
WO 02/17486 PCT/SG00/00125  METHOD FOR EFFICIENT AND ZERO LATENCY FILTERING
IN A LONG IMPULSE RESPONSE SYSTEM The present invention relates to a system
and method for effecting long impulse  response filtering. With the
development of new technologies, such as voice over IP (VoIP), spatial
sound processing and teleconferencing long impulse response systems are
employed to  obtain relatively high accuracy and better performance. For
example, the length of a  network echo cancellation filter can be as long
as 128 mn. Therefore, 1024 filter taps can  be made at a frequency of 8kHz.
Long impulse response filtering may be effected by using direct convolution
or  transform methods. US 5,502,747 describes a method and apparatus for
filtering using a  combination of these two methods. By this method,
filtering latency and computational  complexity may be reduced. In figure
1, a digital filter 1 uses a convolution method in accordance with equation
(1) where N denotes the length of the digital filter 1. The digital filter
1 convolves an input  data sequence {x(n), 0 < n < N} with the impulse
response of the digital filter {h(j), 0 < j <  N} to produce an output
y(n). N-( y(n) _ h(j)x(n-.1) (1)  i=o WO 02/17486 PCT/SG00/00125 As each
new input data sample, x(n), arrives, the digital filter 1 will be able to
determine the corresponding output, y(n). The output will be calculated
after N  multiplication and addition operations, however, if N is large the
output of the digital filter  1 will be delayed by the heavier
computational load. 5 Alternatively, in figure 2 a method for a digital
filter, using a 2N-point transform  method, to filter a current input data
sequence is shown. A 2N-point transform method  buffers, for example, N
data samples from the previous input data sequence, where the  



previous input data sequence is denoted by {x(n), 0 < n < N}. The current
input data 10 sequence is appended to the buffered data samples to form a
sequential block of 2N data  samples, where the- data samples from the
current input data sequence are denoted by  {x(n), N < n < 2N}. The block
of 2N data samples is then converted to the frequency  domain by equation
(2). 2N-I 15 X (k) _ x(n)W;,v (2)  n=0 where 2IInk  i Wnk = e 2N  _N The
impulse response of the filter, {h(n)}, is also converted into the`
frequency  20 domain using a transform method in accordance with Equation
(3). 1 2N-t H(k) _ 2N Y, h(n)u . v (3)  n-0 The corresponding outputs of
the digital filter may then be calculated using an IFT  25 (inverse Fourier
transform) given by Equation (4), where only the latest N samples, {y(n),
n = N....., 2N - 11, are required since only these samples reflect the
response of the filter  to the current input data sequence. The remaining
output samples, {y(n), n = 0,...., Ni - 1}7  are discarded. WO 02/17486
PCT/SG00/00125  l 2N-1 y(n) H(k)X(k)W,-v' (4)  2N k_o This method is
usually used to calculate a number of outputs, N, in a block. On  average,
the 2N-point transform method has a low computational load, however, the  5
method has a flow through delay of N samples which is introduced because
the current  



input must accrue to form the above mentioned 2N data block. If N is a
power of 2 and a real data FFT (fast Fourier transform) method is used, 2N
log22N real multiplications are required to calculate the 2N-point FFT of
an input  10 sequence as given by' equation (2). Similarly, 2N log22N real
multiplications will be  required to calculate the 2N-point IFT (inverse
Fourier transform) of the frequency domain  products given by equation (4)
and 4N real multiplications will be required to calculate the  frequency
domain products (H(K)*X(K)). Therefore, the average number of
multiplications per sample may be estimated by equation (5), where the
number of  15 multiplications per sample is proportional to log (N~. 4logz
4N (5) In accordance with the present invention there is provided a method
for long  impulse response digital filtering of an input data stream, by
use of a digital, filtering  20 system, including the steps of: (a)
dividing the input data stream into zero-input signals and zero-state
signals; (b) preforming a first conversion of one of the zero-input signals
and a  corresponding impulse response of the digital filtering system to
the frequency  domain and a second conversion of the product of the
zero-input signal and the 25 impulse response in the frequency domain to
the time domain to determine a  respective zero-input response of the
digital filtering system; (c) convolving one of the zero-state signals with
a corresponding impulse response  of the digital filtering system to
determine a respective zero-state response of  the digital filtering
system, wherein at least part of the zero-input signal  30 precedes the
zero-state signal; and WO 02/17486 PCT/SG00/00125  -4 (d) determining a
response of the digital filtering system by adding the zero-state  response
to the zero-input response. In another embodiment of the invention a method
for long impulse response digital  5 filtering of an input data stream is
provided, by use of a digital filtering system, including  the steps of. 



