
1           0 090 464                      2 Description
the desired reinforcing or attenuation of frequency components is realized
by changing the resistance A. Background of the invention
value of a resistance network. Thus, such a tone A(1) Field of the
invention                       control arrangement has a transfer
characteristic 5 which depends on the resistance value of this vari- The
invention relates to an arrangement for con-  able resistance network.
Hereinafter, this will be trolling the amplitude and the phase of frequency
expressed by assuming that a family of tranfer components of an audio
signal which is available  characteristics is associated with the tone
control in digital form, the frequency components being   arrangement.
located in a predetermined frequency band. Such   10    In the past few
years the interest for the di- an arrangement is suitable for use as a bass
controll  gitalization of analogue signals has generally signal circuit, as
a treble control signal, or as an  greatly increased. This interest has
also penetrated equalizing signal, and will be denoted a digital
intotheaudiofield.Alreadysomeyearsagoefforts tone control arrangement
hereinafter.             were successfully made to digitize an analogue au-
75   dio signal, more specifically a musical signal, and A(2) Description
of the prior art                 to record it in digital form on a magnetic
tape and In audio apparatus generally, an analogue audio  even on a record.
By means of a digital read ar- signal is processed whose frequency spectrum
is   rangement the information present on the tape or located in the audio
frequency band from ap-      on the record is converted into a digital
audio sig- proximately 0 Hz to approximately 20 kHz and   20   nal which
can be converted into the original which is converted into an acoustic
signal via a  analogue audio signal by means of a digital-to- loudspeaker.
The energy in this acoustic signal is,  analogue converter. A tone control
can be applied however, highly dependent on the acoustic im-     in the
above-described manner to this audio sig- pedance of the enclosure in which
the loudspeaker  nal. is accommodated. As this impedance has a fre-  25
Each of the References 1 and 2 describes a di- quency-dependent behaviour,
the energy in the     gital tone control arrangement with which the de-
acoustic signal depends on the amplitude and the  sired tone control is
obtained by performing phase of the different frequency components of
processing operations on the digital audio signal. the analogue audio
signal.                        This arrangement comprises a recursive
digital fil- In order to prevent certain frequency com-   30   terto which
the digital audio signal is applied and ponents in the audio signal from
making too small  which incorporates a recursive portion and a non- a
contribution to the acoustic signal, this analogue  recursive portion.
General information on digital audio signal is applied to the loudspeaker
via a  filters and digital signal processing can be found in tone control
arrangement. This tone control ar-   Reference 3, while the terminology
relating to di- rangement may be of such a construction that  35   gital
signal processing is contained in Reference 4. therein the amplitude and
phase of those fre-     As is, for example, described in these References 3
quency components of the analogue audio signal    and 4, both the recursive
portion and the non- which are located in the frequency band from for
recursive portion of a recursive digital filter com- example, 0 Hz to
approximately 300 Hz can be      prises a plurality. of delay elements and
a plurality reinforced or attenuated with respect to the re-   40   of
multipliers. maining components. This is called bass control.    A main
group of filter coefficients is associated Alternatively, this tone control
arrangement may  with the recursive digital filter, that is to say a mul-
be of such a construction that therein the am-    tiplying factor,
alternatively denoted a filter coef- plitude and the phase of those
frequency com-     ficient, is applied to each multiplier. Together,
ponents of the analogue audio signal which are  45  these multiplying
factors form this main group. located in the frequency band from for
example,   Such a main group can be split into a first and a approximately
300 Hz to 20 kHz can be reinforced  second subgroup, which, as is indicated
in the Re- or attenuated with respect to the remaining com-  ferences 1 and
2 must each comprise the same ponents. This alternative is called treble
control.  number of filter coefficients. The coefficients of the Also in
contemporary audio apparatus tone con-   50   first subgroup are, for
example, applied to the trol arrangements are used which are of such a
multipliers in the non-recursive portion and the construction that therein
the amplitude and phase  coefficients of the second subgroup are applied to
of those frequency components of the analogue     the multipliers of the
