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REGULARIZED ADAPTIVE NOTCH FILTERS FOR ACOUSTIC HOWLING
SUPPRESSION

Pepe Gil-Caché, Toon van WaterscholgtMarc Mooner and Sgren Holdt Jensén

IKatholieke Universiteit Leuven, ESAT-SCD, Kasteelpark Arenberg 10, B-3001 Leuven, Belgium
2Aalborg University, Dept. Electronic Systems, Niels Jernes Vej 12, DK-9220 Aalborg, Denmark

ABSTRACT is a combination of the loudspeaker-microphone responses, A/D
In this paper, a method for the suppression of acoustic howling i&nd D/A-converters and i(f) representing a combination of am-
developed, based on adaptive notch filters (ANF) with regularizaPlification and signal processing. The Nyquist stability criterion
tion (RANF). The method features three RANFs working in paral-S2ys that, if there exists a frequentguch that
lel to achieve frequency tracking, howling detection and suppres-
sion. The ANF-based approach to howling suppression introduces [ |Geg(f)Gew(f)|
minimal processing delay and minimal complexity, in contrast to { ZGeg(f)Grw(f)
non-parametric frame-based methods featuring a non-parametric
frequency analysis. Compared to existing ANF-based howling sup- ) )
pression methods, the proposed method allows for a more advancign the closed-loop system is unstable. If the system is moreover
howling detection such that tonal components in the source sign&xcited with an input signal containing the critical frequericshen
are not affected. The RANFs proposed in this paper are implean oscillation producing acoustic howling will occur. Howling is
mented in direct form and are updated using a gradient descent tywrcelved as a very narrowband or sinusoidal signal at this critical
algorithm. Results show that, under certain conditions, the level ofrequencyf.
suppression and sound quality are similar to what is obtained with ~ Acoustic feedback limits the achievable amplification, which is

>1
=n2r, n=..-2,-1012..

frame-based methods. critical in hearing aids (HA) and public address (PA) systems appli-
cations. It is noted that the two applications mentioned here (HA
1. INTRODUCTION and PA) are quite different in nature. For instance, in HA applica-

ions usually one loudspeaker and one, or two, microphone are used,

feedback. From a closed-loop system point of view, howling will 4,6 other hand, the computational power is much smaller than in PA
occur if certain instability conditions are met. The analysis is basea;/stems. Therefore, it seems natural that different acoustic feedback
on theNyquist stability criterior{1] which can be derived from the -on0) methods have been developed for these different applica-
closed-loop frequency response of the system depicted in Fig.1, i.fns, The state-of-the-art methods for acoustic feedback control in
hearing aids are based on adaptive feedback cancellation (AFC) [2],
Gel(f) = Grw(f) (1) while for PA systems notch-filter-based howling suppression (NHS)
1—Geg(f)Grw(f) methods are preferred [3]. The AFC approach is similar to acous-
tic echo cancellation in the sense that a model of the feedback path
The second term in the denominator is called the loop response aiilestimated to predict the feedback signal in the microphone [2].
is given as The NHS approach relies in the use of notch filters in the forward
path so as to suppress frequency components that produce acoustic
howling [3]. In this paper, we will focus on the NHS approach.

NHS methods perform a frequency analysis, howling detection
ffffffffffffffffffffffffff and howling suppression. We may tackle these actions using ei-

ACOUSTIC 4’3 —».—DAD M_. :7 AcousTic ther frame-based techniques ,i.e., using the Fast Fourier Transform
nPOT ’;b o : o4 [ﬂ; T omiy (FFT) or adaptive notch filters (ANF). Howling detection is diffi-
! : cultin ANF-based methods since no power spectrum information is

FEEDBACK Gpp(f) |€—

FORWARD PATH Gy (f)

,,,,,,,,,,,,,,,,,,,,,,,,,, available [4], [5]. Frame-based methods, on the other hand, accom-
plish howling detection based on power spectra amplitude informa-
tion. However, due to the FFT operations involved, frame-based
thethods are more complex and require more processing delay than
ANF-based methods. The method proposed in this papaer com-
bines the advantages of keeping the complexity small while having
GL(f) = Gra(f)Grw(f) (2)  an improved howling detection mechanism, by including regular-

