
MEASURING DEVICE OF THE RMS VALUE OF A SIGNAL, NOTABLY FOR CURRENT
MEASUREMENT IN A SOLID-STATE TRIP DEVICE The invention relates to a device
for measuring the rms value of a signal, notably for current measurement in
a solid-state trip device comprising a full-wave rectifier circuit to whose
input the signal to be measured is applied and whose rectified output
signal is applied to the input of a first order low-pass filter. In
state-of-the-art solid-state trip devices, two methods are essentially used
to measure the rms value of a signal representative of a current. According
to the first method, used essentially in analog trip devices, the peak
value of a signal is determined and this value is multiplied by 0.707.
Although this method gives satisfactory results when the input signal is a
pure sinusoidal signal, it gives rise to very large errors as soon as the
input signal is disturbed. According to the second method,  used in
microprocessor-based trip devices, the input signal is sampled and the rms
value calculated by summing the squares of a certain number of samples.
This second method, although it provides more accurate results, is
relatively complex to implement and consequently expensive. Measuring
devices, comprising a rectifier circuit and RC filter, like the one
described in the document DE-A-2,914,389, do not enable rms values to be
measured accurately if the signals to be measured are not of purely
sinusoidal or DC shape. The object of the invention is to achieve a simple
and inexpensive device enabling the rms value of a signal to be determined
with sufficient accuracy even in the case of a    2 disturbed signal. More
particularly, the invention must enable a signal presenting a peak factor
lower than 2.5 to be measured with a precision greater than 20 %. According
to the invention this object is achieved by a device wherein the output
signal from the filter is applied to the input of a peak detector whose
output voltage is representative of the rms value of the input signal, the
filter cut-off pulse being determined in such a way as to be comprised
between [err]/6 and [err]/5.33, f being the fundamental frequency of the
input signal designed to be applied to the device. According to a preferred
embodiment the filter is an RC type filter. When the signal designed to be
applied to the input of the device is a signal of 50 Hz fundamental
frequency, the filter is dimensioned in such a way as to have a time
constant comprised between 8.5 and 9.5 ms, and preferably equal to 9 ms.
Other advantages and features will become more clearly apparent from the
following description of illustrative embodiments of the invention, given
as non-restrictive examples only and represented in the accompanying
drawings in which Figures 1 and 2 illustrate a device according to the
invention in the case where the input signal is constituted respectively by
a voltage and by a current. 



Figure 3 represents in greater detail a preferred embodiment of the device
according to figure 2. Figures 4 and 5 illustrate the wave shapes of the
signals at    3 various points of the device when the input signal is
sinusoidal. Figure 6 represents, in terms of the frequency, the relative
amplitude of the various components of a rectified sinusoidal signal whose
frequency is 50 Hz. Figures 7 and 8 illustrate the results obtained with a
device according to the invention when the odd harmonics of variable
amplitude are superposed on a sinusoidal input signal. In figure 1, the
input signal V1, whose rms value is to be measured, is applied to the input
of a full-wave rectifier circuit 10. The output voltage V2 of the rectifier
circuit is applied to the input of a first order low-pass filter 12. The
filter output voltage V3 is applied to the input of a peak detector 14
whose output voltage V4 is representative of the rms value of the input
signal V1. The circuit according to figure 2 differs from that of figure 1
in that the input signal is constituted by a current I and not by a voltage
V1. A measuring resistor R1 is connected in parallel to the output of the
rectifier circuit 10. The rectifier output signal V2, which is as in the
previous instance a rectified signal representative of the input signal, is
processed in the same way as in the circuit according to figure 1. In the
preferred embodiment represented in figure 3, the filter 12 is constituted
by an RC filter comprising a resistor R2 connected between a first input
and a first output of the filter and a capacitor C1 connected between first
and second outputs of the filter, the second input and output of the filter
being connected directly to one another. The time constant of a low- pass
filter of this kind is given by T = R2C1.    4 The peak detector 14 can be
constituted in any state-of-the-art manner. Figure 3 illustrates a
particular, known embodiment. In this figure, the detector is constituted
by an operational amplifier 16, whose non-inverting input terminal is
connected to the first output of the filter 12. Its inverting terminal is
connected directly to a first output of the detector and, via a capacitor
C2, in parallel with a resistor R3, to a second input of the detector,
itself connected to a second output of the latter. The output of the
operational amplifier is connected to the anode of a diode D whose cathode
is connected to the first output of the detector. The voltage V4 present
between the first and second outputs of the peak detector 14 is
representative of the peak value of the voltage signal V3 applied between
the detector inputs. Operation of the device according to the invention
will be explained below. 