recursive portion. Thus, the audio signal which are located within a
particular  first subgroup determines the location of the zeros frequency
band of a given width within the audio   55   of the transfer function of
the digital filter and the frequency band are reinforced or attenuated with
second subgroup then determines the locations of respect to the remaining
components; this is called  the poles of these transfer functions (see also
Re- spectrum equalization. Typically, to equalize the  ference 3, chapter
4). When the location of the frequency spectrum, the overall audio
frequency   poles and the zeros of the transfer function are band is
divided into a plurality of consecutive sub-   60   known, the transfer
characteristic of the recursive bands each having a width of, for example,
ap-    digitalfilterandconsequentlyalsoofthetonecon- proximately 1 kHz and
a tone control arrangement  trol arrangement are then fully known. As a
family is then provided for each sub-band.               of transfer
characteristics must be realized with the In known tone control
arrangements which are    digital tone control arrangement, as also with
its arranged for processing an analogue audio signal,  65   analogue
counterpart, a main group of filter coef- 2 



3                      0 090 464                     4 ficients must be
available for each transfer charac-  characteristic around the zero axis
can be des- teristic. It is then customary to use in the tone con -  cribed
by the transfer function of trol arrangement a memory means having a num-
[err] From this it follows that the ber of addressable memory fields. A
main group of          [err] filter coefficients is stored in each memory
field.   5    zeros of H (z) coincide with the poles of H'(z) and More
specifically, each memory field has a number  that inversely the poles of H
(z) coincide with the of memory locations which are each arranged to
zero points of H'(z). Thus, by assigning a fixed store a filter coefficient
of the relevant main group.  value to the zeros of H (z) and by varying its
poles The required addresses for the addressable mem-    a certain family
of gain characteristics is obtained. ory fields are generated by an address
generator   10   If this situation is reversed and the poles of H'(z) which
can be operated by a user of the audio ap-   are made to coincide with the
zeros of H(z), by paratus by means of control elements.
varying the zeros of H'(z) and have them coincide From the foregoing, it
will be obvious that the  with the poles of H(z), a family of attenuation
number of memory locations required is directly    characteristics is
obtained which is identical to proportional to the number of filter
coefficients in  15   said certain family of gain characteristics but a
main group and tothe number of transfercharac-   which are mirror-inverted
versions thereof relative teristics to be realized.
to the zero axis. B. Summary of the invention                         C.
References The invention has for its object to provide in a   2  1.
Microprocesser Mixing and Processing of digital tone control arrangement
which comprises    Digital Audio Signals; G.W. McNally; Journal of in the
above-described manner:                     the Audio Engineering Society,
Vol. 27, No. 1 0, - a recursive digital filter to which a digital au-
October 1979, pages 793-803. dio signal is applied, which has a recursive
portion   25  2. Digitalization of Conventional Analog Filters and a
non-recursive portion and with which a        for Recording Use; Y. Hirata;
Journal of the Audio number of main groups of filter coefficients are
Engineering Society, Vol. 29, No. 5, May 1981, associated which are each
divided into a first and  pages 333-337. a second subgroup of filter
coefficients each         3. Digital Signal Processing; A.V. Oppenheim,
having the same number of filter coefficients; and   30   R.W. Schafer,
Prentice-Hall, INC (1975) (ISBN - a memory means for storing the main
groups      0-13-214635-5). of the filter coefficients;
4. Terminology in Digital Signal Processing; a reduction of the total
number of required filter  L.R. Rabiner etal. IEEE Transactions on Audio
and coefficients and consequently the number of         Electro-acoustics,
Vol. AU-20, December 1972, memory locations required in the memory means
35   pages 322-337 without decreasing the number of transfer charac-
teristics which are to be realized.                 D. Short description of
the figures According to the invention, the memory means        Fig. 1
shows a first embodiment of a digital tone is divided into a first memory
field for storing only  control arrangement for bass or treble control. one
single first subgroup of filter coefficients and   40  Fig. 2a shows a
family of bass control charac- into a number of second memory fields in
each of   teristics which can be obtained with the tone con- which a
respective second subgroup of filter coef-  trol arrangement shown in Fig.
