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Abstract

Howling is generated due to acoustic feedback circuit and is difficult to predict since it
varies depending on the indoor environment. Furthermore, it is hard to distinguish between
original and howling signals in real-time. In this paper, we propose a novel howling detection
method based on statistical analysis of temporal power spectra. The proposed method is
shown experimentally to be suitable for howling detection.
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1. Introduction

Howling is generated in audio amplifier system such as sound reinforcement, mobile
device and hearing aids when an acoustic feedback circuit (AFC) [1-7] diverges by
positive feedback [8, 9]. Figure 1 shows an example of howling occurrence in a music
signal [1]. Moreover, the howling varies depending on the overall environment such as
the positions of microphones and loudspeakers, room shape and arrangement, the
position and movement of talker, room temperature [1]. Therefore, it is difficult to
predict the howling [1]. Furthermore, it is hard to distinguish original and howling
signals before recognizing howling sound.

To suppress howling, gain or frequency control methods have been developed, which
uses equalizer [10-13], frequency shifter [14] and notch filters [15-20]. For the
detection of howling frequency, several techniques have been developed such as least
the mean square (LMS) method [21-23]. Recently, notch filters have been employed,
which suppresses howling by reducing the gain at a specific frequency [15-20].
However, these filters must accurately detect the howling frequency and require a large
amount of operations [21, 22].

In this paper, we present a novel method for the detection of howling frequency
based on statistical analysis of temporal power spectra. The remainder of this paper is
organized as follows. Statistical properties of the howling are presented in Section 2.
The proposed howling detection method is described in Sections 3. Comparison of
complexities between the conventional method and the proposed method is given in
Section 4. Experimental results are illustrated in Section 5. Finally, conclusions are
given in Section 5.
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2. Statistical Analysis of Howling

The howling typically occurs when the original signal energy is looped back
continuously growing in intensity at peaks of the frequency response. The spectrogram
in Figure 1 shows an example of howling occurrence in an actual music signal.

The AFC can easily diverge due to a positive feedback circuit. The microphone input
signal x(t)is amplified by gain g and then the loudspeaker output signal y,(t) is

generated as shown in Figure 2(a) [1]. The y,(t) makes the multiple reflection signals
{y;(t)} which are summed to the feedback signal y(t)==",0;y,(t—7;) [1]. These
signals are again entered to the microphone, where «; is the attenuation factor of indoor
wall and t; is delay time.
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Figure 1. Example of occurrence of howling in a music signal (spectrograms)
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Figure 2. Howling model. (a) AFC formation in the indoor reflection
environment, (b) AFC model

The AFC model is shown as Figure 2(b) and the transfer function can be represented
as  H(f)=Y(f)/X(f)=g/@—gR(f)), where R(f) is room impulse response. From the
phase response <H(f) of Eq. (1), frequencies at <H(f)=2zm become npotential
howling frequencies (PHFs), where m is an integer [1-4].

First, we examined the temporal variation of power spectra, V(f)= X, (f)— X, (f),
where X, (f)and Xprev(f) are current and previous FFT spectra, respectively. In stable
condition, as can be seen in Figure 3, the V/(f) can be seen as random and the histogram
looks like Gaussian distribution. Figure 4 shows the temporal variations of V/(f) over
some frequency range. In stable condition, the V(f) varies continuously, whereas gets
small at a specific frequency in howling condition.
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Figure 3. Examples of V(f) in stable condition. (a) Waterfall diagram, (b)
histogram
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Figure 4. Example of V(f). (a) In stable condition, (b) in howling condition

In stable and howling conditions, the examples of standard deviations (STDs) of V(f) are
shown in Figures 5(a) and 5(b), respectively. In howling condition, both V(f) and STD(f)

gets small compared to those in stable condition. Especially, the differences in the STD(f)
values between stable and howling conditions are noticeable. Therefore, we utilized the
STD(f) values to detect howling frequency.
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Figure 5. Examples of V(f) and STD(f) at around 1kHz. (a) In stable condition, (b)
in howling condition

3. The Proposed Howling Detection Algorithm
Figure 6 shows the overall block diagram of the proposed howling detection algorithm.
First, V(f) is calculated and is recorded in the queue buffer. Also, the peak frequency is

detected at the same time using the FFT spectrum X(f ). The moving average value of V/(f),
A(f), is calculated and is recorded in another queue buffer. Then, STD(f) is computed using
the A(f). If the STD(f) is smaller than the threshold STD,,, then the counter, S.(f), is

increased, else is decreased.
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Figure 6. Overall block diagram of the proposed algorithm

In stable condition, the proposed algorithm may detect the peaks but does not detect
howling since the condition Sc(f): Ny, is not satisfied as shown in Figures 7(a) and 7(c).

