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(57) ABSTRACT 

The invention concerns digital audio precompensation, and 
particularly the design of digital precompensation filters. 

The invention proposes an audio precompensation filter 
design Scheme that uses a novel class of design criteria. 
Briefly, filter parameters are determined based on a weight 
ing between, on one hand, approximating the precompen 
sation filter to a fixed, non-Zero filter component and, on the 
other hand, approximating the precompensated model 
response to a reference System response. For design pur 
poses, the precompensation filter is preferably regarded as 
being additively decomposed into a fixed, non-Zero compo 
nent and an adjustable compensator component. The fixed 
component is normally configured by the filter designer, 
whereas the adjustable compensator component is deter 
mined by optimizing a criterion function involving the 
above weighting. The weighting can be made frequency 
and/or channel-dependent to provide a very powerful tool 
for effectively controlling the extent and amount of com 
pensation to be performed in different frequency regions 
and/or in different channels. 
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DIGITALAUDIO PRECOMPENSATION 

TECHNICAL FIELD OF THE INVENTION 

0001. The present invention generally concerns digital 
audio precompensation, and more particularly the design of 
a digital precompensation filter that generates one or Several 
input Signals to a Sound generating System, with the aim of 
modifying the dynamic response of the compensated SyS 
tem. 

BACKGROUND OF THE INVENTION 

0002 A System for generating or reproducing Sound, 
including amplifiers, cables and loudspeakers, will always 
affect the Spectral properties of the Sound, often in unwanted 
ways. The reverberation of the room where the equipment is 
placed adds further modifications. Sound reproduction with 
very high quality can be attained by using matched Sets of 
cables, amplifiers and loudspeakers of the highest quality, 
but this is cumberSome and very expensive. The increasing 
computational power of PCS and digital Signal processors 
has introduced new possibilities for modifying the charac 
teristics of a Sound generating or Sound reproducing System. 
The dynamic properties of the Sound generating System may 
be measured and modeled by recording its response to 
known test Signals, as well known from the literature. A 
precompensation filter, R in FIG. 1, is then placed between 
the original Sound Source and the audio equipment. The filter 
is calculated and implemented to compensate for the mea 
Sured properties of the Sound generating System, Symbolized 
by H in FIG. 1. In particular, it is desirable that the phase 
and amplitude response of the compensated System is close 
to a prespecified ideal response, symbolized by D in FIG. 1. 
In other words, it is thus required that the compensated 
Sound reproduction y(t) matches the ideal y(t) to Some 
given degree of accuracy. The pre-distortion generated by 
the precompensator R cancels the distortion due to the 
System H, Such that the resulting Sound reproduction has the 
sound characteristic of D. Up to the physical limits of the 
System, it is thus, at least in theory, possible to attain a 
Superior Sound quality, without the high cost of using 
extreme high-end audio equipment. The aim of the design 
could, for example, be to cancel acoustic resonances caused 
by imperfectly built loudspeaker cabinets. Another applica 
tion could be to minimize low-frequency resonances due to 
the room acoustics, in different places of the listening room. 
0.003 Digital precompensation filters can be applied not 
only to a Single loudspeaker but also to multichannel Sound 
generating Systems. They can be important elements of 
designs aimed not only to generate better Sound, but also to 
produce Specific effects. The generation of virtual Sound 
Sources, rendering of Sound, is of interest in, for example, 
the audio effects of computer games. 
0004. There has since a long time existed equipment, 
called graphical equalizers, aimed at compensating the fre 
quency response of a Sound generating System by modifying 
its gains in a set of fixed frequency bands. Automatic 
Schemes exist that adjust Such filters, see e.g. 1). There are 
also other prior art techniques that partition the audio 
frequency range into different frequency bands, and con 
Struct different compensators within each of these bands, See 
e.g. 2, 3). Such sub-band solutions will suffer from inad 
equate phase compensation, which createS problems, in 
particular at the borders of the bands. 
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0005 Methods that treat the audio frequency range of 
interest as one band, have been Suggested. This requires the 
use and adjustment of filters with a very high number of 
adjustable coefficients. Proposed methods are in general 
based on the adjustment of FIR (Finite Impulse Response) 
filters to minimize a least Squares criterion that measures the 
deviation between the compensated signal y(t) and the 
desired response y(t). See e.g. 4-10. This formulation has 
been considered attractive Since there exist tractable adap 
tation algorithms, as well as off-line design algorithms, that 
can adjust FIR filters based on least Squares criteria. There 
also exist proposals for non-linear compensators, see e.g. 
11. Solutions, which Suggest separate measurements of the 
room acoustics response and the loudspeaker response, have 
also been used in the design of a precompensation inverse 
filter for Sound reproduction Systems 3, 12. This design 
partly equalizes both responses. In 13 a method is dis 
closed that apply both FIR and IIR (Infinite Impulse 
Response) filters in audio system compensation. Such an 
approach is used to reduce the required number of FIR filter 
parameters in the compensation filter. However, all these 
present methods Suffer from Significant difficulties, which 
make their practical use quite problematic. The design 
Schemes available in prior art generally result in compen 
sation filters that have a high computational complexity and 
Severe practical limitations. The resulting automatically gen 
erated compensation filters are Sometimes even dangerous to 
the audio equipment, due to the risk of generating compen 
sation Signals with too high power. 

SUMMARY OF THE INVENTION 

0006 Design techniques and convenient tools for avoid 
ing these drawbacks are thus needed. The present invention 
overcomes the difficulties encountered in the prior art. 
0007. It is a general objective of the present invention to 
provide an improved design Scheme for audio precompen 
sation filters. 

0008. It is another object of the invention to provide a 
flexible, but still very accurate way of designing Such filters, 
allowing better control of the extent and amount of com 
pensation to be performed by the precompensation filter. In 
this respect, it is particularly desirable to provide a filter 
adjustment technique that gives fall control over the amount 
of compensation performed in different frequency regions 
and/or in different audio channels. 

0009. It is also an object of the invention to provide a 
design method and System for audio precompensators that 
provide a good compensation performance while using a 
limited number of filter parameters that can easily be 
handled by the technology of today. 
0010 Yet another object of the invention is to provide a 
flexible and efficient method, System and computer program 
for designing a digital audio precompensation filter. 
0011. These and other objects are met by the invention as 
defined by the accompanying patent claims. 
0012. The present invention is based on the recognition 
that mathematical models of dynamic Systems, and model 
based optimization of digital precompensation filters, pro 
vide powerful tools for designing filters that improve the 
performance of various types of audio equipment by modi 
fying the input Signals to the equipment. 
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0013 The general idea according to the invention is to 
provide an audio precompensation filter design Scheme that 
uses a novel class of design criteria. In essence, filter 
parameters are determined based on a weighting between, on 
one hand, approximating the precompensation filter to a 
fixed, non-Zero filter component and, on the other hand, 
approximating the precompensated model response to a 
reference System response. 
0.014 For design purposes, the precompensation filter is 
preferably regarded as being additively decomposed into a 
fixed, non-Zero filter component and an adjustable compen 
Sator component. The fixed filter component is normally 
configured by the filter designer or Set to a default configu 
ration, whereas the adjustable compensator component is 
determined by optimizing a criterion function that includes 
the above weighting. AS the fixed filter component, the 
weighting is normally configured by the filter designer or Set 
to a default configuration. Once the fixed filter component is 
configured and the adjustable compensator component is 
determined, the filter parameters of the precompensation 
filter can be calculated and implemented. In many practical 
cases, it has turned out to be beneficial to include a by-pass 
component with at least one Selectable delay element in the 
fixed filter component. 
0.015. By making the weighting frequency-dependent 
and/or channel-dependent, a powerful design tool that pro 
vides full control over the degree and type of compensation 
performed in different frequency regions and/or in different 
subchannels is obtained. Preferably, the criterion function 
includes a frequency- and/or channel-weighted penalty term, 
which penalizes the compensating part of the precompen 
Sator. This kind of frequency-dependent and/or channel 
dependent weighting makes it easy to avoid dangerous 
over-compensation, while attaining good compensation in 
frequency regions and channels where this can be attained 
Safely. 

0016. The optimization of the weighted criterion function 
can be performed on-line, analogous to conventional on-line 
optimization, by using e.g. recursive optimization or adap 
tive filtering, or performed as a model-based off-line design. 
0.017. In order to provide good compensation perfor 
mance while using a limited number of filter parameters, an 
optimization-based methodology for adjusting realizable 
(stable and causal) Infinite Impulse Response (IIR) compen 
sation filters is proposed. These digital filters can generate 
long impulse responses while containing a limited number 
of filter parameters. The So designed compensation filters 
may have Several input- and output audio channels, and can 
be used for compensating Single-channel as well as multi 
channel audio equipment. 
0.018. The proposed design principle and structure is 
particularly useful for linear dynamic design models and 
linear precompensation filters, but can also be generalized to 
the case of non-linear design models and non-linear pre 
compensation filters. 

