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LOW DELAY REAL-TO-COMPLEX CONVERSION IN OVERLAPPING 
FILTER BANKS FOR PARTIALLY COMPLEX PROCESSING 

Cross-Reference to Related Applications 
This application claims the benefit of priority to United States Provisional 

Patent Application Ser. No. 61/602,848 filed on 24 February 2012 and United States 
Provisional Patent Application Ser. No. 61/622,389 filed on 10 April 2012, all hereby 

5 incorporated by reference in their entirety. 
Technical Field 

The invention disclosed herein generally relates to digital signal processing. 

More precisely, it relates to an arrangement of overlapping filter banks for processing 

a frequency-domain representation of one or more audio signals. 
10 Background of the Invention 

In the field of digital signal processing, there are many applications where two 
filters cooperate unidirectionally or bidirectionally. In a unidirectional relationship, one 
filter may receive the output of the other and perform operations on this. As one ex­

ample, a real-to-imaginary conversion of a frequency-domain representation of a 

15 signal may proceed as a frequency-to-time synthesis step followed by a time-to-
frequency analysis. Since a transform filter by its nature introduces a non-zero delay, 
arrangements of two or more filters may have a considerable total delay that may in 
some situations pose an inconvenience. For this and other reasons, alternative solu­
tions have been proposed, including the real-to-imaginary conversion described in 

20 the Applicant's patent US 6,980,933. It would be desirable, however, to propose fur­

ther alternatives in addition to this approach. 
Brief Description of the Drawings 

Embodiments of the invention will now be described with reference to the ac­

companying drawings, on which: 
25 figures 1 and 2 are generalized block diagram of finite impulse response (FIR) 

filters acting as synthesis filters in audio processing systems; 

figure 3a is a simplified signal diagram showing, at different points in time, the 
content of two buffers producing an intermediate signal (y) based on an input signal 

and further producing an output signal based on the intermediate signal; 

30 figure 3b shows an example analysis window to be applied in connection with 
the processing illustrated in figure 3a; 
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figures 4 and 5 show FIR filters acting as analysis filters in audio processing 

systems; 

figures 6, 7 and 8 show audio processing systems in which embodiments of 
the invention may be deployed; and 

5 figure 9 is a flowchart of an audio processing method in accordance with an 

embodiment of the invention. 
All the figures are schematic and generally only show parts which are neces­

sary in order to elucidate the invention, whereas other parts may be omitted or mere­

ly suggested. Unless otherwise indicated, like reference numerals refer to like parts 
10 in different figures. 

Description of Embodiments of the Invention 
I. Overview 

The present invention proposes, inter alia, methods and devices enabling effi­

cient real-to-imaginary operation on coefficients in a frequency-domain representa-

15 tion of an audio signal. The real-to-imaginary operation may proceed via a frequen­
cy-to-time synthesis step followed by a time-to-frequency analysis. Example embod­
iments of the invention provide a method for providing a partially complex frequency-
domain representation of an audio signal on the basis of a real frequency-domain 
representation of the signal, as well as an audio processing system and a computer-

20 program product for performing this method, with the features set forth in the inde­

pendent claims. 
A first example embodiment of the invention provides an audio processing 

system generally comprising the following components: 

• a synthesis stage, 
25 • an analysis stage communicatively connected to the output of the synthesis 

stage, and 

• a processor. 
Both the processor and the synthesis stage receive a first subband range of a first 

frequency-domain representation of a signal as input. The processor combines the 

30 first frequency-domain representation and the output of the analysis stage to form a 
complex frequency-domain representation of the signal in the first subband range. 
The processor may further receive a frequency-domain representation of a second 
subband range of the signal as input, whereby the processor may be configured to 
combine both representations of the signal in the first subband range and the second 
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subband range of the signal into a partially complex frequency-domain representa­

tion of the signal. Preferably, the second subband range is the complement of the 

first subband range, so that the two ranges exhaust the first frequency-domain rep­

resentation of the signal. 
5 The output of the analysis stage is referred to as a second frequency-domain 

representation of the signal. Each frequency-domain representation is segmented 
into time blocks (or time slots) comprising a number N of samples. The number of 
samples per block may be variable. Preferably however, there are a fixed number of 
samples per block. The first frequency-domain representation is further segmented 

10 into first spectral components representing spectral content of the signal in the first 

subband range expressed in a first subspace of a multidimensional space. The se­

cond frequency-domain representation is segmented into second spectral compo­
nents representing spectral content of the signal in the first subband range ex­

pressed in a second subspace of the multidimensional space that includes a portion 

15 of the multidimensional space not included in the first subspace. The first and se­
cond frequency-domain representations may be a sine and a cosine representation 

or vice versa. 

In this first example embodiment, the synthesis stage permits the analysis 
stage to access an approximate value of the intermediate time-domain representa-

20 tion in a time block located di > 1 time blocks ahead of its output time block. The ap­

proximate value is computed on the basis of any available time blocks of the first 

frequency-domain representation, other time blocks being replaced by a default time 

block, such as a time block having all its samples equal to zero or to a neutral value 

representing no signal energy (no sensor excitation). As used herein, at a given point 
25 in time, the output time block of the synthesis stage is the earliest time block in which 

a set of time blocks of the first frequency-domain representation, which set is suffi­

cient for an exact computation of the same (i.e., earliest) time block, would have 

been available in normal operation of the synthesis stage. In other words, it will be 

possible to refine the approximate value into an exact value of the same quantity 
30 (time block) after a time corresponding to di time blocks have elapsed supposing 

time blocks of the first frequency-domain representation are received in the normal 
or expected way. With the data available at this point in time, it will also be possible 
to calculate the exact value a priori instead of refining an available approximate val­
ue. Clearly, variations of this example embodiment may be configured to output two 
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or more approximate values, such as approximate values of a sequence of time 

blocks. 

