when averaged
over that pulse period, i.e. when averaged over the time At=T(j). Thus
l/T(j) = 2 * Freq[err]([err] = T(j)) Eq. (5) By having available discrete
samples of the modulating signal, the integral expression used in
calculating 30  the average modulating signal [err] of Equation (4) may be
approximated by a piecewise summation over the interval T(j). When this
done, the average modulating signal may be taken as, [err], over the
interval TO), resulting in 1/T(j) = 2 * [CAR + DEV * [err]] Eq. (6) where
35 K(j)-1 Equation  (7) 45 and [err] where, in accordance with the
notations shown in FIGURES la and 1b, V(j,n)   = the n-th sampled value
within a given pulse period TO), of the baseband modulating video signal 50
V(t), where n is a counter index, initially set equal to 1; K(j)     = the
number of samples in the output pulse period T(j); [err]    = the residual
time from the first (left-most) zero crossing point of the continuous-time
FM modulated output signal FM(t) of a given pulse period T(j) to the time
of the first sampled value, V(j,n=1), of the modulating video signal within
that period; 55   [err]     = the time from the last sampled value,
V(j,K(j)), of the modulating video signal within the period TO) to the
second (right-most) zero crossing point of FM(t) of that period; [err]
= the sampling period of the baseband modulating video signal V(t). As an
example, take the 4th pulse period T(j=4) of FIGURES 1a and 1b. Four
sampled values of video 3  



EP 0 532 702 B1 signal V(t) are needed. Three of the sampled values,
V(4,1), V(4,2), and V(4,3), are found in the 4th Interval, (K equals 3),
and the remaining sampled value is the last sampled value of the previous
pulse period, sample V(3,2). The average value [err] of the modulating
video signal in the 4th pulse period is computed in accordance 5   with
Equation (7): [err] A difficulty arises when one attempts to use Equations
(6), (7) and (8) to calculate a sequence of output pulse periods TO) of
FIGURE 1 b, given only the sequence of Input samples s(l) of the modulating
video signal 10  V(t) in FIGURE la. To directly calculate a given pulse
period TO) using these equations requires a priori knowl- edge of the end
point of the period itself and a knowledge of the total number of samples
K(j) of V(t) falling within that period. To overcome this difficulty, an
Iterative process is used which maintains a running, average period, [err]
over the first h samples occurring in a given pulse j. initially h is set
to 1 at the beginning of the calculation of 15  a given pulse period TO),
and is then Incremented by 1 to include another sample for use in another
iteration when a new value of the running average period [err] is
calculated. This procedure is repeated until the inclusion of another
sampling interval [err] results in the total time, [err] + [err], exceeding
the running average period [err](j,h), where [err] is calculated from the
beginning-point zero crossing of the pulse to the time of the current input
sample. This indicates that by adding an additional sample 20 interval, the
end-point zero crossing of the current pulse period has been exceeded. From
this fact, one may conclude that the current value of the running average
period, [err], equals the pulse period TO), and that the total number of
samples K(j) in the pulse period equals the current value of h. To
calculate the running average period [err], consider the fact that
Equations (6), (7) and (8), are valid expressions (once certain variables
are suitably redefined) for any number of samples h. Thus one obtains 26
[err] [err] 40    where [err]       = the residual time, if any, that is
presentfrom the last zero crossing of the continuous-time out- put signal
to the first output sample point in the current output Interval; [err]
= the remaining time in the current output interval; h          = a counter
index number indicating the numberof input samples of V(t) found in the
current out- 45              put interval; In order to simplify notation,
introduce the running time variable used to determine if enough
discrete-time has passed to complete a full pulse period TO), and further
intro- duce the variable 50 h-1 [err] [err] 4    EP 0532702 B1 The variable
[err],h-I) may be viewed as an average value of the modulating signal V(t),
averaged in time from the beginning of the pulse period to a point that
ends at sample h-1, i.e. averaged in time over the time [err]). This is
illustrated in FIGURE 1a, for the 4th pulse period that contains input
samples s7, s8 and s89, preceded by the sample s6, the last sample of the
previos pulse period. 5      Assume that the iterative process has
proceeded to the point where [err] and [err] have been calculated 



using the samples through sample h-1=2, i.e., through the 2nd sample,
sample s8. Based on Equation (11), the accumulated running time,
[err](4,2), from the beginning of of the 4th pulse Interval to the 3rd
sample s9, is equal to [err](4)+ 2[err]. The discrete-time average value
V[err](4,2) of the modulating signal averaged over the accumulated running
time is the total of the 3 areas shown in hatching in FIGURE la divide by
[err]. The sample 10  values used in the calculation includes the last
sample, s6, in the previous pulse period, as well as the first two samples,
s7 and s8, in the current period. Once [err] has been calculated, the
running average period [err],h) may be obtained in the following man- ner.
