
EP 0 292 058 B1 Description The invention relates to a digital lattice
filter, comprising a plurality of identical stages each having a pair of
inputs for receiving input signals (e(i)(n); d(i-1)(n)) and a pair of
outputs for supplying output signals 5  (e(i-1)(n);d(i(n)), these stages
being connected in a cascade arrangement, each stage consisting in two
mutually linked branches, no less than one of these branches comprising
delay means, a number of successive cascaded filter stages forming a group
comprising two branches which are formed by the series connection of the
first and the second branches of each stage of the group respectively, both
branches of each group of filter stages comprising delay means such that
the time delay in the first branch is equal to 10  the time delay in the
second branch. Such a lattice filter is known from the Article entitled:
"Generalized Schwarz Form and Lattice-Ladder Realizations of Digital
Filters" by Hidenori Kimura, published in IEEE Transactions on Circuits and
Systems, Vol. CAS-32, No. 11 November 1985, pp. 1130-1139, and especially
from Fig. 8. It is a known fact, inter alia from the article mentioned as a
reference in the above article, entitled: "Digital Lattice and
Ladder-Filter 15  Synthesis" by A.H. Gray and J.D. Markel, published in
IEEE Transactions on Audio and Electroacoustics, Vol. AU21, No. 6, December
1973, pp. 491-500, that lattice filters have particulary favourable
properties and are therefore utilized in a great number of applications,
more specifically, in the field of speech processing, because a lattice
filter permits a direct interpretation of a model of a speech path.
Generally, a model composed of an all-pole acoustic filter is used for a
speech path, which requires the use of an all-zero 20  analysis filter. In
the case of speech processing, in which the sampling rate of the signals to
be processed by the filter is relatively low, the fact that the signals
have to be processed sequentially by the successive stages of the lattice
filter, so that during a single sample interval the number of calculations
is at least equal to the number of filter stages, will not cause a problem
to either the analisis lattice filter or the synthesis lattice filter. 25
However, it is also desirable to utilize lattice filters, more
specifically, recursive, lattice filters, in a large number of other cases.
Recursive filters having a relatively short span can provide relatively
long impulse responses, so that the number of calculations required can be
less, which in many cases is highly attractive. A problem in respect of
recursive filters and, more specifically, adaptive recursive filters is the
fact that they can become unstable when a pole in the filter is outside the
unit circle. Lattice filters not only 30  have the advantage that smaller
word lengths can be used, but also that the requirements as to stability
can easily be verified on the basis of the values of the filter
coefficients. An all-pole recursive lattice filter, as is known from the
above-mentioned article by Gray and Markel, is shown in Figure 1. The
filter can comprise a cascade arrangement of 2N stages, each stage
consisting of two branches 1 and 2, which are mutually linked via
connections in which multiplier circuits 3 and 4 are 35  incorporated. In
adder circuit 5 the input signal e(i)(n) of branch 1 is combined with the
output signal of multiplier circuit 4, whose multiplication factor is
Kb(i), whilst in adder citcuit 6 the input signal of branch 2 is combined
with the output signal of multiplier circuit 3, whose multiplication factor
is [err](i). To the input of branch 2 a circuit of delay elements 7 is
connected delaying the input signal d(i-1)(n) of branch 2 over one sample
period. 40     For the output signal of branch 1 the following holds: e(i-1
)(n) = e(i)(n) + [err](i)d(i-1 )(n-1)   (1) For the output signal of branch
2 the following holds: 45 d(i)(n) = [err](i)e(i-1)(n) + d(i-1)(n-1)  (2)
The equations (1) and (2) show that for calculating d(i)(n), not only the
values have to be known of d(i- 1)(n-1) of the preceding stage, during the
preceding sample period, but also the signal e(i-1)(n), for which so  the
signal e(i)(n) of the preceding stage has to be known, that is during the
same sample interval. This does not pose a problem as long as there is
ample time for a specific sample to travel the filter from beginning to end
during an interval between successive samplings. The equations (1) and (2)
can then be calculated sequentially by a processing means starting with i =
2N, where e(2N)(n) is equal to the actual signal sample x(n) at the input
of the filter, and ending with i = 1, where the signal sample y(n) is
available at the filter 55  output as the signal e(0)(n). Subsequently, the
next signal sample x(n + 1) = e(2N)(n + 1) can be received, in which the
calculated values of d(i)(n) have assumed the values of their predecessors.
It will be evident that all this imposes considerable restrictions on the
implementation of a digital filter of some magnitude, realized by means of
an all-pole lattice filter. In a real-time system the fact that such an 2 



EP 0 292 058 B1 implementation is possible or impossible totally depends on
the speed of the available processors. The fact that each stage requires at
least one multiplication and one addition has rendered the processing of
more than one stage between two system clock pulses problematic. The
duration of the system clock pulses can be equal to the sample period, but
is generally much shorter. Even if table look-up methods were used, 2N s
operations would have to be carried out in a single sample period, and the
storage capacity required would be very considerable. The input signal for
one stage requires two signal words (e(i)(n) and d(i-1)(n-1)) and one
coefficient word (K(i). They could be encoded into one address, which
address would contain the stage output signal in a sufficient number of
bits to encode the two signals e(i-1)(n) and d(i)(n). For 8-bit signals and
4-bit coefficients this would ask for a two megabyte memory, to be
addressed 2N times per sample 10  period. Even with such a table look-up
method the maximum span of a recursive lattice filter remains inversely
proportional to the sampling rate. Thus, the maximum span of the filter is
equal to the ratio between the sample period and the system clock-period.
For a signal having a bandwidth of 25 kHz an all-pole lattice filter having
a span of 20 stages, arranged in this idealized manner, would still require
a system clock of 15  approximately 1MHz, the Nyquist frequency being
50kHz. At present this is possible, true enough, but many systems require
still much higher sampling rates, so that the limits of the existing, more
specifically economically justifiable, hardware are reached. For example,
if one wishes to construct an anti-multipath filter for an FM-receiver,
when assuming the FM-signal to be transformed down to a zero-frequency
carrier, the sampling rate for the FM-signal will be approximately 0.5 MHz.