The feedback path respon&gg(f) is actually a combination of ization and multiple parallel ANFs.

acoustic, mechanical and electromagnetic feedback, \@ilg( f ) The paper is organized as follows: Section Il reviews with
notch-filter-based suppression methods. The main structure of both

This research work was carried out at the ESAT laboratory offfame-based and ANF-based methods is shown. Moreover, the
Katholieke Universiteit Leuven, in the frame of the EST-SIGNAL Marie- direct-form ANF type of algorithm. Section Il presents the pro-
Curie Fellowship program (http:/est-signal.i3s.unice.fr) under contracposed method, showing its operation and its block structure. Simu-
No. MEST-CT-2005-021175, and the Concerted Research Action GOAlation results are presented in Section IV and conclusions are drawn
AMBIORICS. in Section V.

Figure 1: Closed-loop system resulting from acoustic feedback in
scenario with one loudspeaker and one microphone
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2. NOTCH-FILTER-BASED HOWLING SUPPRESSION and suppression as shown in Fig. 3.
(NHS)

To eliminate narrowband or sinusoidal signals from a broadband
signal (e.g. a noise, audio or speech signal) notch filters are often
used. There exist different types of notch filters, e.g. FIR or IIR
filters. We will focus on second-order IIR filters with constrained
poles and zeros [6]. The constraint is that the zeros lie on the unit
circle and the poles will lie in the same radial direction but with aFigure 3: Simultaneous detection and suppression in a one-stage
pole radius within << r < 1. The transfer function of such a notch ANF-based system

filter, centered at a radial notch frequenay = 27 (fp/ fs), with fg
the sampling frequency, is given by.

Estimation/Detection
4

Suppression

The advantage of ANF-based methods over FFT-based meth-
2 1,2 ods is fourfold: 1 the required processing delay is minimum since
H(2) = 1-2coswo)z " +2 (3)  the ANF-based method is sample-basedARIFs are able to track

1-2rcogwo)z 1 4r2z-2 changes in the howling frequency in a sample-by-sample basis, 3

When using notch filters for howling suppression, one aims tfV0iding FFT operations strongly reduces computational complex-
have maximum attenuation at the howling frequency but a minimalty> @nd 4 the achievable frequency estimation accuracy is gener-
effect on surrounding frequencies so as to avoid distortion of th&!ly high for a limited amount of data. Different IIR-ANF imple-
acoustic input signal. This can be achieved by employing a ver entations have been proposed in the !lterature,_both with a Gauss-
narrow bandwidth, i.e., a pole radius close to unity. Therefore, thé\ewton-type update [8], [9], [6], and with a gradient-descent-type
notch filter performance strongly depends on the estimation of thiPdate [10]. In the sequel we will use a gradient-descent implemen-
howling frequency in the sense that, if very narrowband filters ard@tion as itis of minimal complexity and onlyparameters have to

to be used then very accurate frequency estimates are needed.  estimated, where is the number of sinusoids. The notch fil-

erwise, there is a high risk of suppressing a signal component in tHg" transfer function (3) can be rewritten in a slightly different form
which is more suitable for coefficient updating, i.e.

close vicinity of, but not exactly at the actual howling frequency. If
the frequency estimation is known to have poor accuracy, a larger

1-a(ng l+q?

bandwidth must be used in order to ensure that the howling fre- H(g) = 4)

quency is sufficiently attenuated. Suppressing the signal in a wider 1-a(nrq—1+r2q-2

frequency band, on the other hand, leads to more distortion. whereq denotes the discrete time shift operator, iq;[‘u(n) _

