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on test tone level to residual noise with the test tone switched off. It is
in order to optimise this more sub- A method and device for processing an
analog       jectively important quality aspect a technique known signal.
as companding is often employed. 5      Companding comprises a variable
gain control at Technical field.                                   the
transmit end arranged either to increase the transmitted level during quiet
periods and/or to re- The present invention according to a first aspect
duce the level during loud periods, so that the total dy- relates to a
device for processing an analog input sig-  namic range of the signal is
compressed/companded nal varying widely in amplitude, such as speech, and
10  towards a mean. At the receive end, a decompander having a first ratio
of maximum to minimum ampli-  or expandor performs the inverse scaling,
increasing tude variations, comprising means for reducing said  the level
during loud periods to restore the original dy- first ratio into a second
ratio being the square root of  namic signal excursion and likewise
decreasing the said f irst ratio, and for delivering an analog outputsig-
level during quiet periods. In the latter case, any noise nal having said
second ratio.                 15  added in transmission is also reduced
during the qui Also according to the first aspect the invention  periods,
exactly as required to maximise the per- furthermore relates to a method
for processing an  ceived quality. analog input signal varying widely in
amplitude, such  A commonly used companding law is the so-cal- as speech,
and having a first ratio of maximum to  led square-root law, In which the
amplitude of the sig- minimum amplitude variations, comprising the steps
20  nal actually transmitted is proportional to the square- of reducing
said first ratio into a second ratio being  root of the amplitude at
source. For example, during the square root of said first ratio, and
delivering an  a period in which the speech source material momen- analog
output signal having said second ratio.     tarily had an amplitude of
1/100th of a unit the trans- More particularly, said processing aims at
reduc-  mitted amplitude would be raised to 1/10th by the ing the ratio of
maximum to minimum amplitude vari-  25  compandor. Likewise, during a
period of source am- ations at the output of the processing to the square
plitude 9 units, the transmitted amplitude would be root of the ratio
existing before processing in order  reduced to 3 units, while unit
amplitude by definition better to transmit said signal through a channel of
re-  is that level which remains unchanged through the stricted dynamic
range in the presence of additive  compandor. Suppose now that the noise
added in noise.                                        30  transmission
corresponds to 1/1 00th of an amplitude According to a second aspect the
invention also  unit. In the quiet period when 1/10th was transmitted,
relates to a device and a method for processing an in-  the received signal
would consist of 1/10th of a unit put signal having a compressed amplitude
range in  of wanted signal plus 1/1 00th of a unit of noise. Upon orderto
produce an output signal having an amplitude  the decompandor reducing the
1/10th unit signal to range being the square of the compressed range.  35
its original 1/100th unit, the noise would be reduced More particularly,
said input signal can be one as pro-  by the same factor from 1/1 00th to
1/1 000th. In the duced as the output signal in accordance with the first
case of a zero level wanted signal, the compandor aspect.
would interpret the 1/100th unit received noise as a companded signal
level, and restore it to what it be- State of the art.
40  lieved the original signal level to have been, namely 1/1000th. The
quality of voice transmission over a commu-    It can be seen therefore
that the noise level dur- nications network that suffers from transmission
ing silence periods at the output of the decompandor noise, such as
exemplified by a radio link, may be de-  is the square of the value it
otherwise would have scribed and measured in terms of signal-to-noise ra-
45  been without the use of companding and decompand- tio (SNR). Because a
real voice signal is not of con-  ing. stant amplitude, but varies more or
less randomly     SNR is often measured on the logarithmic scale over a
wide dynamic range, it is not a convenient test  of decibels, defined by
signal with which to carry out SNR measurements. In-     dBs = 20LOG
(SIGNAL AMPLITUDE/NOISE stead, constant-level tones of various frequencies
in  50  AMPLITUDE) the audio range are usually employed for this pur-    If
the mean signal amplitude during active pose, and the resulting measurement
is called TTNR  speech is taken to be 1, and the noise amplitude In si-
(Test Tone to Noise Ratio).                        lence periods is equal
to 1/100 without companding, The subjectively perceived quality of speech
is,  then the SNR calculated by the above formula is however, better
described by the ratio of peak speech   55  40dB. loudness to noise during
silence periods, a measure   With companding/decompanding, the noise in si-
which is not described by TTNR. A better measure of  lence periods is
reduced to 1/10000, giving an SNR subjective quality would be the ratio of
the switched  of 80dB, a considerable improvement in subjective 2    
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nal, In two prior methods for performing square-root      a
digital-to-analog converter for reconverting companding, known as the
feedforward and feedback  said stream of numbers to an analog signal
waveform methods, respectively, a respective companded out-  in proportion
to a constant reference voltage, said put signal is obtained by dividing
the input signal by a   5   analog wave form forming said output signal.
value obtained, in the feed forward case, through am-  The method according
to the first aspect of the in- plitude measurement, smoothing and square
root     vention comprises the steps of processing of the input signal,
and, in the feed back   changing said input signal into a stream of in-
case, through amplitude measurement and smooth-    teger numbers
representing in a proportional way the ing of the companded output signal,
respectively.  10  instantaneous value of the input signal divided by a The
feedback method has the advantage that the  first reference voltage
generated In proportion to the square-root function is not explicitly
needed, and also  amplitude of said output signal, that the amplitude
measurement takes place on the        reconverting said stream of numbers
to an companded output, halving the signal range in dBs  analog signal
waveform in proportion to a constant that the measuring device need handle.
