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Additional Sheet to EPO Form 2300

IX. Evidence presented — Additional publications:
8. A8 High-speed convolution and correlation by Thomas G. Stockham Jr.
(published in 1966)

Particular relevance (page, column, line, fig.):
See Facts and Arguments

9. A9 Real Signals Fast Fourier Transform: Storage Capacity and Step Number Reduction by
Means of an Odd Discrete Fourier Transform by J. L, Vernet (published in October 1971)
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Particular relevance (page, column, line, fig.):
See Facts and Arguments

11. A1l Digital Processing of Signals — Theory and practice by Maurice Bellanger (published in
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- See Facts and Arguments
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C
PATENTGRUPPEN

GROUNDS FOR OPPOSITION

Facts and Arguments

In support of the Notice of Opposition as set forth in the accompanying Form 2300, the
following Grounds for Opposition are presented, in accordance with the indication of
section VII of this Form.

The following annexes presented under section IX of the Notice of Opposition are referred
to in this communication; the numbering will be adhered to the rest of this communication:

Annex 1 (Al): EP-B-0 649 578 - The opposed patent as published

Annex 2 (A2): WO 94/01933 A - The International application as filed

Annex 3 (A3): WO 88/03341 A (published on 5 May 1988)

Annex 4 (A4): Digital Equalization Using Fourier Transform Techniques, 2694 (B-2) by
Barry Kulp (published on 3 November 1988)

Annex 5 (A5): EP 0250 048 A (published on 23 December 1987)

Annex 6 (A6): US4 992 967 A (published on 12 February 1991)

Annex 7 (A7): Multidelay Block Frequency Domain Adaptive Filter by Jia-Sien Soo and

: Khee K. Pang (published on 2 February 1990)

Annex 8 (A8): High-speed convolution and correlation by Thomas G. Stockham Jr.
(published in 1966) ‘

Annex 9 (A9): Real Signals Fast Fourier Transform: Storage Capacity and Step Number
Reduction by Means of an Odd Discrete Fourier Transform by J. L.
Vemet (published in October 1971)

Annex 10 (A10): Odd-Time Odd-Frequency Discrete Fourier Transform for Symmetric
Real-Valued Series by G. Bonnerot and M. Bellanger (published in
Ma#ch 1976)

Annex 11 (Al1): Digital Processing of Signals — Theory and practice by Maurice
Bellanger (published in 1984 and 1989 and reprinted in April 1990)

Annex 12 (A12): Testimony of prior disclosure by Knud Bank Christensen

Article 100(c) EPC; Article 123(2) EPC
Notwithstanding the other grounds of opposition, the patent is opposed on the ground that

the subject-matter of the patent opposed extends beyond the content of the application as
filed

A. Frequency domain transformation
In order to overcome prior art during the examination of the application, the applicant has
introduced the phrasing “frequency-domain transformation”.

The applied broad phrasing has no basis in the application as filed and, consequently, the
subject-matter of the patent opposed extends beyond the content of the application as filed.

For this reason alone, the patent should be revoked.

Enpf.zeit: 16/02/2004 22343 | Enf.nr.:544 P.0O11
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In this context it should be noted that the applicant emphasises that the nature of this
frequency-domain transformation is significant in order to distinguish the claimed
invention over e.g. A3.

B. Relationship between input sample length and overlap delay, P > 2N-1

During the examination of the application, the applicant has redrafted claim 1. In order to
overcomeé prior art, the applicant has introduced a relationship between the delay length N
and the input sample length P.

Nowhere in the application as filed may any disclosure be found indicating that P may be
anything else than equalling 2N.

It is noted that the applicant apparently is aware of this fact as the next claim, - claim 2 -,
has been used for the purpose of securing this position, namely that P equals 2N.

The applied broad phrasing of claim 1 has no basis in the application as filed and,

- consequently, the subject-matter of the patent opposed extends beyond the content of the

application as filed.
For this reason alone, the patent should be revoked.

C. The summing step of claim 1 ' ,
The step of
(iii)  summing together said M frequency-domain filtered blocks to
Jorm a single frequency-domain output block,

has no basis in the description and the accompanying drawings. In particular, it is noted
that Fig. 8 has been applied as the basis for the amended claim 1 during the prosecution of
the application. It is noted that fig. 8 of the application as filed clearly illustrates that the
frequency domain filtered blocks must be multiplied.

The applied broad phrasing of claim 1 has no basis in the application as filed and,
consequently, the subject-matter of the patent opposed extends beyond the content of the
application as filed.

For this reason alone, the patent should be revoked.
D. Claim 5 - ﬁltering of input blocks

Claim 5 of the Opposed patent
A method as claimed in any previous claim, wherein said step of combzmng
together frequency-domain input blocks comprises element by element
multiplication of said frequency-domain input blocks.

There is no basis for claiming this filtering of the input blocks in the application as filed
and claim 5 has no basis in the application as filed and, consequently, the subject-matter of
the patent opposed extends beyond the content of the application as filed.

Empf.zeit:16/02/2004 22:43 Empf.nr.:544 P.012
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For this reason alone, the patent should be revoked.

E: Claim 11

Claim 11 of the opposed patent states:
wherein said method is applied in parallel to a series of predetermined
portions

The application as filed gives no explanation of the phrasing “applied in parallel”.
Consequently, claim 11 has no basis in the application as filed and, consequently, the
subject-matter of the patent opposed extends beyond the content of the application as filed.

For this reason alone, the patent should be revoked.

Article 100(b) EPC; Article 83 EPC:

Notwithstanding the above issue, the patent is also opposed on the ground that the
invention is not disclosed in a manner sufficiently clear aud complete for it to be carried
out by a person skilled in the art.

A. Substantially M (claim 1, page 9 line 35 of A1)

The skilled person would, in the light of the description have difficulties in determining
what substantially M means. No hint in the description may be found, A correction is even
less obvious as the term “‘substantially” indicates that something has to be different from
the exact “M”,

It is therefore respectfully submitted for this reason alone that the opposed patent does not
fulfil the provisions of Art 83 EPC in conjunction with Art. 100(b) and the patent should
be revoked.

B. Reference sign M (claim 1, page 9 lines 35, 47-50 and claim 10, page 10 line 27 of Al)
The skilled person would, in the light of the description and drawings have difficulties in
determining what the reference sign M in claim 1 and 10 refers to. The use of M in e.g.
figures 4, 9 and 15 and the description page 5 lines 5-13 and page 5 lines 42-44 seem not to
be consistent with the use of M in e.g. figures 6, 7, § and 14 and the description page 5
lines 16-18 and page 5 line 46. Several different uses of the reference sign M is thus
apparently used among each other, leaving the skilled man no clue to the understanding of
reference sign M used in claim 1 and claim 10 thereby leaving the skilled person with
severe problems as regards the understandin§ of the invention. This practice is furthermore
not in agreement with Rule 32(2)(i) EPC, 2" paragraph.

It is therefore respectfully submitted for this reason alone that the opposed patent does not
fulfil the provisions of Art 83 EPC in conjunction with Art. 100(b) and the patent should

be revoked.

C. Reference sign N (claim 1, page 9 lines 33 and 56, and page 10 line 1 of Al, and
furthermore claims 2, 3, 4, 9 and 10 of A1)

Empf.zeit:16/02/2004 22:43 Empf.nr.:544 P.013
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The skilled person would, in the light of the description and drawings have difficulties in
determining what the reference sign N in claims 1, 2, 3, 4, 9 and 10 refers to. The use of N
in e.g. figures 10, 13 and 16 and the description seem not at all to be consistent with the
use of the reference sign N in the above-mentioned claims. Other reference signs, e.g. L
and M, however in some drawings appears to show what is referred to as N in the claims.
The different uses of the reference sign N thus completely confuses the issue, leaving the
skilled man no clue to the understanding of reference sign N in claims 1 ; 2,3,4,9and 10.
This practice is furthermore not in agreement with Rule 32(2)(i) EPC, 2™ paragraph.

It is therefore respectfully submitted for this reason alone that the opposed patent does not
fulfil the provisions of Art 83 EPC in conjunction with Art. 100(b) and the patent should
be revoked.

D. Incomprehensible language of approved text (Claim 3, page 10 lines 5-8 of Al)

A third party would have difficulties in determining the teaching of the description in the
light of the wording of claim 3. Furthermore, the skilled person would, in light of the
description and drawings have difficulties in exercising claim 3 due to uncertainty of the
exact meaning.

It is therefore respectfully submitted for this reason alone that the opposed patent does not
fulfil the provisions of Art 83 EPC in conjunction with Art. 100(b) and the patent should
be revoked.

E. Unclear wording: “in parallel to a series” (Claim 11, page 10 line 30 of A1)

A third party would, in the light of the description and drawings have difficulties in
determining the scope of the protection of claim 11, in particular the phrase: “... said
method is applied in parallel to a series of predetermined portions ...”. The meaning of the
word “parallel” is not explained in the description, and may, by a skilled person, be
interpreted in several different ways.

It is therefore respectfully submitted for this reason alone that the opposed patent does not

fulfil the provisions of Art 83 EPC in conjunction with Art. 100(b) and the patent should
be revoked.

Article 100(a) EPC; Articles 52(1) and (2) EPC:

Notwithstanding the above issues, the patent is also opposed on the ground that the
subject-matter of the claims is not patentable in the sense to Article 52 EPC,

Lack of Novelty and Inventive Step:
Claim 1:
A method of finite impulse response (FIR) filtering an input signal using a

predetermined portion of a desired time domain impulse response
representing a filter characteristic and specified in terms of time-domain

Empf.zeit:16/02/2004 22:44 Empf.nr.:544 P.O14
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impulse response values, so as lo produce a filtered output signal, the method

comprising the steps of-

(a) dividing said input signal into overlapping successive input blocks of P
samples, with each successive input block being delayed by N samples
relative to the previous input block, where P>2N-1;

(b) creating each of substantially M frequency-domain coefficient blocks by:

(i) dividing said predetermined portion of the desired time domain
impulse response into a series of segments;

(ii) computing a frequency-domain transformation of each segmeni to
form a corresponding one of said M frequency-domain coefficient
blocks; and :

(¢) for each of said input blocks:

(i) computing a frequency-domain transform of said input block to
form a corresponding frequency-domain input block;

(i) combining together the most recent M successive said frequency-
domain input blocks with M frequency-domain coefficient blocks,
to produce M frequency-domain filtered blocks;

(iii) summing together said M frequency-domain filtered blocks to
Sform a single frequency-domain output block;

(iv) computing an inverse transform, which is the inverse of said
Sfrequency-domain transform, of said frequency-domain output
block to form a time-domain output block;

(v) discarding predetermined portions of said time-domain output
block, to produce a new set of N output samples; and

(vi) outputting said N outpul samples as a portion of said output
signal,

Novelty (A3)

A3 discloses the method of finite impulse response filtering an input signal (X(n) of fig. 1)
using a predetermined portion of a desired time domain impulse response representing a
filter characteristic (12, 17, fig. 1)

It is noted, contrary to the statements of the applicant of 5 October 1999, that the update
control 17 is outputting frequency domain impulse response coefficients corresponding to
a desired time domain umpulse response. In other words, the established frequency domain
impulse response blocks of the filter 12, fig. 1 are direct predetermined counterparts to
desired comresponding time domain impulse response functions and they are established
directly on the basis of a time domain signal e(n).

Moreover, it is noted that an initial state of the system of fig. 1 (A3), that is when e(n)
equals zero, the initial settings of the FIR filter 12 necessarily have to represent the desired
time domain impulse response. Therefore, the initia] state of the system features all the
steps of claim 1 of the opposed patent.

Consequently, every feature of claim 1 is known from A3 and lacks novelty.

Inventive step (A3-+common knowledge)

Empf.zeit:16/02/2004 22:44 Empf.nr.:544 P.015
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The only difference between the invention as claimed and the further iterations (the initial
iteration(s) excluded as explained above) performed by the disclosure of A3 is apparently
the way the applied impulse response is established. The filtering processing in the filter
10, 11, 12, 15 and 16 of A3 is exactly the same of the filter applied in the claimed filtering
method of the opposed patent and inherits the same benefits as described in the opposed
patent, especially with respect to latency.

The man skilled in the art, faced with the problem of establishing desired (known!) M
blocks would know that a time-domain counterpart exist on the basis on common
knowledge. In particular such establishment of a correlation between a time domain
impulse response would be obvious as A3 specifies the delays between the disclosed
partial frequency domain impulse response.

Thus, it is respectfully submitted that claim 1 of the opposed patent Al lacks inventive
step.

Inventive step (A3+A8)

If, however the skilled person would be unable to apply such common knowledge for some
reasons he would know from A8 page 231, first paragraph, that a time domain impulse
response (1.e. the kernel s(j)) may be split into packets, each of which may be considered
separately,

Faced with the problem of transforming a desired time-domain impulse response into a
frequency domain response suitable for use in the filter of Fig. 1 of A3, the skilled man
would know from A8 that such a transformation exist and that each packet may be dealt
with separately.

Thus, it is respectfully submitted that claim 1 of the opposed patent lacks inventive step
with respect to A3 in the light of A8.

In this context, it is noted that claim 1 of the opposed patent is quite relaxed to the wording
of how the parts of the time impulse responses are brought into the frequency domain,
namely by the wording *“frequency domain transformation”. In other words, the update
control 17 of fig. 1 and the associated description of A3 definitely performs such
“frequency domain transformation” insofar the basis of the update control is a time domain

input.
Novelty (A4)

A4 generally discloses equalisation using Fournier transformation.

Initially, page 5, third paragraph specifies that authors will use FFT to convert both the
input and impulse response from time domain representations into frequency domain
representation, perform the fast convolution and than perform and inverse FFT operation in
order to obtain the desired output signal in the time domain. ’

Page 19, lines 9-24 specifically discloses an optimisation of reducing the pipeline delay by

segmenting the impulse response. Basically, this paragraph discloses the use of separate
discrete components as disclosed in fig. 6 of the opposed patent.

Empf.zeit:16/02/2004 22:44 Empf.nr.:544 P.O16G
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The next two paragraphs of A4 disclose optimisations with respect to sharing of both FFT
on the input signal and inverse FFT.

In other words, as the disclosure of A4, last part of 2" paragraph specifies an example of 8
equally sized blocks and that the forward FFT on the input signal is only applied once, 3
paragraph of page 19, all features of claim 1 is known from A4.

Consequently all features of the opposed claim 1 is known from A4 and lacks novelty.

Novelty (A5) ’
Page 3, line 46 to page 4, line 20 of AS disclose every feature of claim 1 of the opposed

patent. In particular it is noted that the weighting factor W(p;m) may be considered as
points of a 2N point DFT performed on time domain weighting factor w(i;m), which
represent values of the impulse response w(k) during block m.

Consequently, every feature of claim 1 is known from A5 and lacks novelty.

Novelty (A6)
Fig. 10 of A6 illustrates a filter structure corresponding to claim 1 of the opposed patent.

Consequently, every feature of claim 1 is known from A6 and lacks novelty.

Novelty (A7)
Fig. 1 of A7 illustrates a filter structure corresponding to claim 1 of the opposed patent, as

it is noted that the initial impulse response is established on the basis of a zero-error on the
output in the time domain.

Consequently, every feature of claim 1 is known from A7 and lacks novelty.

Novelty (A12)

A2 represents prior disclosure of a fast convolution filter comprising different sized fast
convolution filters in parallel, where the output of those filter were added in order to obtain
the desired input, all for the purpose of obtaining the desired low latency.

Consequently, every feature of claim 1 is known from A12 and lacks novelty.

Claim 2:

A method as claimed in claim 1, wherein P is equal to 2N.

Novelty (A3)

For the initial state:

Fig. 1 of A3 and the associated description page 13, lines 4-12 discloses that P equals 2N,
namely in block 10 of fig. 1.

Consequently, every feature of claim 2 is known from A3 and lacks novelty.

Inventive step (A3)

Empf .zeit:16/02/2004 22245 Empf.nr.:544 P.OT7
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For the states following the initial filterings, fig. 1 of A3 and the associated description
page 13, lines 4-12 discloses that P equals 2N, namely in block 10 of fig. 1.

Consequently, it is submitted that claim 2 of the opposed patent lacks inventive step over
A3,

Inventive step (A4+A3)

-Starting from A4, faced with the problem of choosing a specific relationship between the
applied overlap delay N and the period of the input signal P, the skilled person would look
into A3, e.g. fig. 7 and learn that P may be chosen as 2 times N, that is P= 2N’ and a delay
of N* with the terms of A3,

Consequently, claim 2 lacks inventive step over A4 in the light of A3.
Claim 3:

A method as claimed in any one of the preceding claims wherein at least one
of said frequency-domain transformation said frequency-domain transform
comprises a 2N-point Real fast Fourier transform producing and N complex
values in said frequency-domain coefficient block.

Inventive step (A3/A4/AS/A6/AT/A12+A9/A10/A11)
The skilled person would, when starting from A3, A4, A5, A5, A7 or A12 faced with the

problem of eliminating unnecessary operations for a symmetric real input series look into
A9, A10 or Al1 and know that such a Fourier transformation exists and may be applied for
the purpose,

Consequently, it 15 submitted that claim 3 of the opposed patent lacks inventive step over
A3, A4, A5, AS, A7 or Al12 in combination with A9, A10 or Al1.

Inventive step (A4+A9/A10/A11)
Starting from A4, faced with the problem of obtaining a more efficient Fourier
transformation look into A9, A10 or A11 and use the claimed modified FFT

Consequently, claim 3 lacks inventive step over A4 in the light of A9, A10 or All.
Claim 4:

A method as claimed in claim 3, wherein said inverse transform comprises an
N complex value fast Fourier inverse transform producing 2N- pomt Real
values in said output block.

Inventive step (A3/A4/A5/A6/AT/A12+A9/A10/A11)

The skilled person would, when starting from A3, A4, A5, AS, A7 or Al12 faced with the
problem of eliminating unnecessary operations for a symmetric real input series look into
A9, A10 or A1l and know that such a Fourier transformation exists and in particular that
an inverse transformation exists and may be applied for the purpose.

Empf .zeit:16/02/2004 22:45 Empf.nr.:544 P.O18
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Consequently, it is submitted that claim 2 of the opposed patent lacks inventive step over
A3, Ad, A5, A5, A7 or A12 in combination with AS, A10 or All.

Inventive step (A4+A9/A10/A11)

Starting from A4, faced with the problem of obtaining a suitable inverse Fourer
transformation corresponding to the Fourier transformation of claim 3 look into A9, A10 or
Al] and find the corresponding inverse modified FFT. '

Consequently, claim 4 lacks inventive step over A4 in the light of A9, A10 or Al1.

Claim 5:
A method as claimed in any previous claim, wherein said step of combining
together frequency-domain input blocks comprises element by element
maultiplication of said frequency-domain input blocks.

This claim has no basis in the application as originally filed (A2).

Claim 6:

A method as claimed in any previous claim, wherein said summing together
of frequency-domain filtered blocks comprises element by element addition of
the blocks.

Novelty (A3)

For the initial state fig. 7 of A3 discloses that the summing of the frequency domain
filtered blocks may comprise element by element addition of the blocks, see 12-0 to 12-
(2n’-1) of fig. 7.

Consequently, every feature of claim 6 is known from A3 and lacks novelty.

Inventive step (A3)
For the states following the initial filterings, fig.7 of A3 discloses that the summing of the

frequency domain filtered blocks may comprise element by element addition of the blocks,
see 12-0 to 12-(2n’-1) of fig. 7.

Consequently, it is submitted that claim 6 of the opposed patent lacks inventive step over
A3,

Novelty (A4)
Page 19 paragraph 2 of A4 discloses that “future”/”’current” segments may be summed up
in the frequency domain.

Consequently, claim 6 lacks novelty.

Claim 7:

Empf.zeit:16/02/2004 22:45 Empf.nr.:544 P.019
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A method as claimed in any previous claim, wherein said combining and said
summing are carried out in a single operation with the successive resulls of
the combining operations being accumulated into the frequency-domain
output block.

Novelty (A3

For the initia] state fig. 7 of A3 discloses that the combining and the summing may be

performed in one operation, see 12-0 to 12-(2n’-1) of fig. 7. ’

Consequently, every feature of claim 7 is known from A3 and lacks novelty.