(a) dividing the input data stream into zero-input signals and zero-state
signals; (b) receiving one of the zero-input signals and appending a first
plurality of zeros  to said one of the zero-input signals in order to form
a first data block of a  10 predetermined size; (c) determining an impulse
response of the digital filtering system which  corresponds to said one of
the zero-input signals and appending a second  plurality of zeros to the
impulse response of the digital filtering system to form  a second data
block of a predetermined size, wherein the first and second data  15 blocks
are of equal size; (d) shifting the contents of the first data block in
accordance with a predetermined  function; (e) determining a shifted
zero-input response of the digital filtering system by  converting the
contents of the first and second data blocks to the frequency  20 domain
and then converting the product of the first and second data, blocks in
the frequency domain to the time domain; (f) shifting the shifted
zero-input response of the digital filtering system in  accordance with a
predetermined function to determine the zero-response of the  digital
filtering system; 25 (g) receiving one of the zero-state signals and
convolving said one of the zero-state  signals with a corresponding impulse
response of the digital filtering system to  determine a respective
zero-state response of the digital filtering system,  wherein said one of
the zero-input signals at least partially precedes said one of  the
zero-state signals; and 30 (h) determining a response of the digital
filtering system by adding the zero-state  response to the zero-input
response. WO 02/17486 PCT/SG00/00125  Another embodiment of the invention
provides a method for long impulse response digital filtering of an input
data stream, where the input data stream comprises first and  second data
sequences, by use of a digital filtering system, including the steps of: 5
(a) receiving one of the first data sequences, comprising a first plurality
of input  



data samples from the input data stream; (b) receiving one of the second
data sequences, comprising a second plurality of  input data samples from
the input data stream, wherein said one of the first data  sequences at
least partially precedes said one of the second input data  10 sequences;
(c) determining an impulse response of the digital filtering system; (d)
storing said one of the first data sequences in a first fixed sized data
block,  wherein remaining space in the first fixed sized data block is
occupied by zero  data units; 15 (e) storing the impulse response of the
digital filtering system in a second fixed  size data block, wherein
remaining space of the second fixed sized data block is  occupied by zero
data units and wherein the first and second fixed sized data  blocks are of
equal size; (f) determining a first response of the digital filtering
system by converting the  20 first and second fixed sized data blocks to
the frequency domain and then  converting their product to the time domain;
(g) determining a second response of the digital filtering system by
convolving said  one of the second data sequences with a corresponding
impulse response of the  digital filtering system; and 25 (h) determining a
response of the digital filtering system by adding the second  response to
the first response. Preferably, the converting from the time domain to the
frequency domain is  effected by 2N-point transforms and the converting
from the frequency domain to the time  30 domain is effected by 2N-point
inverse transforms. WO 02/17486 PCT/SG00/00125  -6 In yet another
embodiment of the invention a method for long impulse response  digital
filtering of an input data stream is provided, by use of a digital
filtering system,  including the steps of: (a) dividing the input data
stream into first stage zero-input signals and first stage  



5 zero-state signals; (b) performing a first conversion of one of the first
stage zero-input signals and a  corresponding impulse response of the
digital filtering system to the frequency  domain; (c) performing a second
conversion of the product of the first stage zero-input  10 signal and the
corresponding impulse response in the frequency domain to the  time domain
to determine a respective first stage zero-input response of the  digital
filtering system; (d) dividing one of the first stage zero-state signals
into a second stage zero-input  signal and a second stage zero-state
signal; 15 (e) converting the second stage zero-input signal and a
corresponding impulse  response of the digital filtering system to the
frequency domain; (f) determining a second stage zero-input response of the
digital filtering system by  converting the product of the second stage
zero-input signal and the  corresponding impulse response in the frequency
domain to the time domain; 20 (g) determining a second stage zero-state
impulse response of the digital filtering  system by convolving the second
stage zero-state signal with a corresponding  impulse response of the
digital filtering system; (h) determining a first stage zero-state response
of the digital filtering system by  adding the second stage zero-state
response of the digital filtering system to the  25 second stage zero-input
response of the digital filtering system; and (i) determining a response of
the digital filtering system by adding the first stage  zero-state response
of the digital filtering system to the first stage zero-input  response of
the digital filtering system. 30 The invention also provides a long impulse
response digital filter for filtering an  input data stream including: WO
02/17486 PCT/SG00/00125  -7 (a) means for dividing the input data stream
into zero-input signals and zero-state  signals; 



(b) a first means for converting one of the zero-input signals and a
corresponding  impulse response of the digital filter to the frequency
domain and a second  5 means for converting the product of the zero-input
signal and the impulse response in the frequency domain to the time domain
in order to determine a  respective zero-input response of the digital
filter; (c) means for convolving one of the zero-state signals with a
corresponding  impulse response of the digital filter to determine a
respective zero-state  10 response of the digital filter, wherein at least
part of the zero-input signal  precedes the zero-state signal; and (d)
means for determining a response of the digital filter by adding the
zero-state  response to the zero-input response. 15 In another embodiment
of the invention, a long impulse response digital filter for  filtering of
an input data stream is provided including: (a) means for dividing the
input data stream into zero-input signals and zero-state  signals; (b)
means for receiving one of the zero-input signals and appending a first
plurality  20 of zeros to said one of the zero-input signals in order to
form a first data block  of a predetermined size; (c) means for determining
an impulse response of the digital filtering system which  corresponds to
said one of the zero-input signals and appending a second  plurality of
zeros to the impulse response of the digital filtering system to form 25 a
second data block of a predetermined size, wherein the first and second
data  blocks are of equal size; (d) means for shifting the contents of the
first data block in accordance with a  predetermined function; (e) means
for determining a shifted zero-input response of the digital filtering  30
system by converting the contents of the first and second data blocks to
the WO 02/17486 PCT/SG00/00125  -8 frequency domain and means for
converting the product of the first and second  