The square  15  reference voltage, said analog wave form forming root
companding law arises because the output am-  said output signal. plitude
is the input amplitude divided by the output  The device according to the
second aspect of the amplitude.
invention comprises Two known implementations of a compander of          an
analog-to-digital converter having means the latter type exist. The f irst
one is a fully analog cir-  20  for changing said input signal into a
sequence of in- cuit implementation in which the dividing circuit would
teger numbers, said sequence in a proportional way most probably be
implemented by using an analog    representing said input signal,
multiplier In a feedback loop. The second one isa fully  a
digital-to-analog converter for converting digital implementation in which
the input signal is first  back said sequence of numbers to an analog
signal digitised using an analog-to-digital converter, then   25  forming
said output signal, said converter having fed into a digital signal
processing circuit which would  means for scaling said output signal in
proportion to numerically implement a companding algorithm of    a
reference voltage, either the feedback or feedforward variety. The result
means for deriving said reference voltage in re- must then be converted
back to an analog signal    sponse to the amplitude of said input signal.
again using a digital-to-analog convertor.    30      The method according
to the second aspect of The known implementations each have their own   the
invention comprises the steps of drawbacks. The drawback of the fully
analog system       changing said input signal into a sequence of is that
some tight tolerance components are needed,  integer numbers, said sequence
in a proportional which are difficult to fabricate in semiconductor inte-
way representing said input signal, grated circuits. The drawback of the
fully digital imple-  35  converting back said sequence of numbers to
mentation is the need for quite complex A-to-D and D-  an analog signal
forming said output signal, while to-A converters, plus a costly and
power-consuming  scaling said output signal in proportion to a reference
digital signal processor chip.                     voltage derived in
response to the amplitude of said input signal. The invention.
40 Description of the drawings. It is an object of the present invention to
provide a new way to implementsquare-rootlaw companding       Embodiments
of the invention will now be descri- which has the advantage of being more
easily inte-  bed more closely below with reference to the accom- grated
into low-cost silicon integrated circuits using   45  panying schematical
drawings, on which, low-cost semiconductor processes. This object has
Figures 1 and 2 are generic block diagrams of two been attained as follows
by means of the devices and  aspects of the present invention, methods
according to the first and second aspects of  Figures 3-8 schematically
illustrate different cir- the invention:
cuit solutions for the blocks included in Figures 1 The device according to
the first aspect of the in-  50  and 2, and more particularly, vention
comprises                                      Figures 3 and 4 illustrate a
Delta modulation en- an analog-to-digital converter for changing      coder
and decoder, respectively, said input signal into a stream of integer
numbers rep-  Figures 5 and 6 illustrate a Delta-Sigma or Sig- resenting in
a proportional waythe instantaneous val-  ma-Delta encoder and decoder,
respectively, ue of the Input signal divided by a first reference vol-  55
Figure 7 illustrates companding by use of vari- tage,
able stepsize Delta or Delta-Sigma modulation, means for generating said
first reference vol-   and tage in proportion to the amplitude of said
output sig-  Figure 8 illustrates decompanding by encoding    5
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with constant stepsize and decoding with varable  direction of a ramp
generator, or integrator, so that it stepsize.
ramps up if the previous value was lower than the in- put signal, or ramps
down if the previous value was Preferred embodiments
too high. The amount the integrator ramps up or down 5   between samples is
called the step size. If the 1-bit Figure 1 in block diagram form
illustrates a de-  samples are generated at a high rate, the steps need-
vice for processing an analog input signal S which va-  ed to follow a
signal changing at a given rate will be ries widely in amplitude, such as
speech. The pur-  smaller, and the step approximation to the signal wa-
pose of this device is to reduce the ratio of maximum  veform will thus be
more accurate. The coarseness to minimum amplitude variations of an output
signal  10  of 1-bit quantization may thus be compensated by P, after the
processing, to the square root of the ratio  raising the sample bit-rate
sufficiently to obtain the existing before processing in order better to
transmit  desired accuracy. said signal through a channel of restricted
dynamic   Figure 3 shows an integrator 14, the output signal range in the
presence of additive noise.           of which is compared with the input
signal S in a com- The device comprises an analog-to-digital con-  15
parator 16. The decision D is taken at a certain bit rate verter 2 arranged
to change, as will be described  Fb by clocking into a latch or flip-flop
18 upon positive more closely below, the signal S into a stream of in-
going edges of a clock of frequency Fb. The clocked teger numbers N1,N2,N3
... These numbers may in the  decision is then fed to a switch 20 to effect
selection limit consist of only two possible values, such as plus  of the
direction in which the integrator 14 will change one and minus one. The
numbers in the stream rep-  20  during the next sample period. The
magnitude of the resent in some proportional way the instantaneous   change
is determined by the value STEPSIZE. value of the input signal S divided by
a reference vol-  In another known system, the value of STEPSIZE tage R.