1. ficients is stored; in addition, this tone control ar-  Fig. 2b shows a
family of treble control charac- rangement comprises control means for
selectively  teristics which can be obtained with the tone con- applying
the first subgroup of filter coefficients   45   trol arrangement shown in
Fig. 1. stored in the first memory field either to the non-   Fig. 3 shows
a different implementation of a re- recursive portion or to the recursive
portion and for  cursive digital filter for use in the tone control ar-
applying a second subgroup of the coefficients to  rangement shown in Fig.
1. that portion to which the first subgroup of filter    Fig. 4 shows a
second embodiment of a digital coefficients is not applied.
50   tone control arrangement which is particularly On the one hand the
invention is based on the     suitable for, for example, equalizing
purposes. idea that a family of gain characteristics which is very suitable
for practical usage can be obtained by  E. Descriptions of the embodiments
varying the poles after a fixed choice of the zeros of  Fig. 1 shows a
first embodiment of a digital tone the transfer function. At the same time
the inven-   55   control arrangement. It comprises a recursive dig- tion
is based on the idea that a family of attenua-  ital filter 1, a switching
device 2, a memory means tion characteristics which is very suitable for
prac-  3 and a control circuit 4. Let it be assumed that this tical usage
can be obtained by mirror inverting the  tone control arrangement is
intended for bass or family of gain characteristics around the zero axis;
treble control of an audio signal x(n) which is ap- this is the axis which
corresponds to a reinforce-   60   plied in digital form. In that case, the
order of the ment of 0 D8. If now a predetermined gain charac-  digital
filter 1 may be chosen to be equal to unity, teristic is described by the
transfer function of  so that the z-transformed transfer function H (z) of
H(z) = D(z) then the attenuation characteristic    this filter is
proportional to (z+a)/(z-b) and N  (z)'
consequently has one zero point, namely for z= - a which is obtained by
mirror-inverting this gain   65   and one pole, namely for z= +b. 



3    5                     0090464                        6 As is generally
known from the theory of digital  ficient outputs 301 and 302 are connected
to the signal processing (see for example the References   coefficient
inputs 201 and 202, respectively, of the 3 and 4), such a transfer function
can be realized  switching device 2. This memory means 3 further by means
of digital filters implemented in very di-  comprises a first memory field
304 for storing a first verse manners. The digital filter 1 shown in Fig. 1
5    subgroup of filter coefficients and five second has a signal input
101, a signal output 102, and    memory fields 305(1 )... 305(5) in each of
which a coefficient inputs 103 and 104. The digital audio   second subgroup
of filter coefficients is stored. signal x(n) is applied to the signal
input 101 and  Since the digital filter shown in Fig. 1 is a first- the
filtered digital audio signal y(n) occurs at the  order filter and its
transfer function has only one signal output 102. This digital filter
comprises a   10   zero and only one pole, each subgroup of coef- first
adder 105, a first delay device 106 and a first  ficients is formed by only
one filter coefficient, and multiplier device 107. The circuit formed by
these  each memory field comprises only one memory elements represents the
non-recursive portion of    location. The filter coefficient a0,0 stored in
the the recursive digital filters. In addition to this non-  memory
location of the memory field 304 is con- recursive portion this recursive
digital filter has a   15   tinously applied to the coefficient input 201
of the recursive portion comprising a second adder 108,    switching device
2 via the coefficient output 301. a second delay device 109 and a second
multiplier   The filter coefficient [err] wherein i = 1, 2, 3, 4, 5, device
110. The delay devices 106 and 109 each      which is stored in the memory
location of the have a time delay equal to the sampling period      memory
field 305 (i) can be applied to the coef- which is associated with the
digital audio signal   20   ficient input 202 of the switching device 2 via
the x(n). An input of the first multiplier device 107 is  coefficient
output 302. The five second memory connected to the coefficient input 1 03