0019. The different aspects of the invention include a 
method, System and computer program for designing an 
audio precompensation filter, a So designed precompensa 
tion filter, an audio System incorporating Such a precompen 
sation filter as well as a digital audio signal generated by 
Such a precompensation filter. 
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0020. The present invention offers the following advan 
tages: 

0021 Strict control of the extent and amount of 
compensation to be performed by the precompensa 
tion filter, thus providing full control over the result 
ing acoustic response; 

0022 Dangerous over-compensation can be 
avoided, while Still attaining good compensation 
where this can be done Safely; 

0023 Good compensation performance, while using 
a limited number of filter parameters, and 

0024 Optimally precompensated audio systems, 
resulting in Superior Sound quality and experience. 

0025. Other advantages and features offered by the 
present invention will be appreciated upon reading of the 
following description of the embodiments of the invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0026. The invention, together with further objects and 
advantages thereof, will be best understood by reference to 
the following description taken together with the accompa 
nying drawings, in which: 
0027 FIG. 1 is a general description of a compensated 
Sound generating System; 

0028 FIG. 2A is a graph illustrating the amplitude 
response of an uncompensated loudspeaker model; 

0029 FIG. 2B is a graph illustrating the deviation of the 
phase response of an uncompensated loudspeaker model 
relative to the phase shift of a pure delay; 

0030 FIG. 3 illustrates the discrete-time impulse 
response of the loudspeaker model of FIGS. 2A and 2B, 
sampled at 44.1 kHz and for illustration delayed by 250 
Samples; 

0031 FIG. 4 is an illustration of the impulse response of 
a Scalar FIR compensation filter designed according to prior 
art techniques to invert the loudspeaker dynamics of FIGS. 
2A, 2B and 3; 
0032 FIG. 5 displays the impulse response of a scalar 
IIR compensation filter designed based on the loudspeaker 
model of FIGS. 2A, 2B and 3 according to the present 
invention; 

0033 FIG. 6A is a graph illustrating the amplitude 
response of the loudspeaker model of FIG. 2A, compen 
sated by the IIR filter of FIG. 5; 
0034 FIG. 6B is a graph illustrating the deviation of the 
phase response of the loudspeaker model of FIG. 2B, 
compensated by the IIR filter of FIG. 5, relative to the phase 
shift of a pure delay; 

0035 FIG. 7 is the compensated impulse response of the 
loudspeaker model of FIG. 3, compensated with the IIR 
filter of FIG. 5; 

0036 FIG. 8 shows the frequency response amplitude of 
a weighting function used in the design of the IIR filter of 
FIG. 5; 
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0037 FIG. 9 illustrates the compensated impulse 
response of FIG. 8 when using compensation with no 
control penalty; 
0.038 FIG. 10A is a graph illustrating the amplitude 
response of the loudspeaker model of FIG. 2A, compen 
sated by the prior art FIR filter of FIG. 4; 
0039 FIG. 10B is a graph illustrating the deviation of the 
phase response of the loudspeaker model of FIG. 2B, 
compensated by the prior art FIR filter of FIG. 4, relative to 
the phase shift of a pure delay; 
0040 FIG. 11 is a schematic diagram illustrating a par 
ticular embodiment of a filter design Structure according to 
the present invention; 
0041 FIG. 12 is a block diagram of a computer-based 
System Suitable for implementation of the invention; 
0.042 FIG. 13 illustrates an audio system incorporating a 
precompensation filter configured according to the design 
method of the invention; and 
0.043 FIG. 14 is a flow diagram illustrating the overall 
flow of a filter design method according to an exemplary 
embodiment of the invention. 

DETAILED DESCRIPTION OF EMBODIMENTS 
OF THE INVENTION 

0044 Sections 1-3 describe linear cases, section 4 gen 
eralizes the Structure and design principle to problems with 
non-linear and possibly time-varying System models as well 
as non-linear and possibly time-varying compensators, and 
Section 5 finally describes Some implementational aspects. 
0045 1. Design for Linear Models and Filters 
0.046 For a better understanding of the invention, it may 
be useful to begin by describing the general approach for 
designing audio precompensation filters. 
0047 The sound generation or reproducing system to be 
modified is normally represented by a linear time-invariant 
dynamic model H that describes the relation in discrete time 
between a set of p input signals u(t) to a set of m output 
Signals y(t): 

y(t)=Hu(t) y(t)=y(t)+e(t), (1.1) 

0.048 where t represents a discrete time index, y(t) (with 
Subscript m denoting “measurement') is an m-dimensional 
column vector representing the Sound time-Series at m 
different locations and e(t) is noise, unmodeled room 
reflexes, effects of an incorrect model Structure, nonlinear 
distortion and other unmodeled contributions. The operator 
H is an mxp-matrix whose elements are stable linear 
dynamic operators or transforms, e.g. implemented as FIR 
filters or IIR filters. These filters will determine the response 
y(t) to a p-dimensional arbitrary input time Series vector u(t). 
Linear filters or models will be represented by Such matrices, 
which are called transfer function matrices, or dynamic 
matrices, in the following. The transfer function matrix H 
represents the effect of the whole or a part of the sound 
generating or Sound reproducing System, including any 
pre-existing digital compensators, digital-to-analog convert 
ers, analog amplifiers, loudspeakers, cables and in Some 
applications also the room acoustic response. In other words, 
the transfer function matrix H represents the dynamic 
response of relevant parts of a Sound generating System. The 
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input signal u(t) to this system, which is a p-dimensional 
column vector, may represent input signals to p individual 
amplifier-loudspeaker chains of the Sound generating Sys 
tem. 

0049. The measured sound y(t) is, by definition, 
regarded as a Superposition of the term y(t)=Hu(t) that is to 
be modified and controlled, and the unmodeled contribution 
e(t). A prerequisite for a good result in practice is, of course, 
that the modeling and System design is Such that the mag 
nitude le(t) will not be large compared to the magnitude 
ly(t), in the frequency regions of interest. 
0050. A general objective is to modify the dynamics of 
the Sound generating System represented by (1.1) in relation 
to Some reference dynamics. For this purpose, a reference 
matrix D is introduced: 

yer(t)=Dw(t), (1.2) 

0051 where w(t) is an r-dimensional vector representing 
a Set of live or recorded Sound Sources or even artificially 
generated digital audio signals, including test Signals used 
for designing the filter. The elements of the vector w(t) may, 
for example, represent channels of digitally recorded Sound, 
or analog Sources that have been Sampled and digitized. In 
(1.2), D is a transfer function matrix of dimension mxr that 
is assumed to be known. The linear System D is a design 
variable and generally represents the reference dynamics of 
the vector y(t) in (1.1). 
0052 An example of a conceivable design objective may 
be complete inversion of the dynamics and decoupling of the 
channels. In cases where r=m, the matrix D is then Set equal 
to a Square diagonal matrix with d-Step delay operators as 
diagonal elements, So that: 

yer(t)=w(t-d) 

0053. The reference response of y(t) is then defined as 
being just a delayed version of the original Sound vector 
w(t), with equal delays of d Sampling periods for all ele 
ments of w(t). 
0054 More complicated designs may add reference 
dynamics to the Sound generating System in the form of 
stable filters, in addition to introducing a delay. With Such a 
design of D, it may be possible to add a new Sound 
characteristic to the System, e.g. obtaining Superior Sound 
quality with low quality audio equipment. A more compli 
cated design may be of interest, e.g. when emulating a 
Specific type of Sound generating System. The desired bulk 
delay, d, introduced through the design matrix D is an 
important parameter that influences the attainable perfor 
mance. Causal compensation filters will attain better com 
pensation the higher this delay is allowed to be. 
0055. The precompensation is generally obtained by a 
precompensation filter, generally denoted by R, which gen 
erates an input signal vector u(t) to the audio reproduction 
System (1.1) based on the Signal w(t): 

0056. In the prior art, the predominating trend of digital 
audio precompensation is to generate the input signal vector 
u(t) to the audio reproduction System (1.1) So that its 
compensated output y(t) approximates the reference vector 
y(t) well, in Some specified sense. This objective can be 
attained if the signal u(t) in (1.1) is generated by a linear 
precompensation filter R, which consists of a pxr-matrix 
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whose elements are stable and causal linear dynamic filters 
that operate on the signal w(t) Such that y(t) will approxi 

0057 Within general systems theory, the condition for 
exact compensation is that R equals a causal and Stable right 
inverse of the dynamic model H., multiplied from the right 
by D, 

0.058 Here, H denotes the right inverse of the transfer 
function matrix of the model. Such a right inverse will by 
definition have the property HH =I, (the identity matrix of 
size mxm). Therefore, HR=HHD=D. 
0059. Unfortunately, the model of an audio system will 
often not have an exact Stable and causal right inverse. 
However, assume that the bulk delay d within D (the 
Smallest delay caused by any element of D) is allowed to 
increase. Then, the least Squares approximation error y(t)- 
y"(t) attained by stable and causal compensation filters can 
be shown to vanish as the delay d-> V, if the normal rank of 
H (the rank of the transfer function matrix except at System 
Zeros) is equal to m (the number of elements in y(t)). In our 
context, the delay d is determined by the designer, who can 
thereby control the degree of approximation. 
0060 For a good pre-compensation to be feasible, the 
system described by H will need to have at least as many 
Separate inputs as outputs, i.e. pam. Otherwise, the rank of 
H could never be as large as m. In the Simplest case, we have 
a Scalar model and Scalar reference dynamics where m=p= 
r=1, So y(t), u(t) and w(t) are all Scalar time-Series. The 
model H may then represent a single amplifier-loudspeaker 
chain to be compensated. 
0061. In the prior art and literature, the most promising 
methods for Solving this type of approximation problem 
have focused on representing H and R by FIR filters and then 
using least Squares techniques to minimize a Scalar criterion 
that penalizes the average Sum of Squared differences 
between the elements of y(t) and y(t): 