Equation (10) may be rewritten as 15        [err] The discrete-time average
value [err] was calculated using a rectangular approximation of V(t)
between two actual sample points. Other approximations, such as a straight
line connection between two sample points, may be used, at the possible
expense of having a more complicated calculation algorithm. It is Important
to note that a zero crossing of the output signal must occur when [err] >
[err]. The instanta- 20   neous frequency is not known exactly until this
condition Is met. It is possible however to determine if a zero crossing
should occur between two sample times t=[err] and t = [err] + [err] by
evaluating [err] at [err]. For example, in FIGURES 1a and 1 b, a zero
crossing occurs between samples s9 and s10. To determine that such a zero
cross- ing has occurred, it is necessary to note that [err] 25   ,
resulting In [err] [err]           CAR+ DEV e V(j,h)              Eq.(15)
Thus at any value of h, the values of [err]), [err])and [err]) can be
calculated from the sampled input, given that CAR and DEV are known numeric
constants. It should be noted that there are no input sample 30  values
which can cause [err] to be less than [err] + [err]. After [err] is
calculated, it is necessary to determine whetherornot [err]. If it is
greater, then a new value of [err] and [err] is calculated and h is
Incremented by 1. If [err] +[err] > [err]), then It is necessary to store 3
values In an output memory queue. These are [err] and the residual time
[err]. These values are used in conjunction with a relatively small ca- 35
pacity sine ROM lookup table to calculate discrete-time values of the FM
modulated output signal, as will be later described. To calculate the next
pulse period T(j+1), it is necessary to calculate a new value of the
residual time, [err], for the next output pulse, pulse j+1. The new value
Is is (j+1)=[err]. After the new value of [err] is calculated, h is reset
to 1. However, if [err] is ever 0, for example, if [err]=O then h is set to
2. After 40 these data updating steps have been performed, the process of
evaluating the next running average period [err](j+1 ,h) is then initiated.
Aflowchart describing the above procedure is given in FIGURE 2. It should
be noted that for initialization purposes the first output pulse, pulse j=1
of FIGURE 1b, is arbitrarily chosen as a positive pulse and phased relative
to the first input sample s1 so as to set the first residual time [err] =
0. Any subsequent residual time 45  can then be determined once its
preceding pulse period has been calculated. Discrete-time values, FM(j,n),
of the FM modulated output signal, shown in FIGURE 1 b, may be calculated
for each pulse j, based on the values of TO), [err] and [err] stored in the
output memory queue. The equation for FM(j,n) is 50
[err] for n=1 ,2,...,[err], and where SGN(j) is the sign function, i.e.
(-1) raised to the j-th power. The change In polarity of alternate output
pulses introduced by the sign function is indicative of the quantization of
the output signal. The values of FM(j,n) are then supplied to a
digital-to-analog converterfor generating the continuous-time FM modulated
output signal FM(t) of FIGURE 1b. 55      It may be advantageous to operate
the digital-to-analog converter in the modulatoroutput stage at a faster
rate, [err] than the rate, [err], for which input samples s(i) are being
generated. Equation (16) is then modified to the following   



EP 0 532 702 B1 [err] for p=0,1,2.... The time [err]) represents the
residual time between thefirst zero crossing instantof the -th out- put
pulse and the occurrence of the first computed output sample FMO,0) in that
pulse period. For initialization 5   purposes, the residual time [err](1)
of the first pulse is set to 0. When the countervariable p has been
incremented to the point where a new pulse period is being entered, a new
value T(j+1) for the next output pulse period is fetched from memory. The
counter variable p is reset to o before beginning the calculation of a new
sequence of outputsamples in the pulse period j+1. Storing in mem- ory of
the calculated values [err] and K(j) is unnecessary since they are not
being used for the calculation of 10  the output samples FMO,p). Aflowchart
of the steps taken to calculate the sequence of output samples FMO,p) is
provided in FIGURE 3. The digital FM synthesizing technique just described,
in accordance with various inventive aspects, may be used to record an
input signal on a recording medium. For example, this technique may be used
to record a luminance, chrominance, or composite video signal on video
tape. 15     The circuit is compatible with all FM record standards (NTSC,
PAL and SECAM for VHS or SVHS), with the only restriction being the
sampling rate of the A/D and the conversion rate of the D/A. This greatly
reduces the parts count external to the IC's in, e.g.  a multistandard
recorder. Ablock diagram of a VCR record system 30, including a digital FM
synthesizer 10 embodying the invention, is shown in FIGURE 4. The clock
input to the digital part of the system, fck is greater than 25 megahertz
for 20  PAL in the SVHS standard and Is approximately 20 megahertz for PAL
in the VHS standard. A low pass filter 11 may be used to eliminate
frequencies in the inputsignal Vin above the Nyquistfrequencyof
analog-to-digital converter, AD 12 (10 megahertz). The A/D could actually
operate at approximately 10 megahertz clock fre- quency, f1, forvideo
applications without loss of signal fidelity. Input signal Vin may be,
illustratively, an analog baseband luminance signal. 25     A pre-emphasis
filter 13 receives the digitized input signal. The filter may be
constructed as a standard Infinite Impulse Response or Finite Impulse
Response digital filterwhich approximates the pre-emphasisfunc- tion for
the recording system being used (1.3 microsecond for PAL VHS). The output
of pre-emphasis filter 13 is applied to a clipping circuit 14, which is
used to limit the minimum and maximum frequency of the output FM signal.