In this first embodiment, further, the said approximate value contributes to the 
second frequency-domain representation of the signal, insofar as the analysis stage 

5 uses the approximate value as an input or one of a plurality of inputs for computing 

the second frequency-domain representation. This means that the analysis stage is 

able to compute a given time block of the second frequency-domain representation 

at least one time block earlier, which reduces the pass-through time of the multiband 

filter. 
10 In an example embodiment, the synthesis stage is a FIR filter impulse re­

sponse [h0 \ h2 ... hL ], where each coefficient is an N-vector of consecutive 

values. Based on an input sequence [x0 xl ... x„], the FIR filter outputs an output 
Ls-1 

time block yn = ̂ hi oif;. Here, ° denotes element-wise matrix multiplication (Hada-
;=o 

mard product), and the summation is element-wise too. The N-vectors x(J} are 

15 formed from sub-blocks of xn. It is assumed that the FIR filter is non-trivial in the 
sense that the first coefficient block is non-zero, h0 * (0,0,...,0), so that the output time 
block yn cannot be computed until the youngest input time block xn has been input. 

This is to say, the FIR filter is of order Ls. 
In a further development of the previous example embodiment, the FIR filter 

20 comprises one or more output buffers for storing approximate values of different time 

blocks of the intermediate time-domain representation. The buffers are updated on 
every occasion that the FIR filter receives a new time block of the first frequency-
domain representation of the signal. The update consists in incrementing the buffer 
value by the new time block pre-multiplied with the relevant impulse response coeffi-

25 cients. (As used in this disclosure, pre-multiplication does not refer to an intended 
order of the value block and the coefficient blocks; indeed, element-wise multiplica­
tion is a commutative operation.) Hence, buffers having received a relatively greater 
number of updates store more reliable approximate values than buffers having re­
ceived a relatively smaller number of updates. After a buffer has undergone the full 

30 number Ls + 1 of updates after the latest reset (or flush), it contains the exact value 

of the concerned time block. In this embodiment, however, the approximate value of 

the time block is released after only Ls + 1 - di updates. In other words, the contribu­
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tions from the remaining, not yet available time frames are as if these time frames 

were set to zero. 

In an example embodiment, the FIR filter comprises one or more input buffers 
for storing received recent time blocks of the first frequency-domain representation. 

5 A weighted summer is responsible for producing an approximate value of a time 

block located di time blocks ahead of its normal output time. To this end, the 

weighted summer retrieves Ls + 1 - di buffer values, pre-multiplies these by the cor­

responding coefficient blocks (of impulse response coefficients) and sums the results 

in an element-wise fashion. 
10 In an example embodiment, the accurateness of the computation of the ap­

proximate value is ensured by requiring that it includes applying impulse response 

coefficient blocks representing at least 50 % of the total impulse response mass. 
Hence, supposing coefficients [hp hp+l hp+2 ... hLs \ are used in order to compute 

the approximate value, then, preferably 
Ls 

IN 
15 —>0.5. 

Ls 

IN 
:=0 

A higher percentage will in normal circumstances increase the accuracy. Preferably, 

the total mass of the coefficient blocks applied is at least 60 %, 70 % or 80 % of the 

total mass. Here, p is a number which depends on di. In some embodiments, one 

may have p = di. 

20 In a variation to the preceding example embodiment, the impulse response 
coefficient blocks applied in order to compute the approximate value constitute a se­

quence of consecutive time blocks that includes the local absolute maximum of the 

impulse response. The absolute maximum may refer to the coefficient block with the 

greatest mass or the coefficient block containing the single coefficient with the great-
25 est absolute value. 

In example embodiments, the analysis stage comprises a FIR filter sharing 
the structural and/or functional features described hereinabove in connection with 
the synthesis stage. 

In an example embodiment, the audio processing system comprises at least 
30 one delay line arranged between the input point of the multiband filter and the input 

of the processor for forming the partially complex frequency-domain representation 
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of the signal. The one or more delay lines facilitate the formation of the partially 

complex frequency-domain representation by ensuring synchronicity. The delay may 

be achieved by a technique known per se in the art, e.g., temporary storage, time 
stamping and/or inclusion into a compound data structure. 

5 The dependent claims define further example embodiments of the invention. It 

is noted that the invention relates to all combinations of features, even if these are 
recited in different claims. 

II. Example embodiments 

10 Figure 6a is an overview in block-diagram form of a signal processing system 

600 in which embodiments of the present invention may be deployed. Starting from 

the left, a time signal (e.g., a time-domain representation of an audio signal obtained 

by letting an acoustic wave excite an acoustic transducer which outputs a digital sig­

nal) is supplied to a cosine-modulated filter bank 660, which may be of a QMF or 

15 pseudo-QMF type. The filter bank 660 provides as many output signals as it has fre­
quency bands (or frequency bins). Since the filter bank 660 is cosine-modulated, the 
output signals are conventionally referred to as real spectral components. Both the 
input time signal and the output frequency signals may be segmented into time 
blocks and/or into one or more channels. Out of the output signals from the filter 

20 bank 660, a first subset is supplied to a real-to-complex conversion stage 611, which 

converts the real spectral components into complex spectral components by adding 

an imaginary part corresponding to a sine-modulation of the original time signal. The 

complex spectral coefficients are supplied to a partially complex processing stage 

640. The remaining output signals (second subset) from the filter bank 660 are de-
25 layed in a delay line 630 in order to arrive at the partially complex processing stage 

640 in synchronicity with the complex spectral components in the first subset. The 

first and second subsets form a partially complex frequency-domain representation 
of the original signal, which may undergo application-specific processing in the pro­

cessing stage 640. The application-specific processing may include operations 

30 known or expected to involve aliasing problems (or other difficulties arising in con­
nection with processing of critically sampled signals) in the frequency range that cor­

responds to the first subset of frequency bands. Because the frequency-domain rep­

resentation includes full complex spectral coefficients in this frequency range, a pro­
cessing scheme with these properties will typically be less sensitive to aliasing prob­
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lems and/or artefacts that may otherwise reduce the perceived quality of an audio or 

video signal. 