The minimum delay which the filter has 20  to be able to cover is
approximately 50us. Practice has shown that even in this simple example in
excess of 20 stages have to be calculated sequentially during the interval
between two incoming signal samples, that is to say within approximately
2[err]. Economically this is not feasible with the existing hardware. The
above article by Hidenori Kimura describes how a general formula can be
drived for the matrix representation of a lattice filter. After deriving
this matrix representation, called Generalized Schwarz Form 25  in the
article, it is shown that there are[err] lattice realizations of a digital
filter of the n order. In one of these realizations delay means have been
incorporated in the two branches of the lattice filter so as to make the
delay in the two branches the same. In the article it is stated that this
reduces the length of the longest delay-free path in the filter and enables
the process rate of the filter to increase, but it is not stated In any way
how this could be realized and it does not contain any clue thereto either.
30     The invention has for its object to provide a recursive lattice
filter of the type mentioned above which is suitable for very high sampling
rates and with which existing, low-cost hardware can be implemented in a
simple manner. Thereto the invention provides a lattice filter of the type
mentioned above, characterized in that each group comprises an even number
of successive cascaded filter stages and in that each group comprises no 35
more than a single processing unit which calculates during a sample
interval the two output signals on the basis of the two input signals,
whilst the processing units of the successive groups calculate the output
signals for different sample instants. As will be explained hereinbelow
with respect to the embodiments with reference to the drawings, it is
possible owing to this invention to process a recursive lattice filter
having relatively slow and hence cost- 40  effective processing units, in
parallel, without affecting the properties of the lattice filter. In the
drawing: Fig. 1: shows a known configuration of a recursive lattice filter
having 2N stages; Fig. 2: shows a diagram representing the signal flow
inside the filter as shown in Fig. 1 as a function of place and time; Fig.
3: shows another representation of the signal flow inside the filter as
shown in Fig. 1 as a function of 45    place and time; Fig. 4: shows a
schematic diagram of an optional circuit implementation of the signal flow
as shown in Fig. 3 in a group of filter stages of a lattice filter
according to the invention; Fig. 5: shows an optional embodiment of a
filter as shown in Fig. 4 wholly realized in a processing unit; Fig. 6:
shows a logic table of the conditions in the processing unit as shown in
Fig. 5 during a clock so    pulse cycle; Fig. 7: shows a flow chart for two
consecutive processing units as shown in Fig. 5; Figs. 8a-d: show four
schematic diagrams of different embodiments of the processing unit shown in
Fig. 



5; Fig. 9a: shows a second configuration of a stage of a lattice filter; 55
Fig. 9b: shows the signal flow in the filter as a function of place and
time relating to the filter as shown in Fig. 9a; Fig. 9c: shows a signal
flow in the filter as a function of place and time as shown in Fig. 9a and
represented in the same manner according to the invention; 3    EP 0 292
058 B1 Fig. 1 Oa: shows a third configuration of a stage of a lattice
filter; Fig. 1Ob: shows the signal flow in the filter as shown in Fig. 10a
as a function of place and time; Fig. 1 Oc: shows a signal flow in the
filter as shown in Fig. 1 Oa as a function of place and time represented in
the manner according to the invention; 5     Fig. 11 a: shows a fourth
configuration of a stage of a lattice filter; Fig. 11 b: shows the signal
flow in the filter as shown in Fig. 1 1a as a function of place and time;
Fig. 1 1c: shows a signal flow in the filter as shown in Fig. 1 a
represented in the manner according to the invention; Fig. 12: shows a
recursive lattice filter which is incorporated in a pole-zero filter
configuration. 10    Fig. 13: shows the filter as shown in Fig. 12 in a
configuration according to the invention. The lattice filter known per se
and shown in Fig. 1 has already been explained above. When maintaining the
same notation for the various signals in the filter, the signals e and d in
the respective stages i + 1, i; i-l and i-2 at the instants n-1, n and n +
I can be represented in the manner shown in Fig. 2. The arrows in these
Figures indicate which other signals a signal e or d depends on. As appears
from the signal groups in 15 broken line boxes shown in Fig. 2, the signal
[err]e(i-1t(n) depends on the signal e(i)(n) and the signal [err] depends
on the signal e(i-1)(n). This implies that the signals e at the instant n
always depend on the signals e of the preceding stage also at instant n.
This has rendered a parallel calculation of a plurality of stages during
one sample interval impossible. Fig. 3 shows another way of representing
according to the invention the course of the signals e and d in 2o  the
respective stages i, i-1 and i-2 at the instants n-1, n and n + 1. When
representing the signal flow in this manner, the values of e and d at the
sampling instant n turn out to depend solely on the values of e and d at
the instant n of the preceding stage in the lattice filter and after that
on signals e and d which have been calculated at the instant n-1, which are
already known and which can have been stored in a memory. The invention is
based on the recognition that the signal values in a recursive lattice
filter, which for example 25  comprises 2N stages, can be calculated in
parallel by providing N processing units, each successively calculating
during a sample interval only the output signals of a first and a second
stage of a pair of adjacent filter stages combined to a group. This implies
that when the signals e(i)(n), e(i-1)(n); d(i-1)(n) and d(i)(n) are
calculated at a specific instant, for the preceding stage pair the value is
calculated at the sampling instant n + 1 and for the next stage pair the
value is calculated at the sampling instant n-1. The 3o  next pair of
stages after all requires the calculations of the preceding pair of stages
at the instant n as can be read from Fig. 3. This also means that for the
filter according to the invention the output signals of the filter will be
available after N sample periods. This is advantageous in that a parallel
processing of pairs of filter stages is feasible at a considerably lower
processing, rate. Fig. 4 shows the way in which a pair of filter stages of
the lattice filter represented in Fig. 1 can be 36  grouped and modified
for providing a lattice filter according to the invention which can be
processed in parallel. Thereto, the delay stage 7 of stage i is transferred
to the input of branch 1 of stage i + 1. It can be proved that the delay
elements in the pairs of filter stages can be shifted in a lattice filter
according to the invention without further affecting the properties of the
lattice filter. A theory which can be utilized in this context is discussed
in the article entitled "Realizability of digital filter networks" by A.