E(y(t)-ye(t))" (y(t)-yet(t)))=ECy(t)-ye(t)) (1.4) 

0062 Here and in the following, ()" denotes the trans 
pose of a vector and E() represents an average over the 
relevant Statistical properties of the involved signals. Such a 
least Squares design can be accomplished by on-line recur 
Sive minimization of (1.4), by applying, for example, the 
LMS algorithm or the filtered-X LMS algorithm 12, 13 to 
the measured signals y(t) and to WOt), see the references 
cited in the background Section. The design can also be 
performed off-line, by solving a Wiener optimization prob 
lem for FIR filters of fixed degrees. This is equivalent to 
Solving a set of linear Simultaneous equations, the Wiener 
Hopf equations, which involve correlation estimates. The 
minimization of (1.4) takes not only the amplitude response 
but also the phase response of the System into account. This 
approach is better than methods that only take the amplitude 
response into account, e.g. as described in 14). A drawback 
with the use of FIR filters is that filters with a very large 
number of coefficients may have to be used. For this reason, 
the present invention focuses on the adjustment of IIR filters, 
which in general require fewer coefficients. Regardless of 
the use of FIR or IIR filters, a careful analysis made by the 
inventors reveals that all prior art designs based on the 

Oct. 23, 2003 

minimization of the least Squares criterion (1.4) Suffer from 
further Significant drawbackS: 

0063 Compensation filters based on the minimiza 
tion of (1.4) will obtain extreme properties at the 
highest and the lowest frequencies. In the Scalar case, 
this is due to the transfer function H often having low 
gain at the highest and lowest frequencies within the 
audio range, which results in a compensator R hav 
ing high gain at these frequencies. Such compensa 
tors have long and oscillative impulse responses, See 
FIG. 4, that are computationally demanding to 
adjust and to implement. This is a potential problem 
not only at very high and low frequencies but also for 
all frequencies where an excessive amount of com 
pensation is demanded if the criterion (1.4) is to be 
minimized. 

0064 Compensation filters R with too high gains at 
Some frequencies may furthermore generate nonlin 
ear distortion, which will have a detrimental effect on 
the performance. In the worst case, high-gain inputs 
may damage the audio equipment. 

0065. It has thus been recognized that there is a need to 
attain better control, than that provided by (1.4), over the 
extent and amount of compensation performed at different 
frequencies and in different Subchannels. 
0066. In the design of a precompensation filter for audio 
equipment according to the invention, it has turned out to be 
useful to regard the filter as being additively decomposed 
into two components, a fixed, non-Zero filter component and 
an adjustable compensator component to be determined by 
optimization. The fixed filter component is normally con 
figured by the filter designer or Set to a default configuration. 
The adjustable compensator component on the other hand is 
determined by optimizing a criterion function based on a 
given weighting between, on one hand, approximating the 
precompensation filter to the fixed, non-Zero filter compo 
nent and, on the other hand, approximating the precompen 
Sated model response to the reference System response. 
Although not required, this weighting is preferably made 
frequency- and/or channel-dependent, as will be exemplified 
below. 

0067. In order to more clearly understand the basic 
concepts of the invention, the design of a precompensation 
filter based on Such a weighting will now be described by 
way of examples. 

0068 For example, the compensation may be realized as 
an additive modification m(t)=Cw(t) of a signal path which 
is normally just a direct feed-through and delay of the Signal 

0069 where g is an appropriate delay and C typically is 
a matrix of FIR or IIR filters. In (1.5), u(t) and w(t) are 
assumed to have equal dimension, m=r. Using the Standard 
backward Shift operator notation: 

0070 the compensator matrix in (1.3) is thus for design 
purposes regarded as having the form: 
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0071. The design of the compensator component C is 
preferably based on the minimization of a criterion function 
which includes a frequency-weighted term that penalizes the 
magnitude of the additive modification signal mt)=C w(t). 
Such a penalty term can be included in any type of criterion 
used for the filter optimization. In particular, the quadratic 
criterion function (1.4) may be replaced by: 

JECVy(t)))):E(Wm(0)==E(V(HR 
D)w(t))+ECWCw(t)), (1.6), 

0.072 where W is a first weighting function and V is an 
additional optional weighting function. The matrix W is 
preferably a Square (mxm) matrix, containing stable linear 
IIR filters that represent a set of design variables. Further 
more, the additional weighting function V is preferably a 
Square (pxp) matrix containing stable linear IIR filters that 
may be used as another Set of design variables. 
0073. In a particular embodiment of the invention, the 
weighting represented by the transfer function matrix W acts 
as a frequency-dependent penalty on the compensation 
signal m(t)=Cw(t). The effect of the weighting by W is best 
understood in the frequency domain, using a Z-transform 
representation of Signals and Systems. The minimization of 
(1.6) will result in the compensator term C(z) having Small 
gains at frequencies Z where the norm of W(z) is relatively 
large. This is because the last term of (1.6) would otherwise 
dominate J. In Such frequency regions, C(Z)W(z) will be 
Small in (1.5), So the properties of the uncompensated 
System will remain unaltered, except for a delay of g 
Samples. On the other hand, at frequencies Z where the norm 
of W(z) is vanishingly small, the first term of the criterion 
(1.6) is the most important. If V=I, then y(Z)sy, (z)= 
D(Z)w(Z) within these frequency regions, Since this adjust 
ment minimizes the contribution of the first term of (1.6) to 
the total criterion value. 

0.074 For example, the weighting function represented 
by W may be realized as a low-pass filter with a given cutoff 
frequency, in parallel with a high-pass filter with a given 
limit frequency. By properly Selecting the cutoff frequency 
and limit frequency, the compensation performed by the 
precompensation filter may be customized according to the 
particular application. Of course, the weighting W may be 
realized in any Suitable form. 
0075. The frequency-selective weighting by the matrix V 
may be used for various purposes. 

0076. It may be used for perceptual weighting, using 
the known characteristic of the human ear. The 
elimination of compensation errors in frequency 
regions to which we are more Sensitive is then 
emphasized. 

0077. It may also be used for placing a low weight 
at performance deviations in frequency regions 
where the modeling error in H is large, So that the 
optimization does not focus on frequency regions 
where the result would be unreliable anyway. 

0078. It may furthermore be used to weight the 
errors attained at different locations in Space, i.e. in 
different components of the vector y(t). This can be 
attained by Setting V equal to a diagonal transfer 
function matrix and by using different filters as 
diagonal elements of V. 
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0079 The use of frequency-dependent weighting enables 
different types of adjustments in different frequency regions, 
although the design model H describes the whole relevant 
frequency range. Solutions that decompose the total fre 
quency region into Sub-bands and Separately compensate 
each band can thus be avoided. Besides being more com 
plicated, Sub-band Solutions, which are used in e.g. graphic 
equalizers, are known to create problems with distortions of 
the phase response. 

0080) Note also that W may be a matrix of weighting 
filters in the multi-channel case. It is possible to use a 
diagonal matrix, with each diagonal element being different, 
to Separately tune the compensation performed on each input 
channel to the properties of that particular loudspeaker. This 
kind of channel-dependent weighting may be performed 
independently to enable different types of compensation in 
different channels of Said multi-channel System, using fre 
quency-independent weighting or frequency-dependent 
weighting for the individual channels. 

0081. The delay g of the direct feed-through (or bypass) 
in (1.5) is yet another design variable. An appropriate choice 
in the Scalar case (m=p=r=1) if dek is to set g=d-k, where 
d is the bulk delay of D while k is the bulk delay of H. In 
this way, the total net delay through the compensated System 
will approximately be g-k=d in all frequency regions: In the 
regions that are penalized significantly by W, we have 
u(t)sw(t-g), so the total delay of the compensated model HR 
will be g+k. In regions where W is insignificant, HRs D, 
which has been pre-assigned the delay d. 

0082 For multi-channel compensators, different feed 
through delays as well as different bulk delays in D may be 
required in different channels. Such channel-dependent 
delays are useful for generating virtual Sound Sources i.e. 
Sound appearing to emanate from directions other than from 
the loudspeakers. To include Such and other variants of the 
compensation problem and also handle cases where the 
number of signals in w(t) differs from the number of signals 
in y(t), rzm, (1.5) is generalized to 

0083 where F is an arbitrary mxr matrix of stable linear 
dynamic Systems. This matrix is assumed known, and is not 
to be modified by the optimization. The special case where 
F is identical to Zero corresponds to using a penalty on the 
compensator output u(t), which would then be identical to 
m(t). This special case has been discussed in the prior art, in 
the Special case of Scalar Systems, with a quadratic criterion 
with the special weight selections V=1 and W equal to a 
frequency-independent weight, see 17). Such optimized 
feed-forward regulators have also been designed for process 
control purposes, see 18, 19. This type of design has turned 
out to be inappropriate for audio precompensation and is 
therefore excluded from the proposed Solution. A large 
penalty W would for F=0 quench the magnitude of the whole 
Signal vector u(t), which is in itself a major distortion of the 
pre-existing System properties. A main purpose of the pro 
posed compensator design is instead to introduce a penalty 
that may leave the natural response of the System 
unchanged, which is here obtained for large W and F=qI. 
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0084. A key element in the proposed design is that the 
compensator (1.3) is, for design purposes, assumed to be 
decomposed additively into two parts: 

0085 where F is fixed and nonzero while C is the subject 
of optimization. Note that the special case (1.5) of (1.7) 
corresponds to F=q, for r=m. The fixed, non-zero filter 
component F may thus be a simple by-pass component with 
a Selectable delay. However, nothing prevents F from being 
configured with one or more additional fixed filtering com 
ponents. 