Let it be assumed that the input signal is a pure sinusoidal signal of 50
Hz frequency, whose peak value is represented by Vc in figure 4. The
rectified signal V2, represented by the dotted line in figure 5, has the
same peak value Vc. After filtering by the filter 12, the signal V3 (fig.
5) has a peak value equal to the rms value Vrms = 0.707 Vc of the input
signal. This peak value is then detected by the peak detector 14 whose
output signal V4 is representative of the rms value of the input signal Vl.
The filtering time constant T=R2Cl of the filter 12, determined
experimentally for an input signal I or V1 whose fundamental frequency is
50 Hz, is 9 ms. Figures 7 and 8 show the experimental results obtained with
a filter having a time constant of 9 ms when 20 odd harmonics of    5 the
same amplitude are superposed on a sinusoidal input signal whose
fundamental frequency is 50 Hz. In figure 7, the peak factor Vc/Vrms is
represented in terms of the percentage ratio between the amplitude (or peak
value) VH of the harmonics and the amplitude (or peak value) Vc (50 Hz) of
the signal of fundamental frequency. Figure 8 represents in percentage, in
terms of the same amplitude ratio, the error E committed in assimilating
the peak value of the filter output signal (V4) to the true rms voltage
Vrms of the input signal (fundamental and harmonics) obtained by
calculation, i.e. E = 100 x (V4-Vrms)/Vrms. It is clearly apparent from
these figures that for a peak factor lower than 2.5, the error committed is
less than 4.5 %. It was verified with measurements made with input signals
comprising various types of harmonics that the error occurring in
assimilating the output value V4 of the device according to the invention
to the rms value is always less than 10 % in practice. This error is
moreover generally much lower than that obtained by assimilating the rms
value to 0.707 times the peak value of the input signal. The following
values were measured as examples : Vrms   :  Vc   :Peak        : V4    :
Filter    : Peak         : : factor   :        : error       : error :
: Vc/Vrms  : 0.49   : 1.12   : 2.29    : 0.462  : - 5.6 %   : + 62 %   :
0.616  : 1.158  : 1.88    :0.582  : - 5.4 %   : +33%   : 0.496  : 1.144  :
2.30    : 0.452  : - 8.73 %  : + 63 % 5.693  : 7.33   : 1.28    : 5.24   :
- 7.86 %  : - 9 % 0.636  : 1         1.57    : 0.583  : - 8.38 %  : + 11.2
% 0.745  : 1.334  : 1.79    : 0.697  : - 6.4 %   : + 27 %    6 with a
filter error E = 100 (V4-Vrms)/Vrms and a peak error given by 100 (0.707.
Vc - Vrms)/Vrms. The invention is not limited to measurement of the rms
value of an input signal whose fundamental frequency is 50 Hz. The formulae
below enable an approximate value of the filtering 



time constant to be calculated as a function of the fundamental frequency
of the input signal. For a sinusoidal input signal, the rectified signal V2
can in fact be broken down into a series of the type : V2=Vc (0.636 +
0.425cos2wt - 0.085cos4 wt + 0.036cos6 wt  - 0.02cos8  wt ...) in which w =
[err] is the pulse corresponding to the frequency of the sinusoidal input
signal of the rectifier. As represented in figure 6, the signal V2 is then
broken down into a DC signal whose amplitude corresponds to 63.6 % of the
peak value of the input signal, i.e. the mean value of input signal, a
first component corresponding to harmonic 2 (100 Hz) of the fundamental
frequency (50 Hz) of the input signal and whose amplitude corresponds to
42.5 % of the peak. value of the input signal, a second component
corresponding to harmonic 4 (200 Hz) and whose amplitude, as an absolute
value, is equal to 8.5 % of the peak value, the amplitude of the following
components progressively decreasing. The rms value of the input signal Vrms
= 0.707 Vc is equal to the rms value of the rectified signal and the square
of the rms value is equal to the sum of the squares of the rms values of
the various signal components. Thus, the rms value of the DC component of
the signal V2 is given by 0.636 Vc. The error is then (0.636 - 0.707)
Vc/0.707 Vc    7 = - 0.1, i.e. - 10% in comparison with the true rms value
of the input signal. It can be shown that the rms value of a signal made up
of the DC component and the first component (harmonic 2) is 0.703 Vc, i.e.
an error of - 0.56 %. For a signal made up of the DC component and the
first two components (harmonics 2 and 4), the rms value is 0.706 Vc, i.e.
an error of - 1 %. If each of the components is assigned a gain
representing the relationship between its contribution to the rms value and
the amplitude of the component, the following values are obtained Component
:Amplitude:  Contribution to  :    Gain (x Vc)     the rms value (x Vc) DC
: 0.636  :        0.636                1 1st component:  0.425
:0.703-0.636 = 0.067:0.067/0.425 = 0.158: 2nd component:  0.085
:0.706-0.703 = 0.003:0.003/0.085 = 0.035: The rms value of the input signal
can therefore be obtained by assigning an appropriate gain to each of the
components of the rectified signal and performing the sum of the signals
thus obtained. Yet the gain which is unitary at zero frequency decreases
very quickly as the frequency of the component increases. According to a
first approximation, the result sought for is obtained by means of a first
order low-pass filter. A filter of this kind has a transfer function,
depending on the frequency    8 



