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Anti-Feedback Device

The present invention relates to a method and apparatus for preventing

feedback in audio systems.

Feedback is the res_ult of returning the output signal of a system to its
input. When thié output signal is equal or greater than the input signal a
“howling” artefact is produced. In an acoustic system these artefacts are
introduced due to the feedback path and can be positive and negative
feedback contributions. A simplified diagram of an acoustic feedback
system is shown in Figure 1. The source signal is picked up by a
microphone, transformed by equalization, amplified and played back
through a speaker at the output. This is then attenuated and delayed as
the output is-transmitted through air, and summed with the input signal.
Heror{X) is the electronic feed-forward transfer function of the system, and
it is the result of the product of the individual transfer functions of the
signal chain given by the microphone equalizer amplifier and speaker.

Haror{x) is the acoustic transfer function of the system.

. Undesired feedback phenonﬁena, kvhvown_as howling or the Larsen effect, is
an established acoustic problem (see S. H. Antman, "Extension to the
theory of howlback in reverberant rooms." Acoustical Society of America,
vol. 2.14, 2.7; 5.13, p. 399, 1965.). Howling is a state in which system
gain exponentially increases out of control, 'causing an undesiréd audible
_pitch. The feedback causes the audio system to beh’avevih an unstable

manner and hence should be avoided at all costs.
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In pfactical'situa'tions, howling occurs when the sound e‘ngineer Changes .
the levels.on a mixing desk resulting in the gain for a particular frequency

. ra'n'ge going above a critical level. To stop this, 'the sound engin..eer.wiH
adjust the global gain of the audio system, adjusting linearly all frequency
levels down to an acceptable level. To achieve maximum gain before
.feedback, audio operators have relied mainly on equalizers, delay and
feedback -cancellation techniques. Cancellation techniques are applied
after the processed audio signal is output. The problem is that the onset
of the feedback is exponential so the sound engineer has to fespond-

quickly. This is a particulaf problem with live performances.

In recent yeérs, understanding of the acoustic feedback phenomena and
when feedback can be improved has advanced substantially. There are

several known methods for eliminating feedback, as discussed below.

A common method of achieving maximum gain before feedback is by the
uSe of feedback cancellation. Currently there are four main feedback-
controlling techniques (whitepaper, D. Troxel, "Understanding Acoustic
Feedback & Suppressors," Rane Corporation 2005). The first one consists
of frequency shifting the output signal so that the electronic transfer
function is out of alignment with the acouétic transfer function, this causes
a destructive interaction between the input and the acoustic feedback
path, which effectively reduces feedback. In practice it can achieve up to
3 st increase in gain before feedback. This rhethod is effective for speech -
applications but is not suitable for music. This is because it modifies bi_’cch,

which would result in undesired atonal music.

The second feedback control techniqué is the aII-pass filter app'rba‘c'h.' This
is used to invert the phase of a poten’cial- feedback frequéncy.
Unfortunately, this technique is only useful with low delay systems with a

prominent resonance. When applied to a system with flat 'frequen,cy

2
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response it causes the feedback to jump endlessly from one sectlon of the

spectrum to other. For this- reason its use is very I|m|ted

.Also known is the adaptive filter modelling (for example: S. Kamerling, et
al, "A New Way of Acoustic Feedback Suppression,” in 104th Audio
Engineering Society Convention, 1998). This uses technology based on
echo-cancellation, aimed -at teIecommun_ication applications. The main
idea is to subtract the far-end speech from the near-end speech. When
the model is accurate it can achieve up to 10dBs of added gain before
feedback. Due to the closed' loop nature of the acoustic audio system the
residual error of this process is highly correlated to the signals involved,
and this can cause noticeable artefacts. When the model deviates it can
introduce distortion and artefacts. It can even cause undesired feedback
artefacts, which should not have been there. For this reason it has mainly
been applied for speech systems where conditions are controlled. It is

currently not considered a good candidate for sound reinforcement.

Finally, there is the adaptive notch filter method (for example:
whitepaper, D. Troxel, "Understanding Acoustic Feedback & Suppressors"
Rane Corporation 2005), which consists of a series of fixed and non-fixed
notch filters, wh.ich filter out feedback frequencies when detected. The
system performance ‘is a trade-off between speed of detection and
accuracy, and can notch out program material if a feedback discrimination
system is not lmplemented properly or the system is overused. This
- .method is highly effective. and is widely used on sound reinforcement
applications.. Unfortunately, it does not offer. any extra gain before

fee_dback for a flat frequency response system.