This reference voltage R is generated by a  is increased whenever the
integrator is ramped in the smoothed amplitude measuring device 4 in
propor-   same direction three times in succession, an event tion to the
amplitude of the output signal P that is pro-  25  which hints that the
rate of change of signal is greater duced, in a manner to be described more
closely be-  than the integrator can follow. with the present low, when the
number stream is reconverted to an   STEPSIZE. This known system is called
"companded analog signal waveform by means of an digital-to-  Delta
modulation" and also CVSD (Continuously Va- analog converter 6 working with
a constant reference  riable Slope Delta). voltage.
30      With reference to Figure 4, Delta modulation is Figure 2
schematically illustrates a device, com-  reconstructed to an analog signal
by feeding it to an plementary to that of Figure 1, for processing a signal
integrator 22 similar to that employed in the encoder. U of compressed
amplitude variation, such as might  A difference between the encoder
integrator 14 and be produced by the device of Figure 1. The purpose  the
reconstruction integrator22 is that the latter must of the device of Figure
2 is to produce a signal V of  35  include some form of leakage, e.g. a
resistor 24 con- amplitude variation restored to the normal range, be-
nected across the integration capacitor 26, to define ing the square of the
compressed range.            the arbitrary constant of integration to be
zero (i.e. to The device comprises an analog-to-digital con-  cause the
arbitrary start-up charge state to decay verter 8 that turns said
compressed input signal U into  with time). a sequence of integer numbers
MI,M2,M3... These   40  After reconstruction by a leaky integrator, high
numbers mayin the limit be restricted to onlytwo pos-  frequency
quantization noise may be further reduced sible values, such as plus one
and minus one. The se-  by a low pass filter which passes the highest
likely quence in a proportional way represents the signal U,  signal
frequencies, but which attenuates noise fre- and Is converted back to an
analog signal V by means  quencles in the region of the sample bit-rate and
high- of a digital-to-analog converter 10. The converter 10   45  er.
scales the output signal V in proportion to a reference  The use of a
related algorithm known as Sigma- voltage Q derived by determining the
amplitude of in-  Delta or Delta-Sigma modulation is illustrated in Fig-
put signal U with a measuring device 12, which may  ures 5 and 6. The
difference is that the input signal S include smoothing of the measurement
by means of   is applied before the integrator, here designated 22', a
low-pass filter.                            so  instead of afterwards. The
signal suffers an extra in- According to one important embodiment of the
tegration in the encoder compared to Delta modula- present invention the
technique used for converters  tion, which is then removed at the decoder
shown in 2, 6, 8 and 10 may be of the type known as Delta mod-  Figure 6 by
omitting the reconstruction integrator 22, ulation, Delta-Sigma modulation
or one of their var-  and using only low-pass filtering at 28'. Delta-Sigma
ants.                                         55   modulation represents
values between + and - A Delta modulation encoder digitizes an analog
STEPSIZE by alternating between them in the cor- signal into a sequence of
1 -bit binary numbers, rep-  rect mean ratio, and in this respect is
similar to pulse resenting +1 or-1. The values are used to change the
width modulation. 4    7                   EP0463656B1
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Delta or Delta-Sigma modulation schemes may     Claims also include more
than one integrator or other fre- quency response shaping in the feedback
loop, and  1. Adevicefor processing an analog inputsignal (S) the signal
may or may not pass through one or more     varying widely in amplitude,
such as speech, and of these components. It is also possible to construct
5  having a first ratio of maximum to minimum am- Delta modulation encoders
and decoders in which       plitudevariations, comprising meansforreducing
the error between the integrator value and the Input  said first ratio into
a second ratio being the signal value is quantized to more than one bit,
and is  square rootof said first ratio, and for delivering an then known as
delta-PCM.                              analog output signal (P) having
said second ratio, The design details of all such variants need not  10
characterized by be described here since they may be found in the
an analog-to-digital converter (2) for technical literature. Any scheme
characterised by an   changing said input signal Into a stream of Integer
encoder which digitizes the input signal with a scaling  numbers (NI
,N2,..) representing in a proportion- determined by the value of STEPSIZE
or similar ref-   al way the instantaneous value of the input signal erence
voltage, which can be allowed to vary in re-  15  (S) divided by a first
reference voltage (R), sponse to the signal, and which digitized signal may
means (4) for generating said first refer- readily be converted back to an
analog signal using   ence voltage in proportion to the amplitude of either
the same or different, constant or variable    said output signal (P),
stepsize or reference voltage may be suitable for the       a
digital-to-analog converter (6) for recon- implementation of the invention.