to receive a  fields 305(1) to 305(5), inclusive which may filter
coefficient N. An input of the second multi-  together be incorporated in a
ROM, are individu- plier device 11 0 is connected to the coefficient in-
ally addressable by means of an address coder 306 put 104 to receive a
filter coefficient P.    25   connected to these memory fields and to which
The switching device 2 has two coefficient in-    address codes are applied
which are offered to the puts 201 and 202, two coefficient outputs 203 and
control input 303. 204, and also two control signal inputs 205 and       As
a starting point let it be assumed that the ad- 206. The coefficient
outputs 203 and 204 are con-   dress codes 000; 001; 010, ... 111 can be
offered. nected to the coefficient inputs 103 and 104, re-   30   If now
more particularly the address code 000 is spectively, of the recursive
digital filter 1. By way  offered, then it will be assumed that none of the
of AND-gate circuits 207-210 and OR-gate cir-       memoryfields305(i)
isaddressedandthatnoneof cuits 211 and 212 the coefficient inputs 201 and
the coefficients [err] is applied to the digital filter 1. 202 are
connected to the coefficient outputs 203   If, however, the address code
001 is offered, then and 204. A logic control signal Q(t) which is of-  35
the filter coefficient [err] is applied to the digital fered to the control
signal input 206 is applied to  filter. If the address code 010 is offered
then the the AND-gate circuits 207 and 209, and a logic      filter
coefficient b20 is applied to the digital filter 1, control signal output
[err] offered to the control   and so on. In the present example only five
of the signal input 205 is applied to the AND-gate cir-    eight possible
3-bit address codes are used to ad- cuits 208 and 210. Herein [err]
represents the logic  40   dress the five second memory fields. In
practice, inverted version of Q(t). This switching device 2   the filter
coefficients [err]are chosen and arranged operates as follows. Let it be
assumed that Q(t) =1,  such that bm.o is less than [err], wherein m=2, 3,
then a filter coefficient applied to the coefficient  4, 5. input 201 is
applied to the coefficient output 203    The above-mentioned address codes
and the via AND-gate circuit 207 and OR-gate circuit 211   45   logic
control signals Q(t) and [err] are generated and thus to an input of the
first multiplier device  by the control circuit 4, which has an address
code 107 viathe coefficient input 103 of the digital filter  output 401
which isconnected to thecontrol input 1. Simultaneously, a filter
coefficientappliedtothe  303 of the memory means 3. In addition, it has
first coefficient input 202 is applied to the coefficient  and second
control signal outputs 402 and 403, output 204 viaAND-gate circuit 209 and
OR-gate   50   which are connected to the control signal inputs circuit 212
and thus to an input of the second      205 and 206, respectively of the
switching device multiplier device 11 0, viathe coefficient input 104  2.
This control circuit 4 further comprises a 4-bit of the digital filter 1.
The transfer function of digital  up-down counter 404 having an up-counting
in- filter 1 is now, for example, new equal to H(z). If  put "+" and a
down-counting input "-". These [err] and thus [err], a filter coefficient
of-  55   two inputs are connected via respective switches fered to the
coefficient input 201 is applied to the  405 and 406 to the output of a
clock pulse genera- second multiplier device 110 viaAND-gate circuit    tor
407 which produces clock pulses with a fre- 210, and OR-gate circuit 212.
Simultaneously, a     quency of, for example, 1 Hz or less. The switches
coefficient offered to the coefficient input 202 is  405 and 406 are
manually operable as a result of applied to the first multiplier device 107
via AND-   60   which clock pulses can be applied to one of the gate
circuit 208 and OR-gate circuit 211. As a re-  two inputs of the counter
which thus assumes a suit thereof the transfer function of the digital
filter  differentone of thesixteen possible counting posi- 



1 now becomesequal to H'(z) = (z).                 tions0000; 0001; 0011;
.... 0111; 1001; ... 1111 The memory means 3 has coefficient outputs
in turn for each pulse. In thesenumbers the under- 301 and 302 and a
control input 303. The coef-   65   lined bit represents the most
significant bit (ab- 4    7                     0090464
8 breviated to MSB). This most significant bit is     mentshown in Fig.