Fettweis in AEU, 40  Volume 30, (1976) Book 2, pp. 90-96. A plurality of
double filter stages of the form represented in Fig. 4 can again be
combined into a lattice filter which has the same properties as the filter
shown in Fig. 1, in which, however, between stage 2N and stage 1 of the
complete filter, a delay occurs in the signal-processing of not more than N
sample intervals, which delay in this case is distributed equally over all
stages. For the relationships between the in- and output signals of the
filter as shown In Fig. 4 the following 45  equations hold: 



e(i)(n) = e(i + 1)(n) + [err](i + 1)d(i)(n-1)  (3) d(i + 1 )(n) = [err](i +
1)e(i)(n) + d(i)(n-1)   (4) so e(i-1)(n) = e(i)(n) + [err](i)d(i-1)(n-1)
(5) d(i)(n) = [err](i)e(i-1 )(n) + d(i-1 )(n-1)   (6) 55     Hence it is
proved that if the successive filter stages are synchronized properly,
these equations can be effected cyclically, allowing the use of a
multi-processor. Fig. 5 shows in a simplified diagram the way in which the
double filter stage shown in Fig. 4 could be realized as a processing unit
with the aid of digital integrated circuits. The processing unit contains a
4    EP 0 292 058 B1 plurality of buffer circuits 20 to 30 which can allow
to pass (state 1) or block (state 0) a signal occurring in a respective
buffer circuit under the control of clock pulses. The respective buffer
circuits 20 to 23 contain the signals e(i)(n); e(i-1)(n); d(i)(n) and
d(i-1)(n). The respective buffer circuits 24 to 27 contain the coefficients
[err](i + 1), [err]i), [err](i + 1) and [err](i). The respective buffer
circuits 28 and 29 contain the signals e(i) and d(i). 5  The respective
buffer circuits 30 and 31 have a switching function and their signal
contents are indicated by u(i) and v(i) for clarity. The buffer circuits
32, 33 and 34 whose signal contents are indicated by p(i); q(i) and r(i)
co-operate with a processor 35 MA, which, when calculating, produces a
(new) output signal r(i), for which holds r(i)(new)=p(i).q(i)+r(i)(old).
During a sampling interval 12 clock pulses occur providing the control of
the buffer circuits according to Fig. 6, in order to have the output
signals e(i-1)(n) and d(i + 1)(n) 10  satisfy the respective equations (4)
and (5). Fig. 6 diagrammatically shows by means of a table containing ones
and zeros the status of the various buffer circuits 20 to 34 during a
sample interval. During the clock pulse period in which all buffer circuits
are in the (0) state, circuit 35 effects a calculation. Fig. 7 shows a flow
chart indicating how two successive processing units as shown in Fig. 5
calculate the equations (3) to (6). For these calculations a status flag
s(i) is utilized indicating what calculation is 15 effected by stage i at a
specific moment, that is to say s(i) = 1 if stage i solves the equations
(3) and (4) and s(i) = 0 if the equations (5) and (6) are solved. This
status flag is deemed desired in order to verify whether all adjacent
processing units are busy calculating the same equations, so that
synchronization between these stages is ensured. The notation of the stages
in the flow chart of Fig. 5 is chosen such that the processing unit shown
is denoted i and the adjacent processing units i +2 and i-2, respectively.
20     A number N of the processing units shown in Fig. 5 can be combined
into a lattice filter having N processing units in which the output signal
of the filter arrives at the output delayed over N sample intervals. It may
be deemed desired not to provide one processor per processing unit, which
comprises two conventional lattice filter stages in this embodiment of the
invention, but two processors of a lower speed type. In that case the first
processor is utilized for solving the equations (3) and (4) and the second
25  processor for solving the equations (5) and (6). This is extremely
advantageous when the sampling rate of the signal applied to the filter is
so high that a single prior art processor cannot or can hardly cope with
this. The use of two processors which operate at a slower speed, but which
are considerably more cost-effective, and which are able indeed to solve
two equations each in one sample interval, will then be advantageous. Figs.
8a-d show in simplified diagrams, omitting the signal paths already shown
in Fig. 5, how such a 30  processing unit comprising two processors could
be constructed for a double filter stage. This processing unit basically
consists of 18 buffer circuits 40-58, which can produce their signal
contents at the command of a clock signal. The buffer circuits 40-43,
respectively, contain the in and output signals of the double filter stage;
the buffer circuits 44-47, respectively, contain the filter constants
[err](i); [err](i); Ka(i + 1) and [err](i +1). The buffer circuits 48-51
are associated with the first processor 58 and the signals occurring
therein are 35  denoted A1, B1, C1 and R1, respectively. During a
calculation operation this processor applies to the buffer circuit 51 a
signal for which holds R1 = C1 .D1 + Al. The buffer circuits 52-55 are
associated with the second processor 59 and the signals available there are
denoted A2, B2, C2 and R2. After a calculation, processor 59 applies to
buffer 55 the signal for which holds R2 = C2.B2 +A2. 40     In fact, the
buffer circuits 56 and 57 are double buffer circuits, circuit 56 containing
an old and a new value of the signal e(i) and circuit 57 an old and a new
value of the signal d(i). Hereinbelow it is shown schematically which
calculations are made for the signal flows represented in 



Figs. 8a-8d, the notation XY indicating that the signal in buffer Y is
transferred to buffer X. Fig. 8a: e(i) (new)-[err]; calculate with 59[err]
. 45  Fig. [err]; calculate with [err] Fig. [err];calculate with 59: [err]
Fig. 8d: d(i) (new) [err] calculate with 60: [err]. After these four
calculations the results of the equations (3) to (6) are known and the
calculations for the next signal sample can be effected. It will be evident
that the calculations represented in Figs. 8a and 8b 50  can be effected
simultaneously and that then also the calculations represented in Figs. 8c
and 8d can be effected simultaneously, because totally independent signals
are utilized for these respective calculations. Each of the processors 58
and 59 only needs to make two calculations during a sample interval instead
of four calculations in case there is only one processor available for each
double filter stage, so that processors having a slower speed can indeed be
utilized. 55     The invention is not defined by the implementation in
two-multiplier lattice filter stages shown in Fig. 1. It is also possible
to use the invention in one-multiplier or four-multiplier lattice filter
stages as shown in Figs. 3 and 4 of the above article by A.H. Gray and J.D.