20      verting said stream of numbers to an analog sig- KS-'    Both
variable and constant stepsize can be used   nal waveform in proportion to
a constant refer- with the Invention. If the signal is encoded using a
ence voltage, said analog wave form forming small stepsize and decoded
using a large stepsize, its  said output signal (P). amplitude will have
been increased. If the encoding stepsize is larger than the decoding
stepsize, the am-  25  2. A device according to claim 1, characterized in
plitude will be reduced. If therefore the encoding    that said integer
numbers consist of onlytwo pos- stepsize is varied while the decode
stepsize is kept  sible values such as plus one and minus one. constant,
the signal level output will bear an inverse relationship to the stepsize,
thus realising a divide  3. A device according to claim I or 2,
characterized function, as required by the square-root compandor.  30  in
that said first reference voltage (R) is generat- It Is only necessary
therefore to make the steps-  ed by a smoothed amplitude measuring device
ize proportional to the companded output signal am-   (4). plitude by
deriving it from an amplitude measurement as shown In figure 7.
4. A device according to any of claims 1-3, charac- Figure 7 shows by way
of example an encoder 30   35  terized in that said analog-to-digital
convertor (2) of Delta or Delta-Sigma type and of I-bit quantization.
comprises an encoder (14-20; 30) working in ac- The constant-stepsize
decoder is then simply a low-    cordance with a technique known as Delta
mod- pass filter 32. The variable stepsize for the encoder  ulation,
Delta-Sigma modulation or variants is derived by measuring at 34 the
amplitude of the    thereof, said encoder having v  companded signal
reconstructed into analog form by  40      means for quantizing said input
signal (S) the low-pass filter. The amplitude measurement is     to only
one binary bit resolution, subject to a further low-pass filtering
operation, or       means for obtaining a desired accuracy by smoothing
time constant at 36. called the compand-    Increasing the sample rate or
bit rate, ing time constant. This is defined in various interna-      means
(20) for determining the stepsize of tional standards that employ
companding for voice  45  said encoder in response to said first reference
transmission.                                         voltage, The
corresponding decompanding circuit is          said digital-to-analog
converter (6) having a de- shown in figure 8. In this case, the companded
input  coder for the quantized signal operated with con- signal is encoded
at 38 with constant step size. to re-  stant step size. turn it to digital
form, then decoded at 40 back to ana-  50 log form but using variable
stepsize proportional to  5. A device for processing an input signal (U)
having the smoothed Input amplitude. For correct system       a compressed
amplitude range in order to pro- performance, the low-pass filter or time
constant     duce an output signal (V) having an amplitude used at 42 to
smooth the amplitude measurement at     range being the square of the
compressed range, 44 in the decompandor should be identical to that  55
characterized by used in the compandor.
an analog-to-digital converter (8) having means for changing said input
signal Into a se- quence of integer numbers (MI M2'..), said se- 5    7
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* C   L   M   S * Delta or Delta-Sigma modulation schemes may     Claims
also include more than one integrator or other fre- quency response shaping
in the feedback loop, and   1. Adevice for processing an analog inputsignal
(S) the signal may or may not pass through one or more     varying widely
in amplitude, such as speech, and of these components. It Is also possible
to construct   s  having a first ratio of maximum to minimum am- Delta
modulation encoders and decoders in which        plitude variations,
comprising means for reducing the error between the Integrator value and
the input   said first ratio into a second ratio being the signal value is
quantized to more than one bit, and is  square rootof said first ratio, and
fordelivering an then known as delta-PCM.
analog output signal (P) having said second ratio, The design details of
all such variants need not  10  characterized by be described here since
they may be found in the             an analog-to-digital converter (2) for
technical literature. Any scheme characterised by an   changing said input
signal into a stream of integer encoder which digitizes the input signal
with a scaling  numbers (N1 ,N2 ..) representing in a proportion-
determined by the value of STEPSIZE or similar ref-    al way the
instantaneous value of the input signal erence voltage, which can be
allowed to vary in re-  15  (S) divided by a first reference voltage (R),
sponse to the signal, and which digitized signal may         means (4) for
generating said first refer- readily be converted back to an analog signal
using    ence voltage in proportion to the amplitude of either the same or
different, constant or variable     said output signal (P), stepsize or
reference voltage may be suitable for the        a digital-to-analog
converter (6) for recon- implementation of the invention.               20
verting said stream of numbers to an analog sig- Both variable and constant
stepsize can be used     nal waveform in proportion to a constant refer-
with the invention. If the signal is encoded using a   ence voltage, said
analog wave form forming small stepsize and decoded using a large stepsize,
its  said output signal (P). amplitude will have been increased. If the
encoding stepsize is larger than the decoding stepsize, the am-   25  2. A
device according to claim 1, characterized in plitude will be reduced. If
therefore the encoding     that said integer numbers consist of only two
pos- stepsize is varied while the decode stepsize is kept   sible values
such as plus one and minus one. constant, the signal level output will bear
an inverse relationship to the stepsize, thus realising a divide  3. A
device according to claim 1 or 2, characterized function, as required by
the square-root compandor.  30  in that said f irst reference voltage (R)
is generat- It is only necessary therefore to make the steps-   ed by a
smoothed amplitude measuring device ize proportional to the companded
output signal am-    (4). plitude by deriving it from an amplitude
measurement as shown in figure 7.                               4. A device
according to any of claims 1-3, charac- Figure 7 shows by way of example an
encoder 30   35  terized in that said analog-to-digital convertor (2) of
Delta or Delta-Sigma type and of I-bit quantization.  comprises an encoder
(14-20; 30) working In ac- The constant-stepsize decoder is then simply a
low-    cordance with a technique known as Delta mod- pass filter 32. The
variable stepsize for the encoder  ulation, Delta-Sigma modulation or
variants is derived by measuring at 34 the amplitude of the     thereof,
said encoder having companded signal reconstructed into analog form by   40
means for quantizing said input signal (S) the low-pass filter. The
amplitude measurement is      to only one binary bit resolution, subject to
a further low-pass filtering operation, or        means for obtaining a
desired accuracy by smoothing time constant at 36, called the compand-
increasing the sample rate or bit rate, ing time constant. This is defined
in various interna-       means (20) for determining the stepsize of tional
standards that employ companding for voice   45  said encoder in response
to said first reference transmission.