Inventive step (A3)
For the states following the initial filtering, fig. 7 of A3 discloses that the combing and the

summing may be performed in one operation, see 12-0 to 12-(2n’-1) of fig, 7,

Consequently, it is submitted that claim 7 of the opposed patent lacks inventive step over
A3.

Inventive step (A4+common knowledge)

Starting from A4, faced with the problem of reducing the memory consumption of a filter, -
the skilled person would choose a trivial ladder-type design.

Consequently, claim 7 lacks inventive step over A4 in the light of general common
knowledge.

Claim 8:

A method as claimed in any previous claim, wherein time-domain output
block is of length 0.5 P.

Novelty (A3)
For the initial state fig. 7 of A3 discloses that the length of the outputs blocks are 0.5 x P,

that is N°.
Consequently, every feature of claim 8 is known from A3 and lacks novelty.

Inventive step (A3)
For the states following the initial filtering, fig. 7 of A3 discloses that the length of the

outputs blocks are 0.5 x P, thatis N’

Consequently, it is submitted that claim 8 of the opposed patent lacks inventive step over
A3.

Inventive step (A4+A3)
Starting from A4, faced with the problem of choosing the length of an output block, the

skilled person would look into A3, e.g. fig. 7 and learn that the output block may be of the
length N, that is P/2.
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Consequently, claim 8 lacks inventive step over A4 in the light of A3.
Claim 9:

A method as claimed in any previous claim, wherein said discarding step (v)
comprises discarding P-N samples.

- Novelty (A3)
For the initial state fig. 7 of A3 discloses a discarding step whereby P-N samples are

discarded, namely N”.

Consequently, every feature of claim 9 is known from A3 and lacks novelty.

Inventive step (A3)
For the states following the initial filtering, fig. 7 of A3 discloses a discarding step

whereby P-N samples are discarded, namely N,

Consequently, it is submitted that claim 9 of the opposed patent lacks inventive step over
A3.

Novelty (A4)

A4 is applied by means of fast convolution and consequently, the discarding step includes
the step of discarding P-N samples.

Consequently, claim 9 lacks novelty.
Claim 10:

A method as claimed in any previous claim, wherein said predetermined
portion of a desired impulse response comprises M times N time-domain
values h(k) where 0<k<NM and the m-th block (0<m<M) of values is made
up of the N sample points h(mN) to h(mN+N-1).

Novelty (A3
For the initial state, page 17 lines 1-8 of A3 discloses the use of equally sized impulse

response blocks, namely consisting of N’ samples.
Consequently, every feature of claim 10 is known from A3 and lacks novelty.
Invenhve step (A3)

For the states following the initial filtering, page 17 lines 1-8 of A3 discloses the use of
equally sized impulse response blocks, namely consisting of N’ samples.

Consequently, it is submitted that claim 10 of the opposed patent lacks inventive step over
A3. )

Novelty (A4)
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Page 19, 2™ paragraph, discloses that the impulse response is segmented into § equally
sized predetermined portions.

Consequently, claim 10 lacks novelty.
Claim 11:

A method as claimed in claim 1 wherein said method is applied in parallel to
a series of predetermined portions of an overall desired impulse response
representing a filter characteristic and specified in terms of time-domain
response values with the output of each parallel application of the method
being combined so as to form an overall output which comprises a filtering of
the input signal with the overall desired impulse response.

Inventive step (A3)
Starting from A3, the skilled person would know from e.g. fig. 7 of A3 that a desired

structure of a filter may be transformed into a fast convolution structure as illustrated in
fig. 7 having all the features of claim 1 as eatlier described.

Faced with the problem of splitting a desired filter into a parallel filter structure on the
basis of a time domain impulse response values, the skilled person would look into A3, fig.
2 and 3 and learn that a desired impulse response in the time domain may be represented
and regarded separately in parallel structures.

Consequently, it is subnntted that claim 11 of the opposed patent lacks inventive step over
A3

Inventive step (A8+ A3

Starting from A8 the skilled person would know that an impulse response (the already
mentioned kernel s(j)) may be split into separate packets serially and dealt with separately
in the frequency domain. Faced with the problem of splitting a desired filter into a parallel
filter structure on the basis of a time domain impulse response values, he would look into
A3, fig. 2 and 3 and learn that such structure may be designed to comprise of different
paralle] structures, which may be dealt with separately.

Consequently, it is submitted that claim 11 of the opposed patent lacks inventive step over
A8 in the light of A3.

Inventive step (A4+A3)

Starting from A4, faced with the problem of choosmg a suitable filter topology, the skilled
person would look into fig. 3 of A3 and learn that a parallel representation exists in the
time domain and that this representation may be represented in the frequency domain.

Consequently, claim 11 lacks inventive step over A4 in the light of A3.

Claim 12:
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A method as claimed in claim 11 wherein said series of predetermined
portions are of different lengths.

Inventive step (A3)
Based on the arguments set forth in relation to claim 11, the skilled person would know
that such a parallel filter structure may comprise predetermined portions of different

lengths.

Consequently, it is submitted that claim 12 of the opposed patent lacks inventive step over
A3,

Inventive step (A8+ A3)

Starting from A8 and based on the arguments set forth in relation to claim 11, the skilled
person would know that such a parallel filter structure may comprise predetermined
portions of different lengths.

Consequently, it is submitted that claim 12 of the opposed patent lacks inventive step over
AB in the light of A3.

Inventive step (A4+A3)

Starting from A4, faced with the problem of choosing a suitable filter topology, the skilled
person would look into fig. 3 of A3 and learn that a paralle] representation exists in the
time domain and easily derive that the predetermined parallel may have different length.

Consequently, claim 12 lacks inventive step over A4 in the light of A3.
Claim 13:

A method as claimed in claim 12 wherein initial members of said series of
predetermined portions are shorter then subsequent members of said series..

Inventive step (A3)

Bssed on the arguments set forth in relation to claim 11, the skilled person would know
that such a paralle] filter structure may comprise predetermined portions of different
lengths and that the provided parallel filters does not need to produce a response before the
low-latency initial impulse response has been delivered,

This is in particular realised in A3 fig. 3, where a delay has been inserted into the second
path in order to synchronise the provided impulse response outputs.

Consequently, it is submitted that claim 13 of the opposed patent lacks inventive step over
Al.

Inventive step (Ad4+A3)
Starting from A4, faced with the problem of choosing a suitable filter topology, the skilled

person would look into fig. 3 of A3 and learn that a parallel representation exists in the
time domain and easily derive that the predetermined parallel may have different length,
where the initial members have shorter length that the subsequent members..
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Consequently, claim 13 lacks inventive step over A4 in the light of A3.
Claim 14:

.A method as claimed in claim 11 wherein the latency of application of said
method is varied so that each parallel application of the method produces an
output for combination substantially simultaneously.

Inventive step (A3)

Based on the arguments set forth in relation to claim 11, the skilled person would know
that a combination of the different paths would advantageously be performed so that the
output of each parallel string is substantially provided for combination at the same time.

Consequently, it is submitted that claim 14 of the opposed patent lacks inventive step over
A3,

Inventive step (A4+A3)
Starting from A4, faced with the problem of choosing a suitable filter topology, the skilled

person would look into fig. 3 of A3 and learn that a paralle] representation exists in the
time domain and easily derive that the output of the parallel filter structures should be
synchronised in order to obtain the desired combination with the lowest latency possible.

Consequently, claim 14 lacks inventive step over A4 in the light of A3.

Further prior public disclosure

It is further submitted that the claims 1-14 of the opposed patent lack novelty and/or
inventive step since the invention was made available to the public by demonstration
and/or oral disclosure before the date of priority.

As stated in the testimony A12, a meeting took place at Bang & Olufsen, Struer, Denmark
in the autumn of 1989, i.e. well in advance of the earliest priority date of the opposed
patent, where the invention was formulated by Erik Sgrensen amongst a group of persons,
1.e., Peter Single, Henrik Floe Mikkelsen and Knud Bank Christensen, of which none were
bound by any secrecy obligations in this relation. Thus, this disclosure constitutes prior art
in accordance with article 54(2) EPC, cf. e.g. decision T 11/99 of the Board of Appeal.

We reserve the right to produce further information, documentation and evidence
concerning this prior public disclosure, if it is found necessary and/or expedient.

To further substantiate the circumstances and information disclosed at this meeting it is
requested that witnesses are heard in accordance with Article 117 (1d), of. Article 117 (3)
EPC, in particular

Mr, Knud Bank Christensen
Research Engineer of TC Electronic A/S
Skovvej 2
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DK-8550 Ryomgaard
Denmark

Mr. Péter Single

Mr. Enik Serensen

and

Mr. Henrik Flge Mikkelsen
Additional Remarks
On the basis of the above facts and arguments, the patent opposed should be revoked, In
the event that the Opposition Division needs further evidence we would like to be notified
thereof.
If, against the expectation of the opponent, the Opposition Division should be inclined to

maintain the opposed patent in amended or unamended form oral proceedings under
Article 116 EPC are hereby respectfully requested.

Arhus, 16 February 2004

Kaj Olesen
European Patent Attorney
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Description

FIELD OF THE INVENTION

5 [6001] Tho present Invention relates to the art of electronic slgnal processing, and more particularty but not exclu-
sivaly, to an electronic filtering environment whereln relatively high accuracy and efficlancy 1s deslred and a relatively
short flow-through delay (tarmed “latency") is dezlred.

DESCRIPTION OF THE PRIOR AAT

10 :

[0002] With referance to Fig. 1, electronic fiters are utillsed to modify the characteristics of an incoming electronic

signal so as to provide an output signal which is modified in some defined fashion. In the case of Fig. 1 @ “notch” fiter

is lllustrated wherein, in the frequency domaln, frequencies in the spectrum of the incoming signal S1 are attenuated
in the F4 to Fz band so as to produce output signal S2, )

15 [0003] Such fliters can be Implemanted from entirely analog compoenents although, in more fecent times, there is a
preference, in many clrcumnstances, to implement the filter In a digital tashion. Digital implementation can be by means
of dedicated digital circultry or by means of computers (micro procasors) programmed to oporate as a filter.

[0004] Filters have many applications in the field of slectronic modelling of real world conditions. For example, filters
can be used 1o provide a modal of the acoustic characterlstics of rooms or halls. Filters are also used to model defl-

20 clencles In systems so as to apply appropriate correction factors forthe purpose of rernoving (cancalling) Imperfections

. In signals caused by the deflclencies. ' :
[0005] Frequently It is deslrable that such processing take place in “real time®, Also, it is desirable that there Is
effectively no delay in flltering of a signal generated in a realfive environment so that the modelling/corracting steps
performed by the filter are, to all intents and purposes, without any delay being perceptible to the and user.

25 [0006] Toachlevethisthe delay Introduced by the fiter F while ft performs its fliitering tunction must be reduced to a
negligible figure. That is, the time when signal S1 first presents to fifter F and the time when the results of the filtering
by filter F of the first incoming portion of signel $1 become avajlable at the output of the fiiter S2 must be almostthe .
same. The delay between these two events ls herelnafter referred to as the “|atency” of the filter system.

[0007] Where the fitter F Is implemanted in a digital manner it may first be necessary to sample the Incoming signal

3 51 (via ap analog to digital converter)-then perform the filtering function and then convert the digital signal back to an
analog signal (by meane of a digital to analog converter). The sampling process takes sampies of the incoming signal
at discrete time intervals 4. The time between each sample is usually the same.

[a008] The sampling processing \tself introduces finite delays into the system. Additionally, where the filter Is imple-
mented by one of the popular fast convolution techniques there |s a delay introduced which, In very broad terms, Is

35 proportional to the accuracy (or length) ol the filter. ,

[0009] Mathematically, the filtering operation (that Is, the step of Imposing the fliter characteristic upon the incoming
signal $1 so &s to produce outgeing signal $2) Is known as "convolution” in the time domaln. The step of convolution’
in the time domaln becomas a multiply operation in the frequency domain. That Is, I the Incoming signal 51 is first
. sampled,then Fourier transformed into the frequency domaln, the frequency response of the filter F Is vector multiplied

40 with the Fourler transform of the signal S1. The signal Is then Inverse Fourier transformed to produce a sampled
(convolved) output (Which can be converted back to analog form if required).

[0010] Figure 2 shows the way a convolver {alsoc known as a Finite Impulse Responss (FIR) filter) has its mpulse
responge {a,} maasured (fora convolver operating on a treatment of sampled data). For a physical filter, a, Is zero for

all k0. For & general Input sequence ), the fiiter's output {,J is defined as:
45

i=0

P | Yk‘E @; X (D

[0011] A linear fliter such as this has a measurable latency, d, defined as:
55

ay= 0,and
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a,=0foralk<d . (2)

[00412] In other words, 84 is the first non-zero value in the output sequence. The latency d Is never negative in &
5 physical system. ina simliar fashion, for a Finite Impulse Response Filter, we can determine which Is the LAST non-

zero value In the output sequence, This will give us the length of the impuise ragponse. if we call the fength A then this

means that By, IS the last non-zero value in the output sequence (see Flgure 3).

[0013] Typlical schemes for implementing FIR fitters fall into two categorles:

10 1. Time domain filters that compute each output sample as each new Input sample arrives, thus allowing latencles
as low as d=0 or d=1. Typical filter lengths (/) are shor.
2. Fast convolution filters that compute a number of sutput samples In & block. Typlcal filter langths () can be very
long. The lowest achievable latency 1s

usually related to the fiiter length, d=tK of
15

Kabrd C <)

. where K is a measure of the efficiency of the particular algorithm used. A typical value of K, for the commonly used
o fast co_nvulu'llnn algorithms such as flustrated in Figs. 4 and 5,18 0.5.

[0014) WO-B803341 disclosesan acho-cancellerinwhich an input signal ls divided into blocks end, onthe decreased
number of samples in each block, a fast Fourier transform and FIR type dightal filtering are effected to decrease the
processing delay while reducing the number of calculations. In particular, the acho-cancellor of WQ-B8/03341 imple-

25 mente a method of infinite impulse response (FIR) filtering an input signal to preduce & fitered output signal which Is
an echo-cancelling signal. The mathod uses the efror between an echo-signal derlved from the Input signal passed
through an echo path and the fitered output gignal to adaptively control & fiker characteristic (specified In torms of
time-domain impulee response valuas) which is an estimata of the impulse response of an echo path. The method
comprises the steps of:

30 :

(2) dividing the Input signal inte overlapping successive Input blocks of 2N samples, with each successive Input

block being delayed by N samples relative to the previous input block;

(b) updating each of k frequency-domain coefficlent blocks using the errer by:

35 () taking N values of the error,
(ii) adding N zeros to said N values of the error to lorm a block of 2N zero-padded values; and
(i) computing a frequency-damaln transtormation of said block of 2N zero-padded values to form2N updating
error coeflicients; and ) .
{iv) using the updating error coefficients to update a corrasponding one of sald k frequency-domain coefficlont
90 blocks: and

(c) for each of said input blocks:

(i} computing a frequency-domain transform of said input biock to form a corresponding frequency-domaln'
4 input block; ' ,

(i1} combining together the most recent Kk successive said frequency-domain input blocks with k frequency-

domain coefficient blocks, to produce k frequency-domaln filtered blocks;

(i) summing together said k fraquency-domain fittered blocks to forma single frequency-domain output block;

(iv) computing an inverse transform, which Is the inverse of said frequency-domaln transform, of sald frequen-
20 cy-domaln output block o form & tims-domaln output block;

(v) discarding the first N samples of sald time-domain output block, 10 produce a new sel of N output samples;

and '

(vi) outputting said N output samples as & portion of said filtorad signal.

55 [Q015] itisanobjsectofatleasta preferred embodiment of the prasent invention to provide A method and apparatus

for performing relatively long convolutions on digital sampled data o as o provide relatively higher officiency for a
given lsngth than is ordinarily produced with other methods. ' )
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[Q046] In this specification it is assumed that the filter characteristics can bs modelled as approximataly linear 20
that the principles of superposition can be applied. ‘ . '
[0017] Accordingly, according to the presont inventlon there s provided & mathod of finlte impulse response (FIR)
filtering an Input signal using 8 predetermined portion of a desired time domain impulse respones representing afitter
characteriatic and specified in terms of time-domain Impulse rasponse values, sO as to produce a filtared output signal,
the method comprising the steps of: '

(a) dividing said input signal into overlapping successive Input blocks of P samples, with each successive input
block being delayed by N samples relative to the previous Input block, where P22N-1;
(b) creating each of substantially M frequency-domain coefficiont blocks by:

(i) dividing said predetermined portion of the desired time domain Impulse info a series of segments;
(i) computing & frequency-domaln transformation of egch segment to form a corresponding one of said M
frequency-domaln coefticient blocks; and

{c) for each of said input blocks: - !

(i) computing a frequency-domain transform of sald input block o form a corresponding trequency-domain
input block; ' _ :

(i) combining together the most recent M successive sald frequency-domaln input blocks with M frequency-
domain coefilciant blocks, to produce M frequency-domain liftered blocks;

(iii) summing togethersaid M frequency-domain fitered blocks to form a singlé fraquency-domain outputblock;
(iv) computing an inverse transform, which is the Inverse of sald frequency-domain transform, of said frequen-
cy-domain cutput block to form & time-domain output block; ’ .

(v) discarding predetermined portions of sald Ume-domaln output block, © produce a new get of N output
samples; and ) .

(vI) outputting sald N output samples as a portion of said output signal.

[0018] Embodiments of-the Invention will now be described with reference to the accompanying drawings wherein:

Fig. 1 is a genoralised block diagram of a filter oparation in the frequency domain,

Fig. 2 dafines the basic terminology used for a convalution filter,

Fig.3 defines the latancy and length of tha filtar of Fig. 2,

Fig. 4 llustrates in a diagrammatic flow chart form, a prior art method of processing sampled dala by 2 Fast

Fourier Transform approach,
Fig.5 further liustrates the approach of Fig. 4,
Fig.6,7,86  develop a method of filtaring according to & generalised (Irst embodiment of the invention whereby A
relatively high efficiency factor K can ba achiaved as compared with the approach of Fig. 4.

Fig. 9 15 a dlagram of an embodiment of the invention Implementing the methed of Fig. 8 whers the number of
sub-filters is 6,

Fig. 10 illustrates In block diagram form a summed fiter a part of which can be Implemented advantageously with
the filter of Fig. 8,

Fig. 11 Is a block diagram of the summed filter of Fig. 10 Incorporating sub-filters some of which implement tha
method of Flg. B, .