The audio system 600 may be described on a more abstract level, as in figure 
6b, wherein an overlap-and-add processing stage 691 is succeeded by a block pro-

5 cessing stage 693 located downstream thereof. Assuming a constant block size of N 

samples, the overlap-and-add processing 691 includes forming subsequences of K 

consecutive blocks each (comprising K*N samples) and applying a windowing 

function to these. Successive windows overlap, so that a given block will be included 

in more than one window, at different positions with respect to the windowing func-
10 tion. Consecutive windows are superimposed and added to obtain blocks of the in­

termediate signal, which implies that a given block of the intermediate signal will not 

be exactly known until the input signal has progressed so far that all input blocks that 
contribute, via the time windows they form part of, are available. In the block pro­
cessing stage 693, subsequences of K' consecutive blocks (K' x N samples each) of 

15 the intermediate signal are used as input to a processing operation having one block 
(N samples) as output. The number K of blocks processed simultaneously by the 
overlap-and-add processing stage 691 may be different from the number K' of 

blocks processed in the block processing stage 693 (cf. figure 3a). Alternatively, the­

se numbers may be equal, K = K' (cf. figure 6). The block processing may be a poly-

20 phase implementation of a subsampled uniformly modulated filter bank. One block of 

output data will be finished until when the contribution of future blocks is zero due to 

the finite window length. Put differently, every output block of N samples is 

calculated from K'xN input samples (window length), and for every N input samples 

there are N (finished) output samples. 
25 One aspect of the invention relates to a delay reduction stage 692 located be­

tween the overlap-and-add processing stage 691 and the block processing stage 

693. The delay reduction stage 692 forwards approximations of blocks of the inter­

mediate signal from the overlap-and-add processing stage 691 to the block pro­

cessing stage 693, which therefore may initiate processing of a given block earlier 

30 than if it had used its exact value. In such implementations where the overlap-and-
add processing 691 involves successive increments of a memory portion that will, 
over time, contain approximations that gradually (though not necessarily monoton-
ically) approach the exact value of a given output block, the delay reduction stage 
692 may be configured to make some of these approximations available to the block 
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processing stage 693. In other words, approximate values that in conventional im­

plementations remain internally accessible to the overlap-and-add processing stage 

691 only are selectively forwarded by the delay reduction stage 692 to the block pro­
cessing stage 693. 

5 Figure 7 is a generalized block diagram showing an audio processing system 

700 having a multiband filter 770 in accordance with an example embodiment of the 
present invention. In the multiband filter 770 receives a real frequency-domain repre­
sentation of an audio signal and outputs a partially complex frequency-domain rep­

resentation of the signal. In the multiband filter 770, there are in essence two parallel 
10 processing paths, out of which a first processing path is responsible for the treatment 

of a first subband range (which may be represented by spectral components relating 

to a first subset of frequency bins) and a second processing path is responsible for a 

second subband range. In figure 7, the second processing path is represented by the 

top input line to a processor 740, namely a delay line 730. The first processing path, 

15 as represented by the lower lines extending up to the processor 740, is further sub­
divided into two parallel paths, out of one path is a pure delay line 750, so that the 
processor 740 will receive both a non-processed copy of the first subband range of 
the frequency-domain representation of the audio signal and a processed copy of the 
same signal, however delayed to such extent that it is received synchronously by 

20 processor 740. The processed copy of the signal is obtained by real-to-imaginary 

conversion implemented by as successive stages of frequency-to-time synthesis 710 

and time-to frequency analysis 720. Hence, from the original frequency-domain rep­

resentation of the audio signal, which related to real (e.g., cosine-modulated) spec­

tral components, there is obtained, via an intermediate time-domain representation, 
25 a representation with imaginary (e.g., sine-modulated) components. In an alternative 

example embodiment, the synthesis stage 710 receives an imaginary representation 

and the analysis stage 720 outputs a real representation. In either case, the proces­

sor 740 is configured to combine corresponding imaginary spectral components and 

real spectral components, wherein either is received from the delay line 750, so as to 

30 obtain a complex representation of the audio signal in the first subband range. The 
complex representation is further combined, in the processor 740, with the non-
processed representation of the second subband range obtained from delay line 

730, so that a partially complex representation is obtained at the output of the pro­
cessor 740. 



WO 2013/124443 

9 

PCT/EP2013/053607 

The synthesis 710 and analysis 720 stages may be implemented as succes­

sive instances of overlap-and-add processing and (windowed) block processing, to 

which the invention may be applied, as follows. Operated conventionally, the analy­

sis stage 720 performs block processing to compute an output time block on the ba-
5 sis of exact values of K input time blocks. According to an example embodiment, the 

analysis stage 720 bases the computation on approximate values of L > 1 time 
blocks and exact values of K - L blocks of the intermediate time-domain signal. To 

enable this, the synthesis stage 710 releases the approximate values, which have 

been computed on the basis of any available time blocks of the first subband range 
10 of the first frequency-domain representation, for use by the analysis stage 720. This 

way, the analysis stage 720 may initiate the computations leading up to a given out­

put time frame at an earlier point in time. Because an output time frame is based in 
part on the approximate values of the L time blocks, its accuracy and/or reliability 
decreases to some extent. There is typically an inverse relationship between the 

15 output accuracy and the number L of approximate time blocks having replaced exact 
time blocks. 