voltage, The corresponding decompanding circuit is          said
digital-to-analog converter (6) having a de- shown in figure 8. In this
case, the companded input   coder for the quantized signal operated with
con- signal is encoded at 38 with constant step size to re-  stant step
size. turn it to digital form, then decoded at 40 back to ana-  60 log form
but using variable stepsize proportional to  5. A device for processing an
input signal (U) having the smoothed input amplitude. For correct system
a compressed amplitude range in order to pro- performance, the low-pass
filter or time constant      duce an output signal (V) having an amplitude
used at 42 to smooth the amplitude measurement at      range being the
square of the compressed range, 44 in the decompandor should be identical
to that  55  characterized by used in the compandor.
an analog-to-digital converter (8) having means for changing said input
signal into a se- quence of integer numbers (M1,M2...) said se- 5    
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quence In a proportional way representing said      stant reference
voltage, said analog wave form _~.   input signal,
forming said output signal. a digital-to-analog converter (10) for con-
verting back said sequence of numbers to an      10. A method according to
claim 9, characterized In analog signal forming said output signal (V),
said   5  thatsaid integer numbers consistof only two pos- converter having
means for scaling said output      sible values such as plus one and minus
one. signal in proportion to a reference voltage (Q), meansfor deriving
said reference voltage   11. A method for processing an input signal having
a in response to the amplitude of said input signal.  compressed amplitude
range in order to produce 10      an output signal having an amplitude
range being 6. A device according to claim 5, characterized in     the
square of the compressed range, character- that said sequence of integer
numbers Is restrict-  ized by ed to only two possible values such as plus
one           changing said input signal into a sequence and minus one.
of integer numbers, said sequence in a propor- 15     tional way
representing said input signal, 7. A device according to claim 5 or 6,
characterized    converting back said sequence of numbers to an in that the
amplitude of said input signal is deter-  analog signal forming said output
signal, while mined with a measuring device (12) including a      scaling
said output signal in proportion to a refer- low pass filter for smoothing
the measurement.      ence voltage derived in response to the ampli- 20
tude of said input signal. : 8. A device according to any of claims 5-7,
characterised In that said analog-to-digital con-  12. A method according
to claim 12, characterized in verter (8) and said digital-to-analog
converter     that said sequence of integer numbers is restrict- (10)
comprise an encoder and a decoder, respec-     ed to only two possible
values such as plus one tively, working in accordance with a technique   25
and minus one. known as Delta modulation, Delta-Sigma modu- lation or
variants thereof, said encoder having means for producing said output
number     Revendicatlons sequence as containing single-bit binary inum-
bers representing only two possible values, and   30  1. Un dispositif pour
traiter un signal d'entree ana- in a proportional way representing the
instanta-    logique (S) dont l'amplitude varne considerable- neous value
of said Input signal (U),               ment, tel que de la parole, et
ayant un premier means, for compensating the coarse two-        rapport de
variation entre l'amplitude maximale level quantization thereby obtained by
Increasing   et l'amplitude minimale, comprenant des moyens the sample
conversion rate or bitrate to obtain a   35  pour reduire ce premier
rapport a un second rap- desired accuracy,
port qui est la racine carr6e du premier rapport, said decoder being
designed to accept the same      et pour fournir un signal de sortie
analogique (P) output bitstream as produced by the encoder and     ayant le
second rapport, caracteris6 par to convert it back to an analog signal
waveform,          un convertisseur analogique-numdrique and having means
for producing said output sig-  40  (2) pourtransformerle signal d'entr6e
en un train nal by scaling said analog waveform in propor-      de nombres
entiers (N1, N2, ...) reprbsentant tion to said reference signal by using
the latter to  d'une manibre proportionnelle la valeur instanta- determine
the step size of said decoder.            nee du signal d'entrhe (S)
divisbe par une pre- mlere tension de refArence (R), 9. A method for
processing an analog input signal  45        des moyens (4) pour generer la
premiere varying widely in amplitude, such as speech, and    tension de
r6ference en proportion de I'amplltude having a first ratio of maximum to