data blocks in the frequency domain to the time domain; (f) means for
shifting the shifted zero-input response of the digital filtering system
in accordance with a predetermined function to determine the zero-response
of  5 the digital filtering system; (g) means for receiving one of the
zero-state signals and convolving said one of the  zero-state signals with
a corresponding impulse response of the digital filtering  system to
determine a respective zero-state response of the digital filtering
system, wherein said one of the zero-input signals at least partially
precedes  10 said one of the zero-state signals; and (h) means for
determining a response of the digital filtering system by adding the
zero-state response to the zero-input response. Another embodiment of the
invention provides a long impulse response digital  1.7 C:1  15 filter for
filtering an input data stream, where the input data stream comprises first
and  second data sequences, including: (a) means for receiving one of the
first data sequences, comprising a first plurality  of input data samples
from the input data stream; (b) means for receiving one of the second data
sequences, comprising a second  20 plurality of input data samples from the
input data stream, wherein at least one  of the data samples in the second
plurality of input data samples is preceded by  the first plurality of data
samples; (c) means for determining an impulse response of the digital
filter; (d) means for storing the first data sequence in a first fixed
sized data block,  25 wherein remaining space in the first fixed sized data
block is occupied by zero  data units; (e) means for storing the impulse
response of the digital filter in a second fixed size  data block, wherein
remaining space of the second fixed sized data block is  occupied by zero
data units and wherein the first and second fixed sized data  30 blocks are
of equal size; WO 02/17486 PCT/SG00/00125  



-9 (f) means for determining a first response of the digital filter by
converting the first  and second fixed sized data blocks to the frequency
domain and then converting  their product to the time domain; (g) means for
determining a second response of the digital filtering system by  5
convolving a plurality of input data samples, with the impulse response of
the  system; and (h) means for determining a response of the digital
filtering system by adding the  second response to the first response. 10
Preferably, converting from the time domain to the frequency domain is a
means  for effecting 2N-point transforms and the means for converting from
the frequency domain  to the time domain is a means for effecting 2N-point
inverse transforms. In yet another embodiment of the invention a long
impulse response digital filter  15 for filtering an input data stream is
provided, including: (a) means for dividing the input data stream into
first stage zero-input signals and  first stage zero-state signals; (b)
means for performing a first conversion of one of the first stage
zero-input  signals and a corresponding impulse response of the digital
filter to the  20 frequency domain; , , (c) means for performing a second
conversion of the product of the first stage zero- input signal and the
corresponding impulse response in the frequency domain to  the time domain
to determine a respective first stage zero-input response of the  digital
filter; 25 (d) means for dividing one of the first stage zero-state signals
into a second stage  zero-input signal and a second stage zero-state
signal; (e) means for converting the second stage zero-input signal and a
corresponding  impulse response of the digital filter to the frequency
domain; (f) means for determining a second stage zero-input response of the
digital filter by  30 converting the product of the second stage zero-input
signal and the  corresponding impulse response in the frequency domain to
the time domain; 



WO 02/17486 PCT/SG00/00125  -10 (g) means for determining a second stage
zero-state impulse response of the digital  filter by convolving the second
stage zero-state signal with a corresponding  impulse response of the
digital filter; (h) means for determining a first stage zero-state response
of the digital filter by  5 adding the second stage zero-state response of
the digital filter to the second  stage zero-input response of the digital
filter; and (i) means for determining a response of the digital filter by
adding the first stage  zero-state response of the digital filter to the
first stage zero-input response of  the digital filter. 10 The invention is
more fully described, by way of non-limiting example only, with  reference
to the accompanying drawings in which: Figure 1 shows a digital filter
using a convolution method; 15 Figure 2 shows a digital filter using a
2N-point transform method; Figure 3 is a schematic diagram of a digital
filter in accordance with the invention;  Figure 4 is a flow chart
depicting the method of the invention; Figure 5 illustrates a method used
to determine a zero-input response of filter in  accordance with the
invention; and 20 Figure 6 illustrates a method for determining the second
stage zero-input response  of a digital filter in accordance with the
invention; Figure 7 illustrates a method for determining the second stage
zero-input response  of a digital filter in accordance with the invention
with exemplary data; Figure 8 is a schematic diagram of a multi-stage
digital filter in accordance with the  25 invention. In Figure 3, a digital
filter 30 constructed in accordance with the invention  convolves a
sequence of input data samples, zero-state input data, with the impulse
response of the digital filter 30 to determine a respective zero-state
response for the input 30 data sequence. A zero-state response, yzs(n), may
therefore be calculated as each new input  