Fig.12 - illustrates the manner of processing of an Input signal by &n example of the filter arrangement of Fig. 10
which utllised five filter portions,

Fig. 13 Hlustrates the manner of selection of the fiter characteristics of tha filter of Fig, 12,

Fig. 14 is a bloc dlagram of an alternative implementation of the summed filter cf Fig. 8,

Fig. 15 illustrates & typical flow of a (prior ar) fast convolution algerithm Implementation suitable for filters Fp -
F5 of F‘g. 12,

Fig. 16 llustrates a DFT englne which forms the basis for an explanation of a fourier transform algorithm optimised
to process real number strings, and :

Fig. 17 is a block diagram of & further embodiment of the Invention wherein the summed fiter of Fig. 10 Is Imple-

mented utllizing & Modlfied Discrete Fouwrier Transform.
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DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS OF THE INVENTION

1. Righ Efficlency Fliter

5  [0019] Flgure 4 lilustrates the time-flow of & typical fast-convolution algorithm. This is an overlap-discard algorithm
jmplemented using the Fast Fourler Transform (FFT). 2V words of Input data that arrives during Ume segments & and
b is processed fully during time segment ¢ with a forward FFT, a vector multiply, and an Inverze FFT. The reaulting M
words of output data are bufferad, to be presented at the output during time segment d. The FFT and inverse FFT
(IFFT) are only usedto transform the data between the time-domnain and frequency domaln. The actual fiiter operation
10 is executed in the vector muttiply operation, which actually takes only & small fraction of the total compute time. So,
the relevant parametars of the fliter of Fig, 4 are:- Length = M,
Latency = ZM,
and, thersfore K=0.5 .
[U020] With reference To Figs. 8, 7 and 8, the rationale behind the method and apparatus according 1o at least one
15 smbodiment of the present invention Is derlved. :
[0021] Fig.Gillustrates @ filter of longth ML where the filter characterlstics of each of the component filters F1, F2. ...
F, are separats, discrete, component portons of the desired fiter characteristic for the entira filter assembly. The dalays
L, 2L.... (M-1) L are imposed ss lllustrated so as 1o recreate, following addition, an outputy, equivalent to that achieved
by passing input samples Xy through a filter having the filter characteristic from which the filter characterlstic portiong
20 forfilters F1, F2..... were derived. Flg. 7 ls derived by Implementing tha fiters F1, F2.... of FIg. 6 using the Fast Fourler
Transform algorithm of Fig. 5. ‘ : .
[0022] With reference to Fig. B, reorganisation of the filter of Fig. 7 allows the use of only one Fast Fourier Transform
module 11 and one Inverse Past Fourier Transform module 12, it is implicit that the Fast Fourier Transtorm modula is
adapted to process a block of samples from input x, equal to twice the length of each of the fliters Filter 1, Filter 2.
25 Fiter3..... llustrated In Flg. 8.
[0028) As previously stated the filter characteristic (Impulse response) of each consecutive filter F1, F2.... Is taken’
from and corresponds to consecutlve corresponding portions from the Impulse response desired of the entire filter
module. -
[0024] The time delay L pafore each Fast Fourier transformed block of data is passed through the next filter is equal
30 - to haif tha sample length ariginally processad by the Fast Fourler Transform module.
[0025] Figure 9 shows the computation of one block of output data, In & simiiar style to Figure 4, but uslag the
improved length/latency efficlency method derived In Figs. 8, 7 and 8. The method of Fig. 8 as used by Fig. 8 is
summarised below. ’
[0028) ODuring time gegment h. the Input data that amived during time segments fand g |5 FFT'd and the resuiting
35 block of Frequency Domain Input Data is storad for future use, We then compute the next block of Fraquency Qutput
Data, which is inverse FFT'd and presented as output during time segment 1. The old way of computing fast-convolution
simply took the latest block of Frequency Domain Input Data, and muttiplied It by & vector that represents the deslred
filtar responsa, 1o get the new Frequancy Domaln Output Data. Tha improved length/latency efflciancy method uses
a number of previous Frequency Domalin Input Data blocks to compute the new Frequency Domain Output Data plock,
40 - ms shown in Figure 9. In this example, the blocks of filter data are called Fllter A, Filter 8, ..., Filter F, In this exarmple,
the fiter Implernented is 6 times as long as the fiiterimplemented In Figure 4, but with no greater latancy. By comparison
with Fig. 4, the relevant parameters of the filter of Fig. 9 are:- Length = EM,
Latency = 2M,
and, therefore K=13 ) :
¢s  [0027] Fig. 8 summarlses the logic behind the implementation of the embodiment of Fig. 9. )
(0028} Particularly, it will be noted that the progressive delays L, 2L, 3L, ..(M-1)L of Flg. 5 are achleved in Fig. 9 by
the taking of delayed, overlappsd groupings of consecutive samples a, b, ¢, d, ...
{0029] The above described filter arangement can be used advantageously in 8 low-iatency FIR fiter arrangsment
such as illustrated In Fig. 10.
sp  [0030] Figure 10 shows &n architecture for implementing an FIR fitter by addling together N filters. If each filter is
characterised as: Filter F, latency d,, length |, then generally the N filters are chosen so that thelr latencies are ordered
in ascanding order, and furthermore dy,4=di+. This means that the first non-zero value In the impulse response of filter
Fj+1. cOmes immediately following the last non-zero value in the Impulse response of flter F,. Henco this summation
of filters results in a single, longer fitter with its impulse response being the sum of the impulse responses of the N
55  component filters. i
[0031] Thelmportant property of this filter iz the length/latency efficlency, K, which is higherthan any of the component
filer officiencies. :
[0032) That is, the filter of Fig, 10 uses the tachniqus of adding together saveral fllters to form & new filter which Is
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as long &s the sum of the component fitter lengths, and whose latency i as short as the latency of the lowest-latancy

component filter.

[0033] Fig. 11 shows an implementation of the low-latency filter 10 of Fig. 10 wherein there are three fiiter modules

F1, F2, F3, The first module F1 Is & low-latency (d=0) time domain filter whilst filters F2 and.F3 are Implemented
& according to the embodiment descrived In respect of Figs. 8 and 3. :

2. A low-latency FIR filter

[0033] As previously dascribed. Fig. 10 shows an architecture for implementing an FIR filter by adding together N

10 fiiters. \f each filter is characterised as; Fiter F, latency d, length |, then generally the N filters are chosen 0 that their
latencies are ordered in ascending order, and furthermore dy,q=drH,. This means that the first non-zero value in the
impulse response of filter F,4, comes immediately following the last non-zero valus in the impulse response of fifter
F,. Hencethis summation of filters results in a single, longer filter with its impulse response being the sum of the impulse
responses of tha N component filters. .

15 [0035)] Thelmportant property of this filter s the len gthviatency efficlency, K, which Is higher than any of the camponent
filter efficiencles.

[0036] Thatis, the filter of Figs. 10 and 12 uses the technique of adding togather soveral fitters to form a new filter
which is a5 long as the sum of the component fliter lengths, and whose latency is 3 short as the latency of the lowest-
latency component filter. . ' , - ,

20 '[0037] Particularly, the composite filter assembly of Fig. 12 utilises the technique of combining a first time-domain
(low latency) fliter with additional fast-convolution (longer latency) filters to maximise fiter length while minimising
latency. This technique Is jmplemented by adding togetharN filters, Fy, Fp, ...Fyy where F, is afilterwith very low latency,
implemented with time-domain techniques, and the othar filters. F,. are each implemented with fast-convolution tech-
niques. More specifically, the aseembly adopts the technique wheraeby the N-1 fast-convolution filters, Fi, are composed

25  ofasequence of filters, oach with langer fllter length than Its predecessor, and henca each with longer latancy, but stlll
preserving the property that d +1=CG+1,. This ensures thet the filter, F, which is made by summing together the N cam-
ponent filters, has an impulse response without any “holes” In it. ' '

{0038] With particular reference 1o Fig. 12 the composite filter F comprises five fiter portions F1,F2,F3, F4and F5,
The impulse responsa g, of the composte filter F is illustrated at the top of Fig. 12 and has a lotal sample length of
50 1024 samples. '
[0038] Fliter F1 has an Impulse response comprising the first 64 samples of the impulse response a,. That is, the
fifter has & length of 64 samples. The flitar as implemented hes a low latency fiiter (such as is referenced in Mctorola
document APR 7/D In respect of the DSP 58000 series of Integrated Clrcuits). This fliter has an affective iatency of 0.
[0040}] Tho subsequent filters F2, F3, F4, F5 are implementad using fast convolution digital technlques. Flg. 15 li-

35 |ustrates the basic algorithm for such techniques which comprises taking the fast Fourier transform of the incoming

sampled dala, multiplying the transformed data samples by the impulse response of the filter, converting the fast Fourier
_ transformed data samples back to the time domaln by use of &n Inverse fast Fourler transform and then outputting the

data. An averlap/discard mathod is used whareby only a portion of the output data is utlilsed. :

[c0a1] The langth and latency of the edditional filters F2, F3. F4, F5 Is selected according to the rule lustrated

40 diegrammatically in Fig. 13, whereby aach fliter portion has a latency equal to the sum of the langth and the |atency
of the immediately preceding filter portion.

[0042] In this case the end result is & fiter having & total length of 1024 samples and a latency of 0.
[0043] Fig. 14 llustrates @ variation of the filter of Fig. 8 wherein delay 2 Introduced &fter the fitter algorithm is applied
in the frequency domain. '

45
3. Optimized Real String Handling

[o0a4] With refersnce to Fig. 16, & common method of frequency analysls s via the Discreta Fourler Transform
(heraafter referred to as the DFT), which can be-Implemented efficiontly in electronic apparatus using the Fast Fourler
50 Transform algorithm (hereafter refarred to &s the FFT). ,
[0045] . The DFT is formulated to operate effictently when its input data and output data ere both complex (having &
real and imaginary component). When the data input to the DFT is real, the output data from the operation will contain
some redundancy, Indicating that some of the processing that led to this output data was unnecessary.
~ {0046] In this embodimant what is described Is & new transform for operating on real numbers in the digital environ-
55 ment that has many of the same epplications &5 the DFT. but  without the inefficiencies of the DFT for operation on
real numbers. For the purposes of this document, the algorithm described hereln will be named the Modified Discrete
Fourier Transform (MDFT). :
[0047) The DFTIs computed aceording to the equatlon below:
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[oc48] |f the input data x(k) is real (ie. it has no imaginary component), the output data X(n) has the following prop-
ertios: .
10

(DR
X(-;-’-)eﬂt . @

X(m) = [XN-nT" for O<n<d

{0049] Where the " operator is ueed to signify complex conjugation. This means that the imaginary part of X(0), the
20 jmaginary partof X(N/2) andall {X(n):H/2<n<N) are redundant. The procass of extracting only tha necessary Information
’ aut of the DFT output Is therelore not trivial.
[0050] An alternative transform is shown below:

25

. {
w2
Yn) e« LxBe ¥ ()]
= .
30 )
[0051} Thisislkea standard DFT except that the output vector Y (n) represents the signars frequency components .
at different frequencies 1o the DFT. The output vector Y(n) hes redundancies (just as the DFT output X(n) has), except
that the redundant part of the data is more clearly extracted from Y(n) that from X(n). The redundancy in Y(n) that
results when x(k) is real can be oxpressed as follows:
35

Y(n) =[Y(N-1-n)] 4

[0052] This Implies that the second half of this vector Y(n) is simply the complex conjugate of the first half, so that
40 only the first half of the output vector Is requirad to contain all of the (nformation, when x(K) Is real.

[0053] An alternative view of the above equation Is that all of the odd alements of the vector are simply the complex

conjugate of the even slements: T

a5 Y1) = [VIND) YE) = [Y(NAT YIN-3) =Y

Y(N-1) = [Y(O)]° o (5)

{0054] This means that we only need to compute the even eloments of Y(n) to obtain all of the required Information
50  trom the modified DFT of the real signal x(k). We can name the array Z(p) the armay that contalns the even elements
from Y(n), es follows: :

2(p) = Yizp) for nsﬁ% (6)
55 v

Based on our pravious equetion for Y(n), we gst:
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' - -axbjGp-1)
| Zp) = YOp) = L xBe ¥ Ry
s > :
which after some manipulation becomes:
N
" : . oxft camjzk
. N 9
Z¢) = Y B -jetkeDle e P @)
td
15 If we create an N/2 length complex vector from the N length real vector:
Ny ™
x(N= [x(l)-ix(l+§)]e—ﬂ— for 0</<Nf2 (9)
20
then we can see that:
Z(p) = DFT ()X (0] (10)
25 ) . i
[0055] This means that we have computed the vector Z(p) by using a DFT of length N/2. .
[0056] We say that Z(p)=MDFTIx(K)] (where MDFT indicates the Modifled Discrete Fourior Transform operator), The
procedure to follow for computing Z(p) Is then as follows: .
30 1. Take the input vector x(k) of length N, where each element of x(Kk) I3 real.

2. Craate the vector x'(f), 8 complex vector of length N/2 by the method of equation (9) above.
3. Compute the N/2 polnt DFT of x'() to give the N/2 complex result vector Z(p).

[0057] The MDFT has many properties that make it useful in similar epplications to the DFT. Firstly, it can be used
35 o perform linear convolution in the same way &8 the DFT. Secondly, it has an inverse transform that Jooks vary similar
1o the forward transform:

X (K) = IDFT [ 2(P)] (1)
40

where IDFT Indicates the N/2 point Inverse Discrete Fourler Trensform. :
[0058] The algorithm can ba jmplemented in an electronic apparatus supplied with & set of N real numbars and
producing N/2 complex output nurnbers, representing the MDFT of the Input data. This apparatus uses digital arithmetic
elernents to perform each of tha arithmetit operations as descrived in the preceding text.
[0059] Anacther embodiment of the present inventlon is 8 pair of apparetus, the first of which computes an MDFT as
described in the previous paragraph, and the second of which computes an inverse MDFT, uelng the arithmetic pro-
codures described praviously in this document. 3y passing overlapped blocks of data from A continuous stream of
input data through the MDFT computer, then multiplying the Z{p) ceefficlants by appropriate filter coefficients, then
passingthe resulting datathrough the Inverse MDFT computer, and recombining segments of output data appropriately,
a modifiad Fast Convolution processor can be buitt,

[0060] The above described 2 modification to the DFT that makes it moro useful in a number of applications partic-
ularly but not limited to the real time fliter applications previously described. All of these extensions to the DFT can

. also be applied to the FFT algorithm and other fast implementations of the DFT.

45
50

55 Example 1

[0081] Fig. 17 lllustrates an jmplementation of the summad fliter of Fig. 11 whereln the Modifled Discrete Fourler
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Transform (MDFT) described immediately above Is applied for the purposes of transforming the data stream Into the

trequency domain and the corresponding Inverse Modified Discrete Fourier Transform (IMDFT) Is applied following

application of the fliter algorithm and prior to discard for conversion from the frequency domain.

[0o62] Infiiter F2 of Fig. 17. the MDFT takes 64 veal words of input and produyces 32 complex words of output. The
5 IMOFT takeg 32 complex words of input and produces 84 real words of output,

[0063] Infliter F3 of Fig. 17 the MDFT takes 258 roal words of input and produces 128 complex words of putput. The

IMDFT takes 128 cumplsx words of Input and produces 256 real words of output.

[0064] The filter of Fig. 17 is implemented using a Motorola DSP 56001 procassor incoporating software (bootable

from ROM or from another host computer) to implement the algorithm, The delay slements are Implernentgd using a2
10 bank of external memory chips comprising three MCM 6208 memory chips, .

[0065) Data input and output betwaen the analog and digital domalns is effected by an ADC and DAC chip, the

Crystal CS 4216, communicating via the syncrhonous serial communication port of the DSP 56001.

INDUSTRIAL APPLICABILITY

15
[6066] Embodiments of the invention may e applied to digital fitters implemented In softwara, hardware or a com-
bination of both for applications such as audo fittering or electronic modelling of acoustic system characteristics. The
method is broadly spplicable in the field of signal processing and can be used to advantags, for example, in: adaptive
fiitering; audio reverberation processing; adaptive echo cancellation; spatlal processing; virtual reality audio; corrala-

20  tlon. radar; radar pulse comprasslon; deconvolution; saismic analysls: telecommunications; pattem recognition; robot-
ics; 3D acoustic modelling; audio post production (including oralisation, auto reverberant matching); audio equalisation:
compression; sonar; ultrasonics; secure communication systems: digital audio broadcast, acoustic analysls: survell-
Jance: noise cancellation; echo cancellation,

28
Claims
1. Amethod of finite impulse response (FIR) filtering an input signal using & predetermined portion of a desired time
domain impulse response representing a filter characterlstic and specified in tems of time-domaln impulse re-
30 sponse values, 50 s to produce a flitered output signal, the method comprising the steps of:
{a) dividing said input signal into overlapping successive input blocks of P samples, with each successive input
block belng delayed by N samples relative to the previous Input block, where P22N-1;
35 (b) creating each of substantlally M frequency-domain coeflicient blocks by:
(i) dividing said predetermined portion of the desired time domain Impuise into a serles of segments;
() computing a frequancy-domaln transformation of each segment to form a corresponding one of sald
40 M frequency-domaln coefficient blocks; and
(c) for each of said Input blocks:
(I computing a frequency-domain trensform of sald Input block to form a corresponding frequency-domain
45 input block; :
(il) combining together the most recent M successive sald fraquency-domaln input blocks with M frequen-
cy-domain coefficient blocks, 10 produce M frequency-domain filtered blocks:
50 (W) surmming together sald M frequency-demain filtered blocks to form a singla frequency-domain outbut
plock;
(iv) computing &n Inverse transform, which s the Inverse of sald frequency-domaln transform, of said
frequency-domain output block to form a time-domaln output block;
55

(v) discarding predetermined portions of seld time-domain output biock, to produce a new set of N output
samples; and
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(vi) outputting sald N output samples as a portion of said output signal.
2. Amethod as claimed In claim 1, wherein P is equal to 2N.

3. A method as claimed in any one of the preceding daime wherein at lsast one of sald fraquency-domain transfor-
mation sald frequency-domaln transform comprises 2 2N-point Real fast Fourler transform producing and ,N com-
plex values in sald frequency-domain coefficient block.

4. Amethod as claimed In‘claim 3, wherein sald Inverse transform comprisas an N complex value fast Fourier inverse
transform producing 2N-point Real values in said output block.

5. Amethod as claimed in any previous claim, wherein sald step ofcomblnlngtogetherheqhency-dumain Input blocks
comprises element by element multiplication of said frequency-gomain Input blocks.

6. Amethod as claimed In any previous claim, wheroln said summing together of froquency-domaln flitered blocks
comprises element by element addition of the blocks.

7. Amethod as clalmed in any previous claim, whereln said combining and said summing are carried out in a single
operation with the succossive results of the combining operations belng accumulated into the fraquency-domain
output block. ’

8. Amethod as claimed in any previous claim, wharein said time-domaln output block is of length0.5 P.
9. Amethod as claimed In any previous claim, wherein sald discarding step (v) comprises discarding P-N samples.

10. A method a3 claimed In any previous claim, wherein sald predetermined portion of a desired Impulse response
comprises M times N time-domein values h(k) where 0skeNM and the m-th block (0sm<M) of values is made up
of the N sample points h(mN) to h(mN+N-1).

11. A method as claimed in claim 1 wherein sald method Is applied in paralle! to a series of predetermined portions
of an overall desired impulse response representing a filter characteristic and specified in terms of time-domain
response values with the outputs of each parallel epplication of the method being combined so as toforman overall
output which comprises a filtering of the Input signal with the overall desired impulse response.

12. A method &s clalmed in ciaim 11 whersin sald series of predetermined portions are of different lengths.

18. Amethod as claimed in cleim 12 whereln initial members of said serles of predetermined portions are shorterthen .
subsagquent members of sald series.

14. A method as claimed in claim 11 wherein the latency of application of said method is varied 0 that each paraliel
application of the method produces n output for combination substantially simultaneously.

Patentanspriiche

1. Verfahrenzum Filtern eines Eingangssignals mitfiniter impulsaniwort (FIR) mittels eines vorpestimmten Tells siner
gewinschten Zeldoméanen-impulsantwort, die eine Fiitercharakteristik darstelit und hinsichtiich Zoitdomanen-im-
pulsantwortwerten spezifiziert ist, um sin gefittertes Ausgangssignal zu erzeugen, wobei das Verfahren folgends
Schritte umfasst:

(8) Aufteilen des Eingangssignals in Uberlappends eufeinanderfolgende Eingangsblocke von P Abtastungen,
wobai jeder aufeinanderfolgends Eingangeblock um N Abtastungen beziiglich des vorhergshenden Eingangs-
biocks verzégert wird, wobel P22N-1 Ist; . .

(b) Erzeugen von im wesentlichen M Frequenzduménen-KoefﬂzienIenblﬁcken durch:

() Aufteilen des vorbestimmtan Tells des gewiinschten Zeitdoménen-impulses in eine Reihe von Seg- .

menten; .
() Berechnen elner Frequenzdominan-Transformation van jedem Segment, um elnen entsprachenden

10
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Block der M Frequenzdum&nan—Koeﬂizlenténblbcke Zu bliden; und
(c) far jeden Eingangsblock:

(i) Berechnen einer Froquenzdoménen-Transformierten des EIngangsblocks, um sinen enteprechendan
Frequenzdomﬁnen-EIngangsblock 2y bilden; .