An overlapped filter bank operation representing an example embodiment of 

the invention will now be described on a more specific level, wherein the signals are 

modelled as functions of discrete time. It is recalled that this example embodiment 

20 and its mathematical description are intended to elucidate the invention from a new 

angle rather than limiting its scope; having studied and understood the description of 

this example embodiment, the skilled person will be able to propose further embodi­

ments which may differ with respect to the notation used, the distribution and order 

of certain computational tasks but which still utilize the non-generic ideas from the 
25 described example embodiment, such as the use of approximate values as input to 

the second filter bank. 
The time stride is N and the overlap factor given by the integer K>\m (Hence 

K = LS+1 ) discrete time variable is 1. The synthesis window (or prototype filter) 

of length NK samples is assumed to be zero outside the time interval 
30 {0,1,..—1} For the kth time slot (or time frame) of the filter bank, a signal 

with support length NK is produced from a vector of subband samples. The opera­

tions involved are typically a frequency-to-time transform followed by extensions 

based on repetition and time flips. It is assumed that the signal is zero outside 
the time interval _ 
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The full synthesis to a time domain output is described by 
+CO 

y(t) = ^xk(t- Nk)h(t - Nk) 
k=- co 

Due to the overlap, there are K contributions to each output value. The partial syn­

thesis that can be created from the time slots with k<n \s 

yn (0 = Z xk ~ Nk)h~ Nk) 
5 k=-w 

The difference between the full and the partial synthesis is 
+CO 

y(t) - y„it) = Nk)h(t - Nk) 
k=n+1 

j 

and one observes that this sum, in the generic case, vanishes if and only if 
t<N(n +1) means that the fully synthesized output is available from yn(t) = y(0 

10 only up to the sample with time index t = N(n+\)-\ _ 

The analysis filter bank operation is based on a window ^ which is assumed 
here for simplicity to have the same support as (K = K'). At time slot m, a signal 
to be analyzed is considered on the interval {Nm,Nm + \,...,N{m + K)-\} and is load­

ed into an analysis buffer. For the case of the signal , this analysis buffer is 
15 a(t) = yn(t + Nm), t G{0,\,...,NK 

This buffer is subsequently windowed by 8^ : 
ait) g(t), te{0,\,...,NK-\} 

J 

and the windowed buffer is then subject to a time-to-frequency transform. Typically, 
the NK time samples are transformed into N frequency-domain samples by means 

20 of a modulation matrix, the structure of which lends itself to an efficient stepwise im­
plementation. This involves a first step of periodization and fold-in operations that 
provides a smaller time sample block and a fast transform on this smaller block. The 

result is the frequency domain vector representing the mth time slot of the analysis. 
For the buffer to consist of a segment of a fully synthesized signal 

25 a(t) = y(t + Nm)^ jt js necessary that n + \>m + K m This means that the input slots up to 

n = m + K-1 has to be processed by the synthesis filter bank, in order to be able to 

access slot m of the subsequent analysis. This imposes a reference delay of K-\ 

slots in this model system of synthesis followed by analysis. 

By this example embodiment, an adequate approximation of the analysis can 
30 be obtained with a reduced delay. The approximate analysis buffer extracts a 

partially reconstructed signal with n = m + K-l-p^ name|y 
«(0 = ym+K-i-p(t + Nm), t e {0,1,...,7VK-1} 

J 
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where p~l is the delay reduction in slots relative to the reference case where p = 0 

and n = m + K-1 Upon analysis windowing with , the error introduced in the ap­

proximate analysis is 
m+K-1 

[a(t) - a(t)\g(t) = xk(t + Nm-Nk)h(t + Nm-Nk)g(t) 
k=m+K-p 

= Z xk(t - Nl)h(t - Nl)g(t). 
l=K-p 

5 This error is small when the products of shifted windows h^~Nl)s(S) for l^K~P are 

small. In a preferred embodiment, the values are ^ = 10 and p = 4, and the product 

of shifted windows is negligible for ^ 6. 
With explicit reference to the slot index m , the update of a conventional anal­

ysis buffer aW can be described as follows. 
a (t) = \ a^(t + N)> (shift) 

10 \ym+K-i(t + Nm), te{N{K-\),...,NK-\). (read) 

In other words, the least recent time slot is erased at a first end of the buffer, one 
time slot is copied from the synthesis into the second end of the buffer, and content 
relating to intermediate frames in the analysis buffer is shifted towards the first end. 

(The reference to "ends" is purely conceptual, and it is envisaged in specific imple-
15 mentations that a circular buffer is used or a buffer is provided with virtual circularity 

achieved through appropriate pointer addressing.) The analysis buffer according to 

this embodiment is updated with a larger proportion of reading from the synthesis, 
namely: 

| d^t + N), (Shift) 
\ym+K+P(t + Nm), t^{N(K-\-p),...,NK-\). (read) 

20 The synthesis buffer for time slot index n is 
Sn(t) = yn(t + Nn\ 

The update of this buffer is the same for the standard and the inventive case, name­
ly: 

n_[Vi(? + N) + xn{i)h{t), ?G{0,1,...,7V(^-1)-1}; (shift and add) 
S" [ xn(t)h(t), t&{N(K-\),...,NK-\). (update) 

25 Hence, this example embodiment differs from the conventional technique referred to 

above in that a greater portion than just the content of the first time block 

0f the synthesis buffer is made available to the subsequent analysis 

stage. 
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Figure 3a illustrates buffer contents in an arrangement of two cooperating fil­
ters, a first (synthesis) filter comprising K = Ls + 1 taps (for providing an intermediate 

signal y on the basis of an input signal x) and a second (analysis) filter comprising K' 
= LA + 1 taps (for providing an output signal z on the basis of the intermediate signal 

5 y). The signals are drawn as at three different points in time. Here, white colour indi­

cates already present data (from a preceding iteration), lighter shading indicates new 
approximate data and darker shading indicates new exact data. 