1,the recursive portion and the available at an MSB-output 408 of counter
404       non-recursive portion are wholly separate from and is applied to
the D-input of a D-flip-flop 410.  each other. It is, however,
alternatively possible to The clock pulse input (or C-input) of this
flip-flop  implement the recursive digital filter in such a way is
connected to the output of clock pulse generator   5    that certain
elements are simultaneously part of 407 via a delay device 411. The time
delay of this  both the recursive and the non-recursive portions. delay
device 411 is chosen such that at its output  An example of a recursive
digital filter implement- a clock pulse occurs after the counting position
ed in such a manner is shown for the sake of com- has been changed and
prior to the occurrence of a   pleteness in Fig. 3. This recursive digital
filter has next clock pulse. The logic control signal [err] oc-   10   a
signal input 101, a signal output 102 and coef- curs at the Q-output of
this flip-flop 410, the logic  ficient inputs 103 and 104. In addition,
this filter value of this logic control signal being equal to   comprises
the two adders 105 and 108 and the MSB. At the [err]-output of flip-flop
410 the control   two multiplier devices 107 and 110. In this em- signal
[err] occurs and the logic value thereof is   bodiment of the recursive
digital filter there is, equal to the logic inverted value [err] of MSB.
The   15   however, only one delay device 106. The recursive signals Q(t)
and [err] are applied to the switching  portion of the filter is now formed
by the circuit device 2 via the respective control signal outputs
comprising the elements 108, 106 and 110, and 403 and 402.
the non-recursive portion is formed by the circuit The three other bits of
the counting positions    comprising the elements 105, 106 and 107. form a
code word which will be denoted a residual   20  In the embodiments of the
digital tone control word hereinafter, which becomes available at an
arrangement shown in Fig. 1, a first-order recur- output 409 of counter 404
and is applied to two     sive digital filter is used, so that this tone
control AND-gate circuits 412 and 413, which are con-       arrangement is
particularly suitable for bass or tre- trolled by the control signals [err]
and Q(t), re-   ble control. If, however, this tone control arrange-
spectively. The output of AND-gate circuit 413 is  25   ment must be
employed for equalizing purposes, directly connected to an input of an
OR-gate cir-   then this recursive digital filter must be at least of cuit
414 and the output of AN D-gate circuit 412 is  the second order, so that
its transfer function has at connected via an inverter circuit 415 to
another    least two zeros and two poles. input of the OR-gatecircuit414.
Theoutput of this     Fig. 4 shows an embodiment of the digital tone
OR-gate circuit 414 is connected to the address   30   control, arrangement
in which a second-order re- code output 401 of the control circuit 4.