data sample, x,,(n), in a sequence of input data samples, {x,,(n)},
arrives. WO 02/17486 PCT/SG00/00125  -11 The zero-input data includes a
plurality of input data samples buffered from the  previous zero-state
input data sequence. The zero-input response of the digital filter 30  may
be determined by a 2N-point transform method described below. The response
of the 5 digital filter 30 to an input data sample from a current
zero-state data sequence, y(n), is  determined by adding the respective
zero-state response, yz,(n), to the zero-input response,  YZi(n) The method
steps performed in an embodiment of the invention are shown in  10 Figure
4. In step 1, the impulse response of the digital filter 30, {h(n)j, is
determined. This  may be effected by any suitable technique such as
techniques described in the  aforementioned US specification. N zeros are
appended to the impulse response in order to  pad the impulse response out
into a data block of size 2N, where N is the length of the  digital filter
30. The impulse response occupies the first portion of the 2N data block 15
{h(n),0 <- n <_ N -1} and the appended data occupies the later portion of
the 2N data block  {h(n), N<- n <- 2N} such that h(n) = 0, n >- N. The
block containing the impulse response  is then converted to the frequency
domain using a transform method, for example DFT  (direct Fourier
transform) or FFT (fast Fourier transform). 20 In step 2, a second data
block of size 2N is created by taking 'historieal' input  signals,
zero-input signals with 2N-N,on samples, and appending Ncon zeros to the
latest  position of the 'historical' input signals as can be seen in figure
4, where Nam may be used  as a reference to select the length of input data
sequences. The 'historical input signal is the  converted to the frequency
domain by a 2N-point DFT. The zero-input response of the 25 digital filter
30 is determined by calculating the inverse transform of the products of
the  above transformed impulse response and 'historical' data signals. In
step 3 a new coming input data samples, {x(n), 0 < n < N,on} is passed
through  the digital filter and convolved with the filter's impulse
response to produce respective  30 zero-state responses of the digital
filter 30. WO 02/17486 PCT/SG00/00125  



-12 In step 4, the zero-input response determined in step 2 is added to a
zero-state  response determined in step 3 to produce a respective response
of the digital filter 30. Step 5 requires steps 3 and 4 to be repeated
until the filter time index, n, has  5 reached an integer multiple of Ncon.
In other words, the process will repeat until all of the  input data
samples {x(n), 0 < n < Ncon} have been filtered. Steps 2 to 5 are repeated
for time invariant systems and steps 1 to 5 for time  varying systems. 10
Therefore, in- the above described embodiment of the invention the digital
filter  effectively divides the filter response in to zero-state and
zero-input responses. A  convolution method is used to compute the
zero-state responses of the digital filter and a  transform method is used
to compute the zero-input response. Therefore, the digital filter 15 30 may
take advantage of both the zero processing latency of direct convolution
and the  low computational load of transform techniques. Figure 5 shows the
derivation of the zero-input response. The above mentioned  time index, n,
has a point n; which is the starting point to calculate the zero-state
response  20 using a convolution method. At this point, ni, all of the
zero-input data samples {x(n), n<ni} are buffered. Hence, the zero-state
input data is now entering the digital filter 30 and  therefore the digital
filter 30 now calculates the next (N,on = ni+L - ni) outputs of the filter,
i.e. {y(n), n;:< n < n;+L} corresponding to input samples {x(n), n;:< n <
ni+1}. 25 The zero-input data signal is defined as: Off n>_n, x=; _ (6)
x(n),l n<n; The zero-state data signal is defined as:  30 WO 02/17486
PCT/SG00/00125  -13- x(n),1 n?~q 



xZS _ (7)  O,ij n<nl The input signal to and in the filter may therefore be
considered as the sum of both  the new input signals and historical
signals, given by: 5 x(n) = x_s (n) + x.i (n) (8) The response of the
filter, y(n), may be represented by Equation (1). The equation  can be
divided into two parts, zero-state and zero-input responses, as given by:
10 N-1 n-n; N-1 Y(n) _ h(j)x(n - j) _ h(J)x_s (n - j) + h(j)x,,i (n - j)
(9)  j=0 j=0 j=0 where the first part of the equation is the zero-state
response of the filter, defined by:  n-n, 15 y., (n) h(j)x. (n - j), n1 <-
n < ni+c (10)  j=0 and the second part is zero-input response of the filter
defined by:  N-l Y_i (n) h(j)xi (n - J), ni <- n < ni+L (11)  j=0 20 In an
embodiment of the invention the response of the digital filter 30 is
divided  into two parts, the zero-state response and the zero-input
response, in accordance with  equation (9). In this embodiment of the
invention, the zero-state response is calculated by  equation (10) and the
zero-input response is calculated by the following process. 25 The impulse
response of the digital filter 30 is determined and N zeros are then  added
to the impulse response after h(N - 1) to thereby form a data block of size
2N. The WO 02/17486 PCT/SG00/00125  -14 2N data block is then converted to
the frequency domain, using a DFT or a FFT in  accordance with equation
(12). 