() Zusammenfassen des |etzten M eufelnanderfoigenden Frequénzdominen-EingangsbI&cke mit M Fre-
quenzdoménen-Koefﬂzlentenblﬁcken. um M Fraquenzdomanengefilterte Blbcke zu srzeugen;

(iii) Autsummieren der M Frequenzdomiinen-gefiltertan Bldcke, um ginen einzlgen Frequenzdoméanen-
Ausgangsblock zu bllden;

(lv) Berechnen einer RAiicktransformierten, die die Umkehrung der Frequenzdomanen-Transformierten
des Frequenzdoménen-Ausgangsblocks ist, um ainen Zeitdoménen-Ausgangsblock zu bliden;

{v) Verwerfen vorbestimmier Teile des Zeltdomanen-Ausgangsblocks, Um einen neuen Satz von N Aus-
gangsabtastungen zu bilden; und

(v) Ausgeben der N Ausgangsabtastungen als elnen Tell dos Ausgangssignals.

Verfahren gem&R Anspruch 1, bei dem P glelch 2N ist,
Vorlahren geméB elnem der vorhergehenden Ahspn’]che, bel dam mindestens eine der Frequei\zdoménen-Trans-
formation und der Frequenzdcmanen-Transfonnlenen elne Fast-Fourler-Transformlerte mit N reellen Punkten um-

fasst, die N komplexe Werte in dem Fraquenzdoménen—Knsﬁlzlentenblock erzeugt.

Verfahren gernidB Anspruch 3, bei dem dis Rucktransformierte eine Fast-Fourler-Ricktransformierte mit N kom-

plexen Werte umfasst, die 2N Punkte reallsr Werte in dem Ausgangsblock erzeugt.

Verfahran gemédP elnem der vorhergehenden Anspriiche, bei dem der Schrit des Zusammanfassens der Fre-
quenzdomé&nen-Elngangsbldcke elne slementwelse Multiplikation der Frequenzdomanen-Eingangsblcke um-
fasst. :

Vartahren geméf elnem der vorhergshenden Anspriiche, bei dem das Aufsummieren der Frequenzdomanen-
gefliterten Blocke eine slementwelse Addition der Blécke umfasst.

Verfahran geman einem der vorhergehendsn Anspriiche, bei dem das Zusammenfassen und das Aufsummiaren
in einer elnzigen Operation durchgeflhrt werden, wobs! die aufelnander folgenden Ergebnisse der Zusamman-
fassungsoperationen In dem Frequenzdomﬁnen-Ausangsblock akkumuliert werden,

Verfahren gemiB einem der voriergehenden Anspriiche, bai dem der Zeltdomanen-Ausgangsblock eine Lénge

~von 0,5 P aufweist.

Verfahren geméf einem der vorhergehenden Anspriiche, bei dem der Verwearfungsschritt (v) sin Verwerfen von
P-N Abtastungen umfasst,

Vertahren gemap einem der vorhergehandan Anspriicha, bei dem der verbastimmte Tell einer gewiinschten Im-
pulsantwort M mal N Zeitdomanenwerta h(k) umfasst, wobget O<k<NM und der m-te Block (0<m<M) von Wenten
aus den N Abtastpunkten h(mN) bis h(mN+N-1) zusammengesetzt ist.

Verfahren geman Anspruch 1, bei dem das Verfahren parallel auf eine Reihe vorbestimmter Teils einer gewlnsch-
ten Gesamtimpulsantwort angewendet wird, dle eine Filtercharakteristik darstelit und hinslchtlich ZeitqgomAnen-
Antwortwertan spezifizlen Ist, wobei die Ausgaben |eder parallelen Anwendung des Vertanrans zusammengefasst

werden, um elne Gesamtausgabe zu bllden, die ein Flitern des Elngangssignals mit der gowdinschten Gesamtim-
pulsantwort umnfasst, : '

vartahren gemaB Anspruch 11, bei dem die Relhe van vorbestimmten Teilen untersehledliche Léngen haben.

Verfahren geman Anspruch 12, bei dem die Anfangselemente der Reihe von vorbestimmten Teilen kirzer als
nachfolgende Elements der Reihte sind.

Verfahren gemaB Anspruch 11, bel dem dle Latenzzelt der Anwendung des Verzhrens geénden wird, o dass

1
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|ede paraliele Anwendung dos Verfahrens eine Ausgabe zur im wesentiichen glelchzeltigen Zusammenfassung
erzeugt.

Rovendications

7.

Procédd de réponse impulsionnelle finle (RIF) fitrant un signal d'entréa utliisant une paftle prédéterminée d'une
réponse impulsionnelie temporelle désirée représentant une caractéristique de filtrage ot spécifiée en fonction de
valeurs do réponse impulsionnelle temporelle, afin de produire un signal de sortie filré, le procédé cornprenant
les Stapes consistant a: : .

(a) diviser |ed|t signal d'entrée en blocs d'entrée successfs superposés de P &chantillons, avee chaque bloc
d'entréa successil retardé par N échantillons par rapport au bloc d'entrée précédent, ol P22N-1 ;
{b) créer chacun des biocs de coafficient substanticllement dans le domaine de fréquence M:

(i) en divisant Iadite partle prédéterminée do lmpulsion temporelle désirée en une série de segments;
(1) en calculant une transformation dans le domaine do fréquence de chaque segment pour former un
bloc correspondant desdits M blocs de coefiiclent dans le domaine de fréquence ; et

¢) pour chacun desdits blocs dentrée ;

(i) en calculant une transformée dans le domalne de fréquence dudit bloc d'entrée pour former un bloc
d'entrée dans le domaine de fréquence correspondant ;

(ii) en combinant ensemble les M blocs d'entréa successifs dans ledit gomaine de fréquence avec M blocs
de coefficlent dans le domaine de fréquence, pour produlre M blocs filtrés dans le domaine de fréquence ;
() additlonner ensemble josdits M blocs filtrés danis le domaine de fréquence pour former un seul bloc
do sortle dans le domalne de frequence ; ' o

(iv) en calculant une transformée Inverse, qui est l'inverse de ladite transformée dang le domaine de
fréguence, duditbloc de sortie dans le domalne de fréquence pour former un bloc de sonle dans le domaine
temporel ; _ . '

(v) en rejetant des partles prédéterminées dudlt bloc de sortie dans le domalne temporel, pour produlre
un nouvel sneemble de N échantillons de sortle | et

(vi) en délivrant lesdits N échantillons da sortle comme une partie dudit signal de softle.

Proc&dé selon ta revendication 1, dans lequel P est égal azN,

Procédé selon 'une queicangue des revendicatlons précédentes, dans lequel U moins une de ladite transforma-
tion dans le domaine de fréquence et de ladite transformée dans |o domaine de fréquence comprend une trans-
formée da Fourler raplde réelle de 2N points produisant N valeurs comploxes dans ledit bloc de coefficlents dans
le domaine da fréquence. '

Procédé selon la revendication 3, dans laquel ladite transformée inverse comprend une transformée Inverse de
Fourier rapide de N valeurs complexes produlsant des valeurs réelies de 2N pointe dans ladit bloc de cortie.

. Procédé selon 'une quelcongue des revendications précédentes, dans lequel ladite &tape consistant & combliner

ensemble les blocs dentrée dans le domaine de fréquence comprend une multiplication &lément par élémant
desdits blocs d'entrée dans le domaine de fréquence. :

Procédé selon lune qualcongus des revendications précédantes, dans lequel ladlte sommation des blocs filtrés
dans le domaine de fréquence comprond I'additlon élément par slément des blocs,

Procédé selon I'une quelconque des revendications précédentes, dans lequal ladite comblnaison et ladite som-
mation sont exécutées dans une simple opération avec les résultats successits des opérations de combinaison

étant cumulées dans le bloc de sortie dans le domaine de fréquence.

Procéda selon I'une guelconque des revendications précédantes, dans lequel ledit bloc de sortle dans le domaine
tenporel a une lohgueur de 0,5 P. :

12
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Procédé selon fune quelcongue dos ravendications précédentes, dans lequel ladite étape de suppression (v)
comprend la suppression de P-N échantilions.

Procédé selon 'une quelconque des revendications précédentes, dans lequel ladite partie prédéterminéa d'une

réponse impulsionnells désirée comprend M fois N valeurs dans e domalne temporel h(k) ol 0 Sk < NM et le
miéne bloc (0 S m < M) de valeurs est constitué de N polnts d'échantllionnage h(mN) & h(mN + N -1).

Procidé selon la revendication 1, dans lequel ledit procédé est appliqué en parall2le & une série de parties pré-
déterminées d'une réponse impulsionnella globale désirée représentant une caractéristigue de filtre et spécifiée
on fonction de valeurs de réponse dans 1@ domaine tempore! avec les sortles do chaque application parali2le du
procédé étant combingées afin de former une sortle globale qui comprend un filtrage du signal d'entrée avec la
réponse Impulsionnalle globale désirde.

Procadé selon 1a revendication 11, dans lequel lesdites sérles de parties prédéterminées sont de dlifférentes lon-
gueurs. '

Procédd selon la revendication 12, dans lequel les éléments Initiaux desdites séries de parties prédéterminées
sont plus courts que les élémants sulvants docdites séries.

Procédé selon Ia revendication 11, dans lequel le temps d'attente d'application dudh procédé est modifié afin que
chaque application paralldle du procédé produise une sortie pour combinaison substantiellement simultanés,

13
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DIGITAL FILTER HAVING HIGH ACCURACY AND EFFICIENCY

* FIELD OF THE INVEXTICN
| mhe preseat inventios relates ro the art of electronic
sicnal processing, and more particularliy but not exclusively,
5 =2 an elec:rcnic.fil:e_ing environment wherein relatively
nigh accuracy and efficiency is desired and a relativeiy
short lew-tarough delay (termed "latency”) is desired,.

DESCRIPTION OF THE PRIOR ART

With reference to Fig. 1, elgcr:onic filters are
10 =2iiised %o modify the characrteristics ef an incomin
electronic signal so as to provide an output signal which is
modified in some defined fashion. In the case of Fig. i‘a
."notch" Silter is illustrated wherein, in the freguency
comain, Ffreguencies in the spectrum of the incoming signal 51
15 are attenpuated in the F1 to Fp band so as t0 produce
output signal S2. |
Suck filters can be impiemented Srom entirely analog
components although, in more recen:ltimes, there is =
preference, in manv circumstances. 1o implement the f£ilter in
20 a digital fashiom. Digitzal implementation can be by means of
dedicated déigital circuitry or by means of computers (micro
processors) programmed to operate as 2 filter.
Filters have many applications in the field of
electronic mndeliing 0% real world canditions. Fp» exanpie,
25 €il+prs can be used fn orovide a model of the scoustic
characteristics ol rooms oF halls. TFilters are also usec ¢
aodel deficiencies in systems so as 0 apply appropriate

co=rpcTign Sactors Sor she purpose ¢f removing :cancelling:
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Empf.zeit:16/02/2004 153 _ Emef.nr.:615 P.095



16. FEB. 2004 15:30 ADVOKATGRUPPEN/PATENTGRUPPEN NO. 4109 P 36/50

WO 94/01933 ‘ PCI/AU93/00330
-2~ :

imperfections in_signals caused by the ceficiencies.
®reguently It is desirable that such proceésing take

slace in "real %fime"., Also, it_is'desirable that <here is

effectivelv no delay in fjltering of a signal generated in a

real/live environment so that the model:ing/correcting steps

tn

performed by the filter are, tp all intents and purposes,
without any deléy beiﬁg perceptible to the end user.
To achjeve this the delay introduced by the filter F
while it performs its filtering function must be reduced to a
0 megligible figure. That is, ithe time when signal 51 firsR
sresents to £ilter F and the time when the results of the
€iltering by filter F of thg-first incoming portiﬁn of signal
S1 become available at the output of the filter S2 must bé
aimost the same. The delay between these two events is
bR _hereinafter referréd to as the "jatency" of the filter
system.
Where the filter F is implemented in a digital manner
it may first be necessary to s#mple the incoming signal S1
(via an analog to digital converter) then perform the
20 filtering fgnction and then convert the digital signal back
to an analog signal (by means of a digital to analog
converter). The sampling process takes samples of the

incoming signal at discrete time intervals tj. The time

betwaen each sample is usually the same.

[§ )
AN

The sampling processing 1tself introduces finite delays
into he system. Additionally, where the filter is
implemented'by one o® the popular fast convolution technigues

rhere is a delay introduced which, in very broad terms. :Is

SUBSTITUTE SHEET
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proportzonal to the accuracy (or length) of the filter.
Mathematlcally, the filterzng operation (that is, the step
' of imposing the filter characteristic upon the incoming signal
51 so as to-pfcduce outgoing signal S2) is Known as
5 “"convelution" in the time domain. The step of convolution in
the time domain becomes a multiply operation in the freguency
domain. That is, if the incoming signal 51 is first sampled,
then Fourier transformed into the frequency domain, the
frequency response of the filfar F is vector multiplied.vitn the
10 Fourier transform of the signal 51. The signal is then inverse
Fourier transformed to produce a sampled (convolved) output
(which can be converted back to analog form if regquired).
Figure 2 shows the way a convolver (alsc known as a Finite
Impulse Response (FIR) filter) has its impulse response {ay}
15 measﬁred-(for a convolver operating on a treatment of sampled
data). For a physical filter, a, is zero for All kéo. For a

general input segquence {xkj, the filter's output {¥;) is defined

as:
Yfz Q; Xpi (1)
i=0
20 ‘ A linear filter such as this has a measurable latency, 4,
defined as:~-
a,#0, and

a,=0 forallk < d o
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In other words, ay is the first non-zero value in the output
segquence. The latency d is never negative in a physical system.
in a similar fashion, for a Finite Impulse Response Filter, we
can determine which is the LAST non-zero value in the output

5 sequence.v This will give us the length of the impulse response.

If we call the 1eng£h L'then’this means that ag,,.; ie the last

| non-zero value in the output sequence (see Figure 3).
Typical schemes for implementing FIR filters fall into two
categories:= ‘
10 | 1. Time domain filters that éompute each output sample as
each new inﬁut sample arrives, thus allowing latencies

as low as d=0 or d4=1. Typical filter lengths (I) are

short.
2. Fast convelution filters that coppute a number of
15 cutput samples in a block. Typical filter lengths (/)

can be very long. The lowest achievable latency is

usually related to the filter length, de=l+K or

K«l+d (3)

where K is a measure of the efficiency of the
20 particular algorithm used. A typical value of K, for
the commonly used fast convolution algorithms such as
illustrated in Figs. 4 and 5, is 0.5. |
BRIEF DESCRIPTION OF THE INVENTION
It is an object of at 1aaét a pfeferred embodiment of the
25. present invention to provide a method and apparatus for
performing relatively long convolutions on digital sampled
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<ata so as to provide relatively nlgher efficiencv for a
giver length than is ordinariiy produced with other methods.
o In this specification i% is assumed that the fijiter
tharacteristlics can be modelled as approximatelv linear so
§  hat <he orinciples of superposition can be applied.
Accordingly, in one broad Sorm of the invention there
is provided a;filter with 2 long impulse responsé and low

iatency, built by operating a number of smaller component

<

lters in parallel and combining their outputs by addition.

10 with each ccm?onent filfe: operating with a different delav
such that the net operation of the ensemble of said :ompﬁnent
filters is the same as a single filter with a longer'impﬁisa'
response, and the latency of the enéemble is ecual to the
shortest latency of the said -omponent filters.

15 Preferﬁbly the componenz filters are imflemented in

| different ways, with some filters adapted %o provide low
-atency, and pthér filters adapted to provide longer filter
lengths, such tﬁat the‘ensembie f‘lter.provides botkh low
latency andvlong impulse.response characteristics. |

20 Preferably one or more of the component filters is

3 ]

:mplEhented as a time-domair finite impulse response filte
(bullt with multiply and add operations) and the remainder
are impiemented using a fast convolution method, such that
the time-domain filter(s) provides the lowest latency rorzien

25 the ensemble impulse response, and the fast-convolution

a
"M

Zilter(s) provide the longer Zilter components.
Preferably the fast-convolution filters are built using

ne Discreze Fourier Transiorm 2o %ths Fast FPourier Transfor-n.
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In an alternative preferred form the fast-conveolution
filters are built using the Modified Discrete Fourier
Transform as described in this specificatiun;

IPreferably a group Or groups of more than one of the

5 component filters are implemented using fast cbnvolution
technigues with the coﬁponent filters in each group using a
transform of the same length, énd wherein only one transform
cperation is performed for each group, so that the component

 filters in each group share the transformed output from the

10 respective transform operation.

In an alternative prefefred fcfm a group or groups of
more than one of the component filters are implemented using
fast convolution techniques wlth the component fiiters in
each group using a transform of the same length. and wherein

15 “only one inverse transform operation is performed for each
group, so that the output from the component filters in each
group is summed before being passed to the respective inverse
transform operatiﬁn.

In a further alternative preferred form a group or

20 -groups of more than one of thevcbmponent filters are
implemented using fast convolution technigues with the
component filters in each group using a transform of the same
length, and wherein only one transform operation is performed
for each group, so that the component filters in each group

25 share the transformed output from the respectiVE transform
_opération; and wherein a group cr'groups of more than one of
the component filter; are implemented using fast convolution

technigues with the component filters in each group using &
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~ransform of the same iength, and where;n onlv .one inverse
-ransform operation is performed €pr eacn ¢rocup, SC that <he
output from the component Zi’ters in each growR is summed
sefore being passéd tcvthg respective inverse‘transfcrm
operation. |

In a further oroad form oI tae iavention there is
provided a method for building a digital f£ilter with a long

impulse response and low latency, buils by operating a number

of smaller ccmponeﬁt_filters in parallel and combining their

cutputs by addizion, with eack compeoneat Zilter operating
with a different delay such that the net operation of the

ensemble of sald compopent filters is the same as a single

filter with a longer impulse response., and the latency of the

ensemble is‘equal £o the shortest latency of the said
component filters,

Preferably the component filters are implemented in
different ways, with some filters adapted to provide low
latency., and other filters adapted to prcvidé longer Iilter
lengths, such that the ensemble filter provides both low
iatency and lbng impulse response charactefisti:#.

Preferably one or more of the component filters is
implemented as a time-domain finite impulse response filter
{built with multiply and add operations) and the remainder
zre immlemented using a fast convolution method, such that
the time-domain filter(s) provides the lowesz latency portion
~% the ensemble impulse resgnﬁse, ané *the Zfast-convolutien

€ilter(s) provide the lcnger filter components.
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Prefersbly the fast-convolution Iilters are puilt =sing
she Discrete Fourier Transform or the ?ast Fourier Transicrm.
areferably the fast—coﬁvolution filters are buill using
the Modified Discrete Fourler :ransform as described in this
5 specification.

Prefefably a group or groups of more than one of .the
component filters are implemented using fast convolution
technigues with the compohent filters in each group using a
transfofm of the same length, and wherein_qnly one transform

i0 operation is performed for each group, so that the component
filters in each group sﬁare the transformed output from the
respective transform operation.

In an alternative preferred Sorm a group Or groups of
more than one of the component £ilters are implemented using

15 fast convolution technigues with the component filters in
each grﬁup using a transform of the same length, and wherein
only cone inver#e transform operation is performed for each
group, so0 that the output Ircm the com?onent filters in each
group is summed before being passed to the respective inverse

20 transform operation.

in a further alternative preferred form a group oT
groups of more thanbone of the component filters are
-implemented using fast cunvolution technigques with the
component filters irp each group using a transform o the same

25 iengthk, and wherein only one transiorm operstion is performed

| far each.g:oup. so that the component Zil%ers in each group
share the transformed cutput from the respective transform

operation: wnereir & gIoub CT groups oI more than one ci the
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soemponent Silters are implemented using fast convolution

technigues with the component £ilters in each group using a

+ransform of the same length, and wherein only one inverse

<ransform operation 1is pé:formed for each group, 50 that the
output Zrom the component filters in each group is summed

before being passed to the respective inverse *ransform

_ overation.