Currently, there is no optimal feedback cancellation method for music,
which offers a substantial improvement in gain before feedback: without

the detrimental side effects discussed above.

3
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The present invention provides an improved anti-feedback device and
method for a full range of audio systems, which .alleviates the problems

described above.

In one aspect_the invention provides an anti-feedback method for a
system with a signal processor comprising the steps of inputting at least
reference signal; calculating a spectral model of the system according to
the or each reference signal; generating a preventative gain compensation
factor according to the spectral model of the system; ‘applying the
preventative gain compensation factor to the input or output of the signal

processor; and outputting a gain-compensated output.

The present invention allows a user to achieve maximum gain before
feedback, whilst allowing a user to interact with the system to achieve an
output, which is proportional to the input from the user control, without
being concerned about introducing unwahted feedback artifacts. The
method of the present invention is a technique for real-time magnitude
gain normaliiation of a changing linear system, which preserves system
stability and eliminates the production of feedback artefacts, rather than
canceliing out thé feedback. The method prevents undesirable feedback
artefacts being created rather than suppressing feedback artefacts after

they have occurred.

Preferably, the preventative gain compensation factor is calculated
according to a normalization constant, wherein the normalization constant
is determined to be the inverse of the maximum of the transfer function of

an output generated in response to the reference signal.

Preferably, the feedback-prevention method ,of' the present inventib_n
further comprises the steps of inputting an input signal into a r_nem'ory

block, and triggering release of the input signal from the memory block to
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the sighal processor in response to "generation of the 'preventative gain

compensation factor.

Preferably, the reference signal is triggered by a change in at least one

user input parameter.

The triggering of the method of the present invention when a change
occurring at the user interface is detected ensurés correct normalization

every time the linear state of the system has changed.

Preferably, the reference signal is a measurement signal such as an

impulse, sweep, step signal or noise.

Preferably, the feedback-prevention method .is carried out either at clock

speed or at sample rate speed.

Preferably, the feedback-prevention method of the present further
comprises the step of displaying the gain of the preventative gain-

compensated output.

Preferably, the feedback-prevention method of the present invention
generates the preventative gain compensation factor according to a

spectral analysis of the or each reference signal.
Preferably, the signal processor is an audio processor.

In one embodiment, the present invention provides a computer-readable
carrier medium carrying computer readable instructions for performing the

feedbéck-prevention method according to any preceding claim.

The feedback-prevention method of the present invention can be
i'mplemented in“software, in hardware as é--firrhware, or as a s’oIid{Stéte

device.

In a second aspect, the present invention provides a feedback-prevention

device for a system with a signal processor comprising an input for

5
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inputting at least one reference signal; a calcuiating means for callcvullating'b
a spectral model of fhe system according to the or each input and the or
each corresponding reference signal; a generating means for g'enerati‘hg a
preventative gain compensation factor éccordi_ng .to the specfral model ‘of
the system; a ch_pehsating means 'for applying the preventative gain
compensation factor to the input or the output of the signal processor; and

an output means fo_r outputting a gain-compensated output.

Preferably, the feedback-preven_tion device further comprises a user

interface having one or more control means.

More preferably, the user interface is detachable.

An advantage of the user interface detachment is that the method can be
implemented on analogue systems by interfacing the analogue user
interface with analogue to digital converters and by transferring the

results to the audio device using digital to analogue converters.

Preferably, the feedback-prevention device further comprises ba sensing

means for sensing a change in one of the control means.

Preferably, the feedback-prevention device further comprises storage

means for storing at least one data signal input into the device.

Preferably, the feedback-prevention device further comprises a display
‘means for displaying the gain of the preventative gain-compensated

audio output.