0.086. In general terms, the proposed design principle for 
obtaining C in the compensator (1.7) is to optimize a 
criterion involving a weighting of two objectives: i) as Small 
deviation between the total precompensator filter R and a 
predetermined dynamic non-Zero filter component F as 
possible, and ii) as Small deviation between the compensated 
design model HR and a predetermined dynamic reference 
System D as possible. In particular, when this weighting is 
made frequency-dependent and/or input channel dependent, 
an efficient tool for automated/computer-Supported filter 
design is obtained that provides control over the amount of 
compensation performed in different frequency regions and/ 
or in different Subchannels of a multichannel design. 
0087. The pre-compensation filter of the present inven 
tion is generally implemented as a digital filter, or a set of 
digital filters in multi-channel Systems. 
0088. The filters and models may be represented by any 
operator or transform representation appropriate for linear 
Systems, Such as the delay operator form, the Z transform 
representation, delta operator representations, functional 
Series representations or the frequency warped representa 
tions introduced in 20. The degree of approximation 
(closeness) could here be measured by any norm for matri 
ces of linear time-invariant dynamic Systems, Such as the 
quadratic norm (1.6), frequency weighted H.-norms or 
weighted L-norms cf:21,22). 
0089 For a better understanding of the advantages 
offered by the present invention, a comparison between the 
performance of a precompensation filter designed according 
to the present invention and a precompensation filter 
designed based on prior art techniques will now be made. In 
this example, the precompensation filters are applied to a 
Single loudspeaker and amplifier chain. 

0090 The amplitude response and the deviation of the 
phase response of the modeled audio chain are illustrated in 
FIG. 2A and FIG. 2B, respectively, and the model impulse 
response is shown in FIG.3. The sampling frequency is 44.1 
kHz. The design model has Zero bulk delay k, although its 
impulse response has in FIG. 3 been shifted to the right for 
easier comparison with the compensated response. We use 
y(t)=w(t-d), with d=300 Samples, as desired reference in 
(1.2). As can be seen in FIG. 2A, the amplitude response of 
the uncompensated experimental loudspeaker and amplifier 
model is far from ideal, with ripples in the mid-frequency 
area and low power at low and high frequencies. 

0.091 First of all, this experimental model is compen 
Sated by minimizing (1.6) with a realizable (stable and 
causal) IR compensator (1.5) according to the teachings of 
the present invention. The polynomial Wiener design speci 
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fied in more detail in Section 2 below is used. Complete 
inversion of the whole audio range from 20 Hz to 20000 Hz 
would require extreme amplification at the lowest and 
highest frequencies in FIG. 2A. If the whole audio range is 
to be inverted, compensation signals with too high power 
may be generated, especially for the highest and lowest 
frequencies. Such a high power signal may damage the 
audio equipment and therefore the aim will instead be to 
invert the loudspeaker dynamics perfectly (up to a delay of 
d=g=300) within the frequency range of 80 Hz to 15 kHz. 
The amplification should also be less than 20 dB outside of 
this range. The weighting W in (1.6) that is used in this 
particular design consists of a low-pass filter with a cutoff 
frequency of 30 Hz, in parallel with a high-pass filter with 
a limit frequency of 17 kHz, see FIG. 8. The impulse 
response of the designed IIR precompensation filter is 
illustrated in FIG. 5. The compensated amplitude response 
and the deviation of the phase response are shown in FIGS. 
6A and 6B, respectively. As can be seen in FIG. 6A, the 
mid-frequency ripple in FIG. 2A has been eliminated and 
the amplitude response within the compensated frequency 
range (80 Hz to 15 kHz) closely follows the desired flat 
response (amplitude response=0 dB). Also the deviation of 
the phase response of the compensated model System, FIG. 
6B, has been markedly improved compared to the uncom 
pensated deviation of the phase response in FIG. 2B. The 
compensated impulse response, displayed by FIG. 7, is 
close to the ideal Dirac pulse response y(t)=w(t-300). The 
remaining Small ripple close to the main peak is due to the 
fact that we have limited the amount of compensation at the 
lowest and the highest frequencies. This ripple can be 
removed by using W=0 in the design, see FIG. 9, at the price 
of designing a precompensation filter with very high gain at 
the lowest and highest frequencies. 
0092. These results are then compared to an FIR filter 
precompensator that has been designed by minimization of 
the least Squares criterion (1.4), using the idealized LMS 
algorithm with an appropriately tuned Step length. The 
impulse response of this prior art compensator is shown in 
FIG. 4. Such compensators have long and oscillative 
impulse responses that are computationally demanding to 
adjust and implement. This is a potential problem not only 
at very high and low frequencies but also for all frequencies 
where an excessive amount of compensation is demanded if 
the criterion (1.4) is to be minimized. The amplitude 
response and relative phase response of the prior art com 
pensated system are illustrated in FIGS. 10A and 10B, 
respectively. The amplitude response of this compensated 
System shows much more oscillation for mid-frequencies 
and especially for the highest frequencies, compared to a 
System compensated with a filter according to the present 
invention. Thus, the inventive design results in a much 
Shorter and better behaved compensation filter and also 
provides a more exact inversion within the frequency range 
where compensation is desired. 
0093 2. Scalar Compensators Designed as Casual 
Wiener Filters 

0094. In the following, a precompensation filter design 
method, where Scalar filters are designed as causal Wiener 
filters is described with reference to FIG. 11. As an example 
of an embodiment of the invention, consider the problem of 
pre-compensating a single audio chain (amplifier, cables, 
loudspeaker and possibly room acoustics). The Scalar model 
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H may represent the average over the dynamics measured at 
a number of points relative to the loudspeaker, So that the 
Spatial Volume where good compensation is attained is 
enlarged. The room acoustic response is in Some types of 
problems neglected, So that only the loudspeaker chain is 
compensated. The linear Systems and models are, in this 
case, all assumed to be time-invariant. They are represented 
using the discrete-time backward shift operator, here 
denoted by q. A signal s(t) is shifted backward by one 
sample by this operator: q's(t)=S(t–1). Likewise, the for 
ward shift operator is denoted q, So that qS(t)=S(t+1), See 
e.g. 23). A Scalar design model (1.1) is then represented by 
a linear time-invariant difference equation with fixed coef 
ficients: 

bu(t-k-1)+...+bu(t-k-h). (2.1) 
0.095 Assuming boz0, there will be a delay of k samples 
before the input u(t) influences the output y(t). This delay, k, 
may for example represent an acoustic transport delay and it 
is here called the bulk delay of the model. The coefficients 
a; and b, determine the dynamic response described by the 
model. The maximal delays n and h may be many hundreds 
or even thousands of Samples in Some models of audio 
Systems. 

0096 Move all terms related to y to the left-hand side. 
With the shift operator representation, the model (2.1) is 
then equivalent to the expression: 

h)u(t-k). 
0097. By introducing the polynomials A(q)=(1+aq'+ 
aq’+...+aq") and B(q)=(bob, q+...+bq"), the 
discrete-time dynamic model (2.1) may be represented by 
the more compact expression: 

A(q)y(t)=B(q)u(t-k) (2.2) 
0098. The polynomial A(q) is said to be monic since its 
leading coefficient is 1. In the Special case of FIR models, 
A(q)=1. In general, the recursion in old outputs y(t-j) 
represented by the filter A(q) gives the model an infinite 
impulse response. IIR filters represented in the form (2.2) 
are also denoted rational filters, Since their transfer operator 
may be represented by a ratio of polynomials in q': 

y(t) = a ii 

0099 All involved IIR systems, models and filter are in 
the following assumed to be stable. The stable criterion 
means that, when a complex variable Z is Substituted for the 
operator q, this is equivalent to the equation A(z)=0 having 
Solutions with magnitude Z-1 only. In other words, the 
complex function A(z) must have all zeros within the unit 
circle in the complex plane. 
0100 The assumed second order statistics (spectral prop 
erties) of the signal w(t) to be compensated may be repre 
Sented by a stable and Stably invertible autoregressive mov 
ing average (ARMA) model: 

H(q)w(t)=G(q)v(t), 
0101 where V(t) is white noise and the polynomials 
H(z) and G(Z) are both monic and have all their zeros in 
|z|<1, i.e. are stable. 
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0102) The design model (1.2), representing the desired 
response for y(t), is represented by the stable difference 
equation: 