In yet a further »road form of the invention there is
provided a digital filfter for filtering overlapped groupings

of consecutive samples &, b, C, d...., said filter comprising

a transform processor of length m, and N filter processors,

each of iength k, an adder adapted to sum the outputs as they
are fed in parallel from said N filter processors, an inverse
<ransform processor of length m; sajé consecutive samples a,
b, e, &, ..... being fed in blocks of length‘m, each of ssid
vlocks being passed through said transform orocessor and then
through each of said N filter pfocessors with a delay of zero

before being passed through a first filter'processor of said

N filter processors, a delay of k before being passed through

a second filter processor and So on up +0 a delay of (N-1)k
before being passed through the Nth filter processor; whereby
a filter of effective length Nk is effected with a>létepcy
corresponding to that of a conventional filter of length k.
Tn a further broad form of the inventien there is
provided a method of implementing 2 filter with a relatively
high léngth/laténcy efficiency X: éaid method comprising

=ransforming progressive, consecutive and cverlapping
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portions of input data into the fre@uency domain. 0 produce
corresponding transformed data. storing said corresponding
t:ansfﬁrﬁed data, so as to effect vassing said vorticns of
transformed data through a transform processof consecurively;
feeding a firét transformed portion through z first Zilter
function processor: then feeding said first transformed
portion through an N-1th filter function processor whilst an
N-ith transfoermed portion is being fed through said first
filter function prncessdr: and so on so that a continuously
moving N consecutive blocks of input data are transformed and
passed through N filter function processcrs;-aﬁding the
output from said N filter function processors; inverse
transforming saidvuutput: performing a discard cberatiun as
necessary whéreby consecutive portions of filtered output
data are produced from said prugfessiva, consecutive and
overliapping portions of input data.

In a further broad ferm of the invention there is
provided a method of implementing a filter with a relatively
high length/latency efficiency K; said method comprising
applving a mathematical transform to progressive, consecutive
and overlapping portions of input data so as to produce
corresponding tTransformed data; performing = mathematical
o?eration on individual ones (i.,e. two or more) of said
transformed data: superposing (by #ddition) the data
resulting from said mathematical operatiogs so as to >roduce
resultant data:; applving an inverse mathematical transform to

said resultant data so as to produce filtered outpur <ata.
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Preferably each sald filter function processor is
processing a filter whose Impulse Response 1s half the length
of the transform processor.

Preferably said transform processor jis a Fast Fourier
Transform Processor and said_inverse transform prbcesscr is
an inverée Fast>Fourier Transform Processor and said filter
function_processor is éffected by & multiply operation of
transformed input daté with an impulse response corresponding

to a selected portion of a desired impulse response for the

. entire filter.

Preferably said méthcd is optimized whereby an
approximately egqual amount cf proheasihg time is spent on
Fourler transformation as on filter function (multi;ly)‘ |
ocperation.

In a further broad fcrm.uf the invention there is
provided a method of implementing a filter with a relativelv
high length/latency efficiency K; said method comprising

transforming progressive, consecutive and overlapping

- portions of input data into the freguency domain, performing

a mathematical operation on individual ones of said
transformed signals,vsuperposing (by addition) the
consecutive signals resulting from said mathematical
operations, inverse transforming the resultant signai from
the freguencv domain back to the time domain and outputting
said signal.

Preferably said transform is a Fast Fourier Transform

and said inverse transform is an Inverse Fast Fourier

Transform.
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Preferably said mathematical operation is a vector
multipiv ©f the Fourier transformed input signal segment with
the freguency response of the desired {time domain) filter

characteristic.

3 Preferably the underlying overation is an overiap and
discard operation on successive, overlapping portions of
input data.

v Alternately *he underlying operation is an overlap and
add operation on sucéessiveh overlapping portions of input
i0 gateqd.

In a particular preferred form the Fourier transform of
any given Sverlapping blo:kvof input samples is taken only
once and reused as reguired.

Preferably,bthé inverse Fourier transform of any given

15 summed grouping of filtered data is performed only once.

In a particular preferred form the above des:ribed'
method is utilised to implement at least some of the filter
modules of = compesite electrical filter; said composite
electrical filter comprising a plu?ality of filter modules

20 arranged to receive in parallel an incoming input signal for
filtering: the output {rom each of said filter modules being
summe@vtu produce a composite filtered output signal: each
of sald filter modules adapted to have an impulse resvponse
that is a selected portion of the impulse response of the

25 somposite filter. |

It is preferable to minimise the ove}iap of the

selected portions of impulse response, or to make them not

overlap at alil.
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Preferably the length of each of said filter modules is
2ilferent with the characteristic of the shorter length
filter modules adapted to process first (or eﬁrliér) Dortions
of said impulse response and longer length filter modules

adapted to process following (or later) vportions of said

.impulse regponse.

. Preferably said longer length filter modules are

, adapteﬂ to filter progressively longer pertions of said

impulse resvonse.

In a particular preferred form, <he shortest ﬁodu;e of
said plurailty of Sfilter mﬁdules is a time-domain (low
latency) filter whilst additionai cnes of said filter modules
are lenger fast-convolution (longer latency) filters
implemented using the Fast Fourier Transform method described
above or other traditional fast convolution methods.

I+ is an object of at least a further nreferred
embadiment of the pre=sent invention to provide a method and
apparatus for performihg relatively long convolutions on
digital sampled data so as to provide relatively lower
latency than is osdinarily incurred with cther methods.

It is assumed that the filter characteristics can be

modelled as approximately linear so that the principles of

- superpasition can be applied,

Accordingly, in vet a further broad form of the
invention, there is provided a composite electrical filter
comprising a plurality of filter modules arranged to receive

in parallel an incoming input signal for filtering: the

custput £rom each of said filter modules being summed *co
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vroduce a comvosite f£iltered output signal: each of said

Zilter modules adapted to nave an impulse response that is a

selected portion of the imbulse response of the composite
filter.

It is preferable to minimise the overlap of the
selected portions of impulse response, or to makeAthem th
overlap at all.

Preferably the length of each of said filter modules is
different with the characteristic of the shorter length
filter modules adapted'to process first (or earlier) portions
of ' said impulse response and longer length filter modules |
adapted to process following (or later) portions of said
impulse response.

| Preferably said longer length filter muduies are
adapted to filter progressively longer portions of said
impulse response. |

In a particular preferred form, the shortest module of
said plurality of filter modules is a time-domain (low
latency) filter whilst additional ones of said filter modules
are longer fast-convelution (longer latency) filters.

Preferably only the shortest of said filter modules jis

-2 time domain filter.

In.a further particular preferred form, where the
number of said filter modules is N comprising filters F.,
Fp...Fy filter module F; is a filter with vervy low
latency implemented with time domain techniguss whils+ all
other filter modules F; are implemented with fast

sonvolution technigues and these fast convolution filters
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' T:; are composed of a sequence of Tiltere each with longer

£ilter iength than its nreuecessor and hence each with longer
latency. but stil] preserving the property that
¢j+1=d:+1s whereby it is ensured that the composite

ilver F output formed by summing zogether the N component

L]

rh

iiker outputs has an impulse response without anv "holes" in
it.

In a further kroad form of the invention there is

provided a method of filtering sampled data so0 as to achieve

A relatively long lengih but short latency filtering of said
data, said method comprising passing said data in parallel
through a plurality of sub-filtérs and summing the ocurput
samples from‘all of said sub-filters to produce filtered
sampled data: and wherein the Impulse Resvonse of each of
said suyb-filters is é'selected portion of the desired Impulse
Response of the filter characteristi: Tequired to droduce
s3id filtered sampled data from said sampled data and wherein
each said selected vortion is selected for each cof =aid sub-
filters such that the output from all of said sub-filters,
wpen summed, behavés as if filtered through a filter having
sald desired Impulse Response.

In é particular implementation of the jnvention, there
is provided a method and filter ineorporating a fourier
transform processor adapted to efficiently transform strings
of real numbers: said probesso: operating accorfing o <he
Zoliowing method:

2. Take the inpu: vector x(k) of length N, where each

element of x(ik) is real.

SUBSTITUTE SHEET

Empf.zeit:16/02/2004- 15235 Empf.nr.:615 P.049



16. FEB. 2004 15:33 'ADVOKATGRUPPEN/PATENTGRUPPEN “NO. 4109—P. 50/50———— A

WO 94/01933 ' 16 _ PCT/AU93/00330

2. Create the vector x'(l), a complex vector of length N/2

by application of the following:

-
20 =l -jx+D)e ¥ for 0s1<NR2 o

-3, Compute the N/2 point DFT of x'(l) to give the N/2

5 complex result vector Z(p):

Z(p)=DFT 4, [*'(D] Qo)

Embodiments of the invention will now be described with
reference to the aécompanyihg drawings wherein:-
BRIEF DESCRIPTION OF THE DRAWINGS
10 Fig. 1 is a generalised block diagram of a filter
| operation in the fregquency domain,
Fig. 2 defines the basic terminology used for a
convolution filter,
Fig. 3 defines the latency and length of the filter of

15. Fig. 2;

Fig. 4 illustrates in a diagrammatic flow chart form, a
prior art method of processing sampled data by a
Fast Fourier Transform approach,

Fig. 5 further illustrates the approach of Fig. 4,

20 Fig. 6,7,8 develop a method of filtering according to a
generalised first embodizent of the invention
wvhereby a relatively high efficiency factor K can
be achieved as compared with the approach of Fig.

4,

N —
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js a diagram of an embodiment of the
jnvention implementing the method of Fig. B
where the number of sub-filters is §,
iilustrates in block diagram form a summed
filter a part of which can be implemented
advantageously with the filter of Fig. 8,
is a block diagram of <he summed filter of
Pig. 10 incorporating sub-filters some of
which implement the method of Fig. 8,
illustrates the manner of processing of an
input signal by an example of the $ilter
arrangement of Fig. 10 which qrilised five
f£ilter portions,

jllustrates the manner of selection of the
filter characteristics of the filter of
Fig. 12,

is a bloc diagram of an alternative
implementation of the summed £ilter oZ Fig,
8,

jllystrates a typical flow of a (prior art)
fast convolution algorithm implementation
suitable for filters Fp - F5 of Fig.

12,

s]:ugstrates a DFT engine which forms the
basis for an explanation of a fourier
eransform algorithm optimised to process

real number strings, and
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Fig. 17 is a block diagram of a further embodiaent

£ 3

of the inventlion wherein the summed £ilter
of Fig. 10 is implemented utilizing a
Modified Discrete Fourier Transio:m.

] DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS CF_THE:

INVENTION

1. Bigh Efficiency Filter
rigure 4 illustrates the time-flow of a typical fast-

convolution algerithm. This is an overlap-discard ajlgorithm
0 implemented using the Fast Fourier fransform (FFT). 2M words
of input data that arrives during time segments a and b is
processed fully curing time segment € with a forward FFI, a
vector multiply, and sn inverse FFT. The resulting M words
of output data are buffered, to be presehted at the output
15 during time segment d. The FFT and inverse FFT|1IFFT) are
only used to trancform the data between the time-domain and
freguency domain. The actual filter operation is executed in
the vector multiply operatien, which actually takes only 2
small fraction of the total compute time. So, the relevant
20 parameters of the filterlof Fig. 4 .are:-
Length = M,
Latency = 2ZM,
and, therefore K = 0.5
With reference to Figs. &, 7 and 8, the rationale
25 pehind the method and apparatus according %o at least one
embodiment of the present invention is derived.
Fig. 6 illustrates a filter of length ML where the

2:1+ar characteristics of each of the component filzers F1,
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£2, .... Fpn 8re separate, gigscrete, component portions of

the desired £ilter characteristic for the entire filter
assemblv. The delavs L, 2L.... (M-1) L are imposed as
{llustrated so as to recreate, £ollowing addition, an output
5 Y equivalent to that achieved by passing input samples
% through a filter having the filter characteristic “rom
which the filter characteristic portions for filters Fi,
F2..... were derived. TFig. 7 is derived by implementing the
filters F1, F2.... of Fig. 6 using the Fast Fourier Transiforn
0  algorithm of Fig. 5.

With reference to Fig. 8, reorganisation of the filter
of Fig. 7 allows the use of only one Fast Fourier Transform
module 11 and one inverse Fast Fourier Transform module 12.
Tt is implicit that the Fast Fourler rransform module is

15 adapted to process 2 block of samples from input x) equal
-0 twice the length of each of the filters Fllter 2, Filter
2, Filter 3....-: :1lustrated in Fig. 8.

As previously stated zhe filter characteristic (impulse

response) of each consecutive filter F1, F2.... is taken from
20 and corresponds to consecutive corresponding portions from
*he impulse response degired of the entire filter module.

The time delay L before each Fast Fourier transformed
olock of data is passed through the next £ilter is egumal to
nalf =he sampie length originally processed by the Fast

25 Tourier Transiorm module.

Figure 2 shows the computation of one bluek of output

data, in a similar stvle t©3 Figure 4, but using the improved

iengih/latency efficiency method @erived iz figs. 3. 7 and E.
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mhe method of Fig. 8 as used by Fig. 9 is summarised below.

During time segment h, the input data that arrived

during time segments ¢ and g is FFT'S zné the resultiag block

cf Frequency Domain Input Data is gtored for future use, We

then compute the next block of Frequency putput 2ats, which

1g inverse FFT'd and presented as output during time segment

i. The old way of computing fast-convolution simply took the

latest block of Frequency pomain Input Data, and multiplied

it by a vector that represents the desired filter response,
<o get the new Freguency Domain Qutput Data. ~he improved

length/latency afficiency methed uses a number of previous

Fraguency pomain Input Data blocks to compute the new

Freguency Domain Output Data bleck, as shown in Figure 8. In

this example, <he blocks of filter data are called Filter A,

Filter B, ..-, Filter F. In this example, the filter

implemented is & times as long as the filter implemented in

figure 4, but with no greater latency. By comparison with

Fig. 4. the relevant parameters of the filter of Fig. 9 are:-

Length = 6M,
Latency = 2zM,

and, therefore K = 3

Fig. 8 summarises the logic behind the implementation

of the embodiment of Fig. 9.

Particularly, it wili be noted that the progressive

eiays L, 2L, 5L, ...(M=2)L of Fig. s are achieved iz Fig. 8

ph

by the taking of delayed, overlapped groupings of cansecutive

samples &, b, G, 8, +.-
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The above described £ilter arrangement can be used

advantageously in a jow-latency FiR £il%

as illustrated in Fig. i0.

Figure 10 shows an architecture for implementing an
£ilter by adding together N filters. 1f esch filter is
~haracterised as: Filter Fj, latency dj, length 1i,
then generally the N filteré are chosen so that their

iatencies are ordered in ascending order, and furthermore

d341=d3+l;. This means that the first non-zero value

* in the impulse response of filter Fj.3, comes immediately

following <he last non-zero value in the impulse response
2ilter Fi;. Hence this summation of filters results ina
single, longer filter with its impulse response being the
of the impulse responses of the N component filters.

The impertant property of this filter is the
iength/latency efficjency, K, which is higher than any of

component filter efficiencies.

6

PCT/AU93/00330

er arrangement such

FIR

of

sunm

the

That is, the filter of Fig. !0 uses the technigue of

adding together several filters to form a new €ilter which is

as long as the sum of the component f£ilter lengths, and whose

latency is as short as the latency of the lowest-latency

component filter.

Fig. 11 shows an implementation‘of the low-latency

filter 10 of Fig. .0 wherein there are three cilter modules

sz, T2, F3. The first module F1 is a low-latency (d=0) time

domain filter whilst €ilters F2 and F3 are impiemented

according To the embcdiment'described in ;espect of Figs. 8

and 2.
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2. A low-latencv FIR filter

As previously described. Fig, 10 shows an architeccture
for implementing an ¥IR filter by addim +ggether N IZilters.
T¢ eack filter is characterised as: Filter F;, -ateacy

L d;, length 1;, then generally the N f£ilters are chosen 80 _
chat their latencies are ordered in ascending or?er, and
furthermore di4sy=di+tlj. This means that the f£irst non-
zero value in the impulse response pf filter Fj4y., comes
jmmediately following the 1ast non-zero value in the impulse

10 response of £ilter Fi. Hence this summation of f£ilters-
resulte in a single, longer filter with its impulse response
being the sum of the impulse responses of the N component
filters.

The important property of this filter is the

18 length/latency efficiency, X, which is higher than any of the
component £ilter efficlencies.

That is, the filter of Figs. 10 and 12 uses the
+echnique of adding together several filters to form a new
filter which is as long as the sum of the component filter

20 lengths, and whose latency js as short as the latency of the
iowest-latency component €ilter.

Particularly, the composite filter assembly of Fig. 12
utiliges the technique of combining a first time-domain (low
zateacy) £ilter with additional fast-convolution (longer

25 latency) filters T0 maximise filter.length while minimising
latency. This technique is implemented by adding together N
i1iters, Fa, Fo. ..-.Fy wnere F, is 8 €ilter with very

iow latency, implemented with time-domain tecnniques, and the
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other Silters., 7j. 2I¢ pach implemented with fast-
esnvolution technigques. More specifically, ~he assembly
adopts the technigue whereby the N-1 sast-coavelution
£:lters, Fi, 2re composed of a sequence of £ilters, each with
ionger filter length than 3Its predecesscr. and hence each
with longer latency, but s¢ill preserving the property that
dipe=djtli. vhis ensures that the filter, 7, which Is

made by summing together the'N component filters, has an
impulse response without any "poles" in it.

With particular reference to Fig. 12 the composite
£ilter T comprises five filter portions Fl. F2, 73, F4 and
F5. The impulse response ax of the composite filter ¥ is
jllustrated at the top of Fig. 12 and has 2 total sampie
lsngth of 1024 samples.

Filter F1 has an impulse reSponse comprising the first
64 samples of the impulge response 2. That is, the fllter
has a length of 64 samples, The filter as implemented has a
ow latency filter {such as 5 referenced i Moteorela
document APR 7/D in respect of the DSP 56000 series of
Integrated circuits). This £ilter has an effective latency

of O.

The subsequent £ilters F2, F3. F4, 5 are implemented
using fast convolution digital techniques. Fig. 18
:1justrates the pagic aigorithm forT such +“eczhnigues which
comprises taking the fast Fourier ~ransform of the incoming

sampled cata, mulsiplving the rransformed data sampies 9y <he

impulse response of tha filter, conver<ing the fast Tourier

1h

-ransformed data samples back %2 ena —ime domajn SY wse °° =1
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inverse fast Fourier transform a2nd then outputIing the cdata.
An overlap/discard method is used whereby oalvy a oortion cf
+he output data is utilised.

The iength and latency o€ the additional Zfilters F2.
r3, 74, F5 is selected according to the rule jliustrated
diagrammatically ia Fig. .3, whereby each filter portion has
a latency egual to the sum of the jength and the latency of
the immediatgly preceding filter portion.

In this case the end result is a filter having a total
iength of 1024 samples and a ljatency of 0.

Fig. 14 illustrates a variation of the filter of Fig. 3
wherein delay 1is jntroduced after the filter algorithm is
applied in the freguency domain.

3. oﬁtimized Real String Handling

With reference to Flg. 16, a common method of frequency
analysis is via the Discrete Fourier Transform (hereafter
referred to as the DFT), which can be implemented efficiently
in eleectronlc apparafus using the Fast Fourier Transform
algorithm (hereafter refarred to as the FFT) .

The DFT is formulated to operate efficiently when 1ts
input data and output data =2re both complex (having 2 real
and imaginary component). When the data input to the DFT is
»eal, the output data from the operation will contain some
~edundancy, indicating chat some of the vrocessing that led
<z =his output data was unnecessary .

74 this embodiment what iz described is 2 new «ransform
for operating on real numbers in the digital environment,

<hat has many of the same zpplications as the DFT, bt
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vithout the inefficiencies of the DFT for operation on real
numbers. For the purposes of thie document, the algorithm
described herein will be named the Modified piscrete Fourier
Transform (MDFT).
The DET is computed according to the equation below{
N-1 S2xnk
xXm=Y, o ¥ 6

k=0

If the input data x(k) is real (ie. it has no imaginary

component) , the output data X(n) has the following properties:

X(0)eR
XDeR @)

X(n) = [KW-m]" for O<n<Z .

Where the * operator is used to signify complex
Fonjugation. This means that the imaginary part of X(0), the
imaginary part of X(N/2) and all {X(n) :N/2<n<N} are redundant.
The process.of extracting only the necessary information out of
the DFT output is therefore not trivial.

An alternative transform is shown below:

_zﬂ;ﬁ(..i.)