(pulse w1), of the type F = 1/(1 + w1/ wc), in which Wc is the filter
cut-off pulse. For the first component, i.e. when w1 = 2w= [err] x 2f =
[err], f being the fundamental frequency (for example 50 Hz) of the input
signal, the filter transfer function must be equal to 0.158 0.158 = 1/(1 +
[err]/wc) i.e. 1 + [eer]/wc = 1/0.158 = 6.33 wc=[err] /5.33 and T =
5.33/[err]. If we consider the second component (harmonic 4), the transfer
function is then F = 1/(1 + 10.66) = 0.085. It can be noticed that this
transfer function is too large in comparison with the gain that should be
assigned to this component, i.e. 0.035, and leads, if the DC component and
the first two components are considered, to a measured value of 0.710 Vc,
corresponding to an error of + 0.42 %. Likewise, this cut-off frequency
value leads to a transfer function of 0.059 for the 3rd component (harmonic
6), i.e. a contribution to the measured value of 0.059x0.036 Vc = 0.002 Vc,
increasing the error still further. With this first approximation, the
contribution of the DC component and of the first component corresponding
to 0.703 Vc, the contribution of the 2nd, 3rd and 4th components is 0.01
Vc, whence an error of + 0.85 % in the case of a pure sinusoidal signal. To
reduce this error if the contribution of the first component, which remains
preponderant, is reduced accordingly, this contribution is then
(0.707-0.636-0.01) . Vc = 0.061 Vc, corresponding to a transfer function F
= 0.061/0.425 = 0.143 for the first component, i.e. a ratio [err]/wc = 6
and T = 6/[err]. Naturally, with the increase of this ratio [err]/wc, the
9 contribution of the other components is also reduced, to 0.0065 Vc for
the 2nd component, 0.0019 Vc for the 3rd component and 0.0008 Vc for the
4th component, whence a value V4 corresponding to 0.706 Vc, i.e. - 1 [err]
error. For the error to be minimal in the case of a sinusoidal input signal
without harmonics, the contribution of the 1st component must not be
reduced beyond this value. The precision finally achieved depends on the
disturbance of the measured signal. For a 50 Hz sinusoidal input signal,
the filter cut-off frequency would correspond with the first approximation
to a pulse wc = [err] x 50/5.33 = 117 Hz i.e. a filtering time constant T =
l/wc = 8.5 ms and, after maximum correction to a pulse : wc =[err] 50/6,
i.e. a filtering time constant of 9.5 ms. These values are in close
compliance with the experimentally determined value (9 ms), which takes
account of the fact that the error must be less than 2.5, whatever the
shape of the input signal, i.e. whatever the number and amplitude of the
harmonics superposed on the fundamental signal. The filtering time constant
being thus determined it is easy to choose suitable values for the resistor
R2 and capacitor C1 of the filter 12, such that T = R2C1. The device
described above also gives a value representative of the rms value in the
case where the input signal is a DC signal, 



or a rectangular signal. Indeed, in this case the rectified signal is a DC
signal and the filter output signal has the same amplitude as the input
signal, this amplitude being representative of the rms value of the input
signal. Although the invention has been described with an RC type filter,
it is clear that it can be implemented using any filter    10 having a
suitable cut-off frequency, notably using numerical filters or switched
capacitor filters. In solid-state trip devices the signal to be measured,
supplied by the secondary winding of a current transformer, is a signal of
fundamental frequency 50 Hz or 60 Hz. The device described above makes it
possible to obtain, with very simple means, a value representative of the
rms value of the signal to be measured, which can be used, in
state-of-the-art manner, by the trip device to supply a tripping signal to
a circuit breaker when the measured rms value exceeds a certain threshold.
CLAIMS 1. A device for measuring the rms value of a signal, notably for
current measurement in a solid-state trip device, comprising a full-wave
rectifier circuit (10) to whose input the signal (I, V1) to be measured is
applied and whose rectified output signal (V2) is applied to the input of a
first order low-pass filter (12), a device characterized in that the output
signal (V3) from the filter is applied to the input of a peak detector (14)
whose output voltage (V4) is representative of the rms value of the input
signal (I, V1), the filter cut-off pulse (wc) being determined in such a
way as to be comprised between [err]/6 and [err]/5.33, f being the
fundamental frequency of the input signal designed to be applied to the
device. 2. The device according to claim 1, characterized in that the input
signal being a current (I), a resistor (R1) is connected in parallel to the
output of the rectifier circuit (10). 3. The device according to one of the
claims l and 2, characterized in that the filter (12) is an RC filter,
whose components (R2, C1) are dimensioned in such a way that the time
constant (T) of the filter is comprised between 5.33/[err] and 6/[err]. 4.
The device according to claim 3, characterized in that the input signal (I,
V1) of the device having a fundamental frequency of 50 Hz, the time
constant (T) of the filter (12) is comprised between 8.5 and 9.5 ms. 5. The
device according to claim 4, characterized in that the time constant (T) of
the filter is equal to 9 ms.    