0103) where the polynomial N(q) is monic and the 
leading polynomial coefficient in D(q) is assumed to be 
nonzero, Sod represents the desired bulk delay. 
0104. The compensator structure used is (1.7), in which 
the fixed filter F is set to an FIR filter polynomial) F(q) and 
the bypass delay g is Set equal to d-k assuming dek. This 
choice of g has been briefly motivated in the above Section. 
Thus, 

1)w(t). (2.4) 

0105) The stable discrete-time scalar rational filter C(q) 
is now to be optimized, by minimizing the quadratic crite 
rion (1.6). Here, it is assumed that V=1 for simplicity, while 
Wm(t) is a Scalar and stable dynamic System with output f(t), 
represented by the difference equation: 

0106 Both of the polynomials V(z) and W(z) are 
design variables. They are restricted to have all their Zeros 
in Z21 1. Thus, the criterion (1.6) can be expressed by: 

J=EC(y(t)-ye(t)))+E(f(t)). (2.6) 

0107 The optimizing solution is specified below. 
0.108 Assume that the model and filter polynomials V, W, 
G, H, D, N, B, A and the delays k and d, which were 
introduced above and that are illustrated in FIG. 11, are 
specified numerically. The stable and causal IIR filter C(q) 
in (2.4) that minimizes the criterion (2.6) is then specified by 
the difference equation: 

0109) where the monic polynomial B(q) has all its zeros 
in Zk1. It is, together with a Scalar r, given as the unique 
Stable and monic Solution to the polynomial spectral factor 
ization equation: 

W(q)W*(q)A (q)A*(q), (2.8) 

0110) while the polynomial Q(q) in (2.7) is, together 
with an anti-causal FIR filter L*(q), given by the unique 
Solution to the linear Scalar Diophantine polynomial equa 
tion: 

1)qL. (q). (2.9) 

0111. Above, polynomials in the forward shift operators 
represent anti-causal operators that would shift signals for 
ward in time. They are indicated by Stars as Subscripts. For 
a polynomial P(q)=(pop, q'+p2q’-- . . . +p,q") with 
real-valued coefficients, the conjugated polynomial is 

0112 Since f(q) will have zeros only in ZK1, while 
N(q) and G(q) are assumed to have all zeros inzk1 due 
to the problem formulation, the filter (2.7) is guaranteed to 
be stable. The compensator will be causal, since the involved 
filters have only backward shift operators as arguments, and 
Since f(GN in (2.7) has a nonzero leading coefficient due to 
the fact that all involved polynomials are monic. This means 
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that mt) and its output signal u(t) will at time t not be a 
function of future values of w(t). 
0113. The optimal filter structure (2.7) and the corre 
sponding design equations (2.8) and (2.9) can be derived by 
the orthogonality principle, see for example 19, 23, 24, 29. 
All admissible alternative filters are then considered where 
after it is demonstrated that no alternative compensator 
could attain a lower criterion value than that attained by 
(2.7). 
0114. The polynomial spectral factorization equation 
(2.8) will always have a stable solution. When the complex 
variable Z is Substituted for the operator q, the right-hand 
Side of (2.8) can be regarded as a polynomial with Zeros 
distributed Symmetrically inside and outside the unit circle 
|z|=1. No Zeros can be located precisely on the unit circle, 
due to the Stability assumptions on filters and models 
introduced above. The solution of the equation (2.8) corre 
sponds to collecting the unique factor that includes all Zeros 
inside the unit circle, which forms the polynomial f(q). 
The Scalar r is just a normalization factor to make f(q) 
monic. 

0115 The polynomial Diophantine equation (2.9) can 
easily be converted into a System of linear equations, to be 
solved with respect to the polynomial coefficients of Q(q) 
and L*(q). These equations are formed by setting coeffi 
cients of the same powers in q equal on the right- and 
left-hand sides of (2.9). Due to the general theory for 
Solvability of polynomial Diophantine equations, see 25, 
the equation (2.9) can be guaranteed to have a unique 
solution. This is because the polynomials B*(z) and A(Z 
1)N(z)H(z)Z on the right-hand side can never have com 
mon factors. This is because f(Z) is the conjugated poly 
nomial of B(z), so it will have all its zeros outside |z|=1, 
while A(z), N(z) and H(z") will due to the design 
assumptions have Zeros only inside z=1. 
0116. Thus, the stated design problem can always be 
Solved and the Solution is embodied by the compensation 
filter expressions (2.4),(2.7) and the design equations (2.8) 
and (2.9). Linear time-invariant filters that minimize qua 
dratic criteria based on Second order (spectral) signal models 
are called Wiener filters in the literature. See e.g. 26). The 
compensator design equations that for the filter (2.4) result 
in a minimization of the criterion (2.6) represent a novel 
result, not only in the domain of audio precompensation but 
in Wiener filter design and linear-quadratic design in gen 
eral. 

0117 3. Multivariable Compensators Realized in State 
Space Form, Designed by for Example Linear Quadratic 
Optimization 

0118. The polynomial formalism and design of the above 
section can be generalized to MIMO (multiple input mul 
tiple output) filters and models, using polynomial matrix 
representations described in 27). A MIMO design can also 
be performed by linear quadratic-Gaussian (LQG) optimi 
Zation based on State Space models and Such a design will be 
outlined below. For a general introduction to LOG design 
based on State space methods, see e.g. 28. 
0119). In the following, conventional notations of 
dynamic Systems in the field of State theory are used to 
describe a multichannel implementation of the precompen 
sation filter of the present invention. Matrices whose ele 
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ments are real-valued constants (not filters), are in the 
following represented by boldface and underlined symbols. 
A vector-ARMA model of w(t) is then introduced as a linear 
time-invariant State-space model in discrete time, with State 
vector X(t) of appropriate dimension: 

x1(t + 1) = FX1(t) + Gy(t) (3.1) 

0120 where w(t) is a column vector with dimension r, as 
in Section 1. The vector V(t) of dimension r represents white 
noise with known covariance matrix R. The ARMA model 
(3.1) is assumed stable and stably invertible. In (3.1), D, is 
assumed to be an invertible rxr matrix, which is normally Set 
equal to the unit matrix. When w(t) is assumed white, the 
dimension of X(t) is Zero and w(t)=DV(t). 
0121 The stable linear design model H in (1.1) that 
describes the audio System to be compensated is realized in 
State space form, with State vector x(t), as: 

x2 (t + 1) = F2x2 (t) + Gu(i) (3.2) 

0122 where the vector y(t) has dimension m while u(t) 
has dimension p. The bulk delay is assumed generated by the 
State delay structure. A larger delay will therefore increase 
the dimension of the state vector x(t). 
0123 The stable desired system (1.2) is also realized in 
State space form, with State vector x(t): 

x3 (t + 1) = F3x3 (t) + G3 w(t) (3.3) 

0.124 where the bulk delay d is built into the state delay 
Structure. 

0125 The compensator filter structure (1.7) is used, in 
which the stable pre-specified linear filter F is realized in 
State-space form, with State vector X(t): 

x4 (t + 1) = FX4 (t) + G4 w(t) (3.4) 

0126 The additive signal mct) in (3.4) is to be optimized 
based on the criterion (1.6), here with V=I for simplicity. 
The stable input penalty filter W in the criterion is realized 
as yet another filter in State Space form, with output signal 
vector denoted f(t): 
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-continued 
f(t) = C5x4 (t). 

0127. The quadratic criterion (1.6) to be minimized is 
thus here given by: 

J=EC(y(t)-y(t)')+E(f(t) . (3.6) 

0128 Now, define the total state vector of the system as: 
x(t)=x(t)"x(t)"x(t)"x(t)'xs(t)''. (3.7) 

0129. The state update equations in (3.1)-(3.5) may then 
be combined into a single model: 

x(t + 1) = F x(t) + Gn(t) + Hy(t), (3.8) 

0130 where the state transition matrix 

F 

0131 and the input matrices 

0132) of the joint model are easily obtained from the 
sub-models (3.1)-(3.5). The criterion (3.6) can then be 
expressed in the form of a criterion with infinite control 
horizon and penalty on Selected States. We also add a penalty 
on a quadratic form in m(t) as a regularization term, with 
penalty matrix 

R: 

R: 

0133) If x(t) is known, a linear state feedback: 

m(t) = - Lx(t), (3.10) 

0134 can be designed to minimize the infinite-horizon 
criterion (3.8). The optimal controller gain matrix is given 
by: 

L = (GSG+R)'GSF, (3.11) 
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0.135 where S is the symmetric and positive semi-definite 
matrix that Solves the algebraic matrix Riccati equation: 

S = FSF + Q-FSF(GSG+R)'GSF. (3.12) 

0.136. Since all involved systems are stable, the total 
system is by definition detectable and stabilizable. This 
guarantees the existence of a Solution to this linear quadratic 
State feedback control problem. This Solution corresponds to 
a solution matrix S to (3.12) that is positive semi-definite. If 
R is Set to a positive definite matrix, then the pxp matrix 
inverse appearing in (3.11) and (3.12) will always exist. 
0.137 If the state vector is not known, it can be estimated 
by an observer. The Separation principle of linear quadratic 
optimal control theory States that a jointly optimal design, 
that uses only measurable signals and that minimizes (3.9), 
is obtained if this observer is designed as a quadratically 
optimized linear observer, a Kalman estimator. Such a 
design is known as a Linear Quadratic Gaussian (LQG) 
design, or an H-optimal design. In the particular problem 
formulation considered here, an optimal State observer is 
simple to design. The stable subsystems (3.3)-(3.5) are 
driven by measurable signals only, without noise, and they 
are parts of the compensator and the problem formulation. 
Their states are therefore known. The output of the model 
(3.2) is not directly measurable, since the design is to be a 
feed-forward Solution, that does not use feedback from the 
sound measurements y(t). The best admissible observer for 
X(t) is then just a replica of (3.2), driven by the known 
signal u(t), that provides state estimates X (tt-1). 
0138. In the model (3.1) D, is assumed invertible, so the 
noise input V(t) can be estimated as: 

013:9) The state estimate for x(t) can therefore be 
updated through: 

x1(t + 1 t) = Fixi (tt - 1) + GVOtt) = (3.13) 

(F - G D'C)x1(t | 1 - 1) + Gi Di'w(t). 