2N-t H(k) _ h(n)W2N (12)  n=0 5 Ncon, (ni+L - ni) as provided in figure 5,
zeros are added to the front of zero-input  data signals, x(ni), in order
to form a data block of size 2N, as provided by Equation (6). A  block of
2N data samples therefore occupies {xai(n), (ni+L - 2N) < n <ni+L}, as
indicated in  figure 5. The contents of the 2N data block is then shifted
to form a new data sequence 10 x'Zi(n), starting from 'n = 0, in accordance
with equation (13). Figure 5 identifies the  necessity for this shift. xzi'
(n) = x.I (nl+L - 2N + n), n = 0,...2N -1 (13) 15 The shifted 2N block of
data {xzi (n), n = 0, ..., 2N-11 is then converted to the  frequency domain
{XZi(k), k = 0,..., 2N-11 in accordance with equation (14). 2N-1 X _1(k)
x,,' (n)W2 (14)  n=0 20 The inverse transform of products of the two
converted 2N data blocks  {XZi(k)H(k), k = 0,...., 2N 11, is then computed
{yzi'(n), n = 0, ..., 2N - 1 } in accordance  with equation (15). 1 2 N-1
y',,, (n) _ 2N H(k)X (k)tiyzvk (15)  k-0 25 WO 02/17486 PCT/SG00/00125  -15
The result, yzi'(n), is then shifted back to the original time index,
yi(n), starting  from n = ni, which is given by Equation (16). Only the
last (ni+L - ni) outputs correspond to  the Equation (11), the others are
deleted. 5 Y.r(n)=y,'(n-n,+1+2N),n=n,...... n,+, (16)  Finally, the
filter's output may be determined by the combination of Equations (10)  



and (16), as provided by Equation (17). 10 Y(n)=Y=s(n)+Y:,(n),forn,+L
>n>_n, (17) For each arrival x(n), a new zero-state response yzs(n) is
calculated using Equation  (10). The respective zero-state response yzs(n)
and the already calculated zero-input  response yzi(n) are combined in
accordance with Equation (17) to determine a respective  15 digital filter
response y(n). When the time index n reaches an integer multiple of Ncon, a
new block of zero- input data signals are available. The above-mentioned
procedures are repeated. 20 The Number of multiplications per sample is
estimated in the following example,  where a real data DFT calculation
method is used and N is a power of 2. The number of multiplications
required to determine a zero-state response is  Ncon*Ncon/2. The number of
multiplications required to determine a zero-input response  25 are
calculated can be calculated in accordance with Equation (5), where N,on
used instead in the place of N. Accordingly, the averaged number of real
multiplications per sample is  given by: z  (Neon + 4N log, 4N) Ncon + 4 N
10924N (18) Ncon  30 WO 02/17486 PCT/SG00/00125  -16 In this invention Ncon
can be any number less than or equal to N. However, if Ncon  is chosen in
accordance with Equation (19), a minimum number of multiplications will be
required. The number of multiplications is also dependent on the type
transform algorithm  used to compute DFT. Equation (19) is based on a real
data FFT method. 5 Nm" = 8Nlog2 4N (19) For example, if N equals 1024 and
2048, the optimum Ncon equates, by equation  (19), to be 313 and 461
respectively. By Equation (18), the number of multiplications per  10
sample is therefore 313 and 462 respectively. 



In accordance with the invention, if N is the power of 2, it may be
preferable to use  FFT or any other fast transform algorithm instead of
DFT. 15 If Ncon is large, another embodiment of the invention provides that
the above  described techniques can be applied to the Nco^ input data
samples to further reduce the  number of calculations required to effect
filtering. Accordingly, digital filtering is  performed in two stages. 20
Figure 6 describes an implementation of the second stage which is,somewhat
similar to the above described operations pertaining to figure 4, where the
parameters Ncon  and Ncon2 are equivalent to the N and Ncon of figure 4
respectively. Accordingly, in this  embodiment, zeros are padded into the
respective impulse response of the digital filter and  into the historical
data block before the time index ni is reached. 25 Figure 7 provides an
example of such an embodiment, where Ncon equals 1024 and  Nco,,2 equals
512. In this arrangement, the first stage zero-state response is calculated
before the time index, n, reaches ni + L - Ncor2. However, as the time
index, n, crosses ni + L  - Ncon2, the contributions from the past Ncon -
Ncon2 samples, from n = ni to ni + L - Ncon2, to 30 the Ncon2 samples, from
ni + L - Ncon2 to ni + L, can be calculated using a transform method  and
treated as a new (second-stage) zero-input response. WO 02/17486
PCT/SG00/00125  -17 In order to determine the zero-input response for the
second stage, the impulse  response of the filter needs to be determined. A
2Nco,, data block may then be constructed  including the impulse response
{h(j), n = 0, ..., Ncon -1 } occupying the first positions of 5 the 2Ncon
data block and Neon zeros to occupy the positions after j = Ncoa for h(j)
of the  2N,on data block. As mentioned above, the input data sample,
corresponding to the samples taken  from n = ni to ni + L - Ncon2, are
available when the time index, n, equals ni and this data can  10 therefore
be considered as the second stage historical input data. Accordingly, a
2Ncon data block is constructed from the second stage historical input data
{x(j), j = Ncoa, ..., 2Ncon - 11, which occupies the later half of the
2N,on data block, and Ncon zeros {x(j), j = 0, ...,  