The first filter, associated with prototype filter (impulse response) h, is config­
ured to replace its last di = L — 1 input time blocks by zero blocks, so that its L - 1 

10 most recent output blocks will consist of approximate values. Figure 3b shows a real­
istic example prototype filter for a block size of N = 8 samples and a window length 
of K = 10 blocks. The second filter, which is associated with prototype filter g, is con­
figured to use the L - 1 last output blocks from the first filter. The total delay of the 

filter arrangement is reduced by L - 1 blocks. In a reference implementation with 
15 non-symmetric prototypes, the delay decreases from Ls + LA + 1 = K + K' - 1 blocks 

to K + K' - L blocks. The prototype filters g and h are drawn in figure 3a on the same 

time scale as the buffers. 
Between t = 0 and t = 1, the synthesis buffer (Bufferl) in the first filter is in­

cremented by a frame of data that includes a most recent time block. At time t = 1, 

20 then, the least recent time block (to the very left) contains exact intermediate signal 
data, ready to be output in a conventional filter. Between t = 1 and t = 2, the L least 

recent time blocks are copied from the synthesis buffer to the analysis buffer (Buff-

er2) in the second filter, and the content of the synthesis buffer is shifted by one time 

block. The analysis buffer is prepared for receiving the copied time blocks from the 
25 synthesis buffer by being shifted, between t = 0 and t = 1, by one block (cf. reference 

mark) while an additional L - 1 blocks of data are discarded or labelled as free to be 
overwritten. At t = 1, there will be L available time block spaces in the analysis buffer. 

In a variation hereto, wherein the accuracy is somewhat reduced in order to 

further reduce the total delay, the second filter may use as input blocks exact old and 

30 new output blocks from the first filter (least recent portion of input), approximate out­
put blocks from the first filter (intermediate portion) and, in addition to this, 62 blocks 
of zeros (most recent portion). For each additional block of zeros that is used as in­
put, the total delay will decrease by one time block. This approach may be said to 
distribute the delay reduction efforts over both filters. It may involve a potential bene­
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fit insofar as the loss of accuracy is smaller than in a case where the delay reduction 
affects one filter only, e.g., by setting 62 = 0 and di to an excessive value. 

Figure 9 is a flow chart illustrating an iteration of operations to be performed 
on an audio signal, in accordance with an example embodiment. During these opera-

5 tions, a buffer handling technique reduces the delay in two cooperating filter banks, a 

synthesis filter bank associated with a synthesis buffer (Bufferl) and an analysis filter 

bank associated with an analysis buffer (Buffer2). The synthesis filter bank operates 

by initiating a location in Bufferl and then incrementing its contents by weighted new 

signal values, preferably in a block-wise fashion, until the buffer contains exact result 
10 data ready to be output. The processing in the analysis filter bank may correspond to 

the sequence of polyphase filtering (windowing) and modulation matrix operation and 

takes its input values from Buffer2. 
It is noted that the buffers are circular buffers of length K x N, N being the 

block size, and the initial read/write positions are as shown in Table 1. 

Table 1: Initial read/write positions in buffers 

Bufferl read 0 

write 0 

Buffer2 read 0 

write (K-L) x N 

The number L will be defined below. It is pointed out, further, that the flowchart illus­

trates a 'warm start' situation, in which the buffers contain values resulting from pro­
cessing in previous iterations. 

In a first step 902, a new block of time samples from a cosine modulated fre-

20 quency-domain representation of the audio signal is obtained using cosine (de­
modulation. In a second step 904, an array of K time blocks is formed by folding the 
new block of N time samples K times periodically and weighting, in a third step 906, 
by a synthesis prototype of the general type shown in figure 3b. Next, in a fourth and 
fifth step 908, 910, read/write positions (pointers) in Bufferl are incremented by N 

25 (wherein overflow values wrap around by virtue of the circularity) and the windowed 

K-block array is added to the values already present in Bufferl. After these steps, 

Bufferl will contain one block of exact values and K - 1 blocks of values obtained by 
different approximations. In a sixth step 912, a number L > 2 of blocks are copied 
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from Bufferl to Buffer2 (overwriting the previous content in Buffer2), so that at least 

one approximate block will contribute to the analysis filtering, leading to a delay re­

duction by (L - 1) x N samples. The iteration continues, in a seventh step 914, by 

resetting N samples in Bufferl; the location of the reset N samples in the buffer will, 

5 after the fifth step of the next iteration, contain the most rudimentary approximation. 

Subsequently, the analysis filter processes the copied L blocks together with K - L 
existing blocks, to obtain a block of a frequency-domain representation of the audio 
signal. More precisely, in an eighth, ninth and tenth step 916, 920, 922, K blocks are 
extracted from Buffer2, weighted by the analysis prototype and then processed into a 

10 block of the frequency-domain representation of the audio signal by a sine modula­

tion matrix operation. In a final eleventh step 918, the read and write positions refer­

ring to Buffer2 are incremented by N samples each. This completes the iteration, and 
the filter banks may proceed to a subsequent iteration. 