0140. This recursion will be stable, since the ARMA 
model (3.1) has been assumed to be stably invertible. The 
equation (3.13) is of course Superfluous when w(t) is 
assumed white. The complete Solution is thus given by 
equations (3.13), (3.2), (3.3), (3.5) for estimating the states 
and (3.4) representing the precompensator, with mCt) gen 
erated by: 

0142. The compensator (3.4), (3.14): 
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0143 constitutes an IIR filter with r inputs w(t) and p 
outputs u(t). The gain matrix L is optimized by Solving 
(3.12) for S with one of the many existing solvers for 
algebraic Riccati equations, and then using (3.11). 
0144. 4. Nonlinear Models and Compensators 
0145 The design principles introduced in Section 1 can 
be generalized to audio precompensation problems in which 
the design model may be nonlinear and/or where the 
required compensator has a nonlinear Structure. The Sim 
plest example of this is perhaps linear Systems and compen 
Sators in Series with nonlinear Static elements, Such as 
limiters. 

0146 Such elements will in practice always be present in 
a real System, but are ignored in the linear design and 
optimization. Other conceivable nonlinear model and filter 
structures include Volterra and Wiener models, neural net 
Works, functional Series expansions, and model Structures 
that include nonlinear physics-based models of acoustic 
elements. 

0147 Define the sets of delayed signal vectors: 

0.148. A nonlinear and possibly time-varying dynamic 
model corresponding to (1.1) may then be represented by: 

0149 where h( ) represents a possibly nonlinear and 
time-varying dynamic operator. Likewise, a possibly non 
linear desired response model, that generalizes the Structure 
(1.2), is: 

yer(t)=d(W(t), t), (4.2) 

0150 where d() represents a possibly nonlinear and 
time-varying dynamic operator. A key property of the pro 
posed invention, preserved also in the nonlinear case, is the 
additive decomposition of the precompensator. For nonlin 
ear and possibly time-varying compensators, this is 
expressed in the form: 

0151. Here, r(), f() and c() represent possibly nonlinear 
and time-dependent stable dynamic operators. The operator 
f is prespecified and is not identically Zero, while c is to be 
tuned by optimization. It is preferred if the parameterization 
of c is Such that c=0 is allowed by Some parameter Setting, 
So that a nominal response r=f can be obtained for that case. 
Also for nonlinear problems, the optimization criterion 
should include a weighting between the closeness of r to f 
(Smallness of m(t)) and closeness of the compensated output 
y(t) to y(t). If this weighting is made frequency dependent, 
this should, as in the linear case, be represented by linear and 
Stable dynamic weighting matrices V and W, Since fre 
quency properties are preserved in a meaningful way only 
by linear Systems. 

0152. A criterion corresponding to (1.6) would for non 
linear Systems be dependent on the input signal amplitudes. 
A Scalar quadratic criterion that weights the response for a 
given deterministic input signal Sequence w(t) may still be 
defined and minimized. A possible appropriate criterion is 
then of the form: 
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0153 where X,() denotes a sum over a specific test signal 
Sequence w(t), with appropriate amplitude range. A mini 
mization of (4.4) with respect to free parameters in c() in 
(4.3) may for nonlinear models and/or nonlinear filters be 
performed by a numerical Search routine. 
0154) 5. Implementational Aspects 

O155 Typically, the design equations are solved on a 
Separate computer System to produce the filter parameters of 
the precompensation filter. The calculated filter parameters 
are then normally downloaded to a digital filter, for example 
realized by a digital Signal processing System or similar 
computer System, which executes the actual filtering. 

0156 The filter design scheme proposed by the invention 
is thus preferably implemented as Software in the form of 
program modules, functions or equivalent. The Software 
may be written in any type of computer language, Such as C, 
C++ or even Specialized languages for digital signal pro 
cessors (DSPs). In practice, the relevant steps, functions and 
actions of the invention are mapped into a computer pro 
gram, which when being executed by the computer System 
effectuates the calculations associated with the design of the 
precompensation filter. In the case of a PC-based System, the 
computer program used for the design of the audio precom 
pensation filter is normally encoded on a computer-readable 
medium Such as a CD or similar structure for distribution to 
the user/filter designer, who then may load the program into 
his/her computer System for Subsequent execution. 

O157 FIG. 12 is a schematic block diagram illustrating 
an example of a computer System Suitable for implementa 
tion of a filter design algorithm according to the invention. 
The system 100 may be realized in the form of any con 
ventional computer System, including personal computers 
(PCs), mainframe computers, multiprocessor Systems, net 
work PCs, digital signal processors (DSPs), and the like. 
Anyway, the system 100 basically comprises a central 
processing unit (CPU) or digital signal processor (DSP) core 
10, a system memory 20 and a system bus 30 that intercon 
nects the various System components. The System memory 
20 typically includes a read only memory (ROM) 22 and a 
random access memory (RAM) 24. Furthermore, the system 
100 normally comprises one or more driver-controlled 
peripheral memory devices 40, Such as hard disks, magnetic 
disks, optical disks, floppy disks, digital Video disks or 
memory cards, providing non-volatile Storage of data and 
program information. Each peripheral memory device 40 is 
normally associated with a memory drive for controlling the 
memory device as well as a drive interface (not illustrated) 
for connecting the memory device 40 to the system bus 30. 
A filter design program implementing a design algorithm 
according to the invention, possibly together with other 
relevant program modules, may be Stored in the peripheral 
memory 40 and loaded into the RAM 22 of the system 
memory 20 for execution by the CPU 10. Given the relevant 
input data, Such as a model representation, a fixed filter 
component, a configured weighting and a representation of 
the reference System, the filter design program calculates the 
filter parameters of the precompensation filter. 

0158. The determined filter parameters are then normally 
transferred from the RAM 24 in the system memory 20 via 
an I/O interface 70 of the system 100 to a precompensation 
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filter system 200. Preferably, the precompensation filter 
system 200 is based on a digital signal processor (DSP) or 
similar central processing unit (CPU) 202, and one or more 
memory modules 204 for holding the filter parameters and 
the required delayed signal Samples. The memory 204 
normally also includes a filtering program, which when 
executed by the processor 202, performs the actual filtering 
based on the filter parameters. 
0159 Instead of transferring the calculated filter param 
eters directly to a precompensation filter system 200 via the 
I/O system 70, the filter parameters may be stored on a 
peripheral memory card or memory disk 40 for later distri 
bution to a precompensation filter System, which may or 
may not be remotely located from the filter design System 
100. 

0160 In order to enable measurements of sound pro 
duced by the audio equipment under consideration, any 
conventional microphone unit or similar recording equip 
ment 80 may be connected to the computer system 100, 
typically via an analog-to-digital (A/D) converter 80. Based 
on measurements of conventional test Signals made by the 
microphone 80 unit, the system 100 can develop a model of 
the audio System, using an application program loaded into 
the System memory 20. The measurements may also be used 
to evaluate the performance of the combined System of 
precompensation filter and audio equipment. If the designer 
is not satisfied with the resulting design, he may initiate a 
new optimization of the precompensation filter based on a 
modified Set of design parameters. 
0.161 Furthermore, the system 100 typically has a user 
interface 50 for allowing user-interaction with the filter 
designer. Several different user-interaction Scenarios are 
possible. 
0162 For example, the filter designer may decide that 
he/she wants to use a specific, customized set of design 
parameterS Such as a specific fixed filter component and/or 
weighting in the calculation of the filter parameters of the 
filter system 200. The filter designer then defines the rel 
evant design parameterS Such as a fixed filter component 
and/or weighting via the user interface 50. 
0163. It is also possible for the filter designer to select 
between a Set of different pre-configured fixed, filter com 
ponents and/or weightings, which may have been designed 
for different audio Systems, listening environments and/or 
for the purpose of introducing Special characteristics into the 
resulting Sound. In Such a case, the preconfigured options are 
normally stored in the peripheral memory 40 and loaded into 
the System memory during execution of the filter design 
program. By testing Several preconfigured options and/or by 
modifying parameters in a pre-configured option, the filter 
designer may then Select a fixed, non-Zero filter component 
and/or weighting that is best adapted for the present audio 
System and listening environment. 
0164. Alternatively, the filter design program more or 
less automatically Selects a default fixed, non-Zero filter 
component and weighting, possibly based on the audio 
equipment with which the precompensation filter is to be 
used. 