This is easily Implemented with a lookup table on the output 30  data from
the digital filter section. This assumes that video clamping and AGC are
applied to the signal, by circuitry not shown, priorto filtering.
Otherconventional processing of the signal priorto entering the modulator
stage are also omitted from the figure. A digital FM modulator 15,
embodying the invention, receives the digital samples s(i) from the output
of clipping circuit 14 and generates digital FM output samples, FM(jn) or
FM(j,p), calculated in accordance with 35  the digital synthesizing
techniques described above. The digital FM modulator stage is similar in
concept to an IIR filter because it uses a group of time domain samples to
calculate the output signal. This implies a fixed delay from the input to
the output Modulator 15 is arranged in three stages. The first stage 16
receives the digital input samples s(i) and cal- culates the sequence of
output pulse periods TO) and the associated sequences for the residual
times [err] 40  and the sample counts K(j). The second stage 17, a memory
stage, stores the values of TO), [err] and K(j). These values are then
fetched by the last stage 18, the FM modulatorstage, to generate the
sequence of digital FM modulated output samples FMOn). Memory stage 17
functions as a first-in-first-out, FIFO, queue The queue prevents the
output calculator in FM modulator stage 18 from running out of values of
TO), [err] and K(j) when the current output frequency 45  is higher than
the next, i.e. during a maximum white to maximum black transition. If
modulator stage 18 cal- culates the output samples as samples FM(j,p), In
accordance with the algorithm of the flowchart of FIGURE 3, then memory
stage 17 need store only the values of T(j). A digital-to-analog converter,
DIA 19, operating at an output clock rate f2, converts the FM output
samples from modulator stage 18 into an analog signal FM(t). The FM signal
is then sent to the VCR record electronics 50  stage 20 for recording the
signal on magnetic tape. If the modulator stage operates at an output rate
that is higher than the input sampling rate f1, e.g. at the 



DIA conversion rate f2, then the output rate must exceed 2*(CAR + [err] +
DEV/2), where [err] is the maximum frequency of the input modulating
signal. There need be no direct relationship between the input sampling
rate f2 and the FM output conversion rate. This permits the use of an
existing clock that is available in the VCR, 55  e.g. of a clock operating
at 4Fsc = 17.734476 megahertz, when processing a PAL video signal. Because
the input sampling rate and the output conversion rate need not be directly
related, the calcula- tions of the pulse periods T(j) may be performed at a
comparatively low frequency (6-7 megahertz) while the output converter runs
at a high frequency (4 times the input rate). This has two advantages. The
more complex 6    EP 0 532 702 B1 stage which calculates the pulse periods
may be implemented with higher resolution in order to preserve signal
accuracy and fidelity. The output sine table, adders and D/A's do
notrequireas much accuracydue to the over- sampling of the sine function.
This reduces the complexity of the hardware required to implement the modu-
lator. 5      The arrangements described above advantageously minimize
calculation time, minimize the required memory space, and minimize the
required analog bandwidth. Close tolerances are maintained on the carrier
and deviation, to within the tolerances of the various clocks used by the
system. Low input sampling rates and output D/A conversion rates are used,
typically digital video rates. No external analog adjustments are re-
quired, resulting In minimal drift with aging, according to the clock
drifts. Few unit-to-unit variations in pre-em- 10  phasis are found, and
record format changes under software control is made possible. Claims 15
1.  Digital frequency synthesizerfor generating a sequence of digital
output samples representing frequency modulation of a carrier by an input
signal, characterized in comprising: means (12,13,14) for supplying digital
inputsamples s (i)of said Input signal (Vin); means (16) responsive to said
digital input samples for calculating a sequence of pulse periods defining
a pulse duration modu- lated signal T (j) that represents frequency
modulation of a carrier by said inputsignal; and output sample 20
means (17, 18) operating on said sequence of pulse periods forgenerating
said sequence of digital output samples representing a carrier frequency
modulated output signal corresponding to said pulse duration modulated
signal. 2. Synthesizerof claim 1 further comprising means including record
electronics (20), responsive to said dig- 25      Ital outputsamples (FM),
forrecording a signal on a recording medium representative ofsaid output
signal. 3.  Synthesizer of claim 2 wherein said recording medium is a video
tape. 4. Synthesizer of claim 3 wherein said input signal comprises a
luminance signal. 30  5.  Synthesizeraccording to claim 1 wherein said
output sample means generates a sequence of digital output samples that
defines a sequence of output pulses having pulse widths corresponding to
said sequence of pulse periods. 6.  Synthesizer according to claim 5
wherein said sequence of output pulses is a sequence of pulses which 35
alternate in polarity. 7.  Synthesizer according to claim 1 wherein said
digital output samples represents an FM carrier modulated output signal. 40
8.  Synthesizer according to claim 7 wherein said sequence of output pulses
is a sequence of pulses which alternate in polarity. 9.  Synthesizer of
claim 1 including a digital-to-analog converter (19) receiving said digital
output samples (FM) for generating said carrier modulated output signal as
an analog output signal . 45  10. Synthesizer of claim 9 Including record
electronics for recording said analog output signal on a recording medium.