However, in howling condition, both peak detection and howling detection are occurred since
the condition S, (f)= N, is satisfied as shown in Figures 7(b) and 7(d).
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Figure 7. Example of peak and howling detection (N, = 40). (a) FFT spectrum
in stable condition, (b) FFT spectrum in howling condition, (c) S.(f)in stable
condition, (d) S,(f)in howling condition
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4. Comparison of Complexities

In order to evaluate the complexity of the prosed algorithm, time complexity is employed.
Furthermore, we used Big-O notation [24], which is used to efficiently describe the time
complexity. For the comparison with the conventional method, first, LMS algorithm is
analyzed as shown in Table 1 and the complexity can be represented as

OLMS(M): M? &)
Table 1. Complexity of LMS algorithm
Equation Multiplication Addition Iteration Sum
w(n)+ 1 M
u.(. ..) 1 M )
e(n)=d(n)—w(n)x(n) M 1 M M*+4M
()X(n) 1 M

The complexity of the proposed algorithm is shown in Table 2. The square root operation is
approximated by Babylonian method [25]. For computation per sample, ]/NFFT is multiplied. As a
result, the complexity can be represented as

Ogro(Neer) = Neerlog, (Nger)

Table 2. Complexity of proposed algorithm

)

Composition Equation Equat_lon Multiplication | Addition | Iteration Sum
Details
FFT 1 Neer 109, (Neer)
) 1
1 Ngt Q
Mean MA = %75 X; 1 N
N Q
=) No-1
=570 1
. 1 g
Variance |STD* =N—QEZ‘€, Xl ey No No -1 1 2N, +2
(--)-MA? 1
Sggz:e Xy = 0.5[xn +Xi] 05-(-) 1 10 30

As a result, from (1) and (2), the complexity of the proposed algorithm is very low
compared with the conventional LMS algorithm.
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5. Experiments

Figure 8 shows the configuration for the experiments, which employed the electric
reverberator to generate the indoor sound. The signal block provided a music sound signal.
The feedback circuit and system gain were implemented with digital signal processors as
shown in Figure 9. We set N and N as 2048 and 40, respectively in the experiment. The

howling detector was operated in real-time.
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Figure 8. Configuration of the experiments

Figure 9. DSP equipment and howling detector.

Figure 10 shows the experimental results with the reverberation time of 0.7 sec. We can
notice that the proposed method successfully detect the howling at two positions. Similar
results can be seen in Figures. 11, 12 and 13, with the reverberation times of 1.0, 1.7 and 3.0
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Figure 10. Howling detection (at 3.38 kHz, 5.38 kHz) with the reverberation
time of 0.7 sec. (a) FFT spectrum, (b) STD(f)
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Figure 11. Howling detection (at 3.34 kHz) with the reverberation time of 1.0
sec. (a) FFT spectrum, (b) STD(f)
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Figure 12. Howling detection (at 947 kHz, 2.48 kHz) with the reverberation time
of 1.5 sec. (a) FFT spectrum, (b) STD(f)

90 Copyright © 2013 SERSC



International Journal of Multimedia and Ubiquitous Engineering
Vol.8, No.5 (2013)

L Peak
10 | ¥  Howling
g 20 N 1.94kHz
g -30 W
-40 \A\AM'N"‘ Dt Vo ANAANAAA
50 MM
2k 4k 8k 10k 12k 14k
Frequency (Hz)
(@)
? \
g 1 1.94kHz
o 3 ) A A LA
o AN AAN A M W W WV
2k 4k 8k 10k 12k 14k
Frequency (Hz)
(b)

Figure 13. Howling detection (at 1.94kHz) with the reverberation time of 3.0
sec. (a) FFT spectrum, (b) STD(f)

6. Conclusion

In this paper, we presented a low-complexity howling detection method based on statistical
analysis of temporal variation in power spectra. The proposed method was evaluated for
various reverberation time conditions and was implemented. In addition, from the complexity
analysis, the proposed algorithm is shown to be suitable for howling detection in real-time.
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