Preferably, the signal processor of the feedback-prevention device is an

audio processor

An embodiment of the present invention is described with feferén_ce to the

~ figures, in which:
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Figure 1 illustrates a known model of a sound .reinfdrcement feedback

system; and

Figure 2 is a flow diagram illustrating the propesed no'rmalizatioh
technique using a truncated impulse response according to the present

invention; and

Figure 3 is an amplitude/frequency plot showing example results of the
transfer functions ‘of an un-normalized and a normalized response

according to the present invention; and

Figure 4 is a flow diagram illustrating the feedback prevention method of

. the present invention.

Referring to the acoustic model in Figure 1, the system will introduce

undesired howling artifacts if equation 1 is satisfied.
Heror(x)- Haror(X) >=1 (1)

If, for example, the equalizer transfer function gain, Hego(x), is 0dBs for all
" x, i.e. the function is flat and the overall electronic transfer function of the
system ‘HETOT(X)'is .on the marginal condition before howling, increasing
the gain of a range of frequencies, Ax;, will introduce an undesired
feedback artefact. -

To stop. feedback either: 1) the gain of.the.same range of frequencies; AXy,
is reduced so that Heeo(x) is again 0dBs for all x or 2) all frequencies are
reduced linearly' ISO_that just Ax; is -0dBs, and all other frequencies are
below 0dBs. The second of these is a nlormalization technique, which
enables the relative gain changes”;to be preserved while élirhi_‘nating
feedback by forcing the transfer function of a'linear system to have a

maximum peak of 0dBs. This will preserve the stability of the system.
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-The methbd is useful in situations where'the maximum gain before
feedback is needed. The system normalization is mdependent of the lnput
signal. The present invention eliminates feedback entirely by -automating
this process so that the global gain is reduced before the gain of a
frequency range goes above the critical level. The method automatically
calculates the appropriate gain that should be applied in order to maintaih
- maximum unitary gain. The method uses an:impulse measurement to
generate a mathema'tica| model of the system and calculate a norma’l'i'zing
factor. The normalizing factor is then applied prior to the signal leaving

the audio System.

The method of the present invention is based on an algorithm that
automatically adjusts the transfer function of a system, or element in a
system, to ensure that the maximum gain in the transfer function is below
0dBs, where 0dbs is a threshold established by the user. For the purpose
of not producing feedback artefacts, the threshold' must be below the
maximum gain before the feedback limit. This means that for a stable
system,vwhich has no feedback artefacts occurring, the method can be
used to ensure the system remains stable even when modifying the
transfer function, due to the transfer function being automatically

normalised to its previous, stable, optimal value.

The method relies on determining the maximum value in the transfer
‘function every time there are changes to a system. This is done by
obtaining the truncated impulse response measurement of a model of the
system to be normalised and multiplying the whole transfer function of the

A system to be normalised by a factor equal to: 1/ “value of the maximum”.

The normalization technique could be applied to: audio systems;
improving close loop robot control while keeping stability; improving close
loop motor control; improving and correcting measurement devices While
ensuring no distortion and improved loop control; for loudness control;
data acquisition and instrumentation ,imprdvement while ensuring no

8
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_introduction of distortion or instability probléms; improving reverberation
algorithms without rendering them unstable;' improving radaf and sonar
reéponse and stability; for novice audio operators while ensUring' étability;
for altering the frequency characteristics of a IIR filter without causing the
systém‘to be become unstable or begin oscillating; for filter design in
general; avoiding distortion (for example in a pre-amplifier); equalizing: RF
loops  while avoiding increases in gain; re-equalizing Sigma Delta
Modula‘tors' without causing them to become uhstable; impr’ovﬂing the loop
.'_characte‘rist’ics of analogue to digital converters; altering the
characteristics of phase lock loops without making them go unstable';'
telecorﬁmunications, conference-r_o_om_s, recording studios, radio ététions;

and normalization of full audio mixing board devices.

The system uses an unsolved difference equation usually derived, but not
limited to, a Z domain mathematical model. An approximatiovn derived
frbm laboratory measurements can also be used as a target measurement
system. Therefore, the model is generated according to the system being
normalised and is accurately determined to maximise efficiency. For a less
efficient implementation of the present invention, a duplicate of the
system being normalised will suffice. An “approximation, which will
compromise resolution, can also be used where applicable. When using
this normalisation technique for multiple channels, the use of a linear

phase system design is recommended to avoid channel phase interaction.