N-1 o —

Yoy = Y x®e M ®

k=0

This is like a standard DFT except that the output vector

Y(n) represents the signal's frequency components at different

10

frequencies to the DFT.. The output vector Y(n) has redundancies

(ﬁust as the DFT output X(n) has), except that
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the redundant part of the data is more clearly extracted from
Y(n) that from X(n). The redundancy in Y(n) that results when

x(k) is real can be expressed as follows:

Y(n) = [FN-1-n)I @

5 This implies that the second half of this vector Y(n) is
simply the complex conjugate of the first half, so that only the
£irst half of the output vector is required to contain all of
the information, when x(k) is real.

" An alternative view of the above equation is that all of

10 the odd elements of the vector are simply the complex conjugate

of the even elements:

¥(1) = N-2)1°
Y(3) = [(YIV-9))°

Y(N-3) = @)
15 Y(N-1) = YOI
' This means that we only need to cempute the even elements
of ¥(n) to obtain all of the required information from the
modified DFT of the real signal x(k). We can name the array

Z(p) the array that contains the even elements from Y(n), as

20 follows:
Z(p) = YEp) for 0sp<= ©
Based on our previous egquation for Y(n), we get:
vy | weed)
Z(p) = Y(2p) = Y x(R)e " ™

&0

whbich after some manipulation becomesS:

L;"l ] Zxjk -exjpk
25 Zp) = Y IxH) -jx(k*--’;—)]e N g D ®)

LD
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if we create an N/2 length complex vector from the N length real

vector:

2D = [x(D-jx(+Dle ¥ for 0sI<N2 ®)

then we can see that:

Z(p) = DFTyiX(®) (10)

This means that we have computed the vector Z(p) by using a

DFT of length N/2.

We say that Z(p)=MDFT[x(k)] (vhere MDFT indicates the

Modified Discrete Fourier Transform operator). The procedure to

follow for computing Z(p) is then as follows:
1. Take the input vector x(k) of length N, where each

element of x(k) is real.

2. Create the vector x'(n,‘a complex vector of length N/2

by the method of egquation (9) above.
3. Compute the N/2 point DFT of x'(l) to give the N/2

complex result vector Z(p) -

The MDFT has many properties that make it useful in similar
applications to the DFT. Firstly, it can be used to perform

linear convolution in the same way as the DFT. Secondly, it has

an inverse transform that locks very similar to the forward

transform:

%8 = IDFT [ ZP)] an

where IDFT indicates the N/2 point Inverse Discrete Fourier
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Transform.
The zlgorithm can be implementec¢ In 33 electronic

apparatus supplied with a set of N real numbers and produciig

N/2 complex outpul numbers, Tepresenting <he MDFT oi the

input data. This apparatus uses digital arithmetic elements

{n

+o perform each of the arithmetic operations as described in
the preceding text.
another embodiment of the present invention is a pair
of apparatus, the first of which computes an MDET as
i0 dpseribed in the previous paragraph, and the second of which
computes an inverse MDFT, using the arithme%ic procedures
described previously in this document. 3Y vassing overlapped
blocks of data from a continuous stream of input data through
+he MDFT computer, then multiplying the Z(p) coefficients by
15 appropriate filter coefficients, then passing the resulting
data *hrough the Inverse MDFT computer, and recombining
segments of cutput data appropriately, 2 modified Fast
Sonvolution processor can be built.
The above deseribed a modification to the DFI that
29 jakes it more useful in & number of applications particularly
but not limited to the =eal time filter applications
previously described. All of these eﬁtensions to the DFT can
aiso be applied to the FFT algorithm and other fast
implementations of %he DFT.
28 Example 1
?ijg. =7 iilustrates an implementation of the summed

<:ijter of Pig. 1l wnerein the Modified Discrete Fourier

~-ansform {MDFT} Gescribeé immediateiy apove is aprlied feoT
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+he purposes of transforming the data stream into the
freguency domain and the co=responding Iaverse Modéirfied
Discrete Fourier m-ansform (IMDFT) IS avpplied following
application of the £i1ter algorithm and prior to discard for

5 conversion from the freguency domain. —

In filter F2 of Fig., -7, <he MDFT takes 64 real words
of input and produces 32 complex words of output. The IMDFT
takes 32 complex words of input and produces 64 real words of
output.

0 ~ In f£ilter F3 of FPig. 17 the MDFT takes 256 real words
of input apd produces 128 complex words of output. The IMDFT
+akes 128 complex words of input and produces 256 real words
of output.

The €ilter of Fig. 17 is implemented using a Motorola

15 DSP 56001 processer incoporating software (bootable from ROM
or from another host computer) to implement the algozithm.
The delav elements are jmplemented using a bank of external
memory chips comprising three MCM 6206 memory chips.

Data input and output between the snalog and digltal

20 domains is effected by an ADC and DAC chip, the crystal CS
4216, communicating via the syncrhonous serial commuaication
port of the DSP 56001.

INDUSTRIAL APPLICABI LITY

, Embodiments cf the invention may be applied <o digital

23 filters implemented in goftware, hardware or a combination of
soth for applications euch as audioc filtering of electronic
modelling of acoustic gystem characteristics, The method is

ureadly applicabie in sue fielé cf signal orocessing and can
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be used to advantage. fors exampie. in: adaptive £iitering:

audioc reverberation processing: adaptive echo cancellation;

spatial processing: vir=zual reality audio: correlation,

radar; radar pulse compression; deconvolutiorn; seismic

analysis: telecommunications; pattera recognition: robotics:

3D acoustic modelling; audio post production (includiac

audio egqualisation:

compression; sSonar; wltrasenics; secure communication

systems: digltal audio broadcast, acoustic analysis;

sprveillance: noise ecsncellation; echc cance=llatlion.
The above describes only some embodiments of the

present invention and modifications obvious to those skilled
in the art can be made thereto without departing from the

scope and spirit of the present-invention.
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CLAIMS
1. A digital filter with a long impulse response and low

latency, built by operating a number of smaller component
filters in parallel and combining their outputs by addition,
with each component filter operating with a different delay
such that the net operation of the ensemble of said component
filters is the same as a single filter with a longer impulse
response, and the latency of the ensemble is egual to the
shortest latency of the said component filters.

5. - The filter of claim 1 wherein the component filters are
implemented in different ways, with some filters sdapted to
provide low latency, and other filters adapted to provide
longer filter lengths, such that the ensemble filter provides
both low latency and long impulse response characteristics.
3. The filter of claim 1 wherein one or more of the
component filters is implemented as a time-domain finite
impulse response filter (built with multiply and add
operations) and the remainder are implemented using a fast
convolution method, such that the time-domain filter(s)
provides the lowest latency porticn of the ensemble impulse
response, and the fast-convolution filter(s) provide the
longer filter comﬁonents.

4. The filter of claim 3 wherein the fast-conveolution
filters are built using the Discrete Fourier Transform or the
Fast Fourier Transform.

5. The filter of claim 3 wherein the fast-convolution
filters are built using the Modifled Discrete Fourier

Transform as claimed in claim 33.
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~ne Filter of claim i wherein a g-oup Or Groups {
% the component IIllers are implemented vsin
~onvoiution technigues with the ccmponent Tilters in
zToup usinc 2 —ransiorm ¢ the same ength, and wher=in 2nav
cre transfosm operation is performed IoT gach -group, @4
sne component filters in each group share -he =ransformed
mutput -rom the respective transiorn opersation.

T, The filter of claim 1 wherein a group or groubps of more
+han one of the component filters are inpiemented using fast
convalutisn techniqueé with the component Zilters in each

ising a transform p# the same iength, and wherein only

group
one inverse transform operation is performed for each Q:oup,
50 that the output Irom the component filters in each group
is summeéd before being passed to the respective inverse
+=ansform operation.

3. The #ilter of claim 1 wherein & group Or groups ci nare
~nan aone of the component €ilters are implemented using fast
—anvol=ticn technigues with +he component filters in eachk
group using a transform of the same length, and wherein only
one transfcrm operation IS performed for each group, o that
+he component f£llters in each group share the transformed
output from the respective transform operation; and wherein a
group €I groups of more than one of the component Zillers are
‘mplemented using fast convoluticn techniques with the

o
-

1sers in each pTOuUp uSing & vransferm cf the same

camponenT

v
L0]

sength, 4and wherein onlv cne Inverse nransform operation

werformed Sar each group, SO *pnat the output Srom the
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somponent filters in each group is summed pefore being passed
~s zhe respective inverse «»ansfo>m operasion.

2, A method for building @2 digital Silter with a long
impulse response and low latency. built by operating a3 numper
ot spaller component filters in parallel and combining thelr
outputs by addition, with each component €ilter operating
w#ith a different delay such that the net operation of the
ensemble of said component filters is the same as a single
£ilter with a longer impuise response, and the latency of the
ansemble is'equal =g the shortest latency cf the saiad
component filters. |

0. The method of claim 9 wherein the component filters are
implemented in different ways, with some filters adapted to
provide low latency, and other filters adapted to provide
longer filter lengths, sueh that the ensemble filter provides
both low latency and long impulse -esponse cﬁaracteristics.
- whe method of claim 3 wherein one or more of the
component filters :Is implemented as a time-domain finiz<e
impulse response £ilter (built with multiply and add
operations) and the remainder are implemented using 2 fast
convolution method, such that the time-domain filter(s)
provides the jowest latency portion of the ensemble impuise
response, and the fast-convolution filter(s) provide the
longer filter components.

12 The method of claim 11 wnerein the fast-convalution

zilters are puilt using the Discrete Fourier mransform or the

Fast Fourier Transform.
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13. “he method of clzim 1i wherein the fast-convclution
£ilrers are built using the Modified Ciscrete Fourier
Transform as claimed in claim 33.

14. The method of claim 39 wherein a group OF groups of more
than one of the component filters are implemented using fast
convolution technigues with the ccﬁponent filters in each
group using a transform of the same length, send wherein only
one transform operation is performed for each grou@. 30 that
the component filters in each group share the transformed
output from the ragpective trangferm operation.

15. The method of claim 9 wherein a group or groups of more
than one of the component filters are implemented using Iast
convolution techniques with the component filters in each
group using a transform of the same length, and wherein only
one inverse transform operation is performed for each group,
so that the output £rom the component filters in each group
ijs summed before being passed to the ragpective inverse
zransform operation.

16. The method of claim 9 wherein a Group or groups of more
than one of the component filters are implemented using fast
convolution technigues with the component filters in each
graup using a transform of the same length, and wherein only
one transform operation is performed fof each group, so that
the component filters in each group share the transformed
cutput from the respective transform operation; wherein a
group Or groups of more than one of the component £ilters are
implemented using fast convolution technigues with the

component Ifilters In each group using 2 transiorm c¢f the sane
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' iength, and wherein cnly one Inverse t-ansform operation Is
performed for each group. =0 zhat the outpuz Srom the
component filters in each group is summed before being rassed
<o the respective inverse transform operation.

17. A digital filter Icr filtering delayed, ave=lapped
groupings of consecutive samples 2, b. €. d..... said filter
somprising a transfofm processor of lergth m, and N filter
processors, each of length k, an adder adapted to sum tka
outputs as thev are fed in parallel <rom said N filter
processors, an inverse transform ProcessoT of lengzh m: said
consecutive samples a, b, ¢, &, ... being fed in bioccks of
iength m, each of said blocks being passed +hrough said
transform processor and then through each of said N filter
processors with a delay of zero before being passed through a
£first filter processor of said N filter processors, a delay
of k before being passed through a second filter processor
and so on up to a delay of (N-1)k% before b=ing »passed tp::ugh
=he Nth filter proceseor; whereby a filtar of effective
length Nk is effected with a latency corresponding to that of
a conventional filter of length K.

18, The £ilter of claim 17 wherein sajid transform Nrocessor
is a form of Fourier Transform Processor and said inverse
transform processor is a form of inverse Fourier Transform
Processor and said filter function processor IS e?fected by a
multiply operation o< +ransformed input dala with freguency
response cer=esponcding o a selected portion of = desired

impulse response £ar the entire filter.
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9, i method of implementing a €ilter with a relatively

fnigh length/latency mcficiency K: saicd method comprising
~=ansiorming progressive, consecutive and overliapping

osortions of input data into the frequency domain, perfoéming
a mathematical operation on individual ones of said
transformed signals, superposing (by additien) the
consecutive signals resulting from said mathematical

operations, inverse transforming the resultant signal from

~he freguency domain pack to the time domain and outputting
said.signal.

20. A method of implementing a filter with a relatively
high length/latency efficiency K; said method comp:ising
applying a mathematical transform to progressive, consecutive
and overlapping portions of imput data so0 as to produce
corresvonding transformed data; performing 2 mathematical
operation on jndjvidual ones (i.e. two or more) of said
transformed data: superposing (by addition) the data
~esuylting from said mathematical operations so as to produce
resultant data; applying an inverse mathematical transform to
said resultant data so as to produce filtered output data.
21, The method of claim 20 wherein said “ransform is a form
of Fourier Transform and said inverse transform is a form of

inverse Fourier Transform and said mathematical operation is

a vector multiply of the Fourier ~ransformed input signal

segment with the frequency responses of segments of the

desired /time domain) filter characteristic.

22. The method of claim 21 wherein the underlying operation

:s an overlasp operatiorn on successive, averlapping pertions
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of ipput data and a discard or add operation on successicn
overlapping blocks of output data (cummanly referred o as an
overlap/save or overlap/add method) .,

23. The method of claim 20 wherein said method is utilised
+o implement at least some of the filter modules of a
composite electrical filter; said composite electrical filter
comprising a plurality of £ilter modules arranged to receive
in parallel an incoming input signal for filtering: <he
output from each of said £ilter modules being summed %o
produce a composite filtered output signal; each of said
£:lter modules adapted to have an impulse responee that is a
selected portion of the impulse response of the composgite
filter,

24. The method of claim 23 including the step of minimising
the overlap of the selected portions of impulse response, oOr
to make them not overlap at all.

285, The method of claim 24 wherein the length of each of
gaid filter modules is different with the characteristic of
the shorter length filter modules adapted to process first
(or earlier) portions of said impulse response and longer
length filter modules adapted to process following (or later)
portions of said impulse response.

26, The method of claim 25 wherein the shortest module of
said plurality of filter modules is a time-domain (low
latency) filter whilst additional ones of said filter modules
are longer fast-cenvolution (longer 1étency) £ilters.

27. A composite electrical filter comprising a plurality of

£:1ter modules arranged to receive in parallel an incoming
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input signal for filtering: the output from each cf said
filter modules being summed %o produce a composite filtered
output signal; each of said filter modules adapted to have
an impulse respense that is 3 selected portion of the impulse
response of the composite £ilter.

28, The filter of claim'27 adapted to minimise the overlap
of the selected portions of impulse response. OT toc make them
not overlap at all.

2%. The filter of‘claim 28 wherein the length of each of
said filter modules is different with the characteristic of
the shorfer length filter modules adapted to process first
(or earlier) portiens of said impulse response and longer
length filter medules adapted to process folluﬁing (or later)

portions of said impulse response.

30. The filter of claim 29 wherein the shortest module of
said plurality of filter modules is a time-domain (low:
latency) filter whilst additional ones of said filter modules
are longer fagt~convolution (longer latency) filters.

31. The filter of claim 27 where the number of said filter
modules is N comprising filters Fy, Fp...Fy and wherein
filter module Fq is a filter with very low latency
implemented with time domain technigues whilst 311 other
filter modulea Fj are implemented with fast convelution
technigues and these fast convolution filters F: are
composed of a sequence of filters each with longer filter
length than 1its predecessor and hence each with longer
latency, but still preserving the property that

d;4q=dj+1; whereby it ijs ensured that the composite
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filter F output formed by summing together the N cemponent
filter outputs has an impulse response without any "holes" in
it.
32. A method of filtering sampled data so as to achieve a
relatively long length but short latency filtering of sald data,
gaid method comprising passing said data in parallel through a
plurality of sub-filters and summing the output samples from all
of said sub-filters to produce filtered sampled data; and
wherein the Impulse Response of each of said sub-filters is a
selected portion of the desired Impulse Response of the filter
characteristic regquired to produce said filtered sampled data
from said sampled data and wherein each said selected portion is
gelected for each of said sub-filters such that the output from
all of said sub-filters, when summed, behaves as if filtered
through a filter having said desired Impulse Response.
33. A fourier transform processor adapted to efficiently
transform strings of real numbers; said processor operating
according to the following method:
1. Take the input vector x(k) of length N, where each

element of X(K) is real.

2. Create the vector x'(]), a complex vector of length N/2

by application of the following:

-njl

20 = -+ Dle ¥ for 0sl<N2 ®)

3. Compute the N/2 point DFT of x'(]) to give the N/2

complex result vecter Z(p):

Z(p) = DFTy[5'D) (10)
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DESCRIPTION

TITLE OF THE IKVENTIOW
Echo Canceller with Short Processing- Delay and
Decreased Multiplication Number

TECHNICAL FIELD , -

The present invention.relates to an' echo canceller
with a short processing delay and a decreased number of
multiplications. |

It is well known that the frequency domain adaptive
filter (FDAF) is superior to the time domain adaptive
filter (TDAF) concerning in the computation number.

This is more realizable when the filter length is
increased, as in the case of the acoustic noise or
acoustic echo cancelling in speech communication systems
having a long impulse response. The reduction in the
computation number is obtained by replacing the convo-
lution in the time domain by multiplication in the
frequency doméin, using a fast Fourier transform (FFT).

However, to realize a linear convolution of the
time domain in the frequency domain, a circular convo-
lution must be considered, and the FFT used with an
overlapped-save method and a block LMS algorithm. If
the length of the block data introduced each time to the
system is long, then the input-output system propagation
delay also will be long, and if the length of the
shifted data is short then the propagation delay will be
short but the multiplication number will be increased.
Note, in the FDAF, the FFT length will be too long when
the acoustic impulse response is tco long. The impulse
response of an acoustic echo path is about several
hundred milliszeconds.

Accordingly, for the above reasons, a new echo
canceller which requires a decreased computation number
and a short propagation delay is required.

BACKGROUND ART

The prior arts will be explained with reference to

Empf .zeit216/02/2004 15:45 Empf .nr.:077 P.043
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Figs. 9 - 14,

An echo canceller in the time domain is, as is well
known and as -shown in Fzg. 9, constructed by a digital
fllter having a finite impulse. response (FIR). type

5 having coefficients ﬂk which are. the estimated values of
an impulse response hk of an echo path to be estimated,
where k =0, 1, ... N—l, and N is the 1ength of the FIR
digital filter. ' :

. Bach coefficient hk is obtained by an adaptive
10 control ix whlch the difference slgnal e(n) between an
echo signal y(n). passed through the echo path to ba
estimated and the estlmated ‘output Q(n) of the FIR filter
is adaptively controlled to be zero. Kndwn adaptive
controls are,; a successlve adaptlve control method and a
15 block adaptlve control method. In the SUCCESSlve
adaptive control method, the coefficients hk are
adaptxvely updated upon each input of one gample of the
input data x(n). In the block adaptive control method,
the. coefficients are not updated until L samples of the
. 20 lnput data have been input, so that the - ‘coefficients are
updated as a lump at one time when L' samples of input
data have been received. .
.' In the successive adaptive control method, the
necessary multipllcatlon aumber for each input sample is
25 2N. That is, N times multzplicatlons are necessary for
calculating tha. output signal ytn), and N times multipli-
.+ cations are necessary for updating the coefficients,
‘resulting in the .need for 2N times multiplications.
In the block adaptive control methed, a fast
30 - Fourier ‘transform (FET) 15 introduced to effect the

' -processing shown im Fig. 9 in the frequency domain, so
that the necessary number of multlpllcatlons can be
Teduced. The FFT by the block. adaptlve control is
well knowu and is described in, for example, "Fast

35 Implementation of ‘LMS Adaptlve F;lters" IEEE TRANSACTION
.ON ACOUSTICS; SPEECH AND SIGNAL PROCESSING, VOL.
ASSP-28, No. -4, AUGUST 1980,

Empf .zeit216/02/2004 15:45 Emef .nr.:077 P.0B0
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The basic concept thereof is as follows. The

convolution expressed by:

A N-1

yn) = & h,-x(n=i) cee (1)

i=0 *

can be considered, as shown in Figs. 10B - 10E, as a sum
of products of the input signal x(n) (Fig. 10A) and the
respective coefficients, where the coefficient series is
shifted by one sample for each imput signal x(m). 1In
the figure, N represents the length of the impulse
response. For L samples after one updating , the
coefficients are not updated by the adaptive control.