cursive digital filter 1 is employed. This tone con- If Q(t) = 1 and the
counter 404 supplies, for ex-  trol arrangementcorresponds toa very great
extent ample, the residual word 010, then this word is     to the
arrangement shown in Fig. 1, but differs directly applied as an address
code to the address  therefrom in the following respects: decoders 306 and
the filter coefficient [err] is ap-  35  1) In addition to the signal input
1 01, the signal plied to the multiplier device 110 in the recursive
output 102, the coefficient outputs 103 and 104, portion of the digital
filter 1.                    the adders 105 and 1 08, the delay device 106
and If in the event that Q(t)=0, and consequently     the multiplier
devices 107 and 1 10, the second- [err],  and the residual word is
order recursive digital filter 1 further incorporates equal to 101, this
residual word is applied to the   40   coefficient inputs 111 and 112,
adders 113 and inverter circuit 415 which inverts each bit of this  114,
multiplier devices 115 and 116 and a delay residual word and thus produces
an inverted re-     device 117. The recursive digital filter shown in
sidual word 010 which is now applied viathe OR-     Fig. 4 has a well-known
construction and com- gate circuit 414 as an address code to the address
prises a recursive portion incorporating the ele- decoders 306, in response
to which the filter coef-   45   ments 108, 106, 117, 110, 116, 114 and a
non- ficient [err] again appears at the coefficient output  recursive
portion incorporating the elements 106, 302, which filter coefficient is
now, however, ap-  117, 107, 115, 105, 103. plied to the multiplier device
107 in the non-recur-  2) The switching device 2 is now of a dual con- sive
portion of the digital filter 1.               struction and in addition to
the original switching Fig. 2a shows a family of transfer characteristics
50   circuit already shown in Fig. 1, which is now for bass control which
is obtained by means of the  formed by the AND-gate circuits 207-210 and
the tone control arrangement shown in Fig. 1, if the    OR-gate circuits
211 and 212, it now comprises a value of coefficient [err] is chosen to be
equal to   second switching circuit of the same construction 0.9315 and the
values shown in the Figure are       as the original switching circuit and
formed by sequentially assigned to the filter coefficients [err].  55
AND-gate circuits 213-216 and OR-gate circuits Fig. 2b shows a family of
transfer characteristics  217 and 218. This second switching circuit con-
for treble control which is obtained by means of    nects coefficient
inputs 219 and 220 to coefficient the tone control arrangement shown in
Fig. 1, if the  outputs 221 and 222. The coefficient outputs 203 value of
the coefficient [err] is chosen to be equal to  and 204 are again connected
to the coefficient in - 



0.9000 and the values shown in the Figure are  60   puts 103 and 104,
respectively, of the digital filter sequentially assigned to the filter
coefficients [err]  1 and the coefficient outputs 221 and 222 are con - As
mentioned in the foregoing, the desired        nected to the coefficient
inputs 111 and 112, re- transfer function can be realized with digital
filters  spectively, of this digital filter. of a widely different
implementation. In the recur-   3) In addition to the coefficient outputs
301 sive digital filter 1 used in the tone control arrange-   65   and 302
the memory means 3 now also has coef- 5    9                     0090464
10 ficient outputs 307 and 308, which are connected    der Amplitude und
Phase der Frequenzkompo- to the coefficient inputs 21 9 and 220.
respectively,  nenten eines Audiosignals, das in digitaler Form of the
switching device 2. Since the filter shown in  zur Verfugung steht und
dessen Frequenzkompo- Fig. 4 is a second-order digital filter and its
transfer  nenten in einem vorher festgelegten Frequenz- function has not
only two zero points but also two    5    band liegen; diese Schaltung
besteht aus: poles, each subgroup of filter coefficients now       - einem
rekursiven Digitalfilter (1), an das ein consists of two filter
coefficients. More specific-  digitales Audiosignal gelegt wird und das
einen ally, the first subgroup of the filter coefficient is  rekursiven und
einen nichtrekursiven Teil hat, an now formed by [err] and [err], which are
both stored     den jeweils Filterkoeffizienten gelegt werden, die in a
memory location of the first memory field 304,   10  in einem
Speichermittel (3) gespeichert sind, wel- these filter coefficients [err]
and [err] being con-  che Schaltung dadurch gekennzeichnet ist, dass:
tinuously applied to the coefficient outputs 301      - das Speichermittel
(3) Unterteilt ist in ein er- and 307, respectively. Each second subgroup
of      stes Speicherfeld (304) fur die Speicherung nur filter coefficients
is now also formed by two filter  einer einzigen ersten Teilgruppe von
Filterkoeffi- coefficients, namely by [err] and [err], wherein i= 1, 2,
15   zienten und in eine Reihe zweiter Speicherfelder, 3, 4,5 which are
each stored in a memory location   in denen jeweils eine entsprechende
zweite Teil- of the second memory field 304 (i) and can be       gruppe von
Filterkoeffizienten gespeichert ist; applied to the coefficient outputs 302
and 308,       - Steuermittel (4) vorhanden sind fur die selek-
respectively. In the manner as described with re-   tive Zufuhrung der
ersten Teilgruppe von Filter- ference to Fig. 1, each of these two memory
fields   20   koeffizienten, die im ersten Speicherfeld (305(1) is also
addressable by means of the address coder   ... 305(5)) gespeichert sind,
entweder zum nicht- 306 to which address codes are applied which can
rekursiven Teil oder zum rekursiven Teil und fur die be generated by the
control circuit 4, which may be  Zufuhrung einer zweiten Teilgruppe der
Filter- of a similar construction to the control circuit    koeffizienten
zu dem Teil, dem die erste Teilgruppe shown in Fig. 1.