Reférring to the known acoustic model of Figure 1, a system will introduce

undesired howling artifacts if equation 2 is satisfied.
Heror(x)- Haror(x)>=1 (1)

" Referring to the method of the present invention, as shown in Figure 4,
measurement is performed by inputting an impulse to the mathematical

model and obtaining its maximum through measurement on its output. '

It is known from Fourier theory and linear system theory that:
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i(t)= FFT*(H(w)) (2)

where i(t) is the output impulse response of the system, FFT(t) is the
inverse Fourier transform and H(w)- is the transfer function of the system
under study. By applying the following identity, where f(t) represents an
arbitrary time domain function,

f(t)= FFT(FFT(f(t))) - (3)

and given that the input 'x(t)=5(t) where &t) is an. irnpul‘se. then we can
say that y(t)=i(t), therefore:

Hw)= FFT(y(t)  (4)

Thus, the transfer function of a complex system whose input is an impulse

response is given by performing the FFT of the'output.

In other words the normalization constant can be found by applying an
impulse to a mathematical model of the audio system, such as a Z domain
function. Then a simple FFT is applied to the output. The resulting output
can now be searched for the méximum value. In practice, only searching
half the FFT data is necessary. The inverse of the obtained value is the

normalization constant to-be applied to the input.

The algorithm for implementing the automatic maximum  gain
normalization technique is presented in Figure 2. In a standard system,
the user interface would be connected directly to the audio processing
device. For demons_trating the algorithm, we ‘have detached the user
interface and‘ st_ored the corresponding coefﬁci'ents coming from the
interface ln a memory block called the “fade in” parameters block. Thié
memory block sends the coefficients to the audio processing deV|ce once |
the normalization constant has been found The coefficients together with
the normallzatlon constant are transferred using a linear interpolation

algorithm that ensures a soft, modulation-free transition to the next

10
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system state. The method of the present invention can be implemented
on analogue systems by interfacing the analogue user interface with
analogue to digital converters and by transferring the results to the audio

device using digital to analogue converters.

The algorithm sends an impulse to initiate the feedback prevention
method every time a change in the user interface has been detected_. This
ensures a correct normalization _every timé the linear system state has
changed. Thus, it is possible to calculate correctly the normalization value
even if the transfer function drder changes, for example when bypassing
certain sections of an equalizer or even if the system design has changed,

such as changing a filter in real time from a peak/notch to a shelf filter.

An example of the results given by the feedback prevention method is
shown in Figure 3, the dash-dotted (----) line represents the 0dB
threshold for maximum gain before feedback, the dashed line (- - -)
represents the transfer function of a non-normalized acoustic system and
the full line is the transfer function after applying the feedback prevention

method of the present invention.

The system uses a side processing architecture, contained outside the
audible audio path_,_ which ‘measures the impulse response and gradually
interpolates the obtained normalisingv factor with the old normalisation
value to achieve real time normalisation with no audio artefacts. Gradual
inte_rpolation is pefformed simultaneously between the previous user
interface control valies and the hew user interface control values; this
interpolation is synchronised with the normalisation factor interpolation.
The approach is to Create a model of the audio device so that every time
the user interface of the audio system is altered, by the user, during -
normal operation, through a button, knob, fader or other control means,
an impulse response measurement is calculated from the revised model.

This impulse measurement is used to derive the factor which is then be
11
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used Vto_ normalise the incom’.ing,signal before it is goes out of the -audio

system (or output signal, both are equivalent).

The_ model applied according to the present invention will be different for
each tykpe of audio device, but can be prodUced relatively simple, as it can
be derived from the equations which represents the settings on the audio
device or even from a matched audio device or model (a copy of the
device which shares the same user interface and the same transfer
function characteristics). The method can be applied to normalise any
linear system, which has a transfer function that is being continuously
chén‘ged by fhe user. For examplé the normalization technique has
applications where not going beyond a normal value is required for
example on speech, or music, in live, broadcast and recording for example
in radio station or recording studios where going pass the 0dB limits
causes distortion on the transmission/recording medium, or in live
situations where adding gain to the electronic transfer fu.nction of the

system can introduce feedback artefacts.