minimum am-      du signal de sortie (P), plitude variations, comprising
reducing said first        un convertisseur numbrique-analogique ratio into
a second ratio being the square root of  (6) pour reconvertir le train de
nombres en une said first ratio, and delivering an analog output  so  forme
d'onde de signal analogique en proportion signal having said second ratio,
characterized by   d'une tension de reference constante, cette for-
changigg said input signal into a stream of    me d'onde analogique formant
le signal de sortie integer numbers representing in a proportional
(P). way the instantaneous value of the input signal divided by a first
reference voltage generated in  55   2. Un dispositif selon la
revendication 1, caractbris6 proportion to the amplitude of said output
signal,  en ce que les nombres entiers comprennent seu- reconverting said
stream of numbers to an      lement deux valeurs possibles telles que plus
un analog signal, waveform in proportion to a con-     et moins un. 6    



* C   L   R 3. Un dispositif solon la revendication I ou 2, carac-  seur
numerique-analogique (10) comprennent t6ris6 en ce que la premeire tension
de r6f6rence   respectivement un codeur et un d6codeur, tra- (R) est
g6n6reepar un dispositif de mesure d'am-    vailiant conformement a une
technique appel6e plitude Ifssee (4).
modulation Delta ou modulation Delta-Sigma ou 5       des variantes de
celles-cl, ce codeur comportant 4. Un dispositif solon l'une quelconque des
reven-           des moyens pour produire la sequence de dications 1-3,
caracterise en ce quo le convertis-  nombres de sortie sous une forme
contenant des seur analogique-numerique (2) comprend un co-       nombres
binaires A un soul bit repr6sentant seu- deur (14-20 ;- 30) qui travaille
conformement a     lement deux valeurs possibles, et representant une
technique appelee modulation Delta ou mo-  1O   d'une maniere
proportionnelle la valeur instanta- dulation Delta-Sigma ou des variantes
de celles-    nee du signal d'entr6e (U), ci, ce codeur comprenant
des moyens pour compenser la quantifi- des moyens pour quantif ier Is
signal d'en-    cation grossiere A deux niveaux qui est ainsi ob- tree (S)
avec une resolution d'un seul bit,         tenue, en augmentant la cadence
de conversion des moyens pour obtenir une precision de-   15
d'echantillons ou le debit binalre, pour obtenir sir6e par l'augmentation
de la cadence d'echan-     une precision desiree, tillonnage ou du debit
binaire,                           le decodeur etant concu pour accepter le
des mqyens (20) pour determiner la taille     train de bits de sortie qui
est produit parle codeur de pas du codeur sous la dependance de la pre-
et pour le reconvertir en une forme d'onde de si- miere tension de
reference, le convertisseur nu-  20  gnal analogique, et comportant des
moyens pour merique-analogique (6) comportant un dbcodeur       produire Is
signal de sortie en multipliantlaforme pourle signal quantIfi6 qui
travaille avec une tail-  d'onde analogique par un facteur en proportion le
de pas constants.                                du signal de reference, on
utilisant ce dernier pour determiner la taille de pas du decodeur. 5. Un
dispositif pour traitor un signal d'entr6e (U)   25 ayant une plage
d'amplitude comprim6e, dans le   9. Un procede pour traiter un signal
d'entree analo- but de produire un signal de sortie (V) -ayant une  gique
dont l'amplitude varie fortement, tel quo de plage d'amplitude qui est le
carre de la plage      la parole, et ayant un premier rapport de variation
comprimee, caracterise par                          entre l'amplitude
maximale et l'amplitude mini- un coilvertisseur analogique-numerique   30
male, comprenant la reduction du premier rap- (8) comportant des moyens
pour transformer le       port a un second rapport qui est la racine carrse
signal d'entrbe en une sequence de nombres en-      du premier rapport, et
la fourniture d'un signal de tiers (Ml, M2Z, ... ), cette sequence
representant  sortie analogique ayant le second rapport, carac- d'une
manibre proportionnelle le signal d'entree,   terise en ce quo un
convertisseur numerique-analogique   35          on transforme le signal
d'entree en un (10) pour reconvertir la sequence de nombres en     train de
nombres entiers representant d'une ma- un signal analogique qui forme le
signal de sortie  niere proportionnelle la valeur instantan~e du si- (V),
ce convertisseur comportant des moyens         gnal d'entree divisee parune
premiere tension de pour multiplier le signal de sortie par un facteur
reference qui est generee en proportion de l'am- en proportion d'une
tension de reference (Q),    40  plitude du signal de sortie, des moyens
pour elaborer la tension de re-          on reconvertit ce train de nombres
en une ference sous la dependance de l'amplitude du si-    forme d'onde de
signal analoglque en proportion gnal d'entree.