11. Syntheser of claim 10 wherein said recording medium is a video tape. 50
12. Synthesizer of claim 11 wherein said Input signal comprises a luminance
signal. 13. Synthesizer of claim 9 wherein said input signal (Vin) is an
analog signal and said supplying means (12, 13, 14) comprises an
analog-to-digital converter (12) receiving said analog input signal for
supplying said 



digital Input samples at an output thereof. 55 14. Synthesizerof claim 13
wherein the sampling rate of said analog-to-digital converter (12) is
different than the sampling rate of said digital-to-analog converter (19).
7    stage which calculates the pulse periods may be implemented with
higher resolution in order to preserve signal accuracy and fidelity. The
outputsine table, adders and D/A's do not require as much accuracy due to
the over- sampling of the sine function. This reduces the complexity of the
hardware required to implement the modu- lator. 5      The arrangements
described above advantageously minimize calculation time, minimize the
required memory space, and minimize the required analog bandwidth. Close
tolerances are maintained on the carrier and deviation, to within the
tolerances of the various clocks used by the system. Low input sampling
rates and output D/A conversion rates are used, typically digital video
rates. No external analog adjustments are re- quired, resulting in minimal
drift with aging, according to the clock drifts. Few unit-to-unit
variations in pre-em- 10  phasis are found, and record format changes under
software control is made possible. Claims 15  1.  Digital frequency
synthesizerfor generating a sequence of digital output samples representing
frequency modulation of a carrier by an input signal, characterized in
comprising: means (12,13,14) for supplying digital inputsamples s(i) of
said inputsignal (Vin); means (16) responsive to said digital input samples
for calculating a sequence of pulse periods defining a pulse duration modu-
lated signal T (j) that represents frequency modulation of a carrier by
said Input signal; and output sample 20      means (17,18) operating on
said sequence of pulse periods for generating said sequence of digital
output samples representing a carrier frequency modulated output signal
corresponding to said pulse duration modulated signal. 2. Synthesizer of
claim 1 further comprising means including record electronics (20),
responsive to said dig- 25      ital output samples (FM), forrecording a
signal on a recording medium representative of said outputsignal. 3.
Synthesizer of claim 2 wherein said recording medium is a video tape. 4.
Synthesizer of claim 3 wherein said Input signal comprises a luminance
signal. 30  5. Synthesizeraccording to claim 1 wherein said outputsample
means generates a sequence of digital output samples that defines a
sequence of output pulses having pulse widths corresponding to said
sequence of pulse periods. 6. Synthesizer according to claim 5 wherein said
sequence of output pulses is a sequence of pulses which 35      alternate
in polarity. 7. Synthesizer according to claim 1 wherein said digital
output samples represents an FM carrier modulated output signal. 40  8.
Synthtesizer according to claim 7 wherein said sequence of output pulses is
a sequence of pulses which alternate in polarity. 9. Synthesizer of claim 1
including a digital-to-analog converter (19) receiving said digital output
samples (FM) for generating said carrier modulated output signal as an
analog output signal . 10. Synthesizer of claim 9 including record
electronics for recording said analog output signal on a recording medium.
11. Synthesizer of claim 10 wherein said recording medium is a video tape.
50  12. Synthesizer of claim 11 wherein said input signal comprises a
luminance signal. 13. Synthesizer of claim 9 wherein said input signal
(Vin) is an analog signal and said supplying means (12, 13, 14) comprises
an analog-to-digital converter (12) receiving said analog input signal for
supplying said digital input samples at an output thereof. 55 14.
Synthesizerof claim 13 wherein the sampling rate of said analog-to-digital
converter (12) is different than the sampling rate of said
digital-to-analog converter (19). 