Markel. For some of these other filter stages it will be briefly explained
hereinbelow in what manner the invention can be implemented.    EP 0 292
058 1 Fig. 9 shows a lattice filter stage having one multiplier 61 and
three adder circuits 62, 63 and 64 and a delay stage 65. The following
equations hold for the output signals e(i-1 )(n) and d(i)(n): e(i-l)(n) =
e(i)(n) + K(i)(e(i)(n)-d(i-1)(n-1)]  (7) 5 d(i)(n) = K(i)[e(i)(n)-d(i-1
)(n-1)] + d(i-1 )(n-1)  (8) These equations can be represented in the
manner explained with reference to Fig. 2 by the diagram shown in Fig. 9b.
This diagram shows that is not simply possible to process the signals in
parallel in the 1o  stages constituting the lattice filter shown in Fig.
9a, because, for example, e(i) does not only depend on the signal d(i)
during a preceding sample interval, but also on the signal e(i +1) during
the same sample interval. The diagram as shown in Fig. 9b, however, can be
re-arranged into the diagram shown in Fig. 9c, from which it appears that
e(i-1)(n) and d(i)(n) merely depend on the signals e(i)(n) and d(i + 1)(n)
during the same sample interval of the adjacent stage and for the rest only
depend on signals which were calculated 15  during the preceding sample
intervals and are known, consequently, and can be read from a memory, for
example. Thus, according to the invention, even numbers of these filter
stages, two, for example, can always be combined into a double filter
stage, whilst all double filter stages can be processed in parallel by
their individual processors. Needless to observe, that also in the case of
a filter having 2N stages there will be a maximum delay of N sample
intervals between the input and the output. 20   The filter stages as shown
in Fig. 9a can be combined in the same manner as shown in Fig. 4, by
cascading the stages i + 1 and i and displacing the delay element 65 from
stage i to the top filter branch immediately coming after the input for the
signal e(i + 1)(n) of stage i + 1. Fig. 10 shows a lattice filter stage
comprising four multipliers 70 to 73, two adders 74, 75 and a delay stage
76. For the output signals of this filter stage the following holds: 25
[ERR]                (9) [ERR]                   (10) 30 These equations
too can be represented by way of a diagram shown in Fig. 10b. When
re-arranging this diagram e(i-1)(n) and d(i)(n) again appear to depend
exclusively on the signals of one adjacent filter stage during the same
sample interval and also on the signals from preceding sample intervals,
which can be read from a memory. Thus, according to the invention, two of
the filter stages represented in Fig. 1 Oa, 35  can also be combined into a
double stage with one associated processing unit, in which all double
stages operate in parallel and each have their own processing units.
Finally, Fig. 11-a shows a third variant of a lattice filter stage having
two multipliers 80, 81 two adder circuits 82, 83 and a delay circuit 84. In
a manner similar to the one represented in Figs. 9 and 10 the diagram shown
in Fig. 1 lb can be derived from the following equations: 40 



e(i-1 )(n) = e(i)(n) [ERR] d(i)(n)=d(i-1)(n-1)  (12) 45  This diagram can
be re-arranged into a diagram suitable for implementing the invention as
appears from Fig. 11c. Finally, it should be observed that the
implementation of the invention is not limited to all-pole recursive
lattice filters, but can also be implemented in pole-zero filter
structures, of which the configuration may have the form as, for example,
shown in Fig. 12. Such a lattice filter in which the output signals d(i)(n)
of all filter 5o  stages are always weighted and added together for
constituting the output signal y(n) is known per se from the publication by
D. Parikh, M. Ahmed and S.D. Stearns, entitled: "An adaptive lattice
algorithm for recursive filters", IEEE Transactions on Acoustics, Speech
and Signal Processing, Volume ASSP 28, No. 1, February 1980. In such a
filter the problem may also arise that a sample interval is too short for
the available processor ss  to run through the lattice filter sequentially,
so that also in that case the invention can be used to advantage. However,
it is problematic that for a calculation of y(n) all signals d(i)(n), with
i = 1 to 2N, of all filter stages have to be available at the instant n.
For example, this implies that the signal d(2N)(n) of stage 2N has to be
remembered for N sample intervals until also the signal d(1)(n) has been
calculated, which is effected 6    EP 0292058 B1 according to the basic
idea of the invention with a maximum delay of N symbol intervals. In order
to solve this problem, the configuration diagrammatically shown in Fig. 13
can be utilized, in which the double stages of the lattice filter according
to the invention are shown as N single stages 90-1 to 90-N for clarity.
Storing the output signals of the N double filter stages requires [err]
memory locations 91-1 5 to 91-N, which is distinctly shown in the diagram.