25   von Filterkoeffizienten nicht zugefuhrt wird. Claim A digital tone
control arrangement for control-   Revendication ling the amplitude and the
phase of the frequency   30 components of an audio signal which is
available      Circuit num6rique de commande de tonalite in the digital
form, the frequency components       pour la commande de l'amplitude et la
phase des being located in a predetermined frequency band,    composantes
de frequence d'un signal audio ob- which arrangement comprises:
tenable sous forme num6rique, les composantes - a recursive digital filter
(1) to which a digital   35   de frequence etant situees dans une bande de
fre- audio signal is applied, which has a recursive por-  quence
predeterminee, circuit qui comporte: tion and a non-recursive portion, each
portion re-    - un filtre numerique recursif (1 ) auquel est ceiving
filter coefficients which are stored in a   amene un signal
audio-numerique, qui presente memory means (3) and which arrangement is
une partie recursive et une partie non recursive, characterized in that:
.40   chaque partie recevant des coefficients de filtrage - the memory
means (3) is divided into a first    stockes dans un moyen de m~moire (3),
ce circuit memory field (304) for storing only one single first  htant
caracterise en ce que: subgroup of filter coefficients and into a number of
- le moyen de memoire (3) est divise en un pre- second memory fields in
each of which a respec-     mier champ de memoire (304) pour stocker un
tive second. subgroup of filter coefficients is  45   seul premier
sous-groupe de coefficients de fil- stored;
trage en plusieurs seconds champs de memoire -. control means (4) are
provided for selectively  dans chacun desquels est stocke un second sous-
applying the first subgroup of filter coefficients  groupe respectif de
coefficients de filtrage; stored in the first memory field (305(1) ...
305(5))  - des moyens de commande (4) sont prevus either to the
non-recursive portion or to the recur-   50   pour appliquer selectivement
le premier sous- sive portion and for applying a second subgroup of  groupe
de coefficients de filtrage stockes dans le the filter coefficients to that
portion to which the  premier champ de memoire (305(1) ... 305(5)) first
subgroup of filter coefficients is not applied.  soit A la partie non
recursive soit A la partie recur- sive et pour appliquer un second
sous-groupe des Patentanspruch                                 55
coefficients de filtrage A la partie A laquelle nWest pas applique le
premier sous-groupe de coeffi- Eine digitale Klangregelschaltung zur
Regelung    cients de filtrage. 60 



9                      0090484                       10 ficient outputs 307
and 308, which are connected    der Amplitude und Phase der Frequenzkompo-
to the coefficient inputs 219 and 220, respectively,  nenten eines
Audiosignals, des in digitaler Form of the switching device 2. Since the
filter shown in  zur Verfugung steht und dessen Frequenzkompo- Fig. 4 is a
second-order digital filter and its transfer  nenten in einem vorher
festgelegten Frequenz- function has not only two zero points but also two
5    band liegen; diese Schaltung besteht aus: poles, each subgroup of
filter coefficients now       - einem rekursiven Digitalfilter (1), an das
ein consists of two filter coefficients. More specific-  digitales
Audiosignal gelegt wird und das einen ally, the first subgroup of the
filter coefficient is  rekursiven und einen nichtrekursiven Teil hat, an
now formed by [err] and [err]which are both stored   den jeweils
Filterkoeffizienten gelegt werden, die in a memory location of the first
memory field 304,   10  in einem Speichermittel (3) gespeichert sind, wel-
these filter coefficients [err]and [err]being con-   che Schaltung dadurch
gekennzeichnet ist, dass: tinuously applied to the coefficient outputs 301
- das Speichermittel (3) Onterteilt ist in ein er- and 307, respectively.