As the skilled person will realize after reading the discussion relating to figure 

15 9, it is possible to modify the algorithm in a number of ways while still achieving the 
same result. For instance, the handling of the buffer read/write positions may be per­
formed in a different order, as also illustrated by the double arrows leaving the boxes 
representing the third and eighth steps 906, 916; the order of these operations is not 
critical to the algorithm as long as selections are made consistently in all iterations. 

20 Figure 8a shows a structure in which the algorithm of figure 9 may be carried 

out. Together, figures 8a and 8b also illustrate a processing architecture that may 
potentially benefit from the present invention. Reference is generally made to figure 
7, which illustrates an audio processing system 700 that is similar in structure and 
function. In figure 8a, between the left input point and the inputs to processing stage 

25 860, the signals undergo conversion from a pure real frequency-domain representa­

tion into a partially complex representation. As in the processing system 700, the 

imaginary frequency-domain representation to be added to the pure real frequency-

domain representation are obtained by synthesis followed by analysis, in filter banks 

810, 820, and a delay reduction stage 815 makes approximate synthesis values 

30 available for use by the analysis filterbank 820. Delay stage 830 ensures that the 
non-processed pure real frequency-domain representation is supplied to the pro­
cessing stage 860 in synchronicity with the processing results. The processing stage 
860, then, performs application-specific processing, e.g., processing intended to 
produce a desired effect in a particular use case. Because the processing stage 860 
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operates on the basis of an enriched, partially complex representation of the signal, 

there is good robustness to aliasing, and so the nature of the application-specific 

processing may be diverse. The processing stage 860 may operate on one time 
block (N samples) at a time or on many time blocks. 

5 Figure 8b indicates a possible downstream portion of the components shown 

in figure 8a. The portion shown in figure 8b achieves complex-to-real conversion of 
the frequency-domain representation of the audio signal after processing by the pro­
cessing stage 860. As such, a synthesis filter bank 870 and a downstream analysis 

filter bank 880 perform imaginary-to-real conversion on that portion of the spectrum 
10 where the audio signal is represented by imaginary spectral data in addition to the 

real spectral data. More precisely, if the portion in figure 8a contained a cosine-

modulated synthesis filter 810 followed by a sine-modulated analysis filter 820, the 

portion in figure 8b will contain a sine-modulated synthesis filter bank 870 followed 

by a cosine-modulate analysis filter bank 880. The analysis filterbank 880 in figure 

15 8b may further effect a rescaling of the spectral data, so that the real spectral data 
obtained in this manner becomes comparable to real spectral data forwarded from 
the processing stage 860 by a delay line 890. This allows a subsequent summation 
stage 840 to update the real data in the representation of the processed audio sig­
nal, in such manner that any undesirable aliasing side-effects may be removed from 

20 the signal. Unlike the filter banks 810, 820, 870, 880, the summation stage 840 may 

operate on a single time block at a time. In this example embodiment, the consecu­
tive filter banks 870, 880 in figure 8b are subject to delay reduction 875, namely by 
making approximate outputs from the synthesis filter bank 870 available to the anal­
ysis filter bank 880. 

25 Finally, a few example FIR filter implementations will be discussed with refer­

ence to figures 1,2,4 and 5. Like the Overview section above, these figures will use 

block-oriented notation, which is related to the time-dependent notation as follows. 
The symbol yn denotes the matrix block formed by all samples y(t + Nn) with 
t e {0,1,...,AT — 1}. In a similar manner, by letting t e {0,1,...,AT — 1}, the block ht is 

30 formed from h(t + Ni) and the block x(J} is formed from xn(t + Ni). Using this nota­

tion, one has 
K-1 

y = T"" h ° x(l). . 
J n i n-i 

i=0 

Further, y'n,y",y^3),..., denote approximate blocks given, for p > 1, by 
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K-1 
y(p) _ y^ ox(!).. 
^i n-i 

i=p 

Setting p = 0 returns the exact value ofyn. 

The filter 100 shown in figure 1 includes output buffers to compute the approx­

imate values. In figure 1, the buffer is drawn symbolically as a circular buffer, alt-
5 hough the circularity is typically implemented by way of pointer addressing (wrap­

around on increment). The location of the arrow labelled "RESET" suggests that 

buffer space 105 is to be emptied or overwritten before it receives new data in a 
subsequent time frame, when it occupies the position of buffer space 101. Windows 
of N x K input values xf, i = are supplied via input line 111 and are add-

10 ed to the buffer spaces 101-105 after component-wise multiplication by the filter co­
efficient blocks hi. A block of exact filter outputs yn are obtained at the output line 

112. (It is noted that the last output buffer 105 may be replaced by a simple summa­

tion circuit, since all data necessary to compute the output are available already at 
the beginning of that time block in which the youngest input time block is received by 

15 the filter. In other words, there is strictly no need to temporarily store (buffer) those 

values which are to be added to provide the output value.) In the buffers 101-104 
located in the counter-clockwise direction from the last output buffer 105, there are 
approximate values. Two of these approximate values y'n+l,yl+2 may be retrieved via 

shortcut lines 121, 122 by a filter downstream of the filter shown in figure 1, so as to 
20 reduce a total processing delay. 

In contrast hereto, the filters in figures 2, 4 and 5 use input buffers in combina­

tion with dedicated weighted summers for outputting the approximate values. In the 
filter shown in figure 2, an N x K-sample input window xn is received over input line 
211 and distributed by unit 201 as single blocks xf to weighted summers. One 

25 weighted summer supplies, via output line 212, an exact output time block yn. A fur­

ther weighted summer supplies an approximate time block y'n via shortcut line 221. 

In example embodiments of the invention, an analysis filter connected downstream 

of the filter shown in figure 2 may use both the exact and the approximate time block 
as inputs to compute an output time block zn. 