The signal of stage N has to be remembered for N sample intervals as
against the signal of stage 1 for only one interval. The weighted output
signals u(N)-u(1) of always the last memory location 91 in each column are
added and together yield the output signal y(n). This addition of N output
signals always has to be effected within one sample interval too, but this
does not usually cause any great problems even for large values of N. 10
A lattice filter which is constructed in the manner according to the
invention can also be used as an adaptive filter In such a case the
coefficients are adjusted on the basis of output signals of the filter
stages with the aid of a predetermined adaptive algorithm of the filter
stages. This coefficient adjustment is effected on the basis of all output
signals of the filter stages in a single sample interval, which means, as
in the case of the filter shown in Fig. 13, that the output signal of stage
N has to be remembered for N sample intervals 15 again requiring a memory
space of [err] memory locations so that all output signals of the preceding
filter stages 2-N are available as well at instant n when the output signal
of stage 1 is available, in order to process these signals with the aid of
the adaptive algorithm. In a preferred embodiment of the lattice filter
according to the invention. however, only N additional memory locations can
suffice if the lattice filter is designed to be adaptive, in which case the
coefficients 20 are not adjusted every sample interval, but only every N
sample intervals. For a single memory location will then be assigned to
each pair of stages, whilst a signal originating from stage i will be
retained in memory location i for i sample intervals, so that after N
intervals the signals from the filter stages do occur in all memory
locations at instant n. Alternatively, it is possible to provide more than
N memory locations and link each group to more than one memory, which
memories are designed to store the output signals for a 25 predetermined
number of sample intervals whilst the coefficients are readjusted
periodically after a possibly different number of sample intervals. The
readjustment of the filter coefficients, for example, only once per N
intervals, turns out to be advantageous in practice, because then
transitional phenomena occurring when adjusting the coefficients are in the
position to die out before a coefficient is readjusted anew. Finally, owing
to the structure of the 30 lattice filter according to the invention, this
filter can be modified to a direct form 1 filter. For according to the
invention the internal structure of the filter is not affected. With
respect to the filter shown in Fig. 4 the direct form 1 can be attained by
reducing the coefficients [err] to nill. An extensive discussion on the
direct form 1 filter is given in C.R. Rabiner and B. Gold's "Theory and
Application of Digital Signal Processing", Prentice Hall, 1974, p. 41. 35
Although the processing in parallel of a lattice filter having 2N filter
stages has been explained above 



with reference to a double "conventional" filter stage, it is also
feasible; basically, to combine another even number of adjacent
conventional filter stages, thus for example 4 or 6 stages into a single
group and process them collectively using a single processing unit
containing at least one processor. When the groups do not comprise two
filter stages but more than that and there are P groups (P < N) in lieu of
N groups for 40 a lattice filter having 2N stages, [err] memory locations
are required for this filter in lieu of [err] memories as observed in the
explanation of Fig. 13. In that case an adaptive lattice filter should be
provided having no less than P memory locations. The number of filter
stages need not necessarily be even either, as part of the filter stages
can be grouped in the manner according to the invention and the remaining
filter stages can be processed sequentially in a conventional way. Thus, in
dependence on the sampling rate of the 45 signals to be filtered and the
speed of the processing units used, it is possible to choose an optimum
number of processing units and thus realize an optimum price/performance
ratio for each application. Claims 50  1. A digital lattice filter,
comprising a plurality of identical stages each having a pair of inputs for
receiving input signals (e(i)(n); d(i-1)(n)) and a pair of outputs for
supplying output signals (e(i-1)(n);d(i(n)), these stages being connected
in a cascade arrangement, each stage consisting in two mutually linked
branches (1,2), no less than one of these branches comprising delay means
(7), a number of successive cascaded filter stages forming a group
comprising two branches which are formed by the 55    series connection of
the first and the second branches of each stage of the group respectively,
both branches of each group of filter stages comprising delay means such
that the time delay in the first branch is equal to the time delay in the
second branch, characterized in that each group comprises an even number of
successive cascaded filter stages and in that each group comprises no more
than a 7    -                                *  C   L   M   S * according
to the basic idea of the invention with a maximum delay of N symbol
intervals. In order to solve this problem, the configuration
diagrammatically shown in Fig. 13 can be utilized, in which the double
stages of the lattice filter according to the invention are shown as N
single stages 90-1 to 90-N for clarity. Storing the output signals of the N
double filter stages requires N2/2 memory locations 91-1 5  to 91-N, which
is distinctly shown in the diagram. The signal of stage N has to be
remembered for N sample intervals as against the signal of stage 1 for only
one interval. The weighted output signals u(N)-u(1) of always the last
memory location 91 in each column are added and together yield the output
signal y(n). This addition of N output signals always has to be effected
within one sample interval too, but this does not usually cause any great
problems even for large values of N. to     A lattice filter which is
constructed in the manner according to the invention can also be used as an
adaptive filter. In such a case the coefficients are adjusted on the basis
of output signals of the filter stages with the aid of a predetermined
adaptive algorithm of the filter stages. This coefficient adjustment is
effected on the basis of all output signals of the filter stages in a
single sample interval, which means, as in the case of the filter shown in
Fig. 13, that the output signal of stage N has to be remembered for N
sample intervals 15 again requiring a memory space of [err] memory
locations so that all output signals of the preceding filter stages 2-N are
available as well at instant n when the output signal of stage 1 is
available, in order to process these signals with the aid of the adaptive
algorithm. In a preferred embodiment of the lattice filter according to the
invention, however, only N additional memory locations can suffice if the
lattice filter is designed to be adaptive, in which case the coefficients
20  are not adjusted every sample interval, but only every N sample
intervals. For a single memory location will then be assigned to each pair
of stages, whilst a signal originating from stage i will be retained in