A truncated impulse response measurement is produced from a matched
transfer function (matched to the transfer function of the audio device to
be normalized). The user interface is linked to this match mathematical
model which is used to calculating the normalizing factor and once it is
calculated t_hé- user interface values together with the normalisation value
are “faded in” into the audio device. This process eliminates.any audible
artefacts be_fore the impulse is passed to the audio device, while
maintaining the frequencies ratios‘ of the transfer function modified by the

user

The method of the present inverition can be implemented either at clock
speed or at sample rate speed. The only section of the algorithm that
needs to be revised if the linear system is changed is the memory sector
containing the mathematical model of the audio device. This gives the

automatic maximum gain normalization technique the capability of being

12
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implemented as a solid-state chip, which can be interconnected to

memory containing the model.

Given the flexib‘ility of the algorithm and the universality of the
| 'nbr_malizing approach, the system can be implemented in software, in
hardware, as a firmware or as a solid-state device with a changeable
memory sector containing the mathematical model of the system to be
normalised. It has potential for be'ing part of standard channel
normalisation on mixing consoles or as a stand-alone product. Normalized

equalisation is one of the most préctical uses for the device.

It is envisaged that the method and device of the present invention can
also be applied to detect feedback by detecting when the gain of a system
is above a predetermined threshold. For example, the present invention
can be used to detect when sounds levels are above a permitted
threshold. |

'Referring to Figure 4, the. audio processing device of the present invention
consists of an audioc input, an audio processing section and a signal
output. The output is the result of processing the input audio signal. The
audio processing unit further comprises a signal-proceésing interface,
~which consist of ohe or more user controls. Howe‘ver; it is envisaged that |
in some embodiments the unit will not include a user-interface. The user
controls, contained within the user interface, are capable of modifying
parameters. inside the audio processing algorithm. Every time the user
modifies the state of the user control parameters this affects the overall
stability of the system and causes undesired artifac_:ts, such as retro-
alimentation of a 'signal, also known as “howlback”. The present invention
is a self-compensating device and method, which maintains system

stability, thus preventing undesired phenomena such as howlback.

The audio processing device comprises one or more audio inputs 1, an
audio processor 2, and a signal output 3, which outputs a processed signal

output. The processed signal output is a gain compensated signal. The
' 13
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output proyided at 3 is tuned to prevent any undesired feedback
phenomena. The audio processing device has a signal processing user
interface ‘4, _wHich is controlled by a one or more user controls 5. The
processing device compensates for any changes to the audio input/s 1
made via the audio controls 5. The method carried out by the device of
the present invention is carried out every time the user changes the state

of any of the user controls 5.

If a user chahges a 'parameter of the audio input using the user controls
5, the altered parameter is inputted to a “parameter hold” buffer 6.
Simultaneously, a sensor 7 detects any change in the user control state. A
change in the user controls 5 is sensed and a trigger signal 8 is sent to a
reference signal generator 9. The reference signal can be any
measurement signal (not necessarily an audio signal) such as a sweep;
noise; impulse or any other reference signal, which héve spectrally
meaningful, known characteristics. All parameters of the reference signal
are known. For example, in the case of a digital impulse, the reference
signal would bé a single sample with a known gain of, for example, 1. The
reference signal generally runs at rates faster than audio speed and is

inputted into a model 10.

The model 10 is capable of processing the reference signal at a higher
data rate then the audio processor 2 of.the device. The audio processing
model 10 duplicates the “black box” containing the algorithm of the audio
procéss‘or 2. Itis not hecessary to know the full details of the algorithm
of the audio p‘rocesso‘r‘z becéus_e the method of the presént invention can
compensate for feedback by using a copy of the processor’s algorithm.
That is, if the audio processing .algofithm of the processor 2 is unknown, a
duplication or reconstfuc_ﬁon of the algorithm is used. If the algorithm is
‘known, then a more compact mathematical model approximation can be
used. That is, the model 10 can process. the algorithm, for example the
known algorithm of an equalizer, to simplify the algorithm and optimize

the performance of the system.