Now, consider a series of the input samples x(n)
with a periodic period (N+L-l), each perieod including
(N+L-1) samples x(n-N+l) through x(n+L-1) of the input
data x(n), as shown in Fig. 1lla. On the other hang,
with respect to the coefficients hk » & series with a
periodic peried (N+L-1) is obtained ?X inserting (L-1)
"0"s.between the coefficients hO and hy.1+ Then, by
shifting the coefficients series one sample by one
sample, as shown in Figs. 11B - 11F, (N+L-1) series are
obtained. Each sample of the input data x(p-N+1)
through x(n+L-1) is multiplied to each of the (N+L-1)
series of the coefficients shown in Figs. 11B - 11F.
Then, the multiplied results are summed to obtain an
ocutput series z(n) having a period of (N+L-1l). As is
apparent from Figs. 10A - 10E and 11A - 11F, the latter
half L samples of the series z(n) is equal to the
series y(n).

In another aspect, the well known eyclic convolution
shown in Figs, 1l1A - 11F is such that the discrete
Fourier transform (DFT) of the output is expressed by
the products of the DFT of each input (see, for example,
"digital signal processing" ...). Therefore, the
above-mentioned expression (1) can be realized by a
constitution shown in Fig. 12,

Referring to Fig. 12,

Empf.zeit:16/02/2004 15246 Empf.nr.:077 P.0OB]
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( 0" g v=*r L-z) . .
=m(h0(l§).hl(k), ...,.hN;_l(k)','o,'...,o o
- N : ves (2)
can be written.
5 That is, an L sample overlap éaxt 121 regeives
(N-1) Samples of one bleck of input data x(n) and L
samples of the previouslblock of input data, to generate
(N+L~-1) saﬁples of -overlapped elements in which L samples
of the input data are overlapped. An (N+L-1) -point FFT '
10. 122 effects.a fast Fourier transform on the (N+L-1)
samples’ with the, overlapped L elements to generate
(+1-1) elements of Xy(k), X0y Xy gy () Xkl s ovni

15 coeffiéients'ﬂg ’ Hi TRy HﬁfLﬂz are respectively
multiplied, where the estimated coefficients are updated
once dfter iptroducing~éagh block of data, as described
1ater in move detail. The results of the multiplications
" are ‘then subject to ‘inverse fastiFourier~transfbfm .
20 (IPET) in the (W4L-1)-point IFFT 123. The output 7 (n)
isjobtained at the outputs of an output processing
part 124, by considering only the last half L elements
of the outputs of the (N+L-1)-point IFFT 123, or by
discarding the first (N-1) elements of the outputs of
25 the IFFT 123. .The error signal e(n) is obtained by
gubtracting the estimated output Q(n) from the echo
signal y(n) transmitted via the echo path. The adaptive
control is effected so as to lead the error signal ef(n)
to be zero. S '
30 The update control of the coefficients Hi is as
follows. : T :
The equation for the update control of the : x
coefficients is expressed as: - '

o
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-~ 5 =
— -'1 . ,
ho((k+l)°L) hy (k L) ’\
hl( (k+1) L) hl(k'L)
| By (28 |y 002
g -7
Ee(k-L+z)-x(k-L+z)
=0
+ 23 fe(k-L+2) x(kL+2=1) cee (D)
=0 !
L-1
Te(k:L+s) x (kL+2-N+1)

LR.=0

The calculation of the second term in the right

nand side of the above equat
Figs., 13A - 13F, as follows.

jon is effected, as shown in
That is, consider a series

of the input data x(n) with a period (N+L-1), and

consider a series with (N+L-

1) period including L

samples of error data e(n), e(n+l), ..y e(n+L-1) and
(N-1) "0"s padded. Each element of the input data

series x(n-¥+l), ..., X(n+L=
series including the error 4

1) is multiplied to the
ata and the "0"s.

The series with the (N+L-1) period including error

data and "0"s is shifted one

element by one element in

response to an input data sample SO that (N+L-1l) series

are obtained as shown in Figs. 13B - 13F. Then, each
element of the input data series in the (N+L-1) period
is multiplied with each of the (N+L-1) series shown in

Figs. 13B =~ 13F, and the sum
from this sum, the preceding

of the products is obtained
N samples are output as the

second term of the right hand side of the equation (3).

A theory is known for a

periodic correlation



16. FEB. 2004 19:4Y .,ADVUKAIUKUWtN/I‘AItNlUKUf’FtN

WO 88/03341

10

15

- 6 =

" gunction which is obtained by the product of the DFT of

one input and the complex conjugate of the DFT of the

" other input (see,.for'example, "Theory and Application
of Digital Sigmal Processing® written by R. Rabiner and

B, Gold, 6.18,.P 403) . '
‘Figure 14 is & block diagram of a conventional echo

canceller using the block LMS algorithms and including
the updating portion of the coefficients utilizing the
abiove mentioned theory. In Fig. 14, 140 is an overlap

processing part; 141 is an  (N+L-1)-point FFT; 142 is a

complex multiplication part; 143 is an (N+L=«l) point

jriverse FFT; l44 is an output processing part for
outputting the last L samples; 145 is a zera padding
part; 146 is an (N+L-1) point FET, 147 is a complex
multiplication part; 148 is an IFFT; and 149 is an FFT.
' Assuming that the response length is N, then the
overlap processing.part 140 receives an inpwt signal
%(n) and makes (N+[-1) semples as one block. Then, by

.

© - oyerlapping L samples of one block and the successive

20

25

- 30

33

block, the overlap processing part 140 outputs (N+L=1)
samples of the input data z(n) - _
The (N+L-1) point FET 141 receives each block of

the input data x(n} to carry out a Fourier transform on

each received block so that the imput data x(n), which

is represented in the time domain, is transformed to the

Signals XO (k) r xl (k) ? .~ .e X(N+L_2) (k) I WhiCh- are

. represented in the frequency domain.

In the COmplex=mnltiplication'part 142, the
coefficients Hg ’ Hif, ooy H§+L"2 are respectively

nultiplied o the signals X, (k), %y (K}, Ceor Rpuzezy

in the frequency domain.

The (N+L-1) point IFFT 143 receives the results of
the multiplications and transforms the signals from the

frequency ' domain representation to the time domain
representation..

The putput‘processiné part 144 receives the (N+L-1)

samples of the time domain representation and outputs

NCL 4117 - b

004 16.02.2004 .50
l’buarouuw.a%‘r) :50:46
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the last L samples thereof. The output signal Q(n) is
subtracted from the echo signal y(n) passed through the
acoustic eche path, resulting in an error signal e(n).
The error signal e(n) has L samples. In the zero
padding part 145, (N=1) "0"s are padded in the portion
preceding the 1 samples of the error signal e(n).
The (N+L-l) point FFT 146 receives the (N+L-1)

samples of the ngns and error signal e(n) to transform

them into signals Eg ' Ei  ener (R+L-2) in the

10 frequency domain.
At the complex multiplication part 147, the signals

Eg , EL , ees E(N+L'2) and the complex conjugates of
the signals xo(k). Xl(k), x(N+L—2)k are respectively
multiplied. The multiplied results are applied to the

15 IFFT 148 so that the signals are ¢ransformed from the
frequency domain representation to the time domain
representation. The preceding N gamples of the output
of the IFFT 148 are supplied to the FFT 149, while the -
FFT 149 receives (L-1) samples of "0"s as the last (L-l)'

26 samples of the input signal. Thus, at the output of the
I{FT 149, upigtgng parts-of the tap coefficienés Hy »

HE , anee Hﬂ are obtained. The tap coefficients are
once updated, or in other words, refreshed, after
introducing each block of the input data x(n) .

25 The refreshing of the tap coefficients is further
_described. The tap coefficients are updated at each
input of one block. Assuming that the L samples
constitute one adaptation block, and assuming that k is
an integer, then, as the coefficient values in the

39 period between kL and {KL+(L-1)}, the values of which
were updated at the time KL, are used. The next
coefficient values at the next time (K+1)L are determined
in such a way that the sum of the squares of the errors
during the period between KL and {KL+(L-1)} is made

35 minimum, In this case, assuming that the evaluation

aumber is D, then,
+ LI} (4)

2 2 2
D= egr * Skpep ¥ oot T CKL+(L-1)
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can be obtained. .
The error eKL+l can be expressed as:
CRE+L ii (h - hKL)xKL+E—i o cee (5)

where h represents an- 1mpulse res
. system; hKL represents an
, represents & samp
Whereas, the following equation etands.
L-l

Xprag-i

data.

ed by

h (R+1)E

where pisa constant value.

9D

— ET— —

sh*

L= 0

KL+£ KL+2-1

-1
hl + 2u E

eKL-l—]. KL+L-1

Expression of the

(7) in the vector form is as- follows-

— .-
11tK+1)r.

1
Y

N-l
- (K+1)L

]

g, |

+ 2 ¢

Ir1

z eKLrl-LxKIﬁ-R.

-1
vt ,
=0 'em'zxxw-l

1=l

z em-zxm-z- (N-1)

| =0
cor (8)

‘In the algorithm utilizing an FFT, assume that:

N1 . :
N
Yereg ™ iio Der¥rrae-i

-

(%)

ponse of the actual
estimated impulse response;
1e of the series of the input

and.

(6)

o v

Therefore, the updating of the coeffrcients is express-

(7

equation

'Hif (hgc:,-'.hé ' ‘---, 11‘;'1?- 0/ Qp sedd o ere (0)

h/h1]

15:51:30
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T _
%= er gy 70 AL TR Y Xt (1-1)]
' oo (A1)

V§= (Ym' r mel'l 4 sz § verys YICM'(L-I)) -o'- (].2)

Then, the output vector Y§ is obtained by the latter
half L samples of the cyclic convolution with a periodic
period equal to (N+L-1) of the vectorslﬂ§ and‘X§
expressed by the equations (10) and (11). The FFT of
the output of the cyclic convolution is the products of
the FFT of each element which is subject to convolution,
Therefore, the fundamental structure of the echo
canceller shown in Pig., 14 is constructed by the parts
140 - 144, The coefficients Hg - HéN+L'2) are updated
15 by the outputs of the FFT 149. To update the co-
efficients, (L-1) zeros are padded in the FFT 149 to the

10

second term in the egquation (8) , which is thus changed

as follows.

' [ L-1 A

Lo CK,L#t¥R, Lt

L-1

120 eg L+1%K,L+e-1

L"l ’ ¢ a (13)

L ey r+4*K,L+4-(N-1)
§=0
0

! L 0 _
¢ It is known that the IFFT 148 and the FFT 149 for

updating the coefficients can be omitted (see
"Unconstrained FPrequency-Domain adaptive Filter" D.

/a1

15:51:46
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vangour et al., IEEE vol AsSP-30, Ne. 5, Oct. 1982) .

In the construction shown in Fig. 14, the necessary
s umber of multiptications for each input of one sample
'{s expressed as follows: o

N4L=1, .. N+L-i A _

where (N+L-l) is assumed to be an n-th power of 2. By'
the equation proposed by Mansour et al,, this is '
expressed as: '

N+L~1 N4L-1, - '
.-T{BIOQ.Z{T} + 1.0} . ves (15)

On the other hand, by a gsval adaptive control effected
‘sample by sample ip the time domain, the necessary
aumber of multiplications is as large as 2N.

15. when L and N are nearly equal in order of magnitude,
the value expressed by the eqpation;(l4) or (15) is
small in comparison with the number 2N.

However, in an eche canceller for an acoustic
"systém, the length of the impulse response is so long
39 that the number N becomes several thousand or more.
Whereas, the blockK length L should be as small as
possible, because it provides, as it is, a processing
delay, and in order to minimize the influence due to
fluctuation of the system. If L is sufficiently small
25 . in comparison with N, the value expressed by the
'.éQuation (14) or (15) becomes almost equal to or larger
than 2N. K ' .
Also, if (N+L~1) is not an n-th power of 2, the
echo canc¢eller having the structure shown in Fig. 14

30 cannot operate effectively. For example, assume that N
- 4096 and L = 50, then the FFT portion shown in Fig. 14
must be arranged to éxecute its function at 8096,
resulting in an incréease of the useless portiom.

SUMMARY OF THE INVENTION '

15 In‘viewioi the above problems in the prior art, an
object of the present invention is to provide -a new echo
canceller in which the number: of multiplications is
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decreased and the processing delay is shortened.
To attain the above object. there is provided,

according o the present i

for cancelling an

nvention, an echo canceller

echo signal passed through an echo

path with an impulse response N

receiving an input

end for providing
comprises: an N’

, having an input end for

digital signal serles and an output

an error signal. The echo canceller

sample overlap processing part 10,

connected to the input end, for

digital signal series,
said input digital signa

receiving the input

and for outputting oN' samples of
1 series with N' samples being

overlapped: @ IN'-point fast Fourier transform part,
connected to the N' sample overlap processing part, for

effecting a fast Fourie

r transform on the N' samples

output from the overlap processing part so as to output

oN' points of signals expressed

an FIR filtering part for div
N in said input digitel signa
consisting of W' gamples where

connected to the 2N'-point fast
for adding the multiplied output signals of said

oN'-point fast Fourier

updating part, connected to the

the coefficient of the F

in the frequency domain;

iding said impulse responseé
1 series into k blocks each
x and N are integexs,

Fourier transform part,

transform part; a coefficient

output end, for updating

IR f£iltering part; 2 2N'-point

inverge fast Fourier transform part, connected to the

FIR filtering part,

Fourier cransform

on the output

for effecting an inverse fast

of the FIR filtering

part; an output processing part, connected to the
oN'-point inverse fast Fourier transform part (15), for

deleting the first N' samples

2N'=-point inverse

from the outputs of the

£ast Fourier trangform part and for

outputting the last N' samples
signal; a delay circuit, connected to the echo path, for
delaying the echo signal passed through the echo path by
the N' samples; and a subtractor, connected to the

output processing
obtaining an erro

part and the
r signal corre

as an estimated echo

delay circuit, for
sponding %0 the difference

15:52:22
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petween the 6utput of the delay Gircuit and the estimated

. echo signal.

SRIEF DESCRIPTION OF THE DRAWINGS

rigure 1 is a block diagran showing a general
atructure of an. echo canceller according to an embodiment
of the present invention; . ‘

Fig. 2 shows an FIR £ilter having a tap number 2N‘',
for explaining the basic idea of the present jnvention;

| fiq.'3 is . an equivalent.circuit of the FIR filter
shown in Fig. 2, for explaininglthe pasic idea of the
present ipvenﬁion; :

Fig. 4 is 8 block diagram showing an echo canceller
including the FIR filter shown in Fig. 3, for explaining
the basic idea of the present invention;

Fig. 5 is a bleck diagram showing an echo canceller
realized by the pasic idea shown in Figs., 2 and 3,
according to an embodiment’ of the present invention;

~ Fig. 6 ig a diagram for explaining the concept of

"dividing the FIR filter into k blocks, according to an

embodiment of the present invention;
~ Fig. 7 is a block diagram showing an echo canceller
realized by the concept shown in Pig. 6, according to
anofher embpdimeﬁt of the present invention;
. Fig. 8 is a-block diagram showing an echo canceller
according to still another embodiment of the present

inventiony

Fig. 9 is 2 diagram showing a conventional time
domain_echo canceller; . : '
Figs. 10A to 10E are diagrams for explaining &
conventional~calculation of a convolution;
Figs. 11A to 11F are diagrams for explaining a
coéventional calculation of a'cyclié convolution;
. Fig, 12 is a block diagram showing 2 conventional
block controlution calculation control utilizing FFT;
Figs. 13A to 13F are diagrams for explaining the
updating of the coefficients in a block adaptive -

control; and

CONO AT TP T/

15:52:44
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Fig. 14 is a block diagram showing a conventional
echo canceller with FFT and block adaptive control;

BEST MODE FOR CARRYING OUT THE INVENTION

Figure 1 illustrates & general structuxe of an echo

5 canceller according to an embodiment of the present

jnvention. 1In the figure, a tap number N, which is
determined by the impulse response of the system to be
estimated, is considered to consist of k blocks of N'
samples.‘ Assuming that a frame unit consists of N/k

19 =N samples, then, the part 10 outputs oN' samples (or
2 frames) in which N' samples are overlapped in the
current input and the preceding input. A first
2N'-point FFT 1l receives the 2N' samples from the
part 10 to effect a fast Fourier transform on the-

15 received 2N' samples SO that the signals in the time
domain are converted into the signals in the frequency
domain, In 2 finite impulse response (FIR) filter 12,
each of the 2N'-points output from the first 2N'-point
FFT 11 is delayed by W' x P samples, where 0 ¢ P 2 k-1.

20 The delayed aN' samples are respectively multiplied with
coefficients output from an update control part 17, and
the multiplied outputs are added to obtain 2N' outputs
of the FIR filter 12. A 2N' points IFFT effects an
inverse FFT on the 2N' outputs from the FIR filter 12 so

-5 that the signals of 2N' gamples in the frequency domain
are converted into signals in the time domain.

An output processing part 16 deletes the first half
N' samples from the ocutputs of the 2N' points IFFT 15
and outputs the last N' samples.

30 The update control part 17 effects an updating
process of the coefficients of the FIR filter 1l2.

4 A delay circuit 18 receives an echo component y(n) o

passed through the echo path 19 and delays it by N'

* samples.

35 A subtractor 20 subtracts the output of the last N'
samples of the output processing part 16 from the output
of the delay circuit 8 to obtain error signals.
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block of N* sampies by
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5 utilizing FET, -
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- A
value y(n

i.e., &

ADYUKATGKUFFPEN/FATENTURUFFEN LI ARV S VY

012 16.02.2004

h
15:53:26

PCL/JFP5/[Uusdd

- 14 ~

g is executed on thé shqrtenad
dividing the impulse response

e the merité of the echo canceller
he small number of multiplications,

‘1t should be noted that the estimated
) is considered to be a sum of the convolution

of each block and the input data x(n] when the impulse

10 which is divided into
The basic concept of the present invention is

response length of the system to be estimated is N,

the blocks each having N' samples.

described with'refgrenca.to-Figs; 2 to 4.
Figure 2 shows an FIR filter having a tap

number 2N'.

15 delay'eléments;
the input signal % (n) .
multipliers, each operaE

In the figure, 21-0 through 21~ (2N'=2) are
- gach providing one sample of delay for

22=-0 through 22~(28'-1) are
ing to muliiply the input sanple

and an estimated value b of the impulse response by of

© the system to be estimated, where k = 0, 1, 2, ...y OI '
50 2M'-1. The multiplied results are added by an adder 23.
The added result is s

by a subtractor 20 to obtain an error signal e(n). An
adaptive control is effected to make the error signal

e(n) zero.

25 The FIR filt

ubtracted from the echo signal y(n]

er having the tap number 2N' shown in

Fig., 2 can be considered to be a composite filter
sncluding & block Bl with a tap number N' and a block B2
with a tap nuﬂbe; N'. Therefore, the FIR £ilter shown

-in Fig. 2 can be expressed as shown in Fig. 3.

2 and 3,.the same reference symbols
represent the same parts. The left side of Fig. 3
includes the block Bl, and the right side of Fig. 3

- 30 In Figs.

includes the block B2,
added by an adder 23-1,

The outputs of the block Bl are
and the output of the adder 23-1

35 1is subtracted from the echo signal y(n) by a subtractor
20-1. The input sigmal x(n) is delayed by N' samples by

delay'elements 24-0 through Z4-{N'-1l) to he inputted
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into the block B2. The outputs of the block B2 are
added by an adder 23-2, and the output of the adder 23-2
jg subtracted from the output of the subtractor 20 O
provide the error signal e(n).