memory location i for i sample intervals, so that after N intervals the
signals from the fiter stages do occur in all memory locations at instant
n. Alternatively, it is possible to provide more than N memory locations
and link each group to more than one memory, which memories are designed to
store the output signals for a 25 predetermined number of sample intervals
whilst the coefficients are readjusted periodically after a possibly
different number of sample intervals. The readjustment of the filter
coefficients, for example, only once per N intervals, turns out to be
advantageous in practice, because then transitional phenomena occurring
when adjusting the coefficients are in the position to die out before a
coefficient is readjusted anew. Finally, owing to the structure of the 30
lattice filter according to the invention, this filter can be modified to a
direct form 1 filter. For according to 



the invention the internal structure of the filter is not affected. With
respect to the filter shown in Fig. 4 the direct form 1 can be attained by
reducing the coefficients [err] to nill. An extensive discussion on the
direct form 1 filter is given in C.R. Rabiner and B. Gold's "Theory and
Application of Digital Signal Processing", Prentice Hall, 1974, p. 41. 35
Although the processing in parallel of a lattice filter having 2N filter
stages has been explained above with reference to a double "conventional"
filter stage, it is also feasible, basically, to combine another even
number of adjacent conventional filter stages, thus for example 4 or 6
stages into a single group and process them collectively using a single
processing unit containing at least one processor. When the groups do not
comprise two filter stages but more than that and there are P groups (P <
N) in lieu of N groups for 40  a lattice filter having 2N stages, [err]
memory locations are required for this filter in lieu of [err] memories as
observed in the explanation of Fig. 13. In that case an adaptive lattice
filter should be provided having no less than P memory locations. The
number of filter stages need not necessarily be even either, as part of the
filter stages can be grouped in the manner according to the invention and
the remaining filter stages can be processed sequentially in a conventional
way. Thus, in dependence on the sampling rate of the 45  signals to be
filtered and the speed of the processing units used, it is possible to
choose an optimum number of processing units and thus realize an optimum
price/performance ratio for each application. Claims 50  1. A digital
lattice filter, comprising a plurality of identical stages each having a
pair of inputs for receiving input signals (e(i)(n); d(i-1)(n)) and a pair
of outputs for supplying output signals (e(i-1)(n);d(i(n)), these stages
being connected in a cascade arrangement, each stage consisting in two
mutually linked branches (1,2), no less than one of these branches
comprising delay means (7), a number of successive cascaded filter stages
forming a group comprising two branches which are formed by the 55
series connection of the first and the second branches of each stage of the
group respectively, both branches of each group of filter stages comprising
delay means such that the time delay in the first branch is equal to the
time delay in the second branch, characterized in that each group comprises
an even number of successive cascaded filter stages and in that each group
comprises no more than a 7    EP 0 292 058 B1                    *   c   L
M single processing unit which calculates during a sample interval the two
output signals on the basis of the two input signals, whilst the processing
units of the successive groups calculate the output signals for different
sample instants. 5  2. A digital lattice filter as claimed in Claim 1,
characterized in that the filter is comprised of a number of identical
groups, each consisting of an even number of filter stages. 3. A digital
lattice filter as claimed in Claim 2, characterized in that the even number
is equal to two. 10  4. A digital lattice filter as claimed in Claim 2,
characterized in that the processing units of the successive groups
calculate the output signals at successive sample instants. 5. A digital
lattice filter as claimed in Claim 4, characterized in that two processors
(58,59) are comprised in one processing unit, each of the processors
calculating one output signal during the sample interval. 15 6. A digital
lattice filter as claimed in Claim 4 or 5, characterized in that the first
branch of the group comprises In a series arrangement between the first
input and the first output a first delay circuit, for delaying the first
Input signal (e(i +1 )(n + 1)) over one sample interval, a first adder
circuit and a second adder circuit; in that the second branch comprises in
a series arrangement between the second input 20     and the second output
a third adder circuit, a second delay circuit, for delaying the second
input signal (d(i-1)(n-1)) over one sample interval, and a fourth adder
circuit; in that the output signal of the second delay circuit multiplied
by a first coefficient [err] in the first adder circuit added to the
delayed first input signal; in that the output signal (e,(n)) of the first
adder circuit multiplied by a second coefficient [err] in the fourth adder
circuit is added to the output signal of the second delay circuit; in that
the 25     second input signal (d(i-1)(n-1)), multiplied by a third
coefficient [err] in the second adder circuit is added to the output signal
(e(i)(n)) of the first adder circuit, and in that the output signal
(e)i-1)(n)) of the second adder circuit multiplied by a fourth coefficient
[err] in the third adder circuit is added to the second input signal. 30
7. A digital lattice filter as claimed in at least one of the preceding
Claims, characterized in that the lattice 



filter comprises P groups of filter stages and in that [err] memories are
provided and in that each group of filter stages[err] is connected to the
input of a series arrangement of i memories, whilst the successive memories
in the series arrangement are designed to store the output signals of a
group at successive sample instants and that means are provided for adding
the signals stored in the last 35     memory of each series arrangement of
memories to the output signal of the last group (1) of the lattice filter.
8. A digital lattice filter as claimed in at least one of the claims 1-6,
characterized in that the lattice filter comprises P groups of filter
stages and in that no less than P memories are provided, each group 40
being connected to no less than one memory arranged to store the output
signals of the associated group for predetermined number of sample
intervals, and in that means are provided for adaptively adjusting after a
second predetermined number of sample intervals the coefficients of the
groups on the basis of the signal values stored in the locations. 45  9. A
digital lattice filter as claimed in Claim 8, characterized in that the
number of groups of filter stages and the number of memories is equal to N,
each group being coupled to one memory designed to store the output signals
of the associated group [err] for i sample intervals and in that the
coefficients are adjusted after N sample intervals. 50 PatentansprUche 1.