7    EP 0532 702 B1 15. Synthesizer of claim 13 wherein sampling rate of
said analog-to-digital converter is slower than the sam- pling rate of said
digital-to-analog converter. 16. Synthesizeraccording to claim 1 Including
means (17) forstoring said sequence of pulse periods in a morn- 5
ory, said output sample means (17. 18) fetching said stored sequence from
said memory as needed, so as to calculate the values of said digital output
samples. 17. Synthesizer according to claim 1 wherein said calculating
means calculates said sequence of pulse per- iods TO), j=1, 2, 3,... that
defines a sequence of pulses of said pulse duration modulated signal repre-
senting FM modulation of a carrier by said Input signal, in accordance with
the equation: 1/T(j) = 2 * [CAR + DEV * V[err] where and 20
[err] where, CAR = the FM carrier frequency; DEV = the FM deviation; V(jn)
= the n-th one of said input samples within a given pulse period T(j),
where n is a counter index, 25      initially set equal to 1; K(j) = the
number of said Input samples in the pulse period TO); [err] =the residual
time from the firstzero crossing point of said pulse duration modulated
signal of a given pulse period TO) to the time of the first one, V(j,n=1),
of said input samples within that period; [err] = the time from the last
one, V(j,K(j)), of said input samples within the period TO) to the second
zero 30      crossing point of said pulse duration modulated signal within
that period; and [err] = the sampling period associated with said Input
samples. 18. Synthesizer according to claim 17 wherein said output sample
means generates said sequence of digital output samples, FM(j,n) in
accordance with the equation: 35                           FM(j,n) = -
SGN(j) * [err] 19. Synthesizer according to claim 18 including means (17)
for storing in a memory said sequence of pulse periods T(j), a sequence of
corresponding values [err](j) and a sequence of corresponding values K(j),
said output sample means fetching the three stored sequences from said
memory as needed, so as to calculate 40      the values of said digital
output samples. 20. Synthesizeraccording to claim 1 wherein said output
sampling means operates on said sequence of pulse periods T(j) j= 12,3 ,.
.., that defines a sequence of pulses of said pulse duration modulated
signal rep- resenting FM modulation of a carrier by said input signal, to
generate said sequence of digital outputsam- 45      pies, FM(j, p), In
accordance with the equation: FM(j,p) = - SGN(j) * [err] p=0,1,2 ..., where
[err] = the sample interval between successive ones of said digital output
samples, and 50        [err] = the residual time between the first zero
crossing instant of the j-th pulse and the occurrence of the first computed
output sample FMO) in that pulse period. 21. Synthesizer according to claim
20 wherein the interval [err]DA is shorter than the sampling period
associated with said input samples. 55 8    EP 0032 702 Bi
111111 D1 *Ilc 111 S 



PatentansprOche 1.  Digitaier Frequenzsynthesizer zur Erzeugung einer
Sequenz von digitalen Ausgangsabtastwerten, wet- ohs die
Frequenzrnodulation sines TrAgers durch ein Eingangssignal darstellen,
dadurch gekennzeichnet, 5       dal er folgendes umfalt: Mittel (12,13, 14)
zur Lieferung von digitalen Eingangsabtastwerten s(i) des Eingangsslgnals
(Vin); Mittel (16) die auf die dightalen Eingangsabtastwerte zur Berechnung
elnerSequenz von Impulsperioden anspre- chen, welche sin
impulsdauermoduliertes Signal TO) definiert, das die Frequenzmodulatlon
sines Tragers durch das Eingangssignal darstellt und Ausgangsabtastmittel
(17, 18), weiche die Sequenz von Impuls- 10      perioden zur Erzeugung der
Sequenz von digitalen Ausgangsabtastwerten bearbeiten, welche sin trager-
frequenzmoduliertes Ausgangesignal darstellen, das dem
impulsdauermodulierten Signal entspricht. 2.  Synthesizer nach Anspruch 1,
welcher ferner sin Mittel umfalt, das sine Aufzelchnungselektronik (20)
enthalt, die auf die digitalen Ausgangsabtastwerte (FM) anspricht,
zurAufzelchnung sines Signals auf ei- 15      nem Aufzeichnungsmediurn,
welches das Ausgangasignal darstellt. 3.  Synthesizer nach Anspruch 2,
worin das Aufzeichnungsmedium sin Videoband ist. 4.  Synthesizer nach
Anspruch 3, worin das Eingangssignal sin Luminanzsignal umfaft 20  5.