Neon -1 } to occupy the first positions of the 2Ncon data block. 15 The
zero-input and then the zero-state responses can therefore be determined
and  thus the filter's response to respective input data samples, in a way
analogous to the way  described in figure 4. By Equation (18), (Nco, -
Ncon2)2 / 2 multiplications are required for n, from ni + 1  20 to ni + L -
Ncon2 to calculate the first stage zero-state response. Beyond ni+L -
Ncon2,  4Nconlog2(4Ncon) multiplications are required for the second stage
zero-input response and  (Ncon2)2/2 multiplications for the second stage
zero-state response for n from ni+L - Ncon2 +  1 to ni+L. Thus, the total
number of multiplications per sample will be: [Ncon2 +41Vcan log2(4NcoJ
+1Vcan Vcan2)- +4Nlog, 41V  2 2  25 lvcort 1Vcon - 1Vcon, + 4log, (4N~0") +
4 N log, 4N (20)  2 Neon Neon WO 02/17486 PCT/SG00/00125  -18 The
multi-stage 80, shown in figure 8, combines the two stage responses. At
time  index n = ni, as provided in figures 7 and 8, two switches 82, 84 are
in a first position (A).  At this point the zero-input response of the
filter, yi(n), has been determined for the first  stage and the zero-state
input data samples, xu(n), are available, for n = ni to ni + L. As each 5
zero-state input arrives, the respective zero-state outputs, yzs(n), are
calculated by direct  convolution. The response of the filter, y(n), to the
respective zero-state input is then  determined. When the time index n is
equal to ni + L - N1on2 + 1 the switches 82, 84 move to  10 their alternate
position (b). At this point a second stage buffer has buffered Ncon - Ncon2
data samples from the' zero-state data which has entered the filter between
time index n = ni  + 1 and n = ni +L - Nco2. The buffered data samples now
constitute second stage historical  data samples or second stage zero-input
data. From this data the second stage zero-input  response of the filter is
determined in accordance with above described techniques. As 



15 each new input data sample enters the filter between time index n = ni +
L - Ncon2 +1 and n  = ni + L, the respective zero-state responses of the
filter are calculated by direct convolution.  The respective filter
response, y(n), can then be calculated. In other embodiments of the
invention, third and fourth stages are effected, in  20 circumstances where
N is large, to further reduce the computational load of the digital
filter. Throughout this specification and the claims which follow, unless
the context  requires otherwise, the word "comprise", and variations such
as "comprises" and  25 "comprising", will be understood to imply the
inclusion of a stated integer or step or group of integers or steps but not
the exclusion of any other integer or step or group of integers or  steps.
The reference to any prior art in this specification is not, and should not
be taken  30 as, an acknowledgment or any form of suggestion that that
prior art forms part of the  common general knowledge. WO 02/17486
PCT/SG00/00125  -19- CLAIMS: 1. A method for long impulse response digital
filtering of an input data stream, by use  of a digital filtering system,
including the steps of 5 (a) dividing the input data stream into zero-input
signals and zero-state signals; (b) preforming a first conversion of one of
the zero-input signals and a  corresponding impulse response of the digital
filtering system to the frequency  domain and a second conversion of the
product of the zero-input signal and the  impulse response in the frequency
domain to the time domain to determine a  10 respective zero-input response
of the digital filtering system; (c) convolving one of the zero-state
signals with a corresponding impulse response  of the digital filtering
system to determine a respective zero-state response of  the digital
filtering system, wherein at least part of the zero-input signal  precedes
the zero-state signal; and 15 (d) determining a response of the digital
filtering system by adding the zero-state  



response to the zero-input response. 2. A method as claimed in claim 1,
wherein the zero-input signal comprises a first  plurality of input data
samples from the input data stream and the zero-state signal  20 comprises
a second plurality of input data samples from the input data stream,
wherein the zero-input signal at least partially includes input data
samples from a  prior zero-state signal. 3. A method as claimed in claim 1
or claim 2, wherein prior to the step of converting  25 one of the
zero-input signals and a corresponding impulse response of the digital
filtering system to the frequency domain: (a) a first plurality of zeros is
appended to said one of the zero-input data signals to  form a first data
block of a predetermined size; (b) a second plurality of zeros is appended
to the corresponding impulse response  30 of the digital filtering system
to form a second data block of a predetermined  size, wherein the first and
second data blocks are of equal size; WO 02/17486 PCT/SG00/00125  - 20  (c)
shifting the contents of the first data block in accordance with a
predetermined  function to produce a shifted first data block; wherein the
first conversion converts the shifted first data block and the second  5
data block to the frequency domain and the second conversion converts the
product  of the shifted first data block and the second data block to the
time domain to  determine the shifted zero-input response of the digital
filtering system, and further including the step of shifting the contents
of the shifted zero-input response  10 of the digital filtering system in
accordance with a predetermined function to  determine the respective
zero-input response of the digital filtering system. 4. A method for long
impulse response digital filtering of an input data stream, by use  of a
digital filtering system, including the steps of. 15 (a) dividing the input
data stream into zero-input signals and zero-state signals; (b) receiving
one of the zero-input signals and appending a first plurality of zeros  to
said one of the zero-input signals in order to form a first data block of a