30 Figure 4, shows a filter 400 adapted to be arranged downstream of a filter of 

the type shown in figure 1. The length of the output of the filter is K blocks, 
z = [zj;0) z(„l) z(„2) ... z[KA)I. The filter 400 stores a current input blocks y„ , and n L n n n n J * J n-l 

previous ones yn^,yn.A,yn.5 in buffers 401-404. These are used as inputs to an op­
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eration by which the last K - 2 blocks of the filter output are obtained. The first two 
blocks are computed, in this filter 400, on the basis of approximate values yn,yn_x 

supplied via override input lines 431, 432. The approximate values may be equal to 
the values y'n,y"^ discussed above in connection with the filter in figure 1, where 

5 they are extractable from the shortcut lines 121, 122. 

All weighted summers need not include the full set of input lines; for instance, 
in figure 4, coefficient block g4 = 0, which is why this input line to the weighted sum­

mer 421 lacks a corresponding input line from input buffer 403. 

Similarly, a filter intended to be always used for deriving an approximate value 
10 (as may be the case in the analysis stage) need not include an output line for provid­

ing an exact value, as exemplified by figure 4. 

Figure 5 shows a filter similar to the one of figure 4. Here, the buffer is not cir­
cular. Instead, the input line 511 is connected via a selector 543, which is responsi­

ble for writing new input data to the buffer location currently holding the least recent 

15 data. Downstream of the buffer, a switch 542 forwards the relevant data from buffer 
locations to different inputs in the weighted summer. The filter shown in figure 5 in­
cludes one input override line, namely for providing the value yn to be multiplied by 
coefficient block gQ. 

The filters in figures 4 and 5 differ with respect to their number of input 

20 override lines. A smaller number of input lines may lead to a simpler hardware 

structure or, in a software implementation, to smaller amount data being moved 
internally. When one override input line is available, a given approximate value y"+2 

is used both to compute both n-labelled outputs in the current time slot and, after 
buffer shifting, to compute (n + 1)-labelled outputs in the subsequent time slot. Using 

25 two override input lines is a more sophisticated approach but has benefits for the 

accuracy. When two override input lines 431, 432 are used, as shown in figure 4, the 
approximate value y"+2 (supplied via the second override input line 432) is refined 
into the first-order approximate value y'n+2 (supplied via the first override input line 

431) in the subsequent frame.A principle underlying the invention is to make approx-

30 imate values from a processing step available prematurely as inputs to a second 
processing stage located later in the processing path. This principle is applicable to 
cooperating filter banks also outside the field of audio signal processing. As such, 
with repeated reference to figure 7, an example embodiment provides an arrange­
ment of overlapping filter banks 700, comprising: 
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• a synthesis stage 710 receiving a first signal segmented into time blocks and 

outputting, based thereon, an intermediate signal; and 

• an analysis stage 720 receiving the intermediate signal and outputting, based 
thereon, a second signal segmented into time frames, 

5 wherein the synthesis stage is operable to release an approximate value of 
the intermediate signal in a time block located di > 1 time blocks ahead of its output 

block, which approximate value is computed on the basis of any available time 

blocks of the first signal; and wherein said approximate value contributes, in the 

analysis stage, to the second signal. 
10 

III. Equivalents, extensions, alternatives and miscellaneous 

Even though the invention has been described with reference to specific ex­
ample embodiments thereof, many different alterations, modifications and the like 
will become apparent to those skilled in the art after studying this description. The 

15 described example embodiments are therefore not intended to limit the scope of the 
invention, which is only defined by the appended claims. 

20 
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CLAIMS 

 

1. An audio processing system comprising a multiband filter for providing a partially 

complex frequency-domain representation of a signal, the multiband filter comprising:  

 a synthesis stage receiving a first subband range of a first frequency-domain 

representation of a signal, the first frequency-domain representation being segmented into 

time blocks and comprising first spectral components representing spectral content of the 

signal in the first subband range expressed in a first subspace of a multidimensional space, 

and outputting, based on the first subband range, an intermediate time-domain 

representation of the signal;  

an analysis stage receiving the intermediate time-domain representation of the signal 

and outputting, based thereon, a second frequency-domain representation of the signal, the 

second frequency-domain representation being segmented into time blocks and comprising 

second spectral components representing spectral content of the signal in the first subband 

range expressed in a second subspace of the multidimensional space that includes a portion 

of the multidimensional space not included in the first subspace; and  

a processor receiving the first and second subband ranges of the first frequency-

domain representation of the signal and the second frequency-domain representation of the 

signal and combining these to output a partially complex frequency-domain representation of 

the signal,  

wherein:  

the synthesis stage is operable to release an approximate value of the intermediate 

time-domain representation in a time block located d1 ≥ time blocks ahead of its output block, 

which approximate value is computed on the basis of any available time blocks of the first 

frequency-domain representation; and  

said approximate value contributes, in the analysis stage, to a time block of the 

second frequency-domain representation of the signal.  

 

2. The audio processing system of claim 1, said multiband filter further comprising a 

transform stage arranged upstream of the multiband filter, said transform stage receiving an 

input time-domain representation of the signal and outputting the first frequency-domain 

representation of the signal.  

 

3. The audio processing system of claim 2, wherein the transform stage is one in the 

group comprising:  

a real-valued QMF analysis bank,  
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a pseudo-QMF analysis bank,  

a discrete sine or cosine transform,  

DCT-II,  

DCT-III,  

a modified discrete sine or cosine transform.  

 

4. The audio processing system of claim 1, wherein the synthesis stage comprises a 

first finite impulse response filter, FIR, with impulse response [ ]
SLhhhh K

210
, where 

coefficient block ( )0,...,0,0
0

≠h .  