14
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Figure 4 shows a model 10 wheréin a copy of the original signal
processing algorithm of the audio processing device 2 is made. The model
10 is capable of working at audio signal rate, but is also capable of
running at a higher data rate; the reconstruction can run at speeds higher
than audio rate and improves the flexibility and efficiency of the method.
By way of example, the model 10 receives -a reference signal
00000001000000, where 1 corresponds to the impulse. If the output of
the audio processing device 2 is 10000000000000 then the system is
characterized by a delay of size 0000000. The example is given in the
time domain, but it is possible to express the signals in the frequency
domain. If the present method is applied to an equalizer, for example,
then the output of the model 10 comprises the spectral shape or
frequencies to be applied by the equalizer according to instructions input

by a user.

The spectral analysis 11 comprises a time to spectral domain transform
such as a Fast Fourier transform (FFT), a constant Q-transform, or any
spectral transform capable of obtaining the amplitude spectrum of the
output of the model 10. The spectral amplitude of the output is then
passed to a gain compensation algorithm 12 and the inverse of the
maximum magnitude of the spectral amplitude is determined. This value
is used to calculate the required gain compensation factor that must be
applied to the signal parameter to p_fevent feedback artifacts. For
example, if the amplitude of the reference impulse input to the model 10
is 1 and the maximum amplitude found following the time to spectral
domain transform is x2 then the gain compensation factor is V2. As
previously discussed with reference to equation 1, when the maximumf
spectral peak is less than or equal to 1, the_-overall gain of the device will
be compensated to prevent undesired howling artifacts.'_'._The' “transfer
function is normalized to have a maximum peak of 1 whilst conserving the

ratios between frequencies.

The gain compensation factor 12 is then sent to a signal parameter gain

compensation interpolator 13, which determines a preventive gain
15
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‘compensation factor 16 according to the audio input 1. The signal passed
to the audio processor 2 comprises the audio input 2 of the signal
processing device and the preventafive gain compensation fact:or 16. The
audio output 3 from the audio processor is thus compensated in order te

prevent feedback loop instability.

It is envisaged that the preventative gain compensation factor 16 can be
applied to the audio input 1 or to the audio output 2. Both methods will
_ 'prov'ide an equivalent result. '

Simultaneously,‘ the output of a gain compensation factor 12 creates a
trigger 14 to send a release order to the parameter holding buffer 6. The
parameter holding buffer 6 reacts to the trigger 14 to output the user
control parameters, stored therein in the first step of the above-described
method. The audio parameters are sent to the user control parameter
interpolator 15, which interpolates between a previous user control state
“and the new user control state, as requested via the user controls 5. The
signal parameter gain compensation interpolator 13, referred to above,
interpolates between a previous gain compensation factor and a new gain -
compensation factor. This achieves a processed audio output signal 3
which is proportional to the input from the user control settings 5, whilst

ensuring system stability and preventing audible feedback artifacts.

The device of the pfesent invention allows the user to change the user
controls without introducing undesired feedback Ioop'artifacts. This means
_that, for example in the case of a signal processor such as an equalizer,
the user can boost the vsigna| bands gain as high as desired without

introducing feedback due to incorrect use of the device’s controls.

‘The method described above can also be applied to hearing aids, where a
change -of equalization bin the hearing aid .cah cause a feedback 'ldop”
between the device’s microphone and the headphone transducer. The
‘application of the above-described feedback prevention nﬁethod is used to.

stop the creation of feedback loop artifacts.
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The ga.in compensation method and device of the present invention can
also be used in sound recording applications, where changing the user
parameters via mixing apparatus would normally incur the risk of
exceeding the dynamic range of the recording device. The application of
the above-described method ensures that the audio output signal will not

surpass the maximum dynamic range of the recording system.

In live music applications, the application of the above-described method
ensures that an audio engineer can be confident that, regardless of the
changes made to the settings of the device, the preventative gain
compensation factor of the present invention ensures that the stability of

the live audio output is maintained.

The device and method of the present invention can also be applied to
automatic mixing, because the device can ensure stability at all times
even when a machine is attempting to autonomously generate changes to
a mixture, and so the audio input from the user parameters. The device
can also be used to maintain the stability of a feedback loop of a closed

loop electronic circuit, such as an amplifier circuit.