0.165. In addition to the fixed, non-zero filter component 
and the frequency- and/or channel-dependent weighting, the 
filter designer may also define the reference System by using 
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the user interface 50. For example, the delay of the reference 
System may be selected by the user, or provided as a default 
delay. More advanced Special effects may be introduced by 
careful Selection of reference System. Such special effects 
might include obtaining cinema Sound reproduction with a 
compact Stereo System. 

0166 Instead of determining a system model based on 
microphone measurements, it is also possible for the filter 
designer to Select a model of the audio System from a set of 
different reconfigured system models. Preferably, such a 
Selection is based on the particular audio equipment with 
which the resulting precompensation filter is to be used. 
0167. In an alternative implementation, the filter design is 
performed more or less autonomously with no or only 
marginal user participation. An example of Such a construc 
tion will now be described. The exemplary system com 
prises a Supervisory program, System identification Software 
and filter design Software. The Supervisory program first 
generates test Signals and measures the resulting acoustic 
response of the audio System. Based on the test signals and 
the obtained measurements, the System identification Soft 
ware determines a model of the audio System. The Supervi 
Sory program then gathers and/or generates the required 
design parameters and forwards these design parameters to 
the filter design program, which calculates the precompen 
sation filter parameters. The Supervisory program may then, 
as an option, evaluate the performance of the resulting 
design on the measured signal and, if necessary, order the 
filter design program to determine a new set of filter param 
eters based on a modified set of design parameters. This 
procedure may be repeated until a Satisfactory result is 
obtained. Then, the final set of filter parameters are down 
loaded to the precompensation filter System. 
0.168. It is also possible to adjust the filter parameters of 
the precompensation filter adaptively, instead of using a 
fixed set of filter parameters. During the use of the filter in 
an audio System, the audio conditions may change. For 
example, the position of the loudspeakers and/or objects 
Such as furniture in the listening environment may change, 
which in turn may affect the room acoustics, and/or Some 
equipment in the audio System may be exchanged by Some 
other equipment leading to different characteristics of the 
overall audio System. In Such a case, continuous or inter 
mittent measurements of the Sound from the audio System in 
one or Several positions in the listening environment may be 
performed by one or more microphone units or Similar 
Sound recording equipment. The recorded Sound data may 
then be fed into a filter design system, such as system 100 
of FIG. 12, which calculates a new audio system model and 
adjusts the filter parameters So that they are better adapted 
for the new audio conditions. 

0169 Naturally, the invention is not limited to the 
arrangement of FIG. 12. AS an alternative, the design of the 
precompensation filter and the actual implementation of the 
filter may both be performed in one and the Same computer 
system 100 or 200. This generally means that the filter 
design program and the filtering program are implemented 
and executed on the Same DSP or microprocessor System. 
0170 A sound generating or reproducing system 300 
incorporating a precompensation filter System 200 according 
to the present invention is schematically illustrated in FIG. 
13. An audio signal w(t) from a Sound Source is forwarded 
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to a precompensation filter System 200, possibly via a 
conventional I/O interface 210. If the audio signal w(t) is 
analog, Such as for LPs, analog audio cassette tapes and 
other analog Sound Sources, the Signal is first digitized in an 
A/D converter 210 before entering the filter 200. Digital 
audio signals from e.g. CDs, DAT tapes, DVDs, mini discs, 
and so forth may be forwarded directly to the filter 200 
without any conversion. 
0171 The digital or digitized input signal w(t) is then 
precompensated by the precompensation filter 200, basically 
to take the effects of the Subsequent audio System equipment 
into account. The compensation of the digital audio signal 
varies depending on the frequency- and/or channel depen 
dent penalty term, which penalizes the compensating part of 
the filter system. 
0172 The resulting compensated signal u(t) is then for 
warded, possibly through a further I/O unit 230, to a 
D/A-converter 240, in which the digital compensated Signal 
u(t) is converted to a corresponding analog signal. This 
analog signal then enters an amplifier 250 and a loudspeaker 
260. The Sound signal y(t) emanating from the loudspeaker 
260 then has the desired audio characteristics, giving a close 
to ideal Sound experience. This means that any unwanted 
effects of the audio System equipment have been eliminated 
through the inverting action of the precompensation filter, 
without over-compensating the System. AS mentioned 
above, extra Sound effects may also be introduced in the 
resulting Sound signal y(t). 
0173 The precompensation filter system may be realized 
as a Stand-alone equipment in a digital Signal processor or 
computer that has an analog or digital interface to the 
Subsequent amplifiers, as mentioned above. Alternatively, it 
may be integrated into the construction of a digital pream 
plifier, a computer Sound card, a compact Stereo system, a 
home cinema System, a computer game console or any other 
device or System aimed at producing Sound. It is also 
possible to realize the precompensation filter in a more 
hardware-oriented manner, with customized computational 
hardware structures. 

0.174. It should be understood that the precompensation 
may be performed separate from the distribution of the 
Sound Signal to the actual place of reproduction. The pre 
compensation signal generated by the precompensation filter 
does not necessarily have to be distributed immediately to 
and in direct connection with the Sound generating System, 
but may be recorded on a separate medium for later distri 
bution to the Sound generating System. The compensation 
Signal u(t) in FIG., 1 could then represent for example 
recorded music on a CD or DVD disk that has been adjusted 
to a particular audio equipment and listening environment. 
It can also be a precompensated audio file Stored on an 
Internet Server for allowing Subsequent downloading of the 
file to a remote location over the Internet. 

0175 Finally, the overall flow of a filter design method 
according to an exemplary embodiment of the invention will 
now be summarized with reference to the flow diagram of 
FIG. 14. This flow diagram not only illustrates the actual 
design Steps, but also pre-steps that are preferably used 
together with the present invention, and hence represents an 
example of the general Steps of designing a precompensation 
filter of the invention, Starting from an uncompensated audio 
System and ending with an implemented filter. 

Oct. 23, 2003 

0176) The overall design method starts in step S1. In step 
S2, a model of the audio System is determined based on 
methods well-known for a person skilled in the art, e.g. by 
determining the model based on physical laws or by con 
ducting measurements on the audio System using known test 
Signals. A fixed, non-Zero filter component is then config 
ured in Step S3. This configuration may be performed e.g. by 
using a default pre-configured filter component, by Selecting 
a filter component from a set of pre-configured filter com 
ponents or by inputting a user-specified, customized fixed 
filter component. In Step S4, a weighting is configured. This 
is a weighting between, on one hand, approximating the 
precompensation filter to the fixed filter component and, on 
the other hand, approximating the precompensated model 
response to a reference System response. This configuration 
could, in the same way as for the filter component, be 
performed e.g. by using a default pre-configured weighting, 
by Selecting a weighting from a set of weightings or by 
inputting a completely novel weighting. In Step S5, which 
represents a preferred embodiment of the invention, a cri 
terion function including the weighting configured in Step S4 
is optimized with respect to an adjustable compensator 
component. This optimization gives the adjustable compen 
Sator component, which together with the fixed, non-Zero 
filter component is used for determining the filter parameters 
of the precompensation filter in step S6. In step S7, the 
determined filter parameters are then implemented into filter 
hardware or Software of the precompensation filter. 
0177) If required, the filter parameters may have to be 
adjusted. The overall design method may then be repeated, 
schematically represented by the dashed line 400, or certain 
steps may be repeated as represented by the dashed line 500. 
0.178 The embodiments described above are merely 
given as examples, and it should be understood that the 
present invention is not limited thereto. Further modifica 
tions, changes and improvements that retain the basic under 
lying principles disclosed and claimed herein are within the 
Scope and the Spirit of the invention. 
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What is claimed is: 
1. A method for designing a precompensation filter based 

on a model of the response of an associated Sound generating 
System, Said method comprising the Step of determining 
filter parameters of Said precompensation filter based on a 
given weighting between, on one hand, approximating the 
precompensation filter to a fixed, non-Zero filter component 
and, on the other hand, approximating the precompensated 
model response to a reference System response. 

2. The method according to claim 1, wherein Said pre 
compensation filter, for design purposes, is regarded as 
being additively decomposed into Said fixed filter compo 
nent and an adjustable compensator component, Said method 
further comprising the Step of determining Said adjustable 
compensator component of Said precompensation filter by 
optimizing a criterion function including Said weighting, and 
wherein Said filter parameters of Said precompensation filter 
are determined based on Said fixed filter component and Said 
determined compensator component. 

3. The method according to claim 1, further comprising 
the Steps of configuring Said fixed filter component and 
configuring Said Weighting. 

4. The System according to claim 1, wherein Said fixed 
filter component includes a by-pass component with at least 
one Selectable delay element. 

5. The method according to claim 1, wherein said model 
of the response of the Sound generating System is a linear 
dynamic model and Said precompensation filter is a linear 
dynamic filter. 

6. The method according to claim 1, wherein Said weight 
ing includes a frequency-dependent weighting function. 

7. The method according to claim 6, wherein said fre 
quency-dependent weighting function is configured to 
enable different degrees of compensation in different fre 
quency regions within the frequency range described by Said 
model. 