Synthesizer nach Anspruch 1, worin das Ausgangsabtastmittel sine Sequenz
von digitalen Ausgangsabtastwerten erzeugt, die sine Sequenz von
Ausgangsimpulsen mit Impulsbreiten defrinert, welche der Sequenz von
Impulsperioden entsprechen. 6. Synthesizer nach Anspruch 5, worin die
Sequenz von Ausgangsimpulsen sine Sequenz von Impulsen ist, 25      die In
der Polaritfit wechseln. 7. Synthesizer nach Anspruch 1, worln die
digitalen Ausgangsabtastwerte sin FM-tragermoduiiertes Aus- gangssignal
darstellen. 30  8. Synthesizer nach Anspruch 7, worin die Sequenz von
Ausgangsimpulsen sine Sequenz von Impulsen ist, die in der Polaritat
wechseln. 9.  Synthesizer nach Anspruch 1, enthaltend einen
DigitallAnalog-Wandier (19), der die digitalen Ausgangsabtastwerte (FM) zur
Erzeugung des tragermodulierten Ausgangssignals als analoges Aus- 85
gangssignal empfingt. 10. Synthesizer nach Anspruch 9, enthaltend sine
Aufzeichnungselektronik zur Aufzeichnung des analogen Ausgangssignals auf
elnem Aufzeichnungsmedlum. 11. Synthesizer nach Anspruch 10, worin das
Aufzelchnungsmedlum sin Videoband ist. 40 i>       12. Synthesizer nach
Anspruch 11, worin das Eingangseignal ein Luminanzsignal umfaBt 13.
Synthesizer nach Anspruch 9, worin das Eingangssignai (Vin) sin analoges
Signal ist und das Zuleitungs- mittel (12, 13, 14) einen
Anaiog/Dligital-Wandler (12) um1fat, der das analoge Eingangssignal
empfangt, 45      um die digitalen Eingangsabtastwerte zu einem Ausgang zu
leiten. 14. Synthesizer nach Anspruch 13, worin sich die
Abtastgeschwindigkeit des AnaloglDigital-Wandlers (12) von der
Abtaestgeschwindigkeit des Digital/Analog-Wandlers (19) unteracheldet. &15
Synthesizer nach Anspruch 13, worin die Abtastgeschwindigkeit des
Analog/Digital-Wandlers langsamer als die Abtastgeschwindigkelt des
Digital/Analog-Wandlers (19) Ist. 16 Synthesizer nach Anspruch 1, enthaiend
Mittel (17) zum Speichern der Sequenz von Impulsperioden in sinem Speicher,
wobel das Ausgangsabtastmittel (17, 18) die gespeicherts Sequenz nach
Bedarf aus 5       deam Speicher holt, urn die Werts der digitalen
Ausgangsabtastwerte zu berechnen. 17. Synthesizer nach Anspruch 1, worin
das Berechnungsmittel die Sequenz von Impulsperioden TO), j=1, 2, 3, ...,
die sine Sequenz von Impulsen des impulsdauermodulierten Signals definiert,
welches die FM-Mo-    EP 0 532 702 B1                       I I!IIIII
111111 III 11111 ii lii dulation eines Tragers durch das Eingangssignal
darstellt, nach folgender Gleichung berechnet 1/T0) = 2 * [CAR I DEV
VAvz() wobei 5                                                          K
(j ) -) 



'CR (IT)1 VAVX (J )- '      *V (jl, K (j-l)) I              >[-S*V(j,n)3+
n=l 10           ?L(i3 -   *V(j ,K(J)) ?d(j) 1S      und 12i) =CRO) +  *
[KU) - 11 + ,aL) ;wobel CAR =        die FM-Tragerfrequenz; DEV =
die FM-Abweichung; 20      VO,n) =      der n. der Eingangsabtastwerte
innerhalb einer bestimnten Impulsperiode TO), wobei n ein Zahlindex ist,
der zu Beginn auf glelch I eingestellt wird; Kj) =        die Anzahl von
Eingangsabtastwerten in der Impulsperiode T0); sRU) =       die Restzeit
von dern ersten Nulldurchgangspunkt des impulsdauermodullerten Signals
elner bestimmten Impulsperiode TO) zu dem Zeitpunit des ersten VO,n=1) der
25                    Eingangsabtastwerte in dieser Periode; sLO) =
die Zeltvon dem letzten VC,KU)) derElngangsabtastwertb in derPeriode T(Dzu
demzwei- ten Nulidurchgangspunit des impulsdauermodulierten Signals in
dieser Periode; und S8=          die zu den Elngangsabtastwerten zugehrige
Abtastperlode. 3   18. Synthesizer nach Anspruch 17, worin des
Ausgangsabtastmittel die Sequenz von digitalen Ausgangsabtastwerten FMU,n)
nach folgender Gleichung erzeugt: FMj,n) = - SGN0) * sin{(;G * [rR(R) + (n
- 1) * TA3 35  19. Synthesizer nach Anspruch 18, enthaltend Mittel (17) zum
Speichern der Sequenz von Impulsperioden To0, einerSequenzvon
entsprechenden Werten rRU) und einer Sequenzvon entsprechenden Werten K0)
in elnem Speicher, wobei das Ausgangsabtastmittel die drel gespelcherten
Sequenzen nach Bedarf aus dem Speicher holt, so daB* die Werte der
digitalen Ausgangsabtastwerte berechnet werden. 20. Synthesizer nach
Anspruch 1, worin das Ausgangsabtastmittel die Sequenz von Impulaperioden
TO), J=1,2,3, ..., bearbeitet, welche sine Sequenzvon Impulsen des
Impulsdauermodulierten Signals definlert, welches die FM-Modulation sines
Tragers durch das Eingangssignal darstelit, um die Sequenz von digi- talen
Ausgangsabtastwerten FMU,p) nach der folgenden Gleichung zu erzeugen:
FMO,p) = - SGN0) * sin{[;*I * [*DA + Too)]) 45p=0,1,2, ...... wobei =DA
des Abtastintervall zwischen aufeinanderfolgenden der digitalen
Ausgangsabtastwerte, und ro Q) =      die Restzeit zwischen dem ersten
Nulldurchgangszwitpunkt des j. Impulses und dem Auf- treten des ersten
berechnetan Ausgangsabtastwertes FMO,O) In dieser Impulspeulode. 21.