Digitales Gitterfilter mit einer Anzahl identischer Stufen mit je zwel
EingAngen zum Empfangen von Eingangssignalen (e(i)(n); d(-1)(n)) und mit
zwei AusgRngen zum Liefern von Ausgangssignalen (e(i-1)- (n); d(i)(n)),
wobei diese Stufen in Kaskade geschaltet sind, wobei jede Stufe aus
mindestens zwei 55     miteinander gekoppelten Zweigen (1,2) besteht, und
wobei in mindestens einem der Zweige Verz8ge- rungsmittel (7) vorgesehen
sind, wobei eine Anzahl aufeinanderfolgender in Kaskade geschalteter
Filterstufen eine Gruppe bildet mit zwei Zweigen, die durch die
Reihenschaltung aus den ersten bzw. den zweiten Zweigen jeder Stufe der
Gruppe gebildet werden, wobel die beiden Zweige jeder Gruppe 8    EP O 292
058 B1                 11111111111111111111111111 von Filterstufen
Verzogerungsmittel aufweisen, derart, daB die Zeitverz6gerung in dem ersten
Zweig der Zeitverzogerung in dern zweiten Zweig entspricht, dadurch
gekennzeichnet, da3 jede Gruppe eine gerade Anzahl aufeinanderfolgender in
Kaskade geschalteter Filterstufen aufweist und daB jede Gruppe nur eine
einzige Verarbeitungseinheit aufweist, die w~hrend eines Abtastintervalls
aus den beiden 5      Eingangssignalen die beiden Ausgangssignale der
Gruppe berechnet, wahrend die Verarbeitungsein- heiten der
aufeinanderfolgenden Gruppen die Ausgangssignale fUr unterschiedliche
Abtastzeitpunkte berechnen. 2. Digitales Gitterfilter nach Anspruch I,
dadurch gekennzeichnet, daB das Filter elne Anzahl identischer 10
Gruppen aufweist, wobel jede Gruppe aus einer geraden Anzahl Filterstufen
besteht. 3 Digitales Gitterfilter nach Anspruch 2, dadurch gekennzeichnet,
daO die gerade Anzahl gleich zwei ist. 4. Digitales Gitterfilter nach
Anspruch 2, dadurch gekennzeichnet, daB die Verarbeitungseinheiten der 15
aufeinanderfolgenden Gruppen die Ausgangssignale zu aufeinanderfolgenden
Abtastzeitpunkten be- rechnen. 5. Digitales Gitterfifter nach Anspruch 4,
dadurch gekennzeichnet, daB je Verarbeitungseinheit zwei Prozessoren (58,
59) vorgesehen sind, wobei jeder der Prozessoren wahrend eines
Abtastintervalls nur >   20      eln Ausgangssignal berechnet. 6. Digitales
Gitterfilter nach Anspruch 4 oder 5, dadurch gekennzeichnet, daB der erste
Zweig der Gruppe zwischen dem  ersten Eingang und dem ersten Ausgang eine
Reihenschaltung aus einem ersten Verz6gerungskreis, zum Verzogern des
ersten Eingangssignals (ei + 1)(n +1)) um nur ein Abtastinter- 25     va1l,
einem ersten Addierkreis und einem zweiten Addierkreis. aufweist, daB der
zweite Zweig zwischen dem zweiten Eingang und dem zweiten Ausgang elne
Reihenschaltung aus einem dritten Addierkreis, einem zweiten
Verzdgerungskreis, zum Verzogem des zweiten Eingangssignals (d(i-1)(n-1))
um nur ein Abtastintervall, und einem vierten Addierkreis aufweist, daB das
mit elnem ersten Koeffizienten (Kb- (i 1+)) multiplizierte Ausgangssignal
des zweiten Verz6gerungskreises mit dem verz6gerten ersten 30
Eingangssignal in dem ersten Addierkreis addiert wird, daB das mit einem
zweiten Koeffizienten (K1- (I+ 1)) multiplizierte Ausgangssignal (e1(n))
des ersten Addierkreises mit dem Ausgangssignal des zweiten
Verzo3gerungskreises In dem vierten Addierkreis addiert wird, dal das mit
einem dritten 



Koeffizienten multiplizierte zweite Eingangssignal mit dem Ausgangssignal
des ersten Addierkreises in dem zweiten Addierkreis addiert wird und daB
das mit einem vierten Koeffizienten multiplizierte 35     Ausgangssignal
des zweiten Addierkreises mit dem zweiten Eingangssignal In dem dritten
Addierkreis addiert wird. 7. Digitales Gitterfilter nach mindestens einem
der vorstehenden Ansprtche, dadurch gekennzelchnet, daB das Gitterfilter P
Gruppen Filterstufen aufweist und daB P2/2 Speicher vorgesehen sind und daB
jede 40     Gruppe Filterstufen i(1<i<P) mit dem Eingang elner
Reihenschaltung aus i Speichern verbunden !st, wahrend die
aufeinanderfolgenden Speicher in der Reihenschaltung dazu vorgesehen sind,
die Aus- gangssignale einer Gruppe zu speichern und zwar zu
aufeinanderfolgenden Abtastzeitpunkten und daB Mittel vorgesehen sind zum
Addieren der in dem Ietzten Speicher jeder Reihenschaltung von Speichern
gespeicherten Signale mit dem Ausgangssignal der letzten Gruppe (1) des
Gitterfilters. 45 8. Digitales Gitterfilter nach mindestens einem der
AnsprOche 1 bis 6, dadurch gekennzeichnet, daB das Gitterfilter P Gruppen
Filterstufen aufweist und daB nicht weniger als P Speicher vorgesehen sind,
wobei jede Gruppe mit nicht weniger als einem Speicher verbunden ist, der
dazu vorgesehen ist, die Ausgangssignale der zugeordneten Gruppe zu
speichern far eine vorbestimmte Anzahl Abtastintervalle, 50     und daB
Mittel vorgesehen sind zum nach eaner zweiten vorbestimmten Anzahl
Abtastintervalle adaptiven Einstellen der Koeffizienten der Gruppen auf
Basis der an diesen Stellen gespeicherten Signalwerte. 9. Digitales
Gitterfilter nach Anspruch 8, dadurch gekennzeichnet, daB die Anzahl
Gruppen Filterstufen 55     und die Anzahl Speicher gleich N ist, wobel
jade Gruppe mit nur einem Speicher gekoppelt ist zum Speichern der
Ausgangssignale der zugeordneten Gruppe i(1<i<N) fOr i Abtastintervalle und
daB die Koeffizienten nach N Abtastintervallen eingestellt werden. 9    EP
O 292 058 B1             1111111111111111111111111 * C   L   M   S*