2.1 Non-parametric frequency estimation u(n—Kk). The parametea(n) defines the instantaneous frequency
Wo(n), i.e.

Non-parametric frequency estimation methods, in which a frame- o(n) a(n)

based estimation is performed using the FFT [3], can yield accurate Wo(n) = arccos<T> (5)

frequency estimates only when long signal frames are used. This

in turn implies that a large processing delay and a high computinghe parametea(n) is allowed to take values bounded b2 <
power are required. _The choice of the frame size is henc_e a tradg(n) < 2. The basic idea underlying ANF-based frequency estima-
off between processing delay and computational complexity on th@on and howling suppression consists in feeding the signal into the
one hand, and frequency estimation accuracy on the other hanfiNF and perform a minimization w.r.ta(n), of the mean square
Another issue with frame-based methods is that for rapid changesrror (MSE) of the notch filter output signgin)

in the howling frequency, proper frequency tracking is insufficient
if the frame is too long [7]. ; 2
NHS methods based on non-parametric frequency estimation ;?L?E[y(n) ] ©
are two-stage methods, where howling estimation/detection and
suppression are performed separately, see Fig.2. As explained bEhis will cause the notch to be centered at the frequency corre-
sponding to the signal’s narrowband or sinusoidal component. The
( ) gradient descent algorithm will adjust the coefficiexin) in the
z(n) p ) y(n) negative gradient directioniz(n), until a local minimum in the cost
Uppresaion function is attained. The gradient descent algorithm for the direct-
) form ANF is given by equations (7)-(11) [10]. Here the ANF input

( A and output signals are denoted xyn) andy(n) respectively, the
Estimation o filter states are denoted hyn), u(n— 1), t(n), t(h—1) and the
Detection step-size is denoted hQy.
t(n+1) = u(n)—ra(nt(n)—r?(n—1) )
Figure 2: Detection and suppression block scheme in a typical two- Oa(n) = t(n+1)—rt(n—1) (8)
stage FFT-based NHS system 2
uin+1) = x(n)—ra(nu(n)—r<u(n—1) 9)
fore, the suppression block consists of a notch filter, as in (3), or y(n) = u(n+1)+a(nu(n)+u(n—1) (10)
of a bank of notch filters in which several notch filters are cas- ain+1) = a(n) —puy(n)da(n) (11)

caded. Each of those notch filters can be tuned to a different howling

frequency previously estimated in the estimation/detection block. 3. REGULARIZED ADAPTIVE NOTCH FILTERS

There are different approaches to discriminate whether a tonal com- .

ponent is either due to undesired acoustic feedback or it is a desirdd’® Proposed NHS method employs three regularized ANFs
source signal component. An extensive comparison of these afRANF) thatrun in parallel and share one decision block, see Fig.5.

proaches is given in [3]. Each RANF is regularized with a terd, which is chosen to have
a di_fferent value fof = 1,2, 3. The regularized ANF cost function
2.2 Adaptive Notch filters IS given as

Adaptive notch filters (ANFs) perform a parametric frequency esti-

; V2] 4 % a ()2 -
mation, and allow for a simultaneous howling estimation/detection ar:}kr;E[y,(n) I+ iai(n) 1=1,23. (12)
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This results in a modified gradient descent coefficient update, cor-
responding to a so-called Leaky LMS [11]:

Decision Rule
ai(n+1) =a(n) — u{yi(n)Oa (n) + Aiai(n) } (13)

The effect of the regularization term is negligible when how!-
ing is present in the signal. This is so because the term in (13)
with the gradient search directidy, (n) (i.e. yi(n)Og (N)) is sig-
nificantly larger than the term;a;(n). Conversely, when howl-
ing is not present, the gradient search directign(n) tends to
zero and so the coefficient update formula approximately equals
a(n+1) =a(n)—uAia(n) = (1—ui)ai(n). The effect of this is
that the regularization term is in fact penalizing the estimat@s.
Moreover, depending on the sign &f the regularization term will
introduce a leakage or an accumulation effect on the coefficient es-
timate. Conventionally regularized algorithms ,i.e., with a positive
Ai, produce estimates that are biased towards zero. By having nega- .
tive 2, the proposed RANF algorithm also produces estimates thatigure 5: Block diagram of the proposed RANF-based NHS method
are "biased towards infinity”. This is indeed what we observe in
Fig. 4: Whenever howling does not occur the RANF coefficients

diverge either to their upper boundf is negative or to zero ili  signaly(n) is assigned to be one of the thrRANF block output

is positive. signalsy(n)1 2.3, depending on the frequency estimation variance.
The smaller the variance the more reliable the result is assumed to

yi(n)

y(n)