Synthesizer nach Anspruch 20, worl das Intervall cDA krzer als die
Abtastperiode ist, welche zu den Eingangsabtastwerten gehdrt. 55
Revendlcatlons 1. Synth6tiseur numerique de fr6quence pour la g6n6ratlon
d'une s6quence de valeurs d'ichantillonnage 10    EP0532M02BI
1111 111111  11111 li num6riques de sortie representant la modulation de
fr6quence d'un porteur par un signal d'entr6e, ca- racterls6 en co qu'il
comprend: des moyens (12, 13, 14) d'approvisionnement de valeurs
d'6chantillonnage num6rlques d'entr6e a (i) du signal d'entr6e (Vin); un
moyen (16) sensible a ces valours d'6chantillonnage num6rlques d'entr6e
pour 5       le calcul d'une sequence de p6riodes d'impulslons d6flnissant
un signal T 0) modul6 par la largeur d'lm- L.-/        pulsion, co signal
representant la modulation de fr6quence d'un porteur par le signal
d'entr6e; et des 



moyens d'6chantillonnage de sortle (17, 18) agissant sur la s6quence de
p6riodes d'impulsions pour la g6n6ration de la s6quence de valours
d'6chantillonnage num6riques de sortie, ces valeurs repr6sentant un signal
de sortie modul6 de fr6quence d'un porteur, ce signal correspondant au
signal modul6 de la 10      largeur d'impulsion. 2.  Synth6tiseur solon la
revendication 1 comprenant on outre des moyens Inciuant une 6lectronique
d'en- registrement (20), sensible aux valeurs d'echantillonnage num6riques
(FM), pour l'enregistroment d'un signal sur un support d'enregistrement
representant le signal de sortie. 15 3.  Synth6tiseur solon la
revendication 2, Is support d'enregistrement 6tant une bando vid6o. 4.
Synth6tiseur solon la revendication 3, le signal d'entrie comprenant un
signal de luminance. S. Synth6tiseur solon la revendlcation 1, les moyens
d'6chantillonnage de sortie g6n6rant une s6quencoe 20      de vaieurs
d'hchantillonnage num6riques dffinissant un train d'impulslons de sortie,
ces impulsions ayant des largeurs d'impulslon correspondant a la sequence
de perodes d'lmpulsions. 6. Synth6tiseur solon la revendication 5, le train
d'impulslons de sortie etant un train d'impulsions alternant en polarit6.
25 7. Synthetiseur solon la revendication 1, les valours d'6chantillonnage
numeriques de sortie representant un signal de sortie modul6 du portbur FM.
S. Synth6tiseur selon la revendication 7, le train d'impulsions de sortie
6tant un train d'lmpulsions altornant 30      en polarite. 9. Synth6tiseur
solon la revendication I induant un convertisseur num6rique/analogique
(19), ce convertis- sour recevant les valeurs d'hchantillonnage num6riques
de sortie (FM) pour la g6n6ration du signal de sortie modul6 du porteur
comme signal de sortie analoglque. 35  10. Synth6tiseur solon la
revendication 9, le support denregistrement 6tant une bande vldeo. 11.