d'une tension de reference constante, cette for- me d'onde analogique
formantle signal de sortie. 6. Un dispositif selon la revendication 5,
caracterise   45 en ce quo la sequence de nombres entiers est     10. Un
procede solon la revendication 9, caracterise restreinto A seulement deux
valeurs possibles,      en ce quo los nombres entiers comprennent seu-
telles quo plus un et moins un.                     lement deux valeurs
possibles telles quo plus un et moins un. 7. Un dispositif selon la
revendication 5 ou 6, carac-  50 terisb en ce quo l'amplitude du signal
d'entree est  11. Un procede de traitement d'un signal d'entrhe determinee
avec un dispositif de mesure (12) qui    ayant une plage d'amplitude
comprimee, dans le comprend un filtre passe-bas pour lisser I6 me-     but
de produire un signal de sortie ayant une pla- sure.
ge d'amplitude qui est le carre de la plage 55      comprimbe, caracterise
en ce quo 8. Un dispositif selon l'une quelconque des reven-           on
transform. le signal d'entree en une dications 5-7, caracterise en ce quo
le convertis-  sequence de nombres entiers, cette sequence seur
analogique-numerique (8) et le convertis-      representant d'une maniere
proportionnelle le si- 7    



13                  EP 0 463 656 B1                14              1    N
S 11 gnal d'entree,                                    20;30) umfasst, der
mit Delta-Modulation, Delta- on reconvertit la sequence de nombres en
Sigma Modulation oder Varianten davon arbeitet, un signal analopique
formant le signal de sortie,  und tout en multipliant le signal de sortie
par un fac-     Mittel zur Quantisierung des genannten teur en proportion
d'une tension de reference qui   5  Eingangssignals (S) mit elner Aufl6sung
mit nur est obtonue sous la dependance de l'amplitude     einem biniren
Bit. du signal d'entree.                                     Mittel zur
Erhaltung elner gewOnschten Genauigkeit durch Erhohung derAbtastfrequenz
12. Unprocedeselonlarevendication 11, caracterise     oder derAnzahl Bits,
en ce que la sequence de nombres entiers est.  1o       Mittel (20) zur
Bestimmung derSchrittgro- restreinte A seulement deux valeurs possibles,
sse des genannten Codierers In Abhlngigkeit zu telles quo plus un et moins
un.                   der genannten ersten Referenzspannung um- fasst, und
welcher digital-analog Wandler (6) elnen De- Patentansprfiche
15      codlerer fOr das quantisiertb Signal mit konstan- ter Schrittgrosse
umfasst. 1. Schaltungsanordnung zur Behandlung sines analogen
Eingangssignals (S), das sine grosse  5. Schaltungsanordnung zur
Verarbeitung sines Amplitudenschwankung aufweist, wie bei Spra-
Eingangssignals (U) mit einem komprimierten che, und sin erstes VerhAltnis
zwischen maxima-  20  Amplitudenbereich, zwecks Erzeugung eines lerund
minimaler Amplitude aufweist, mit Mitteln  Ausgangssignals (V) mit einem
Amplitudenbe- zur Verringerung dieses genannten ersten Ver-     reich, der
das Quadrat des komprimierten Be- hiltnisses in ein zweites VerhAltnis, das
der Qua-  reichs ist, gekennzeichnet durch dratwurzel des ersten
Verhaltnisses entspricht,         einen analog-digital Wandler (8) mit Mit-
und zurAbgabee ines analogen Ausgangssignals  25  teln zur Anderung des
Elngangssignals in eine (P), das das zweite Verhaltnis aufweist,
Sequenz ganzer Zahlen (Ml,M2,..), welche Se- gekennzelchnet durch
quenz das genannte Eingangssignal in proportio- einen analog-digital
Wandler (2), um das     nalerArtdarstellt, genannte Eingangssignal in einen
Strom ganzer           einen digital-analog Wandler (10) zur Zahlen (NI
,N2,..) umzuwandeln, die in proportio-  30  Ruckumformung der ge nannten
Zahlensequenz naler Art den tnomentanen Wert des Eingangssi-    in oin das
Ausgangssignal (V) bildendes Analog- gnals (S) geteilt durch eine erste
Referenzspan-  signal, welcherWandler Mittel zurSkalierung des nung (R)
darstellen,                              Ausgangssignals proportional zu
einer Referenz- Mittel (4) zur Erzeugung der genannten       spannung (Q)
umfasst, ersten Referenzspannung, die proportional zur  35       Mittel zur
Erzeugung der Referenzspan- Amplitude des genannten Ausgangssignals (P)
nung in Abhangigkeit von der Amplitude des ge- ist,      t
nannten Eingangssignals. einen digital-analog Wandler (6) zur ROck-
umwandlung des genannten Stromes von Zahlen    6. Schaltungsanordnung nach
Anspruch 5, da- in sin Analogsignal, das proportional zu einer  40  durch
gekennzeichnet, dass die Sequenz gan- konstanten Referenzspannung ist,
welches Ana-     zer Zahlen auf nur zwei m6gliche Werte begrenzt logsignal
das Ausgangssignal (P) ist.             ist wie ein positiver und ein
negativer Wert. 2. Schaltungsanordnung nach Anspruch 1, da-       7.