Compare and Select

Fraqusncy sctimation RANF be. Similarly, if the differences in mean value for the three RANF
R — R ' ' ' ' e blocks are larger than the fixed threshold, then no howling is as-
= S sumed in the signal and the output is generated directly from the
''''' fel f D 1 = S input.
- e The values ofl; are chosen such that the differedce(Hz), in

=
%)

T
L

018 a time period oM samples, between two coefficiersign) corre-
sponds to a given fixed threshold (Hz). We will dgt=1, 1, =0
e andAz = —A, where

01 2
x:% A1t <2—”Af) -1 (14)

Mormalzed frequency ff= (Hz)
o
ba
L

Expression (14) is based on the "small-angle approximation” ,
i.e., Af should be small compared to the sampling frequefacya
trigonometric relationship between the regularization paramigter
and the desired divergence rate after a howling occurrence.

o
T
L
=)
=)
o

o 1 2 E ‘ E E 7 4. RESULTS
In this section, the performance of the proposed method is eval-
uated for two types of signals. These signals, were generated in
Matlab from clean speech and music signals. The feedback paths
Figure 4: Combined representation of time domain RANF input sigwere synthetically generated, using an exponentially damped tone
nal x(n) (lower curve) and RANF normalized frequency estimatesat a particular frequency, as a synthetic feedback path impulse re-
fi/fs (i=1,2,3. Upper curves) The framed signal fragments corre-sponse. The frequency and duration of the feedback path were
spond to howling segments drawn from pre-defined distributions in order to simulate changing
feedback conditions (i.e., dynamic feedback path). A pre-specified
Fig. 4 shows an example of the evolution of the frequencyloop gain was obtained by changing the forward gain appropriately.
tracking as a function of time with the proposed method. WhenThe frequency range and maximum loop gain were chosen for two
howling appears in the signal, the three coefficienta) converge  test scenarios (i.e., scenarios 'a’ and 'b’) in order to change, besides
to the same value. The boxes frame the part of the signal wheiée howling frequency, the speed at which the howling appears, the
howling is present. When howling disappears, the three coefficientexponential slope of the increasing howling amplitude, the howling
aj(n) move away from each other as a result of having differentduration and how frequently howling appears in the signal, see Fig.
regularization parametefs. 6(a), 6(c) and Fig. 7(a), 7(c) . Therefore, for each clean signal two
Figure 5 shows a block diagram of the proposed RANF-basetypes of howling signals were generated, nanSgteech, Speech,
NHS method. The signad(n) is input into the three RANF blocks Music, andMusig,.
which will track a tonal component in the signal. Tecision Rule The original signals were a speech signal (i.e., an English-
block monitors the coefficients (n) of the threeRANFblocks. Af-  speaking female voice) and a music signal (i.e. a fragment of a
ter L samples are buffered, whelds a small number so as to have song) both sampled at 16 kHz. The system parameters were set
minimum decision delay (e.d.,= 5 which correspondsta®2ms to A3 = +0.0001, 2, = 0, A3 = —0.0001, u = 0.023, r = 0.85,
at 16 kHz sampling rate) the mean and the variance of a blotk of T hreshold=5 Hz,L =5 samples.
samples is calculated and compared for the three RANF blocks. If  Four objective performance measures will be used in this sec-
the difference between two mean values is less than a fixed threstion, namely Maximum and Minimum Attenuation @B ( Attmax
old, in Hz, then howling is assumed to be present. Essentially, thiand Atty, respectively) and Maximum and Mean Frequency-
means that howling is detected when at least two RANF coefficient§Veighted Log-Spectral Signal Distortio®Dmax and SDnean re-
have converged to the same frequency. In this case, the outpsgpectively). The Attenuation (15) is calculated comparing the power
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spectrum of the original signal without howling with the signal after
howling suppression, i.e.