Synth6tiseurselon la revendication 10, le support d'enregistrement 6tant
une bands vld6o. 12. Synth6tiseur solon la revendication 11, le signal
d'entr6e comprenant un signal de luminance. 40 13. Synth6tiseur solon la
revendicatbon 9, le signal d'entr6e (Vin) 6tant un signal analoglque et les
moyens d'approvisionnement (12, 13, 14) comprenant un convertisseur
analogique/num6rique (12) recevant ce signal d'entree analogique pour
gulder lea valours d'6chantillonnage num6riques d'entr6e A une sortie. 45
14. Synth6tiseur solon la revendication 13, la cadence d'impulsions du
convertisseur analogique/num6rique (12) 6tant diff6rente de la cadence
d'impulsbons du convertisseur numerlquelanalogique (19). 15. Synthdtiseur
solon la revendlcatlon 13, la cadence d'lmpulsions du convertisseur
analogique/numbrique ftant plus lente quo la cadence d'impulsbons du
convertisseur num6riquelanaloglque. 50  16  Synth6tiseur selon la
revendication I induant un moyan (17) de stockage de la sequence de prbodes
d'lmpulsions dans une m6moire, les moyens d'6chantillonnage de sortie (17,
18) sortant de la m6moire la sequence stock6e quand n6cessaire, de manlere
A calculer les valeurs des 6chantillonnages num6ri- ques de sortie. 55  17.
Synth6tiseur solon la revendlcation 1, lea moyens de calcul Avaluant la
s6quence de periodes d'impul- sions T) j=1, 2 3, ..., cette s6quence
d6finissant un train d'impulslons du signal modul6 de dur6e d'im- pulsion
repr6sentant la modulation FM d'un porteur par le signal d'entre, solon
1'6quation suivante:    EP 0 532 702 B1                      Slth * INsL
S WCTO) = 2 *[CAR + DEVSVAvz(D] sachant quo 5                      TR~i)
1     K(j)-1 VAVI:(j) -        *V (j -1, K(j - ) ) +    ~* Z [S *V (j ,n)
]+ TE (j)                     -Z(j)   n=l 10                TL (J) +     -
*V(j ,K(j)) 



-c (j) 15      ,et TXZ) = VRl) + ss * [K0)1] -     vL() sachant que, CAR =
frequenco du portbur FM. DEV = deviation de FM 20      Vj,n) = la n.iome
valour d'ochantillonnage pendant une pofiode d'impulsions donn6e TO), de la
bande de baso de modulation du videosignal V(t), n 6tant un index de
comptago, initlalement mis 6gal A 1; KQ) =le nombre d'6chantillonnages dane
le perlode d'impulsions de sortie T0); R) = lo tomps rhsiduol entre le
premier point do passage par z6ro Qs plus A gauche) du signal de sortle
moduil FM FM(t) en temps continu d'une perbode d'impulsions donn6oe TO), et
lo tmps de la promiere 25      valeurd'echantillonnage, VU,n=1), du
vidoosignal de modulation pendant cotto p6riode; sLD = le temps entre la
derniore valour d'echantillonnage, Vj,KJ)), du vid6osignal de modulation
pendant la p6riode TO) et le second point de passage par zero (le plus A
drolto) du FM(t) de cetto peiode; s = la perbdo d'6chantillonnage de la
bande de base de modulation du vid6osignal V(t). 30  Ia Synthetiseur solon
la revendication 17, les moyens d'6chantillonnage de sortie g6nerant la
sequence de valours d'6chantillonnage num6riques de sortie, FMU,n) salon
l'6quation suivanto: FMU,n) = - SGNO) * sin{jz  * [rR(J + (n - 1) * usi)
19. Synthetiseur solon la revendication 18 incluant un moyen (17) de
stockage dans uno m6molre de la s6- quence do p6riodes d'impulsions TO),
une sequence de valeurs corroespondantes rR) et une s6quence de valeurs
correspondantos K(0, les moyens d'ochantillonnage de sortio sortant de la
m6molre les trois sequences stock6es quand n6coessaire, de maniere A
calculer lesa valours des echantillonnages numeri- ques de sortie. 40 20.
Synth6tiseur solon la revendlbation 1, los moyens d'6chantillonnage de
sortie agissant sur la sequenoe de porlodes d'impulsions TO), j=1, 2,3,
..., cotte sequence d6finissant un train d'impulslons du signal mo- dule de
duree d'lmpulsion repr6sentant la modulation FM d'un porteur par le signal
d'entr6e, de maniere A g6nerer la sequence de valeurs d'6chantillonnage
numeriques de sortie, FMG,p), selon l'oquation sul- vanto: 45 FMj,p) = -
SGN0j ) sin{T76.  1p * SDA4+ p=0, 1, 2,..., sachant quo TrDA = Intervalle
d'6chantillonnage entre les valours d'6chantillonnage num6riques de sortie
se suivant, et sD      -o()= temps r6siduel entre le premier Instant de
passage parzero de laj.ibme impulsion de sortie et l'oo- curenco
d'6chantillonnage de sortie calcul6 le premier, FM(j,0), dans cette periode
d'impulsions. 21. Synthetiseur selon la revendicatlon 20, I'intervalle vDA
etant plus court quo la periode d'echantillonnage assocl6e avec les valours
d'6chantillonnage d'entree. C5 12    