Schaltungsanordnung nach Anspruch 5 oder 6, durch gekennzelchnet, dass die
genannten   45     dadurch gekennzelchnet, dass die Amplitude ganzen Zahlen
aus nur zwei moglichen Werten       des genannten Eingangssignals mittels
einer sin bestehen, wie einen positiven und einen negati-   Tiefpassfilter
zur Glattung der Messung umfas- ven Wert.
senden Messvorrichtung (12) bestimmt !st. 3. Schaltungsanordnung nach
Anspruch I oder 2,  5o  8. Schaltungsanordnung nach einem der AnspruI-
dadurch gekennzeichnet, dass zur Erzeugung        che 5-7, dadurch
gekennzelchnet, dass der der genannten ersten Referenzspannung (R) ei-
analog-digital Wandler (8) und der digitalanalog ne glattende
Amplitudenmessvorrichtung vor-       Wandler (10) je einen Codierer und
einen Deco- handen ist.                                       dierer
umfassen, die nach Delta-Modulation, Del- 55     ta-Sigma-Modulation oder
Varianten davon ar- 4. Schaltungsanordnung nach einem der Anspru-
belten, wobei der Codierer che I - 3, dadurch gekennzeichnet, dass der
Mittel zur Erzeugung der abgegebenen analog-digital Wandler (2) einen
Codierer (14-    Folge von Zahlen in Form von binaren Zahlen mit 8    15
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das nur zwei m6gliche Werte darstelit,   skaliert wird. 



und in proportionaler Welse den momentanen Wert des Eingangssignals (u)
darstellt,         12. Verfahren nach Anspruch 12, dadurch gekenn- und
Mittel zur Kompensation der groben       zeichnet, dass die Folge der
ganzen Zahlen auf Quantisierung mit zwei Pegeln urn dadurch die   5  nur
zwel m6gliche Werte eingeschrankt ist, wie Umwandlungsrate derAbtastung
oderder Bitrate       einen positiven und einen negativen Wert. zwecks
Erhaltens der gewfinschten Genauigkelt zu erh6hen, umfasst, welcher
Decodierer dazu ausgebildet ist, um denselben Bitstrom anzunehmen, wie
ervom   10 Codierer erzeugt wurde und um diesen in ein Si- gnal In analoger
Form umzuwandeln, und der welter Mittel aufweist, zur Erzeugung des ge-
nannten Ausgangssignals durch skalieren des analogen Signals proportional
zu der genannten   15 Referenzspannung durch Verwendung der letz- teren
zwecks Bestimmung der Schrittgrosse des Decodierers. 9. Verfahren zur
Verarbeitung eines analogen Ein-  20 gangssignals, das grosse
Amplitudenunterschie- de aufweist, wie be! der Sprache, und ein erstes
Verhaltnis zwischen maximaler und minimaler Amplitude aufweist, umfassend
die Reduktion des ersten Verhaltnisses in ein zweites Verhalt-  25 nis, das
die Quadratwurzel des ersten Verhalt- nisses ist und zur Abgabe eines
Analogaus- gangssignals mit dem .zweiten Verhaltnis, go- kennzeichnet durch
Umwandeln des Elngangssignals in einen   30 Strom ganzerZahlen, die in
proportlonalerWeise den momentanen Wert des Eingangssignals ge- teilt durch
eine erste Referenzspannung, die pro- portional zur Amplitude des genannten
Aus- gangssignals ist, darstellt,               35 Ruckumwandeln der Folge
von Zahlen proportional zu einer konstanten Referenzspan- nung in ein
analoges Signal, das das Ausgangs- signal bildet.
40 10. Verfahren nach Anspruch 9, dadurch gekenn- zeichnet, dass die ganzen
Zahlen aus zwei mog- lichen Werten, einem positiven und einem nega- tiven,
bestehen. 45 11. Verfahren zur Verarbeitung eines Eingangssi- gnals mit
komprimiertem Amplitudenbereich zwecks Erzeugung eines Ausgangssignals mit
einem Amplitudenbereich, der das Quadrat des komprimlerten Bereichs ist,
gekennzelchnet  so durch Andern des Eingangssignals in eine Folge von
ganzen Zahlen, die in proportionaler Art das Eingangssignal darstellen.
Ruckumwandeln der Folge von Zahlen in em, das Ausgangssigrial darstellendes
Analogsignal,  55 wahrend das Ausgangssignal proportional zu ei- ner in
Abhangigkeit von der Amplitude des Ein- gangssignals. abgeleiteten
Referenzspannung    