Table 1: System performance for given howling signals

S|gna| SDnean SDmax Ma.Xatt dB Minatt dB
ey S(f)

Attenuatiorif) = 1OI0910% (15) Speech 166 1478 5 6
whereS,(f) andS(f) denote the short-term power spectra of the ~ SPeech  4.32 2883 5 40
signal after suppression and the original signal around the howling ;
frequencyf, respectively. Attnax is the difference indB between Musica 105 1324 3 6
the frequency component with the smallest power in the signal after  Musig, 3.61 1783 1 40
suppression and the original signal and At is the difference
with respect to the highest frequency component. |deaAligax
should be zero dB which means that perfect, distortion-free, howl-
ing suppression is achieved. REFERENCES

TheSDis a measure of sound quality and objectively measures
the distortion produced not only by applying notch filters to the sig- [1]
nal but also due to howling. It was proposed in [3] and is given

S(f)

as
fo/2
SOt) = \//0 wers(f) (10|0910 SN

wherewggrg(f) is a weighting function that gives weights to each
auditory critical band within the Nyquist interval, following Table

Il of the ANSI S3.5-1997 standard. The integration in (16) is ap-
proximated by a summation over the critical frequency bands. Both
the mean and maximum valu8&meanSDmax Will be used.

(2]

2
) df  (16)

(3]

(4]

Fig. 6 shows the spectrograms of the speech signal before and after
howling suppression by means of the proposed method. In Fig. 6(a 5]
and Fig. 6(c) the howling speech signal is presented to show th
howling frequency range and time evolution. In Fig. 6(b) it is clear
that suppression is performed equally well over time and frequency.
However, in Fig. 6(d) we can see that in the frequency range below[6]
1.5 kHz, no suppression is accomplished.

4.1 Speech signal

4.2 Music signal

(7]
The same procedure is followed in this case for a music signal. Fig.
7 shows the spectrograms of the music signal before and after howl-
ing suppression. The same observation as in the speech simulation
can be made in this case.

In Table 1, the corresponding performance measures are shown8]
It can again be observed that scenario ’'b’ is more problematic in
terms of both maximum and minimum howling suppression and
spectral distortion. For frequencies below 1500 Hz, the method notfg
only is unable to suppress the howling but also is further distorting
the signal in a wider frequency range due to false howling detec-
tion. This fact has been noted in [10] where it is pointed out tha
direct-form adaptive notch filters are not necessarily stable whe
the notch frequency approaches its extreme values (i.e., G&saR}
Therefore, when the signal contains howling in the neighbourhoodf 1]
of these frequencies, the proposed method cannot be used to sup-
press it. Solutions to this problem rely on lattice ANF implemen-
tations [10], however their performance is acceptable only whei12]
tracking sinusoids inmersed in white noise (i.e. not in colored in-
puts such as music or speech).

0]

5. CONCLUSION

In this paper, a new method for acoustic howling suppression has
been presented. It is based on adaptive notch filters that include
a regularization term (RANF). The proposed method has the ad-
vantage over non-parametric frame-based methods, e.g., FFT-based
methods, that it requires a minimum processing delay and has a
small computational complexity. Simulations show that the method
is able to suppress and track howling frequencies in situations where
the howling frequency is confined to mid-range frequencies. Com-
pared to existing ANF-based methods, an accurate howling detec-
tion can be achieved.
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Figure 6: Speech signal before and after howling suppression. ThHeigure 7: Music signal before and after howling suppression. The
frequency range, gain and time evolution of howling is generatedrequency range, gain and time evolution of howling is generated
differently in 'a’ and 'b’ scenarios differently in 'a’ and 'b’ scenarios
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