 

5. The audio processing system of claim 4, wherein:  

the FIR filter comprises one or more output buffers for storing approximate values of 

the intermediate time-domain representation;  

receipt of a new time block of the first frequency-domain representation triggers the 

FIR filter to increment respective output buffers by the new time block after pre-multiplication 

by corresponding impulse response coefficient blocks; and  

the synthesis stage permits the analysis stage to access the buffer storing the 

approximate value of the intermediate time-domain representation in a time block located d1 

time blocks ahead of the output block.  

 

6. The audio processing system of claim 5, wherein the approximate value of the 

intermediate time-domain representation is computed as if any non-available time block of 

the first frequency-domain representation were zero.  

 

7. The audio processing system of claim 4, wherein the FIR filter comprises:  

one or more input buffers for storing recent time blocks of the first frequency-domain 

representation; and  

a weighted summer reading out fewer than LS + 1 input buffers, applying a subset of 

the impulse response coefficient blocks and outputting an approximate value of the 

intermediate time-domain representation in a time block located d1 time blocks ahead of the 

output block.  

 

8. The audio processing system of claim 5, wherein the computation of the approximate 

value includes applying impulse response coefficient blocks representing at least 50% of the 

total impulse response mass.  
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9. The audio processing system of claim 5, wherein the computation of the approximate 

value includes applying a sequence of consecutive impulse response coefficient blocks 

[ ]
SLppp hhhh K

21 ++
, where p ≥ 1, which sequence includes the local absolute 

maximum of the impulse response.  

 

10. The audio processing system of claim 1, wherein the analysis stage comprises a 

second finite impulse response filter, FIR, with impulse response [ ]
ALgggg K

210
, 

where coefficient block ( )0,,0,0
0

K≠g .  

 

11. The audio processing system of claim 10, wherein:  

the second FIR filter comprises one or more output buffers for storing approximate 

values of the second frequency-domain representation;  

receipt, from the synthesis stage, of a new time block of the intermediate time-

domain representation triggers the FIR filter to increment a first subset of the output buffers 

by the new time block after pre-multiplication by corresponding impulse response coefficient 

blocks; and  

receipt, from the synthesis stage, of an approximate value of the intermediate time-

domain representation triggers the FIR filter to increment a second subset of the output 

buffers, which includes the output buffer corresponding to the output block, by the 

approximate value after pre-multiplication by the corresponding impulse response coefficient 

block.  

 

12. The audio processing system of claim 10, wherein the second FIR filter comprises:  

one or more input buffers for storing recent time blocks of the intermediate time-

domain representation;  

a weighted summer for reading out fewer than LA + 1 input buffers, applying a subset 

of the impulse response coefficient blocks, adding the approximate value after pre-

multiplication with the corresponding impulse response coefficient block and outputting this 

as an output block.  

 

13. The audio processing system of claim 10, wherein the computation of the 

approximate value includes applying impulse response coefficient blocks representing at 

least 50% of the total impulse response mass.  

 

14. The audio processing system of claim 10, wherein the computation of the 
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approximate value includes applying a sequence of consecutive impulse response 

coefficient blocks [ ]
SLppp gggg K

21 ++
, where p ≥ 1, which sequence includes the 

local absolute maximum of the impulse response.  

 

15. The audio processing system of claim 1, further comprising a first delay line receiving 

a second subband range of the first frequency-domain representation of the signal and 

synchronizing the first frequency-domain representation with the second frequency-domain 

representation of the signal.  

 

16. The audio processing system of claim 1, further comprising a second delay line 

receiving a first subband range of the first frequency-domain representation of the signal and 

synchronizing the first subband of the first frequency-domain representation with the second 

frequency-domain representation.  

 

17. The audio processing system of claim 15, wherein at least one of the delay lines are 

configured to achieve the synchronization by performing one of the following operations:  

a) temporarily storing its received signal;  

b) time stamping its received signal;  

c) forming a data structure comprising a time block of its received signal and a 

synchronous time block of the other signal included in the synchronization.  

 

18. The audio processing system of claim 1, wherein the first subband range is a 

relatively lower frequency range and the second subband range is a relatively upper 

frequency range.  

 

19. The audio processing system of claim 1, wherein the system is an audio encoder or 

an audio decoder.  

 

20. An audio processing method for providing a partially complex frequency-domain 

representation of a signal, comprising the steps:  

receiving a first subband range of a first frequency-domain representation of a signal, 

the first frequency-domain representation being segmented into time blocks and comprising 

first spectral components representing spectral content of the signal in the first subband 

range expressed in a first subspace of a multidimensional space;  

generating, based on the first subband range, an intermediate time-domain 

representation of the signal;  
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generating, based on the intermediate time-domain representation a second 

frequency-domain representation of the signal, the second frequency-domain representation 

being segmented into time blocks and comprising second spectral components representing 

spectral content of the signal in the first subband range expressed in a second subspace of 

the multidimensional space that includes a portion of the multidimensional space not 

included in the first subspace;  

synchronizing the first frequency-domain representation with the second frequency-

domain representation of the signal; and  

combining the first and second subband ranges of the first frequency-domain 

representation of the signal and the second frequency-domain representation of the signal to 

output a partially complex frequency-domain representation of the signal,  

wherein the step of generating the second frequency-domain representation includes 

using an approximate value of the intermediate time-domain representation in a time block 

located d1 ≥ 1 time blocks ahead of the earliest time block in which a set of time blocks of the 

first frequency-domain representation, sufficient for an exact computation of the same time 

block, would have been available, which approximate value is computed on the basis of any 

available time blocks of the first frequency-domain representation.  

 

21. A data carrier comprising computer-readable instructions for performing the method 

of claim 20. 

 