The normalization gain compensation technique described above can be
used to compensate for any processing device in which there is a feedback
loop involved and is not limited to audio devices. The system can be used
to maintain the overall gain of the system under changing signal input
conditions. The above de'sc.ribed enjbddiments have béen given by way of
example only, and the skilled reader will naturally appreciate that many
variations could be made thereto without departing from the scope of the

present invention, as defined by the claims.
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Laborator_v testing

Laboratory testing was carried out on a real acoustic system and provided |
succes'sful results using the above-described method. A self-powered
studio monitor playing wideband-recorded music was used-as a source.’
The speaker was placed 10cm away from an omni-directional, flat
frequency response microphone. Care was taken to keep the source level
set such that microphone diaphragm distortions were avoided. The
rhicrophone was then connected to a souvndca‘rd interfaced to the anti-

feedback device of the present invention.

The output of the system was connected to a line driver to control the
overall amplification gain of the system. A self-powered studio monitor
‘was used as the main sound reinforcement speaker. Care was also taken
to avoid electronic and acoustic distortion of the system. With the
equalizer remaining “flat” the system was driven to the marginal state of
maximum gain before feedback. Numerous boosts and cuts were applied
to the equalizer and compensation of up to -50dBs were achieved without
howling. It was also obsefved that only a 3dB margin was required for
avoiding howlback due to artifacts introduced by high quality factor (Q) on

the low frequency range.

The testing, which was implemented on a six biquadratic parametric filter
implementation, has shown the suitability of the method and device of the

present invention for use in sound reinforcement applications.
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Claims

1. A feedback-prevention method for a system with a signal processor

comprising the steps of:
inputting at least one reference signal,;

calculating a spectral model of the system according to the or each

reference signal;

generating a preventative gain 'compensation factor according to

the spectral model of the system,;

applying the preventative gain compénsation factor to the input or

output of the signal processor;
outputting a gain-compensated output.

2. A feedback-prevention. method according to claim 1 wherein the
preventative gain compensation factor is calculated according to the
maximum gain in the transfer function such that the maximum gain

is maintained below a predetermined threshold.

'3. A feedback-prevention method according to claim 1 or claim 2.
wherein the preventative gain compensation factor is calculated
according to a normalization constant, wherein the normalization
constant is determined to be the inverse of the maximum of the
‘transfer function of an output generated in response to the

reference signal.

4, A feedback-prevention method according to any preceding claim

further comprising;

inputting an input signal into a memory block, and
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10.

11.

12.

triggering release of the input signal from the memory block to the
signal processor in response to generation of the preventative gain

compensation factor.

A feedback-prevention method according to any preceding claim
wherein the reference signal is triggered by a change in at least one

user input parameter.

A feedback-prevention method according to claim 4 wherein the
reference signal is a measurement signal such as an impulse,

sweep, step signal or noise.

A feedback-prevention method according to any preceding claim
wherein the method is carried out either at clock speed or at

sample rate speed.

A feedback-prevention method according to any preceding claim
further comprising the step of displaying the gain of the

preventative gain-compensated output.

A feedback-prevention method according to any preceding claim
wherein the preventative gain compensation factor is generated

accokdihg to a spectral analysis of the or each reference signal.

A feedback-prevention method according to any preceding claim

wherein the signal processor is an audio processor.

A computer-readable carrier medium carrying computer readable
instructions for performing the feedback-prevention method

accofding‘ to any preceding claim.

A -feedback-prevention device for a system with a signal processor

comprising:

an input for inputting at least one reference signal;
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13.

14.

15.

16.

17.

18.

a calculating means for calculating a spectral model of the system
according to the or each input and the or each corresponding

reference signal;

a generating means for generating a preventative gain

compensation factor according to the spectral model of the system;

a compensating means for applying the preventative gain
compensation factor to the input or the output of the signal

processor;
an output means for outputting a gain-compensated output.

A feedback-prevention device according to claim 12 further

comprising a user interface having one or more control means.

A feedback-prevention device according to claim 13 further
comprising a sensing means for sensing a change in at least one of

the control means.

A feedback-prevention device according to any of claims 12 to 14
further comprising storage means for storing at least one data

signal input into the device.

A feedback-prevention device according to any of claims 12 to 15
further comprising a display means for displaying the gain. of the

preventative gain-compensated audio output.

A feedback-prevention device according to any of claims 12 to 16

wherein the signal processor is an audio processor

A feedback-prevention method -s_ubstahtially -as hereinbeforef

described or referred to in Figures 2 and 4.
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