Revendliations 1. Filtre en treillis numerique comprenant une pluralitb
d'etages identiques comportant chacun une paire d'entrees destinies a
recevoir des signaux d'entrde (e(i)(n); d(i-1)(n)) et une paire de sorties
destinees 5      a foumir des signaux de sortie (e(i-1)(n); d(i(n)), ces
etages etant connectes en cascade, chaque etage 6tant constitue de deux
branches reli6es l'une a l'autre, pas moins d'une de ces branches
comportant un moyen a retard (7), plusleurs etages de filtre en cascade
successifs formant un groupe comprenant deux branches qui sont formees par
la connexion en s6eie de la premiere et de la seconde branche de chaque
etage du groupe, respectivement, les deux branches de chaque groupe
d'etages de filtre 70     comprenant des moyens a retard tels que le retard
dans la premiere branche soit 6gal au retard dans la seconde, caractdris6
en ce que chaque groupe comprend un nombre pair d'etages de filtre en
cascade successifs et en ce que chaque groupe ne comprend pas plus d'une
seule unlt de traitement qui calcule, pendant un intervalle
d'echantillonnage, les deux signaux de sortie sur la base des deux signaux
d'entree, tandis que les unit6s de traitement des groupes successifs
calculent les signaux de 15     sortie pour des instants d'6chantillonnage
differents. 2. Filtre en treillis numerique suivant la revendication 1,
caracterise en ce qu'il est constitue d'un certain nombre de groupes
identiques formds chacun d'un nombre pair d'6tages de filtre. 20   . Filtre
en treillis numerique suivant la revendication 2, caracterise en ce que le
nombre pair est egal a 2. 4. Filtre en treillis numerique suivant la
revendication 2, caracterise en ce que les unit6s de traitement des groupes
successifs calculent les signaux de sortie a des instants d'6chantillonnage
successifs. 25  5  Filtre en treillis numerique suivant la revendication 4,
caract6ris6 en ce que deux processeurs (58, 59) sont inclus dans une unite
de traitement, chacun des processeurs calculant un signal de sortie pendant
lintervalle d'echantillonnage. 6. Filtre en treillis num6rique sulvant la
revendication 4 ou 5, caract6rise en ce que la premiere branche 30     du
groupe comprend, dans un montage en s6rie entre la premibre entree et la
premibre sortie d'un premier circuit A retard, pour retarder le premier
signal d'entree (ei + 1 )(n + 1)) d'un intervalle d'echantil- lonnage, un
premier circuit additionneur et un deuxieme circuit additionneur, qua la
seconde branche comprend, dans un montage en s6rie entre la seconde entr6e
et la seconde sortie, un troisibme circuit 



additionneur, un second circuit a retard peur retarder le second signal
d'entr6e (d(i-1)(n-1)) d'un 35     intervalle d'echantillonnage, et un
quatrieme circuit additionneur, qua le signal de sortie du second circuit &
retard multiplie par un premier coefficient (Kb(l +1)) dans le premier
circuit additionneur est ajoute au premier signal d'entr6e retard6, que le
signal de sortie (a,(n)) du premier circuit additionneur multipli6 par un
second coefficient (Ka(i + 1)) dans le quatribme circuit additionneur est
ajoute au signal K.-'       de sortie du second circuit a retard, qua le
second signal d'entree (d(i-1)(n-1)) multipliM par un 40     troisibme
coefficient (KbQ)) cans le deuxieme circuit additionneur est ajoute au
signal de sortie (e(i)(n)) du premier circuit additionneur, et que le
signal de sortie (e)i-t)(n)) du douxibme circuit additionneur multipli6 par
un quatrieme coefficient (Kag(i)) dans le troisieme circuit additionneur
est ajoute au second signal d'entrde. 45  7. Filtre en treillis numdrique
suivant au moins l'une des revendications precedentes, caracterise en ce
qu'i1 comprend P groupes d'6tages de filtre et qu P21/2 memoires sont
prevues et qua, chaque groupe d'6tages de filtre i(15ISP) est connecte a
lPentr6e d'un montage en s6rie de i memoires, tandis que les m6moires
successives dans le montage en serie sont congues pour stocker les signaux
de sortie d'un groupe a des instants d'6chantillonnage successifs et que
des moyens sont prevus pour ajouter les so     signaux stockes dans la
demiere memoire de chaque montage en s4rie de m6moires au signal de sortie
du dernier groupe (1) du filtre en treillis. 8. Filtre en treillis
num6rique suivant au moins l'une des revendications 1 a 6, caract6rise en
ce qu'il comprend P groupes d'etages de filtre et que pas moins de P
mdmoires sont prevues, chaque groupe 55     etant connecte a pas moins
d'une memoire prevue pour stocker les signaux de sortie du groupe associe
pendant des nombres pr6d6termines d'intervalles d'echantillonnage, et qua
des moyens sont pr6vus pour ajuster de maniere adaptative, apres un second
nombre pr6d6termin6 d'intervalles d'4chantillonnage, les coefficients des
groupes sur la base des valeurs de signaux stockees dans les 10    EP O 292
058 B1              111111111111111111111111111111 emplacements. 9. Filtre
en treillis num6rique suivant 1a revendication 8, caract&rise en ce, que le
nombre de groupes d'6tages de filtre et le nombre de memoires est 6gal a N,
chaque groupe 6tant coupl6 a une m6moire 5      congue pour stocker les
signaux de sortie du groupe associW i(15iSN) pendant i intervalles
d'echantil- lonnage et que les coefficients sont ajust~s apres N
intervalles d'dchantillonnage. 10 15 20 25 30 35 40 45 50 55    