The constitution of the circuit in the right side
or in the left side in Fig. 3 is substantially the same
a5 the conventional constitution shown in Fig. 14 except
for the number of gamples to be processed. Accoxdingly.,
the detailed construction of the echo canceller shown in
Fig. 3 can be depicted as the construction shown in
Fig. 4. :

In Fig. 4, reference symbols 31=1 and 31-2 are N’
overlap processing parts and 2N'-point FFTs8; 32-1 and
32-2 are zero padding parts for padding N' zeros to the
portion preceding the error signal e(n) at the output
our; 33-1 and 33=2 are 2N' point FFT processing parts
for effecting FFT on the outputs of the zero padding
parts 32-1 and 32-2; 34-1 and 34-Z are coefficients
multiplying parts oI, in other words, FIR filtering
parts; 35-1 and 35-2 are 2N' points inverse FFT
processing parts; 36-1 and 36-2 are output processing
parts for outputting the last N' samples by deleting the
preceding N' samples; 37-1 and 37-2 are lnverse FFT
processing parts; amd 38-1 and 38-2 are FFT processing
parts. The IFFT processing parts 37-1 and 37-2 and the
FFT processing parts 3g~l qnd 38-2 operate to provide
the updated coefficients Hg and Ei. As mentioned before
in the description of the prior art, the IFFT processing
parts 37-1 and 37-2 and the FFT processing parts 38-1
and 38-2 for updating the coefficients can be omitted.

The difference between ¢he left side circuit and
the right side circuit in Fig. 4 is that the outputs of
the part 31-2 are respectively delayed by one sample by
delay elements 39-0, 39-1, ...y and 39=-(2N'~1). This
corresponds to the N' samples of the delay elements
shown in the right side circuit in Fig. 3.

Figure 5 shows an equivalent system to the

P. 11/1)

15:53:49
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construction shown in Fig, 4 except that the IFET

' proce531ng parts 37- -1 and 37-2 and the FET parts 38-1"

and 38-2 in Fig. 4 axe omitted in Fig. 5 and the separate
parts 31-1 and 31-2, 32-1 and 32-2, 33-1 and 33-2, 34-1
and 34-2, 35-1 and 35-2, 36-1 and 36-2 in Fig. 4 are

' xespectively combined as unit parts 31 through 36 in

Fig. 5..
In Fig 5, thé FIR filtéring’part 34 has two-divided

portions as already shown in Fig. 2. In one of the

two~divided portions: the 2N' outputs of the W' sample
ovarlap processing part and the 2N' poznt FFT 31 and the
eatinated coefficients: H through H%N -1 are multiplied
to obtain these products. In another one of the two- ‘
lelﬂed po:t;ons, the above-mentloned IN* outputs are
delayed by the delay elements 39~0 through 39=-(2N'-1).
Then, the delayed ‘outpuks are multiplied to the estimated
coefficients Hl through HiN' -1 to obtain these products.
The products, with respect to the first output are summed
by-th‘adderA40 o, Similarly, the products with respect
+o the second, third, ...r and (ZN'-l)th outputs are
respectively cummed by the corresponding adders 40-1
through 40-(28'~1). Thus, at the outputs of these

~dders 40-0 through 40-(2N'-1), IN' ocutputs of the FIR

_£ilter 34 are obtained..

By the systen constructlon shown in-Fig. 5 " the
input signal having ‘the impulse response of N samples is

~divided into two SO that the.- processing is effected on
~each block with N‘ gamples, and the process delay is

shortened to be N’ samples.
In the above—descr;bed embodlment of the present

) .anentxon, the FIR filter ig divlded-into only two for

35

'the sake of simplicity of the description. The present

invention, howevex, is not restricted to the above
enbodiment, and similax considerations are poss;ble even
when the aumber of divisions is increased.

Flgures 6A through 6F are diagrams for explalnlng

_the concept of dividing the FIR filter into k blocks.

14/71

15:54:10
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As shown in Fig. 63, the estimated impulse

response h is divided into k blocks hy hy ¢ oever
, each block consisting of N' samples. Figure 6B

-1
ghows the input gignal x. The output of the FIR filter ¢
£ each block by and the

is the sum of the convolutions ©
The convolutions are shown in Figs. 6C,

input signal X.
8 ho*x, hl*x, ... and

6D, 6B, 6F, .+ 28 the expression
hk_l*x.

For each component hi
n output 1is delayed by ixN' samples.
ander the assumption that the updating period
of the block LMS algorithm is N!
for i-th block must e

of the impulse response, the

convolutio
Therefore,
of the tap coefficients
samples, the output of the FFT
delayed by 1 gsamples.
Figure 7 is a block diagram showing an echo

canceller in which an FIR filter ig divided into k
blocks, taking into account the consideration described
6A through 6F, according to
esent invention.

gimilar to the
xcept that, in

e block is N' and the

with reference to Figs.
another embodiment of the pr
In Fig. 7, the construction is
conventional one shown in Fig. 13 e
Fig. 7, the number of samples in on
FIR filter includes kX delay elements 13 connected in
geries for each block. The tap coefficient between two
delay elements 13 is multip;ied by a multiplier 14 to

the estimated coefficient gl , where i = 0y 1, «eer OF
, or k-1. The multiplied results

0 through 12-(2N'~1) . Reference

le overlap processing
15 is a 2N’

ZN"'l andjSO' l' s o0
are summed by adders 12-
number 10 represents an N' samp

part: 11 is a 2N' point FFT processing parti
rt; 16 is an output processing

ding N' samples and outputtin
17 is a coefficient updating

t for padding N' Zeros

£ the error sigmal

part for

point IFFT processing pa
part for deleting the prece
the latter half N' samples;
part; 171 is a zero padding par
jinto the preceding half N' samples ©
e(n); and 172 is 3 2N' point FFT processing

processing the output of the 2ero padding part.

hi
15:54:32

9
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In Fig. 7, the conmstitution of the coefficient
updating part 17 is simple because the IFFT 37-1 or 37-2
and the FFT 38-1 or 38-2 axe omitted.

The opération of the echo canceller shown in Fig. 7
is as follows. '

The input signal #(n) from the input terminal IN is

processed by the N' sample overlap processing part 10 so
that a unit consisting of 2N' samples of -the input
signals is output at esch output timing. In the
overlapping prdcess, the lattér.halﬁ N' samples of the
current unit of 2N' samples are overlapped with the
preceding nalf N' samples of the immediately before
output (see Figs. 6B through 6F). The 2M' samples
output f£rom the ﬁ' sample overlap ptocessing part 10 are
received by the 2N’ point FFT pfopessing part 11 and are
prdcessed py a fast fourier transform so that the input
signal expressed in the time domain is transformed into
the signal expressed in the frequency domain. The
complex conjugates of the ZN' outputs from the 2N'-point
FFT processing parﬁ 11 are respectively multiplied with
the error coefficients E, throuqﬁ Enytwl which are
output from the IN'=point FFT processing part 172 in the
coefficient updating part 17 at the error sigmal side,
resulting in the updating parts of the coefficients ﬁg
through Hgﬁ'-l which correspond to the block hy. With
respect to the outputs which are delayed by dne sample
by the delay elements 13, the complex conjugates thereof
are multiplied with the error coefficients E £hrough

so that the updating parts of the coefficients H%
through H%N'—l corresponding to the block hy are
obtained. Sim%larly, the_updating parts of the
coefficients Hé through H;N'-l corresponding to the
pblocks hi (where 1 = 2, 3, v
The coefficients obtained in such a way as above are

, or k=1) are obtained.

classified into groups respectively corzesponding to the
outputs of the 2N' point FFT processing part 1. Then,
the multiplied data by the classgified coefficients Hg

Th/h1
15:54:54
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through H%'l, Hg through Ht—l, ... and HgN'—l through
Hg;}_l are summed respectively by the adders 12-0
through 12-(2N'-1). The added results are input to the
2N' point IFFT processing part 15 and are processed
5 therein by an snverse fast Fourier transform. Then, in
the output processing part 16, the preceding half N'
samples are deleted so that the laBtAhalf N' samples are,
output as the ecetimated echo signal y(n). By subtracting
the value Q(n) from the echo signal y(n) passed through
10 the echo path, the error signal e(n) is obtained.
since the impulse response is divided into 2
plurality of blocks, each block consisting of N' samples,
the delay in the N' delay cireuit 18 can be made as
short as N'. The delay N' can be made smaller and
15 smaller by increasing the number of divided blocks so
that the processing delay can be reduced.
In the embodiment shown in Pig. 7, the coefficient
 updating part 17 is simplified. ,
Figure 8 shows an another embodiment of the present
20 invention in which only a coefficient updating part l7a
ig different from the coefficient updating part 17 shown
in Fig. 7. The other parts are similar to those shown
in Fig. 7.
In Fig. 8, the coefficient updating part l17a
25 includes the zero padding part 171, the 2N'=-point FFT
. processing part 172, multipliers 173, 174, ...r 2N'-point
IFFT processing parts 175-0 through 175=-(k=1), and
2Nt'-point FET processing parts 176-0 through 176-(k-1).
By the coefficient up@atinq part 17a shown in
30 Fig. 8, the coefficients H; , vhere k = 0, 1, 2, vsss O
oN'~1, and i =.0, 1, 2, .4y OT k=1, can be derived by
dividing the conventional equation (3) into a plurality
of blocks sach consisting of N' samples, as follows.,
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_ _ N
N'=1
I e X
L=0 keN'+L keN'+L
N'-1l
I e X
L=0 ke¥'#L keN'+L-l
N'-1l
L e X
L=0 k-N'4L keN'+L-(N'~1)
N'-1
I e x
L=0  keN'+L keN'+L=N'
.2 «eo (16)

N'=1
I e X '
gm0 keN'+L keN'+I=(2N'-1)

yewewon essT s e reenwany e .-.-10!-1--.-'--.-
pe B A

N'-1
I e X
I=0 Kk*N'+L keN'+L-2N'

N'-1
r e X
L=0 k-N'+L keN'+L-(RN'~1)

L .
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In the equation (16), the nurber N' in the co-
effici i i . that sach block
efficient Hk,N' or Hk 41,8 denoi;es £ e >
consigts of N' samples. The m-th block in the above _

equation plus N' zeros, gives the following

5 equation (17). .

- Y T -, . : Hle -]
Hn(l]b:#].) N _ k-N'
'+l Hmfbl'-l-l
B'n(li-l-l) "N' I k.‘N'
1 -1
(mFL)N'-1 _ Ly
B (k+1) -1 KN
0. ' . 0 .
0 0 -
0
0 _ R
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N'-1
L e - b4
L=0 ke N'+L keN'+L-mN'

Nf=-1
) e x
L=0 keN'+L KeN'+L=mN'=1

.

N'=-1

+ 2y z

e x [ 3N I (17')
=0 keN'+L k-N'+L- (m+1)N'+1

0

| 0 A _

By comparing the gsecond term in the above equation
20 (17) with the conventional expression (13), it can be
appreciated that the tap coefficients corresponding to
the m-th block can be ealeulated by a structure gimilar
to the conventional one shown in Fig. 14, except that
the number of samples to be processed in the coefficient
25 ypdating part 17a is JN' which is smaller than the
number of samples processed in the conventional co-
efficient updating part shown in Fig. l4. That is, in
the 2N'-point FFT processing part 176~k shown in Fig. 8,
N' "0"s are added to the outputs of the IFFT processing
30 part 175-0 so that the updating parts of the coefficients
#K (1= 0, 1, 2, +oc, o0d ') T output. The update
¢ of these coefficlents is effected in a lump each time N'
samples of input data are received.
¢ It should be noted that the functions of the
35  aforementioned parts shown in Figs., 5 and 8 can be
realized by arithmetic functions in a program gontrolled

type processor.
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INDUSTRIAL APPLICABILITY .

From the foregoing descriptiom, it is apparent
that, according to the present jpvention, the necessary
numbers of multiplications corresponding to the '

5 expressions (14) and (15) are respectively: . .
(4k + 6)Log,N' + 16k + 12 . (18)
‘slog,N' + 8k * 12 e (19),

where k is 2 number of divisions; N' is the block length
_to be adapted, and N = N' x k, This value is genmerally

10 much smaller than 2N even when the processing delay N'
is small. ‘ .

That is, according to the present invention, a
block adaptive algorithm can be realized with a smaller
number’ of mﬁltipliqations +han conventionally used.

15 Further, by selecting the value N' to be a power of
2, an effective construction can be realized. That is,
'the construction shown in Fig. 5, Fig., 7 or Fig. 8 can

be said to have 2 nigher flexibility in comparison with

the conventional construction.
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CLAIMS
3. An echo canceller for cancelling an echo

signal passed through an echo path (19) with an impulse
response (N) . having an input end for receiving an input
digital signal series (x(n)) and an output end for
providing an error gignal, comprising:

an N' sample overlap processing part (10),
connected to said input end, for receiving said input
digital signal seriles (x{n)), and for outputting 2N
10 samples of said input digital signal geries with N'
samples being overlapped;

a 2N'-point fast Fourier transform
part (11}, connected to said N' sample overlap processing
part (10), for effecting a fast Fourier transform on the
2N' samples output from said overlap processing part so
as to output 2N' points of signals expressed in the
frequency domain;

an FIR filtering part (12) for dividing
said impulse response N in said input digital signal
series into k blocks each consisting of N' samples where
k and N are integers, connected to said 2N'-point fast
Fourier transform part (11), for adding the multiplied
output signals of gaid 2N'-point fast Fourier transform

part (1l);
25

13

20

a coefficient updating part (17), con=
nected to said output end, for updating the coefficient
of said FIR filtering part (12);

a 2N'-point inverse fast Fourier transform
part (13)., connected to said FIR filtering part (12},
for effecting an inverse faet Fourier transform on the

output of said FIR filtering part;
) an output processing part (16), connected

30

to said 2N'-point inverse fast Fourier transform part
* (15), for deleting the first N' samples from the outputs
of said 2N'-point inverse fast Fourier transform part
(15) and for outputting the last N' samples as an
estimated echo signal;

35
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a delay cirxcult (18) , connected to said
echo path; for delaying the echo signal (y(n)) passed
through said echo path by the N'-samples; and

a subtractor (20}, eoﬁnected to said

output processing'part (16) and said delay circuit (18),

for obtaining an error signal (e(n)) corresponding £o "
the difference between the output of said delay circuit
(18) and said estimated echo signal.
2. An echo canceller as set forth in claim 1,
wherein gaid coefficient updating_paft (17) comprises:
a zerc padding part (171), connected to

said output end, for padding N' ng"s before the N'

" samples of said error signal.included in the output SO

15

20

25

as to form a frame consisting of 2N' samples; and
another 2N'-point fast Pourier transform
part (172), connected to the output of said zero paddinq

part (171), for effecting a fast Fourier transform on

the outputs of said zero padding part (171) so as to
output 2N' updating error coetficients (Ey=Egyr_p) .
3, An echo cancellet as set forth in claim 2,

wherein said coefficient updating part (17) further

comprises:

74/h01
15:57:07

PCLJIES /00530

a 2N'-point inverse fast Fourier transform

part (1L75=0 through 175- (k=1)) , comnnected to the malti-
plied output_qflsaid another 2N'-point fast Fourier

_eransform part (172), for converting the multiplied

output signals of saidvanother 2N'-point fast Fourier

~ trapsform part (172) Erom the frequency domain expression

30

35

to the time domain expression;]and'

o o another 2N'-point fast Fourier transform
part, connected to the output of said another 2N"-point..
inverse fast Fourier transform part, effecting a fast

. FPourier transform on 2ZN' samples of data consisting the

first N' samples of the output of said gtill another
inverse fast Fourier transform part and N' samples of
"Q"s so as to output the updating part of the co-
efficients (g*) which are applied to said FIR flltering
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part (12).
4. An echo canceller as set forth in claim 1,

wherein said integer N' ig selected to be a power of
twWo,

5 . 5. An echo canceller for cancelling an echo
signal passing through a system to be estimated,
comprising:

an overlap processing part (10) for
receiving input signal series %(n) of 2N' samples and

10 for overlapping gaid N' samples:;
a fast Fourier rransform part (11) for

effecting a Fourier transform on the 2N' samples
overlapped by said overlap processing part (10);
an FIR filtering part (12) for dividing
15 an impulse response length N of said gystem into k
blocks each consisting of N' samples, for adding the
multiplied outputs of said fast Fourier transform
part (11)7 )
an inverse fast Fourier transform
20 part (15) for effecting an inverse fast Fourier
transform on the output signals of said FIR £iltering
part (12);
an output processing part (16) for
obtaining an echo cancelling signal by selecting the
25 last N' samples from the 2N' samples of the output
signal of said inverse fast Fourier transform
part (15)¢ and
a coefficient updating part (17) for
effecting an updating process of the coefficients of
30 said FIR filtering part (12).
6. An echo canceller as set forth in claim 3,
wherein the number N' in said N’ gamples is selected to

pe a power of two.
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%‘gga‘.ﬁa Fourier tracefara techoiguss

of tha applicagions and isplassniwtics are dlscusssd.

In this paper, we will sxplore both tachniguss and applicetiona for

.-’ie fral egualisation using Fourier ‘Tunsform thecry. heutn&nwl..l R

spplicetions ars o iﬁinluo:nwiqgoulblveg
"aqualization” is used *ich we Hormelly think of as just canipulstion of
9‘95033. vsgg?ggg Jor axaupls we wlll cow
lon®, E:-:EEFIQE—HEIE af
.lv._.os ou.f > This manipuiation cac include both
gg’w—ugoﬂ ngl. Ell.rpl:nuﬂig tios and/ar the

o & ¥ 5O

All of taa spplications to be desoribed, from simpla filkgring to raverd
gsnsration, oan be achisved in the digital dasain using time dooain

Jutd tachod » 4o aany the t of tan
u.ﬁﬁb..nonv.n?n!nvlonne&. n:nuﬁonnn .—unwhﬂlonn!-n:!dﬁhv-
prohibitive, relative to practical of p ing tioe sndsor
hardwara cast, Fortunately, freq ..d ddsa a eclution

.Eln.ﬁdﬂ aigl;gizsﬁugub na.nn-.l.__boﬂil

It will De assumed that ths readar has ecke basic kuowledge of digital

Mormally, whsn one thinks of a fiitay, cne conceptualizee it oo &
changs in the freguency dfoain charactaristice {spactrum) of the eignal.
For ezampls; & low-pass filter ill allow the lower portions of the
spectrua to pass thyeugh from ioput o output, but nat the higher
poctions, Eowwvsr, dus to ths duality charucteristica of the tias snd
freqouancy dobains, we know that aultiplication in the frequancy doxaln io
equivalant to comnvelution in ths tims domain. In other words, to filter &
sigual swith & A1lBP having a cartain frequency charactoristic, the sesult

being a signal with a epestrum that i tha product ar the spesotra of the
input signal snd tha filtar; wa zmust convalve (in the time domain] the
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the tine & 1}, don't aorgally

aa o o con baad, tn design a ciccuit
that has tie desired fregusncy respanse (spectrum), which just happans to
have a csrtain impulss response tiat we can ssmsurs, which it convolves
wdth any input eignal, the reeanlt of which we can obsscve. 8o, whila the
ciroult is sctually dod the Jatd wa don't normally think af the
£ilter in that wa Instead, whan ws talk abayt the filter; we talk sbou
ts fregueanoy-domain functicn, 8.g. low-gass, high-pass, band-reject, at.

Purthar svidanos of this mind-set is the fact tha tar damign

Typisally, FIR Liltere are isplemsntad ss & eum of predosts. This is
ssally comoeptuslized = fallows) Bacacsis tha filter ie & lineasr systass, we

%

e . to ou
a input asgu 5 &8 & of many st esgusness, eaoh a

mny

th au an e re paneiating
aof qll gstoes excapt for ene ynigus paint. In other wordse, tha input to the
» is & of many different Ippulses, such with it cwn asplitude and

'yotan -um na

unigue poeition in tize. Thecefore, the cutput of the filtar will ke eIoply

y sopiss of tha lapulsa rasponss, sach cna shiftsd to e unigque
in timg, with a corrsspanding amplituds gain factoxr. JIf we

any glven catput 'point, we note that it will hevo contributicns fron

nany of these varicus coples of tha impulss responee. In fact, 3£ the lsngth

of tha impulss raepones (ths nuabser of paints batwenn the first JE

non—sewre ones, Inalusive) is N sanples, than every input point smill affect

polat, 0.3 tisas to tha paxt ons. and 0.2 tlase to the following one.

normally ba called "Ciltering™. Agwin, the only drawback is ths

{4}
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