8. The method according to claim 6, wherein said fre 
quency-dependent weighting function is configured Such 
that the compensated model response approximates the 
refe3rence System response in a set of user-specified fre 
quency ranges, while the compensated model response 
approximates the by-passed model response in another Set of 
user-specified frequency ranges. 

9. The method according to claim 8, wherein the degree 
of approximation is measured by any appropriate norm for 
dynamic Systems. 

10. The method according to claim 1, wherein said sound 
generating System is a multi-channel System, and Said pre 
compensation filter includes multiple filters, each of which, 
for design purposes, has an individual non-Zero by-pass 
component and an individual compensator component. 

11. The method according to claim 10, wherein said 
weighting includes a channel-dependent weighting function. 

12. The method according to claim 11, wherein Said 
channel-dependent weighting function is configured to 
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enable different types of compensation in different channels 
of Said multi-channel System. 

13. The method according to claim 1, wherein Said Step of 
optimizing Said criterion function is performed on-line by 
using recursive optimization or adaptive filtering. 

14. The method according to claim 1, wherein Said Step of 
optimizing Said criterion function is performed as a model 
based off-line design. 

15. The method according to claim 2, wherein said step of 
determining Said compensator component comprises the 
Step of minimizing Said weighted criterion function with 
respect to adjustable filter parameters in Said compensator 
component. 

16. The method according to claim 15, wherein said 
criterion function is defined as: 

where H is a representation of Said model, R is a repre 
Sentation of Said precompensation filter, D is a repre 
Sentation of Said reference System, C is a representation 
of Said adjustable compensator component, W is a 
weighting function representing Said weighting, and V 
is a further optional weighting function, both of Said 
weighting functions being linear and Stable transfer 
function matrices, w(t) is an input signal to said pre 
compensation filter, and E() denotes the expectation 
with respect to said input signal w(t). 

17. The method according to claim 16, wherein said 
precompensation filter is implemented as a State-space real 
ization of a stable IIR filter, and is based on the minimization 
of Said criterion function by linear quadratic State-space 
tools. 

18. The method according to claim 16, wherein said 
precompensation filter is implemented in the form of a stable 
IIR Wiener filter, where the fixed, non-zero by-pass com 
ponent, represented by F, is configured as an FIR filter So 
that: 

F(q)=q*F(q), 
where q is the standard backward shift operator with X 

Steps, while q is the Standard forward Shift operator 
with X steps and Said adjustable compensator compo 
nent C is a stable recursive filter defined as: 

B(q)N(q)G(q)C(q)=Q(q)V(q), 
where the polynomial Q(q) is, together with an anti 

causal FIR filter L*(q), given by the unique solution to 
the linear Scalar Diophantine polynomial equation: 
z'D(q)A (q)-F(q)B(q)N(q ')|G(q. 
1) V*(q)B*(q)=Q(q)rf*(q)-A(q)N(q)H(q. 
1)qL*(q), 

while the monic polynomial f(q) is, together with a 
Scalar r, given by the unique stable Solution to the 
polynomial Spectral factorization: 
rf(q)|B*(q)=V(q) V*(q)B(q)B*(q)+W(q. 
1) W(q)A (q)A*(q), 

where A, B, G, L, N are auxiliary polynomials. 
19. The method according to claim 1, wherein said model 

of the response of the Sound generating System is a non 
linear dynamic model and Said precompensation filter is a 
non-linear dynamic filter. 

20. A System for designing a precompensation filter based 
on a model of the response of an associated Sound generating 
System, said System comprising means for determining filter 
parameters of Said precompensation filter based on a given 
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weighting between, on one hand, approximating the pre 
compensation filter to a fixed, non-Zero filter component 
and, on the other hand, approximating the precompensated 
model response to a reference System response. 

21. The System according to claim 20, wherein Said 
precompensation filter, for design purposes, is regarded as 
being additively decomposed into Said fixed filter compo 
nent and an adjustable compensator component, Said System 
further comprising means for determining Said adjustable 
compensator component of Said precompensation filter by 
optimization of a criterion function that is based on Said 
weighting, and wherein Said means for determining filter 
parameters is operable for determining Said filter parameters 
based on Said fixed filter component and Said determined 
compensator component. 

22. The System according to claim 20, further comprising 
means for configuring Said fixed filter component and means 
for configuring Said weighting. 

23. The system according to claim 20, wherein said fixed 
filter component includes a by-pass component with at least 
one Selectable delay element. 

24. The System according to claim 20, wherein Said model 
of the response of the Sound generating System is a linear 
dynamic model and Said precompensation filter is a linear 
dynamic filter. 

25. The system according to claim 20, wherein said 
weighting includes a frequency-dependent weighting func 
tion. 

26. The System according to claim 25, wherein Said 
frequency-dependent weighting function is configured to 
enable different degrees of compensation in different fre 
quency regions within the frequency range described by Said 
model. 

27. The system according to claim 25, wherein said 
frequency-dependent weighting function is configured Such 
that the compensated model response approximates the 
reference System response in a set of user-specified fre 
quency ranges, while the compensated model response 
approximates the by-passed model response in another Set of 
user-specified frequency ranges. 

28. The System according to claim 27, wherein the degree 
of approximation is measured by any appropriate norm for 
dynamic Systems. 

29. The system according to claim 20, wherein said sound 
generating System is a multi-channel System, and Said pre 
compensation filter includes multiple filters, each of which, 
for design purposes, has an individual non-Zero by-pass 
component and an individual compensator component. 

30. The system according to claim 29, wherein said 
weighting includes a channel-dependent weighting function. 

31. The system according to claim 30, wherein said 
channel-dependent weighting function is configured to 
enable different types of compensation in different channels 
of Said multi-channel System. 

32. The System according to claim 20, wherein Said 
optimization of Said criterion function is performed on-line 
by means of recursive optimization or adaptive filtering. 

33. The system according to claim 20, wherein said 
optimization of Said criterion function is performed as a 
model-based off-line design. 

34. The System according claim 21, wherein Said means 
for determining Said compensator component comprises 
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means for minimizing Said weighted criterion function with 
respect to adjustable filter parameters in Said compensator 
component. 

35. The system according to claim 34, wherein said 
criterion function is defined as: 

where H is a representation of Said model, R is a repre 
Sentation of Said precompensation filter, D is a repre 
Sentation of Said reference System, C is a representation 
of Said adjustable compensator component, W is a 
weighting function representing Said weighting, and V 
is a further optional weighting function, both of Said 
weighting functions being linear and Stable transfer 
function matrices, w(t) is an input signal to said pre 
compensation filter, and E() denotes the expectation 
with respect to said input signal w(t). 

36. The system according to claim 35, wherein said 
precompensation filter is implemented as a State-space real 
ization of a stable IIR filter, and is based on the minimization 
of Said criterion function by linear quadratic State-space 
tools. 

37. The system according to claim 35, wherein said 
precompensation filter is implemented in the form of a stable 
IIR Wiener filter, where the fixed, non-zero by-pass com 
ponent, represented by F, is configured as an FIR filter So 
that: 

where q is the Standard backward shift operator with X 
Steps, while q is the Standard forward Shift operator 
with X steps, and Said adjustable compensator compo 
nent C is a stable recursive filter defined as: 

where the polynomial Q(q) is, together with an anti 
causal FIR filter L*(q), given by the unique solution to 
the linear Scalar Diophantine polynomial equation: 

2 IPTA(g) F(g)B(q)N(g)|G(a 1) V*(q)B*(q)=Q(q)rf*(q)-A(q)N(q)H(q 
1)qL*(q), 

while the monic polynomial f(q) is, together with a 
Scalar r, given by the unique stable Solution to the 
polynomial Spectral factorization: 
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where A, B, G, L, N are auxiliary polynomials. 
38. The system according to claim 20, wherein said model 

of the response of the Sound generating System is a non 
linear dynamic model and Said precompensation filter is a 
non-linear dynamic filter. 

39. A computer program product for designing, when 
running on a computer, a precompensation filter based on a 
model of the response of an associated Sound generating 
System, Said computer program comprising: 

program means for configuring a fixed, non-Zero compo 
nent of Said precompensation filter; 

program means for configuring a weighting between, on 
one hand, approximating the precompensation filter to 
Said fixed component and, on the other hand, approxi 
mating the precompensated model response to a refer 
ence System response; 

program means for determining an adjustable compensa 
tor component of Said precompensation filter by opti 
mization of a criterion function that is based on Said 
Weighting, and 

program means for determining filter parameters of Said 
precompensation filter based on Said configured fixed 
filter component and Said determined compensator 
component. 

40. The computer program product according to claim 39, 
wherein Said fixed filter component includes a by-pass 
component with at least one Selectable delay element. 

41. The computer program product according to claim 39, 
wherein Said computer program product is encoded on a 
computer-readable medium. 

42. A precompensation filter designed by using the 
method according to claim 1. 

43. An audio System comprising a Sound generating 
System and a precompensation filter in the input path to Said 
Sound generating System, wherein Said precompensation 
filter is designed by using the method according to claim 1. 

44. A digital audio signal generated by a precompensation 
filter designed by the method according to claim 1. 

45. The digital audio signal according to claim 44, 
wherein Said digital Signal is encoded on a medium readable 
by a Sound generating System. 

k k k k k 