predetermined size; (c) determining an impulse response of the digital
filtering system which  20 corresponds to said one of the zero-input
signals and appending a second  plurality of zeros to the impulse response
of the digital filtering system to form  a second data block of a
predetermined size, wherein the first and second data  blocks are of equal
size; (d) shifting the contents of the first data block in accordance with
a predetermined  25 function; (e) determining a shifted zero-input response
of the digital filtering system by  converting the contents of the first
and second data blocks to the frequency  domain and then converting the
product of the first and second data blocks in  the frequency domain to the
time domain; WO 02/17486 PCT/SG00/00125  -21 (2) shifting the shifted
zero-input response of the digital filtering system in  accordance with a
predetermined function to determine the zero-response of the  digital
filtering system; (g) receiving one of the zero-state signals and
convolving said one of the zero-state  ital filtering system to  5 signals
with a corresponding impulse response of the digI'D determine a respective
zero-state response of the digital filtering system,  wherein said one of
the zero-input signals at least partially precedes said one of  the
zero-state signals; and (h) determining a response of the digital filtering
system by adding the zero-state  10 response to the zero-input response. 5.
A method for long impulse response digital filtering of an input data
stream, where  the input data stream comprises first and second data
sequences, by use of a digital  filtering system, including the steps of:
15 (a) receiving one of the first data sequences, comprising a first
plurality of input  data samples from the input data stream; 



(b) receiving one of the second data sequences, comprising a second
plurality of  input data samples from the input data stream, wherein said
one of the first data  sequences at least partially precedes said one of
the second input data  20 sequences; (c) determining an impulse response of
the digital filtering system; (d) storing said one of the first data
sequences in a first fixed sized data block,  wherein remaining space in
the first fixed sized data block is occupied by zero  data units; 25 (e)
storing the impulse response of the digital filtering system in a second
fixed  size data block, wherein remaining space of the second fixed sized
data block is  occupied by zero data units and wherein the first and second
fixed sized data  blocks are of equal size; (f) determining a first
response of the digital filtering system by converting the  30 first and
second fixed sized data blocks to the frequency domain and then  converting
their product to the time domain; WO 02/17486 PCT/SG00/00125  -22 (g)
determining a second response of the digital filtering system by convolving
said  one of the second data sequences with a corresponding impulse
response of the  digital filtering system; and (h) determining a response
of the digital filtering system by adding the second  5 response to the
first response. 6. A method as claimed in any one of the preceding claims,
wherein the converting  from the time domain to the frequency domain is
effected by 2N-point transforms  and the converting from the frequency
domain to the time domain is effected by  10 2N-point inverse transforms.
7. A method for long impulse response digital filtering of an input data
stream, by use  of a digital filtering system, including the steps of. (a)
dividing the input data stream into first stage zero-input signals and
first stage  15 zero-state signals; 



(b) performing a first conversion of one of the first stage zero-input
signals and a  corresponding impulse response of the digital filtering
system to the frequency  domain; (c) performing a second conversion of the
product of the first stage zero-input  20 signal and the corresponding
impulse response in the frequency domain to the  time domain to determine a
respective first stage zero-input response of the  digital filtering
system; (d) dividing one of the first stage zero-state signals into a
second stage zero-input  signal and a second stage zero-state signal; 25
(e) converting the second stage zero-input signal and a corresponding
impulse  response of the digital filtering system to the frequency domain;
(f) determining a second stage zero-input response of the digital filtering
system by  converting the product of the second stage zero-input signal and
the  corresponding impulse response in the frequency domain to the time
domain; WO 02/17486 PCT/SG00/00125  -23)  (g) determining a second stage
zero-state impulse response of the digital filtering  system by convolving
the second stage zero-state signal with a corresponding  impulse response
of the digital filtering system; (h) determining a first stage zero-state
response of the digital filtering system by  5 adding the second stage
zero-state response of the digital filtering system to the  second stage
zero-input response of the digital filtering system; and (i) determining a
response of the digital filtering system by adding the first stage
zero-state response of the digital filtering system to the first stage
zero-input  response of the digital filtering system. 10 8. A method as
claimed in claim 7, wherein further stages are created by dividing
zero-state signals into zero-input and zero-state signals. 9. A long
impulse response digital filter for filtering an input data stream
including:  rl~ 17  



15 (a) means for dividing the input data stream into zero-input signals and
zero-state  signals; (b) a first means for converting one of the zero-input
signals and a corresponding  impulse response of the digital filter to the
frequency domain and a second  means for converting the product of the
zero-input signal and the impulse 20 response in the frequency domain to
the time domain in order to determine a  respective zero-input response of
the digital filter; (c) means for convolving one of the zero-state signals
with a corresponding  impulse response of the digital filter to determine a
respective zero-state  response of the digital filter, wherein at least
part of the zero-input signal  25 precedes the zero-state signal; and (d)
means for determining a response of the digital filter by adding the
zero-state  response to the zero-input response. 10. A long impulse
response digital filter as claimed in claim 9, wherein the zero-input  30
signal comprises a first plurality of input data samples from the input
data stream  and the zero-state signal comprises a second plurality of
input data samples from WO 02/17486 PCT/SG00/00125  -24 the input data
stream, wherein the zero-input signal at least partially includes input
data samples from a prior zero-state signal. 11. A long impulse response
digital filter as claimed in claim 9 or claim 10, wherein  5 further means
are included prior to the means for converting said one of the zero- input
signals and the corresponding impulse response of the digital filter to the
frequency domain including: (a) means for appending a first plurality of
zeros to said one of the zero-input data  signals to form a first data
block of a predetermined size; 10 (b) means for appending a second
plurality of zeros to the corresponding impulse  response of the digital
filter to form a second data block of a predetermined  size, wherein the
first and second data blocks are of equal size; (c) means for shifting the
contents of the first data block in accordance with a  