Each second subgroup of      stes Speicherfeld (304) fur die Speicherung
nur filter coefficients is now also formed by two filter  einer einzigen
ersten Teilgruppe von Filterkoeffi- coefficients, namely by [err] and [err]
wherein i= 1,2,   15   zienten und in eine Reihe zweiter Speicherfelder,
3,4, 5 which are each stored in a memory location  in denen jeweils eine
entsprechende zweite Teil- of the second memory field 304 (i) and can be
gruppe von Filterkoeffizienten gespeichert ist; applied to the coefficient
outputs 302 and 308,       - Steuermittel (4) vorhanden sind fur die selek-
respectively. In the manner as described with re-   tive Zufuhrung der
ersten Teilgruppe von Filter- ference to Fig. 1, each of these two memory
fields   20   koeffizienten, die im ersten Speicherfeld (305(1) is also
addressable by means of the address coder   ... 305(5).) gespeichert sind,
entweder zum nicht- 306 to which address codes are applied which can
rekursiven Teil oderzum rekursiven Teil und fur die be generated bythe
control circuit 4, which may be  Zufuhrung einer zweiten Teilgruppe der
Filter- of a similar construction to the control circuit    koeffizienten
zu dem Teil, dem die erste Teilgruppe shown in Fig. 1.
25   von Filterkoeffizienten nicht zugefuhrt wird. Claim A digital tone
control arrangement for control-   Revendication ling the amplitude and
the-phase of the frequency   30 components of an audio signal which is
available      Circuit num6rique de commande de tonalite in the digital
form, the frequency components       pour la commande de l'amplitude et la
phase des being located in a predetermined frequency band,    composantes
de fr6quence d'un signal audio ob- which arrangement comprises:
tenable sous forme num6rique, les composantes - a recursive digital filter
(1) to which a digital   35   de fr6quence 6tant situ6es dans une bande de
fr6- audio signal is applied, which has a recursive por-  quence
pr6d6terminee, circuit qui comporte: tion and a non-recursive portion, each
portion re-    - un filtre numerique r6cursif (1) auquel est ceiving filter
coefficients which are stored in a   amene un signal audio-num6rique, qui
pr6sente memory means (3) and which arrangement is           une partie
r6cursive et une partie non recursive, characterized in that:
40   chaque partie recevant des coefficients de filtrage - the memory means
(3) is divided into a first    stock6s dans un moyen de memoire (3), ce
circuit memory field (304) for storing only one single first  etant
caracteris6 en ce que: subgroup of filter coefficients and into a number of
- le moyen de memoire (3) est divise en un pre- second memory fields in
each of which a respec-     mier champ de m6moire (304) pour stocker un
tive second subgroup of filter coefficients is  45   seul premier
sous-groupe de coefficients de fil- stored;
trage en plusieurs seconds champs de m6moire - control means (4) are
provided for selectively  dans chacun desquels est stock6 un second sous-
applying the first subgroup of filter coefficients  groupe respectif de
coefficients de filtrage: stored in the first memory field (305(1) ...
305(5))  - des moyens de commande (4) sont prevus either to the
non-recursive portion or to the recur-   50   pour appliquer s6lectivement
le premier sous- sive portion and for applying a second subgroup of  groupe
de coefficients de filtrage stock6s dans le the filter coefficients to that
portion to which the  premier champ de mhmoire (305(1) ... 305(5)) first
subgroup of filter coefficients is not applied.  soit A la partie non
recursive soit A la partie recur- sive et pour appliquer un second
sous-groupe des Patentanspruch                                55
coefficients de filtrage a la partie A laquelle n'est pas appliqu6 le
premier sous-groupe de coeffi- Eine digitale Klangregelschaltung zur
Regelung    cients de filtrage. 60 65             I limit little 11
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