predetermined function to produce a shifted first data block; 15 wherein
the means for the first conversion is means for converting the shifted
first  data block and the second data block to the frequency domain and the
means for the  second conversion is means for converting the product of the
shifted first data  block and the second data block back to the time domain
to determine the shifted  20 zero-input response of the digital filtering
system, and the apparatus further includes a means for shifting the
contents of the shifted zero- input response of the digital filter in
accordance with a predetermined function to  determine the respective
zero-input response of the digital filter. 25 12. A long impulse response
digital filter for filtering of an input data stream including:  (a) means
for dividing the input data stream into zero-input signals and zero-state
signals; (b) means for receiving one of the zero-input signals and
appending a first plurality  30 of zeros to said one of the zero-input
signals in order to form a first data block  of a predetermined size; WO
02/17486 PCT/SG00/00125  _25 (c) means for determining an impulse response
of the digital filtering system which  corresponds to said one of the
zero-input signals and appending a second  plurality of zeros to the
impulse response of the digital filtering system to form  a second data
block of a predetermined size, wherein the first and second data  5 blocks
are of equal size; (d) means for shifting the contents of the first data
block in accordance with a  predetermined function; (e) means for
determining a shifted zero-input response of the digital filtering  system
by converting the contents of the first and second data blocks to the  10
frequency domain and means for converting the product of the first and
second  data blocks in the frequency domain to the time domain; 



(f) means for shifting the shifted zero-input response of the digital
filtering system  in accordance with a predetermined function to determine
the zero-response of  the digital filtering system; 15 (g) means for
receiving one of the zero-state signals and convolving said one of the
zero-state signals with a corresponding impulse response of the digital
filtering  system to determine a respective zero-state response of the
digital filtering  system, wherein said one of the zero-input signals at
least partially precedes  said one of the zero-state signals; and 20 (h)
means for determining a response of the digital filtering system by adding
the  zero-state response to the zero-input response. 13. A long impulse
response digital filter for filtering an input data stream, where the
input data stream comprises first and second data sequences, including: 25
(a) means for receiving one of the first data sequences, comprising a first
plurality  of input data samples from the input data stream; (b) means for
receiving one of the second data sequences, comprising a second  plurality
of input data samples from the input data stream, wherein at least one  of
the data samples in the second plurality of input data samples is preceded
by  30 the first plurality of data samples; (c) means for determining an
impulse response of the digital filter; WO 02/17486 PCT/SG00/00125  -26 (d)
means for storing the first data sequence in a first fixed sized data
block,  wherein remaining space in the first fixed sized data block is
occupied by zero  data units; (e) means for storing the impulse response of
the digital filter in a second fixed size  5 data block, wherein remaining
space of the second fixed sized data block is  occupied by zero data units
and wherein the first and second fixed sized data  blocks are of equal
size; (f) means for determining a first response of the digital filter by
converting the first  and second fixed sized data blocks to the frequency
domain and then converting  



10 their product to the time domain; (g) means for determining a second
response of the digital filtering system by  convolving a plurality of
input data samples, with the impulse response of the system; and (h) means
for determining a response of the digital filtering system by adding the
15 second response to the first response. 14. A long impulse response
digital filter, as claimed in any one of claims 9 to 13,  wherein the means
for converting from the time domain to the frequency domain is  a means for
effecting 2N-point transforms and the means for converting from the 20
frequency domain to the time domain is a means for effecting 2N-point
inverse  transforms. 15. A long impulse response digital filter for
filtering an input data stream, including:  (a) means for dividing the
input data stream into first stage zero-input signals and  25 first stage
zero-state signals; (b) means for performing a first conversion of one of
the first stage zero-input  signals and a corresponding impulse response of
the digital filter to the  frequency domain; (c) means for performing a
second conversion of the product of the first stage zero- 30 input signal
and the corresponding impulse response in the frequency domain to WO
02/17486 PCT/SG00/00125  -27 the time domain to determine a respective
first stage zero-input response of the  digital filter; (d) means for
dividing one of the first stage zero-state signals into a second stage
zero-input signal and a second stage zero-state signal; 5 (e) means for
converting the second stage zero-input signal and a corresponding  impulse
response of the digital filter to the frequency domain; (f) means for
determining a second stage zero-input response of the digital filter by
converting the product of the second stage zero-input signal and the
corresponding impulse response in the frequency domain to the time domain; 



10 (g) means for determining a second stage zero-state impulse response of
the digital  filter by convolving the second stage zero-state signal with a
corresponding  impulse response of the digital filter; (h) means for
determining a first stage zero-state response of the digital filter by
adding the second stage zero-state response of the digital filter to the
second  15 stage zero-input response of the digital filter; and (i) means
for determining a response of the digital filter by adding the first stage
zero-state response of the digital filter to the first stage zero-input
response of  the digital filter. 20 16. A long impulse digital filter as
claimed in claim 15, wherein further stages are  provided by dividing
zero-state signals into zero-input and zero-state signals. 


